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ABSTRACT 

This paper presents preliminary results on difference li- 
men for articulatory parameters. An articulatory based 
speech synthesizer, TRACTTALK, is utilized to gen- 
erate speech stimuli. Each time only one articulatory 
parameter is altered by a small amount. The synthetic 
speech is then randomized and presented to a group of 
listeners in the AB form. As expected, the results show 
that not all small changes in articulatory parameters 
are perceptually noticeable. The observed perceptual 
limen for articulatory parameters is comparable to that 
for acoustic parameters. The results have been used to 
guide the parameter optimization step in a voice mimic 
system. It is hoped that these results can also be use- 
ful for understanding required accuracies when coding 
or storing articulatory paramet 
vocal-tract imaging data. 

)ers, and when processing 

1. INTRODUCTION 

Various speech processing technologies necessitate pa- 
rameterization of the speech waveform. Cepstrum co- 
efficients (including their derivatives and variants) are 
to date commonly used in speech and speaker recogni- 
tion. Renewed efforts have recently been made to use 
more compact description of speech information with 
the help of articulatory-based speech synthesizers. Of- 
ten the articulatory parameters are estimated by means 
of the analysis-by-synthesis technique or the voice mim- 
icking system [l, 2, 31. More specifically, the mimic 
system utilizes an articulatory-based speech synthesizer 
to generate synthetic speech, which moment by mo- 
ment is adapted to arbitrary speech input, see Figure 1. 
The perceptually-weighted spectral difference between 
the input and synthesized speech is minimized by op- 
timizing the underlying articulatory parameters until 
the difference is driven below a predetermined thresh- 
old. The optimization is in general a complex and time- 
consuming task because the mapping from acoustics to 
vocal-tract configurations is known to be not unique and 
nonlinear. 

In order to help optimize articulatory parameters, 
this paper attempts to determine their perceptual li- 
men such that incremental search steps can be rea- 
sonably chosen. First, an articulatory speech syn- 
thesizer, TRACTTALK, is described in some detail. 
TRACTTALK simulates the vocal tract based on prin- 
ciples of linear acoustics, and incorporates many known 
features such as wall impedance, surface losses, radi- 
ation impedance, sinus piriformis, nasal sinuses, sym- 
metry/asymmetry of the nasal tracks, and interac- 
tion between the voice source and the vocal tract. 
TRACTTALK also provides parametric models for de- 
scribing the vocal tract area function in terms of the 
minimum area, its location, the lip opening, the velum 
opening, the tongue tip elevation, and the overall length 
of the vocal tract. 

Sounds are synthesized with one varying parameter 
at a time. In this paper, three parameters are studied: 
(1) the vocal tract minimum area, (2) its location, and 
(3) the lip opening. The resultant sounds are then ran- 
domized and presented in the AB form to a group of 
graduate students. The students are asked to decide if 
they have heard the same sound or different. The re- 
sults show that the perceptual limen for a parameter is 
not fixed. Rather it depends upon its initial value and 
the value of other (fixed) parameters. For instance, the 
front vowels are more sensitive to change in the posi- 
tion of the minimum vocal tract opening than the back 
vowels are. When converting to formant frequency, it is 
found that the limen observed here is roughly compara- 
ble with that of [4]. 

This paper is organized as follows. A description of 
the articulatory speech synthesizer, TRACTTALK, is 
given in Section 2. Experimental results are discussed 
in Section 3. A summary is provided in Section 4. 

2. ARTICULATORY SYNTHESIZER: 
TRACTTALK 

Figure 1 depicts the block diagram of voice mimicking. 
From Figure 1, it is seen that speech can be represented 
with different descriptions, from text through articu- 
lation to acoustics. An articulatory description offers 
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Figure 1: Block diagram of adaptive voice mimic. 

an intermediate and effective solution. An articulation- 
based synthesizer has the potential to allow for a greater 
flexibility in adjusting for individual speaker types and 
speaking style, more convenience and effectiveness in 
specifying and interpolating control parameters, inclu- 
sion of the interaction between the voice source and the 
load of the vocal tract, and improved sound quality. 
Compared to acoustic parameters, articulatory parame- 
ters generally vary continuously at slower rates. On the 
other hand, a text level description is still too ambi- 
tious to handle because it further requires a complex 
conversion from text input to articulatory controls. 

A comprehensive articulatory speech synthesizer is 
very important to the success of voice mimicking sys- 
tems. The synthesizer we have used is the one devel- 
oped at KTH and at Rutgers, TRACTTALK [5, 6, 31. 
The features of TRACTTALK include: 

l all major components of the speech-producing sys- 
tem, such as the tracheal tubes, larynx, pharyngeal 
cavities, oral chambers and nasal passages 

l radiation impedance at the radiation ports (such as 
the lips, the nostrils) 

a the nasal sinuses and the asymmetry of the nasal 
passages 

l the surface losses (viscous loss and heat conduction 
loss) 

l the wall impedance and sound radiation from the 
yielding walls 

l for fricative sounds, the specification of the friction- 
source location 

l inner radiation when the cross-sectional area 
changes abruptly between contiguous sections 

t 
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Figure 2: An example of the vocal tract area function 
generated by TRACTTALK. 

l the sinus piriformis 
a increase in the length of the air passage due to an 

extremely displaced tongue body 

Furthermore, TRACTTALK includes a vocal-tract 
area model controlled by a few articulatory parame- 
ters (the minimum vocal-tract area, its location, the 
lip opening, the velum opening, the tongue tip eleva- 
tion, and others). It also enables the simulation of the 
acoustic interaction between articulation and phona- 
tion [5]. 

TRACTTALK simulates the vocal tract acoustics 
in the frequency domain. This technique is now well 
established. The reader is referred to Fant [7] and Lin [5] 
for more details about basic principles of the vocal-tract 
modeling. From the frequency-domain simulation, the 
transfer function, H(w), between the radiation port(s) 
and the exciting source(s) can be derived. 

In order to synthesize speech output the transfer 
function, H(w), needs to be converted to the impulse 
response, the time domain equivalent. There are sev- 
eral ways to perform the conversion, for example, the 
inverse Fourier transform [2]. In TRACTTALK, H(w) 
is first decomposed into the zero part and the pole part. 
Normal modes of H(w) are then calculated. The de- 
composition ensures that the calculation of poles is not 
contaminated by adjacent zeros, and vice versa. The 
next step is to determine residues at the poles and H(w) 
can consequently be represented by a partial fraction ex- 
pansion series. It is sufficient to only include the first 
few terms of the expansion within a given range of fre- 
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quency. Five terms are often attained for vowel sounds. 
- Each term in the series actually corresponds to a for- 

mant generator and can be specified with a second-order 
digital filter [S]: 

yn(i) = ~*z(i)-a~=x(i-l)+b~*y~(i-l)-ba~Y~(i-2) (1) 

where the subscript n stands for formant index. y(i> 
denotes the output and x(i) denotes the input. 

The sum of the output from individual formant gen- 
erators forms the total output: 

N 

y(i) = x Y&l (2) 
n=l 

or in other words, formants are connected in parallel. 

3. EXPERIMENTAL RESULTS 

3.1 Set-up 
To determine the difference limen for articulatory para- 
meters, TRACTTALK is used to generate speech stim- 
uli. In this paper, only three parameters are examined 
for the production of vowels. They are the minimum 
area of the vocal tract (A,), its location (X,), and the 
lip opening (Lo/Ao). These three parameters are de- 
fined in Figure 2. Other parameters are introduced to 
cope with more complex vocal tract configurations and 
are usually set to default constants. The overall vocal 
tract length in the following experiments is set to 17.5 
cm. 

Two types of glottal excitation are provided in 
TRACTTALK. One is the LF model, and it is noninter- 
active. The other type is an interactive glottal source 
which takes into account the nonlinear effects between 
the vocal tract load and the glottal source. In the exper- 
iments described below, the noninteractive LF model is 
used as the input x of Eq. (1). The values of LF pa- 
rameters are taken from the result of inverse filtering 
an adult male speech. It should be noted that the LF 
model simulates the derivative of the glottal flow, and 
hence already incorporates a differentiator. 

Several anchor positions are chosen, and the three 
articulatory parameters are perturbed in the vicinity 
of the anchors. In this paper, we only consider three 
anchors of X, = 4,8, and 11 cm. A, and lo/A0 are each 
fixed to two values to produce three combinations. X, 
is slightly altered in a step of 0.3 cm to cover a dynamic 
range of about It2.0 cm from the anchor. 

Synthetic speech for each chosen vocal tract config- 
uration is then generated. The stimuli are randomized 
and presented in the AB form to a group of graduate 
students (7 males and 5 females). The subjects have 

to make a forced decision whether a pair of two vowels 
sound the same or differently. 

3.2 Results 
The listening results are plotted in Figure 3. The solid 
curves are for female, 
and the dashed curves 

the dotted curves are for male, 
are for th .e pooled resul .ts. It 

is seen that in most cases the difference between the 
three curves are small. 0 denotes that no subjects dis- 
criminate the paired sound stimuli, and 100% denotes 
of course that all subjects discriminate the stimuli. 

Figure 3 shows that the back vowels (larger X, 
values) are less sensitive to changes in X, than the 
front vowels. The sensitivity of front vowels increases 
slightly when A, decreases. The increased sensitivity 
at X, = 4 cnz may be due to the fact that it is next 
to the location of the maximum Fz and Fs proxim- 
ity [7]. Around this location both Fs and F3 change 
substantially as a function of X,. The smaller A, is, 
the more apparent change in Fz and F3. As a result, a 
slight change in X, can be more easily detected. In ad- 
dition, increased lip rounding also causes F2 and F3 to 
change more substantially as X, varies around the prox- 
imity. This increased discriminability is clearly seen in 
the middle panel. It is also noted that the cavity-mode 
affiliation changes when passing the maximum F-J and 
Fs proximity. Such changes may have additionally con- 
tributed to the increased discriminability for X, = 4 cm 
because of changes in bandwidths. 

Furthermore, Figure 3 shows that in all cases ex- 
amined human speakers are not able to to discrimi- 
nate a change of -+0.3 cnz in X,. For X, = 8 cm and 
x, = 11 cm, a change of rt0.6 cm in X, does not war- 
rant a noticeable difference perceptually. 

We have also examined corresponding changes in 
formant frequencies (not shown here). It is found that 
the results are roughly comparable to the just noticeable 
difference for the acoustic parameters reported in [4]. 

4. SUMMARY 

In the above, we have described an articulatory speech 
synthesizer, TRACTTALK. The synthesizer is used to 
generate speech stimuli to experimentally determine the 
difference limen for articulatory parameters. We have 
shown discrimination curves for vowel-likes configura- 
tions for three anchors of X, under three combinations 
of A, and Zo/Ao. The results have been reported and 
discussed in Section 3.2. 

It is important to note that this study uses sus- 
tained sounds. It has been shown, in the case of 
pitch perception, the differential threshold increases in 
a dynamic 
tal source 

situation PI. -u se of an interactive glot- 
may also modify the discrimination curves 
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Figure 3: Just noticeable difference for X,. Top: 
A = 0.65 cm2 and lo/A0 = 0.25 cm-‘; Middle: A, = 
0.65 cm2 and Zo/Ao = 1.0 cm-‘; Bottom: A, = 1.2 cm2 
and In/A n = 0.25 CT-&. 

slightly. Nonetheless’ sustained sounds establish the 
lower bound of just noticeable difference and there is 
no need to require a description accuracy or “fidelity 
criteria” below that bound. The described experiments 
can be extended to other dimensions of the articulatory 
space. 

We have successfully used the presented results to 
guide the design of the codebook relating articulatory 
parameters and acoustics characteristics. The codebook 
is for selection of an initial vocal tract shape for iterative 
voice mimicking. We have also used the results to guide 
the optimization step of our voice mimic system. It is 
hoped that the results can be utilized to interprete the 
quanta1 theory of speech production [lo]. 
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