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ABSTRACT
Three speakers of French (two males and one female) were the
subjects of an MRI analysis of the vocal tract during the
production of sustained isolated French vowels.  From a 3D
reconstruction of the vocal tract, area functions were determined
for each vowel, and the corresponding formant values were
computed with a harmonic model of the vocal tract.  Using the
computation of the sensitivities of the formants to area function
changes, the main affiliations between formants and cavities
were found, and a resonance based approach was used to predict
the acoustical inter-speaker variability.  Comparing these
predictions with the actual differences measured between
speakers, together with observations of the area functions, show
the limits of the method if the patterns of affiliation and the
nature of the resonances are different from one speaker to
another.

1.  INTRODUCTION
Inter-speaker variability of the acoustical speech signal has its
origins both in anatomical differences between speakers and in
speaker specific strategies used to control the speech apparatus.
Even so, in the literature, the attempts to model or describe this
variability have been mainly based for the last thirty years on
statistical studies, with no or only very limited account of the
speech production mechanisms (see [1]).

Quite exotically in this context, Fant [2] and Nordström [3]
did, in reality, try to include some knowledge of the relations
between the articulatory and the acoustical domains in speaker
normalization techniques.  However they only accounted for the
inter-speaker differences in the total length of the vocal tract, or
in the distribution of this length between the pharyngeal and the
buccal parts.  Thus, they ignored the influence of the speaker
specific tongue positions reached for each sound, which is
probably one of the main factor of variability.

To overcome these obvious limitations, we proposed [4] an
approach (the Resonance Based Method hereinafter) to study the
articulatory correlates of the inter-speaker variability, which is
based on the concept of affiliation between the formants and the
cavities of the vocal tract [5].  The idea underlying this method
is that each formant is mainly influenced by the geometry of one
of the vocal tract cavities, and consequently that the ratio of the
frequencies of this formant measured on two speakers is
inversely proportional to the ratio (or to the square root of the
ratio in case of a Helmholtz resonator) of the corresponding
cavity lengths.  With this approach, we were able to fairly well
reproduce the differences observed for F2 between two
speakers, in case of close vowels.  However, method limitations
were reflected by the weaker results obtained in general for F1,
and in case of open vowels for all formants.  Since it is well

known that F1 is sensitive to the vocal tract aperture, and since
open vowels are much depending on the coupling between vocal
tract cavities, which, in turn, is strongly dependant on the
geometry of the constriction, we interpreted the limitations of
our method as a consequence of an insufficient account of the
3D geometry of the vocal tract.

Today, thanks to Magnetic Resonance Imaging techniques,
it is possible to get quite accurate 3D images of the vocal tract.
Recent publications [6] showed how powerful this imaging
technique can be to study the geometrical properties of the vocal
tract, and also proposed solutions toward a multi-speaker speech
synthesizer, that would simulate the vocal tract changes from a
speaker to another [7].  This is why, it was decided to collect 3D
images with MRI techniques at the University Hospital of
Grenoble for a large number of subjects, to analyze them and to
use them to evaluate to which extent a proper 3D description of
the vocal tract geometry of the speakers would modify the
formant differences that our resonance based method would
predict between two speakers on the only basis of the cavity
length ratios.  In this paper, we present the protocol used for
data acquisition, the method that was developed to analyze the
3D images, and a preliminary study, for 3 subjects, of the impact
of the 3D description as compared to the 2D description.

2.  DATA ACQUISITION AND PROCESSING OF THE
MAGNETIC RESONANCE IMAGES

2.1.  Data acquisition
The MR images were acquired using a Philips Gyroscan T10-
NT Powertrack 1000 scanner, which generates a static
longitudinal magnetic field of 1.0 Tesla.  An anterior neck coil
was used.  The repetition time (TR) was 1660 ms and the echo
delay time (TE) was 9 ms.  The image matrix was 256 x 256,
and the spatial definition of each image is 1mm in the Y
direction and 1.4 mm in the X direction.

Data were collected for ten isolated French vowels: [K,
G� '� C� [� 1� �� W� Q� n].  For each vowel, three 18-slice series of
3.6-mm-thick parallel sections were gathered.  The interval
between slices in each series was 4 mm.  In the first series,
which starts in front of the lips end and goes up to the soft
palate, the orientation of the sections was vertical (coronal
sections); in the second series, which corresponds to the bending
part of the vocal tract, from the soft palate and to the top of the
pharynx, the orientation of the sections was 45° from the
horizontal; in the third series, which goes from the top of the
pharynx down to below the glottis, the orientation was
horizontal (axial sections).  There was an overlap between the
series, in order to ensure that the whole vocal tract was scanned.

The total amount of time required to image a whole vocal
tract configuration was 43 seconds.  Since sustaining the
phonation during such a long time could be impossible for a non
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trained speaker, the subjects had the choice either to sustain the
phonation, or to stop the phonation after a few seconds and to
stop breathing while keeping constant the positions of the
articulators.  The only strong requirement was to not breath
during the duration of the whole scan.  Given the difficulty of
the task, it was explained to the subjects days in advance, so
that they had the opportunity to practice before the recording
session.

The protocol for data acquisition was as follows.  The
subject was given earplugs to attenuate the intense sound of the
MR machine, before he lied down on the patient table, which
was moved into the machine, so that the subject's head was right
in the middle of the magnet.  Then, for each subject, a sagittal
localizer was used to determine the appropriate scan location.
For that, the subject was asked to articulate the rounded French
vowel [[].  After that, the vocal tract imaging was made for each
vowel according to the following procedure.  The subject was
told over an intercom about the vowel to be pronounced. Then,
he/she could take as much time as he/she wanted to prepare
his/her phonation.  When it was convenient for him/her, the
subject began phonation and the data acquisition started
immediately after that.  The acoustical signal produced during
the very short time preceding the acquisition was recorded on a
Digital Audio Tape with an Electret Microphone that was
located inside the magnet at one meter or so from the subject's
lips.  One of the authors present in the room listened to the
sound to detect a potential mistake of the subject.  After each
vowel, the subject was asked whether or not he/she had the
impression to have kept constant his/her vocal tract
configuration during the whole scan. In case of mistake or of
detected articulatory changes, the vowel was recorded again at
the end of the session.

The three subjects who are analyzed in this paper, are two
males (40 and 30 years old) and a 24 years old female, all of
them having no history of speech or voice disorders.  The two
male subjects are speech scientists, while the female speaker
had no specific knowledge about speech communication.

In addition to the MR images, a dental cast was made of
the upper and lower parts of the mouth.  All the subjects have a
perfect dentition.

2.2. Airway segmentation
The airway was segmented from the surrounding tissues by
applying an image adapted gray level threshold, regardless of
image orientation, using the NIH Image Software on Macintosh.
Based on very simple procedures, the airway segmentation is in
fact very complex, since one has to deal with a number of
classical problems, that are not yet solved: the impacts of the
epiglottis and of the piriform sinuses on the wave propagation
are unclear, the teeth are not visible on the MR images, and the
end of the vocal tract at the lips is still not properly defined.

The presence of the epiglottis in the airway was taken into
account as follows: if the epiglottis delimits a closed contour
with the pharyngeal walls, this contour determines the cross-
sectional area; if the epiglottis is located in the middle of the
airway, its area is pasted to the dorsum of the tongue.  The teeth
were drawn manually on the respective gray level images
according to measures on the dental casts, except for the
incisors, as they are classically ignored in the models of wave
propagation.  As concerns the pirifom sinuses, a recent study by
Dang & Honda [8] did not reveal a significant influence of these

cavities onto the formant patterns.  Hence, they were simply not
taken into account in the airway.  Finally, the last vocal tract
images, representing the lips, were processed as follows.  At the
lips end, the last image taken into account such as it is, was the
most front one where the lips delimited a closed contour.  The
remaining lip images have also undergone the threshold based
airway segmentation, and they were all taken into account to
determine the lip area, by taking the logical AND of the binary
images thus obtained.

2.3. Computation of the area functions
The contour coordinates obtained from the airway segmentation
were then processed in a Matlab environment.  First, each
contour was sampled in 100 equally spaced points.  Then, the
three 18 slice series were correctly positioned according to their
original spatial orientation.  The three-dimensional volume of
the vocal tract was reconstructed by longitudinal fibers joining
the points having the same index on each contour.  Cross-
sectional areas from the glottis up to the lips were determined
by intersecting the 3D volume with planes defined according to
a semi-polar grid inspired from the one used by Badin et al. [9].
The different planes of the grid and their orientations were
defined to ensure their best perpendicularity to the vocal tract
midline.  Such a speaker-adapted grid was positioned for every
vowel according to the same procedure.  First, a mid-sagittal
section of the vocal tract was reconstructed from the original
MR images.  Second, a mid-sagittal contour of the hard palate
was obtained either from a lateral X-ray image or from the
dental cast.  Finally, the reconstructed mid-sagittal section was
positioned, by rotation and translation, so that it matches the
mid-sagittal palatal contour.

The lengths of the elementary tubes of the area function
were derived from the distances between the gravity centers of
the cross-sectional areas.

The lips were represented in the area function by one tube,
the area of which was found as explained above.  The tube's
length was determined from the MR images.

Figures 1, 2 and 3 show the area functions thus obtained for
the three speakers, for vowels [K� C� W].

2.4. Acoustical simulation
The pertinence of the MRI-based area functions was then
quantitatively evaluated.  The first four formants were
calculated from the area functions with the harmonic model of
the vocal tract developed by Badin and Fant [10].  This model
includes all boundary conditions; heat and viscosity losses are
taken into account with a unity shape factor.  Radiation losses at
the lips are modeled by a piston in a spherical baffle, and wall
vibrations are modeled by impedances localized along the vocal
tract independently of the area function.  There is no subglottal
coupling.  The formants simulated from the area functions of a
speaker were compared to the formants extracted by LPC
analysis from the speech signal of the same speaker, as recorded
in the MRI room, just before starting the MRI acquisition. The
results of this comparison are given in Tables 1, 2 and 3 for the
vowels [C� K� W].

[a] simulated 588 1166 2377 3306
MRI room 758 1081 2435 3202

[i] simulated 267 2069 2595 3547
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MRI room 225 2073 2747 3286
[u] simulated 289 626 2095 3321

MRI room 242 606 2225 2985
Table 1. Speaker CS: F1-F4 in Hz

[a] simulated 646 1228 2796 3769
MRI room 709 1322 2969 3755

[i] simulated 258 2385 3148 4273
MRI room 254 2209 3084 3977

[u] simulated 241 836 2438 3850
MRI room 267 809 2292 3824

Table 2. Speaker GG: F1-F4 in Hz

[a] simulated 618 1266 2490 3850
MRI room 736 1241 2648 3773

[i] simulated 256 2184 3107 3677
MRI room 226 2085 3090 3797

[u] simulated 230 704 2226 3512
MRI room 256 719 2268 3235

Table 3. Speaker JLS: F1-F4 in Hz

The simulated formants match fairly well the measured ones, for
the three subjects, except for the F1 of vowel [C].  This attests
for the relevance of the procedure used to extract the area
functions from the MR images, and for the acoustical model.

3. SPEAKER VARIABILITY: PREDICTIONS OF THE
RESONANCE BASED METHOD

VERSUS MEASURED DIFFERENCES.
In order to compare the prediction that our Resonance Based
Method would make for the formant differences between
subjects, with the differences actually measured, it was
necessary to study, for each vocal tract area extracted from the
MRI data, how the formants are related to the different vocal
tract cavities.  In this aim, the calculation of the formant
sensitivities to geometrical changes was used.
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Figure 1. Speaker CS: [C� K� W] area functions
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Figure 2. Speaker GG: [C� K� W] area functions
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Figure 3. Speaker JLS: [C� K� W] area functions

3.1.  Determination of the affiliation
According to Fant and Pauli [11], the relative variation of a
formant caused by a modification of the area function can be
calculated by a formula, the sensitivity function, that integrates
the difference between the kinetic and the potential energies,
and depends on the total reactive energy in the vocal tract.  It
helps to understand the dependence of a formant on the different
parts of the vocal tract.

In this study, formant sensitivities were numerically
evaluated by successively increasing the cross-sectional area of
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each element of the area function by 50 % and by computing the
relative variations of the first five formants were computed.

A preliminary study carried out on simple tubes, which
resonances are perfectly known, provided reference patterns for
the sensitivities associated with the main vocal tract resonances,
such as Helmholtz, quarter-wavelength and half-wavelength
resonances.

Based on these sensitivities, each area function was divided
in laryngeal cavity, back cavity, constriction cavity, and front
cavity.  Then, one of the male speakers, CS, was chosen as
"target speaker".  For each mentioned vocal tract cavity, a
transformation coefficient was calculated as the ratio of the
formants corresponding to the lowest resonance (except
Helmholtz) of the cavity of the test speaker and of the target
speaker respectively.  Then, the [C K W] MRI area functions of
the test speaker were modified, cavity by cavity, according to
these coefficients.

The joint analysis of the area functions and of the
affiliations between formants and cavities reveals interesting
discrepancies between subjects.  The vowel [C] of speaker CS
has a short back cavity, whose resonance goes over F5, but a
long constriction zone.  On the contrary, the vowel [C] of speaker
GG has a short constriction, whose resonance goes also over F5,
but a rather long back cavity.  It is thus difficult to propose, on
the basis of the resonances, a direct correspondence between
these two subjects in the back part of the vocal tract.  It was then
decided to consider the longest cavity, the constriction for CS
and the back cavity for GG, as representative of the length
characteristics in the back part of the vocal tract.  Consequently,
the transformation coefficient is calculated as the ratio between
the half-wavelength resonance of the back cavity for GG, and
the half-wavelength resonance of the constriction for CS.

Similarly, the [K] of speaker CS has a sufficiently long front
cavity, whose quarter-wavelength resonance is F2, whereas the
[K] of GG has a very short front cavity, whose resonance goes
over F5, but a long constriction zone.  In this case, the
transformation coefficient from GG to CS for the front part of
the vocal tract is calculated as the ratio between the half-
wavelength resonances of the constrictions.

3.2. Comparison between predicted and measured formant
values

The results of the predictions of F1-F4 (in Hz) are given in
Tables 4 and 5, together with the values of the target speaker
CS.

[a] target 588 1166 2377 3306
predicted 604 1166 2659 3544

[i] target 267 2069 2595 3547
predicted 284 2577 3494 4551

[u] target 289 626 2095 3321
predicted 223 767 2164 3498

Table 4.  Speaker GG.  Target speaker: CS.
[a] target 588 1166 2377 3306

predicted 573 1173 2268 3533
[i] target 267 2069 2595 3547

predicted 254 2306 2541 3756
[u] target 289 626 2095 3321

predicted 223 687 2124 3373
Table 5.  Speaker JLS.  Target speaker: CS.

The results are quite good for vowel [C] for both speakers: for
the four formants, the relative error between predicted and
measured values as always less than 10 %.  The results for [W]
are less convincing, in particular for F2 in the transformation
GG to CS, where the relative error is larger 20 %.  As for vowel
[K], the results are correct for JLS (maximum relative error
around 12 %), but the errors are extremely important for GG (25
% for F2 and 35 % for F3).

A preliminary analysis of these results suggests that the
Resonance Based Method is quite powerful as long as the
pattern of the affiliations between formants and resonances are
similar between two subjects.  This is the case for speakers CS
and JLS.  However, as soon as the type of resonance differs from
a subject to the other, the correspondence is more complex and
is not yet correctly accounted for by the method.

4. CONCLUSION
The acquisition of 3D MRI data on three speakers demonstrated
that the pattern of affiliations between formants and cavities and
the nature of the resonances could be very different from one
speaker to another.  This challenges the capability of the
Resonance Based Method proposed in [4] to account for the
morphological origins of the acoustical inter-speaker variability.
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