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The purpose of this study was to determine the degree to which synthetic vowel samples based on
previously reported vocal tract area functions of eight speakers could be accurately identified by
listeners. Vowels were synthesized with a wave-reflection type of vocal tract model coupled to a
voice source. A particular vowel was generated by specifying an area function that had been derived
from previous magnetic resonance imaging based measurements. The vowel samples were
presented to ten listeners in a forced choice paradigm in which they were asked to identify the
vowel. Results indicated that the vowels �i�, �æ�, and �u� were identified most accurately for all of
speakers. The identification errors of the other vowels were typically due to confusions with
adjacent vowels. © 2009 Acoustical Society of America. �DOI: 10.1121/1.3033740�
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I. INTRODUCTION

Magnetic resonance imaging �MRI� has been widely
used to acquire volumetric image sets of the head and neck
from which vocal tract area functions can be directly mea-
sured. These collections of area functions, which are as-
sumed representative of an individual speaker’s production
of a target vowel or consonant, have then been used in the
development of speech production models and speech syn-
thesizers �e.g., Ciocea, 1997; Story, 2005a, 2005b; Mullen
et al., 2007�.

The similarity of speech sounds produced by area-
function-based synthesis to natural speech has been typically
assessed by comparing calculated formant frequencies to for-
mant frequencies extracted from recorded speech �Story
et al., 1996, 1998; Story, 2005a�. Reasonable similarity has
been demonstrated; however, stimuli generated based on
measured area functions have rarely been evaluated percep-
tually. This step is important before stimuli generated by
simulation of the speech production process are used to an-
swer questions about the perceptual relevance of various
types of kinematic and structural variations of the vocal tract
�Carré et al., 2001�.

Collections of volumetric image sets based on MRI
and their analyses have been reported by Story �2005a� and
Story et al. �1996, 1998� for eight speakers �four females and
four males�. A second set of data obtained from the speaker
presented in Story et al., 1996 has been published as well
�Story, 2008�. The inventories include area functions �area as
a function of distance from the glottis� of a set of 10 or 11
American English vowels ��i,(,e,�,æ,#,Ä,Å,o,*,u��, depending
on the particular speaker. Across speakers, vocal tract area
functions varied in vocal tract length and other idiosyncratic
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differences, but were similar with regard to gross shape for
each of the target vowels and the location of major constric-
tions and expansions.

The measured area functions were subsequently used as
input to a computer model of one-dimensional acoustic wave
propagation in the vocal tract. The synthetic speech samples
were then compared, in terms of location of the first three
formant frequencies, to recorded natural speech from each
speaker. The natural speech samples were recorded with the
subject in a supine position with ear plugs in an attempt to
simulate, as closely as possible, the conditions experienced
in the MRI sessions. Subjects produced speech sounds that
corresponded to the static shapes that were acquired with
MRI. Percent error based on comparisons of measured and
calculated formant frequencies from natural and simulated
speech across speakers and formants �F1-F2-F3� ranged from
0.1% to 39%. Errors larger than 30% were calculated for
only seven instances and were limited to two speakers. The
majority �defined here to be 95%� of the calculated formants
differed from those of natural speech by less than 10%.
Overall, results indicated that formant locations of the syn-
thesized samples were reasonably well represented compared
to the natural productions that were recorded. These com-
parisons quantify the success of measurement of area func-
tions from MRI images and speech modeling efforts. How-
ever, since one aim of developing a speech production model
is to understand the relation between area functions and
changes in the vocal tract shape result in acoustic character-
istics indicative of a phonetic category, perceptual testing of
simulated samples based on these area functions is needed.
The purpose of the present study was to determine the vowel
identification accuracy for simulated vowel samples of eight
speakers based on previously reported vocal tract area func-
tions derived from MRI image sets.
© 2009 Acoustical Society of America 19�1�/19/4/$25.00



II. METHOD

A. Area function sets

Previously published area functions for eight speakers
were used to synthesize vowel samples in the present study
�Story et al., 1996, 1998; Story, 2005a�. This included four
male �range 29–40 years� and four female �range
23–39 years� speakers. Speakers in Story’s �2005a� article
were identified as SF1, SF2, SF3, SM1, SM2, and SM3,
where “F” denotes female and “M” denotes male. The two
speakers presented in Story et al., 1996, 1998 will be iden-
tified as SM0 and SF0, respectively. Finally, data for a sec-
ond set of area functions obtained from speaker SM0 in 2002
will be identified as SM0-2.

B. Synthetic vowel samples

A synthetic vowel sample was generated for each area
function of each speaker’s inventory. Following Hillenbrand
and Gayvert �1993�, the duration of all samples was set at
0.3 s, and the fundamental frequency �F0� contour varied
from 25% above an F0 target to 25% below that same target.
The F0 targets for males and females were set at 110 and
220 Hz, respectively. The sample duration was chosen so
that it would not be a primary cue in vowel identification
�Hillenbrand et al., 2000�; that is, 0.3 s is on average shorter
than long vowels and longer than short vowels. The samples
were generated with a wave-reflection model of the trachea
and vocal tract �Liljencrants, 1985; Story, 1995� that in-
cluded energy losses due to yielding walls, viscosity, heat
conduction, and radiation at the lips. The tracheal portion
extended from the glottis to the bronchial termination. Its
shape was idealized as a tube that is tapered from 0.3 cm2 to
just below the glottis to a constant area of 1.5 cm2. All syn-
thesized vowels were based on coupling this tracheal con-
figuration to the respective measured area functions, which
included their measured vocal tract lengths. The synthesis
was driven by the respiratory pressure �PR� assumed to exist
at the bronchial termination of the trachea. In generating
each sample for this study, PR was ramped from
0 to 6000 dyn /cm2 in 20 ms with a cosine function, similar
to Hillenbrand and Gayvert’s �1993� ramping of peak ampli-
tude. The voice source was generated by a model of the
time-varying glottal area for which wave shape parameters
such as F0, amplitude, pulse skewing �skewing quotient�,
and duty cycle �open quotient� can be varied over the dura-
tion of the synthesized speech sound or held constant. The
glottal area model was based on the glottal flow pulse model
of Rosenberg �1971� but scaled in amplitude for glottal area.
For each sample, the F0 followed either the male or female
contour detailed above, the maximum glottal opening was set
at 0.08 cm2, the skewing quotient was held at a value of 2.4,
and the open quotient was set to 0.6. The appropriateness of
these values for both male and female speech might be ques-
tioned; however, they were chosen so that the energy in the
harmonic components of the glottal flow wave would be
similar for all samples. Although these parameters may re-

duce the femalelike quality of the samples produced with the
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SF-area functions, this was not considered to be problematic
since the listening task was concerned only with phonetic
identification.

In addition to the synthetic samples based on the original
measured vowel area functions, a sample was also generated
from each speaker’s mean area function. That is, the mean of
all 10 or 11 vowels measured for each speaker. These
samples are effectively neutral vowels and were used as pre-
cursors to the other samples in the listening tests to provide a
context for extrinsic normalization of each speaker �e.g.,
Ladefoged and Broadbent, 1957�.

C. Listening Task

Ten listeners �mean age 26 years� participated in the
present study. Listeners were native English speakers and
native to Arizona and passed a hearing screening. All proce-
dures were approved by the Institutional Review Board at the
University of Arizona.

An ALVIN interface �Hillenbrand and Gayvert, 2005�
was used to present samples via loudspeakers to listeners
seated in a sound treated room. Samples were presented in
pairs with the first sample being the mean vowel of a par-
ticular speaker followed by a target vowel from the same
speaker. The computer screen displayed buttons for 11 Eng-
lish vowels that were labeled with both the phonetic symbol
and an example “hVd” word. Listeners were asked to iden-
tify the second vowel in the pair. Vowel samples were
blocked by speaker and each listener heard five repetitions of
each vowel. The order of presentation for speaker and vowel
samples was randomized. Each listening session lasted no
longer than 30 min. A confusion matrix based on listener
identification of the vowel samples was calculated separately
for each speaker. Listeners also completed a training task
with vowel samples recorded by a male speaker �second au-
thor� to assure they could identify all 11 English vowels.
Accuracy was greater than 98% across vowels and listeners.
Errors were limited to a confusion of �Å� and �Ä�.

III. RESULTS

Identification errors made for the vowels based on each
speaker are indicated in the confusion matrices displayed in
Tables I–III. In each matrix, the target vowel is listed in the
leftmost column and the vowel identified is listed across the
top of the columns. Accurate identification of target tokens
can be seen along the diagonal in the boldface cells.

Accuracy across vowels varied from a low of 21% for
female ��� to a high of 98% for male �i�. Vowels with the
highest accuracy rates across speakers ��89% � included
three English corner vowels �i, æ, u�. Accuracies for the three
vowels ��, Å, Ä� were greater than 50% for the male speakers
and less than 50% for the female speakers. For the vowels �(,
e, o� and �#� identification accuracy was less than 50% for
both male and female speakers.

Although there was considerable variability in the iden-
tification accuracy, vowel confusions were typically between
adjacent vowel categories in the vowel space. For example,
the target vowel �(� was identified as either �e� or ��� for all

of the speakers except SF2 whose �(� targets were identified
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as �#�. A similar confusion was found for the target �e�,
which was identified as either �(� or ��� for all speakers.
Identification of the target vowel �Ä� included both �æ� and
�Å� responses, and is the only vowel where listener identifi-
cation was not an adjacent vowel category. The target �Å� was
most commonly confused with �Ä�. This confusion is not
unexpected and the vowel �o� was confused with �*� in a
majority of cases. Confusion between �Å� and �Ä� is not un-
expected given that speakers in the southwest part of the
United States tend to collapse these two categories �Labov,
1996�.

Comparisons of vowel identification accuracy for the
samples based on the data sets from the same speaker �SM0
and SM0-2� were similar, with overall accuracy slightly
higher for the second data set �53% and 59%, respectively�.
The largest difference between samples was seen for the
vowels �(� and �o�. In both cases, confusions were between

TABLE III. Confusion matrix for synthesized vowels of speaker SF0.

Listener’s identification
i ( e � æ # Ä Å o * u Total

Vowel intended
by speaker SF0

i 50 0 0 0 0 0 0 0 0 0 0 50
( 0 10 9 26 5 0 0 0 0 0 0 50
e 0 0 0 0 0 0 0 0 0 0 0 0
� 0 0 1 8 41 0 0 0 0 0 0 50
æ 0 0 0 6 44 0 0 0 0 0 0 50
# 0 0 0 0 0 0 39 11 0 0 0 50
Ä 0 1 0 0 0 22 19 5 2 1 0 50
Å 0 0 0 0 0 2 6 23 19 0 0 50
o 0 0 0 0 0 12 5 3 13 17 0 50
* 0 0 0 0 0 0 25 25 0 0 0 50
u 0 0 0 0 0 1 0 0 0 5 44 50

Vowel intended
by speaker SF1

i 49 0 1 0 0 0 0 0 0 0 0 50
( 0 23 20 7 0 0 0 0 0 0 0 50
e 0 1 10 36 2 1 0 0 0 0 0 50
� 0 3 0 1 0 5 0 0 0 33 8 50
æ 0 0 0 0 50 0 0 0 0 0 0 50
# 0 0 0 0 0 30 3 0 5 11 1 50
Ä 0 0 0 0 46 0 3 1 0 0 0 50
Å 0 0 0 0 0 0 16 33 1 0 0 50
o 0 0 0 0 0 6 6 0 24 14 0 50
* 0 0 0 0 0 0 0 0 0 29 21 50
u 0 0 0 0 0 0 0 0 0 6 44 50

Vowel intended
by speaker SF2

i 27 22 0 1 0 0 0 0 0 0 0 50
( 0 0 5 0 0 35 0 0 0 10 0 50
e 2 29 7 11 1 0 0 0 0 0 0 50
� 0 0 5 1 44 0 0 0 0 0 0 50
æ 0 0 0 0 49 0 0 1 0 0 0 50
# 0 0 0 0 0 39 4 1 2 3 1 50
Ä 0 0 0 0 0 1 12 22 15 0 0 50
Å 0 0 0 0 0 0 32 18 0 0 0 50
o 0 0 0 0 0 2 0 0 11 34 3 50
* 0 0 0 0 0 0 0 1 0 42 7 50
u 0 0 0 0 0 0 0 0 0 4 46 50

Vowel intended
by speaker SF3

i 48 2 0 0 0 0 0 0 0 0 0 50
( 2 9 30 9 0 0 0 0 0 0 0 50
e 1 21 21 7 0 0 0 0 0 0 0 50
� 0 4 11 31 0 3 0 0 0 1 0 50
æ 0 0 0 0 49 0 0 1 0 0 0 50
# 0 0 0 0 0 1 0 0 3 38 8 50
Ä 0 0 0 0 0 0 30 20 0 0 0 50
Å 0 0 0 0 0 0 22 28 0 0 0 50
o 0 0 0 0 0 0 4 6 22 17 1 50
* 0 0 0 0 0 0 0 0 0 10 40 50
u 0 0 0 0 0 0 0 0 0 6 44 50
TABLE I. Confusion matrices for synthesized vowels of speakers SM0 and
SM0–2.

Listener’s identification
i ( e � æ # Ä Å o * u Total

Vowel intended
by speaker SM0

i 50 0 0 0 0 0 0 0 0 0 0 50
( 0 1 32 17 0 0 0 0 0 0 0 50
e 0 0 0 0 0 0 0 0 0 0 0 0
� 0 0 1 25 23 0 1 0 0 0 0 50
æ 0 0 0 1 48 0 1 0 0 0 0 50
# 0 0 0 0 0 22 22 6 0 0 0 50
Ä 0 0 0 0 1 0 29 20 0 0 0 50
Å 0 0 0 0 0 0 8 28 14 0 0 50
o 0 0 0 0 0 0 1 1 9 6 33 50
* 0 0 0 0 0 0 0 0 0 9 41 50
u 0 0 0 0 0 0 0 0 1 6 43 50

Vowel intended
by speaker SM0-2

i 50 0 0 0 0 0 0 0 0 0 0 50
( 6 23 16 5 0 0 0 0 0 0 0 50
e 0 8 24 18 0 0 0 0 0 0 0 50
� 0 0 2 35 13 0 0 0 0 0 0 50
æ 0 0 0 0 49 0 1 0 0 0 0 50
# 0 0 0 0 0 0 10 39 0 1 0 50
Ä 0 0 0 0 0 0 27 23 0 0 0 50
Å 0 0 0 0 0 0 5 27 16 2 0 50
o 0 0 0 0 0 0 1 6 43 0 0 50
* 0 0 0 0 0 0 2 5 43 0 0 50
u 0 0 0 0 0 0 0 0 0 3 47 50
TABLE II. Confusion matrices for synthesized vowels of speakers SM1,
SM2, and SM3.

Listener’s identification
i ( e � æ # Ä Å o * u Total

Vowel intended
by speaker SM1

i 46 3 0 0 0 0 0 0 0 0 1 50
( 0 37 1 2 0 0 0 0 0 5 5 50
e 0 14 4 13 2 5 0 0 0 9 3 50
� 0 2 2 21 3 11 0 0 0 10 1 50
æ 0 0 0 1 48 0 1 0 0 0 0 50
# 0 0 0 0 0 41 2 0 0 7 0 50
Ä 0 0 0 0 1 0 34 15 0 0 0 50
Ä 0 0 0 0 0 0 19 31 0 0 0 50
o 0 0 0 0 0 0 0 0 7 25 18 50
* 0 0 0 0 0 0 0 0 0 17 33 50
u 0 0 0 0 0 0 0 0 0 5 45 50

Vowel intended
by speaker SM2

i 50 0 0 0 0 0 0 0 0 0 0 50
( 0 33 5 12 0 0 0 0 0 0 0 50
e 4 22 14 10 0 0 0 0 0 0 0 50
� 0 0 0 0 0 0 0 0 0 0 0 0
æ 0 0 0 0 50 0 0 0 0 0 0 50
# 0 0 0 0 0 42 0 0 1 6 1 50
Ä 0 0 0 0 0 0 43 7 0 0 0 50
Å 0 0 0 0 0 0 4 46 0 0 0 50
o 0 0 0 0 0 2 2 3 14 23 6 50
* 0 0 0 0 0 7 0 0 2 38 3 50
u 0 0 0 0 0 0 0 0 0 8 42 50

Vowel intended
by speaker SM3

i 49 1 0 0 0 0 0 0 0 0 0 50
( 0 1 37 12 0 0 0 0 0 0 0 50
e 0 0 26 23 1 0 0 0 0 0 0 50
� 0 1 21 26 2 0 0 0 0 0 0 50
æ 0 0 1 0 49 0 0 0 0 0 0 50
# 0 0 0 0 0 0 0 0 10 36 4 50
Ä 0 0 0 0 0 0 35 15 0 0 0 50
Å 0 0 0 0 0 0 8 42 0 0 0 50
o 0 0 0 0 0 13 8 9 19 0 1 50
* 0 0 0 0 0 2 0 0 1 31 16 50
u 0 0 0 0 0 0 0 0 1 7 42 50
adjacent vowels.
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IV. DISCUSSION

The confusion matrices suggest that most of the area
functions from each speaker’s inventory produce sound
samples that can be expected to be identified as either the
target vowel or as an adjacent vowel in the vowel space.
Therefore, with a few exceptions, each area function is rep-
resentative of the “neighborhood” of the target vowel. The
modest accuracy rates for several vowels, however, also beg
the question of why the identification accuracy is not better.

An obvious possibility is that some of the area functions
are simply not good representations of the target vowels. In
some cases, this is likely true. For example, the poor identi-
fication of SF0’s �*� vowel could have likely been predicted
based on the fairly large errors found between the formant
frequencies calculated from the �*� area function and those
measured from natural speech �Story et al., 1998�. In other
cases, a presumably good area function representation of a
particular vowel would not have predicted poor identification
accuracy. SM2’s �(� area function produced formant frequen-
cies with small error relative to natural speech and yet the
identification responses indicated that listeners were correct
only 66% of the time. Although area function quality is un-
doubtedly part of the problem, it would seem that other fac-
tors must also contribute.

The constant 0.3 s duration that was used to generate
every sample may have affected some identification re-
sponses, especially for the “short” vowels. This duration was
chosen as a compromise between short and long vowels �Hil-
lenbrand and Gayvert, 1993�, but may have been too long
such that it inadvertently created a cue that conflicted with
the typical duration of some of the shorter vowels.

Another possible reason for reduced identification accu-
racy is that each vowel sample was generated from a “static”
area function. That is, each vowel was effectively produced
without any change in vocal tract shape and, hence, no
change in formant frequencies. In connected speech, vowels
are typically embedded between consonants so that the for-
mant frequencies are almost continuously in transition. Even
productions of isolated vowels tend to have formant transi-
tions over the course of the utterance �e.g., Story, 2007�.
There is much evidence that listeners use this dynamic spec-
tral change for identification of vowels �Jenkins et al., 1983;
Strange et al., 1983; Nearey, 1989; Hillenbrand and Gayvert,
1993; Nittrouer, 2007�.

Finally, the listening paradigm, which consisted of pre-
sentations blocked by speaker and included a precursor mean
vowel followed by the target, may have influenced the iden-
tification accuracy. This paradigm was implemented so that
the precursor might allow for extrinsic normalization by the
listener. Similar methods have been used with some success
for vowel recognition algorithms �Pols and Weenink, 2005;
Nearey and Assman, 2007�.

The next steps in this research are to explore some of
these possible influences on vowel identification; specifi-
cally, use of area functions for each speaker that have been
“tuned” to produce formant frequencies directly aligned with
those of recorded speech �Story, 2006�, use of an area func-

tion model that allows for time variation of the vocal tract
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shape �e.g., Story, 2005b�, build in natural vowel durations,
and use of a listening paradigm that does not include a pre-
cursor vowel for normalization.
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