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Study of Perceptual Contributions of Static and Dynamic Features of
Vocal Tract Characteristics to Speaker Individuality
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Abs tract The ARX speech production model was used to extract voice source and vocal tract parameters
from a Japanese speech, /aoiueoie/ ("say blue top” in English). The Discrete Cosine Transform (DCT) method
was applied to separate formant trajectories of the speech signal into static and dynamic features. The percep-
tual contributions of static and dynamic vocal tract features to speaker individuality was quantitatively studied
by systematically replacing the corresponding acoustic parameters extracted from three Japanese male utterances.
Results of the experiments show that the static (average) characteristic of the vocal tract is a primary cue to speaker
individuality.
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1 Introduction

As the output of the built-in limits of the speech
production system, speech waves convey linguistic,
paralinguistic information and extra-linguistic [1].
Extra-linguistic information carries the speaker’s id-
iosyncratic features that show the differences be-
tween speakers in the physiological structure of
the vocal apparatus and talking behavior. Where
speech communication is concerned, speaker indi-
viduality appears in the form of anatomical, artic-
ulatory, acoustic and perceptual differences. The
study of speaker individuality can be classified into
a horizontal study and a vertical study. Horizon-
tal study focuses on speakers differences in each
of anatomical, articulatory, acoustic or perceptual
categories, while vertical study focuses on the re-
lationship of these speaker differences between cat-
In an actual application, such as an au-
tomatic speaker recognition system, usually only
one category is examined, in this case the acoustic.
Much effort has been made to find a robust speaker’s
features, to decrease identification error rate. In or-
der to understand the true nature of speaker indi-
viduality, it is necessary to accumulate knowledge
of speaker individuality by vertical study. A better
understanding of speaker individuality not only can
improve performance of speaker recognition and ver-
ification, but also can create a better speaker adap-
tation method in speech recognition; can help syn-
thesize more natural speech; and can even help to
find more efficient methods for voice conversion.

egories.

From perceptual experiments, it was reported
that the difference in fundamental frequency is one
of the important features distinguishing male and
female speakers [2]. Itoh et al. [3] showed, us-
ing a PARCOR analysis-synthesis system, that the
spectral envelope is more responsible than pitch,
or dynamic characteristics in five male subjects.
Kuwabara et al. [4] found that the voice individ-
uality is more sensitive to formant shift than to
bandwidth manipulation or pitch shift. Furui et
al. [5] showed that the individuality of the spec-
tral envelope mainly exists in frequency band be-
tween mean 2.5 and 3.5 kHz. Recently Kitamura et
al. [6] reported that speaker individuality in spec-
tral envelopes is mainly above 22 ERB (2212 Hz).
They suggested that people identify speakers of vow-
els mainly by using the high frequency band in the
spectral envelopes. In automatic speaker recogni-
tion process, Furui [7] suggested combining dynamic
features with statistic features. Soong and Rosen-
berg [8] showed that instantaneous and transitional
spectral features are fairly uncorrelated, and can
used jointly to improve speaker recognition perfor-
mance.

Those studies, however. dealt with spectral en-
velopes that included both voice source and vocal
tract characteristics. In this paper, an ARX speech
production model was used to separate voice source

characteristics from vocal tract characteristics [9].
The purpose of this paper is to quantitatively study
the perceptual contributions of voice source and
vocal tract characteristic to speaker individuality,
specifically that of the static and dynamic features
of vocal tract characteristics. The Discrete Cosine
Transform (DCT) method was applied to separate
formant trajectories of the speech signal into static
and dynamic features. The perceptual contribu-
tions of voice source features; static and dynamic
vocal tract features; and lower and higher formant
trajectories, to speaker individuality was quantita-
tively studied by systematically replacing the corre-
sponding acoustic parameters extracted from three
Japanese male utterances /aoiueoie/ ("Say blue
top”) in English. The speech stimulus was syn-
thesized by an ARX-speech-production-model based
speech synthesis system that was developed on the
MS-Windows platform [10].

2 Analysis-Synthesis Method

2.1 ARX model

The speech production process can be modeled as a
time-variant IIR system with an equation error as
follows,
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where s(n) and u(n) denote a speech signal and
a glottal waveform at time n, respectively. In the
above equation, a{n) and b(n) are time-varying co-
efficients. p and g are model orders, and e(n) is an
equation error. When e(n) is assumed to be white,
the equation represents an ARX model. By per-
forming the Z-transform on the equation (assuming
time invariance), we get the following equation,
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where S(z),U(z) and F(z) are the Z-transforms of
the speech signal s(n), voice source u(n), and equa-
tion error e(n), respectively. The ARX model con-
sists of an IIR filter and an AR filter. The vocal tract
transfer function of voiced sounds is represented by
B(z)/A(z), whereas the production process of un-
voiced sounds is approximated by an AR model with
a transfer function 1/4(z) driven by white noise.

2.2  Voicing source model

The RK model is used to represent a differentiated
glottal wave form because of its capability of adjust-
ing independently, both the waveform and spectral



slope, as well as it's relative easy of implementa-
tion. This model uses a generator of a rudimentary
waveform defined as
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where T' is the fundamental period, Al" the am-
plitude parameter and OQ the open quotient of the
glottal open phase divided by the duration of a com-
plete glottal cycle. The value of g(n) is 0 in the close
period. g(n) is filtered by a low-pass filter to adjust
the tilt of its spectral envelope using a spectral tilt
parameter T'L.

2.3 Analysis algorithm

In the analysis scheme, the kalman filter algorithm is
used to estimate the formant parameters from the
coeflicients of the ARX model, and the simulated
annealing method is employed as a nonlinear opti-
mization approach to estimate the voice source pa-
rameters (refer [9] for details).

2.4 Cascade formant synthesizer

A cascade formant synthesizer that was constructed
in the speech synthesis system is used to synthe-
size the voiced and unvoiced speech signal. The
RK model is used to synthesize the voiced sound,
whereas the M-series white noise is used to synthe-
size the unvoiced sound. The synthesizer is com-
posed of second-order resonators and antiresonators
in cascade form. The spectrum for each resonator is
expressed as
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and that for each antiresonator as
H(z)=d + bz 422, (5)
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where F', B and f, are the formant frequency, the
bandwidth and the sampling frequency, respectively.
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3 Perceptual Similarity Ex-
periments

3.1 Speech materials and acoustic
analysis
Three adult males (MHK, MMM, MSH) partici-

pated in the experiments. We choose this three sub-
jects because we have already studied their speaker

individualities in anatomical structures of sustained
vowels measured by magnetic resonance images|11].
A simple Japanese sentence /aoiuecie/ ("say top
blue in English”) was recorded on DAT tape in
a sound proof room. First MHK’s speech was
recorded 5 times. We selected one of the speech that
most seems to be MHK’s natural voice. Then MMM
and MSH listened by headphone to the selected
MHK’s speech with silent intervals inserted and dur-
ing each silent interval would repeated the same sen-
tence, but as much possible using their natural voice.
The silent interval was set to be slightly longer than
the speech interval so that MMM and MSH would
produce speech intervals of similar length to MHK.
Finally we selected one speech interval from each
speaker ensuring the selected intervals were as equal
in length as possible. ARX analysis was performed
at pitch-synchronous mode on each speech signal at
a sampling frequency of 14700 Hz. Acoustic mea-
surements were made to determine the formant fre-
quencies and bandwidths which represent the vocal
tract characteristics. Measurement were also made
to determine the fundamental frequency contours
(FG), the voicing amplitude parameter (AV), the
noise amplitude parameter (N A), the open quotient
(OQ) and the spectral tilting parameter (T'L) which
represent voice source characteristics. Final acous-
tic parameters for each speaker were obtained by re-
sampling each parameter in a 5 ms period. MHK’s
parameter trajectories of AV, FO and formants are
shown in Fig. 1.
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Fig.1 MHK’s parameter tracjectories of F0, AV
and formants.



3.2 Method of perceptual judgment

An X-A-B judgment method was used, where X
was the test stimulus which synthesized by using
a combined parameter set arranged from two differ-
ent speakers, and A and B were the synthetic speech
signal generated from original speaker parameters.
Listeners were asked to determine whether X was
A’s voice or B’s voice. The stimulus intervals are
shown in Fig.2. Ten male listeners participated in
the following three experiments. All were native
speakers of Japanese and had no known hearing im-
pairments. Every pair of stimuli was presented 10
times (5 times in the order of X-A-B, 5 times in the
order of X-B-A). All the pairs of stimuli were pre-
sented randomly in a quiet room through a speaker
(DIATONE professional, AS-1051) at a com[ortable
loudness level. Three experiments were executed on
three separated days.

X-A-B

0.5(3] 0.5{s} 3.5(s)

Fig.2 Intervals between stimuli.

3.3 Experiment 1

3.3.1 Method of synthesizing speech
stimuli

The first experiment was designed to study the per-
ceptual contributions of voice source and vocal tract
characteristics by using different combinations of
voice source parameters and formant trajectories pa-
rameters among three speakers.

3.3.2 Results

The perceptual speaker identification results are de-
picted in Fig.3. A total of 100 judgments (10
persons x 10 times) were done for each different
A B speaker combination. Referring to Fig.3, when
MMM’s vocal tract characteristics were combined
with MSH'’s voice source characteristics, only 6% (or
6 times) of the cases is the resultant voice identified
as MSH’s. In other words, 94% of the time that
voice was identified as MMM’s voice. On the other
hand, if we combined MSH's vocal tract character-
istics with MMM’s voice source characteristics, the
resultant voice is identified as MMM’s voice only 1%
of the time. In the diagram a result of 0% is found
in 3 of the cases. The experiment clearly shows that.
the vocal tract characteristics contribute much more

MMM

to the perception of the speaker individuality that
the voice source.

N —

Fig.3 Indentification rates resulting from exchang-
ing voice source parameters between three speakers.

3.4 Experiment 2

3.4.1 Method

stimuli

of synthesizing speech

The results of preliminary experiment show voice
source characteristics having very little effect on the
perception of speaker individuality. Experiments 2
and 3 were designed to test the perceptual contri-
bution of vocal tract characteristics. In experiment
2 and 3, we use a fixed set MHK’s voice source pa-
rameters to generate all stimuli in order to avoiding
any voice source effect.

To further study vocal tract characteristics, Dis-
crete Cosine Transform (DCT) was applied to sep-
arate formant trajectories of the speech signal into
static and dynamic features. the formant trajecto-
ries can be represented by their DCT coefficients,
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where Fj(n) is the i-th formant frequency at n-
th frame and N is the number of analysis frames.
%C,;(O) is the mean value of F;(n) showing the
static feature of the i-th formant trajectory. The
other DCT coefficients C;(k),1 < k < N — 1, keep
the dynamic features of the i-th formant trajectory.



We define residual error efLK) of the i-th formant
trajectory as
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Fig.4 Residual Errors.(MHK’s formant trajecto-
ries)

Figure 4 shows the pattern of decrease of the
residual error of formant F'1 to F4. As the number of
coefficients to represent the formant trajectories is
increased, the residual error is decreased. By using
21 coefficients, all the residual errors are lower than
50 Hz. It is also shown that compared to F1 and
F4, F2 and F3 have more dynamic characteristics.

We synthesized the speech by using one person’s
static features and another person’s dynamic fea~
tures. The perceptual experiments were made to
show the perceptual contributions of static and dy-
namic features of the vocal tract, to speaker indi-
viduality. An example of the formant trajectories
for the test stimulus is shown in Fig.5. (a) and (c)
are the original formant trajectories of MHK and
MSH. The formant trajectories of test stimulus (b)
contains MSH’s static features and MHK'’s dynamic
features.

3.4.2 Results

The perceptual speaker identification rates for ex-
periment 2 are shown in Fig.6. If MSH’s static char-
acteristics are combined with MMM’s dynamic char-
acteristics, 95% of the time, the voice is identified
as MSH’s voice. In the reverse, the result is 100%.
If we add the main part of dynamic features to the
static features, the identification rate nearly reaches

100%. From the diagram, it is shown that static
features carry over 89% of perceptual contribution.
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Fig.5 An example of formant trajectories while
combine MHK's dynamic features with MSH's static

features.
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Fig.6 Indentification rates resulting from exchang-
ing static and dynamic fatures between three speak-
ers.

3.5 Experiment 3

3.5.1 Method of synthesizing speech

stimuli

It is known that the acoustic phonetics of vowels
depend on the lower formant frequency (F1, F2 and
F3). In experiment 3, we exchange the lower for-
mant trajectories (form F1 to F3) and higher for-
mant trajectories (from F4 to F7) between three
speakers.

3.5.2 Results

—

Figure 7 shows the results of perceptual speaker
identification rates in six different combinations. In
the case of MHK and MMM, it seems that high
formant trajectories contribute a large part of indi-
viduality information (94%,86%), while in the case
of MSH and MHK, the perceptual contributions of
low formant trajectories (84%,77%) is bigger than



that of high formant trajectories. In the case of
MMM and MSH, both low and high formant tra-
jectories are of nearly the same importance. The
figures shown below the diagram are the distances
of the average of F1-4 trajectories between the test
stimulus and the original synthetic speech signal.
These distances can explain above perceptual re-
sults(except the case of MSH’s F1-3 and MMM'’s
F4-7). The lower the distance, the higher the iden-
tification rate. In the case of MMM and MSH, it
is rather difficult to do the identification test, since
the distances are far from both MMM and MSH.

MHK-MMM MSH-MHK MMM-MSH
MHK ‘gg: MM |
Fur | MMM MSH | | 37%
94% | | MHK 54%
86%
7% mmm | | sax | Fe
46%
Fia MMM
6% 14%
MHK 155 39 MSH 207 297 MMM 362 304
MMM 39 155 MSH 304 362

MHK 297 207

Fig.7 Indentification rates resulting from exchang-
ing low and high formant trajectories between three
speakers.

The result can also be explained from comparing
the average spectrum of the test stimulus to that
of two speakers. It can be seem from Fig. 8 that
the general spectral envelope of the test stimulus is
closer to MMM in (a), to MSH in (b), and to MSH
in (c).

4 Discussion

Acoustic differences between speech signals which
carry the same linguistic information come from
inter-speaker acoustic variability and intra-speaker
variability. Experiment 1 showed that vocal tract
characteristics contribute more to the perception of
speaker individuality than the voice source. From
a source-filter theory point of view, both variabil-
ities appear in voice source and vocal tract char-
acteristics. Average pitch value seems to be one
of the important features of voice source charac-
teristics. In this study, the average pitch of three
sentences uttered by three speakers are 108 Hz for
MHK, 123 Hz for MMM, and 111 Hz for MSH.
There is no significant difference among the three
subjects. A normal speaker can change the average
pitch to a little higher or lower value without any
difficulty. In fact, people use different pitch values to
express their intentions. The intra-speaker variabil-

ity of voice source characteristics is relatively large.
Consequently there is overlap between the features
of voice source characteristics of different speakers
(where male speakers are concerned). On the other
hand, because of speaker’s anatomical constraints
and articulatory behavior, the acoustic variability of
vocal tract characteristics is rather small. It seems
from the results of the experiment, that the differ-
ence in variability between voice source characteris-
tics and vocal tract characteristics, the later being
small, results in the vocal tract characteristic con-
tributing more to the perception of speaker individ-
uality.

Experiment 2 and 3 were carried out to investi-
gate the effect of the vocal tract characteristics in
the absence of variation in voice source character-
istics. In experiment 2, we use the DCT method
to separate vocal tract characteristics into static
features and dynamic features. The result clearly
showed that the static characteristic of the vocal
tract is a primary cue to the perception of speaker
individuality. Generally, static features reflect the
speaker’s anatomical characteristics, while dynamic
features reflect more the speaker’s talking behavior.
The results imply that mapping of the average char-
acteristic of vocal tract would be an easy and prac-
tical technique for voice conversion. In the previous
study, we had investigated the anatomical structures
of the three subjects. The average length of their vo-
cal tract are 17.9 cm, 15.9 ¢cm and 16.5 cm for MHK,
MMM, and MSH, respectively. Even though the av-
erage length (15.9 cm) of MMM’s vocal tract is close
to the vocal tract length of a female, the first three
formant frequencies are shown similar to MHK’s val-
ues[11]. The values of the first three formant fre-
quencies were calculated from their measured area
functions. We exchange the lower formant trajecto-
ries (form F1 to F3) and higher formant trajectories
(from F4 to F7) in experiment 3. Coincidentally, we
found that higher formant trajectories conveyed the
speaker individuality between MHK and MMM. In
the case of MSH and MHK, the perceptual contribu-
tion of low formant trajectories is bigger than that
of high formant trajectories. The distances of the
average of F1-4 trajectories between the test stim-
ulus and the original synthetic speech can explain
most of the results.

5 Conclusions

In this study, we investigated the perceptual contri-
butions of voice source and vocal tract characteris-
tics to speaker individuality. The results show that

(1) Vocal tract characteristics contribute more
to the perception of speaker individuality than the
voice Source;

(2) The static (average) characteristic of the vocal
tract is a primary cue to the perception of speaker
individuality;



(3) Speaker individuality is conveyed primarily by Ack nowledg ment
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