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ABSTRACT

A method to determine the vocal-tract cross-sectional area
function from acoustical measurements at the lips is ana-
lyzed here. Under the framework described by Sondhi and
Gopinath (1971) and implemented by Sondhi and Resnick
(1983), a sensitivity analysis of the vocal-tract area func-
tion, derived from the impedance or reflectance at the lips
is performed. It indicates that, in the ideal case, the area
function is not heavily affected by random distortions of the
impulse response at the lips. Simulations and real measure-
ments show that the method works relatively well, except
for regions behind narrow constrictions. In this case, an ex-
citation pulse with high energy, as well as a fine sampling,
proved to be important. The excitation used here is a time
stretched pulse. It produces an excitation with high en-
ergy without the necessity of a high power sound generator
device.

1. INTRODUCTION

The acoustic behavior of the human vocal-tract depends ba-
sically on its cross-sectional area function[6], at least during
the production of voiced sounds. This reason is enough to
make the determination of human vocal-tract area func-
tion, during the speech production process, an important
problem for speech science.

This problem can be approached by a number of dif-
ferent forms: Reconstruction from 3-D CT data[ll, 2] is
possible, but limited to static positions, since the scanning
time (with presently available technology) is not inferior to
several seconds. Estimation from 2-D midsagittal profiles[2]
is also possible, but the error due to the 2-D to 3-D mapping
is only reasonable. In addition, if the 2-D data are obtained
by MRI, then scanning time prohibits data acquisition at
a good frame rate. If cineradiography is used, then x-ray
dosage problems must be taken into account. When x-ray
microbeam, electromagnetic, or ultrasonic techniques[10]
are used, again, only partial information about the area
function is obtained. In these cases, it is possible to get
the remaining necessary information by combining the im-
age data with acoustical information present in the speech
signal[4].

The estimation of the area function, based only on the
speech signal can not be accomplished[7]. The information
present in the speech signal can, however, be combined with
prior information (given by positional and dynamical char-
acteristics of the human vocal-tract) to allow the estimation
of the vocal-tract geometry in terms of some parameter set,
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from where the area function can be derived(12, 3, 5]. How-
ever, in order to obtain such prior information, (at least)
one of the above cited methods, or the method examined
here, has to be used.

An alternative acoustic method is to derive the area
function from the vocal-tract impulse response at the lips.
A procedure to realize it was described by Sondhi and
Gopinath[9], and implemented by Sondhi and Resnick(8)].
Some advantages inherent to this method are: it allows di-
rect estimation of the area function (in contrast with imag-
ing methods), acquisition of information at a frame rate
of several frames/sec. (in contrast with MRI), and abso-
lute safety for the subject (in contrast with x-ray). When
compared to transfer function based methods(7], it allows
independency of information about glottal source and tract
length, low degradation due to the lack of high frequency
information, and reasonable correction for losses. The dis-
advantages are mainly related to the accuracy of a practical
implementation of the method.

The objective of this paper is to extend the analysis
done in[8] by a study of the sensitivity of the estimated
areas due to distortions of the measured impulse responses
at the lips. Simulations are realized with the purpose of
obtaining a good estimation of the accuracy of the method.
Real measurements are also performed.

2. THEORY

In[9] it is shown that if f(x,t) is the solution of the integral
equation (written in a normalized unit system where the
sound velocity ¢, the air density p, and the lip area Aq are
all unity.)

fe =3 [ ae-rbiGnin Mss )

-

where z is the distance from the lips and ¢ is time; then the
vocal-tract area function is given by

Alz) = f(z,2). ()

The kernel h(|t —7|) of the integral equation is defined from
the impulse response at the lips, which is of the form

h(t) = 8(t) + h(t), 3)

and expresses the time domain relationship between pres-
sure and volume velocity at the lips

P(0,t) = / t U(0, t)h(t — 7)dr. (4)
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Alternatively, it is possible to solve the problem defined
by the following equations{8]

8U  U(z,z)8P  _

3z T Plz,z) ot = 0 (5)

8P  P(z,z)oU . _

5;+U(a:,z)§ =0 ®)
p(z,t) = ~(z)U(=z,?), )

m(a:)-aa—?+b(a:)ﬁ+ K(z) / e, r)dr = P(z,1), (8)

i(z,0) =0, oi(ez) = 0, (9)

with boundary conditions
P(0,t) =1+S(t), U(0,t)=1-S(),  (10)
and the causality condition
U(z,t) = P(z,t) = 4(z,t) =0, forz >t (11)
The area function is then given by

Alw) = 5.

(12)

Here, = and ¢ are position along the tract and time in the
normalized unit system; U(z,t) and P(z,t) are respectively
sound pressure and volume velocity inside the tract; pis the
pressure drop per unit length due to viscous losses; % is the
volume velocity shunted by the tract walls per unit length;
m(z), b(z), and K(z) are respectively the wall mass, re-
sistance, and stiffness along the tract; v(z) is the viscous
resistance; and S(t) is the step reflectance at the lips (i.e. re-
flected pressure when the incident pressure is an unit step).

Hence, if the impulse response or the (step) reflectance
can be measured, the area function can, in principle, be ob-
tained. An experiment, as well as simulations based on
this method, (and on variations of it) were carried out
in[8]. From the results presented there, is was observed
that the method works well for the vocal-tract front cav-
ity, but presents problems concerning the estimation of the
back cavity (when existent). The reasons for such problems
will be examined in the next sections.

3. EXPERIMENTAL APPARATUS

An apparatus, similar to that described in[8] was assembled
(see Figure 1). In the system implemented here, the acous-
tic tube is made of brass, with an an internal diameter of
2.25cm, and a total length of 125cm. A I inch condenser
microphone (B & K 4414) is used as speaker; while the used
microphone, placed at 65cm from the speaker, is a 1/4 inch
condenser microphone (B & K 4135) with a pre-amplifier.
The sampling frequency of the AD converter is 64kHz.
The filter is an anti-aliasing filter which also removes
low frequency AC noise and spurious drifts. Its lower and
upper cutoff frequencies are respectively 60Hz and 16kHz.
Admittedly, the lower cutoff frequency is rather high. It was
chosen so due the fact that the microphone presently used

as sound source, with a pipe as acoustic load, has a deriva-
tive characteristic, which produces a sound pressure that
decreases with frequency at 20db/decade. In the future,
with a better sound source available, this cutoff frequency
can be lowered to 3 or 5Hz. The upper cutoff frequency
could have been chosen at any intermediate point between
the sound source upper limit frequency (10kHz), and the
Nyquist frequency of the AD converter (32kHz).
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Figure 1: Experimental apparatus used in the measure-
ments.

4. EXCITATION PULSE

In order to estimate the vocal-tract area function, it is nec-
essary to measure the reflectance at the lips (from where the
acoustic impedance and step reflectance can be derived|8]).
Since the reflectance is defined by the reflected signal com-
ing from the vocal-tract when the incident signal is an im-
pulse, the ideal excitation pulse would be an impulse. How-
ever, once the sound source has finite power and bandwidth,
such an excitation can not be physically realized.

In a practical system, an impulse can be approximated
by a very short pulse with power as high as possible[8].
An alternative approach, adopted here, is to use a time
stretched pulse[l] (TSP). A TSP has basically the same
magnitude spectrum of a band-limited impulse. The dif-
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Figure 2: Time stretched pulse used in the measurements.
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ference is in the group delay spectrum, which is zero for all
frequencies in an ideal impulse, and linear in a TSP. Thus, it
is possible to adjust the group delay and distribute the fre-
quency components of the excitation pulse along the time.
Therefore, the energy of the pulse is not concentrated in a
very short interval any more, and the power requirements
of the sound source can be alleviated.

From another point-of-view, in the implemented exper-
iment, the excitation pulse can not be too long, otherwise
there would be interference between incident and reflected
pulses. Considering the dimensions of the acoustic tube
used in the system, an appropriate excitation pulse should
be contained in a time interval of about 2ms.

An illustration of the pulse used in the measurements is
shown in Figure 2. The bandwidth is limited to 10kHz be-
cause the mathematical model used to derive the area func-
tion uses the hypothesis of plane wave propagation, which
can not be ensured for higher frequencies. (In fact, the
theoretical limit for a tube with a diameter of 2.25cm is
about 7.6kHz.) If a wider bandwidth is used, then either
the pulse becomes prohibitively long, or less energy is given
to the frequency range of main interest.

5. THE MEASUREMENT PROCESS

The process used to estimate the area function is illustrated
in Figure 3 and described in detail in[8]. The first step is to
determine the reflectance. Looking at Figure 1, it is possi-
ble to see that, for a given incident pulse, the reflected pulse
of an unknown cavity (c), acquired at the microphone, is
the result of the convolution of the reflectance of the cavity
with the reflected pulse obtained when the acoustic tube is
ended by a hard termination (a). The reflectance can then
be obtained by a deconvolution procedure. In order to can-
cel deterministic undesirable signals, the response obtained
with a longer tube (b) is subtracted from both hard termi-
nation (a) and cavity (c) reflected signals. The results are
shown in figures (d) and (e), respectively. The reflectance,
obtained from the deconvolution of (d) out of (e), is shown
in Figure (f).

Next, the first millisecond of the step reflectance (h) is
obtained by direct integration of the first millisecond of the
reflectance (g). The first t7cm of the cavity can then be
estimated by a numerical solution of the system of equa-
tions described in section 2. The square root of the area
obtained for this example is shown by the solid line in (i),
while the real cavity is represented by the dashed line. A
brief analysis of the result indicates a good match up to the
second subcavity, and large discrepances in the last (back)
subcavity. There are two groups of causes for such discrep-
ances. One is related to the formulation of the model that
describes the acoustics of the system([8]. It includes losses,
plane wave assumption, etc. The other is related to the
accuracy of the measurements, and affects mainly the back
cavity, which is reached by only a small fraction of the en-
ergy of the incident pulse. Moreover, the estimation error
along the cavity is cumulative, since the estimation of the
area at a given point depends on the area estimated before
it. Some aspects of this fact will be seen in the next section.
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Figure 3: The measurement process for a rigid cavity.
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6. SENSITIVITY ANALYSIS

In order to understand some factors that have influence on
the accuracy of the method, basic simulations are carried
out here. Figure 4 shows sampling effects. In this figure, the
solid lines show an area function and an impulse response
that are analytically related[9]. The dotted and dashed lines
show the areas obtained from simulations where the impulse
response was sampled at 50kHz and 200kHz, respectively.
It can be seen that a high sampling frequency is particularly
important for the back cavity estimation.

Figure 5 illustrates the problem of corruption by noise
of the impulse response. It is interesting to note that, if the
sampling rate is sufficiently high, the area function is quite
insensitive to a zero mean additive random noise corruption
of h(t). (It happens due the fact that A(z) is directly related
to an integral of h(t).) Unfortunately, during the measure-
ments, noise is many times result of spurious reflections of
the signal and, hence, is not really random noise.
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Figure 4: Theoretical (solid line), and simulations at sam-
pling rates of 50kHz (dotted line) and 200kHz (dashed line),
of the area function correspondent to an impulse response
of the form h(t) = 6(t) + h(t) where h(t) = 3sin(nt).
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Figure 5: Theoretical (solid line), and simulations at sam-
pling rates of 50kHz (left) and 1MHz (right), of the area
function correspondent to the same impulse response of
Fig.1. Here, h(t) is corrupted by gaussian white noise. The
SNR is 3dB in the left (10 realizations are shown), and 0dB
in the right (one realization is shown).

7. CONCLUSION

A method for direct acoustical measurement of the human
vocal-tract area function is studied here. The method is
based on the relationship between the reflectance (or im-
pulse response) at the lips and the area function. In the
experimental procedure, the use of a time stretched pulse
has shown to be effective to obtain the reflectance. The
example given in section 5 shows that the method works
relatively well, but also shows the difficulty to obtain accu-
rate measurements of “back cavities.”

In the semsitivity analysis, the importance (especially
for the back cavity) of a fine sampling of the measured im-
pulse response is shown. Another point observed here is the
low sensitivity of the area to zero mean noise corruption of
the impulse response at the lips (if the sampling rate is high
enough). .

At this moment, preliminary experiments are being car-
ried out with human subjects and compared with the results
of lossy cavities. The main points that still need to be im-
proved are the sound source, the coupling between mouth
and the acoustic tube, and modelling of losses.
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