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ABSTRACT

In this paper, a two-mass model is used in order to
reproduce a particular speaker's voice. One of the aim of
this work is to reduce the number of parameters of the
model, in order to make its control easier. In the classical
two-mass model for example, this was done using the
mass-tension factor Q which gives relations between the
masses and the tensions [4]. Five characterisation
parameters are measurered on a small corpus of vowels as
to determine the distance between two glottal flow wave
shapes. Then, a genetic algorithm is used as to tune the
two-mass model commands for different pitches, in order
to extract relations between those commands.

INTRODUCTION

The articulatory synthesis is now considered as the only
way to perform a synthesis that can reflect all the
variability of the human being. A lot of improvements
have been made, especially in the description of the vocal
tract. However, speech production models are not able to
produce every kind of speech sounds and the control of
these models is not completely solved. In order to
improve the control strategies of speech production
models, inversion of speech can be a way to learn
specific control patterns (or articulatory prototypes)
using human speech signal. This approach is often
confronted with the problem of the normalisation of the
speaker's distal space with respect to the model (Figure
1). As to free the inversion from the normalisation
problem, one can adapt the speech production model to
the speaker analysed as to reduce the gap between the
speaker and the model distal space.

In this study, a modified two-mass model is used in order
to reproduce the voice of a particular speaker in three
different pitch and intensity of speech conditions.

Production Normalisation Inversion

Figure 1 : Normalisation of the speaker's distal Space
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Figure 2 : mechanical and geometrical description
of the modified two-mass model

THE TWO-MASS MODEL OF THE VOCAL
CORDS

Description of the model

The model used is based on the Ishizaka & Flanagan
two-mass model of the vocal cords [5]. Fluid mechanical
measurements, confirmed by numerical simulation
results ([6], [7]) have shown that this basic model was in
some point a crude approximation of the glottal flow.
Thus, some important modifications where proposed in
order to improve the model :

- the vena contracta effect has no physical and
physiological relevance in the case of the glottal flow.

- the flow separation point at the outlet of the
glottis is not fixed. A boundary-layer theory (validated by
measurements on glottal models) has been developed to
describe this effect [6].

- two descriptions of the glottal leakage, which
is an experimental evidence, are implemented in the
model. In the first one, we assume a constant leak,
whereas in the second one the leak is varying in time in
order to describe three dimensional aspects of glottal
closure.

- the geometrical description of the glottis has
also been changed (Figure 2). The two masses are
supposed to be points linked by rigid walls. A smooth
entrance has also been added, which allow the model to
start oscillations even with a null rest area off the
glottis.
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Parameters of the model

The two-mass model of the glottis describe before can be
controlled using twelve parameters.

ml, m2 : the value of the two masses.

k1, k2 : the tension of the springs connected to
masses 1 and 2.

ke : the tension of the spring coupling the two
masses.

Lg : the length of the vocal cords.

D : the width of the vocal cords.

De : the width of the entrance.

hc : used for the dynamic leak. Collision is
assumed before the complete closure of the glottis, when
the height of the gap between the two cords is equal to
he.

Aleak : the area of the constant leak.

Ag0 : rest area of the glottis.

Ps : subglottal pressure.

The damping coefficients di, and the collision model are
the same as in Ishizaka & Flanagan model.

Source-tract coupling

In order to reduce the computation cost, a simple model
of the input impedance of the sub and supra-glottal
cavities is coupled with the two-mass model. Two
resonance circuits are used as to describe those
impedances (Figure 3). The sub-glottal input impedance
has been calculated in [1] and the input impedance of the
vocal tract has been estimated on the speaker's speech
signal.

Subglottal impedance Supraglottal impedance
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Figure 3 : source-tract coupling model.

MEASUREMENT OF THE SPEAKER’S
CHARACTERISTICS

The determination of the speaker’s characteristics is made
thanks to a small corpus. Seven repetitions of the item
/pe/ have been recorded at three different pitches and
levels. Three signals have been recorded : the sound
pressure radiated at the mouth, the intra-oral pressure and
the volume velocity. As the use of a Rothenberg mask is
not compatible with the HiFi quality needed for inverse
filtering, the volume velocity has been estimated in a
second session. A cue tape has been used in both
sessions which assures that recordings have been made in
similar conditions. The different signals were directly
sampled at 24 kHz and recorded on a computer hard disk.

The intra-oral pressure allows to make estimations of the
subglottal pressure, Ps, during the consonant /p/,
whereas the glottal peak flow Uo is measured after a
simple low-pass filtering of the recorded volume
velocity. The speech signal is inverse filtered in order to
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make measurements on the estimated derivative glottal
flow. Four parameters are measured on the inverse
filtering output : the fundamental frequency Fo, the
duration of the closed phase Tc, two wave shape
parameters Rs and Rd (Rs = Ei/Ee and Rd = Uo/Ee*Fo,
using the LF-description of the glottal flow [2], [3],
[10]). Those four parameters are first measured cycle by
cycle, then an averaged value is calculated for each
repetition and for each pitch or level. The average and
standard deviation values for the three pitches are shown
in Table 1. In this paper, those four parameters added to
the peak flow Uo are supposed to describe completely the
speaker’s voice.

Fo (Hz) | Tc (ms) Rs Rd
LP Mean 110.2 4.37 0.49 0.115
LP std 1.0 0.12 0.075 0.005
MP mean | 121.3 4.04 0.48 0.116
MP std 1.2 0.15 0.096 0.007
HP mean 132.7 3.82 0.45 0.117
HP std 2.4 0.27 0.058 0.002

Table 1 : mean and standard deviation value for the low,
medium and high pitch measurements.

ADAPTATION‘ OF THE TWO-MASS MODEL
Method

The aim of this work is to find the proper set of
commands of the modified two-mass model in order to
reproduce as well as possible the chosen set of
parameters of the speaker's voice. This work is going to
be done for the three different pitches (where the vocal
cords structure varies whereas the subglottal pressure is
quite stable) and could then be check using the
measurement made for the three different levels (where
only the subglottal pressure varies consequently).

The measurements of the intra-oral pressure show that
the subglottal pressure used by the speaker for the
production of the three different pitches is quite constant
and approximately equal to 8 cmH20. The DC glottal
flow observed on the recorded flow (between 50 and 100
cm3/s) can be obtain with a chink of 0.02 cm2
considering a subglottal pressure of 8 cmH2O (This

chink leads to a 80 cm3/s DC flow). Those values for
the subglottal pressure and the glottal chink will be used
for all the simulations in the following.

A genetic algorithm {8] is used as to find the set of
parameters that provides a glottal flow as close as the
one produced by our speaker. As to calculate the error
criterion for the algorithm, the distance between the
parameters Fo, Uo, Tc, Rs, Rd measured on the
simulated flow and the speaker’s voice is calculated. The
algorithm will be run for the three pitches.

Results

A first optimisation, using a large command space of the
two-mass model, have shown that we have to deal with
many to one problems in this study. Thus, the intervals
of variation of the commands have been first reduced
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Figure 4 : results of the genetic algorithm for the three
pitches - command parameters vs Fo (Hz).

considering simple physiological remarks (the tensions
increase with the pitch while the masses decrease, etc..).
Then, a second selection of the solutions has been made
by comparing the return phase of the simulated flow
with the inverse filtered one. The difficulty of an
automatic measurement of this parameter prevented us
from using it in the algorithm, but by superposing the
two signals a supervisor can decide if the solution must
be kept or not.

After several interval reductions, a realist solution as
been founded (Figure 4). This solution seems to be
compatible with most of the theories on pitch control
[9]. The pitch is raised by the action of the cricothyroid
muscles that stretch the vocal folds, the result is an
elongation of the cords, which increase the tensions. The
constant volume of the vocal cords explains that the
width decrease with an elongation of the vocal cords. The
increase of the stress can also explain that the masses of
the vibrating part of the vocal cords decrease.

Using the results shown in Figure 4, one can easily find
linear relations between the parameters Lg, m1, m2, k1,
k2, ke, D, De and hc. Then the commands of the
modified two-mass model can be reduce to three using
the parameters Ps, Lg and AgO.

Figure 5 show fittings of the simulated flow derivative
with the inverse filtered one. The main differences occur
during the close phase, which can be caused by the
simple description of the source-tract interactions and by
the poor estimation of the input impedance of the vocal
tract. The excitation peak preceding the close phase, and
the return phase of the speaker's flow derivative is well
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Figure 5 : two-mass model flow derivative
compared with speaker's inverse filtered flow
derivative (thin lines).
top to bottom : low, medium and high pitch.

fitted by the simuiated flow, which is crucial in terms of
voice quality.

Variations of intensity

The analysed item has also been recorded at three different
levels, the subglottal pressure value for each levels is
given by the measurements of the intra-oral pressure. For
the low, medium and high level, this value is 5, 8 and
12 cmH7O. It was first assume that the structure of the
vocal folds was constant for the three levels, but the
analysis of the signals has shown that the speaker has
kept a constant pitch equal to the confortable voice pitch
(120 Hz) for all uterances. Thus, as to fit the speaker's
voice for the different voice intensities, the two-mass
model pitch control parameter (Lg) has been changed for
each signal. The other parameters are calculated using the
refations find before. Superpositions of the simulated and
inverse filtered flow derivative for the low and high
levels are shown in Figure 6 (the medium level signal is
equivalent to the medium pitch signal). The parameters
used for the low and high level are those find for the high
and low pitch.

CONCLUSION

This work has shown that, using a genetic algorithm
minimising the distance between two sets of parameters
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Figure 6 : two-mass model flow derivative
compared with speaker's inverse filtered flow
derivative (thin lines).
top to bottom : low and high level.

describing the glottal flow, the modified two-mass model
was able to reproduce inverse filtered glottal flow wave
shapes. The strategies used are compatible with theories
on the physiology of phonation, especially concerning
the pitch control, and those results seem to be robust
toward the intensity control of speech.

However, the chosen set of parameters used to evaluate
the distance between two voice characteristics does not
describe precisly the flow. The introduction of a return
phase parameter could have been helpfull to deal with
many to ones problems, but its automatic measurement
is still a problem.

Finaly, it has to be noticed that this work does not
establish the ability of the modified two-mass model to
reproduce a speaker's voice. The work has been done for
only one voice register (spoken voice) of one speaker,
and phychoacoustic tests should be done in order to prove
the similarities of the voice source.
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