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ABSTRACT

The temporal variation of the tongue profiles, derived
from X-ray film data, are described in terms of those
of four articulatory parameters. A filter model of
movement for each tongue parameter is developed in
which the impulse response is described by a damped,
linear second-order system. The filter describing the
system are assumed to be time invariant, and the
excitation model is represented by a train of pulses.
This model, excited by a limited but large number of
pulses, produced a faithful synthesized movement. In
this paper, our objective is not the faithful reproduc-
tion of the movement. Rather, our interest is to find
out something about the nature of inter-articulator
coordination during speech by analyzing the organi-
zation of pulses. Because of this objective, we de-
termine the minimum number of pulses necessary to
describe movements using the difference limen of for-
mant frequencies as an acoustic criterion. The pre-
liminary analysis suggests that this number depends
on the phonetics features in the utterance, of which
their realization is related to particular articulatory
parameters.

1. INTRODUCTION

Biological and physiological systems are complex, be-
ing inherently higher-order and nonlinear. The tra-
ditional way of handling such a system is to start
with a simple model and then gradually evolve to a
more complex model as increased understanding is
obtained and new questions are raised.

Over the years, many models have been proposed
to match the trajectory of human movements. They
are ranging from simple linear models with constant
coefficients [2] to higher order norlinear models which
incorporate the effects of a large number of biophys-
iological and mechanical variables [7]. Each of these
modeling approaches has its advantages and disad-
vantages, and the type of model used will depend
strongly on the goals of the study [i4]. One possi-
ble approach based on an input-output analysis of a
given task resulted in a simple second-order differen-
tial equation. In this case, articulatory movement is
assumied, & priorl, a “time variant” viscoelastic-mass
system [4].

In this paper, we develop such an approach with
time invariant filter and show that it produces a good
agreement between observed and measured tongue
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movements. By another way, our results show that
the articulatory organization at the neuro-muscular
level involves a production unit whose length is com-
parable to that of syllables. Finally, it appears, in
a preliminary analysis of the pulse excitation that
not the whole four parameters but only some selected
ones at time are involved in the production of a given
phoneme. Their activation depends on their contri-
bution to produce the phonetic features.

2. DATA

The data used to test the model consist of the tem-
poral variation of tongue profiles in the mid-sagittal
plane. The profiles are obtained by manually trac-
ing, frame-by-frame, X-ray films shot at a rate of
50 frames per second during the production of 10
French sentences uttered by two female speakers. An
articulatory model is derived as the result of a fac-
tor analysis on the measured tongue contours. In
this model, the tongue profile is specified by one ex-
trinsic parameter, jaw position jw (open/close), and
three intrinsic parameters, tongue-body position tp
(back/front), tongue-body shape ts (arched/flat) and
tongue tip position tt (up/down). These four param-
eters suffice to specify the entire mid-sagittal tongue
shape with reasonable accuracy, since they explain
more than 90% of the variance of observed tongue
profiles. The parameter values are calculated from
each frame of the X-ray data.

3. ENHANCEMENT OF DATA QUALITY

The parameters are corrupted by measurement noises.
This phenomenon will have an influence on the accu-
racy of the estimation of system parameters. In or-
der to extract the clean movements from noise, the
eigendecomposition of the sample covariance matrix
of measured data is determined. Based on its eigen-
values, the observed parameters space is separated
into two mutually orthogonal subspaces, the signal
subspace and the noise subspace. The signal subspace
eigenvectors are then used to construct the enhanced
parameter variations, i.e, movements [12].

Figure 1 displays typical plots of the noisy and
enhanced spectra of tp and tt movements (jw and
ts show similar results as tp) calculated over each
utterance. This figure shows only one peak for tp. So,
this parameter might be modeled by the second order
filter. The spectra of the different utterances show a
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Figure 1: Spectra of enhanced (solid line) and original
noisy (dashed line) movements. tp specira are shown
in the left and tt spectra at the right.

large differences in the peak amplitude while the peak
frequency is relatively constant. The parameter tt is
very noisy. It corresponds to the fourth components
of data analysis which represents only 9.2% of the
total variance of tongue profile observed in the X-ray
film data. Examples of enhanced parameter patterns
are shown in figure 4.

4. MODELING MOVEMENTS

Each articulatory movement is assumed to be the
output of a time-invariant auto-regressive (LPC) fil-
ter. This hypotheses means that motor programs
controlling muscular forces might be such as to pro-
duce a nearly constant stiffness condition because of
the physical benefits of achieving movements which
are both optimally smooth and energy efficient, as
speculated by Nelson [11]. Actually, the compari-
son between the optimum movements with respect to
various physical performance constraints, such as en-
ergy and rate of change of acceleration (jerk), shows
the remarkable similarity of movements predicted by
the linear-spring invariant model and by performance
with minimum-energy-cost constraint.

5. MLPC ANALYSIS

The LPC synthesis filter consists of two parts, the
de-emphasis (g) and the auto-regressive (h) filters to
be identified.
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Figure 2: Synthesis model of articulatory movements.

5.1. De-emphasis filter g
In the synthesis model, the transfer function of the
de-emphasis filter g is defined as follows:

1
G(Z) = —l_,__(}_;:-l.

(1)

The value of « is determined empirically in the man-
ner such that the error of synthesized movement will
be small. Note that this value is not critical, and any
values between 0.4 and 0.8 did not significantly alter
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the results. So, we have chosen « equal to 0.5 for the
four articulatory parameters.

In the analysis the inverse of the de-emphasis filter
is used as the pre-emphasis . The role of the pre-
emphasis is to flatten spectral tilt, contributing to
correctly identify the poles at high frequencies.

5.2. Second order filter 2

The auto-regressive (AR) system is the second order
filter. It can be specified by its transfer function:

1

HO) = fosyaoy e O
The AR coeflicients are identified using the autocor-
relation method of the standard LPC technique [10].
They are converted into the conjugate pair of the
poles. The pairs of the poles derived from tp move-
ments are plotted on the z-plane as shown in figure 3.
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Figure 3: Poles distribution for the 10 uilerances.

Superposition of the spectra such as shown in fig-
ure 1 exhibits a large variation in the peak magnitude
but not in frequency. This is reflected in the aver-
aged value of the peak values but not in that of peak
frequencies as shown in table 1. This means that a
high degree of apparent spectral dispersion is created
by a large variation in damping while the stiffness is
relatively constant. The large standard deviations

articulalor || f.(Hz) | fe(std) || Ar | A.(std)
jw 2.6 0.8 16.9 | 11.4
tp 2.6 0.6 28.6 | 169.5
ts 2.4 0.3 30.3 | 73.6
tt 1.9 1.1 26.5 | 221.2

Table 1: - Average peak frequency f, and magnitude
A, of the four tongue articulaiory parameters.

observed on the magnitude don’t disturb significantly
the pattern of the excitation as we discuss it latter.

From relatively small standard deviation in the
frequency, we judge that the average poles position of
each parameter can be used to determine the synthe-
sized filter. The corresponding impulse responses in-
cluding the de-emphasis filter exhibit highly damped
characteristics with an effective duration of 140 to
200ms [3]. Because the command is represented by
the train of pulses, these impulse responses behave as
an elementary gesture.
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6. BIOMECHANICAL INTERPRETATION
OF THE FILTERS

The speech biomechanical chain from the mind of the
speaker to the sound waves is composed with two sys-
tems: physiological system and mechanical system.
The trajectory movements are often characterized by
mechanical system which is described by the second
order filter. However, in a study of movements in
handwriting, Yasuhara identified two systems corre-
sponding to the second order filter and first order
filter [15]. He associated the over-damped system
composed of the real pole with the hand (force to
movement) system, and damped resonator composed
of the two complex conjugates poles with the muscu-
lar (neural command to force) system. This identifi-
cation principle is based exclusively on the physical
condition that the hand mechanical system could be
considered to be of an over-damped process.

We support this interpretation. But our claim is
based on the natural frequency calculations. The pole
frequencies of the identified second order system is
about 3Hz [3]. However, the natural frequency of
the human tissues seems to be much higher than 3H z.
For example, the oscillation frequency of the lips dur-
ing bilabial stops release is approximately 33H 2z [6].
The mechanical resonance of cheek tissues, measured
for tensed or relaxed condition, was found in the fre-
quency range from 30 to 60H 2z [9]. These values sug-
gest that the natural frequency of articulators is much
higher than 3Hz. Consequently, the second order
filter corresponds to the physiological system. It is
regarded as a force generator. Furthermore, if the
natural frequency of the mechanical system is higher
than that of the physiological system, the mechan-
ical system would behave as the first-order filter in
the frequency range of the observed movement spec-
tra, which is below, say, 10H z. This suggest that the
articulatory organ can be regarded essentially as the
viscoelastic system and the effect of mass can be ne-
glected. Our filter approach is coherent with a Hill
type muscular contraction model [8].

7. MULTI-PULSE SYNTHESIS

Fach filter is excited by a sequence of pulses repre-
senting articulatory commands. We use the filter with
the averaged pole positions for the 10 utterances, as
described in the section 5.2. The position and the am-
plitude of the excitation pulses are determined from
the measured movements using an MLPC method
(Multi-pulse LPC) proposed by Atal and Remde [1].
The pulse position are determined with step by step
fashion. At each step, the amplitude of the all deter-
mined pulses are recalculated to minimize the differ-
ence between the observed movement and synthesized
one. We note that the determined pulse sequences are
similar to those determined using the filters which
are identified for individual sentence. The accuracy
of the MLPC synthesized movements monotonously
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improves with an increase in the number of excitation
pulses [3]. Our experiment shows that when the num-
ber of pulses is neighboring the number of syllable in
the sentence, the synthesis error is reduced about 70%
of the total error. The question we raise is how many
pulses are needed to synthesize the observed artic-
ulatory movements. Is it necessary to have a high
accuracy of the synthesized movement? In the artic-
ulatory domain, it is difficult to establish a criterion
for this. We, therefore, resort to an acoustic criterion.

8. MINIMUM NUMBER OF PULSES

The number of the minimum pulses mj for each pa-
rameter is determined by using the difference limen
(DL) measured by Flanagan [5]. The first four for-
mants frequencies along the sentences are calculated
from the measured articulatory movements as refer-
ences, Fr.s. These references formants patterns are
then compared with those calculated from a single
MLPC synthesized parameter, F,yn j, j = jW, tp, ts,
or tt. The values of the three remaining parameters
are the measured ones. In these formant calculations,
the measured lip movements, described by two pa-
rameters, are used.

The error between the first four formants frequen-
cies of Frey and Foyn j, F(n),n=1,...,4,in terms of
“energy” is calculated as follows:

N 4
Eimi =23 (Fimj(nk)— Fi(n, k)%, (3)

k=in=1

where 1 is the sentence number, m dis the number of
the pulses and N corresponds to the vowel duration.
The value of m] represents the minimum number of
pulses necessary in synthesizing the perceptually ac-
ceptable formants patterns for the parameter j. This
number was always less or equal to the syllable num-
ber in the sentence. Figure 4, illustrates one example
for the sentence “Une réponse ambigué”. The de-
termined number of pulses depends on the type of
parameters; m,, =5, mi, = 6, mj, =3 and mj;, = 2.
Note that the number of syllables in this sentence
is equal to 6. The observed and synthesized move-
ments show large differences, especially for tt and ts.
However, F,y,, calculated from the four synthesized
movements with the minimum number of pulses, ex-
hibits the error tolerance less than DL, as shown in
figure 5. So, a great accuracy in synthesized move-
ments isn’t necessary to produce formants frequencies
of vowels with reasonable accuracy. Otherwise, error
in the articulation can be very high when the pa-
rameter isn’t directly involving in the production, for
example tt for [oN,1,y]. The first tt pulse is located
at the vicinity of /n/ and the second at near /s/, both
requiring for the articulation of the tongue tip. The
number m} seems to be in relation with the number
of the phonetics features inherent to the parameter.
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Figure 4: observed (solid line) and synthesized

(dashed line) movements with the minimum pulses for
tp and tt parameters.

9. CONCLUSION

In this study, we have demonstrated that the articu-
latory movements can be described as the output of
the simple filter excited by small number of pulses.
The results show that the number of pulses necessary
for each movement to synthesized formants frequen-
cies of vowels is always less or equal to the number
of syllables in the sentence. This is explained by the
fact that the effective duration of the filter’s impuise
response is comparable to that of the average sylla-
ble duration in the sentences, 180ms. Moreover, it
suggests that articulatory controls involve a unit of
production whose length is about the size of syllable.
Having the method that allows us to describe the rel-
atively complex articulatory movements in terms of
a small number of pulses, our objective now is to in-
troduce a constraint for controlling individual artic-
ulator movements in order to effectively describe the
coordinated orchestration of the individual articula-
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Figure 5: Fy.y (solid line) and F,y, (dashed line).

tory movements during sentences.
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