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ABSTRACT

The vocal tract shapes used by a particular speaker for
nine vowels, have been measured using both magnetic
resonance imaging and an acoustic reflectance method.
These data have been used to obtain parameter values
for a simple parametric model of the vocal tract from
which the areas of a 21-section acoustic tube
synthesiser are found. A technique has been developed
for interpolating parameter values among the nine
vowel points in the f1,£2 plane. This makes it possible
to obtain area functions which. when used in the
synthesiser, will provide any prescribed values of the
first two formants within the speaker's vowel triangle.
The method effectively defines a two-dimensional
subspace of the parameter space which is accessed by
formant frequencies, thereby offering a method with
low computational cost for articulatory copy synthesis
of voiced speech.

1. INTRODUCTION

A major part of the computational effort
involved in controlling an articulatory speech mimic
arises from the process of mapping from the sequence
of vectors which describes the natural acoustic signal to
a sequence of vocal tract area functions for use in the
synthesiser. Because of thc non-uniqueness of the
mapping from acouslic vector to area functions, a
sequence musi be chosen from a large number of
candidate sequences in such a way that acoustic
matching is achieved, while using area functions which
evolve smoothly and are anatomically feasible. The
problem has recently been reviewed by Shroeter and
Sondhi [1].

One method {2] is to prepare a large
codebook, or a. sct of codebooks [3], populated with
geometric shapes obtained by random sampling of the
parameters of an anatomical vocal tract model, such as
Mermelstein's. Given a sequence of acoustic vectors
from natural speech, a codebook scarch is performed,
using dynamic programming. The aim is to find a
sequence of geometric shapes such that, when used for
synthesis, a cost function is minimised, which
combines penalties both for poor acoustic match and for
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sudden geometric changes. Although capable of
synthesising specch  with  good quality, the
computational cost of dynamically searching these
large code books is very high. Furthermore, in a
codebook generated by the random sampling of an
articulatory model, large regions of acoustic space are
sparsely covered, while some well-populated regions
are never used. The reason lies in the high
dimensionality of the space, which is such that as few
as 4 quantised values for cach of, say, 9 parameters of a
model, would lead to a set of more than 250,000 model
vocal tract shapes. Such a codebook is inefficient and
can still lead to quite large differences in geometry
among neighbouring points in articulatory space, with
consequential roughness in the synthetic speech.

The computational cost can be reduced using
neural net techniques. Rahim et a/ [4] clustered the
entries in a large codebook to form a set of smaller
codebooks, each of which was used to train a neural
net. Each net received acoustic vectors as inputs and
was trained to produce area functions as outputs. A
dynamic scarch was then performed among these
outputs.

In secking to reduce the computational
complexity further, there is clearly a need to explore
ways of reducing the dimensionality of the articulatory
space which has to be searched. Anatomically based
vocal tract models commonly use nine or more
uncoupled variables to deal with the motions of the
various articulators. Such models allow many vocal
tract shapes to be produced which are never used in
normal speech. Quite how few parameters might be
sufficient to cover the range of shapes used habitually
by a particular speaker is not known, although there is
evidence that two dimensions are sufficient to describe
tongue shapes [5] or English phonemes [6]. In the
work reported here, we have investigated the possibility
of using a two-dimensional subspace of a simple nine-
parameter vocal tract model. The subspace contains
smoothly connected vocal tract shapes and is accessed
using formants fl and f2. It has been defined using
knowledge of vocal tract shapes obtained from
magnetic resonance imaging [7] and from acoustic
reflectance measurements [8] for a chosen speaker.
Synthesis has so far been restricted to voiced speech
recorded by the same speaker and our method has been
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Fig. 1. Nine-parameter vocal tract model.

found to give good formant tracking with smoothly
evolving shapes, using a computationally simple and
efficient interpolation technique based on acoustic
matching only and without the neced for dynamic
programming.

2. THE VOCAL TRACT MODEL AND THE
SYNTHESISER

As indicated in Figure 1, the parameters of our
vocal tract model [9] comprise P1, the area of the lip
section, P2, the arca at the tonguc tip, P3,P4, the
location and area at the rear, of the tongue blade,
P5P6 and P7,P8, the positions and areas of two
extrema between P3 and the larvnx, and P9, the arca of
the section nearest the larynx. The line from the tongue
tip to the point P3,P4 at the rear of the blade is assumed
to have a fixed horizontal projection which we set at
2.0 cm, though this was allowed to become shorter if,
during optimisation (sce below), P3 moved closer than
this value to the rear of the lip section. The area of the
sublingual well between the lips and the tongue tip was
fixed at 8.0 sq. cm.

These parameters were used to determine the
areas of a 21-section acoustic tube with a section length
of 0.88 cm (corresponding to 20 kHz sampling), using
an x-coordinate versus area plot like that in figure 1, as
follows. The area is held at the value P1 for the lip
section. Then, assuming P3 to be more than 2.0 cm
behind the rear of the lip section, a straight line is
drawn on the plot from the rear of the lip section to a
point lying a half section beyond it and at an area 8.0
sq. cm greater than the lip area. This line is followed
until either the half section point or the x-coordinate of
the tongue tip is reached and then a straight line is
drawn to the tongue tip. The tongue tip to P3.P4 is
drawn as a straight line whose gradient matches, at
P3,P4, that of a cubic interpolating function from
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P3,P4 to the first extremum at P5 P6. The sections
P5.P6 to P7,P8 and from P7,P8 io the front of the
larynx section are cach a half cosine wave. The profile
so obtained is averaged in cach of the 21 sections to
obtain the areas used in the synthesiser.

The synthesiser sections were modelled using
Kelly-Lochbaum type wave filter sections as shown in
figure 2. The reflection coefficient, r, at a junction is
determined in the usual way by the areas on either side.

Frequency independent losses are allowed for by the

multipliers, o, obtained from the expression:

a=10-kL/JA

where 4 and L -are the section area and length
respectively. A value £ =48 10-3 was found to give a
suitable match to the losses expected in a real vocal
tract. The synthesiser was driven via digital filter
sections modelling, at the larynx, an impedance of 100
acoustic ohms in series with 14 mH, while the lip
radiation impedance was modelled using a resistance
57.0 / P1 acoustic ohm in parallel with an inductance

0.54/4/P1 mH.

The lip and larynx sections of the filter were
arranged to be continuously variable in length, to allow
modelling of lip protrusion and larynx lowering. This
facility has not been used in the present work but is
expected to prove useful in future work for diphone
transitions involving certain vowels.

N

N

Fig. 2 Kelly-Lochbaum filter section
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3. PRIMARY VOCAL TRACT SHAPES

Magnetic resonance image data for the
speaker's vocal tract have been obtained using the
technique described in [7] for nine vowels. Supporting
data for these same vowels were also obtained for the
same speaker [8], using a technique first described by
Sondhi and Gopinath [10], from measurements of the
reflected wave excited by an acoustic impulse entering
the lips. The acoustic reflectance method gave arca
values in reasonable agreement with those from the MR
measurements anterior to any ‘constriction in the vocal
tract, but werc not found reliable bevond the
constriction in vowels such as /i:/ and /u:/. We have
therefore relied mainly on the MR data. The arca at the
lips was estimated separately, by direct observation, as
this was not available from either method. The first
three formants of synthetic vowels obtained using these
data were calculated using covariance analysis of the
impulse response of the synthesiser. They were found
to have a mean lying within less than 10 Hz of those of
the natural speech, with an r.m.s. deviation of 180 Hz.
These nine area functions were next scaled to a fixed
length (18.5 cm) vocal tract and sampled to give area
functions for the 21-section tube. For cach vowel, the
parameters of our model were then adjusted to give the
best mean square match to the scaled arca functions.

Mean values for the first three formant
frequencies for the speaker's vowels were obtained by
averaging formant values observed for 25 different
CVC utterances of each vowel. The formants obtained
from cur model agreed reasonatbly well with those
measured from the natural speech; however, it was
thought worthwhile to optimise the parameter values to
improve the match. This was done using a simplex
search technique with a cost function based on r.m.s.
formant errors combined with a geometric penalty to
ensure a close geometric fit to the original data.

In this way we obtained parameter values for
our model for these nine vowels. The r.m.s. differences

[ e e

{
o~ £ 6= o 26

Area v. section number (lips to glottis) for sound /o:/
solid: acoustic reflectance, dotted: magnetic resonance,
dashed: optimised parameters of the 9-parameter model.

Fig. 3
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between natural and synthetic formants were 9 Hz for
1, 60 Hz for £2 and 65 Hz for 3. The vocal tract area
functions lie close to our MR data and generally close
to our acoustic area data. As an example, figure 3
shows the area functions (before normalising to 21
sections) for the vowel /o:/ obtained by the acoustic
method and by the MR method, compared with that
from our nine-parameter model after optimising the
parameters to match the natural formants.

The f1,£2 values obtained after optimising the
parameters in this way for the nine vowels are indicated
by the crosses in figure 4 and form the set of primary
points, on which we based our interpolation in the
1,12 plane.

4. INTERPOLATION TO FORM THE
ARTICULATORY SUBSPACE

We have used the "inching" technique

, described in [9] to provide additional model parameters

at approximately equal intervals along tracks joining
the primary points. First, sets of f1,£2.f3 target values
were selected by linear interpolation between two
primary points. Then, stepping along the target track,
a simplex optimisation method was used to minimise a
cost function which combined the mean square formant
error from the new target and the mean square change
in areas from the previous point. Along ecach track the
parameters were constrained to change monatonically
from one primary point to the next, in order to help
ensure a smooth evolution of vocal tract shapes. This
procedure provided parameter values at each of the
secondary points, shown as dots in figure 4.

Finally, a method based on that of Shepard
[10], as implemented in the NAG library, has been used
to interpolate among the data for the primary and
secondary points in figure 4, in order to obtain values
for cach of our nine parameters at any other points in
the f1,f2 plane. These interpolated values are
continuous along any desired track within the vowel
triangle.

Figure 5 shows the results of a test of our
method in which three target tracks, shown by the solid
lines, were defined in the f1,f2 plane. The dots show
the formant tracks produced by our synthesiser when
driven using the interpolated parameters.

5. DISCUSSION

Given the tracks for the first two formants of
voiced speech segments, our method offers a technique
for copy synthesis, using an articulatory synthesiser
controlled from a highly restricted set of vocal tract
shapes. Sequences of shapes which lie along a given
track in f1,f2 space are gnaranteed to evolve smoothly
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Fig. 4

and so no geometric penalty is needed when selecting
vocal tract area functions. The computational cost is
very much lower than is needed by dynamic search
techniques.  The third formant is generally an
acceptable match, especially for steady vowels, which
lie close to the primary points of figure 4, where the
parameters take account of the observed f3 values. The
method performs well when synthesising vowels,
diphthongs, vowel-vowel diphones and  diphones
involving the approximants /w/ and /j/. The
approximant /t/ is not so well reproduced, f3 being too
high. We arc currently obtaining MR data for /r/ and
other consonants, with the aim of implementing
appropriate interpolations of our parameters for
synthesing CV diphones. Copy-synthesised speech
sentences have been prepared and will be available to
demonstrate the method.
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