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ABSTRACT

Two different parametric models of the vocal tract have
been developed. These have been used to obtain area
functions for use in an articulatory synthesiser based on
the Kelly-Lochbaum model. Random sampling of the
geometric space spanned by the model has been
performed to obtain a codebook for use in spectral copy
synthesis. A dynamic programming search of this
codebook produces intelligible synthetic speech, but the
overall quality is limited by the density of codebook
entries in articulatory space. To increase the coverage
without significantly increasing the codebook size, a
method of generating several small codebooks, each of
which covers a small amount of acoustic space has been
developed. By using codebooks which map the regions of
acoustic space defined by voiced diphones, it has been
possible to significantly improve the quality of the
synthetic speech.

1. INTRODUCTION

There is great demand for high quality synthetic speech
for a variety of applications. While Formant synthesisers
have had significant success, they are based on a rather
artificial model of the wvocal tract. Articulatory
synthesisers which attempt to model the actual speech
production mechanism promise greater naturalness, but at
the expense of a higher computational load.

Articulatory synthesisers model the vocal tract as the
concatenation of several uniform cylinders as shown in
figure 1. Solution of the wave equations in each tube
leads to a time domain filter structure known as the Kelly-
Lochbaum structure [1]. The structure for tube £, and its
Jjunction with tube £-1 is shown in figure 2. The refection
coefficient r; is given by:
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The frequency dependent losses are approximated by
introducing a fixed attenuation coefficient in the forward
and reverse paths with value given by:

_ 0.004Ax

VA,

The lip termination is modelled as an inductor in parallel
with a resistor with values:

o, =1 (2)

R, =144Z,

3)
L, =24acZ,
where a is the lip radius, ¢ is the velocity of sound in
moist air, and Z; is the impedance of the first section
(39.9/4)).

The glottal shunt impedance is modelled as a resistor of
91Q in series with an inductor of 6.8mH [2]. These
components are converted to digital equivalents using the
bilinear transform.

The sampling rate is determined by the section length. For
a 17.5cm tract divided into 20 sections, this is 20kHz.
This is then decimated by a factor of two to give a final
sampling rate of 10kHz. The high sampling rate reduces
the effect of frequency warping introduced by the bilinear
transform.

2. ARTICULATORY MODELS

In order to generate synthetic speech it is necessary
present sequences of 20 areas (known as area functions)
to the synthesiser. While it is possible to specify all 20
areas independently, this is not desirable because of the
large amount of parameters that must be specified and
because it is easy to generate area profiles that are
anatomically impossible.
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A better approach is to use some form of parametric
model that allows the entire area function to specified by
a few variables. Two different parametric models have
been developed from measurements made using Magnetic
Resonance Imaging [3]. One is based on the Mermelstein
model [4] and uses nine parameters to specify the location
of key articulators such as the jaw and the tongue. These
are used to construct a mid-sagittal vocal tract outline
which is then sampled at a uniform spacing to generate an

area function. The second model is a quasi articulatory-

model [5] where nine parameters are used to specify the
vocal tract directly. The first model is slightly more
flexible while the second is easier to manipulate and
requires less computation to map model parameters to
area samples.

3. CODEBOOK GENERATION

In order to perform articulatory spectral copy synthesis it
is necessary to be able to obtain model parameters
directly from the natural speech waveform. This is
difficult as this inverse operation can not be specified
analytically and is non-unique.

A popular approach is to use a codebook [6]. This is
produced by generating thousands of random sets of
synthesiser parameters and storing them along with a
spectral representation of the corresponding synthesiser
output. Synthetic speech may then be generated by
dividing the natural speech waveform into a series of
frames, and for each frame in turn searching the entire
codebook to find the best match using a suitable spectral
distance measure. This is shown in figure 3.

The problem of the non-uniqueness of the mapping can
be reduced by using a two component cost function when
searching the codebook which also penalises changes in
area function between successive frames. This can be
improved further by applying a dynamic programming
search algorithm [7].

4. DIPHONE SYNTHESIS

Using a single large codebook suffers from several
disadvantages: some regions of acoustic space that are
used by a given speaker may be inadequately represented
by the codebook while other regions that are never used
may contain many entries. Thus in order to ensure a good
coverage of the entire acoustic space an extremely large
codebook is required which requires a large amount of
storage and takes a prohibitively long time to search,

The approach taken here is to identify regions of space
used by a given speaker and to densely populate these
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areas. t was decided to divide the acoustic space into
several zones each defined by a voiced diphone, and to
generate a separate codebook for each region.

A diphone is defined to be a segment of speech
corresponding to the stationary part of one phoneme to
the stationary part of the next phoneme. The sentence "we
were away a year" (/wi wor owel 9 j3/) can be divided
into diphones: wi-iw-we-or-ro-ow-wel-12-9j-j3. This can
be synthesised from a total of six diphones:
wi,ow,or,weL I, and j3.

A large codebook containing 23686 entries was generated
using the random sampling method. The region of
acoustic space corresponding to each diphone was
identified and the codebook entries lying within that
region were selected. Figure 4 shows the entries for
codebook /wi/ along with an actual formant track from a
real utterance. This codebook contains 686 entries. These
codebooks were then extended by a factor of 10 by
adding a small amount of random jitter to each entry, this
produces a more densely populated codebook. Figure 5
shows the locations of the entries in the extended version
of codebook /wi/.

It has been found the quality of speech produced by these
codebooks is better than that synthesised from a single
codebook. Also there was little difference between the

two articulatory models, although the second model was
significantly easier to use.

5. RESULTS

A spectral distortion measure was defined as:

_ 15 [ p_ p)
IR o

where E(k) and é(k) are the i’th frequency samples for
frame k and N; is the number of voiced frames.

Tests were performed using the utterance “We were away
a year”. For the single large codebook, the distortion
produced by a simple search using a filtered-liftered-
cepstral distance measure was 4.32dB, adding a simple
geometric penalty reduced this to 4.10dB, and the use of
dynamic programming reduced this to 4.02dB. Using the
diphone codebooks and dynamic programming produced
a spectral distortion of 4.02dB and using the expanded
codebooks produced a distortion of 3.86dB. The
perceptual quality of the speech was significantly
improved
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6. CONCLUSION

Two different articulatory models have been developed
and used to generate codebooks, for use by an articulatory
synthesiser based on the Kelly-Lochbaum structure. A
method has been developed for generating small, densely
populated codebooks each designed to generate a voiced
diphone. The quality of the synthetic speech has been
significantly improved.
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Figure 1: The concatenated tube model.
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Figure 2: The Kelly-Lochbaum model.
Codebook

R

Natural
Spectral Spectral VT
: pec . T.
MM 4 Analy51s Vector Vector
Speech Parameters
Pitch, %
ne
Synthetic il
. Vocal Tract Parameters
MJ\f\ €——]{Synthesiser &
Speech
Figure 3: Spectral copy synthesis using a codebook
f for diphone Mt f for d diphone i/
2500 T T T T T T T T T 2500 T \ —— T T —r— T T
2000} 2000} 1
%1500 §1soop
§ oot oot
\
5001 B 1 5001 8
% 100 20 300 400 50 800 700 80 900 1000 % 100 0 w0 400 %0 600 700 800 900 7000
First formant (Hz) First formant (Hz)
Figure 4: F1/F2 Space of codebook /wi/ along with Figure 5: F1/F2 Space of expanded version of with
formant track. formant tract.

Copyright 1997 IEEE 1638



