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Abstract

Recognition and synthesis of speech require
accurate models of speech production. Inherent in
linear predictive modelling is the assumption that
the formant frequencies and bandwidths of speech
do not change within the analysis frame - usually
at. least a larynx cycle. It is shown that there
can be significant differences in formant
‘’characteristics between the closed and open
glottis phases of the larynx cycle.
A -development of the lossless tube model is
presented in which the formant variations between
.closed and open glottis phases are modelled by a
time - varying glottal reflection coefficient. A

numerically based method for estimating the
parameters of such a model is outlined. The
results of analysis and re-synthesis of female
voiced speech obtained wusing this model are

compared to those obtained using conventional LPC.

1. Introduction

The most commonly useéd models of speech production
represent -the " vocal tract by a linear predictor
[t] [5).  Such models - parametrically described
by predictor coefficients - can give excellent
results-in speech coding applications. However,
three ' simplifying assumptions, normally inherent
in linear predictive models of the vocal tract,
may lead to model inaccuracies which are more
serious in recognition and synthesis applications
than in coding.

(a) Linear predictive analysis assumes that the

vocal “tract can be represented by an all-pole
- filter.

"(b)‘In the simplest case, linear predictive
analysis assumes impulse excitation of the vocal
tract.

(c) It is assumed in linear predictive models
that the vocal tract transfer function is constant

for at. least a larynx cycle. However, observation
~and theoretical studies indicate that the
frequencies and bandwidths of formants change

within a larynx cycle. This effect can be seen in

the example of figure 1 obtained using covariance
LPC on the closed glottis and open glottis
segments of the speech wave.
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Many improvements have been made to the simple LPC

model in which assumptions (a) [9] or (b) [6] are
not made. In the model described in this paper
assumptions (a) and (b)  are retained, but

assumption (¢) is no longer made.

Closed phase analysis has  been proposed as an
improvement to standard linear predictive analysis
[10][4]. In this case, the coefficient estimates
are calculated only while the glottis is closed
and excitation is zero. These estimates are then
assumed valid for the whole cycle, including the
open glottis phase. The ‘use of closed phase
analysis can result -in' better estimates of the
vocal tract transfer function and in more
consistent formant tracks for two reasons.
Firstly, the analysis time is short enough that
the formant frequencies and bandwidths are almost
constant, and secondly, the vocal tract filter
estimate is not affected by the spectral content
of the excitation. The formant estimates for the
open glottis phase -are  inevitably wrong, but
modelling accuracy  in. ‘the open phase is less
important because the speech amplitude is normally
low.

For some speakers, the ‘true closed phase may be
extremely short or ‘even be entirely absent [2]. In
these cases insufficient data is available for the
reliable estimation of closed phase predictor
coefficients. This problem arises particularly
with female speech when the fundamental frequency
is high. /

Figure: 1"
Formant patterns for open and closed glottal
phoses of the vowel /a/for a female speoker
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This paper presents a development of the lossless
tube model of speech production in which the
changes of formant frequencies and bandwidths that
occur within a larynx cycle are modelled by a
variable glottal reflection coefficient. The
technique presented uses all the data in each
cycle for parameter estimation and does not,
therefore, suffer from the above problems that
arise with closed phase analysis.

2. The Tossless Tube Model

The vocal tract can be modelled by a concatenation
of p lossless tubes as shown in the 4 pole example
of figure 2. Changes in cross-sectional area at
the tube boundaries can be represented by p+1
reflection coefficients. If the volume velocity of
air flow at the glottis is Ug and at the lips is
Ul then the transfer function can be written [8]

P _
o 0.5(1+zxlgh T (1+x[k]) 2 P/
Y1 =
Ug = Dl2] (1)
where
1 ‘r1 1 o 1
blz] = 1 -r{q]] IV PR a1 [O]
I,z z Iz z
(2)
It can be shown that D[z] is of the form
P
nlz] =1 -} alklz ¥ (3)
k=1

where the alk] are the LPC predictor coefficients.
For example, when p = 3,
Dlz] = 1 - (r{11r(2] + r{2]r(3] + c[11e(g]) 27"

- (0112031 + £[11c(2)e(31e09] + r(2]r(a)) 272

- (x[3)ele]) 27° (4)

Conventional LPC analysis determines the predictor
coefficients a[k] which give minimum mean square
prediction error. If a value for r{g] is known or
assumed then the remaining reflection coefficients
may be obtained from the a(k] by equating the
polynomials in (3) and (4). For the particular
case of r{g] = 1, a simple recursion formula can
be used.
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Figure 2 fips

Four pole loss—less tube model
with cross—sectional areas A and reflection coefficients [i]

Theoretical studies attribute the effects seen in
figure 1 to absorption of energy in the large
sub-glottal volume during the open phase of the
larynx cycle. This effect can be represented in
the lossless tube model by allowing the glottal
reflection coefficient to vary within the larynx
cycle.

In the model described here, the glottal
reflection coefficient r{g] is assumed to be real

and is allowed to take two values - one in the
closed glottis phase and one in the open glottis
phase. The remaining «coefficients are held

constant throughout each larynx cycle. Two forms
of excitation have been used. In the first form, a
single impulse is applied at the instant of
glottal closure. In the second form two impulses
are wused: one at closure and one at opening. The
times of glottal closure (tc) and opening (to) are

determined initially from a laryngograph waveform
(Lx or EGG) [3]. The analysis procedure is then
required to determine the p+2 reflection

coefficients, the excitation impulse amplitudes
(gc, go) and, if required, the closure and opening
times (tc, to) in order to minimise the mean
square re-synthesis error.

+
high _ e 2 estimate optimise re—
speechi= pass :Eie | new r[i] gc,go,tc,to synth
estimate initial
X Mteto | | LPC riltc,to
Figure 3 Optimum parameter estimation method for the loss—less tube model
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3. Parameter estimation method

The model described above imposes the constraint
that all but one of the reflection coefficients
remain constant throughout the entire larynx

cycle. From equations (3) and (4) it can be seen
“that ' this imposes a set of non-linear
relationships between the predictor coefficients,

a(k]; in the closed phase and those in the open
phase.” It is not therefore possible to determine
‘the alk] by solving a set of linear equations as
‘is done in LPC analysis.

An iterative method, illustrated in figure 3, has
. been developed to determine the r[i] directly from
~the. speech waveform. Because this problem 1is
intrinsically non-linear, no computational penalty
is incurred in minimising the actual re-synthesis
-~ error rather than, as is done in LPC, the
" prediction error.

For each cycle, initial values for the reflection

_coefficients are determined from the results of
conventional LPC analysis [8]. Reflection
coefficient sets estimated in this way always

yield: r[g] = 1.0 for the closed phase and no value
for r[g] in the open phase. An initial estimate of
the latter parameter can be made arbitrarily (say
0.5) or by using the value obtained for the
‘previous cycle. In each iteration, a new set of

reflection coefficients is éstimated and, for this
set, the values of g¢, go, and, if required, tc
and to are calculated to minimise the mean square
re-synthesis error. The error calculated is used
in the generation of ~the reflection coefficient
estimates for the next'iteration [7] and the
process is repeated until the global error minimum
is found. :

4. Results

The analysis and re-synthesis procedure described
in section 3 has been applied to the vowel/o/
from female speech and the . results for three
cycles are presented. ‘Larynx synchronous LPC with
impulse excitation is presented for comparison.

(a) natural speech
(b) re-synthesised speech, 16 pole LPC with
- single impulse excitation )
- tc determined from Lx
(c) re-synthesis error: (a) - (b)
(d) re-synthesised speech, 14 pole model with
- variable r{g]
- single impulse excitation s
- tc and to determined from Lx

(e) re-synthesis error: (a) - (d)

.
8 (f) re-synthesised - speech, 14 pole model with
- variable r[g] =
g8 - dual impulse excitation
. - optimised tc, to
a)
% . (9) re-synthesis error: .(a) - (f)
g
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The RMS values of the original speech waveform and
of the three error waveforms (in consistent units)
are as follows:

(a) - 327
(c) - 164
(e) - 81

(g) - 48

5. Conclusions

2 speech production model has been developed in
which the glottal refection coefficient is varied
within each larynx cycle. The model parameters
are determined for minimum re-synthesis error
rather than, as with LPC, the prediction error.
Analysis and re-synthesis of speech using this
model results in significantly lower re-synthesis

error than 1is obtained using whole cycle, larynx
synchronous LPC. The re-synthesis error can be
reduced still further by optimising the times of

glottal opening and closure.

Further work on the model is directed towards the
inclusion of better excitation models of the
excitation waveform and of the time variation of
the glottal reflection coefficient.
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