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ABSTRACT

When dealing with hyperbaric speech, the enhancement of the
intelligibility is an analysis-synthesis problem in which the
deconvolution between the excitation and the vocal filter is
kmown to be crucial. However, the hyperbaric voiced speech
signal is characterized by specific properties which are proved
to be of interest in the AR identification of the vocal filter
especially in case of noisy signals. As it is, the work which is
presented brings out two major results. It is shown that, within
a pitch period of a noisy speech signal (white noise), a
significant segment can be used to compute an estimate of the
noise variance. Then this estimate can be taken into account in
the vocal filter AR identification procedure, thus giving better
accuracy. /

1. INTRODUCTION

Divers working at great depths can not breath air because of
severe physiological hazards at high pressure, For this
reason, deep sea divers have to breath a synthetic gas
mixture. However, speech in hyperbaric environment is
strongly degraded, even unintelligible [1]. The speech
distortion is mainly caused by an upward shift of formant
frequencies. According to Fant [2], the relationship between
formant frequency in hyperbaric environment Fy and in

-normal air Fy is:

Fi=cF2+(p ~DE:

where ¢ is the sound velocity ratio (cy / ¢4 ), p is the gas
density ratio (py / ps ) and F,, the closed air vocal tract
resonance frequency. Therefore the enhancement of the
intelligibility is a three step signal analysis-synthesis problem
whatever the technique used ([3], [4]) : 1) deconvolution
between the filter and the glottal excitation, 2) application of
the Fant law to the filter, 3) synthesis of the enhanced signal.

The speech production system may be approximated by an all-
pole model, thus the linear prediction analysis is well-suited
to the spectral estimation of speech. However, when white
noise is added to the autoregressive process, linear prediction
analysis leads to a smoothed spectrum. The AR poles of the
noise-corrupted signal are located between the true AR poles
and the origin. This phenomenon is discussed more fully in

3].

The objective of this paper is to use properties characteristic
of hyperbaric speech in order to find out new approaches for
estimating AR parameters of noisy speech in hyperbaric
environment.

In section 2 we present a comparison between basic patterns
of pitch period in air and in hyperbaric environment, then we
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- propose in section 3 and 4 two ways of using the hyperbaric

speech property, and section 5 summarizes the results and
gives conclusions.

2. HYPERBARIC SPEECH PROPERTY

Let us consider the linear model of a voiced speech signal
(vowel [a]) in case of additive white noise (fig. 1), and let us
observe two basic patterns of a pitch period of x() in case of
air and hyperbaric breathing mixtures (fig. 2).

gas mixture
parameters

Vocal AR {x(n
un)y= —H —(—K%H y(n)
T5(n-kP) filter

white noise b(n)
(ob)

Figure 1: Linear model of a voiced speech signal in case of
additive white noise.

The envelopes of the two signals differ noticeably from each
other [6]. We introduce the normalized residual energy
measure to quantify the decay of the signal :

N-1

E‘x(n)2

E)={—
&x(n)2

n=0

f=1toN -1

where N is the size of the pitch period. E,() is plotted on
figure 2. E,(l) reaches 10% of its maximum value at about N/2
in normal air and at about N/4 in hyperbaric environment.
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Figure 2 : Voiced speech patterns in air and hyperbaric
environment.
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The difference between the two signals is explained by the
increase of formants bandwidths of the hyperbaric speech,
whereas the pitch periods are the same in the two cases.

Let y(nj be the noisy signal where the additive noise has a
variance 65 and P,(l) be the residual power defined as :

1

=1
P(h= N_l_liy(nf ISN-1
n=]

As illustrated by figure 3, for speech signal in hyperbaric
environment, unlike speech in normal air, P.l) values reach
quickly .
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Figure 3 : Residual power and noise power in air and
hyperebaric environment.

As a result, the pitch period of hyperbaric speech can be split
in two parts, the best SNR part (samples 0 to /-1) made of up
most of the useful signal, and the worse SNR part (samples /
to N-1) containing mainly noise. Herein we refer to the usual
definition of the signal to noise ratio :

-1

2x(ny’

SNR(Iy= =0

2
lo,

This very interesting property leads to the investigation of new
methods for the accurate estimation of AR parameters of
hyperbaric speech. Fach of the two parts of the pitch period
can be used to enhance the spectral estimation. Two
applications of this property have been developed : firstly an
AR spectral analysis is performed on the high SNR part of the
signal making no allowance for knowledge on the mnoise,
secondly the tail of the pitch period is used to estimate the
white noise power in order to apply a noise cancellation
procedure.

3. ESTIMATION ON THE HIGH SNR PART OF
THE SIGNAL

3.1 A Suitable Distance Measure

Assume that the hyperbaric speech x() is generated by a 12
order AR process and consider the noise corrupted signal y()
(fig. 1). Let A(f) be the transfer function of the reference filter
generating x(n), and let B(f) be the transfer function of the test
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filter obtained from the analysis of y(iz). In order to assess the
distortion between the reference and the test filter we
introduce a distance measure based on the poles position of
A(Z) and B(Z) in the complex domain representation. It is a
euclidean distance measured between the reference and the
test pole corresponding to each formant. The global distance
dp 1s a weighted sum of the distances computed for the first
three formants.

Let P, (f,) and P, (f,) be the poles positions corresponding
to the i™ formant of the A(f) and B¢f) :

4,00 =P -l
Zw,.dp( D)

d,= Y

i

i=123

This metric quantifies the distortion of the frequency and the
bandwidth of formants. It can be thought that it better reflects
the similarities between the two transfer functions than the
most of the distances computed from the autoregressive
coefficients and used in speech recognition.

Since the spectral distortion is due to the poles position [5],
this kind of measure is well adapted to the case of additive
white noise.

Afterwards, we will use this distance to evaluate the efficiency
of the AR analysis.

3.2 AR Spectral Estimation

This study is intended to show that, on a pitch period, one can
isolate an optimal length segment with a high SNR and where
there is enough information to perform an efficient analysis.

Consider three periods of yf) which corresponds to a
conventional analysis window length. Each period is split in
two parts, the tail of the period is replaced with a sequence of
zeros (fig. 4). The length of a period is N=250 samples (8ms)
and the length of the part of the signal kept for the analysis (/)
is variable.

high SNR signal ~ one period

I N

(1. 1t
1 signal replaced with 0

Figure 4 : AR modeling of the useful part of the period.

The AR parameters of the filter B(f) are estimated by the
autocorrelation method (order 12). A representation of the
distances computed between the reference and the test filters
with respect to / is given on the figure 5 for SNR(N) ranging
from 1.5 to 9 dB.

The case [=N=250 corresponds to the estimation applied on
the original signal. For every SNR, for / < 250 (and [ > 40)
the analysis is enhanced. The minimal distance is obtained for
=50, then the distance increases with /. In this example, we
can say that the useful part of the period is contained on a
length of 50 samples or so.
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Figure 5 : AR estimation of the useful part of the signal.

As illustrated by the figure S, for a noise-corrupted signal in
hyperbaric environment we can find out an optimal length /,,
for the parametric analysis. If /</,, a useful signal part is
ignored and if I>l, the additonal information mainly
concerns the noise even if the SNR is high.

4. AR ESTIMATION USING NOISE
INFORMATION

The second application uses the tail of each period in order to
determine the noise statistical parameters. Then, the noise
power is removed from the zero lag autocorrelation term of the
signal so as to enhance the AR spectrum resolution {7].

4.1 Estimation Of The Noise Power

The corrupting noise is assumed to be a stochastic process
with independently distributed elements, then

E[b(n)b(m)] =628 (m—n)

where Ef.] is the expected value. The autocorrelation matrix
of the noise will be a diagonal matrix with o5’ on the
diagonal.

useful signal one period
4—’ 4————D

L |

’\T/H’

estimated noise ____n_:_

1

Figure 6 : Noise estimation

The estimate of the noise power is computed from the tail of
the pitch period. In order to reduce the standard deviation, the
three segments are concatenated before the computation, as
described by the figure 6.

Figure 7 presents the noise power estimated with respect to
the length /. In this log scaled graph, the estimated power
(dotted line) and the true power (full line) are plotted for
several values of SNR.
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Figure 7 : Estimated noise power ( - - -) and true noise power
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For high SNR (23 dB) the estimated power is overestimated
but when SNR is lower than 9 dB the estimated power is close
to the true power for a large range of /<120 samples.

4.2 Noise Cancellation Procedure

The autocorrelation method of linear prediction requires the
solution of the equations set defined by

Ra=-r
<4="F

where g is the vector containing the AR coefficients of the
AR process, R, is the autocorrelation matrix

(Rx(ij)=dx(n)x(n+li—— jl)]) and », is the autocorrelation

vector (¥, (i) = E[x(n)x(n +i )] ). The autocorrelation matrix
of the noise corrupted signal y() may be written
R, = R, + R,. Thus, the estimated diagonal autocorrelation
matrix of the noise R is removed from the autocorrelation
matrix of the signal. To guarantee that the modified matrix
R, is non singular, its eigenvalues must be strictly positive. To
ensure it, the noise power is compared to the minimum value
of the eigenvalues of R,, if the power exceeds it, several
solutions exist {8], we have chosen to remove 75% of the
smallest eigenvalue.

4.3 A Modified AR Estimation

In a first step, refering to the figure 6, we estimate the SNR as

follows:
y(n) - ibw) , S',y(n)2
S]\rR n—O n=0 -1
7§b(n)’

N -1
Zb(n)

Practically, the SNR is computed with /=100, which gives

good noise power estimation (fig. 7).

If the SNR is larger than 15dB the noise is likely to be
overestimated, but we consider that an usual AR analysis
would be effective and need not to be modified. If
10dB<SNR<15dB, the noise is well-estimated but the
distance is not significantly high, and we do not apply any
modification to the autocorrelation matrix. If the SNR is lower
than 10 dB the estimated power of the noise is close to the
true one and we can remove it from the autocorrelation matrix.
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These thresholds, justified by the computed distances, avoid
the modification of the autocorrelation matrix when the noise
is overestimated. In this case the SNR would be
underestimated and could be lower than 15 dB, but it will stay
above 10 dB and no modifications will be performed on the
autocorrelation matrix.

Next, the autocorrelation matrix and its eigenvalues are
computed, the smallest value of the estimated power of the
noise and 75% of the minimal eigenvalue is removed from the
diagonal of the autocorrelation matrix.

At last, the linear equations set is solved, and the AR
spectrum is estimated.

Figure 8 represents the noise power removed from the
autocorrelation and the true one.
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200 +
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Figure 8 : Removed noise power.

Figure 9 compares the distances obtained by the two
algorithms (classical and modified AR estimation) applied on
signals with large range of SNR. It shows that distances are
large for poor SNR when the classical AR analysis is
performed and exhibits the enhancement obtained with the
modified algorithm.
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AR estimation

® modified AR
estimation

Distance
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Figure 9 : Application of the classical AR modeling and the
modified AR modeling

When SNR is close to 0 dB, the removed noise is lower than
the true one, this can be explained by the substraction of 75%
of the smaller eigenvalue. This rule could be improved by
introducing a variable percentage with respect to the SNR.

To better appreciate the enhancement, figure 10 shows the
true and the estimated spectrum of the vocal tract transfer
fonction.
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Figure 10 : Reference and test spectrum (SNR=3dB)

5. CONCLUSION

Thanks to the high decay of the impulse response of the vocal
tract filter, the white noise-corrupted hyperbaric speech
presents an interesting property : a pitch period consists of a
high SNR segment and a low SNR segment. This property can
be used in identification algorithms of the all-pole vocal tract
model. Two applications, based on a synthetic vowel [a], have
been provided here, it illustrates the improvments which can
be expected in the sense of a pole distance criterion. Works
currently in progress aim to extend the conclusions firstly to
every articulatory configurations and secondly to real signals.
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