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ABSTRACT

It is well known that the telephone channel introduces
a convolved disturbing component in the observed signal
which slowly varies with time. Several techniques have
been proposed in the literature to reduce the telephone
line effects, namely cepstral subtraction and highpass fil-
tering of cepstral trajectories. In a previous work [8] we
introduced a theoretical framework to clarify the link
between the channel effects and the low frequencies in
the cepstral trajectories and to interpret the encouraging
results obtained by cepstral subtraction (an off-line
approach) and highpass filtering of the cepstral trajecto-
ries. This paper proposes a new approach to reduce the
telephone line effects. This approach implements an
adaptive filter in a blind equalization scheme. On the
basis of recognition results obtained on different speaker
independent telephone databases, the blind equalization
seems to outperform the classical on-line technique.

1. INTRODUCTION

Reducing telephone line effect in order to improve
automatic speech recognition over the telephone network
has been largely studied in the past few years
[21[3][7](8]. Actually the disturbing convolved compo-
nent introduced by the channel on the transmitted signal
shifts the acoustical vectors of this signal. Since the
biases differ with the calls, the discrimination in the
acoustical space is reduced by the channel effects. Classi-
cal techniques basically try to reduce the fow frequency
components in the cepstral trajectories of speech signals.
This reduction may be done through cepstral subtraction
[7] or by applying a high-pass infinite impulse response
(IIR) filter [2] on the cepstral trajectories. These
approaches were justified by some measurements on tele-
phone speech recordings [7]. Recently some attempts
were made in order to define a theoretical framework
tying low frequencies of cepstral trajectories to the slow
time varying convolved components in the observed sig-
nals [8]. In fact, we have shown that regarding the
hypothesis of noncoherent clean speech signal, the long-
term cepsttum of the corresponding observed signal
identfies a nearly constant disturbing convolved effect.

Under the hypothesis of a “Linear Time Invariant”
(LTI) filter representing the telephone channel, to reduce
the telephone line effect may be stated as a blind decon-
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volution or as a blind equalization [1] problem. Several
studies in the literature describe the use of adaptive filters
in blind equalization schemes [5]. Often the filter param-
eters are updated on the basis of an error criterion defined
using some known statistics about the clean signal. A
similar scheme is proposed here where observed speech
signal is equalized on the basis of some known statistics
about the speech signal. This method is developed in sec-
tion 3. This approach is then compared to classical ceps-
tral subtraction and highpass filtering techniques that are
described briefly in the following section. Recognition
performances on two databases recorded over the tele-
phone network are provided in section 4. Regarding the
obtained results, the new approach seems to outperform
the classical highpass filtering.

2. CEPSTRAL SUBTRACTION AND
HIGHPASS FILTERING OF CEPSTRAL
TRAJECTORIES

As mentioned in the introduction, channel effects in
speech over the telephone network appear especially in
the low frequencies of cepstral trajectories [7]. Actually
the long-term cepstrum of the observed signal identifies a
constant convolved component.

It is well known that subtracting the long-term cep-
strum from the speech cepstra improves significantly the
speech recognition performance. This technique known
as cepstral subtraction consists in estimating the long-
term cepstrum of the speech for a given call by averaging
the cepstra vectors and then to subtract this estimate from
all the cepstra vectors. Basically, this technique suffers
from the fact that we need some amount of speech to get
a first estimate of the long-term cepstrum which makes
the approach off-line. Later in this paper, we investigate
whether it is more reliable to get the long-term cepstrum
estimate over the silence part or over the speech part of
the observed signal. On the basis of recognition experi-
ments, we try to determine how much signal is necessary
to get a good estimate of the channel effects with cepstral
subtraction technique.

Another classical technique applies a highpass IIR fil-
ter on cepstral (or log-spectral) trajectories of the speech
signal in order to reduce the low frequency components
from this signal. A first order IIR filter with long impulse
response is often used [3][8]:
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This approach is also known as RASTA filtering [2].

Recently this technique was adapted to the case of addi-
tive noise [3].

n

3. BLIND EQUALIZATION SCHEME

The block diagram of the blind deconvolution scheme
is given in figure 1. The speaker produces a speech signal
s(t) to which additive ambient noise n(t) is mixed. The
resulting signal x(t) is captured by the handset micro-
phone and is conveyed by the telephone line up to the
speech recognition system.

Error computation

on the basis of
long-term statistics,

Figure 1: Blind equalization scheme.

Under the hypothesis of a convolved telephone line
effect, the observed input signal y(t) may be written:

y(O = [s(+n ()] Ow(t) = x() dw(t) (2)
where ® represents the convolution operator and w(t) is a
LTI filter.

The idea consists in defining an adaptive filter h(t)
which deconvolves the line effect from the observed sig-
nal y(t) to produce %X(t). The filter parameters are
adjusted to satisfy a criterion based on some known sta-
tistics about the clean signal s(t). Under the hypothesis of
weak additive ambient noise n(t) (speakers talk close to
the handset microg .ione), the signal at the output of the
filter can be written as:

X(0)

y() ®@h(t) = x(t) ®w(t) ®h(t)

n

s(t) ®w(t) ®h(t) 3

An acoustical analyzer transforms the input speech
signal into a sequence of feature vectors (MFCC) at the
input of the speech recognizer [6]. Since spectral densi-
ties of the signal frames are available, it is easier to
implement the filter in the frequency domain [9]. Thus,
(Eq. 3) may be written:

T (6 =T (6 WD -H )

where I'_(f) and 1"S (f) represent the spectral densi-
X

EUROSPEECH ’95, Madrid, Spain, September 1995

ties of & (t) and s(t), and where W(f) and H(f) are the
transfer functions of the telephone channel and the adap-
tive filter respectively.

Since the spectral densities are available, a circular-
convolution implementation of the “Frequency Domain
Adaptive Filter” (FDAF) [9] is the most appropriate. The
property of a constant long-term spectrum of speech is
used here to adapt the filter parameters. Thus a constant
reference signal R(f) is defined in the frequency domain.
The error at the filter output can be written:

Err (f) = R(f) —rx(f) Q)

The filter parameters are updated for each frame in order
to minimize the mean of the square of this error yielding
to the optimal filter (at convergence):

_R(®T(H

H? i = cte —
r2(f) W (f) W (f)

opt

©®

Looking at (Eq. 6) one can see that the optimal filter com-
pensates the convolved effect of the telephone channel.
Thus, the proposed filter enables the equalization of the
channel effect.

Since the adaptive scheme is based on long-term sta-
tistics, attention must be paid to guarantee a correct con-
vergence of the filter. The power of the reference signal is
modulated with the power of the input speech. Otherwise,
the adaptation will make the filter transform the most
energetic sounds to have the constant spectrum of the re-
ference signal. Moreover, the adaptation step must be
chosen small enough in order to guarantee that the filter
converges in the long term sense and does not disturb any
local information related to the pronounced speech
sounds.
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Figure 2: Value subtracted from the first cepstral coeffi-
cient when using the Blind Equalization, the highpass fil-
tering of cepstral trajectories, and the Cepstral
Subtraction techniques.

1988



In order to show the behavior of the blind equaliza-
tion scheme and to compare it to the classical cepstral
subtraction and highpass IR filtering of cepstral trajecto-
ries, the subtracted values with these techniques from the
first cepstral coefficient are computed. These values are
shown in figure 2 for the French digit “2” and for a given
call as a function of the analysis frame indices. (N.B.: the
analysis frames are shifted every 16ms). Regarding figure
2 it is clear that the adaptive blind equalizing filter pro-
duces after nearly 250ms (15 frames) an estimate of the
bias introduced by the telephone line effect close to the
one given by the cepstral subtraction technique. Besides,
the highpass IIR filter gives an estimate of the channel
cepstrum shifted from the estimate given by the Cepstral
Subtraction technique. The HighPass IIR filter seems to
have a more smooth convergence than the Blind Equal-
ization filter.

4, RECOGNITION EXPERIMENTS

Recognition experiments have been carried out using
the cepstral subtraction technique, the proposed adaptive
filter and the highpass filtering of cepstral trajectories. A
first experiment aims to find whether speech or silence is
more appropriate to get a reliable estimate of the channel
effect. We then investigate the amount of speech signal
necessary to estimate the long-term cepstrum. Finally we
compare cepstral subtraction (an off-line method) and
both of the two on-line techniques.

We report here results on two different speaker-inde-
pendent telephone databases. These databases were col-
lected over the telephone network from speakers calling
from different regions of France. Utterances were auto-
matically detected, keeping several silence frames on
each side of the words. The detected words are verified
by a listener. The vocabularies of the databases are: 36
French command words (TRG), and French 2-digits
numbers (from 00 to 99: NB2). Table 1 gives a brief
description of the speech databases. Recognition experi-
ments were carried out separately on each database.

Table 1 : Characteristics of the speech databases used in
the speech recognition experiments.

Data |} Data collected | Number of | Number of
base 1| per speaker speakers utterances
TRG 36 isolated 760 2%12200
words
NB2 || 20 numbers of 780 2*7200
2-digits

A HMM network is used to model each of the two
vocabularies [6]. This network is made up of the words
models in parallel and two silence models, one on each
side of the word models. The silence models provide
implicit detection of the word boundaries. For the TRG
database, 30-states left-right HMM are used for each
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vocabulary word. Single Gaussian densities having diag-
onal covariance matrices are associated with HMM tran-
sitions. For NB2 database, connected-words speech
recognition is performed. 28 basic 30-states HMM mod-
els are used to describe all the numbers from 00 to 99.

4.1. Is the speech or the silence more appro-
priate to estimate the channel effect?

The goal of the first experiment is to find whether
speech signal parts or silence parts are more appropriate
to get an estimate of the channel effects (the long-term
cepstrum). Table 2 gives the results in terms of error rates
obtained when subtracting the long-term cepstra esti-
mated on the speech parts only, on the silence parts only
and on the whole signal. These results show that the non-
speech signal is much more coherent (see definition of
coherence in {8]) than the speech. The estimate of the
long term cepstrum computed on silence contains infor-
mation relative to the silence characteristics. Thus it is
more appropriate to estimate the long-term cepstrum on
the speech parts of the signal only. Considering both
speech and limited amount of silence (38% of the frames
in TRG and 30% in NB?2 are silence frames) in the esti-
mation would also produce an acceptable estimate of the
channel effects. There is no need to get a precise detec-
tion of the speech boundaries.

Table 2 : Error rates obtained when using Cepstral
Subtraction with long-term cepstrum estimated on silence
parts, on speech parts, and on the whole signal.

Long Term TRG NB2
Cepstrum
Error Reduc- | Error Reduc-
rate tion rate tion
No adap- || 0.60% 4%
tation

Silence 0.57% 5% 3.75% 9%
only

Speech 040% | 33% | 2.87% | 30%
only

Silence + |} 0.43% | 28% 3.11% | 24%
Speech

4.2. Amount of speech necessary to get a reli-
able estimate of the channel effect

The second experiment aims to find how much speech
signal we need to get an appropriate estimate of the long- -
term cepstrum in the cepstral subtraction scheme. Figure
3 gives the obtained error rate function of the amount of
speech signal used for the estimation. Regarding the
results shown in this figure, it is clear that few seconds of
speech (~2s) are sufficient to get a reliable estimate of the
long-term cepstrum.
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Figure 3: Error rates function of the duration of the
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speech signal used to estimate the long-term cepstrum in

the cepstral subtraction technique.

4.3. Comparison of the different techniques

In the final experiment the new approach based on
blind equalization, the highpass TIR filtering of cepstral
trajectories and the cepstral subtraction are compared.
Comparison is performed on the basis of the obtained
error rates. The results are shown in the table 2. These
results show that the new approach outperforms the clas-
sical highpass IIR filtering of the cepstral trajectories.
Compared to the cepstral subtraction (an off-line
approach), limited degradation is observed with the new

approach.

Table 3 : Comparison in terms of error rates, of blind
equalization to cepstral subtraction and high-pass IIR

filtering of cepstral trajectories

TRG NB2
Error | Reduc | Error | Reduc
rate -tion rate -tion
No adap- 0.6% 4.1%
tation
Cepstral 043% | 28% 31% 24%
subtraction
Highpass 050% | 17% | 3.5% 15%
filtering
Blind Equa- || 0.45% | 25% 3.3% 20%
lization
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5. CONCLUSIONS

This paper presents a study on the telephone line
ffects and proposes a new approach to reduce these
effects. Recognition experiments carried on two speaker-
independent telephone databases show that estimating the
long-term cepstrum on the speech parts of the signal pro-
duces a reliable estimate of the channel effects within the
cepstral subtraction approach. This result proves that the
signal parts corresponding to the silence are more coher-
ent that the speech signals. Actually, estimating the long-
term cepstrum on the silence parts of the signal produces
poor results with the cepstral subtraction technique. Nev-
ertheless, the use of the whole signal (speech and silence)
to get an estimate of the channel effect is realistic. Other
experiments have shown that few seconds (about 2 sec-
onds) of speech are sufficient to get the reliable estimate
of the channel effects.

A new blind deconvolution approach based on long-
term statistics of speech signal is compared with classical
cepstral subtraction (an off-line approach). The results
show that the new approach provides limited degradation
in performance. However, the blind equalization fits well
with implementation for on-line processing where frames
are processed as soon as received. Besides, evaluations
on several telephone databases show that this new tech-
nique outperforms the high-pass filtering of cepstral tra-
jectories technique.
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