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ABSTRACT

This paper describes a new method of adapting
a HMM speaker independent recogniser trained on
telephone quality speech data to make it robust to
background speech-like noise. The method is based
on the parallel combination of a speech enhancement
scheme based on masking properties of the auditory
system and the HMM adaptation technique recently
described by Nolazco Flores and Young [1]. The pro-
posed enhancement algorithm uses a variation of the
generalized spectral subtraction method and incor-
porates in it a criterion based on the human per-
ception. Previous work [2] has demonstrated that
this algorithm succeeds in finding the best trade-off
between noise reduction and speech distortion in a
perceptual sense. In this paper we show that this
method improves alsc noise compensation techniques
in which the parameters of corresponding pairs of
speech and noise states are combined to yield a set
of compensated parameters. The originality of the
proposed algorithm resides in the fact that instead of
using fixed parameters for the noise compensation,
the noise masking threshold is used to control the
enhancement and recognition processes adaptively,
frame-by-frame, hence helping to find the best trade-
off. The paper describes an evaluation of the pre-
sented scheme using the ”Polyphene Swiss Romand”
and Noisex-92 databases.

1. INTRODUCTION

It is well known that speech degraded by back-
ground noise renders the performance of many real-
istic speech communication/recognition systems un-
acceptable. If a noise compensation algorithm could
be derived which sufficiently reduces the effects of
background noise, then existing HMM-based speech
recognition techniques formulated in noise-free set-
tings could be employed in noisy environments. in or-
der to improve recognition performance in very noisy
conditions, enhancement techniques are needed.
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In this work, we study how to adapt clean speech
models for a signal enhanced by the generalized
spectral subtraction (SS) method. The classical SS
schemes improve the signal-to-noise ratio (SNR) but
at the expense of signal distortion. If both signal dis-
tortion and noise are minimised, then a signal with
better features and lower variability is obtained. Fur-
thermore, if these resulting features are to be ex-
ploited in a recognition system, then the speech mod-
els need to be compensated to the distorted signal,
e.g. using the Parallel Model Combination (PMC)
framework [1].

On the other hand, it was demonstrated that the
noise masking algorithm can also provide effective
noise compensation, leading to robust speech recog-
nition [3]. It is interesting to note that the model
adaptation technique of the SS-PMC is related to
the masking technique but differs from it in some re-
spects. The SS-PMC approach consists in carrying
out an inverse transformation of the model means
and variances from the Mel-scaled frequency cepstral
coeflicient (MFCC) domain to the linear spectral en-
ergy domain, and adapting the models by ” adding” in
the effect of the noise and distortion, and then trans-
forming back to the MFCC domain. Masking differs
from the SS-PMC technique in two ways. Firstly,
masking modifies not only the models but also speech
observation vectors. Secondly, masking in the log en-
ergy domain obviates the need to transform back to
the linear spectral energy domain; masking in the log
energy domain is an approximation of ”addition” in
the linear energy domain.

In this paper it is proposed to combine the SS-
PMC and the masking techniques as in Figure 1 by
incorporating properties of the human hearing model
which are already widely used in perceptual audio
coding [4]. The noise masking properties are mod-
eled by calculating a noise masking threshold. This
threshold helps to minimise both noise and signal dis-
tortion by modifying each frame of speech observa-
tion according to the optimum coefficients « and 3
which are also used to calculate the model compen-
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sation correction term A in the PMC scheme. a is an
overestimation factor, and # is the spectral flooring
parameter.
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Figure 1: Block diagram of the enhancement method.

2. ENHANCEMENT AND HMM
ADAPTATION TECHNIQUES

Consider a single channel system corrupted by addi-
tive background stationary noise. The noisy speech
can be expressed as follows :

y(n) = s(n) +n(n) (1)

where s(n) is the original speech signal and n(n) the
additive noise.

2.1. Description of the Enhancement Method

The processing is done on a frame-by—frame basis in
the frequency domain. The enhanced speech spec-
trum is obtained using the generalized spectral sub-
traction [5]:

D(w) = [Y ()" — alN(w)[" (2)

o vy _ | Dw) if D(w) > BIN(w)[?
|5 (w)l "{ B|N (w)|" otherwise

where |Y(w)| represents the spectral magnitude of
the noisy speech and | N (w)| represents the estimation
of noise, updated during speech pauses. This formu-
lation includes previously developed algorithms such
as spectral magnitude subtraction (y = 1), power
subtraction (y = 2) or Wiener filtering. This para-
metric formulation is chosen because of its flexibil-
ity in varying the noise suppression characteristics
and because it allows an improvement of the perfor-
mances.

Single channel enhancement systems are limited
by a tradeoff between noise reduction and speech dis-
tortion. This tradeoff determines the choice of the
parameters o and 3 in Equations (2) and (3). The

®3)
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-
originality of this algorithm resides in the fact that
the noise masking threshold is used to control the
enhancement process adaptively. Instead of keeping
o and 3 fixed as in [1], the optimal parameters are
computed for each frame and whithin each frequency
band.

2.2. Calculation of the Masking Threshold

The masking model used in perceptual audio cod-
ing allows a threshold to be computed, which is then
used to control the quantization process of the spec-
tral components. This model takes into account only
simultaneous masking (masking in the frequency do-
main) : a weak signal is made inaudible by a stronger
signal occurring simultaneously. It shows good per-
formances in speech coding, even though it does not
take into account temporal masking (backward and
forward masking). Hence, this model is an efficient
and simple way of incorporating properties of the au-
ditory model in the enhancement process, without
adding a great computational load.

The calculation of the masking threshold is descri-
bed in [4]. It is based on a rough estimate of the
short—time magnitude and it is composed of the steps
presented in Figure 2.

Critical Band | [Convolution withi | Subtraction of
itical B: T

r 7 Function Offset
FFT
Spectrum -10 dB/ Critical Band
25 dB/ Critical Band

Spreading Function

+

Absolute
Threshold

Masking
Threshold

Figure 2: Calculation of the masking threshold.

2.3. Enhancement in a Recognition Scheme

Up to now, the proposed enhancement method has
been used in applications where the end-user is a hu-
man. This paper tries, as a first step, to use this
method as a preprocessing stage of a recognition sys-
tem. As a second step, the enhancement method is
integrated in the recognition scheme.

As noted earlier, the enhanced speech spectrum
can be represented in the linear spectral energy do-
main by the spectrum of the noisy speech plus a mean
correction term A, (e, 8, N, P(Y')) which depends on
the SS parameters, a and S, the noise estimator N
and the pdf P(Y). An additive variance correction
term Ay depends on the same elements as A, hence
AL‘(aa ﬁ’ Nv P(Y))

The SS-PMC technique presented in [1] assumes
a and 3 as fixed. Because of this assumption, some
experiments were necessary to find values of « and 3
with a ”good behavior”. The recogniser proposed in
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this paper does not need such an exhaustive search.
It uses the same structure of SS-PMC as presented
in [1] but applies the masking process in the SS do-
main by modifying in every frame a and (3, using
knowledge about the noise and the speech, and in
this context the HMM models become adaptive.

3. EXPERIMENTAL SETUP AND
RESULTS

The enhancement/recognition technique described
in this paper has been evaluated using a database
created by artificially adding speech noise of the
Noisex-92 database to telephone quality digits
extracted from the ”Polyphone Swiss Romand”
database recorded by the Swiss TELECOM PTT.
The database is composed of 542 male and female
speakers, using their native language, French. The
signals were sampled at 8 kHz. The speech and the
noise signals were added together at seven different
SNRs: o0, 20, 9, 6, 3, 0, -3 dB.

Figure 3 shows an example of three ”digits” from
the database, namely the ”French digits”: /six/,
/deux/, /étoile/.
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Figure 3: Clean speech.

In Figure 4 this clean signal and ”speech-like
noise” are added together at SNR = 0 dB. The cor-
responding spectrograms are presented in Figures 6
and 7 in order to show the time-frequency energy
distribution.

Figures 5 and 8 show the speech enhanced with
the proposed method. This technique provides a sig-
nificant noise reduction but without introducing per-
ceptually annoying residual noise. The perceptually
relevant features of the speech signal are preserved,
which was confirmed by listening tests.

The baseline recogniser uses (4xnumber of
phones)-state word-based HMMs, with gaussian di-
agonal covariance matrix output probability distribu-
tions. The speech was pre-processed using a 31.25 ms
Hamming window each 15.625 ms, and then parame-
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Figure 4: Noisy speech.
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Figure 5: Enhanced speech.

terised into the first 12 cepstral coefficients obtained
from the power spectrum.

For the Speech Enhancement/Adaptive HMM
scheme, a HMM for each digit was trained using the
telephone speech data only. The noise model was
trained on the first 300 ms of available noise data be-
fore the words start. ‘This noise model uses 1 emit-
ting state and a single gaussian diagonal covariance
output probability distribution. The topology for all
models was left-right with no skips and diagonal co-
variances were assumed throughout. In our experi-
ments, the adaptive HMM scheme compensates for
the means only. In order to obtain wider variances,
the term Ay was set to zero.

Recognition uses a standard connected word
Viterbi decoder. The HTK HMM toolkit version 1.5,
with suitable extensions to perform speech enhance-
ment and HMM adaptation, was used in all of the
training and testing experiments.

The upper limit on recognition performance is es-
timated by applying the enhancement technique to
the training noise data, such that the models "learn”
the features of the enhanced signal.
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Figure 6: Clean speech spectrogram. Figure 8: Enhanced speech spectrogram.
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Figure 7: Noisy speech spectrogram.

To test our adaptation scheme, the models were
trained with telephone quality speech and compen-
sated using SS-PMC with masking. The SS-PMC
with masking showed better performances that the
SS-PMC, particularly at poor signal-to-noise ratios,
of course, at the cost of additional computational ef-
fort for realising masking and adapting HMM.
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