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ABSTRACT

A feature estimation technique is proposed for speech signals
that are corrupted by both additive and convolutive noises via com-
bining channel identification with power spectrum estimation. A
correlation-matching algorithm is developed for channel identifica-
tion, and a Gaussian mixture density model of speech DFT spec-
tra is formulated for estimation of speech power spectra. Cepstral
features of speech are calculated from the estimated power spec-
tra. Using the proposed method, significantly improved accuracy
was achieved on speaker-independent continuous speech recogni-
tion where the speech data were corrupted by a simulated linear
distortion channel and additive white noise.

1. INTRODUCTION

In automatic speech recognition systems, additive and convo-
lutive noises cause mismatch between trained speech models and
spectral features of test speech, and therefore often lead to severe
degradation of recognition accuracy. A typical model of such a
degradation mechanism is shown in Fig. 1, where the source sig-
nal x is passed through a linear distortion channel (or corrupted by
convolutive noise) and then contaminated by a noisev to become
the observed signaly. The degradation effect can be described in
the linear spectral domain by a multiplicative distortion due to the
channel and masking of low energy speech due to the additive noise.

In speech processing research, there have been considerable
interests in handling additive and convolutive noises [1,2]. In
dealing with the simultaneous presence of additive and convolu-
tive noises, the approaches include SNR-dependent compensation
of acoustic models [3], SNR-dependent spectral transformation for
appropriate high-pass filtering in log and linear spectral domain [4],
iterative bias removal in both spectral and cepstral domains [5,6],
vector Taylor series approximation based model compensation in
log spectral domain [7], parallel model combination in log spec-
tral or cepstral domain [8], and MLLR based model adaptation [9].
In the current work, a new technique is proposed by combining
channel identification with power spectrum estimation. The corre-
lation function of a linear distortion channel is first estimated using
a correlation matching algorithm, and the short-time power spectra
of speech are then estimated based on a Gaussian mixture model
of speech short-time DFT spectra and a Gaussian model of addi-
tive white noise. The PLP cepstral coefficients [10] are calculated
from the estimated power spectra. Speaker-independent continuous
speech recognition experiments were performed on TIMIT data that
were corrupted by a simulated linear distortion channel and additive
white noise, and the results showed significantly improved recog-
nition word accuracy by using the proposed method.
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Figure 1 Speech degradation model

2. ESTIMATION OF SIGNAL POWER SPECTRA
Let n denote the index of analysis frame, withN samples

for each frame. LetYn(!); Xn(!); Vn(!) denote the short-
time spectra of the noisy signal, source signal, and additive noise,
respectively, and let�(!) denote the frequency response of a
distortion channel. The noise corruption mechanism described in
the frequency domain is

Yn(!l) = �(!l)Xn(!l) + Vn(!l)

with !l =
2�

N
l; l = 0; 1; � � � ;N � 1. The DFT definition of the

noisy signal, source signal, and noise is
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and that of the channel is
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The signal and noise are assumed to be independent. TheN-
component spectral vectors of the noisy signal, source signal, and
noise are denoted byY n(!); Xn(!), and V n(!), respectively.
By taking into considerations that speech signal consists of a large
number of allophones, and that speech samples are zero mean
(hence the DFT spectra of speech are zero mean), the probability
density function (pdf) ofXn(!) is assumed to be a mixture ofM
Gaussian densities,i.e.,

fX(Xn(!)) =
MX

i=1

�iN (Xn(!); 0;�XX;i(!))

where�XX;i(!) is a diagonal matrix with the diagonal elements
�XX;i(!l) = E

�jXn(!l)j2jIn = i
�
; l = 0; 1; � � � ;N � 1. The

pdf of V n(!) is

fV (V n(!)) = N (V n(!); 0;�V V (!))

where�V V (!) is assumed diagonal with elements�V V (!l) =
�2v; l = 0; 1; � � � ;N�1. The pdf ofY n(!) is derived as a mixture
of Gaussian densities in the form of

fY (Y n(!)) =
MX

i=1

�iN (Y n(!); 0;�Y Y;i(!))
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