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Introduction

The presence of environmental noise in speech commu-
nication is an unavoidable obstacle. Especially, in a
car where the distance of the speaker from the micro-
phone is large, high levels of background noise occur.
Furthermore, as noise degrades the quality and intel-
ligibility of the speech signal, it results in listener fa-
tigue. Speech-enhancement aims at improving the per-
ceptual quality and/or the intelligibility of such a de-
graded speech signal by carefully reducing the back-
ground noise. There are several approaches to speech-
enhancement, one of them being spectral subtraction. A
single-channel spectral-subtraction method has generally
two main tasks: firstly to estimate the short-time back-
ground noise power-spectrum and secondly to estimate
the short-time clean speech power-spectrum. In such a
system only the noisy speech signal is available for fur-
ther processing, thereby making the speech-enhancement
task more challenging. It is desirable to have an approach
which can carefully retain the speech signal and suppress
the noise. For this purpose algorithms which incorporate
the concept of speech-presence-uncertainty have shown
to be successful candidates for speech enhancement.

Speech enhancement

A simplified single-channel speech-communication sce-
nario has as input clean speech s(k), and additive back-
ground noise n(k), and as output noisy speech y(k)
s(k) + n(k). Due to the short-time stationarity of the
speech signal, the noisy speech signal is segmented into
short-time frames by means of a suitable window function
(e.g., Hann window) with half-overlapping. Each speech
time-frame is then transformed to the frequency-domain
by means of the discrete-Fourier transform (DFT). So,
now the short-time DFT can be written as Y (u,1)
S(p,1) + N(u,4), where p denotes the frequency index
and i the frame index. Generally a gain factor, H(u,1),
is derived as a function of |Y (u,i)|> and the estimate
of the short-time noise power-spectrum [1]. An esti-
mate of the short-time clean speech spectrum is given

by S(H’ai) Y(u7i) ’ H(:uvi)'

Speech-presence-uncertainty criterion

A spectral weighting function known as the log-spectral
amplitude estimator (LSA) in [2] showed good perfor-
mance, and was able to remove the common artifact of
a conventional spectral-subtraction algorithm, know as
“musical-noise”. This gain factor, Hrsa(u, 1), based on
LSA was modified in [3] by incorporating the probabil-
ity of speech presence and absence, so that background
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noise is sufficiently attenuated and weak speech compo-
nents are preserved. This optimally modified LSA (OM-
LSA) estimator was obtained under the assumption that
the short-time Fourier transform (STFT) coefficients of
speech and noise have a Gaussian distribution. With this
consideration a conditional speech presence probability
was derived as
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i
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(1)
where  ¢(p,l) represents the a-priori  speech-
absence probability (SAP), &(u,i) denotes the
a-priori  signal-to-noise ratio (SNR) which is
given by &(ui) = [S(u,)]*/IN(ni)f?, and

v(p, 1) = y(p,9) - &(p,7) /(1 + §(p, 1)) where y(p, i) is the
a-posteriori SNR given by v(u,4) = |Y (1, 4)|?/|N (1, )|?.
The OM-LSA is written as Honm-rsa(w,?)
{Hpsa(p,i)yP) o {Hpi, VP00 where  Hypip s
a constant spectral floor which avoids the complete
suppression of spectral components in case p(u,i) =~ 0;
this results in a natural sounding background noise.
An estimate of the a-priori SNR, &(u,4), was obtained
by the decision-directed approach as proposed in [4]
The a-priori SAP was estimated by considering three
parameters to make a final soft-decision on the prob-
ability of speech absence. To start with, a second a
priori SNR was computed by performing the following
averaging: ((u,4) = 0¢(u,i— 1)+ (1 — 68)&(p,i—1). The
three parameters were based on: (a) mean ((u,i) of a
frame (b) local average of {(u,7) and (c) global average
of ¢(u,i). The parameters based on (b) and (c) were
meant to exploit the correlation of speech presence in
the neighboring frequency bins. The local and global
averaging for (b) and (c), respectively, were performed
along frequency bins in each frame by using windows
(e.g., Hann window) of suitable length. Similarly, based
on local and global averages, a soft-decision was also
assigned to the two parameters (b) and (c¢) which were
represented by Plocar(£t,9) and Pyopar (i, 1), respectively.
Finally, the a-priori SAP estimate was obtained as

Cj(:ua 2) =1- -Plocal (Ma Z) : Pglobal (Ma Z) . Pframe(i)-

In [5] it was shown that the SNR is not the same for all
frequency bins; this behavior of the SNR is due to the fact
that the background noise has a non-uniform effect on the
speech spectrum. This consideration calls for modifying
the parameter Pprqme(Z) so that it is a function of the
average a-priori SNR within frequency bands instead of
the entire speech spectrum. The next section describes
the proposed multi-band spectral subtraction method.
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Figure 1: CEP distances for wideband speech distorted with
(a) factory noise and (b) car noise.

Proposed multi-band spectral subtraction

For the implementation of the spectral subtraction
method discussed in the previous section independently
in linearly-spaced speech bands , the a-priori SAP esti-
mate is re-formulated as

Pb

global

(:ub? 7’) : P]l”)rame(i) (2)

where b denotes the band number, pp (sp < pp < ep) is
the frequency index in band b with s; and e, marking the
begin and end of band b. It was observed in the multi-
band case that by neglecting the redundant parameters
P;’lobal (1b,4) and PP, (1, 1) for the estimation of the a-
priori SAP resulted in a better enhancement of speech.
Hence, in a multi-band spectral subtraction approach the
a-priori SAP estimate is reduced to ¢°(i) = 1—P]?mme (7).

(jb(:u'bvi) =1- ‘Pl%cal(ﬂbv Z) :

In order to compensate for the absence of P;lobal (b, 17)

and PP (up, i) which had the function of exploiting
the local and global correlation of the frequency bins,
P}mee (¢) is now computed as follows: The recursive av-
erage of the band-wise a-priori SNR ¢®(up, 1) is subject
to a second averaging by applying an averaging window
(e.g. Hann window). This was done to exploit the corre-
lation in the adjacent speech bands.

The gain factor is now defined in the b** band as

. . b i b i
Honr psa(pi) = {H] ga(p, i)} W0 - {H,, 377 (ﬂ() ))
3

Experimental results and discussion

In order to assess the objective quality of the enhanced
speech, cepstral (CEP) distance measure was employed
[6]. In figure 1 the CEP distances for wideband speech
degraded by different additive background noises (factory
and car noise) are shown at varying noise levels. For
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each type of background noise 4 variations of a speech-
presence-uncertainty criterion were tested. Each type is
described as follows:

e Isa-spu:  (log-spectral amplitude - speech-presence-
uncertainty) represents the method in [3] with the ap-
proach in [1] for the noise estimate.

Isa-spu-mbl: (Isa-spu-multibandl) is similar to lsa-spu
but the a-priori SAP estimate was computed within 5
linearly spaced bands of the speech spectrum.

Isa-spu-mb2: (Isa-spu-multiband2) in this case the a-
priori SAP estimate is computed as Qb(ﬂb,l) 1 -
P}’mme(l), where P}’mme(l) is determined in a manner
similar to that in Isa-spu-mbl.

Isa-spu-mb: (Isa-spu-multiband) is the newly proposed
method.

It is observed from the experimental results in figure 1
that the proposed method shows lower distance values
when compared to the other variations of the a-priori
SAP estimate. For car noise the distance is constant
after 5dB SNR (maximum recovery capacity reached),
but still the recovery of the spectral components is better
with the proposed method. The perceptual quality of
the enhanced wideband speech (by informal subjective
listening) was also found to be better for the proposed
approach.

Conclusion

In this paper, a new multi-band spectral-subtraction
method incorporating a modified speech-presence-
uncertainty criterion is proposed. The improved perfor-
mance of this method was shown by means of experi-
mental results. The presented approach has the ability
to preserve speech spectral components due to the adop-
tion of a multi-band a-priori SAP estimate.
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