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Abstract

We introduce a time varying forgetting factor for the noise estimation in multi-channel noise reduction. In conventional multi-channel
noise reduction system, the noise statistics are estimated during noise-only periods and kept fixed during speech-present periods. For
deciding whether the current frame is speech-present period or not, a voice activity detector (VAD) is usually used. Instead of this con-
ventional scheme that needs an explicit VAD, we adopt a time varying forgetting factor which is parameterized from the normalized
cross correlation (NCC). The simulation results show that multi-channel noise reduction using the proposed method yields better per-
formance in several typical objective measures.
� 2007 Elsevier Ltd. All rights reserved.
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1. Introduction

Noise reduction is one of the most important elements
of speech communication and voice recognition systems.
Particularly in distant or hands-free speech acquisition,
the system performance is severely degraded due to ambi-
ent noises. Hence, there have been many researches on
noise suppression, and diverse techniques have been devel-
oped for a single or multiple microphones. Multi-micro-
phone systems exhibit better performance than the single-
microphone system since they are able to take advantage
of spatial information of signals. Specifically, fixed beam-
forming, adaptive beamforming, and multi-channel Wiener
filtering have been proposed for the multi-microphone
based noise reduction system. More recently, multi-channel
filtering based on GSVD (generalized singular value
decomposition) or QR decomposition has been introduced,

which is shown to have better performance than the stan-
dard beamforming techniques [1,2]. We focus the QR
decomposition based noise reduction scheme that is com-
putationally more efficient than the GSVD based optimal
filtering [2].

Estimation of noise statistics is required in multi-chan-
nel filtering like most single channel noise reduction meth-
ods. To obtain accurate estimation of noise statistics, a
number of methods have been proposed for single channel
algorithms. Recently, several statistical model based
sequential noise estimation methods have been successfully
applied to the non-stationary noise estimation for robust
speech recognition [3–5]. The statistical-based methods
are usually processed in the (log) spectral domain or ceps-
tral domain due to the modeling of clean speech signal
(Gaussian mixture model). Hence, they are suitable for
the feature compensation in general speech recognition sys-
tems. However, it is difficult and computationally ineffi-
cient to apply these methods to the QR decomposition
based multi-channel filtering, because the multi-channel fil-
tering is processed in the time domain and its main purpose
is to estimate the enhanced speech signal waveform. In
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practice, it would be better to recursively estimate the noise
by controlling the forgetting factor in a conventional multi-
channel filter scheme.

In conventional multi-channel filtering, the noise statis-
tics are recursively estimated with a forgetting factor dur-
ing noise-only periods and kept unchanged during
speech-present periods by a voice activity detector and a
fixed forgetting factor. Instead of using an explicit VAD
for noise estimation, we propose a time varying forgetting
factor parameterized as a function of NCC between micro-
phones, which has been used for finding the direction of
signals [6]. If we assume that the direction of speech source
is known and the time delays between microphones are
compensated, the spatial coherence measure such as the
NCC is a reliable measure for the speech presence probabil-
ity even in low SNRs as long as the speech and the noise
sources are physically located at different positions. The
NCCs of two different microphones are estimated from
the signals in a given temporal window, and are averaged
over all microphone pairs for the robustness against the
mismatch in microphones and array perturbations. The
averaged NCC is smoothed by the first-order recursive
averaging, and is mapped to a smoothing factor that deter-
mines the degree of smoothing. The objective evaluation
confirms that the proposed method improves the perfor-
mance of noise reduction.

2. Multi-channel optimal filtering

The signal model for multi-channel filtering is described
as

xiðkÞ ¼ diðkÞ þ viðkÞ i ¼ 1; . . . ;M ð1Þ
where xi(k) denotes the observed signal at the ith micro-
phone at time k, di(k) is the desired speech signal, vi(k) is
the additive noise component, and M is the number of
microphones. The stacked data vector x(k) is defined as

xðkÞ ¼

x1ðkÞ
x2ðkÞ

..

.

xMðkÞ

0BBBB@
1CCCCA; xiðkÞ ¼

xiðkÞ
xiðk � 1Þ

..

.

xiðk � N þ 1Þ

0BBBB@
1CCCCA ð2Þ

where N is the length of filter tap for each channel. The
noise vector v(k) and the desired speech signal vector d(k)
are defined in the same manner.

We assume that the speech and noise signals are uncor-
related, which makes it possible to estimate the speech cor-
relation matrix from the observed signal and noise. In
addition, we also assume that the noise signal is rather sta-
tionary as compared to the speech signal so that the noise
correlation matrix can be estimated during noise-only peri-
ods. With these assumptions, the MMSE optimal filter for
multi-channel noise reduction can be written as

WwfðkÞ ¼ ðEfxðkÞxTðkÞgÞ�1EfxðkÞdTðkÞg
’ ðEfxðkÞxTðkÞgÞ�1ðEfxðkÞxTðkÞg � EfvðkÞvTðkÞgÞ: ð3Þ

In Eq. (3), we can estimate the correlation matrix using the
sample correlation matrix as

EfxðkÞxTðkÞg ’ XTðkÞXðkÞ ð4Þ
where X(k) is the input data matrix. If we assume that the
sample correlation matrix is recursively updated with an
appropriate exponential weighting factor kx as

XTðkþ 1ÞXðkþ 1Þ ¼ k2
xXTðkÞXðkÞ þ ð1� k2

xÞxðkþ 1ÞxTðkþ 1Þ;
ð5Þ

then the input data matrix is defined as

Xðk þ 1Þ ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffi
1� k2

x

q
xTðk þ 1Þ

kxXðkÞ

" #
: ð6Þ

We can also define the noise data matrix V(k) and the sam-
ple correlation matrix for noise VT(k)V(k) in the same man-
ner from the noise vector v(k). The QR decomposition of
X(k) leads to a recursive implementation of the multi-chan-
nel optimal filter [2].

3. Time varying forgetting factor for the noise estimation

Instead of a conventional noise estimation based on
hard boundary VAD, we propose an adaptive estimation
method using the time varying forgetting factor as

VTðk þ 1ÞVðk þ 1Þ ¼ k2
vðk þ 1ÞVTðkÞVðkÞ

þ ð1� k2
vðk þ 1ÞÞxðk þ 1ÞxTðk þ 1Þ: ð7Þ

During noise-only periods, the forgetting factor kv(k) is usu-
ally close to 1 so that the noise reduction performance de-
pends mainly on the spatial characteristics of the input
signals and long term averaged spectral characteristics. In
this way we can also suppress spectrally non-stationary
noise without short-time effects such as musical noise.
kv(k) can be parameterized by the NCC, provided that the
direction of the speech source is known and the time delays
between microphones are compensated, i.e., the array is
steered to the direction of the speech source. The NCC at
time k between the mth and the nth microphone is defined as

qmnðkÞ ¼
EfxmðkÞxnðkÞgffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

Efx2
mðkÞgEfx2

nðkÞg
p ; ð8Þ

which tends to be close to 1 for the signals in the look direc-
tion and has lower values for the signals from other direc-
tions. We can estimate the NCC between two microphones
for a given time window by taking the inner product of two
normalized signal vectors. The NCCs between all micro-
phone pairs are also averaged for the robustness against
the microphone mismatch and array perturbations. The
averaged NCC estimates are smoothed in time by a first-or-
der IIR filtering as

q̂ðkÞ ¼ 2

MðM � 1Þ
XM�1

m¼1

XM

n¼mþ1

xT
mðkÞxnðkÞ

kxmðkÞk � kxnðkÞk
ð9Þ

~qðk þ 1Þ ¼ kq~qðkÞ þ ð1� kqÞq̂ðkÞ ð10Þ
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