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Introduction

In speech processing systems with large speaker to microphone
distance such as hearing aids or hands-free telephony the recorded
speech signal is often heavily corrupted by additive acoustic back-
ground noise. Microphone arrays can significantly improve the
received speech quality by extracting the desired speech source and
suppressing disturbing background noise and reverberation. High
performance array processing algorithms exploit the spatial charac-
teristics of the sound field as well as the time and frequency de-
pendent SNR.

Optimum solution in the minimum mean-square
error (MMSE) sense

In the sequel all multichannel signals and systems are presented in
the frequency domain using complex vector notation for the sake of
compactness. All equations represent just a single frequency bin.
The frequency index is generally omitted. The superscript T de-
notes the transpose operator, the superscript * denotes the complex
conjugation and the superscript H the conjugate transpose.
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We assume that the input vector X =[x0,x1,...,xN] (fre-
quency domain version of the input signal recorded by the N mi-
crophones) consists of a single desired source signal S which is

transformed by the acoustic path d (propagation vector) and is
corrupted by an additive multichannel noise source V :

x=sd+v. eq. 1
The output signal y of a general linear array processor is given by

y= WH X. eq. 2
The optimum weight vector provides the estimate ) of a the de-
sired signal § by minimising the mean square of the error
e = s —Y. The best possible solution in the MMSE sense is given
by the multichannel Wiener filter or Wiener-Hopf equation in
matrix form:

-l eq. 3
wopt - (I)xx¢xs

where (I)xX =F|x XH] is the correlation matrix of the input

*
signal and ¢xs =FEl|xs ] is the cross-correlation vector of the

noisy input and the desired signal. Eq. 3 is also known from the
context of optimum FIR filters in the time-domain. This is not
really surprising since array processors and FIR filters are closely
related: in both cases the output is a weighted sum of delayed sam-
ples.

Assuming that the speech and noise signals are uncorrelated, and
inserting the propagation model (eq. 1), optimum weight becomes:

Wopt = [¢ssddH + (I)vv]_l ¢ssd' o 4

By applying the matrix inversion lemma (see [3], [11] for details)
the multi-channel Wiener filter can be written as a product of a
spatial filter depending on the noise correlation matrix and a one-
dimensional Wiener filter depending on the output SNR of the
spatial filter:
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The spatial weight vector F is the well-known Minimum Variance
Distortionless Response (MVDR) beamformer. It provides an
MMSE estimate of the desired signal under the constraint of a
distortionless look direction response. The Frost beamformer and
the Generalized Sidelobe Canceller (GSC) are adaptive realisations
of the MVDR beamformer. A direct frequency domain realisation
can be implemented by estimating the noise correlation matrix
during speech pauses. Furthermore, the MVDR beamformer im-
plements a superdirective array if a fixed diffuse noise correlation
matrix is assumed. In any case, a practical design should be con-
strained to limit the sensitivity against sensor errors and spatial
white noise [1].

Residual noise and reverberation that is not cancelled by the
MVDR beamformer can be suppressed by the single channel Wie-
ner filter H. Therefore, the multichannel Wiener filter provides a
significantly higher output SNR than the MVDR beamformer
alone. The inevitable linear distortion introduced by the Wiener
filter can be minimized by carefully designed postfilter algorithms
that implement a reasonable compromise between signal distortion
and noise suppression.
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Fig. 1: Frequency domain implementation of a microphone ar-
ray with beamforming an postfiltering.

Postfilter Estimation

Many postfilter algorithms ([4], [5], [6], [7], [8], [9], [10]) are
based on the assumption of spatially uncorrelated noise. The post-



filter is estimated by computing some sort of normalized cross-
correlation coefficient (coherence) as a function of frequency.

Measurements in a normal office room (fig. 2 and 3.) have shown
that the noise field in a reverberant room can be approximated by a
diffuse sound field. The coherence function of the 3-dimensional
diffuse sound field [2] is given by ['(f)=sinc(2 7 [/ c),
where sinc(x)=sin(x)/x, [ is the microphone distance, ¢ is the
sound speed, and f'is the frequency.

In a diffuse noise field correlation-based postfilters have several
drawbacks that significantly reduce the speech quality [11]:

1. Negative coherence at certain frequencies leads to a negative
postfilter transfer function [11]

2. The transfer function can become unstable if superdirective
coefficients are used [10].

3. A large microphone distance / > c/ (2f,.;,) is required for

suppression of low frequencies [8] which leads to a violation

of the spatial sampling theorem / < ¢/(2f, . ) -

An improved postfilter algorithm H = ¢ZZ / ¢xx proposed in [11]
evaluates the ratio of the output power and the input power of the
beamformer. This approach avoids negative postfilters can be used
with small size arrays and superdirective coefficients and outper-
forms correlation based algorithms.
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Fig. 2 Real part of the complex coherence function (30 cm mic.
distance) Solid line: measured in an office room. Dashed line:
theoretical result for a 3-dimensional diffuse sound field.
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Fig. 3: Real part of the complex coherence function (5 cm mic.
distance) Solid line: measured in an office room. Dashed line:
theoretical result for a 3-dimensional diffuse sound field.

Conclusion

The multichannel Wiener filter can be decomposed into a product
of a spatial (MVDR) filter depending on the noise correlation ma-
trix and a one-dimensional Wiener postfilter depending on the
output SNR of the spatial filter. Postfiltering algorithms based on
the assumption of spatially uncorrelated noise provide suboptimal
performance in diffuse noise field. However, appropriate postfilters
applied to small size arrays provide high speech quality and are
able to improve the output SNR of beamformers and superdirective
arrays significantly.
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