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a b s t r a c t

A multi-channel post-filtering algorithm using the proposed spatial coherence measure is
derived. The spatial coherence measure evaluates the similarity between the measured
signal fields using power spectral density matrices. In the proposed post-filter, the
assumption of homogeneous sound fields is relaxed. Besides, multi-rank signal models
can be easily adopted. Under this measure, the bias term due to the similarity of the
desired signal field and the noise field is further investigated and a solution based on bias
compensation is proposed. It can be shown that the compensated solution is equivalent to
the optimal Wiener filter if the bias or the noise power spectral density matrix is perfectly
measured. Simulations with incoherent, diffuse, and coherent noise fields and a local
scattered desired source were conducted to evaluate the algorithms. The results demon-
strate the superiority of the proposed bias compensated post-filter across different types
of noise fields with a more accurate signal model.

& 2014 Elsevier B.V. All rights reserved.

1. Introduction

Multi-channel speech enhancement has attracted much
attention in recent years. In the real world, desired speech
signals are often corrupted by background noises, speech
interferences, and reverberation. For more than two
microphones, there are two main categories of speech
enhancement approach: beamforming and multi-channel
post-filtering. Beamforming has been applied to several
narrow- or wide-band signals processes, which can be
defined by a filter-and-sum process [1] in the conventional
sense. A well-known designing strategy is to preserve the
signal from the direction of interest while attenuating
others, which can be achieved by the minimum variance
distortionless response (MVDR) algorithm [2,3]. The MVDR
beamforming is optimal in the mean square error (MSE)

sense when the interference-plus-noise power spectral
density (PSD) matrix can be obtained and there is no
mismatch on the presumed steering vector. Typically,
adaptive filtering techniques are applied to estimate the
PSD matrix and additional training processes or a priori
information of signal presence is needed for offline or
online implementation [1–4]. On the other hand, the
multi-channel post-filtering, which considers both the
spatial information and the signal-to-noise ratio (SNR),
can be designed in a more general way. Simmer et al. [5]
show that the optimal minimum mean square error
(MMSE) solution can be decomposed into an MVDR
beamformer followed by a single-channel Wiener filter.
This solution is also called a multi-channel Wiener filter.

Most post-filtering algorithms aim to enhance the
single-channel Wiener filter by a more accurate estimation
of SNR. The SNR estimation for speech enhancement can be
implemented based on the minimum statistics for the
stationary noise [6–8], or the spatially pre-processed
power [9]. Most of them are energy-based. Alternatively,
the phase information of a microphone pair has already
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been used in blind source separation (BSS) [10] as well as
the computational auditory scene analysis (CASA) [11].
Aarabi et al. [12–14] provide a different view of the SNR
from the phase error perspective for the dual-channel case.
In their work, the relationship between the phase error and
the SNR was derived [12]. However, the idea of phase error
can only be applied to the case of two-microphone. In
addition to the SNR estimation, some post-filtering algo-
rithms directly estimate the spectral densities [15–17]. Like
the case of phase error, the cross-spectral density is usually
defined between two microphones. For more than two
microphones, the common practice is to perform average
among all distinct microphone pairs [15,16]. Although this
might enhance the robustness of the estimation, there is
still no formal proof regarding its effectiveness. In parti-
cular, it does not consider the spatial arrangement of
microphones, i.e., the advantages of using more than two
microphones is not fully explored. In this paper, a new
spatial measure is defined on a microphone array which
leads to a novel post-filtering algorithm (named spatial
coherence based post-filter, SCPF). The post-filter belongs to
the class of spectral densities estimators (which is inherent
in the estimation of the input PSD matrix), while it is
guaranteed to lie in the range of [0, 1]. Further, the
proposed spatial coherence measure can be easily
extended to multi-rank signal models encompassing inco-
herently scattered source, etc. Multi-rank signal models or
rank relaxation has been widely used in sensor array
localization [18–21], beamforming [22–25], or quadratic
optimization problems [25,26]. It is more convenient to
consider various design requirements than previous meth-
ods using microphone array.

However, a bias term due to the similarity of the desired
signal field and the noise field deteriorates the noise
reduction performance. As a result, a bias compensated
method is proposed (called bias compensated spatial coher-
ence based post-filter, BC-SCPF). It can be shown that the
BC-SCPF is equivalent to the optimal Wiener filter if the bias
or the noise PSD matrix is perfectly measured. Three kinds
of noise fields were used with a local scattered source for
analysis: incoherent, diffuse, and coherent. Three ITU-T
standards were computed to evaluate the perceptual quality
and the noise reduction performance. The simulation results
show the superiority of the proposed BC-SCPF with a more
accurate signal model in all noise fields comparing with
various methods proposed before.

The paper is organized as follows. Section 2 states the
objective and reviews some relatedworks. In Section 3, a trace
inequality is introduced and a coherence measure is defined
based on it. The SCPF and BC-SCPF are proposed in Section 4.
The simulation setup and results with three noise fields are
presented in Section 5, and Section 6 gives the conclusion.

2. Problem formulation and prior works

2.1. Problem formulation

Consider a linear array with M omni-directional micro-
phones. The observation vector is given by

xðtÞ ¼ sðtÞþnðtÞ ð1Þ

where s(t) and n(t) are the desired signal and noise. Both
of them can be multi-dimensional. By assuming locally
time-invariant transfer functions and applying the short-
time Fourier transform (STFT), the observations are divided
in time into overlapping frames by the application of a
window function and analyzed in the time–frequency
domain as,

xðω; kÞ ¼ sðω; kÞþnðω; kÞ ð2Þ
where ω and k are discrete frequency and frame indices
respectively.

A beamforming method aims to find a spatial filterw to
estimate the desired source by

yðω; kÞ ¼wHðω; kÞxðω; kÞ ð3Þ
A post-filtering method aims to find a gain function (or

mask) to suppress the undesired noise, which can be
multiplied on the beamformer output as

ŝðω; kÞ ¼ Gðω; kÞUyðω; kÞ ð4Þ

2.2. Multi-channel post-filtering based on noise field
coherence

McCowan et al. [16] proposed a multi-channel post-filter
as a modification of the Zelinski post-filter [15]. In their
systems, the microphones have to pass a time alignment
module to adjust the propagation of the desired source
between microphones before the post-filter estimation,
which is equivalent to the information in the presumed
steering vector as(ω). That is, the pre-processed input vector
~xðω; kÞ after the time alignment module can be written as

~xðω; kÞ ¼ xðω; kÞ3asðωÞ ð5Þ
where 3 denotes the Schur–Hadamard (elementwise) matrix
product. If the desired signal is a point source, the presumed
steering vector as(ω) can be equivalent to the truncated
impulse response h(ω) if the magnitudes and time delays of
the source to the microphones are exactly measured. How-
ever, the steering vector is not sufficient to describe general
cases, which will be discussed in detail in Section 4.1.

Compared to the Zelinski post-filter, the work in [16]
considered a generalized coherence function to describe
the characteristics of the noise field on the aligned inputs.
Noises between sensors can be coherent (or correlated).
The noise coherence function of the time aligned inputs is
defined as

~Γninj ðωÞ ¼ ~ϕninj
ðωÞ=

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
~ϕnini ðωÞU ~ϕnjnj ðωÞ

q
ð6Þ

where ~ϕninj
ðωÞ is the cross-spectral density between the

noises at the i-th and j-th microphones. Note that the
diagonal terms of ~ΓnðωÞ are 1 and its trace equals to M. In
their works, the homogeneous sound fields are assumed.
That is, the sources have the same power spectrum at each
sensor. Based on this assumption, the spectral densities of
the aligned inputs are expressed as [16]

~ϕxixi ðωÞ ¼ ~ϕsðωÞþ ~ϕnðωÞ ð7Þ

~ϕxjxj ðωÞ ¼ ~ϕsðωÞþ ~ϕnðωÞ ð8Þ
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