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Abstract

This paper proposes a hybrid post-filter for microphone arrays
with the assumption of a diffuse noise field, where few post-
filter performs well, to suppress correlated as well as uncorre-
lated noises. In the proposed post-filter, a modified Zelinski
post-filter is applied to the high frequencies to suppress spa-
tially uncorrelated noise and a single-channel Wiener post-filter
is applied to the low frequencies for cancellation of spatially
correlated noise. In theory, the proposed post-filter follows the
framework of the multi-channel Wiener filter. In practice, ex-
periments using multi-channel noise recordings were conducted
and results show that the proposed hybrid post-filter gives the
highest SNR improvements and lowest speech distortion among
the tested post-filters in various car environments.

1. Introduction
Hands-free technology is desirable for a large number of appli-
cations, such as mobile phone and automatic speech recognizer,
due to the convenience and flexibility it provides. One main
problem associated with this technology is the signals received
by the distant microphones are severely corrupted by various
kinds of noises. A potential solution to this problem is the use
of microphone arrays due to their spatial filtering ability [1].

Recently, Simmer et al. published a significant finding: the
multi-channel Wiener filter, as the optimum filter for broadband
input, can be decomposed into a Minimum Variance Distortion-
less Response (MVDR) beamformer followed by a Wiener post-
filter [1]. The multi-channel Wiener filter generally produces
high signal-to-noise ratio (SNR) output than the MVDR beam-
former alone. Therefore, additional post-filtering is normally
needed to improve the performance of microphone arrays.

A variety of post-filtering techniques have been presented
in the literature [2]-[6]. One commonly used multi-channel
post-filter was first introduced by Zelinski with the unpractica-
ble assumption of zero-correlation between noises on different
microphones [2]. Moreover, Fischer et al. proposed to com-
bine the generalized sidelobe canceller (GSC) with a Wiener
post-filter to suppress the spatially correlated and uncorrelated
noise [3]. However, Bitzer et al. pointed out that neither the
GSC nor the Wiener post-filter performs well at low frequen-
cies [4]. An alternative solution, presented by Meyer et al.,
applies a Wiener filter in the high frequencies to suppress low-
correlated noise components, and uses spectral subtraction in
the low frequencies to suppress high-correlated noise compo-
nents [5]. However, this violates the basic framework of the
multi-channel Wiener filter shown by Simmer et al.[1], and it
fails to deal with “musical noise” and non-stationary noise. Re-
cently, McCowan et al. developed a general expression of the

Zelinski post-filter based on the a priori coherence function of
the noise filed [6].

In this paper, we propose a novel post-filter with a hy-
brid structure under the assumption of a diffuse noise field,
where the low-frequency noise is high-correlated and the high-
frequency noise is low-correlated. Considering these character-
istics, the proposed post-filter applies a modified Zelinski post-
filter, which fully considers and utilizes the correlation between
noise on different microphone pairs, for the high-frequency
noise and applies a single-channel Wiener post-filter, which
produces less “musical noise” due to the decision-directed SNR
estimation mechanism, for the low-frequency noise. In com-
parison of other traditional post-filters, the merits of the pro-
posed post-filter lie in: in theory, it follows the framework of
the multi-channel Wiener filter; in practice, it is capable to re-
duce correlated as well as uncorrelated noise in a diffuse noise
field. The superiority of the proposed post-filter was verified
using the multi-channel recordings in various car environments.

2. Problem Formulation
Let us consider a M -sensor microphone array in a noisy en-
vironment. The observed signal xm(t) on the m-th sensor is
composed of two components. The first is the desired signal
s(t) transformed by the impulse response am(t) between the
desired sound source and the m-th sensor. The second is the ad-
ditive noise nm(t). And applying the short-time Fourier trans-
form, the observed signals in the time-frequency domain are:

X(k, �) = S(k, �)A(k) + N(k, �), (1)

where k is the frequency index and � the frame index, and

XT (k, �) = [X1(k, �), X2(k, �), · · · , XM (k, �)] , (2)

AT (k) = [A1(k), A2(k), · · · , AM (k)] , (3)

NT (k, �) = [N1(k, �), N2(k, �), · · · , NM (k, �)] . (4)

The aim is to estimate the desired signal based on the ob-
served noisy signals. Minimizing the mean square error be-
tween the desired signal and its estimation, the optimum weight
factor was derived to be the multi-channel Wiener filter, which
can be further decomposed into a MVDR beamformer followed
by a Wiener post-filter, given by [1]:

Wopt(k, �) =

[
Φ−1

nn(k, �)A(k)

AH(k)Φ−1
nn(k, �)A(k)

]
︸ ︷︷ ︸

MVDR Beamformer

φss(k, �)

φss(k, �) + φnn(k, �)︸ ︷︷ ︸
Wiener Postfilter

. (5)

where Φnn(k, �) is the correlation matrix of noise signal, and
φss(k, �) and φnn(k, �) are the auto-spectral densities of de-
sired speech and noise, respectively.
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For the MVDR beamformer, some adaptive implementation
algorithms, such as Frost beamformer and GSC beamformer,
and some non-adaptive implementation algorithms, such as
the superdirective beamformer, have been published. For the
Wiener post-filter, Zelinski post-filter [2] and McCowan post-
filter [6] were presented with the drawbacks of incapability in
reducing correlated noise and the required a priori knowledge
of the noise field. This paper focuses on addressing the problem
of estimating the Wiener post-filter within the framework of the
multi-channel Wiener filter.

In the following discussion, without loss of generality, we
assume the microphone array has been pre-steered towards the
direction of the desired signal and the multi-channel inputs have
been scaled to achieve the identical desired speech signal on
each microphone. Thus, the time delay compensation outputs
can be denoted as:

Xm(k, �) = S(k, �) + Nm(k, �). m = 1, 2, · · ·M (6)

3. Proposed Microphone Array Post-Filter
In this section, we first describe the coherence function and its
application in analyzing noise fields. And then a hybrid post-
filter, with the assumption of a diffuse noise field, is proposed.

3.1. Analysis of Noise Field

To characterize a noise field, a widely used measure is the
magnitude-squared coherence (MSC) function, also called co-
herence function, defined as:

Γxixj (k, �) =
|φxixj (k, �)|2

φxixi(k, �)φxjxj (k, �)
, (7)

where φxixj (k, �) is the cross-spectral density between two sig-
nals xi(t) and xj(t); φxixi(k, �) and φxjxj (k, �) are the auto-
spectral densities of xi(t) and xj(t), respectively.

A diffuse noise field, which is one of the underlying as-
sumptions of this paper, has been shown to be a reasonable
model for many practical noise environments[5][11]. A diffuse
noise field is characterized by the following coherence function:

Γ(k) =

∣∣∣∣ sin (2πkd/c)

2πkd/c

∣∣∣∣
2

, (8)

where d and c represent the distance between adjacent micro-
phones and the velocity of sound. The coherence function of
a perfect diffuse noise field against frequency is plotted in Fig.
1. From Fig. 1, some characteristics of the diffuse noise field
can be easily observed: (i) coherence function is a frequency-
dependent and time-invariant measure; (ii) noise on different
microphones is high-correlated in the low frequencies and low-
correlated in the high frequencies.

3.2. Proposed Hybrid Post-Filter

To formulate the proposed post-filter, let us first give some as-
sumptions on which it is based: (i) the desired speech signal
and noise signal are uncorrelated on each microphone; (ii) noise
power spectral density is identical on each microphone; (iii)
noise on different microphones is diffuse noise.

In the following discussion, we derive a hybrid post-filter,
which applies a modified Zelinski post-filter in the high fre-
quency region and a single-channel Wiener filter in the low fre-
quency region, with the hope of enhancing the noise reduction
performance of the post-filter. The block diagram of the pro-
posed post-filter along with beamformer is plotted in Fig. 2.
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Figure 1: Magnitude-squared coherence function in car envi-
ronment (d = 10cm).
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Figure 2: Block diagram of the proposed system.

3.2.1. A Modified Zelinski Post-Filer in the high frequencies

As Fig. 1 demonstrates, in a diffuse noise field, the spatially
uncorrelated noise components on different microphones only
exist in the frequencies over the transient frequency ft, which
is chosen as the first minimum frequency given by ft = c/(2d).
Since the transient frequency is determined by the distance
between microphones, microphone pairs with different inter-
element spacing are characterized by different transient fre-
quencies. That is, for different microphone pairs with different
inter-element spacing, uncorrelated noise is found in different
frequency regions. Furthermore, for a certain frequency, noise
is mutually uncorrelated only on limited microphone pairs, gen-
erally not on all pairs. This fact motivates us to propose a mod-
ified Zelinski post-filter which makes full use of the spatial cor-
relations of noise on different microphone pairs.

The modified Zelinski post-filter is implemented in the fol-
lowing steps:

1. Determine the transient frequencies according to the mi-
crophone array geometry. Considering a M -sensor array with
the equal adjacent-element spacing d and the distance dij be-
tween sensors i and j (i, j ≤ M ), we have M(M−1)/2 micro-
phone pairs which determine M(M − 1)/2 transient frequen-
cies, each of them can be calculated by ft,ij = c/(2dij). Since
the inter-element spacings are identical for some microphone
pairs, some transient frequencies are identical as well. In prin-
ciple, among M(M−1)/2 microphone pairs, only M−1 pairs
have different inter-element spacings. Correspondingly, we can
determine M − 1 different transient frequencies, denoted by
f1

t , f2
t , · · · , fM−1

t . Without loss of generality, we further as-



sume the following relationship between transient frequencies
f1

t < f2
t < · · · < fM−1

t .
2. Determine the microphone pairs on which noise is mu-

tually uncorrelated for each frequency. As a matter of fact,
the M − 1 different transient frequencies, f1

t , f2
t , · · · , fM−1

t ,
divide the full frequency band into M sub-bands, denoted by
B0, B1, · · · , BM−1. In each sub-band (expect B0), some mi-
crophone pairs provide uncorrelated noise components on mi-
crophones of the pairs. In principle, the M(M − 1)/2 micro-
phone pairs can be grouped into M − 1 sets where some mi-
crophone pairs are re-used. Each of M − 1 sets includes the
microphone pairs on which noise signals are mutually uncorre-
lated for the individual frequency of interest. Corresponding to
the transient frequencies f1

t , f2
t , · · · , fM−1

t , the M − 1 micro-
phone pair sets are represented as: Ω1, Ω2, · · · , ΩM−1.

3. Compute the spectral densities of the desired and noisy
signals. For each frequency in sub-band Bm(1 ≤ m ≤ M −
1), the noise on the microphone pairs of set Ωm is assumed to
be exactly uncorrelated. Thus, the spectral densities of desired
speech and noisy signals can be estimated from the auto- and
cross- spectral densities of multi-channel inputs, given as:

φxixi(k, �) = φss(k, �) + φnn(k, �), (9)

φxixj (k, �) = φss(k, �). (10)

4. Compute the gain function of the modified Zelinski post-
filter. To improve the robustness of the post-filter against esti-
mation errors, estimates of the auto- and cross- spectral densi-
ties are averaged across the microphone pairs in the correspond-
ing pair set Ωm (not all microphone pairs). The gain function
of the modified Zelinski post-filter is given by:

Gmz(k, �)=

1
|Ωm(k)|

∑
{i,j}∈Ωm(k)

�{φxixj (k, �)}

1
|Ωm(k)|

∑
{i,j}∈Ωm(k)

[
1

2

(
φxixi(k, �)+φxjxj (k, �)

)]. (11)

Note, that in this modified Zelinski post-filter, the aver-
age for the auto- and cross- spectral densities is performed on
only limited microphone pairs in the corresponding pair set Ωm,
avoiding the estimation error caused by the correlated noise and
improving the robustness of this post-filter. However, in the
Zelinski post-filter, the McCowan post-filter and the Meyer’s
post-filter, the average is performed across all microphone pairs,
introducing the estimation error and further degrading their
noise reduction performance.

Moreover, we should note that the first two steps should be
performed in advance, since they are only dependent on the mi-
crophone array geometry and independent of input signals. The
limited microphone pairs, involved in the estimation procedure
of the auto- and cross- spectral densities, contribute to the de-
crease of computational cost of this proposed post-filter.

3.2.2. A Single-Channel Technique in the low frequencies

In the low frequency sub-band (B0 where k < f1
t ), noise on

all microphone pairs is high-correlated, indicating that no post-
filter that calculates the cross-spectral densities can perform
well in these frequencies.

In the low frequencies, therefore, we turn to a single-
channel technique to estimate a Wiener filter. The gain function
of the Wiener filter is rewritten here:

Gs(k, �)=
E

[|S(k, �)|2]
E [|S(k, �)|2]+E [|N(k, �)|2]=

SNRpriori(k, �)

1+SNRpriori(k, �)
, (12)

where E [.] denotes the expectation operator, and
SNRpriori(k, �) the a priori SNR, defined by
SNRpriori(k, �) = E

[|S(k, �)|2] /E
[|N(k, �)|2]. The

estimate of the a priori SNR, SNRpriori(k, �), is updated
in a decision-directed scheme which significantly reduces the
residual “musical noise” as detailed in [7]. While, the Meyer’s
algorithm yielded the “musical noise” since the spectral
subtraction was employed in the low frequencies.

To improve the performance of this single-channel Wiener
filter, a crucial point is to estimate noise power spectral den-
sity with high accuracy. Here, we adopt a soft-decision based
estimation approach which updates the noise estimate in a re-
cursive way, where the forgetting factor is determined by the
speech absence probability [7]. This estimation approach can
update the noise estimate in speech active periods, improving
its performance in dealing with non-stationary noise. Compar-
atively, the Meyer’s algorithm failed to update noise estimate in
speech active periods due to the use of VAD based noise estima-
tion approach, further failing to deal with non-stationary noise.

4. Experiments and Results
To validate the effectiveness of the proposed hybrid post-filter
in a diffuse noise field, its performance was investigated and
further compared to other conventional post-filters, including
the Zelinski post-filter [2], the McCowan post-filter [6] and the
single-channel Wiener post-filter alone [8], in various car noise
environments. A beamformer, implemented by a superdirec-
tive beamformer [9], is first applied to the multi-channel noisy
signals. Then, the beamformer output is further enhanced by
the studied post-filters. The performance is evaluated in terms
of objective measures: segmental SNR (SEGSNR) and log-
spectral distance (LSD), defined in [10].

4.1. Experimental Configurations

The performance of the studied post-filters was assessed in a
real car environment. For this purpose, an equally-spaced linear
array, consisting of three microphones with inter-element spac-
ing of 10 cm, was mounted above the windshield in a car. The
array was just about 50 cm apart from and in front of the driver.

The multi-channel noise recordings were performed across
all channels simultaneously, consisting mainly of engine noise
and road noise, when the car was running on an express way
at speed of 50km/h and 100km/h. The clean speech signals,
consisting of 50 Japanese sentences, were taken from an ATR
database. Both speech and noise signals were first re-sampled
to 12kHz at 16 bit accuracy. We generated the multi-channel
noisy signals by artificially mixing clean speech signals and
real-world multi-channel car noise signals at different global
SNR levels [-5, 20] dB. This generation procedure has the fol-
lowing advantages: (1) it implicates that an ideal time delay
compensation has been performed; (2) performance evaluation
using the objective measures can be readily performed since the
mixing condition is explicitly measured.

The effectiveness of the diffuse noise field was investi-
gated by comparing the measured coherence function, calcu-
lated from real noise recordings, with the theoretical function,
plotted in Fig. 1. It can be seen, from Fig. 1, that the mea-
sured coherence function follows the trend of the theoretical
function, which fulfills the assumption of a diffuse noise field
used in the proposed post-filter. While the large variations at
the instantaneous values severely degrades the performance of
the McCowan post-filter.



4.2. Objective Evaluation Results

Experimental results of the average SEGSNR, calculated in two
noise conditions at various SNR levels, are plotted in Fig. 3; the
results of LSD are presented in Fig. 4. The values were aver-
aged across all sentences in each noise condition. The perfor-
mance was evaluated at the first microphone, the beamformer
output and the studied post-filter outputs.

As illustrated in Fig. 3, the beamformer alone and the Zelin-
ski post-filter do not provide sufficient SEGSNR improvement,
since they fail to suppress the low-frequency noise components.
And the McCowan post-filter offers a great SEGSNR improve-
ment. The single-channel Wiener post-filter shows the higher
SEGSNR improvements compared with the Zelinski and the
McCowan post-filters in all noise conditions. And the pro-
posed post-filter demonstrates the highest SEGSNR improve-
ment among the tested post-filters in all noise conditions.

Concerning the results of LSD, plotted in Fig. 4, we can
readily observe that the beamformer alone and the Zelinski
post-filter decrease LSD in all conditions with regard to noisy
inputs. And the single-channel Wiener post-filter decreases the
speech distortion of noisy signal at low SNRs, while it shows
the increased LSDs at high SNRs even compared with the noisy
signal. The proposed post-filter and the McCowan post-filter
show the lowest speech distortion to an almost same degree
at all SNRs, compared to other post-filters in all noise condi-
tions. Compared to the McCowan post-filter, the proposed post-
filter yields less residual noise (eg. “musical noise”), which was
proven by the informal listening tests.

5. Conclusions
In this paper, we proposed a hybrid post-filter for microphone
arrays with the assumption of a diffuse noise field. The pro-
posed post-filter combines a modified Zelinski post-filter in the
high frequency region and a single-channel Wiener post-filter
in the low frequency region. Experimental results validated its
performance in reducing correlated and uncorrelated noise in
various car environments. Compared to other algorithms, the
proposed post-filter has the following advantages: (1) in the-
ory, the proposed post-filter follows the framework of the multi-
channel Wiener filter since it exactly is a Wiener post-filter. (2)
in practice, the proposed post-filter demonstrates superiority in
reducing correlated as well as uncorrelated noise and preserving
desired speech, compared to other tested algorithms.
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