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Abstract
Using an acoustic sensor network, consisting of spatially
distributed microphones, a significant noise reduction can
be achieved with the centralized multi-channel Wiener fil-
ter (MWF), which aims to estimate the desired speech com-
ponent in one of the microphones, referred to as the ref-
erence microphone. However, since the distributed micro-
phones are typically placed at different locations, the selec-
tion of the reference microphone has a significant impact
on the performance of the MWF, largely depending on the
position of the desired source with respect to the micro-
phones. In this paper, different optimal and suboptimal
reference selection procedures are presented, both broad-
band and frequency-dependent. Experiment results show
that the proposed procedures yield better performance than
an arbitrarily selected reference microphone.

1 Introduction
By spatially distributing several microphones, one can build
a so-called acoustic sensor network (ASN) with micro-
phones located at distinct places, such that more informa-
tion about the sound field can be acquired than using a
single microphone (array) at one position and the prob-
ability that a subset of microphones is closer to the de-
sired source(s) is substantially increased. Recently, ASNs
have been considered for teleconferencing applications [1],
surveillance [2] and for hearing aid applications [3]-[7],
where microphone arrays located on different hearing aids
(or even other devices) exchange information with each
other in order to improve speech intelligibility in noisy en-
vironments.

In speech enhancement applications, the muli-channel
Wiener filter (MWF) is widely used to reduce noise and
thus improve signal quality [6]. The MWF performs noise
reduction by estimating the desired signal component in
one of the microphones, referred to as the reference micro-
phone. In [8], the theoretical performance measures of the
MWF have been analyzed and it has been shown that the
theoretical output SNR of the MWF only depends on the
noise field and the acoustic transfer functions (ATFs) be-
tween the desired source and the microphones. Although,
the theoretical output SNR of the MWF is independent of
the selection of the reference microphone, experimental re-
sults (cf. Table 1) have shown that the estimation of the de-
sired signal component in different reference microphones
leads to different output SNRs, depending on the acous-
tical scenario, i.e., the positions of speech/noise sources
and the microphones. This effect can be explained by the
fact that for practical implementation of the MWF, the cor-
relation matrices of the speech and noise components are
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Figure 1: Configuration of a sensor network with M mi-
crophones.

used and estimation errors in these second-order statistics
lead to different output SNRs for different reference micro-
phones. For microphone arrays with closely spaced micro-
phones, the impact of the selected reference microphone
on the performance is typically small. However, when the
microphones are distributed at distinct locations (e.g., in a
room), the influence of the reference microphone selection
on the performance of the MWF can be quite substantial.

In this paper, we introduces different optimal and sub-
optimal (broadband and frequency-dependent) reference se-
lection procedures, based on output/input SNR, signal en-
ergy and source distance and investigate the performance
of the MWF using these procedures. Simulation results
have shown that the reference selection procedures pro-
posed in this paper perform better than an arbitrarily se-
lected reference microphone. Moreover, the less complex
suboptimal procedures show similar performance as the
optimal reference selection procedures.

2 Signal model and configuration
Consider the acoustic sensor network with M distributed
microphones as depicted in Figure 1. The m-th microphone
signal Ym(ω) can be written in the frequency-domain as

Ym(ω) = Xm(ω)+Vm(ω) m = 1 . . .M, (1)

where Xm(ω) represents the speech component and Vm(ω)
the noise component. We define the M-dimensional stacked
vector Y(ω) as

Y(ω) =

⎡⎣ Y1(ω)
...

YM(ω)

⎤⎦ , (2)

which can be decomposed as Y(ω) =X(ω)+V(ω).
The noise reduced signal is then obtained by filtering

and summing the microphone signals, i.e.,

Z(ω) =WH(ω)X(ω)+WH(ω)V(ω), (3)
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where W(ω)= [W1(ω) · · ·WM(ω)]T represents the stacked
vector of the filter coefficients.

3 Multi-channel Wiener filtering
In the following, we will consider the problem of estimat-
ing as desired signal the speech component Xm0

(ω) of the
m0-th microphone arbitrarily selected to be the reference
microphone. The multi-channel Wiener filter (MWF) pro-
duces a minimum-mean-square-error (MMSE) estimate by
minimizing the MSE cost function [6]

ξ (Wm0
(ω)) = E {∣∣Xm0

(ω)−WH
m0
(ω)Y(ω)

∣∣2}, (4)

where E {.} denotes the expected value operator. The so-
lution of this minimization problem is given by

Wm0
(ω) =Φ−1

y (ω)Φx(ω)em0
, (5)

with Φy(ω)=E {Y(ω)YH(ω)}, Φx(ω)=E {X(ω)XH(ω)}
the speech correlation matrix and em0

an M-dimensional
vector with the m0-th element equal to 1 and all other ele-
ments equal to 0, which selects the column of Φx(ω) corre-
sponding to the reference microphone m0 ∈ {1 . . .M}. The
output signal can hence be written as

Zm0
(ω) = WH

m0
(ω)X(ω)+WH

m0
(ω)V(ω) (6)

= Zxm0
(ω)+Zvm0

(ω),

where Zxm0
(ω) corresponds to the speech component in the

output signal and Zvm0
(ω) to the residual noise. Assuming

that the speech and the noise components are uncorrelated,
the correlation matrix Φy(ω) can be expressed as

Φy(ω) =Φx(ω)+Φv(ω), (7)

where Φv(ω) represents the noise correlation matrix, i.e.,

Φv(ω) = E {V(ω)VH(ω)}.
To evaluate the performance of the MWF, we consider

for each frequency bin the input SNR of the reference mi-
crophone, i.e.,

SNR
m0
in (ω) =

E {∣∣Xm0
(ω)

∣∣2}
E {∣∣Vm0

(ω)
∣∣2} =

eH
m0
Φx(ω)em0

eH
m0
Φv(ω)em0

. (8)

We also define the intelligibility weighted broadband in-
put SNR which is obtained by weighting and integrating
SNR

m0
in (ω) over the full frequency band, i.e.,

SNR
m0
inBr

= ∑
ω

I(ω)SNR
m0
in (ω), (9)

where the weight I(ω) expresses the importance of each
frequency bin for speech intelligibility.

Similarly to the input SNR, we consider for each fre-
quency bin the output SNR which can be computed as

SNR
m0
out(ω)=

E {
∣∣∣Zxm0

(ω)
∣∣∣2}

E {
∣∣∣Zvm0

(ω)
∣∣∣2} =

WH
m0
(ω)Φx(ω)Wm0

(ω)

WH
m0
(ω)Φv(ω)Wm0

(ω)
,

(10)
and also define the intelligibility weighted broadband out-
put SNR as

SNR
m0
outBr

= ∑
ω

I(ω)SNR
m0
out(ω). (11)

4 Reference microphone selection
In this section we propose different procedures for refer-
ence microphone selection. First, the optimal reference mi-
crophone selection based on the broadband and the frequency-
dependent output SNR are considered. We then present
suboptimal procedures based on the input SNR, the signal
energy and the distance.

4.1 Optimal reference selection
The optimal reference microphone selection scheme is ob-
viously defined as the one resulting in the highest output
SNR. Therefore, the reference microphone can be selected
by first computing all possible Wiener filters Wm(ω), m=
1 . . .M and selecting as the reference microphone the mi-
crophone m0 corresponding to the filter Wm0

(ω) provid-
ing the highest broadband output SNR, i.e.,

max
m0

SNR
m0
outBr

. (12)

As can be seen from (5), the MWF can be computed
for each frequency bin separately and for each frequency
bin, the output SNR SNR

m0
out(ω) can be quite different for

different reference microphones. Hence, we propose to
further increase performance by optimizing the frequency-
dependent output SNR, i.e. by selecting the reference mi-
crophone for each frequency bin individually.

The broadband and the frequency-dependent reference
microphone selection based on the output SNR correspond
to the optimal reference microphone selection procedures.
However, the algorithm complexity increases since one first
needs to compute M multi-channel Wiener filters. To avoid
this drawback, we also consider different suboptimal selec-
tion procedures with a lower computational complexity.

4.2 Suboptimal reference selection
Since the output SNR of the MWF is generally closely re-
lated to the input SNR of the reference microphone, it is
intuitive to estimate the desired signal component in the
microphone with the highest input SNR, i.e.,

max
m0

SNR
m0
inBr

. (13)

Furthermore, the computational complexity of this selec-
tion procedure by estimating the input SNR is much lower
than by first computing M multi-channel Wiener filters prior
to the optimal reference selection.

In theory, the input SNR dependents on the position of
the desired source. The closer the source, the higher the in-
put SNR and hence, if the distance of the desired source to
all microphones is known, reference selection can also be
performed by using the microphone closest to the desired
source, i.e.,

min
m0

dm0
, (14)

where dm0
is the distance of the desired source to the m0

microphone.
Another procedure we also propose is based on the

broadband signal energy. Depending on the acoustical sce-

nario 1, the selection of the microphone with the highest
broadband signal energy can also be used as a suboptimal
reference selection procedure, i.e.,

max
m0

∑
ω
eH

m0
Φy(ω)em0

. (15)

1Would probably not work when the noise source is close to the mi-
crophone.
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Similarly to the optimal procedure based on the output
SNR, the reference microphone can also be selected for
each frequency bin by using the suboptimal reference se-
lection procedures based on the input SNR and the signal
energy of the microphones. For each frequency bin the mi-
crophone with the highest input SNR or the highest signal
energy is selected as the reference microphone, i.e.,

max
m0

eH
m0
Φx(ω)em0

eH
m0
Φv(ω)em0

, and max
m0

eH
m0
Φy(ω)em0

. (16)

5 Experimental results
In this section we investigate the performance of the MWF
using the different reference selection procedures for a re-
alistic acoustic scenario.

5.1 Setup and performance measures
Simulations have been performed using the acoustic sce-
nario depicted in Figure 2. The circles (# 1 . . .6) repre-
sent the microphone positions and the cross markers repre-
sent various positions of the desired source in a room with
dimensions 7m×5m×3.5m and T60 = 400ms. We con-
sider a scenario with a single speech source, and diffuse
noise generated using the method introduced in [11]. The
desired signal has been generated by convolving a clean
speech signal from the HINT-database [9] with the im-
pulse responses simulated using the image model [10].
The sampling frequency is fs = 16kHz. For each position
of the desired source, the closest microphone is assumed
to be known and the input SNR is set to 5 dB for a source-
microphone distance of 1.13 m.

In our implementation, we use the overlap/add method
with a Hanning analysis and synthesis window, and we ap-
ply a 75% overlap between the signal frames. The FFT size
used for the overlapp/add method is equal to NFFT = 1024.
For the estimation of the correlation matrices, we use a per-
fect voice activity detector (VAD) to classify signal frames
as speech dominant frames or noise dominant frames (si-
lence). The correlation matrices Φy(ω) and Φv(ω) are es-
timated in a batch mode by using all speech + noise frames
and all noise only frames respectively, i.e.,

Φ̂y(ω) =
1

Fx
∑
Fx

Y(ω)YH(ω), (17)

Φ̂v(ω) =
1

Fv
∑
Fv

V(ω)VH(ω), (18)

where Fx and Fv are the number of frames during periods
of speech + noise and periods of noise only. Since we as-
sume that the speech and the noise components are uncor-

related, we estimate the speech correlation matrix Φ̂x(ω)

as Φ̂x(ω) = Φ̂y(ω)− Φ̂v(ω). The resulting Wiener filter
is computed as

Ŵm0
(ω) = Φ̂−1

y (ω)Φ̂x(ω)em0
. (19)

In order to describe the MWF performance for all po-
sitions using a single number, we define the spatially aver-
aged output SNR, i.e.,

SNR
m0
outavg

=
1

Ns
∑
Ns

SNR
m0
outBr

,

which averages the intelligibility weighted broadband out-
put SNR over the considered Ns source positions.
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Figure 2: The scenario of an acoustic sensor network with
M = 6 microphones.

5.2 Results
For a desired source located at the position with coordi-
nates (4.2, 3.2), Table 1 shows the intelligibility weighted
broadband output SNR of the MWF for all introduced ref-
erence microphone selection procedures. As one can see,
the first microphone, arbitrarily selected as reference mi-
crophone, yields an output SNR which is 2dB smaller than
the output SNR obtained using the sixth microphone as ref-
erence microphone, moreover showing the impact of the
reference selection on performance in practical implemen-
tation of the MWF. From the results in Table 1, we ob-
serve that the presented reference selection procedures al-
ways lead to an improvement of the output SNR. However,
the optimal reference microphone selection based on the
output SNR increases the complexity of the algorithm and
hence, suboptimal procedures have been investigated. The
results clearly show that the less complex suboptimal pro-
cedures based on input SNR, energy and distance achieve
similar performance as the optimal reference selection pro-
cedures based on the output SNR.

Figure 3 shows the intelligibility weighted broadband
output SNR for different positions of the desired source by
arbitrarily selecting the first microphone as the reference
microphone. As expected, the choice of the first micro-
phone as reference leads to good results at some positions
of the desired source but to poor results at other positions.
For example, a relatively small output SNR is achieved
when the speaker is located in the area close to the mi-
crophones 4 to 6.

Figure 4 shows the output SNR when the reference mi-
crophone is selected by using the microphone which pro-
vides the highest broadband output SNR. Compared to the
case when the first microphone is selected as reference, a
higher or equal output SNR is obtained at all positions.
Thus, using this broadband selection procedure, the opti-
mal reference microphone is always selected and signifi-
cant improvement in output SNR is obtained.

In Table 2 we compare the spatially averaged output
SNR for all introduced reference microphone selection pro-
cedures. As expected, an arbitrary selected reference mi-
crophone (in this case the first microphone) yields poor
performance. Similarly to the results in Table 1, we ob-
serve that all presented reference selection procedures also
lead to an improvement of the spatially averaged output
SNR. Moreover, the frequency-dependent procedures fur-
ther increase performance compared to the broadband ref-
erence selection procedures.
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m0 = 1 m0 = 6 Broadband procedures Frequency-dependent procedures
- - Output SNR Input SNR Energy Distance Output SNR Input SNR Energy

4.60 dB 6.5 dB 6.5 dB 6.5 dB 6.5 dB 6.5 dB 7.43 dB 7.11 dB 7.14 dB

Table 1: Output SNR for a desired source located at the position with coordinates (4.2, 3.2).

m0 = 1 Broadband procedures Frequency-dependent procedures
- Output SNR Input SNR Energy Distance Output SNR Input SNR Energy

6 dB 7.44 dB 7.41 dB 7.41 dB 7.37 dB 8.52 dB 8.23 dB 8.19 dB

Table 2: Output SNR, averaged over all considered source positions.
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Figure 3: Position dependent output SNR obtained by us-
ing the first microphone as reference.

6 Conclusion
In this paper, the performance of the MWF in an acoustic
sensor network has been analyzed as a function of the se-
lected reference microphone. Different optimal and subop-
timal (broadband and frequency-dependent) reference se-
lection procedures have been presented. It has been shown
that compared to an arbitrary selected reference microphone,
the broadband reference selection procedures lead to better
performance even by using suboptimal procedures based
on the input SNR and on the input energy. The broadband
procedures have been extended to frequency-dependent pro-
cedures which further increase the output SNR.
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