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Abstract
Considerable noise reduction can be achieved with the multichannel Wiener filter (MWF), which aims to estimate an
unknown desired signal. In practice, the standard MWF (SMWF) estimates the speech component in one of the microphone signals, referred to as the reference microphone
signal. Recently, a different formulation of the MWF, which
uses the envelope of all acoustic transfer functions (ATFs)
between the speech source and the microphones, has been
presented. It has been shown that this formulation of the
MWF leads to a higher broadband output SNR than the
S-MWF, especially for spatially distributed microphones.
In this paper, we show that all ATFs can be exploited in
a more general way to derive a generalized formulation
for the MWF (G-MWF). This generalized formulation can
then be used to derive an alternative expression for the SMWF, where experimental results show that this alternative formulation leads to similar results as the G-MWF using the envelope of all ATFs.

1 Introduction
In recent years, research on speech enhancement using socalled acoustic sensor networks consisting of spatially distributed microphones has gained significant interest [1–5].
Spatially distributed microphones are able to acquire more
information about the sound field than a single microphone
array at one position.
In speech enhancement applications, the multichannel
Wiener filter (MWF) that produces a minimum-mean-squareerror (MMSE) estimate of an unknown desired signal is
widely used for noise reduction [6, 7]. The desired signal of the standard MWF (S-MWF) is usually the speech
component in one of the microphone signals, referred to
as the reference microphone signal. However, for spatially
distributed microphones, the selection of the reference microphone may have a large influence on the performance
of the MWF, moreover depending on the positions of the
speech/noise sources and the microphones [5]. For example, a higher broadband output SNR is obtained when selecting a reference microphone close to the speech source
than when selecting a reference microphone located at a
large distance. This effect is due to estimation errors in the
speech correlation matrix, which lead to different output
SNRs for different reference microphones.
Estimating the speech component in a reference microphone signal is equivalent to defining the desired overall
transfer function for the speech component to be equal to
the ATF between the speech source and the selected ref1 This work was partly supported by the Research Unit FOR 1732
“Individualized Hearing Acoustics” and the Cluster of Excellence 1077
“Hearing4All”, funded by the German Research Foundation (DFG).

erence microphone. Recently, it has been proposed to define the desired overall transfer function using the envelope of all ATFs between the speech source and the microphones [2]. This desired overall transfer function leads to
a different formulation of the MWF, whose performance
does not rely on an explicit selection of a reference microphone [2].
In this paper, we propose to exploit the diversity of
all ATFs in a more general way for defining the desired
overall transfer function. The resulting generalized formulation of the MWF (G-MWF) can then be used to derive
an alternative formulation for the S-MWF estimating the
speech component in a specific reference microphone. Experimental results show that this alternative formulation of
the S-MWF yields similar results as the G-MWF using the
envelope of all ATFs.

2 Signal model
We consider M spatially distributed microphones capturing a speech signal in some noise field. The received microphone signals can be described in the frequency-domain
as
Y(ω) = A(ω)S(ω) + V(ω) = X(ω) + V(ω), (1)
where Y(ω) = [Y1 (ω) · · · YM (ω)]T denotes the stacked vector of the microphone signals, A(ω) = [A1 (ω) · · · AM (ω)]T
denotes the stacked vector of the ATFs between the speech
source S(ω) and the microphone array, and X(ω) and V(ω)
represent the speech and the noise component in the microphone signals. The output signal Z(ω) is obtained by
filtering and summing the microphone signals, i.e.,
Z(ω) = WH (ω)X(ω) + WH (ω)V(ω),

(2)

where W(ω) = [W1 (ω) · · · WM (ω)]T represents the stacked
vector of the filter coefficients. For conciseness the frequencydomain variable ω will be omitted where possible in the
remainder of this paper.
The noisy speech correlation matrix Φy , the clean speech
correlation matrix Φx and the noise correlation matrix Φv
are defined as
Φy = E {YYH }, Φx = E {XXH }, Φv = E {VVH }, (3)
where E {·} denotes the expected value operator. Assuming that the speech and the noise components are uncorrelated, the correlation matrix Φy can be expressed as Φy =
Φx + Φv . For a single speech source, the speech correlation matrix Φx is a rank-one matrix and is equal to
Φx = φs AAH ,

(4)

with φs the power spectral density (PSD) of the source S,
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where ψm0 = arg(Am0 ) is the phase of the ATF of an arbitrarily selected reference microphone. However, it should
be noted that the phase of the desired transfer function has
no impact on the narrowband nor on the broadband output
SNR [2]. It has been experimentally shown in [2] that compared to the S-MWF filter, the MWF using the envelope of
the ATFs leads to an improved broadband output SNR.
As a generalization of (9), the desired overall transfer
function using a weighted combination of the amplitudes
|Am | of the ATFs can be defined, i.e.,
s

Z( ! )
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Figure 1: Multichannel Wiener filter.
i.e. φs = E {|S|2 }.

3 Multichannel Wiener filter

M

As illustrated in Figure 1, the multichannel Wiener filter
(MWF) aims to estimate an unknown desired signal D =
Ad S, where Ad is the desired overall transfer function of
the speech component. To provide a trade-off between
speech distortion and noise reduction, the speech-distortionweighted multichannel Wiener filter has been proposed [6,
7], minimizing the weighted sum of the residual noise energy and the speech distortion energy, i.e.,
2

ξ(W) = E { Ad S − WH X } + µE {|WH V|2 },

(6)

where we have used X = AS. Often, the MWF is used
to estimate the speech component in one of the microphone signals, referred to as the reference microphone signal. This corresponds to defining
Ad = Am 0 ,

(7)

i.e., the overall desired transfer function is equal to the ATF
between the speech source and the selected reference microphone and m0 = 1 . . . M . The resulting standard MWF
(S-MWF) is then equal to
WS−MWF = (Φx + µΦv )−1 φs AA∗m0
= (Φx + µΦv )−1 Φx em0 ,

(8)

with em0 an M -dimensional vector with the m0 -th element
equal to 1 and all other elements equal to 0, i.e., the vector selecting the column that corresponds to the reference
microphone.

4 Generalized MWF formulation
In this section, we show that by defining a generalized
overall desired transfer function Ad , a generalized formulation of the MWF can be derived, which incorporates different special cases.
To overcome the drawback of having to select a specific reference microphone, a multichannel Wiener filter
whose performance does not rely on an explicit selection of
a reference microphone has been introduced in [2]. It has
been proposed to define the desired overall transfer func-

∑ αm |Am |2 ejψm0 ,

(10)

m=1

with 0 ≤ αm ≤ 1. The parameters αm , m = 1 . . . M introduce an additional degree of freedom in defining the desired overall transfer function.
By plugging (10) into (6), the resulting MWF referred
to as the generalized MWF (G-MWF) can be expressed as
WG−MWF = (Φx + µΦv )−1 Φx g

(5)

where µ is a trade-off parameter between noise reduction
and speech distortion. The filter minimizing (5) is given by
W = (Φx + µΦv )−1 φs AA∗d ,

Ad =

with

(11)

p

∑ αm |Am |2 −jψm0
e
,
(12)
AH A
an M -dimensional vector where the m-th element is equal
to
p
|Am | ∑ αm |Am |2 j (ψm −ψm )
0 .
e
(13)
gm =
AH A
Since a rank-one speech correlation matrix Φx is assumed
(cf. 4), the phase difference ψm − ψm0 can be computed
using Φx as
g=

A

ej (ψm −ψm0 ) =

Φx (m, m0 )
.
|Φx (m, m0 )|

(14)

Furthermore, using Φx (m, m) = φs |Am |2 and tr(Φx ) =
φs AH A, gm in (13) can be computed as
p
p
Φx (m, m) ∑ αm Φx (m, m) Φx (m, m0 )
. (15)
gm =
tr(Φx )
|Φx (m, m0 )|
such that, the generalized MWF in (11) and (15) can be
completely computed using the speech and noise correlation matrices Φx and Φv . It should be noted that although
a rank-one speech correlation matrix has been assumed in
the derivations, the MWF formulation can also be used for
cases where Φx is not a rank-one matrix.
The desired overall transfer function Ad in (10) incorporates different special cases. By setting αm = 1, ∀m,
the overall transfer function is equal to Ad = ||A||ejψm0 ,
cf. (9), corresponding to the desired overall transfer function proposed in [2], and the vector g1 is then given by
p
p
Φx (m, m) ∑ Φx (m, m) Φx (m, m0 )
g1,m =
tr(Φx )
|Φx (m, m0 )|
(16)

On the other hand, by setting αm0 = 1 and αm = 0,
∀m 6= m0 , it can be easily seen that the desired overall
transfer function corresponds to Ad = Am0 and the vector
g2 can be computed as

AA∗

H

A A
m
= φs AAH H 0 = Φx g2 .
AH A
A A
(18)
such that both MWF formulations lead to the same filter
coefficients. However, if the speech correlation matrix is
not a rank-one matrix, e.g., due to estimation errors, different filter coefficients can be obtained, resulting in a different performance for both MWF formulations.
Φx em0 = φs AA∗m0

5 Experimental results
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5.1 Setup and performance measures
In a room with dimensions 4.8m×4.8m×3m and T60 =
400ms, we consider the acoustic scenario depicted in Figure 2 with M = 6 spatially distributed microphones. The
circles represent the microphone positions and the cross
markers various possible positions of the desired source.
The inter-microphone distance of the first (microphones #
1 . . . 3) and second (microphones # 4 . . . 6) microphone array are set to 10cm and 20cm, respectively. We consider
a scenario with a single speech source, and diffuse noise
generated using the method presented in [8]. The desired
signal has been generated by convolving a clean speech
signal from the HINT-database [9] with impulse responses
simulated using the image model [10, 11]. The sampling
frequency is fs = 16kHz. For each position of the desired
source, the a-priori input SNR is set to 5 dB.
In our STFT-based implementation, we have used the
overlap/add method with a Hann analysis and synthesis
window, and 50% overlap. The used FFT length is NFFT =
1024. For estimating the speech and noise correlation matrices, we have used a perfect voice activity detector to
classify signal frames as speech dominant frames or noise
dominant frames. The correlation matrices Φy (ω) and Φv (ω)
are estimated in batch mode by using all speech + noise
frames and all noise-only frames respectively, i.e.,
Φ̂y (ω) =

1
Y(ω)YH (ω),
Fx ∑
Fx

(19)

Φ̂v (ω) =

1
Fv

(20)

Fv

where Fx and Fv are the number of frames during speech
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Figure 2: The scenario of an acoustic sensor network with
M = 6 microphones.

+ noise and noise-only periods. The speech correlation
matrix Φ̂x (ω) is estimated as Φ̂x (ω) = Φ̂y (ω) − Φ̂v (ω).
The trade-off parameter is set to µ = 1. To evaluate the
performance of the different MWF formulations, we have
considered the broadband output SNR defined as
oSNRB =

In this section, we will experimentally compare the performance of the S-MWF using Ad = Am0 and the G-MWF
using Ad = Am0 and Ad = ||A||ejψm0 .

∑ V(ω)VH (ω),

y-axis (m)

p
p
Φx (m, m) Φx (m0 , m0 ) Φx (m, m0 )
g2,m =
tr(Φx )
|Φx (m, m0 )|
(17)
Interestingly, by setting the desired overall transfer function equal to the ATF of a reference microphone, the MWF
can now be computed in two different ways, i.e., either using the standard formulation of the MWF (S-MWF) in (8)
or the generalized MWF (G-MWF) in (11) and (17). For a
rank-one speech correlation matrix, i.e., Φx = φs AAH , it
can be easily shown that

4

∑ω ŴH (ω)Φx (ω)Ŵ(ω)
,
∑ω ŴH (ω)Φv (ω)Ŵ(ω)

(21)

which make use of the theoretical rank-one speech correlation matrix in (4). The ATFs A is computed using the
simulated room impulse responses, and φs is estimated by
calculating the PSD of the clean speech signal. The noise
correlation matrix is calculated using the complete noise
signal. In order to describe the performance of all considered MWF formulations for all positions using a single
number, we define the spatially averaged broadband output
SNR as
1
oSNRavg =
∑ oSNRB ,
Ns N
s
which averages the broadband output SNR over the considered Ns source positions.

5.2 Results
For Ad = Am0 , the S-MWF and the G-MWF have been
simulated for each possible choice of the reference microphone m0 , i.e., the ATF of each microphone has been
selected as the desired overall transfer function. Figure
3a shows the broadband output SNR of the S-MWF for
different positions of the desired speech source with the
first microphone selected as the reference microphone, i.e.,
m0 = 1. As expected, the S-MWF 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 speech source is located in the
area close to the microphones 4 to 6. Similar results are obtained for other reference microphones, e.g., by selecting
one of the microphones of the second array (microphones #
4 . . . 6) as the reference microphone, a smaller output SNR
is obtained when the speech source is located in the area
close to the microphones 1 to 3.
Figure 3b shows the position-dependent broadband output SNR of the G-MWF with the first microphone selected
as the reference microphone. In contrast to the S-MWF,
the G-MWF leads to a higher broadband output SNR, es-
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Figure 3: Position-dependent broadband output SNR of the different MWF filters: (a) S-MWF with Ad = A1 , (b) G-MWF
with Ad = A1 , (c) G-MWF with Ad = ||A||ejψ1 .

m0=1
14.18

m0=2
13.73

S-MWF
Ad=Am0
m0=3 m0=4
13.42 13.75

m0=5
14.14

m0=6
13.55

m0=1
16.08

m0=2
15.68

G-MWF
Ad=Am0
m0=3 m0=4 m0=5
15.62 15.70 15.87

m0=6
15.71

Ad=||A||ejψm0
m0=1 . . . 6
15.90

Table 1: Output SNR (oSNRavg [dB]) of the S-MWF and G-MWF filters, averaged over all considered source positions.
pecially at positions of the speech source located close to
non-reference microphones (microphones # 4 . . . 6).
Figure 3c depicts the position-dependent broadband output SNR of the G-MWF filter with the desired overall transfer function Ad = ||A||ejψ1 . Interestingly, by comparing
Figure 3b with Figure 3c, it can be seen that the obtained
results using both formulations are very similar.
Furthermore, as can be observed in Table 1, the GMWF computed using specific reference microphones yields
a higher spatially averaged broadband output SNR than the
S-MWF. Moreover, the G-MWF using specific reference
microphones yields similar results as the G-MWF using
Ad = ||A||ejψ1 , whose performance is independent of the
reference microphone.

6 Conclusion
In this paper, a generalized desired overall transfer function
has been used to derive a generalized formulation of the
MWF (G-MWF). It has been shown that the G-MWF can
be used to derive an alternative formulation for the standard MWF (S-MWF), which estimates the speech component in a specific reference microphone. Simulation results have shown that the G-MWF filter leads to a higher
broadband output SNR than the S-MWF. Furthermore, it
has been shown that the G-MWF using a specific reference
microphone yields similar results as the G-MWF using the
envelope of all ATFs.
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