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Abstract
The multichannel Wiener filter (MWF) is a wellestablished multichannel noise reduction technique.
Most commonly, the MWF estimates the speech component in one of the microphone signals, which is called
the reference microphone. The choice of the speech reference determines the broadband output signal-to-noise
ratio (SNR). Recently, MWF approaches were proposed
that combine the microphone signals to form a better
speech reference, in order to improve the broadband output SNR. These techniques allow an arbitrary phase reference, because the phase of the estimated signal does
not influence the output SNR. However, the phase of the
reference affects the linear distortion of the speech signal. Besides noise, reverberation may degrade the speech
quality. In order to improve the direct-to-reverberantratio (DRR), we propose a phase reference for the MWF,
which is the phase of a delay-and-sum beamformer. This
approach requires a time-difference-of-arrival (TDOA)
estimate to align the signals properly. The phase of the
aligned signals is used only as a phase reference for the
MWF. This approach does not influence the output SNR,
but reduces reverberation.

Introduction
In applications where hands-free communication systems
are used, the environmental conditions have a significant
impact on the speech quality. One reason is the linear
distortion of the speech signal and reverberation, caused
by room acoustics, which reduces the DRR. Due to background noise the SNR is decreased and as a result, the
signal quality is further degraded. To achieve an improvement in speech communication, the influence of the
acoustic transfer functions (ATF) from a speaker source
to the microphones and also background noise should be
taken into account.
The use of multiple microphones allows to apply beamforming techniques for speech enhancement in reverberant and noisy environments. Several approaches that use
a reference channel were presented, which contain the
relative transfer function - generalized sidelobe canceler
(TF-GSC) [4], the minimum variance distortion-less response (MVDR) beamformer [5] and the speech distortion weighted - multichannel Wiener filter (SDW-MWF)
[6]. Due to the selection of an arbitrary reference channel, the ATF from a speech source to the chosen reference microphone remains as the overall transfer function.
This has an impact on the broadband output SNR of the
beamformer [7]. In [1] the envelope of the individual
transfer functions with an arbitrary phase reference was
chosen as the overall transfer function to achieve a partial

equalization of the acoustic system, which results in an
improvement on the broadband output SNR. However,
the reverberation caused by the acoustic environment is
not reduced with this approach. In [9] it is shown, that
the reverberation relies on the all-pass component of an
ATF. This implies, that a delay-and-sum beamformer, as
proposed in [8], can lead to a better DRR.
In this paper, it is shown that by choosing a suitable
phase reference for the overall transfer function, the DRR
can be improved. Therefore the phase of a delay-and-sum
beamformer is used as a phase reference instead of the
phase of a reference channel. The aim of this approach
is a reduction of the reverberation, which leads to an
improvement in speech quality.

Signal Model and Problem formulation
In this section, the signal model and the corresponding
notation is presented. We consider the acoustic system
as time-invariant and linear. The beamformer array consists of M microphones. The ith microphone signal yi (k)
can be expressed as the convolution of the source speech
signal x(k) with the acoustic impulse response hi (k) from
the speech source to the ith microphone plus an additive
noise term ni (k). The resulting microphone signals can
be written as following in the short time frequency domain

Yi (κ, ν) = Hi (ν)X(κ, ν) + Ni (κ, ν)

(1)

where Yi (κ, ν), X(κ, ν) and Ni (κ, ν) correspond to the
short time spectra of the signals, Hi (ν) represents the
ATF of the acoustic impulse response and Si (κ, ν) =
Hi (ν)X(κ, ν) the speech signal component at the ith microphone. κ and ν correspond to the subsampled time
index and the frequency bin index respectively. In the
following these are omitted. The speech signals and the
ATFs can be written as M -dimensional vectors:

S = [S1 S2 · · · SM ]T
N = [N1 N2 · · · NM ]

(2)
T

(3)

T

(4)

H = [H1 H2 · · · HM ]
Y = [Y1 Y2 · · · YM ]
Y =S+N
T

T

(5)
(6)

denotes the transpose of the vector, ∗ the complex conjugate and † corresponds to the conjugate transpose. It
is further assumed that the speech source and the noise
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signals are zero-mean random processes with the vari2
2
ances σN
i and σX and therefore the correlation matrix
of the speech signal component can be expressed as:


2
RS = E SS † = σX
HH †

(7)

According to [1] the MWF can be decomposed using the
matrix inversion lemma:
GM W F =

−1
RN
H

2
σX

2 + µ (H † R−1 H)−1 H † R−1 H
σX
W
N
N

H̃ ∗ (8)

= GW F GM V DR H̃ ∗

(9)

−1
µW is a tradeoff parameter, RN
the inverse of the noise
correlation matrix and H̃ ∗ the complex conjugate of the
overall transfer function from the speech source to the
output of the beamformer. Apparently, the parametric
MWF can be decomposed into an MVDR beamformer
GMVDR , a filter that is equal to the overall transfer function H̃, and a single-channel Wiener post filter GW F . In
[1] H̃ is chosen as:

a coherent phase combining of the direct path signals
is achieved, which results in less reverberation, because
the direct path is enhanced and incoherent reflections are
attenuated.

Simulation Results
In order to verify the proposed approach, we consider
a system without the noise reduction Wiener post filter,
i.e. we select µW = 0 in Eq.(8). Consequently, the overall
transfer function (from the speakers mouth to the output
of the system) is determined by the choice of the reference channel, because GM V DR has a unity gain transfer
function. Note that for µW > 0 the Wiener post filter alters the overall transfer function. However, these changes
are independent of the phase reference.
Firstly, we compare the Schroeder plots [10] corresponding to the resulting ATFs of an exemplary in-car scenario.
For this scenario we consider two cardioid microphones
that were mounted close to the rear-view mirror in a
car (8 cm microphone distance). Impulse responses were
measured with an artificial head.
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Figure 1: Structure of the delay-and-sum beamforming and
the resulting phase-acquirement

If the phase reference in Eq.(10) is set to

φref = φDS

(11)

−10
Energy in dB

The phase reference φref could be selected arbitrary.
For the aim of SRR improvement, the phase-term of a
delay-and-sum beamformer φDS must be procured. This
beamformer design requires a time-difference-of-arrival
(TDOA) estimate, which is a challenging task in noisy
and reverberant environments and could be achieved by
the generalized cross-correlation method [2] or several
other methods as proposed in [3]. The phase of the
delay-and-sum beamformer is acquired as shown in Figure 1. The TDOA estimate allows the computation of a
linear all-pass phase-term Halign , which is multiplied to
one of the microphone signals in the frequency domain
to achieve a coherent signal aligning of the direct paths.
After the summation of the aligned signals, the phase
reference φDS is obtained.
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Figure 2: Schroeder plot of the resulting acoustic transfer
functions of the in-car environment: (a) AIR from the speech
signal source to microphone 1, (b) overall transfer function
as chosen in Eq.(10) with phase reference of microphone 1,
(c) overall transfer function as chosen in Eq.(10) but with the
phase reference φDS of the delay-and-sum beamformer

The Schroeder plots of the resulting overall transfer functions are shown in Figure 2. Curve (a) depicts the
Schroeder plot of the ATF from the speaker source to
the first microphone. Curve (b) shows the resulting
Schroeder plot for the overall transfer function of Eq.(10)
with the phase reference of microphone 1. It could be observed, that the decay time is increased, as a result of the
decoupling between the phase and magnitude of the first
microphone channel. However, the energy of the first reflections is reduced due to the partial equalization of the
acoustic channel as could be seen from the first 300 samples of the Schroeder plot. Curve (c) shows the Schroeder
plot for the same overall transfer functions as seen in (b),
but with the phase φDS as the selected phase reference.
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Compared with (b), a reduced decay time is observed
due to the coherent combining of the phase terms. The
overall reverberation time is even shorter, compared with
the decay time of the ATF of (a). As a result, the direct
components of the ATFs are enhanced, which leads to an
improvement in speech quality of the overall system.
In Figure 3 the Schroeder plot of the ATFs of a classroom
scenario as measured in [11] are shown. The impulse responses were recorded with omnidirectional microphones
at two different spatial locations with a microphone distance of 0.5m. The reverberation time RT60 has a value
between 1.5 and 1.8 seconds over all frequencies. Due
to the longer reverberation time, as compared with the
in-car scenario, the resulting Schroeder plots show a different behaviour. Curve (d) shows the resulting transfer function when one of the microphone channels is selected as H̃. Curve (e) and (f) show the overall transfer
function of Eq.(10) where (e) has the phase reference of
microphone 1 and (f) has the phase reference of a delayand-sum beamformer. It can be observed in (f), that
the direct signal component for the first few samples is
augmented, due to the coherent aligning of the signals in
the phase reference. But compared to (d) the decay time
is increased. While (f) still shows a better performance
than (e), because of the delay-and-sum phase reference,
the decay time is still slightly increased compared to (d).
This is again caused by the phase and magnitude decoupling of the filter design.
Schroeder Plot
0

Energy in dB

−5

classroom scenario however, the DRR is decreased compared to microphone channel 1 as the overall transfer
function selection, when the envelope of the ATFs and
the phase reference of microphone 1 is chosen. This could
be improved by taking the phase reference of the delayand-sum beamformer. As a result, the DRR is slightly
higher than the DRR of the ATF of microphone channel
1.
Table 1: DRR of the overall transfer function for choosing a
different phase and magnitude difference
selected reference H̃ ∗

ATFs
in-car
scenario
classroom
scenario

H1

p

H † He

jφH

1

p
H † HejφDS

9.52 dB

10.51 dB

11.18 dB

-2.45 dB

-2.71 dB

-1.33 dB

Conclusions
In this paper, we proposed a new approach for the phase
reference selection of the multichannel Wiener filter with
partial equalization. By comparing the Schroeder plots
of the proposed overall transfer function with different
phase references, it could be seen that the decay time is
shortened if the phase of a delay-and-sum beamformer is
used. Also the DRR is increased. In the case of the in-car
scenario, the decay time of the overall transfer function
is even shorter as the ATF from the signal source to one
of the microphones. For the classroom scenario the decay time is increased due to the decoupling of the phase
and magnitude components, if the phase reference of one
microphone channel is used. Hence, the proposed delayand-sum phase reference approach reduces the reverberation compared with the phase reference from a microphone. The effect of µW 6= 0 in Eq.(8) on the overall
transfer function is neglected in this paper and therefore
a topic for further investigations.
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Figure 3: Schroeder plot of the resulting acoustic transfer
functions of the classroom environment: (d) AIR from the
speech signal source to microphone 1, (e) overall transfer function as chosen in Eq.(10) with phase reference of microphone
1, (f) overall transfer function as chosen in Eq.(10) but with
the phase reference φDS of the delay-and-sum beamformer

In Table 1 the direct-to-reverberant ratio calculations after [12] for the two acoustic scenarios are presented. For
the direct path, the first eight milliseconds of the ATFs
are taken into account. For the in-car scenario it could be
observed that the overall transfer function, as proposed
in Eq.(10), increases the DRR. By selecting φDS as the
phase reference, the DRR is increased further. For the
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