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Abstract

In this work, we evaluate the performance of a recently proposed adaptive beamformer, namely Dual source Transfer-Function
Generalized Sidelobe Canceller (DTF-GSC). The DTF-GSC is useful for enhancing a speech signal received by an array of microphones
in a noisy and reverberant environment. We demonstrate the applicability of the DTF-GSC in some representative reverberant and
non-reverberant environments under various noise field conditions. The performance is evaluated based on the power spectral density
(PSD) deviation imposed on the desired signal at the beamformer output, the achievable noise reduction, and the interference reduction.
We show that the resulting expressions for the PSD deviation and noise reduction depend on the actual acoustical environment, the noise
field, and the estimation accuracy of the relative transfer functions (RTFs), defined as the ratio between each acoustical transfer function
(ATF) and a reference ATF. The achievable interference reduction is generally independent of the noise field. Experimental results
demonstrate the sensitivity of the system’s performance to array misalignments.
� 2007 Elsevier B.V. All rights reserved.
1. Introduction

A robust and computationally efficient adaptive beam-
forming algorithm is an essential signal processing tool
for enhancing a speech signal received by an array of
microphones in a noisy and reverberant environment
(Nordholm et al., 1993; Doclo and Moonen, 2002; Spriet
et al., 2004). In most speech enhancement applications
the beamformer is constrained to produce a dominant
response in the direction of the desired speech source, while
minimizing the response in all other directions. However,
in reverberant environments the direction of arrival of
the desired signal is insufficient for the design of the beam-
former, due to the multiple signal’s reflections. This prob-
lem may be alleviated by using an room impulse response
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(RIR) rather than just a simple delay for modeling the
propagation of the speech signal in a reverberant room.

Gannot et al. (2001) showed that the relative transfer
function (RTF), defined as the ratio between the acoustical
transfer functions (ATFs) is sufficient for constructing the
beamformer. Assuming that the background noise is
stationary, and exploiting the non-stationarity of the speech
signal, an unbiased estimate of the RTF is obtained. Com-
pared with the conventional generalized sidelobe canceller
(GSC) (Griffiths and Jim, 1982), the resulting transfer func-

tion generalized sidelobe canceller (TF-GSC) is of practical
importance when enhancing a speech signal deteriorated
by stationary interfering signals in an arbitrary ATF enclo-
sure. However, in the presence of an additional non-station-

ary interference, the TF-GSC is insufficient, since it cannot
distinguish between the desired signal and the interfering
signal.

Gannot et al. (2004) analyzed the performance of the
TF-GSC by evaluating the power spectral density (PSD)
deviation imposed on the desired signal at the beamformer
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1 We assume that time variation of the impulse responses am(t) and bm(t)
over the observation interval is negligible, and that the signals the analysis
frame is longer than the filter length.
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output. They showed that for speech signals, PSD devia-
tion is one of the main factors to degradation of speech
quality. It is interesting to note that adaptive beamformers
based on the GSC structure are often analyzed in the liter-
ature by using a measure of noise reduction (NR), while not
considering any measure of distortion imposed on the
desired signal. Analytical expression for a broadband
beamformer using Wiener filters is given by Nordholm
et al. (1992). Nordholm et al. (1999) also give an analytical
description of an adaptive microphone array that facilitates
a simple built-in environment calibration. Their analysis
employs non-causal Wiener filters yielding compact and
effective theoretical noise suppression limits. Nordholm
and Leung (2000) further provide an analysis of the limits
of the obtainable NR of the GSC in an isotropic noise field.
Bitzer et al. (1999, 1998) derive an expression for the NR as
a function of the noise field and evaluate the degradation as
a function of the reverberation time (T60). The additional
NR due to the noise canceller branch of the GSC, imple-
mented by a closed-form Wiener filter rather than the
adaptive Widrow-LMS procedure, is evaluated in (Bitzer
et al., 1999). Huarng and Yeh (1990) address the distortion
issue by evaluating the leakage of the desired signal into the
reference noise branch of the GSC. However, they assume
delay-only ATFs and consider signal degradation due to
steering errors alone. A theoretical assessment of the
broadband performance of the GSC and its robustness to
different types of model errors for different noise scenarios
is presented by Spriet et al. (2005). However, this analysis is
conducted in the context of hearing aids.

Recently, we have extended the TF-GSC to deal with
scenarios where the desired signal is contaminated by
directional non-stationary interference, such as a compet-
ing speaker, as well as by stationary interferences, which
may comprise both directional and non-directional signals
(Reuven et al., 2005, submitted for publication). The result-
ing beamformer, namely the Dual-Source TF-GSC (DTF-
GSC), includes modified versions of matched beamformer
(MBF) and blocking matrix (BM), which facilitate the sup-
pression of the non-stationary interference. The matched
beamformer is modified to block the non-stationary
interference while maintaining the desired speech signal.
The blocking matrix is modified to block both the desired
signal and the non-stationary interference. We proposed
an efficient method for updating the blocking matrix in
double talk situations, by exploiting the non-stationarity
of both the desired and interfering speech signals.

In this paper, we evaluate the performance of the DTF-
GSC and demonstrate its applicability in some representa-
tive reverberant and non-reverberant environments under
various noise field conditions. The performance is evalu-
ated based on the PSD deviation (Gannot et al., 2004)
imposed on the desired signal by the DTF-GSC algorithm,
and based on additional quality measures, specifically the
achievable noise reduction and interference reduction. We
show that the resulting expressions for the PSD deviation
and noise reduction depend on the actual ATFs, the noise
field, and the estimation accuracy of the RTFs, while the
achievable interference reduction is generally independent
of the noise field. Experimental results demonstrate the
effect of estimation error of RTFs on the PSD deviation
under reverberant and non-reverberant environmental con-
ditions and various noise fields. The significance of this
effect is related to the contradicting constraints imposed
on the MBF in case the spatial distance between the desired
source and the interfering source is too small. We evaluate
the noise reduction performance and its relation to the
noise field and the ATFs involved, and evaluate the inter-
ference reduction in reverberant and non-reverberant envi-
ronments assuming certain errors in the RTFs estimates.

The paper is organized as follows. In Section 2, we
briefly review the DTF-GSC algorithm. In Section 3, we
derive a general expression for the power spectral density
of the DTF-GSC output. In Section 5, we evaluate the
deviation of the power spectral density of the desired signal
from its nominal value for representative reverberant and
non-reverberant environments and various noise fields. In
Section 6, we evaluate the noise reduction performance.
Finally, in Section 7 we evaluate the interference reduction
in reverberant and non-reverberant environments assuming
certain errors in the RTFs estimates.
2. Summary of the DTF-GSC

We assume an array of sensors in a noisy and reverber-
ant environment that receives signals from three types of
sources: a desired speech source, a directional non-station-
ary interference source (e.g. competing speech source) and
a stationary noise source, which can be either directional,
non-directional or a combination thereof. The DTF-GSC
is designed with the objective of reconstructing the desired
speech signal from the received reverberated signals. Let
s1(t) denote the desired speech signal, let s2(t) denote the
non-stationary interfering signal, and let am(t) and bm(t)
represent the room impulse responses (RIRs) of the mth
microphone to the desired speech source and the non-sta-
tionary interference source, respectively. The mth micro-
phone signal is given by

zmðtÞ ¼ amðtÞ � s1ðtÞ þ bmðtÞ � s2ðtÞ þ nmðtÞ; m ¼ 1; . . . ;M ;

ð1Þ
where nm(t) is the (directional or non-directional) station-
ary noise signal at the mth microphone, and * denotes
convolution. In the short time Fourier transform (STFT)
domain, (1) can be approximately rewritten as1

Zðt; ejxÞ ¼ AðejxÞS1ðt; ejxÞ þ BðejxÞS2ðt; ejxÞ þNðt; ejxÞ;
ð2Þ
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where

Zðt; ejxÞ ¼ ½ Z1ðt; ejxÞ Z2ðt; ejxÞ � � � ZMðt; ejxÞ �T;
AðejxÞ ¼ ½A1ðejxÞ A2ðejxÞ � � � AMðejxÞ �T;
BðejxÞ ¼ ½B1ðejxÞ B2ðejxÞ � � � BMðejxÞ �T;
Nðt; ejxÞ ¼ ½N 1ðt; ejxÞ N 2ðt; ejxÞ � � � NMðt; ejxÞ �T;

ð3Þ

where T denotes the transpose operation. Zm(t, ejx), S1(t,
ejx), S2(t, ejx) and Nm(t, ejx) are the STFT of the respective
signals; Am(ejx) and Bm(ejx) are the acoustic transfer func-
tion (ATFs) relating the desired source and interference
source and the mth microphone, respectively.

A block diagram of the DTF-GSC scheme is depicted in
Fig. 1. The structure of the DTF-GSC is the same as that of
the GSC. It comprises of three blocks: matched beam-
former, blocking matrix, and multi-channel noise canceller.
However, two of its components, namely the matched
beamformer and the blocking matrix, are modified to
enable suppression of the non-stationary interference.

It was shown in (Reuven et al., submitted for publica-
tion) that it is sufficient to use the ratio between the ATFs
(RTFs) rather than the ATFs themselves in order to imple-
ment the suggested algorithm. Define the desired and inter-
ference signals’ RTFs

eAðejxÞ, AðejxÞ
A1ðejxÞ ¼ 1 A2ðejxÞ

A1ðejxÞ � � �
AM ðejxÞ
A1ðejxÞ

h iT

; ð4Þ

eBðejxÞ, BðejxÞ
B1ðejxÞ ¼ 1 B2ðejxÞ

B1ðejxÞ � � �
BM ðejxÞ
B1ðejxÞ

h iT

; ð5Þ

where the first microphone is arbitrarily chosen as the
reference microphone. The modified fixed beamformer is
Fig. 1. GSC solution for the dual source case. Three blocks: a matched beam
canceller G(t, ejx) (Reuven et al., submitted for publication).
designed to block the non-stationary interference while
maintaining the desired speech signal, and is given by

W0ðejxÞ ¼

eAðejxÞ

keAðejxÞk2
� qðejxÞ eBðejxÞ

keAðejxÞkkeBðejxÞk

1� kqðejxÞj2
FðejxÞ: ð6Þ

q(ejx) denotes the cosine of the angle between the vectorseAðejxÞ and eBðejxÞ in an inner product space

qðejxÞ �
eByðejxÞeAðejxÞ
keAðejxÞkkeBðejxÞk

; ð7Þ

where � denotes the conjugate transpose operation. FðejxÞ
represents the desired filter response of the DTF-GSC with
respect to the desired speech signal s1(t) (Reuven et al., sub-
mitted for publication). The modified M · (M � 2) block-
ing matrix is designed to block both the desired signal
and the non-stationary interference, and is given by

HðejxÞ ¼

Q3ðejxÞ Q4ðejxÞ � � � QMðejxÞ
L3ðejxÞ L4ðejxÞ � � � LMðejxÞ

1 0 � � � 0

0 1 � � � 0

� � � . .
.

0 0 � � � 1

26666666664

37777777775
; ð8Þ

where

QmðejxÞ ¼�
eA�2ðejxÞeB�mðejxÞ� eB�2ðejxÞeA�mðejxÞeA�2ðejxÞ� eB�2ðejxÞ

; m¼ 3; . . . ;M

ð9Þ
former Wy
0ðt; ejxÞ; a blocking matrix HyðejxÞ; and a multi channel noise



Fig. 2. Summary of the DTF-GSC algorithm (Reuven et al., submitted
for publication).
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and

LmðejxÞ ¼ �
eA�mðejxÞ � eB�mðejxÞeA�2ðejxÞ � eB�2ðejxÞ

; m ¼ 3; . . . ;M ; ð10Þ

where * denotes the conjugate operation. The steps in-
volved in the application of the DTF-GSC algorithm are
summarized in Fig. 2. It is proven in (Reuven et al., submit-
ted for publication) that using the above GSC blocks the
desired signal component at the output of the structure is
given by

Y S1ðt; ejxÞ ¼ S1ðt; ejxÞA1ðejxÞFðejxÞ: ð11Þ

The third block, the multi-channel noise canceller, is
similar to the corresponding TF-GSC block (only the num-
ber of parallel filters is changed to M � 2 rather than
M � 1 in the TF-GSC)

eGmðt þ 1; ejxÞ ¼ Gmðt; ejxÞ þ l
U mðt; ejxÞY �ðt; ejxÞ

P estðt; ejxÞ ;

Gmðt þ 1; ejxÞ  FIR eGmðt þ 1; ejxÞ
ð12Þ

for m = 3, . . . ,M. The normalizing term is given by

P estðt; ejxÞ ¼ gP estðt � 1; ejxÞ þ ð1� gÞkZðt; ejxÞk2 ð13Þ

and g is a forgetting factor (typically 0.8 < g < 1).2 Finally,

the operator  FIR
includes the following three stages. First,eGmðt þ 1; ejxÞ is transformed to the time domain. Second,

the resulting impulse response is truncated, namely an
2 Another possibility is to calculate Pest using the kU(t, ejx)k2 instead of
kZ(t, ejx)k2. However, in that case an energy detector is required, so that
G(t, ejx) is updated only when there is no active signal. If on the other
hand, we calculate P estðt; ejxÞ using the input sensor signals, Zm(t, ejx), as
indicated in (13), then an energy detector may be avoided. This is due to
the fact that the adaptation term becomes relatively small during periods
of active input signal.
FIR constraint is imposed. Third, the result is transformed
back to the frequency domain. Performing the  FIR

operator
avoids cyclic convolution effects.
3. Output power spectral density

In this section, we derive a general expression for the
output PSD of the DTF-GSC, which is necessary for ana-
lyzing its performance. From the algorithm summary in
Fig. 2, we have the DTF-GSC output

Y ðt; ejxÞ ¼ Y MBFðt; ejxÞ � Gyðt; ejxÞUðt; ejxÞ
¼ cW y

0ðejxÞZðt; ejxÞ � Gyðt; ejxÞcHyðejxÞZðt; ejxÞ;
ð14Þ

where only estimates of the RTFs, rather than the exact
values, are assumed to be known.3 Hence, the PSD of the
output signal is given by

/YY ðt; ejxÞ ¼ EfY ðt; ejxÞY �ðt; ejxÞg

¼ E cW y
0ðejxÞZðt; ejxÞ � Gyðt; ejxÞcHyðejxÞZðt; ejxÞ

� �n
�ðcW y

0ðejxÞZðt; ejxÞ � Gyðt; ejxÞcHyðejxÞZðt; ejxÞÞy
o

¼ cW y
0ðejxÞUZZðt; ejxÞcW 0ðejxÞ

� Gyðt; ejxÞcHyðejxÞUZZðt; ejxÞcW 0ðejxÞ

� cW y
0ðejxÞUZZðt; ejxÞcHðejxÞGðt; ejxÞ

þ Gyðt; ejxÞcHyðejxÞUZZðt; ejxÞcHðejxÞGðt; ejxÞ;
ð15Þ

where UZZ(t, ejx) = E{Z(t, ejx)Z�(t, ejx)} is the input signal
PSD matrix. The output PSD depends on the input signal
Z(t, ejx) and the multi-channel filter G(t, ejx) derived in the
sequel. Although signal leakage is possible due to errors in
estimating eAðejxÞ and eBðejxÞ, we can calculate the multi-
channel Wiener filter G(t, ejx) during non-active periods
of the desired signal and non-stationary interference, in
which case Z(t, ejx) = N(t, ejx). Thus,

Uðt; ejxÞjZ¼N ¼ cHyðejxÞNðt; ejxÞ;
Y MBFjZ¼N ¼ cW y

0ðejxÞNðt; ejxÞ:
ð16Þ

For calculating the multichannel Wiener filter G(t, ejx) we
need the following PSD vector UUYMBF

(t, ejx) and PSD
matrix UUU(t, ejx)

UUY MBF
ðt; ejxÞ ¼ E Uðt; ejxÞY �MBFðt; ejxÞ

� �
¼ E cHyðejxÞNðt; ejxðcW y

0ðejxÞNðt; ejxÞÞy
n o

¼ cHyðejxÞUNNðt; ejxÞcW 0ðejxÞ
ð17Þ
3 To avoid excess notation we use from this point on Y(t, ejx) and
YMBF(t, ejx) to denote the involved signals when only estimated values of
the RTFs are given.
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and

UUUðt; ejxÞ ¼ EfUðt; ejxÞUyðt; ejxÞg

¼ EfcHyðejxÞNðt; ejxÞN yðt; ejxÞcHðejxÞg

¼ cHyðejxÞUNNðt; ejxÞcHðejxÞ; ð18Þ

where UNN(t, ejx) = E{N(t, ejx)N�(t, ejx)}. Hence, the
Wiener filter is given by

Gðt; ejxÞ ¼ ðcHyðejxÞUNNðt; ejxÞcHðejxÞÞ�1

� cHyðejxÞUNNðt; ejxÞcW 0ðejxÞ: ð19Þ

Note that G(t, ejx) is only responsible for the stationary
background noise reduction, while the competing speech
signal s2(t) is blocked by the MBF and the BM blocks.
Substituting (19) into (15) we have

/YY ðt; ejxÞ cW y
0ðejxÞUZZðt; ejxÞcW 0ðejxÞ

n
�cW y

0ðejxÞUNN ðt; ejxÞcHðejxÞ cHyðejxÞUNN ðt; ejxÞcHðejxÞ
� ��1

�cHyðejxÞUZZðt; ejxÞcW 0ðejxÞ

�cW y
0ðejxÞUZZðt;ejxÞcHðejxÞ cHyðejxÞUNNðt; ejxÞcHðejxÞ

� ��1

�cHyðejxÞUNNðt; ejxÞcW 0ðejxÞ

þcW y
0ðejxÞUNNðt; ejxÞcHðejxÞ cHyðejxÞUNNðt; ejxÞcHðejxÞ

� ��1

�cHyðejxÞUZZðt; ejxÞcHðejxÞ cHyðejxÞUNNðt; ejxÞcHðejxÞ
� ��1

�cHyðejxÞUNNðt; ejxÞcW 0ðejxÞ
o
: ð20Þ
4. Evaluation methodology

The expression in (20) is used for evaluating three
important attributes of the DTF-GSC algorithm: the
desired signal PSD deviation imposed by the algorithm,
the achievable noise reductions, and the interference
cancellation.

The expression in (20) depends on the input signal PSD
UZZ(t, ejx), the noise PSD UNN(t, ejx), and the acoustical
environment. The latter manifests itself through the sig-
nals’ ATF (involved in the respective RTFs), which are
employed through the fixed beamformer cW 0ðejxÞ and the
blocking matrix cHðejxÞ.4

Using the desired, interference, and noise signals’ inde-
pendence, the PSD deviation imposed by the algorithm,
its noise reduction, and its interference reduction can be cal-
culated separately by deriving expressions for the output
PSD in the following three cases:

UYY ðt; ejxÞ

¼
US1

YY ðt; ejxÞ if Zðt; ejxÞ ¼ AðejxÞS1ðt; ejxÞ ) desired signal deviation;

UN
YY ðt; ejxÞ if Zðt; ejxÞ ¼Nðt; ejxÞ ) noise reduction;

US2
YY ðt; ejxÞ if Zðt; ejxÞ ¼ BðejxÞS2ðt; ejxÞ ) interference reduction:

8><>:

4 Note that Gannot et al. (2004) obtained a similar expression for

evaluating the TF-GSC deviation performance, however cW 0ðejxÞ andcHðejxÞ are completely different for the DTF-GSC.
Throughout the analysis, we will discuss two acoustical
environments. The first is the, commonly used, free-space
propagation scenario, in which the acoustical paths, relat-
ing directional sources and the sensors (microphones), are
modeled as pure delays. The second is the, more realistic,
reverberant enclosure, in which a complex RIR relates
the sources and the sensors. The free-space propagation
scenario can be seen as a special case of the reverberant sce-
nario, where

AðejxÞ ¼ ½ 1 e�jxss � � � e�jðM�1Þxss �T:

In determining this steering vector we use the assumption
that the microphones are forming an equally-spaced linear
array. The relative delay between sensors, ss, is determined
by the angle of arrival of the wave-front. Define the dis-
tance between microphones as ‘0, c the speed of sound
(342 m/S for air propagation), and hs the angle between
the array axis and the sound wave direction. Then
ss ¼ ‘0

c cosðhsÞ.
For the evaluation of the reverberant scenario, we use

RIRs simulated using Allen and Berkley’s image method5

(Allen and Berkley, 1979). The scenario shown in Fig. 3
is studied. The enclosure is a room with dimensions
450 cm · 330 cm · 420 cm. An array of 10 microphones
with inter-element distance of 10 cm, is used. The sampling
frequency is set to 8 kHz, while reverberation time is set to
T60 300 ms. The room impulse response and the respective
5 The authors thank E.A.P. Habets from T.U. Eindhoven for providing
an efficient implementation of the image method.
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acoustical transfer function between the desired speech
source and the first microphone are depicted in Fig. 4.
All other RIRs and ATFs have similar structure.

For the evaluation of the free-space propagation sce-
nario we used the same array configuration. However,
the RIRs are replaced by pure delay impulse responses.

The noise PSD dependence was tested using three typi-
cal noise fields: coherent, diffused and incoherent (spatially
white).

For the coherent noise field the noise signal is modeled
as a single point source. Define dm(t), m = 1, . . . ,M as the
RIRs relating the noise source and the mth sensor. Since
the RIRs are assumed to be slowly time varying, the time
dependence of their respective frequency response Dm(ejx),
m = 1, . . . ,M can be omitted. Define

Nðt; ejxÞ ¼ DðejxÞNðt; ejxÞ;
where

DðejxÞ ¼ ½D1ðejxÞ D2ðejxÞ � � � DMðejxÞ �T:

The PSD matrix of the noise component at the sensors,
UNN(t, ejx), is thus given by

UNNðt; ejxÞ ¼ /NN ðt; ejxÞDðejxÞDyðejxÞ; ð21Þ
where /NN(t, ejx) is the input noise PSD. If a free-space
propagation is assumed, the acoustical frequency response
(ATF) simplifies to

DðejxÞ ¼ ½ 1 e�jxsn � � � e�jðM�1Þxsn �T;

where we used again the equal inter-element distance of the
array. The relative delay between sensors, sn, is determined
by the angle of arrival of the wave-front. Defining hn, the
angle between the array axis and the sound wave direction,
we obtain sn ¼ ‘0

c cosðhnÞ.
In reverberant acoustical environment, such as a car

enclosure, the noise field tends to be diffused (see for
instance Dal-Degan and Prati, 1988; Bitzer et al., 1999).
A diffused noise source is assumed to be equi-distributed
on a sphere in the far field of the array. The cross-coher-
ence function between signals received by two sensors
(i, j) with distance dij can be found in (Dal-Degan and Prati,
1988), and is given by

CNiNjðejxÞ ¼
/NiNj

ðejxÞffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
/NiNi

ðejxÞ/NjNj
ðejxÞ

q ¼ sinðxdij=cÞ
xdij=c

; ð22Þ

where c is the speed of sound. For the equal inter-element
distance case dij = ji � jj‘0, for i, j = 0, . . . ,M � 1. There-
fore, the coherence matrix is given by,

CðejxÞ ¼

1 CN1N2
ðejxÞ � � � CN1NM ðejxÞ

CN2N1
ðejxÞ 1 � � �

. .
.

CNM N1
ðejxÞ 1

266664
377775:
ð23Þ

The noise PSD at the sensors input is thus,

UNNðt; ejxÞ ¼ /NN ðt; ejxÞCðejxÞ: ð24Þ
In our experiments we simulate the diffused noise field by
equally spreading many uncorrelated computer-generated
point sources around a sphere. Experiments show that
the estimated coherence function approximates the theoret-
ical Sinc-shaped curve.

For incoherent noise field we assume that the noise at
the sensors is spatially white. Thus,

UNNðt; ejxÞ ¼ /NN ðt; ejxÞI ;
where I is an M · M identity matrix. In our experiments we
use M uncorrelated computer-generated noise signals, with
equal power /NN(t, ejx), to approximate the incoherent
noise field.

In the following Sections 5–7 we analyze the PSD devi-
ation, the noise reduction, and the interference cancellation
separately and independently.

5. Evaluation of the PSD deviation

In this section, we evaluate the PSD deviation of
the desired signal imposed by the algorithm for several
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representative cases. We first derive an expression for its
deviation from the nominal value for any RTFs estimates,
and then determine the influence of estimation error on the
PSD deviation under reverberant and non-reverberant
environmental conditions and various noise fields.

The desired signal PSD deviation imposed by the algo-
rithm can be calculated by the general expression given in
Fig. 5. Deviation as a function of the frequency and direction of arrival. Desire
noise field (h = 120�), (c) diffused noise field, (e) incoherent noise field; close
incoherent noise field.
(20) when the microphone signals are Z(t, ejx) = A(ejx) ·
S1(t, ejx) (Gannot et al., 2004). Denoting

/S1
YY ðt; ejxÞ ¼ /YY ðt; ejxÞjZ¼AS1

ð25Þ

and assuming exact knowledge of the RTFs eAðejxÞ andeBðejxÞ, i.e. cHðejxÞ ¼HðejxÞ and cW 0ðejxÞ ¼W0ðejxÞ,
d signal direction h = 90�. M = 10 sensors. Remote sources: (a) directional
sources: (b) directional noise field (h = 120�), (d) diffused noise field, (f)
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calculated using (10), (9), (8) and (6). Then using the signal
PSD expression UZZðt; ejxÞ ¼ /S1S1

ðt; ejxÞAðejxÞAyðejxÞ and
the identities HyðejxÞAðejxÞ ¼ 0, HyðejxÞBðejxÞ ¼ 0 and
AyðejxÞW 0ðejxÞ ¼ A1ðejxÞFðejxÞ, expression (20) reduces to

/S1
YY ðt; ejxÞjbH¼H;bW 0¼W0

¼W y
0ðejxÞUZZðt; ejxÞW 0ðejxÞ

¼ /S1S1
ðt; ejxÞjW y

0ðejxÞAðejxÞj2

¼ /S1S1
ðt; ejxÞjFðejxÞj2jA1ðejxÞj2:

ð26Þ
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Fig. 6. Spatial beamformer response in 500 Hz and 3000 Hz for the remote so
sources scenario: (b) directional (d) diffused, (f) incoherent noise field.
The filter FðejxÞ is an arbitrary predetermined filter, so
it should not be regarded as a deviation. The filter
A1(ejx) is the ATF from the signal source to the first
(arbitrarily chosen) sensor, which cannot be eliminated
by the algorithm. Accordingly when the RTFs are
known, the output PSD is the same as that of the arbi-
trary reference sensor. Therefore, the PSD deviation
from the nominal value for any non-accurate RTFs’ esti-
mates is obtained by normalizing the output (Gannot
et al., 2004)
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dPSDðt; ejxÞ ¼ /S1
YY ðt; ejxÞ

/S1
YY ðt; ejxÞjbH¼H;bW 0¼W0

¼ /S1
YY ðt; ejxÞ

jFðejxÞj2jA1ðejxÞj2/S1S1
ðt; ejxÞ

: ð27Þ

A value of dPSDðt; ejxÞ ¼ 1 indicates no-deviation from the
nominal value, which is achieved whenever an exact knowl-
edge of the RTFs is available. Any other value (either lar-
ger or smaller than 1) indicates a PSD deviation.

We will now determine the sensitivity to errors in esti-
mating the RTFs on the expected deviation imposed by
the algorithm. The results depend on the desired signal’s
ATFs and the noise field. We begin with the free-space
propagation case and determine the performance degrada-
tion as a function of the steering error. Then, we proceed to
the more general reverberant enclosure.

5.1. Free-space propagation

Assume free space propagation, i.e., the ATFs from the
desired source and interference source to the sensors are
pure delays. Assume that the desired signal impinges on
the array from h = 90� (in respect to the array axis) and
that we use the microphone array depicted in 3. We will
examine two scenarios. In the first, denoted remote sources,
the non-stationary interference impinges on the array from
h = 60�, while in the second, denoted close sources, h = 85�.
The deviation imposed by the algorithm is evaluated by
steering the array to the assumed desired signal angle of
arrival (h = 90�) while changing the real direction of the
signal in the range h 2 [87�, 93�]. We examine now the influ-
ence of the noise field on the imposed PSD deviation.

5.1.1. Directional noise signal

In the directional noise field case we optimize the array
to cancel a noise source which impinges on the array from
h = 120� (by optimization of the array we refer to designing
the optimal Wiener filter in the noise cancellation branch).
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output, and (b) the DTF-GSC output.
In Fig. 5a and b we present the deviation of the output sig-
nal of the array as a function of the frequency and the
steering angle, for the remote sources scenario and close
sources scenario, respectively. It is clearly shown that for
both scenarios the output signal is distorted as we move
the steering angle of the array away from the desired signal
direction h = 90�. In both the remote and close sources sce-
narios the nominal, no distortion value of 0 dB, is obtained
in the desired source direction, i.e. h = 90�, as expected. In
the remote sources scenario, the imposed deviation is not
exceeding –4 dB for frequencies up to 3000 Hz. On the
other hand, in the close sources scenario, the deviation
may reach –8 dB, where maximum deviation is obtained
only for the high frequency range.

The spatial beamformer response in 500 Hz and
3000 Hz is depicted in Fig. 6a and b, for the remote and
close sources scenarios, respectively. It can be clearly seen
that the main lobe around the desired direction is wider
at 500 Hz than in 3000 Hz. This is in good agreement with
the theory, since at x = 0 [rad/s] there is no phase differ-
ence between the signals at the sensors. Wide main lobe
is reflected in low sensitivity to steering angle errors. In this
case, only negligible impairment to the desired signal is
obtained. However, the wider lobe limits the obtained
performance of the other figures-of-merit, as will be shown
in the sequel.

The close sources scenario impose larger PSD deviation
due to the contradicting constraints.
5.1.2. Diffused noise field

If the array is designed to work with a diffused noise
field, the deviation imposed on the desired signal is given
in Fig. 5c and d. Again, for the remote sources scenario,
no more than 5 dB deviation is imposed in the range
h 2 [87�, 93�] for frequencies lower than 3000 Hz. Similar
results to the directional noise field are observed for the
close sources scenario.

Note that for the diffused scenario the deviation is non-
symmetric as a function of the steering error, despite of the
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inherent symmetry of the noise field. This phenomenon is
emphasized in the close sources scenario. This is due to
the null directed towards the interference direction in the
beamformer spatial response, implemented by both the
MBF and BM. When the sources are remote, the interfer-
ence reduction constraint has no effect on the deviation
near the desired direction. On the other hand, when the
sources are close, the contradicting constraints are hardly
met causing a severe degradation around the desired
direction.
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The spatial beamformer response in 500 Hz and
3000 Hz is depicted in Fig. 6c and d, for both the remote
and close sources scenarios. Similar trends to the direc-
tional noise field can be observed.

5.1.3. Incoherent noise field

When the array is designed to work with an incoherent
noise field, the deviation imposed on the desired signal is
given in Fig. 5e and f. Again, no PSD deviation is obtained
at h = 90� for both close and remote sources scenarios. In
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the remote sources scenario, no more than 5 dB deviation is
imposed in the range h 2 [87�, 93�] for frequencies lower
than 3000 Hz. On the other hand, in the close sources sce-
nario, the deviation may reach �8 dB.

The spatial beamformer response in 500 Hz and
3000 Hz is depicted in Fig. 6e and f. Similar trends to the
directional noise field can be observed.

5.2. Reverberant enclosure

In the reverberant enclosure case we limit our discussion
to the directional noise case due to the weak dependence on
the noise field. Nevertheless, the noise field type may have
some influence on the estimation error and therefore affects
the deviation. The algorithm was designed (i.e., W0(ejx),
HðejxÞ and G(t, ejx) were determined) to receive signals
from the desired direction, reject interference from the
competing source direction and to cancel signals arriving
from the noise direction. Results for the figure-of-merit
introduced before (desired signal deviation dPSD(ejx)) are
presented. Note that the deviation is measured here twice.
First, at the MBF output, and second at the DTF-GSC
output. In Fig. 7, the array response to a signal source
transmitted from the desired direction is introduced. The
deviation from the desired response demonstrated in the
interesting frequency band is negligible. It can be noticed
that the MBF succeeds in maintaining the desired signal
direction, while the lower branch has almost no effect on
the signal distortion at the output.

Consider the case where, due to movement of the desired
source or error in the estimation of the RTFs, the estimated
desired source position is 1.7 cm away from the real point
(1 cm away off in each axis). MBF deviation and array out-
put deviation for that case are depicted in Fig. 8a and b,
respectively. It can be noticed that the deviation is still
minor. In Fig. 8c–f larger position estimation errors are
presented, for misalignment of 8.7 cm and 17.3 cm off the
correct position, respectively. Clear degradation in perfor-
mance can be observed as the distance increases. While
4 dB average deviation can be observed in (b) for the higher
frequency range, around 6 dB average deviation is depicted
in (d) and (f) for the same frequency range.

In all cases the PSD deviation is mainly due to the MBF
branch, although considerable amount of distortion is
imposed by the leakage to the ANC branch. Note, that this
leakage may impose an unpleasant distortion for real
speech signals, as the resulting speech signal is usually per-
ceived as muffled.

5.3. Summary

In this section we evaluated the PSD deviation in two
typical scenarios: free-space propagation and reverberant
enclosure. For the former case, we evaluated the distortion
due to array steering errors in three noise fields: directional,
diffused, and incoherent. For the latter case, we evaluated
the sensitivity to talker movements from the nominal posi-
tion. In this case we demonstrate the performance only for
directional noise field, due to the weak dependence of the
obtained performance on the noise field.

6. Evaluation of noise reduction

In this section, we evaluate the noise reduction perfor-
mance and its relation to the noise field and the ATFs
involved. To evaluate the noise reduction capability of
the algorithm, we will use again the general expression
for the output signal given by (20), this time with a noise
signal Z(t, ejx) = N(t, ejx) as the input signal (the same
noise signal used to calculate the optimal Wiener filter).
Denoting /N

YY ðt; ejxÞ ¼ /YY ðt; ejxÞjZ¼N ; (20) reduces to

/N
YY ðt; ejxÞ ¼ cW y

0ðejxÞUNNðt; ejxÞcW 0ðejxÞ
� cW y

0ðejxÞUNNðt; ejxÞcHðejxÞ

� cHyðejxÞUNNðt; ejxÞcHðejxÞ
� ��1

� cHyðejxÞUNNðt; ejxÞcW 0ðejxÞ: ð28Þ

The resulting expression depends on the noise PSD at the
sensors. We therefore evaluate the achievable noise reduc-
tion for three different noise fields, namely coherent, dif-
fused and incoherent noise fields. The noise reduction
also depends on the ATFs involved. Hence for each noise
field we assume either free-space propagation or reverber-
ant enclosure.

6.1. Coherent noise field

For the coherent noise field the noise PSD is given by

UNNðt; ejxÞ ¼ /NN ðt; ejxÞDðejxÞDyðejxÞ: ð29Þ
For D(ejx) 5 A(ejx), the achievable noise reduction is infi-
nite, i.e.

/N
YY ðt; ejxÞ ¼ 0 for DðejxÞ 6¼ AðejxÞ ð30Þ

regardless of the estimation accuracy of the MBF and BM
(provided that the RTFs are modeled as having infinite
impulse responses. For a reverberant environment and
D(ejx) 5 A(ejx) the suppression of a point-source noise
signal, obtained by the proposed algorithm, is comparable
to that obtainable for a non-reverberant environment using
a simple GSC (see for instance Bitzer et al., 1999). The
derivation of this result is given in Appendix A. Note, that
this is not a surprising result, as the presence of at least sin-
gle noise reference signal is sufficient for the Wiener filter to
completely eliminate the noise component. This condition
is met for M P 3. The infinite noise reduction is obtained
for all ATFs D(ejx) except for the desired signal’s ATFs
D(ejx) = A(ejx). When the desired source and noise source
are located at exactly the same point, namely D(ejx) =
A(ejx), the noise and desired signal are indistinguishable
and no noise reduction can be expected.

It is also interesting to evaluate the noise part of the
MBF branch
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/N
MBFðt; ejxÞ ¼ EfY MBFðt; ejxÞY �MBFðt; ejxÞgjZ¼N

¼ cW y
0ðejxÞUNNðt; ejxÞcW 0ðejxÞ

¼ cW y
0ðejxÞ/NN ðt; ejxÞDðejxÞDyðejxÞcW 0ðejxÞ

¼ /NN ðt; ejxÞjcW y
0ðejxÞDðejxÞj2: ð31Þ
Fig. 9. Array output PSD /YY as a function of the frequency and direction of
(a) directional noise field (h = 120�), (c) diffused noise field, (e) incoherent noise
field, (f) incoherent noise field.
The term jcW y
0ðejxÞDðejxÞj2 depends on the estimated MBF

and the ATF D(ejx) and may be greater than one.
Although the desired signal is coherently combined in
the MBF, the signal-to-noise-ratio does not necessarily
increase. This phenomenon can be attributed to the parti-
cular structure of involved ATFs. The infinite noise reduc-
tion, obtained by the DTF-GSC in coherent noise field, is
due to the noise canceller branch.
arrival. Desired signal direction h = 90�. M = 10 sensors. Remote sources:
field; close sources: (b) directional noise field (h = 120�), (d) diffused noise
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6.1.1. Free-space propagation

Assume free space propagation, i.e., the ATFs from the
desired source and interference source to the sensors are
pure delays. The desired signal is assumed to impinge on
the array from h = 90�. We will examine two scenarios.
In the first, the non-stationary interference impinges on
the array from h = 60� (denoted as remote sources
scenario), while in the second, h = 85� (denoted as close
sources scenario). We optimize the array to cancel a noise
source from h = 120�. In Fig. 9a and b we present the PSD
of the array output as a function of the frequency and the
array steering angle h. For both scenarios, it is clearly
shown that the main lobe is maintained, while null is con-
structed in all frequencies at the noise angle (in addition to
null at the interference angle). Recall that the spatial beam-
former response in 500 Hz and 3000 Hz was depicted in
Fig. 6a and b for the remote and close sources scenarios,
respectively.

It can be clearly seen that the main lobe around the
desired direction is wider in 500 Hz than in 3000 Hz. When
the directional noise source is away from the desired
source, this phenomenon is meaningless. Nevertheless,
when the noise arrives from a direction adjacent to the
desired source, the BM, constrained to block this direction,
prevents the ANC from cancelling the unwanted compo-
nents. Therefore, since the MBF may enhance noise signals
arriving from a direction adjacent to desired source, this
could result in an amplification of the noise component
at the beamformer output.
6.1.2. Reverberant enclosure

To eliminate the acoustic environment gain, the noise
reduction (NR) is calculated by normalizing the output
PSD by the ATF that relates the noise source and the first
(reference) microphone. We assume that due to the micro-
phones proximity, the arbitrary choice of the first micro-
phone does not have any significant influence on the
obtained results. We therefore define the NR in a way sim-
ilar to the definition of the PSD deviation
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NRðt; ejxÞ ¼ /N
YY ðt; ejxÞ

jFðejxÞj2jD1ðejxÞj2/NN ðt; ejxÞ
: ð32Þ

A value of NR(t, ejx) = 0 indicates complete noise reduc-
tion. Note that NR(t, ejx) is measured here twice. First,
at the MBF output (denoted NRMBF(t, ejx)), and second
at the beamformer output (denoted NR(t, ejx)). Results
for the two figures-of-merit are introduced in Fig. 10, for
a signal source transmitted from the noise direction.

Noise reduction of more than 30 dB is demonstrated in
most of the interesting frequency band. It can be noticed
that the noise reduction is mainly attributed to the ANC
branch. Some noise amplification can be observed at fre-
quencies below 200 Hz. Nevertheless, it should be empha-
sized that speech signal usually contains low energy in
this band.

Note, also, that opposed to the free-space propagation
scenario only finite noise reduction is obtained. This degra-
dation is due to the truncation of the impulse response,
which corresponds to the RTF.

For the evaluation of the sensitivity of the NR to array
misalignments, a beamformer is designed to reject noise
signal according to the system introduced in Section 4,
while the noise actually impinges the array from a different
direction. This evaluation was conducted for three different
distances between the assumed noise source and real point:
1.7 cm, 8.7 cm and 26 cm.

Degradation in NR performance for distance of 1.7 cm
is depicted in Fig. 11a and b, as measured at the MBF
output and beamformer output, respectively. While only
marginal degradation can be observed in the MBF perfor-
mance, severe degradation in performance can be observed
at the beamformer output. We conclude that most of the
degradation is due to the inaccurate ANC. The degrada-
tion in performance increases as the error in the estimation
steps up, as depicted in Fig. 11c and d, measured for 8.7 cm
estimation error. Similar results are obtained if the noise
source is transmitted 26 cm away off the assumed point,
as depicted in Fig. 11e and f.
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Fig. 11. Expected NR degradation for directional noise field: signal received from 1.7 cm near the noise source: (a) MBF NR degradation, (b) output NR
degradation; 8.7 cm near the noise source: (c) MBF NR degradation, (d) output NR degradation; 26 cm near the noise source: (e) MBF NR degradation,
(f) output NR degradation.
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6.2. Diffused noise field

In the diffused noise field the noise PSD is given by

UNNðt; ejxÞ ¼ /NN ðt; ejxÞCðejxÞ: ð33Þ
Using the second line in (31) the noise PSD at the MBF
output is given by

/N
MBFðt; ejxÞ ¼ /NN ðt; ejxÞcW y

0ðejxÞCðejxÞcW 0ðejxÞ ð34Þ
and using (28) the noise PSD at the beamformer output is
obtained

/N
YY ðt;ejxÞ ¼/NN ðt;ejxÞcW y

0ðejxÞCðejxÞcW 0ðejxÞ
�/NN ðt;ejxÞcW y

0ðejxÞCðejxÞcHðejxÞ

� cHyðejxÞCðejxÞcHðejxÞ
� ��1cHyðejxÞCðejxÞcW 0ðejxÞ:

ð35Þ

This expression depends on the RTFs and the coherence
function C(ejx). Since the dependence on the RTFs is



0 500 1000 1500 2000 2500 3000 3500 4000

0

10

20

Frequency[Hz]

N
R

M
B

F
[d

B
]

0 500 1000 1500 2000 2500 3000 3500 4000

0

10

20

Frequency[Hz]

N
R

[d
B

]

a b

Fig. 12. Expected NR performance for diffused noise field: (a) MBF output PSD, (b) array output PSD.

616 G. Reuven et al. / Speech Communication 49 (2007) 602–622
empirically shown to be marginal compared to the depen-
dence on the noise field, we assume that the correct RTFs
are available.

Note that in frequencies above the cutoff frequency c
2‘0

,
the elements of C(ejx) are almost zero besides the main
diagonal elements. In this case, /N

YY ðt; ejxÞ is close to the
incoherent noise case, as will be shown in Section 6.3. On
the other hand, in lower frequencies, C(ejx) components
are almost one. In that case, /N

YY ðt; ejxÞ is close to the coher-
ent noise case. In our simulations, the inter-element dis-
tance between the microphones is set to 10 cm, and
therefore the cutoff frequency is about 1700 Hz.
6.2.1. Free-space propagation

The array was analyzed with diffused noise field by using
(35). The case of M = 10 sensors is shown in Fig. 9c and d for
various steering angles and the entire frequency band. Recall
that the diffused noise impinges on the array from all direc-
tions. Therefore, the beamformer attenuates almost all
directions, except the desired one. More than 10 dB attenu-
ation can be observed for most frequencies in the interesting
frequency band. It can be observed that in low frequencies,
low attenuation is obtained in the remote sources scenario
and even some amplification in the close sources scenario.
Note that when considering noise reduction in the presence
of diffused noise, wide main lobe as seen in Fig. 6c means that
more noise would leak into the beamformer output.
6 In (Reuven et al., 2005, submitted for publication) we showed that
Qm(ejx) and Lm(ejx) can be estimated in two ways. During double-talk
situations these terms can be estimated directly. Whenever only one of the
speech signals is present, bQmðejxÞ and bLmðejxÞ can be calculated by

inserting the estimated
beAðejxÞ and

beB ðejxÞ in (9) and (10).
6.2.2. Reverberant enclosure

The MBF output PSD and the beamformer output PSD
are given in Fig. 12 for the diffused noise field. It is clearly
shown, that the expected performance of the algorithm in
diffused field is inferior to the expected performance for
point source noise field. This is verified by the experimental
study conducted in (Reuven et al., submitted for publica-
tion). Most of the noise reduction is obtained by the
MBF. Note that the MBF amplifies frequencies below
300 Hz, while some noise reduction is obtained by the
lower branch in frequencies below 500 Hz. Nevertheless,
it should be emphasized that a speech signal usually con-
tains low energy in this band. Hence, the lower branch ren-
ders useless for most of the interesting band in this case.

6.3. Incoherent noise field

In the incoherent noise field the noise PSD is given by

UNNðt; ejxÞ ¼ /NN ðt; ejxÞI:

Using (28) and the pre-specified UNN(t, ejx) we obtain,

/N
YY ðt;ejxÞ¼/NN ðt;ejxÞcW y

0ðejxÞ

� I�cHðejxÞðcHyðejxÞcHðejxÞÞ�1cHyðejxÞ
n ocW 0ðejxÞ:

ð36Þ

Using (6)–(10) it can be verified that
beA yðejxÞcH ðejxÞ ¼

01�ðM�2Þ, where 01·(M�2) denotes a row vector of M � 2
zeros. Hence, we observe thatcW y

0ðejxÞcHðejxÞ

¼

beA ðejxÞ

kbeA ðejxÞk2

�
beB ðejxÞbeB yðejxÞbeA ðejxÞ

kbeA ðejxÞk2kbeB ðejxÞk2

1� jbeB yðejxÞbeA ðejxÞj2

kbeA ðejxÞk2kbeB ðejxÞk2

FðejxÞ

266664
377775
y

cHðejxÞ

¼ 01�ðM�2Þ:

ð37Þ

Note that the last transition is valid regardless of the estima-
tion accuracy, when both cW 0ðejxÞ and cHðejxÞ are calcu-

lated using the same RTFs estimate
beAðejxÞ and

beB ðejxÞ.
When bQmðejxÞ and bLmðejxÞ (the non-trivial terms ofcHðejxÞ) are estimated directly this may not be guaranteed.6

Furthermore, as cHyðejxÞcHðejxÞ is always a positive
matrix, its inverse always exists. Hence, the contribution
of the noise cancelling branch is zero, and the noise reduc-
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Fig. 13. Expected NR performance for incoherent noise field: (a) MBF output PSD, (b) array output PSD.
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tion is only due to the matched beamformer. The noise
power at the output is thus

/N
YY ðt; ejxÞ ¼ /N

MBFðt; ejxÞ

¼ /NN ðt; ejxÞcW y
0ðejxÞcW 0ðejxÞ: ð38Þ

Again, no noise reduction is guaranteed by this structure,
and the obtained result depends on the RTFs involved.

6.3.1. Free-space propagation

Array output PSD is depicted in Fig. 9e and f for vari-
ous steering angles and the entire frequency band. Less
than �10 dB white noise gain can be observed for most of
the interesting frequency band.

6.3.2. Reverberant enclosure
MBF output and array output PSD for incoherent noise

field are depicted in Fig. 13. Since only a minor difference
between the two plots can be observed, it can be assumed
that no noise reduction is achieved by the noise cancelling
branch, and the negligible noise reduction is due to the
MBF branch only. Note, that the noise amplification in
the lower frequency branch is meaningless, since the speech
power at this band is negligible.

6.4. Summary

In this section we evaluated the expected DTF-GSC
noise reduction as a function of the noise field. We evalu-
ated three noise fields, namely, directional, diffused, and
incoherent. For each noise field we demonstrated the results
for both free-space propagation and reverberant enclosure.
It is clearly evident that the system is expected to perform
very well under coherent (directional) noise field for both
environments. However, in the other noise fields the perfor-
mance of the system is expected to severely degrade.

7. Evaluation of interference reduction

In this section, we evaluate the interference reduction
obtained by the proposed algorithm for both reverberant
and non-reverberant environments, and the performance
sensitivity to array misalignment.

The interference reduction of the algorithm can be cal-
culated by the general expression given in (20) for a signal
Z(t, ejx) = B(ejx)S2(t, ejx). Assume we have an exact knowl-

edge of the RTFs eAðejxÞ and eBðejxÞ, i.e. cHðejxÞ ¼HðejxÞ
and cW 0ðejxÞ ¼W0ðejxÞ. Using eByðejxÞW 0ðejxÞ ¼ 0 and
HyðejxÞW 0ðejxÞ ¼ 0, /YY(t, ejx) = 0 can be obtained. Note,
that the above result does not depend on the noise field.
Furthermore, opposed to noise reduction, the interference
reduction is due to the constraints imposed on the MBF
and BM alone, rather than minimization or adaptive
filtering.

On the other hand, when considering real scenarios, the

RTFs estimates are not accurate, and bQmðejxÞ and bLmðejxÞ
are not exact estimates of Qm(ejx) and Lm(ejx) (m =
3, . . . ,M), respectively. In this case, the noise field may
affect the estimation performance and consequently may
affect the interference blocking ability of the BM, produc-
ing an interference leakage into the noise reference signals.

We now evaluate the interference reduction sensitivity to
array misalignment. Again, we will test the algorithm for
both free-space and reverberant environment.

7.1. Free-space propagation

Assume free space propagation, i.e., the ATFs from the
desired source and interference source to the sensors are
pure delays. Desired signal is assumed to impinge on the
array from h = 90�, while the inter-element distance is
10 cm. We will examine two scenarios. In the first, the
interference signal impinges on the array from h = 60�
(spatially remote sources), while in the second, h = 85�
(close sources).

The array output PSD in the presence of directional
noise is depicted in Fig. 14a and b, for both tested scenarios.
In both, a 60 dB null can be observed in the interference
direction, h = 60� for the remote sources case and h = 85�
for the close sources case. If the array steering angle will
be shifted from the assumed interference direction the



Fig. 14. Array output PSD /YY as a function of the frequency and direction of arrival. M = 10 sensors. Remote sources, interference signal direction
h = 60�: (a) directional noise field (h = 120�), (c) diffused noise field, (e) incoherent noise field; close sources, interference signal direction h = 85�: (b)
directional noise field (h = 120�), (d) diffused noise field, (f) incoherent noise field.
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amount of interference reduction will be reduced. This phe-
nomenon is emphasized in the close sources scenario, since
the beampattern is rapidly changing from 0 dB (no distor-
tion) to �1 (interference cancellation).

The array output PSD in the presence of diffused noise is
depicted in Fig. 14c and d, for both tested scenarios. As for
the directional noise, a 60 dB null can be observed in the
interference direction. Only minor changes can be noticed,
compared to the directional noise field. The array output
PSD in the presence of incoherent noise is depicted in
Fig. 14e and f, for both tested scenarios. The same trends
can be observed for the incoherent noise field.

7.2. Reverberant enclosure

A beamformer was designed to reject an interference
signal for the nominal system depicted in Fig. 3, while
the actual interference source was located in a different
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location. This evaluation was conducted for three different
distances between the assumed interference source and real
source location: 1.7 cm, 8.5 cm and 17.3 cm.

Note that similar to noise signal, the interference signal
may be attenuated due to the acoustic environment. There-
fore, the interference reduction is calculated by normalizing
the output PSD by the ATF that relates the interference
source and the first microphone. We therefore define the
normalized interference reduction by
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ðt; ejxÞ

: ð39Þ

A value of IR(t, ejx) = 0 indicates complete interference
elimination. This value is obtained whenever an exact
knowledge of the RTFs is available.

The results for the three cases are depicted in Fig. 15.
The normalized interference reduction IR(ejx) is measured
at the MBF output (denoted IRMBF(ejx)), and at the
0 500 1000 1500 2000 2500 3000 3500 4000

0

10

20

Frequency [Hz]

IR
 [d

B
]

0 500 1000 1500 2000 2500 3000 3500 4000

0

10

20

Frequency [Hz]

IR
 [d

B
]

0 500 1000 1500 2000 2500 3000 3500 4000

0

10

20

Frequency [Hz]

IR
 [d

B
]

m near interference source (a) MBF output PSD, (b) array output PSD;
.3 cm near interference source (e) MBF output PSD, (f) array output PSD.



620 G. Reuven et al. / Speech Communication 49 (2007) 602–622
beamformer output (denoted IR(ejx)). The array is
designed assuming directional noise field. Note that for
all three distances, the interference reduction is mainly
due to the MBF alone, since the BM still blocks the inter-
ference preventing the ANC from affecting the output. The
average normalized interference reduction for the 8.5 cm
and 17.3 cm is less than 10 dB. No interference reduction
can be measured when the actual interference source is
positioned more than 20 cm away from the assumed point.

7.3. Summary

In this section we evaluated the IR for both free-space
propagation and reverberant enclosure for three noise
fields: directional, diffused, and incoherent. The IR in
reverberant environment demonstrates significant sensitiv-
ity to array misalignments.

8. Discussion and summary

We have presented a performance evaluation of the
recently proposed DTF-GSC (Reuven et al., 2005), aimed
at simultaneous interference reduction and noise cancella-
tion. We used three figures-of-merit, namely PSD deviation
of the desired signal, noise cancellation, and interference
reduction. Due to signal source movements, changes in
the acoustic environment, and estimation errors, the
DTF-GSC algorithm may employ inaccurate acoustical
information. The purpose of this contribution is to provide
a comprehensive performance and sensitivity analysis,
which can be used in the beamformer design.

We started by deriving a general expression for the DTF-
GSC output PSD. From the general expression we derived
expressions for the PSD deviation imposed on the desired
signal and the amount of achievable noise cancellation
and interference reduction. For each figure-of-merit we
analyzed the influence of the acoustical environment
(namely, either free-space propagation or reverberant
enclosure), and the noise field (namely, directional, diffused,
and incoherent). We showed that the PSD deviation and
interference reduction depend on the estimation accuracy
of the RTFs. The sensitivity of the array to inaccurate posi-
tion estimation is emphasized in the reverberant environ-
ment. Actually, even small movement of either the desired
or interference sources, may significantly degrade the
obtained performance.

The noise reduction depends on the accuracy of estimat-
ing the involved RTFs, on the noise field, as well as on the
spatial distance between the desired signal and the interfer-
ence signal. For close sources scenario, the sensitivity to
noise source movements is lower than for the remote
sources scenario, due to the contradicting constraints
imposed on the beampattern in the latter scenario. High
noise reduction is obtainable in a coherent noise field, while
in an incoherent noise field only the MBF branch is respon-
sible for noise reduction. Although our analysis is predict-
ing infinite NR for the directional noise field in free-space
propagation, in practice this cannot be obtained due to sen-
sor noise. In the reverberant environment the amount of
NR is limited due to the truncation of the MBF and BM
impulse responses. In a diffused noise field we expect a sig-
nificant noise reduction due to the ANC branch only in the
lower frequency band. However, since the MBF branch
might amplify the noise level at this band, the expected
overall noise reduction in the lower frequency band is only
marginal (in some cases the noise might be even amplified).
Fortunately, due to the low speech power in this band, we
may overcome this degradation by applying appropriate
low-pass filter. In reverberant environments, the NR is
more sensitive to array misalignment than in the free-space
propagation. This may cause a severe performance degra-
dation when the array stops tracking the sources.

We note that in real-time applications, the DTF-GSC
algorithm must use sequential updates of the filters involved
rather than the closed form optimal solution. This may
degrade the performance of the algorithm and produce infe-
rior results compared to those presented in this study.

Appendix A. Noise reduction for a coherent noise field

Recall (28) and define,

Xðt; ejxÞ ¼ UNNðt; ejxÞcHðejxÞ cHðejxÞyUNNðt; ejxÞcHðejxÞ
� ��1

�cHyðejxÞUNNðt; ejxÞ;
For clarity and simplicity we omit the time and frequency
dependencies. Thus X can be written as a multiplication
of three terms

X ¼ UNN
cH cHyUNN

cH� ��1cHyUNN ¼K�L�M;

where K,UNN
cH, L, ðcHyUNN

cHÞ�1 and M,cHyUNN .
The PSD matrix of the directional noise component at

the sensors is given by

UNN ¼ /NN DDy þ eI

where I is an M · M identity matrix, and e! 0. The last
term is added to allow for the calculation of the involved
matrix inversion operations.

We start by calculating L

L ¼ cHyð/NN DDy þ eIÞcH� ��1

¼ /NN ðcHyDÞðcHyDÞy þ ecHycH� ��1

:

If D(ejx) = A(ejx), i.e. the noise source is located exactly at
the desired signal location, then, provided that the blocking
matrix cHðejxÞ is an accurate estimate of HðejxÞ, cHyðejxÞ
DðejxÞ ¼ 0. Hence, the involved calculations simplify to
L ¼ ðecHyHÞ�1, K ¼ ecH and M ¼ ecHy. Collecting
terms, and using the invertibility of cHycH we obtain,
X ¼ e2

e
cHðcHycHÞ�1cHy !e!0

0. Thus, no extra noise reduc-
tion is produced by the noise canceller branch, as expected,
and the total noise PSD at the output is given by

/N
YY ðt; ejxÞ ¼ /NN ðt; ejxÞjFðejxÞj2jA1ðejxÞj2;
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which is exactly the signal contribution derived in Section
5, with the input signal PSD /SS(t, ejx) replaced by the
respective noise PSD /NN(t, ejx).

For the general case, when D(ejx) 5 A(ejx), we use the
Matrix Inversion Lemma, yielding
L¼ 1

e
ðcHycHÞ�1�

1
e2 /NN ðcHycHÞ�1cHyDDycHðcHycHÞ�1

1þ 1
e /NN DycHðcHycHÞ�1cHyD

 !
:

Now, using the approximation 1
1þl � 1� l, for l! 0

(l properly defined), yields,
L ¼ 1

e
ðcHycHÞ�1 �

1
e /NN ðcHycHÞ�1cHyDDycHðcHycHÞ�1

/NN DycHðcHycHÞ�1cHyD

 

þ/NN ðcHycHÞ�1cHyDDycHðcHycHÞ�1

/NN DycHðcHycHÞ�1cHyD
� �2

!
:

Now, calculating X,
X ¼KLM ¼ UNN
cHLcHyUNN

¼ ð/NN DDy þ eIÞcHLcHyð/NN DDy þ eIÞ
, ðK1 þK2ÞcHðL1 þL2 þL3ÞcHyðM1 þM2Þ
with the obvious definitions of K1, K2, L1, L2, L3, M1,
M2. Opening the brackets we have 12 terms:
ðIÞ K1
cHL1

cHyM1¼
1

e
/2

NN DDycHðcHycHÞ�1cHyDDy;

ðIIÞ K1
cHL2

cHyM1¼�
1

e
/3

NN

�DDycHðcHycHÞ�1cHyDDycHðcHycHÞ�1
DDy

/NN DycHðcHycHÞ�1cHyD

¼�1

e
/2

NN DDycHðcHycHÞ�1cHyDDy;

ðIIIÞ K1
cHL3

cHyM1¼
/3

NN DðDycHðcHycHÞ�1cHyDÞ2Dy

ð/NN DycHðcHycHÞ�1cHyDÞ2
/NN DDy;

ðIVÞ K2
cHL1

cHyM1¼/NN
cHðcHycHÞ�1

HyDDy;

ðVÞ K2
cHL2

cHyM1

¼�/2
NN

cHðcHycHÞ�1cHyDDycHðcHycHÞ�1
DDy

/NN DycHðcHycHÞ�1cHyD

�/NN
cHðcHycHÞ�1cHyDDy;

ðVIÞ K2
cHL3

cHyM1

¼ e
/2

NN
cHðcHycHÞ�1cHyDDycHðcHycHÞ�1cHyDDy

ð/NN DycHðcHycHÞ�1cHyDÞ2

� e
cH cHycH� ��1cHyDDy

DycHðcHycHÞ�1cHyD
;

ðVIIÞ K1
cHL1

cHyM2¼/NN DDycHðcHycHÞ�1cHy;
ðVIIIÞ K1
cHL2

cHyM2

¼�/2
NN

DDycHðcHycHÞ�1cHyDDycHðcHycHÞ�1cHy

/NN DycHðcHycHÞ�1cHyD

¼�/NN DDycHðcHycHÞ�1cHy;

ðIXÞ K1
cHL3

cHyM2

¼ e
/2

NN DDycHðcHycHÞ�1cHyDDycHðcHycHÞ�1cHy

ð/NN DycHðcHycHÞ�1cHyDÞ2

� e
DDycHðcHycHÞ�1cHy

DycHðcHycHÞ�1cHyD
;

ðXÞ K2
cHL1

cHyM2

¼ ecHðcHycHÞ�1cHy;

ðXIÞ K2
cHL2

cHyM2

¼�e
cHðcHycHÞ�1cHyDDycHðcHycHÞ�1cHy

DycHðcHycHÞ�1cHyD
;

ðXIIÞ K2
cHL3

cHyM2

¼ e2 /NN
cHðcHycHÞ�1cHyDDycHðcHycHÞ�1cHy

ð/NN DycHðcHycHÞ�1cHyDÞ2

Note that terms (I) and (II), the terms (IV) and (V), and
terms (VII) and (VIII) eliminate each other, respectively.
Note also, that since cHyD 6¼ 0, the terms (VI), (IX), (X),
(XI) and (XII) approach zero as e! 0. Therefore only
term (III) remains, resulting in X ¼ /NN DDy. Substituting
X in (28) we have

/N
YY ðt; ejxÞ ¼dW0

yðejxÞ UNNðt; ejxÞ � /NN ðt; ejxÞDðejxÞDy
�

� ejxÞ
� �dW 0ðejxÞ ¼ 0:

Namely, the noise part is completely eliminated, regardless
of the estimation accuracy of the MBF and BM. In actual
scenarios, where only a truncated version of the involved
filters is used, the infinite NR can be only approximated.
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