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Abstract—Full-duplex hands-free man/machine interface often
suffers from directional nonstationary interference, such as a
competing speaker, as well as stationary interferences which
may comprise both directional and nondirectional signals. The
transfer-function generalized sidelobe canceller (TF-GSC) ex-
ploits the nonstationarity of the speech signal to enhance it when
the undesired interfering signals are stationary. Unfortunately,
the assumptions leading to the derivation of the TF-GSC are
violated when a nonstationary interference is present. In this
paper, we propose an adaptive beamformer, based on the TF-GSC,
that is suitable for cancelling nonstationary interferences in
noisy reverberant environments. We modify two of the TF-GSC
components to enable suppression of the nonstationary undesired
signal. A modified fixed beamformer (FBF) is designed to block
the nonstationary interfering signal while maintaining the desired
speech signal. A modified blocking matrix (BM) is designed to
block both the desired signal and the nonstationary interference.
We introduce a novel method for updating the blocking matrix in
double talk scenarios, which exploits the nonstationarity of both
the desired and interfering speech signals. Experimental results
demonstrate the performance of the proposed algorithm in noisy
and reverberant environments and show its superiority over the
original TF-GSC.

Index Terms—Array signal processing, interference cancella-
tion, nonstationarity, speech enhancement.

I. INTRODUCTION

I N MANY practical environments, as in a conference call
scenario, a desired speech signal, received by a microphone

array, is contaminated by both nonstationary interfering signal
(such as a competing speech), and by stationary noise. Fur-
thermore, the received signals are often subject to distortion
imposed by the room impulse response (RIR) of the acoustic
environment. Beamforming is the most commonly used ap-
proach for extracting a desired source out of spatially distinct
sources. The array beampattern can generally be designed to
have a specified response. This can be done by properly setting
the values of the multichannel filters’ weights. However, the
can be applied for constructing a beampattern satisfying certain
constraints for a set of directions, while minimizing the array
response in all other directions. The LCMV is efficiently imple-
mented in a generalized sidelobe canceller (GSC) [5] structure,
which decouples the constraints and the minimization. Several
contributions proved the equivalence of the LCMV and GSC
structures [6]–[8].

The GSC has found numerous applications in the field of
speech enhancement (e.g., [9]–[12]). In most speech enhance-
ment applications, the beamformer is constrained to produce a
dominant response towards the desired speech source location,
while minimizing the response in all other directions. However,
in reverberant environments a single direction of arrival cannot
be determined since the desired signal and its reflections im-
pinge on the array from several directions. This problem may
be alleviated by using an acoustic transfer function (ATF) rather
than just a simple delay for modeling the propagation of the
speech signal in a reverberant room.

Affes and Grenier [9] proposed a subspace method for esti-
mating and tracking ATFs in a reverberant environment. In [13],
they further proposed a GSC structure, for situations where two
speech signals are active simultaneously (referred to as double
talk situation), encountered in the context of acoustic echo can-
celer (AEC). The GSC includes a distortionless FBF which is
constrained to cancel the echo, and a BM which is constrained
to block both the desired signal and echo signal. However, the
estimation of the various blocks in the proposed structure neces-
sitates the use of the echo signal, which is unavailable in many
applications.

Gannot et al. [14] proposed to use the relative transfer func-
tion (RTF) between microphones in response to a desired source
signal rather than the ATF themselves. A method for estimating
the RTF, based on the background noise stationarity and the
speech nonstationarity, is derived. Compared with the conven-
tional GSC, the resulting TF-GSC is of practical utility when
enhancing a speech signal deteriorated by stationary interfering
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signals in a reverberant enclosure. However, in the presence of
an additional nonstationary interference, the TF-GSC cannot
distinguish between the desired signal and the interfering signal,
which renders the proposed structure useless.

Benesty et al. [15] address beamforming structures for
multiple input signals. In their contribution, derived in the
time-domain, the microphone array is treated as a multiple-
input multiple-output (MIMO) system. Among the beam-
forming structures considered in that paper, the LCMV with
multiple constraints is of special relevance to our work. Per-
formance bounds for the obtained speech distortion and noise
reduction are calculated, and equivalence between several
popular beamforming structures is proved. However, in the
experimental study, it is assumed that the filters relating the
sources and the microphones are a priori known, or alter-
natively, that the sources are not active simultaneously. This
assumption cannot be met in our scenario, in which the noise
signal is always active, and double talk situations can occasion-
ally occur.

In this paper, we present1 an adaptive beamformer, based on
the TF-GSC [14]. The new structure is aimed at maintaining
the desired speech signal while cancelling two interference
signals: a stationary (noise) signal and nonstationary (com-
peting speech) signal. The proposed beamformer is designed
for reverberant environment application. In Section II, we
formulate the dual interference problem for the general ATF
case. In Section III, we derive a closed-form linearly constraint
beamformer specifically designed for suppressing the undesired
interference signals. In Section IV, we derive the equivalent
GSC structure. We show that a modification of two of the
TF-GSC components, namely the FBF and the BM, allows
the beamformer to suppress the nonstationary interference.
The modified fixed beamformer, denoted matched beamformer
(MBF), is designed to block the nonstationary interference
while maintaining the desired speech signal. Beampattern eval-
uation emphasizes the differences between the MBF and the
conventional FBF. The modified BM blocks both the desired
signal and the nonstationary interference. As in the original
TF-GSC, the adaptive noise canceller (ANC) employs the
reference signals generated by the BM to cancel the residual
stationary noise at the MBF output. The resulting structure is
named a dual transfer-function generalized sidelobe canceller
(DTF-GSC). In Section V, we address the problem of RTF
estimation. Specifically, a method for updating the BM in
double talk situations is proposed. This method extends the
RTF estimation method, applied in the conventional TF-GSC,
by exploiting both the desired and interfering speech signals
nonstationarity. In Section VI, we discuss the differences be-
tween the TF-GSC and the DTF-GSC structures. We stress the
benefits gained by applying the novel structure. Experimental
results, presented in Section VII, demonstrate the performance
of the proposed algorithm in noisy and reverberant environ-
ments, with comparison to the TF-GSC structure.

II. PROBLEM FORMULATION

Consider an array of sensors in a noisy and reverberant envi-
ronment. We assume that the received signals include three com-
ponents: a desired speech source, a directional nonstationary

1A preliminary version of this work was presented in [16].

interference signal (e.g., competing speech), and a stationary
noise signal, which can be either directional, diffused, or uncor-
related (spatially white). Our goal is to reconstruct the desired
speech signal from received reverberated signals. Let de-
note the desired speech signal, let denote the nonstationary
interfering signal, and let and represent the acous-
tical impulse responses of the th microphone to the desired
speech source and the nonstationary interference source, respec-
tively. The th microphone signal is given by

(1)

where is the (directional or nondirectional) stationary
noise signal at the th microphone, and denotes convolution.
The analysis frame duration is chosen such that the signal may
be considered stationary over the analysis frame. Typically, the
impulse responses and are slowly changing in time
and can be considered time-invariant over the analysis frame.

In the short time Fourier transform (STFT) domain, (1) can
be approximately rewritten2 as

(2)

where and are the
STFT of the respective signals. and are the
ATFs from the desired source and interference source to the th
microphone, respectively, which are assumed hereinafter time-
invariant over the observation period. A vector formulation of
(2) is

(3)

where

Our problem is to reconstruct the desired speech signal
(or a filtered version thereof) from the noisy obser-

vations .

2The approximation sign in (2) can be replaced with equality when the length
of the frames is much larger compared with the length of the filter [17]. This
assumption cannot be met in our case when considering the ATFs themselves.
Equality is only required for the ATFs estimation method. We stress that the
actual filtering is conducted with the RTFs rather than the ATFs. The former are
regarded as much shorter filters. Finally, the filtering is implemented using the
overlap and save procedure, and therefore only correct samples from the cyclic
convolution results are used.
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Fig. 1. Graphical interpretation of the constrained minimization in (6). The Ellipsoids depict equi-power surfaces. The line depicts the constraint plane andF (e )
is its perpendicular.W (t; e ) is a possible solution at time instantt , whereasW (t; e ) is the optimal solution, namely it is the vectorW (t; e ) fulÞlling
the constraint while maintaining minimum output power.

III. OPTIMAL SOLUTION BASED ON

CONSTRAINED OPTIMIZATION

In this section, we derive a linearly constrained beamformer,
speciÞcally designed for suppressing undesired interference
signals. WeÞrst obtain a closed-form linearly constrained
minimum variance beamformer and then derive an adaptive
solution. We initially assume that the ATFs are known, and in
Section V we derive their estimates based on the nonstationarity
of the speech signals.

Let be a set of Þlters

where denotes conjugation and denotes conjugation trans-
pose. A beamformer is realized byÞltering each sensor output

by and summing the
outputs

(4)

where represents the desired signal component,
is the directional interference component and

is the stationary noise component. The output power
is given by

where . We want to
minimize the output power subject to the following constraints

(5)

where is an arbitraryÞlter response. Hence, the fol-
lowing minimization problem is obtained:

subject to

and

(6)

The minimization in (6) is depicted in Fig. 1. The tangent
point of the equi-power contours with the constraint line is
the optimum vector of beamformerÞlters. Solution to the
constrained minimization problem is obtained by minimizing
the complex Lagrangian

(7)

Setting the derivative with respect to to zero (see for in-
stance [18]) we obtain

(8)
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and

Hence, . Now, since and
is parallel to . This implies

that is the perpendicular from the origin to the constraint
hyperplane, . The matrix is the projection matrix
to the null space of . This is easily
shown by the following arguments. Using (17) we have

(18)

The term in the brackets simplifies to

(19)

resulting in . Similarly, it can be shown that
as well.

Now, a vector in a linear space can be uniquely split into a
sum of two vectors in mutually orthogonal subspaces (see for
instance [19]). Hence

(20)

where and . By
the definition of

(21)

where is a full-rank matrix, such that the
columns of span the null space of ,
i.e.,

(22)

The vector is an vector of adjustable
filters.

Using the geometrical interpretation of Frost’s algorithm [3]
(see Fig. 1)

(23)

(recall that is the perpendicular from the origin to the
constraint hyperplane, ). Now, using (4), (20), and (21)
we obtain

(24)

where

(25)

The solution structure is similar to [14], although the constraints
are different. The output of the constrained beamformer is a
difference of two terms, both operating on the input signal

. in our problem, steers the beam towards
the desired direction, while blocking the interference direction.
In [14], is only responsible for steering the beam
towards the desired direction. Furthermore, in the
current contribution blocks both directions while in [14] it only
blocks the desired direction. in both cases has similar
functionality. However, its rank here is lower, allowing less
degrees of freedom.

The first term is dependent on the ATFs; hence,
it can be regarded as a MBF. We now examine the second term,

. The reference noise signals are given by

(26)

where the last transition follows from (22). Both desired and
competing signals’ components are blocked by and
therefore contains only noise. Hence, the noise term
of can be reduced by properly adjusting the filters

, using the minimum output power criterion. This ad-
justment problem is in fact the classical multichannel noise can-
cellation problem, that can be solved by using the Wiener filter.
An adaptive least mean squares (LMS) solution to the problem
was proposed by Widrow [20].

Recall that as defined in (16) is the cosine
of the angle between and . When these
vectors are perpendicular vanishes. In this case,
the resulting is exactly the single source MBF
derived in [14], and the projection matrix reduces to

.
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Fig. 2. MBF directivity patterns for several scenarios: M = 5 , (a) f =
500 Hz, (c) f = 1000 Hz, (e) f = 1500 Hz, (g) f = 2000 Hz; M = 10 ,
(b) f = 500 Hz, (d) f = 1000 Hz, (f) f = 1500 Hz, (h) f = 2000 Hz.

Note that the residual signal is also the output of the enhance-
ment algorithm. Using the orthogonality principle (see, e.g.,
[22]), the error is orthogonal to the measurements. Thus

(40)

Fig. 3. GSC solution for the dual-source case. Three blocks: an MBF
WWW (t; e ) ; a BM H (e ) ; and a multichannel ANC GGG(t; e ) .

Following the standard Widrow procedure, the solution is given
by

Usually, a more stable solution is obtained by using the
NLMS algorithm, in which case each frequency is normalized
separately, yielding

where

(41)

and is a forgetting factor (typically ).4
The filter update is now given by

(42)

for . The operator includes the following
three stages. First, is transformed to the time
domain. Second, the resulting impulse response is truncated,
namely an FIR constraint is imposed. Third, the result is trans-
formed back to the frequency domain. Performing the op-
erator avoids cyclic convolution. A block diagram of the GSC
solution is depicted in Fig. 3, and the proposed algorithm is sum-
marized in Algorithm 1.

4Another possibility is to calculate P using the jU (t; e )j rather than
using jZ (t; e )j . However, in that case an energy detector is required, so
that G (t; e ) is updated only when there is no active signal. If on the other
hand, we calculate P (t; e ) using the input sensor signals, Z (t; e ) , as
indicated in (41), 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.
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Fig. 5. (a) Impulse response and (b) frequency response relating the desired source and the first microphone.

Fig. 6. Test procedure for evaluating the DTF-GSC in comparison with the
TF-GSC.

should be high enough to allow for tracking of a fast-varying
signal, and on the other hand, it should be low enough to enable
sufficient reduction of the stationary noise level. Such a require-
ment on the TF-GSC necessitates the use of an algorithm for
distinguishing between the two nonstationary signals, namely,
the desired and interference signals. On the other hand, differ-
entiating between slowly varying noise signal and the highly
nonstationary speech signal is a considerably easier task [23],
[24].

As shown in the experimental study in Section VII, the
residual noise level of the TF-GSC structure is fluctuating over
time (in accordance with the activity periods of the interference
signal), while the corresponding signal level at the DTF-GSC
output is much more stable. As beamformer algorithms are very
often followed by a postfilter [25], [26], and since postfilters are
sensitive to nonstationary noise signals, it is crucial to maintain
the residual noise level as stable as possible. The application of
a postfilter is beyond the scope of this contribution.

The design of the null in the beampattern towards the com-
peting speech is another difference between the TF-GSC and the
DTF-GSC. While in the former the null is built adaptively, using
only power consideration, in the latter the null is established by

exploiting the speech characteristics. The use of speech non-
stationarity yields a more robust null and thus allowing for an
improved interference cancellation. Furthermore, the estimation
method derived in (53) allows for estimating BM even in double
talk scenarios. Another drawback of the TF-GSC is its depen-
dence on the FBF beampattern. If the interference signal level at
the FBF output is significantly reduced while maintaining high
level at the BM output, the ANC might increase the amount
of interference leakage to the total output. In the DTF-GSC,
where the ANC block is only responsible for the noise signal,
this problem cannot be encountered. A comparison of the com-
putational burden of both algorithms shows an advantage to the
TF-GSC over the DTF-GSC, since two sets of RTFs should be
estimated for the latter. However, this difference is not of crucial
importance.

VII. EXPERIMENTAL STUDY

A. Test Scenario
The proposed algorithm was tested in a simulated room envi-

ronment. The desired and competing speech signals were drawn
from the TIMIT [27] database, while a speech-like noise from
NOISEX-92 [28] database was used as a stationary noise source.
All three signals were filtered by simulated RIRs, resulting in di-
rectional signals, which are received by microphones.
The microphone locations were set to

(54)

The desired source is located at , the inter-
ference source at , and the stationary noise
source at . The test scenario is depicted in
Fig. 4.
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Fig. 7. Sonograms: (a) Desired speech signal at microphone #1. (b) Nonstationary interference signal at microphone #1. (c) Noisy signal at microphone #1.
(d) Enhanced signal.

The RIRs were simulated with a modified version [29] of
Allen and Berkley’s image method [30]. The reverberation time
was set to ms. In Fig. 5, the impulse response relating
the desired source and the first microphone, and its respective
frequency response, are depicted. The lengths of the filters in the
MBF, the BM, and the ANC were set to 250, 250, and 750 taps,
respectively. Segments of 2048 samples were used to implement
the overlap and save procedure. The sampling frequency was
set to 8 kHz. The desired speech to competing speech [denoted
signal-to-interference ratio (SIR)] was set to 5 dB. The desired
speech to the stationary noise (denoted SNR) was set to 5 dB as
well.

For comparison, we applied the TF-GSC [14] to the same
signals. For the TF-GSC, the lengths of the filters in the MBF,
the BM, and ANC were set to 250, 250, and 550 taps, respec-
tively. Recall, that the ANC in the TF-GSC is comprised of

channels, while the dimension of respective block
in the DTF-GSC is only . Hence, the computational
burden imposed by both algorithms is comparable.

For evaluating and comparing the performance of the two
beamformers, we applied the algorithms in two phases. In the
first phase, the beamformers were applied to an input signal,
comprised of the sum of the desired speech, the competing
speech, and the stationary noise (with gains in accordance with
the respective SNR and SIR). In this phase, the beamformers
were allowed to adapt yielding , the actual algorithm

output. In the second phase, the beamformers were not allowed
to adapt. Instead, a copy of the coefficients, obtained in the
first phase, was used. As the beamformers coefficients are time
varying, we used in each time instant the corresponding copy
of the coefficients. This procedure enabled the demonstration
of the algorithm convergence rate. Each beamformer was
applied three times in the second phase, yielding three different
signals. Denote the beamformer response to the desired signal

alone as , the response to the
competing speech alone as , and
the response to the stationary noise signals at the microphones

as . The entire test procedure is depicted in
Fig. 6.

For both algorithms, we assumed the existence of a per-
fect voice activity detector (VAD), allowing for ANC adap-
tation only during nonactive periods of the desired speech.
Applying a simple energy-based VAD might suffice in mod-
erate or high SNR levels. As discussed in Section VI, the
ANC block of the TF-GSC is more sensitive to double talk
situations than its respective DTF-GSC block. Moreover, we
showed in Section V a method for estimating the BM in
double talk scenario. It should be noted, however, that the
MBF can be updated only when one speech signal is ac-
tive. Major errors in the VAD and the double talk detector
(DTD) decisions might deteriorate the performance of both
algorithms.
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Fig. 8. Signal waveforms: (a) Interference signal at microphone #1. (b) Interference signal at the TF-GSC output. (c) Interference signal at the DTF-GSC output.
(d) Noise signal at microphone #1. (e) Noise signal at the TF-GSC output. (f) Noise signal at the DTF-GSC output.

Finally, we draw the attention of the reader to a comprehen-
sive theoretical performance analysis of the DTF-GSC, which
can be found in [31], where we demonstrate the applicability
of the DTF-GSC in some representative reverberant and non-
reverberant environments under various noise field conditions.
Three figures-of-merit are used for evaluating the algorithm per-
formance, namely the PSD deviation imposed on the desired
signal at the beamformer output, the achievable noise reduction,
and the interference reduction.

B. Results
Fig. 7 shows sonograms of the desired signal, the interference

signal, the noisy signal, all at microphone #1, and the DTF-GSC

output. It can be seen that both noise and interference signals
are well suppressed, especially in frequencies above 500 Hz.
Moreover, no self-cancellation or other deviation can be noticed
even during the double talk case.

In Fig. 8, a comparison between the TF-GSC and the
DTF-GSC is presented. According to the outline of Fig. 6,
each signal is analyzed separately. In the left column, the
interference component at the input, at the TF-GSC output,
and at the DTF-GSC output are presented. In the right column,
the noise component at the respective signals are depicted. All
segments depict the signal after the noise canceller converged.
It is clearly seen that the interference signal and noise signal
levels are significantly reduced for both algorithms. However,
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APPENDIX B
PROOF OF(14)

Imposing our constraints on (13) yields the following linear
equations:

(55)

Rearranging terms in (55) yields

and

and therefore yields (56), shown at the bottom of the page.
Solving the linear equations yields (57), shown at the bottom

of the page. DeÞne

(58)

then

(59)

(60)

The following expression is utilized in calculating

(61)

(56)

(57)
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Rearranging terms in (61) yields

(62)

Substituting (62) into (13), we obtain (14).

ACKNOWLEDGMENT

The authors would like to thank the anonymous reviewers for
their constructive comments and helpful suggestions.

REFERENCES

[1] B. V. Veen and K. Buckley,ÒBeamforming: A versatile approach to
spatialÞltering,ÓIEEE Acoust., Speech, Signal Process. Mag., vol. 5,
no. 2, pp. 4Ð24, Apr. 1988.

[2] H. Cox, R. Zeskind, and M. Owen,ÒRobust adaptive beamforming,Ó
IEEE Trans. Acoust., Speech, Signal Process., vol. 37, no. 10, pp.
1365Ð1376, Oct. 1987.

[3] O. L. Frost III, ÒAn algorithm for linearly constrained adaptive array
processing,ÓProc. IEEE, vol. 60, no. 8, pp. 926Ð935, Aug. 1972.

[4] M. Er and A. Cantoni,ÒDerivative constraints for broadband element
space antenna array processors,ÓIEEE Trans. Acoust., Speech, Signal
Process., vol. ASSP-31, no. 6, pp. 1378Ð1393, Dec. 1983.

[5] L. J. GrifÞths and C. W. Jim,ÒAn alternative approach to linearly con-
strained adaptive beamforming,ÓIEEE Trans. Antennas Propag., vol.
30, no. 1, pp. 27Ð34, Jan. 1982.

[6] C. Jim, ÒA comparison of two LMS constrained optimal array struc-
tures,ÓProc. IEEE, vol. 65, no. 12, pp. 1730Ð1731, Dec. 1977.

[7] K. Buckley, ÒBraodband beamformingand the generalized side-
lobe canceller,ÓIEEE Trans. Acoust., Speech, Signal Process., vol.
ASSP-34, no. 6, pp. 1322Ð1323, Oct. 1986.

[8] K. Buckley, ÒA short proof of the equivalence of LCMV and GSC
beamforming,ÓIEEE Signal Process. Lett., vol. 9, no. 6, pp. 168Ð169,
Jun. 2002.

[9] S. Affes and Y. Grenier,ÒA signal subspace tracking algorithm for
microphone array processing of speech,ÓIEEE Trans. Speech Audio
Process., vol. 5, no. 5, pp. 425Ð437, Sep. 1997.

[10] S. Nordholm, I. Claesson, and P. Eriksson,ÒThe broadband Wiener
solution for GrifÞthsÐJim beamformers,ÓIEEE Trans. Signal Process.,
vol. 40, no. 2, pp. 474Ð478, Feb. 1992.

[11] O. Hoshuyama, A. Sugiyama, and A. Hirano,ÒA robust adaptive
beamformer for microphone arrays with a blocking matrix using
constrained adaptiveÞlters,ÓIEEE Trans. Signal Process., vol. 47, no.
10, pp. 2677Ð2684, Oct. 1999.

[12] J. Bitzer, K. U. Simmer, and K. D. Kammeyer,ÒTheoretical noise re-
duction limits of the generalized sidelobe canceller (GSC) for speech
enhancement,Óin Proc. 24th IEEE Int. Conf. Acoust. Speech Signal
Process. (ICASSP), Phoenix, AZ, Mar. 15Ð19, 1999, pp. 2965Ð2968.

[13] S. Affes and Y. Grenier,ÒA source subspace tracking array of mi-
crophones for double talk situations,Óin Proc. 22nd IEEE Int. Conf.
Acoust. Speech Signal Process. (ICASSP), Munich, Germany, Apr.
20Ð24, 1997, pp. 269Ð272.

[14] S. Gannot, D. Burshtein, and E. Weinstein,ÒSignal enhancement using
beamforming and nonstationarity with applications to speech,ÓIEEE
Trans. Signal Process., vol. 49, no. 8, pp. 1614Ð1626, Aug. 2001.

[15] J. Benesty, J. Chen, and Y. Huang,ÒOn microphone-array beam-
forming from a MIMO acoustic signal processing perspective,ÓIEEE
Trans. Audio, Speech, Lang. Process., vol. 15, no. 3, pp. 1053Ð1065,
Mar. 2007.

[16] G. Reuven, S. Gannot, and I. Cohen,ÒDual source TF-GSC and its
application to echo cancellation,Óin Proc. Int. Workshop Acoust. Echo
Noise Control (IWAENC), Eindhoven, The Netherlands, Sep. 2005, pp.
27Ð30.

[17] Y. Avargel and I. Cohen,ÒOn multiplicative transfer function approx-
imation in the short-time fourier transform domain,Ó IEEE Signal
Process. Lett., vol. 14, no. 5, pp. 337Ð340, May 2007.

[18] D. Brandwood,ÒA complex gradient operator and its application in
adaptive array theory,ÓInst. Elect. Eng. Proc., vol. 130, no. 1, pt. F and
H, pp. 11Ð16, Feb. 1983.

[19] G. Strang, Linear Algebra and Its Application, 2nd ed. New York:
Academic, 1980.

[20] B. Widrow, J. G. , Jr., J. McCool, J. Kaunitz, C. Williams, R. Hearn,
J. Zeider, E. D. , Jr., and R. Goodlin,ÒAdaptive noise cancelling: Prin-
cipals and applications,ÓProc. IEEE, vol. 63, no. 12, pp. 1692Ð1716,
Dec. 1975.

[21] J. Bitzer, K.-D. Kammeyer, and K. Simmer,ÒAn alternative implemen-
tation of the superdirective beamformer,Óin Proc. IEEE Workshop Ap-
plicat. Signal Process. Audio Acoust., New Paltz, NY, Oct. 1999, pp.
7Ð10.

[22] S. Haykin, Adaptive Filter Theory, ser. Information and System Sci-
ences, 4th ed. Upper Saddle River, NJ: Prentice-Hall, 2002.

[23] Y. Ephraim and D. Malah,ÒSpeech enhancement using a minimum
mean square error log-spectral amplitude estimator,Ó IEEE Trans.
Acoust., Speech, Signal Process., vol. ASSP-33, no. 2, pp. 443Ð445,
Apr. 1985.

[24] I. Cohen and B. Berdugo,ÒSpeech enhancement for non-stationary
noise environments,ÓSignal Process., vol. 81, no. 11, pp. 2403Ð2418,
Oct. 2001.

[25] K. U. Simmer, J. Bitzer, and C. Marro, Microphone Arrays: Signal
Processing Techniques and Applications. Berlin, Germany: Sp-
Þriger-Verlag, 2001, ch. Post-Filtering Techniques, pp. 39Ð60.

[26] S. Gannot, D. Burshtein, and E. Weinstein,ÒAnalysis of the power spec-
tral deviation of the general transfer function GSC,ÓIEEE Trans. Signal
Process., vol. 52, no. 4, pp. 1115Ð1121, Apr. 2004.

[27] J. S. Garofolo,ÒGetting started with the DARPA TIMIT CD-ROM: An
acoustic phonetic continuous speech database,ÓNational Inst. Stand.
Technol. (NIST), Gaithersburg, MD, 1988, Tech. Rep., prototype as of
December 1988.

[28] A. Varga and H. J. M. Steeneken,ÒAssessment for automatic speech
recognition: II. NOISEX-92: A database and an experiment to study
the effect of additive noise on speech recognition systems,ÓSpeech
Commun., vol. 12, no. 3, pp. 247Ð251, Jul. 1993.

[29] E. Habets,ÒRoom impulse response (RIR) generator,ÓJul. 2006 [On-
line]. Available: http://home.tiscali.nl/ehabets/rir_generator.html.

[30] J. B. Allen and D. A. Berkley,ÒImage method for efÞciently simu-
lating small-room acoustics,ÓJ. Acoust. Soc. Amer., vol. 65, no. 4, pp.
943Ð950, Apr. 1979.

[31] G. Reuven, S. Gannot, and I. Cohen,ÒPerformance analysis of dual
source transfer-function generalized sidelobe canceller,Ó Speech
Commun., vol. 49, pp. 602Ð622, 2007.

Gal Reuvenreceived the B.Sc. degree from Tel-Aviv
University, Tel-Aviv, Israel, and the M.Sc. degree
from the TechnionÑ Israel Institute of Technology,
Haifa, Israel, both in electrical engineering, in 1998
and 2006, respectively.

From 1998 to 2004, he served as a DSP engineer
and system engineer in an R&D center of the Israel
Defense Forces. Since 2005, he has been a senior
DSP and real-time embedded engineer in Dune
Medical Devices, Ltd., Caesarea, Israel. His research
interests include statistical signal processing and

speech enhancement using microphone arrays.



REUVEN et al.: DUAL-SOURCE TRANSFER-FUNCTION GENERALIZED SIDELOBE CANCELLER 727

Sharon Gannot (S’92–M’01–SM’06) received the
B.Sc. degree (summa cum laude) from the Tech-
nion—Israel Institute of Technology, Haifa, Israel, in
1986 and the M.Sc. (cum laude) and Ph.D. degrees
from Tel-Aviv University, Israel, in 1995 and 2000,
respectively, all in electrical engineering.

In 2001, he held a postdoctoral position at the
Department of Electrical Engineering (SISTA),
Katholieke Universiteit Leuven, Leuven, Belgium.
From 2002 to 2003, he held a research and teaching
position at the Faculty of Electrical Engineering,

Technion-Israel Institute of Technology, Haifa, Israel. Currently, he is a Senior
Lecturer at the School of Engineering, Bar-Ilan University, Ramat-Gan, Israel.
He is an Associate Editor of the EURASIP Journal of Applied Signal Pro-
cessing, an Editor of a special issue on Advances in Multimicrophone Speech
Processing of the same journal, a Guest Editor of Elsevier Speech Commu-
nication Journal and a reviewer of many IEEE journals and conferences. His
research interests include parameter estimation, statistical signal processing,
and speech processing using either single- or multimicrophone arrays.

Dr. Gannot has been a member of the Technical and Steering Committee of
the International Workshop on Acoustic Echo and Noise Control (IWAENC)
since 2005.

Israel Cohen (M’01–SM’03) received the B.Sc.
(summa cum laude), M.Sc., and Ph.D. degrees in
electrical engineering from the Technion—Israel
Institute of Technology, Haifa, Israel, in 1990, 1993,
and 1998, respectively.

From 1990 to 1998, he was a Research Scientist
with RAFAEL Research Laboratories, Haifa, Israel
Ministry of Defense. From 1998 to 2001, he was a
Postdoctoral Research Associate with the Computer
Science Department, Yale University, New Haven,
CT. In 2001, he joined the Electrical Engineering

Department of the Technion, where he is currently an Associate Professor. His
research interests are statistical signal processing, analysis and modeling of
acoustic signals, speech enhancement, noise estimation, microphone arrays,
source localization, blind source separation, system identification, and adaptive
filtering. He is a coeditor of the Multichannel Speech Processing section of
the Springer Handbook of Speech Processing and as Guest Editor of a special
issue of the EURASIP Journal on Advances in Signal Processing on Advances
in Multimicrophone Speech Processing and a special issue of the EURASIP
Speech Communication Journal on Speech Enhancement.

Dr. Cohen received in 2005 and 2006 the Technion Excellent Lecturer awards.
He serves as Associate Editor of the IEEE SIGNAL PROCESSING LETTERS and
served as Associate Editor of the IEEE TRANSACTIONS ON AUDIO, SPEECH, AND

LANGUAGE PROCESSING.


