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ABSTRACT 

This work proposes an adaptive beamformer based on 
generalized sidelobe canceller (GSC) structure with novel 
blocking matrix design. The classical GSC presented by 
Griffiths and Jim suffers from desired signal cancellation 
problems due to the complicated acoustic environment. This 
work utilizes the pseudo-inverse property of matched filters 
and subarray structure to design a new blocking matrix of 
the GSC. For practical implementation, matched filter ratios 
between microphone pairs are estimated, instead of 
estimating matched filters from the sound source to each 
microphone. Simulation results are presented to show the 
effectiveness of the proposed method. 
Index Terms—GSC, matched filters, subarray 

1. INTRODUCTION 

The quality of captured speech signal is degraded when the 
environment is contaminated by interference signals such as 
room reverberation and ambient noise. Adaptive 
beamformer techniques, such as generalized sidelobe 
canceller, have been developed to improve the quality of 
acquired sound signal for a long time. Among various 
adaptive beamformers, the Griffiths and Jim beamformer 
(GJBF) [1] is the most widely known method which 
assumes that the sound wave propagation behavior is simple 
time-delay. However, in GJBF, the steering vector errors 
which cause the desired signal cancellation may occur due 
to the reverberant environment or microphone mismatch 
problems.  

Jan and Flanagan proposed the matched filter array 
processing of microphone arrays [2]. It is shown in [3] that 
the distinct advantage of the matched filter beamformer over 
delay-and-sum beamformer is its ability to suppress the 
reverberation effect. They have also discussed the relation 
between the truncation length of the room transfer function 
and SNR quality. Affes and Grenier proposed the GSC-
based near-field enhancement algorithms [4] and they 
utilized the matched filter with signal subspace tracking to 
design the fixed beamformer of the GSC.                                          
   Since matched filters show a superior property in 
enhancing source signal under reverberation, they can be 
used to block undesired source and have a minimal effect on 
desired signal cancellation. In this paper, an adaptive 

beamformer based on GSC architecture is presented. The 
proposed beamformer exploits the matched filter array 
property which can mitigate the effects of enclosure 
reverberation and subarray structure to design the blocking 
matrix of the GSC. The room impulse response 
measurements are required to construct the matched filter. 
Usually the most direct method to estimate room impulse 
response is the Maximal Length (ML) sequence method [5]. 
This is not practical if the environment changes frequently 
and the measurement has to be taken repeatedly. Hence, in 
this paper, matched filter measurement is replaced by 
estimating the matched filter ratio. It is not necessary to 
estimate the impulse response from the source to each 
microphone. The proposed algorithm is implemented in the 
frequency domain and the performance is evaluated by the 
simulations. 

2. PRINCIPLES OF THE PROPOSED 
BEAMFORMER 

Matched-filtering techniques can be applied to microphone 
arrays to improve signal to noise ratio (SNR) in reverberant 
environment. Consider M microphones in a reverberant and 
noisy environment, the received signal of the m-th 
microphone can be model as 

)()()()( tntatstx mmm
                                                  (1) 

where  denotes the convolution; )(tam
is the transfer 

function from sound source to the m-th microphone and 
)(tnm

 is the interference noise. In the matched filter 
beamformer processing, the output of each microphone is 
convolved with the matched filter which is the time reverse 
of the transfer function from the source to that microphone 
and the beamformer output is the summation of the 
individual matched filter output. Therefore, the matched 
filter beamformer output of M microphones is expressed as: 
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filter array response. The response of matched filter array 
approximates the large amplitude impulse if M is 
sufficiently large and the source signal is enhanced. It 
means the effect of reverberation can be suppressed and the 
approximated matched filter array response is represented as: 
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where  is a scalar and )(t  is the unit impulse and rewrite 
equation (3) using fast Fourier transform   
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where denotes complex conjugation and  is the 
frequency band. This work adopted the delta-like property 
of the matched filter array response to design the blocking 
matrix of GSC. The proposed beamformer architecture is 
shown in Figure 1 and this architecture is comprised of three 
components including fixed beamformer, blocking matrix 
used to block desired signal and adaptive interference 
canceller. 

2.1. Blocking matrix using matched filtering and 
subarrays techniques 
 
In practice, it might not be easy to obtain the transfer 
function between the source and microphone to construct 
the matched filter. Instead, the matched filter ratios among 
microphones and subarray structure are proposed to design 
the blocking matrix. As shown in Figure 1, ),(lX m

is the 
Fourier transform of )(txm

 at frame l . The inputs of 

blocking matrix are separated into N subarrays 
NGGG ,,, 21 , and each subarray comprises P 

microphones. Notably, subarray 
nG  and 1nG  have no 

microphones in common. To be practical, considering only 
microphone received signals can be used to estimate the 
matched filter. Therefore, the cross-spectral method that 
exploits nonstationary features [6] is employed here to 
estimate the matched filter ratio described as: 
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where 
1

ˆ
xxm

 is the estimated cross power spectral density 
between 

mx  and 1x  and 
avg

 denotes the average operation. 

Hence, the output of the n-th subarray can be described as: 
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As a result, the n-th output ( , )nU k  of the blocking matrix 
(see Figure 1) can be shown as: 
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Figure 1. Overall system architecture 
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Since the matched filter array frequency response can 
approximate a scalar as explained in (4), the blocking matrix 
outputs with normalization ( ),(k1Z ~ ),(k1-NZ in Figure 
1) can be approximated as follows: 
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where 
nor

is the normalization operation which is defined 

as: 
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The approximated blocking matrix outputs contain only 
interference signal which is suitable for adaptation 
algorithm. 

2.2. Signal processing in the proposed beamformer 

The fixed beamformer in Figure 1 is realized using delay 
and sum beamformer, and the fixed beamformer output can 
be written as: 

M
kkYFB
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where denotes conjugation transpose and 

)(2)(2)(2)( NFFTjNFFTjNFFTj Meee 21W  

),(),(),(),( 21 kXkXkXk MX  

M,,, 21  are time delay steering elements which are 
used to point the array to the direction of sound source. In 
multi-channel adaptive filter, the overall output can be 
obtained by subtracting the components correlated to 

),(kZn  from ),(kYFB . Let ),(kQ  and ),(kZ  be the 
filter coefficients vector and signal vector of the subarray 
output. Then the output of the proposed speech 
enhancement algorithm can be written as: 

),(),(),(),( kkkYkY FB ZQ                                (11) 

where 
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The adaptive filters are adjusted to minimize the output 
),(kY . The well-known normalized least mean square is 

utilized to adapt the filter coefficients and the iterative 
equation is shown as: 
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where  is the step size;  is a scalar for adjusting the 
normalized values and  is a small constant included to 
ensure that the update term does not become excessively 
large when ),(),( kk ZZ  temporarily become small. 

3. SIMULATION RESULTS 

This section provides simulation results to evaluate the 
capability of the proposed speech enhancement algorithm. A 
uniform linear array with 10 microphones and 7 cm spaces 
is constructed for this simulation. The arrangement of 
microphone array and sound source is illustrated in Figure 2. 
The speech source is male speech in English which is also 
used to obtain the matched filter ratios and the noise is 
white noise with various gain levels. To model the room 
acoustics, the image method model [7] is adopted to 
simulate the room impulse response. In this simulation, the 
enclosure room size is 3m10m10m with reflection 
coefficient 0.9 . The parameters N  and P  in Figure 1 
are set to 9 and 4 in this simulation. The performance index, 
signal to noise ratio (SNR), is defined in equation (13) to 
evaluate the performance of the proposed algorithm. 
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where ST  and 
NT  denote the time that the speech signal is 

active and inactive respectively. The proposed approach is 
demonstrated by six conditions which are shown in Table I 
and the simulation results are compared with those of  
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standard GSC (S-GSC) algorithm [1]. As can be seen from 
Figure 3, the average SNRs of the proposed approach are 
higher than those of the standard GSC algorithm. This is 
because the standard GSC with only time delay assumption 
about the propagation behavior degrades severely in the 
highly reflective environment ( 0.9 ). However, the 
blocking matrix using matched filter processing with 
subarrays can suppress the effect of the reverberation and 
produce purer interference signals than the standard GSC. 
Figure 4 shows one of the simulation results at different 
stage including contaminated signal of the first microphone 
and enhanced signal of the S-GSC and the proposed 
algorithm. 

4. CONCLUSION 

It was shown that the summation of matched filters 
approaches a delta impulse response. When applied to an 
enclosure, this implies that the reverberation effect can be 
suppressed. The property is utilized in this paper to design a 
novel blocking matrix which is robust in a reverberant 
environment. The use of matched filter ratios rather than 
matched filter makes the proposed algorithm practical and 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

efficient. Simulation results show that the proposed adaptive 
beamformer can achieve the better SNR values than 
conventional GJBF using delay elements. 
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(b) Enhanced speech (S-GSC) 

 
(c) Enhanced speech (proposed) 

 
Figure 4. Speech waveforms 

 
Figure 2. Arrangements of microphone array, noise 

and speech source 

Table I 
The experimental conditions and average SNRs 

 

Figure 3. SNR of conditions C1 to C6 

 
(a) Contaminated speech of Mic.#1 
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