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Abstract 
Speech signal acquisition from distant and separation sound source is a challenging problem in 
almost  speech  applications,  especially  in  complex  and  annoying environments  in  presence  of 
competing talker, transport vehicle, interference, non - directional noise. For several applications 
like speech recognition, teleconferencing system, smart phone, voice - controlled equipment, hands 
- free human - machine interface, the high signal - to - noise ratio (SNR), the high speech quality -  
intelligibility  and  perceptual  listener  is  prerequisite  to  achieve  an  acceptable  result  from  any 
algorithm trying to recover the clean speech component from the mixture of speech - noise. Due to  
the  rapidly  changing  acoustic  characteristics  and  varying  the  location  of  talker  respect  to  the 
captured microphone, the single - channel approach or fixed beamformer do not deliver sufficient 
performance. Adaptive beamformer, which the filter’s coefficients are tracked, updated according to 
the changed recording situations for preserving the clean speech component while suppressing the 
total background noise. Generalized Sidelobe Canceller (GSC) beamformer is one of the most useful 
microphone arrays (MA) beamforming for  both eliminating surrounding noise and interference 
while  saving  the  desired  target  speaker  at  certain  direction.  However,  in  realistic  recording 
scenario, the GSC beamformer’s performance often decreased due to the microphone mismatches, 
the error of sampling rate, the inaccurate estimation of preferred steering vector, the displacement 
of MA, the different MA sensitivities. In this article, the author suggested using an additive post - 
Filtering, which removes noise level at the output of GSC beamformer and increases the speech 
quality. The obtained simulation has confirmed the effectiveness of the proposed post - Filtering can 
be integrated into a multi-channel system. 

Keywords 
Generalized sidelobe canceller beamformer, post - Filtering, signal-to-noise ratio, speech 
enhancement, speech quality. 1

1. Introduction 

Speech is the most prominent and primary part of interaction between human - to - human 
and human – to – machine communication in several fields such as speech acquisition, speech 
recognition,  surveillance  devices,  smart-home,  voice  -  controlled  equipment,  hearing  aids, 
speaker identification, teleconference system, mobile phone. 
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Nowadays, numerous types of interfering signals, non - directional noise, incoherent noise, 
diffuse noise, complicated environment degrade the speech quality, speech intelligibility and 
make the listening task difficult for listener and decrease the reliability of present-day speech 
communication, as in Fig. 1. Therefore, to achieve near – transparent the original clean speech 
data, noise suppression, improve speech quality, enhance the signal-to-noise ratio or increase 
the corrupted speech is one of the main types of research over last few decades. 
 

 
Figure 1: The complex and adverse environment 
 

Minimizing the total  output noise power,  decreasing the degree of speech distortion of 
observed signal and improving one or more perceptual aspects of speech is main research [1-2, 
30].  The  classification  of  speech  enhancement  techniques  depends  on  the  number  of 
microphones, which are used for capturing, receiving and collecting speech, such as single, 
dual or multi-channel. The single - channel is often based on the spectral subtraction method, 
which leads to speech distortion in rapidly changing environments. Therefore, microphone 
array  technology  has  been  commonly  used  for  solving  complex  problems  of  speech 
enhancement in annoying and adverse recording scenarios. The scheme of MA beamformer’s 
work is  given on Fig.  2.  The MA beamforming can be categorized into two groups:  fixed 
beamformer with delay and sum DAS [3-6], adaptive beamformer with differential microphone 
array DIF [7-10], minimum variance distortionless response MVDR [11-14], linearly constraint 
minimum variance LCMV [15-18], generalized sidelobe canceller GSC [19-22]. The adaptive 
beamformer changes the optimum filter’s coefficients according to the changing surrounding 
environment to obtain better noise reduction and improve the speech quality. 



 
Figure 2: The steered beampattern toward the desired target talker 

MA has been widely installed in various types of speech applications because of their great 
performance with capabilities  of  sound source  localization,  steered beampattern at  certain 
direction  in  Fig.  3.  GSC  beamformer  contains  the  parts:  the  fixed  beamformer  (FBF)  for 
concerning the sound source, the blocking matrix (BM) for removing the speech component 
and  adaptive  noise  canceller  (ANC),  which  plays  important  role  to  extract  desired  target 
speaker  and remove noise  from the  output  of  FBF.  Usually,  the  adaptive  blocking matrix 
(ABM)  is  applied  to  reject  speech  components  while  passing  through  noise.  In  [24],  an 
estimation of signal-to-interference (SIR) ratio for controlling ABM, ANC coefficients. In [25], 
Hoshuyama a new ABM by using constrained coefficients and norm – constrained adaptive 
filter was used for ANC filter. Yoon [26] exploited the sound – source presence probability 
estimated the captured MA signals and voice activity detection into ABM. In [27], Herbordt 
demonstrated a similar GSC structure in frequency domain. Despite the advantages of these 
above methods, the accuracy of ABM, ANC filter’s coefficients is still complicated challenging, 
especially under low signal-to-noise situations, non - directional noise or incoherent/diffuse 
noise  field.  To  overcome this  drawback  of  speech  enhancement,  in  this  contribution,  the 
author proposed using an additive post -  filtering for saving the speech component while 
suppressing noise level to achieve better speech quality. 
 

 
Figure 3: The implementation of microphone array beamforming in the frequency – domain 
 



The  rest  of  this  paper  is  organized  as  follows:  The  first  section  introduces  speech 
enhancement and MA technology. The second section describes the principal working of GSC 
beamformer  and  the  reasons  for  degradation  performance.  The  author  proposed  post  – 
Filtering in the next section. Section IV demonstrates a perspective experiment to illustrate the 
advantages of suggested techniques. Section V concludes and the author’s future work. 

2. Generalized Sidelobe Canceller Beamformer 

In this section, the author presents the scheme working of GSC beamformer in the frequency 
– domain. As in Fig. 4, in general case, we will investigate with the dual – microphone array. 
At the considered frequency 𝑓, frame 𝑘, the observed microphone array signals 𝑋1(𝑓, 𝑘),𝑋2(𝑓, 𝑘) can be formulated as: 𝑋1(𝑓, 𝑘) = 𝑆(𝑓, 𝑘)𝑒𝑗𝛷𝑠 + 𝑁1(𝑓, 𝑘) (1) 𝑋2(𝑓, 𝑘) = 𝑆(𝑓, 𝑘)𝑒−𝑗𝛷𝑠 + 𝑁2(𝑓, 𝑘) (2) 

 
Figure 4: The scheme working of GSC beamformer 
 

Where  𝑆(𝑓,  𝑘) is  the  original  clean  speech,  𝑁1(𝑓,  𝑘),  𝑁2(𝑓,  𝑘) is  the  additive  noise, 
interference or surrounding noise in two microphones, 𝛷𝑠 = 𝜋𝑓𝜏0𝑐𝑜𝑠(𝜃𝑠), 𝜃𝑠 is the direction of 
arrival of target speaker to the axis of DMA2, 𝜏0 = 𝑑⁄𝑐, 𝑑 is the range between two microphone, 𝑐 = 343 (𝑚⁄𝑠) is the sound speed propagation in the air.  

The main and reference signal 𝑌𝑠(𝑓, 𝑘),𝑌𝑟(𝑓, 𝑘) are calculated as the following equations: 

Y s( f , k )=
1
2
(X 1( f , k )e− jΦ s+X 2( f , k )e jΦ s ) (3)

Y r ( f , k )=
1
2
(X 1( f , k )e− jΦ s+X 2( f , k )e jΦ s ) (4)



The ANC filter often uses adaptive Wiener filter for alleviating the noise component, which 
is  contained in  the  main  signal  𝑌𝑠(𝑓,  𝑘).  The  optimum Wiener  filter’s  coefficients  can be 
derived from the below formulations: 

Hw( f , k )=
E {Y s ( f , k )Y r

❑( f , k )}
E {|Y r ( f , k )|2}
(5) 

The auto – cross power spectral densities of the main and reference signal are determined as 
the recursive equations: 

PY sY r
( f , k )=α PY sY r

( f , k −1)+(1−α ) Y s( f , k )Y r
❑( f , k ) (6)

PY rY r ( f , k )=α PY rY r ( f , k −1)+(1−α ) Y r ( f , k )Y r
❑( f , k ) (7)

 The GSC beamformer’s output signal yields as: 
Y GSC ( f , k )=Y s( f , k )−Hw( f , k )×Y r ( f , k ) (8) 

 
Unfortunately, in practice, because of the complex and annoying surrounding environment, 

the imprecise estimation of impinging signal relative to the MA geometry, the displacement of 
architecture of MA, the different MA sensitivities, undetermined background noise negatively 
effect on GSC beamformer’s evaluation. In several recording situations, the remaining noise 
component decreases the speech quality and speech intelligibility.  In the next section,  the 
author proposed using a new post – Filtering for suppressing noise level, increasing the signal-
to-noise ratio.  

3. The proposed post – Filtering 

In [28], the coherence between two microphone signals  𝛤𝑋1𝑋2(𝑓,  𝑘) is an acoustic parameter, 
which  presents  the  probability  of  existence  of  speech  component  by  an  approximate 
formulation: 

Γ X 1X 2 ( f , k )≈ SNR ( f , k )
1+SNR ( f , k )

Γ S+
1

1+SNR ( f , k )
Γ n

 

Where Γ X 1X 2 ( f , k )=
PX 1X 2 ( f , k )

√PX 1X 1 ( f , k )PX 2 X 2 ( f , k )
Γ S=e

j2ΦS

PX i X i ( f , k )=β PX i X i ( f , k )+(1−β ) X i ( f , k ) X i
❑ ( f , k ) , i=1,2

PX i X j
( f , k )=β PX i X j

( f , k )+(1−β )X i ( f , k )X j
❑ ( f , k ) , i=1 , j=2

With the smoothing parameter 𝛽 in the range {0 … 1}. 



The author’s ideal is using parameter 
SNR ( f , k )
1+SNR ( f , k )

 as an additive post – Filtering for 

enhancing GSC beamformer’s performance.

 If we denote  γ ( f , k )=
SNR ( f , k )
1+SNR ( f , k )

,     the equation (9) can be rewritten as: 

Γ X 1X 2 ( f , k )≈ γ ( f , k )Γ S+(1−γ ( f , k ))Γ n (12)

 
With the probability of presence of speech component, (12) describes an approximate 

relation  between  speech  and  noise.  For  obtaining  the  accurate  computation,  the  author 
proposed using the spectral mask gain for delay and sum  𝐺𝐷𝑆𝐵(𝑓,  𝑘) and spectral mask for 
blocking matrix 𝐺𝐵𝑀(𝑓, 𝑘) [29]. These gain functions relate to the MA beamforming technique 
for gaining speech components and reject this component to achieve only noise. 

GDSB ( f , k )=1
2
(1+e jΦ12

norm ( f , k )) (13)

GBM ( f , k )=1
2

(1−e jΦ12
norm ( f , k )) (14)

 

Whereϕ12
norm ( f , k )=

ϕ12( f , k )
ωd

,  with  𝜙12(𝑓,  𝑘) is phase difference between two captured 

microphone array signals. 
Therefore, the author suggests a modified formulation (12) to derive an accurate 𝛾(𝑓, 𝑘) as: 

Γ X 1X 2 ( f , k )=γ ( f , k )GDSB( f , k )Γ S+(1−γ ( f , k ))GBM ( f , k )Γ n (15) 

 
And: 

γ ( f , k )=
Γ X 1X 2 ( f , k )−GBM ( f , k )Γ n
GDSB ( f , k )Γ S−G

BM ( f , k )Γ n
 (16) 𝛤

 
With 𝛤𝑛 = 1 in the coherent noise field, and 𝛤𝑛 = 𝑠𝑖𝑛(𝜔𝜏𝑜)/(𝜔𝜏𝑜) in diffuse noise field. Finally, the 
GSC beamformer’s output signal is filtered out by applying post – Filtering as: 

Ŷ GSM ( f , k )=Y GSC ( f , k )×γ ( f , k ) (17)

 
In the next  section,  the author demonstrates  a  perspective experiment to illustrate  the 

effectiveness of post – Filtering to suppress noise level, which still exist in GSC beamformer’s 
output signal. 



4. Experiment results 

  
Figure 5: The waveform of captured microphone array signals 

The purpose of this experiment is to verify the effectiveness of the author’s proposed method 
in speech enhancement to extract  the desired target  speaker while  suppressing unwanted 
interference in diffuse noise fields. An objective measurement [23] was used for calculating the 
signal-to-noise ratio. In this section, a dual – microphone system was used for demonstrating 
the ability of enhancing speech enhancement after using post – Filtering. 
The distance between stand speaker to DMA2 is 𝑳 = 𝟑. 𝟑 (𝒎), the direction of arrival of useful 
signal is 𝜽𝒔 = 𝟗𝟎(𝒅𝒆𝒈). For capturing the clean speech and background noise, these parameters 
were set: the sampling rate is 𝑭𝒔 = 𝟏𝟔 𝒌𝑯𝒛, the overlap 𝟓𝟎%. The original microphone array 
signal was depicted in Figure 5. 
 

For further signal processing, these necessary parameters were set: 𝑛𝐹𝐹𝑇 = 512, smoothing 
parameter 𝛼 = 0.1, 𝛽 = 0.1. With the traditional GSC beamformer, the waveform of the output 
signal was shown in Figure 6. 

 

 
Figure 6: The waveform of the processed by GSC beamformer 
 

In the complex and annoying environment, the GSC beamformer’s evaluation often corrupted 
due to the microphone mismatches, the difference of sensitivities between two microphones, 
the error of estimation of DoA, the displacement of MA and the rapidly changing of acoustic 
environment also degrades the speech quality. At the output of GSC beamformer, there are 



still exits of amount of noise level. For overcoming this drawback, an appropriate post – 
Filtering was applied for mitigating the remained noise while saving the original speech 
component. After using the author’s suggested post – Filtering, the processed signal can be 
derived as: 

 

 
Figure 7: The waveform of the output signal after applying the author’s post – Filtering 

Table 1 shows the measured SNR between the received MA signals, the processed signals by 
GSC beamformer and the author’s post - Filtering. Figure 8 describes the energy between these 
signals. As a result, the proposed post - Filtering allows suppressing the noise level to 11 (dB) 
and increasing the SNR from 11.5 (dB) to 14.3 (dB). From numerical simulations, the advantage 
of suggested post - Filtering is the capability of improving the obtained speech quality, speech 
intelligibility, perceptual listener in adverse environment. This method can be integrated into a 
multi-channel system for solving other complicated problems. 

 
Figure  8: The  energy  of  the  microphone  array  signal,  the  processes  signals  by  GSC 
beamformer and the proposed post - Filtering 



Table 1 
The signal-to-noise ratio SNR (dB) 

Methos Estimation Microphone array 
signals

GSC beamformer The proposed  
post - Filtering

NIST SNR 13.2 19.5 33.8

WADA SNR 6.5 18.1 29.6

 

5. Conclusion 
Nowadays,  information  and  communication  technology  are  developing  rapidly  with  an 
increasing number of speech applications in human life. Microphone array beamforming is an 
optimum  solution  to  extract  the  desired  target  speech  component  while  suppressing 
background  noise  by  forming  a  high  directional  beampattern  toward  the  sound  source. 
Unfortunately,  the  underdetermined  conditions  seriously  affect  the  GSC  beamformer’s 
evaluation,  that  leads  to  speech  distortion  in  complicated  and  rapidly  changing  acoustic 
environments. In this contribution, the author proposed using an effective post - Filtering for 
suppressing noise level. The obtained results have confirmed the advantage of the proposed 
method in removing noise level to 11 dB and enhancing the SNR from 11.5 to 14.3 dB. In the 
future,  the  author  will  investigate  the  characteristics  of  coherent  noise  field,  the  room 
reverberation to further enhance the post - Filtering to handle more complicated problems. 
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