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  Abstract 
Nowadays, microphone array (MA) beamforming has been popular due to its con-
venience of easy installation, the high directivity index, and the capability of steer-
ing the steerable beampattern to a certain sound location while suppressing sur-
rounding noise, interference, and signals from other directions. MA beamformers 
are commonly integrated into various types of speech applications, such as telecon-
ference systems, hearing aids, voice-controlled devices, surveillance equipment, 
smart phone. Generalized Sidelobe Canceller (GSC) beamformer based on the con-
strained criteria of preserving the original clean speech data while mitigating the 
background acoustic environment with minimum noise power. However, under re-
alistic recording scenarios, due to the complex and annoying situation, the existence 
of non-directional noise, the different sensitivities of microphones, the sampling 
rate, and the movement of the talker, the GSC beamformer’s performance is often 
corrupted. In this paper, the author proposed a soft decision, which allows obtaining 
the exact speech presence probability to increase the GSC beamformer’s evalua-
tion. The numerical has shown improvement in reducing the speech distortion, re-
moving the residual noise component, and increasing the speech quality in terms of 
signal-to-noise (SNR) ratio. 
 
Keywords 
Microphone array; beamforming; speech presence probability; soft decision; noise 
reduction 

 
1. Introduction 
Nowadays, in various types of speech applications, such as audio surveillance devices, voice-controlled equipment, 
hearing aids, and teleconferencing systems, MA technology [1-3] has been used for recovering the speech component 
while suppressing the surrounding noise field with high speech intelligibility or another perceptual metric for the 
listener, as in Figure 1. MA exploits the properties of recoding environment, the different signal processing methods, 
and the observed acoustic factors to design the desired beam pattern at a certain sound location while suppressing 
interference, background noise, and signals from different directions. In addition, MA beamformers incorporate dif-
ferent signal processing techniques, spectral mask [4], gain function [5], observed coherence [6], temporal SNR ratio 
[7], phase difference [8], the real/imaginary part of cross power spectral densities [9], and post-filtering method [10] 
for improving the effectiveness of beamformer’s performance. As a result, MA beamformers are usually installed in 
several acoustic equipment, such as smartphones, hearing aids, voice - controlled devices, teleconference systems, 
and cochlear implants. 

https://www.hillpublisher.com/journals/JAMC/
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Figure 1. The annoying and complex environment decreases the human listener. 

The principal working of MA is given by Fig. 2. 

 
Figure 2. The purpose of the MA beamformer is to extract the desired target speaker from a noisy mixture. 

The steerable beampattern is designed based on the characteristics of the recording environment with the aim of 
preserving the clean speech data without distortion while attenuating the effect of the surrounding noise field. In 
comparison with the traditional single-channel approach, MA beamformers have more advantages in incorporating 



Nguyen Duc Toan, Quan Trong The, Nguyen Minh Thang 
 

 
DOI: 10.26855/jamc.2026.09.002 144 Journal of Applied Mathematics and Computation 
 

different digital signal processing methods. The structure of the MA beamformer can be shown in Fig. 3. 
MA beamforming can be categorized into fixed beamformer and adaptive beamformer, which is based on the 

complex changed scenario. GSC beamformer is an adaptive beamformer, which is based on minimizing the noise 
power with constrained criteria while saving the speech component at a specified location.  

Unfortunately, due to the inaccurate estimation of the steering vector, the error of microphone sensitivities, the 
imprecise configuration of MA, the internal electrical noise of recorded equipment, the moving head of the talker, 
and the existence of undetermined acoustic sources. 

 
Figure 3. The scheme of the MA beamformer in the frequency domain. 

Unfortunately, due to the complex and adverse environment, the undetermined noise sources, and the microphone 
mismatches, the above methods cannot deal with all practical problems. There are still existing speech distortions or 
residual noise. Therefore, in this article, the author proposed an additive post-Filtering for suppressing background 
noise and increasing the speech quality. 

2. Generalized Sidelobe Canceller Beamformer 

 
Figure 4. The structure of the generalized sidelobe canceller. 

In this section, the author used a dual-microphone array (DMA2) system to illustrate the representation of received 
array signals in the frequency domain. DMA2 is the most helpful configuration and has been popularly installed in 
numerous speech applications for extracting the desired target speaker while eliminating background noise. At the 
current considered frame 𝑘𝑘 and frequency 𝑓𝑓, the formulation of received array signals can be expressed as: 

� 𝑋𝑋1
(𝑓𝑓, 𝑘𝑘) = 𝑆𝑆(𝑓𝑓, 𝑘𝑘)𝑒𝑒𝑗𝑗𝛷𝛷𝑠𝑠 + 𝑁𝑁1(𝑓𝑓, 𝑘𝑘)

𝑋𝑋2(𝑓𝑓, 𝑘𝑘) = 𝑆𝑆(𝑓𝑓, 𝑘𝑘)𝑒𝑒−𝑗𝑗𝛷𝛷𝑠𝑠 + 𝑁𝑁2(𝑓𝑓, 𝑘𝑘)
 

(1) 

(2) 
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where 𝑆𝑆(𝑓𝑓, 𝑘𝑘) is the original speech component, 𝑁𝑁1(𝑓𝑓, 𝑘𝑘) and 𝑁𝑁2(𝑓𝑓, 𝑘𝑘) is the additive noise component, inter-
ference, third-party talker or coherent/incoherent or diffuse noise field each microphone; 𝛷𝛷𝑠𝑠 = 𝜋𝜋𝜋𝜋𝜏𝜏0𝑐𝑐𝑐𝑐𝑐𝑐(𝜃𝜃𝑠𝑠) is 
phase delay between two mounted microphones, 𝜃𝜃𝑠𝑠 is the direction of arrival of interest useful signal to the axis of 
DMA2, 𝜏𝜏0 = 𝑑𝑑 𝑐𝑐⁄ , 𝑐𝑐 means the sound speed propagation in the air, 𝑐𝑐 = 343(𝑚𝑚 𝑠𝑠⁄ ), 𝑑𝑑 is the distance between 
microphones. 

GSC beamformer contains three parts: the upper branch is steering the concerned beampattern at specified loca-
tions, the lower branch has the task of taking into account only the speech component, and an efficient adaptive noise 
canceller (ANC) with the purpose of preserving the speech component while removing the background noise field, 
third-party speaker, or signals from other directions. 

The upper branch’s output signal and lower branch’s output signal is the main signal 𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘) and reference 
signal 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘), which can be obtained by the following equations as: 

⎩
⎨

⎧𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘) =
𝑋𝑋1(𝑓𝑓, 𝑘𝑘)𝑒𝑒−𝑗𝑗𝛷𝛷𝑠𝑠 + 𝑋𝑋2(𝑓𝑓, 𝑘𝑘)𝑒𝑒𝑗𝑗𝛷𝛷𝑠𝑠

2

𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) =
𝑋𝑋1(𝑓𝑓, 𝑘𝑘)𝑒𝑒−𝑗𝑗𝛷𝛷𝑠𝑠 − 𝑋𝑋2(𝑓𝑓, 𝑘𝑘)𝑒𝑒𝑗𝑗𝛷𝛷𝑠𝑠

2

 

(3) 

 

(4) 

The main signal is based on the Delay and Sum (DAS) beamformer to consider the beampattern in the specified 
direction 𝜃𝜃𝑠𝑠 while the reference signal steers the null beampattern to achieve only the noise field. 

ANC often uses Wiener filter to remove the noise component to preserve the original target talker. The coefficient 
of the Wiener filter is computed as: 

𝐻𝐻𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊(𝑓𝑓, 𝑘𝑘) =
𝐸𝐸{𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘)𝑌𝑌𝑟𝑟∗(𝑓𝑓, 𝑘𝑘)}

𝐸𝐸{|𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘)|2} =
𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘)
𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘)  (5) 

The final output signal of the GSC beamformer can be derived as: 

𝑌𝑌𝐺𝐺𝐺𝐺𝐺𝐺(𝑓𝑓, 𝑘𝑘) = 𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘) −𝐻𝐻𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊(𝑓𝑓, 𝑘𝑘) × 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) (6) 

where the auto-cross power spectral densities (PSD) of 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘), between 𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘) and 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) can be recur-
sively calculated as the following equations: 

�
𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) = 𝛼𝛼𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘 − 1) + (1 − 𝛼𝛼)𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘)𝑌𝑌𝑟𝑟∗(𝑓𝑓, 𝑘𝑘)

𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) = 𝛼𝛼𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘 − 1) + (1 − 𝛼𝛼)|𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘)|2  (7) 

where 𝛼𝛼 is an appropriate smoothing parameter in the range {0. . .1}. 
As we can see, the conventional GSC beamformer uses fixed heuristic smoothing parameters, which may not be 

suitable under a rapidly changing environment with the presence complex non-directional noise sources. In the next 
section, the author will present an interesting frequency-smoothing parameter, which depends on the speech presence 
probability. 

3. The Author’s Proposed Post-filtering 

The author’s idea is utilizing an exact estimation of speech presence probability 𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑙𝑙) as serving smoothing 
parameter, 𝛼𝛼 = 𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑘𝑘). 
By using the power of 𝑌𝑌𝑠𝑠(𝑓𝑓, 𝑘𝑘), 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘), the author calculated the frequency-ratio as: 

𝛹𝛹(𝑓𝑓, 𝑘𝑘) =
𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘)
𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘)  (8) 

where 𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑚𝑚(𝑓𝑓, 𝑘𝑘), 𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) is the auto PSD of main signal and reference signal. 
This ratio indicates whether transient noise or speech data. With the assumption that the transfer function of beam-

former is relatively low and the uncorrelated interfering noise, 𝛹𝛹(𝑓𝑓, 𝑘𝑘) is high when speech component exists. 
𝛹𝛹(𝑓𝑓, 𝑘𝑘) contain the prior information about speech. Therefore, an accurate estimation 𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑘𝑘) yields as: 

𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑘𝑘) = �1 +
𝛹𝛹(𝑓𝑓, 𝑘𝑘)

1 + 𝛹𝛹(𝑓𝑓, 𝑘𝑘) �1 + 𝜉𝜉(𝑓𝑓,𝑘𝑘)𝑒𝑒�−𝜗𝜗(𝑓𝑓,𝑘𝑘)���
−1

 (9) 
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where 𝛾𝛾(𝑓𝑓, 𝑘𝑘) is the posterior SNR, 𝜉𝜉(𝑓𝑓, 𝑘𝑘) is prior SNR and 𝜗𝜗(𝑓𝑓, 𝑘𝑘) = 𝛾𝛾(𝑓𝑓, 𝑘𝑘) 𝜉𝜉(𝑓𝑓,𝑘𝑘)
1+𝜉𝜉(𝑓𝑓,𝑘𝑘). 

With defined preferred direction of sound 𝜃𝜃𝑠𝑠, the prior SNR 𝜉𝜉(𝑓𝑓, 𝑘𝑘) and posterior SNR 𝛾𝛾(𝑓𝑓, 𝑘𝑘) can be deter-
mined as [11]: 

⎩
⎪⎪
⎨

⎪⎪
⎧𝜉𝜉(𝑓𝑓, 𝑘𝑘) =

1 + 𝑐𝑐𝑐𝑐𝑐𝑐 �𝜙𝜙12,𝑓𝑓
𝑛𝑛𝑛𝑛𝑛𝑛𝑛𝑛(𝑘𝑘)�

4 �1 − 𝑐𝑐𝑐𝑐𝑐𝑐 �𝜙𝜙12,𝑓𝑓
𝑛𝑛𝑛𝑛𝑛𝑛𝑛𝑛(𝑘𝑘)��

𝛾𝛾(𝑓𝑓, 𝑘𝑘) =
1

4 �1 − 𝑐𝑐𝑐𝑐𝑐𝑐 �𝜙𝜙12,𝑓𝑓
𝑛𝑛𝑛𝑛𝑛𝑛𝑛𝑛(𝑘𝑘)��

 

 
(10) 

 
 

(11) 

where 𝜙𝜙12,𝑓𝑓
𝑛𝑛𝑛𝑛𝑛𝑛𝑛𝑛(𝑘𝑘) = 𝜁𝜁12,𝑓𝑓(𝑘𝑘)×𝑐𝑐

2𝜋𝜋𝜋𝜋𝜋𝜋
, 𝜁𝜁12,𝑓𝑓(𝑘𝑘) = ∠�𝑋𝑋1(𝑓𝑓, 𝑘𝑘)� − ∠�𝑋𝑋2(𝑓𝑓, 𝑘𝑘)� is the phase difference between two mi-

crophones. 
With exact estimation of 𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑘𝑘), the auto-cross PSD 𝑃𝑃𝑌𝑌𝑚𝑚𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) and 𝑃𝑃𝑌𝑌𝑟𝑟𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) can be recursively com-

puted more precisely. The appealing properties of the author’s approach are exploiting the characteristics of observed 
MA signals and spatial beampattern to obtain 𝑆𝑆𝑆𝑆𝑆𝑆(𝑓𝑓, 𝑘𝑘) for serving as smoothing parameters. Section IV will con-
duct an experiment to illustrate the effectiveness of the author’s proposed techniques. 

4. Experiments 

The purpose of this section is to demonstrate the advantages of the suggested techniques in improving GSC beam-
former’s evaluation with perspective results. The experiment was illustrated in a living room (3 x 3.5 x 4.5(m)) with 
televisions, fans, the sound of washing machines, a refrigerator, household appliances, the effect of surrounding ve-
hicles, a third-party speaker, and different acoustic factors. DMA2 has a compact size and the ability to integrate 
other single-channel methods and different beamforming solutions. Therefore, in this section, the author uses DMA2 
for recording the noisy mixture and performs the GSC beamformer and the described method (RaBeamRef) for ver-
ifying the ability to increase speech enhancement. An objective measurement [12] is applied for calculating speech 
quality between microphone array signals, the processed signal by the conventional GSC beamformer, and 
RaBeamRef. 

The target talker stands at a distance 𝐿𝐿 = 3.6(𝑚𝑚) to DMA2. The assumed direction of arrival of the useful signal 
is 𝜃𝜃𝑠𝑠 = 90(𝑑𝑑𝑑𝑑𝑑𝑑). For capturing the noisy signals, these parameters are used: frequency rate 𝐹𝐹𝐹𝐹 = 16𝑘𝑘𝑘𝑘𝑘𝑘, overlap 
50%. The scheme of experiments is given by Fig. 5. 

 
Figure 5. The experiment demonstrated under living room. 
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The waveform and spectrogram of received signals is given by Fig. 6 
 

 

 
Figure 6. The waveform (a) and spectrogram (b) of MA signals. 

With defined smoothing parameters, 𝛼𝛼 = 0.1, the output signal of the traditional GSC beamformer can be shown 
in Fig. 7. 
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Figure 7. The results of implementing GSC beamformer: (a) waveform and (b) spectrogram. 

We can realize the problem that, due to many acoustic factors, the complex and adverse environment, the error of 
frequency sampling, the microphone mismatches, the different microphone sensitivities, the different recording time 
between microphones or microphone gain, the existence of undetermined reasons, the output of the GSC beamformer 
is often degraded. Speech distortion or unacceptable musical noise components decrease the speech intelligibility or 
other perceptual metric listener. Therefore, with the aim of promoting the advantage of GSC beamformer, the author’s 
idea is using an adaptive smoothing parameter, which contains the information of rapidly changed recording scenario, 
the presence of speech or noise for controlling the auto-PSD of reference signal 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘) and cross-PSD between 
main signal 𝑌𝑌𝑠𝑠(𝑓𝑓, 𝑘𝑘) and reference signal 𝑌𝑌𝑟𝑟(𝑓𝑓, 𝑘𝑘). The promising results by implementing RaBeamRef can be 
shown on Fig. 8. 

Fig. 9 describes the curve of energy between MA signals, the processed signals by conventional GSC beamformer, 
and RaBeamRef. Table 1 compares the obtained SNR between these signals. 

The effectiveness of RaBeamRef is to increase the robustness of GSC beamformers by removing the speech dis-
tortion by 10.2 dB, suppressing the background noise field by 10.3 dB, and enhancing the speech quality by 6.6 to 
8.1 dB. 

 

 
(a) 
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(b) 

Figure 8. The improved waveform (a) and spectrogram (b) by applying RaBeamRef. 

Table 1. The Signal-to-Noise Ratio (dB) 

Method estimation 
Signals 

Microphone array signal GSC beamformer RaBeamRef 

NIST STNR 6.7 16.2 22.8 

WADA SNR 7.1 15.3 23.4 

 

 
Figure 9. The enhanced energy by using RaBeamRef. 

From perspective results of speech enhancement, this article can conclude some assessments: 
(1) Because of the annoying surrounding noise field, the error of frequency sampling, the different microphone 

sensitivities, the imprecise microphone array geometry, the movement of the talker during conversation, and the 
inaccurate estimation of necessary parameters, the GSC beamformer’s output signal is usually degraded. 

(2) Traditional GSC beamformer is often based on fixed smoothing parameter, which does not contain spatial 
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information about recorded environments or the presence of clean speech data and does not depend on each band 
frequency. Consequently, the GSC beamformer can’t be evaluated properly under complex conditions. 

(3) The appealing property of the presented technique is adaptively tracking speech components to calculate speech 
presence probability as an efficient frequency-smoothing parameter, which controls the estimation of auto and cross-
PSD and allows receiving an optimum Wiener filter for mitigating residual noise and reducing speech distortion. 

(4) The presented method has low computation and is easily integrated into multi-channel system for addressing 
different complicated problems, such as automatic speech recognition and dereverberation. 

5. Conclusions 

In this article, the author proposed using an efficient approach for estimating the speech presence probability, which 
is used for controlling the computation of the auto-cross PSD of the reference signal and between the main signal. 
The effectiveness of the proposed method lies in exploiting the ratio of energy between the transient power of the 
upper branch’s output signal and the transient power of the lower branch to determine whether a speech component 
exists. This technique allows deriving the speech presence probability for softly computing PSD. The demonstrated 
experiments have confirmed the improvement of GSC beamformers in reducing the speech distortion to 10.2 dB, 
removing the background noise level to 10.3 dB, and enhancing the obtained SNR from 6.6 to 8.1 dB. The precise 
smoothing parameters are adaptively tracked and updated according to observed array signals, making the GSC 
beamformer perform perfectly in removing background noise while preserving the desired target speaker at certain 
locations.  
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