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Abstract 

Nowadays, the use of microphone array beamformer has been widely commonly due to its 

convenience of steering the beampattern on the specified sound location and attenuating the 

background noise field. Microphone array beamforming own the capability of suppressing 

interference, third-party speakers and different adverse noise fields with high directivity index 

of extracting the clean speech data without speech distortion. Minimum Variance Distortionless 

Response beamformer bases on the constrained criteria of minimizing the total output noise 

power while saving the target talker by ensurign the beampattern equals one at certain direction. 

However, under realistic recording environments, due to the movement of speaker during 

conversations, the error of start time recording, the different sensitivities of microphones, the 

error of sampling frequency, the internal electrical acoustic equipments, the inaccurate 

distribution of microphones, the overall  beamformer’s performance often degraded. The 

unacceptable surrounding noise level or speech distortion corrupt the speech intelligibility of 

output signal. In the article, the author proposed two-stage - based method for adaptively 

updating the smoothing parameters for increasing the beamformer’s evaluation in real-life 

scenarios. The numerical simulation has shown the improvement of reducing the speech 

distortion to 5 dB, removing the background noise level to 12.9 dB and increasing the speech 

quality in the term of signal-to-noise ratio from 5.3 to 8.8 dB. 

I. Introduction 

 

Figure 1: The adverse environment around human – life 
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 Microphone array (MA) [1-2] beamforming with perspective noise reduction and 

speech enhancement is becoming more popular. The necessary of exploting MA technology is 

given by Figure 1. 

 Its highlight capability is concerning the pattern at certain location of desired target 

talker and significantly mitigating the background noise field. MA beamformer own high 

directivity index and ability of incorporating single-channel method, measured coherence 

between received array signals, the spatial prior characteristic of recorded environment for 

obtaining advantage of speech enhancement and noise suppression at the same time. The 

scheme of MA beamformer’s working to recover the clean speech data from noisy mixture is 

described in Figure 2.  

 

Figure 2: The steerable pattern at specified desired talker 

 The implementation of MA beamforming technique in the frequency domain is given 

by Figure 3. 

 

Figure 3: The implementation of microphone array beamforming with the aim of extracting 

the desired target speech component 

 

Journal of Cyber Security(2096-1146) || Volume 8 Issue 4 2026 || www.journalcybersecurity.com

Page No: 2



 Minimum Variance Distortionless Response (MVDR) beamformer is an efficient 

solution which has been integrated into various types of speech applications, such as, voice-

controlled device, hearing aids, smart phone, television, smart intelligent vehicle, portable 

mobile phone, cochlear implant. MVDR technique based on the optimum criteria of attenuating 

surrounding noise field by steering the beampattern at target speaker. However, in realistic 

scenario, due to the error of sampling rate,  the moving speaker during conversation,the 

existence of unwanted acoustic factors, the complex of environment of coherent/incoherent and 

diffuse noise field, the presence of different talker, the internal electrical noise, the overall 

MVDR beamformer’s evaluation usually degraded. 

 In [3], Chaudhari K introduced using an adaptive loading factor, which estimated by 

considering actual snapshots for addressing the problem of poor suppression and larger 

deviations in beamformer’s evaluation. The numerical simulation has confirmed the 

effectiveness of the proposed technique in improving the robust of MVDR beamformer. 

 Zhang Z et al [4] proposed applying matrix inversion and eigenvalue for training and 

verifying deep learning MVDR beamformer. The obtained experiments has demonstrated the 

advantage of improving several objective perceptual metric listener with perspective results. 

 Ali R et al [5] described an integration of MVDR beamformer and Linearly Constrained 

Minimum Variance (LCMV) for reducing the drawbacks when using priori spatial information, 

such as, relative transfer function, sound source location, environmental characteristics, the 

designed geometry of MA. The experimental results have shown the benefits of increasing the 

speech quality in the term of noise reduction and speech enhancement. 

 In this article, the author proposed an efficient technique for increasing the robust of 

MVDR beamformer with reducing speech distortion, suppressing surrounding noise level and 

improving speech quality of beamformer’s output signal. 

II. MVDR Beamformer 

 In this section, the author use dual-microphone system (DMA2) for illustrating the 

signal processing procedure of MVDR beamformer in the frequency-domain. DMA2 is the 

most useful configuration of MA, which has been installed into numerous speech applications 

for extracting the desired talker while suppressing interference and background noise. The 

scheme of MVDR beamformer is given by Figure 4. 

 With the assumed impinging angle 𝜃𝑠 to the axis of DMA2, at current considered 

frequency 𝑓 and frame 𝑘, the received array signals 𝑋1(𝑓, 𝑘), 𝑋2(𝑓, 𝑘) can be represented as the 

following equations in short-time Fourier transform: 

𝑋1(𝑓, 𝑘) = 𝑆(𝑓, 𝑘)𝑒𝑗𝛷𝑠 + 𝑁1(𝑓, 𝑘) (1) 

𝑋2(𝑓, 𝑘) = 𝑆(𝑓, 𝑘)𝑒−𝑗𝛷𝑠 + 𝑁2(𝑓, 𝑘) (2) 
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where 𝑁1(𝑓, 𝑘), 𝑁2(𝑓, 𝑘) are the addtive noise, third-party speaker, coherent/incoherent or 

diffuse noise field, directional/non-directional noise source, 𝑆(𝑓, 𝑘) means the orignal speech 

component, 𝛷𝑠 = 𝜋𝑓𝜏0𝑐𝑜𝑠(𝜃𝑠) is the phase delay, 𝜏0 = 𝑑 𝑐⁄ , 𝑐 = 343(𝑚 𝑠⁄ ) is the sound speed 

propagation in the air and 𝑑 is the range between microphones. 

 

 

Figure 4: The structure of MVDR beamformer in the frequency - domain 

 

 With the defined symbols 𝑿(𝑓, 𝑘) = [𝑋1(𝑓, 𝑘) 𝑋2(𝑓, 𝑘)]𝑇, 𝑫𝑠(𝑓, 𝜃𝑠) =

[𝑒𝑗𝛷𝑠 𝑒−𝑗𝛷𝑠]𝑇, 𝑵(𝑓, 𝑘) = [𝑁1(𝑓, 𝑘) 𝑁2(𝑓, 𝑘)]𝑇, the equation (1-2) can be expressed as: 

𝑿(𝑓, 𝑘) = 𝑆(𝑓, 𝑘)𝑫𝑠(𝑓, 𝜃𝑠) + 𝑵(𝑓, 𝑘) (3) 

 The essential core of almost speech applications is calculating the optimum coefficients 

𝑾(𝑓, 𝑘) for preserving the desired target talker and attenuating the significant effect of 

surrounding noise field. The final result is obtaining an approximate signal 𝑆̂(𝑓, 𝑘) ≈ 𝑆(𝑓, 𝑘). 

 The constrained criteria of MVDR beamformer can be described as the following 

formulation:  

𝑚𝑖𝑛
𝑾(𝑓, 𝑘, 𝜃𝑠)𝑾𝐻(𝑓, 𝑘, 𝜃𝑠)𝜱𝑁𝑁(𝑓, 𝑘)𝑾(𝑓, 𝑘, 𝜃𝑠) 𝑠𝑡 𝑾𝐻(𝑓, 𝑘, 𝜃𝑠)𝑫𝑠(𝑓, 𝜃𝑠) = 1 

(4) 

 From equation (..), the expression of MVDR beamformer can be derived as the equation: 

𝑾𝑀𝑉𝐷𝑅(𝑓, 𝑘, 𝜃𝑠) =
𝜱𝑁𝑁

−1 (𝑓, 𝑘)𝑫𝑠(𝑓, 𝜃𝑠)

𝑫𝑠
𝐻(𝑓, 𝜃𝑠)𝜱𝑁𝑁

−1 (𝑓, 𝑘)𝑫𝑠(𝑓, 𝜃𝑠)
 

(5) 

where 𝜱𝑁𝑁(𝑓, 𝑘) = 𝐸{𝑵(𝑓, 𝑘)𝑵𝐻(𝑓, 𝑘)} is the covariance matrix of noise component. 

 Unfortunately, under realistic recording situations, due to the complexity of 

environment, the task of computing noisy information still be difficult problem in almost 

acoustic equipments. Hence, the covariance matrix of received array signals is applied for 

computing the weights of MVDR beamformer.  
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𝑾𝑀𝑉𝐷𝑅(𝑓, 𝑘, 𝜃𝑠) =
𝜱𝑋𝑋

−1(𝑓, 𝑘)𝑫𝑠(𝑓, 𝜃𝑠)

𝑫𝑆
𝐻(𝑓, 𝜃𝑠)𝜱𝑋𝑋

−1(𝑓, 𝑘)𝑫𝑠(𝑓, 𝜃𝑠)
 

(6) 

where covaraince matrix of received array signals 𝜱𝑋𝑋(𝑓, 𝑘) = 𝐸{𝑿(𝑓, 𝑘)𝑿𝐻(𝑓, 𝑘)}. 

𝜱𝑋𝑋(𝑓, 𝑘) = {
𝑃𝑋1𝑋1

(𝑓, 𝑘) 𝑃𝑋1𝑋2
(𝑓, 𝑘)

𝑃𝑋2𝑋1
(𝑓, 𝑘) 𝑃𝑋2𝑋2

(𝑓, 𝑘)
} 

(7) 

 The auto and cross power spectral densities (PSD) of 𝑋1(𝑓, 𝑘), 𝑋2(𝑓, 𝑘) can be defined 

as: 

𝑃𝑋𝑖𝑋𝑖
(𝑓, 𝑘) = 𝛼𝑃𝑋𝑖𝑋𝑖

(𝑓, 𝑘 − 1) + (1 − 𝛼)𝐸{|𝑋𝑖(𝑓, 𝑘)|2} (8) 

 

𝑃𝑋𝑖𝑋𝑗
(𝑓, 𝑘) = 𝛼𝑃𝑋𝑖𝑋𝑗

(𝑓, 𝑘) + (1 − 𝛼)𝑋𝑖
∗(𝑓, 𝑘)𝑋𝑗(𝑓, 𝑘) (9) 

with 𝑖, 𝑗 = {1. .2} and 𝛼 is the smoothing parameter in the range {0 … 1}. 

 In realistic situation with presence of complex and annoying environment, the error of 

MA configuration, the existence of various types of acoustic equipments, the complex and 

anooying scenario, MVDR beamformer’s output signal usually corrupted. In the next section, 

an effective method, which based on two stage of estimating the exact time delay and frequency 

smoothing parameter for improving the robustness of beamformer’s performance in adverse 

scenario. 

III. The author’s proposed method 

 

Figure 5: The author’s proposed method 

 The author’s idea is determining the precise time delay by modifying the formulation of 

GCC-PHAT: 

𝜏𝑠 =
𝑚𝑎𝑥

𝜏

𝑋1(𝑓, 𝑘)𝑋2
∗(𝑓, 𝑘)

|𝑋1(𝑓, 𝑘)𝑋2
∗(𝑓, 𝑘)|

𝑒𝑗2𝜋𝑓𝜏 
(10) 

 In rapidly changed scenario, the important task is specifying whether exists the clean 

speech data or noise. At the frame with speech, the speech presence probability [6] is essenttial 
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information for computing the necessary acoustic factors. Therefore, the author used it for 

modifying GCC-PHAT [7] to achieve robust of time delay as the following expression: 

𝜏𝑠 =
𝑚𝑎𝑥

𝜏

𝑋1(𝑓, 𝑘)𝑋2
∗(𝑓, 𝑘)

|𝑋1(𝑓, 𝑘)𝑋2
∗(𝑓, 𝑘)|𝑆𝑃𝑃(𝑓,𝑘)

𝑒𝑗2𝜋𝑓𝜏 
(11) 

 

 After that, with phase delay 𝛷𝑠 = 𝜋𝑓𝜏𝑠, the suggested technique based on the observed 

coherence signals for taking into the account of frequency smoothing parameter. The expression 

of coherence between 𝑋1(𝑓, 𝑘), 𝑋2(𝑓, 𝑘) can be derived as [8]: 

𝛤𝑋1𝑋2
(𝑓, 𝑘) =

𝑆𝑁𝑅(𝑓, 𝑘)

1 + 𝑆𝑁𝑅(𝑓, 𝑘)
𝑒𝑗2𝛷𝑠 +

1

1 + 𝑆𝑁𝑅(𝑓, 𝑘)
𝛤𝑁(𝑓) 

(12) 

where 𝛤𝑋1𝑋2
(𝑓, 𝑘) =

𝑃𝑋1𝑋2
(𝑓,𝑘)

√𝑃𝑋1𝑋1
(𝑓,𝑘)×𝑃𝑋2𝑋2

(𝑓,𝑘)
 and 𝛤𝑁(𝑓) means the coherence of noise field. In 

coherent noise field, 𝛤𝑁(𝑓) = 1 and in diffuse nois field 𝛤𝑁(𝑓) =
𝑠𝑖𝑛(𝜔𝜏0)

𝜔𝜏0
, 𝜔 = 2𝜋𝑓. 

 With symbol 𝜌(𝑓, 𝑘) =
𝑆𝑁𝑅(𝑓,𝑘)

1+𝑆𝑁𝑅(𝑓,𝑘)
, the equation (12) can be rewritten as: 

𝛤𝑋1𝑋2
(𝑓, 𝑘) = 𝜌(𝑓, 𝑘)𝑒𝑗2𝛷𝑠 + (1 − 𝜌(𝑓, 𝑘))𝛤𝑁(𝑓) (13) 

 And: 

𝜌(𝑓, 𝑘) =
𝛤𝑋1𝑋2

(𝑓, 𝑘) − 𝛤𝑁(𝑓)

𝑒𝑗2𝛷𝑠 − 𝛤𝑁(𝑓)
 

(14) 

 

 In real-life speech application, with presence of undetermined noise sources or adverse 

situation, the expression of coherence of noise field will be updated according to the complex 

of environment as [9]: 

𝛤𝑁(𝑓) =
𝑠𝑖𝑛(𝜔𝜏0)

𝜔𝜏0 (1 + (1 − 𝑆𝑃𝑃(𝑓, 𝑘))
𝛾𝑛

𝑃𝑛𝑛
)
 

(15) 

with 𝛾𝑛 is uncorrelated noise component and 𝑃𝑛𝑛 is spectral noise floor. 

 The frequency smothing parameter is changed as 𝛼(𝑓, 𝑘) = 𝜌(𝑓, 𝑘). With the frequency 

smoothing parameter, the covariance matrix of MA signals is adaptively updating and tracking 

to the speech presence probability under annoying situations. In section IV, an experiments was 

performend for verifying the effectiveness of described method in reducing speech distortion 

and suppressing background noise field.  

IV. Experiments and discussion 

 The purpose of this section is verifying the advantages of described method (desme) in 

reducing the musical noise, speech distortion and improving the speech enhancement in 

comparison to traditional MVDR beamformer. The experiments is conducted in real-life 
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scenarios with presence of third-party speaker, the sound of television, the fan, the washing 

machine and other different non-directional noise sources. The scheme of illustrated simulation 

has been described in the Figure 6. 

 

Figure 6: The conducted experiment in living room 

 The distance from a stand speaker to DMA2 is 𝐿 = 3.5(𝑚). The size of living room is 

3𝑥4𝑥4.5(𝑚). The preferred direction of useful signal is 𝜃𝑠 = 90(𝑑𝑒𝑔), the range between two 

mounted microphones is 𝑑 = 4.25 (𝑐𝑚). The author used an objective measurement [10] for 

comparing the obtained SNR between MA signals, the processed signals by conventional 

MVDR beamformer and desme. In addition, the curve of these signals’s energy will be drawn 

for visual analyzing the effectiveness of suggested techniques. For recording the noisy mixture, 

these parameters are used: overlap 50%, frequency rate 𝐹𝑠 = 16 𝑘𝐻𝑧.   

 The waveform and spectrogram of MA signals is shown by Figure 7. 

 

(a) 

Journal of Cyber Security(2096-1146) || Volume 8 Issue 4 2026 || www.journalcybersecurity.com

Page No: 7



 

(b) 

Figure 7: The waveform (a) and spectrogram (b) of observed microphone array signals 

 

 For converting MA signals into frequency-domain, the author applied 𝑛𝐹𝐹𝑇 = 512 and 

appropriate smoothing parameter 𝛼 = 0.1 for implemeting MVDR beamformer. The output 

signal can be derived in Figure 8. 

 

(a) 

 

(b) 

Figure 8: The MVDR beamformer’s output signal, (a) waveform and (b) spectrogram 
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 Because of the complexity of recorded environments, the heterogeneous recording 

environment, the microphone mismatches, the different microphones quality, the inaccurate 

estimation of tranfer function of target sound source to axis of DMA2, the overall MVDR 

beamformer’s performance often degraded. Hence, the large background noise field or speech 

distortion is not satisfied the human auditory. Therefore, the author’s approach is calculating 

the exact time delay by modified GCC-PHAT with incorporating speech presence probability 

at the frame with speech component. With precise measurement of phase delay of useful signal, 

the author determined smoothing parameter according to the existence of clean speech data in 

recorded MA signals. Under realistic recording environment, the defined formulation of 

coherence between two point of noise is modified with speech presence probability. At finally, 

the smoothing parameter is calculated as frequency-value. This approach allows increasing the 

beamformer’s evaluation and performance with promising results. 

 The resulting signal yields as: 

 

(a) 

 

(b) 
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Figure 9: The promising result by applying desme with enhanced in (a) waveform and 

spectrogram (b) 

 

 

Figure 10: The comparison of energy between MA signals, conventional MVDR 

beamformer’s output singal and obtained result of desme 

 

 Figure 10 describes the curve of energy and Table 1 compared obtained SNR between 

these signals. As we can see that, desme owns the capability of reducing the speech distortion 

to 5 dB, mitigating the residual or musical noise to 12.9 dB and improving the speech quality 

in the term of signal-to-noise ratio from 5.3 to 8.8 dB. 

Method 

Estimation 

Microphone 

array signal 

MVDR 

beamformer 

desme 

NIST STNR 6.1 14.8 20.1 

WADA SNR 7.2 13.6 22.4 

 

Table 1: The obtained SNR between signals 

 

 From above Figures and Table 1, this paper can conclude some assessments as: 

 - MVDR beamformer performed well in complex and annoying environments. The 

resulting signal is high evaluation with saving the clean speech data while suppressing 

surrounding noise field.  

 - Due to many unwanted reasons, such as, the adverse recording environment, the 

existence of interference, the movement of talker, the internal electrical noise, the microphone 

mismatches, the error of sampling frequency, beamformer’s evaluation usually degraded. As a 

result, the speech intelligibility of final signal was seriously affected by unacceptable noise 

level. 
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 - The highligh of the author’s suggested method utilized speech presence probability for 

measuring phase time between two mounted microphones and determining exact value, which 

indicated the existence of speech component. This value is fequency parameter and is very 

suitable serving as smoothing parameter in MVDR beamformer. 

 - The effectiveness is confirming the advantages of described approach in removing 

background noise, decreasing speech distoriton and enhancing the speech quality. 

V. Conclusion 

 The perspective numerical simulations has confirmed the effectiveness of suggesteda 

approach in increasing the robust of MVDR beamformer in real-life situations. The appealing 

properties of the author’s proposed method is applying the speech presence probability to 

precisely estimate time delay and phase delay between two microphones. As a result, the 

smoothing parameter is choosen from relation between observed coherence of microphones 

signals and the speech component at each frame. The optimum smoothing parameter contains 

the spatial information about existence of desired talker under rapidly changing environments.  

The flexible smoothing parameter allows auto-cross PSD of covariance matrix contains the only 

noise component. With incorporating the exact steering vector, the desribed technique has 

shown the ability of concering the beampattern at specified sound source with promising result 

of reducing speech distortion to 5 dB, suppressing the background noise level to 12.9 dB and 

enhancing the obtained SNR from 5.3 to 8.8 dB. 
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