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Microphone-array beamforming is widely used to enhance target speech in noisy
acoustic environments by exploiting spatial information from multiple sensors.
The minimum variance distortionless response (MVDR) beamformer can effec-
tively attenuate interference while preserving a signal arriving from a specified
direction; however, its performance may deteriorate in practical recording condi-
tions because of microphone mismatch, array displacement, steering-vector esti-
mation errors, sampling-rate variations, and residual environmental noise. This
study proposes a post-filtering technique to improve the output of an MVDR
beamformer by combining Wiener-based spectral attenuation with spatial in-
formation obtained from the phase difference between two microphone signals.
The proposed filter incorporates direction-of-arrival information to construct an
additional spectral gain for suppressing residual noise while retaining the desired
speech component. The method was evaluated using a dual-microphone array
in a realistic indoor environment containing background and interfering noise.
Experimental results show that the proposed approach increases the signal-to-
noise ratio (SNR) from 10.8 dB to 12.7 dB and reduces the residual noise level
to approximately 11.2 dB. NIST STNR and WADA SNR measurements further
demonstrate substantial improvement compared with conventional MVDR pro-
cessing. The results confirm the potential of spatially informed post-filtering for
robust multi-channel speech enhancement.
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1. INTRODUCTION

In real-life scenario, automatic speech recognition are significantly degraded by the sound of trans-
port vehicle, television, washing machine, mechanical equipment, aircraft with several types of noise, non-
directional noise, coherent, incoherent, diffuse noise field or diffuse noise field. Consequently, these factors
has seriously corrupts the speech intelligibility, different objective acoustic measurement, the perceptual metric
listener and speech quality of the recorded signals. Therefore, the essential in almost acoustic speech applica-
tions is addressing the problem of noise reduction and improving the speech quality. To deal with this task,
speech enhancement or separation is usually implemented as a front-end to remove annoying and complex
noise. Single-channel approach often based on subtraction method, which uses the criteria about stationary

Journal homepage: http://ijeecs.iaescore.com



948 a ISSN: 2502-4752

noise. Therefore, in several non-stationary noise or in the complex recording situation with non-directional
noise, diffuse noise field, single-channel algorithm causes the speech distortion of desired target speaker. To
avoid this drawback, microphone array (MA) [1]-[3] technology can be used to achieve advantage of noise
suppression, dereverberant and speech enhancement simultaneously with perspective results without speech
distortion or musical noise. MA technology exploit the designed MA geometry to steer frequency response at
specified direction while removing signal from other directions.

With the advantage of high spatial diversity, high directivity factor and the ability of incorporating
single-channel approach, MA technology installed into multi-channel system, such as: smartphone, acoustic
instrument, hearing aid, cochlear implant, human-machine interface, teleconference system to improving the
speech quality of processed signal. The fixed beamformer with delay-and-sum (DAS) beamformer use assumed
impinging incident of speaker to form the weights, which are applied to MA signals. Adaptive beamformer
incorporate the prior information, the surrounding acoustic properties, the transfer function, the designed array
configuration, the characteristics of background noise to obtain optimum beamformer’s coefficient in preserv-
ing the desired talker while eliminating interference, background noise. The most useful representations of
adaptive beamformer is differential microphone (DIF) [4]-[7], generalized sidelobe canceller (GSC) [8]]-[111,
linearly constrained minimum variance (LCMV) [12]]-[[15]], minimum variance distortionless response (MVDR)
[16]-[23].

MVDR beamformer has capability of concerning the steerable beampattern at sound source, interest
useful speech. However, the performance often interfered by complex and adverse environment. There are
many efforts attempt to increase the overall evaluation under realistic scenario.

Yamaoka et al. [16] introducing exploiting MVDR method for calculating spectral estimation based on
the Kronecker product to achieve better evaluation under various recording scenarios. This article exploited the
spectral estimation filters for achieving the more robust of speech enhancement than the traditional beamformer
in realistic experiment.

In Tuladhar and Buck [17]], time-frequency-bin-wise switching (TFS), which served as efficient voice
activity detection (VAD) to switch implemented beamformer for processing array signals. The advantage of
this approach is suppressing several particular interferences, non-directional noise sources by using MVDR
beamformer. The numerical simulation has shown the improvement of speech enhancement in speech quality,
perceptual metric listener underdetermined situations.

As’ad et al. [18] proposed the unit circle rectification (UCR) method for satisfying a property of the
ensemble MVDR beamformer. This technique incorporated the sample matrix inversion with MVDR beam-
former to attenuating the effect of limited snapshots. Consequently, UCR satisfied the criteria of MVDR
beamformer ensemble. The simulated results has shown the effectiveness of UCR in reducing the white sur-
rounding noise field, interference than diagonal loading. The demonstrated experiment show the advantage of
the author’s suggested technique in improving the speech quality of MVDR beamformer’s output signal.

Lagac et al. [19] proposed selection between monaural and binaural MVDR beamformer at each
considered time-frequency bin. The decision depends on an accurate target activity detection system, which
based on a binaural beamforming system for cancelling target source. The described approach applied binaural
beamforming as speech presence probability in demanding of blocking the target speech component. The
simulation results show the robustness of calculating the transfer function, related steering vector of impinging
angle between existing algorithms.

Park et al. [20], the authors proposed using principal component analysis (PCA) to adaptively adjust
covariance matrix to reduce ego-noise by applying MVDR beamformer. The promising result has confirmed
the effectiveness of reducing the word error rate by 55% and enhancing the signal-to-distortion ratio by up to
10 dB under various types of recording scenarios.

Son et al. [21]] used beamspace approximation, which use a combination of the spatial fast-Fourier
transform (FFT) to obtain linear-logarithmic complexity to enhance constructing and inverting the array covari-
ance matrix. The conducted experiments studied the MVDR beamformer’s tradeoffs between load computation
and signal-plus-noise ratio (SINR) to examine the superiority for large array system in realistic environment.

Zhang et al. [22] calculated new frequency estimation with considering a variable parameter for
computing the augmented covariance matrix to resolves a significant degradation of MVDR beamformer’s
evaluation. The improved performance is derived through computer simulations.

Jiang et al. [23]], addressed the problem of source separation from the noisy mixture by using deep
learning MVDR framework with recurrent neural networks for resolving the problem of matrix inversion and
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eigenvalue decomposition. The promising result is removing the residual noise field while keeping the target
speech undistorted. The numerical results have confirmed the superiority with several metrics and automatic
speech recognition under complex situations.

Martin [24] presented multistage forward/backward for reducing the complexity of sample covariance
matrix’s (SCM) inversion. The obtained advantage of this method is making the original complex-value of
SCM progressively become real-valued block diagonal matrix. The numerical simulation demonstrates that
the suggested technique own high computational robustness and speech quality in comparison with existing
MVDR beamformer in extracting the desired target speaker at specified location while minimizing the total
noise power.

In practical acoustic environments, the performance of existing beamforming techniques can be sig-
nificantly affected by the unpredictable characteristics of the surrounding noise and various interfering factors.
In particular, changes in microphone-array geometry, inaccuracies in the estimation of the desired steering
vector, sampling-frequency errors, variations in microphone sensitivity, speaker movement during speech, ad-
verse acoustic conditions, and microphone mismatch may reduce the effectiveness of the MVDR beamformer.
These practical imperfections can result in residual or musical noise, insufficient noise suppression, and speech
distortion, ultimately leading to a decline in the perceived and measured quality of the enhanced speech. Conse-
quently, the existing approaches may not adequately address all of these challenges under real-world operating
conditions. To overcome these limitations, this study proposes an efficient post-filtering approach designed to
further suppress residual background and musical noise after MVDR processing. The proposed method aims
to enhance objective speech-quality measures, particularly STNR and speech intelligibility, thereby improving
the robustness of speech enhancement in realistic acoustic environments.

2. MVDR BEAMFORMER

In this section, the author describes the principal working of MVDR beamformer in the frequency-
domain. MVDR beamformer based on the constrained criteria of minimizing the total output noise power
at the output while preserving the original speech component at specified direction without speech distortion
[L6]-[19]. MVDR beamformer owns the high spatial diversity at certain sound source.

In general case, the author uses dual - microphone system (DMA?2) to illustrate the principal working
of MVDR beamformer. At the current frame k, current frequency f, w = 2x f, the observed microphone array
signals Y] (jw, k), Y2(jw, k) in the short-time Fourier transform can be represented as the following equations,

Y1 (jw, k) = S(jw, k)e?®s + N1 (jw, k) (1)
Ya(jw, k) = S(jw, k)e 9% + Ny (jw, k) (2)
where &, = 7 frocos(6s), 1o = %, 0, is the incident angle of interest useful signal to the axis of DMA2,

d is the range between two mounted microphones, c is sound speed propagation in the air and ¢ = 343("%).
N;(jw, k), Na(jw, k) means the background noise, interference and competitive speaker, or non - directional
noise, S(jw, k) is the desired target data.

With the definition, Y (jw, k) = [Y1(jw, k) Ya(jw, k)], N(jw, k) = [N1(jw, k) Na(jw, k)]7T,
h(jw,0,) = [e?®s  e77®<]T the (1), (2) can be rewritten in the following way,

Y (jw, k) = S(jw, k)h(jw,0s) + N (jw, k) (3)

The essential problem of speech enhancement if finding an optimum coefficient W (jw, k) to obtain the final
signal S(jw, k) approximately the original clean speech data.

SGjw, k) = WH (jw, k) « Y (jw, k) 4)

where H is conjugate transposition. The mathematical formulation of MVDR beamformer can be
expressed as,

min WH (jw, k,0.)® NN (jw, YW (jw, k, 0,
wilin (J )@ NN (jw, k)W (3 ) )

s.t. WH(jw7k7eé)h’(]w?05) = 1
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with @y (jw, k) = E{N (jw, k)N (jw, k)} mean the captured noisy covariance matrix.
Hence, the MVDR beamformer’s filter coefficients can be derived as,
Dy (jw, k)h(jw, bs)

6
R (jw, 05) @y (jw, k)h(jw, 05) ©

W (jwo, k, 0,) =

However, in realistic recording scenario, the information about noise is not always available, therefore, we
use the observed microphone array instead of. So, the final optimum MVDR beamformer’s weights can be
computed as,

_ ®yy(w k)h(w,b,)
R (jw, 05) @5y (jw, k)h(jw, 05)

W vvpr(jw, k, 0s) @)

where ®yy (jw, k) = E{Y " (jw, k)Y (jw, k)} is the spectral covariance matrix of captured MA signals.
The auto - cross power spectral densities (PSD) between two received MA signals are recursively
calculated by equations,

Priy,(jw, k) = (1 = @) Pyy; (jw, k = 1) + a¥; (jw, m) X; (jw, k) (®)

Priy;(jw, k) = (1 = a) Py, (jw, k = 1) + ¥ (jw, k)Y (jw, k) 9
The output signal of MVDR beamformer is derived as,

ymvor(jw, k) = Wiy pr(jw, k,05) x Y (jw, k) (10)

Due to many reasons, such as, the complex and annoying environment, the error of MA distribution, the error
of sampling rate, the difference of MA quality, or imprecise estimation of preferred steering vector, the perfor-
mance of MVDR beamformer usually degraded. The requirement of an efficient signal processing technique
is an essential part of numerous speech applications. Consequently, in the next section, the author proposed an
effective post - filtering for suppressing the musical noise, remained noise at the MVDR beamformer’s output
to increase the speech quality, speech intelligibility.

3. THE AUTHOR’S PROPOSED POST - FILTERING
The author’s approach is modifying the Wiener filter for suppressing the noise level at MVDR beam-
former’s output signal. The tradition Wiener filter Hyy;ener (jw, k) can be calculated as the following equation,

o2 (jw, k)
o3 (jw, k) + o7 (jw, k)

HWiene'r‘(jwa k) = (11)

1
R (jw,05) @5y (jw,k)h(jw,05)
direction 6, and o2 (jw, k) is the covariance of noise at output of MVDR beamformer and can be computed by
minimum statistic (MS) [25]].

Due to the complex and rapidly changed recording scenario, the effectiveness of Wiener filter often
degraded and there is still exits musical noise, remained noise component at the MVDR beamformer’s output.
The author proposed modifying Wiener filtering with incorporating the prior information of the phase difference
between two captured microphone array signals Y7 (jw, k), Yo (jw, k).

Ellis [26]], the prior information about the direction of arrival (DOA) of interest useful speech compo-
nent allows deriving the spectral masking G (jw) = 1 — exp(joisy™ (jw)) and G5B (jw) = 0.5 4 0.5 *

exp(jorsy" (jw)) and where ¢157" (jw) = ¢1]?.‘§ <, 12,1 is the phase difference between Y; (jw, k), Ya (jw, k).

The modified Wiener filter is given by,

where o2 (jw, k) = is variance of original clean speech component at the specified

o2 (jw, k) GPoB (jw)

I:Iiener’uk: - - + (1 - s T
v (oo, ¥) 60§(Jw7k)+aiMVDR(Jka) ( mGkDSB(Jw)"’GkBM(Jw)

(12)

where 3 is an appropriate parameter, which in {0..1}. In the experiment, the value of 8 = 0.35 was based on
our heuristic knowledge.
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The processed signal by applying modified Wiener filter is computed as,
Jnvpr(jw, k) = yavpr(jw, k) * Hwiener (jw, k) (13)

By adding the spectral masking gain, which based on the prior of DOA of interest useful signal, the modified
Wiener filter is suitable under annoying acoustic environment to removing the remained background noise to
increase the speech quality, perceptual metric listener.

The appealing properties of described technique is utilizing the gain function, which based on pre-
ferred DOA of interest helpful signal. The method exploits the gain of superdirective beamformer and blocking
matrix for determining the gain function. In practical scenario, the success of Wiener filter usually degraded
due to the complicated problem of estimating covariance of speech o2 (jw, k) and o2 (jw, k). These necessaries
parameters significantly depends on the microphone sensitivities, the homogeneity of recording situation, the
time of simultaneous capture, the sampling frequency. Hence, the estimation of covariance of speech and noise
usually not exact under complex environment with presence several undetermined noise sources. This additive
gain function allows increasing the capability of suppressing the remained noise level. The exploiting of addi-
tive post-filtering will improve the overall performance of MVDR beamformer. In the next section, the author
performed an experiment in realistic situation to verify the effectiveness of the mentioned post - filtering.

4. EXPERIMENTS AND DISCUSSION

In this section, the author will illustrate the advantage of the author’s proposed method in enhancing
the speech quality and reducing the remained noise level. The experiment was performed in living room
with the existence of washing machine, interference and annoying background noise. The author uses dual
- microphone system (DMAZ2) to capture the original speech component of talker. The range between two
mounted microphones is d = 5(cm), the distance from talker to the axis of DMA2 is L = 3(m), the DOA of
speaker is 65 = 90(deg).

An objective measurement was implemented for calculating the signal-to-noise ratio (SNR) for com-
paring the speech quality between the captured MA signals, the processed signal by tradition MVDR beam-
former (dioMVDR) and the author’s suggested post - filtering (arsgpF). For capturing the talker’s speech com-
ponent, the sampling frequency F's = 16k H z, the overlap 50% were used.

The observed MA signals is shown in Figure 1. For performing MVDR beamformer, these parameters
nFFT = 512, the smoothing parameter o = 0.1. The obtained MVDR beamformer’s output signal can be
derived in Figure 2.
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Figure 1. The waveform (a) and spectrogram (b) of captured MA signals
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Figure 2. The promising signal of MVDR beamformmer’s performance: waveform (a) and spectrogram (b)

In practical and acoustically complex environments, the performance of an MVDR beamformer can
be significantly degraded by various uncertainties. These may include microphone mismatch, inaccurate esti-
mation of the desired steering vector, changes in the microphone array configuration, variations in microphone
sensitivity, and sampling-rate errors. Such imperfections can result in speech distortion and residual noise in
the beamformer output. To address these issues, the author introduces an additive post-filtering approach de-
signed to further attenuate residual noise while maintaining the integrity of the desired speech signal. After
applying the proposed arsgpF method, the resulting enhanced signal is presented in Figure 3.
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Figure 3. The perspective results by applying arsgpF: waveform (a) and spectrogram (b)

The compared energy between MA signals, the processed signal by dioMVDR, arsgpF is shown in
Figure 4, arsgpF allows removing the noise level to 11.2 dB and consequently, the signal-to-noise was increased
from 10.8 to 12.7 dB. The SNR (dB) as shown in Table 1.

Table 1. The signal-to-noise ratio (dB)
Variable Speed (rpm)  Power (kW)
NIST STNR 6.8 13.2 24.0
WADA SNR 1.5 9.4 22.1
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Figure 4. The comparison of energy between MA signals and processed signals by dioMVDR, arsgpF

From the conducted experiments, this paper can conclude some opinions,

- The microphone-array (MA) beamformer can spatially attenuate ambient noise, interfering signals, and un-
wanted sources arriving from directions other than the desired source, while maintaining the speech compo-
nent originating from the specified direction. In this experiment, the target speaker was positioned at 90°. As
illustrated, the MVDR beamformer effectively retained the desired speech while reducing the contribution of
background noise.

- Nevertheless, the performance of the MVDR beamformer may deteriorate under practical acoustic condi-
tions. Several factors can contribute to this degradation, including microphone displacement, internal elec-
tronic noise from the recording equipment, room reverberation, and multiple time-varying noise sources.
These imperfections may introduce speech distortion and substantial residual noise, resulting in degraded
perceptual speech quality. As observed, a considerable amount of residual noise remains in the beamformer
output.

- Post-filtering provides an effective approach for further improving the beamformer output. Its primary pur-
pose is to attenuate the remaining noise while retaining the characteristics of the desired speech signal. In
this work, the proposed post-filter is derived from the Wiener filtering principle and integrated with a spectral
gain function. The gain function incorporates prior information regarding the DOA of the desired speech
source. By combining the Wiener-based filtering mechanism with the directional gain function, the proposed
approach provides improved noise suppression compared with the beamformer output alone.

- A key feature of the proposed method is the utilization of prior information about the preferred DOA of the
target speaker together with the phase difference between signals captured by the microphone array. These
characteristics are exploited to construct an effective post-filter capable of suppressing residual background
noise while maintaining the integrity of the desired speech. Consequently, the proposed approach reduces
ambient noise without introducing significant speech distortion. The results demonstrate the potential of the
proposed post-filter for enhancing speech signals in adverse acoustic environments and indicate its applica-
bility to other challenging noise-reduction scenarios.

5. CONCLUSION

This study investigated the degradation of MVDR beamformer performance in practical acoustic en-
vironments, where microphone mismatch, array-position errors, inaccuracies in steering-vector estimation,
sampling-rate variations, reverberation, and time-varying interference can lead to residual noise and speech
distortion. To address these limitations, a modified post-filtering scheme based on Wiener filtering and spatial
information derived from the phase difference between microphone signals was developed and applied to the
MVDR output. The proposed approach combines the statistical attenuation capability of the Wiener filter with a
direction-dependent spectral gain, allowing residual acoustic components to be further suppressed while retain-
ing the speech components associated with the desired DOA. Experimental evaluation using a dual-microphone
array in a realistic indoor recording environment demonstrated the potential of the proposed approach for im-
proving the quality of the beamformer output. The results show that the SNR increased from 10.8 dB for the
conventional MVDR output to 12.7 dB after post-filtering, while the residual noise level was reduced to ap-
proximately 11.2 dB. The objective measurements obtained from the NIST STNR and WADA SNR evaluations
likewise demonstrate a substantial improvement after the proposed post-filter was applied, confirming its ability
to attenuate residual interference while preserving the principal speech component. An important advantage of
the proposed method is that it functions as a complementary processing stage rather than replacing the spatial
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filtering mechanism of the MVDR beamformer; consequently, it can potentially be incorporated into existing
multi-channel speech-processing systems with limited modification to the beamforming structure. However,
the effectiveness of the method remains dependent on the accuracy of the available spatial information and
the estimation of the spectral and covariance-related parameters, and its performance may therefore vary un-
der rapidly changing acoustic conditions, significant target-speaker movement, or inaccurate target-direction
estimation. Further investigation using different microphone-array configurations, reverberation levels, inter-
ference conditions, moving speakers, and larger speech datasets would be valuable for assessing the robustness
and generalization of the proposed technique. Future research may also consider adaptive target-direction track-
ing, more reliable speech and noise statistical estimation, and automatic adjustment of the post-filter weighting
parameter to improve operation in dynamic environments. Overall, the results indicate that the integration
of spatially informed spectral post-filtering with MVDR beamforming provides a practical approach for miti-
gating residual noise and improving enhanced speech quality in realistic recording conditions, with potential
applications in multi-channel speech enhancement, source separation, and automatic speech recognition.
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