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Abstract: Microphone array (MA) owns the convenience of alleviating the background noise
field, interference, and third-party speakers while preserving the original speech component
with a high directivity index perspective. MA beamforming utilizes prior spatial information
about the direction of arrival of useful signals, the characteristics of the surrounding noise
field, the designed geometry of MA, and the obtained parameters after processing received
array signals to achieve the advantages of speech enhancement and noise reduction. Minimum
Variance Distortionless Response (MVDR) beamformer has the capability of attenuating the
surrounding noise field, interference, or third-party talker while saving the original speech
component of the desired talker at a specified location. However, under realistic recording
scenarios, due to the complex and annoying situation, the movement of the talker during
conversation, the error of internal settings for capturing the noisy mixture, the error of sampling
frequency, the different time of starting recording of two microphones, the overall effectiveness
of the MVDR beamformer is often degraded because of speech distortion and musical noise. In
this article, the author proposed an efficient method for enhancing the robustness of the MVDR
beamformer under complex and annoying situations. The numerical simulations have shown
that the speech distortion was reduced to 5 dB, the musical and residual noise were suppressed
to 15.2 dB, and the speech quality was increased from 12.1 to 12.9 dB.

Keywords: microphone array; beamforming; noise reduction; speech enhancement; the
signal-to-noise ratio; minimum variance distortionless response

1. Introduction

In several speech applications, such as, teleconference systems, surveillance
devices, voice-controlled equipment, smartphones, smart homes, hearing aids, the
demand for noise reduction and recovering the original speech component is an
essential requirement for satisfying the listener. The single-channel approach often
utilizes spectral subtraction (SS) in stationary noise environments, which yields
promising signals with high quality. However, as in Figure 1, under non-stationary
situations, because of undetermined reasons, the annoying complex scenario, the
existence of numerous noise sources, and the internal electrical noise of equipment,
SS causes speech distortion due to the estimation of noise power not being exact under
complex situations.
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Figure 1. The complexity with the presence of various types of noise sources in the human
living environment.

Therefore, the use of MA is commonly implemented in almost all speech
equipment. The MA beamformer exploits prior spatial information about the preferred
impinging angle of the target speaker, desired talker, or clean speech data [1–3],
the coherence of observed MA signals [4–6], the characteristics of the recorded
scenario and background noise, the designed geometry of MA for performing noise
suppression and preserving the speech component with high quality or different
perceptual metrics for listeners at the same time [7–9], as in Figure 2. As a result, the
effectiveness of the beamformer, the noise level reduction, the speech intelligibility,
objective and subjective measurement, the signal-to-noise ratio, and speech quality
of the beamformer’s evaluation have increased by preserving clean speech data while
attenuating background noise, interference, or a third-party speaker.

Figure 2. The scheme of MA beamforming to mitigate the effect of complex conditions while
saving the target sound.
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Beamforming technique is a process which generates an appropriate spatial
filtering on a certain designed MA geometry. A beamformer can extract the
original useful information from a noisy mixture of array signals by applying a
constrained criterion without speech distortion. Array antenna system captures the
signal from different and various locations and directs the only useful signal while
attenuating interference from different directions by implementing a MA beamformer.
In realistic scenarios, the effectiveness of voice-controlled equipment, automatic
speech recognition, speech distant acquisition, teleconference system, television, smart
speaker, far-field voice interaction; beamforming method own more strength in
enhancing the overall evaluation in comparison to single channel processing, due to
MA utilizes the prior information about assumed direction of arrival, the designed
MA geometry, the characteristics of surrounding environment, the type of noise for
obtaining improvement of noise suppression and speech enhancement at the same
time. Beamforming techniques have become a perspective solution, which serves at
the front-end of almost acoustic speech applications, as in Figure 3.

Figure 3. The scheme of the MA beamformer to recover the speech component while
attenuating the background noise field.

The MA beamformer includes fixed and adaptive beamformers, which are
designed and applied for processing received array signals with a specified purpose.
Fixed beamformer, which the coefficients are based on the impinging angle of
the helpful signal, with a common sufficient delay-and-sum (DAS) beamformer.
DAS is very sufficient in removing surrounding noncoherent noise but inefficient in
nonstationary with complex scenarios and reverberant noise fields. Another widely
installed beamformer is the adaptive beamformer, which analyzes the condition of
recording and the properties of background noise for performing beamformer. Adaptive
beamformer with Minimum Variance Distortionless Response (MVDR) beamformer,
Generalized Sidelobe Canceller (GSC) beamformer, Linearly Constraint Minimum
Variance (LCMV) beamformer, or Differential Microphone Array (DIF) beamformer.
These above beamformers are usually based on optimum criteria for extracting useful
clean speech data at specified locations, which are contained in representations of
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steering vectors and removing the background noise field by considering a steerable
pattern.

GSC beamformer’s structure contains 3 parts: (i) the fixed beamformer, which
steers the pattern at the target speaker; (ii) the blocking matrix suppresses the speech
component and passes only the noise component; and (ii) the adaptive noise canceller
preserves the desired talker while reducing the noise level by applying adaptive signal
processing algorithms. LCMV is an efficient beamformer that uses constrained criteria
of frequency response in different directions while alleviating total noise power at
the output signal. DIF operates on MA signals and implements a subtraction signal
with a designed time delay to achieve high spatial diversity in the direction of speech
and a null-beam pattern at the noise source. In addition, the MA beamformer can be
integrated with different signal processing algorithms to improve the effectiveness of
speech enhancement.

MVDR beamformer aims at alleviating the noise power, the third-party speaker,
and the annoying interference while warranting that the original signal is not distorted
in a certain direction. The representation of the MVDR beamformer is formulated by
minimizing the total noise power at the output and the value of the beampattern is
equal “1” at the direction of the talker. The MVDR beamformer is parameterized by
the observed spatial covariance matrix of recorded signals and related transfer function,
which describes the relation between the speech source and microphones. The transfer
function or steering vector projects the original signal at a specified location related to
the configuration of the microphone system, and thus an accurate and precise steering
vector is a potential problem in almost all speech applications.

MVDR beamformer owns high spatial diversity with perspective noise reduction
and speech enhancement. Its main purpose is minimizing the effects of third-party
speakers at other directions, interference, or noisy environments while saving
the helpful talker without speech distortion or maximum signal-to-noise and other
perceptual metrics. In comparison with single-channel methods or different techniques,
the MVDR beamformer provides better noise suppression and speech enhancement.

However, the MVDR beamformer is very sensitive to the exact steering vector
and complex environment. In addition, due to the microphone mismatches, the internal
electrical noise, the different times of recording between microphones, the annoying
recording situation, the presence of undetermined noise sources, the expected results
may not be satisfied, the overall speech quality, perceptual acoustic factors, andMVDR
beamformer’s evaluation often degrade. The distortion and musical noise decrease
speech intelligibility and other perceptual metrics for listeners.

There are numerous works and research studies to overcome this drawback.
In As’ad et al. [10], the author designed a perspective beamforming algorithm for

binaural hearing aids. This approach is based on the selection of a monaural–binaural
MVDR beamformer at each time–frequency bin, which depends on an efficient target
activity detection system. The experiments demonstrated the advantage of increasing
robustness in comparison to both monaural-binaural MVDR beamformers.

Yamaoka et al. [11] used time-frequency (TF) binary masking, which requires
effective target-active periods and interferer-wise-active periods for generating an
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efficient spectral mask. This paper conducted experiments under realistic complex
noisy conditions with the existence of different types of noise sources. The author’s
method has the advantage of enhancing the MVDR beamformer’s performance
regardless of the presence of different noise sources.

Ali et al. [12] analyzed the effects of sound location, designed geometry, room
properties, microphone characteristics, or transfer function on beamformers. This paper
introduced integrating the traditional MVDR beamformer with LCMV to obtain more
benefit in speech enhancement and noise reduction.

Lagacé et al [13] proposed using ego-noise reduction as a preprocessing step,
which allowed resolving the problem of unseen internal electrical and mechanical
interference, which often occur during operating of equipment. The experimental
results have shown the improvement of signal-to-distortion ratio and word error rate.

Yadav et al. [14] presented acoustic vector sensors (AVS), which contained
spatial information about the impinging angle of sound propagation, velocity, and
characteristics of frequency. This work provided insight into the evaluation of the
MVDR beamformer for practical situations.

The spectral properties of fractional lower order covariance (FLOC) are studied for
improving the robustness in terms of noise reduction and speech enhancement of the
MVDR beamformer in Song [15]. The experimental simulations have demonstrated
the higher stability of reducing steering vector mismatches under realistic recording
situations.

Chaudhari et al. [16] aimed to improve the stability of the MVDR beamformer by
using a diagonal loading factor, which is added to the second diagonal of the covariance
matrix. The contribution addressed the problem of estimating the adaptive loading
factor, which is based on the snapshots of MA signals. An analysis of the tradeoff
between robustness and stability was performed.

Wang et al. [17] addressed the sensitivities of space-time MVDR beamformers
with frequency errors by combining broadband spatial spectrum estimation
computation. The method utilized beam response in any arbitrary order frequency
and integrated gain constraint for achieving the optimal weight of beamformer. The
demonstrated experiments show the effective evaluation of reducing the complexity of
calculation and increasing the speech enhancement of the MVDR beamformer.

Erdim et al. [18] suggested using the covariance matrix taper (CMT) for extending
the beampattern notches for suppressingmultiple interferences, annoying noise sources,
and different talkers from other directions. This approach increased the MVDR
beamformer’s evaluation in complicated scenarios by removing the effect of several
undetermined noise sources.

Huang et al. [19] proposed methods for finding an optimum steering vector
by formulating the beamformer output power maximization and double-sided norm
perturbation constraint. The author simulated the experiments with improved
performance in terms of signal-to-noise-plus-interference ratio (SINR).

Unfortunately, under realistic conditions with the presence of transport vehicles,
washing machines, televisions, fans, or third-party speakers, the moving head of the
talker, the internal electrical noise, the different sampling frequency, the microphone
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mismatches, the error of calculation about the steering vector, the displacement of the
MA distribution, the microphone mismatches, the different times of starting recording
of microphones, the moving head of the talker, the different types of noise fields,
these mentioned approaches cannot deal with the complicated drawback of the MVDR
beamformer. As a result, this article proposes a two-stage speech enhancement for the
MVDR beamformer with the aim of suppressing musical/residual noise fields, reducing
speech distortion while increasing the speech quality by comparing the SNR between
MA signals, the MVDR beamformer’s output signal, and the suggested technique.

At the first stage, the paper’s approach attempts to use the properties of beam
patterns for estimating accurate time delay between microphones. Consequently, at
the second stage, the author uses prior information about the direction of arrival of
interest useful clean speech data for computing the temporal signal-to-noise (SNR)
ratio to obtain the formulation of coherence noise. To improve the capability of
suppressing noise at low frequencies, the coherence between noise was modified.
Finally, the suggested method allowed achieving an efficient steering vector and
optimum coefficients of the MVDR beamformer.

The article is organized as: Section 2 introduces the principal working of the
MVDR beamformer in the frequency domain. The author’s idea is presented in Section 3.
The experiment demonstrated in Section 4 with significant improvement of the MVDR
beamformer’s evaluation. The conclusion and the author’s future work are in Section 5.

2. Minimum variance distortionless response beamformer

This section demonstrates the evaluation of the MVDR beamformer using a
dual-microphone system, which is commonly installed into various types of acoustic
equipment, such as cochlear implants, voice-controlled devices, security systems,
hearing aids, video teleconferencing systems, smartphones, surveillance devices, and
biometric systems. The author utilizes a dual-microphone system to describe the
configuration of the MVDR beamformer in Figure 4.

Figure 4. The model of MVDR beamformer for processing MA signals in the frequency
domain.

At the current considered frame k, current frequency f , the preferred impinging
incident angle of the target speaker is θs, the representation of received array signals
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can be expressed as: {
X1(f, k) = S(f, k)ejΦs +N1(f, k)

X2(f, k) = S(f, k)e−jΦs +N2(f, k)
(1)

where S(f, k) means the helpful speech component of the target speaker; Φs =

πfτ0cos (θs) is the phase delay between the sound source and microphones, τ0 = d
c , d

is the inter-distance of microphones, c = 343 (m/s) is the sound speed propagation
in fresh air; N1(f, k), N2(f, k) is the annoying environment, additive noise or
interference.

We can use the definitions X(f, k) =
[
X1(f, k) X2(f, k)

]T
, N(f, k) =[

N1(f, k) N2(f, k)
]T

and steering vector Ds (f, θs) =
[
ejΦs e−jΦs

]T
, Equations

(1) and (2) can be rewritten as:

X(f, k) = S(f, k)Ds (f, θs) +N(f, k) (2)

The problem of most speech applications is determining the necessary coefficients
W (f, k) for obtaining the original speech component at a known sound location
while eliminating the surrounding noise field, annoying acoustic factors from different
directions, interference, or a third-party talker in complicated situations. The promising
signal Ŝ(f, k) = WH(f, k)X(f, k) is approximately the clean speech data. With
different MA beamformers, the constrained criteria for recovering the pure speech
component are expressed with different equations. With MVDR beamformer, the
expression can be formulated as:

min

W (f, k)
WH(f, k)ΦNN (f, k)W (f, k)

st WH(f, k)Ds (f, θs) = 1

(3)

where ΦNN (f, k) = E
{
NH(f, k)N(f, k)

}
is the covariance matrix of noise.

MVDR beamformer aims at preserving the speech data with specified direction,
warranting the value of the beampattern equal to “1” and minimizing the total output
noise power while reducing the effect of background noise.

The optimum MVDR beamformer’s solution can be defined as:

WMVDR(f, k) =
Φ−1

NN (f, k)Ds (f, θs)

DH
S (f, θs)Φ

−1
NN (f, k)Ds (f, θs)

(4)

However, under realistic recording situations, due to the complexity of
environments, the influence of complicated acoustic factors, the presence of
undetermined noise sources, the task of computing information about noise is still a
difficult challenge. Therefore, the observed microphone array signals are applied for
calculating the MVDR beamformer’s weights.

WMVDR(f, k) =
Φ−1

XX(f, k)Ds (f, θs)

DH
s (f, θs)Φ

−1
XX(f, k)Ds (f, θs)

(5)
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where ΦXX(f, k) = E
{
XH(f, k)X(f, k)

}
.

The auto-cross power spectral densities of X1(f, k), X2(f, k) can be calculated
by applying the recursive equations:

PXiXi(f, k) = αPXiXi(f, k − 1) + (1− α) |Xi(f, k)|2 (6)

PXiXj (f, k) = αPXiXj (f, k − 1) + (1− α)X∗
i (f, k)Xj(f, k) (7)

where i, j = 1, 2 and α is the smoothing parameter in the range {0 . . . 1}. In our work,
α = 0.1.

The output signal of the MVDR beamformer can be defined as:

YMVDR(f, k) = WH
MVDR(f, k)X(f, k) (8)

Unfortunately, in real-life acoustic situations, due to the error of transfer function,
the internal electrical noise of acoustic equipment, the movement of speaker, the
inaccurate calculation of transferring function, the displacement of MA geometry, the
different time of starting record, the different microphone sensitivities, the existence of
complex noise environment, MA beamformer’s performance is often corrupted. The
large amount of ambient noise, musical noise, residual noise, or speech distortion
causes the degraded MVDR beamformer’s evaluation under practical situations. In the
next section, the author will introduce an effective method for decreasing the speech
distortion and suppressing the remaining noise level of theMVDRbeamformer’s output
signal with perspective results of noise suppression and speech enhancement.

3. The author’s proposed approach

The author’s proposed approach includes the precise calculation of time delay
τs and then determining the matrix coherence of noise for enhancing the MVDR
beamformer’s evaluation and effectiveness of noise suppression under complicated
recording situations as in Figure 5.

Figure 5. Two-stage-based on the suggested technique for enhancing the robustness of the
MVDR beamformer.

At the first stage, the necessary time delay allows obtaining the precise steering
vector or transfer function, which indicates where the beampattern concerns to save the
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clean speech data in the MVDR beamformer. With GCC-PHAT [20], the time delay τs
yields as:

τs =
max

τ

X1(f, k)X
∗
2 (f, k)

|X1(f, k)X2(f, k)|
e−jπfτ (9)

with τ is an estimated value of time delay. However, due to a rapidly changing
environment, the moving talker during conversation, the complex conditions, the error
of sampling frequency, the microphone mismatches, the effect of surrounding noise
field, the effectiveness of (9) can be seriously degraded. The author’s idea is utilizing
the value of beampattern for increasing the exact computation of time delay τs.

The value of the pattern of a beamformer is defined by using a delay-and-sum
beamformer as:

B(f) =

∣∣∣X1(f, k)e
−jπf τ

2 +X2(f, k)e
jπf τ

2

∣∣∣
|X1(f, k)|

(10)

with assumption, |X1(f, k)| ≈ |X2(f, k)|, the beam pattern can be achieved as:

B(f) =
∣∣∣ej∠(X1(f,k))e−jπf τ

2 + ej∠(X2(f,k))ejπf
τ
2

∣∣∣ (11)

Consequently, this paper modifies the formulation, which is used for calculating
the precise time delay as the described expression:

τs =
max

τ

(
X1(f,k)X

∗
2 (f,k)

|X1(f,k)X2(f,k)|e
−jπfτ +

∣∣ej∠(X1(f,k))e−jπf τ
2 + ej∠(X2(f,k))ejπf

τ
2

∣∣) (12)

With precise time delay τs, we will receive a more robust steering vector,
Ds (f, θs) =

[
ejΦs e−jΦs

]T
, Φs = πfτs.

GCC-PHATmeasured the temporal estimation of time delay, but it is very sensitive
to wall, ceiling, and floor reflections and is not suitable for broadband signals, such as
speech. Consequently, the article applied another measurement for beampattern, which
is based on a DAS beamformer for enhancing the calculation of time delay τs.

From Equation (4), we can easily realize that the effectiveness of the MVDR
beamformer usually depends on the precise covariance matrix of noise, ΦNN (f, k).

ΦNN (f, k) = σ2
n(f, k)

[
1 ΓN1N2(f, k)

ΓN2N1(f, k) 1

]
(13)

where σ2
n(f, k) is the variance of noise components, and ΓN1N2(f, k), ΓN2N1(f, k) is

the coherence between two noise parts at microphone 1 and 2.
Consequently, from (13) and (4), the coefficient of the MVDR beamformer can be

achieved as:

WMVDR(f, k) =

[
1 ΓN1N2(f, k)

ΓN2N1(f, k) 1

]−1

Ds (f, θs)

DH
s (f, θs)

[
1 ΓN1N2(f, k)

ΓN2N1(f, k) 1

]−1

Ds (f, θs)

(14)

9



Sound & Vibration 2026, 60(5), 4413.

and:

WMVDR(f, k) =

[
1 −ΓN1N2(f, k)

−ΓN2N1(f, k) 1

]
Ds (f, θs)

DH
s (f, θs)

[
1 −ΓN1N2(f, k)

−ΓN2N1(f, k) 1

]
Ds (f, θs)

(15)

Now, the problem is finding an optimum expression of coherence ΓN1N2(f, k),
which contains rapidly changed complex environment.

As in Yousefian et al. [21], the coherence between MA signals represents the
existence of phase delay Φs and the coherence of noise.

ΓX1X2(f, k) =
SNR(f, k)

1 + SNR(f, k)
ej2Φs +

1

1 + SNR(f, k)
ΓN1N2(f, k) (16)

where:
ΓX1X2(f, k) =

PX1X2(f, k)√
PX1X1(f, k)× PX2X2(f, k)

(17)

and SNR(f, k) = σ2
s(f,k)

σ2
n(f,k)

is the temporal signal-to-noise ratio, σ2
s(f, k) is the variance

of speech. With the precise time delay τs, which is determined at the first stage, the
temporal SNR(f, k) yields as:

SNR(f, k) =
1 + cos

(
Φnorm
12,k (f)

)
4
(
1− cos

(
Φnorm
12,k (f)

)) (18)

where Φnorm
12,k (f) = ∠(X1(f,k))−∠(X2(f,k))

2πfτs
, ∠ is the operator that takes the angle.

From (16), the coherence ΓN1N2(f, k) expressed as:

ΓN1N2(f, k) = ΓX1X2(f, k) (1 + SNR(f, k))− ej2ΦsSNR(f, k) (19)

In a similar way, the formulation of ΓN2N1(f, k) can be determined as:

ΓN2N1(f, k) = ΓX2X1(f, k) (1 + SNR(f, k))− e−j2ΦsSNR(f, k) (20)

Under real-life practical speech application, this paper modified the formulation
of coherence of noise field by multiplying with sin(2πfτs)

2πfτs
[22] as below formulations:

Γ̂N1N2(f, k) = ΓN1N2(f, k)×
sin (2πfτs)

2πfτs
(21)

Γ̂N2N1(f, k) = ΓN2N1(f, k)×
sin (2πfτs)

2πfτs
(22)

The coherence matrix of noise in the MVDR beamformer is modified with
sin(2πfτs)

2πfτs
for cancelling interference and noise suppression.

10



Sound & Vibration 2026, 60(5), 4413.

4. Experiments and discussions

In this section, the author will perform an experiment to illustrate the effectiveness
of the proposed method (CovMatNoi) in comparison with traditional MVDR
beamformer, delay and sum (DAS) [23] beamformer, diagonal-loading beamformer
(DL) [16] and coherence-based dual-microphone noise reduction (CohNoi) [24] while
preserving clean speech data, saving the value of the beampattern at a specified
direction while attenuating the surrounding noise field or the effect of different noisy
acoustic factors. The experiment was conducted in a living room (3 × 4 × 4.5 (m))
under conditions with the existence of the sound of a television, a washing machine,
a fan, and other different undetermined noise sources. The configuration of the
experiment shown in Figure 6.

Figure 6. The illustrated experiment was performed in a realistic living room.

For recording the target speaker, the experiment applied DMA2, which has the
compact size, the flexible configuration of microphone and easy integration with
different signal processing techniques. The simulation with a speaker, who stands
at a distance L = 3.5 (m) from the axis of DMA2, which was used for capturing the
conversation of the desired talker, and the sound of surrounding noise. The author
applied frequency sampling Fs = 16 kHz for storing the received array signal with
overlap 50%. The preferred direction of the helpful signal is θs = 90 (deg). To
compare the speech quality betweenMA signals, the processed signal using a traditional
MVDR beamformer and CovMatNoi, this paper used an objective measurement [25]
for calculating the obtained SNR. The speaker read the newspaper and DMA2 recorded
the conversion in 3–5 min.

MA signals can be shown in Figure 7 with waveform and spectrogram.
From our heuristic knowledge, α = 0.1, nFFT = 512 are appropriate smoothing

parameters for implementing the MVDR beamformer. The promising signal can be
derived in Figure 8 with original speech data and noise reduction.
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(a)

(b)

Figure 7. (a) The waveform; (b) Spectrogram of MA signals.

(a)

(b)

Figure 8. The MVDR beamformer’s output signal: (a)Waveform; (b) Spectrogram.

However, due to the complexity of environmental recording, the error of sampling
frequency, the internal electrical noise of acoustic equipment, the inaccurate computation
of steering vector, the microphones mismatches, the different time of starting capturing
between microphones, the movement of speaker, the displacement of microphones, the
performance of MVDR beamformer is usually degraded. The information about the
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transferring function or observed MA signals, which contain the speech component,
corrupted the beamformer’s evaluation. The speech component was distorted, and a large
musical noise component degraded the intelligibility and the speech quality. The author’s
proposed method has fixed this drawback by reducing speech distortion and increasing
speech quality and speech intelligibility in terms of SNR.

The promising signal, which is obtained by applying CovMatNoi, is given by
Figure 9.

(a)

(b)

Figure 9. The promising signal by applying CovMatNoi: (a)Waveform; (b) Spectrogram.

Figure 10 compared the energy between MA signals, the processed signals by
implementing a traditional MVDR beamformer, and the author’s suggested technique.
The perspective results are demonstrated by Figure 10, where speech distortion was
reduced to 5 dB, the background noise level was removed to 15.2 dB, and speech quality
in terms of SNR was improved from 12.1 to 12.9 dB, as in Table 1.

Figure 10. The curve of energy between MA signals and processed signals by the MVDR
beamformer and CovMatNoi.
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Table 1. The comparison signal-to-noise ratio (dB).

Method estimation MA signals DAS beamformer CohNoi DL MVDR beamformer CovMatNoi

NIST STNR 8.0 11.3 14.6 20.3 18.2 30.3
WADA SNR 9.2 12.1 13.2 17.0 17.6 30.5

In addition, the author performed with the DAS beamformer, DL, and CohNoi.
The DAS beamformer attempts to steer the beampattern in a specified direction while
containing large noise components at low frequencies. CohNoi does not rely on
constrained criteria of minimizing noise power, so the advantage of noise reduction
is not like the MVDR beamformer. DL is suitable for adverse noise fields, but without
precise steering vector, this method cannot properly outperform in real-life situations.

The promising results by applying CovMatNoi have many advantages in
comparison to conventional MVDR beamformers. From the obtained simulated
results, this article can derive some assessments such as:

(1) The MA beamformer has the ability to concern the steerable pattern to the
specified location. MVDR beamformer has suppressed the surrounding noise
field while attempting to preserve the clean speech data with high quality of
measured acoustic metrics.

(2) In practical speech applications, due to unwanted reasons, such as microphone
mismatches, the error of setting the time record and frequency sampling, the
displacement of configured microphone geometry, the movement of the talker
during conversation, the existence of several complicated noise sources, and
the evaluation of the beamformer, it is usually decreased. Musical noise, large
ambient noise, or distortion of clean speech cause an unsatisfied listener.

(3) In a rapidly changing recording scenario, the determined time delay cannot be
calculated by applying the PHAT-GCC formulation. So, the author suggested
using an additive measurement about the value of the pattern of delay-and-sum
beamformer for more precisely computing the exact time delay, which is
implemented for representing the steering vector. Besides, the author’s proposed
method calculated the coherence of the noise field, which is based on the received
array signals, the coherence between MA signals, and the temporal SNR. In
addition, the formulation of noise coherence is multiplied by sin(2πfτs)

2πfτs
for

suppressing the noise component at low frequency and increasing the robustness
of the MVDR beamformer.

(4) The advantage of the described method is adaptively computing the time delay
and coherence of noise for increasing theMVDRbeamformer’s performance. The
numerical simulation has confirmed that speech distortion was reduced to 5 dB,
themusical noise or ambient noise field was suppressed to 15.2 dB, and the overall
speech quality of the beamformer’s output signal increased from 12.1 to 12.9 dB.

(5) The properties of the author’s suggested technique are low computation and easy
implementation, which is very suitable for realistic acoustic equipment. The
presented method can be applied to various speech applications for addressing
different complicated problems, such as, dereverberation, automatic speech
recognition and speech enhancement.
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(6) The limitation of the author’s proposed method is the speech leakage when
calculating the coherence of noise. This problem can degrade effectiveness, and
there is still the existence of little speech distortion at the MVDR beamformer’s
output signal.

5. Conclusion

In this article, the author proposed using an efficient method for enhancing
the advantage of the MVDR beamformer under adverse and complex noise field
conditions. The author’s idea is based on GCC-PHAT and additive information about
the beam pattern for exactly calculating the time delay τs between two microphones.
Consequently, the coherence of noise filed ΓN1N2(f, k), ΓN2N1(f, k) was computed
from the observed coherence of MA signals. Then these values were multiplied with
sin(ωτs)

ωτs
for improving the effectiveness of noise suppression in the low-frequency

domain. The conducted experiments confirmed the speech enhancement in reducing
musical noise or residual noise component to 15.2 dB, suppressing the speech distortion
to 5 dB, and increasing the obtained SNR from 12.1 to 12.9 dB. The presented technique
has low computation and is easy to install into various types of speech applications.
The mentioned method can be applied to a multi-channel system for resolving many
complicated problems, such as, dereverberation, automatic speech recognition, and
voice-controlled equipment. In the future, the author will study the characteristics of
background noise for further improving this research work.
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