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Abstract—Due to the high directional beampattern, micro-
phone array (MA) technology has been implemented in almost
all acoustic equipment to extract the target speaker and eliminate
background noise, interference or third-party talkers at the same
time. MA beamforming is an efficient solution to address the
coherent problem of speech enhancement’s spectral subtraction
in a complex and adverse environment. Generalized sidelobe
canceller (GSC) beamformer own the high directivity factor
and noise reduction in preserving the speech component and
suppressing background noise. Because of many reasons, the GSC
beamformer’s output signal is often corrupted and speech quality
is not satisfied by the listener. In this article, the author suggests
using an effective gain function to reduce speech distortion and
enhance the signal-to-noise (SNR) ratio. The numerical simula-
tion has shown the advantage of the author’s direction approach
in increasing the SNR from 7.3 to 10.3 dB and decreasing
the speech distortion to 4.8 dB. The described technique can
be integrated with the environment’s characteristic and more
spatial information to further improve the GSC beamformer’s
performance in other speech applications.

Index Terms—microphone array, beamforming, speech en-
hancement, noise reduction, generalized sidelobe canceler.
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Fig. 1. There are many noise sources significantly on human satisfactory.

Nowadays, the necessity of communication between hu-
mans leads to the use of various types of speech applications,
which record the clean speech data and transfer it through
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the network. However, in a realistic recording scenario, the
existence of third-party talkers, interference, non-directional
noise and other noise sources, as in Fig. 1. To ensure the
speech quality, speech enhancement is an essential problem in
almost all acoustic equipment for recovering the clean speech
data while suppressing all background noise. Single-channel
approach often based on spectral subtraction, which usually
works well in condition of stationary noise. However, in
complex and adverse recording situations, the rapidly changed
noise environment causes the speech distortion and musical
noise.

Fig. 2. The using of MA beamforming for recovering the target speaker while
removing background noise.

Therefore, exploiting MA beamforming [1-2] has attracted
numerous scholars and engineers to explore beampattern for
noise reduction and speech enhancement at the same time as
in Fig. 2. Fig. 3 shows the principal working of MA beam-
former to extract the desired target speaker while removing
surrounding noise. GSC beamformer is an efficient solution
for steering the designed beampattern at specified direction
and applies adaptive noise canceler (ANC) to obtain clean
speech data.

However, because of the error of sampling rate, the im-
precise MA configuration, the error of determining steering
vector, the difference of microphone sensitivities, the com-
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plex and complicated environmental factors, the microphone
mismatches, the GSC beamformer often degraded. There are
many efforts to overcome this above drawback to improve the
beamformer’s evaluation in various types of situations.

In [3], some adaptive algorithms for speech enhancement
were studied for incorporating with GSC beamformers to
obtain better results in real-life recording scenarios. These
algorithms include Recursive Least Square (RLS), Least Mean
Square (LMS), Normalized LMS. The numerical simulation
showed the effectiveness of the author’s approach.

Jiang Q et al [4] used a superdirective beamformer’s output
to calculate the coherence and determine the signal-to-noise
ratio (SIR) to control the updating parameter of adaptive noise
canceler in a complex environment. The numerical simulation
has confirmed the advantage of the proposed method in
reducing different noise interferences at different locations
and increasing the robustness of GSC beamformer in noisy
scenarios.

Barnov A [5] presented a modified RLS algorithm to
improve the robustness of ANC’s performance in a realistic
recording environment. The author’s technique includes an
amount of diagonal loading to enhance adaptive filtering.
The experiment operated a recorded signal in a vehicle to
demonstrate the effectiveness of this direction research.

In [6], frequency - domain adaptive blocking matrix was
described with a prospective voice activity detection, which
is based on multiple main lobes to adaptively adjust updat-
ing parameters according to the changed environment. The
conducted experiment showed better suppression of speech
leakage in GSC structure.

Chang D et al [7] proposed a method for computing the
time-varying direction of arrival of interesting useful signals.
The method used an augmented Kalman filter to determine
accurate coefficients and alleviate the unwanted influence of
surrounding noise. The simulation evaluation revealed that
the author’s suggested approach has better speech quality in
the terms of SNR and convergence rate in comparison with
traditional beamformer.

In [8], a systematic configuration for designing a multiple
constrained BM for removing total speech components is
demonstrated. The author’s idea is based on the analysis of
blocking matrix and signal leakage to achieve effective sparse
BM and eigen-space BM. The obtained results have demon-
strated the advantage of the suggested sparse BM for blocking
speech leakage and improving the GSC beamformer’s evalu-
ation in various noisy conditions.

The listed research is often illustrated in laboratory con-
ditions without a complex and annoying environment and
can not properly address the speech distortion or musical
noise, which often occurs in GSC beamformer. Therefore, in
this paper, the author introduced an efficient gain function to
overcome speech distortion and improve the speech quality.

II. GENERALIZED SIDELOBE CANCELLER BEAMFORMER

In this section, the author introduces the principle working
of GSC beamformer’s structure with 03 parts. The fixed
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Fig. 3. The scheme of MA beamforming to obtain the desired target talker.

beamformer (FBF) steers the designed beampattern towards
the sound source location. The blocking matrix (BM) blocks
the speech component from a noisy mixture of received array
signals to achieve the only noise component. The final part of
GSC beamformer is an adaptive noise canceler (ANS), which
extracts the original clean speech data from FBF’s output by
using the BM’s output as reference signal. GSC beamformer
is an efficient solution for preserving the target talker while
suppressing surrounding noise, third-party speakers from other
directions, interference or non-directional noise. In this article,
the author uses the Wiener filter as promising ANC to illustrate
beamformer’s performance.
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Fig. 4. The principal working of GSC beamformer’s in the frequency domain.

In the general case, the author uses a dual-microphone
system (DMAZ2) to demonstrate the scheme of GSC beam-
former in the frequency domain. At the considered frame [,
frequency f, the observed MA signals, X1 (f,1), X2(f,!) can
be formulated as:

X1(f,1) =8(f,1)e"® + N1(£,1) (1)
Xo(f.1) =S(f,1)e 7% + No(f,1) )

where S(f,l) denotes the original speech component,
Ni(f,1), No(f,1) is the additive noise at two microphones,
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respectively. &5 = 7 frocos(fs), 05 is preferred direction of
arrival of useful signal relative to the axis of DMA2, 7y = %,
d means the range between microphones, c is the sound speed
propagation in the fresh air and ¢ = 343(m/s).

The FBF beamformer’s output is named as the main signal
Y. (f,1) and the output of the BM block is reference signal
Y,.(f,1). These signal can be derived after using phase align-

ment as:

X1(f,D)e 7P + Xy(f, 1)l
2
Xl(,ﬁ l)eijq)S e Xz(f, l)@jq)S

Ya(fD) = ; )

The Wiener filter plays an important role in recovering
the clean speech data from Y,,(f,!) by using Y, (f,1) as a
reference signal. The Wiener filter computes the auto and cross
power spectral densities between main signal and reference
signal as:

Yo (f,1) = 3)

PYmYn(f7 l) = (]- - Q)PYmYn(fa I— ]-) + aYM(fv l)YrT(fv l)
&)

Pynyn(f, l) = (1 — O[)Pynyn(f,l — 1) + OéYn(f, Z)Y;(f, l)

(6)
with a smoothing parameter « in range of 0 to 1.
Hence, the coefficients of Wiener filter is defined as:
Py yn (f 5 l)
H )= ———= 7
asc(f,1) Pyoyn(f.1) @)

The beamformer output signal is derived by:

Y(.fv l) = va(f’ l) - }/n(fa l) * HGSC(fa l) (8)

In real-life situations, due to numerous reasons, the GSC
beamformer’s output signal often corrupted. The remaining
noise and speech distortion often occur and degrade the speech
intelligibility of the output signal. In the next section, the
author proposed an appropriate gain function to obtain the
desired target speaker.

III. THE AUTHOR’S PROPOSED METHOD

The author’s idea is exploiting the spatial information to
form an efficient gain function to gain the GSC beamformer’s
output signal as approximately desired target speaker.

In [9], the prior information about the direction of ar-
rival of interest talker allows deriving the spectral masking
GPSB(f) = 0.5 4 0.5 * exp(jo7s7™(f)) and GPM(f) =
1 — exp(joisi™(f)), where @ygim(f) = 202, ¢y s the
phase difference between X1 (f,1), Xo(f,1).

Based on the observed phase difference and the
GPSB(f),GBM(f), the author proposed computing a priori
SNR;(f,1) as:

_GPPR())

SNRy(f,1) = W

€))

And an efficient gain function GFi(f,[), which based on a
priori SNRy(f,1) as:

SNRl(f7l)
G (f,]) = ——F—— 10
In addition, the definition of coherence between
X1(f,1), X2(f,1) can be computed as [10]:
SNRy(f,1) o
r )= J4%s T
(11)

where I'y(f) = 1 in the coherent noise field, and I'nx(f) =
i) in diffuse noise field, w = 27 .
— PX1 X9 (£.0)
T (£,0) - VPx1x1 FD*Pxyxy (1))
Px.x,(f,1), Px,x,(f,1), i,j € {1,2} recursively determined
according considered frame I:

PXin (fvl) = (1 - 5)PXLXJ (f?l - 1) + ﬂXZ(U, U)Xj*(fa l)

12)
where (3 is the smoothing parameter in range {0...1}. If we
deno.te GFy(f,1) = ;V%m, the equation (11) can be
rewritten as the following way:

FX1X2 (fv Z) = GFZ(fa l)ej2q)s + (1 - GFQ(f? l))FN(f) (13)
And:

r H-Tr
GFy(f,1) = X;ﬁqgf’_)rzv<}v>(f)

(14)

In complex and adverse environment, due to the presence of
coherent, incoherent noise, diffuse noise and non-directional
noise, the author proposed using the formulation of I'y (f) =

”’"(ng [11] with 2 is uncorrelated noise variance and
w'rg(1+Wn(f))
P, (f) means noise power spectral of considered recording
scenario.

Based on the priori spatial information, the author suggested
a hybrid combination between GF;(f,l) and GF5(f,1) with
an speech presence probability spp(f,{) [12] as the following

equation:

15)
And the final GSC beamformer’s output signal can be
obtained as:

Yor(f,1) = GF(f,1) x Y(f.1) (16)

In the next section, the author will demonstrate the im-
provement of the author’s proposed approach in reducing the
speech distortion and increasing the speech quality, speech
intelligibility.
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IV. EXPERIMENTS

The purpose of this section is to demonstrate the effec-
tiveness of the author’s method (hybridGF) in comparison
the speech quality of observed microphone array signals, the
processed signals by traditional GSC beamformer (tdtGSC)
and hybridGF in realistic recording scenarios. The simulated
experiment was conducted in the living room (5x4x3.5 m) with
target stand speakers at distance L = 2(m) and non-directional
noise, third-part talker, interference.

Mic, 1

Mic.2

Noise
Fig. 5. The simulated experiment in living room.

The author used a dual-microphone system with the range
between two mounted microphones is d = 5(cm), the di-
rection of arrival of interest signal is 6, = 90(deg). These
parameters nF'F'T = 512, frequency sampling F's = 16kH z,
overlap 50% were set for capturing the clean speech data. An
objective measurement [13] was applied for computing the
signal-to-noise ratio (SNR). The waveform and spectrum of
observed MA signals is given by Fig. 6.
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Fig. 6. The waveform (a) and spectrogram (b) of microphone array signals

By applying the tdtGSC, the processed signals is given by
Fig. 7.
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Fig. 7. The waveform (a) and spectrogram (b) of processed signal by tdtGSC

Because of the complex and adverse environment, the error
of preferred steering vector, the moving head of talker, the
different microphone sensitivities, GSC beamformer’s evalua-
tion often corrupted. The speech distortion usually occurs and
makes speech quality unsatisfactory perceptual metric.

By using hybridGF, the obtained signal is shown in Fig. 8.

Using the proper gain function, the speech enhancement of
GSC beamformer is increased. The SNR of tdtGF is increased
from 7.3 to 10.3 dB, the speech distortion was reduced to 4.8
dB. The promising result was depicted in Fig and Table 1.

TABLE I
THE SIGNAL-TO-NOISE RATIO (DB)
Method Estimation | Microphone array | tdtGSC | hybridGF
signal
NIST STNR 7.5 15.2 22.5
WADA SNR 1.9 9.8 20.1

In a realistic recording environment, the error of estima-
tion of steering vector, the inaccurate MA configuration, the
moving talker, the undetermined reasons, the complex and an-
noying acoustic factors, the difference of microphone quality,
the microphone mismatches, the overall GSC beamformer’s
evaluation often seriously affected. GSC beamformer is very
sensitive with the incoherent noise, the imprecise environmen-
tal acoustic factor. In this experiment, tdtGSC has shown the
ability of removing background noise and preserving the clean
speech data. But the speech distortion still existed. Therefore,
the necessary requirement is an effective gain function, which
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Fig. 8. The waveform (a) and spectrogram (b) of processed signal by
hybridGF
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Fig. 9. The energy between the received array signal and processed signals
by tdtGSC and hybridGF.

allows achieving the amplitude of the beamformer’s output
signal approximately the original MA signals.

The author’s idea is combining the gain function, which
is derived from the prior spatial information, to gain the
amplitude of the output signal. The advantage of this direction
is exploiting the observed data and has low computation,
which is suitable for almost portable acoustic equipment.

V. CONCLUSION

In this contribution, the author proposed an efficient hy-
brid gain function for overcoming the drawback of speech
distortion in GSC beamformer’s performance. The appealing
properties of the author’s approach is exploiting the prior spa-
tial information to obtain an appropriate combination between
multi-channel - based gain function approaches. The numerical
simulation in a realistic recording scenario has shown the
improvement of reducing the speech distortion to 4.8 dB and
increasing the speech quality in the term of signal-to-noise
ratio from 7.3 to 10.3 dB. The advantage of the mentioned

method is not only recovering the clean speech data, but
also is removing the musical noise in comparison between
traditional GSC beamformer and suggested technique in ad-
verse situations. This hybrid combination is suitable for almost
acoustic speech applications, because of its convenience of
incorporating gain functions, which are based on single -
multi channel direction. The author’s method can be installed
into numerous equipment for dealing with other complicated
problems, such as speech recognition, speech acquisition.
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