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Abstract: Microphone array (MA) is a perspective technique for speech enhancement, because of its simplicity and low
computation. MA can be decomposed into a concatenation of a spatial filtering, which provides beampattern toward a
certain target directional speech source while attenuating noise, interference or third-party speaker from other directions,
and a post-filtering, which suppresses the remaining noise at the final output signal. Differential Microphone Array (DIF)
is one basic MA, which has many advantages for extracting the desired speech and null-steering to direction of noise.
Nevertheless, in real situation, the performance of DIF often deteriorated due to phase error, imprecise the Direction-Of-
Arrival (DOA) of interest signal, microphone mismatches or imperfect distribution of MA, which significantly degrade the
performance and the speech quality of DIF. In this article, the author proposed a Post-Filtering (PF), which based on the
properties of considered recording environment DOA to enhance the speech quality of target speaker and reduce the other
non-target speaker at the opposite direction. Experimental results were verified in real scenario with dialogue between two
speakers, which stand opposite direction, and show the effectiveness of the suggested PF when compared with the author’s
previous work.
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Tiéu dé: Mot phwong phap Post-Filtering khi dp dung ludi microphone vi sai

Tém tat: Cong nghé 1udi microphone 1a mot trong nhiing k¥ thuat t6i vu d€ nang cao chét lugng thoai, bdi tinh don gian, muc
do6 phép tinh thip. Lusi mlcrophone thudng dugdc hiéu 1a phép loc khong gian, trong d6 cung cap gian do dap ung xung
huéng vé mot ngudn thoai cu thé, trén huéng xac dinh trong khi gy suy hao nhiéu, ngudi néi bén ngoai tif cac hudng
khac, va ky thuét Post- Flltermg, cho phép triét tiéu thanh phan nhiéu con lai tai tin hiéu dau ra. Luéi microphone vi
sai ciing 1a mdt dang cd ban, c6 mot s6 uu diém vé tach loc tin hiéu thoai gbc va triét glam nhiéu xung quanh. Tuy
nhién, trong nhu’ng tinh hubng thuc té, két ~qud cua ludi microphoe vi sai thudng bi suy gidm, cho sai s ve pha, sy
khoéng chinh xac vé géc t6i tin hiéu thoai gbc, mét dit liéu khi thu ghi hoic Iudi microphone phan bb khong déu, diéu
ndy c6 dnh hudng rit 16n dén hiéu qua, va chét lugng tin hiéu thoai cudi ciing. Trong bai nghién ciiu nay, nhém tic gia
dé xuit mot Post-Filtering méi, dua trén dic tinh huéng géc t6i méi trudng thu ghi d€ nang cao chit lugng thoai muc
tiéu trong khi triét giam thanh phin thoai clia ngudi néi huéng dbi dién. Két qua thuc nghiém da dugc ching minh
trong mdi trudng thu ghi thuc té trao ddi thoai gitta hai ngudi néi dbi dién nhau, va chi 6 hiéu qua ctia Post-Filtering
dé xuét khi so sdnh véi nghién ciu trudc day ciia tic gid.

T khéa:  [udi microphone, gidm nhiéu, post-filtering, hudng goc tin hiéu t6i, ndng cao chdt lugng thogi.

I. INTRODUCTION Acoustic digital processing devices such as a mobile tele-
phone, cochlear implant, hearing aid, audio device is widely

Almost single-channel algorithms are based on the spec- equipped with an MA to capture the acoustic environment,
tral subtraction method, which often leads to speech distor- target directional speaker, transport vehicle, interference,

tion and decreasing the speech intelligibility and quality of  and surrounding noise. A mixture of speech plus some com-
the output signal. Therefore, MA [1-8] is one of the most  plex noisy signals, reverberation, background interference,
effective techniques for solving this coherent drawback. third-party speaker, imperfect propagation of sound source
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or microphone mismatch are often occurred with signal
processing. Therefore, the task of alleviating background
noise and extracting the target speech speaker, known as
a critical importance speech enhancement, has been an
attractive subject of extensive direction of improvement.
Intelligibility and quality of the final output signal is a
major factor when estimating a speech system in presence
of such environmental noise.

Due to the exploiting the spatial filtering, the knowledge
of target speech source, non-target noise, the characteristic
of recording situation, MA technology are successfully in-
tegrated into various speech enhancement scenarios. How-
ever, because of the constraint of physical size or the dis-
tance between microphones or geometry of MA, an accep-
tance degree of extracting the only desired speaker without
speech distortion cannot be yielded although there are lot
of sufficient spatial beamforming between the observed real
microphone arrays data. Consequently, a post-filtering is
enough to reduce the remaining noise after a beamformer
and increase the speech quality and intelligibility.

DIF is one of the basic elements of MA, which al-
lows blocking a point of noise source by forming a null-
beampattern in the direction of noise. In the previous
author’s paper [26], and equalizer is applied to enhance
the DIF’s performance in situation of two opposite speaker.
However, in many speech applications, the necessary re-
quirement is yielding the only target speaker without noise,
interference, or the other different speaker. So, in this
article, the author proposed a post-filtering, which is based
on the different phase to improve speech enhancement by
suppressing the remaining speech component of non-target
speakers.

In many decades, a numerous works focused on the de-
signing of compact and small-size DMA [4-8], due to their
low computational cost, approximately perfect invariant-
frequency beampattern and good directivity index. Spatial
diversity of DMAs can be calculated and optimized in any
arbitrary order of beampattern, especially first-order are
preferred widely commonly utilized in realistic practical
applications. In real-life environment, DMAs are affected
by many types of noise: white noise, diffuse noise, co-
herent and incoherent noise, and has many characteristics:
phase mismatches, high sensitivity to misplacements, or
error of omnidirectional microphones, amplification in low
frequency.

The interesting term in signal processing technology is
achievement of directional beampattern for compact and
small-size MA, which has been an importance require
due to the proliferation of embedded system for mobile
phone, acoustic surveillance, infotainment. The small-size
arrays, as the distance between microphones must be small
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enough to satisfy the assumption that the directional beam-
pattern can be steered toward target speech. The smaller
distance, the wider the spectrum ranges in obtaining beam-
pattern with perfect nearly invariant-frequency characteris-
tic. Moreover, the polar pattern of DMA can be adjusted
by varying the value of delay time in microphone array
signals. For example, Uniform Linear Arrays (ULAs) and
Non-Uniform Linear Arrays (NULAs) allow receiving the
symmetric beam with respect to the axis of MA.

The development of strategies for designing steerable
beampattern with high order to any arbitrary direction
has been attractive to scholars. In this approach, Elko
[9-12] proposed a method, which is based on a linear
combination of eigen-beam shaped of different order DMA,
one direction focused on target talker and other directions
toward noise source. Otherwise, many scholars developed
designs to receive high robustness, noise reduction, directiv-
ity index and flexibility of steering pattern in any arbitrary
configuration of MA or distribution of microphones [13-
20]. These works have been evaluated and verified the
effective performance in extracting target directional speech
while suppressing all background noise and increased the
robustness of DMA’s working.

An essential important issue is the steering flexibility
in practical applications with any arbitrary type of MA:
linear, circular, planar MA. Numerous efforts have been
proposed to enhance the steering flexibility of DMAs [21-
25]. With great development has been obtained in the
design of DMAs with good steerable pattern, the capability
of DMA becomes more importance in microphone arrays
signal processing.

Dual-microphone system (DMA2) is the most popular
model MA is commonly installed in almost acoustic device,
because of it’s compact, it’s convenient to easy implement
almost MA processing algorithm. In experiment, DMA2
is used for recording two speakers and illustrating the
proposed post-filtering in comparison with the previous
author’s work.

This contribution is organized as follows. In the section
I, an analysis of principle working of DIF is described, and
the model of equalizer, which is used in [26] is presented.
The suggested post-filtering is described in Section III.
Section IV and V is experiment and Conclusion.

II. DIFFERENTIAL MICROPHONE ARRAY

DMAZ? helps achieving good steering flexibility, high
noise reduction, high directivity index, a suitable directional
pattern, which towards to target speech source. Due to
its small size, low computational cost and easy to imple-
ment, DMA is the most appropriate structure for extracting
desired speech source and eliminating background noise.
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Figure 1. The most difficult task in speech enhancement is speech separation.
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Figure 2. The using of MA to extract the desired target directional speaker.
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Figure 3. The scheme of MA to process microphone array signals.
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We consider the principle DMA2’s working in the STFT
domain.

Two noisy microphone arrays signals X (f, k), Xz2(f, k)
are represented in STFT domain as:

Xi(f, k) =S(f, k)el®s
Xo(f, k) =S(f, ke I®s

ey
@

Where 6 is the direction-of-arrival of useful signal,
S(f, k) is the target desired speech source, @ = 7 f1ycosb,
70 = d/c, d is the inter-distance between two microphones,
¢ = 343(m/s) is the speech of sound propagation; f,k is
the index of frequency and frame, respectively.

With 7: an appropriate delay time was added, the high
flexible steerable directivity pattern of DMA2 obtained by
the described equations:

Yipir(f, k) G, _Xzz(f’k)eijan 3)

=jS(f, k)sin(@(c0s9+ l)) @)
2 T0

Ko/ = XS, el )

JS(f, k)sin(%(cos& - l)) (6)
T0

Yopir(f. k) =

The signal subtraction operation allows deriving equation
of directional beampattern. These patterns can be expressed
as:

7k .

B 0) g = lsin(“S coso + ) (1)
7k .

Ba(120) g = bsin( S cost = S| )

In the previous work, a suggested Equalizer was used for
deriving the original speech component of talker. And the
Equalizer can be expressed as:

6 0 Hz < f < 200 (Hz)
—1 200 Hz < f < Fc
Heq(f) = {03 7e) 9
Fc < f < 2*Fc
0 2%Fc < f
where Fc = 4*170.

A constrained constant threshold 12 (dB) was set for
H.q(f) to avoid gaining the amplitude of original signal.

The obtained final output signals as:

Yi(f, k) =Yiprr(f, k) * Heq (f)
Yo(f, k) =Yopir (f, k) * Heq (f)

(10)
Y
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III. THE PROPOSED POST-FILTERING

We can easily determine two additive post-filtering,
which use the information about directions. With two pre-
ferred directions 6; = 0(deg), 0, = 180(deg), the authors
proposed exploiting the different phase 6 (f) between two
microphone array signals. 6;(f) can be calculated as the
following way in the frequency domain:

Or1(f) =arg(X1(f, k)) —arg(X2(f, k)) — 2 frocos6,
(12)

Or2(f) =arg(X1(f, k) —arg(Xa(f, k)) — 2 frocosb
(13)

0r1(f), Ox2(f) is always in range [—x..7]. In the frames,
which contain the speech component, 8y (f), Ox2(f) tends
to 0 and in the noisy frame, 0y (f), Ox2(f) tends to —m or
.

An effective Post-Filtering, which uses 0 (f) as:

(14)

Ok1
HPost—Filteringl (f) = COos #

5)

Ok2(f)
HPost—Filtering2(f) = COs %f

At the frames, in which the desired target speaker ex-

itS, HPost—Filteringl (f)v HPnst—FilteringZ(f) equal approx-
imately 1 and will save the speech component. Thus in, at

the other frame& HP()S[—Filteringl (f)a HPost—FilteringZ(f)
close to 0 and remove the different speech component of
third-party speaker.

And the final enhanced output signals can be yielded by:

Ylpro (f, k) =Y (fa k) * HPosthilteringl (f)
Y2pro(fa k) :Y2(fa k) * HPust—FilteringZ(f)

(16)
a7

IV. EXPERIMENTS

In this section, the authors illustrated an perspective
experiment with two speakers and a dual-microphone sys-
tem. The speaker stand at distance L = 2(m), the inter-
microphone distance d = 5(cm), two speakers talk with
each other at opposite direction. For further signal pro-
cessing, the sampling rate is F's = 16kHz, overlap 50%,
smoothing parameter ¢ = 0,1, a Hamming window were
used for transforming received arrays signals into STFT
domain. The scheme of experiment is described in Figure
6. In this experiment, DMA2 recorded speech component
from target directional speaker along the axis of DMA2,
05 = 0(deg); while at the opposite direction 6,, = 180(deg),
a noise source corrupted the speech quality. The purpose
of experiment is illustrating the capability of suppressing



v LA 1 e

[T
i

e fE g e

Tip 2023, S6 1, Thing 6

et Fall

-

] "

Figure 4. The desired beampattern with DMA2, d = 5(cm), f = 1500(Hz).

“Speakerl
Y!J]J’FU-H OUTIIIIISI'gDﬂl
K(fik) - L(f.k) Speaker 2
Mic.1 — —»@-.—. Heq N L
Post-
113 fltering
Qutput signal
(fk) Speaker |
Mic.2 He > —
1(fk)

0

“ Speaker 2

Fulf k)

Figure 5. The model of DMA?2 for extracting useful speech source.

the remaining second speaker’s speech component of sec-
ond speaker while saving first speaker’s target speech in
comparison with the previous author’s work.

The original microphone array signal is presented in
Figure 7.

The processed signal by the proposed method and the
previous author’s work [26] are depicted in Figure 8. The
first speaker’s speech component is saved, while the second
speaker’s component still exist with a substantial amount of
speech component.

From figure 9, the effectiveness of the suggested post-
filtering was verified and confirmed. The obtained signifi-
cant benefit is that the remaining of speech component of
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second talker was suppressed in comparison with the previ-
ous work [26]. The degree of second speaker suppression
is 10,5 (dB). This direction research can be studied and
applied into other speech systems.

DMAZ2 is the one of the most basic MA configuration,
which installed in almost acoustic equipments. Therefore,
the author implemented the experiment with two opposite
speaker to verify the advantage of Post-Filtering. The
different phase between two noisy microphone array signals
help extracting the desired talker with the DOA respectively.
The proposed Post-Filtering has proven its effectiveness by
saving the speaker at 6; = O(deg) while suppressing the
other speaker at 6, = 180(deg). In comparison with the
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Figure 6. The acoustic recording environment in presence of two speakers.
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Figure 7. The waveform of microphone array signal.
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Figure 8. The processed signal by [26].
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Figure 9. The obtained signal by the proposed Post-Filtering.

previous author’s research, the correspondence’s achieve-
ment is increasing the DIF’s performance to the target
speaker and removing the third-party talker in the opposite
direction.

V. CONCLUSION

A major problem for acoustic processing applications,
such as hearing aids, teleconferencing, mobile devices,
speech recognition is separating desired speech with good
fidelity. In general, it is well-known that microphone arrays
and beamforming technique for acquisition of desired tar-
get speech has significant advantages compared to single-
channel approach. This paper presents a proposed post-
filtering, which is suitable for extracting distant speakers
while eliminating other different non-target speech. This
paper describes the main stage of using DIF and the
proposed post-filtering to enhance performance compared
to the previous author’s work, the obtained degree of
suppressing second talker’s speech component is to 10.5
(dB). Experimental results showed that the suggested post-
filtering can be integrated into multi-microphone system for
solving numerous complicated speech enhancement tasks.
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