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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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Tiêu đề: Một phương pháp Post-Filtering khi áp dụng lưới microphone vi sai
Tóm tắt: Công nghệ lưới microphone là một trong những kỹ thuật tối ưu để nâng cao chất lượng thoại, bởi tính đơn giản, mức

độ phép tính thấp. Lưới microphone thường được hiểu là phép lọc không gian, trong đó cung cấp giản đồ đáp ứng xung
hướng về một nguồn thoại cụ thể, trên hướng xác định trong khi gây suy hao nhiễu, người nói bên ngoài từ các hướng
khác, và kỹ thuật Post- Filtering, cho phép triệt tiêu thành phần nhiễu còn lại tại tín hiệu đầu ra. Lưới microphone vi
sai cũng là một dạng cơ bản, có một số ưu điểm về tách lọc tín hiệu thoại gốc và triệt giảm nhiễu xung quanh. Tuy
nhiên, trong những tình huống thực tế, kết quả của lưới microphoe vi sai thường bị suy giảm, cho sai số về pha, sự
không chính xác về góc tới tín hiệu thoại gốc, mất dữ liệu khi thu ghi hoặc lưới microphone phân bố không đều, điều
này có ảnh hưởng rất lớn đến hiệu quả, và chất lượng tín hiệu thoại cuối cùng. Trong bài nghiên cứu này, nhóm tác giả
đề xuất một Post-Filtering mới, dựa trên đặc tính hướng góc tới môi trường thu ghi để nâng cao chất lượng thoại mục
tiêu trong khi triệt giảm thành phần thoại của người nói hướng đối diện. Kết quả thực nghiệm đã được chứng minh
trong môi trường thu ghi thực tế trao đổi thoại giữa hai người nói đối diện nhau, và chỉ rõ hiệu quả của Post-Filtering
đề xuất khi so sánh với nghiên cứu trước đây của tác giả.

Từ khóa: lưới microphone, giảm nhiễu, post-filtering, hướng góc tín hiệu tới, nâng cao chất lượng thoại.

I. INTRODUCTION

Almost single-channel algorithms are based on the spec-
tral subtraction method, which often leads to speech distor-
tion and decreasing the speech intelligibility and quality of
the output signal. Therefore, MA [1-8] is one of the most
effective techniques for solving this coherent drawback.

Acoustic digital processing devices such as a mobile tele-
phone, cochlear implant, hearing aid, audio device is widely
equipped with an MA to capture the acoustic environment,
target directional speaker, transport vehicle, interference,
and surrounding noise. A mixture of speech plus some com-
plex noisy signals, reverberation, background interference,
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

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
II, 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

DMA2 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.

Figure 2. The using of MA to extract the desired target directional speaker.

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 𝑋1 ( 𝑓 , 𝑘), 𝑋2 ( 𝑓 , 𝑘)
are represented in STFT domain as:

𝑋1 ( 𝑓 , 𝑘) =𝑆( 𝑓 , 𝑘)𝑒 𝑗Φ𝑠 (1)

𝑋2 ( 𝑓 , 𝑘) =𝑆( 𝑓 , 𝑘)𝑒− 𝑗Φ𝑠 (2)

Where 𝜃 is the direction-of-arrival of useful signal,
𝑆( 𝑓 , 𝑘) is the target desired speech source, Φ𝑠 = 𝜋 𝑓 𝜏0𝑐𝑜𝑠𝜃,
𝜏0 = 𝑑/𝑐, 𝑑 is the inter-distance between two microphones,
𝑐 = 343(𝑚/𝑠) is the speech of sound propagation; 𝑓 , 𝑘 is
the index of frequency and frame, respectively.

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

𝑌1𝐷𝐼𝐹 ( 𝑓 , 𝑘) =
𝑋1 ( 𝑓 , 𝑘) − 𝑋2 ( 𝑓 , 𝑘)𝑒− 𝑗𝜔𝜏

2
(3)

= 𝑗𝑆( 𝑓 , 𝑘)𝑠𝑖𝑛(𝜔𝜏0
2

(𝑐𝑜𝑠𝜃 + 𝜏

𝜏0
)) (4)

𝑌2𝐷𝐼𝐹 ( 𝑓 , 𝑘) =
𝑋2 ( 𝑓 , 𝑘) − 𝑋1 ( 𝑓 , 𝑘)𝑒− 𝑗𝜔𝜏

2
(5)

= − 𝑗𝑆( 𝑓 , 𝑘)𝑠𝑖𝑛(𝜔𝜏0
2

(𝑐𝑜𝑠𝜃 − 𝜏

𝜏0
)) (6)

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

𝐵1 ( 𝑓 , 𝜃) =|
𝑌1 ( 𝑓 , 𝑘)
𝑆( 𝑓 , 𝑘) | = |𝑠𝑖𝑛(𝜔𝜏0

2
(𝑐𝑜𝑠𝜃 + 𝜏

𝜏0
)) | (7)

𝐵2 ( 𝑓 , 𝜃) =|
𝑌2 ( 𝑓 , 𝑘)
𝑆( 𝑓 , 𝑘) | = |𝑠𝑖𝑛(𝜔𝜏0

2
(𝑐𝑜𝑠𝜃 − 𝜏

𝜏0
)) | (8)

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

𝐻𝑒𝑞 ( 𝑓 ) =



6 0 Hz < f ≤ 200 (Hz)
1

sin( 𝜋
2

𝑓

𝐹𝑐
)

200 Hz < f ≤ Fc

1 Fc < f ≤ 2*Fc

0 2*Fc < f

(9)

where 𝐹𝑐 = 1
4∗𝜏0

.
A constrained constant threshold 12 (dB) was set for

𝐻𝑒𝑞 ( 𝑓 ) to avoid gaining the amplitude of original signal.
The obtained final output signals as:

𝑌1 ( 𝑓 , 𝑘) =𝑌1𝐷𝐼𝐹 ( 𝑓 , 𝑘) ∗ 𝐻𝑒𝑞 ( 𝑓 ) (10)

𝑌2 ( 𝑓 , 𝑘) =𝑌2𝐷𝐼𝐹 ( 𝑓 , 𝑘) ∗ 𝐻𝑒𝑞 ( 𝑓 ) (11)

III. THE PROPOSED POST-FILTERING

We can easily determine two additive post-filtering,
which use the information about directions. With two pre-
ferred directions 𝜃1 = 0(𝑑𝑒𝑔), 𝜃2 = 180(𝑑𝑒𝑔), the authors
proposed exploiting the different phase 𝜃𝑘 ( 𝑓 ) between two
microphone array signals. 𝜃𝑘 ( 𝑓 ) can be calculated as the
following way in the frequency domain:

𝜃𝑘1 ( 𝑓 ) = arg(𝑋1 ( 𝑓 , 𝑘)) − arg(𝑋2 ( 𝑓 , 𝑘)) − 2𝜋 𝑓 𝜏0𝑐𝑜𝑠𝜃1
(12)

𝜃𝑘2 ( 𝑓 ) = arg(𝑋1 ( 𝑓 , 𝑘)) − arg(𝑋2 ( 𝑓 , 𝑘)) − 2𝜋 𝑓 𝜏0𝑐𝑜𝑠𝜃2
(13)

𝜃𝑘1 ( 𝑓 ), 𝜃𝑘2 ( 𝑓 ) is always in range [−𝜋..𝜋]. In the frames,
which contain the speech component, 𝜃𝑘1 ( 𝑓 ), 𝜃𝑘2 ( 𝑓 ) tends
to 0 and in the noisy frame, 𝜃𝑘1 ( 𝑓 ), 𝜃𝑘2 ( 𝑓 ) tends to −𝜋 or
𝜋.

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

𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔1 ( 𝑓 ) = cos
𝜃𝑘1 ( 𝑓 )

2
(14)

𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔2 ( 𝑓 ) = cos
𝜃𝑘2 ( 𝑓 )

2
(15)

At the frames, in which the desired target speaker ex-
its, 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔1 ( 𝑓 ), 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔2 ( 𝑓 ) equal approx-
imately 1 and will save the speech component. Thus in, at
the other frames, 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔1 ( 𝑓 ), 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔2 ( 𝑓 )
close to 0 and remove the different speech component of
third-party speaker.

And the final enhanced output signals can be yielded by:

𝑌1𝑝𝑟𝑜 ( 𝑓 , 𝑘) =𝑌1 ( 𝑓 , 𝑘) ∗ 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔1 ( 𝑓 ) (16)

𝑌2𝑝𝑟𝑜 ( 𝑓 , 𝑘) =𝑌2 ( 𝑓 , 𝑘) ∗ 𝐻𝑃𝑜𝑠𝑡−𝐹𝑖𝑙𝑡𝑒𝑟𝑖𝑛𝑔2 ( 𝑓 ) (17)

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 𝐹𝑠 = 16𝑘𝐻𝑧, overlap 50%,
smoothing parameter 𝛼 = 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,
𝜃𝑠 = 0(𝑑𝑒𝑔); while at the opposite direction 𝜃𝑣 = 180(𝑑𝑒𝑔),
a noise source corrupted the speech quality. The purpose
of experiment is illustrating the capability of suppressing
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Figure 4. The desired beampattern with DMA2, 𝑑 = 5(𝑐𝑚), 𝑓 = 1500(𝐻𝑧).

Figure 5. The model of DMA2 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

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.

DMA2 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 𝜃1 = 0(𝑑𝑒𝑔) while suppressing the
other speaker at 𝜃2 = 180(𝑑𝑒𝑔). In comparison with the
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Figure 6. The acoustic recording environment in presence of two speakers.

Figure 7. The waveform of microphone array signal.

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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