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Abstract. Microphone arraysas a part D multisensor systemsalled
unattendedground sensor systems, amidely used in militaryenvironment
They are used for detection, classification, identificatibsignalsand also aa

part of thelocalization systens. Beamforming, or spatial filterings aone of

the essential methods fdiscriminationamong different signalsoming from
different directionsand increasing of the signal to noise ratilowever, sources

of acoustic signals have a differemtactacterand parametershich designate
beamforming method for creating a microphone array.The usage of
microphone arrays as a part of theattendedground sensor system have
restrictions in terrm of the sizeof the microphone arraythe type of
microphones, number of channels used for signal processing, and also
requirements foarraysignal processing. In the article we focused on analysis
and simulations of sma#iperturemicrophone arrayased on uniform linear
arraysuitable for detection systema conclusion, the outcomes of simulations
are evaluated and aléarther research in the field of tlsensomrrays and array
signalprocessing is outlined.

Keywords: uniform linear array microphonearray, array responsesensor
system

1 Introduction

Array signal processingmethodshave been applied in many applicasosuch as
detection identification, localizatiorof evens andenhancemeruf the signal to noise
ratio of detected signal Sensor systemsas a part of the unattendgtbund sensor
(UGS)systemd1], can be created at ledst microphone$2], seismid3], imageand
magnetic sensors arranged into sensor arrégrget detection, classification and
localization are the most important tasks fulfilled by UGS systdvlisrophone
arraysare abé to provide a spatial and temporal sampling of the viigle and have
an ability to resolve multiple point sourcesich as th@vents in monitored ard4].
They can be alsaused in speech recognition systems to allow didtdking
interaction, acoustiecho cancellation and reduction, microphanmay hearing aids,
joint audiovideo signal processing for object localization and trackiigFrom the
military and security applications point of view, events can be generated by persons



[5], wheeled andracked vehicles and also low flying helicopters or aircri}sIn
contrast of the seismic and image sensor systems, the acoustic sensor systems based
on MEMS microphones and arrays provideavenientway for design of UGS
systems [2]. Several beamformg techniques can be applied in order to form
microphone arraj4, 7]. The main parametgrwhich define the method how to form
microphonearray are the bandwidthof acoustic signaand its charactercharacter of
acoustic environment and interferencensig presented in area where #epustic
sensor system is deployetihe acoustic environment, suels wind noise, indstry

noise and another sources of acoustic sigaalinfluence the overall performance of

the acoustic detection and classification egstSensor systems which comprise a
variety of sensors and sensor arrays also require the extensive computation power for
array signal processinf8] and routingof the signad within the wireless sensor
network PJ.

The presented paper is devoted to s$ation of smallaperture microphone array
where number of microphonesd size of microphone arraye main concern We
conclude this article with the evaluation of simulatresultsandfurther research in
the field of the sensor arrays is outlined.

2  Problem description and signal model of microphone array

In themost of the beamforming applications two assumption simplify the analysis:
1. signals are narrowband,
2. signal sources are located $wnich distancethat far-field assumption is
valid for particularsituatiors.

In spite of the fact that the ffield assumption is valid for most skcurityand
military applications dealing with microphone beamforming problem, the narrowband
assumption is never valid4]. Fig. 1 shows frequency and timefrequency
representation of acoustic signal generated by moving vehigléich represents
broadband acoustic signaWain frequency band of the acoustic signahn be
identified in frequency span between-80 Hz [10]. Detection ofevents, for
instance acoustic sighaes of vehicle movement is the specific problebecause
vehicles usually move ircertaincorridors and directios. In many cases, it is natain
priority to determinedirection of arrival of acousticsignals but it is required to
enhance signal to nasratio of incoming signafrom specific sectorln order to
accomplishthesetasks, microphonarrays can be used. In theatterof the acoustic
array, the microphones can be arranged in several pafteriifs The type of array
pattern depends on thend-user application, parameteref signak, hardware
configuration and also signal processing algorithms used for beamforming and
subsequent signalrayprocessing.

There are three major research areas for array signal procgking
1. Detecting the presee of an impinging signal and determine the signal
numbers.
2. Finding the direction of arrival angles of the impinging signals.
3. Enhancing the signal of interest coming form known/unknown direction
and suppress the interfering signals.
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Fig. 1. Frequencyandtime-frequency representation of acoustic signal generated by
moving vehiclg/10]
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The last research area is the task for beamforming which can be divided into
narrowband and widebdrbeamforming method#n general, the beamforming is the
process when the sendoeampatterris focusedto desired direction sthe signals
from this direction overlap constructivelAs a basisfor simulations the Uniform
Linear Array (ULA) of microphoas was selecteth spite of the fact that the ULA is
not appropriate choicéor applications where the signals have a wideband character,
since the directivity of ULA is strongly frequency dependent, primary congkrn
simulations wago determine the liftations of smaHlaperture ULAregarding to its
usefor detectionpurposesThe basicconfigurationof ULA of microphoness shown
in Fig. 2

Fig. 2. Signal model of the beamforming proc¢smilar in 4]

The signalmodel showrin Fig. 2 assumesthat the one sample of the discrete input
sequence(t) at eachmicrophoneconsiss of a delayedl) and attenuateh;) version
of the desired signalt can be describeldy the equatiofd],

x(t)=ast- ¢,)+v (t),i =0..N-1 (1)



whereN denotes the number of the microphones in microphone andy; denote
noise component with arbitrary spat&atistics Signal model can be also expressed
as follows
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When the value of attenuatiqia) and the noise componef¥;,) are omitted, the
output signal of each microphone is equal to component of the ssigrea s(t-0)
capturel by single microphonedVl. Subsequently, Ib captured wavescan be
summarizedandthis process is expressed fmflowing equation

t.

Nt o e . 3
y(t)=a x(Ew =& slt- £, .
i=0
Delay of signal for single signal componéngiven by
_d cosg 4)

c

where ¢ denotes thespeed of the soundy is angle ofarrival of acoustic signal
Weight vectorfor microphone array holds trmmplex conjugate coefficients of the
sensors, given bji1],

w=[w w w, 2 w],i=0.N-1 ®)

For simulatios of the smallapertureULA, following assumptionsvere considered
The output signal is given by equation @)d for datandependent operations the
weightsare chosen as scalar given by

1 (6)

W, =—.

N
The corresponding directivitpattern for linear equally spaced arraf identical
microphoness given by[12],

j(i- 2 cogy-
D(f,q)=4 w(re e ™",

i=1

()

whereY is the initial phase difference of sigrsaht two adjacent microphones.
Following equatiorexpresses a sodrtapture model of a microphone
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j(i- 1)%id cogy-Y (8)

D(f.q)=e

From equation9) implies that the directivity pattern depends upon

1. Number of array elements.

2. The interelement spacind.

3. The frequency .
Sensor arraysre faing the problem of spatial aliasing when for single sensor pair,
resulting delay is identical for two or more directions for given frequency. For this
reason the distance between two microphonéisexfensor pair is given by,

. 9
d:a/ﬂ. ©
2

_ Whereaw, is the minimal wave length of thecoustic signafrequency range and
uo1l.
Following assumptions were givdor simulations
1. Steering direction of ULA is equal 0
2. ULA consist of 2, 3 and 4 microphones placed symmetrically arqund
axis and with sta@éng direction aligned with thr axis (Fig. 3).
3. Theinter-element spacingf the ULA is given by (10).

3  Results of simulations

An important quantity describing tHéLA performance of the microphone array and
beamformer is the beampattern which quartifithe spatial selectivity of a
beamformer with the respect to the plamave impinging from directior. Properties

of ULA can also beevaluated baskon their array responsdhe array response is
sumof thesteering directiombsolutevalues of for eacfrequency component and the
direction.

The properties of the microphone arrays weraluate for frequency range from
20 to 1200 Hzwith frequency stepf 20 Hz and angles180 O q O +180 (for
directivity pattern) and90 Oq O 96 (for array respose) with stepof 3~. The
maximum frequency of the signal used for simulations was chaseordingto the
frequency banaf acoustic signatomponentgienerated by the movinghicle Fig.
1)[1Q].

The Fig. 4, 5 and 6illustrate the directivity pattern ad array responsef the
simulated ULA The microphones of the simulated ULA are equally spacéuotext
elementdistanceequal t00.139 m(Fig. 3). TheFig. 4 represents the array response of
ULA which consists of two microphones. The main lobe of theyareaponse has a
bandwidth equal t®2 (at frequency 200 Hz) and the maximum gain of the main
lobe is 2.98 dB.
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Fig. 3. Arrangement ofJLA which consiss of even a.), ¢.) and odd number of microphones b.)

Neither side lobesor gratings lobegan be observeith the array responsshown on
Fig. 4. The maximumattenuation of main lobis -27.14dB at frequency 200Hz. By
decreasing of the frequencthe bandwidth ofdirectivity patternbecomeswider and
the gaindecreases tooln frequency range bellowd0 Hz, the ULA represents
omnidirectional microphone.
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Fig. 4. Directivity pattern a.) and array responsedi.)he ULA consisting of two microphones
with d=0.139 m and(=0.98
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Fig. S represents the array response of the ULA whicltomprised ofthree
microphones. The array response exhibits one main lobe with bandwidth eg8al to
and gain 4.7 dB at the frequency 1200 Hin contrast to two microphone ULA (Fig.
4b), sde lobes argresentedt angle KO0 with the minimum attenuatiorequal to-

12 dBand maximum attenuation equal-fsb dB (Fig. 5b) Fig. &b showsthe array
response of the ULA with four microphones linearly spaced alony thés. From
Fig. 6 impliesthat by addinganothermicrophone to sensor arrayandwidth of the
main lobeis decreasedo 28 (at frequency 1200 HzjFig. 6 g, which improve
spatial selectivity osimulatedULA. The gain is5.93 dB whichis about1.22 dB
higherthanthe gain ofthree microphone ULA (Fig. ). The side lobes are located at
angles N\90~ and have attenuatio.37dB at frequency 1@0 Hz. Fromthe Fig. 4, 5
and 6imply, that by increasing number of the microphones without changing the
spacing between the microphone elentg, the microphone arragerformance is
betterin higher frequency range in terms of directivétyd also, the main lobhifts

to the lower frequency range which increase the spatial selectivity of the microphone
array. There is also shown théily increasing number of the microphonéise side
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lobesare presenteth array response at frequencies 800 H¥)(Hz and 120 Hz
(Fig 5 a, b) andlO00 Hz and 1®0 Hz (Fig. 6 a, b). Whemeamforming method is
applied to the uniform linear arrays, the sensor doaps two main lobes.
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Fig. 5. Directivity pattern a.) andrey responseb.) of the ULA consisting of three
microphones wit®98d=0.139 m and U=
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Fig. 6. Directivity pattern a.) andreay response®.) of the ULA consisting of four microphones
with d=0.139 m andl=0.98

First main lobe cabe observedn steering diretion andin these simulations is equal
to g=0 "and the second main lol@ angleg=180". The first main lobe is the product
of the constructive ovipping of the incoming wavesam direction of interest (in
our caseg=0 ). The second main l@bappearedu to the fronback ambiguity.

Conclusion

The outcomes of simulation showed that as number of microphones doubled the
bandwidth of the main lobe decreased twigis situationis valid for ULA is
comprisedof two and four microphones. When thigiher sjtial selectivity for better
spatial separation of acoustic signal sourisequied, the [gh number of the
microphoneshas to be used. The disadvantage of increasing the number of



microphones is Igher number of the side lobes are presented in arispomse.
Moreover, it causes increasing of the sensor asiag which can complicate the
design of the portable UGS systeriiie auitcomes of simulations also show that
there are no grating lobes, which can cause the false identification of direction of
arrival of the acoustic signal&uture experiments will be focused on the simulations
of nonuniform arrays and also circular sensor arrayrder to investigte possible
advantages for hardware and software design
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