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In a recent paper [1] t he proof-of-concept of  a novel approach for the localization of  sound source 

was de monstrated. The method relies o n the use of unidirectional microphones a nd amplitude-based 

signals’ f eatures t o e xtract i nformation a bout t he di rection of  the incoming s ound. B y i ntersecting t he 

directions identified by a  pair of  unidirectional microphones, the position of the emitting source can be 

identified.  

 

In t his study we expand t he w ork presented in that pa per by assessing t he e ffectiveness of t he 

approach f or the l ocalization of  an a coustic s ource i n a n indoor s etting. As the m ethod r elies on t he 

accurate k nowledge of t he microphones d irectivity, analytical e xpression of the acous tic s ensors po lar 

pattern were derived by testing them in an anechoic chamber. Then an experiment was conducted in a 

classroom-type environment by using an array of three unidirectional microphones. The ability to locate 

the position of a commercial speaker placed at different position is discussed.  

 

It i s be lieved that t his method may pa ve t he r oad t oward a new g eneration of reduced size sou nd 

detectors and localizers.  
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1.0 INTRODUCTION 

1.1 BACKGROUND 

 
Sound source localization (SSL) based on microphone a rrays has widespread applications i n many 

fields, such as teleconference tracking of spe akers [2], auditory perception, human-robot interaction [3], 

patrolling, fault detection in rotating machines [4], and air/ground objects recognition [5-6]. The latter, for 

instance, is p ivotal i n military a pplications to increase ba ttlefield a wareness and to lo cate s nipers. In 

conferencing sc enarios, SSL can be used t o direct a pa n-tilt-zoom cam era t oward the sp eaker o r t he 

audience such that t he v iewing e xperience i s more i nteresting a nd/or network ba ndwidth is used more 

efficiently [7]. Despite years of research, the presence of  noisy environment or  reverberation maintains 

SSL challenging [8]. 

 

Two approaches ca n be pur sued for S SL: a ctive and passive. An active sy stem sends  out  pr eset 

signals to the potential target and compares it with the echo signal, similar to how a ba t locates its prey 

using ultrasonic pings. Sonar- and radar-like systems belong to this category. Passive localization systems 

only r eceive s ignals g enerated by  t he t argets.  A lthough they ha ve t he d isadvantage t o detect on ly 

activities that generate sounds (which may be  intermittent), passive methods have the advantage of not 

radiating signals that can be used to indicate the presence and identity of the tracking station and they are 

less subjected to the reception of “false echoes” by virtue of multiple reflections.  
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Conventional SSL methods use microphones arrays made of physically separated microphones so that 

the v ariation i n am plitude, delay t ime and reverberation characteristics a t d ifferent l ocations ca n be 

exploited [9]. These methods can be loosely divided into two main categories: steerable beamforming and 

time delay estimation (TDE). In beamforming a full directional scan is undertaken to determine the source 

direction from the maximum signal power [7, 10-14]. This method is ineffective to determine the position 

of si ngle events.  I n TDE t he t ime off set be tween the r eceived signals f or a single sou nd source is 

calculated and it r epresents t he d ifference be tween the t ravel time f or t he s ignal t o e ach m icrophone 

position [15]. The delay is then related to the sound source-to-microphone propagation paths.  

 

For bot h beamforming a nd T DE methods, omnidirectional microphones ( OMs) a re us ed. OMs a re 

sound detectors whose output does not depend on the direction of the sound propagation, and the response 

is g enerally co nsidered to be a  pe rfect sph ere; which m eans t hat i dentical signals of  e qual pow er a re 

perceived to be of same magnitudes irrespective of the incident angle. 

 

The main challenges for SSL systems are background noise, reverberation (in home environment), 

echoes (in open fields), intermittency, and source movement. In speech localization for instance accuracy 

is dependent on several factors like quantity, quality, and positioning of the applied microphones, number, 

distance, and spectral co ntent o f the active sou rces [8,16,17]. Several m icrophone a rray-based s ound 

localization techniques h ave be en pr oposed with varying de grees of  a ccuracy a nd c omputational 

complexity [7,10-14]. These methods are based on the use of single or multiple OM arrays, linearly [18], 

triangularly [19] circularly [7,20-21], or squared [14] arranged.  
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In be amformer ba sed locators, t he s ource i s l ocalized by  m aximizing t he ou tput of  a s teerable 

beamformer [22-24]. T he approach c ombines de lay-and-sum be amforming w ith statistical an alysis t o 

trace the position of the acoustic source. Acoustic localization by means of beamforming is challenging 

due to its wide-band nature, near- and far-field geometry (relatively near/far distance of the source from 

the sensor array), and arbitrary array shape [10,15]. 

 

In TDE, sometimes indicated as t ime-difference of  arrival (TDOA), the arrival t ime delay be tween 

signals detected by pairs of microphones is estimated to determine the direction of the propagating sound 

[14,25-26]. In order to measure the t ime de lays, computations b ased on  cr oss-correlation [17,27-28], 

eigenvalue decomposition [13], least mean square estimation [29-31], crosspower-spectrum phase [32], or 

the maximum likelihood [33-34] have been proposed.  

 

Similar to TDE is the Interaural-Time-Delay (ITD) which is simply the time delay of incoming sound 

between “two ears” [35]. Although ITD is an excellent sound cue in stimulating a lateral perception on 

the horizontal plane, confusion is often raised when tracking the sound location from ITD alone because 

each sound source and its mirror image about the interaural axis share the same ITD. The ITD is often 

used to devise b inaural m icrophone sy stems f or t elerobotic appl ications [36]. S ome hy brid methods 

combine two of the three aforementioned categories [21-22].  
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Although directional microphones provide significantly superior sound quality [37] and can be used 

for adaptive noise cancellation [38], only very few researchers have proposed the use of directional 

microphones f or S SL. R ui e t a l. [21] replaced p reviously us ed O Ms w ith directional m icrophones 

pointing ou twards f or a udio-visual c onferencing. They i ntroduced a  hy brid a lgorithm be tween s teered 

beam SSL and the one-step TDOA to overcome some of t he challenges associated with the use of UMs 

for SSL: their phase response varies significantly with frequency, direction, and even from microphone to 

microphone. Gunël e t a l. [9] used di rectional microphones and spectro-temporal changes in a signal to 

find the direction but not the location.   

 

Recently the r esults of f ield experiments c onducted by N ATO i n F rance in t he f ramework of  the 

NATO Task Group SET-093/RTG53/MSE were presented [39-44]. Overall, the presented research shared 

the common approach of measuring the arrival time of the sound wave. Differences were in the position 

of the microphones (ground versus aerostats), single or multiple arrays, algorithms for the analysis, and 

methods to shield microphones from wind noise.  
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Researchers at the Photonics Center at Boston University developed a biomimetic acoustic detection 

and localization system that uses acoustic cues including spectral content, ITD, and interaural intensity 

difference ( IID) [45-48]. The b iomimetic a spect consists o f a  mammalian a uditory model, which i s an 

electronic implementation of the biological auditory system, with one left audio channel and one separate 

right audio channel. The channels work as the left and right human ears. The sound signals received by 

the microphones first pass through a filter bank, which mimics the inner ear filtering functionality done 

by t he cochlea. The characteristic frequency components a re extracted and processed through different 

auditory nerve channels. Both ITD and IID processors, respectively, extract positional information using 

arrival time and intensity difference cues detected at omnidirectional acoustic sensors. The Shot-Spotter 

commercial system [49] use acoustic sensors deployed over areas from one square mile up to hundreds of 

linear miles to locate gunfire and other violent threats. The system uses a network of 8 -12 toaster-sized 

microphones per square mile fastened to rooftops and/or poles. From the available literature it is believed 

that this system employs OMs and TDOA estimation. 

 

1.2  NOVEL CONTRIBUTION 

 
In a recent paper Rizzo et al. [1] introduced the results of a passive SSL scheme based on the use of 

unidirectional m icrophones (UMs) a nd a mplitude-based features. S ound di rection w as pr ojected by  

exploiting t he u nidirectionality of ce rtain features associated with the m icrophones ou tput l evel. The 

incidence value estimated by each microphone was fed into a semi-analytical algorithm aimed at 

identifying the source location. The study was part of an ongoing effort to pave the road toward a new 

generation o f s ound d etectors a nd localizers that c an minimize t he sp ace between t he m icrophone 

elements.  

In t his s tudy, the work i nitiated and presented in [ 1] ha s be en expanded. The main novelty of t he 

overall study is the use of UMs and amplitude-based features that are not related to the arrival time of the 

sound. The proposed scheme is feasible to detect both continuous acoustic sources and single events. The 
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first achievement of this study is  to consider t he po ssibility of  f inding a n analytical function for the 

properties of unidirectional microphones. Having obtained this function, behavior of applied microphone 

with respect to the sound source is detected. The method has been applied for localizing the sound sources 

in a n i ndoor e nvironment. The m ain c ontribution o f t his s tudy i s t o evaluate the f easibility s tudy of  

applying this method as an alternative to the common sound source localization methods. According to 

the obtained results, it may be concluded that this method is considered to be efficient and accuarte. 

 

1.3 THESIS ORGANIZATION 

 

This thesis is organized as follows. Chapter 2 describes the proposed analytical model and the general 

algorithm. C hapter 3 de scribes the ha rdware a nd s oftware us ed i n t his s tudy. Chapter 4  illustrates t he 

results from an experiment conducted inside an anechoic chamber to characterize the microphones used in 

this s tudy. Chapter 5 presents the results of the SSL algorithm to localize the position of  single source 

indoor events. The conclusions will set some recommendation for future studies which are presented in 

chapter 6.  
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.0 APPROACH 

.1 UNIDIRECTIONAL MICROPHONES 

 
Unidirectional microphones are sound transducers that possess a strong dependence on the incidence 

angle of the acoustic source. They are used in all those applications or circumstances that require rejection 

of noise, filtering of unwanted acoustic signals, or elimination of reverberation phenomena. The variation 

of t he de tected sound wave a mplitude (microphone out put l evel) with t he di rection of  the wave 

propagation (angle of sound incidence) is described by the polar directivity pattern (PDP). Generally, the 

PDPs detect a plurality of amplitude values of a propagating wave approaching at different angles. When 

the microphone’s sensitivity (output level) is not function of the incidence angle the microphone is called 

omnidirectional. Mathematically a plane PDP of an unidirectional microphone may be expressed as [50]: 

 ( ) ( )( )cos cosM K abs a bϑ ϑ ϑ= × + +    (1) 

where M  is the  microphone out put level, a  and b  are frequency de pendent constants based on t he 

microphone’s design and the sound speed, ϑ  is the sound’s angle of incidence relative to the microphone 

axis. The co nstant K  depends on t he s ensitivity of  e ach s ensor c omposing t he a rray microphone, 

frequency and speed of the incoming sound as well as microphone design parameters. Particularly Eq. (1) 

describes a m icrophone of  or der two, i n w hich t he incidence a ngle ϑ   is t he ar gument of t he se cond 

power of the cosine term. Fig. 1 shows an example of a PDP expressed by Eq. (1) in polar coordinates for 

a case where a = 0.69 and b = -0.29. As shown by Sessler and West [50], for low-frequency sounds these 

values provide the highest directivity to second order gradient unidirectional microphones. The PDP has 
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been normalized with respect to the m aximum value expected along t he microphone axis ϑ =0° by 

considering a constant equal to ˆ / (0 )K K M= ° , instead of K .  

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 1 - Polar directivity pattern of a unidirectional second order gradient microphone. 

 
 

.2 SOURCE LOCATION: SEMI-ANALYTICAL FORMULATION 

 
To describe the basic hypothesis, let us consider an array of three unidirectional microphones A, B and 

C, represent in Cartesian coordinates as (xi, yi) (i = A, B, C), Fig. 2(a). The origin O of the x-y coordinate 

system corresponds to the center of mass of the triangle ABC. The angle iδ , between the reference y-axis 

and i-th microphone axis, is introduced to univocally orient each microphone.  
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Fig. 2 – (a) Directivity Patterns of the microphones' setting and localization of the source. (b) Angles found 

and corresponding lines of possible direction. 

For instance, in Fig. 2(a) 0Aδ = ° , 120Bδ = − °  and 120Cδ = ° . Let MA, MB, and MC be, respectively, the 

normalized pulse f eatures recorded by  m icrophones A, B , a nd C  a s a  r esult o f a n e mission f rom t he 

acoustic source. These values were normalized with respect to their maximum values expected at iϑ =0. 

Assuming that each microphone’s PDP satisfies Eq. (1), it is obtained: 

  { }ˆ [ cos( )][ cos( )]A A AK abs a b Mϑ ϑ× + + =      (2a) 

  { }ˆ [ cos( )][ cos( )]B B BK abs a b Mϑ ϑ× + + =              (2b) 

  { }ˆ [ cos( )][ cos( )]C C CK abs a b Mϑ ϑ× + + =              (2c) 

which can be generalized as: 

  { }ˆ [ cos( )][ cos( )]i i iK abs a b Mϑ ϑ× + + =   (i = A, B, C)    (3). 

In polar coordinates, the value Mi can be geometrically described as a circle of radius Mi.  
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By solving, numerically, Eqs. (2a), (2b), and (2c) for unknown Aϑ , Bϑ , Cϑ , the intersection between 

microphone lobes and the relative circle are determined for every microphone. These intersection points 

identify the  pos sible d irections of t he i ncoming s ound di rections. H owever, t hese di rections a re not  

univocally determined. In fact, as the i-th microphone possesses four lobes, the normalized value Mi may 

identify up to eight incidence angles, i.e. eight intersections between the PDP and the circle.  

For e ach angle, the a lgorithm c alculates the e quation of  the s emi-straight li ne ha ving origin in the 

microphone coordinates (xi, yi) and orientation ,i j iϑ δ+ . In general, for the i-th microphone (i = A, B, C) 

the equation will be: 

 [ ], ,tan( )i j i j i i iy x x yϑ δ= + − +                           (4) 

where j = 2, 4 or 8.  

Fig. 2(b) presents the case where MA = 0.25. In this scenario the circle intersects two lobes identifying 

four potential directions ,A jϑ  (j=1,2,3,4). Replacing these angles in Eq. (4) yields to the lines yA,1, …, yA,4, 

shown in F ig. 2 (b). Applying t he sam e app roach t o microphones B  and C, l ines yB,j and yC,j are 

determined. By intersecting al l pa irs (yk,j and yh,j k≠h, k,h = A, B, C) of  di rection l ines, position of the 

sound source is univocally identified by the common coordinate resulted from these intersections.   
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.0  HARDWARE AND SOFTWARE 

3.1 LAYOUT OF SYSTEM 

 
The experimental set up used in this study will be reviewed in this chapter. The hardware included a 

PXI uni t, a rotational s tage, three unidirectional m icrophones, p reamplifiers, an o mnidirectional 

microphone, A/C converter, and a commercial speaker. The layout of the hardware system is schematized 

in Fig. 3. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
2BFig. 3 – Schematic layout of the hardware system used in the experiments. 

 

 The P XI i s the cen tral pr ocessing un it which c ontrols and analyzes t he r eceived a nd s ent s ignals. 

Other mentioned instruments are connected to the PXI unit e ither directly or  indirectly. PXI uni t sends 

signals to the speaker in which the signals will be converted to a sound pulse. The propagated pulse will 

PXI
UNIT

Preamp.

Speaker

MicrophonesMonitor

Rotational Stage
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be received by th e un idirectional m icrophones a nd c onverted to  e lectrical signals. The s ignals w ill be 

magnified as go through the preamplifier and, eventually, received by the PXI unit. The PXI unit records, 

analyzes and sends the characteristic of these received signals to an attached monitor, which illustrates the 

results during the experiment. The commercial Lab View software is applied for programming of the PXI 

unit. The characteristics of these hardwares along with a brief introduction to the Lab View software are 

discussed in details in the following sections. 

 
3.2 PXI UNIT 

 
The P XI i s a com puter which manages da ta com munication among the at tached hardwares. Some 

digitizers are attached to this unit, which are supposed to either send or receive signals, the electrical high 

frequency cur rents, upon their respective dut ies. These di gitizers r ecord the m agnitude o f t he i nstant 

voltage of these signals. The PXI unit used in this study is presented in Fig. 4. 

 

 

 

 

 

 

 

 

Fig. 4 – PXI unit used in this study. 

 

3.3 LAB-VIEW SOFTWARE 

 
The PXI r un und er LabView environment. In this r esearch, few programs ha ve b een developed to 

select the t ype of output waveform, number of cycles, wave f requency, sampling f requency, and other 

(a) (b) 
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settings t o generate a coustic w ave. A typical program consists of block diagram and front panel. The 

Block diagram is a command console provided in a graphical mode. Front panel is designed to show the 

current st atus of t he pro gram during the computational operation. The designer can specify some 

properties as variable, which can be modified while the program is being used. Fig. 5 shows a schematic 

of front panel designated for this study. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 5 - Front panel of the program to control PXI for generating and receiving signals for experiment. 

 

As it is  shown in this figure, the generated tonebursts are a five cycle Gaussian-affected sine wave 

tonebursts. This can be achieved by selecting the sine wave in the control box. This toneburst is shown in 

generated waveform, the upper plot in Fig. 5.  

As it is depicted in Fig. 5, the amplitude of tonebursts may be specified in amplitude control box. The 

applied f requencies may b e se lected as a sequent on a pre defined step in t he i nterval be tween Initial 
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frequency and Final frequency. The rate at which tonebursts are generated may be selected in Toneburst 

repetition rate control box. By specifying the properties of the generated five-cycle signal, this toneburst 

is sent to speaker from output port to generate a similar acoustic pulse.  

The sound detected by the microphones is sent to the PXI’s digitizer. 

The time window of the digitized signal is controlled through the Time points control box and can be 

correlated to the time duration according to the sample frequency. For instance, in Fig. 5, having a sample 

frequency of 50 kHz and selecting 1500 Time Points, the duration may be calculated by dividing 1500 by 

50k which results in 0.03 sec. 

The sound data are shown in the current waveform plot. These data will are saved in a file (in .lvm 

format) including time in first column and corresponding amplitude in the second one. Average waveform 

plot is an average evaluated using several repeated tonebursts in each frequency, which is specified in # 

toneburst control box. 

 

The block diagram of  the user panel in Fig. 5 is shown in Fig. 6.  This block diagram includes two 

loops, represented as two rectangle boxes in Fig. 6, for controlling the frequency range (peripheral box) 

and toneburst repetition (central box). The NI-FGEN Express and NI-SCOPE Express, which are shown 

in light blue boxes, control the digitizers corresponding with sending and receiving signals respectively.     
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Fig. 6 – Block diagram of the program to control PXI for generating and receiving signals for experiment. 

 

3.4 ROTATIONAL STAGE 

 

The next step in the predefined set of experiments of this study is to evaluate sensitivity of microphones 

to the incident angle and frequency of sound wave. To collect data over a specified range of angles, the 

rotational stage shown in Figure 7 was used. This stage is controlled by LabView software. 

 

 

 

 

 

 

 

 

Fig. 7 – Rotational stage controlled by LabView software. 
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A program is developed to rotate the rotational stage over 360 degrees as well. The front panel of this 

program is presented in Fig. 8. In each angle, a five cycle sine wave is generated over a predefined range 

of frequencies and received waves may be recorded for each angle at each frequency.  

As it can be seen in the bottom plot of the front panel in Fig. 8, there are red and white lines. Red line 

associates with the current waveform and the white one associates with average of several received sound 

waves. In this program, it may be selected the microphone to be rotated from Initial Angle to Final Angle 

on desired Step Angle.  

 

Fig. 8 - Front panel of program designed to rotate microphone and collect data over a range of angles for 

different frequencies. 

The associated Block diagram with this program is shown in Fig. 9. In Fig. 9(a) the designated block 

diagram for setting the rotational stage at initial angle is illustrated. Fig. 9(b) represents the block diagram 
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which allows the rotational stage to rotate over the range of ang les, step by step. The block diagram for 

showing the current position of the rotational stage is sketched in Fig. 9(c). Figure 9(d) associated with 

the block diagram designed to generate and receive signals over the desired range of frequencies. 

 

 

 

 

 

 

 

 

 

 

 

 

(a) 
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Fig. 9 - Block diagram of program designed to rotate microphone and collect data over the desired range of 

angles for different frequencies. (a) set the rotational stage at initial angle, (b) allow the rotational stage to 

rotate over the range of angles step by step , (c) show the current position of the rotational stage (d) generate 

and receive signals over the desired range of frequencies. 

(d) 
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To study the effect of sound pulses with multiple frequencies and amplitudes a program is developed. 

The key point is to understand the dominant frequencies of generated and received sound. The front panel 

of this program is shown in Fig. 10.   

 

Fig. 10 - Front panel of the program designed to study the effect of multi frequency sound. 

 

This program is designed to read a f ile associated with a recorded sound and regenerate this signal. 

The generated signal is sent to speaker to generate a sound pulse which propagates in the air and reaches 

to the microphone. R eceived s ound from microphone is recorded i n PXI. This pr ogram i s de signed t o 

receive data from up to four microphones simultaneously.  

Generated waveform in time domain and its corresponding frequency domain is visible in front panel 

of this program in top left and right plots respectively. The received waveform from each microphone is 

shown i n t he m iddle plot using di fferent c olor lines ( blue, r ed, green a nd white) f or different 
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microphones. Average of several tonebursts in time dom ain a nd c orresponding frequency dom ain a re 

shown in bottom plots left and right respectively.  

 

3.5 UNIDIRECTIONAL MICROPHONE 

 

It i s used three unidirectional microphones for this study as seen in Fig. 11 (a). The model of  these 

microphones is AT8015 produced by Audio-Technica Inc. (Stow, Ohio). The range of frequency in which 

this microphone can receive data is f rom 40 Hz t hrough 20 kHz, which covers the required frequency 

domain of this study. The sensitivity of these three microphones are similar to each other.  

An A/D convertor, shown in Fig. 11 (b), p rovides power which also keeps output signal of this 

microphone unchanged during e xperiment. T his convertor can s upport up t o 4 m icrophones 

simultaneously.   

 

 

 

 

 

 

Fig. 11 – (a) unidirectional microphone and (b) converter. 

 

3.6 PREAMPLIFIERS, OMNIDIRECTIONAL MICROPHONES, AND SPEAKERS 

 

The output voltage of the microphones is in the same order of the digitizer error. In fact, the accuracy 

of di gitizer i s about 0.65 % of  m aximum voltage or  1 mV (whatever greater). Therefore, applying a 

preamplifier to magniify the amplitude voltage is inevitable. Fig. 12 (a) shows a preamplifier used for this 

(a) (b) 
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study. Preamplifier has an input and output port which receives and sends signals respectively, in which 

the output signal is just the amplified of the input one without changing the frequency.  

 

 

 

 

 

 

 

 

Fig. 12 – (a) Preamplifier and (b) omnidirectional microphone. 
 

In t his s tudy, a n omnidirectional m icrophone i s implemented w hich i s s upposed t o ha ve t he s ame 

sensitivity in  a ll directions. Fig. 12  (b) shows a  p icture o f this m icrophone.  The pr operties of  t he 

omnidirectional m icrophone ha ve be en d etermined in t his study. H owever, analyzing t he e xperimental 

results related to this type of microphones is beyond the scope of this study. 

A typical commercial speaker which covers the required frequency range is used for this study. The 

output s ignal of the PXI unit goes into the speaker to generate the corresponding sound pulse. The 

amplitude and frequency of this sound can be set by changing the signal. 

 

(a) (b) 
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.0 ANECHOIC CHAMBER TEST 

.1 EXPERIMENTAL SETUP 

 
In order to evaluate the analytical expression of the polar pattern, the microphones used in this study 

were tested i n an anechoic cha mber about 4.58 m  x 4.28 m  i n d imension.  As di scussed in p revious 

chapter, a LabView program was developed to perform signal generation, acquisition, and storage using 

three unidirectional microphones. This choice provides relatively short duration and small bandwidth. The 

program was also developed to control the rotational stage.  

The experimental arrangement and the relative position of the microphone with respect to the speaker 

and the floor are shown in Fig. 13.  

 

 

 

 

 

 

 

 

12BFig. 13 – Photo of the experimental setup at the anechoic chamber. (a) microphone and speaker position (b) 

when microphone is in 0 angle to speaker and (c) when microphone is in 180 degree to the speaker. 

 

(a) (b) (c) 
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For the accurate reconstruction of the analytical polar pattern each UM (that is referred to microphones 

A, B and C) and a omnidirectional microphone was rotated from 0 t o 180 de grees at 1 de gree step. The 

rotation was automatically controlled through the data acquisition system. Five-cycle Gaussian-windowed 

sinusoidal tonebursts from 400 Hz to 4 kHz at 200 Hz step were sent to the speaker. The sound detected 

by the microphone was sampled at 32.768 kHz.  

 

.2 EXPERIMENTAL RESULTS 

 
Typical pulse waveforms acquired by microphone A when the excited toneburst was equal to 1200 Hz 

and the orientation angle was 0º, 45º, 90º, 135 and 180º are presented in Fig. 14. Clearly, as the sensor 

was r otated aw ay f rom t he d irection of  m aximum sen sitivity, the amplitude of  t he d etected pulse 

diminished significantly.  
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13BFig. 14 - Anechoic chamber test. Time waveforms propagating at 1200 Hz and detected at various angles of 

incidence fro microphone A : (a) 0°,  (b) 45°,  (c) 90°, (d) 135°, (e) 180°. 
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The digitized waveforms were post-processed to extract certain features from the time and frequency 

domain. According t o our study, totally ni ne features a re c onsidered i n such a n analysis i ncluding six 

features from t ime dom ain a nd t hree f eatures from f requency dom ain. These f eatures a re m aximum 

amplitude ( max), peak t o pe ak a mplitude (PPK), r oot m ean square (RMS), v ariance (VAR), peak 

multiplied to t he RMS (KFact), Peak t o RMS r atio (CrestFact) w hich a re from t ime dom ain a nd 

maximum amplitude (max FFT), Area (Area), and root mean square (RM_FFT) from frequency domain. 

In the present s tudy two features f rom the time domain and one feature from the f requency domain 

have been selected as most promising ones. The approach serves to investigate which signal’s features 

maximize the microphone’s unidirectionality. In the time domain the features of peak to peak amplitude 

(PPK),  and K-factor (KFact) were selected. As the frequency spectrum spans from zero to the Nyquist 

frequency, t he interval f or t he c omputation of  t he frequency-domain ba sed features include 1 kHz 

bandwidth centered at the toneburst frequency.  

The selected features were calculated at each acquisition angle. This step resulted in the creation of the 

PDP relative t o each feature. Figs. 16(a), 16(b), a nd 16(c), respectively, show the experimental PDP 

associated with the PPK, the KFact, and max amplitude of the Fourier transform relative to the detection 

of the 1200 Hz pulse for unidirectional microphone A.  
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Fig. 15 - Anechoic chamber test. Polar directivity pattern at 1200 Hz for features: (a) peak-to-peak 

amplitude; (b) K-factor; (c) maximum amplitude of the Fast Fourier Transform for unidirectional 

microphone A. 
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Polar pattern at1200 Hz for microphones B, C and Omnidirectional one are presented in Figs. 17 to 19 

respectively. 

 

 

 

 

 

 

 

Fig. 16 - Anechoic chamber test. Polar directivity pattern at 1200 Hz for features: (a) peak-to-peak 

amplitude; (b) K-factor; (c) maximum amplitude of the Fast Fourier Transform for unidirectional 

microphone B. 

 
 

 

 

 

 

 

 

Fig. 17 - Anechoic chamber test. Polar directivity pattern at 1200 Hz for features: (a) peak-to-peak 

amplitude; (b) K-factor; (c) maximum amplitude of the Fast Fourier Transform for unidirectional 

microphone C. 
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Mic 4 , OMNI , 1200 Hz. 

 

 

 

 

 
Fig. 18 - Anechoic chamber test. Polar directivity pattern at 1200 Hz for features: (a) peak-to-peak 

amplitude; (b) K-factor; (c) maximum amplitude of the Fast Fourier Transform for omnidirectional 

microphone. 

 

Clearly t he shape of the polar pa ttern is feature-dependent. This implies that t he di rectionality of  a 

microphone can be enha nced or mitigated by using certain features instead of others. The strong 

directionality shown by  t he KFact is related to its definition. As both the maximum a mplitude and the 

root-mean-square of a signal are dependent upon the sensitivity of a microphone, their product augments 

the directional characteristics of the sensor.  

Similar to Fig. 16 , Fig. 19  shows t he e xperimental P DP a ssociated w ith t he PPK amplitude of t he 

detected pulses at four different frequencies for unidirectional microphone A.  
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Fig. 19 - Anechoic chamber test. Polar directivity pattern associated with the feature of the peak-to-peak 

amplitude for microphone A at frequencies (a) 800 Hz; (b) 1800 Hz; (c) 2800 Hz; (d) 3800 Hz. 
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In Fig. 19(c), the polar pattern shows normalized polar pattern with amplitude equal to one for angles 

between -20 and 20 de grees. The reason is that for this case, the output s ignal from preamplifier have 

maximum voltage more t han the maximum accept able t hat ca n be de tected by di gitizer an d in all t he 

angles, the waveform i s cut  i n such way that maximum a mplitude is t he maximum acceptable voltage 

from digitizer. In this case, the polar pattern which is normalized with respect to the maximum amplitude 

is equal to one.  

Figures 21 to 23 shows polar pattern for PPK feature for 800 Hz and 4000 Hz for other microphones 

as comparison. 

 

 

 

 

 

 

Fig. 20 - Anechoic chamber test. Polar directivity pattern associated with the feature of the peak-to-peak 

amplitude for microphone B at frequencies (a) 800 Hz; (b) 1800 Hz; (c) 2800 Hz; (d) 3800 Hz. 
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Fig. 21- Anechoic chamber test. Polar directivity pattern associated with the feature of the peak-to-peak 

amplitude for microphone C at frequencies (a) 800 Hz; (b) 1800 Hz; (c) 2800 Hz; (d) 3800 Hz. 

 
 

 

 

 

 

 

Fig. 22 - Anechoic chamber test. Polar directivity pattern associated with the feature of the peak-to-peak 

amplitude for omnidirectional microphone at frequencies (a) 800 Hz; (b) 1800 Hz; (c) 2800 Hz; (d) 3800 Hz. 

 

As expected the s hape o f the P DP c hanges w ith the f requency and few m ain lobes appear a s w e 

approach toward higher frequencies. For the localization algorithm, the presence of m any lobes may be 

detrimental as t he intersection be tween t he no rmalized a mplitude outputs a nd t he pol ar pattern m ay 

identify several pairs of sound directions. In order to satisfy the symmetry, the experimental data in the 

range 0º-180º were also used in lieu of the experimental data acquired from 180º-360º. In order to apply 

the semi-analytical approach described in chapter 2, the equation of the PDP is necessary. The values of 
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the normalized PPK and KFact at 1200 Hz as a function of the azimuth angle are presented in Figs. 24(a) 

and 24(b), respectively. By using MATLAB function fit and the Fourier polynomial type, equation that 

best f its the experimental data was sought and it is  superimposed as continuous line for F ourier 7 and 

dotted line for Fourier 3 in Fig. 23.  
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Fig. 23 - Experimental directivity pattern in Cartesian coordinates and curves fit Fourier 3 and Fourier 7 for 

microhone A: (a) 1200 Hz ppk amplitude; (b) 1200 Hz K-factor. 
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Fig. 24 - Experimental directivity pattern in Cartesian coordinates and curves fit Fourier 3 and Fourier 7 for 

microphone B: (a) 1200 Hz ppk amplitude; (b) 1200 Hz K-factor. 
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Fig. 25 - Experimental directivity pattern in Cartesian coordinates and curves fit Fourier 3 and Fourier 7 for 

microphone C: (a) 1200 Hz ppk amplitude; (b) 1200 Hz K-factor. 

 

 

 

 

 

Fig. 26 - Experimental directivity pattern in Cartesian coordinates and curves fit Fourier 3 and Fourier 7 for 

omnidirectional microphone: (a) 1200 Hz ppk amplitude; (b) 1200 Hz K-factor. 

 

Similar fitting function is evaluated for other microphones as shown in Figs. 24 to 26. By comparing the 

value of  t he r esidual R 2, t he F ourier e quation of or der 3 a nd 7 were considered in t his s tudy. T he 

analytical expression of the k-th order Fourier equation is :  
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For the lines shown in the above figures, the empirical coefficients a0, an, and bn are summarized in 

Table 1. The selection of a higher-order Fourier function yields to more accurate results, i.e. value of R2 

closer to 1, at the expense of larger number of coefficients that needs to be considered.     
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To complete this analysis, fitting functions using Fourier 3 and 7 are evaluated for the other features. 

These fitting curves including their corresponding R2 for each feature are shown in Fig. 27. 

As seen in Fig. 27, fitting f unction is cl ose t o unity f or al l t he features exc ept cr estfact. This f act 

illustrates that Fourier series are not a good approximation for creastfact and other equations more likely 

to equation of circle may be a good approximate for this feature.  

Corresponding coefficients for fitting function shown in equation 7 for all other features, is presented 

in tables  and 2 for Fourier 3 and 7 at frequency of 1200 Hz respectively. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

26BFig. 27 - Fitting curves for Fourier 3 and 7 at frequency of 1200 Hz for microphone A (a) maximum 

amplitude of waveform, (b) variance, (c) Root Mean Square,  (d) Crestfact, (e) Area of FFT and (f) RM_FFT. 
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Table 1- Experimental coefficients of the polar directivity patterns reconstructed through the Fourier 3 

and Fourier 7 of the unidirectional microphones used in this study at frequencies 1200 Hz and 1600 Hz. for 

microphone A. 

 

PPK 

n an bn 
0 0.350959433   
1 0.405327957 0.015254113 
2 0.184921949 0.013938447 
3 0.072266028 0.008189926 
      

KFACT 

n an bn 
0 0.256601513   
1 0.417629551 -0.036657573 
2 0.25155079 -0.04450278 

3 0.111722216 -0.030038096 

   Maximum 

n an bn 
0 0.34834378   
1 0.399223361 0.013878591 
2 0.181222181 0.012615253 
3 0.070964151 0.007424926 

   Variance 

n an bn 

0 0.262947623   
1 0.426710689 -0.039012221 
2 0.256359527 -0.047270693 
3 0.114163595 -0.032028271 
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Table 1 (Continued) 
 

  RMS 

n an bn 
0 0.359507044   
1 0.405918819 0.010249309 
2 0.183430044 0.009268999 
3 0.07522899 0.005708224 

   CrestFact 

n an bn 
0 0.744927808   
1 -0.010608096 -0.004774996 
2 0.021564534 0.02434655 
3 -0.003905806 -0.012541224 

   Max_FFT 

n an bn 
0 0.364040842   

1 0.403704371 -0.011557852 
2 0.186821872 -0.010706006 
3 0.069847998 -0.006012283 

   Area 

n an bn 
0 0.3535315   
1 0.410765966 0.020669901 
2 0.178340622 0.0179939 
3 0.073206533 0.011126536 

   
RM_FFT 

n an bn 
0 0.355612528   
1 0.40988278 0.016222578 
2 0.180551835 0.014314393 
3 0.072986069 0.008702426 
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Table 2- Coefficients associated with Fourier 7 for different features at frequency of 1200 Hz for 

microphone A. 

 

PPK 

n an bn 
0 0.335110476   
1 0.382313665 0.045828754 
2 0.178997026 0.043539139 
3 0.076988592 0.028795045 
4 0.031498699 0.016287085 
5 -0.006252076 -0.004245359 
6 -0.014339409 -0.012470905 
7 -0.003518177 -0.003886663 

   KFACT 

n an bn 
0 10.3754496   
1 7.518045982 -17.57389537 
2 -10.51106186 -11.00769982 
3 -10.06773496 3.767543376 
4 -0.308249232 6.674488332 
5 3.091392285 1.49478886 
6 0.965973283 -0.840704725 
7 -0.078475239 -0.243361738 

   
   
   

Maximum 

n an bn 
0 0.334515795   
1 0.379364911 0.040919755 
2 0.176701074 0.038568036 
3 0.075692152 0.025280742 
4 0.031016975 0.014217291 
5 -0.007530207 -0.004485646 
6 -0.014564195 -0.010950237 
7 -0.006166935 -0.005769783 
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Table 2  (Continued) 

 
 
 

Variance 

n an bn 
0 0.257410797   
1 0.418065208 -0.031702175 
2 0.253440597 -0.038659456 
3 0.114565448 -0.026469397 
4 0.023125451 -0.007223112 
5 -0.026168488 0.010404394 
6 -0.031638477 0.015444021 
7 -0.013443195 0.007873001 

   RMS 

n an bn 
0 0.342097954   
1 0.380990707 0.044165951 
2 0.177431086 0.041697372 
3 0.080856356 0.029169581 
4 0.036337551 0.018077465 
5 -0.006450866 -0.004199204 
6 -0.020392521 -0.016914951 
7 -0.006961937 -0.00728196 

   CrestFact 

n an bn 
0 0.742245839   
1 0.013196732 -0.003954714 
2 -0.009453715 0.006225102 
3 -0.013256502 0.015824426 
4 -0.002135014 0.004964214 
5 -8.31E-05 0.000719359 
6 -0.001580742 -0.00888091 
7 0.014443604 0.02862493 
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Table 2 (Continued) 
 

Max_FFT 

n an bn 
0 0.341745028   
1 0.373202695 0.031152539 
2 0.181891606 0.030579334 
3 0.079703663 0.020338215 
4 0.041289568 0.014286877 
5 -0.010682755 -0.0047246 
6 -0.025140485 -0.013723952 
7 -0.006160918 -0.004062581 

   Area 

n an bn 
0 0.339496313   
1 0.390574402 0.049120465 
2 0.173608257 0.044369353 
3 0.077579108 0.030566189 
4 0.034764073 0.019011175 
5 -0.010528623 -0.007604873 
6 -0.020940631 -0.019533542 
7 -0.005210434 -0.006248668 

   RM_FFT 

n an bn 
0 0.339670414   
1 0.386997558 0.048083208 
2 0.175157894 0.044208067 
3 0.078015936 0.030334918 
4 0.036518041 0.01968768 
5 -0.009563803 -0.006799808 
6 -0.021380836 -0.019588581 
7 -0.005760544 -0.006763268 
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 .0  INDOOR SOUND SOURCE LOCALIZATION 

.1 EXPERIMENTAL SETUP 

 
In order to assess the effectiveness of the proposed SSL method and to investigate the effect of feature 

selection, an indoor experiment was conducted. An array of t hree UMs was deployed i nside an empty 

laboratory about 7m  l ong a nd 6.4 m w ide.  A spe aker w as pos itioned few m eters away f rom t he 

microphones’ array. Photos of the speaker and the array and their relative distances are presented in Fig. 

28. The photos show the presence of an OM.   

  

 

  

 

 

 

 

 

14.0 feet 

(a) 

(c) 

4.0 feet 

(b) 
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Fig. 28 - Indoor test. (a) Front panel of the software used for the experiment. (b) Photo of the microphone 

array. (c) Photo of the room and the array-speaker distance (the speaker-array distance is about 18-fold 

larger than the inter-microphones distance). (d) Schematic of microphone position and orientation and 

location of the speaker during the experiment. 

The ha rdware/software s ystem ut ilized to c onduct t his test w as identical t o t he one  u sed for the 

anechoic chamber tests. A 5-cycles Gaussian-windowed sinusoidal toneburst ranging f rom 400 H z to 4 

kHz at 200 Hz step was sent to the speaker.  

The tests were conducted such that the position of the speaker changed. Fig. 28(c) shows the positions 

of the speaker with respect to the array location.  Following the angle notation introduced in Fig. 2, t he 

arrangement is 30º /0º/-30º, w here t he first a ngle i s r elative t o m icrophone C, the second a ngle t o 

microphone A, and the last angle to microphone B. The experimental PDP reconstructed using Fourier 3 

was considered first. Moreover, the equation and the coefficients summarized in Table 1 were considered 

representative of the patterns of microphones B and C as well.   

 

.2 EXPERIMENTAL RESULTS 

 
 In the sem i-analytical ap proach developed t o localize the sound source position, E q. ( 1) is no w 

replaced by the equation of the fitting curve extracted f rom the experimental patterns. The formulation 

(d) 

A S1

A
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C
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described in section 2.2 was used here to identify the location of the speaker. The approach was tested 

using the normalized features’ va lues of t he PPK and the KFact of the time history, and t he maximum 

amplitude value of the Fourier transform (max FFT). The results from recording pulses at 1200 Hz and 

1600 Hz are presented.  

15 25 35 45 55
-0.4

-0.2

0

0.2

0.4

Time (msec)

A
m

pl
itu

de
 (V

)

 

 

Mic A
Mic B
Mic C

 

 

 

 

 

 

 

 

 

 

Fig. 29 - Indoor test. Speaker at location S1. Source localization by using the feature of the peak-to-peak 

amplitude of the 1200 Hz toneburst. (a) Time waveforms detected by the array. (b) Experimental polar 

directivity patterns given by Fourier 3. (c) Localization of the sound source.  
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 Figure 29(a) shows t he t ime waveforms captured by t he ar ray when t he 120 0 H z t oneburst w as 

generated and speaker was located in position S1. For each detected signal, the main burst is followed by 

smaller pulses originated by the reflection with the room boundaries.  The PPK amplitudes of the main 

bursts were equal to 0.625 V, 0.494 V, and 0.542 V for sensors A, B, and C, respectively. The position of 

microphone and sensor C  was symmetric with respect t o the spe aker. T his i s conf irmed by the 

simultaneous arrival of the pulse. However the PPK amplitudes recorded by microphones were about 9% 

different. T his m ight i ntroduce s ome l evel o f i naccuracy i n t he de termination of t he i ncoming s ound 

direction. To mitigate the effects associated with different sensitivities that may arise from manufacturing 

differences a calibration factor computed empirically was applied to the successive analyses. 

Since a normalized value is necessary to use the experimental polar pattern, these amplitudes values 

were nor malized with respect t o the a mplitude r ecorded by  microphone A  ( 0.625 V olts). N ote that a  

discussion a bout the nor malization process i n a g eneral s cenario w ill be  p rovided in the c onclusive 

remarks. The normalized values of the microphone output levels associated with the PPK from detectors 

A, B, and C were then equal to 1.00, 0.670, and 0.618, respectively. Such values are represented by the 

circles superimposed in the corresponding PDP of Fig. 29(b). The potential incidence angles ( ,i j iϑ δ+ ) 

identified by each microphone were + 71º and -11° for microphone C, 0º for microphone A, and + 14º and 

– 74° for microphone B.  

The algorithm then traced the lines departing from the microphone coordinate along the direction of 

these potential incidence angles. The lines, shown in Fig. 29(c), intersect into three points P1, P2 and P3 

associated with the intersections of microphone pairs A-B, B-C, and A-C, respectively. These points are 

solutions found by the algorithm and their planar coordinates are (x = 1.18 m, y = 0.0 m) for microphone 

pair A-B, (x = 1.37 m, y = 0.05 m) for microphone pair A-C, and (x = 1.62 m, y = 0.0 m) for microphone 

pair B -C. Ideally, such po ints s hould be  id entical a nd collapse in to a s ingle po int c oincident w ith th e 

speaker position. This point shall represent the location of the sound source.  The locations P1, P2 and P3 

underestimate the true position of the speaker (x = 4.57 m, y = 0.0 m). 
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Waveforms asso ciated with other pos itions o f spe aker ar e show n in Fig. 30. A ll w aveforms ar e 

obtained simultaneously from different microphones.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 30 - Waveform of all microphones at 1200 Hz for Indoor experiment positions (a) S2, (b) S3, (c) S4, (d) 

S5, (e) S6, (f) S7 and (g) S8. 
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The localization of  the 12 00 H z s ource w as pursued by  us ing t he K Fact as w ell. The results are 

presented i n Fig. 31 . As t he f eature’s v alues asso ciated with the m icrophones A , B, and C were, 

respectively, equal to 1.0, 0.55, and 0.60; the possible incoming sound directions are those shown in Fig. 

31(a). B y i ntersecting t he s emi-straight l ines the p lanar coordinates of  points P 1, P 2, a nd P 3 w ere 

obtained, namely  x = 2.60 m y = 0.0 m for microphone pair A-B, x = 3.28 m, y = 0.08 m for microphone 

pair B-C, and x = 4.47 m y = 0.0 m for microphone pair A-C. The latter location is in excellent agreement 

with the locations true position of the speaker (x = 0.00 m, y = 4.58 m). 

 

 

 

 

 

 

 

 

Fig. 31 - Indoor test. Speaker at location S1. Source localization by using the feature of the K-factor of the 

1200 Hz toneburst. (a) Experimental polar directivity patterns given by Fourier 3. (b) Localization of the 

sound source. 

The outcomes illustrated in Fig. 29 and 32 are summarized in Table 3, which also includes the results 

of the algorithm when a 1600 Hz pulse was detected and the feature of Max_FFT was applied. Overall, it 

can be seen that the position of the speaker was underestimated, i.e. the speaker was located closer than it 

really was. Microphones A and C identified the position of the source with high order of accuracy when 

the KFact and the frequency of 1200 Hz was employed.  
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Table 3 – Localization performance of some frequency and feature when the acoustic source was located 

at (x=4.57 m, y = 0.0).  

 

(4.57 ,0 ) 
Feature Frequency Solution Mic A-B Solution Mic B-C Solution Mic A-C 

PPK 
1200 Hz 

(1.18 , 0.0) (1.37 , 0.05) (1.62 , 0.0) 
KFACT (2.60 , 0.0) (3.28 , 0.08) (4.47 , 0.0) 

Max_FFT (1.10 , 0.0) (0.65 , -0.12) (0.46 , 0.0) 
PPK 

1600 Hz 
(2.76, 0.0) (2.06, 0.08) (1.65 , 0.0) 

KFACT (2.89 , 0.0) (2.26, -0.06) (1.86, 0.0) 
Max_FFT No Intersection 

 

The same approach as described above was utilized to localize the speaker placed in different position 

in the laboratory a ccording to the s cheme il lustrated in Fig. 28 (d).  Figures 32(a) to ( h) compares t he 

results of  t he PPK feature a pplied t o t he 1200 H z pul se r ecorded by  t he m icrophone a rray w hen t he 

speaker was positioned at S1 to S8 respectively. The gray circles represent the solutions found, the black 

circle the position of the speaker, and the gray square the position of the acoustic sensors.  

 

  

 

 

 

 

 

 

 

 

(a) (b) 
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Fig. 32 - Location of the speaker obtained by using the feature of the peak-to-peak amplitude at 1200 Hz 

when the speaker was located at position (a) S1,  (b) S2, (c) S3, (d) S4, (e) S5, (f) S6, (g) S7 and (h) S8 . The 

gray squares identify the microphones, the gray circles identify the calculated position, the black circle 

represents the true position of the speaker. 

 
In Fig. 32 the results shows that in some cases the solution is far from the exact position of speaker 

(32(a), (b), (d) and (h)) while in some cases the solution is close to the real position (32(c), (e) and (g)). I 

(c) (d) 

(e) (f) 

(g) (h) 
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32(f), t here i s no i ntersection r esulted i n no s olution f ound. In a ddition, a lthough pos itions S 3 a nd S 7 

were symmetric with respect to the array, the localization of position S7 is more accurate than S3.  

The results from all these cases are summarized in Table 4, which lists the results associated with all 

eight sp eaker po sitions.  It can be readily f ound that t he v ertical pos ition ( Y-axis) w as found i n g ood 

agreement w ith the t rue pos ition. However, the est imate o f t he x -distance w as i n many cases  

unacceptable. A small variation in the selected angle r esults in large displacements in estimation of 

speaker position. For completeness the results obtained by using the Fourier 7 are provided in Table 5. It 

can be seen that the results are overall similar, which therefore imply that increasing the computational 

costs of the algorithm doesn’t alter the performance of the localization algorithm significantly.   

In t his table, t he position of  speaker and corresponding coordinate and i ntersection of  s emi-straight 

lines for microphones A, B and C are presented. When the semi-straight lines are not converging, there is 

no intersection as shown in this table.   

 

Table 4 – Localization of different position of speaker by interpolation of Fourier3 fitting curve for PPK 

at frequency of 1200 Hz. 

 

PPK  - Fourier3 - 1200Hz 
POSITION Coordinate Solution Mic A-B Solution Mic B-C Solution Mic A-C 

S1 ( 4.57 , 0) (1.18 , 0.0) (1.37 , 0.05) (1.62 , 0.0) 
S2 ( 4.57 , 0.91) (0.46 , -0.08) (1.16 , 0.25) (0.82 , 0.26) 
S3 ( 4.57 , 1.83) (3.25 , 2.33) (0.67 , 0.24) (0.61 , 0.25) 
S4 ( 3.66 , 1.83) (0.63 , 0.21) (0.73 , 0.36) (0.90 , 0.38) 
S5 ( 3.66 , 0) (4.77 , 0) No Intersection 
S6 ( 2.74 , 0) No Intersection 
S7 ( 4.57, -2.13) (0.82 , -0.37) (0.87, -0.37) (1.31, -0.71) 
S8 ( 3.66, -1.83) (5.64 , -3.56) (1.43 , -1.13) (0.3 , 0.0) 
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Table 5 – Localization of different position of speaker by interpolation of Fourier7 fitting curve for PPK 

at frequency of 1200 Hz. 

 

 

 

 

 

 

 

 

 

Comparing tables 4 and 5, it can be found that using Fourier7 in some cases does not change the result 

significantly, as presented for position S1 and S8. On the other hand, in some other cases like S3, there is 

a large changes obtained by using Fourier 7.   

Table 6 illustrates the results of using features Kfact and Max_FFT in addition to PPK for frequencies of 

1200 Hz and 1600 Hz when speaker is located at position S1. As shown in this table for each feature at 

each frequency, results are far from each other.  

 

Table 6 – Results of expected position of speaker associated with PPK, KFACT and Max_FFT at 

frequencies of 1200 Hz and 1600 Hz when speaker is at position S1.   

 

(4.57 ,0 ) 
Feature Frequency Solution Mic A-B Solution Mic B-C Solution Mic A-C 

PPK 
1200 Hz 

(1.18 , 0.0) (1.37 , 0.05) (1.62 , 0.0) 
KFACT (2.60 , 0.0) (3.28 , 0.08) (4.47 , 0.0) 

Max_FFT (1.10 , 0.0) (0.65 , -0.12) (0.46 , 0.0) 
PPK 

1600 Hz 
(2.76, 0.0) (2.06, 0.08) (1.65 , 0.0) 

KFACT (2.89 , 0.0) (2.26, -0.06) (1.86, 0.0) 
Max_FFT No Intersection 

    

PPK  - Fourier7 - 1200Hz 
POSITION Coordinate Solution Mic A-B Solution Mic B-C Solution Mic A-C 

S1 ( 4.57 , 0) (1.14 , 0) (1.32 , 0.04) (1.54 , 0) 
S2 ( 4.57 , 0.91) No intersection (1.18 , 0.25) (0.85 , 0.27) 
S3 ( 4.57 , 1.83) No intersection (0.70 , 0.24) (0.62 , 0.25) 
S4 ( 3.66 , 1.83) No intersection (0.67 , 0.35) (0.93 , 0.40) 
S5 ( 3.66 , 0) (3.60 , 0) (8.30 , 0.40) No intersection 
S6 ( 2.74 , 0) No Intersection 
S7 ( 4.57, -2.13) (0.70 , -0.34) (0.88 , -0.36) (0.35 , 0.04) 
S8 ( 3.66, -1.83) (6.09 , -3.81) (1.64 , -1.25) (0.36 , -0.04) 
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.0 CONCLUSIONS 

6.1 COMMENTS 

 
In this research, the results of a sound source localization scheme based on the use of unidirectional 

microphones (UM) and amplitude-based sound features to de termine the planar position of  an acoustic 

pulse s ource. UMs a re s ensors w hose out put l evel s trongly de pends on the di rection of  t he s ound 

propagation. The profile of  the microphones’ directivity is t ypically expr essed by  t he polar d irectivity 

pattern (PDP), which correlates the microphone output level with the direction of the wave propagation. 

In the proposed method, PDP is exploited to associate the detector output to a certain sound direction.  By 

intersecting the directions provided by microphones’ pairs, the position of the emitter is identified.  The 

potential novelty of the research presented in this paper with respect to existing technologies is multifold: 

1) us e o f U Ms rather t han OMs; 2 ) us e of s ignal processing assoc iated with st atistical ene rgy-based 

features f rom t he s ound’s t ime, f requency, or  joint t ime-frequency ( wavelet) dom ain instead of t he 

signal’s arrival time; 3) use of empirical equ ations instead of beamforming a lgorithms; 4) ability t o 

capture and locate single events. 

In this study the PDP of UMs were obtained by testing the sensors in an anechoic chamber. The PDP 

associated with one se nsor w as co nsidered applicable for a ll other microphones. After th at, the 

performance of the algorithm to localize the position of a speaker in a closed environment was tested. The 

results of s ome pure tonebursts and f ew amplitude-based f eatures have been presented. In general, the 

results show  that th e performance o f the a lgorithm de grades w hen the accuracy about t he r elative 

sensitivity a mong t he m icrophone i s de termined fairly. Moreover, the ou tcomes of  t his s tudy m ake 
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obvious that the accuracy of t he l ocalization algorithm i s related closely to the ac curacy of t he 

experimental polar pattern. The accuracy of the localization might have suffered from different sensitivity 

of t he m icrophones i n terms of  di rectivity pr ofile, i .e. di fferent m icrophone m ay ha ve s imilar but  n ot 

identical P DP. I n a ddition, a s t he m ethod r elies upo n a mplitude-based features, the sens itivity of t he 

hardware system t o capture t he s ame amplitude p ressure i rrespective of  t he m icrophone and the da ta 

acquisition channel used is cr itical. Future s tudies must take into account such factors by, for instance, 

introducing calibration factors empirically determined.  

The study, that has demonstrated the feasibility of the proposed method as an efficient, inexpensive, 

and c ompact alternative t o the cu rrent technologies based on om nidirectional m icrophones and the 

estimation of the sound arrival time, is part of an ongoing effort to pave the road toward a new generation 

of sound detectors and localizers that can minimize the spacing between the microphone elements. The 

scheme shows computational advantages over the existing techniques and it may offer a suitable tool for 

further developments and field deployment. 

Two key elements of the proposed approach are the normalization of the microphones’ outputs and the 

absence of t he time variable. In t he s tudy pr esented he re, the ana lytical po lar pa ttern for t he t hree 

microphones is cons idered i dentical. The normalization is a ccomplished by  knowing the ou tput t hat 

would be  detected by  a ny unidirectional m icrophone in the a rray if  o riented a long the  d irection of 

maximum sensitivity (
0=ϑ ). By estimating the relative output values among the array’s microphones, 

the approach becomes immune from the amount of acoustic energy emitted by the source and from the 

attenuation along the emitter-detectors paths. 

 

6.2 RECOMMENDATION FOR FUTURE WORK 

 
Future solution for the s ignal normalization may consider an omnidirectional microphone located in 

the c enter o f m ass of the ar ray, for instance the t riangle A BC of  F ig. 2(a) m ay be  us ed. The 

omnidirectional microphone’s output ),( dgM OM λ=  is only dependent on the source-detector distance d 



51 
 

and wavelength λ. Given ),,,0( dbafMUM =  the output of the unidirectional microphones when oriented 

toward the source, a sensitivity factor OMUM MMK = can be calculated. Such factor can be easily 

determined in simple laboratory testing prior to assemble the sensing array. Once the array is assembled 

and de ployed a  ne w m easurement w ill record ),( dgM OM ′=′ λ , ),,,( dbafMUM ′=′ ϑ , a nd 

OMUM MMK ′′=′ . S uch r atio w ill b e e qual t o K if the s ource i s or iented a t J=0 or  l esser t han K.  

Therefore the ratio K’/K becomes the normalized value comprised between 0 and 1 that can be exploited 

for the sound source localization.  

 

For comparing t he results, i t i s suggested to perform an experiment in a usual r oom; similar to the 

experiment for anechoic cha mber described in c hapter 4. In this r egard, the effect of echo and 

reverberation of  sound with r espect to the walls, floors and ceiling may be  de tected. I t i s seemed that, 

most proba bly, the echo a nd reverberation of  soun d af fects t he r esults d rastically. The ap plied soun d 

source localization method may be enhanced by recognizing this contribution and filtering it.   

It is also recommended to perform a t est to record data for different positions of speaker in anechoic 

chamber, similar to the experiment described in chapter 5. By analyzing these data, with the absence of 

reverberation and echo, there is a possibility to localize the sound source more accurately. 
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