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Abstract— Nowadays acoustic perception in intelligent home
applications, surveillance systems and autonomous robots are
gaining great popularity. Many robotic devices are currently
equipped with embedded acoustic sensors. This sound based
localization also find enormous application in military as well as
security systems.

In this paper sound source localization is implemented in
analog circuit and also TOA (Time Of Arrival) estimation of
sound is done in Matlab Simulink. TOA estimation is done based
on GCC-PHAT algorithm.
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l. INTRODUCTION

With the advent of technology artificial intelligence
uses the idea of sound source localization done by human ears.
As a result of this embedded sound sensors are gaining great
popularity. This can be implemented in various ways such as
analog circuit based implementation[3], Matlab based
implementation and FPGA based implementation.

Analog circuit based implementation is done by
amplifying signals collected from an array of microphones and
using this signal amplitude location of sound source is
determined. While in the case of Matlab based implementation
it can be done either in Matlab or Matlab Simulink. In this
paper an experiment to determine TOA (Time Of Arrival ) at
microphones was done in order to determine delay in arrival
of sound at different microphones which help to determine
position of sound source. This experiment was done based on
GCC-PHAT (Generalized Cross Correlation) algorithm[1].

In case of FPGA based implementation GCC-PHAT

algorithm itself can be used and localization can be done on a
Spartan 3e board based on programming done on Verilog.
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Il.  ACOUSTIC SOURCE LOCALIZATION

A. Algorithm for source localization

GCC-PHAT is one of the most popular algorithm that is been
used for calculating delay on arrival between different sources
. GCC stands for Generalized Cross Correlation which is the
most prominent method for TDE (Time Difference in Arrival)
in multiple devices[5]. In noisy environment in order to
improve the performance of GCC weighting functions are
incorporated .Among several weighting functions PHAT is
best in noisy environment. The GCC-PHAT method is also
known as Cross Power Spectrum Phase (CSP)[7].

Consider the case of a microphone array, if distance of a
microphone m to the sound source is 7, (m=1,2,3,4) the total
delay taken by signal to reach source is given by,

Tp="2 1)

c

The equation for GCC is given by,
@G [K] = X1 [K] * Xz [K] @)
Xn is basically x, Defined in frequency domain. Inverse

FFT can be used to transform this into time domain. Where k
is the frequency value ranging from 0 to N-1.

9G] =F G [K] ©)]
F~1is the inverse FFT function. This is used to calculate the

delay t:
The PHAT on the GCC can be represented as,

gPlkl = 220 )
T = argmax P[N] (5)

I1l.  ANALOG CIRCUIT IMPLEMENTATION

In analog circuit based implementation acoustic
localization is done based on variation in amplitude of signal
received at different microphones. Amplitude of signal
received by microphones vary depending on position of
source. So signal from microphone is amplified and analog
signal can be used to determine position for camera as well as
robotic systems

www.ijert.org 62

(Thiswork islicensed under a Creative Commons Attribution 4.0 International License.)



A. Experiment done on Arduino based analog amplification
sensor for servo control

Fig.1. Analog circuit implementation

Since output of microphone MXO08 is in millivolt range
we need to amplify it to required level here | used LM324
Opamp as amplifier with a gain of 100.The amplified signal is
fed to ADC of Arduino, where Arduino is programed to rotate
servo to location where sound is heard based on comparing
analog inputs from microphone.

TABLE I: Microphone output amplified values

ANGLE IN
DEGREES MICROPHONE | MICROPHONE
1 (3 TRIALS) 2 (3 TRIALS)
0 10V,10.28V,11.16V | 4.76V,4.98V 5.2V
90 7.69V.,8.6V,8.97V | 7.43V,8.52V 8.5V
180 4.8V,5.65V,5.73V | 10.1v,10.9v,10.7V

B. Program algorithm

Initially analog signal from microphones connected as
shown in Figure 2.3 is fed to analog input pins A0 ,Al ,A2 of
Arduino and rotation of servo motor is done as Arduino is
programed based on flow chart shown in figure 2.5

o Rotate Servo motor to left half plane: If there is a
sound from left side of microphone array amplitude
of microphone amplified output will decrease below
10v if it happens need to check whether sound occur
from extreme left that is 0 degree or in between 0
degree and 90 degree and rotate accordingly.

e Rotate Servo motor to center: If sound occur from
center left and right microphone output will be high
while center microphone output will be low so rotate
Servo to 90 degree according to amplitude
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e Rotate Servo motor to right half plane: If there is a
sound from right side of microphone array amplitude
of microphone amplified output will decrease below
10v if it happens need to check whether sound occur
from extreme right that is 180 degree or in between
90 degree and 180 degree and rotate accordingly.
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Fig. 3. Program Flow chart

IV. DOAESTIMATION DONE ON SIMULINK USING
GCC-PHAT ALGORITHM

In this experimental setup is done by attaching two
microphones to laptop and audio signals from this
microphones are captured using audio device block in
Simulink and GCC PHAT equation was implemented on this
signals and delay time in arrival of sound at two microphones
were analyzed[6]. Figure 2 shows the model created in
Simulink for this test.

A. Time delay of arrival calculation

Signals captured by microphones is given by, GCC-PHAT
estimation in frequency domain is given by,

x; (t) = a;s(t —t;) + n;(t) (6)
x () = ajs(t —t;) + ny(t) (7)
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GCC-PHAT estimation is given by,

xi (@)x] (@)

GCCPHAT;; (w) = ®)

lxi (@)[x] ()]

GCC-PHAT calculation for delay time 4 t is given by,

FTx; (m)FTx;- (w)

GCCPHAT;; (w) =IFFT 9)

|FTx; (a))||FTx; ((u)l
FT- Fourier Transform
FFT — Fast Fourier Transform

V. IMPLEMENTATION RESULTS

VI. Based on above equations Simulink model is
implemented and delay in TOA(Time Of Arrival) is
estimated with two microphones
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Fig.7. Correlation of the two microphone outputs for sound produced at four
different sources instances of time.
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Fig. 5. Simulink model for TOA estimation using GCC-PHAT algorithm
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Fig. 6. Correlation of the two microphone outputs for sound produced at two
different instances of time

IJERTV 415100112

| 0.00068305678409905||  0.0001043047280788|
| 0.00068300630395906|| 0.00010419109604106|
| 0.00068252809536801||  0.0001038064008058|
| 0.0006831386537078||  0.000104328902857|
| 0.00068208430572538| 0.00010337760780448|
| 0.00068312783127195||  0.00010433938085896|
| 0.00068183058616996| 0.00010312193801839)
TOA

Fig. 8. TOA output obtained from two different microphones.

V. CONCLUSION

Based on the analog circuit implementation of sound sensor
using amplitude comparison, the Servo motor was rotated to
various angles from -90 and +90 degree with respect to default
position. More accurate results were obtained in less noisy
environment. Analog circuit based implementation is cost
efficient. This can be used in security systems like
surveillance cameras, but more accurate positioning is not
possible using Analog circuit implementation.

So we checked this TOA(Time Of Arrival) estimation on
Matalb Simulink and was able to determine the delay
difference in sound arrival at two microphones based on
location. This value is used to determine exact angle of
incidence of sound. For real time applications GCC-PHAT
calculation is lot faster. So TOA based estimation is much
efficient on comparison with Analog circuit based
implementation of sound sensor.
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