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Simulation of Microphone Array for Sound Localization
using Human Binaural Hearing Model
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Abstract — There are proposed many microphone array  sound source that arrives from an azimutlf ohdians can be
structures and algorithms, which are tested and can be approximately described with the following equation using
characterized with advantages and disadvantages in some (ijffraction theory [6]:
concrete applications. Here in this article is proposed to apply a
and test a combination of a simple two microphone array r:(}ZSinH, Q)
structure and algorithm for modelling and simulating binaural c
human perception. The most important thing in this proposal is  where
the simulation of human ears with two microphones and to 7 js the interaural time difference (ITD);
choose their type to have the beam forming diagram of a- the radius of the imaginary of human head;

sensitivity similar each other. Also in simulation algorithm is _ . .
proposed to apply the elements of human binaural hearing to as C =343 m/s - the speed of sound waves in the air.

much as is possible to known the complex and not fully The goal of this article is to propose, apply and test a
understand the processes in the human brain on auditory combination of a simple two microphone array structure and
perception and in particular human perception of the direction  algorithm for modelling and simulating binaural human
from which sound waves arrive. Theresultsfrom smulationsare  perception.

presented to show the characteristics of sound sour ce localization

(SSL) achieved with proposition to apply human binaural

hearing model for the purposes of sound direction of arrival and Il. DEVELOPMENT OF SSL GEOMETRICAL MODEL

localization.
. ) The geometrical model of microphone array based on the

Keywords —Human binaural hearing model, Sound source  pman binaural hearing is proposed in Fig.1. It is based on the
localization (SSL), Microphone arrays. human hearing aid and binaural SSL. It consists of two
microphonesM; and M,, with the identical parameters. They
are situated on the short distandebetween them, with the
o _ value similar to the distance of the ears in the human head.

Investigation of the human hearing system and attempts #phe hositions of the two microphones are shown in Fig. 1 as
its simulation are one the most popular themes ”OWadayscéfordinateyml, Y1 @Nd X, Yo FEspectively (assuming as
the sound signals are received from a person it is easyhQisontal, y as vertical coordinate and the origin of
determinate the proper direction only with the help of thg,, qinate system in the left upper corner in Fig.1). Sound
human ears and human brain. But if the human is replacgg|,rce, producing corresponding sound source sighal
with mobile robot - comblnat|qn of a proper m_|cro_phone array sually a speaking person or speaker producing sound waves
structure and the corresponding sound localization algorithi)my an audio system) is positioned on the other end of the
is needed. Both working together are important to achieve the, 1, |t can be described with the coordinatgs &ndys:o).
appropriate_ accuracy of direction of sound arrival and the Usually the number of sound waves arriving to the human
corresponding SSL. [1] _ _ears or to each of the microphones in the microphone array is

Microphone array structure and chosen algorithm workinge, infinite in real situations, but it is very difficult or
together are important to achieve the appropriate accuracy;ghqssible to describe the summary sound wave arriving to
direction of sound wave arrival and the corresponding SSL. &, of microphones in the microphone array. Therefore, in
number of factors affect the spatial aspects of how a sounqys 5rticle based on human hearing model, a simplified
perceived. The “Duplex theory” was the first comprehensiVg,;metric model (Fig. 1) is proposed for sound waves
analysis of the physics of binaural perception [2, 3, 4, 5 a’gqopagation to each of two microphones in a microphone
7]. If the imaginary or artificial head as model of the humag, 5y “assuming the existence only of one direct and two
head in a mobile robot human hearing model of mobile robplfected sound waves arriving to each the left and to right
microphone array had completely spherical and uniformjcronhones, respectively. In Fig. 1 are shown for simplicity
surface, the interaural time difference (ITD) produced by thg,y the trajectories of direct and two reflected sound waves

arriving from the sound source to the left standing microphone
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- G reflection angle for first reflected sound wave; where

L__. is the vertical component of the distance between sound
- I R=1 R +15 +15 second reflected sound wave —Per P

source S and microphone#l; and M, if it is assumed the

trajectory; placement of the two microphon&; andM; in a horizontal
- 92 angle of the for second reflected sound wave. line, i.e. the equation (3) is satisfied;

The direct and two reflected sound waves with thej . the horizontal component of the distance between sound
lengthd,, |~ and |} produce the corresponding soundgyyrce S and microphoné,.

signalsS,, S and S, at the position of the left microphone _Using equatiqns (4) and (5) is possible to calculate the
o ] distancelq; (for i=1,2) between sound sour€eand each of
M, arriving from the sound sourc®. The explained above microphonesvl; andM, as follow:

simplified geometric model (Fig. 1) can be considered also for 1 .
the right standing microphond,, assuming, that it is Ly :E\/di2+4|‘per2 fori=1,2 (6),
necessary only to change the indewith the indexR for the ] )

corresponding indication of trajectories lengths of the direct, The angle of arrivafy of the direct sound wave, for
two reflected sound waves arriving to each the riglgxample to the microphon&l,, can be calculated using
microphoneM, and reflection angles. equations (4) and (6):

T,
h w

L
- 6, = arcsin%) )
d

In the similar way, using the ordinary geometric relations is
possible to calculate also each of the angles of arﬁkato
the microphonesM; or M, of reflected sound waves after
n=1,2,3.... number of reflections from the walls of the room
(Fig. 2). Therefore, the resultant signaf§,; and S,

received from microphonel§l; and M,, respectively are the
sum of corresponding signals produced by the arrived direct
] and reflected sound waves to each of them, after n=1,2,3....
number of reflections:

S= kst k&+ kS +...+ KS

Py A W= kSt KB+ ES+..+ S (8)
\K>§;\-“_ //%1}

P where
>
N K,k ,K,...kK and K K KZ,....k* are the attenuation
Fig.1. The proposed geometrical model of microphone array indexes of the corresponding parts (direct and reflected) sound

signals produced by direct and reflected sound waves arrived
Weach of the microphonés; andM.,.

The attenuation indexes are important for description of the
interaural intensity difference (l1ID) in algorithms of sound

Needed geometric parameters, shown in Fig. 1, are ro
dimensions (length -+, and widthr,), distance between
microphones -d, sound source coordinateg,{ andys) and
positions of the two microphones.{i, Ym Xm2 andym,). Some o ] ) )
of these geometric parameters, for exampigandy, can be localization. Indirectly in the resultant signalg,; and §,,
calculated in the following way from,,; andy.,,, if they are in equation (8) exist as the lengths of the reflected sound wave

defined: trajectories and corresponding time difference of arrival, as
Xop = X +0, (2) estimation of interaural time difference (ITD).
Yo=Y =y 3) The values of the defined in equation (8) attenuation
oo indexes lé,kli,kzl,...,ki and Ié,kf,kzz,...,kf can be
where determined (in decibels) from microphone beamforming
Xm2 andX,;arex-coordinates of two microphon&s; andM,; diagram of_chosen type of microphortds ar.1d M, for the
Ymz andymi- y-coordinates of two microphoné; andMy; corresponding values of angles of arnva’f’n to the
d - distance between them. microphonesM; or M, of direct and reflected sound waves
For the calculations of the values of the lengghd L ang after n=0,1,2,3.... number of reflections from the walls of the
room.
|2Rof direct and two reflected sound waves, is necessary to For simplification, in the determination of the values of the
known the following additional geometric parameters: attenuation indexeslé ,k11 'kzl'___,krl] and |§ ,K? ,k;'___,krf, is
Lper :‘yml_ysrc‘ (4) assumed to ignore the losses in reflection and absorption in

d, =] Xg = Xere| (5) the walls of the room.



II L INT. SC. CONF. ON INFORMATION, COMMUNICATION AND ENERGY SYSTEMS AND TECHNOLOGIES, 24-26 JUNE, SOFIA, BULGARIA

The resultant signal§,,, and S,,, of microphones; and Microphone Element” as the type of microphohésandM,,
M, derived by equation (8) can be used as input audféh'Ch allow to define their beamforming diagram of the type

information in development and testing the algorithms of SS (?_ard|0|d  Similar to the human ear hearing sensitivity and

Simulatng theapproprite stuatons and scenaros [ SRRIOPLe grentaton ke i the Namap Ear on P
positions for different cases for sound waves reflections fro ' 9
the room walls and in room constructions and dimensions

possible. : : L ; wgm g
L . icrophoneM,) orientation is prepared with chosen “+” or “-
The proposed simplified planar geometrical model of sour{(rl?n the lines 4 and 5 in the module of Matlab program:

waves propagation from sound source to the corresponding
microphones in microphone array.

3 Matlab program and the definition of beamforming
jagram of the left (microphoneM;) and the right

h = phased.CustomMicrophoneElement;
h.PolarPatternFrequencies = [500 1000];

[1l. SIMULATION OF SSL GEOMETRICAL MODEL h.PolarPattern = mag2db({...
0.540.5*cosd(h.PolarPatternAngles);...

. . . - 0.620.4*cosd(h.PolarPatternAngles)]);
The simulations proposed to test the proposed simplified resp = step(h,[500 1500 2000],[0 0;40 50]);

planar geometrical model of sound waves propagation from plotResponse(h,500,' RespCut,'Az'/Format','Polar’);

sound source to the corresponding microphdvieandM, in

microphone array presented in Fig.2. From the generated beamforming diagrams of the left
It is based on the human binaural hearing model, arrangeitrophoneM, and the right microphonkl,, shown in Fig. 3

following the algorithm and then realized as thés possible to obtain the information about the values of

corresponding Matlab program. attenuation indexesl{; ,kl1 ,kzl,...,ki and lé ,@ ,|<22,...,kn2
in the correspondence of calculated from equation (7) angles

m of arrival 9n to the microphonedl; or M, of direct and
reflected sound waves after n=0,1,2,3.... number of
INPUT FOR OBJECTS’ reflections from the walls of the room. The values of

PIMESIORS SRB FOSITIONS attenuation indexesk K ,k;,....k; and I K kZ,....k?

are necessary in the equation (8) for definition of the resultant
ANGEL'S OF ARRIVAL CALCULATION signals SM1 and SM , received from microphondd;, andM,

as the sum of corresponding signals produced from the arrived

to each of two microphones direct and reflected sound waves.

SIMULATION OF THE
MICROPHONE ARRAY PATTERN

IV. EXPERIMENTAL RESULTS

ATTENUATION RATIO’S CALCULATION Experimental results after the simulations carried out with
the proposed and developed simplified planar geometrical
model of sound waves propagation from sound source to the
corresponding microphondd; and M, in microphone array
based on the human binaural hearing model are presented in
the following way.
The initial parameters, needed for the calculations with

m equation (7) of the angles of arriv&L to the microphonekl,

Fig.2. Simulation model is arranged as an appropriate algorithm. or M, of direct and reflected sound waves after n=0,1,2,3....
In the first part of the algorithm and the correspondingjir:gosrgl?rlcr;gegzlg:ésirﬁggi:n;rgognmdmwfggyf2(5)38 Tqr::]))
Matlab program are defined some necessary input paramefgrs positions of the two microphones<m(3=rc1900 mm

for room dimensions - length # and widthr,, also the _ _
- ; ; ' Ym=5000 MM Xx»=2100 mm ang,,>=5000 mm).
distance between microphones d;- coordinates of sound For example, in concrete simulation the values of the

source s and s, and positions of the two mlcrOphonescalculated angle of arrival of direct sound wave, i.e. without
(Xm1,Ym1 Xm2 andymy). . . _ . .
With these defined parameters the different angles of arriv&flection, is 6, =89 degree (marked with red arrow in
are calculated depending on the situations if there is ®g.3), which correspond to the index of attenuation
reflection, there is one reflection or there are two reflections. j,1 — -6.02dB (Fig.3).

The generation of microphone beamforming diagram of . _
microphonesM, andM, is done using the existing in Matlab In the similar way, the angle of arrival of sound wave after
class of microphones as elements of basic class Microphaopree reflection isth = 49degree (corresponding to 131 degree

array. In this case is chosen to use the class “CustomFig. 3 and marked with green arrow) with attenuation

RECEIVED SIGNAL"S CALCULATION
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indexkll:—l.70dB. Also the angle of arrival of sound sound wave and reflected sound waves after n=1,2,3....
number of reflections.
wave after two reflections isf, =22 degree, which

correspond to the attenuation indéx= —28.01dB. V. CONCLUSION
S][ Az\mj*(:ut Si

0

R
Sd Azimpith Cut

: The aim of the proposed in this article geometrical model of
sound waves propagation from sound source with
combination of a simple two microphone array based on the
human binaural hearing model is fully achieved.

The equations derived from the proposed geometrical
model lead to achieve the important descriptions of direct and
reflected sound waves propagation after the defined simple
cases of two numbers of reflections from the walls of the
room, especially the resultant signals received from two
microphones in the in the microphone array. These equations
hold the information of interaural intensity difference (lID) as

The used above values of the angles of arri\/%_efined attenuation indexes and information of interaural time

R 11 ifference (ITD) as the lengths of the reflected sound wave
6,,6,,6,and the attenuation indexl, ki, k; are calculated trajectories. Used microphones are with similar receiving
executing the developed for these simulations Matlabharacteristics like the human ears and their type is chosen to
program, based on the proposed algorithm, shown in Figltave the beam forming diagram of sensitivity similar to
The results in Table | are for these calculated from Matldgluman ears beam forming diagram of sensitivity. The results,
program angles of arrival00,01,6?2 and the attenuation derived as equations :_;md simulations, will be usgd for further

deep analyses and will be extended and complicated for the
indexeské, kll, k;. different positions of sound source, increasing the number of

The values of the attenuation indexes calculated by tgeund waves reflections.
Matlab programké, kll, k; are substituted in the equation (8)

Normalized Power (dE)
Normalized Power (dB)

Fig.3. Experimental results
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