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Abstract

  

The purpose of this project is to desig a systematical method in 

order to measure human directionality ability in horizontal plane 

with a single sound source. A completely virtual auditory model 

has been created in Matlab. The project consists of modeling 

binaural cues, designing digital filters, designing a test workbench, 

measuring listener's directionality and analyzing the data. The 

head related transfer function (HRTF) is computed by calculating 

the two most important binaural cues, interaural level difference 

(ILD) and interaural time difference (ITD).  The platform is made in 

Matlab and all results have been shown by plots produced from 

Matlab code. The directionality test has been done with real 

human subjects and the results have been analyzed and 

presented.    
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Abbreviations

ASIO:  Audio Stream Input/ Output

FD:       Fractional Delay

GUI:     Graphic User Interface

HRIR:   Head Related Impulse Response

HRTF:  Head Related Transfer Function

IID:       Interaural Intensity Differences 

ILD:      Interaural Level Differences

IPD:      Interaural Phase Differences

ITD:      Interaural Time Differences

MAA:    Minimum Audible Angle

MF:       Maximally Flat

SHM:    Spherical Head Model
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Introduction

   Binaural hearing is human and other animal's ability to judge 

direction of a sound source. As long as man has lived on Earth

he/she has been able to localize the sound source(s) by using two 

ears.  

    Wide research has been done on binaural hearing in many 

advanced laboratories during last century. Many of them have 

worked with dummy heads and some of them have worked with 

humans. 

    This thesis has focused on some of the recent researches and 

uses one of the existing models to determine a method for 

measuring human’s directionality. The thesis scope is the 

horizontal plane and the binaural cues (ITD and ILD) have been 

simulated in azimuth. The "spherical head model"   is one of the 

oldest and the easiest but the most powerful model that has been 

considered for creating the virtual auditory model.

   This thesis does not discuss about physiology of hearing and 

hearing organ. The investigated area is just between a sound 

source and entrance of pinna.
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   The assumptions are using a single sound source, working on 

horizontal plane in the front semicircle. We also suppose that  0   

is at right ear, 180  is at left ear and  90  is in front of the head.

   The details of the work are discussed in following sections. In the 

background section there are some turnovers on recent 

researches. Binaural perception, binaural cues, head related 

transfer functions (HRTF) have been discussed in chapter 1. In 

chapter 2 the Spherical head model is been explained. The virtual 

auditory model and digital filter design and some calculations,

have been put in section 3. The test workbench and the test 

equipment are presented in chapter 4 and chapter 5 consists of 

the binaural measurement and analysis of the results. 
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Background

   Lord Rayleigh (John William Strutt) found the localization 

process during 1877-1878. He noted that if a sound source is in 

ipsilateral ear, then the head makes a shadow cast in contralateral 

ear. Therefore, the signal in the contralateral ear is been more 

attenuated than the ipsilateral one. He also noted that different 

parameters affect on localization at low and high frequencies. His 

theory was named "Duplex theory" and it is valid to now, of course 

with some extensions.   

  Many models of binaural processing were created over the last 

century. "Spherical head model" (Lord Rayleigh, 1907 and 

Woodworth/Schlosberg, 1954), “direct Cross-correlation of the 

stimuli model”  (Sayers and Cherry, 1957), “The binaural cross-

correlation model ” (Jeffress, 1956), “direct comparison of the

amount of the left-sided and right-sided internal response to stimuli

model”  (Bergeijk, 1962), ”interaural comparison auditory–nerve 

activity” model( Colburn, 1973, 1977) and many other models were 

created [12]. 

   Many other researchers studied other aspects of the binaural 

hearing such as multi channel sound sources, moving sound 

sources, noise reduction and so on. 

   Spherical Head Model (SHM) that will be presented in this 

project is the first binaural model and it was born in the first of the 

last century.  Rayleigh's SHM (1907) was so simple.  Woodworth
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and Schlosberg (1954) calculated binaural cues in polar coordinate 

system [5].

   Joel David Miller (2001) modeled the spherical head in Cartesian 

coordinate system [10].    
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1. Binaural Perception

1.1 Binaural cues

   There are two important binaural physical cues in the horizontal 

plane. These two cues are: 1. Interaural time differences (delays), 

ITD and 2. Interaural level (intensity) differences, ILD or IID.  

1.1.1 Interaural Time Differences

   The difference in arrival times from a sound source in ipsilateral 

and contralateral ear is called ITD. ITD happens because sound 

waves arrive to one ear earlier than another one. ITD is the 

dominant cue at frequencies lower than 1500 Hz. The wavelengths 

of frequencies lower than about 1.5 KHz are comparable with   the 

human head size. The minimum ITD is zero and the maximum 

perceptible ITD is about 600-800 µs.  

       Figure 1.1 shows a simple single source spherical head 

model with head radius a and azimuth θ. In Rayleigh's spherical 

head model with a sound source at infinity, ITD has a simple 

explanation. He obtained the following formula for ITD:
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                    Figure 1.1- Rayleigh's spherical head model in horizontal plane

                )sin(  
c

a
ITD            2/2/        (1)

   Here  c  is speed of sound (approximately 343 m/s) and θ is the 

angle between the line which has connected the sound source to 

the head center and the median plane in radian.  With this formula 

the ITD is zero when the sound source is in front of the head and 

is  ca/57.2 , when the sound source is located at one of two ears 

at the sides. ITD is more sensitive in near-field (less than 1 meter 

source distance) than far-field. It is seen in the formula that ITD is 

frequency independent, but in some other binaural models it is 

dependent on frequency. The position of a sound source at 

distance dis from the center of the head in a SHM has been 

shown in Figure 1.2.  

θ
θ

 a  a
Ipsilateral

Ear
Contaralateral

Ear

Horizontal 
planeM

edian
Plane

θ



                                                                                                                                                                                              

9

                          
                           Figure 1.2- A sound source at distance dis from the center of the head in spherical          

                                           head model in horizontal plane

1.1.2 Interaural Level Differences

           

   The difference in sound pressure levels or intensities in 

ipsilateral and contralateral ear is called ILD or IID respectively. 

ILD is a dominant cue at frequencies higher than about 1500 Hz 

but generally affects the contralateral signals of all frequencies. 

ILD happens because the head makes a shadow cast in 

contralateral ear. The ILD dependency to frequency is illustrated in 

Figure 1.3. ILD is nonlinear with frequency and is strongly 

dependent on frequency over audible spectrum because sound 

waves are scattered when the head diameter is larger than the 

wavelengths and diffraction increases rapidly with increasing 

frequency.
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    Figure 1.3- The head-shadow effect at high frequencies and ILD dependency to frequency and 

position

The smallest detectable ILD is about 0.5 dB, regardless of 

frequency.  The far-field ILD doesn't exceed 5-6 dB whereas the 

near-field ILD, for example, at 500 Hz exceeds 15 dB [2].

    

1.2   Head Related Transfer Function

  The transformation of a sound signal from a sound source to a 

listener's ears is called Head Related Transfer Function (HRTF) or 

Anatomical Transfer Function (ATF). HRTF is a function that 

characterizes and captures the binaural cues for sound 

localization. HRTF is an individual function for every person and 

every sound source location. It depends on frequency and azimuth 

Head Shadow

250 Hz

6 KHz



                                                                                                                                                                                              

11

in 2 dimensional space. Using non-individual HRTF has a high 

measuring error and it is not as accurate as the individual type.  

    In another phrase HRTF describes the filtering of a sound 

source before being received by the ears. Far-field HRTF is 

attenuated inversely by the range whereas in near-field, the HRTF 

follows the ILD changes. 

                                       

                            Figure 1.4-The HRTF for left and right ear

   As shown in Figure 1.4 the signals that are received by two ears 

are:

                          

                                                   )(LX    )(LH  . )(X

                              )(RX      )(RH  . )(X

)(X

)(RH
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   )(LH and )(RH  are the frequency responses of the 

transformations for left and right ears respectively. HRTF is a 

frequency domain expression of the head related impulse 

response (HRIR).

   By knowing the HRTF is always possible to create binaural 

signals from monaural sound sources. HRTF is usually measured 

in far-field.  

   HRTF in free field is a very complicate function whereas it is a 

simpler function in a virtual auditory model.

           Figure 1.5- Head related impulse response of KEMAR dummy head (The MIT Media Lab, 

May1994)

    Some HRTF measurements with dummy heads have been done 

in laboratories such as "The CIPIC Interface Laboratory" and "The 

MIT Media Lab" [17]. By putting the sound source(s) in different 
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places in the laboratories and recording the results using      

microphones, a series HRIRs have been obtained. 

    In this project and with SHM, the HRTF is neither completely 

individual nor non-individual. The simulated HRTF should be 

regarded as an average type. It means the people who have the 

same head radii use the same HRTF for synthesis of binaural 

signals.  It can be called "Average HRTF".

1.3 Minimum Audible angle

  

   In 1958, Mills obtained the MAA (Minimum Audible angle) as a 

function of frequency and azimuth.   

1.3 Binaural Models

          Figure 1.6-The minimum audible angle versus frequency, Mills (1958)

Figure 1.3- Set of points with the same ITDsnd ILDs 
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 As shown in Figure 1.6 the MAA, by using headphones, is about 

1 degree when the sound source is in front of head at frequency 

range about 500-750 Hz. 1 degree MAA is proportional to smallest 

detectable ITD, about 10 µs.   With increasing frequency the MMA 

increases.  MAA is symmetric around 90  in the spherical head 

model. 

1.4 Cone of Confusion

                                         Figure 1.7-Cone of confusion of azimuth

   The cone of confusion consists of the points that have identical 

ITDs and ILDs in 3D hearing space. Using only one of the cues for 

synthesis binaural signals in virtual auditory models causes the 

confusion. It doesn't usually happen in the nature because there 

are many other parameters for localizing the sound source(s) such 

as reflected sound waves from the environment and vision 

hearing. 
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2. The Spherical head model

  

  

  In the spherical head model (SHM) it is supposed that the head 

is as a sphere. All calculations of binaural cues are done under this 

assumption. The scattered audio signals by the head, torso, 

shoulders, outer ear and ear drum are ignored in binaural 

measurement with headphones. The SHM captures sound wave 

diffraction caused by the head and is a useful model for 

synthesizing binaural cues, ITD and ILD. The behavior of the ILD 

and ITD in SHM will be developed in this chapter.

   

2.1 Modeling ITD

      

  Figure 2.1 shows a spherical head model in horizontal plane. If 

the sound source is located in ),( ssss yx  in Cartesian coordinates, 

the ITD has been solved by the following equations [10]:
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          Figure 2.1-The Spherical Head Model in horizontal plane (Joel D. Miller, 2001)
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   22

22

)(

)(

ssss

ssss

yHRxDRD

yHRxDLD





        If the sound source is at right side DLALDL 

        Otherwise                                        DLDDL 

         If the sound source is at left side DRALDR 

        Otherwise                                        DRDDR 

                           cDRDLabsITD /)(       (2)

    Woodworth and Schlosberg (1954) calculated the ITD in polar 

coordinate system and Joel D. Miller (2001) has solved the ITD 

equations in Cartesian system [10].

   From (2), the ITD is a symmetrical function at the two sides,  

ipsilateral and contralateral.

   In the SHM, the ITD is strongly dependent on head radius and 

weakly dependent on source distance at far-field, but is frequency 

independent. If the absolute value of the ITD is calculated, it will be 

a symmetrical function at the two sides, ipsilateral and 

contralateral.
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    Figure 2.2 shows the dependency of ITD on the head radius in 

SHM. The source distance is 2m and the azimuth varies between 

0 and 180 degrees.    Changing 1 cm in the head radius causes 80 

µs in the ITD in 0 or 180 degree (two sides in front of the ears).

  Figure 2.3 also shows the dependency of ITD to the source 

distance shows the dependency of ITD to the in SHM. The head 

radius is 9 cm. As shown in these two Figure ures the ITD is more 

sensitive to hr and does not change so much with the source 

distance.

   Dependency of the ITD to source distance can be described in 

another phrase. Figure 2.4 shows dependency of the ITD to

source distance with constant azimuth angles. 
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Figure 2.2-The ITD (µs) versus azimuth (degree) with distance source=2m and different head radii
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2.2 Modeling ILD

   Figure 2.5 shows the frequency response of Rayleigh's 

spherical head model. It is seen in the figure that the most 

attenuation happens at the angles  165150   and the response 

rises again at  180  .

   That is a simple model and can fulfill ILD requirement. For the 

head size 9 cm, the normalized frequency μ=1 corresponds to a 

frequency about 607 Hz and μ=20 corresponds to frequency= 

12131 Hz. The model behaves as a low pass filter for 
100 .

    Figure 2.5-The frequency response of the Rayleigh head model, μ= normalized frequency, a=head 

radius, c=speed of sound and f =frequency, θ=azimuth. The right ear is at θ= 0 , and the left ear is at 

θ= 180  and θ= 90  is front of the head.
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2.2.1 ILD Approximation in Spherical Head Model

   It is possible to model the ILD with a first order transfer function. 

A simple linear filter can provide a frequency response as given in

Figure 2.5.  

   It is needed to have a transfer function which changes with 

azimuth and frequency. One suggested transfer function is a 

single-pole, single-zero head shadow filter [1]:
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          (4)

       In the second row values 1.0min  and 150min   give a good 

approximation of Figure 2.5 [1].

   The model created from (3) and (4) is shown in Figure 2.6.  In 

this model the response drops off with the angle 180 .  The case 
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0 is corresponding to maximum head shadow, and 2
creates 6dB amplification at high frequencies. The magnitude in 

Figure 2.5 generally increases with the frequency at the ipsilateral 

ear. It happens because at high frequencies the sound wave is 

reflected off the surface of the sphere back in the source direction.
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Figure 2.6-ILD approximation of spherical head model, μ=2πfa/c is normalized frequency with the 

source distance=2m.

   The reflected and directed sound waves combine to generate a 

6-dB boost at the ear location. By moving the sound source to the 

front of the head, the gain decreases [ 2].

0az Corresponds to the location of ipsilateral ear and 

180az  corresponds to the location of contralateral ear.
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2.3 The HRTF in SHM

   The properties of the HRTF in the horizontal plane are described 

by the interaural cues in the spherical head model.  The amplitude 

of the HRTF increases in ipsilateral ear as the sound source 

distance decreases and decreases in contralateral ear as the 

source distance increases. The HRTF increases in ipsilateral ear 

with frequency and decreases in contralateral ear with frequency. 

In near-filed (< 1m) the amplitude of the HRTF varies rapidly with 

distance, whereas it changes slowly in the far-field (>1m). The 

HRTF is obtained by convolving the ILD and ITD impulse 

responses.  
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3 The Virtual Auditory Model 

             

   The modeled ITD and ILD in (2) and (3) is implemented in this 

section. Calculating the cues for a sound source with a specified 

distance in a given azimuth angle and head radius is done in

Matlab. Two functions have been created in order to calculate the 

ITDs and ILDs. The block diagram of the SHM model used in this 

project can be shown in Figure 3.1.

  

  The diagram consists of three main blocks: applying ITD, 

applying ILD and sending out binaural signals. This project has 

been focused on the two first blocks. The third block is a Matlab 

Audio Processing (MAP) framework that is explained later in this 

chapter.   The applied ITD and ILD to input digital audio signals 

have been done by digital filters.  The time delays from the sound 

source to each ear and corresponding gains have been calculated 

in Matlab by two functions. The pseudo-codes of these two 

functions are given in Appendix A.  
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                                                      Figure 3.1- The block diagram of implementing SHM                               

3.1 Calculating ITD

    The formulas yielded to (2) are the equations that have been 

calculated with input arguments like source distance, head radius 

and azimuth angle. The source distance has a constant value in 

the auditory model and it is 2 m. The head radii and the angles are 

entered by the test operator who works with a test work bench that 

will be described later. The Matlab function which calculates the 

ITD returns the time arrivals from the sound source to both ears. In 

Table 3.1 it is shown some time delays and ITDs with different 

azimuth angles. The next step is applying these time delays to the 

input audio signal. 

Monoural 
sound 
source

Time 
delay to 
left ear

Time 
delay to 
right ear

Gain to 
left ear

Gain to 
right ear

Playback to 
left ear

Playback to 
right ear

L

R

Applying ITD Applying ILD Sending out 
binaural signals 
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Table 3.1-The ITDs in SHM model with different azimuth angles, source distance= 1 m and head 

radius=9 cm 

3.1.1 Time Delay Filtering 

   

   As we have a virtual auditory model, input audio signal is a 

digital audio file. As we observed in section 2.1 the ITD is 

frequency independent in SHM. It means creating the time delays 

for a digital audio signal is not dependent on frequency. Therefore 

we need a digital filter which applies calculated delays for all 

frequencies.

   One of the best solutions for the goal was a fractional delay (FD) 

all pass filter. This filter can apply group delays in samples over 

Azimuth 

(degree)

Ipsilateral delay

(ms)

Contralateral 

delay (ms)

ITD in SHM

(ms)

          0        2.6531        3.3394       0.6863

          15        2.6629        3.2707       0.6078

          30        2.6914        3.2020       0.4658

          45        2.7362        3.1333       0.3971

          60        2.7935        3.0647       0.2712

          75        2.8588        2.9960       0.1372

          90        2.9273        2.9273       0.0000
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the whole audio spectrum. Among different types of FD filters, the 

maximally flat one could satisfy the requirements.  A discrete time 

all-pass filter has a transfer function as below:   

N
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   where N is the order of the filter and the filter coefficients  

),...,2,1( Nkak  are real.  The coefficients ka can be designed for 

having a maximally flat group delay D with the following formula:  
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   specifies the k th binomial coefficient. The coefficient 0a is 

always 1, so there is no need to normalize the coefficient vector 

[14].
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   Thiran (1971) showed that if ND  ; the roots of the 

denominator (poles) are within the unit circle in the complex plane.

It means the filter is stable. The filter is also stable when

NDN  1 . The poles are inside the unit circle and as the 

nominator is a mirrored version of the denominator, the zeroes are 

outside the unit circle. The angles of the zeroes and the poles are 

the same, but the radii are inverse of each others. For this reason 

the amplitude response of the filter is flat. It is possible to say:

                      1
)(

)(
)( 
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                    Figure 3.2- The group delays of N=44, Thiran FD-MF all pass filter   
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   The group delays response of the Thiran all pass filter with the 

order number N=44 is shown in Figure 3.2. The group delays in 

samples are started at 5.0ND   and stopped at 5.0ND .  

The group delay response in Figure 3.2 makes a delay between 

43.5 and 44.5 samples. With a 44100 Hz sample rate frequency it 

is possible to make a delay between 0.986 ms and 1.009 ms.

  

  3.1.2 The FD-MF all pass filter

   

  For designing a filter with the transfer function in (5), we have to 

calculate the coefficients in (6). A Matlab code has been created to 

calculate the coefficients. The pseudo-code is given in Appendix 

A.

   The order of the filter depends on the needed time delay and the 

sampling rate, since the group delays are in samples. The order of 

the filter can be calculated as:

                           N  Time delay * sample rate         (7)

   N has to be rounded to the nearest integer number. For instance 

to create a time delay of 2.6629 ms at the sampling rate 44100 Hz, 

the order of the filter is N=117. With this order of the filter we can 

make a delay over an audio signal which has been sampled at 

44100Hz, between 116.5 and 117.5 samples. The accuracy of 

delaying depends on the numbers of the divided steps in this area.  
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The ITD in our SHM model is a symmetric function at right and left 

ear. For each area 
900  and  18090  , there are 45 

division equivalent to 46 tabs.  Hence the delay at each area will 

be 11 µs.  This accuracy has two advantages. The first advantage 

is avoiding built-in errors and the second is fulfilling the MAA. Of 

course we don't need this accuracy at all frequencies and all 

azimuth angles for achieving the MMA, but it may be useful for 

future work.

3.2 Calculating ILD

   

   As shown in (3), a one-pole one-zero transfer function with angle 

varying coefficient can satisfy the amplitude gains in the SHM. A

Matlab code has created the amplitude response in Figure 2.6. 

The result is a vector that applies needed gain at every frequency.             

The transfer function is minimum phase by itself. But because of 

avoiding any change in time delays obtained in (5), only amplitude 

response has been used. The amplitude response is a vector for 

every azimuth angle and head radius in the far-field source 

distance.

The pseudo-code of the function used in Matlab for realizing the 

transfer function in (3) is given in Appendix A.  
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3.3 The Generated HRTF

As has been mentioned in section 1.2, the HRTF describes the 

filtering of a sound source before being received by the ears.

   The HRTF is achieved by cascading transfer functions given in 

(3) and (5).

  

 The HRTF is a unique function for every azimuth angle, head 

radius and source distance. It also varies with frequency because 

of the dependency on the ILD to frequency. 

      Figure 3.3-The HRTF amplitude response in SHM, top and left: HRTF at az=0; top and 

right: HRTF at az=45; bottom and left: HRTF at az=75; bottom and right: HRTF at az=90. All HRTFs 

have been calculates at source distance 1 m and head radius 9 cm.                                                                                                                                          
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   Convolving the impulse response of the FD-MF all-pass filter and 

the impulse response of the single-pole, single-zero head shadow 

filter produces the HRTF. As we mentioned before the achieved 

HRTF is an average type.  

   Figure 3.3 shows 4 samples of HRTFs at 4 different azimuth 

angles in the SHM. The angles are 0, 45, 75, and 90 degrees. At 

az =0 degree there is more than 20 dB level differences at the two 

ears. At az=90 degrees there is no level differences at the two 

ears.  
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4. The Directionality Test Work Bench and 

Test Equipment 

   The next step after realizing the SHM is measuring the human's 

directionality. A Matlab graphic user interface (GUI) program has 

been created in order to measure human's directionality. Some 

equipment  have also been used for the test.

     4.1 The GUI Interface

  The program which is designed for human's directionality test is 

called "Azimuth Directionality Test" and it is a test work bench 

that helps the operator to play binaural signals for a listener. The 

workbench has been designed by GUI interface in Matlab. 

   

The operator makes a "New Test" for every new listener. Then 

he/she chooses a test method between two choices:  10 stages 

and   20 stages. The number of stages shows how many binaural 

signals have to be played for the listeners.                  
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                          Figure 4.1- The "Azimuth Directionality Test" window
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  Entering the listener's head diameter is the next step. The 

operator has to measure the listener's head diameter before the 

test. As it was observed in above chapters all calculations are 

dependent the head radius. "Start test" starts the measuring with 

the first monaural digital audio signal at specified azimuth angle. 

All audio signals with pre-determined azimuth angles are in a 

database file. The binaural signals are played for the listener 

through the headphones by pressing the play button. If the pink 

noise checkbox is active, it means the binaural signal is in 

presence of noise. Finally it is possible to observe the plots of the 

HRTF that is corresponding the head radius and the azimuth 

angle. Figure 4.1 shows the appearance of the main window of 

the azimuth directionality test work bench. If the operator forgets 

entering any data, he/she receives an error message.  

4.2 Test Requirements

     The directionality test needs some equipment. A computer, an 

ASIO compatible sound card and the driver software, Matlab 

software, calibration equipment, calculation, a test work bench and 

a test place.    
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 4.2.1 The ASIO Sound Card

   The sound card used for sending out the binaural signals is

"EDIROL UA-1EX".  The sound card is an ASIO-compatible USB 

audio interface. It is possible to set the configuration working at 

44100, 32000, 48000 and 96000 Hz sample rate. It has been

designed to offer component-quality audio signals in and out of the 

computer. It has A/D and D/A converters. Figure 4.2 shows a UA-

1EX [15]. 

                                      

                                             

                                                     Figure 4.2- EDIROL UA-1EX  

    

4.2.2 The Matlab Audio Processing Framework

   The framework used in the thesis, MAP (Matlab Audio 

Processing), is a tool for low latency real-time audio signal 

processing within the Matlab environment. It has been developed 

by the acoustic research group at Blekinge Institute of Technology. 

It consists of a thin layer between any Audio Stream Input/Output 

(ASIO) compatible sound card and user defined scripts in Matlab. 
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The frameworks presents sampled audio data from the sound card 

to the user in blocks, and the user processes the input signal to 

produce the output signal, which is presented to the sound card for 

playback. The framework is only limited by what the sound card in 

use can supply (for example the number of input and output 

channels, block size and sample rate). The framework allows 

development, evaluation and demonstration of algorithms in real-

time within Matlab.

4.2.3 The Calibration

   Calibrating the headphones output has been done by the 

Acoustilyzer AL1. The Acoustilyzer is an audio test device with a 

wide range of acoustical measurement ability. The sound pressure 

level, speech intelligibility, and reverberation time are some of its 

functions [16].

    

     

                                

                            Figure 4.3-The Acoustilyzer AL1 with the microphones

   Figure 4.3 shows an acoustilyzer AL1 with the related 

microphone. For calibrating the whole path from the binaural signal 
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generating to the headphone outputs, a 10 seconds, and 1 KHz 

pure tone has been generated. The audio signal had to be enough 

audible so the signal level at the output of every channel was 70 

dBA.  

    The method was measuring the level of each channel output by 

the AL1 microphone when the signal was playing at 0  and 180  , 

through a chamber. This calibration has to be repeated for every 

new test session and after changing every part of the test path 

(headphone, cables, sound card ).

4.2.4 The Test Environment 

  The environment was an acoustic classroom at a music house 

with 2-layer windows and a 2-layer door. The room was sound 

isolated. There was also a control room next by the classroom.

The listeners sat in the classroom and the equipment were in the 

control room. There was an interface box between the classroom 

and the control room. There was also an interface box between 

these two rooms that had been installed on the wall. We could 

communicate  through the interface.  The binaural signals have 

also been played for the listeners through the interface. The room 

was approximately dark during the measurement. Listeners sat in 

the middle of the classroom, on a chair and next to a table.
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Figure 4.4- The test environment. Top and left: the interface through the wall, bottom and left: a 

listener with headphone, window between the classroom and the control room, right: a 2-layer door.
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5. The Directionality Test and The Error 

Calculation 

   The last step of the project was binaural hearing measurement.

The judged angles have been compared with the target angles and 

the judgments error have been calculated.

5.1 The Measurement Method    

   In order to measure human's directionality tools mentioned in 

chapter 4, a measurement method has been designed. Listeners 

who wanted to discern the sound source direction had a guide 

semicircle shown in Figure 5.1. The Figure has divided the front 

semicircle into 18 partitions. The angle 0  is at the right ear and 
180  is at the left ear. The listeners guessed the direction of the 

sound was played through the headphones.

5.2 The Test Procedure

   The binaural hearing test consists of two main categories of the 

stage numbers. It is always possible to change these numbers of 

stages as default. It is been determined a specified audio signal at 

specified direction. The number of the stages is chosen from the 

"azimuth directionality test" window in section 4.1 by the operator.  
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                           Figure 5.1- A semicircle of horizontal plane with 18 partitions

5.2.1 The Test Signals 

   The signals were combination of impulses, pure tones and 

speech, and in some stages in presence of pink noise.  The 

impulses were 100 ms pure tones and the width of the pure tones 

was 2 seconds. The pink noise has been generated in Matlab and 

there were two uncorrelated random signals for two channels. The 

lowest frequency was 250 Hz and the highest was 16000 Hz. The 

sample rate frequency was 44100 Hz.  
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5.2.2 The Subjects

   The Binaural measuring test has been done in two different 

positions. In the first position 12 listeners participated. The 

population included 9 men and 3 women in the age from 21 to 62.

Most of them were students in the age between 20 and 30 and and 

some of them had some experiences in mixing music. One of the 

subjects had changed his eardrum 14 years ago and he was 29 

years old. One of the others was left handed and three of them 

wore eyeglasses. In the second test position 6 subjects 

participated. The population included 4 men and 2 women in age 

from 23 to 63. All subjects in both two experiments filled a form. 

The form consisted of some questions about their background ear 

problems and their profession. They also determined if they were 

left or right-handed and if they wore eyeglasses. In second position 

7 listeners participated. The listeners included 2 women and 4 men 

in age from 21 and 63.   

5.3 The Experiment

 5.3.1 Average Directionality Error

    

The first measuring was a simple test with only linear differences in 

levels at the two ears without any frequency dependency and 

without any time arrival differences. The results are shown in 

Table 5.1.
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Subject Age

Overall 

Average    

Error(degree)

Impulses 

Error(degree)

Continues 

Pure Tones 

Error(degree)

Speech 

Error(degree)

1(m) 23 12.52 11.45 16.4 9.71

2(m)* 29 19.95 19.65 21 19.2

3(m) 28 9.95 11.65 10 8.2

4(m) 27 9.55 8.35 12.4 7.9

5(m) 25 13.7 12.55 15.4 13.15

6(m) 27 14.23 14.25 15.2 13.23

7(m) 26 10.15 9.95 12.3 8.2

8(f) 25 9.05 8.65 10.7 7.8

9(f) 57 15.45 14.45 17.5 14.4

10(f) 25 12.58 11.95 14.4 11.39

11(m) 30 18.35 17.55 21.5 16

12(m) 63 17.75 17.95 18.2 17.13

Average 32 13.60 13.2 15.42 12.19

Table 5.1-The results of the binaural hearing measurement with only simple differences in level 
without any frequency dependency and without calculating ITD,  (m) =male and (f) =female. 
* This subject had changed his eardrum when he was 15 years old. 

   

 The average errors and the errors in every category of signals 

have been calculated. 
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They heard some signals on top and behind the head through the 

headphones. The reason was illustrated in Figure 1.7.    
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      Figure 5.2-The judged angles versus Target angles in test position 1 for only pure impulses
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Figure 5.3-The judged angles versus Target angles in test position1 for speech signals
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Figure 5.2 and Figure 5.3 show the impulse and speech signals 

error for 7 listeners.

The test condition was different in the second position.   Both ILD 

and ITD in chapter 3 were used to create a binaural signal.  The 

results are illustrated in Table 5.2.  

Speech 
Error(degree)

Continues  
Pure Tones 

Error(degree)

Impulses 
Error(degree)

Overall 
Average 

Error(degree)
AgeSubject

11.214.6512.112.65431(f)

10.912.7511.311.65212(f)

9.7512.5511.4511.25503(m)

10.312.1511.611.35294(m)

14.217.7515.1515.7635(m)

8.3510.659.59.5236(m)

9.1511.359.9510.15287(m)

10.5513.1211.5711.7536Average

  Table 5.2- The results of the binaural hearing measurement with applying ILD and ITD to input 

digital audio signal, (m) =male and (f) =female.

   

The subject 5 and 6 participated in both tests. The results illustrate 

that they have lower error in second test position.

5.3.2 The Audiogram

    A hearing loss test was provided for each listener by the 

software "Home Audiometer" and the listeners' audiograms was 
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obtained. The audiograms helped to find the relation between 

hearing loss and directionality practically. A few of the listeners 

had some degrees of hearing loss at high frequencies. One of 

them (subject 6 in Table 5.1) had a strange audiogram and could 

hear all frequencies at average level   -18 dBA.

5.4 Data Analysis 

  

  The analysis of the data shows that the directionality at low 

frequencies is more accurate than high frequencies. It is also seen 

that directionality at the speech signals is much more accurate 

than the impulses and the pure tones.  The error of the impulses is 

near to the overall average error and the pure tones error is much 

worse than the overall average error.

   The lowest error at speech signals is reasonable. The speech 

frequency band is up to 4 KHz and it can be considerable as a low 

frequency signal. Another reason can be the silence intervals in 

the speech signals. Human gets new ITD information after every 

silence time distance. It means the brain is updated with 

differences in levels and time arrivals information during listening 

to a speech signal. 

  

   The results also show that having a good audiogram is 

necessary for having a good directionality, but it is not enough.  

The subjects who are old have noticeable directionality error.  

Telecommunication software and multimedia lab, Helsinki 
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University of Technology, has achieved 9.7 degrees average 

azimuth error [6]. Our test results with some basic equipment are 

comparable with the results obtained from an advanced laboratory. 

5.5 Improvement

   The test procedures can be improved by changing some parts of 

the test. It is possible to measure directionality with presence of 

different kinds of noise and or stimuli. This test can also be done in 

an acoustic or absorbance room. The method of judging the sound 

source direction by listeners can be changed. There were two 

kinds of the guidance semicircles in the two different tests. But 

there are still some problems that cause built-in errors.
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-  Conclusion

   The thesis has approached to a method for measuring human 

ability in directionality. The directionality test was done with real 

human subjects. All parts of the thesis consist of studying and 

investigating recent models, choosing a model, implementing the 

model, designing GUI interface and directionality test had a one 

goal and it was achieving a systematical method in order to 

measure human ability in directionality. 

- Future Work

Except some improvements that have been mentioned in section 

5.5, the thesis can be continued by adding some other abilities. 

One work can be simulating a virtual room for getting online results 

and plotting the error results at the same time. Another work is 

adding other models such as pinna model, room model and inner 

ear model to SHM and getting more accurate results. Elevation 

directionality can also be added to azimuth directionality.
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Appendix A:

   Some important functions that have been used in the virtual 

auditory model are explained in this section.

**************************************************************************** 

function [h phasdelay]=FD_MF_FB(delay, sample_rate);

  Function FD_MF_FB designs fractional delay maximally flat allpass filter.

  Inputs:

-delay = the delay in second that you need to create for every input audio signal

- sample rate = the sample rate frequency in Hz 

%%  delay*sample_rate must not be more than 200

 outputs:

- h:  filter impulse response

- phasdelay :  group delay in samples

**************************************************************************** 

function [direct_gain lateral_gain]=ILD(az, hr)

  Function ILD calculates the interaural level differences in horizontal plane

  Inputs:

    - az = azimuth angle in horizontal plane and front semicircle in degree

  az=0 at right ear, az= 180 at left ear and az=90 in front of head

  - hr = Head radius in meter

  Outputs:

  - direct_gain =  The filter amplitude in ipsilateral ear and it is a vector   

- lateral_gain = The filter amplitude in contralateral ear and it is a vector   

  



                                                                                                                                                                                              

54

**************************************************************************** 

function [direct_delay lateral_delay]=ITD(az, dis, hr)

Function ITD calculates the time arrivals of an audio signal from a sound source to both ears.

.

  Inputs:

-  az = The angle between median plane and the line between the sound source and the center of 

head(degree)

  -  dis = The distance between the sound source and the center of head(m)

  -  hr  = Head radius (m)(consider the head as a sphere)

 Outputs:  

  -  direct_delay   = Time arrival at ipsilateral ear in sec

  -  lateral_delay  = Time arrival at contralateral ear in sec
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