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Abstract

This paper proposes a simple sound source localization (SSL) method based on signal energies 

comparison and partial cross correlation for TDOA computation. Many sound source localization methods 

include multiple TDOA computations in order to eliminate front-back confusion. Multiple TDOA computations 

however increase the methods’ computation times which need to be as minimal as possible for real-time 

applications. Our aim in this paper is to achieve the same results of localization using fewer computations. 

Using three microphones, we first compare signal energies to predict which quadrant the sound source 

is in, and then we use partial cross correlation to estimate the TDOA value before computing the azimuth 

value. Also, we apply a threshold value to reinforce our prediction method. Our experimental results show 

that the proposed method has less computation time; spending approximately 30% less time than previous 

three microphone methods.
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1. Introduction

1.1 Background and Objective

Sound source localization (SSL) is the process 

of estimating the direction of a sound source. 

A system consisting of a microphone array and 

SSL algorithm captures a multiple channel sound 

signal and then computes the signal’s angle of 

incidence with respect to the system’s reference 

point of 0°. It is useful in various fields including 

human-robot interaction where the robot is able 

to determine the position of a speaker, video 

surveillance where the surveillance camera 

automatically rotates when an event occurs 

outside its field of view, hearing aid systems, 

lecture archiving, video conferencing, etc. 

It involves capturing an audio signal using a 

microphone array which consists of at least two 

microphones, and then computing the time delay 

between the signals received at the different 

microphones. This time delay value is in turn 

used to compute the signal’s angle of incidence 

using basic trigonometric functions. To compute 

the time delay value between two signals, a cross 

correlation method is usually implemented; for 

example the generalized cross correlation (GCC) 

[Knapp and Carter, 1976], or a time domain im-

plementation [Murray et al., 2004; Broeck et al., 

2012; Yiwere and Rhee, 2015] of cross correla-

tion. 

In using only two microphones, there is a 

difficulty in determining whether the sound source 

is in front of or behind the system. This is 

generally known as the front-back confusion. 

For effective use of any sound source localization 

method, the problem of front-back confusion 

must be eliminated. For example, in human-

robot communication and hearing aid systems, 

it is important for the algorithm to have the 

ability to distinguish between front signals and 

back signals in order to help the robot or user 

to easily identify the location of a speaker. 

1.2 Related Work

Sound source localization has been widely re-

searched over the past few decades to solve the 

problem of front-back confusion, to improve 

upon the accuracy of time delay estimation as 

well as angle estimation and also to increase the 

speed of localization. The different sound source 

localization methods can be categorized as 

follows [Tashev, 2009] : The Eigen Value based 

methods, which implement complex Eigen value de-

compositions; the Steered Power Response based 

methods, which use large numbers of micro-

phones together with complex rotations; and the 

Time Difference of Arrival (TDOA) based me-

thods, which use interaural time difference of 

two signals. TDOA methods are similar to the 

mechanism in the mammalian auditory cortex 

[McAlpine and Grothe, 2003]; they use fewer 

microphones and therefore less expensive to 

implement.

The TDOA methods can be implemented with 

at least two microphones and cross correlation 

implementation. They are relatively simpler to 

implement. When only two microphones are 

used, the above mentioned front-back confusion 

problem occurs. In order to eliminate the front- 

back confusion problem and to achieve a 360° 
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<Figure 1> Source Localization with 2 Microphones

range localization, researchers have proposed 

various methods [Lee et al., 2005; Kwon et al., 

2007; Li et al., 2012; Sreejith et al., 2015; Yiwere 

and Rhee, 2016] using at least three microphones.

Ji Yeoun Lee et al. used signal energy and 

zero crossing rates to select one microphone pair 

in the correct region for the TDOA estimation 

and the subsequent azimuth estimation [Lee et 

al., 2005]. With this approach, they compute only 

one TDOA value which saves computation time; 

however, the presence of noise can influence the 

section decision in a negative way, leading to 

incorrect azimuth estimation. 

Byoungho Kwon et al. used the conventional 

three microphone method in their first approach 

[Kwon et al., 2007]. Using three microphones, 

they compute the cross-correlation values for all 

the three microphone pairs and then they sum 

up all the converted cross correlation values to 

determine the sound direction. In this method, 

using three TDOA computations first of all eli-

minates the front-back confusion and also it im-

proves the accuracy of the azimuth computation; 

however, three computations of TDOA have the 

drawback of increasing algorithm’s total com-

putation time. 

Xiaofei Li et al. proposed a method based on 

guided spectral-temporal position method using 

four microphones arranged in a cross manner 

[Li et al., 2012]. They used the methods of spec-

tral subtraction and campestral mean normal-

ization to remove noise from the input signal 

prior to the TDOA estimation. Their method fo-

cuses on reducing the effect of reverberation in 

order to improve accuracy; however the use of 

four microphones increases the hardware cost 

of the system. 

Taking advantage of the Sign of Time Delay 

Estimate (STDE) values, Sreejith T. M. et al. 

proposed a Y-shaped microphone array arran-

gement for sound tracking [Sreejith et al., 2015]. 

They created nine regions based on the voroni 

regions of the different microphone pairs. Based 

on the STDEs computed for all six microphone 

pairs, they estimated which voroni region the 

sound source is in. The use of the nine voroni 

regions helps in the speaker tracking and home- 

region detection; however using four micro-

phones increases the hardware cost of the sys-

tem and also computing six different TDOA 

values increases the computation time. 

M. Yiwere and E. J. Rhee proposed a TDOA 

Sign-based sound source localization method 

using an L-Shaped microphone array [Yiwere 

and Rhee, 2016]. They used the signs of TDOA 

values to determine which region the sound source 

is in. By focusing on two microphone pairs, they 

estimated only two TDOA values, thereby re-

ducing the total computation time compared to 

other previous methods. This method saves some 

computation time by using fewer TDOA com-

putations; however, TDOA Sign comparison and 
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other checks do take up some extra computation 

time.

Also some researchers have proposed the use 

of Head Related Transfer Functions (HTRF) to 

achieve 360° localization using only two micro-

phones [Hwang et al., 2005; Usagawa et al., 2011; 

Alan-Boyd et al., 2015]. For example Sungmok 

Hwang et al. [Hwang et al., 2005] proposed the 

use HRTF for sound source localization on a ro-

bot platform. They make use of the phase and 

magnitude information present in the HRTF da-

tabase by introducing certain criteria to be sat-

isfied by a set of signals from the microphones. 

But the presence of noise in any real environ-

ment can easily affect the magnitudes of re-

al-time signals which may mislead the algo-

rithm to make a wrong estimation of the sound 

source location.

1.3 Suggestion

Through our survey of previous related works, 

we found that most existing sound source lo-

calization methods involve too many avoidable 

computations due to multiple TDOA estima-

tions. Also some methods use more than three 

microphones which increase the hardware costs 

as explained above. The main reason for this is 

the use of multiple microphone pairs which are 

actually necessary in order to solve the front- 

back confusion (i.e. to achieve 360° localization). 

Although these previous methods are successful 

in localizing sound sources, there is a need for 

their computational costs to be reduced so that 

such methods can be implemented on small or 

embedded systems.

In order to overcome the above mentioned 

weaknesses by achieving 360° localization using 

fewer computations, we suggest incorporating 

signal energy comparison into the process of 

sound source localization [Yiwere and Rhee, 

2015]. To further reduce the amount of computa-

tions, we also implement a partial cross correla-

tion method in time domain [Yiwere and Rhee, 

2015] instead of the conventional cross correlation 

method for TDOA estimation. We do not perform 

TDOA estimation for all microphone pairs.

Firstly, we predict the direction (i.e. left or right) 

from which sound originates by comparing the 

energies of the signals received at left and right 

microphones, and then we compute the TDOA 

value using the partial cross correlation method. 

Depending on the TDOA value, we use one of 

two methods to determine whether the signal is 

in front of or behind the microphone array. Finally 

we compute the azimuth value using the delay 

value from the partial cross correlation. 

The organization of this paper is as follows; 

Initial source direction prediction and partial 

cross correlation are described in sections 2 and 

3 respectively, section 4 describes the azimuth 

computation, experiment is presented in section 

5 and section 6 presents conclusion. 

2. Initial Source Direction Prediction

Time difference of arrival is simply the differ-

ence between the times a signal from a single 

source reaches two different sensors-micro-

phones in the case of sound source localization. 

The distance between a pair of microphones 

is divided equally by a perpendicular bisector at 
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<Figure 2> Front-Back Confusion Illustration

<Figure 3> Three Microphone Array Set-Up

the point where the TDOA (delay) value is zero. 

All TDOA values at one side of the bisector are 

positive values while all TDOA values at the 

other side of the bisector are negative values 

[Yiwere and Rhee, 2015], as shown in <Figure 

1>. Also the microphone on the side where the 

sound source is, usually records the higher en-

ergy signal. Taking advantage of this, we first 

predict which side of the perpendicular bisector 

the sound is originating from by comparing the 

left and right signal energies. This predicted di-

rection is later used in the partial cross correla-

tion implementation.

<Figure 2> illustrates the front-back con-

fusion problem which is solved next using one 

of two methods. In the figure, sound source A 

and sound source B are at the front and back 

side of the microphone array set-up respec-

tively. However both signals are incident at the 

same angle theta with respect to the perpendic-

ular bisector. This implies that a two-micro-

phone array system will have a difficulty in de-

termining whether any sound source is in front 

of or behind it. 

To set up our microphone array, we position 

three microphones-left, right and back micro-

phones-at an equal distance apart as shown in 

<Figure 3>. By making the assumption that 

most of the sound signals are located in front 

of the system (e.g. in front of a robot), we focus 

on microphones 1 and 2 as the primary micro-

phone pair, using the back microphone-micro-

phone 3-to distinguish the back signals from the 

front signals. 

With regards to the primary microphone pair, 

sound sources 1 and 2 as shown in the <Figure 

3> both have a mirror sound source; that is, for 

each of the two sound sources, there is another 

position on the other side of the system that has 

equal TDOA and azimuth values. In order to tell 

the difference between sources 1 and 2 and their 

respective mirror sources, the back microphone’s 
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<Figure 4> Illustration of Threshold Point

<Figure 5> Flow Diagram for the Proposed Method

signal is employed.

First the energies of all three signals are esti-

mated using equation 1. The left and right signal 

energies are compared and the direction of the 

higher energy signal is selected for the partial 

cross correlation implementation. In the next 

step, we compare the signal with lower energy 

to the back signal’s energy. If the back signal’s 

energy is higher, then source is behind the sys-

tem, else the sound source is in front of the 

system. 

     ∑  
 (1)

where N is the signal length and xi is the 

samples of signals.

Beyond a certain point, the comparison be-

tween the lower energy signal and the back sig-

nal become ineffective. This is because the two 

energies become comparable to each other as 

shown in <Figure 4>. At this point, the distances 

between the sound source and the two micro-

phones in question become almost equal and this 

causes their energy estimates to be very similar 

or become the reverse of our expectation. 

In order to solve this problem, the delay value 

from the partial correlation is first compared to 

a threshold value. If the delay does not exceed 

the threshold value, we compare the lower en-

ergy signal to the back signal. But if the delay 

value exceeds the threshold, we employ a differ-

ent method to decide whether the signal is in 

front of or behind the microphone set-up. We 

perform another TDOA computation using the 

back signal and the signal with the lower 

energy. This time, we perform a full cross cor-

relation in order to take advantage of the sign 

of the TDOA values. If the TDOA value has a 

negative sign, the sound source is behind the 

microphone array; and if the value has a positive 

sign, the sound source is in front of the set up. 

<Figure 5> shows a flow diagram of our pro-

posed method described above. 
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3. Partial Cross Correlation

In order to speed up the TDOA estimation 

time, we use the partial cross correlation meth-

od, equation 2. Frist we compute the relevant 

range of delay values, which includes positive 

and negative lags. Using the distance between 

the microphones (d), the sampling frequency 

rate (f) and the velocity of sound (v), we de-

termine the minimum and maximum delay in 

samples as follows; the maximum delay (τ) that 

can be estimated is df/v, and the minimal delay 

is −df/v as shown in equation 2.

  Range =   







 

 


 (2)

Then we use the energies of the signals to 

predict which part of the correlation function 

will contain the TDOA value, and then we com-

pute the cross correlation in the predicted direc-

tion using equation 3. This saves a lot of compu-

tation time because only a few relevant correla-

tion coefficients are computed.

CrossCorr 
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where   and   are df/v and -df/v, and 

Ex(left) and Ey(right) are the energies of signals x 

and y respectively. 

4. Azimuth Computation

The azimuth calculation is dependent on the 

Time Difference of Arrival value [Murray et al., 

2004]. It is basically a computation of the angle 

of incidence of the sound. After the TDOA value 

is obtained by taking the offset of the maximum 

correlation value, the following variables are 

employed to get the value of the angle. The first 

variable is the sampling rate of the signals. In 

our system, we used a sampling rate of 44.1 kHz, 

that is 44,100 samples per second and our delta 

value is shown in equation 4.

    Delta 


 ×  (4)

      ×  (5)

      


(6)

Other variables are the velocity of sound, de-

lay time and the distance d between the two 

microphones. The velocity of sound, v, is as-

sumed to be 343m/s and the delay time is the 

delay in samples multiplied by delta, see equa-

tion 5. Azimuth (angle) value θ, is derived based 

on the trigonometry function arcsine, as shown 

in equation 6. After computing the azimuth of 

the signal, it is then converted into its 360° 

equivalent using <Table 1> as reference.

Side of system Sign of TDOA Conversion to 360°

Front Positive angle

Back Positive 180°-angle

Back Negative 180°-angle

Front Negative 360°+angle

<Table 1> Angle Conversion Reference Table
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5. Experiment and Discussion

We implemented our proposed method on an 

Intel PC using Visual C++ and Portaudio library 

for real-time sound capture. Our experimental 

setup includes three dynamic cardioid micro-

phones connected to a TASCAM US 4×4 audio 

interface. The microphones are placed in the 

form of a triangle and spaced equally, with a 

distance of 30cm between each pair. The ex-

perimental data were generated by clapping at 

a distance of at least one meter away from the 

microphone set-up and they were captured in 

real-time using a sampling rate of 44.1 kHz.

As we have assumed that most of the sound 

sources are located in front of the system, the 

primary microphone pair is first used to compute 

the TDOA value using the partial cross cor-

relation. Then, in order to distinguish between 

the front and back signals, we include a secon-

dary microphone pair consisting of either micro-

phone 1 or 2 and the back microphone 3. The 

goal is to eliminate the need to select one of 

three sections as in previous research [Lee et 

al., 2005]. 

To confirm the performance and functionality 

of our proposed method, we performed multiple 

tests for each test angle. Specifically, we per-

formed the experiment 10 times for each of the 

14 angles and then we recorded the average of 

all 10 estimates for each angle. Mostly the sys-

tem functioned well as expected; however in 

some few cases we observed that the system 

produces incorrect values due to inaccurate en-

ergy comparison results. This inaccuracy is at-

tributed to the presence of noise and other dis-

tractions in the environment of the experiment.

Actual 

Angle(°)

Estimated 

Angle(°)
Error(°) Side

0 0.00 0.00 Front

30 29.5211 0.4789 Front

60 62.48842 2.48842 Front

80 80.1291 0.1291 Front

100 99.8709 0.1291 Back

120 118.177 1.823 Back

150 148.7667 1.2333 Back

180 179.7524 0.2476 Back

210 209.5115 0.4885 Back

240 241.8228 1.8228 Back

260 260.1291 0.1291 Back

280 279.8709 0.1291 Front

300 298.1772 1.8228 Front

330 328.7667 1.2333 Front

<Table 2> Results of Angle Estimation

<Table 2> shows results of the angle estima-

tion experiments with the predicted directions. 

Our proposed method computes angle estimates 

correctly with a high accuracy in most cases. 

The maximum and average error values re-

corded were 2.48842° and 1.012918° respectively, 

which are very low compared to some previous 

works. The method also determines the correct 

side of the microphone array where the sound 

source is (i.e. front or back), as shown in the 

last column. 

Compared to previous methods, our proposed 

method spends a shorter computation time in that, 

we mostly implement only the partial cross corre-

lation which uses only half of the time required 

by the conventional cross correlation implemen-

tation. Although our previous work [Yiwere and 

Rhee, 2016], achieves a shorter computation time 

by computing only two TDOA values, our current 

proposed method outperforms it in terms of com-
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putation time since it uses only one TDOA com-

putation most of the time. <Table 3> shows a 

comparison of our proposed method to other pre-

vious methods [Lee et al., 2005; Yiwere and Rhee, 

2016] in terms of number of TDOA computations.

As mentioned above, in the presence of too 

much noise, the energy estimation is sometimes 

affected, leading to some incorrect predictions 

and estimation. However, when measures are 

taken to reduce the effect of noise, the proposed 

method will function relatively better.

SSL Method
Number of 

Microphones

Number of 

TDOA 

Computations

Conventional 

3-Microphone 

Method

3 3

TDOA Sign with 

L-Shaped Array 

Method

3 2

Proposed Method 3 1.5

<Table 3> Comparison of TDOA Computations

6. Conclusion

This paper describes a simple sound source 

localization method using signal energies and 

partial cross correlation for TDOA computation. 

Our focus in this work was to reduce the overall 

localization time by cutting down the amount of 

computations involved. In order to achieve this, 

we mainly used only one microphone pair and 

we implemented the partial cross correlation 

method which uses half the conventional cross 

correlation time. Also we used energy compar-

ison to eliminate the front back confusion, there-

by achieving 360° range of localization. 

Results of our experiments confirm that our 

proposed method is comparable to other three 

microphone array localization methods in terms 

of accuracy; but it uses fewer computations 

which imply shorter computation time. Also, the 

algorithm is able to distinguish between front 

and back sound sources with very little compu-

tation. Due to the presence of noise, the energy 

comparison is sometimes affected leading to in-

correct TDOA and angle estimations. However, 

by suppressing the effect of noise in the envi-

ronment, our proposed method will function ac-

curately. It can be used to speed up sound source 

localization in video surveillance systems, robot 

hearing components etc.

In future we plan to introduce a few more steps 

in the process to remove or suppress noise in 

the captured signals. This will help to increase 

the reliability of our energy comparison-based 

side prediction. 
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