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Abstract— It is always desired to have a noise free communica-tion during the corporate and formal meetings. Sound 
source localization and the audio beam formation are the acoustic sig-nal processing techniques intended for this purpose. 
Both these methods deals with the microphone array signal processing to reduce the effect of noise on the output of 
microphones and to deliver a clean signal. Sound source localization is nothing but a method of estimating the spatial 
position of the speaker or sound source by exploiting the output from each sensor in the array. Similarly audio beam 
formation along with the appro-priate geometry of microphones in the array combines the in-coming signal into a noise free 
beam of signal. The beam for-mation changes the response pattern of the array so that it pro-vides maximum gain only in 
one angular direction which is pre-viously calculated by the sound source localizing part. Thus the combination of these two 
techniques can be used to capture the maximum from the speaker and ignoring the noise in the con-ference rooms. All this 
work will be done by using microphone array and MATLAB. 
 
Keywords— Sound source localization, audio beam formation, acoustic, microphone array processing, MATLAB. 
 
I. INTRODUCTION 
 
Meetings or conferences are the crucial part of any 
profession where it is expected to have a good sound 
sys-tem including microphones. With the failure of it, 
the lis-teners may lose their attention towards the 
speaker. Owing to this need and its relative 
importance, the microphone array processing has 
gained much more attention in the last few decades. 
When two or more individual microphone sensors are 
arranged in an array with a proper geometry and the 
signals from each sensor are suitably combined, then 
the array functions as a spatial filter capable of 
suppressing noise, reverberation, and competing 
speech[1]. It is the foundation and motivation behind 
this work. The proposed work can be seen in two 
parts. In the first half, the problem of estimating the 
spatial position of the sound source i.e. sound source 
localization is dealt. In the second half, the concept of 
audio beam formation is applied to the incoming 
signals. Here the estimation given in first half is used 
to steer the pattern of microphone array so as to get a 
signal with good SNR (signal-to-noise ratio). 
The With the advancement in signal processing 
techniques and procedures, various applications have 
been evolved including RADAR, SONAR, mobile 
phone location, navigation system, localization of 
earthquake epicenters and underground explosions, 
robots, micro seismic events in mines, speaker 
tracking and sound source tracking [2],etc. In such 
applications one thing is common that they localize 
the source of signal whichever may be the signal like 
sound, radio waves, seismic wave etc. In acoustics, 
this concept is used to find the location of the sound 
source with relative to some reference frame. Humans 
are generally able to detect the direction that a sound 
is coming from us-ing two ears. The combination of 

the slightly different signals that arrive at the ears 
enables us to find the direction of the sound. 
Similarly, a biologically inspired sound localization 
system can be built by making use of an array of mi-
crophones [3].This system measures the time delay or 
phase difference or energy difference between the 
acoustic signals received at microphones as per the 
selected algorithm. The estimated difference can then 
be converted into the angular position of the source. 
Once the location of the speaker is tracked, then that 
in-formation can be provided to the next half of the 
work which is beam formation. Beam formation is 
the technique used to increase the SNR (signal-to-
noise ratio) of the received sig-nal like sound or radio 
waves. Beam formation has various applications in 
biomedical field, satellite communication, RADAR 
for getting the noise free beam of the desired output. 
In acoustics, beam formation estimates the desired 
signal by using a microphone array. The signals from 
the various microphones are combined such that 
signals at particular angles (those angles which are 
estimated by the localization system) experience 
constructive interference, while others experience 
destructive interference. Thus beam formation can be 
used to enhance the signal quality of received speech 
which is corrupted by various types of noise and 
reverberation. It gives different results on the basis of 
microphone array geometry and audio beam 
formation algorithm used. In general micro-phone 
array has the linear, circular, spherical geometries 
while algorithms can be either conventional or 
adaptive algorithm depending on the application. 
The review is organized as follows: the introductory 
in-formation about the source localization and the 
beam formation system is presented in Section I. 
Related work is presented in section II. In section III 
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the proposed methodology is presented. In section IV, 
conclusion and set of remarks are presented in brief. 
 
II. RELATED WORK 
 
Different algorithms that can be used to implement 
source localization and beam formation are as 
follows:- 
 
A. Sound Source Localization Algorithms- 
 

 
Fig. 1. Various ways of source localization. 

 
As shown in above figure 1, there are three main 
ways through which the sound source can be 
localized. These are: TDOA (Time Difference Of 
arrival), DOA (Direction of Ar-rival) [3] and energy 
based methods [4]. In TDOA method, the TDE (Time 
Delay Estimation) is done using the signals from 
microphones to locate the source. In DOA, the phase 
difference between the signals is used to locate the 
sound source. But this method put restrictions on the 
frequency of input signal [3].In energy based sound 
localization, the sound energy at different sensor 
locations is measured to localize the sound source. It 
is seen that for a coherent, narrow band source, the 
phase difference measured at receiving sensors can be 
exploited to estimate the bearing direction of the 
source. For broadband source, like a speech signal, 
most of the power is spread over a wide range of 
frequencies. For such cases, time-delay estimation 
(TDOA) has been quite popular [3]. 
There are five main ways through which the TDOA 
can be estimated as- C.C (cross correlation), GCC 
(generalised cross correlation), LMS adaptive filter, 
adaptive eigen value decomposition (AED) and 
average square difference function (ASDF). The 
cross-correlation (CC) method is one of the basic 
solutions of the TDE problem proposed by G. 
Clifford Carter [5].The CC method finds the cross-
correlation be-tween the microphone outputs and 
considers the time delay at which the maximum peak 
in the output appear. Though the CC method was the 
simplest and easiest, its output was not immune to 
surrounding noise. Hence there was a need for 
modifications in CC method. The generalized cross-
correlation (GCC) algorithm can be treated as a 
modified version of the CC method. It is the most 
suitable method to be used for source localization 
than other four methods be-cause it has a trade off 
between complexity and ability to work in noisy 

environment. It is nothing but a prefilter fol-lowed by 
the CC algorithm. The filter is also called as 
weighting function and the changes in these 
weighting func-tions as proposed by various authors 
give rise to different types or methods of this GCC 
method. Hence GCC can be seen as a combined 
family of various correlation-based algo-rithms into 
one general framework. The various algorithms of 
this family can be given as- ROTH, smoother 
coherence transform (SCOT), phase transform 
(PHAT), Eckhart filter, ML (Maximum likelihood). 
Out of these, PHAT weighting, gives peaks as sharp 
as delta functions. This makes this ap-proach most 
suitable for detecting multiple sources, or work-ing in 
a reverberant environment [6]. 
Francis A. Reed et al. has proposed the LMS adaptive 
fil-ter approach for time delay estimation.[7] LMS 
adaptive fil-ter is a finite impulse response (FIR) 
filter structure that adapts to minimize the mean 
square difference between its two inputs and hence 
can be used to find delay. 
Jacob Benesty in his paper has proposed a new 
approach that is based on eigenvalue decomposition 
which is AED (Adaptive Eigen value decomposition) 
[8]. This method is completely different than GCC 
and is based on a real signal model with reverberation 
using eigenvalue decomposition. Though it is 
algorithm is adaptive in nature, it is complex as Eigen 
values are involved. 
Giovanni Jacovitti et al. have studied ASDF (Aver-
age Square Difference Function) for delay estimation 
in their paper [9]. The ASDF method is based on 
finding the position of the minimum error square 
between the two received noisy signals and 
considering this position value as the estimated time 
delay. This method requires no multiplication, which 
is the most significant practical advantage over the 
other meth-ods however it works only in noise free 
conditions. 
 
B. Beam formation Algorithms- 
As shown in above figure 2, there are two main ways 
through which the beam formation can be done- 
 

 
Fig. 2. Various ways of beam formation. 

 
K.Kumatani, et al. has discussed the maximum 
Kurtosis beam formation with the generalised side 
lobe canceller (GSC). They have proposed the beam 



International Journal of Industrial Electronics and Electrical Engineering, ISSN: 2347-6982 Volume-4, Issue-2, Feb.-2016 

A Review: Sound Source Localization and Audio Beam Formation 
 

18 

formation in sub band domain for GSC. In contrast to 
conventional practises, this method optimizes the 
active weight vector of the GSC so that distribution 
of output signal is as non Gaussian as possible [10]. 
Maximum Kurtosis (MK) measures the degree of 
super gaussianity by using optimized weight vector. 
MK does not require the actual knowledge about Pdfs 
(probability density functions) of sub band samples. 
At start, active weight vector for the each sub band is 
initialised to zero. Then afterwards the gradient 
algorithm like steepest decent algorithm can be used 
for finding active weight vector until convergence is 
achieved. 
Maximum Negentropy (MN) is another algorithm for 
beam formation. MN is also constructed in sub band 
domain for generalised side lobe canceller (GSC). 
Blocking matrix, quiescent vector and active weight 
vector are required to build the algorithm in sub band 
domain [11]. It adjusts the output power to minimum 
value by adjusting the active weight vector 
effectively. MN system uses the modified leaky 
algorithm for finding active weight vector. MN 
system requires the actual knowledge about Pdfs of 
sub band sam-ples. 
Demba E Ba et al. have proposed the enhanced 
MVDR beam forming for array of directional 
microphone. Minimum Variance Distortionless 
Response (MVDR) beam formation is the most 
popular technique for speech enhancement appli-
cation. Traditional MVDR algorithm does not gives a 
better result over continuous variable gain system e.g. 
circular mi-crophone geometry which has variable 
gain. So that tradi-tional MVDR not suitable for 
circular geometry [12]. Dem-ba E Ba discussed the 
enhanced MVDR (eMVDR) which is useful over 
continuous variable gain system. 
 
III. PROPOSED SYSTEM 
 
Figure 3 shows the block diagram of proposed 
system. The system is thought to be implemented by 
using a micro-phone array (probably of 4 directional 
microphones). 
 

 
Fig. 2. Proposed system block diagram.. 

 
The input to the system will be the signals from the 
mi-crophone array. By exploiting the delay between 
the incom-ing signals, the source localization system 
estimates the speaker’s position. The beam formation 

block then uses this information to act upon the 
incoming signals in order to form the beam. 
In this project work a problem of localizing the sound 
source within a frequency band from 200Hz to 7 KHz 
in a conference room by using microphone array is 
undertaken. Here it is assumed that the source is 
broadband in nature and also the pattern is far field 
pattern. (Far field means the dis-tance between two 
microphones in the array is less than the distance 
between the array and the sound source while near 
field case is exactly opposite of the previously stated 
state-ment). As a result of this, the wavefront arriving 
at the mi-crophones can be assumed as a plane 
wavefront. Hence, the time difference of arrival 
(TDOA) method can be used. Time difference of 
arrival (TDOA) or Time Delay Estimation (TDE) of 
acoustic signals is a method for estimating the rela-
tive delay between two sound signals using a set of 
spatially separated microphones. It uses the cross 
correlation infor-mation present in signals to estimate 
the time-delays between each pair of microphones in 
the array. As a result of this, it will be beneficial to 
use an even number of microphones in the array with 
proper geometry. From the known array ge-ometry 
and the estimated delay, the location of source can be 
obtained. 
Also, the eMVDR will be implemented with the 
linear ar-ray geometry. For adaptive beam formation 
it requires feed-back from out put. Beam formation 
algorithm adjust the weight factor so that it gives 
maximum SNR. 
 
CONCLUSIONS 
 
For the sound source localization, as this system 
mainly aims for indoor environment, the GCC 
algorithm with PHAT seems to be a good choice. 
This algorithm is less complex than others and is 
immune up to some extent to the reverber-ant noise 
which is desired here. 
A general comparison is of MVDR with eMVDR 
over SNR parameter is done in table 1.It is seen that 
the eMVDR has more value of SNR as compared to 
the single micro-phone and MVDR SNR values. 
Table 2 compares various methods of beam forming 
algorithm over Word Error Rate (WER) [1]. 

 
Table 1. Comparison of MVDR and eMVDR 

 
 

Table 2. Comparison of various beams forming 
algorithm 
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