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Abstract  
Accurate localization of multiple sound sources in noisy and reverberant environments is indispensable for any signal processing 
application and microphone array-based high quality sound capture. For localizing sound sources, GCC (Generalized Cross 
Correlation), PHAT (Phase Transform), SCOT (Smoothed  Coherence Transform), ML (Maximum Likelihood) method has been 
proposed. The TDE (Time Delay Estimation) analysis method has been demonstrated to perform well even in moderately adverse 
conditions. The TDE method localizes a sound source as an intersection point of sound directions estimated using different 
microphone pairs. Exploiting the linearity of GCC to accumulate information from plurality of frames in time domain, a method 
has been implemented that can localize multiple moving sound sources in the same condition using three microphones. 
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1. Introduction 
 

Speech, in general, can be defined as a mechanism of expressing thoughts and ideas using vocal sounds [1, 
2]. In humans, speech sounds are produced when breath is exhaled from the lungs & causes either a vibration of the 
vocal cords (when speaking vowels) or restriction in the vocal tract (when speaking consonants) [3]. In general, 
speech production and perception is a complex phenomenon and uses many organs such as lungs, mouth, nose, ears 
& their associated controlling muscles and brain. The bandwidth of speech signals is roughly around 4 KHz. 
However, the human ear can perceive sounds, with frequencies in between 20 Hz to 20 KHz. The signals with 
frequencies below 20 Hz are called subsonic or infrasonic sounds, and above 20 KHz are called ultrasonic sounds. 
This paper focuses on locating a source of speech signals using microphone arrays. The noise produced by various 
sources such as vehicles also lies in the frequency range of speech signals. Therefore, speech signals get easily 
distorted by the ambient noise. These distorted or degraded speech signals are called noisy speech signals. The time 
delay estimation using correlation, in presence of noise, is usually very difficult and can give incorrect results. 
Therefore, this paper focuses on speech enhancement of the noisy speech signals, so that the speech source can be 
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easily located even in presence of noise. Some of the key speech enhancement techniques include spectral 
subtraction approach, signal subspace approach, adaptive noise cancelling and iterative Wiener filter. The 
performances of these techniques depend on the quality and intelligibility of the processed final speech signal, and 
the same has been reported in many articles and journals. The prime focus of all these techniques is to improve 
signal-to-noise ratio of speech signals. However, these techniques are reported to have several drawbacks such as 
residual noise and musical sounds. Therefore, this paper uses various estimators to improve the SNR of the 
estimated speech signal [1]. This is further discussed in this paper. 

 

2. Time Delay Estimation Using Correlation Function 

The direction of a sound source can be obtained by estimating the time difference of arrival (TDOA) 
between two microphones. Figure1. illustrate the specification of TDOA estimation. For an original signal s(t) from 
a source S impinges on microphones 0 and 1. n(t) being the noise source and h(t) being the impulse response. 

xᵢ(t) = hi(t) * s(t) + ni(t), i = 0,1 

The easiest approach to estimate the time delay is to choose the index while performing time domain cross-
correlation which gives maximum value, and to convert this index to geometric angle using simple algebra. But this 
approach is only useful in an ideal setting with no noise and hence the system is not robust and turns out to be totally 
useless in practical settings. 

 

Figure 1: Estimation of Time Delay 

Another approach is to use the frequency domain to get the phase information of the correlated outputs. 
The correlation is calculated using inverse Fourier transform of the cross power spectrum Once a weighing factor is 
introduced taking into consideration the statistics of the source signal and noise various Generalized Cross 
Correlation methods.TDE methods are considerably degraded by the signal-to-noise ratio (SNR) level, this factor 
has been taken as a prime factor in benchmarking the different methods[4]. 

 

3. Generalized Cross Correlation (GCC) 

A way to sharpen the cross correlation peak is to whiten the input signals by using weighting function, 
which leads to the so-called generalized cross-correlation technique (GCC). The block diagram of a generalized 
cross-correlation processor is shown in Figure 2. The procedure of generalized cross-correlation has received 
considerable attention due to its ability to avoid spreading of the peak of the correlation function. There are several 
types of weighting estimators. In generalized cross-correlation (GCC), a weighting function or pre-filter is applied to 
de-emphasize the portion of measured signal spectrum affected by the background noise. 
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Figure2. Estimation of Time Delay Using GCC 

However, to reduce the noise and reverberation in the environment, a normalizing factor is applied, that 
preserves the phase information of the cross correlation. The estimated delay is obtained by finding the time-lag that 
maximizes the cross-correlation between the filtered versions of the two received signals. This technique is called 
generalized cross-correlation (GCC) [5]. The GCC method, proposed by Knapp and Carter in 1976, is the most 
popular technique for TDE due to their accuracy and moderate computational complexity. The role of the filter or 
weighting function in GCC method is to ensure a large sharp peak in the obtained cross-correlation thus ensuring a 
high time delay resolution [4]. 

 

4. Phase Transform (PHAT) 

A way to sharpen the cross correlation peak is to whiten the input signals by using weighting function, 
which leads to the so-called generalized cross-correlation technique (GCC). The block diagram of a generalized 
cross-correlation processor is shown in Fig 2. The PHAT is a GCC procedure which has received considerable 
attention due to its ability to avoid causing spreading of the peak of the correlation function [6]. The frequency 
weighting function of the PHAT estimator is given by 
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Where  x1(t) and x2(t)  are speech signals and  �	
	����   represents the estimate of cross spectral density 
(CSD),   The generalized cross correlation with PHAT estimator is given by: 
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In this case, the output is a delta function, so the correlation will result in a sharp, narrow spreading peak. 
This happens only when �	
	���� � ��	
	�����. This is not always found in practise; therefore, the output  ��	
	�� ��� 
may not always be a delta function. It can also be seen from above expression that the output delta function is 
independent of the frequency of signals, thus independent of filters. However, the disadvantage is that it takes no 
account of noise in the signals x1(t) and x2(t). Another defect is that it is inversely proportional to ��	
	�����, which 
accentuates the errors, especially when the SNR is low. Thus, overall the PHAT estimator will result in a sharp 
correlation peak. However it may enhance the effect of noise; thereby, giving errors in the estimate of time delay. 
PHAT method has better performance in simulated Gaussian distribution noise and actual noisy environments. The 
PHAT function is also less computationally intensive and hence very useful for real time system [7]. 
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5. Smoothed Coherence Transform 

The frequency weighting function of the SCOT estimator is given by 

Ψ"��� � 1
#�	
	
����	�	����

		 
 

The SCOT estimator can be interpreted as two filtering processes: pre-filtering represented by the 

denominator ��	
	�����	and attenuation in the frequency regions where SNR is low, from expression, it can be 

interpreted that the SCOT estimator can both sharpen the peak as well as attenuate the frequency. 
 

 

6. Maximum Likelihood 

Another class of source localization algorithm is based on parameter estimation, where only iterative 
solutions are available. Despite the possible increase in computational complexity, this class of algorithms generally 
offers greater estimation accuracy. The fundamental difference between the parametric and close- form solutions 
depends on the use of estimation criterion. The ML is another important method within the GCC family since it 
gives the maximum likelihood solution for TDE problem. The frequency weighting function of the SCOT estimator 
is given by: 

Ψ$��� � %&	
	�' ���
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The ML weighting function  Ψ_S (ω) is chosen to improve the accuracy of the estimated delay by 
attenuating the signals fed into the correlate in spectral region where the SNR is the lowest. The popularity of ML 
estimator stems from its relative simplicity of implementation and its optimality under appropriate conditions. 
Indeed, for uncorrelated Gaussian signal and noise and single path (i.e. no reverberation), the ML estimator of time 
delay is asymptotically unbiased and efficient in the limit of long observation intervals. The ML processor weights 
the cross-spectral phase according to the estimated cross-spectral phase when the variance of the estimated phase 
error is the least [8]. 

 

7. Conclusion 

The GCC, SCOT, PHAT and the Maximum Likelihood Estimator are useful ad hoc techniques for analyzing time 
delay characteristics between two random processes. Proper interpretation of the SCOT requires knowledge of the 
model of the received processes. All these approaches account for analysis in the frequency domain. From our 
attempts in order to get the delay between the two signals it was realized that analysis in time domain is not one of 
the best solutions. It just doesn’t work well for real time applications where there is noise. Hence  time  domain 
analysis involving cross-correlation and least square must not be carried out in order to get the right estimate of 
delay between the two signals. However, at high SNR, or at no noise cross correlation and GCC should be similar. 
The TDE methods like the SCOT, Cross Correlation, Maximum likelihood etc. described in this report work well in 
case of high SNR. However, in the actual noisy environment, PHAT seems to be the best choice because of its 
perfect performance in sharpening the correlation peak at the correct time delay and its small SNR threshold. Also, 
for real time applications the weighting function for PHAT is calculated a lot faster as compared to the weighting 
functions of the other functions of the GCC family. This reduces our computational complexity. However, when the 
SNR is below a specified threshold, the performance of all the methods rapidly deteriorates due to large anomalous 
or ambiguous estimates. While the anomaly and ambiguity effects are fundamental and unavoidable features of the 
delay estimation problem, independent of the signal processing technique, which make the TDE problem more 
challenging when the SNR drops under a minimal level. Future work should be focused on the robust time delay 
estimation with low SNR. 
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