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 ABSTRACT 
Effective speech communication using microphone array is getting significant 

research in speech acquisition methods such as speaker localization, noise reduction and 

tracking.  To locate the accurate Direction of Arrival (DOA) from the source, it is necessary 

to design a suitable microphone array system with noise reduction capability as well as 

efficiency in speaker localization. The goal of the system is to improve the quality of the 

primary speech signal. 

 However, one of the major factors that affect quality of speech signal is the 

reverberation of the room. This reverberation, or reverb, is created when a sound is produced 

in an enclosed space causing a large number of echoes to build up and then slowly decay as 

the sound is absorbed by the walls and air. An Image method proposed by Allen and Berkley 

is used to determine the enclosure’s absorption coefficients in order to achieve the desired 

reverberation level. In this project the theoretical and practical use of image techniques for 

simulating on a digital computer and the impulse response between the two points in a 

rectangular room are discussed. The resulting impulse response when convolved with any 

desired input such as speech simulates the reverberation of the input signal.  

In addition this thesis describes the design and implementation of speech 

enhancement system in a single source environment with wiener beamforming. The proposed 

system consists of 4 microphones arranged in linear array. The setup is simulated in 

reverberant environment. Time domain and Filter-and-sum (frequency domain) beamformers 

are implemented. Weighted over Lap Add (WOLA) filter bank is also implemented as a part 

of frequency domain wiener beam forming in sub-band beamforming. As an extension SRP-

PHAT algorithm is implemented and tested.  

Finally the quality of the speech is tested using SNR and PESQ (Perceptual 

Evaluation of Speech Quality) and also the performance of the system with respect to 

reverberation time is calculated. The results show that the two implementations are 

acceptable in terms of PESQ score. 
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1. INTRODUCTION 

1.1. PROBLEM STATEMENT 
Meetings are a fundamental human activity, in which speech is used to share and 

develop information between groups of people. For this reason, meetings present an 

important application domain for speech processing technologies. In relation to this during 

the last decade, research on speech processing has made significant advances. As a result, 

high performance systems are now available for situations where there is a good match 

between testing training conditions. However, these systems tend to suffer from a limited 

robustness to variability in the operating environment. For accurate and robust speaker 

localization there is a need to pay attention on two major sections. First is to design and 

implement a suitable microphone array with less noise and secondly which speech processing 

algorithm will be used for robust and accurate speaker localization in a conference room. 

1.2. SCOPE OF THESIS 
The goal of the system is to improve the quality of the primary speech signal. This 

thesis designs and implements a speech enhancement system that uses microphone array 

beam forming and improves the quality of the primary speech signal and localizes the 

speaker. Microphone arrays combined with Wiener post filtering in beam forming enhances 

the security features of a system by applying a directional gain beam with a narrower main 

lobe towards the intended signal.  

1.3. OUTLINE OF THESIS 
The thesis is categorized into 9 chapters. Chapter 1 is general Introduction. Chapter 2 

is about the reverberation of the room which affects multi-channel equalization performance. 

Chapter 3 gives information about the microphone arrays. Chapter 4 is about the 

beamforming. Chapter 5 is about the post filtering technique used. Chapter 6 contains 

information about the sub band beamforming where WOLA filter bank used with wiener 

filter. Chapter 7 is discussion about SRP-PHAT used for speaker localization.  Chapter 8 is 

dealt with results.  Chapter 9 is about future work and conclusions regarding this thesis. 
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2. REVERBERATION 
 

Room equalization is important for delivering high quality audio in multiple listener 

environments and for improving Speech recognition rates in microphone arrays. One of the 

major factors that affect multi-channel equalization performance is the reverberation of the 

room [1]. 

Reverberation is the persistence of sound in a particular space after the original sound 

is removed. This is most noticeable when the sound source stops but the reflections continue, 

decreasing in amplitude, until they can no longer be heard. The length of this sound decay, or 

reverberation time, receives special consideration in the architectural design of large 

chambers, which need to have specific reverberation times to achieve optimum performance 

for their intended activity [2]. 

The image source method proposed by Allen and Berkley has become a ubiquitous 

tool in many fields of acoustics and signal processing, so this technique was proposed to 

predict the energy decay in room impulse responses simulated using Image source model. 

This technique can be efficiently used to determine the enclosure’s absorption coefficients in 

order to achieve the desired reverberation level.  

This thesis proposes a method that allows for a fast synthesis of room impulse 

responses according to the Image method technique. This article will be broken into three 

major parts so as to clearly explain how the model works. First is an illustration of an 

approximately equivalent physical situation that will make easier to visualize the individual 

echoes that together produce reverberation. Second a unit impulse response for each echo 

with the proper fractional time delay is calculated as it would be heard at a particular position 

in the room. Also the design uses closed-form formulas and is based on truncating the 

coefficient vector of a Thiran all pass filters [5]. Third is the calculation of the magnitude of 

each echo's unit impulse response. The main aim is to find the time and magnitude of each 

echo as it is heard from a particular position in the room. Finally all this information will be 

put together into a one-dimensional function of time. This function will be our room impulse 

response. In the impulse response function time can be made discrete. Discrete time will 

allow us to use it as an FIR filter for simulating reverb [3].  
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Fig. 2. 1. Diagrammatic representation for the propagation of sound wave in a rectangular room. 
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2.1 Visualizing the process 

First and the foremost step in room acoustics is visualizing the process. Fig. 2. 2 show 

a rectangular room. In the figure sound source is represented by a green circle and the black 

star represents the location of a microphone. The impulse response is calculated at the 

microphone. The line between the star and the circle is the path taken by the sound wave. 

This is the direct sound. 

  

                                                                    

Fig. 2. 2.  Representation showing the location of sound source and microphone. 

Another part of the sound wave gets reflected from the wall and then impinges on the 

microphone. The reflected wave will be referred to as an echo. The listener perceives this 

echo as radiating from a point past the wall from which it was reflected. Let’s say we make a 

mirror image of the room and placed it adjacent to the original as shown in Fig. 2. 3. If we 

were at the position of the microphone we can see the sound source as well as its mirror 

image.  The mirror image will be referred to as virtual source, and is represented by a black 

circle below. It is also the location from which we will perceive the echo to be radiating. 

 

                                                         

Fig. 2. 3. The diagram of the real sound source with one virtual source. 

In Fig. 2. 3 the black line represents the black line represents the actual path of the 

sound wave, while the blue line represents the perceived path of the sound wave. This 

process can be repeated by making a mirror image of the room’s mirror image. Each mirror 

image of the source will represent another virtual source.  The diagram of the real sound 

source along with the other two virtual sources is shown in Fig. 2. 4. 

 

Fig. 2. 4. The diagram of the real sound source along with the other two virtual sources. 
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This process can further be extended into two dimensions.  A map of the virtual sources is 

illustrated in Fig. 2.  5. 

 

 

Fig. 2. 5. Map of different virtual sources. 

In the above figure star is the location of the microphone or listening location and the 

black circles are the virtual sound sources. This two dimensional model can also be extended 

to three dimensional model. In this model virtual sources are treated as an individual sound 

source and ignore each virtual source’s corresponding echo. 

2.2 The unit impulse response functions 

2.2.1.  Locating the virtual sources 

  As mentioned above consider a three dimensional extension of Fig. 2. 5.  Aim is to 

find the closest virtual sources. To begin with, let’s just have a look at the model in just one 

dimension. This is depicted in the Fig. 2. 6. 

 

 

Fig. 2. 6. Model in one dimension. 

The red part in the above figure is the origin. The x-coordinate of the virtual sources can 

be expressed using the sequence below. 

 

    (  )
    [  

  (  ) 

 
]                              (   ) 
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   is the x-coordinate of the sound source and    is the length of the room in the x-

dimension. The location of the i
th

 virtual source is determined by plugging in an integer for i. 

if I is negative then the virtual source will be located on the negative x-axis. If i=0 then the 

virtual source is actually the real source. The distance between the i
th

 virtual sound source 

and our microphone is calculated by subtracting the microphone’s x-coordinate   , from  . 

This is shown below. 

 

    (  )
    [  

  (  ) 

 
]                   (   ) 

 

In the similar manner the relative positions of the virtual sources along the y and z axes are 

calculated by using the following equations 2. 3 and 2. 4. 

 

 

    (  )
    [  

  (  ) 

 
]                (   ) 

 

 

    (  )
    [  

  (  ) 

 
]                (   ) 

 

2.2.2. Finding the distance to each virtual source 

To find the distance to each virtual source we can use  ,    and    in the Pythagoras 

theorem and is calculated as follows 

       √  
    

    
                                                   (   ) 

 

This equation represents the distance in the form of a three dimensional matrix. 
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2.2.3. Finding the unit impulse response function of each virtual source 

Let’s assume the equation 

      ( )    
    

 
                                                         (   ) 

 

From the above equation t is the time,      is the distance given by the equation 2. 5, and 

c is the speed of the sound. In the above equation 
    

 
 is the effective time delay of each echo. 

Now define a new function ai,j,k(u) such that ai,j,k(u)=1 when     ( )=0 and  0 when     ( ) 

is not zero. 

  

      (    )  {
                  

                  
           (   ) 

      

 

The above equation is the unit impulse response function looking for. 

2.2.4. Magnitudes of Unit Impulse Responses 

From the above equations it is clear that the impulse response function has a magnitude 

one when     ( ) is equal to zero. To be clearer about this, there are two things that will 

affect the magnitude of the echoes. The first thing is the distance it travels from the source to 

the microphone. This is represented by the following equation. 

  

       
 

    
                      (   ) 

The second thing is the number of reflections the sound wave makes while it is 

transmitted. If all the wall reflection coefficients are the same, let’s assume the wall reflection 

coefficient to be rw and raise this reflection coefficient to the exponent n where n=|i|+|j|+|k|. 

n represents the total number of reflections the sound has made. This is shown in equation 2.9 

for the virtual source with the indices i, j, and k.   

       
| | | | | |

       (   ) 

 

Previously it is assumed that the reflection coefficient is same for all the walls but, if each 

wall has a different reflection coefficient then the situation becomes more complex. If rx=0  is 
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the reflection coefficient for the wall perpendicular to the x-axis which is close to the origin 

and rx=xr is the reflection coefficient for the wall opposite to that. Then the combined 

reflection coefficient for all the reflections made by the i
th

 virtual source along the x-axis can 

be found using the following equation. 

 

    

        
|
 
 
  
 
 
 
 
 
(  ) |

     
|
 
 
  
 
 
 
 
 
(  ) |

                      (     ) 

 

In the similar manner the combined reflection coefficients for the j
th

 and k
th

 virtual sources 

can be calculated using the equations below.   

        
|
 
 
  
 
 
 
 
 
(  ) |

     
|
 
 
  
 
 
 
 
 
(  ) |

                       (     )  

 

        
|
 
 
  
 
 
 
 
 
(  ) |

     
|
 
 
  
 
 
 
 
 
(  ) |

                      (     )   

 

In order to find the total reflection coefficient of the virtual sources with indices i, j, and k  c 

multiply the reflection coefficients of the  i, j, and k
th

 virtual sources along the x, y and z-

axes. The equation which represents this is as follows 

 

                                                                       (     ) 

                                     

Now the total magnitude of each echo is calculated by multiplying the equations 2.8 and 2.9 

together as shown in equation 2.10. 

   

                                                                   (    ) 

 

2.3. Construction of the Impulse Response 
In the final stage to obtain the impulse response multiply the equations 2.7 and 2.10 

together and sum over all the three indices. This can be thought of as the summation of the all 

the sounds as they stream from all of the virtual sources. This is shown in the equation below. 
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 ( )  ∑ ∑ ∑         

 

    

 

    

 

    

                                             (    ) 

2.4.  Fractional delay filters 

These fractional delay filters are useful in numerous digital signal processing 

applications where accurate time delays are needed or the locations of the sampling instants 

must be changed, such as in television communications, music synthesis and speech coding.  

Since the magnitude response of the ideal fractional delay element is perfectly flat, an 

all pass filter is considered. Their magnitude response is flat irrespective of the filter 

coefficients. All pass filters are typically used for phase equalization and other signal 

processing tasks where the phase characteristics are of great concern. Also the fractional 

delay approximation is essentially the phase approximation problem and thus all pass filters 

is particularly well suited for this task. Hence among the different types fractional delay 

filters, the maximally flat could satisfy the requirements [4, 6]. 

A discrete time all pass filter has a transfer function as below. 

 

 ( )  
    (   )

 ( )
 
        

        
 (   )     

                
(   )       

                        (    ) 

 

Where N is the order of the filter and the filter coefficients ak(k=1,2,……….,N) are real. The 

maximally flat group delay design is the only known Fractional Delay all pass filter design 

technique that has a closed-form solution. Later Thiran (1971) proposed an analytic solution 

for the coefficients of an all-pole low pass filter with a maximally flat group delay response at 

the zero frequency. 

 

   (  )
 (
 

 
)∏

    

      
                   

 

   

                       (    ) 

 

With binomial coefficient 

(
 

 
)  

  

  (   ) 
                                                         (    ) 

It has been shown by Thiran (1971) that when d > 0 the denominator polynomial obtained 

by the above method will have its roots within the unit circle in the complex plane, i.e., the 
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filter will be stable. A drawback of Thiran’s design technique is that the magnitude response 

of the all-pole low pass filter cannot be controlled. In the all pass design, however, this kind 

of problem does not exist. Thus it seems that the result of Thiran is better suited to the design 

of all pass than all-pole filters. 

Thiran’s solution may easily be applied to the design of all-pass filters by making the 

substitution d’ = d/2. The solution for the coefficients of a maximally flat (MF) all pass filter 

is thus 

   (  )
 (
 

 
)∏

   

     
                    

 

   

          (    ) 

Note that a0=1 always and thus the coefficient vector a need not be scaled. This closed form 

solution to all pass filter approximation is called the Thiran all pass filter. 

The all pass filters designed using Eq. (2.14) approximate a group delay of N + d samples. 

This kind of parameterization is rather impractical. For this reason we substitute d = D – N 

into Eq. (2.15). As a result the following formula is obtained. 

   (  )
 (
 

 
)∏

     

       
                   

 

   

        (    ) 

 

Now the delay parameter D refers to the actual delay rather than the offset from N samples. In 

the Table 2. 1 the coefficients for Thiran all pass filters with N=1, 2, and 3 are given. 

TABLE 2. 1. THE COEFFICIENTS FOR THIRAN ALL PASS FILTERS WITH N=1, 2, AND 3. 

                     a1                a2                    a3 

N=1 
 
   

   
 

  

N=2 
  
   

   
 

(   )(   )

(   )(   )
 

 

N=3 
  
   

   
  

(   )(   )

(   )(   )
  

(   )(   )(   )

(   )(   )(   )
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Fig. 2. 7. The phase delay of a first order(N=1) thiran all pass filter. The dashed lines indicate the ideal phase delay which is constant. 

 

Thiran’s proof of stability implies that this all pass filter will be stable when D > N. It  is 

experimentally observed that the Thiran all pass filter is also stable when the delay is N – 1 < 

D < N. At D = N – 1, one of the poles (as well as one zero) of the Thiran all pass filter will be 

on the unit circle making the filter asymptotically unstable. When D < N – 1, one or more 

poles will be outside the unit circle and the filter will be unstable.  

In Fig. 2. 7, 2. 8 and 2. 9, the phase delay responses of first, second, and third-order MF all 

pass interpolators are presented for several values of the delay parameter D starting at D = N 

– 1. The ideal phase delay (constant at all frequencies) is illustrated with a dotted line in each 

figure. It is seen that the Thiran all pass filter is most accurate at low frequencies. This is an 

expected result since Thiran designed the denominator polynomial so that the group delay 

and its N derivatives evaluated at the zero frequency match the desired result. As the filter 

order is increased, the phase delay curves remain nearly constant at higher frequencies.  
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Fig. 2. 8. The phase delay of a second order(N=2) Thiran all pass filter. 

 

Fig. 2. 9. The phase delay of a third-order (N = 3) Thiran allpass filter.  
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3. SPEECH ENHANCEMENT AND RECOGNITION 

WITH MICROPHONE ARRAYS 
This chapter shows the main contributions in the field of microphone array processing 

for speech enhancement with the intention of providing a significant review of the current 

state of the art. Also, automatic speech recognition is introduced and the most significant 

works on speech recognition with microphone arrays are commented. 

 

3.1. Microphone Array 
 Microphone array consists of a multiple microphones with working functioning as a 

single directional input device. In applications where a speech signal is monitored by the 

microphone, a better performance can be achieved by using an array of microphones. The 

microphone array processing technique can be effectively used for the reduction of noise, it 

can be used to improve the signal-to-noise ratio of acquired sound, pick up the desired speech 

with a flat spectrum response at arbitrary speaker position and detect the speech period in 

noisy speech signal. The outputs from the microphone array are summed up for beamforming 

in order to achieve the speech enhancement.  

Microphone array has been used in wide different fields such as speech acquisition in 

hand-free communication, audio, teleconference and hearing aid applications. Microphone 

array speech processing strategies are not specific to speech signal. The microphone array 

processing is well tested and well understood to enhance distance noisy target signal. The 

demand for hand-free communication has been increased as a result, newer techniques has 

been developed to enhance the speech signal captured by the microphone array. Thus 

microphone array is used to capture the signal in a particular direction in order to reduce the 

noise contaminated with the speech signal.  
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4. BEAMFORMING 
By means of beamforming it is possible to spatially filter signals arriving to a 

microphone array by enhancing concrete desired directions while others are rejected. As a 

result of this multi-microphone processing, enhanced signals are generally less reverberated 

and both background and directional noises are reduced compared to single microphone 

recordings. 

It is a signal processing technique used in sensor arrays for directional signal 

transmission or reception. It can be used for both radio and sound waves. Beamforming 

application is used in radar, sonar, seismology, wireless communications, astronomy, speech 

acoustics and bio medicine. 

 

    

 

 

 

Fig. 4. 1.  General schematic of a beamformer. 

This can be used in both transmitter and receiver side. During the transmission, the 

beamformer controls the phase and amplitude of the signal at each transmitter, in order to 

obtain the pattern of the constructive and destructive interference. In the receiving side, 

information from different sensors are combined together to obtain a desired radiation 

pattern.  

Beamforming is used in wide variety of array processing algorithms. It has signal 

capturing ability in a particular direction. Beamforming consists of combining microphone 

output, convolved with optimal weights and added to get a “beam” in direction of interest. 

This beam makes the array a highly directive microphone. The direction of interest is called 

look direction, it can be the direction of acoustic source in noisy environment. In practice, the 

sensors can be placed in an arbitrary position. The arbitrarily placed sensors together work as 

a microphone array to spatially sample a sound wave impinge on them. Beamforming is used 

in wide variety of array processing 
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    Let us assume   microphone array and beamformer [8]. Consider the desired signal is 

received by the Omni-directional microphone   at a time instant   as shown in Fig. 4. 2. 

  

 

 

 

 

 

 

 

Fig. 4. 2. Omni-directional microphones. 

Let us consider the source signal as    ( ), noise signal as   ( ) and time delay between the 

source and microphones as                         . Assume that the microphone output as 

  ( )   ( )   ( )       ( )      ( ) is the attenuated and delayed version of the source and 

noise given by 

  ( )     (    )    ( )       (   ) 

 where the source signal and noise signal are considered as statistically independent. The 

frequency domain representation of the microphone output is given as 

  ( )     ( ) 
          ( )  (   ) 

 The vector representation of   arrayed microphone is give by 

 ( )   ( ) ( )   ( )    (   ) 

The data vector  ( ) is given as: 

 ( )  [  ( )    ( )     ( )]
         (   ) 

 and  

𝑀𝑖𝑐𝑁  

𝑀𝑖𝑐𝑖  

𝑀𝑖𝑐  

𝑀𝑖𝑐  

𝑀𝑖𝑐  

𝑁𝑜𝑖𝑠𝑒 

𝑆𝑜𝑢𝑟𝑐𝑒 

𝑊  

𝑊  

𝑊  

𝑊𝑖  

𝑊𝑁  

𝑦(𝑡) 
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 ( )  [  ( )    ( )     ( )]
            (   ) 

The  ( ) represents array steering vector and depends on microphone and source location 

and is given as 

 ( )  [   
            

             
       ]

 
       (   ) 

 where    is the gain scaling of microphone and is given as 

   
    

  
                   (   ) 

              

 and time delay    is given as 

   
       

 
         (   ) 

where             represents the distance between the microphone   and reference 

microphone respectively and   represents the speed of sound. The source signal  ( ) is 

retrieved by processing  ( ) with frequency domain filter weights  ( )  

The weight vector  ( ) is given as: 

 ( )  [  ( )    ( )     ( )]
              (   ) 

The output of the beamformer us the sum of   weighted microphone outputs and is given as 

 ( )  ∑  
 ( )  ( )

 

   

        (    ) 

where (.)
H 

represents Hermitian transpose and  ( ) is represented in vector form as 

              (    ) 

Beamforming techniques are classified into two types as mentioned earlier 

1. Conventional beamformers or fixed beamformers 

2. Adaptive beamformers 
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4.1. Conventional Beamforming 

Conventional beamformers use a fixed set of weightings and time-delays (or 

phasings) to combine the signals from the sensors in the array, primarily using only 

information about the location of the sensors in space and the wave directions of interest [9]. 

In contrast, adaptive beamforming techniques generally combine this information with 

properties of the signals actually received by the array, typically to improve rejection of 

unwanted signals from other directions. This process may be carried out in either the time or 

the frequency domain.  

Most conventional approaches consist of fixed beamformers as the delay-and-sum 

(Johnson & Dudgeon, 1993), filter-and-sum (Johnson & Dudgeon, 1993) or the SDB (Cox et 

al., 1986). The common characteristic of the fixed approaches is that the array processing 

parameters do not change dynamically over time. 

4.1.1. Delay-and-sum beamformer 

The time-domain implementation as shown in Fig. 4. 3, the delay and sum 

beamformer (Time domain beamformer) basically consists on the alignment of the different 

microphone signals to compensate for the different path lengths from the source to the 

various microphones, and the combination of these aligned signals together. It can be 

expressed mathematically as follows: 

 ( )  ∑     (    )
 
                           (4.12) 

where    is the weight given to each different microphone and    is the delay that 

compensates the different propagation delays. Usually, the weight    is equal to 1/Q 

resulting in the average of the aligned signals, however it is possible to select other criteria 

for microphone weight for instance depending on the propagation model,  compensation of 

different sensor gain or even different signal to noise ratio. Obtaining    is a problem of time 

delay estimation or more generally of speaker localization. The simplicity of the delay-and-

sum beamformer is the most important strength, resulting in many cases a convenient and 

practical choice for many microphone array applications. Thus, delay-and-sum is widely used 

despite its frequency depending response, the impossibility of reducing highly directive noise 

sources.  
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Fig. 4. 3.  Delay and sum beamformer in a time domain implementation. 

 

4.1.2. Filter-and-sum beamformer 

A generalization of the delay-and-sum beamformer is known as the filter-and-sum 

beamformer (Frequency domain beamformer). In a time domain implementation, instead of 

simply combining aligned and weighted signals, each microphone signal is filtered with an 

associated filter dependent on the channel before being combined. This beamformer can be 

expressed as follows: 

 ( )  ∑  ( )    (    )  ∑∑  ( )  (      )

   

   

 

   

 

   

                     (    ) 

Where   denotes the convolution operation as developed in the right side of the identity and 

  ( ) is the filter associated with the microphone q of length L. In general, a filter and sum 

approach would permit more sophisticated and specific array responses, that are not possible 

with delay and sum approaches, for instance enhancing or rejecting particular directions in 

addition to the desired one. 

While designing these filters is not always easy and computationally efficient in the 

time domain. The speech signal is decomposed in several frequency bands, a beamformer is 

designed and applied to each band and the resulting beamformed frequency bands are re-

synthesized. Considering X(t, f) = [X1(t, f)...XQ(t, f)]
T
 the vector formed by the microphone 

signals at frequency f and time instant t, and W(f) the beamformer weights vector for that 

frequency, then the output Y (t, f) at this frequency f is given by: 

 (   )  ∑   ( )  (   )   ( )
  (   ) 

                       (4.14) 
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The interpretation of the filter and sum beamformer as a frequency domain processing, 

permits applying spatial restrictions and different optimization criteria. 

 

 

Fig.  4. 4. Filter and sum beamforming in the frequency domain of frequency bin f. 

 
 

4.2. Adaptive beamforming 
 

 A beamforming which adaptively forms its directive patterns is called an adaptive 

beamforming. Adaptive beamforming is a powerful technique of enhancing a signal of 

interest while suppressing the interference signal and noise at the output of the array sensor. 

Adaptive beamforming alters the direction pattern in according to the changes in the acoustic 

environment, thus provides a better performance than fixed beamforming. Adaptive 

beamforming is more sensitive to fixed beamforming to errors such as sensors mismatch, 

mis-steering and to correlated reflections.  

 Let us consider   microphones the general adaptive beamforming is as shown in Fig. 

4. 5. 
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Fig. 4. 5.  Pictorial representation of adaptive beamforming. 

The input signal  ( ) received by the microphones is multiplied with a coefficient weight 

vector ‘W’ to adjust the phase and amplitude of the incoming signal. The multiplied signals 

are summed up to produce a resulting output array  ( ). An adaptive algorithm is applied to 

minimize the error  ( ) between the desired signal  ( ) and the output array  ( ). The 

weights are chosen in a particular manner such that the desired radiation pattern is obtained, 

the weights are slowly varied to steer the beam until maximum signal strength occurs and the 

direction to the signal source is found. Adaptive algorithm requires less prior knowledge of 

signal characteristics such as interference directions of arrival, bandwidth and also requires 

high computational effort. 

 In general, adaptive beamforming have high capability of noise reduction, particularly 

of prior unknown directional noise compared to that of fixed beamforming. Adaptive 

beamforming algorithms are very sensitive to steering errors and might suffer from signal 

leakage and degradation. As a result adaptive filtering, approach has not gained widespread 

acceptance of speech application, and development of robust modification to avoid signal 

leakage and cancellation has been an important matter of interest in microphone array 

applications. In order for microphone array applications an alternative adaptive beamforming 

technique has been proposed known as Generalized Side lobe Canceller (GSC). 

Different types of adaptive beamformers or phased arrays are as follows 
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A time domain beamformer works by doing time based operations. The basic operation in 

this time domain beamformer is “delay and sum”. It delays the incoming signal from each 

array element by a certain period of time and adds them together. Sometimes multiplication is 

done with a window across the array to increase the main lobe/side lobe ratio, and also to 

insert zeroes in the characteristic. 

The frequency domain beamforming is once again classified into two types. 

The first type separates the different frequency components that are present in the 

received signal into different frequency bins or bands (using either an FFT or filter bank). 

When different delay and sum beamformers are applied to each frequency bin or band, it is 

possible to point the main lobe to different directions for different frequencies making this 

approach more flexible. 

The other type of frequency domain beamformers makes use of spatial frequency. It 

means that an FFT is taken across different array elements, but not in time. Hence the output 

of the N point FFT is N channels evenly divided in space. This approach is not flexible as 

different directions are fixed [10]. 

Beamforming finds solution in aperture synthesis, ISA, phased array antennas, 

microphone arrays, synthetic aperture radar, synthetic aperture sonar etc. [11]. 

A microphone array is any number of microphones operating in tandem. There are many 

applications: 

1. Systems for extracting voice input from ambient noise (notably telephones, speech 

recognition systems, hearing aids). 

2. Surround sound and related technologies. 

3. Locating objects by sound: acoustic source localization, e.g. military use to locate the 

source(s) of artillery fire. Aircraft location and tracking. 

4. High fidelity original recordings. 

Typically, an array is made up of omnidirectional microphones distributed about 

the perimeter of a space, linked to a computer that records and interprets the results into a 

coherent form. Arrays may also be formed using numbers of very closely spaced 

microphones. Given a fixed physical relationship in space between the different individual 

microphone transducer array elements, simultaneous DSP processing of the signals from each 

http://en.wikipedia.org/wiki/Ambient_noise_level
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of the individual microphone array elements can create one or more "virtual" microphones. 

Different algorithms permit the creation of virtual microphones with extremely complex 

virtual polar patterns and even the possibility to steer the individual lobes of the virtual 

microphones patterns so as to home-in-on, or to reject, particular sources of sound [21]. 

4.3. Optimal beamforming 

In addition to the above mentioned beamformers there is another type of beamformer 

called optimal beamformer [20]. This optimal beamformer pre-computes an optimal set of 

filter weights based on a model of the array and sources, or alternatively it can be based on 

calibration information. Examples of optimal beamformer are multi-channel Wiener filter, the 

eigenvector beamformer, the LCMV beamformer, and the MVDR Beamformer. 
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5. POST FILTERING TECHNIQUES 

 

In many speech applications conventional beamforming approaches as the delay-and-sum 

or the filter-and-sum, exhibit an insufficient improvement in terms of noise reduction. In 

order to obtain better free of noise speech signals, one method that increases the performance 

of beamformers is to add a post-processing stage at the beamformer output [9]. 

5.1. Wiener filtering for microphone arrays 
 

In 1988 Zelinski proposed an adaptive Wiener post-filter with delay-and-sum beamformer 

as the one shown in Figure. It is shown that incorporating a post-filter with the beamformer 

allows use of knowledge obtained with spatial filtering and  also allows effective frequency 

filtering of the signal, resulting in a both spatial and frequency enhancement. 

 

 

Fig. 5. 1.  Multichannel Wiener post-filter of a delay and sum beamformer. The received speech signals are previously time-aligned by a  

TDC module. 
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Fig. 5. 2.  Filter sum beamformer with post filter. 

The general wiener post filter is formulated in terms of the cross spectral densities of 

noise at the beamformer output and the desired source as: 

 ( )  
   ( )

   ( )    ( )
                                      (5.1) 

Where    ( ) and    ( ) are the auto spectral densities of the signal and the noise. 

The wiener filter can be estimated as there is availability of multiple inputs that 

permits computing the power spectral density of the target signal and the one of the noise 

combining the cross power spectral densities and the power spectral density of the different 

microphones of the array. Assume that the received signal is an additive mixture of the 

desired signal and noise. They are uncorrelated and that noise is uncorrelated also between 

microphones and have an equal power spectral density, then 

     ( )     ( )                                               (5.2) 

     ( )     ( )     ( )                                (5.3) 
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In this case wiener filter equation can be estimated by averaging as 

 ( )  

 
𝑄(𝑄   )

 {∑ ∑  ̂    ( )
 
    

   
   }

 
𝑄
∑  ̂    ( )
 
   

                          (   ) 

        The real operator R{ } is used because the term being estimated in the numerator,    ( ) 

is necessarily real. It should be noted that the denominator in fact provides an over-estimate 

of the noise power at the beamformer output, as it is calculated using the input signals. 

It is clear from the above assumptions the post-filter is particularly convenient in 

presence of spatially white noise, however it is also useful in diffuse noise fields which 

reasonably approximate these conditions. In fact, the post-filter was deeply studied in general 

case of a filter-and-sum beamformer and was also studied for different non-ideal conditions 

in terms of beamformer characteristics, such as noise reduction and array gain. In this work, it 

was shown that the post-filter is effectively able to cancel any incoherent noise, that the 

rejection to coherent noise correlated and uncorrelated with the desired signal is improved if 

they are not arriving from the same direction and that it is robust to minor steering errors. The 

general expression of the Wiener post-filter for any beamformer is: 

 ( )  
∑ |  ( )|

  
   

∑ ∑   ( )   ( )
 
     

   
   

 {∑ ∑  ̂    ( )
 
    

   
   }

 
𝑄
∑  ̂    ( )
 
   

                    (   ) 

         

The Zelinski post-filter has been extensively used in microphone array works, for 

instance as part of a GSC-like beamformer or in combination with a speech dereverberation 

technique based in the separate processing of the minimum-phase and all-pass components of 

the input speech signal. 
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6. SUBBAND BEAMFORMING 

 

Subband adaptive filtering principle consists on converting a high order full band filtering 

problem to a set of low order subband filtering blocks, with the aim of reducing complexity 

while improving performance. Subband beamforming can be achieved by means of a 

frequency transform, which allows for the filter weight computation to be performed in the 

frequency domain. The computational gain comes from the fact that the processing of narrow 

band signals requires lower sample rates. Hence, in an efficient implementation, the 

frequency transform is followed by a decimation operation [12].  

Fig. 5 illustrates the overall structure of a subband beamformer. The input signal for each 

microphone is decomposed into a set of narrow band signals using a multichannel subband 

transformation, also known as an analysis filter bank. The beamformer filtering operations 

are then performed for each frequency subband separately. A full band signal is reconstructed 

using a synthesis filter bank. It represents the output of the total system. 

 

 

 

Fig. 6. 1. Structure of subband beamformer 
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6.1. Filter banks 
Different frequency transformations can be used for subband beamforming 

applications. Among the most important elements in frequency transformation are the DFT 

and its fast implementation the FFT. These frequency transformations are often built in the 

form of a bank of filters and they should be constructed such to cancel aliasing effects 

introduced by decimation operations. Many design methods for filter banks have been 

developed based on various optimization criteria. Another optimization parameter to be 

considered is the delay introduced by the filter banks, where a trade-off can be made between 

low delay and reduced complexity. The main improvements of these filter banks are faster 

convergence and the reduction of computational complexity due to the shorter adaptive filters 

in the sub bands operating at a reduced sampling rate [13]. 

In addition to this, the Filterbank (multi-rate) analysis and synthesis strategies prove 

advantageous in many signal processing areas operating as a divide and rule strategy tackling 

difficult problems into an equivalent series of much simpler problems. For example, large 

convolutional systems encountered in applications such as echo cancellation and feedback 

cancellation may require a large number of filter taps. Using the filterbank technique, it may 

equivalently be implemented as a parallel combination of much shorter subband filters. When 

properly designed, the filterbank subband signals are minimally overlapping in frequency 

yielding signals that are approximately orthogonal to each other. 

Coming to the disadvantages of filter banks there are some degradation related to the 

structure and others due to the design of filter banks. So filter banks should be designed in 

such a way that the performance degradation, due to the filter bank properties is minimized. 

An oversampled DFT filter bank using WOLA processing provides an extremely efficient 

and elegant solution. The WOLA filter bank structure is highly configurable and best 

performance is achieved with an understanding of the optimizations and tradeoffs that can be 

made within its structure. 

Many signal processing algorithms can be cast into a filtering (frequency-domain) 

framework. These include dynamic range compression, noise reduction, and sub-band coding 

and directional processing, voice activity detection and echo cancellation. For these types of 

real-time audio signal processing applications, the filtering requirements are strict i) low 

group delay, ii) high degree of adjustability, iii) high fidelity. A frequency domain approach 

is an efficient method of meeting these constraints while delivering low power and flexibility. 
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This paper describes a WOLA filterbank that utilizes a novel architecture and processing 

scheme [14]. 

 

6.1.1. WOLA filter bank 

Fig. 6. 2 shows a simplified block diagram of an oversampled WOLA filter bank.  

The input step size (R) is the FFT size (N) divided by the OS. The use of oversampling 

provides two benefits one is the gain of the filterbank bands that can be adjusted over a wide 

range without the introduction of audible aliasing and the second one is, a group delay versus 

power consumption trade-off can be made. In the operation, the input FIFO is shifted and R 

new samples are stored. The input FIFO is then windowed with a prototype low pass filter of 

length L. The resulting vector is added modulo N and the FFT of the resulting windowed 

time segment is computed. Because an FFT is used, the outputs from the analysis filterbank 

provide both magnitude and phase information. To generate a modified time-domain signal, 

the channel gains are applied to the N/2 FFT outputs and an inverse FFT is computed. The 

resulting time-domain “slice” is then windowed with a synthesis window and accumulated 

into the output FIFO. This generates R samples that are shifted out of the output FIFO. 

Finally, R zeros are shifted into the output FIFO and the entire process repeats for the next 

block of R input samples. Equally spaced bands can be generated by using an Odd FFT and a 

square-wave modulator on the time-domain input and output signals. For stereo processing, 

two mono signals are interleaved and processed as a complex signal. After analysis the 

complex result is separated to get the individual mono signal spectra. Block floating point 

arithmetic BFP computation units are used to increase the dynamic range and reduce the 

quantization error in order to improve the SNR of the WOLA filterbank. The BFP strategy 

decreases the quantization error without increasing the computation complexity. This is 

achieved by dividing data into non-overlapped groups and formatting the data at each node in 

data flow path with common exponent [14]. 
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Fig. 6. 2. Simplified block diagram of a WOLA filter bank. 
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6.1.1.1. Analysis filter bank 

The illustration of analysis filter bank is shown in Fig. 6. 3. The main sequence of events 

in the analysis filter bank is [15] 

 Read R input block samples 

 Read sign from analysis sign table at the sign table pointer 

 Apply sign to samples 

 Circularly increment input sign table pointer 

 Shift input FIFO and add R new samples 

 Apply window and time-fold to N samples 

 Apply circular shift of (n mod N) 

 Take N-point FFT (even or odd) 

  Apply channel gains to (complex) frequency data 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 6. 3. Schematic of filter bank analysis.                                                                                              
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6.1.1.2 .Synthesis filter bank 

The illustration of synthesis filter bank is shown in Fig. 6. 4 below. The main sequences of 

events in the synthesis filter bank are [15] 

 Take inverse FFT of (complex) input (even or odd) 

 Apply circular shift of (n mod N) 

 Periodically extend to L/DF samples 

 Apply synthesis window 

 Accumulate into output FIFO, shift out R samples 

 Read sign from synthesis sign table at the sign table pointer 

 Apply sign to the R shifted out samples 

 Circularly increment sign table pointer to next sign value 

 Circularly increment n (mod N) by R/OS 

Where: 

 R is the input block size 

 L is the input window size 

 N is the FFT size 

 DF is the decimation factor 

 OS is the oversampling factor 

The sign table contains the sign factors in a repeating pattern (+1, +1, -1, -1, +1, +1, -1, -1)  

used to modulate the input sequence and the output sequence in the case of odd stacking. For 

even stacking, the sign factors are all +1. 
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Fig. 6. 4. Schematic of filter bank synthesis. 

 

 

 

 

6.2. Multichannel Wiener filter 

 

As mentioned in section 4. 3. The performance of the filter can be improved by using sub-

band beamforming structure. 

Multi-channel Wiener filter is classified into two types they are 
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6.2.1. Spatial correlation 

 

For the input vector  ( ) at discrete-time instant t, containing frequency components 

around the center frequency Ω [18], the spatial correlation matrix is given by 

   ( )   [ ( ) 
 ]( )                           (6.1) 

The symbol H denotes the Hermitian transpose. Now assume that the speech signal, 

interference and the ambient noise are uncorrelated, now R can be rewritten as 

   ( )     ( )     ( )     ( )         (6.2) 

Where    ( ) is the source correlation matrix,    ( ) is the interference matrix and    ( ) is 

the noise correlation matrix for frequency Ω and are defined as  

   ( )   [  ( )  
 ( )]                         (6.3) 

   ( )   [  ( )  
 ( )]                           (6.4) 

   ( )   [  ( )  
 ( )]                        (6.5) 

6.2.2. Wiener Solution 
The optimal filter weight vector is based on wiener solution [18] and is given by 

     [   ]
                                        (6.6) 

Where     is the array weight vector and is arranged as 

     [                   ]                   (6.7) 

And     is the cross –correlation vector and is defined as  

     [  ( ) 
 ( )]                                (6.8) 

The signal s(t) is the desired source signal at time sample t. The output of the beamformer is 

given by 

 ( )      
   ( )                                (6.9) 
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7. STEERED RESPONSE POWER-PHASE      

TRANSFORM ALGORITHM 
Sound source localization is an important aspect of speech enhancement methods which 

depend on information of the speaker position. The challenge of identifying the speaker will 

be more complicated in multi speaker scenario or a moving speaker. Recent experimental 

studies show that a steered response power algorithm with phase transform (SRP-PHAT) is a 

robust algorithm used for sound source localization in reverberant and multiple speaker 

environments [16].  

7.1. Sound Source Localization techniques 

Sound source localization techniques using microphone arrays are classified into three 

categories they are [2].  

1  Steered beamformer based locators.  

2  High resolution spectral estimation based locators.  

3  TDOA based locators. 

 

7.1.1.  Steered beamformer based locators 

These locators use a focused beamformer, to steer the microphone array to various 

locations in the FOV and searches for a peak in the resultant output power in order to 

estimate the maximum likelihood sound source location [16]. Delay and sum beamformers 

time align each of the microphone channel responses and adds them up to get the resultant 

power.  These locators are computationally expensive and the steered response of a 

conventional beamformer depends heavily on the spectral content of the sound source signal. 

7.1.2. High resolution spectral estimation based locators 

  These are based on beamforming techniques adapted from the field of high-resolution 

spectral analysis methods such as autoregressive modeling, minimum variance spectral 

estimation and Eigen analysis-based techniques [16]. They are used in a variety of array 

processing applications but they have some limitations. These algorithms are less robust to 

source and sensor modeling errors and assume ideal source radiators, uniform sensor channel 

characteristics, exact knowledge of the sensor positions [16].  

7.1.3. TDOA based locators 

 The third category is TDOA based locators. These locators use the time delay data 
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for each pair of microphones along with known microphone locations, to generate hyperbolic 

curves which are intersected in an optimal fashion to find the sound source location. The time 

delay estimation in these locators is complicated by means of background noise and room 

reverberations. In the noise only case with known noise statistics, the maximum likelihood 

time-delay estimate is obtained from a SNR-weighted version of the GCC function [16]. A 

more robust version of GCC locators known as GCC-PHAT uses PHAT to obtain a peak in 

the GCC-PHAT function corresponding to the dominant delay in the reverberated signal.  

The TDOA based methods are computationally less expensive, but they have 

limitations as they assume a single source model. Multiple simultaneous sound sources, 

which is often a case in sound source localization applications, excessive ambient noise or 

moderate to high reverberation levels in the acoustic field  results unreliable sound source 

locations.  

 

7.2. SRP-PHAT 

 

7.2.1. Delay-And-Sum Beam-formers  

 A microphone array having M received signals as,   

 

  ( )   ( )   (    )    ( )                                            (7.1)  
  

Where   ( ) consist of delayed, filtered and noise signal ( ). A delay-and-sum beamformer 

will align all the microphone’s input by giving an appropriate steering delay    to each 

microphone input   ( ) and summing all the inputs to get an unmodified signal from a 

spatial location𝑞  [17].  

 

 The conventional delay-and-sum beamformer is defined as:  

 

                                       (  𝑞 )  ∑   (    )
 
                                                      (7.2)  

  

The delay-and-sum beamformer will give an output  (  𝑞 ), which is overall delayed 

signal from all microphones. The delay    is estimated and computed individually between 

all microphone pairs, which make the operation causal for this practical system.  

  



                                                                                                                                                                

  36 
 

In ideal environment delay-and-sum beamformer gives summed version of desired 

signal. However, in a real time environment channel characteristics are not even, which 

degrades the efficiency of delay-and-sum beamformers. One reason of degradation could be 

additive noise. Adaptive filters are used to minimize the noise in the input signal of each 

microphone. Microphone signals are first filtered and then computed in the delay-and-sum 

beamformer to get the desired output [17].  

  

7.2.2. Filter and Sum beamformer 

A filter-and-sum beamformer output in frequency domain can be defined as:  

 

𝑌(  𝑞)  ∑   ( )  ( ) 
      

                                                   (7.3)  

  

Where   ( ) is the Fourier Transform of the adaptive filter, designed for nth microphone 

input signal, and   ( ) is the Fourier Transform of the   ( ). Although the adaptive filtering 

compensates the environmental noise and channel effect for some means in real time 

environment, but yet it is not too much robust for practical scenarios.  

  

 

7.3. Steered Response Power 

 
 A conventional SRP is achieved by taking the power of the filter-and-sum beamformer, 

steering on the specific area for source localization. Power of filter-and-sum beamformer can 

be expressed in frequency domain as [17]. 

 

 (𝑞)  ∫ 𝑌(  𝑞)𝑌 (  𝑞)
 

  
                                         (7.4)  

 

 Inserting equation 7.3 in equation 7.4, then  

 

  (𝑞)  ∫ (∑   ( )  ( ) 
      

   )
 

  
(∑   

 ( )  
 ( )       

   )    (7.5)  

 

 Rearranging the expression, then:  

 

 (𝑞)  ∫ (∑ ∑ (  ( )  
 ( ))(  ( )  

 ( )) 
   

 
           )   

 

  
      (7.6)  

 

 The steering delays    and    will be estimated using TDOA of each microphone pair, which 
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can be written as:  

 

                                                                             (7.7)  

 

  (𝑞)  ∫ (∑ ∑ (  ( )  
 ( ))(  ( )  

 ( )) 
   

 
         )   

 

  
      (7.8)  

 

 Weighting function can be defined for filter as:  

 

   ( )    ( )  
 ( )                                                                 (7.9)  

  

The integral is on the filter and the microphone input signals for a finite length, rearranging 

the equation 7.8  

 

 (𝑞)  ∑ ∑ ∫    ( )  ( )  
 ( )

 

  
 
   

 
                                       (7.10)  

 

 The peak of the SRP indicates the location of the sound source. The strong reflection of the 

sound source sometime also gives peak, which indicates the wrong location of the sound 

source. The complication for the search of global maxima also increases by these strong 

reflections of the sound source.  

  

7.4. SRP-PHAT 

  
  The strong reflections of the sound source can result the wrong DOA. To minimize 

this error, a weighting function PHAT, which is robust in real time environment [19], is 

applied on SRP to estimate the correct DOA of sound source. PHAT is not robust under high 

reverberant environment, but it is still effective under low and moderate reverberant 

conditions [17].  

 

 A generalized SRP-PHAT for speaker localization is defined and can be modified by 

changing the summation limits to minimize the computations. The modified equation is 

 

 (𝑞)  ∑ ∑ ∫    ( )  ( )  
 ( )

 

  
 
     

 
                                    (7.11)  

   

The PHAT weighting functions can be defined as  
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   ( )  
 

|  ( )  
 ( )|

                                                                    (7.12)  

 

 Where   ( ) is the desired PHAT filter for the input signals of a microphone array and the 

relation of channel filter with weighting function can be expressed as  

 

  ( )  
 ( )  

 

|  ( )  
 ( )|

                                                           (7.13)  

 

Inserting equation 7.12 in equation 7.11, then 

 

  (𝑞)  ∑ ∑ ∫
 

|  ( )  
 ( )|

  ( )  
 ( )

 

  
 
     

 
                            (7.14)  

  

    is the time delay between microphone   and microphone  . The far field assumption is 

used for the calculation of the    . Planner sound waves will arrive from the speaker at 

microphone array as shown in the Fig. 7. 1  

                                
Fig. 7. 1. Planner Waves arrival from a Far Field Sound Source. 

  

 

 

 

The     can now be expressed as:  

 
     (   )                                                                          (7.15)  
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7.5. TDOA Estimation using SRP PHAT 

 
 To estimate the speaker location, TDOA    should be first estimated. The GCC-PHAT 

algorithm used in [17] is defined as  

 

            (   )        (
 

  
∫

 

|  ( )  
 ( )|

  ( )  
 ( )      

 

  
  )     

(7.16) 

  

 By inserting equation 7.15 in equation 7.16 we get  

 

          ( )  

      (∑ ∑ ∫
 

|  ( )  
 ( )|

  ( )  
 ( )

 

  
 
     

 
       (   )   )                   (7.17)  

  

 The TDOA    will be the value which will give the maximum output power of SRP-PHAT. 

This SRP-PHAT algorithm has only one parameter output  , which indicates the DOA of 

sound source as expressed below  

 

                     (
    

    
)                                                            (7.18)  
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8. IMPLEMENTATION AND RESULTS 
Initially a room is assumed with dimensions 8x8x8 and the room impulse response is 

calculated by using image method as mentioned in chapter 1. The position of the mic is at 

6x4x2 and source is located at the dimensions 5x2x1.The sampling frequency is 8000Hz. The 

fractional delay is implemented using the Thiran all pass filter for each reverberant. The 

energy decay can be observed in the room impulse response plots. 

To start with, RIR is plotted with reflection coefficient value of zero. The zero reflection 

coefficients means the room absorbs each and everything, so there will be no reverberation in 

the room. 

The plot of the RIR with reflection coefficient zero is Fig. 8. 1. 

 

Fig. 8. 1. Energy decay for reflection coefficient r=0. 

In a similar manner by varying the reflection coefficient, various plots of the RIR are taken. 

RIR with reflection coefficient 0.6 mean that 60% of the speech signal is absorbed by 

the room and 40% is reflected back. The plot is Fig. 8. 2. 
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Fig. 8. 2. Energy decay for reflection coefficient r=0.6. 

 

 

Fig. 8. 3. Energy decay for reflection coefficient r=0.7 
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Fig. 8. 4. Energy decay for reflection coefficient r=0.8. 

 

 

 

Fig 8.5. Energy decay for reflection coefficient r=0.95 
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Fig. 8. 6. Energy decay for reflection coefficient r=0.3. 

 

Fig. 8. 7. Energy decay for reflection coefficient r=0.4. 
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After the implementation of RIR a time domain wiener beamformer and filter and 

sum beamformer are designed.  By means of beamforming it is possible to spatially filter 

signals arriving to a microphone array by enhancing fixed desired directions while others are 

rejected thus reducing the noise. In the proposed beamforming design the noise is reduced 

and was able to produce a clean desired speech. 

SNR improvement is calculated as 

             (
        
       

)                                                                              (   ) 

                 (
           
          

)         (
             

             
)               (   )              

 

PESQ (Perceptual Evaluation of Speech Quality) is another objective measurement 

tool that predicts the results of subjective listening tests on telephony systems. PESQ uses a 

sensory model to compare the original, unprocessed signal with the degraded signal from the 

network or network element. The resulting quality score is analogous to the subjective MOS 

measured using panel tests according to ITU-T P.800. The PESQ scores are calibrated using a 

large database of subjective tests. The most eminent result of PESQ is the MOS. It directly 

expresses the voice quality. The PESQ MOS as defined by the ITU recommendation P.862 

ranges from 1.0 (worst) up to 4.5 (best) [22]. 

PESQ takes into account coding distortions, errors, packet loss, delay and variable 

delay, and filtering in analogue network components. The user interfaces have been designed 

to provide a simple access to this powerful algorithm, either directly from the analogue 

connection or from speech files recorded elsewhere. 

This powerful test tool can be deployed in many different areas of a business, on any speech 

carrier technology: 

 In the research laboratory; providing rapid feedback on promising areas of signal 

processing development, validation of design implementation, ranking alternative 

design solutions, providing a higher degree of confidence before submission to 

subjective testing 



                                                                                                                                                                

  45 
 

 In network equipment evaluation; comparing different vendor offerings and 

determining their impact on network performance 

 In sales and marketing; demonstrating the excellence of a new product, assuring the 

customer of the system performance 

  For the Wiener beamformer in time domain evaluation, the optimum weights are 

calculated by using the formula 

            {| [ ]    [ ]|
 }          [       ]            (   ) 

Where   [ ] is considered as the reference speech signal. Practically as the reference signal 

is not accessible the optimal weights are found by calculating the mean square difference 

between the beamformer output  [ ] and the reference signal   [ ] and is generalized as 

follows due to the linearity property of expectation operator 

     [       ]
                     (   ) 

The cross-correlation vector   is defined as 

                                                         [          ]                   (8.5) 

In equation (8.4)     and     are the source and noise auto correlation matrices respectively. 

A room is designed with dimensions 6x4x2.8. Four microphones are arranged linearly. The 

distance between the each microphone will be same. The distance between each microphone 

is varied for each time and the SNR improvement and the PESQ values are determined for 

AWN and wind noise. The noise in first case is the wind noise. The reflection coefficient 

value is 0.3 and the sampling frequency is 16000Hz. The position of the first mic is 4x2x1 

and the source is located at 5x2x1. The position of the noise source is 3x1x0.5. 
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TABLE. 8. 1. THE SNR IMPROVEMENT AND PESQ SCORE FOR WIND WITH R=0. 3 AND ROOM DIMENSIONS 8X8X8. 

Distance 

between mics 

SNR 

input(dB) 

SNR 

output(dB) 

SNR 

Improvement 

Input 

PESQ 

Output 

PESQ 

0.01 13.6721 32.0933 18.4211 1.983 3.691 

0.015 13.6721 32.7745 19.1023 1.983 3.816 

0.012 13.6721 32.3697 18.6976 1.983 3.763 

0.02 13.6721 32.2902 18.6181 1.983 3.758 

 

Next, by changing the room dimension to 6x4x2.8, the SNR improvement values and the 

PESQ scores are noted. The values obtained are as follows. 

TABLE. 8. 2. THE SNR IMPROVEMENT AND PESQ SCORE FOR WIND NOISE WITH R=0. 3 AND ROOM DIMENSIONS 6X4X2.8. 

Distance 

between mics 

SNR input SNR 

output 

SNR 

improvement 

Input 

PESQ 

Output 

PESQ 

0.01 13.4488 27.2124 13.7636 1.983 3.324 

0.015 13.4488 29.0652 15.6165 1.983 3.528 

0.012 13.4488 28.3333 14.8845 1.983 3.456 

0.02 13.4488 29.5738 16.1250 1.983 3.592 

After this, the wind noise is replaced with AWN but with the same reflection coefficient. 

Then the values obtained are as follows. The room dimensions are 6x4x2.8 and the reflection 

coefficient value is 0.3. 

TABLE. 8. 3. THE SNR IMPROVEMENT AND PESQ SCORE FOR AWN WITH R=0. 3 AND ROOM DIMENSIONS 8X8X8. 

Distance 

between mics 

SNR input SNR 

output 

SNR 

improvement 

Input 

PESQ 

Output 

PESQ 

0.01 1.1017 24.8423 23.7406 2.140 3.182 

0.015 1.0689 26.0943 25.0254 2.140 3.461 

0.012 1.0890 26.3819 25.2929 2.140 3.537 

0.02 1.0740 24.9300 23.8560 2.140 3.237 
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In the similar manner the reflection coefficient is varied from 0.3 to 0.6 and observed whether 

there is an improvement in the SNR. The values obtained are as follows. 

TABLE. 8. 4. THE SNR IMPROVEMENT AND PESQ SCORE FOR AWN WITH R=0. 6 AND ROOM DIMENSIONS 8X8X8. 

Distance 

between mics 

SNR input SNR 

output 

SNR 

improvement 

Input 

PESQ 

Output 

PESQ 

0.015 -8.8049 15.0448 23.8497 2.140 2.379 

0.012 -8.7857 15.4066 24.1923 2.140 2.356 

0.02 -8.7687 14.9060 23.6747 2.140 2.337 

 

TABLE. 8. 5. THE SNR IMPROVEMENT AND PESQ SCORE FOR  WIND NOISE WITH  ROOM DIMENSIONS 6X4X2.8 AND VARYING REFLECTION 

COEFFICIENTS WITH DISTANCE BETWEEN THE MICS  0.02M. 

Reflection coefficient       

R 

SNR improvement Input PESQ Output PESQ 

0.2 18.9284 1.983 3.832 

0.3 16.1250 1.983 3.592 

0.4 10.6512 1.983 2.935 

0.5 8.0175 1.983 2.623 

0.7 5.1616 1.983 2.018 

 
TABLE. 8. 6. THE SNR IMPROVEMENT AND PESQ SCORE FOR  AWN WITH  ROOM DIMENSIONS 6X4X2.8 AND VARYING REFLECTION 

COEFFICIENTS WITH DISTANCE BETWEEN THE MICS  0.02M. 

Reflection coefficient   

R 

SNR improvement Input PESQ Output PESQ 

0.2 25.1984 2.140 3.594 

0.3 23.8560 2.140 3.237 

0.4 22.9259 2.140 2.894 

0.5 22.6913 2.140 2.588 

0.7 25.4246 2.140 2.076 
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Fig. 8. 8. Performance curve showing performance with respect to reverberation time RT60. 

 

Fig. 8. 9. Representation of SNR improvement through blocks for both wind noise and random noise in time domain. 
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Fig. 8. 10. PESQ score for wind noise and AWN in time domain. 

The input and output power spectrums of the beamformer when wind noise is given with 

speech signal are in Fig. 8. 11.

 

Fig.. 8. 11. PSD of the input speech signal and output speech signal obtained from the time domain beamformer with wind noise 
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The input and output power spectrums of the beamformer when additive white noise is given 

with speech signal are in Fig. 8. 12. 

 

Fig. 8. 12. PSD of the input speech signal and output speech signal obtained from the time domain beamformer with additive white noise 

 

 

 

 

 

 

 

0 2000 4000 6000 8000 10000 12000 14000 16000
-20

-10

0

10

20

30

40

50

60

70

80

frequency

p
o
w

e
r 

s
p
e
c
tr

a
l 
d
e
n
s
it
y

Power Spectrum

 

 

Input Power Spectrum

Output Power Spectrum



                                                                                                                                                                

  51 
 

In the third step after the implementation of Wiener beamformer a Filter and Sum 

beamformer using WOLA filter bank is implemented. Before the implementation of this 

beamformer a WOLA filter bank is designed and tested. The results of these filter banks are 

shown below. Then, the Filter and Sum beamformer is implemented and tested. 

The sub band beamforming is performed by using the filter banks. Hence a WOLA filter 

bank is implemented as mentioned above. Here the sampling frequency is 8000Hz.  

The power spectral density of the output is Fig. 8. 13. 

 

Fig. 8. 13. PSD of the output speech signal obtained after processing from the filter bank. 

 

The magnitude response and the impulse response of the WOLA filter bank are represented 

in Fig. 8. 14 and Fig. 8. 15.  
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Fig. 8. 14. Magnitude response of the WOLA filter bank for 256 sub-bands. 

 

Fig. 8. 15. Impulse response of the WOLA filter bank for 256 sub-bands. 
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An RLS algorithm is used for reducing the unwanted echoes and to improve the speech 

quality. Here in this RLS algorithm a parameter λ is used.  λ is called the forgetting factor. 

This is a small positive constant very close to, but smaller than 1. With values of λ<1 more 

importance is given to the most recent error estimates and thus the more recent input samples, 

this results in a scheme that places more emphasis on recent samples of observed data and 

tends to forget the past. rdx is the desired signal. 

The RLS algorithm is implemented through the following steps [19]. 

The filter output is calculated using the filter tap weights from the previous iteration and the 

current input vector 

 ̅   ( )   ̅
 (   ) ( )                                          (8.3) 

The intermediate gain vector is calculated using the equation 

 ( )   ̌ 
  (   ) ( )                                                      (8.6) 

 ( )  
 

    ( ) ( )
 ( )                                                        (8.7) 

The estimation error values is calculated using equation 

 ̅   ( )   ( )   ̅   ( )                                                   (8.8) 

The filter tap weight vector is updated using the 9. 6 and the gain vector is calculated using 8. 

4 and 8. 5 

 ( )   ̅ (   )    ( ) ̅   ( )                                      (8.9) 

The inverse matrix is calculated using the equation 

 ̌ 
  ( )      ̌ 

  (   )     ( )  [  ( ) ̌ 
  (   )]   (8.10) 

Each iteration of the RLS algorithm requires 4N
2
multiplication operations and 3N

2
 additions. 

To begin with the beamformer, AWN is given and the λ is varied.  SNR improvement and 

PESQ score are noted. The number of sub-bands used is 128 and the OS is 64. The room 

dimensions are 6x4x2.8. Mic is located at the point 4x2x1, source is located at the point 

5.8x2x1.5 and the noise source position is 2x1x0.5.  Here the sampling frequency is 8000Hz. 
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TABLE. 8. 7. THE SNR IMPROVEMENT AND PESQ SCORE FOR AWN WITH VARYING LAMBDA  AND  THE  ROOM DIMENSIONS 8X8X8. 

λ  value No of Sub-

bands 
OS SNR 

improvement 
PESQ score 

before 

processing 

PESQ score 

after 

processing 

0.4 128 64 12.1904 1.884 2.984 

0.5 128 64 14.2844 1.884 1.963 

0.6 128 64 14.2677 1.884 1.134 

0.7 128 64 16.3773 1.884 3.432 

0.8 128 64 11.9247 1.884 1.106 

As  better output  is obtained for λ value of 0.7 the other parameters  are modified in order to  

improve the quality of the speech still further. 

TABLE. 8. 8. THE SNR IMPROVEMENT AND PESQ SCORE FOR AWN WITH CONSTANT LAMBDA  AND VARYING OS AND NO OF SUB BANDS  

ROOM DIMENSIONS 8X8X8. 

λ  value No of Sub-

bands 

OS SNR 

improvement 

PESQ score 

before 

processing 

PESQ score 

after 

processing 

0.7 64 32 8.5078 1.884 2.016 

0.7 256 64 13.4519 1.884 3.628 

0.7 256 32 14.9927 1.884 1.188 

0.7 512 64 11.1921 1.884 2.786 

0.7 256 128 14.3915 1.884 2.489 

In the above manner, AWN is replaced by wind noise and the SNR improvement and PESQ 

score  are  noted  down in order to find out at which values a desired signal  will be obtained 

with more improved quality. 

TABLE. 8. 9. THE SNR IMPROVEMENT AND PESQ SCORE FOR AWN WITH VARYING LAMBDA  AND  ROOM DIMENSIONS 8X8X8. 

λ  value No of Sub-

bands 

OS SNR 

improvement 

PESQ score 

before 

processing 

PESQ score 

after 

processing 

0.5 256 64 6.2159 1.041 1.369 

0.6 256 64 7.1684 1.041 1.729 

0.7 256 64 11.8998 1.041 1.818 

0.8 256 64 12.8465 1.041 1.405 

0.9 256 64 14.1897 1.041 1.946 
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Fig. 8. 16. Representation of SNR improvement through blocks for both wind noise and random noise in frequency domain. 

 

 

Fig. 8. 17. Input speech and the output speech for AWN noise for frequency domain beamformer. 
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Fig. 8. 18. Input speech and the output speech for wind noise for frequency domain beamformer. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



                                                                                                                                                                

  57 
 

As recent experimental studies show that a SRP-PHAT is a robust algorithm used for sound 

source localization. So, SRP-PHAT is used for speaker localization in the Filter and sum 

beamformer. The speaker position is identified using SRP-PHAT but unfortunately could not 

recover the speech signal properly. Initially SRP-PHAT is tested by taking two mics. As 

usual the mics are arranged in a linear manner.   τ value is calculated and the position at 

which τ has been obtained is determined. Here τ is the power of the speech signal. After 

finding this, the signal is delayed by one sample τ is again calculated and the position is 

identified. The position where maximum г is obtained is shifted by one position. 

Before finding the SRP for two mics initially a random noise signal is taken and delayed by 

one sample every time respectively and the τ’s position and value are calculated. The values 

obtained are shown in the table below. 

 

TABLE. 8. 10. TABLE REPRESENTING THE POWER AND POSITION VALUES IN SRP-PHAT. 

 Power(τ) position 

Initial input signal 17.8792 11 

Signal delayed by one 

sample 

17.5010 12 

Signal delayed by two 

samples 

17.1255 13 

Signal delayed by three 

samples 

16.4689 14 

Signal delayed by four 

samples 

16.6669 15 

Signal delayed by five 

samples 

15.0400 16 
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The graphical representations of the positions obtained are represented in Fig.8. 19, Fig 8. 20 

and Fig 8. 21.

 

Fig. 8. 19. Plot representing the position of the power for the given AWN signal. 

 

Fig. 8. 20. Plot representing the position of the power for the given AWN signal delayed with one sample. 

 

Fig. 8. 21. Plot representing the position of the power for the given AWN signal delayed with two samples. 
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After testing this, SRP-PHAT with two mics is implemented and the position where power is 

obtained is identified. 

 

Fig. 8. 22. Plot representing the position where the speech is identified for 2 mics. 

 

Fig. 8. 23. Plot representing the position where the speech is identified for 4 mics. 
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9.  CONCLUSION AND FUTURE WORK 
 

Microphone array is created for speaker localization in a room and then the SRP-PHAT 

is evaluated. A linear microphone array is created. An RIR is plotted by creating a MATLAB 

RIR function and simulating it in MATLAB. Then, a time domain Wiener beamformer is 

designed, implemented and tested. This beamformer is tested by giving two types of noise, 

one is the AWN and the other one is the wind noise. The desired speech is produced by 

eliminating almost all the noise. To know the quality of the speech obtained the processed 

output is evaluated by means of SNR improvement value and the PESQ score. On an average 

SNR improvement of 18dB and PESQ score of 2.5 is obtained for wind noise and 25dB SNR 

improvement and 2.6 PESQ score for AWN in time domain. Next, a Frequency domain 

Wiener beamformer with WOLA filter bank is designed, implemented and tested. On an 

average SNR improvement of 13dB and PESQ score of 2.0 is obtained for wind noise and 

15dB SNR improvement and 2.5 PESQ score for AWN in frequency domain. Furthermore, 

SRP-PHAT algorithm is designed, implemented and tested. SRP-PHAT algorithm is tested 

by giving a random noise signal and then the τ value and its position are identified. It is 

delayed by one sample every time and tested. Then SRP-PHAT is tested for two mics and 

then for four mics. But, by combining with Wiener beamformer the SRP-PHAT could not 

produce the desired output speech signal. Instead, the speaker position is identified 

In future, the main aim is to obtain the desired speech using SRP-PHAT with much improved 

quality. The other thing which could be done is to develop an algorithm to localize multiple 

talkers at same time. And it will be more interesting to work on the localization for the 

moving human talkers in real time system.  
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