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ABSTRACT 

All Speech Processing Equipments like noise cancelling headphones and Hearing aids should be able 

to filter different kinds of interfering signals and present a clear sound to the listener. The effect of 

these interfering signals varies depending on the surroundings. Confining the area of interest to a 

closed room, ranging from a class room to an auditorium, the most significant interference that is 

dominant in the received signal is the “Reverberation Effect”. Reverberation is the combined effect of 

multiple echoes from the walls of the room and its intensity depends on the size, shape, dimensions 

and materials used in the construction of the room. This phenomenon is tolerable for some purposes 

like music recordings but it predominantly effects the speech. Eliminating this effect without affecting 

the original speech is a challenge and a topic of research in these days. 

This paper is an excerpt of the collective work done on reducing microphone inaccuracies using 

various adaptive beamformers and emphasizes on-the Elko’s Beamformer, the Weiner Beamformer, 

Max-SNIR Beamformer and the delay-and-sum beamformer. These beamformers are implemented 

with the fractional delay capability and then tested under reverberant conditions. This paper mainly 

concentrates on the effect of Reverberation on the outcome of a beamformer. A reverberant room 

environment is simulated and the effect of reverberation on an Elko’s beamformer output is compared 

with that of a Weiner beamformer. The size of the room is proportionate to the complexity of the 

implementation, i.e., as the size increases, so does the execution time of the algorithm. All these kinds 

of factors have been implemented and tested. Improvement in the Signal-to-Noise Ratio and PESQ 

scores of these beamformers with reverberant room and without reverberant room are noted.  

Results show that wiener beamformer has better average SNR and PESQ improvements both in 

reverberant and non-reverberant conditions with more microphones and is suitable for speech 

enhancement systems. With 2 microphones, wiener beamformer has about 10 dB average SNR-I and 

an average PESQ-I of 1 in anechoic case and about 6 dB average SNR-I and average PESQ-I of 0.4 

for the reverberant case. However, Elko’s beamformer has the typical advantage of better 

improvement in the back plane (180
o
 to 270

o
) due to its inherent properties. It has about 12 dB 

average SNR-I and an average PESQ-I of 1.5 in anechoic case and about 5 dB average SNR-I and 

average PESQ-I of 0.2 for the reverberant case. Hence, Elko’s beamformer is particularly suitable for 

Hearing aid implants. 

 

 

Keywords: Speech Enhancement, Beamformer, Reverberation, Hearing Aids, Noise Cancellation, 

Fractional Delay 
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CHAPTER 1 - INTRODUCTION 

 

In many speech related systems like mobile communications in an adverse environment, the desired 

signal is not available directly; rather it is mostly contaminated with some interference or sources of 

noise. These background noise signals degrade the quality and intelligibility of the original speech, 

resulting in a severe drop in the performance of the applications. This degradation of the speech signal 

due to the background noise is a severe problem in speech related systems and therefore should be 

eliminated through speech enhancement algorithms. 

 

A literature review of the existing speech enhancement mechanisms leads to a choice between single 

channel and multi-channel speech enhancement techniques. As multi-channel speech enhancement 

techniques present more advantages than single-channel schemes, the choice is obvious. Multi 

channel microphone arrays or simply called  beamforming techniques are the present day mechanisms 

that help enhancing the corrupted signal in any communication systems. A more deeper review into 

the available multi-channel speech enhancement methods leads to a choice between fixed and 

adaptive beamforming techniques. 

1.1 Problem Statement 

 

An effective speech enhancement mechanism requires advanced noise cancellation methods 

combined with Direction of Arrival (DOA) estimation and source tracking. For a robust and accurate 

speech enhancement scenario, two concepts are to be considered. Firstly, directional signal reception 

is to be achieved. This can be done by the use of microphone arrays or more precisely, the DOA 

concepts. Secondly, the type of speech processing algorithm that can be used to achieve noise 

reduction. These kind of processing algorithms or rather, the adaptive algorithms can be incorporated 

in a beamformer itself. Furthermore, concepts like filter banks and frequency domain analysis can 

also help in solving the issue. 

 

Apart from these issues, speech enhancement inside a closed room is of another concern as the room 

is made of different materials which effect the signal reaching the microphone. Embedding this 

effect’s counter-part into our speech enhancement system so as to eliminate it, will also have to be 

considered. All these issues have to be dealt with one after another along with echo cancellation 

system and the complete system should also be able to handle fractional delays in the microphone 

array setup. 
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1.2 Research questions 

 

1) How much effective are the chosen beamformers in enhancing noisy and interference 

corrupted signals? 

2) How good are these beamformers in reverberant conditions? 

1.3 Scope of the Thesis 

 

This collaborative thesis work aims at designing and implementing all major kinds of beamformers 

along with fractional delay identification capability in open environment and inside a closed room. 

The work flow can be categorized into four main parts: 

 

1. Implementation of beamformers including fractional delay. 

2. Designing of a closed room simulation which mocks the effect of real room conditions. 

3. Designing of acoustic noise cancellation system in relation to beamformers and room 

scenario. 

4. Implementation of the entire speech enhancement setup which includes all the above 

mentioned systems. 

The beamformers implemented include Elko’s beamformer, wiener beamforming, max-SNIR 

beamforming and delay-sum-beamforming. Room image model is used for simulation of closed room. 

This entire work has been divided between four people who dealt with different parts of the work such 

as Elko’s beamformer, wiener beamformer, echo canceller, room image model simulation and the 

analysis part has been dealt individually. 

 

1.4 Thesis Outline 

 

This thesis is a part of the complete work done and mainly concentrates on room image modeling 

simulation and testing of reverberant conditions. This report is organized into seven chapters. The 

introduction chapter deals with the problem and its scope of evaluation. Background and related work 

is dealt in chapter 2 where information about speech enhancement techniques is available. Chapter 3 

deals with microphone arrays and description of the beamformers simulated. The basic theory behind 

room image model and its simulation are provided in Chapter 4. Chapter 5 deals with implementation 

details of the simulations. Results and comparison are shown in chapter 6. Finally, the paper is 

concluded with an insight to the future work in the last chapter. 
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Figure 1.1: Choice of Beamformers – Selection tree diagram. 

 Red indicates problem and Green indicates solution. The star marks indicates the choice of beamformers. 
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CHAPTER 2 - BACKGROUND 

 

All the modern hand-held communication devices such as mobile handsets have an inherent digital 

signal processing system which processes a speaker’s voice, or more commonly called the speech 

signal to be transmitted. This kind of a speech processing mechanism is developed from a deep 

observation of the functioning of an ear. Human ear is a sensory organ that has the amazing capability 

of recognizing a sound. It has an ear drum inside it which starts vibrating when a sound wave 

impinges on it. Comparing it with an electrical system, it actually acts as a transducer which converts 

sound waves into a signal of nerve impulses and transmit it to the brain. As mentioned previously, ear 

basically does the primary objective of recognizing a sound but the actual processing is performed in 

the brain. 

 

Now, each and every action performed by an ear has been observed by experts who tried to imitate the 

exact behavior and succeeded. The sound generated from a source is recorded with a microphone 

which has a diaphragm inside it just as the ear has ear drum. Both are sensitive to the sound wave 

pressure and acts like transducers. The microphone output is connected to a signal processing system 

which processes the sound similar to the brain.  

 

 

                   

 

                      

     

 

Figure 2.1: Generalized Communication System 
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Fig.2.1 shows a typical communication system in which a speaker’s voice is recorded with the help of 

a microphone. The electrical signal from the microphone output is then digitized and transmitted to 

the receiving end of the system. The receiver section can be of any form such as a broadcasting 

system (radio), a mobile phone, a noise cancelling headset or a hearing aid of a listener. The overall 

system may differ depending upon the application. For example, a hearing aid device doesn’t have an 

additional receiving unit or channel but the digitized input is directly processed with an extremely 

high sampling rate and an amplifier. 

If we try to adapt the entire functionality of the ear into various topics related to speech processing, 

we end up to three main fields of study as follows: 

 Auditory Scene Analysis 

 Source Localisation 

 Noise Reduction techniques 

 

2.1 Auditory Scene Analysis 

Brain has the inherent capability of whether to integrate or segregate the complex sound recognized 

by the ear. Integration of sound is to combine many different sounds into a single meaningful one or 

rather into a melody. This can be observed in cases like hearing the harmony of all the instruments in 

a music concert. 

 

 

Figure 2.2: Integration of the chirping of bird and sound of cat by the ear. 
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Segregation of sound is nothing but separating a complex sound into individual components. This can 

be seen in situations like a person trying to make a conversation with another person in an open place 

surrounded by automobile and many other noises. 

Now considering the famous cocktail party effect, the ear integrates and segregates at the same time. 

The segregation is utilized to listen to a particular person inside the party hall while the integration is 

used to integrate all the remaining sounds including music. This natural behavior of ear is termed as 

“Auditory Scene Analysis”(ASA). ASA is the key concept of speech processing. Any speech 

processing expert aims at gaining knowledge on these concepts and then proceed with advanced 

topics like speech enhancement, source localization and blind source separation. However, the ability 

of intentional selectivity in a cocktail party effect is attributed by the fact that we have two ears and 

our perception of speech is based on binaural hearing. This suggests the use of multiple microphones 

in the development of modern practical speech acquisition systems[4]. 

2.2 Source Localization 

When someone calls out our name, we will immediately turn around and answer to that particular 

person who called us. This is possible because our ears has the inherent capability to locate the person 

who is talking and then brain matches these signals to the memory database so that we can identify 

the person who is talking. This property of ears is called as “Sound Source Localization”. The human 

auditory system makes use of many different cues for the purpose of sound source localization such as 

time and level differences (ITD and ILD) between both ears, spectral information, timing analysis, 

correlation analysis and finally pattern matching. 

The traditional method to obtain source direction is using the Time Difference of Arrival (TDOA) 

method. A well known example of TDOA is the interaural time difference. The interaural time 

difference is the difference in arrival time of a sound between the two ears. A typical TDOA 

implementation is done in [17]. Recent studies show that a steered response power algorithm with 

phase transform (SRP-PHAT) is a robust algorithm for sound source localization in reverberant and 

multi-speaker environments. An extensive study on source localization using steered power response 

algorithms is done in [18]. 

 

Figure 2.3: TDOA between microphones. 
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2.3 Noise Reduction 

Speech Signal Enhancement has a gained lot of importance in the present day real world situations. 

Research on speech enhancement techniques started more  than 40 years ago at AT&T Bell 

Laboratories by Schroeder as mentioned in [3].  

Speech Enhancement algorithms have a very diverse range of applications. Examples for such 

applications are: Mobile communications, Intelligent Hearing Protectors in construction and mining, 

conference telephony, Laptop microphones including Dictaphones and in medical field such as 

Hearing aids. All these applications require the speech enhancement algorithms for improving the 

speech quality, the speech intelligibility or damage control to the ear. Reducing the inherent noise 

improves the speech quality whereas speech intelligibility refers to the degree of ability to understand 

speech. Typical interfering signals can be of any form, for example - the sounds coming from the 

traffic when a speaker is delivering a speech, two persons speaking at the same time, the whistle of a 

train when someone is on a call inside and so on. All these examples can be mentioned in one name 

called background noise. There are other kinds of degradation possible like the distortion of 

microphone and reverberation.  

Many algorithms have been proposed for the purpose of speech enhancement over the last 

few decades. These algorithms depend upon the type of the corrupted speech signal which can be 

broadly classified into two types namely:  

 

 Environmentally Disturbed speech signals. 

 Acoustically disturbed speech signals.  

Environmentally disturbed speech signals are nothing but the signals that are affected by noisy 

surroundings such as a cocktail party effect, the whistle of a train, reflections from trees etc. These 

kinds of disturbances effect the original speech signal considerably and hence are to be eliminated. 

Typical algorithms that are used to suppress these kinds of disturbances include : Adaptive Filters, 

Adaptive Noise Cancellers and Filter Bank topologies. 

Acoustically disturbed speech signals are the ones that are effected by echoes and reflections. 

Multiple reflections in a closed room that reach a listener causes some kind of disturbance or delay in 

the original signal called Reverberation. Development of algorithms for the enhancement of these 

kind of signals is the latest area of research. Basic beamformers and microphone arrays along with 

many spectral processing techniques come in to use for this enhancement.  

In order to achieve these, one must know the basic description of microphones and about how they are 

classified depending on their sensitivity patterns. This is briefly discussed in the next section. 
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2.3.1 Basic Microphone Geometry 

 

A typical microphone can be designed to receive signals from any desired direction and with any kind 

of sensitivity patterns. Of these, the most commonly used microphones are either Omnidirectional or 

Unidirectional. Omnidirectional microphone is capable of receiving signals from all directions. On the 

other hand, unidirectional or simply directional microphone is intended to receive signals from a 

particular direction while blocking the signals from all other directions. Fig. 2.4 shows the ideal cases 

of these two microphone setups. Left hand side of Fig. 2.4 shows the pattern of an ideal 

omnidirectional microphone showing equal sensitivity to signals from all directions. Right hand side 

of Fig. 2.4 consists of a directional microphone sensitive to signal from a particular direction (0
o
 in 

this case) and zero sensitivity to signals from all other directions. This makes it capable of listening to 

signals in a particular direction. 

 

 

 

Figure 2.4: Sensitivity patterns of ideal omnidirectional and directional microphones 

 

However, the properties of a directional microphone can be achieved with the combination of more 

than one omnidirectional microphone. This phenomenon is used in typical array processing 

techniques like beamformers. This topic will be dealt more clearly in the next sections. 

Noise reduction techniques can be classified depending upon the number of microphones used as 

follows: 

 Single microphone noise reduction techniques 

 Multi microphones techniques. 
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2.3.2 Single Channel Speech Enhancement 

In most of the situations such as mobile communications, only one microphone is available. Now, a 

typical unidirectional microphone can be utilized for the single channel  speech enhancement 

technique as its capability to block unnecessary signals from different directions seems promising. 

Nevertheless, it lacks the basic knowledge or information about the source or the noise signals. This 

makes it vulnerable to noise signals coming from the direction of the source. 

 

 

 

                 

  

 

Figure 2.5: Single channel Speech Enhancement system. 

 

In such a case, noise reduction techniques rely on assumptions that are made related to speech and 

noise signals or need to exploit aspects of speech perception, speech production or speech model. A 

common assumption is that the noise is additive and slowly varying, meaning that the noise process is 

stationary and uncorrelated with speech. So the noise characteristics estimated in the absence of 

speech can be used subsequently in the presence of speech. But in reality, this assumption is not valid 

or only partially valid and the system will either have less noise reduction or introduce more speech 

distortion. 

Typical algorithms used for single channel speech enhancement are spectral subtraction, wiener 

filtering and minimum mean square error estimator. Spectral subtraction has the problem of 

introduction of musical noise at low SNR levels. Also, estimation of noise in these methods makes 

use of a voice activity detector (VAD) which extracts the noise estimate from the speech-free 

intervals. Even with limitations outline above, single channel noise reduction has attracted a 

tremendous amount of research attention because of its wide range of applications with relatively less 

cost and computational complexity. 

 

2.3.3 Multi Channel Speech Enhancement - Microphone Arrays 

 

Multi-channel speech enhancement is widely used for hands-free communication and speech 

recognition systems. This technique makes use of multiple microphones to receive the signal-noise 

mixture and processes output of these microphones to enhance speech quality. Single microphones 

techniques makes use of temporal filtering methods such as wiener filtering but multi-microphone 
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techniques use spatio-temporal filtering. A combined spatial and temporal processing will lead to an 

efficient solution compared to single microphone solutions[10]. Spatial processing exploits the basic 

assumption that the noise source is spatially located at a different location compared to speech source. 

Hence microphone array can be thought of as a spatial filter which achieves speech enhancement by 

attenuating signals which do not originate from the same direction as the desired speech signal. In 

other words, it exploits the spatial and/or temporal distribution of both speech and noise sources. 

 

When a narrow-band sound source signal is a point source or it can be viewed as a number of point 

sources clustered closely in space, a set of microphones can be arranged in space in such a way that 

the sum of the microphone output signals will have a peak response at that point. This means that the 

sum of the outputs can be made to combine either constructively or destructively. Fig. 2.6 

schematically illustrates the peak response and a cancellation response from two different directions. 

A change of placement of the microphones causes different response for the same source location. 

This comes from the fact that the wavefront delays to the microphones will be changed, due to a 

change in distance to the microphones.  

 

Figure 2.6: Example of spatial cancellation of a narrow-band signal. 
 

By introducing variable signal delays it is possible to control the peak response location of the array 

and this procedure is commonly referred to as narrow-band beamforming [10]. Hence, a beamforming 

array is able to electronically steer the beam pattern without physically moving the array. This is 

achieved by adding a delay stage to each of the array elements.  

 

Signal waveform Wave propagation direction 
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Figure 2.7: Microphone array beam steering through delay stage. 
 

Fig. 2.7 illustrates the steering of beam pattern through the use of delay stage. The speech arriving 

from a particular direction can be aligned to add up constructively by employing respective delays to 

each of the microphones as shown in Fig. 2.7. This setup is fed by another signal coming from a 

different direction. The setup considers this signal as interference and adds these signals destructively. 

By controlling these delays, the main lobe direction can be steered. These delays can be implemented 

using fractional delays. 

The concept of using fractional delay filters for delay adjustments in microphone arrays is described 

in the next section. 
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2.4 Fractional Delay Filters 

 

The microphone arrays that are implemented for multi channel speech enhancement should have the 

property of time aligning the incident signal. This means that the array setup should be able to delay 

the signal received by the microphones. When we use sampled data as input, it is most probable that 

these delays are not quite adequate to reconstruct the original signal. This is because the delays will 

not equate to multiples of whole sample periods. A fractional delay filter(FD) is one which 

implements a delay that is not an integer multiple of the sampling period. FD filters are intended for 

bandlimited interpolation in general. Bandlimited interpolation is a technique for evaluating a signal 

sample at any arbitrary point in time, even if it is located in between two sampling points. 

 

 

 

 
 

 

 

 
 

 

Figure 2.8: Sampled(dots) impulse response of an ideal fractional delay filter when the delay is (a) D = 2 

samples and (b) D = 2.7 samples.  

The vertical dashed line indicates the midpoint of the continuous time impulse response in each case. 
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2.4.1 Ideal Fractional Delay 
 

According to Shannon’s sampling theorem, a sinc interpolator can be used to exactly evaluate a signal 

value at any point in time, as long as it is bandlimited to an upper frequency of Fs/2. Hence, the delay 

system must be made bandlimited by using an ideal low pass filter in the frequency domain while it 

merely shifts the impulse response in the time domain. Thus, the impulse response of an ideal FD 

filter is a shifted and sampled sinc function, that is: 

                   

   

    

                                                              

The delayed sinc function is referred to as an ideal fractional-delay interpolator: 

 

                                                                                   

 

The entire process of fractional delay using resampling is described by the following equation: 

 

           
            
                                    

                                                                                 

                                                     
      
                             

      

              

 

Fig.2.8 shows the ideal impulse response when d = 0.0 and d = 0.7 samples. The first case is of finite 

length as only one sample at 0 is present. In the latter case, the impulse response is of infinite length 

and hence corresponds to a non-causal filter which cannot be made causal by a finite shift in time. 

Also, the filter is not stable as the impulse response is not absolutely summable. The ideal filter is thus 

non-realizable. Hence, real fractional delay systems are at best approximations of the ideal impulse 

response[6]. There are many approximations to FD filters in which both FIR and IIR implementations 

exist. 

2.4.2 FIR approximation of fractional delay 
 

The two common methods used for FIR approximation of FD are the windowed sinc function and the 

Lagrange’s interpolation. Windowed sinc function uses an asymmetric window function like the 

hamming window or a binomial window with a fractional offset. It is quite easy to implement but the 

approximation is quite weak and the coefficients must be scaled to obtain the best approximation. 

Lagrange’s interpolation belongs to a class of filters called the maximally flat filters since they have a 

constant (flat) magnitude around a particular frequency of interest. The response of Lagrange 
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interpolator is made identical to that of ideal interpolator at zero frequency. A closed form 

representation of Lagrange FIR filter coefficients are given by the following equation: 

 

      
   

   
                                                                     

 

          

 

 

The ease of computing filter taps is an important feature of Lagrange interpolators. This is a useful 

technique for narrow-band cases but is not competent in case of attaining minimal  error power in the 

approximation band since it merely minimizes the error in the vicinity of  = 0 [5]. 

2.4.3 IIR approximation of fractional delay 
 

Allpass IIR filters are particularly suitable for FD approximation since their magnitude response is 

exactly unity at all frequencies. Hence the IIR approximation always deals with allpass filters and 

their design. Unlike FIR approximations, allpass filters can be implemented using lower order which 

translates into computational speed. 

The transfer function of a general discrete time allpass filter is given by the form: 

 

      
                          

                           
                                           

 

where N is the order of the filter with the real valued coefficients ak (k = 1,2,3,...N) . The design of 

allpass fractional delay filters is usually based on solving a set of equations, such as the least squares 

method, or an iterative optimization algorithm, such as pseudo-equiripple design techniques. These 

methods produce optimal or very nearly optimal designs , but their usefulness is limited when high-

order filters are needed or when coefficient values should be calculated  online in real-time 

applications. The largest allpass filter order that is possible with current design programs is about 20 

or less, depending on specifications [7]. 

 

2.4.4 Thiran allpass filter 
 

Thiran allpass filter is the only one maximally flat FD approximation method that can be implemented 

with closed-loop formulas. This is a simplest design with the closed loop coefficients given by: 
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where D is the group delay and k = 1,2,3,...N and  

 

 
 

 
  

  

        
                                                                                   

 

Specifies the k
th
 binomial coefficient. The coefficient a0 is always 1 and so there is no need to 

normalise the coefficient vector. Thiran showed that for the values    , the roots of the 

denominator (poles) are within the unit circle in the complex plane meaning that the filter is stable [8]. 

The filter is also stable when        . The angles of the zeroes and poles are the same but the 

radii are inverse of each other. For this reason, the amplitude response of the filter is flat. This can 

also be shown using the transfer function as: 

 

           
            

      
                                                                       

 

In general, the optimal range of D is about       to      . The order of the filter depends on the 

needed time delay and the sampling rate, since the group delays are in samples. The order of the filter 

can be calculated as: 

 

                                                                                                                                                

 

The group delays of the Thiran all pass filter with the order number      are shown in Fig. 2.9. 

The group delays in samples started at         and stopped at        . The group delay 

response in Fig. 2.9 makes a delay between 29.5 and 30.5 samples. With a 44100 Hz sample rate 

frequency it is possible to make a delay between 0.668 ms and 0.691 ms . 

 

The useful range of delay D is different for allpass filters from that of FIR filters. The error curves of 

allpass filters are asymmetric and  thus their stability must be taken into account. The error does not 

decrease even when the order is increased. As the coefficient values of the Thiran allpass filter 

typically decay fast with index k, it is convenient to neglect extremely small coefficient values as their 

contribution cannot be significant on the properties of the filter. Hence the design neglects the 

smallest values by truncating the coefficient vector of the filter. For practical purposes, a prototype 

filter order is chosen that corresponds to the order of the original allpass filter before truncation. The 

truncation facilitates for the design of higher order FD filters and overcomes the problem of narrow 

approximation band [7]. 
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Figure 2.9: The group delays of N=30 for Thiran FD-MF all pass filter.  

 

 

 

Figure 2.10: Array steering using fractional delay elements.  

This is a modification to Figure 2.7. 
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CHAPTER 3  - INTRODUCTION TO BEAMFORMERS 

Speech Enhancement using Beamformers has been one of the most efficient way to estimate the 

received speech in the presence of various interfering signals and noise. A Beamformer as described 

in section 2.3.3 has an array of microphones arranged in a particular geometry (linear, in general) 

which will be directed towards the source of interest. 

3.1 Types of beamformers 
 

Depending on their functionality, beamformers may be classified into two major types: 

1) Fixed Beamforming and  2)   Adaptive Beamforming 

3.1.1 Fixed beamforming: 
  

Fixed beamformer makes use of the weighted combination of the signals from different sensors in the 

array that come with different time delays. This type of beamformers are designed to maximize the 

output of the array in a particular (fixed) direction and does not steer its direction according to the 

source. If the source is non-stationary, the performance of the fixed beamformer degrades when the 

source is away from the fixed beam direction. Fixed beamformers are fundamentally based on 

modeled assumptions on the speech signal and noise field. Hence these beamformers are also called 

“data-independent beamformers”. 

Typical examples of these types of microphones are the laptop microphones and voice recognition 

systems. These operate with maximum output only when the sound source is in front of the array. 

3.1.2 Adaptive Beamforming: 
  

Adaptive beamformers are used to track variations as well as to compensate for model mismatch. This 

type of beamforming steers its directivity depending on the changes in the acoustic environment so 

that maximum gain is obtained in the direction of the desired source signal. They are typically based 

on continuous estimates of the spatial and statistical information contained in the received speech and 

noise signals. In general, they are more complex when it comes to both computational and 

implementation aspects [10]. As adaptive beamforming techniques continuously update their 

parameters based on the received signals, these are called “data-dependent beamformers”. 

Optimal beamforming: 

 Based on the modeling assumptions made in fixed beamformers, optimal beamformers 

can be constructed. Optimality is guaranteed only when no model mismatch is present. By viewing 
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the observed microphone signals as a signal part and as a noise/interference part, one can define 

optimum beamformers based on different power criteria.  

This thesis deals with the optimum Signal-to-noise plus interference beamformer (Max SNIR) and the 

optimal Minimum Mean Square Error Beamformer( Weiner Beamformer). 

3.2 Spatial aliasing 
 

The temporal sampling theorem states that a signal must be sampled at a rate                   such 

that: 

                                                                             
 

  
                                                                                 

where      is the maximum frequency component in the signal’s frequency spectrum. Similarly, 

sensor arrays implement spatial sampling and an analogous requirement exists to avoid grating lobes 

in the directivity pattern. Hence for spatial sampling, we have the requirement that: 

                                                                      
 

 

 
       

                                                                       

where    
 is the spatial sampling frequency and      

 is the maximum spatial frequency component in 

the angular spectrum of the signal. The maximum value of the spatial sampling frequency can be 

given as: 

                                                                     
 

 

    
                                                                                  

and so the requirement is that: 

                                                                     
    

 
                                                                                    

where      is the minimum wavelength in the signal of interest. This equation__ is known as the 

spatial sampling theorem and must be followed to avoid spatial aliasing. 

Conventional linear arrays with sensors placed at       have a directivity that is approximately 

proportional to the number of sensors, N. It has been found that the directivity of linear end fire arrays 

theoretically approaches N
 2 

as the spacing approaches zero in a diffuse noise field. Beamforming 

techniques that exploit this capability for closely spaced end-fire arrays are termed as “superdirective 

beamformers”. 
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3.3 Weiner Beamformer (MMSE beamformer) 
 

The optimal minimum mean square error beamformer is defined as the beamformer weights which 

minimizes the mean square difference between the beamformer output when all sources are present, 

and a single sensor observation, when only the signal of interest is present. 

Consider a general filter-and-sum beamformer output given by: 

                                                                        

   

   

 

   

                                                            

where     is the order of the FIR filters and                    are the filter taps for channel 

number i. The signals,      , are digitally sampled microphone observations and the beamformer 

output signal is denoted by      [10]. Now, the objective of the wiener beamformer can be 

formulated as: 

                                                       
 

                                                         

where the output      is given in equation 3.5 and the single sensor observation,      , is one of the 

microphone observations which is chosen as the reference sensor or a separate reference source. In 

theory, it is desirable to use the true source signal      instead of sensor observation but the source 

signal is not practically accessible. The optimal weights which minimize the expected square 

difference between the output and the reference signal is found by: 

 

                                                                                                                                          

The cross correlation vector,    is defined as: 

                                                                                                                                                  

with  

                                                                                                                   

where each element is given as: 

                                                                      
                                                                           

                                                          

The correlation matrices     and     are defined as: 

                                                     

 

 

           
        

                   

 
      

 
       

 
       

                                                   

where  
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Similarly, we have the noise correlation matrix given by: 

                                                           

 

 

           
        

                   

 
      

 
       

 
       

                                 

Observe that the cross correlation vector   , is equivalent to one column of the source signal 

correlation matrix    , if the reference sensor is chosen as one microphone observation. The selection 

of the column to be used depends on the fact that which one of the microphones is chosen as the 

reference microphone. 

3.3.1 Improvisation: 
 

In order to have a higher SNR improvement, the equation for the optimal weights      in equation 

3.7 can be modified as follows: 

                                                                                                                          

where   is a constraint that acts as a multiplication factor which helps in adjusting the output SNR 

values. A more detailed study on the effect of this constraint has been done in [2]. Significant changes 

are noticed after introducing this multiplication factor into the final result of the beamformer. SNR 

improvements are almost like   times higher. 

 

Figure 3.1: Weiner Beamformer (WBF) block diagram. 
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3.4 Maximum SNIR Beamformer (Max SNIB) 
 

The optimal signal-to-noise plus interference power ratio (SNIR) is defined as: 

     
                           

                                            
 

                                                       
   

     
                                                                                                   

The beamformer that maximizes the ratio SNIR is called the optimal signal-to-noise plus Interference 

beamformer(Max. SNIR Beamformer). We need to express the mean signal output power as a 

function of the filter weights in the beamformer and find the optimal weights which maximizes SNIR. 

The power of the beamformer output when only the signal of interest     , is active, is given by the 

zero lag of the autocorrelation function as: 

                                                            
                                                                                     

where     is same as in equation 3.11 and the filter weights w, are arranged according to: 

                                                                      
      

       
                                                              

where 

  
                                               

Similarly, we have the noise-plus-interference power when all the surrounding noise sources are 

active but the source signal is inactive is given as: 

                                                                         
                                                                     

Now, the optimal weights  are found by maximizing a ratio of the two quadratic forms according to: 

                                                                        
 

 
      

      
                                                   

Maximizing this ratio between two quadratic forms of positive definite matrices is referred to as the 

generalized eigenvector problem. . By introducing the linear variable transformation, this problem can 

be solved: 

                                                                                        
   

                                                              

and combining it with      in equation 3.20 leads to the Rayleigh quotient, 

                                                                  
     

    
      

    
 

    
                                       

where      is the eigen vector which corresponds to the maximum eigen value   of the     and     

matrices in the numerator which shows the following relation: 

                                                                  
    

      
    

                                                         

Therefore, the final optimal weights with the linear variable transformation is represented as: 
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3.5 Differential Microphone arrays 
 

Differential microphone arrays is an attractive microphone array design for personal communicators 

and teleconferencing. This type of array uses sensors that are spaced very closely compared to 

acoustic wavelength. As the name suggests, this setup uses difference of the microphone outputs 

unlike the usual microphone arrays. To realize directionality, the elements are combined in an 

alternating fashion and as a result of close spacing, can be seen to be a differential array. This 

differential array is considered superdirectional as the directivity attained by this array is greater than 

that of a normal uniformly summed output of microphones [11]. First-order microphone arrays are 

simple to implement both theoretically and practically. The theoretical analysis is dealt with in the 

next session. 

3.5.1 Derivation of first order array: 
 

Consider a far-end speech source arriving at a two-element microphone array. Let this plane-wave 

signal be represented as       with the frequency-domain counterpart given as       incident on the 

array with a wavevector k displacement vector d. This is as shown Figure 3.2. 

 

Figure 3.2: First order sensor composed of two zero order sensors and a delay element. 

 

Now by considering basic geometry, the delay to the second microphone can be calculated by taking 

the first microphone as reference point. This is done as shown in Figure 3.3. 

 

 

 

 

Figure 3.3: delay calculation using basic geometry. 
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As the microphone 1 is the reference point, the plane wavefront reaches it before reaching mic 2. To 

virtually steer the array beam towards the plane wave’s direction of arrival, the signal reaching 

microphone 2 must be delayed. 

                      

       
 

 
 

     

     
                             

       
      

  

        
     

  
                  

 

     
          

 

Given a microphone spacing ‘d’ meters, and plane wave direction of arrival of ‘’, the wave should 

travel a further distance of ‘x’ meters to reach microphone 2. If the speed of sound is taken as  = 

343.2m/s, the amount of delay to be applied on the signal from microphone 1 is       
   seconds. 

Here,        is the amount of delay in samples for a sampling frequency of 48000 samples per 

second[12]. This delay element is included in the differential array shown in figure 3.2. The output 

‘y(t)’ of the differential array can be written as: 

 

                                                                                                                                                

 

                                 

                                                                                        

where a substitution          . Taking the magnitude of equation 3.26 yields: 

 

                                                                     
              

 
                                       

If we assume a small spacing and delay                 then, 

 

                                                                                                                               

 

As expected, the first-order differential array has a monopole term and a first-order dipole term       

which resolves the component of  the acoustic particle velocity along the sensor axis. One thing to 

notice from Equation 3.28 is that the first-order array has a first-order differentiator frequency 

dependence (increases linearly with frequency). This frequency dependence is easily compensated in 

practice by a first-order low pass filter. The term in the brackets in Equation 3.28 contains the array 

directional response. In the design of differential arrays the array directivity is of major interest. To 

simplify the analysis for the directivity of the first-order array let us define  such that, 



 

 
Blekinge Institute of Technology  24 

                                                                                
 

     
                                                                     

 

and,       
   

     
   then, 

the normalized directional response is given by: 

                                                                                                                                          

Where the subscript N indicates the normalized response of the first-order system, i.e.,        . If 

 is constrained to values between        , then the directional response of the first-order array 

shown in equation 3.30 contains a single null at an angle between           . The null location 

for values of  between 0 and ½ is at: 

            
 

   
  

                                     
    

 
                                                                

Hence, the first-order differential microphone array is realized by taking variable time delay T in 

general. But in practice, this solution is not so attractive as it difficult to realize any time delay less 

than or equal to d/c. The computational requirements  to realize the general delay and the necessary 

adaptive algorithm are unattractive for a real-time implementation. Hence, variations and 

modifications to these arrays came into existence [11]. Many of these variations exploit the 

dependency of the array on the value of  in equation 3.30. Choosing the value of  in between 0 and 

0.5 varies the polar pattern of the array from bi-directional to cardioid shape with hypercardioid at  = 

0.25. 

 

Figure 3.4: Relationship between the direction of the directivity notch and the ratio of internal and external 

delay.  

As the ratio increases from 0 to 1, the directivity notch moves from the 0° to the 180° azimuths. 
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(a)      (b)                 (c) 

 
Figure 3.5: Directional response of the implemented array for varying Beta.(a)  = 0, (b)  = 0.383 and (c)  = 1 

 

Figure 3.5 shows the directional response of the implemented array. The directivity notch is adjusted 

so as to adaptively attenuate those signals that are deemed to be noise (from sides and behind user). 

This is clearly explained in the next figure 3.6. The target signal is the desired speech signal and the 

red highlighted part is the noise that is to be attenuated. 

 

 

Figure 3.6: Basic principle of an adaptive directional microphone.  

3.6 Elko’s first-order differential beamformer 
 

Keeping in mind the difficulties associated with the simple first-order differential array, Gary W. Elko 

designed a simpler and elegant way to implement a general first-order adaptive differential array. This 

is achieved by observing the two terms in equation 3.30. The first term is a constant monopole term 

and the second term is a dipole component. The adaptive algorithm to minimize the array output 

would hinge on finding the appropriate combination of an omnidirectional and dipole sensor such that 

the mean square output would be minimized. The minimization could incorporate a constraint on  

and equivalently on T so that the null is limited to some range of angles. 
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The dipole directivity pattern can be realized by subtracting two closely-spaced omnidirectional 

microphones. The monopole omnidirectional pattern can be realized by adding two closely-spaced 

microphones. These two methods are efficiently implemented in a single setup to form back-to-back 

cardioid arrangement as shown in figure 3.7. 

 

Figure 3.7: First-order differential microphone setup using combination of forward and backward facing 

cardioids. 
 

By setting the sampling period to d/c back-to-back microphones can be formed directly. By 

examining figure 3.7 and equation 3.30 and noting that the sampling period T=d/c, we can write 

expressions for the forward facing cardioid CF and the backward facing cardioid CB. To simplify these 

expressions, the spatial origin is placed at the centre of the array. As the origin is changed from the 

first microphone to the centre of the array, the expressions of CF and CB will be slightly different from 

that of equation 3.26. The effective array setup with an imaginary microphone at the centre of the 

array is as shown in figure 3.8. 

Now, by comparing the array in figure 3.2 with that in figure 3.8, we can have the expressions for CF 

and CB as: 
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Figure 3.8: Elko’s differential array formation with spatial origin at the centre of the array. 

 

These expressions for CF and CB can be observed as a directional response and is as shown in figure 

3.9. 

 

 

Figure 3.9: Forward and Backward cardioids of Elko’s differential array. 

 

Now the output signal is given by: 

                                                                                                                                                  

Normalizing the output signal with the input spectrum      results to: 

                            
      

    
        

          

 
       

          

 
                       

The optimum value of  is defined as the value of  which minimizes the mean square value of the 

sensor output. This can be achieved using Weiner optimal solution. However, as the LMS algorithm is 
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rather simple and easy to implement, an LMS algorithm has been developed for the back-to-back 

cardioid adaptive first-order differential array. The update equation is given by: 

                                                                       
     

   
     

                                               

where the bracket indicates time average. The directional pattern for the adaptive array for varying  

is shown in figure 3.10. 

 
Figure 3.10: Steering of the Null by varying Beta. 
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CHAPTER 4 – ROOM ACOUSTICS 

 

In large rooms like an Auditorium, there will be a considerable effect of reflections on the received 

speech. If the source of sound is suddenly turned off, there will be some observed residual sound. This 

is due to the so called effect of ‘reverberation’ [14]. 

The reverberation effect is a desirable effect in music, however, it is undesirable for speech. For 

speech to be intelligible, reverberation time must be less than two seconds. The dimensions and other 

physical properties of an enclosure determine its reverberation properties. Hence these factors are 

considered in the requirement of reverberation in such enclosures. In the situation that an individual 

needs to speak to the audience, reverberation must be eliminated or minimized, and when an 

orchestral performance is to begin, reverberation should be restored. Thus auditorium design require 

acoustic considerations. The human body is a good sound absorber and hence in between the time an 

auditorium is empty and full, there will be a significant change in acoustic properties of the 

auditorium. Because of this, seats in auditoriums are made of materials which absorb sound similar to 

the human body. Thus the equipment configuration such as equalization and amplitude settings will 

not require adjustment [14]. Details of reverberation scenario is explained in the next section. 

4.1 Reverberation 

Reverberation is a phenomenon that can be intuitively described by the concept of reflections. A 

desired sound source produces wavefronts, which propagate outward from the source. These 

wavefronts reflect off the walls of the room and superimpose at the microphone. In Fig. 4.1(a), this is 

illustrated with an example of a direct path and a single reflection. Due to differences in the lengths of 

the propagation paths to the microphone and in the amount of sound energy absorbed by the walls, 

each wavefront arrives at the microphone with a different amplitude and phase.  

The term reverberation designates the presence of delayed and attenuated copies of the source signal 

in the received signal. Reverberation is the process of multi-path propagation of an acoustic signal 

from its source to the microphone. The received signal generally consists of a direct sound, reflections 

that arrive shortly after the direct sound (commonly called early reverberation), and reflections that 

arrive after the early reverberation (commonly called late reverberation) [13]. The different sound 

components will now be discussed in more detail. 
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Figure 4.1: Reverberation Scenario. (a) Single reflection from a wall.  (b) Multiple reflections inside a room. 

 

4.1.1 Direct Sound: 

The first sound that is received through free-field, i.e., without reflection, is the direct sound. In case 

the source is not in line of sight of the observer there is no direct sound. The delay between the initial 

excitation of the source and its observation is dependent on the distance and the velocity of the sound. 

4.1.1.1 Early Reverberation: 

Just after the direct sound is received by the microphone, the sounds which were reflected off one or 

more surfaces (walls, floor, furniture, etc.) will be received. These reflected sounds are separated in 

both time and direction from the direct sound. The reflected sounds form a sound component which is 

usually called early reverberation. Early reverberation will vary as the source or the microphone 

moves within the space, and gives us information about the size of the space and the position of the 

source in the space. Early reverberation is not perceived as a separate sound to the direct sound so 

long as the delay of the reflections does not exceed a limit of approximately 80-100 ms with respect to 

the arrival time of the direct sound. Early reverberation is actually perceived to reinforce the direct 

sound and is therefore considered useful with regard to speech intelligibility. This is often referred to 

as the precedence effect. This reinforcement is what makes it easier to hold conversations in closed 

rooms compared with outdoors. Early reverberation is mainly important in so-called small-room 

acoustics since the walls, ceiling and floor are really close. Early reverberation also causes a spectral 

distortion called coloration. 

4.1.1.2 Late Reverberation: 

Late reverberation results from reflections which arrive with larger delays after the arrival of the 

direct sound. They are perceived either as separate echoes, or as reverberation, and impair speech 

intelligibility [13]. 
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Figure 4.2: 3D model of a room showing early and late reflections reaching a mic. 

 

4.1.2 Room Impulse Response (RIR): 
 

When we try to simulate the characteristics of a reverberant room, then a room impulse response 

(RIR) is to be generated which mimics the same effect of the room. This RIR when convolved with a 

speech signal, gives the effect of a reverberant speech signal. All the direct sound, early and late 

reflections can be identified in the impulse response. This is depicted in figure 4.3. 

 

Figure 4.3: Typical one-sided room impulse response depicting Direct sound, early and late reflections. 
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4.2 Simulation of Room acoustics 
 

Room acoustics model simulation aims to develop the room impulse response of different rooms as 

required. This generation of RIR can be categorized into 3 simulation methods namely: 

1)  Wave Based methods 2) Ray based methods and 3) statistical modelling.  

Wave based methods aim to simulate the room acoustics mathematically depending on the wave 

equation of sound. An impulse response from source to microphone can be obtained by solving the 

wave equation. An analytical solution to wave equation can be found only in extremely simple cases 

such as a rectangular room with rigid walls. 

Ray based methods are based on the geometry of room acoustics. To model an ideal RIR from a 

source to a receiver, all possible sound reflection paths, commonly called rays, should be discovered. 

In ray tracing methods, the sound power emitted by a sound source is described by a finite number of 

rays. The most commonly used ray based methods are the ray tracing method and the image method. 

This thesis deals with image method of RIR simulation which is described in detail in the next 

section. 

The statistical modeling methods such as the Statistical Energy Analysis (SEA), are widely used in 

aerospace, ship and automotive industry for high frequency noise analysis and acoustic designs. They 

are not suitable for auralization purposes since those methods do not model the temporal behavior of 

sound field. 

4.2.1 Image Method 
 

There are various schemes for calculating RIR. The most frequently used algorithm is the image 

method. In this method, we find a unit impulse response for each echo with the proper time delay as it 

would be heard at a particular position in the room and then calculate the magnitude of each echo's 

unit impulse response. This is more or less equal to finding the time and magnitude of each echo as it 

is heard from a particular position in the room. Finally all this information can be put together into a 

one-dimensional function of time. This function is the room impulse response. In the impulse 

response function, time can be made discrete. Discrete time will allow us to use it as an FIR (finite 

impulse response) filter for simulating reverberation. 

The figure 4.4 shows a rectangular room. Within it is a sound source and the location of mic at which 

we are trying to calculate the impulse response. The path taken by the direct sound wave is depicted 

as a line between source and mic. 
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Figure 4.4: Rectangular room consisting of a source and a mic.  

The arrow shows the direct path. 

Another part of the sound wave gets reflected off a wall and then impinges upon the microphone as an 

echo. The listener perceives this echo as radiating from a point past the wall from which it was 

reflected. This point can be imagined to be an imaginary source inside a mirror image of the room. 

This mirror image and imaginary source are placed adjacent to the original and is shown in figure 4.5. 

This imaginary source will be referred to as a virtual source, and is shown in figure along with the 

mirror image. It is the location from which we will perceive the echo to be radiating. 

 

Figure 4.5: Rectangular room with one image.  

The dotted part shows the virtual source and the arrows show the direct path and reflection. 

In the above figure, the black line represents the actual path of the sound wave, while the dashed line 

represents the perceived path of the sound wave. This process can then be repeated by making a 

mirror image of the room's mirror image. Each mirror image of the source represents another virtual 

source. A diagram of the real sound source along with two virtual sources is shown in the figure 4.6 

below. 

 

Figure 4.6: Rectangular room with two images.  

The dotted part shows the virtual sources and the arrows show the direct path and reflections. 

This process can be extended into two dimensions. A map of the virtual sources is illustrated in the 

figure below [15]. 
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Figure 4.7: Map of virtual sources extended in all directions.  

The green circle is the original source and star is the microphone location. 

 

The star is the microphone location, the green circle is sound source and the black circles are the 

virtual sound sources. This two dimensional model can again be extended and put into three 

dimensions. Now consider a three dimensional extension of figure 4.7. We need to find the locations 

of the closest virtual sources from the microphone and from the origin. To start with the equations, 

first consider the model in just one dimension. This is depicted below in figure 4.8. 

 

 

Figure 4.8: Distances of source(green circle), virtual source and mic (star) from origin (red cross) along x-axis. 

 

The red part is the origin. The x-coordinate of the virtual sources can be expressed using the 

equation below: 

                                                                           
       

 
                                              

where xs is the x-coordinate of the sound source and xr 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 is located on the negative x-axis. If i = 0, then the 

virtual source is actually the real source. We can find the distance between the i
th

 virtual 

sound source and our microphone by subtracting the microphone's x-coordinate, xm, from xi. 

This is given as follows: 
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The relative positions of the virtual sources along the y and z axes can also be found in a 

similar fashion and are given by equations 4.3 and 4.4. 

                                                             
       

 
                                             

and                                    

                                                             
       

 
                                           

To find the distance to each virtual source we simply use the Pythagorean theorem, as shown 

below: 

                                                                      
    

    
                                                            

This equation represents the distances in the form of a three-dimensional matrix. Now, 

consider a function of time         which represents the delay for each reflection from the virtual 

source as follows: 

                                                                      
    

 
                                                                    

where      is the Euclidean distance to the virtual source and c is the velocity of sound. Therefore the 

unit impulse response      can be expressed as a function of         i.e. 

                                                                  
                            

                               
                                        

4.2.1.1 Magnitude of unit impulse response: 

 

The equation 4.7 suggests that the magnitude of the reflected wave from the wall is unity meaning 

that the microphone received the complete signal as reflected wave. The magnitude of this reflection 

depends upon two factors: 

1) The distance it travels from the source to the microphone. The longer it travels the weaker it gets. 

Hence we can say that the function varies inversely with the distance. This can be given as: 

                                                                            
 

    
                                                                    

2) The number of reflections the sound wave makes during the travel. In practical cases, every wall in 

a room or any enclosed space exhibits some amount of absorption of sound. The amount of sound 

absorbed by the wall depend upon the material with which it is constructed. For a number of 

reflections, the energy of the sound wave decays more often. This is measured using the reflection 

coefficient of the walls. If all the walls in the room have the same reflection coefficient rwall, then this 

factor is given as: 
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where               represents the total number of reflections the wave has undergone. 

Now the total magnitude of the wall reflections is calculated by multiplying equations 4.8 and 4.9 so 

that: 

                                                                                                                                        

Now the room impulse response can be obtained by multiplying equations 4.7 and 4.10 and summing 

the product over all the indices       as follows: 

                                                                              

 

    

 

    

 

    

                          

This impulse response can be used to generate a reverberation effect by convolving it with a speech 

signal. Any changes in the properties of the room can be incorporated in the simulation to have a 

different impulse response. A complete communication setup inside a room is shown in figure 4.9 

below. 

 

Figure 4.9: Generalized Hands-free communication inside a room (office). 

4.3 Acoustic Echo Cancellation 

A far-end acoustic echo is most commonly observed effect in hands-free communication systems. 

This depicted in Fig. 4.9. Several methods  are implemented to handle the acoustic echo cancellation 

problem using directional microphones. But these systems have certain limitations. Therefore, 
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Acoustic Echo Cancellation (AEC) systems became popular in hands-free telecommunication. This 

thesis concentrates on simulating the AEC system using adaptive filter algorithms such as LMS, 

NLMS, RLS. In Acoustic Echo Cancellation (AEC), the adaptive filter plays a major role in adapting 

the filter weights in order to cancel echo. In this thesis, the more commonly used NLMS algorithm is 

used to implement the AEC system.  

The three basic steps using adaptive algorithms for Acoustic Echo Cancellation (AEC) are mentioned 

in detail as;  

1. Estimate the characteristics of echo path of a room  

2. Create a replica of the echo signal  

3. Subtract echo from microphone signal in order to obtain desired signal.  

 

Figure 4.10: Basic Model of AEC 

The amount of echo cancelled by the system is measured by the parameter Echo Return Loss 

Enhancement (ERLE). ERLE is ratio of input desired signal power and the estimated error signal 

immediately after echo cancellation [20]. This is measured in dB and also gives the amount of echo 

loss provided by the adaptive filter alone. ERLE depends on size of the adaptive filter and as the 

ERLE value increases the amount echo cancellation increases. Therefore, higher ERLE value results 

better echo cancellation. Therefore, ERLE is measure of echo suppression achieved and is represented 

as [20]: 

                                                                                      
  

  
                                                             

For detailed study about the acoustic echo cancellation using NLMS adaptive algorithm refer [21]. 
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CHAPTER 5 - IMPLEMENTATION 

5.1 Introduction 

This thesis is deduced from the collaborative work done by a group of four people. The four important 

blocks have been implemented in common. They are the all pass fractional delay filter, the room 

impulse response simulator, Elko’s beamformer, wiener and max SNIR beamformers. The details of 

each of them were discussed in the previous chapters. An Echo cancellation system using NLMS 

algorithm has also been implemented in addition. This thesis distinctively concentrates on the 

implementation, performance evaluation and comparison of Elko’s beamformer and wiener 

beamformer under reverberant and non-reverberant conditions. A brief insight into the other methods 

and their details has also been provided. 

The next section 5.2 describes the implementation details and the simulation setup of each of the 

topics dealt starting from fractional delay to beamformers. Various evaluation parameters have been 

considered and the results are discussed in the next chapter. 

5.2 Implementation 

Figures 5.1 and 5.2 shows the simulation setup of the beamforming model both in non-reverberant 

and reverberant conditions. 

 

Figure 5.1: Simulation setup for evaluation of beamformers.  

 

The first stage involved is a Thiran all pass fractional delay filter as described in section 2.4. The 

equations 2.5 and 2.6 are used in its implementation. The clean speech signal      coming from one 

direction and the noise content      coming from another direction are both delayed using fractional 

delays and then combined to form microphones input     . These microphone outputs       to 

      are used by the beamformers for speech enhancement. 
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Figure 5.2: Simulation setup for evaluation of beamformers in reverberant conditions. 

Now, considering the reverberant case, the basic difference would be the addition of the Room 

Impulse Response (RIR) simulator block. This block generates an RIR for a room with particular 

specifications and then it can be convolved with the clean speech signal      to have the reverberated 

signal      . This will be added with the reverberated noise signal       and then given as input to the 

beamformer model. The output in this case will be a noise and reverberation suppressed signal. 

5.3 Evaluation parameters 
 

Speech quality assessment is the basic step used to verify the robustness of any speech enhancement 

system. This assessment is based on different kinds of quality measures. Speech quality measures may 

be broadly classified into: 

1) Subjective measures and   2)   Objective measures 

5.3.1 Subjective speech quality measures: 
 

Subjective speech quality measures aim to score the degraded speech in such a way that it is 

indicative of the quality perceived by human listeners. Subjective speech quality evaluations are 

conducted by presenting listening stimuli to a group of listeners. In some cases the stimuli only 

consists of utterances that are to be rated. In general, both a reference sample and the sample under 

test are presented. The listeners are then asked to rate the sample under test using the criterion 

outlined by the specific test procedure. One of the most popular test measures is the Mean Opinion 

Score (MOS).  

Since this kind of assessment involves the coordination of human subjects, they are typically 

associated with being time consuming, expensive and can require consideration of ethical issues. 

These drawbacks lead to the usage of Objective speech quality measures. 
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5.3.2 Objective speech quality measures: 
 

Objective measures have typically been proposed in the past to assess the performance of the speech 

coding algorithms, but recent studies have shown that some of them perform well in estimating the 

performance of enhancement algorithms. These measures assess the quality of the output speech by 

comparing it with a reference sample. All objective quality measures can be classified by the domain 

in which the distortion is measured. These domains can be time, frequency or perceptual. 

Time domain objective measures tend to correlate least with subjective results. The most commonly 

used time domain objective measure is the Signal-to-Noise Ratio (SNR). These methods are sensitive 

to slight time shifts which have little or no effect on speech quality.  

Frequency domain measures overcome the problem of time shift sensitivity of time domain measures. 

These are derived from zero phase representations such as Linear Prediction (LP) parameters or the 

Fourier magnitude spectrum. 

Perceptual domain measures tend to be the most correlated with subjective data. These methods 

incorporate psycho-acoustic knowledge such as warped frequency scales and masking effects to 

estimate more perceptually meaningful distortion scores. Some examples of such measures are the 

Bark Spectral Distortion (BSD) and the Perceptual Evaluation of Speech Quality (PESQ). 

5.3.2.1 Signal-to-Noise Ratio (SNR): 

Signal-to-Noise Ratio(SNR) is a performance measure used in many applications. Since this 

technique is essentially a sample to sample comparison, its use is most appropriate in situations where 

the intention is to reproduce the original speech signal exactly. The expression for SNR is given by: 

                                                                  

         
   

                
   

                                                   

There are many drawbacks involved with this measure like the sensitivity to the time misalignments 

and domination of high power regions in the signal on the overall result. Besides these limitations this 

quality measure is most widely used. 

An Improvement in SNR can be calculated by finding SNR at the input of the enhancement system 

and at its output and then subtracting them. 

5.3.2.2 Perceptual Evaluation of Speech Quality (PESQ): 

The objective measures described in ITU-T Recommendation P.862 is known as PESQ. The 

validation of PESQ included a number of experiments that specifically tested its performance over 

combinations of factors such as filtering, variable delay, coding distortions and channel errors. 

PESQ compares an original clean speech signal      with a degraded signal      that is the result of 

passing      through communications system, or with an enhanced signal       calculated by the 

enhancement system. The output of PESQ is a prediction of the perceived quality that would be given 
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to      or       by subjects in a subjective listening test [13]. Given a reference signal and a processed 

signal, they are first aligned both in time and level by the PESQ system. This is followed by a range 

of perceptually significant transforms, which include Bark spectral analysis, frequency equalization, 

gain variation equalization and loudness mapping. After the two signals have undergone these 

transformations, two parameters are computed. These parameters are then combined in a mapping 

function to give an estimate of Mean Opinion Score ranging from 5 for excellent quality to -0.5 for 

bad quality[16]. A more detailed study on evaluation using PESQ measure can be found in [19]. 

This thesis makes use of the objective measures SNR Improvement and PESQ for evaluation of the 

enhancement systems. Apart from these measures, there are other evaluation metrics which are 

described in the next section. 

5.3.2.3 Speech Distortion (SD): 

Speech Distortion (SD) is defined as the spectral deviation in the power of input clean speech signal 

and the power of processed speech signal at the output. SD is given by: 

                                                                             
 

  

                                           

where     is power of clean speech at input and     is the power of the processed speech signal at 

output. 

5.3.2.4 Noise Distortion (ND): 

Noise Distortion (ND) is defined as the spectral deviation in the power of input noise signal and the 

power of processed noise signal at the output. ND is given by: 

                                                                            
 

  

                                         

where     is power of pure noise at input and     is the power of the processed noise signal at output. 

5.3.2.5 Signal-to-Reverberation Ratio (SRR): 

When the effect of a dereverberation algorithm cannot be characterized in term of an impulse 

response, channel-based measures like the Direct-to-Reverberant Ratio (DRR) are not useful. Hence, 

signal based measures like SRR are introduced. SRR improvement is a measure of dereverberation 

and it can be measured by determining SRR from the signals before and after processing. The SRR 

can be written as: 

                                                             
     

        
                                                              

where    is the direct signal without reverberation and    is the reverberated signal or processed signal 

[23]. A modification to the SRR is the segmental SRR which treats the signal in frames to make sure 

that it approaches close to DRR. The segmental SRR is given by: 
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where K is the number of frames, N is the frame length in samples and       is the direct path signal 

and       is the reverberated speech or enhanced speech signal. The mean segmental SRR is obtained 

by averaging over all the frames K [24]. 

5.4 Simulation of RIR 

A basic RIR can be generated to simulate a virtual reverberant environment as described in section 

4.2. This RIR is used to generate the reverberated signals in the desired acoustic environment. The 

room dimensions, source and microphone locations are all chosen in meters. Fractional delays for 

each reflection inside the environment are also accounted for. A limitation that has been faced with 

fractional delays included in RIR is that as the room dimensions increase, the total delay associated 

with the reflected signal is possible in the order of thousands. Hence, a fixed time delay of 10 is used 

as the order of the Thiran filter. Now, the total delay can be subtracted from this fixed delay and then 

the remaining amount is the integer delay. This way the code works faster as a constant delay of 10 is 

used for Thiran filter. The efficiency and complexity of the code is further increased by eliminating 

and avoiding ‘for’ loops every where possible and making use of Matrix multiplications. The less 

efficient convolution function is replaced with a self written convolution matrix function. The less 

efficient combinations calculation function used for equation 2.7 is also modified to perform faster.  

Figure 5.3 shows the RIR of a simulated room with dimensions [4 4 5] in the order of 

lengthbreadthheight which are same as that of a normal office cabin and with wall reflection 

coefficient 0.3 meaning that 70% of the signal’s energy is absorbed by the wall. 

 

Figure 5.3: Energy decay in Room Impulse Response for room size = [4 4 5] and r = 0.3. 
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If the amount of reflection is increased from 0.3 to 0.9 that means if only 10% of the signal power is 

being absorbed by the wall, then the room impulse response looks more dense. This can be observed 

in figure 5.4 below. 

 

Figure 5.4: Energy decay in Room Impulse Response for room size = [4 4 5] and r = 0.9. 

 

If the dimensions of the room are increased, then the reverberation tail in the RIR increases and there 

will not be any significant changes associated with the early reflections. This can be observed from 

figure 5.5. The size of the room is double to that of the one mentioned in figure 5.3. 

 

 

Figure 5.5: Energy decay in Room Impulse Response for room size = [8 8 10] and r = 0.9. 

 

After running several tests on the dimensions and the reflection coefficients, the values [4 4 5] and r = 

0.9 (figure 5.3) are chosen to simulate a realistic room response. This RIR is then convolved with the 
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clean speech signal to generate a signal that has reverberation effect. This is represented in a single 

block in figure 5.2 and this signal is used to test the beamformer model. 

5.5 Modifications for Wiener Beamforming in Reverberant case 

As discussed in section 3.3, the optimal weights are used to filter the corrupted signal x(n) and has a 

noise suppressed output. The value of the factor   is chosen to be 6. However, as a room consists of 

the inherent reverberant effect, modifications have to be incorporated in order to suppress its effect. 

Hence, the equation 3.15 of wiener beamformer changes to: 

                                                                                                                                    

where the additional term     is the desired signal i.e., the clean speech signal and the reverberated 

signals are considered in     and    . Here also the value of   is chosen as 6. 

5.6 Modifications for Elko’s Beamformer in Reverberant case 

In order to achieve reverberation suppression using Elko’s beamformer, the implementation of RIR 

simulator is exploited. The virtual source locations found in the equations 4.2, 4.3 and 4.4 of room 

simulation are used to find the DOA of the reflections. This information is used by the system to 

suppress the reverberant content in the signal. The reflections along with the noise are considered as 

noise content. This consideration does not alter the other part of the implementation of the system.  
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CHAPTER 6 - RESULTS 

6.1 Test Data 

In this work, a reference clean speech signal ‘Speech_all.wav’ with a sampling frequency of 16 KHz 

is used to test the systems with different noise environments. This speech signal is recorded following 

ITU standards and has both male and female voices so as to incorporate for testing on both the 

genders. It is as shown in figure 6.1 and the durations are shown in Table 1. 

 
Figure 6.1 : ‘Speech_all.wav’ clean speech signal. 

 

Sentence Voice Gender Duration 

“ It’s easy to tell the depth of the well ” Female 3 

“ Kick the ball straight and follow through ” Male 2 

“ Glue the sheet to the dark blue background ” Female 3 

“ A pot of tea help to pass the evening ” Male 3 

Table 1: Details of the test signal ‘Speech_all.wav’.  

6.2 Noise Data 

The test signal is corrupted with different noise signals and the chosen signals are White Gaussian 

Noise (WGN), Factory Noise (FN), Wind Noise (WN) and an interference signal ‘Road.wav’. These 

noises are sampled at 16 KHz i.e., same as that of the test signal and then added to the test signal. A 
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scaling factor ‘α’ is multiplied to these noise signals to achieve desired input SNR levels i.e., 0 dB, 5 

dB, 10 dB, 15 dB, 20 dB and 25 dB levels. The scaling factor ‘α’ can be defined as: 

                                                               
 

   
           

  

                                                              

where SNRin is the desired input SNR value and SNR is the value attained without 

multiplying the scaling factor. 

The power spectral densities of the respective noise signals are as shown in figure 6.2. 

 

Figure 6.2: Noise Power Spectral Densities (PSD) of WGN, FN, WN and Interference signal. 

6.3 Wiener Beamforming 

The results of a wiener beamforming system are observed by setting the Direction of arrival (DOA) of 

the signal to 0
o
 and DOA of noise to 90

o
. Variations are brought in by changing the number of 

microphones at each input SNR level for each noisy environment that are mentioned in previous 

section both in reverberant and non-reverberant cases. The performance of the system in each noisy 

environment is shown in the tables 2 to 9 and plots of SNR Improvement (SNR-I), PESQ 

Improvement (PESQ-I), SD and ND shown in figures 6.3 to 6.16. 

6.3.1 Non-Reverberant case 

The wiener beamforming system in an anechoic condition gives an average of 12 dB SNR-I, -38.5 dB 

Speech Distortion (SD) and a PESQ-I of 1.17 for different noise environments in all situations 

compared to the input signal. The SNR-I, PESQ-I, SD and ND values are shown in tables 3, 5, 7 and 9 

for the anechoic case. These tables show the details of how the output SNR and PESQ values vary 

accordingly with the input SNR level. At a fixed input SNR level, as the number of microphones 
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increases, it can be seen that the values of output SNR and PESQ increases for all noise environments. 

It can be expected that the improvement with more microphones at 0 dB is high as the noise content in 

the input is more. This is obvious by observing the values with 8 microphones where there is an 

average of around 35 dB SNR-I and an average of around 2.5 in PESQ-I.  

Comparing all the noises, the highest SNR-I is for FN at 0 dB input SNR level with 8 microphones 

and is about 41 dB. The highest PESQ-I value is for WGN at 0 dB input SNR level with 8 

microphones and is about 3.2. The average SNR-I is better with FN and Interference signals which is 

about 13.5 dB. The average PESQ-I is better with WGN which is about 1.5 units. Hence, it can be 

observed that wiener beamformer for anechoic conditions gives better SNR-I performance with FN 

compared to other noisy environments. Similarly, it can also be said that the system gives better 

PESQ-I with WGN compared to other noisy environments. 

6.3.2 Reverberant case 

The wiener beamforming system in a reverberant environment gives an average of 13 dB SNR-I,-25.7 

dB Speech Distortion (SD) and a PESQ-I of 0.41 for different noise environments in all situations for 

the input reverberated signal. The SNR-I, PESQ-I, SD and ND values are shown in tables 2,4,6 and 8 

for the reverberant case. These tables show the details of how the output SNR and PESQ values vary 

accordingly with the input SNR level. The increase in SNR-I and the decrease in PESQ-I compared to 

anechoic case is due to the reverberant signal and noise inputs. It is obvious by observing the values 

that with 8 microphones where there is an average of around 35 dB SNR-I which is almost the same 

as the anechoic case and an average of around 1 in PESQ-I.  

Comparing all the cases, the highest SNR-I is for FN at 0 dB input SNR level with 8 microphones and 

is about 41 dB. The highest PESQ-I value is for WGN at 0 dB input SNR level with 8 microphones 

and is about 1.39. The average SNR-I is better with FN and Interference signals which is about 13 dB. 

The average PESQ-I is better with WGN which is about 0.6 units.  

A point to be noted with Wind Noise (WN) in reverberant case is that the WN is generated at the 

diaphragm of the microphone and hence does not have the reverberation effect in it. Hence WN can 

be directly added to the microphone input without the RIR stage. However, the speech signal will still 

have the effect of reverberation and so this case differs from the anechoic case. It can be said that the 

exact effect of the system in the reverberant case can be observed in detail with the WN. 

Hence, it can be observed that wiener beamformer gives better SNR-I performance for anechoic 

conditions. This can be clearly seen by comparing the PESQ-I in both the cases in less noisy 

environments i.e., at high input SNR levels. There is a significant drop in the PESQ-I due to the 

reverberation effect. The average PESQ-I drops from 1.17 to 0.4 in comparison. Hence, it is expected 

that the wiener beamformer can suppress reverberation only to a certain extent. 
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Following tables 2 to 9 show the evaluation parameter values for each noise starting from WGN to 

interference signal. The tables are followed by the plots of SNR-I and PESQ-I for that noise. Figures 

6.11 and 6.12 shows the SD values for 2 Mics both in reverberant and non-reverberant case. 

Similarly, figures 6.13 and 6.14 show the SD values for 8 Mics both in reverberant and non-

reverberant case. Followed are the plots of ND values for 2 and 8 Mics for reverberant and non-

reverberant cases. 

Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 13.7596 13.7596 -25.4116 -20.4081 

1.002 

2.187 1.185 

4 21.6337 21.6337 -25.6763 -20.49 2.325 1.323 

6 27.8356 27.8356 -25.8084 -20.5297 2.388 1.386 

8 30.0013 30.0013 -25.825 -20.5346 2.395 1.393 

5 

2 15.8191 10.8191 -25.4871 -25.6633 

1.272 

2.157 0.885 

4 22.1115 17.1115 -25.702 -25.8874 2.308 1.036 

6 27.3364 22.3364 -25.8156 -26.0059 2.368 1.096 

8 28.2341 23.2341 -25.8291 -26.0201 2.382 1.11 

10 

2 19.786 9.786 -25.5505 -31.7466 

1.626 

2.174 0.548 

4 25.0746 15.0746 -25.727 -32.5346 2.324 0.698 

6 28.989 18.989 -25.8243 -32.0224 2.364 0.738 

8 29.2002 19.2002 -25.8363 -33.0854 2.38 0.754 

15 

2 24.4439 9.4439 -25.5808 -48.0233 

1.953 

2.247 0.294 

4 29.3312 14.3312 -25.7401 -40.7638 2.342 0.389 

6 31.4932 16.4932 -25.8309 -38.5681 2.364 0.411 

8 32.252 17.252 -25.842 -38.3646 2.356 0.403 

20 

2 29.2436 9.2436 -25.5917 -37.1782 

2.166 

2.274 0.108 

4 34.0033 14.0033 -25.7446 -35.4208 2.356 0.19 

6 34.74 14.74 -25.8349 -34.662 2.378 0.212 

8 36.579 16.579 -25.8446 -34.5886 2.388 0.222 

25 

2 33.5846 8.5846 -25.5952 -35.8982 

2.287 

2.302 0.015 

4 38.0799 13.0799 -25.7459 -34.5447 2.365 0.078 

6 38.9069 13.9069 -25.8369 -33.9108 2.388 0.101 

8 40.9759 15.9759 -25.8456 -33.8551 2.4 0.113 
Table 2: SD, ND, SNR and PESQ Improvements of WBF for reverberated signal with White Noise. 

 

Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 23.2126 23.2126 -30.6477 -28.4997 

1.218 

3.488 2.27 

4 27.0596 27.0596 -32.7859 -29.675 3.866 2.648 

6 30.7242 30.7242 -34.639 -30.4826 3.832 2.614 

8 39.1678 39.1678 -38.8673 -31.6686 4.394 3.176 

5 

2 19.6047 14.6047 -30.9093 -29.6023 

1.636 

3.252 1.616 

4 23.4786 18.4786 -33.1897 -28.4551 3.591 1.955 

6 26.5317 21.5317 -34.7704 -28.0311 3.582 1.946 

8 34.5407 29.5407 -38.9067 -27.4998 4.283 2.647 

10 

2 18.0925 8.0925 -31.8456 -26.9235 

2.023 

3.157 1.134 

4 20.9411 10.9411 -33.755 -26.4526 3.406 1.383 

6 23.509 13.509 -35.216 -26.2276 3.467 1.444 

8 30.3679 20.3679 -39.0497 -25.9175 4.112 2.089 
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15 

2 19.5088 4.5088 -34.1609 -25.9406 

2.369 

3.247 0.878 

4 21.0714 6.0714 -35.4716 -25.7734 3.39 1.021 

6 22.6911 7.6911 -36.5522 -25.6721 3.475 1.106 

8 27.5592 12.5592 -39.6163 -25.4962 3.951 1.582 

20 

2 23.0615 3.0615 -37.8715 -25.4599 

2.711 

3.474 0.763 

4 23.7964 3.7964 -38.7507 -25.4144 3.55 0.839 

6 24.5711 4.5711 -39.4174 -25.3859 3.616 0.905 

8 27.2037 7.2037 -41.3468 -25.3247 3.897 1.186 

25 

2 27.557 2.557 -42.3584 -25.2662 

3.035 

3.769 0.734 

4 27.9489 2.9489 -43.1726 -25.2517 3.83 0.795 

6 28.3102 3.3102 -43.7646 -25.2428 3.887 0.852 

8 29.4666 4.4666 -45.1364 -25.2263 4.036 1.001 
Table 3: SD, ND, SNR and PESQ Improvements of WBF for anechoic signal with White Noise 

 

 

Figure 6.3: SNR-I of WBF for WGN in reverberant and non-reverberant case with 2 to 8 microphones. 

 

 

Figure 6.4: PESQ-I of WBF for WGN in reverberant and non-reverberant case with 2 to 8 microphones. 
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Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 19.1885 19.1885 -25.3563 -19.2602 

1.654 

2.48 0.826 

4 27.8065 27.8065 -25.6127 -19.3218 2.441 0.787 

6 33.0514 33.0514 -25.8143 -19.3676 2.385 0.731 

8 41.5557 41.5557 -25.8229 -19.3695 2.433 0.779 

5 

2 15.43 10.43 -25.367 -24.3751 

1.968 

2.414 0.446 

4 23.5693 18.5693 -25.6154 -24.5716 2.429 0.461 

6 32.4572 27.4572 -25.8165 -24.729 2.404 0.436 

8 36.7754 31.7754 -25.823 -24.734 2.436 0.468 

10 

2 13.6989 3.6989 -25.4019 -29.8434 

2.176 

2.332 0.156 

4 20.6652 10.6652 -25.6261 -30.4981 2.407 0.231 

6 29.8167 19.8167 -25.8182 -31.1171 2.414 0.238 

8 32.4253 22.4253 -25.8234 -31.1348 2.434 0.258 

15 

2 15.1417 0.1417 -25.4727 -37.6677 

2.3 

2.309 0.009 

4 20.4874 5.4874 -25.6538 -42.5727 2.351 0.051 

6 28.2515 13.2515 -25.8218 -43.1907 2.402 0.102 

8 29.2173 14.2173 -25.8252 -43.0103 2.421 0.121 

20 

2 18.2302 -1.7698 -25.5417 -38.7768 

2.364 

2.365 0.001 

4 22.6374 2.6374 -25.6881 -36.4773 2.378 0.014 

6 28.2955 8.2955 -25.8284 -35.0748 2.408 0.044 

8 29.2609 9.2609 -25.8305 -35.057 2.412 0.048 

25 

2 23.4097 -1.5903 -25.5782 -36.238 

2.385 

2.289 -0.096 

4 26.5349 1.5349 -25.7094 -36.9465 2.388 0.003 

6 32.5474 7.5474 -25.8338 -34.0232 2.41 0.025 

8 30.0382 5.0382 -25.8378 -33.9968 2.487 0.102 
Table 4: SD, ND, SNR and PESQ Improvements of WBF for reverberated signal with Factory Noise 

 

Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 24.8652 24.8652 -30.6082 -26.8349 

1.905 

3.799 1.894 

4 28.8475 28.8475 -32.756 -27.611 4.178 2.273 

6 32.4852 32.4852 -34.906 -28.1633 3.877 1.972 

8 41.2133 41.2133 -38.8607 -28.7509 4.422 2.517 

5 

2 20.8247 15.8247 -30.7698 -30.6385 

2.265 

3.534 1.269 

4 24.495 19.495 -32.8417 -29.2773 3.933 1.668 

6 28.5811 23.5811 -34.9961 -28.5876 3.998 1.733 

8 36.5657 31.5657 -38.8888 -28.0363 4.382 2.117 

10 

2 18.3721 8.3721 -31.384 -27.2308 

2.588 

3.402 0.814 

4 21.7024 11.7024 -33.4402 -26.643 3.744 1.156 

6 24.8599 14.8599 -35.2183 -26.3482 3.932 1.344 

8 32.0942 22.0942 -38.9773 -26.0336 4.289 1.701 

15 

2 18.6952 3.6952 -33.1563 -26.1511 

2.898 

3.465 0.567 

4 20.6944 5.6944 -34.6497 -25.9063 3.644 0.746 

6 22.8502 7.8502 -36.0351 -25.7507 3.816 0.918 

8 28.548 13.548 -39.3152 -25.5403 4.177 1.279 

20 

2 21.6071 1.6071 -36.449 -25.5678 

3.2 

3.687 0.487 

4 22.5005 2.5005 -37.3767 -25.5001 3.756 0.556 

6 23.581 3.581 -38.2304 -25.4501 3.854 0.654 

8 27.0155 7.0155 -40.4978 -25.3579 4.105 0.905 
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25 

2 25.8611 0.8611 -40.4765 -25.3064 

3.54 

3.987 0.447 

4 26.229 1.229 -41.5001 -25.2878 4.017 0.477 

6 26.6758 1.6758 -42.0715 -25.275 4.041 0.501 

8 28.2399 3.2399 -43.4606 -25.2502 4.15 0.61 
Table 5: SD, ND, SNR and PESQ Improvements of WBF for Anechoic signal with Factory Noise. 

 

 

Figure 6.5: SNR-I of WBF for FN in reverberant and non-reverberant case with 2 to 8 microphones. 

  

 

Figure 6.6: PESQ-I of WBF for FN in reverberant and non-reverberant case with 2 to 8 microphones. 
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Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 11.6984 11.6984 -25.3756 -20.4508 

1.359 

2.158 0.799 

4 15.924 15.924 -25.6259 -20.5298 2.302 0.943 

6 24.2666 24.2666 -25.819 -20.5886 2.382 1.023 

8 24.5227 24.5227 -25.8247 -20.5903 2.4 1.041 

5 

2 10.6373 5.6373 -25.4205 -25.6497 

1.543 

2.04 0.497 

4 14.0449 9.0449 -25.6478 -25.8897 2.233 0.69 

6 20.8795 15.8795 -25.8217 -26.0737 2.357 0.814 

8 23.1745 18.1745 -25.8284 -26.0809 2.372 0.829 

10 

2 12.7377 2.7377 -25.4941 -31.5853 

1.862 

2.027 0.165 

4 15.1232 5.1232 -25.6792 -32.3925 2.21 0.348 

6 19.5673 9.5673 -25.8274 -33.136 2.351 0.489 

8 23.8306 13.8306 -25.8346 -33.1753 2.332 0.47 

15 

2 16.7217 1.7217 -25.5539 -45.2883 

2.068 

2.111 0.043 

4 18.8562 3.8562 -25.7035 -41.8926 2.232 0.164 

6 20.963 5.963 -25.8328 -38.429 2.37 0.302 

8 26.7602 11.7602 -25.8405 -38.2918 2.346 0.278 

20 

2 21.4006 1.4006 -25.5826 -37.284 

2.147 

2.198 0.051 

4 24.2534 4.2534 -25.7156 -35.682 2.247 0.1 

6 26.2963 6.2963 -25.8358 -34.6406 2.395 0.248 

8 31.01 11.01 -25.8437 -35.5811 2.36 0.213 

25 

2 26.2942 1.2942 -25.5933 -35.9121 

2.219 

2.254 0.035 

4 28.2984 3.2984 -25.7216 -34.7288 2.238 0.019 

6 32.1097 7.1097 -25.837 -33.9062 2.407 0.188 

8 35.9237 10.9237 -25.8442 -33.8598 2.368 0.149 
Table 6: SD, ND, SNR and PESQ Improvements of WBF for Reverberated signal with Wind Noise. 

 

Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 14.7987 14.7987 -31.0025 -30.874 1.47 2.674 1.204 

4 16.4979 16.4979 -33.3661 -33.1468 1.47 2.96 1.49 

6 20.3712 20.3712 -35.4885 -35.1366 1.47 3.203 1.733 

8 24.2058 24.2058 -39.363 -38.5496 1.47 3.762 2.292 

5 

2 14.9921 9.9921 -31.9647 -28.424 1.804 2.581 0.777 

4 14.5686 9.5686 -34.6974 -27.6082 1.804 2.831 1.027 

6 18.1375 13.1375 -36.3995 -27.3413 1.804 3.058 1.254 

8 20.3433 15.3433 -40.3062 -27.0325 1.804 3.469 1.665 

10 

2 14.8973 4.8973 -34.2834 -26.2635 2.157 2.661 0.504 

4 16.0999 6.0999 -37.0801 -25.9498 2.157 2.841 0.684 

6 18.3919 8.3919 -38.6248 -25.8507 2.157 3.066 0.909 

8 18.5011 8.5011 -42.6216 -25.715 2.157 3.328 1.171 

15 

2 17.7638 2.7638 -38.0855 -25.5419 2.479 2.866 0.387 

4 19.4895 4.4895 -41 -25.4253 2.479 3.002 0.523 

6 19.439 4.439 -42.6075 -25.3882 2.479 3.229 0.75 

8 21.1458 6.1458 -47.5827 -25.3324 2.479 3.393 0.914 

20 
2 21.9828 1.9828 -42.8544 -25.2853 2.77 3.134 0.364 

4 22.6497 2.6497 -46.198 -25.2447 2.77 3.263 0.493 
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6 23.9324 3.9324 -48.6979 -25.2294 2.77 3.515 0.745 

8 25.3058 5.3058 -56.1497 -25.2064 2.77 3.632 0.862 

25 

2 26.7238 1.7238 -48.235 -25.2013 3.06 3.471 0.411 

4 27.0214 2.0214 -53.7095 -25.1859 3.06 3.605 0.545 

6 28.7509 3.7509 -59.4975 -25.1782 3.06 3.843 0.783 

8 30.0205 5.0205 -50.1897 -25.1661 3.06 3.951 0.891 
Table 7: SD, ND, SNR and PESQ Improvements of WBF for Anechoic signal with Wind Noise. 

 

 

Figure 6.7: SNR-I of WBF for WN in reverberant and non-reverberant case with 2 to 8 microphones. 

 

 

Figure 6.8: PESQ-I of WBF for WN in reverberant and non-reverberant case with 2 to 8 microphones. 
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Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 16.9432 16.9432 -25.3586 -20.3547 1.476 2.413 0.937 

4 25.1205 25.1205 -25.6144 -20.4339 1.476 2.416 0.94 

6 30.5367 30.5367 -25.8091 -20.492 1.476 2.387 0.911 

8 38.1489 38.1489 -25.8235 -20.4963 1.476 2.427 0.951 

5 

2 13.9773 8.9773 -25.3798 -25.7239 1.796 2.32 0.524 

4 21.4417 16.4417 -25.6213 -25.9859 1.796 2.39 0.594 

6 29.0721 24.0721 -25.8141 -26.196 1.796 2.389 0.593 

8 33.4576 28.4576 -25.8242 -26.207 1.796 2.401 0.605 

10 

2 14.0868 4.0868 -25.4372 -31.4974 2.025 2.261 0.236 

4 21.2664 11.2664 -25.6827 -32.5866 2.025 2.357 0.332 

6 27.9159 17.9159 -25.8196 -33.3033 2.025 2.396 0.371 

8 29.8574 19.8574 -25.8258 -33.3384 2.025 2.418 0.393 

15 

2 17.0381 2.0381 -25.515 -43.2559 2.213 2.248 0.035 

4 21.5283 6.5283 -25.6777 -42.5178 2.213 2.319 0.106 

6 28.3984 13.3984 -25.8267 -38.3187 2.213 2.397 0.184 

8 28.2262 13.2262 -25.8302 -38.2573 2.213 2.385 0.172 

20 

2 21.3528 1.3528 -25.5667 -37.4712 2.235 2.267 0.032 

4 25.0856 5.0856 -25.7046 -35.7548 2.235 2.309 0.074 

6 31.1401 11.1401 -25.8332 -34.6319 2.235 2.403 0.168 

8 29.2528 9.2528 -25.8371 -34.6019 2.235 2.381 0.146 

25 

2 26.135 1.135 -25.5885 -35.9527 2.28 2.28 0 

4 29.5456 4.5456 -25.7167 -34.7583 2.28 2.339 0.059 

6 35.2723 10.2723 -25.364 -33.9018 2.28 2.406 0.126 

8 32.5007 7.5007 -25.8426 -33.8623 2.28 2.376 0.096 
Table 8: SD, ND, SNR and PESQ Improvements of WBF for Reverberated signal with Road.wav. 

 

 

Input SNR No. Of Mics SNROut SNR-I SD ND PESQin PESQout PESQ-I 

0 

2 21.5863 21.5863 -30.6927 -30.4101 1.806 3.251 1.445 

4 25.1323 25.1323 -32.7955 -32.3456 1.806 3.621 1.815 

6 28.2791 28.2791 -34.713 -34.0322 1.806 3.687 1.881 

8 36.2445 36.2445 -38.8633 -37.2757 1.806 4.132 2.326 

5 

2 18.6062 13.6062 -31.1069 -28.9004 2.094 3.081 0.987 

4 22.0742 17.0742 -33.292 -27.9736 2.094 3.419 1.325 

6 24.7875 19.7875 -34.9499 -27.5864 2.094 3.561 1.467 

8 31.795 26.795 -38.927 -27.1329 2.094 3.989 1.895 

10 

2 18.1799 8.1799 -32.4738 -26.6396 2.411 3.073 0.662 

4 20.6115 10.6115 -34.2329 -26.2777 2.411 3.301 0.89 

6 22.74 12.74 -35.6901 -26.0838 2.411 3.466 1.055 

8 28.3358 18.3358 -39.2385 -25.8262 2.411 3.852 1.441 

15 

2 20.5578 5.5578 -35.3588 -25.7602 2.725 3.234 0.509 

4 21.9944 6.9944 -36.6271 -25.6412 2.725 3.382 0.657 

6 23.3034 8.3034 -37.7119 -25.5653 2.725 3.504 0.779 

8 26.9521 11.9521 -40.3198 -25.4473 2.725 3.774 1.049 

20 

2 24.5867 4.5867 -39.4548 -25.377 3.031 3.497 0.466 

4 25.4972 5.4972 -40.4733 -25.3416 3.031 3.604 0.573 

6 26.2809 6.2809 -41.354 -25.3172 3.031 3.675 0.644 

8 28.2016 8.2016 -43.1709 -25.2804 3.031 3.824 0.793 
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25 

2 29.2587 4.2587 -44.1202 -25.2357 3.339 3.759 0.42 

4 29.9674 4.9674 -45.2533 -25.2229 3.339 3.818 0.479 

6 30.5346 5.5346 -46.3686 -25.2131 3.339 3.857 0.518 

8 31.585 6.585 -48.6634 -25.1995 3.339 3.968 0.629 
Table 9: SD, ND, SNR and PESQ Improvements of WBF for Anechoic signal with Road.wav. 

 

 

Figure 6.9: SNR-I of WBF for Interference in reverberant and non-reverberant case with 2 to 8 microphones. 

 

 

Figure 6.10: PESQ-I WBF for Interference in reverberant and non-reverberant case with 2 to 8 microphones. 

 

 

2 4 6 
8 

2 4 6 
8 

2 4 6 
8 

2 4 6 
8 

2 4 6 8 2 4 6 8 
0 

5 

10 

15 

20 

25 

30 

35 

40 

45 

0 0 0 0 5 5 5 5 10 10 10 10 15 15 15 15 20 20 20 20 25 25 25 25 

SN
R

 Im
p

ro
ve

m
e

n
t 

(d
B

) 

Input SNR (dB) 

SNR Improvement for Interference 

interference - road.wav (reverb) 

Interference - Road.wav (Anechoic) 

2 

4 6 

8 

2 

4 
6 

8 

2 
4 

6 

8 

2 
4 6 

8 

2 4 6 
8 

2 4 6 8 

0 

0.5 

1 

1.5 

2 

2.5 

0 0 0 0 5 5 5 5 10 10 10 10 15 15 15 15 20 20 20 20 25 25 25 25 

P
ES

Q
 M

O
S 

(0
 t

o
 5

 s
ca

le
) 

Input SNR (dB) 

PESQ Improvement for Interference 

interference - road.wav (reverb) 

Interference - Road.wav (Anechoic) 



 

 
Blekinge Institute of Technology  56 

 

Figure 6.11: SD variations of WBF for all noises in reverberant case with 2 microphones. 

 

 

Figure 6.12: SD variations of WBF for all noises in anechoic case with 2 microphones. 
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Figure 6.13: SD variations of WBF for all noises in reverberant case with 8 microphones. 

 

 

Figure 6.14: SD variations of WBF for all noises in anechoic case with 8 microphones. 
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Figure 6.15: ND variations of WBF for all noises in reverberant case with 2 microphones. 

 

 

 

 

Figure 6.16: ND variations of WBF for all noises in anechoic case with 2 microphones. 
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6.4 Elkos Beamformer 

The results of a Elkos beamforming system are observed by setting the Direction of arrival (DOA) of 

the signal to 30
o
 and DOA of noise to 270

o
. Variations are brought in by changing the input SNR level 

for each noisy environment that are mentioned in previous section both in reverberant and non-

reverberant cases. The performance of the system in each noisy environment is shown in the tables 10 

to 17 and plots of SNR Improvement (SNR-I), PESQ Improvement (PESQ-I), SD and ND shown in 

figures 6.17 to 6.28. 

6.4.1 Non-Reverberant case 

The Elkos beamforming system in an anechoic condition gives an average of 12.5 dB SNR-I, -39.5 

dB Speech Distortion (SD) and a PESQ-I of 1.52 for different noise environments in all situations 

compared to the input signal. The SNR-I, PESQ-I, SD and ND values are shown in tables 10, 12, 14 

and 16 for the anechoic case. These tables shows the details of how the output SNR and PESQ values 

vary accordingly with the input SNR level. For an increasing input SNR level, it can be seen that the 

values of output SNR and PESQ increases for all noise environments.  

Comparing all the noises, the highest SNR-I is for FN at 0 dB input SNR level and is 20 dB. The 

highest PESQ-I value is for WN at 20 dB input SNR level about 1.65. The average SNR-I is better 

with FN and WN which is about 20 dB and 14 dB respectively. The average PESQ-I is better with FN 

which is about 1.63 units. Hence, it can be observed that Elkos beamformer for anechoic conditions 

gives better SNR-I and PESQ-I performance with FN compared to other noisy environments. 

6.4.2 Reverberant case 

The Elkos beamforming system in a reverberant environment gives an average of 5 dB SNR-I, -24.3 

dB Speech Distortion (SD) and a PESQ-I of 0.18 for different noise environments in all situations for 

the input reverberated signal. The SNR-I, PESQ-I, SD and ND values are shown in tables 11, 13, 15 

and 17 for the reverberant case. These tables show the details of how the output SNR and PESQ 

values vary accordingly with the input SNR level. The decrease in SNR-I and PESQ-I compared to 

anechoic case is due to the reverberant signal and noise inputs. 

Comparing all the cases, the highest SNR-I is for WN at 0 dB input SNR level and is about 6.2 dB. 

The highest PESQ-I value is for FN at 0 dB input SNR level and is about 0.21. The average SNR-I is 

better with WGN and WN which is about 5.5 dB. The average PESQ-I is better with WGN and FN 

which is about 0.18 units. A point to be noted with Wind Noise (WN) in reverberant case is that the 

WN is generated at the diaphragm of the microphone and hence does not have the reverberation effect 

in it. Hence WN can be directly added to the microphone input without the RIR stage. However, the 

speech signal will still have the effect of reverberation and so this case differs from the anechoic case. 
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Hence, it can be observed that Elkos beamformer gives better SNR-I and PESQ-I performance for 

anechoic conditions. This can be clearly seen by comparing the PESQ-I in both the cases in less noisy 

environments i.e., at high input SNR levels. There is a significant drop in the PESQ-I due to the 

reverberation effect. The average PESQ-I drops from 1.52 to 0.2 in comparison. Hence, it is expected 

that the Elkos beamformer can suppress reverberation only to a certain extent. 

Following tables 10 to 17 show the evaluation parameter values for each noise starting from WGN to 

interference signal. The tables are followed by the plots of SNR-I and PESQ-I for that particular 

noise. Figures 6.25 and 6.26 shows the SD values both in reverberant and non-reverberant case. 

Similarly, figures 6.27 and 6.28 show the ND values both in reverberant and non-reverberant case. 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 5.3789 5.3789 1.978 2.808 0.83 -35.8981 -25.8139 

5 10.211 5.211 2.036 3.193 1.157 -37.1721 -30.8434 

10 15.0812 5.0812 2.087 3.57 1.483 -38.498 -35.8672 

15 20.0041 5.0041 2.108 3.718 1.61 -39.5533 -40.8837 

20 24.9682 4.9682 2.112 3.76 1.648 -40.1345 -45.8906 

25 29.9463 4.9463 2.115 3.765 1.65 -40.3699 -50.8846 
Table 10: SD, ND, SNR and PESQ Improvements of Elkos Beamformer for Anechoic signal with White Noise 

 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 5.3349 5.3349 1.964 2.173 0.209 -25.4349 -27.9908 

5 10.3235 5.3235 2.009 2.209 0.2 -25.1482 -33.1961 

10 15.3227 5.3227 2.042 2.221 0.179 -24.765 -38.4895 

15 20.3159 5.3159 2.052 2.225 0.173 -24.4725 -43.7626 

20 25.3128 5.3128 2.056 2.221 0.165 -24.2504 -48.9894 

25 30.3042 5.3042 2.058 2.217 0.159 -24.1315 -54.1101 
Table 11: SD, ND, SNR and PESQ Improvements of Elkos Beamformer for Reverberated signal with White 

Noise 

 

 

Figure 6.17: SNR Improvement of Elkos Beamformer for WGN in reverberant and non-reverberant case. 
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Figure 6.18: PESQ Improvement of Elkos Beamformer for WGN in reverberant and non-reverberant case. 

 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 20.034 20.034 2.066 3.613 1.547 -39.5445 -23.7483 

5 24.997 19.997 2.099 3.732 1.633 -40.1494 -28.7492 

10 29.9817 19.9817 2.108 3.761 1.653 -40.3823 -33.7471 

15 34.9808 19.9808 2.112 3.765 1.653 -40.4572 -38.7503 

20 39.9842 19.9842 2.114 3.765 1.651 -40.4794 -43.7549 

25 44.9868 19.9868 2.115 3.766 1.651 -40.4852 -48.7579 
Table 12: SD, ND, SNR and PESQ Improvements of Elkos BF for Anechoic signal with Factory Noise 

 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 4.6989 4.6989 2.025 2.242 0.217 -25.4534 -27.8458 

5 9.6984 4.6984 2.047 2.242 0.195 -25.0318 -33.2183 

10 14.6849 4.6849 2.053 2.24 0.187 -24.769 -38.5067 

15 19.6847 4.6847 2.056 2.235 0.179 -24.5364 -43.4896 

20 24.6921 4.6921 2.057 2.225 0.168 -24.294 -49.1089 

25 29.6971 4.6971 2.058 2.219 0.161 -24.1556 -54.3117 
Table 13: SD, ND, SNR and PESQ Improvements of Elkos BF for Reverberated signal with Factory Noise 

 

Figure 6.19: SNR Improvement of Elkos beamformer for FN in reverberant and non-reverberant case. 
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Figure 6.20: PESQ Improvement of Elkos beamformer for FN in reverberant and non-reverberant case. 

 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 14.1715 14.1715 1.998 3.24 1.242 -38.1543 -25.3078 

5 19.0767 14.0767 2.041 3.515 1.474 -39.3015 -30.3083 

10 24.0326 14.0326 2.08 3.684 1.604 -40.0076 -35.3118 

15 29.0123 14.0123 2.103 3.753 1.65 -40.3214 -40.3103 

20 34.0067 14.0067 2.109 3.763 1.654 -40.4343 -45.3111 

25 39.0004 14.0004 2.113 3.765 1.652 -40.4704 -50.3068 
Table 14: SD, ND, SNR and PESQ Improvements of Elkos BF for Anechoic signal with Wind Noise 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 6.147 6.147 1.976 2.165 0.189 -23.3196 -29.235 

5 10.3787 5.3787 2.007 2.203 0.196 -24.304 -34.5639 

10 15.1067 5.1067 2.036 2.214 0.178 -24.4361 -39.9463 

15 20.0121 5.0121 2.051 2.215 0.164 -24.2973 -45.3044 

20 24.9885 4.9885 2.056 2.216 0.16 -24.2055 -50.4786 

25 29.9764 4.9764 2.057 2.216 0.159 -24.1484 -55.5691 
Table 15: SD, ND, SNR and PESQ Improvements of Elkos BF for Reverberated signal with Wind Noise 

 

Figure 6.21: SNR Improvement of Elkos beamformer for WN in reverberant and non-reverberant case. 
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Figure 6.22: PESQ Improvement of Elkos beamformer for WN in reverberant and non-reverberant case. 

 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 11.1483 11.1483 2.054 3.409 1.355 -38.3569 -25.4464 

5 16.0996 11.0996 2.086 3.503 1.417 -39.0522 -30.4477 

10 21.0625 11.0625 2.098 3.599 1.501 -39.6859 -35.4499 

15 26.0396 11.0396 2.104 3.668 1.564 -40.119 -40.4504 

20 31.0268 11.0268 2.107 3.725 1.618 -40.3478 -45.449 

25 36.0235 11.0235 2.11 3.759 1.649 -40.4403 -50.4501 
Table 16: SD, ND, SNR and PESQ Improvements for Anechoic signal with Interference signal 

Input SNR output SNR SNR Imp PESQ in PESQ out PESQ I SD ND 

0 5.6433 5.6433 2.007 2.192 0.185 -22.5318 -30.3112 

5 9.7442 4.7442 2.034 2.221 0.187 -23.8578 -35.5279 

10 14.4261 4.4261 2.046 2.224 0.178 -24.2104 -40.8446 

15 19.3349 4.3349 2.05 2.22 0.17 -24.2204 -46.1318 

20 24.3173 4.3173 2.053 2.217 0.164 -24.1315 -51.3135 

25 29.3181 4.3181 2.055 2.215 0.16 -24.1002 -56.3705 
Table 17: SD, ND, SNR and PESQ Improvements for Anechoic signal with Interference signal 

 

Figure 6.23: SNR Improvement of Elkos beamformer for Interference in reverberant and non-reverberant case. 
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Figure 6.24: PESQ Improvement of Elkos beamformer for Interference in reverberant and non-reverberant case. 

 

 

 
Figure 6.25: SD variations of Elkos beamformer for all noises in non-reverberant case. 
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Figure 6.26: SD variations of Elkos beamformer for all noises in reverberant case. 

 

 
Figure 6.27: ND variations of Elkos beamformer for all noises in non-reverberant case. 

 

 
Figure 6.28: ND variations of Elkos beamformer for all noises in reverberant case. 
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6.5 Maximum SNR Beamformer  

No. Type of Noise SNR-I (dB) SD (dB) ND (dB) PESQ-I 

1 White Noise (WGN) 19.6604 -21.2767 -34.4607 0.7946 

2 Factory Noise (FN) 17.7722 -21.2763 -34.135 0.5913 

3 Wind Noise (WN) 24.4041 -20.6691 -32.0674 0.5935 

4 Interference (road.wav) 13.4645 -20.9621 -33.3121 0.3508 

Table 18: Average SNRI, SD, ND and PESQ-I values with different noise environments in reverberant 

environment for Maximum SNR Beamformer. 

The Table 18 shows the results of Max-SNR Beamformer for two microphones separated by the 

distance 0.02 meters with the DOA of speech and noise at 00 and 900 respectively. This table includes 

the Average SNR-I, SD, ND and PESQ-I of the reverberated speech signal. From the table it can be 

observed that SD varies between -21 dB to -20 dB and ND varies between -34 dB to -32 dB for all 

noise environments considered. The PESQ improvement is around 0.5 for all noise environments. The 

average SNRI is very high in case of this beamformer because it is considered to be the best 

beamformer which gives maximum SNR improvements as the name suggests of the beamformer - 

“Maximum SNR Beamformer”. This is due to the fact that the maximum Eigen value solutions are 

calculated in the implementation. The results are observed in reverberant environment. The speech 

intelligibility is best achieved in this beamformer in all type of noise environments. The average SNR-

I is best for WN and average PESQ-I is best for WGN in this beamformer. Average SNR 

improvements as high as 200 dB and PESQ-I of 2 can be observed in the anechoic case of this 

beamformer. The PESQ of the beamformer output signal in anechoic case can reach almost close to 

its maximum value which is 4.5. For detailed behavior about this beamformer in different conditions, 

refer [22]. 

6.6 AEC using NLMS Algorithm 

A simple NLMS algorithm is designed for β of 0.1, for 5 values of order of the filter i.e., nord = [10 

15 20 25 30] and the number of iterations (p) to be 5. The corresponding ERLE is also calculated for 5 

filter orders in order to measure the amount of echo cancellation. The echo signal is generated using 

RIR simulation for far-end case by considering a distant virtual source and this echo signal is added to 

the noise. This echo signal is generated from the room impulse response by keeping the reflection 

order to 0.91 with room dimensions of [2 1 2]. The microphone located at [1 0.1 1.6] and source 

located at [1.5 1 1]. The impulse response is generated with fractionally delayed input signal. 

Therefore, the input signal is sum of the echo signal with random noise. The random noise is 

considered as the desired signal. The filter order, β, input signal and desired signal are passed through 

the NLMS algorithm which gives the estimated error, adaptive filtered output and the filter weights. 
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The Table 19 shows the ERLE values for different filter orders in 5 iterations. From the table it can be 

observed that as the filter order increases the ERLE slowly decreases. This algorithm gives very small 

estimated error and also large average ERLE value which is around 22.0763 dB. As it gives large 

ERLE, it is recommended for practical implementation of Acoustic echo cancellation. 

No. of Iterations (p) Filter Order (nord) ERLE (dB) 

1 10 22.1698 

2 15 22.1599 

3 20 22.0068 

4 25 22.0335 

5 30 22.0114 
Table 19: ERLE values with different filter orders of the NLMS adaptive filter for Echo Cancellation 

For detailed behavior about AEC in different conditions and with different algorithms, refer [21]. 

6.7 Performance Comparison 

The performance of Elkos beamformer and wiener beamformer with 2 microphones are compared in 

this section using the evaluation parameters SNR-I, SD, ND, and PESQ-I for different noise 

environments. The values are the average of the values mentioned in tables 1 to 17.  

Fig. 6.29 and 6.30 show the average SNR-I for Elkos beamformer and Wiener beamformer in 

different noise environments both in anechoic and reverberant case. The x-axis indicates the type of 

the noise as [1,2,3,4] = [WGN, FN, WN, Interference] and are also named in the graph. Figures 6.31 

and 6.32 show the average PESQ-I for anechoic and reverberant case respectively. 

 
Figure 6.29: Comparison of average SNR-I in anechoic case. 
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Figure 6.30: Comparison of average SNR-I in reverberant case. 

 

Figure 6.31: Comparison of average PESQ-I in anechoic case. 

 
Figure 6.32: Comparison of average PESQ-I in reverberant case. 
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From the figures it can be observed that Elko’s beamformer has best average SNR-I for FN which is 

about 20 dB, 14 dB for WN and less than 10 dB for other noise environments in the anechoic case. 

For the reverberant case, the SNR-I decreases comparatively and has about 11 dB with WGN. It acts 

better for interfering speech signals also effectively. However, wiener beamformer has less than 10 

dB for all noise environments in the anechoic case and less than 6 dB in the reverberant case. The 

wiener beamformer can perform better if the number of microphones are increased. Similarly, the 

average PESQ-I for Elkos is almost constant at about 1.5 for anechoic case and 0.18 for reverberant 

case. Output PESQ values of about 3.7 for anechoic and 2.8 for reverberant cases can be seen. 

Observe that the average PESQ-I for wiener beamformer is higher than that of Elkos beamformer for 

the reverberant case. This is because of the fact that of the fact that only the back reflections are 

considered in suppressing reverberation with Elkos beamformer. This means that only the virtual 

sources that are positioned in the third and fourth planes of the co-ordinate axes are considered. 

This difference can be clearly seen by considering the last evaluation measure - segmental SRR. A 

definite increase in SRR indicates the amount of reverberation suppression in the output. This can be 

observed in the table 20 below: 

 

Type of 

noise 

Elkos Beamformer Wiener Beamformer 

SRR in SRR out SRR-I SRR in SRR out SRR-I 

WGN -30.4282 -12.0669 18.3613 -30.4282 -4.3946 26.0336 

FN -27.7408 -12.6621 15.0787 -27.7408 -4.3968 23.344 

WN -28.4512 -13.1357 15.3155 -28.4512 -4.3197 24.1315 

interference -28.1203 -12.4868 15.6335 -28.1203 -4.3996 23.7207 

Table 20: Segmental SRR and SRR-I of Elkos and Wiener beamformers for all noise environments. 

 

It can be clearly seen that there is an average SRR Improvement (SRR-I) of 16 dB in case of Elkos 

beamformer as compared to 24 dB of wiener beamformer. The segmental SRR values do not change 

with difference in noise scenarios but the effect of the dereverberation algorithm can be observed only 

at low noise environments. Hence, a high SNR value of 20 dB is considered for evaluation just to be 

assured that the improvement in SRR is due to reverberation suppression. The DOA of the signal and 

noise are maintained constant throughout the comparison for both wiener and Elkos beamformers. 
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CHAPTER 7 - CONCLUSION AND FUTURE WORK 

7.1 Conclusion 

This thesis focuses on enhancement of noisy speech signal in hands-free speech communication using 

wiener beamformer and Elkos beamformer both in anechoic and reverberant environments. These 

methods have been successfully implemented offline and tested in MATLAB. The performance of the 

beamformers has been tested in four different noise environments. The performance evaluation of the 

beamformers are done by measuring SNR-I, PESQ-I, SD and ND levels. In general, a better SNR-I 

shows more SD indicating that there is a compromise between SNR-I and SD for any system. From 

the results shown in tables and plots at each input SNR level in the previous chapter, wiener 

beamformer has the significant advantage that as the number of microphones increases, SNR-I and 

PESQ-I increases. The SNR-I and PESQ-I are best for 8 microphones when compared to 2 

microphones in all noise environments for wiener beamformer. The designed systems behave well in 

case of Factory Noise as they have best SNR-I with FN. They have better PESQ-I in case of White 

Gaussian Noise and it increases from 2 microphones to 8 microphones for wiener beamformer. Same 

is the result for reverberant case except that they behave good for WGN. The methods are 

computationally efficient and less complex for the anechoic case compared to reverberant case.  

 

The other speech enhancement methods such as Max-SNR Beamformer, Delay and Sum Beamformer 

and Echo Cancellation using NLMS adaptive algorithm were implemented in MATLAB offline 

mode. The evaluation parameters of these all beamformers are compared and behavior of each 

beamformer is observed in all different noise environments for two microphones. By comparing 

Wiener with Elkos, it is observed that SNR-I and PESQ-I are best for Elkos beamformer and poor in 

case of wiener with 2 mics. The Wiener Beamformer performance can be improved as the number of 

microphones increases. The Max-SNR beamformer is basically designed for comparison purposes, 

which gives output PESQ of 4.3 for all noise environments. The detailed view of the comparison 

results are shown in corresponding tables, plots and graphs. 
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7.2 Future Work 

The Wiener beamformer and Elkos beamformer implemented for speech enhancement using 

MATLAB offline mode can be further implemented and tested in real-time. The output of the wiener 

and Elkos beamformers contains very less background noise and so doesn’t influence the speech 

intelligibility. However, this background noise and speech intelligibility can be further improved by 

implementing them using filter banks and also can be tested on Digital Signal Processors i.e. DSP kit 

for real-time applications. The inherent reverberation suppression capability of beamformers is 

limited and hence additional methods to suppress reverberation or rather blind Dereverberation 

techniques can be tested. 
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