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ABSTRACT 

The main objective of this thesis, which is a collaborative work between a 

group of four, is to remove the unwanted components i.e. background noise present in 

speech signal which affects in the hands-free speech communication. The background noise 

i.e. noise and echo are removed using different methods in Hands-free speech 

communication for enhancement of acoustic speech signal. The Noise is suppressed using 

adaptive beam formers like Wiener Beam former, Elko‟s Beam former, Maximum SNIR 

Beamformer and Delay and Sum beam former as they have the ability to enhance the desired 

speech signals while suppressing the noise sources assumed from other directions. The 

behavior of these beam formers is tested under different noise environments. Echo 

Cancellation is achieved by implementing adaptive noise feedback cancellation system using 

NLMS algorithm under reverberant conditions. This paper mainly concentrates on the offline 

MATLAB implementation of Wiener Beamformer and performance is evaluated by 

considering the different objective measures in different noisy environments.  

Speech signals from the uncontrolled environments contain degradation 

components i.e. background noise, interference, acoustic feedback along with the required 

speech components. These degraded components are superimposed with the desired speech 

which is a severe problem in hands-free speech communication for example in hearing 

impaired persons. Hence, they suffer from reduced speech intelligibility and quality which 

make their communication troublesome. Therefore, speech enhancement is necessary in 

hands-free speech communication devices for degraded speech. Wiener Beam former is 

implemented and simulated in MATLAB under different noise environments in order to 

increase the speech intelligibility and quality. The performance of the Wiener Beamformer is 

evaluated by considering the objective measure parameters such SNR, SD and PESQ under 

different noisy environments. These parameters are measured by assuming input SNR levels 

at 0dB, 5dB, 10 dB, 15 dB, 20 dB and 25 dB. The increased use of hands free 

communication systems such as computer communications, video conferencing and vehicle 

mounted mobile phones demands the acoustic echo cancellation. The echo i.e. uncontrolled 

acoustic feedback is cancelled using NLMS algorithm which forms an adaptive feedback 

noise cancellation system. The amount of echo cancellation is measured by ERLE parameter.  

 

Keywords: Beamformer, Speech Enhancement, Echo Cancellation. 
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1. INTRODUCTION 

 With the advances in speech processing technologies and ubiquity in 

telecommunications, new generation of speech acquisition applications are developing such 

as hands-free audio communication are mobile telephony, Hearing Aids, Automatic 

Information Systems i.e. Voice Controlled Systems, Video conferencing Systems and many 

of the multimedia applications. The increased use of personal communication devices, 

personal computers and wireless mobile telephones leads to the development of new inter-

personal communication systems. The developments in inter-personal communication 

systems are motivated by continuous effort for improving and extending the interaction 

between individuals. Therefore, provides the user safety, convenience, quality and ease of 

use. The merger between telephone technologies and computers brings up the demand for 

convenient hands-free communication. 

 The Wireless communication technology has given rise to the extension of 

voice connectivity to personal computers and cellular communication devices with the aim 

of enabling the natural communication in a variety of environments such as cars, restaurants 

and offices. In automobile applications, hand-controlled functions are replaced with voice 

controls, the signal degradations in this area is similar with distant-talker speech recognition 

applications. Audio Conferencing is one of the predominant communication systems in both 

small and large companies as it provides comfort to user and is cost effective. As today‟s 

consumer products are mostly powered by voice, future desire is to replace hand-controlled 

functions with voice controls which lead to efficient and robust development of voice 

recognition systems. Speech Processing techniques have been examined to be effective in 

improving speech intelligibility in noise for hearing impaired listeners. This technique also 

has the capability of preventing damage to hearing in high-noise environments such as 

aircrafts, factories and industries. 

All the above applications have a common feature of hands-free speech 

acquirement. In a speech automated system, microphone is installed far away from the user 

there are severe problems associated with it such as poor sound quality and acoustic 

feedback from the far-end side. In other words, Speech transmitter and receiver are located at 

remote places separated by certain distance. In hand-held telephony the microphone is close 

to the speaker which suffers from environmental noise and interfering sounds corrupting the 

received speech signal. These disturbances additionally impairs received speech signal which 

is due to the reverberations of the voice from the walls or ceilings. Generally, acoustic 

feedback is generated in duplex hands-free communications at the near-end side in the 

microphone causes disturbance to the speaker at the far-end side who hears his or her own 

voice echoed with 100-200 ms delay this lead to degraded speech in the speech recognition 
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systems. The reduced intelligibility of the received speech in a noisy environment degrades 

the performance of speech recognition systems. The degradation in received speech makes 

the speech conversation between user and microphone substantially difficult. The three 

major tasks to be considered to improve the quality of hands-free mobile telephones are 

noise and interference reduction, room reverberation suppression and acoustic feedback 

cancellation. Several speech enhancement methods should be implemented for robust speech 

communication system. Microphone array techniques are used for speech enhancement in 

communication systems were speech intelligibility and quality is degraded due to the 

environmental noise and reverberations caused by reflections from walls and ceilings in 

large rooms such as video conference rooms, restaurants and industries. This microphone 

array technique known as Beamforming accomplishes spatial correlation of multiple 

received signals. Beamforming also filters these signals received in order to pass the signal 

coming from desired direction and suppresses the signals coming from other unwanted 

directions [1].By delaying the microphone-received signals for each frequency; a beam is 

created in the direction of target in order to maintain gain and phase, while spatial nulls are 

formed in noise directions. The beam is formed in the direction of desired speech and 

attenuates background noises, spatial interferers.  

The enhancement of the speech signal is required where the signal is to be 

communicated. Speech enhancement is necessary when speech and received signals are 

degraded. The focus is on enhancement of noisy speech signals for improving the perception 

by human. The perception of speech signal is measured in terms of quality and intelligibility. 

The “Quality” is a subjective measure which reflects on individual preferences of listeners 

[3]. The “Intelligibility” is an objective measure which predicts the percentage of words that 

can be correctly identified by listeners [3].    

The recorded speech signals in speech automated systems are often corrupted 

by acoustic background noise. Generally background noise is broadband and non-stationary. 

The signal to noise ratio of microphone is low. Therefore, the speech quality and 

intelligibility reduces. When speech and noise sources are located at different positions 

physically both spatial and temporal characteristics can be used in speech enhancement 

algorithms. The methods for enhancement of acoustically disturbed signals have been 

subjected to research over last few decades. The digital hearing aids have contributed 

significantly to improve the research in hands-free communication devices. 

In this thesis, enhancement of noisy speech signals is improved by use of 

microphone arrays known as beamformers for ambient noise reduction, reverberations 

caused by reflections in walls and ceilings in conference rooms, restaurants and offices. The 

acoustic echo cancellation plays a vital role in acoustically coupled environments such as 

double talk occurs as the speech signal generated is fed back to the microphone which 
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creates a feedback between speaker and microphone, thus disturbing signal that originally 

tend to reach the microphone. The acoustic feedback is echo, which plays a major role in 

degrading the speech intelligibility in speech communication systems i.e. hearing aids, 

telecommunication systems. Normalized Least Mean Square (NLMS) is an adaptive method 

is used to cancel the acoustic feedback in hearing aids. 

1.1 Hands-Free Speech Enhancement   

Speech Enhancement is necessary in hands-free communication devices such 

as cellular phones, teleconferences and Automatic information systems. For example, Speech 

signals produced in a room generates reverberations, which are noticed when a hands-free 

single channel telephone system is used and binaural listening is not possible [2]. 

Enhancement of normal speech is required for hearing impaired persons to fit into their 

individual hearing capabilities.  

Speech Enhancement in hand-free mobile communication is possible by 

spectral subtraction [2] or temporal filtering such as Wiener Filtering, noise cancellation and 

multi-microphone methods using different array techniques [2].Room reverberation is 

handled with various array techniques. Hands-Free speech communication is generally 

characterized by reduction in speech naturalness and intelligibility resulting from corruption 

of the speech sound field during data capture by microphones, as well as speech distortion 

generated by data transmission and reproduction [1].  

Hands-free speech enhancement is defined as the ability to improve the 

discrimination between speech and background noise, reverberation and other types of 

interferences colliding on microphones [1]. The perceptual aspects such as intelligibility and 

quality are necessary for speech enhancement in hands-free communication systems. The 

quality and intelligibility are not correlated. Intelligibility and quality cannot be achieved 

simultaneously. If intelligibility is improved the other, quality should be sacrificed. 

Intelligibility can be improved by emphasizing the high frequency content of the noisy 

speech signal. In other words, quality improvement is linked to the loss of intelligibility in 

the noisy speech signal. As, human ears have been designed in such a way that they have the 

capability of discrimination of speech in noisy reverberant environments.  

1.1.1  Applications 

 Many speech enhancement systems try to substitute human auditory 

mechanism based on frequency selectivity, spatial sound location and focused hearing. There 

are several hands-free speech enhancement applications explained briefly below. 

a) Hands-Free Telephony in Cars 

 To provide communication in remote areas and less populated countries, 

instead of costly installation of fixed telephone lines in telecommunication companies they 
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try to invest more on mobile telephone networks. This mobile telephone network gives the 

long term solution for hard ware installation as required fixed telephone networks. The 

customers with low or fixed income are attracted by the prepaid services provided to cellular 

subscribers in developing countries. 

 With the increased use of cellular subscribers and advancements in user 

behavior hand-held telephones while driving is prohibited due to the registered increase of 

number if car accidents in many countries. Different solutions are available for hands-free 

telephony in cars. The “speaker mode” is built-in mode for mobile phone devices for hands-

free speech acquisition. Some cars also provide an audio system to which the mobile phone 

can be connected. Usually, directional microphones are placed at a specific distance pointing 

towards the driver i.e. on the ceiling or dashboard of the car. In this scenario as shown in 

figure 1.1, the desired driver speech is corrupted by background noises. This type of 

microphones tries to eliminate the background noise such as traffic noise, road noise, engine 

noise, tire friction and sound from music system and also improves the Signal to Noise Ratio 

(SNR) of the speech from driver. The acoustic far-end signal is also captured by microphone 

and transmitted back to the far-end speaker [23].  

 

Fig. 1.1: Scenario of hands-free telephony in Cars 

 Another solution is development of wireless headsets in contrary with the 

conventional wire-connected headsets. These provide communication with mobile phones 

using wireless protocols known as Bluetooth. Bluetooth headset is placed at a relative 

distance to the speaker. When the car is moving at high speeds the SNR of the captures 

speech signal automatically reduces.   

b) Hearing Protection Headsets 

 In the industries continuous noise exposure of worker is limited to 85 dB per 8 

hours a day as of in Sweden. If the noise exposure of the ear is extended more than the 

allowed in limit then worker has to wear hearing protection headsets. In the working 

environments such as factories, aircrafts, helicopters the worker is unable to communicate by 
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wearing protective hearing headsets which leads to the necessity of the speech enhancement 

in hearing and also cost effective and secure. Speech enhancement mainly focuses on low 

SNR signals which provide an efficient and robust solution to suppress noise and extract 

only speech without degrading the intelligibility of speech signal [1]. Therefore, Microphone 

array methods give the better solution in order to form a beam in the direction of speaker and 

suppress the noise present in other directions. 

c) Audio-Conferencing 

 The advancements in telecommunication and video communication systems 

for personal computers based internet protocols exploited the development of broadband 

internet connections. Simultaneously, the wireless communication technology has provided 

means to the communication between desktop and mobile environments. This wireless 

communications is available in public places such as airports, companies, offices and 

restaurants. In these types of environments, the ambient noise composites human babble 

noise, fan noise as well as moving object such as chairs and colliding items [1]. Generally, 

Microphone is placed at the top of monitor with the optimization of speaker‟s eye level. This 

microphone unit and speaker are placed at an operating distance of 45-60 cm. Spectral 

Subtraction algorithms and Beamforming are the better solutions for this type of systems.  

 Nowadays, audio conferencing is mainly used in meetings and training 

sessions in large and small companies.  This is cost effective as it saves money and time to 

travel. It is the initial step for most corporation and individuals for conducting 

teleconferences with sophisticated and reliable technologies. Generally, conference rooms 

are characterized by ambient noise as all the participants are surrounded by speech 

acquisition device. As speaker and microphone are placed at larger distance due to this more 

reverberations occur in conference rooms. The relative distance between microphone and 

speaker is large when compared to other applications. The reverberation to microphones and 

movement of speakers must be handled. The solution to the above problem can be solved by 

considering microphone arrays which uses localization algorithms which have capacity to 

detect the speech, direction of the speaker and tracking capability. In video technology, these 

systems allow to steer and aim the speaker [1]. 

d) Voice Control and Speech Recognition Systems 

 The integration between electrical technology and consumer products, 

telephones and personal devices such as cars are rapidly inhibiting the functions powered by 

voice. In order to provide convenience and easy use, large number of systems which are 

controlled by voice in domestic environments includes lights and heating systems, powering, 

opening window and curtains and adjusting home entertainment systems [1]. The main aim 

is to replace hand-controlled functions with voice controls which progress to efficient and 
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optimized speech automated methods. Automatic Speech Recognition (ASR) methods 

generally degrade the quality of speech due to the ambient noise and reverberation in walls 

and ceilings of a room. The degradation is calculated by amount of similarity between noise 

speech signal and clean speech recognizers. Mostly ASR systems are based on statistical 

pattern recognition method which reduces the quality of input speech. Therefore, 

microphone arrays is the better solution provided in order to improve SNR of the received 

noisy speech signal which also increases speech intelligibility. 

e) Hearing Aids 

 About 10-20 percent of the population suffers from hearing impairment 

basically caused by damage of inner ear hair cells in the process of aging or exposure to loud 

noise. The exposure to loud noise is mainly in the environments such as traffic from 

transportation vehicles, cooling systems and industry, by listening to loud music using 

headsets, discotheques and engines. Ears exposing to these types of environments may lead 

to temporary or permanent hearing loss. Hearing aids system amplifies the received speech 

signal without considering the SNR level. If, in case it consists of noise, it is also amplified 

along with speech signal as hearing impaired people are incapable of distinguishing the noise 

and speech signals. The other problem is acoustic feedback is caused due to the small 

distance between speaker and microphone. To overcome the above problems, microphone 

arrays are used for speech enhancement and echo cancellation is used in order to remove 

acoustic feedback caused between speaker and microphone.  

 In this thesis, hearing aids is the main application considered in order to make 

the hearing impaired person more convenient in hearing the desired speech signal and 

suppress the noise and echo caused in different environments. The microphone array 

processing is the better solution to remove noise as it has the feature of spatial selectivity 

known as Beamforming which has the capability of directional hearing. Beamforming 

reduces the level of directional and ambient noise signals, while minimizing distortion to 

speech from desired direction [2]. In this type of environment, the transmitted speech signal 

is distance apart from communication interface. During the communication, the speech 

signal undergoes reverberation in the room. The speech signal is corrupted by ambient noise 

in the environment to the far-end user. 

1.2 Hands-Free Speech Communication Problem  

 Various hands-free communication applications and their type of 

environments were described. The major problems challenged in each application are 

acoustic background noise, room reverberation and acoustic feedback known as far-end 

echo. A typical hands-free communication environment is as shown in figure 1.2. 
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Fig 1.2: Typical Hands-Free Speech Communication Environment 

1.2.1 Background Noise 

 Noise is present anywhere in urban environments. Background noise is mostly 

due to tire friction, engines, fan noise, car traffic, background music in public places, 

vibration noise from high power equipment in heavy industries, revolution of propellers in 

aircrafts. Severe background noise reduces the intelligibility of speech and also stress. In 

hands-free speech communication, background noise degrades the performance of Speech 

automation systems which is a severe problem for hearing aid users. It also reduces the 

intelligibility of speech. Acoustic disturbances arrive from all directions which is assumed to 

be surrounding noise. Background noise contains higher level of low frequency content 

when compared to speech therefore; spectral based methods are used to extract speech. 

Generally, background noise is characterized by Gaussian distribution where as speech is 

characterized by laplacian distribution. By selecting certain class of distribution techniques 

can be developed for extracting speech or background noise. 

1.2.2 Reverberation 

 The speech in closed environments is reflected by walls, ceilings and objects 

in the room. The reverberation occurs whenever the speech signal reaching the microphone 

undergoes multiple reflections and these reflections affect the direct-speech signal path. As 
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illustrated in figure.1.2. These reflections leads to the disturbance of speech produced from 

the loud speaker to microphone. Reverberation time is the time required for reverberation 

energy to decay by 60 dB which is the main criteria for room reverberation. The energy of 

confined reverberation depends on the position of sources and acoustic sensors in the room 

and their relative distances. 

 The reverberation affect can be eliminated by keeping the microphone close 

to the source of signal of interest which is caused by multiple reflections and diffractions of 

the sound and objects in a room. These multiple echoes affect the direct sound from speaker 

to reach the specified receiver and blur the temporal and spatial characteristics of the speech 

signal from speaker. This type of communication is not convenient for hands-free 

communication like in phone communication systems which adds some noise and 

reverberation to the listener in real life. This decreases the quality of the hands-free recorded 

speech signal in reverberant conditions. In case of automatic speech recognition and 

verification applications in highly reverberant environments the performance of speech 

signal is decreased. The dereverberation also adds an advantage to the hearing impaired 

listeners as it reduces speech intelligibility [5].  

1.2.3 Localized Interference 

 In hands-free communication system, the user is at certain distance from the 

microphone, the microphone captures speech as well as the background noise and 

interference due to the loudspeaker as shown in figure 1.3. 

 

Figure 1.3: The configuration of source and loud speaker (interference) in a typical car hands-free 

system.  
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 In urban environments such as schools, industries, trains, companies and 

restaurants the clean speech signal is corrupted by environmental noises i.e. babble noise 

which is known as “cocktail party noise”. These background noise and interfering signals are 

generated by spatially sound sources [1]. The other interfering signals such as alarm sounds, 

gun shots and musical sound instruments also corrupt the desired speech signal. The desired 

speech source and noise source are separated by using a microphone arrays which uses 

multiple microphones in that communication system. Hence, the microphone array is one of 

the speech enhancement techniques. 

1.2.4 Acoustic Coupling 

 The echo path is the unintended transmission path between transmitter and 

receiver in hands-free duplex communication. In full duplex communication, the far-end 

signal is emitted by the speaker propagates in environment and is captured by the 

microphones in the same way as other interfering signals [1]. The acoustic feedback also 

constitutes the disturbance of the speaker who hears his or her own voice echoed which is a 

double-talk situation. The echo can be suppressed by making a reference signal available at 

the loudspeaker in case of far-end interference when compared to other disturbances. The 

signal to noise ratio is reduced due the greater distance between the speaker and microphone 

in hands-free speech communication system as it is disturbed by ambient noises. 

 The echo can severely affect the quality and intelligibility of conversation 

between users in a telephone system. The echo characterizes amplitude and delay. The echo 

with tolerable amplitude and a delay more than1 ms. Acoustic echo mainly occurs due to the 

acoustic coupling between speaker and microphone in hands-free phones, mobile phones and 

teleconference systems as shown in figure 1.4.The acoustic echo is cancelled using adaptive 

algorithms such LMS, NLMS, RLS and APA algorithms. In this thesis, main concentration 

is on cancelling the echo using NLMS algorithm. 

 

Figure 1.4: Illustration of mobile to landline system 
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1.3 Fractional Delay 

 Fractional Delay filters are the digital filters designed for band-limited 

interpolation. Band-limited interpolation is a technique developed for evaluating the sample 

signal at an arbitrary point of time even if the signal is situated between two sample points of 

the signal. The arbitrary sampling value is exact because the signal is band limited to half the 

sampling rate (Fs/2) which indicates that the continuous-time signal can be exactly 

regenerated from the sampled data. Now, it is easy to evaluate the sample value at any 

arbitrary time even the signal is fractionally delayed. The fractional delay can be calculated 

from the last integer multiple of the sampled interval. The FIR and IIR filters are used for the 

evaluation of fractional delays that are usually termed as “Fractional Delay Filters”. 

 Fractional delay filters are used in different areas of applications in process of 

speech coding and synthesis, beam steering, sample rate conversion, to compensate the inter-

symbol interference in digital communications, design of digital differentiators and 

integrators. There is problem of fixed sampling period in the above mentioned areas. 

Fractional-delay filters are generally used for modeling of non-integer delays. Fractional- 

delay filters are the filters having flat phase delay with a wide frequency band, with the value 

of phase delay approximating the fractional delay. These filters are used in many 

applications where actual sampling instants are necessary. Fractional delay is non-integer 

multiple of sampling interval, which is assumed to be uniform sample. These filters provide 

the observation of signal values at arbitrary location in the sampling interval [8]. 

1.3.1 Ideal Fractional Delay and its Approximations 

 The delayed version of discrete- time signal x (n) can be expressed as, 

                                                          𝑦 𝑛 = 𝑥(𝑛 − 𝐷)                                                       (1.1) 

Where „D‟ is positive integer that indicates the amount by which the signal is delayed. 

Normally in signal processing D only takes integer values. If the sampling period is „T‟ and 

desired continuous-time delay is „τ‟ then the value of „D‟ can be calculated by rounding off 

„τ/T‟ to the nearest integer. In several areas of applications it is required to have the accurate 

fractional delay instead of integer delay. The fractional delay can be calculated accurately by 

taking the z-transform of Equation 1.1 as follows, 

                                                                                                         𝐻𝑖𝑑  𝑧 =  
𝑌  𝑧 

𝑋  𝑧 
=  𝑍−𝐷                                                   (1.2) 

 The main assumption is that „D‟ is an integer while working on above 

operation on Eq. (1.2). Otherwise the transform expressed above should be a series 

expansion. To clearly understand the behavior of „D‟ in fractional delay filters it is assumed 

to be a positive real number which is a sum of its integer part „ D ‟ and its fractional part „d‟ 

as shown in Eq. (1.3); 

                                                              𝐷 =    𝐷 + 𝑑                                                         (1.3) 
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In frequency domain, the ideal fractional delay filter can be expressed as shown in Eq.  (1.4); 

                                                       𝐻𝑖𝑑 𝑒𝑗𝜔  =  𝐻(𝑧) 𝑧=𝑒 𝑗𝜔 =  𝑒−𝑗𝜔𝐷                                (1.4) 

i.e. the magnitude response i.e. Eq. (1.5) of ideal delay function is unity at all frequencies 

and the phase response i.e. Eq. (1.6) is linear with slope „-D‟. Therefore, this can be called as 

an all pass filter system with linear phase response. 

                                                              𝐻𝑖𝑑 𝑒𝑗𝜔  = 1                                                        (1.5) 

                                                      𝑎𝑟𝑔 𝐻𝑖𝑑 (𝑒𝑗𝜔 ) =  −𝐷𝜔                                                (1.6) 

 From Shannon‟s Sampling Theorem, a sinc interpolator can be exactly used to 

evaluate a signal value at any arbitrary time as long as signal is band-limited to upper 

frequency “Fs/2”. The exact value at any arbitrary continuous time „D‟ can be calculated by 

convolving discrete-time signal y (n) with sinc (n-m) as shown below in equation (1.7); 

                                                     𝑦 𝐷 =   𝑦 𝑛 𝑠𝑖𝑛𝑐(𝑛 − 𝐷)𝑛=∞
𝑛=−∞                         (1.7) 

Therefore, the delayed sinc function is referred as ideal fractional delay which is expressed 

as shown in equation below in Eq. (1.8). The impulse response of ideal fractional delay is 

shifted and sampled sinc function i.e. h (n) = sinc (n-D) where „n‟ is sample index (integer) 

and „D‟ is delay with integral part floor (D) and fractional part d = D-floor (D). The floor 

function gives the greatest integer less than or equal to D.  

                                                 𝐷 𝑛 =  𝑠𝑖𝑛𝑐 𝑛 − 𝐷 =  
sin (𝜋 𝑛−𝐷 )

𝜋(𝑛−𝐷)
                                     (1.8) 

  

Figure 1.5: Continuous-time and sampled impulse responses of ideal fractional delay filter when delay 

is (a) Integer Delay D=0.0 samples and (b) Fractional Delay D=0.3 samples 

 An ideal fractional delay gives digital version of continuous-time delay in 

which this delay system uses ideal low pass filter. This time delay gradually shifts the 

impulse response of ideal fractional delay. Thus, impulse response of ideal fractional delay is 

shifted and sampled sinc function. The above Figure 1.5 shows the ideal impulse response 
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when d=0.0 and d=0.3 samples. The impulse response is of infinite length in the later case as 

observed in Figure 1.5. The impulse response in later case has infinite length which leads to 

a non-causal system, which cannot be made causal by a finite shift in time. The figure 1.5 

shows when D is an integer i.e. no fractional delay the signal is sampled at zero crossings 

and when D is a non-integer the signal is sampled between zero-crossings in which the 

impulse response is of infinite length. As impulse response is not absolutely summable the 

filter is said to be not stable. Therefore, ideal Fractional Delay filter is non-realizable. To 

realize a Fractional Delay filter some finite length causal approximation filter must be used 

for non-realizable sinc function [9]. 

 The Fractional delay filters should have the following desirable characteristics 

for the purpose of digital waveguide modeling of the speech processing model i.e. vocal tract 

[10]. The characteristics are: 

1. The low pass characteristics with almost flat magnitude response in the pass band. 

2. Accurate model of the desired fractional delay. 

3. Easy and intuitive incorporation into the speech processing model. 

4. Magnitude response less than unity at all frequencies, in order to prevent instability in the 

speech processing model. 

1.3.1.1 FIR Approximation of Fractional Delay 

 There are five different approaches are designed for causal Fractional Delay 

FIR filters: 

1. Windowed Sinc Function (using asymmetric window function with fractional offset) [8]. 

2. Maximally-Flat FIR approximation (Lagrange Interpolation) [8]. 

3. Weighted Least Squares (WLS) Approximation [8]. 

4. Oetken‟s Method (a quasi-equiripple Fractional Delay Approximation) [8]. 

5. Low pass Fractional Delay Approximation with a smooth transition band obtained using 

low-order spline function [8]. 

 The most popular method used for designing of Fractional delay is Lagrange 

Interpolation i.e. Maximally-Flat FIR Approximation. All the methods mentioned above 

other than Oetken‟s method are applicable for even and odd order of FIR Fractional Delay 

filters. The limitation of Oetken‟s method is that it is only suitable for odd order of FIR 

Fractional Delay Filters. 

 The Fractional Delay FIR filter is designed, then the general form of Nth 

order filter (length L=N+1) is represented based ideal filter response as in Eq.(1.4) as shown 

in Eq. (1.9); 

                                                       𝐻 𝑧 =   (𝑛)𝑧−𝑛𝑁
𝑛=0                                                 (1.9) 
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An error function „ 𝐸 𝑒𝑗𝜔  ‟ is defined as difference between actual and ideal filters at a 

given frequency is expressed as, 

                                                    𝐸 𝑒𝑗𝜔  = 𝐻 𝜔 −  𝐻𝑖𝑑 (𝜔)                                           (1.10) 

Minimizing the error metric is the main criteria involved in designing of frequency domain 

filters. For example, in certain applications a filter is required with zero error at ω=0, a 

squared error integrated over a range of frequencies may be minimized. Different constraints 

on error E (ω) leads to different types of filters. 

 Lagrange interpolators belong to the class of filters called maximally flat 

filters as they have flat magnitude response over particular range of frequency. At zero 

frequency the frequency response of Lagrange interpolator is made identical to idea; 

interpolator. Therefore, the derivative of error function E (ω) is set to zero at that particular 

frequency: 

                                                            
𝑑𝑛 𝐸 𝜔 

𝑑𝜔 𝑛  
𝜔=𝜔0

= 0                                          (1.11) 

for all n=0,1,2… N i.e. the (N+1) linear equations from the above equation are solved to 

obtain N+1 FIR filter coefficients. The solved set equations are generalized as follows, 

                                                                 𝑘𝑛 𝑘 =  𝐷𝑘𝑁
𝑘=0                                            (1.12) 

Where n=0, 1, 2,… N and „D‟ is a real positive integer which indicates the desired time 

delay. On solving these (N+1) equations a closed form of FIR filter representation can be 

resulted as, 

                                          
𝐷−𝑘

𝑛−𝑘

𝑁
𝑘=0,𝑘≠𝑛       for n=0, 1, 2, ……..N                 (1.13) 

Computing the filter taps is very easy i.e. less computational complexity for Lagrange 

interpolators. They also show the flat magnitude response at low frequencies with no ripples 

due to their design criteria. Therefore, Lagrange interpolators exhibit good approximation at 

low frequencies with no ripples.    

1.3.1.2 IIR Approximation of Fractional Delay  

 All pass filters are usually used for Fractional Delay approximation. The 

magnitude response is exactly unity at all frequencies for all pass filters. The design methods 

for IIR Fractional Delay filters are as follows: 

1. Least Squares (LS) phase approximation. 

2. Least Squares phase delay approximation. 

3. Maximally Flat group delay Approximation (Thiran All Pass Filter). 

4. Iterative Weighted Least Square phase error design (enables almost equi-ripple phase 

approximation). 

5. Iterative WLS phase-delay error design (enables almost equiripple phase-delay 

approximation). 
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 Among the above mention design methods for Fractional delay IIR filters, 

Maximally flat Fractional Delay (FD) All pass filter, as it has maximally flat group delay 

response at ω=0. The other property of all pass filters is as the name indicates its magnitude 

response is exactly equal to 1 over the entire frequency band, which makes this filter used for 

approximation of ideal Fractional Delay (FD) „e-jωd‟ Filter [8]. The iterative algorithm is 

required for designing or solving the set of linear equations for all pass FD filters. Maximally 

Flat FD all pass filters are generally in causal forms. If we don‟t assume causal property in 

designing of maximally flat FD filters then there is a possibility of large band widths which 

leads to more memory usage. The easiest and simplest choice of all pass filters is “Thiran All 

Pass Filter”. 

Maximally Flat Fractional Delay Thiran All Pass Filter: 

 In this thesis, Thiran All pass fractional delay filter is used for obtaining the 

fractional delay in Beamforming methods i.e. Elko‟s Beamformer, Wiener Beamformer and 

Maximum SNR Beamformer, Room impulse response and Echo Cancellation using NLMS 

Algorithm. The transfer function of discrete time all-pass filter is represented as: 

       𝐴 𝑧 =  
𝑧−𝑁𝐷(𝑧−1)

𝐷(𝑧)
=  

𝑎𝑁 +𝑎𝑁−1𝑧−1+ …+ 𝑎1𝑧−(𝑁−1)+ 𝑍−𝑁

1+ 𝑎1𝑧−1+ …+ 𝑎𝑁−1𝑍−(𝑁−1)+ 𝑎𝑁𝑍−𝑁    (1.14) 

Where N is the order of the filter and 𝑎𝑘  for k=1, 2, … ,N are the real filter coefficients. For 

a maximally flat fractional delay D the real valued filter coefficients 𝑎𝑘  can be designed 

using the closed formula for Thiran all pass filters is represented as below,                                                                       

                 𝑎𝑘 = (−1)𝑘  
𝑁
𝑘

  
𝐷−𝑁+𝑛

𝐷−𝑁+𝑘+𝑛
𝑁
𝑛=0     For all k= 0, 1, 2, … , N                  (1.15) 

Where 

                                                  
𝑁
𝑘

 =  
𝑁!

𝑘!(𝑁−𝑘)!
                                   (1.16) 

Specifies the kthbinomial co-efficient. Where, D is the real valued delay parameter. Here, D 

= N + d as „d‟ is the fractional part. In this thesis, „D‟ denotes the group delay produced at 

low frequencies. 

 The Thiran all pass IIR FD filter is chosen because it has maximally flat unity 

response at all frequencies and also has the capability of calculating small delays. FIR FD 

filters can calculate small delays but the quality of the signal becomes low. For this reason, 

the Thiran all IIR FD filters are mainly used for calculating very small delays. Thiran All 

pass filters are similar to Lagrange interpolators i.e. FIR FD filters as they have maximally 

flat approximation at 0 Hertz or ω=0. When D>N-1 the Thiran all pass IIR FD filters are 

stable where there are inherent delays in good quality FD filters and the roots of the 

denominator(poles) are within the unit circle in the complex plane. The filter is stable in the 

range N-1 < D < N in which the poles lie within the unit circle and the numerator is mirrored 
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version of the denominator, the zeros lie outside the unit circle. Therefore, the angles of 

poles and zeros are the same, but radii are inverse of each other. Hence, the amplitude 

response of the filter is flat which is represented as; 

                              𝐴 𝑒−𝑗𝜔   =   
𝑒−𝑗𝜔𝑁 𝐷 (𝑒−𝑗𝜔 )

𝐷 (𝑒 𝑗𝜔 )
 = 1                           (1.17) 

 The Thiran all-pole filter can be used for obtaining small delays in which the low 

pass magnitude response is uncontrolled. The optimal range of „D‟ is taken between N-0.5 to 

N+0.5 [10].For example, the group delay response with the order number N= 20 is as shown 

in Figure 1.6. The group delays are sampled at D = N-0.5 and stopped at D = N+0.5. 

Therefore, the group delay response in Figure 1.6 is made between 19.5 and 20.5 samples. 

 

Figure 1.6: The group delay of N=20, Thiran Maximally flat Fractional Delay All pass filter 

1.4 Acoustic Arrays 

 An acoustic sensor array consists of set of acoustic sensors placed at different 

locations in order to receive a signal carried by propagating waves [4]. Sensor arrays are the 

spatially sampled versions of the continuous sensors. This indicates that the fundamentals of 

array sensors can be derived from continuous sensors by means of sampling theory. 
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1.4.1 Continuous Aperture 

 Continuous aperture is the area over which signal energy is gathered. The 

continuous aperture is associated with two important parameters; directivity pattern and 

aperture function. 

a) Aperture Function: Aperture function defines the response of the spatial position along 

the aperture to a propagating wave. This is denoted as w(r) which takes values between zero 

and one inside the region where the sensor integrates the field and is null outside the aperture 

area [4]. 

b) Directivity Pattern: Directivity pattern or aperture smoothing function [4], corresponds 

to the aperture response as a function of direction of arrival. It is related to the aperture 

function by the three dimensional Fourier transform as follows [4], 

                                                𝑊 𝑓, 𝛼 =   𝑤 𝑟 𝑒𝑗2𝜋𝛼𝑇𝑟𝑑𝑟
+∞

−∞
                                      (1.18) 

Where the direction vector α = [𝛼𝑥 , 𝛼𝑦 , 𝛼𝑧]T = k/2π. 

c) Linear Aperture: A linear aperture of length L along the x-axis centered at the origin 

centered at the origin of the co-ordinates, the directivity pattern can be simplified to [4], 

                                              𝑊 𝑓, 𝛼 =   𝑤(𝑥)𝑒𝑗2𝜋𝛼𝑥𝑥𝑑𝑥
𝐿/2

−𝐿/2
                                       (1.19) 

The uniform aperture function is defined as, 

                                                  𝑤 𝑥 =  
1 𝑤𝑒𝑛  𝑥  ≤ 𝐿/2,

0 𝑤𝑒𝑛  𝑥 > 𝐿/2,
                                           (1.20) 

The resulting directivity pattern is expressed by 

                                                  𝑊 𝑓, 𝛼𝑥 = 𝐿𝑠𝑖𝑛𝑐 𝛼𝑥𝐿                                                  (1.21) 

 

Figure 1.7.The directivity pattern of linear aperture 

 The directivity pattern corresponding to the above mentioned aperture 

function is illustrated in Figure 1.7. From the Figure 1.6 it is observed that the zeros exist at 

αx = mλ/L and the beam-width of the main lobe is 2λ/L=2c/fL. Therefore for fixed aperture 
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length the main lobe is wider for lower frequencies. The polar plot for the horizontal 

directivity pattern i.e. ϕ = π/2 is shown in figure 1.8. 

 

Figure 1.8 Polar plot of the directivity pattern of linear aperture as a function of the horizontal 

direction θ, with L/λ = 2 (left) and L/λ = 6 (right).  

It can be seen clearly that for higher frequency i.e. L/λ larger value the main beam is 

narrower. 

 

Figure 1.9: Spatial Aliasing: Polar plot of the directivity pattern of a linear sensor array with four 

elements, as a function of horizontal direction θ; with a critical spatial sampling, d = λ/2 (left) and 

with aliasing effects for d = λ (right). 

1.4.2 Linear Sensor Array 

 A linear sensor array is defined as finite number of discrete points. The far-

field horizontal directivity pattern for a linear array with I identical equally spaced sensors is 

represented by, 
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                                                    𝑊 𝑓, 𝜃 =   𝑤𝑖𝑒
𝑗

2𝜋𝑓

𝑐
𝑖𝑑𝑐𝑜𝑠𝜃𝐼

𝑖=1                                      (1.22) 

Where wi is the complex weighing vector for element I and d is the distance between 

adjacent sensors. In equally weighted sensors, wi= 1/I for different values of I and d as the 

number of sensors increases which results in lower side lobes [4]. In the other case, for fixed 

number of sensors beam-width of the main lobe is inversely proportional to the distance 

between the sensors [4]. 

a) Spatial Aliasing: Spatial Sampling has the possibility of aliasing which is analogous to 

the temporal sampling of continuous-time signals [4]. Therefore, spatial aliasing results 

spurious lobes in directivity pattern and these lobes are called as grating lobes as shown in 

figure 1.9. The criteria to avoid spatial aliasing, it has to satisfy the spatial sampling theorem 

represented as, 

                                                              𝑑 <
𝜆𝑚𝑖𝑛

2
                                                   (1.23) 

where λmin is the minimum wavelength in the propagating signal. Therefore, the critical 

spacing distance required for propagating signals within the telephone bandwidth (300-3400 

Hz) is d = 5 cm in order to avoid spatial aliasing. 
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2. ROOM REVERBERATION 

2.1 Introduction 

 In various hands free speech communication systems such as digital hearing 

aids, voice controlled systems and hands-free mobile telephones. In hearing aids, the main 

benefit of hearing aids applications is to increase the hearing capacity and also make the 

hearing-aid user to interact with other people [11]. In Voice controlled systems, for example 

if we consider an operating room, where surgeons and nurses move freely around the patient. 

In hands free mobile telephones the benefit is to make user move freely without wearing 

headset or microphone which is communicated through air. In the above mentioned 

applications, the acoustic source can be positioned at an optimum distance from the 

microphone as shown in the figure 2.1. The desired speech source produces the speech wave 

in which some of the waves reach directly to microphone and some waves undergo 

reflections to reach the microphone. The direct sound wave is affected by reverberation, 

background noise and other interferences.  

 

Figure 2.1: Illustration of desired source, microphone and interfering sources. 

 In order to compensate the degradations such as reverberation, background 

noise and other interferences in many hands-free speech communication systems acoustic 

signal processing techniques have to be designed. Room Reverberation mainly degrades the 

speech intelligibility and quality in hands free speech communication systems. In this 

chapter, the main concentration is on reverberation defined as the multi-path propagation of 

an acoustic sound from the desired source to one or more microphones. Microphone 

transforms the sound wave into electrical signal which is known as transducer. The general 

form that describes an application of acoustic signal processing is shown in the figure 2.2. 
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Here, the sound or anechoic signal from speaker is transmitted over the acoustic channel i.e. 

air medium. This transmitted signal reaches the receiver microphone in addition with 

interference signal. As the transmitted signal is affected by interferences while travelling 

through the channel the received signal is a sum of transmitted signal and interference signal. 

This received degraded signal is passed through the acoustic signal processor where the 

interference is reduced by using suitable technique in order to obtain the transmitted desired 

speech signal. The thick lines indicate the one or more signal and thin lines indicate one 

signal as shown in figure 2.2. 

 

Figure 2.2: An application of acoustic signal processing in order to estimate the desired signal 

 Generally, acoustic signal processing system the desired signal is mainly 

degraded by the acoustic channel within in a enclosed spaces such as office rooms, living 

rooms, conference rooms etc. as because microphone cannot be always placed near the 

desired source. The received microphone signals are normally degraded (i) by reverberation 

due to the multi-path propagation between the desired source and microphone and (ii) by the 

noise introduced by the interfering signal in channel between desired sources to microphone 

[11].  

 The reverberation is dependent on the desired signal where as noise is 

independent of the desired signal. The effects of room reverberation are categorized into two 

different perceptual components: overlap-masking and coloration. The effects of perceptual 

aspects increase with the increase in the distance between source and microphones. And also 

the time of arrival of reflections at microphone, reverberation causes blurring of speech 

phonemes [11]. These detrimental effects seriously degrade the speech intelligibility, the 

performance of hearing aids systems and the performance of speech coding algorithms in 

telephone systems. In this thesis, the main concentration is on reducing these detrimental 

effects on reverberation. In order to reduce the effects of reverberation on acoustic speech 

signal physical properties should be taken into consideration. Therefore, reverberation 

degrades the speech intelligibility and the performance of automatic speech recognition 

systems such as hearing aids, voice controlled systems. It is essential to know how 

reverberation affects the speech intelligibility and quality.  
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2.2 Reverberation in Enclosed Spaces 

 Reverberation is occurred due to the reflections in a closed space such as 

rooms, restaurants, conference halls. In the process of reverberation the desired source 

produces the wave fronts, which propagates away from the source and these wave-fronts 

reflect to the walls of a room and superimpose on microphone [11]. The figure 2.3 shows the 

direct path and the reverberation caused for single reflection from desire source to 

microphone. Each wave-front reaches the microphone with different amplitude and phase 

because of the various lengths of the propagation paths of wave-fronts from source to 

microphone and also due to the amount of sound energy absorbed by walls in the room.  

 The term “Reverberation” defines the delayed and attenuated copies of 

desired source signal in the received signal. Reverberation is a process of multi-path 

propagation of the desired source signal from the source to microphone. The received 

acoustic signal generally consists of the direct sound; reflections arrive shortly after the 

direct sound known as early reverberation and the reflections that arrive after the early 

reverberation known as late reverberation. The early reverberation mainly causes coloration 

of the anechoic speech signal and late reverberation is mainly occurred due to the overlap-

masking effects. 

 

Figure 2.3: Illustration of direct path and single reflection from desired source to microphone 

a) Direct Sound: The first sound reached through the free medium i.e. air without any 

reflection is called the direct sound. If the source is not in line of sight of the user then there 

is no direct sound .The delay between the source and its observation depends on the distance 

and velocity of the sound [11]. 

b) Early Reverberation: The sounds which have undergone reflection to one or more 

surfaces such as walls, floors, furniture are received after a short time. The reflected sounds 

are separated in both time and direction from the direct sound. These reflected sounds 

combine to form a sound component called as early reverberation. Early reverberation 
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provides the details about the size and position of the source in space as it varies when the 

source or microphone moves in the space. As long as the delay of reflections doesn‟t exceed 

the limit 80-100 ms approximately with respect to the arrival time of the direct sound, early 

reverberation is not perceived as separate sound. It is reinforced with respect to the speech 

intelligibility and also to enhance the direct sound known as precedence effect. This effect 

makes the conversations easier in small-room acoustics as the walls, ceiling and floor are 

very close. This reverberation also causes spectral distortion known as coloration [11]. 

c) Late Reverberation: The sound reflections which arrive with larger delays after the 

arrival of the direct sound. These sound reflections are perceived as separate echoes and 

impair speech intelligibility [11]. 

 The channel between source and microphone is known as Acoustic or Room 

Impulse Response (RIR) which is measured at the microphone with respect to the source that 

gives the result as “Sound Impulse” [11]. The room impulse response is categorized into 

three segments, they are: The Direct path, Early Sound Reflections and Late Sound 

Reflections as shown in figure 2.4. These segments are convoluted with the desired signal 

source which results in the direct sound, early reverberation and late reverberation 

respectively. In signal processing perception, early reflections materialize as separate 

delayed impulse in RIR whereas late reflections materialize continuously without any 

separation with the delayed impulses. 

 
Figure 2.4: A Schematic Representation of Room Impulse Response 

2.3 Room Impulse Response (RIR) and Transfer Function 

 The time and space variant RIR “h(r, rs, t, t0)” is defined as the response of the 

channel between the sound source at position „rs‟ and the microphone position at „r‟ at time 

instant „t‟ due to a unit impulse applied at time „t0‟ [11]. The signal at position „r‟ at time„t‟ is 

represented as, 

                            𝑧 𝑟, 𝑡 =     𝑟, 𝑟𝑠 , 𝑡, 𝑡0 𝑠 𝑟𝑠 , 𝑡0 𝑑𝑟𝑠𝑑𝑡0𝑉𝑠

∞

−∞
                             (2.1) 
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Where s(rs,t0) denotes the source signal at position rs, time t0 and Vs denotes the speech source 

volume. The Fourier transform of the RIR at time„t‟ is called the Room Transfer Function 

(RTF) which is represented as H(r, rs, t; ω) where ω denotes the angular frequency. 

 The Room Transfer function (RTF) in this thesis is required in order to find 

the relation between the speech signal and microphone. The Room Transfer Function is the 

frequency domain representation of the room impulse response. The RTF defines the 

frequency response of the concerned environment which gives the relation between the 

desired speech source and the microphone [11]. This function is mainly used to describe the 

channel present between the desired speech source and the microphone. In reverberant room 

environments the Transfer function is a random function which cannot be predicted without 

the knowledge of geometric parameters i.e. dimensions of the room and acoustic parameters 

of the considered room environment. Therefore, in order to find the transfer function of a 

reverberant environment various room acoustic models have been developed. One of the 

popular methods used for reverberant environments is Image-source model. It is too complex 

to model real reverberant environments because of the several parameters. These parameters 

changes frequently which is very difficult to measure. Therefore, Statistical room Acoustics 

is often used where Room impulse response (RIR) and its transfer function are generated and 

calculated by considering some key parameters; source-microphone distance and 

reverberation time. Source-microphone distance is considered in this thesis, to generate 

Room Impulse response and Room Transfer Function. The room impulse response from 

speech source to microphone can be obtained by solving the wave equation [14].  

 There are three main modeling methods for simulating room acoustics which 

are illustrated in figure 2.5.They are: wave-based, ray-based and statistical methods. The ray-

based methods such as ray-tracing and image-source methods are used frequently. 

 

Figure 2.5: Room impulse response generation methods  
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 The wave-based methods are computational more demanding in real-time 

auralization. Statistical modeling method, such as statistical energy analysis (SEA) is 

frequently used in aerospace, ships and automotive industry for high frequency noise 

analysis and acoustic designs.  

 The ray- based methods are based on geometrical room acoustics. The main 

difference between ray tracing and image methods is the procedure the reflection paths are 

calculated. The image method is restricted to the geometries that are formed by planer 

surfaces whereas ray-tracing method is applicable to the geometries with arbitrary surfaces 

and also Image method has the capability of finding all the rays that undergo reflection 

whereas ray-tracing method doesn‟t have that property. So, therefore image source method is 

chosen in order to find the reverberation in a room. 

2.4 Image Source Method  

 In this thesis, basic room impulse response (RIR) is generated using Image-

Source model. Image-Source Model (ISM) is a popular method that is used to generate basic 

room impulse response (RIR) i.e. a transfer function between a desired sound source and a 

microphone which is an example of acoustic sensor in closed environments such as 

conference rooms, restaurants and halls. In this context of work, the reverberation in a room 

is simulated for a given speech signal and microphone location.  

 This acoustic sensor has the capability of transforming the sound wave into 

the electrical signal so it is called as acoustic sensor. If the Room impulse response (RIR) is 

generated it can be convolved with the desired source signal in order to get the sample of 

audio data which is considered as the realistic sample of the desired sound signal that can be 

effectively recorded at the microphone in the specific environments i.e. Conference Rooms, 

Halls, Restaurants, Industries, etc. This image-source model (ISM) method is used in 

different areas of applications such as room acoustics and signal Processing.  

2.4.1 Allen and Berkley Method 

 Allen and Berkley were first researchers to implement complete Image-

Source Model (ISM) technique and this implementation was used by many other researchers. 

This implementation suffer from many drawbacks such as, the Room impulse response is 

shown in the form of histogram where the impulses are generated at the receiver by 

considering all image sources because the histogram corresponds to the discrete values of 

time and the time-delay of each image source is rounded-off to the nearest bin centre value. 

This drawback may not effect in applications of room acoustics but in some applications that 

depend on the time-delay between waveforms received at multiple sensors i.e. microphone 

array applications. The other drawback is that the histogram of image-source impulses 

doesn‟t appear as real acoustic transfer function [15]. Allen and Berkley tried to solve the 
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above issue by high-pass filtering the histogram, which has the property of transforming the 

Dirac delta impulse into the sinc-like function. 

 In this thesis, in order to eliminate the drawback of rounding off the time 

delay to the nearest center value, fractional delay filters are used which is proposed by 

Peterson. Here each image source is implemented as the truncated fractional-delay filter. 

Here, IIR fractional delay filter is used known as Thiran All pass filter which is discussed in 

detail in chapter 1. Thiran all pass filter is the simplest of all the IIR fractional Delay and 

easy to implement. By using these fractional delay filters, each image source is effectively 

represented with exact non-integer time delays and Room Transfer Function obtained in 

frequency domain and the Inverse Fourier transform in time domain also gives the same 

result [15].The Allen and Berkley image-source method is as follows: 

2.4.1.1 Image Model 

  

 

Figure 2.6: Path involving one reflection obtained with one image source 

 

Figure 2.7: Path involving two reflection paths obtained using two images 

 The figure 2.6 shows the path involving one reflection obtained using one 

image source. This image source „S‟ is located near rigid reflecting wall, Destination „D‟ 

receives two signals; one from direct path and other from the reflected path. The path length 

is calculated directly from the known locations of source and microphone. The other image 
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source S' located behind the wall at a distance equal to the source S from the wall. The 

triangle SRS' is isosceles because of the symmetry, therefore the path SR+RD = S'D. Hence, 

the distance between the destination and image for image source in order to compute the path 

length of the reflected path. Therefore, the fact is that there will be only one reflected path 

for one image source. 

 If two image sources are considered then the length of the reflected path is 

computed same as that of one image source which results as S''D. The path involving two 

reflected paths is as shown in figure 2.7.Therefore, the paths or delays of reflection can be 

obtained by computing the distance between the source image and destination. 

2.4.1.2 Image Method 

 In this method, a rectangular room is assumed with dimensions length, width 

and height denoted as Lx, Ly and Lz. The sound source is located at a position which is 

represented by a vector rs= [xs; ys; zs] and assume that the microphone is located at position 

represented by a vector r=[x; y; z]. These both vectors are positioned with respect to origin 

which is located at one of the corners of the room. The relative positions of the images 

measured with respect to the receiver position at origin with walls at x=0, y=0 and z=0 can 

be represented as:  

                                𝑅𝑝 = [ 1 − 2𝑞 𝑥𝑠 − 𝑥;  1 − 2𝑗 𝑦𝑠 − 𝑦;  1 − 2𝑘 𝑧𝑠 − 𝑧]                  (2.2) 

P = (q; j; k) the three elements of „P‟ can take only binary values 0 or 1 which results in eight 

different combinations that specify a set P i.e. P = {(q; j; k): q, j, k ϵ {0,1}}. If „P‟ is 1 in any 

dimension then the image of the source in that direction is considered [14]. Note that some of 

these images correspond to the higher order reflections. To consider all levels of images, the 

vector Rm is added to Rp where Rm is expressed as, 

                                               𝑅𝑚 = [2𝑚𝑥𝐿𝑥 ; 2𝑚𝑦𝐿𝑦 ; 2𝑚𝑧𝐿𝑧]                                           (2.3) 

Where mx, my, mz are integer values and the elements in m = (mx; my; mz) takes the values 

between –N to +N. 

  

Figure 2.8: One-Dimensional Source and Microphone Position 

The distance to the ith
 virtual source in x-direction is given by; 

                                            𝑥𝑖 = (−1)𝑖𝑥𝑠 +  𝑖 +
1−(−1)𝑖

2
 𝑥𝑟 − 𝑥𝑚                                     (2.4)                      

Similarly, the distance to the jth virtual source in y-direction and z-direction is represented as; 

                                            𝑦𝑗 = (−1)𝑗 𝑦𝑠 +  𝑗 +
1−(−1)𝑗

2
 𝑦𝑟 − 𝑦𝑚                                     (2.5)     
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                                                𝑧𝑘 = (−1)𝑘𝑧𝑠 +  𝑘 +
1−(−1)𝑘

2
 𝑧𝑟 − 𝑧𝑚                               (2.6) 

The distance to the virtual source located at position (i, j, k) is represented as; 

                                                      𝑑𝑖𝑗𝑘 =  𝑥𝑖
2 + 𝑦𝑗

2 + 𝑧𝑘
2                                                  (2.7) 

For further details in this method please refer [22].                                    

 In this thesis, the room impulse response is generated and its transfer function 

is also computed in Mat Lab. The speech is reverberated in different environments such as 

Restaurants, Industries, Conference rooms and rectangular rooms with large dimensions. The 

pure speech signal is degraded with reverberation. Allen and Berkley image source method 

is used for room impulse response generation with slight modification in delay. Instead of 

discrete time delays, Thiran All Pass IIR Fractional Delay Filter is used in order to have 

exact non-integer delays which results sinc function i.e. continuous time. 
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3. SPEECH ENHANCEMENT TECHNIQUES 

3.1. Beamforming Methods 

3.1.1. Microphone Arrays 

 Spatially propagating signals encounter the presence of interfering and noise 

signals. If the desired signal and noise are present in the same temporal frequency band, then 

the signals cannot be separated from interference signals using temporal filtering. Generally, 

the desired and interfering signal arrive from different spatial locations. Therefore, spatial 

filtering can be applied to these signals in order to separate the desired signal from the 

interference using a microphone array known as beamformer. A beamformer is an array of 

sensors in a particular configuration [16] where the output of each sensor is filtered and these 

filtered outputs of all sensors are added finally. Hence, a beamformer linearly combines the 

spatially sampled waveform of each sensor analogous to the FIR filter which combines 

temporally sampled data. The advantages using array of sensors are: They can obtain a much 

larger spatial aperture than the practical single physical antenna in case of low frequencies 

and the other advantage is the spatial filtering adaptability offered by discrete sampling. In 

order to completely suppress the interfering signal, the spatial filtering function is changed in 

real time applications but, it is impractical in case of continuous aperture antennas. The 

Beamforming is mainly used in the application areas such as RADAR, SONAR, Hands-free 

speech communication, image processing, biomedical and acoustic source localization. 

 Microphone arrays have the capability of spatially sampling the sound 

pressure field. These, microphone arrays are combined with spatio-temporal filtering known 

as Beamforming. The main objective of Beamforming is to estimate the signal arriving from 

the desired direction in presence of noise and other interfering signals [16]. Therefore, 

Beamforming can separate two signals with overlapping frequency content arriving from 

different directions. Microphone arrays seems to be the most promising noise reduction 

technique for solving the problem of reducing background noise and reverberation in hands-

free speech environment. 

 Beamformers are classified into two categories: 1) data independent and 

statistically optimum. The data independent beamformer doesn‟t depend on the array data 

and are chosen to obtain a required response of all signal and interference signals. The 

weights in data independent beamformer are designed such that the beamformer response 

approximates the desired response independent of array data or data statistics [16]. The 

principle involved in designing these types of beamformers is same as that of classical FIR 

filter design. Delay and Sum Beamformer is one of the examples of Data Independent 
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Beamformers. 2) In statistically optimum beamformer the weights are chosen based on the 

statistics of array data in order to reach the optimized array response. The behavior of array 

data is unknown and changes continuously over time which results that the adaptive 

algorithms are best suitable for determining the weights. This adaptive beamformer is 

designed in such a way that it converges to optimum solution in non-stationary 

environments. In hands-free speech communication, the main objective is to optimize the 

beamformer response in order to minimize the unwanted sound signals present in output 

signal which arrive from directions other than the desired direction. The optimal 

beamformers are used to produce the best estimate of the desired output signal based on error 

criteria. The optimal beamformers are the special case of adaptive beamformers. Maximum 

Signal-to-Noise-Interference Ratio Beamformer (SNIR), Frost Beamformer are the examples 

of statistically optimum Beamformers. In this thesis, Maximum Signal-to-Noise-Interference 

(SNIR) Beamformer is used for comparative purposes as it produces the optimum signal to 

noise interference for a given array structure and acoustic environment. 

 The adaptive Beamforming techniques adaptively filter the received array 

output in order to pass the desired signal arriving from desired direction and suppress the 

unwanted noisy signals arriving from other directions [1]. This adaptive Beamforming is 

achieved by combining the data independent beamformer with adaptive algorithms. 

Therefore, LMS-based Beamforming approach focuses on minimizing the mean square error 

between the reference signal which resembles the same as that of the desired signal and the 

output signal [1]. This algorithm doesn‟t depend on the spatial characteristics; it is only 

concerned about obtaining the reference signal with a good correlation to the desired signal. 

Hence, the main objective of LMS algorithm is only to minimize the mean-square error 

based on instantaneous correlation measures but, not on the distortion of the signal. This 

leads to the degradation of the desired signal in highly noise environments. Due to this 

limitation, a constraint on the adaptive filter weights based on complete knowledge of source 

position in order to reduce the noise in the direction of desired signal. Generalized Side lobe 

Canceller (GSC) , Linearly Constrained Minimum Variance(LCMV) Beamformer are some 

of the examples of these type of Beamformers.  

 In this thesis, Wiener Beamformer and Elko‟s Beamformer are implemented 

for speech enhancement in hands-free speech communication environment. These 

beamformers are used for reduction of background noise in the acoustic environment as the 

user is at a distance from microphone, it captures the background noise and interference due 

to the hands-free loudspeaker i.e. echo along with the desired signal. In Wiener Beamformer, 

Correlation matrices for Signal and noise are calculated and then optimum weights are 

calculated. Elko‟s Beamformer is also implemented in which the Normalized LMS algorithm 

is used for minimizing the error as well as to obtain high correlation between the reference 
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signal and desired signal in an acoustic environment. Therefore, the performance of each 

beamformer is measured based on two parameters such as Signal-to-Noise Ratio (SNR) and 

Speech Distortion (SD). 

3.1.2. Elko’s Beamformer 

 The basic problem in acoustic transduction for hands-free speech 

communication systems is the detrimental effect of background noise and also the 

reverberation that can seriously degrade the microphone reception speech signals. Therefore, 

the directional microphone arrays have the capability of solving both the problems. One of 

the most popular microphones designed for personal communicators and teleconferencing is 

the differential microphone array [17]. In these types of arrays, sensors are spaced very 

closely compared to the acoustic wavelength. In order to find the direction, the microphone 

elements are placed in alternating sine fashion. Therefore, it appears as a differential array 

due to the closed-spacing between the microphone elements. This differential microphone is 

super-directional as the directivity is higher than that of the uniformly summed output of all 

the sensor elements. The optimal directional microphone is designed under the assumption 

that the acoustic reverberation or noise fields are isotropic. In real acoustic noise fields it 

never reaches the theoretical assumption. Therefore, solution to the above problem is that to 

design an adaptive differential microphone system that results the directivity pattern which 

maximizes the signal-to-noise ratio. Differential array sensors were not taken into attention 

as that of normal directional array sensors because the super-directional arrays are extremely 

difficult to realize practically. The Differential sensor array can be easily realized if the 

differential order of the sensor is limited to first or second. Therefore, the adaptive 

differential microphone array is designed and implemented that minimizes the microphone 

output power under the constraint that the first order microphone null is located in the rear- 

half plane. Hence, the solution may not maximize the signal-to-noise ratio but, it 

significantly improves the signal-to-noise ratio (SNR) in some acoustic environments. 

 Therefore, adaptive differential microphone array has been implemented by 

combining two omnidirectional microphones to form back-to-back cardiod directional 

microphones [17]. By combining, the weighted subtraction of these two outputs first-order 

array can be realized. The null location can be constrained to defined angular regions and 

also some constraints can be placed on combination weighting [17]. 

3.1.2.1. Derivative of Adaptive First-Order Array 

 The plane-wave signal s(t) with spectrum S(ω) and wave vector k incident on 

a two-element array with displacement vector d as shown in figure 3.1, the output can be 

represented as [17], 

                                    𝑌 𝜔 =  𝑆 𝜔  1 –  𝑒−𝑗 𝜔𝑇+𝑘 .𝑑                        (3.1) 
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Figure 3.1: A first-order sensor composed of two zero-order sensors and a delay. 

                           𝑌 𝜔 =  𝑆 𝜔  1 –  𝑒−𝑗𝜔 [𝑇+(𝑑𝑐𝑜𝑠𝜃 )/𝑐]                              (3.2) 

Where d is the inter-element spacing, T is equal to the delay applied to the signal from one 

sensor and substituting |k| = k = ω/c where c is the speed of sound. By taking the magnitude 

of equation 3.2 it results as, 

                                       𝑌(𝜔, 𝜃) = 2  𝑆 𝜔 𝑠𝑖𝑛
𝜔 [𝑇+(𝑑𝑐𝑜𝑠𝜃 )/𝑐]

2
                                 (3.3) 

If we assume a small spacing and a delay (kd<<  π and ωT<< π) 

                                        𝑌(𝜔, 𝜃)  ≈ 𝜔 𝑆 𝜔 [𝑇 + (𝑑𝑐𝑜𝑠𝜃)/𝑐]                            (3.4) 

The first-order differential array has a monopole term and a first-order dipole term cos θ 

which resolves the component of the acoustic particle velocity along the sensor axis. From 

the Eq. 3.4 it is observed that the first-order array has first-order differentiator frequency 

dependence i.e. increases linearly with frequency. This frequency dependence is easily 

implemented practically by using a low pass filter and the term in brackets in Eq. 3.4 is the 

array directional response [17]. 

 The general first-order differential microphone is implemented using a scalar 

combination of two back-to-back cardiod microphones. The back-to-back cardiod 

arrangement can easily be implemented as shown in figure 3.2.  The low pass filter following 

the output y(t) is used to compensate the differentiator response of the differential 

microphone as shown in figure 3.2. Back-to-back cardiod microphone outputs can be formed 

by setting the sampling period to d/c. The directivity pattern of back-to-back cardiod 

arrangement is shown in figure 3.3 [17]. 
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 By testing Figure 3.2 and Eq. 3.1 and the sampling period T = d/c, the 

expressions for forward facing cardiod CF and the backward facing cardiod CB are by 

assuming that the spatial origin is placed at array center [17]:    

                                     𝐶𝐹(𝜔, 𝜃) = 2𝑗 𝑆 𝜔 𝑒−𝑗𝜔𝑇 /2𝑠𝑖𝑛
𝑘𝑑 (1 + cos 𝜃)

2
                         (3.5) 

Figure 3.2 Schematic implementation of Adaptive first-order differential microphone using the 

combination of forward and backward facing cardiods. 

and, 

                             𝐶𝐵 𝜔, 𝜃 = 2𝑗 𝑆 𝜔 𝑒−𝑗𝜔𝑇 /2 𝑠𝑖𝑛
𝑘𝑑 (1−𝑐𝑜𝑠𝜃 )

2
                           (3.6) 

Normalizing the output signal by the input spectrum S(ω) results in, 

                
𝑌(𝜔 ,𝜃)

𝑆(𝜔)
 = 2  𝑠𝑖𝑛

𝑘𝑑 (1+𝑐𝑜𝑠𝜃 )

2
−  𝛽𝑠𝑖𝑛

𝑘𝑑 (1−𝑐𝑜𝑠𝜃

2
             (3.7) 

3.1.2.2 Optimum β  

 The optimum value of β is defined as the value of β which minimizes the 

mean-square error of the sensor output. The time-domain representation of the back-to-back 

cardiod from the figure 3.2 is given by, 

                                                 𝑦 𝑡 =  𝐶𝐹 𝑡 −  𝛽 𝐶𝐵(𝑡)                                        (3.8) 

The mean square error is obtained as, 

                                𝐸 𝑦2 𝑡  =  𝑅𝐶𝐹𝐶𝐹
 0 −  2𝛽𝑅𝐶𝐹𝐶𝐵

 0 +  𝛽2𝑅𝐶𝐵𝐶𝐵
(0)            (3.9) 

Where, 𝑅𝐶𝐹𝐶𝐹
 0  and 𝑅𝐶𝐵𝐶𝐵

(0) are the powers of front and back cardiod signals and 

𝑅𝐶𝐹𝐶𝐵
 0  is the cross power between front and back cardiod signals. From the Eq. 3.9 it is 

observed that the output power 𝐸 𝑦2 𝑡   is a quadratic equation of variable β it is expected 

to have only one minimum. The minimum value can be found by taking the derivative of Eq. 

3.9 with respect to β and setting the result to zero. The result is, 
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                                                𝛽𝑜𝑝𝑡 =  
𝑅𝐶𝐹𝐶𝐵

 0 

𝑅𝐶𝐵𝐶𝐵
(0)

                                             (3.10) 

The value of βopt is minimum as the second derivative with respect to β is positive and it has 

same sign as that of autocorrelation function at zero lag. The Eq. 3.10 represents the 

optimum wiener filter for a filter of length one [17]. 

3.1.2.3. NLMS based Adaptive First-Order Differential Microphone 

 The LMS or Stochastic Gradient Algorithm is commonly used adaptive 

algorithm due to its simplicity and ease of implementation [17]. The LMS algorithm for the 

back-to-back cardiod adaptive first-order differential array and the corresponding out is 

given by; 

                                                              𝑦 𝑡 =  𝐶𝐹 𝑡 −  𝛽 𝐶𝐵(𝑡)                                    (3.11) 

Squaring Eq. 3.11 results as; 

                                            𝑦2 𝑡 =  𝐶𝐹
2 𝑡 −  2𝛽𝐶𝐹 𝑡 𝐶𝐵 𝑡 +  𝛽2 𝐶𝐵(𝑡)                    (3.12) 

The LMS algorithm gives a minimum of error surface 𝐸 𝑦2 𝑡   by getting into the opposite 

direction of the gradient of the surface with respect to the weight parameter β [17]. The 

steepest descent update equation is represented as, 

                                                𝛽𝑡+1 =  𝛽𝑡 −  𝜇 
𝑑𝐸 [𝑦2(𝑡)]

𝑑𝛽
                               (3.13) 

Where μ is the update step-size and the differential gives the gradient of the error 

surface 𝐸[𝑦2(𝑡)] with respect to β [17]. The minimize the mean of 𝑦2 𝑡  by applying 

differentiation results in; 

                                             
𝑑𝑦2(𝑡)

𝑑𝛽
 =  −2𝐶𝐹 𝑡 𝐶𝐵 𝑡 +  2𝛽 𝐶𝐵

2(𝑡)                      (3.14) 

                                                             =  −2𝑦 𝑡 𝐶𝐵(𝑡)                                                   (3.15) 

The LMS update equation is resulted as, 

                                                             𝛽𝑡+1 =  𝛽𝑡 +  2𝜇𝑦(𝑡)𝐶𝐵(𝑡)                                  (3.16) 

The LMS algorithm is modified slightly by normalizing the update size so that the 

convergence μ is independent of input power. The Update equation for Normalized μ using 

LMS adaptive algorithm is given by, 

                                                       𝛽𝑡+1 =  𝛽𝑡 +  2𝜇𝑦(𝑡)
𝐶𝐵 (𝑡)

<𝐶𝐵
2(𝑡)>

                           (3.17) 

Here, the brackets i.e. <> indicates time average. 

 In this thesis, the Elko‟s Beamforming is implemented for two microphones 

using Normalized LMS adaptive algorithm in which a differentiator is used. The two 

microphone outputs are subtracted and passed through low pass filter which acts like 

differentiator which satisfies the name as adaptive first order differential microphone array. 

For detailed study about these beamformer refer [20]. 
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3.1.3. Optimal Beamformers 

 Optimal beamformer consists of set of microphones placed at different 

locations in order to sample the sound pressure field. These beamformers focus on 

minimizing the mean-square error between a reference signal which is highly correlated with 

the desired signal i.e. speech signal and the output signal. These beamformers mainly 

concentrate on obtaining the reference speech signal with a good correlation to the desired 

speech signal but doesn‟t keep constraint on distortion of the signal [1]. This degraded signal 

in high noise field environments can be enhanced by considering a limitation on the filter 

weights based on the knowledge of the source position in order to restrict the path of the 

desired speech signal. These filter weights are calculated and the optimization is measured 

based on the powers of signal and noise signals i.e. Signal-to-noise ratio (SNR).  

 The optimal beamformer is designed based on the power criteria by taking the 

observed microphone signals which consists of speech signal and noise signal. These 

beamformers optimizes the array output by adjusting the weights at output which contains 

minimum contributions from noise and interference. The optimum weights and Signal-to-

Noise Ratio (SNR) are generated and calculated by considering the numerical methods to 

solve the generalized eigenvector problem. In the reverberant noise field environments 

assumptions, based on the type of environments the optimization procedure simplifies and 

closed form solution is obtained based on the existence of matrix inversion. The knowledge 

of signal source location is the basic aspect in finding the closed form solution for optimum 

beamformer.  

 In this context, we are dealing with study of optimal beamformers such as 

Wiener Beamformer and Maximum Signal-to-Noise Ratio (SNR) in time-domain. The 

optimum beamformers results a closed form solution if the reference signal is continuously 

accessible which is considered as serious constraint. In this case, the performance of each 

beamformer is mainly based on SNR, Speech Distortion (SD), Noise Distortion (ND) and 

PESQ. In this thesis, the output  of the beamformer is obtained based on various parameters 

such as number of microphones, distance between the microphones (D), the speech source 

and noise positions i.e. angles at which they are placed from microphone. 

 Generally, received microphone speech signal in case of wide-band signal we 

need a beamformer that can delay a range of frequencies. This delay can be achieved by 

using digital linear filters at each microphone signal. The process of making the speech 

signal to pass from location of speaker and attenuating the signals arriving from other 

locations is known as broadband Beamforming. In this context, we are using broadband 

Beamforming in case of wiener beamformer and maximum SNR beamformer. 
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 The generalized structure of linear Finite impulse response Beamformer is as 

as shown in Figure 3.3 with I channels. The output of the beamformer is given by, 

                                               𝑦 𝑛 =    𝑤𝑖 𝑗 𝑥𝑖 𝑛 − 𝑗 𝐿−1
𝑗 =0

𝐼
𝑖=0                                       (3.18) 

Where L-1 is the order of the All pass Thiran fractional delay IIR filter and 𝑤𝑖[𝑗], j = 0, 1, … 

, L-1 are the IIR filter taps of the channel number i and 𝑥𝑖 𝑛 are the digitally sampled signals 

of microphone observations and 𝑦[𝑛] is the output of the beamformer. 

 The pure speech signal component is represented as s[n], the noise source is 

represented as v[n]. The output of the microphone x[n] is a mixture of speech signal s[n] and 

noise component v[n] is given to the optimal beamformer in order to obtain the pure speech 

signal while attenuating the noise sources and disturbing components at the microphone in 

hands-free speech communication. Here, the beamformer is designed in such a way that the 

speech and noise sources are situated at different positions. The output of ith microphone is 

represented as; 

                                                        𝑥𝑖 𝑛 =  𝑠𝑖 𝑛 +  𝑣𝑖[𝑛]                                              (3.19) 

Here, 𝑠𝑖 𝑛  and 𝑣𝑖 𝑛  are the i
th 

microphone observations of the signals. We design the filters 

𝑤𝑖[𝑗] in such a way that the output of the beamformer 𝑦[𝑛] resembles the pure speech signal 

component 𝑠[𝑛] while the disturbing components 𝑣[𝑛] are attenuated or cancelled. By 

inserting the designed beamformer model into equation 3.18, it leads to the following form; 

                                        
𝑚𝑎𝑥[𝑦 𝑛  ≅ 𝑠[𝑛]]

𝑚𝑖𝑛   𝑤𝑖[𝑗]  𝑣𝑖[𝑛 − 𝑗]𝐷
𝑑=1  𝐿−1

𝑗 =0
𝐼
𝑖=1  

                        (3.20) 

Where, [𝑦 𝑛  ≅ 𝑠[𝑛]]is referred as the measure of resemblance between the output of  

the beamformer and the pure speech signal. In this thesis, we measure the resemblance by 

considering the metrics such as Signal-to-Noise Ratio (SNR), Speech Distortion (SD) , Noise 

Distortion (ND) and Perceptual Signal Quality (PESQ).  

 

Figure 3.3: I-Channel Beamformer Model 
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 As we know that the SNR is measured based on the power criteria, the power 

of beamformer output if only signal s[n] is active and it is represented by autocorrelation 

function with zero lag i.e. 𝑟𝑦𝑠𝑦𝑠
 0  as [2]; 

            𝑟𝑦𝑠𝑦𝑠
 0 =  𝐸 𝑦𝑠 𝑛 𝑦𝑠

∗[𝑛] =      𝑤𝑖 𝑘 𝑤𝑗
∗ 𝑙 𝐿−1

𝑙=0
𝐿−1
𝑘=0 𝑟𝑠𝑖𝑠𝑗

 𝑘 − 𝑙 𝐼
𝑗 =1

𝐼
𝑖=0        (3.21) 

Where * indicates conjugation and 𝑟𝑠𝑖𝑠𝑗
[𝑘 − 𝑙] defines the cross-correlation between the 

microphone observations i and j when only the signal of interest 𝑠[𝑛] is active and this 

expression can be generalized in the form of matrix notation as shown below [2]; 

                                                          𝑟𝑦𝑠𝑦𝑠
 0 =  𝑤𝐻𝑅𝑠𝑠𝑤                                                 (3.22) 

Where H denotes the Hermitian Transpose and 𝑅𝑠𝑠  is Source Correlation Matrix which is 

defined as;  

                                                      𝑅𝑠𝑠 =   

𝑅𝑠1𝑠1
⋯ 𝑅𝑠1𝑠𝐼

⋮ ⋱ ⋮
𝑅𝑠𝐼𝑠1

⋯ 𝑅𝑠𝐼𝑠𝐼

                                            (3.23) 

Where  

                                           𝑅𝑠𝑖𝑠𝑗
=   

𝑟𝑠𝑖𝑠𝑗
[0] ⋯ 𝑟𝑠𝑖𝑠𝑗

[𝐿 − 1]

⋮ ⋱ ⋮
𝑟𝑠𝑖𝑠𝑗

∗ [𝐿 − 1] ⋯ 𝑟𝑠𝑖𝑠𝑗
[0]

                                (3.24) 

And 

                                𝑟𝑠𝑖𝑠𝑗
 𝑘 =  𝐸 𝑠𝑖 𝑛 𝑠𝑗

∗[𝑛 + 𝑘]  𝑤𝑒𝑟𝑒 𝑘 = 0,1, …  , 𝐿 − 1                 (3.25) 

And 𝐸 .   is the expectation operator and filters weights w is arranged as follows; 

                                                          𝒘 =   𝑤1
𝑇 𝑤

𝟐

𝑇
…    𝑤𝐼

𝑇 
𝑇

                                         (3.26) 

Where  

                                    𝑤𝐼
𝑇 =   𝑤𝑖[0] 𝑤𝑖 1    ⋯ 𝑤𝐼[𝐿 − 1]       𝑖 = 1,2, … , 𝐼               (3.27) 

 The expression for the noise power𝑟𝑦𝑛 𝑦𝑛
[0] when all the surrounding noises are 

active and the source signal 𝑠[𝑛] is inactive is represented as [2]; 

                                                           𝑟𝑦𝑛 𝑦𝑛
 0 =  𝑤𝐻𝑅𝑛𝑛 𝑤                                              (3.28) 

Where 𝑅𝑛𝑛  is Noise correlation matrix which is represented as; 

                                                                                 𝑅𝑛𝑛 =   

𝑅𝑛1𝑛1
⋯ 𝑅𝑛1𝑛𝐼

⋮ ⋱ ⋮
𝑅𝑛𝐼𝑛1

⋯ 𝑅𝑛𝐼𝑛𝐼

                                           (3.29) 

And similarly, 

                                         𝑅𝑛𝑖𝑛𝑗
=   

𝑟𝑛𝑖𝑛𝑗
[0] ⋯ 𝑟𝑛𝑖𝑛𝑗

[𝐿 − 1]

⋮ ⋱ ⋮
𝑟𝑛𝑖𝑛𝑗

∗ [𝐿 − 1] ⋯ 𝑟𝑛𝑖𝑛𝑗
[0]

                               (3.30) 

Here, the correlation function 𝑟𝑛𝑖𝑛𝑗
[𝑘], defines the cross-correlation between the microphone 

observations i and j when all the disturbing noise source 𝑣[𝑛] is only active and the source 

speech signal 𝑠 𝑛 is inactive [2]. 
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 The optimal weights (𝑤𝑜𝑝𝑡 ) are found by different methods for each of the 

beamformers. In this thesis, the main concentration is on the Wiener Beamformer which is 

also known as the Optimal Minimum Mean Square Error Beamformer and also on the 

Maximum Signal-to-Noise Ratio Beamformer which maximizes the total output power ratio. 

3.1.3.1 Wiener Beamformer 

 The wiener beamformer is defined as the beamformer weights which 

minimize the mean square difference between the beamformer output when all the sources 

are present and single microphone observation i.e. only when the signal of interest is active. 

Therefore, this beamformer is named as Optimum-minimum mean square error beamformer.  

 In this context, the optimum weights are found in time-domain which can be 

formulated as; 

                                     𝑤𝑜𝑝𝑡 = arg min 𝐸{ 𝑦 𝑛 − 𝑠𝑟[𝑛] 2}       𝑟 𝜖 [1,2, … , 𝐼]                 (3.31) 

Where 𝑠𝑟 𝑛  is considered as a reference speech signal i.e. single microphone observation 

which is referred to as a reference microphone. Here practically the reference signal is not 

accessible. The optimal weights are found by calculating the mean square difference between 

the beamformer output 𝑦 𝑛  and the reference signal 𝑠𝑟[𝑛]which is generalized as follows 

due to the linearity property of expectation operator; 

                                                      𝑤𝑜𝑝𝑡 =   𝑅𝑠𝑠 + 𝑅𝑛𝑛  −1𝑟𝑠                                             (3.32) 

The cross-correlation vector𝑟𝑠  is defined as; 

                                                          𝑟𝑠 = [𝑟1𝑟2     …       𝑟𝐼]                                                (3.33) 

Where  

                                        𝑟𝑖  =  𝑟𝑖 0 𝑟𝑖 1    …    𝑟𝑖 𝐿 − 1          𝑖 = 1, 2, … , 𝐼                    (3.34) 

Here, the cross-correlation specifically for each sample is represented as; 

𝑟𝑖 𝑘 = 𝐸 𝑠𝑖 𝑛 𝑠𝑟
∗[𝑛 + 𝑘]         𝑖 = 1, 2, … , 𝐼     𝑟𝜖  1, 2, … , 𝐼        𝑘 = 0, 1, … , 𝐿 − 1       (3.35) 

Here, 𝑅𝑠𝑠  and 𝑅𝑛𝑛  are the source and noise autocorrelation matrices respectively which are 

described in Eq. (3.23) and Eq. (3.29). The cross-correlation vector𝑟𝑠  is one of the columns 

of source correlation matrix 𝑅𝑠𝑠  if the reference microphone is chosen as one microphone 

observation. 𝑟𝑠  is a vector that depends on which microphone is chosen as the reference 

microphone and which lag one wish to have as a center lag [2].  

 The filter weights are arranged as shown in previous section i.e. in Eqs. (3.26) 

and (3.27) depending upon the order of the filter „L‟ used. The output of the wiener 

beamformer is same as mentioned before in Eq. (3.18) i.e. by multiplying the filter weights 

with the reference speech signal. 

3.1.3.2. Maximum Signal-to-Noise Ratio (Max-SNR) Beamformer 

 The optimum beamformer which maximizes the output power ratio therefore, 

it is also known as Maximum array gain beamformer. The mean output signal of beamformer 
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is expressed as a function of filter weights. The optimal weights can be found by maximizing 

the ratio between two quadratic forms of positive definite source and noise correlation 

matrices 𝑅𝑠𝑠  and 𝑅𝑛𝑛  as; 

                                   𝑤𝑜𝑝𝑡 = arg 𝑚𝑎𝑥  
𝑤𝐻𝑅𝑠𝑠𝑤

𝑤𝐻𝑅𝑛𝑛 𝑤
                                (3.36) 

The above equation is referred as generalized eigenvector problem [2], by introducing the 

linear variable transformation this problem can be solved; 

                                                         𝑣 =  𝑅𝑛𝑛
1/2

𝑤                                                    (3.37) 

And combining it with Eq. (3.36) then it leads to the Rayleigh quotient, 

                                      𝑣𝑜𝑝𝑡 = arg max  
𝑣𝐻𝑅𝑛𝑛

−𝐻/2
𝑅𝑠𝑠𝑅𝑛𝑛

−1/2
𝑣

𝑣𝐻𝑣
                                   (3.38) 

Where 𝑣𝑜𝑝𝑡 is the eigenvector which corresponds to the maximum eigenvalue λ of the 𝑅𝑠𝑠  

and 𝑅𝑛𝑛  matrices in the numerator which shows the following relation; 

                                              𝑅𝑛𝑛
−𝐻/2

𝑅𝑠𝑠𝑅𝑛𝑛
−1/2

𝑣𝑜𝑝𝑡 =  𝜆𝑣𝑜𝑝𝑡                                      (3.39) 

Therefore, the final optimal weights with the linear variable transformation is represented as, 

                                               𝑤𝑜𝑝𝑡 =  𝑅𝑛𝑛
−1/2

𝑣𝑜𝑝𝑡                                          (3.40) 

Here, the square root of the noise autocorrelation matrix can be found from the diagonal 

form of the matrix. These optimal weights are combine with the microphone observed input 

speech signal and the output of the beamformer is represented same as expressed before in 

Eq. (3.18). For detailed study about these beamformer refer [21]. 

3.1.4. Delay and Sum Beamformer (DSB) 

 The basic idea of delay-and-sum beamformer is that when an electromagnetic 

signal arrives at the aperture of the antenna array, each elements output are added together 

with appropriate amounts of delays. The delays depend on the physical spacing between 

each element in the antenna arrays. The parameters associated in defining the array 

characteristics is the geometrical spacing between the array elements and the weights 

associated with each element.  

 The delay-and-sum beamformer is a data independent beamformer as the 

response of the beamformer doesn‟t depend on array data i.e. weights of the microphone 

sensors. In delay-and-sum Beamforming delays are inserted after each microphone in order 

to compensate the speech signal arrival time differences to each microphone as shown in 

Figure 3.4. The aligned time signals of each microphone are added together. The output has 

the effect of establishing the desired speech signal while the unwanted noise signals are 

combined in an unpredictable fashion [16]. Therefore, the Signal-to-Noise Ratio (SNR) of 

the combined output which consists of the desired speech signal along with noise is greater 
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than that of any individual microphone‟s signal. By the above observation we can say that 

the delay-and-sum beamformer is more sensitive to the sources from a particular desired 

direction. 

 

Figure 3.4: Delay and Sum Beamformer with J Microphones 

 Therefore, the delay and sum beamformer suffers from several problems. The 

major disadvantage is that it requires large number of microphones for improving the SNR 

of the beamformer as doubling the number of microphones will increase SNR upto 3dB only 

on the condition that the incoming noise signals are completely uncorrelated between the 

microphones and the desired speech signal. The other disadvantage is no nulls should be 

placed directly in noise signal locations. Hence, we can say that the delay-and-sum 

beamformer only enhances the speech signal in the direction to which the beam is currently 

steered [16]. For detailed study about this beamformer refer [24]. 

3.2. Acoustic Echo Cancellation 

3.2.1 Introduction 

 Generally, in hands-free speech communication the main objective is to 

provide good voice quality when two or more people communicate with each other from 

different places. Therefore, due to the acoustic echo during the conversation between talkers 

the voice quality becomes poor and there is a chance of losing the important information in 

the conversation.  
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Figure 3.5: Hands-free Communication System with echo paths in a conference room  

 Echo is defined as the phenomenon in which the delayed and distorted version 

of the original sound or electrical signal is reflected back to the speech source. Therefore, 

an Acoustic echo is a type of noise which occurs due to the reflection of sound waves by the 

walls of a room and acoustic coupling between the loudspeaker and the microphone. The 

main objective is to cancel the acoustic echo in order to provide echo free environment for 

speakers during the conversation hands-free communication. In this thesis the main 

concentration is to simulate the acoustic echo cancellation using Normalized LMS Algorithm 

i.e. one of the robust adaptive filter algorithms 

 The figure 3.5 shows the scenario of a teleconference system where the 

speech signal from the far-end generated from loud-speaker reaches the microphone of near-

end in the room in several paths i.e. direct path and reflected path from the wall, floor in a 

room, therefore  this forms an echo that is sent back to the far-end. Therefore, this disturbs 

the voice quality of the system in conversation process which leads to a common problem in 

communication systems. 

 In order to handle the acoustic echo problem in hands free communication 

systems such as teleconference systems, hearing aids several ways are implemented using 

directional microphones which have drawbacks. Therefore, we need to implement acoustic 

echo cancellation (AEC) in order to reduce echo in a communication system. The acoustic 

echo cancellation removes echo and enhances the quality of speech in hands-free 

communication systems. This system provides the smooth and natural way of 

communication and also gives comfort to the participants in the conference room. The echo 
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cancellation is achieved using several adaptive algorithms such as LMS, NLMS and RLS. 

The mentioned algorithms follow the same procedure to cancel echo in any of the 

communication applications. In our thesis, the main concentration is only on one of the 

adaptive filter algorithms i.e. NLMS adaptive filter algorithm in order to achieve echo 

cancellation. The figure 3.6 shows structure of how to implement AEC using adaptive filters 

in three basic steps.  

 

Figure 3.6: Implementation of Acoustic Echo Cancellation using Adaptive Filter 

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. 

 Therefore, Acoustic Echo Cancellation (AEC) is necessary in communication 

systems in order to avoid the coupling between microphone and loudspeaker if echo is not 

removed then coupling causes the undesired characteristics of acoustic echo that degrades 

that quality of sound.  

3.2.2 Adaptive Filter Algorithm for Echo Cancellation 

 Adaptive filters are used for cancellation of echo in different communication 

applications as they have the property of changing the characteristics of achieving the 

optimal desired output and also change its parameters to minimize the error signal. The error 

is the difference between the desired signal and output signal of the filter [18]. The figure 3.7 

shows the basic model of adaptive filter in AEC. In this thesis, the NLMS adaptive algorithm 

is used for cancelling echo.  

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

adapting the filter weights in order to cancel echo. There are several adaptive filters such as 
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LMS, NLMS, RLS, Affine-Projection Algorithm (APA) and as also wiener filters. NLMS 

adaptive filter is implemented as it has the capability of channel equalization, echo 

cancellation and also widely famous for its simple computation. The main function of 

adaptive filter is to minimize the error signal and make the echo signal 𝑦(𝑛) resemble the 

near-end signal𝑣(𝑛).  

 Here, 𝑥(𝑛) and 𝑦(𝑛) are correlated. The desired signal 𝑑(𝑛) is represented as 

a sum of near-end signal 𝑣 𝑛  and background noise added to echo signal 𝑦(𝑛) as; 

                                                          𝑑 𝑛 = 𝑣 𝑛 + 𝑦(𝑛)                                               (3.41) 

The error signal 𝑒(𝑛) is defined as; 

                                                         𝑒 𝑛 = 𝑑 𝑛 −  𝑦^(𝑛)                                              (3.42) 

 

Figure 3.7: Basic Model of AEC 

3.2.2.1 NLMS Adaptive Algorithm  

 The NLMS algorithm is introduced in order to avoid the disturbance that 

affects the convergence rate in LMS algorithm. As the input signal changes continuously due 

to this the step-size between two filter coefficients changes which disturbs the convergence 

rate. In case of small signals low convergence takes place and for loud signals fast 

convergence takes place which is a severe problem that occurs in LMS algorithm. Therefore, 

to overcome the above problem, the step-size is normalized i.e. step-size is adjusted with 

respect to the input signal power. 

 This adaptive filter is an extension of LMS algorithm. The step-size parameter 

μ of LMS algorithm is normalized so it is known as Normalized LMS algorithm. Therefore, 

for updating the weight vector the step-size reforms as; 

                                                 𝜇 𝑛 =  
𝛽

𝑐+ 𝑥(𝑛) 2
                                (3.43) 

Where, 𝜇(𝑛) is the normalized step-size parameter at sample n 

𝛽 is the normalized step size which ranges from (0 < β < 2) 
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C is a small positive constant 

Therefore, the weight vector updates equation for NLMS algorithm which is taken from 

LMS algorithm is given as; 

                                      𝑤 𝑛 + 1 =  𝑤 𝑛 + 
𝛽

 𝑥(𝑛) 2  𝑒(𝑛)𝑥∗(𝑛)                        (3.44) 

The major problem in LMS algorithm is gradient noise amplification when 𝑥(𝑛) is too large 

which mainly occurs as the weight vector  𝑤(𝑛) changes continuously depending in the 

input signal 𝑥(𝑛). This problem can be solved by NLMS algorithm but, when there is a 

problem when 𝑥(𝑛) is too small. This problem can be avoided by introducing a small 

positive constant „c‟ then the update weight equation is modified for NLMS algorithm as; 

                                       𝑤 𝑛 + 1 = 𝑤 𝑛 +
𝛽

𝑐+ 𝑥(𝑛) 2  𝑒(𝑛)𝑥∗(𝑛)                     (3.45) 

3.2.3 Echo Return Loss Enhancement (ERLE) for AEC 

 The amount of echo cancelled is measured as ERLE. Therefore, ERLE is ratio 

of input desired signal power and the estimated error signal immediately after echo 

cancellation [23]. 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 [23]; 

                                               𝐸𝑅𝐿𝐸 = 10𝑙𝑜𝑔10(
𝑃𝑑

𝑃𝑒
)                                             (3.53)  

For detailed study about the acoustic echo cancellation using NLMS adaptive algorithm refer 

[25]. 
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4. IMPLEMENTATION AND RESULTS 

4.1 Introduction 

 This thesis is a collaborative work of four members in which there are four 

sub-topics implemented. These topics are divided to each member in this group. The main 

idea of this thesis is to eliminate all types of disturbances that occur during the hands-free 

speech communication. The disturbances are discussed in detail in previous chapters. In 

order to eliminate the disturbances i.e. to enhance the speech quality various Beamformers 

such as Elko‟s Beamformer, Wiener Beamformer, Maximum SNR Beamformer and as well 

as Echo Cancellation using NLMS algorithm have been implemented in MATLAB. These 

methods have been implemented and discussed in this chapter. My main concentration is on 

implementation and performance evaluation of Wiener Beamformer with other speech 

enhancement methods.  

 In this chapter, the main concentration is on the implementation and analysis 

of Wiener Beamformer which is one of the optimum speech enhancement methods in hands-

free speech communication systems which was discussed in detail in the previous chapter. 

The next section 4.2 describes the details of the implementation and experimental setup of 

the system to be examined. Therefore, in this section it is expected to achieve optimum 

values as we have considered the various parameters of the particular system. The Section 

4.3 shows the results of Wiener Beamformer and its performance evaluation in anechoic 

environment. 

4.2 Implementation 

 The Room Impulse Response (RIR), Various Beamformers such as Elko‟s 

Beamformer, Wiener Beamformer, Maximum SNR Beamformer and Echo cancellation 

using NLMS algorithm are the offline implementations in MATLAB which is necessary for 

usage of these methods in real-time systems. The MATLAB implementations in this thesis 

are optimized because of less usage of „for‟ loops which degrades the performance and 

efficiency of the program. This leads to the computational complexity of the program 

because it has to access the array elements each time. Therefore, in order to optimize the 

MATLAB program matrix multiplication is used which reduces the computational 

complexity and as well as gives the faster data processing. Therefore, „for‟ loops are 

replaced by matrices in order to optimize the program.  

 The experimental setup for validation of Optimum Beamformer i.e. Wiener 

and Maximum SNR Beamformer for speech enhancement in hands-free speech 

communication systems is as shown in Fig. 4.1. In this figure s(n) is the pure speech signal 
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And d(n) is the noise signal. These s(n) and d(n) are delayed using Thiran All pass Fractional 

Delay(FD) Filters. The x(n) is the microphone input to the beamformer. The number of 

microphones can be varied and given to the beamformer model. The x(n) is the input to the 

beamformer which is a sum of fractionally delayed s(n) and d(n).  In the wiener beamformer 

Rss and Rnn matrices are generated and optimum filter weights are generated. These 

generated optimum filter weights „𝑤𝑜𝑝𝑡 ‟ are passed through a filter and gets multiplied with 

input signal x(n). The output of the beamformer is y(n).   

 

Figure 4.1: The experimental Setup for Validation of Optimum Beamformer Model                                                                                 

4.2.1 Objective Measures 

 The y(n) mentioned in previous section should resemble the pure speech 

signal. This resemblance with the pure speech signal is measured in different ways. In this 

thesis, the resemblance is measured with the Signal to Noise Ratio (SNR), Speech Distortion 

(SD), Noise Distortion (ND) and Perceptual Evaluation Speech Quality (PESQ). The Input 

SNR, Output SNR are calculated in different noise environments and validated based on the 

improvement of SNR. The performance is measured based on the SNR improvement in 

different noisy environments. Also, the Input PESQ, Output PESQ is evaluated in different 

noisy environments. The PESQ improvement in different noise environments are calculated 

based on that the performance is measured. The maximum value of PESQ is 4.5 which 

indicate no distortion in speech signal.  
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4.2.1.1 Signal-to-Noise Ratio (SNR) 

 The Signal-to-Noise Ratio (SNR) is used to measure the amount of desired 

signal level with the noise level. The ideal method for calculating the SNR is the amount of 

speech energy over the noise energy after the enhancement method. The input SNR and 

output SNR are calculated as below; 

                                                     𝑆𝑁𝑅𝑖𝑛 =   
𝑠(𝑛)2

𝑑(𝑛)2 /𝑛                                             (4.1) 

                                          𝑆𝑁𝑅𝑜𝑢𝑡 = 10 ∗ 𝑙𝑜𝑔10  
𝑠𝑜𝑢𝑡

2

𝑛𝑜𝑢𝑡
2 /𝑛                                       (4.2) 

Where 𝑠𝑜𝑢𝑡 and 𝑛𝑜𝑢𝑡  are the filtered outputs of the wiener beamformer i.e. pure speech signal 

s(n) and pure noise signal d(n) separately and also „n‟ is the length of the speech and noise 

signals. 

4.2.1.2 SNR Improvement (SNRI) 

 The SNR Improvement is obtained by subtracting the input SNR from the 

output SNR which are calculated from Eq. (4.1) and Eq. (4.2) and is represented as; 

                                                         𝑆𝑁𝑅𝐼 = 𝑆𝑁𝑅𝑜𝑢𝑡 −  𝑆𝑁𝑅𝑖𝑛                                          (4.3) 

Where 𝑆𝑁𝑅𝑜𝑢𝑡  is the output SNR after the processing of the enhancement method and 

𝑆𝑁𝑅𝑖𝑛  is the input SNR before processing of the corrupted speech signal. 

4.2.1.3 Speech Distortion (SD) 

 The SD is defined as the spectral deviation in the power of input clean speech 

signal and the power of the processed speech signal at the output. The Speech Distortion 

(SD) is represented as; 

            𝑆𝑝𝑒𝑒𝑐 𝐷𝑖𝑠𝑡𝑜𝑟𝑡𝑖𝑜𝑛  𝑆𝐷 = 10 ∗ 𝑙𝑜𝑔10(  𝑃𝑠𝑥
 𝑤 − 𝑃𝑠𝑦

(𝑤)  𝑑𝑤
𝜋

−𝜋
)                  (4.4) 

Where 𝑃𝑠𝑥
 is power of clean speech signal at input and 𝑃𝑠𝑦

 is the power of the processed 

speech signal at output. 

4.2.1.4 Noise Distortion (ND) 

 The ND is defined as the spectral deviation in the power of input noise signal 

and the power of processed noise signal at the output. The ND is represented as; 

                  𝑁𝑜𝑖𝑠𝑒 𝐷𝑖𝑠𝑡𝑜𝑟𝑡𝑖𝑜𝑛  𝑁𝐷 = 10 ∗ 𝑙𝑜𝑔10(  𝑃𝑛𝑥
(𝑤) − 𝑃𝑛𝑦

(𝑤) 𝑑𝑤
𝜋

−𝜋
)              (4.5) 

Where 𝑃𝑛𝑥
 is the power of pure noise signal at input and 𝑃𝑛𝑦

 is the power of processed signal 

at output. 

4.2.1.4 Perceptual Evaluation of Speech Quality (PESQ) 

 In modern communications systems, the elements such as lossy coding, the 

error-prone channels, voice-activity detection which cannot be reliably assessed by 

conventional engineering metrics as signal-to-noise ratio. The subjective measure of these 
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systems involves panels of human subjects. These tests are very expensive and unsuitable in 

real-time processing applications.  

 

Figure 4.2: Model of PESQ using the Distorting System 

 The objective measure that provides the subjective tests involving in 

communication systems is known as PESQ. PESQ uses a sensory model that compares the 

original pure speech signal and degraded signal that has been processed through the 

beamformer model in order to measure the speech quality. This process is shown in Figure 

4.2 in detail. The result of comparing the pure speech signal and degraded signal is called the 

quality score. This quality score is analogous to the “Mean-Opinion Score (MOS)”. 

 From the Figure 4.2 it is observed that it requires two speech signals original 

pure speech signal i.e. unprocessed signal and the degraded speech signal which has been 

processed through the distorting system. These signal type should be speech signals only. 

This PESQ model needs to know the sampling rate before processing the test speech signals 

which may be either 8 KHz or 16 KHz. 

 There are several PESQ standards to calculate the quality score according to 

recommended ITU-T standard. In this thesis, the PESQ ITU-T P.862 is used for calculation 

of the quality score. 

 PESQ returns the quality score which is known as ITU-T P.862. The PESQ 

score lie between -0.5 and 4.5. PESQ score is optimistic for poor quality speech and 

pessimistic for good quality of speech [19]. PESQ score correlates with the subjective 

quality scores. The maximum value measured in PESQ is 4.5. The score gives a measure of 

customer‟s perceptual quality. If there is no distortion in speech then the highest value 

obtained for PESQ is 4.5. As the amount of distortion increases quality of the speech signal 

reduces [19].  

 

 



Blekinge Insitute of Technology Page 48 

4.2.2 Test Data 

 In this thesis, a reference speech signal with a sampling frequency of 16 KHz 

which is a clean speech signal is tested in different noise environments considering it to be 

anechoic room. This is one of the recommended artificial voices that are used as test signal 

in hands-free speech communication systems. This clean speech signal is corrupted with 

different types of noises i.e. Babble Noise (BN), Factory Noise (FN), Wind Noise (WN), 

Destroyer-engine Noise (DN), Restaurant Noise (REN), and White Gaussian Noise (WGN) 

at 0dB, 5dB, 10dB, 15dB, 20dB and 25dB input SNR levels for testing the Wiener 

Beamforming method in anechoic room. The performance of the systems is measured by 

SNR, Speech Distortion (SD), Noise Distortion (ND) and PESQ.  

4.2.2.1 Clean Speech Data 

 The clean speech signal used for testing is sampled at 16 KHz with duration 

of 11 seconds. This clean speech signal named as “Speech_all.wav” is used for testing the 

Enhancement Methods. This speech signal consists of four sentences with female and male 

voices alternatively. The four sentences in the clean speech signal are mentioned in Table 4.1 

as follows; 

File Name Duration 
Type of 

Voice 
Sentences 

Speech_all.wav 

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

2 Male “Kick the ball straight and follow through.” 

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

3 Male “A part of tea helps to pass the evening.” 

Table 4.1: The details of Clean Speech Signal used for Evaluation 

4.2.2.2 Noise Data 

 In this context, various noise signals are considered for evaluation of the 

proposed method. These noises are sampled at 16 KHz and these noise signals are added to 

the clean speech signal at different input SNR levels 0 dB, 5 dB, 10 dB, 15 dB, 20 dB, 25 dB 

multiplied by a scaling factor α. The scaling factor α at desired input SNR level is defined as; 

                                            𝛼 =  
1

 
10

(𝑆𝑁𝑅 𝑖𝑛 −𝑆𝑁𝑅 )
10

                                               (4.5) 

 The various noise signals are BN, FN, WN, DN, REN and WGN signals 

which are added to the clean speech signal and given to the proposed model in this thesis. 

The corresponding Power Spectral Densities (PSD) of all noises is plotted as shown in 

Figure 4.3 to Figure 4.8. 

 The results are observed by setting the direction of arrival of speech to 00, 

direction of arrival of noise to 900 and by varying number of microphones for each input 
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SNR level in each noisy environment i.e. mentioned above. The performance of the wiener 

Beamforming method is evaluated in different noise environments. The performance of each 

noisy environment is shown in the average plot of Signal-to-Noise Ratio Improvement 

(SNRI), SD, ND and Perceptual Evaluation Speech Quality Improvement (PESQI) variation 

with input SNR level. 

Figure 4.3: The Power Spectral Density (PSD) of White Gaussian Noise (WGN). 

 

Figure 4.4: The Power Spectral Density (PSD) of Factory Noise (FN). 
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Figure 4.5: Power Spectral Density (PSD) of Wind Noise (WN). 

 

Figure 4.6: Power Spectral Density (PSD) of Babble Noise (BN). 
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Figure 4.7: Power Spectral Density (PSD) of Destroyer-engine Noise (DN). 

 

Figure 4.8: Power Spectral Density (PSD) of Restaurant Noise (REN). 

 These all noises are pre-recorded from microphones and sampled with 16 

KHz frequency. The clean speech signal is tested with all noises in anechoic environment. 
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4.3 Results 

4.3.1 Wiener Beamformer 

 The Wiener Beamforming Method in a assumed anechoic room gives an 

average of 7 dB Signal-to-Noise Ratio (SNRI), -42 dB Speech Distortion (SD) and 0.7 PESQ 

Improvement for different noise environments in all situations for the clean speech signal. 

The SD values are shown in Table 4.2 to Table 4.7 and SNRI, PESQI values are shown in 

the Table 4.8 to Table 4.13. The Tables from 4.2 to 4.7 gives the details of how the output 

SNR and output PESQ are varying with the input SNR level. The Table 4.8 to Table 4.13 

gives the details of how the SNRI and PESQI are varied with respect to the input SNR level. 

And also the Noise Distortion (ND) values are shown in Table 4.8 to Table 4.13 with respect 

to the input SNR level. It is observed from Table 4.2 to Table 4.13 that the SD, ND, SNRI 

and PESQ values vary depending on the number of Microphones, distance between the 

microphones, DOA of speech and noise signals, types of noises and Input Noise Levels 

(0dB, 5dB, 10dB, 15dB, 20dB and 25dB) for Clean Speech Signal. As the number of 

microphones in a defined input noise level increases the output SNR and PESQ increases 

and SD decreases as shown in Table 4.2 to Table 4.7 for all different noise environments. 

Similarly, ND also decreases as shown in Table 4.8 to Table 4.13.The SNRI value is better 

in case of 0dB Noise level for 6 microphones in all types of noise environments which is 

around 16 dB as shown in Table 4.8 to Table 4.13. The PESQI value is also better in case of 

0 dB input noise level for 6 microphones in all types of noise environments which is around 

1.3 as shown in Table 4.8 to Table 4.13.  

 The SNRI, PESQI and ND values with varying input noise levels for Babble 

Noise (BN) are shown in Table 4.8. The SD values with BN are shown in Table 4.2. The 

SNRI is around 6 dB for 2, 3 microphones and 7 dB for 4, 5 and 6 microphones. The SD is 

around -43 dB for BN. The SD values vary between -33 dB to -52 dB. The ND values vary 

between -33 dB to -26 dB. The average ND value is around -28 dB. The PESQI value is 

around 0.5 for 2, 3, 4 and 5 microphones and 0.6 for 6 microphones with BN. The SNRI, 

PESQI and ND values of Factory Noise (FN) are shown in Table 4.9. The SD values with 

FN are shown in Table 4.3. The SD values of FN are varied between -33 dB to -66 dB. The 

average SD value of FN is around -41 dB. The ND values vary between -28 dB to -26 dB. 

The average ND value for FN is around -27 dB. The SNRI value is around 4 dB for 2, 3 

microphones, 5dB for 4, 5 microphones and 6dB for 6 microphones. The PESQI value is 

around 0.5 in case of two microphones, 0.7 for 3, 4 and 5 microphones and 0.8 for 6 

microphones. The SNRI, PESQI and ND values are shown in Table 4.10 and the SD values 

are shown in Table 4.4 for Wind Noise (WN) for different input noise levels. The SD value 

is around -42 dB for WN and the values of SD range in between -36 dB to -52 dB which are 
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shown in Table 4.4.  The ND values ranges between -38 dB to -25 dB and the average value 

of ND with WN is around -28 dB. The SNRI value is around 6 dB for two microphones, 4 

dB for three microphones and 5 dB for 4, 5 and 6 microphones with WN. The PESQI value 

is around 0.4 for two microphones, 0.5 for 3, 4, 5 microphones and 0.6 for 6 microphones. 

The SNRI, PESQI, ND values of tested Speech Signal with Destroyer-engine Noise (DN) is 

shown in Table 4.11 in which SNRI value is better which gives around 7dB for 2, 3 and 4 

microphones and a value of 9 dB for 5, 6 microphones. The PESQI value is around 0.8 for 2, 

3 and 4 microphones and 0.9 for 5, 6 microphones with DN for the tested Speech Signal in 

assumed anechoic room. The SD values decrease depending on the number of microphones 

and the input noise level with DN which is shown in Table 4.5. These SD values are varied 

from -34 dB to -68 dB. The average SD value is around -44 dB for DN for the tested speech 

signal. The corresponding ND values vary between -34 dB to -26 dB and the average ND 

value of DN is around-28 dB. The PESQI, SNRI and ND values with Restaurant Noise 

(REN) are shown in Table 4.12. The SD values of REN are shown in Table 4.6 with varying 

input noise levels. The average SD value is around -41 dB for REN. The SD values ranges 

between -32 dB to -59 dB with REN. The ND values range between -28 dB to -26 dB and 

the average ND value of REN is around -27 dB. The PESQI value is around 0.3 for 2, 3 and 

4 microphones and 0.4 for 5, 6 microphones with REN for all input SNR levels. The average 

SNRI value is 4 dB for 2, 3, 4 and 5 microphones and 6 dB for 6 microphones with REN. 

The PESQI, SNRI and ND values with White Gaussian Noise (WGN) are shown in Table 

4.13. The corresponding SD values with varying input noise levels are shown in Table 4.7. 

The average SD value is around -41 dB with WGN and it varies in between -33 dB to -56 

dB. The ND values range between -30 dB to -26 dB and the average ND value of WGN is 

around-27 dB. The average SNRI value is around 5 dB for two microphones and 6 dB for 3, 

4, 5 and 6 microphones with WGN. The PESQI value is around 0.9 for 2, 3 microphones and 

1.0 for 4, 5, 6 microphones for WGN. The SNRI and PESQ are calculated at 0 dB, 5 dB, 10 

dB, 15 dB, 20 dB and 25 dB input noise levels which are observed from the Table 4.8 to 

Table 4.13. Similarly, the SD values are calculated for different input noise levels and shown 

in Table 4.2 to Table 4.7. 

  From all the situations of the different noise environment in anechoic room 

discussed in above, the highest SNRI of FN at 0 dB input noise level for 6 microphones is 

around 18 dB when the testing speech signal is processed through the wiener beamformer 

i.e. speech enhancement method. The highest PESQI value of WGN at 0 dB input noise level 

for 6 microphones is about 1.8 when the testing speech signal is processed through the 

wiener beamformer. The average SNRI is better with DN and BN which is around 8 dB and 

7 dB when compared to other noise environments. The average PESQI is better with WGN, 

DN and FN which are around 1.0, 0.8 and 0.7 respectively. The average SD value is better 
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with DN which is around -44 dB. The average ND is better in case of WN, DN, BN which is 

around -28 dB. The Figure 4.9, Figure 4.10 and Figure 4.11 shows the SNRI plots for 2, 4 

and 6 microphones with varying input SNR levels for different noise environments. Here, 

each input SNR level corresponds to how the SNRI varies for 2, 4 and 6 microphones in 

different noise environments i.e. BN, FN, WN, DN, REN and WGN. From the above 

mentioned figures it can be observed that FN has better SNRI compared to other noise 

environments for Wiener Beamformer in anechoic environment.  The Figure 4.12 and Figure 

4.13 are the plots where SD varies with the input SNR level. Similarly, SD values vary with 

each input SNR level for different noise environments.  Also, the Figure 4.14, Figure 4.15 

and Figure 4.16 show the PESQI for 2, 4 and 6 microphones in different noise environments. 

From these figures it can be observed that WGN shows better PESQI over other noises in 

anechoic environment. The Figure 4.15 and 4.16 shows the average ND plots in different 

noise environments as mentioned before. These figures show how the ND values vary with 

input SNR levels in different noise environments.  

 As the number of microphones increases, the SNRI and PESQI increases in a 

defined input noise level which is an advantage and SD decreases within a defined input 

noise level which can be observed in Tables from Table 4.2 to Table 4.13. But, as the 

number of microphones increases the computation time also increases which is a 

disadvantage in this method. As the input SNR level increases the noise factor α decreases. 

Therefore, as α decrease the SNRI decreases for specified input SNR level and similarly, 

PESQI also decreases for each input SNR level. In this thesis, the highest PESQ value at 25 

dB input SNR level for 6 microphones with FN is 4.0.  

 

Input 
SNR 

No. of 
Mics 

Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output 
PESQ 

0 

2 9.8995 -32.9992 

1.408 

2.156 

3 11.257 -34.6604 2.308 

4 12.9287 -35.0208 2.415 

5 13.4344 -35.8275 2.399 

6 16.3978 -37.5057 2.605 

5 

2 11.2654 -35.8057 

1.745 

2.251 

3 11.9366 -38.0074 2.341 

4 12.8424 -37.4226 2.389 

5 13.1336 -38.9582 2.392 

6 14.9825 -39.5254 2.517 

10 

2 14.8047 -39.6725 

 
2.091 

 

2.467 

3 15.0574 -44.5792 2.512 

4 15.1494 -41.3406 2.525 

5 15.5411 -46.7447 2.533 

6 16.3717 -43.5807 2.579 

15 2 19.3111 -43.9893  2.737 
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3 19.3958 -47.6881 2.4 
 

2.765 

4 19.5199 -46.8261 2.762 

5 19.5623 -45.5762 2.775 

6 19.8631 -53.2951 2.791 

20 

2 24.1449 -48.3048 

2.68 

3.053 

3 24.1724 -44.7339 3.07 

4 24.2128 -60.0468 3.062 

5 24.2266 -43.6108 3.082 

6 24.3264 -49.6659 3.077 

25 

2 29.0934 -52.4073 

 
2.989 

 

3.396 

3 29.1024 -44.2018 3.402 

4 29.1154 -52.3639 3.401 

5 29.1197 -43.2367 3.413 

6 29.1518 -47.9808 3.404 
 Table 4.2: SNR, SD and PESQ for clean Speech Signal with Babble Noise (BN) 

 

Input 
SNR 

No. of 
Mics 

Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output 
PESQ 

0 

2 10.9004 -32.51 

1.917 

2.946 

3 12.9215 -33.79 3.157 

4 14.5536 -34.1177 3.262 

5 15.0844 -34.3622 3.261 

6 18.262 -36.1285 3.525 

5 

2 10.0969 -35.0277 

2.272 

2.919 

3 11.4010 -36.0805 3.06 

4 12.5407 -36.1042 3.113 

5 12.9231 -36.2794 3.125 

6 15.3391 -37.6106 3.304 

10 

2 12.1829 -39.0166 

2.592 

3.06 

3 12.7737 -40.0222 3.127 

4 13.3377 -39.7101 3.151 

5 13.5349 -39.8476 3.161 

6 14.8815 -40.6898 3.257 

15 

2 16.0779 -43.8346 

2.905 

3.325 

3 16.291 -45.1982 3.353 

4 16.5047 -44.5442 3.362 

5 16.5813 -44.78 3.365 

6 17.1348 -45.3839 3.408 

20 

2 20.7086 -49.0011 

3.211 

3.647 

3 20.7789 -51.7083 3.655 

4 20.8508 -50.2099 3.656 

5 20.8768 -50.8512 3.659 

6 21.0693 -51.463 3.674 

25 

2 26.5901 -54.4441 

3.546 

3.994 

3 25.6127 -66.2306 4.002 

4 25.6359 -58.0029 3.995 

5 25.6443 -61.8431 4.000 

6 25.7071 -64.2098 4.005 
Table 4.3: SNR, SD and PESQ for Pure Speech Signal with Factory Noise (FN) 
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Input 
SNR 

No. of 
Mics 

Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output 
PESQ 

0 

2 8.0114 -38.7114 

1.562 

2.052 

3 6.447 -36.634 2.234 

4 7.3686 -37.0632 2.299 

5 7.6645 -38.3461 2.285 

6 9.5355 -39.2924 2.398 

5 

2 10.8016 -49.5803 

1.862 

2.226 

3 9.5555 -37.8246 2.393 

4 9.9235 -37.8752 2.424 

5 10.047 -38.3547 2.416 

6 10.8877 -38.6686 2.465 

10 

2 14.4794 -48.3141 

2.179 

2.478 

3 13.8535 -40.2793 2.621 

4 13.981 -40.2955 2.638 

5 14.0244 -40.2624 2.63 

6 14.3315 -40.6745 2.649 

15 

2 19.715 -48.5994 

2.467 

2.754 

3 18.6293 -42.2849 2.876 

4 18.6711 -43.5699 2.887 

5 18.6852 -41.9099 2.883 

6 18.7869 -43.146 2.89 

20 

2 24.6321 -50.3427 

2.729 

3.045 

3 23.5592 -43.3888 3.19 

4 23.5729 -46.0286 3.199 

5 23.5772 -42.7727 3.192 

6 23.6098 -45.0466 3.191 

25 

2 29.6137 -52.5074 

3.007 

3.409 

3 28.5449 -43.8774 3.56 

4 28.5496 -47.7551 3.581 

5 28.5508 -43.1257 3.562 

6 28.5611 -46.1972 3.579 
Table 4.4: SNR, SD and PESQ for Pure Speech Signal with Wind Noise (WN) 

 

Input 
SNR 

No. of 
Mics 

Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output 
PESQ 

0 

2 10.1141 -34.0608 

1.399 

2.421 

3 11.3782 -35.2308 2.511 

4 12.4865 -35.3413 2.57 

5 12.8591 -35.6385 2.617 

6 15.2226 -37.0276 2.718 

5 

2 12.3271 -37.3756 

1.724 

2.544 

3 12.8932 -38.439 2.589 

4 13.4321 -38.2232 2.616 

5 13.6209 -38.5471 2.643 

6 14.9149 -39.3964 2.697 

10 

2 16.2795 -41.5897 

2.065 

2.77 

3 16.487 -42.8631 2.792 

4 16.6893 -42.2725 2.797 
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5 16.7619 -42.76 2.813 

6 17.2871 -43.1599 2.83 

15 

2 20.9304 -46.1583 

2.382 

3.047 

3 21.0051 -48.2477 3.053 

4 21.0728 -47.012 3.057 

5 21.0973 -47.9421 3.058 

6 21.279 -47.9977 3.066 

20 

2 25.8168 -50.7518 

2.692 

3.355 

3 25.8476 -55.7327 3.361 

4 25.8694 -52.3552 3.368 

5 25.8773 -54.6237 3.367 

6 25.9365 -54.1694 3.368 

25 

2 30.7805 -55.1981 

3.014 

3.702 

3 30.7972 -59.5963 3.703 

4 30.8041 -59.7301 3.707 

5 30.8066 -63.6462 3.706 

6 30.8255 -67.9931 3.705 
Table 4.5: SNR, SD and PESQ for Pure Speech Signal with Destroyer-engine Noise (DN) 

 

Input 
SNR 

No. of 
Mics 

Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output 
PESQ 

0 

2 10.484 -32.6271 

2.236 

2.896 

3 12.3143 -33.8607 3.073 

4 13.9461 -34.2109 3.186 

5 14.4775 -34.4113 3.247 

6 17.6539 -36.187 3.446 

5 

2 9.6733 -35.2715 

2.557 

2.857 

3 10.7961 -36.2464 2.992 

4 11.9349 -36.317 3.049 

5 12.3177 -36.4021 3.107 

6 14.7315 -37.7557 3.223 

10 

2 11.753 -39.3773 

2.846 

2.984 

3 12.1712 -40.2334 3.058 

4 12.7348 -40.0659 3.087 

5 12.9325 -40.0148 3.116 

6 14.2774 -40.9518 3.18 

15 

2 15.645 -44.1812 

3.129 

3.222 

3 15.6898 -45.1635 3.257 

4 15.9033 -44.9082 3.274 

5 15.9806 -44.7468 3.285 

6 16.5327 -45.6206 3.316 

20 

2 20.2743 -49.1357 

3.456 

3.547 

3 20.178 -50.6879 3.565 

4 20.2498 -50.2712 3.575 

5 20.2765 -50.016 3.58 

6 20.4681 -51.1744 3.585 

25 

2 25.1573 -54.1029 

3.768 

3.875 

3 25.0145 -58.6778 3.896 

4 25.0378 -56.7534 3.894 
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5 26.047 -56.5339 3.897 

6 25.1088 -59.1007 3.906 
Table 4.6: SNR, SD and PESQ for Pure Speech Signal with Restaurant Noise (REN) 

 

 

Input SNR No. of 
Mics 

 Output 
SNR 

Speech Distortion (SD) Input 
PESQ 

Output PESQ 

0 

2 10.234 -32.9695 

1.283 

2.726 

3 12.0241 -34.1726 2.823 

4 13.505 -34.4641 2.916 

5 13.991 -34.6941 2.93 

6 16.9452 -36.3473 3.111 

5 

2 10.5423 -35.6933 

1.694 

2.737 

3 11.5537 -36.6597 2.8 

4 12.4693 -36.6882 2.849 

5 12.7814 -36.8548 2.865 

6 14.8096 -38.0424 2.981 

10 

2 13.4543 -39.5313 

2.076 

2.893 

3 13.8675 -40.4101 2.916 

4 14.2708 -40.2091 2.945 

5 14.4134 -40.3568 2.949 

6 15.4121 -41.0998 3.007 

15 

2 17.7054 -43.8479 

2.422 

3.145 

3 17.8535 -44.8911 3.15 

4 17.9976 -44.4811 3.16 

5 18.0496 -44.7023 3.162 

6 18.4292 -45.1803 3.184 

20 

2 22.4465 -48.2115 

2.758 

3.453 

3 22.5142 -49.8792 3.454 

4 22.5616 -49.0799 3.458 

5 22.5789 -49.5131 3.459 

6 22.7068 -49.8461 3.464 

25 

2 27.3519 -52.416 

3.083 

3.8 

3 27.4059 -56.2341 3.806 

4 27.4211 -54.0986 3.799 

5 27.4266 -55.1357 3.812 

6 27.4679 -55.4482 3.8 
Table 4.7: SNR, SD and PESQ for Pure Speech Signal with White Gaussian Noise (WGN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -32.9315 9.8995 0.748 

3 -34.5614 11.257 0.9 

4 -34.9131 12.9287 1.007 

5 -35.6981 13.4344 0.991 

6 -37.3162 16.3978 1.197 

 
 

5 

2 -27.8093 6.2654 0.506 

3 -27.5436 6.9366 0.596 

4 -27.6002 7.8424 0.644 
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 5 -27.4676 8.1336 0.647 

6 -27.43 9.9825 0.772 

10 

2 -26.1596 4.8047 0.376 

3 -26.0307 5.0574 0.421 

4 -26.0984 5.1494 0.434 

5 -26.007 5.5411 0.442 

6 -26.0465 6.3717 0.488 

15 

2 -25.7185 4.3111 0.337 

3 -25.6271 4.3958 0.365 

4 -25.6875 4.5199 0.362 

5 -25.6102 4.5623 0.375 

6 -25.6616 4.8631 0.391 

20 

2 -25.5796 4.1449 0.373 

3 -25.5043 4.1724 0.39 

4 -25.558 4.2128 0.382 

5 -25.489 4.2266 0.402 

6 -25.5396 4.3264 0.397 

25 

2 -25.5349 4.0934 0.407 

3 -25.4676 4.1024 0.413 

4 -25.5171 4.1154 0.412 

5 -25.4532 4.1197 0.424 

6 -25.5015 4.1518 0.415 
Table 4.8: ND, SNR and PESQ Improvements for Pure Speech Signal with Babble Noise (BN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -27.9501 10.9004 1.029 

3 -28.3565 12.9215 1.24 

4 -28.4478 14.5536 1.345 

5 -28.5127 15.0844 1.344 

6 -28.9075 18.262 1.608 

 
 

5 
 

2 -29.0458 5.0969 0.647 

3 -28.8162 6.401 0.788 

4 -28.8117 7.5407 0.841 

5 -28.7798 7.9231 0.853 

6 -28.5806 10.3391 1.032 

10 

2 -26.464 2.1829 0.468 

3 -26.4144 2.7737 0.535 

4 -26.4285 3.3377 0.559 

5 -26.4221 3.5349 0.569 

6 -26.3875 4.8815 0.665 

15 

2 -25.8477 1.0779 0.42 

3 -25.8291 1.291 0.448 

4 -25.8373 1.5047 0.457 

5 -25.8342 1.5813 0.46 

6 -25.827 2.1348 0.503 

20 

2 -25.6661 0.7086 0.436 

3 -25.6568 0.7789 0.444 

4 -25.6612 0.8508 0.445 
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5 -25.6592 0.8768 0.448 

6 -25.6574 0.0693 0.463 

25 

2 -25.6104 1.5901 0.448 

3 -25.6044 0.6127 0.456 

4 -25.6073 0.6357 0.449 

5 -25.6058 0.6443 0.454 

6 -25.6054 0.7071 0.459 
Table 4.9: ND and SNR, PESQ Improvements for Pure Speech Signal with Factory Noise (FN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -38.1808 8.0114 0.49 

3 -37.0001 6.447 0.672 

4 -37.4689 7.3686 0.737 

5 -38.9001 7.6645 0.723 

6 -39.9927 9.5355 0.836 

 
 

5 
 

2 -27.2368 5.8016 0.364 

3 -26.8482 4.5555 0.531 

4 -26.8522 4.9235 0.562 

5 -26.8886 5.047 0.554 

6 -26.9104 5.8877 0.603 

10 

2 -25.9819 4.9794 0.299 

3 -25.8479 3.8535 0.442 

4 -25.8589 3.981 0.459 

5 -25.8473 4.0244 0.451 

6 -25.8616 4.3315 0.47 

15 

2 -25.665 4.715 0.287 

3 -25.5932 3.6293 0.409 

4 -25.617 3.6711 0.42 

5 -25.5848 3.6852 0.416 

6 -25.6099 3.7869 0.423 

20 

2 -25.576 4.6321 0.316 

3 -25.519 3.5592 0.461 

4 -25.5515 3.5729 0.47 

5 -25.5082 3.5772 0.463 

6 -25.5416 3.6098 0.462 

25 

2 -25.5518 4.6137 0.402 

3 -25.497 3.5449 0.553 

4 -25.5344 3.5496 0.574 

5 -25.4851 3.5508 0.555 

6 -25.5232 3.5611 0.572 
Table 4.10: ND, SNR and PESQ Improvements for Pure Speech Signal with Wind Noise (WN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -34.0787 10.1141 1.022 

3 -35.2543 11.3782 1.112 

4 -35.3653 12.4865 1.171 

5 -35.6642 12.8591 1.218 
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6 -36.0631 15.2226 1.319 

 
 

5 
 

2 -27.6776 7.3271 0.82 

3 -27.5776 7.8932 0.865 

4 -27.5958 8.4321 0.892 

5 -27.5689 8.6209 0.919 

6 -27.5077 9.9149 0.973 

10 

2 -26.1659 6.2795 0.705 

3 -26.1344 6.487 0.727 

4 -26.1478 6.6893 0.732 

5 -26.1366 6.7619 0.748 

6 -26.1283 7.2871 0.765 

15 

2 -25.7647 5.9304 0.665 

3 -25.7496 6.0051 0.671 

4 -25.7576 6.0728 0.675 

5 -25.7514 6.0973 0.676 

6 -25.751 6.279 0.684 

20 

2 -25.6428 5.8168 0.663 

3 -25.6337 5.8476 0.669 

4 -25.6387 5.8694 0.676 

5 -25.6349 5.8773 0.675 

6 -25.6355 5.9365 0.676 

25 

2 -25.6043 5.7805 0.688 

3 -25.5978 5.7972 0.689 

4 -25.6012 5.8041 0.693 

5 -25.5989 5.8066 0.692 

6 -25.5993 5.8255 0.691 
Table 4.11: ND, SNR and PESQ Improvements for Pure Speech Signal with Destroyer-engine Noise 

(DN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -27.7306 10.484 0.66 

3 -28.0931 12.3143 0.837 

4 -28.1832 13.9461 0.95 

5 -28.2324 14.4775 1.011 

6 -28.5987 17.6539 1.21 

 
 

5 
 

2 -29.0915 4.6733 0.3 

3 -28.886 5.7961 0.435 

4 -28.8732 6.9349 0.492 

5 -28.8581 7.3177 0.55 

6 -28.658 9.7315 0.666 

10 

2 -26.4635 6.753 0.138 

3 -26.424 2.1712 0.212 

4 -26.4311 2.7348 0.241 

5 -26.4333 2.9325 0.27 

6 -26.3965 4.2774 0.334 

15 

2 -25.8476 0.645 0.093 

3 -25.8347 0.6898 0.128 

4 -25.8377 0.9033 0.145 
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5 -25.8398 0.9806 0.156 

6 -25.8296 1.5327 0.187 

20 

2 -25.6671 0.2743 0.091 

3 -25.6612 0.178 0.109 

4 -25.6626 0.2498 0.119 

5 -25.6635 0.2765 0.124 

6 -25.6598 0.4681 0.129 

25 

2 -25.6114 0.1573 0.107 

3 -25.6074 0.0145 0.128 

4 -25.6086 0.0378 0.126 

5 -25.6088 0.047 0.129 

6 -25.6072 0.1088 0.138 
Table 4.12: ND, SNR and PESQ Improvements for Pure Speech Signal with Restaurant Noise (REN) 

 

Input 
SNR 

No. of Mics Noise Distortion (ND) SNR Improvement PESQ Improvement 

0 

2 -30.202 10.234 1.443 

3 -30.7966 12.0241 1.54 

4 -30.9281 13.505 1.633 

5 -31.085 13.991 1.647 

6 -31.664 16.9452 1.828 

 
 

5 
 

2 -28.3036 5.5423 1.043 

3 -28.1484 6.5537 1.106 

4 -28.1444 7.4693 1.155 

5 -28.1216 7.7814 1.171 

6 -27.9847 9.8096 1.287 

10 

2 -26.3254 4.2708 0.817 

3 -26.2876 4.4134 0.84 

4 -26.2955 5.4121 0.869 

5 -26.2896 8.4543 0.873 

6 -26.263 8.8675 0.931 

15 

2 -25.8163 2.7054 0.723 

3 -25.8018 2.8535 0.728 

4 -25.8071 2.9976 0.738 

5 -25.8041 3.0496 0.74 

6 -25.7983 3.4292 0.762 

20 

2 -25.6607 2.4465 0.695 

3 -25.653 2.5142 0.696 

4 -25.6563 2.5616 0.7 

5 -25.6544 2.5789 0.701 

6 -25.6531 2.7068 0.706 

25 

2 -25.6109 2.3519 0.717 

3 -25.6056 2.4059 0.723 

4 -25.608 2.4211 0.716 

5 -25.6066 2.4266 0.729 

6 -25.6063 2.4679 0.717 
Table 4.13: ND, SNR and PESQ Improvements for Pure Speech signal with White Gaussian Noise 

(WGN) 
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     Figure 4.9: Plot of Average SNRI with Input SNR for 2 Mics in different noise environments 

 

     Figure 4.10: Plot of Average SNRI with Input SNR for 4 Mics in different noise environments 

 

Figure 4.11: Plot of Average SNRI with Input SNR for 6 Mics in different noise environments 



Blekinge Insitute of Technology Page 64 

 

    Figure 4.12: Plot of Average Speech Distortion (SD) of Speech Signal for BN, FN, WN 

     Figure 4.13: Plot of Average Speech Distortion (SD) of Speech Signal for DN, REN, WGN. 

 

      Figure 4.14: Plot of Average PESQI with input SNR for 2 Mics in different noise environments. 
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     Figure 4.15: Plot of Average of PESQI with input SNR for 4 Mics in different noise environments 

Figure 4.16: Plot of Average PESQI with input SNR for 6 Mics in different noise environments.  

 

Figure 4.17: Plot of Average Noise Distortion (ND) for Pure Speech Signal with BN, FN, WN. 
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Figure 4.18: Plot of Average Noise Distortion (ND) for Pure Speech Signal with DN, REN, WGN. 

 

4.3.2 Elko’s Beamformer: 

No. Type of Noise Average SNRI (dB) SD (dB) ND (dB) PESQ 

1 Babble Noise (BN) 12.1807 -38.364 -33.6245 3.14 

2 Factory Noise (FN) 20.2405 -38.3806 -28.8779 3.408 

3 Wind Noise (WN) 14.247 -38.7754 -33.6536 2.992 

4 Destroyer Engine Noise (DN) 7.3036 -38.3348 -30.775 2.978 

5 Restaurant Noise (REN) 7.6455 -38.3614 -32.4904 2.826 

6 White Gaussian Noise (WGN) 5.1354 -38.3808 -29.0912 2.947 

Table 4.14: Average SNRI, SD, ND and PESQ values for different noise environments in anechoic 

environment for Elko‟s Beamformer 

 The Table 4.14 shows the overall results of Elko‟s Beamformer in different 

noise environments with anechoic environment. All these noises are sampled to 16 KHz. 

This table shows the Average SNRI, SD, ND and PESQ values in different noise 

environments for two microphones. The DOA of Speech and Noise is at 00 and 900 

respectively. The distance between microphones is 0.02 meters. In Elko‟s Beamformer 

average SNRI value is better with FN which is around 20 dB and worst with WGN which is 

around 5 dB. The average SD values of all noise environments are around -38 dB in 

anechoic environment. The SD value is better in case of WN which is around -39 dB. The 

ND values for different noises range between -29 dB to -34 dB. The ND value is better in 

case of WN and BN which is around -34 dB. The output PESQ is best with FN which is 

around 3.4 and it is less with REN which is around 2.8.  

 For further details i.e. the detailed behavior the Elko‟s Beamformer with 

different noise environments at different input SNR levels refer [20]. 
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4.3.3 Maximum SNR Beamformer: 

No. Type of Noise Average SNRI (dB) SD (dB) ND (dB) PESQ 

1 Babble Noise (BN) 262.3243 -26.41 -32.8712 4.312 

2 Factory Noise (FN) 244.8454 -26.27 -34.3466 4.3735 

3 Wind Noise (WN) 203.5938 -26.4845 -34.3756 4.334 

4 Destroyer Engine Noise (DN) 265.615 -26.4613 -33.6225 4.375 

5 Restaurant Noise (REN) 189.163 -26.62 -31.3836 4.354 

6 White Gaussian Noise (WGN) 272.4215 -26.6004 -33.0027 4.366 

Table 4.15: Average SNRI, SD, ND and PESQ values with different noise environments in anechoic 

environment for Maximum SNR Beamformer 

 The Table 4.15 shows the complete results of Max-SNR Beamformer for two 

microphones with the distance separated by 0.02 meters at the DOA of speech and noise at 

00 and 900 respectively. This table includes the Average SNRI, SD, ND and PESQ of the 

clean speech signal. From the table it can be observed that SD varied between -26 dB to -27 

dB and ND varies between -34 dB to -31 dB for all noise environments we considered. The 

PESQ is also around 4.3 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 which reflects to the name of beamformer “Maximum SNR 

Beamformer”. These results are observed in anechoic environment. The speech intelligibility 

is best achieved in this beamformer in all type of noise environments. The average SNRI is 

best for WGN in this beamformer. The PESQ of the beamformer output speech signal has 

nearly reached it‟s maximum value which is 4.5.  For detailed behavior about these 

beamformer with different conditions refer [21]. 

 

4.3.4 Delay and Sum Beamformer (DSB): 

No. Type of Noise Average SNRI (dB) SD (dB) ND (dB) PESQ 

1 Babble Noise (BN) 0.2612 -36.1267 -41.3865 0.7 

2 Factory Noise (FN) 0.0413 -29.4736 -39.308 1.026 

3 Wind Noise (WN) 0.4047 -35.069 -44.2561 0.59 

4 Destroyer Engine Noise (DN) 0.7312 -32.318 -36.6034 0.894 

5 Restaurant Noise (REN) 0.7514 -33.6485 -36.7051 0.69 

6 White Gaussian Noise (WGN) 0.8245 -31.8565 -35.7871 0.779 

Table 4.16: Average SNRI, SD and ND values in different noise environments for Delay and Sum 

Beamformer (DSB). 

 The Table 4.16 shows the overall results of average SNRI , SD, ND and 

PESQ values with different noise environments in anechoic environment for DSB. In these 
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results, it is observed that the average SNRI is very less which is less than 1 dB. These 

results are observed by considering two microphones. The distance between microphones is 

assumed to be 0.02 meters. Here, average SNRI is better with WGN which is around 0.8 dB. 

The average SD value is better in case of BN which is around -36 dB. These SD values range 

between -29 dB to -36 dB. From the Table 4.16 it is observed that the ND values range 

between -36 dB to -44 dB. The average ND value is better in case of WN which is around -

44 dB. The output PESQ is also very less and is better for FN.  

 The average SNRI can be increased by increasing the number of microphones 

to the DSB.  By increasing the number of microphones to 6 the SNRI can be improved upto 

4 dB. For further details about these 4 dB improvement SNRI refer [23]. To know the 

behavior of this beamformer in different noise environments with different input SNR levels 

refer [24].  

 

4.3.5 Performance Evaluation of Beamformers: 

 In this section, the beamformers i.e. Elko‟s, Wiener, Max-SNR and Delay and 

Sum are compared for two microphones by considering evaluation parameters such as SNRI, 

SD, ND and PESQI with different noise environments. The detailed results of these 

parameters are shown in Table 4.14, Table 4.15 and Table 4.16 respectively for Elko‟s, Max-

SNR and Delay and Sum respectively. The results of Wiener are shown in Tables from Table 

4.2 to Table 4.13. These results are tested with clean speech signal and different types of 

noises that are recorded from microphone in that particular environment.  

 The figure 4.19 shows the average SNRI for various beamformers with 

different noise environments where x label indicates [1, 2, 3, 4, 5, 6] = [BN, FN, WN, DN, 

REN, WGN]. This x label is applicable to all the graphs from figure 4.19 to figure 4.22.  

 

Figure 4.19: Comparison of Average SNRI for various beamformers in different noise environments. 
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Figure 4.20: Comparison of Average SD for various beamformers with different noise environments. 

 

Figure 4.21: Comparison of Average ND for various beamformers with different noise environments. 

 

Figure 4.22: Comparison of Output PESQ for Elko‟s, Wiener and Max-SNR Beamformers with 

different noise environments  
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  From figure 4.19 it is observed that Max-SNR is best which gives an 

improvement of around 250 dB for all noise environments. The DSB has poor SNRI 

compared to other beamformers. Elko‟s have better SNRI for FN which is about 20 dB, 12 

dB for BN and less than 10 dB for other noise environments. Wiener SNRI is less than 7 dB 

for all noise environments. Therefore, Wiener SNRI is better as the number of microphones 

increases.  

 The figure 4.20 shows the comparison of Average SD for all beamformers 

with different noise environments. Similarly, the figure 4.21 show the comparison plot of 

average ND of all beamformers with different noise environments. The figure 4.22 shows the 

comparison plot of average output PESQ for Elko‟s, Wiener, Max-SNR and Delay and Sum 

Beamformers with different noise environments for two microphones. From the figure it can 

be observed that Max-SNR beamformer output PESQ maintains a constant level i.e. around 

4.3 for all noise environments which is the best rating for PESQ. By this it can be said that 

speech intelligibility has achieved with the best rating for speech. The Elko‟s and Wiener 

have maximum average output PESQ of 3.4.This output PESQ for wiener beamformer can 

be increased by increasing the number of microphones. Therefore, for Wiener beamformer 

and Elko‟s Beamformer the output PESQ is best for FN which is around 3.4. In case of two 

microphones Elko‟s Beamformer performance is better than Wiener Beamformer. The 

performance of wiener beamformer can be increased by increasing the number of 

microphones in which for 6 microphones the performance evaluation parameters SNRI, SD, 

ND and PESQI are shown from tables 4.2 to 4.13. 

 

4.3.6 AEC using NLMS Algorithm: 

 In this thesis, a simple NLMS algorithm is designed for β of 0.1, order of the 

filter for 5 values 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. The main parameter considered in 

echo cancellation using NLMS algorithm is ERLE in order to measure the amount of echo 

cancelled. The echo signal is generated using Room Reverberation 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 signal with the input signal. Therefore, echo signal is generated with this impulse 

response. Now 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 as 

passed through the NLMS algorithm which gives the estimated error, adaptive filtered output 

and the filter weights. These all signals are plotted and shown below.  
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 The Table 4.17 shows the ERLE values for different filter order for 5 

iterations. From the table it can be observed that as the filter order increases the ERLE 

slowly decreases. The NLMS adaptive filter is one of the best adaptive algorithms 

recommended for practical implementation of Acoustic echo cancelation. This algorithm 

gives very small estimated error and also large average ERLE value which is around 22.0763 

dB.  As it gives large ERLE value therefore, it is the best algorithm usually preferred for 

Acoustic Echo Cancellation. From various observations as we know that ERLE of NLMS is 

larger than the LMS algorithm it is better used for Echo Cancellation application. 

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 4.17: ERLE values with different filter orders of the NLMS adaptive filter for Echo   

Cancellation 

 The Figures 4.21 shows the desired signal (d) which is the random noise and 

figure 4.22 shows the adaptive filter output (y) i.e. the output after the filter coefficients gets 

multiplied with the input signal. These two figures resemble each other. The figure 4.23 

shows the estimated error signal which gives amount of error signal present between the 

desired signal and the output signal. This figure 4.24 is the speech signal which is considered 

as echo signal. The figure 4.24 shows the plot of ERLE for NLMS algorithm which gives the 

amount of echo suppressed for the filter orders of 10, 15, 20, 25 and 30. The ERLE is almost 

same at each order and gives an average ERLE of 22.0763 dB.   

 For detailed behavior of the Echo Cancellation using NLMS algorithm results 

refer [25].   

 

Figure 4.23: Plot of Desired Signal for NLMS Adaptive Algorithm 
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Figure 4.24: Plot of Adaptive Filter Output for NLMS Algorithm 

Figure 4.25: Plot of Estimated Error Signal for NLMS Adaptive Filter 

 

Figure 4.26: Plot of ERLE for NLMS Adaptive Filter with Average ERLE of 22.0763 dB. 
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5. CONCLUSION AND FUTURE WORK 

5.1 Conclusion 

 In this thesis, which is a collaborative work done by group of four, I focus on 

speech enhancement of noisy speech signal in hands-free speech communication using 

wiener beamformer in anechoic environment. The wiener beamformer have been 

successfully implemented in MATLAB offline mode. The performance of wiener 

beamformer has been tested in six different noise environments. The performance evaluation 

of the beamformer is measured with SNRI, PESQI, SD and ND levels. Generally, the better 

SNRI indicates more SD i.e. any system compromises between high SNRI and low SD. As 

the input SNR level increases ND increases but, SD, SNRI and PESQI decreases from 

overall results which have been shown in tables and plots. From the results that have been 

shown in tables and plots in each input SNR level as the number of microphones increases 

SNRI increases, PESQI increases, SD decreases and ND increases. The SNRI and PESQI are 

best for 6 microphones when compared to 2 microphones in all noise environments of 

wiener beamformer. The designed system is best in case of Factory Noise as it‟s SNRI for 2 

Mics it is 11 dB and for 6 Mics it is increased to 18 dB at 0 input SNR level. The modeled 

system has better PESQI in case of White Gaussian Noise i.e. around 1.4 for two 

microphones and 1.8 for 6 microphones. This has shown that the designed system shows 

better performance as the number of microphones increases. The SD values ranges between -

68 dB to -32 dB which decreases linearly with input SNR level and similarly ND values 

range in between -25 dB to -38 dB which decreases linearly with input SNR level. This 

system model gives average SNRI of around 5 dB for two microphones and increased to 7 

dB for six microphones in all noise environments. And also the system has average PESQI 

of 0.5 for two microphones and increased to 0.6 for six microphones in all noise 

environments. This system performs well with Destroyer-engine Noise (DN) with an average 

SNRI of 7dB and average PESQI of 0.8 for two microphones and increased for six 

microphones with an average SNRI of 9dB and average PESQI of 0.9. Therefore, the wiener 

beamformer in hands-free speech communication is implemented successfully and validated 

with necessary results with Tables, plots and graphs. This method is computationally 

efficient and less complex.  

 The other speech enhancement methods such as Max-SNR Beamformer, 

Elko‟ 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 only two microphones. The SNRI of Wiener Beamformer is 
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best in case of DN and PESQI is best in case of WGN environments. By comparing Wiener 

with Elko‟s, Max-SNR and DSB it is observed that SNRI and PESQI are best for Max-SNR 

Beamformer and poor in case of DSB. The Elko‟s performs at its best in case of two 

microphones and 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. The ERLE was 

around 22 dB for Echo Cancellation using NLMS adaptive algorithm. 

   

5.2 Future Work 

  The wiener beamformer method using Eigen value decomposition for speech 

enhancement in hands-free speech communication in time-domain has been implemented in 

anechoic environment in MATLAB offline mode and further can be implemented in real-

time. The output of the wiener beamformer contains very less background noise which is 

negligible and doesn‟t influence the speech intelligibility in hands-free speech 

communication. However, this background noise and speech intelligibility can be further 

improved by implementing wiener beamformer in frequency domain using filter banks and 

also can be tested on Digital Signal Processors i.e. DSP kit in real-time applications.    
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