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ABSTRACT 
 

Reverberation in speech is one of the primary factors which degrade the quality of the audio by 

persistence of audio in space by creating large number of echoes. Reverberation degrades the 

speech signal when recorded by a distant microphone and in the hands free telephonic scenarios. 

This reverberation corrupts the speech signal and it is difficult to carrying out communication in 

automatic voice recognition applications in which the voice is not properly recognized by the 

voice recognition applications. 

 

Here dereverberation is performed considering two mostly used real time scenarios. They are 

non blind dereverberation and blind dereverberation. Dereverberation in a hands free scenario 

using various adaptive algorithms has been a research topic for several years. This scenario is 

considered as a non blind situation. For this non blind situation, here two types of recently 

proposed adaptive algorithms are used. They are non parametric variable step size normalized 

least mean square (NP VSS NLMS) and variable step size normalized least mean square (VSS 

NLMS) adaptive filters. The scenario in which the knowledge of clear speech signal is unknown 

is considered to be the blind situation. Here we introduce the non parametric variable step size 

NLMS (NP VSS NLMS) based step size adaptive filter in maximum kurtosis linear prediction 

residual of speech to remove the reverberations from the reverberated speech signal. 

 

The performances of both blind dereverberation and non blind dereverberation are analyzed 

using spectrogram plot, reverberation index (RI) and speech distortion (SD) parameters. From 

the results it is seen that non parametric variable step size based maximum kurtosis linear 

prediction speech residual method works better than maximum kurtosis based speech residual 

method. 
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 CHAPTER 1 
 

INTRODUCTION 

 

At present time, as the new technologies come into existence, speech is regarded as the most 

important way of communication. Long way communication began with land-line telephone 

conversation. In all forms of the communication systems that use speech, one of the main 

challenges of the researchers is to maintain the quality and intelligibility of the speech while the 

information is exchanged or transmitted from one part to another [1] [2]. Due to the presence of 

surrounding noise such as impulse noise, background noise, babble noise and environmental 

noise the performance of communication systems in real-life application is degraded 

automatically. All these noises cause the distorted exchange of information during 

communications. The success of communication depends on the restoration of clear speech 

signal from the mixture of disturbances and other noise remains main goals in speech processing 

research. Some noise and disturbances are show in the Figure1.1. 

                                

           Figure1.1 various disturbance levels in speech 

 

1.1 Motivation for research 

In different types of multimedia applications, speech and audio play a very important role as 

a kind of an interface between human beings. However, speech signal acquired by a distant 

microphone in an enclosed space is often degraded by reverberation. We can say that 

reverberation is the combined effect of multiple reflections from the walls of the room or any 

enclosed space. The intensity of reverberation depends on the shape, dimensions, size and 

materials used in the construction of the room [1] [2]. This has a detrimental effect on the 
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quality as well as the intelligibility of speech signal. The example of reverberation is shown 

below with the help of Figure1.2 [3].  

 

             

Figure1.2 various cause for reverberation 

    

Hence dereverberation techniques play very important role in different applications. Some of 

the most popular and important dereverberation algorithms are adaptive algorithms and blind 

deconvolution algorithm. In adaptive algorithms we will have knowledge about the desired 

signal i.e. the reference signal which we intended to get. In adaptive filter, coefficients are 

changed or adapted accordingly by using some adaptive algorithms such as least mean 

square algorithm, recursive least square algorithm, normalized least mean square algorithm 

and affine projection algorithm [3]. So that the output of algorithm is closely matches the 

reference signal. Blind deconvolution is more challenging dereverberation method in which 

algorithm do not have access or knowledge of reference needed [4]. 

 

1.2 Research question 

       How can we improve the performance of single channel speech dereverberation? 
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1.3 Objective  

The objective of the thesis is to find an approach to dereverberate the reverberated signals 

which degrade the quality of a speech signal. This thesis is proposed to find out the way in 

which we can improve the single channel speech dereverberation using both blind and non 

blind approaches.  This project will help in analyzing the way in which the quality of speech 

signal can be improved using non parametric variable step size normalized least mean square 

(NPVSS NLMS) based adaptive filter in maximum kurtosis linear prediction residue can 

improve the quality of the speech signal even if the reverberation time is long [5].  

1.4 Problem statement 

The improvement in the quality of the degraded speech signal is one of the greatest 

challenges. Reverberation is one of the primary factors that degrade the quality of a speech 

signal when recorded by a distant microphone. If the reverberation time is longer the 

performance of an automotive speech recognition system does not work sufficiently even if 

the recognizer is trained on the reverberant signal. This thesis concern with 

i. Firstly, to find a updated way that can be used in real time to dereverberate the 

reverberated signals which degrade the quality of a speech signal in both blind and 

non blind environment. 

ii. Secondly, how to use NPVSS NLMS based adaptive filter in linear prediction 

residual method to improve the quality of the speech signal. 
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CHAPTER 2 
 

BACKGROUND AND RELATED WORK 

This chapter tells some of the works which are already being done by the researchers for 

improving the quality of speech using dereverberation in both blind and non blind. Some of the 

works being done are described further. 

2.1 Overview of existing methods for dereverberation 

Blind dereverberation method was developed so that the quality of speech signals can be restored 

from the reverberant signals in the environment where there is no knowledge of reference signal. 

This is generally accomplished on the basis of the observed signals, when we even do not have 

any important information about the acoustic properties of the room. This kind of operation is 

known as blind dereverberation [1] [5]. 

In general, a reverberated signal, x(n), can be modeled as a convolution of its source signal, s(n), 

and a room impulse response, h(m), as 

 

                                               
                                           (2.1) 

 

Where ‘n’ and ‘m’ are time indices of the signals. 

As the properties of speech signals changes with time, so different features get mixed in 

reverberation and thus degrade the quality of signals. This can be shown with the help of 

following spectrogram plot, which shows both clean and reverberated speech signals in 

Figure2.1 (a) [10]. 

 

Figure2.1 (a) clean speech signal and (b) reverberated speech signal 
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(a) Inverse filtering method 

Inverse Filtering is one of the methods which are used to achieve speech dereverberation [2]. In 

this approach, dereverberation is done with the help of the inverse filter w, which cancels the 

reverberation effect by applying it to the signals in the following way: 

 

                                                                  
                                                (2.2) 

Here, y(n) is dereverberated signal which is obtained by convoluting with filter w, identical to 

s(n) which is the source signal 

                                                                                                                                 (2.3) 

Where, c is a scalar constant and, w(n) should satisfy following condition: 

                                                                 
 
                                                   (2.4) 

Where, δi,j is the kronecker delta function. 

(b) Dereverberation based on the features of speech signals 

Some of the researchers have also utilized the features of speech signals to propose the 

dereverberation methods. Yegnannarayana et al. proposed a system that attenuates the peak of 

the signal in the LP residue [5]. Although, these type of systems were able to improve the 

intelligibility of speech signals but still there are some artifacts present in the resultant signals. 

These methods were not completely successful in the dereverberation of speech signals. These 

methods were able to cope with the small reverberation problems, but could not be successful in 

case of complicated and severe reverberation problems. These methods are considered to be 

limited by the impreciseness of the assumptions. 

 

2.2 Single channel speech enhancement  

Here, the speech enhancement techniques which are used to reduce the reverberations and noise 

are explained. It estimates the clean speech signal from the noisy speech signal which is 

available in a single channel provided by one microphone. It can be illustrated in following 

Figure2.2 
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Figure 2.2 Single channel speech enhancement systems 

 

Most of the speech enhancement techniques are based on this technique and mostly applied in 

real time applications, such as, voice recognition application, speech to text converters which is 

used in latest smart phones, intelligent hearing protectors, hearing aids etc. 

Some proposed algorithms for single channel speech enhancement are:  

 Short time spectrum based algorithms  

 Harmonicity based algorithm  

 Correlation shaping 

 Modulation transfer algorithms. 

 A Two-stage Algorithm  

 Spectral subtraction 

 Statistical model method 

These methods are useful in different situations they have some limitations blind inverse filtering 

and correlation shaping was useful in smaller reverberation .Modulation transfer function method 

room impulse response assumption are not always satisfied by the properties of speech signal 

and dereverberation. Harmonicity based dereverberation method has problems in finding the 

fundamental frequency while applying in realistic conditions. It also requires long observation 

time to achieve high quality dereverberation [6].  
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2.3 Comparison of related work to the proposed work 

As we see that a number of previous works has been done and there are many dereverberation 

methods been proposed. But then too, dereverberation is still considered to be one of the most 

challenging problems in case of a single microphone. There is a special feature of speech signals 

that helps us in restoring the quality of source signals. This is considered to be the very important 

aspect of single-channel speech enhancement. 

 

In this proposed system, we take the different algorithms used for the dereverberation of speech 

signals to describe the single-channel speech dereverberation method. Kurtosis based 

dereverberation is considered to be one of the effective methods to carry out dereverberation of 

speech signals and improves the quality of speech to a great extent [5]. Thus, the proposed 

method is the introduction of NPVSS NLMS based step size update in adaptive filter which is 

used in the kurtosis based dereverberation. It is carried out to prove that this method can be used 

in effective way to dereverberate the reverberated speech signals. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



18 
 

     

CHAPTER 3 
 

ROOM IMPULSE RESPONSE  

 

This chapter describes the cause of the degraded speech quality. It tells from where the problem 

originates. We can say that it deals with the origin, cause and effects of reverberation. The 

concepts of reverberation, room reverberation, following the reduction of reverberation are also 

explained. 

 

3.1 Reverberation: 

 

Some of the examples of speech communication systems are mobile telephones; voice based 

controlled systems, and hearing aids. Let us take mobile application the user to walk around 

freely without using any headset or a microphone, and thereby helps in providing a natural way 

of communication. Generally in hospitals voice controlled systems are used where they allow 

surgeons and nurses to move around the patient freely and communicate with each other. To 

increase the hearing aid capacity hearing aid application was used. From the above all real life 

applications the source signal can be positioned at a considerable distance from the microphone. 

 

The desired source produces sound waves. Some of these waves travel directly to the 

microphone. The direct signal produced can be degraded due to reverberation, background noise, 

or because of some other interference. The degradations which are caused because of 

reverberation, background noise and other interferences, can be counteracted by using high-

performance and acoustic signal processing techniques. In the context of this work, we can say 

that reverberation is the process of multi-path propagation of an acoustic sound from its source to 

one or more microphones as shown in the Figure3.1.  
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Figure 3.1: Illustration of a desired source, a microphone, and interfering sources. 

 

 

Room reverberation degrades the quality of speech and the performance of automatic speech 

recognition. The application of acoustic signal processing can be illustrated with the help of 

following diagram: 

  

Figure 3.2 Application of acoustic signal processing 

 

From above Figure3.2 the sound that is produced by the desired source, shown as the desired 

signal in the diagram is transmitted over the acoustic channel, and some of the interfering signals 

get combined with desired signal, which results in the received microphone signals. The thick 

lines shown in the figure denote one or more signals, whereas the thin lines denote one signal. 

The interfering signals can describe any kind of interfering noise. The received microphone 
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signals are then processed using the acoustic signal processor and finally the desired signal is 

estimated. 

 

A major confrontation in acoustic signal processing originates from the degradation of the 

desired signal by the acoustic channel within an enclosed space, e.g., an office room or living 

room. Because the microphone cannot always be located near the desired source, the received 

microphone signals are typically degraded by (i) reverberation and (ii) noise introduced by 

interfering sources. 

In reverberation, the part which gets degraded depends upon the desired signal. Reverberant 

speech can be described as sounding distant with noticeable coloration and echo. These effects 

generally increase as the distance between the source and the microphone increases. The spread 

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

phonemes. All these effects degrade the intelligibility, the performance of voice-controlled 

systems, and the performance of speech coding algorithms that are used in telephone systems [5]. 

It is very important to minimize such kinds of effects. This thesis basically focuses on providing 

a considerable speech quality by reducing/removing the reverberations in the speech signal. The 

output from the thesis is to improve the quality of reverberated speech signal even if the 

reverberation time is longer, when captured in a distant microphone with different input signals. 

 

3.2 Classification of different reflections 

Reverberation is described by the concept of reflections. The desired source produces wave 

fronts, which propagate outward from the source. The wave fronts reflect off the walls of the 

room and superimpose at the microphone. This concept is described by the following Figure3.3 
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Figure 3.3: Illustration of reverberation in enclosed places 

 

Due to the difference in the length of the desired source to microphone and in the amount of 

sound energy absorbed by the walls, each wave front arrives at the microphone with a different 

amplitude and phase. The term reverberation entitles the presence of delayed and attenuated 

copies of the source signal in the received signal. The received signal generally consists of direct 

sound, reverberation and reflections that arrive after the early reverberation called late 

reverberation [3].    

a) Direct sound: The first sound that is received without reflection is known as the direct sound. 

If the source is not in line of sight of the receiver, there is no direct sound.  

b) Early reflections: The sounds which have undergone reflection to one or more surfaces such 

as walls, floors, furniture are received after a short time. These sounds are called as the reflected 

sounds and all these reflected sounds combine to form a sound component called as early 

reverberation. This type of reverberation 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 delay 

of reflections don’t exceed the limit 50-60 milliseconds approximately. Early reflections provide 

information such as size of the room and position of the speaker in the room. 

c) Late reverberation: Late reverberation results from reflections which arrive with larger 

delays after the arrival of the direct sound. They are perceived either as separate echoes, or as 

reverberation, and impair speech intelligibility. 
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CHAPTER 4 
 

Non blind dereverberation 

Non blind dereverberation is a process in which we dereverberate the reverberated signals with 

the knowledge of source signal. Since we have access to the clear source signal this process is 

called as non blind dereverberation methods. In real world, these scenarios occur during the 

conversation in conference telephones or mobile phones as shown in the Figure4.1 

   

Figure4.1: Illustration of acoustic reverberation using adaptive filters 

 

 

4.1 Adaptive filters 

An adaptive filter is self designing system that relies for its operation on a recursive algorithm, 

which makes it possible for the filter to perform satisfactorily. Adaptive filters can be works 

under two categories linear and non linear. Linear combination of available set of observable 

inputs applied to the filter based on that information adaptive filter can compute and estimate the 

desired response that type of filter can be called linear otherwise non linear [3]. Adaptive filters 

may also be classified into supervised and unsupervised filters. Supervised filter requires the 

training sequence based on that sequence it will produce desired response for that particular input 

signal, the error signal will generate according to the difference between the filter output and 

desired response. Based on that error signal the system parameters will vary. The process will 
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going on step by step until the steady state condition. While coming to unsupervised filter the 

parameters will adjust without any help of desired response. The general structure of adaptive 

filters are shown in the Figure 4.2 

 

Figure 4.2 General structure of adaptive algorithm 

 

Least mean square algorithm is the first implemented algorithm for linear adaptive filters. The 

main advantages of this algorithm are simplicity in implementation, computational efficiency, 

parameters adjustment in linear manner and robust performance. The main draw backs of this 

algorithm are convergence speed in slower rate and Eigen value spread (i.e. the ratio between the 

largest Eigen values to the lower Eigen value) matrix correlation of the input signal vector. To 

avoid some drawbacks NLMS adaptive filter is introduced. Here in our thesis we mainly 

concentrated on NLMS adaptive filters and improvements within the NLMS. 

 

4.2 NLMS algorithm 

The normalized least-mean-square (NLMS) algorithm which is also called as the projection 

algorithm, this method is very useful in coefficients adaptation for finite impulse response filter 

for most of the signal processing applications [7]. The convergence of minimum mean square 

error depends on the step size used in the algorithm. Depending upon the purpose, the step size 

of the adaptive filter can be modified in the algorithm. 

 

         FIR 
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The NLMS algorithm based adaptive filter weight update equation can be expressed as below 

 

                                                              
         

       
                                           (4.1) 

 

Here,       is the input signal,     is the error and          is used in normalization which can 

alter the magnitude of gradient vector but not the direction. The step size update equation is, 

                                                             
 

       
                                                              (4.2) 

 

Here, β is the normalized step size and its range should be between 0<β<2. This step size value 

plays very important role in convergence of this algorithm [8]. This is the main advantage of 

NLMS filter over LMS filter. It has faster convergence speeds for both correlated and whitened 

input data, stable behavior for a known range of parameter values (0<β<2) and this is 

independent of the input data correlation statistics [8]. Still there convergences can be made 

faster and applied for real world. 

 

4.3 Non parametric variable step size NLMS 

 

The choice of the parameters within the stability condition reflects on trade off between fast 

convergence and good tracking ability. Main thing is to control the step size accordingly to get 

good convergence rate and minimum error [9]. NPVSS-NLMS algorithm uses a more reliable 

approach for updating this step size. 

 

4.3.1 Model for step size update 

 

The general filter weight update equation is expressed [2] as, 

 

                                                                                                   (4.3) 

 

NP VSS-NLMS algorithm to find the step-size parameter µ (n),  
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In order to find the correct step size µ (n) for each step, it is important to calculate the power of 

noise [7]. Let us consider the noise as v (n) and the power of noise is calculated [7]. Here we use 

E [ ] mathematical expectation to calculate the noise power, and   
            is the power of 

the system noise. 

                                                                
                                                    (4.4) 

 

Where the input signal x (n), error e (n) and the noise v (n) are shown in the Figure 4.4 

 

Using the approximation that is            is approximately equal to             , E [ ] 

denotes mathematical expectation to calculate the power of the input signal   
  [7] 

  

                                                                                                 (4.5) 

 

 Where L is is the acoustics impulse response length which is used as the length of the adaptive 

filters [7]. 

here two error, prior error e(n) and posterior error      calculated as, 

                        

                                                                                        (4.6) 

                                                                                                       (4.7) 

 

Where y(n) is the output signal W(n) is the filter and x(n) is the input signal and linear update of 

the equation will be [7] 

                                                                                             (4.8) 

 

The power of the posterior error signal       is calculated as the equation 4.9 which is derived 

by substituting equation 4.8 into 4.7 using 4.6 to estimate        and equating in to 4.4. This 

derivation is taken from reference [7] 

 

                   
     

     

                                                                     
                                                                (4.9) 
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Here    
     is the power of the prior error signal,      is the current step size and L is the 

acoustics impulse response length which is used as the length of the adaptive filters. When this 

posterior error is equal to the power of the noise   
  then the next step size will be maximum 

and convergence will be fast. Developing above equation, we obtain a quadratic equation 

Where   
   is the power of the error signal, and developing above equation, we obtain a 

quadratic equation. This equation is taken from the reference [7]. 

 

                                                  
 

   
       

 

    
   

     
  

 

  
                             (4.10) 

 

Solving the above equation we get the final update of step size equation [7] 

                                                           
 

         
   

  

  
                                        (4.11) 

 

The adaptive filter equation will be 

                                                                                         (4.12) 

 

Where x (n) and e (n) are the input signal and error signal. 

 

Final equation of the output signal, 

                                                                                                               (4.13) 

 

Where y (n) is the output signal which is dereverberated signal and x (n) is the reverberated 

signal which is convoluted with the adaptive filter. 

 

 

4.3.2 Practical implementation of NPVSS NLMS 

 

While coming to practical implementations of adaptive algorithms they are introduced a small 

positive constant   in denominator of step size to eliminate divisions by small numbers in 

adaptive algorithms [7] 
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In practice  
  quantity is expresses as follows: 

 

                                      
         

                                                 (4.14) 

 

Here λ is called as exponential window. This is calculated as 1 - 1/KL,      and L is the 

acoustics impulse response length which is used as the length of the adaptive filters. This above 

equation could result in lower magnitude than   
 , which would make negative [7]. The simple 

solution to avoid this problem is that we have to fix          when it occurs. 

 

From the above derivation this non parametric VSS-NLMS is simple method for the derivation 

of algorithms that are less sensitive approach algorithm. This algorithm does not require any 

additional information concerning the acoustic environment, so that it is very suitable for real-

world AEC applications [7]. 

 

In acoustic echo cancellation applications the adaptive filter works like a under modeling 

situation because of that excessive length of the acoustic path. The causes for this echo are part 

of the system [7]. The residual echo cannot be modeled as an additional noise. And this echo 

disturbs the algorithm’s performance. Most of the adaptive algorithms do not take this aspect in 

consideration. 

 

Since this algorithm does not require any additional information concerning the acoustic 

environment it is easy to implement and also less parameters used here. So it is called as Non 

parametric VSS NLMS adaptive filters.  
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4.3.2 Flow chart for implementing NP VSS NLMS 

 

Figure 4.3 flow chart of NPVSS NLMS 
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4.4 VSS-NLMS algorithm  

 

The non parametric VSS-NLMS algorithm was developed in a system identification context, 

aiming to recover the system noise (i.e., the noise that corrupts the output of the unknown 

system) from the error of the adaptive filter. In the context of reverberation cancellation, this 

system noise is the near-end signal [9].  If only the background noise is considered, its power 

estimate (which is needed in the step-size formula of the NPVSS-NLMS algorithm) is easily 

obtained during silences of the near-end talker.  

 

The main challenge is the case when the near-end signal contains not only the background noise 

but also the near-end [9]. Inspired by the original idea of the NPVSS-NLMS algorithm, several 

approaches have focused on finding other practical solutions for this problem; consequently, 

different VSS-NLMS algorithms have been developed. The system model can be described in 

the Figure4.4  

 

Figure 4.4 System model 

 

The system model configuration for VSS-NLMS is presented in Fig. 4.4, where the goal is to 

model an unknown system of length N using an adaptive filter of length.  
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4.4.1 Model for step size update 

 

The general filter weight update equation is expressed [9] as, 

 

                                                                                                  (4.15) 

 

VSS-NLMS algorithm to find the step-size parameter µ (n),  

In order to find the correct step size µ (n) for each step, it is important to calculate the power of 

noise [7]. Let us consider the noise as v (n) and the power of noise is calculated [8] 

 

                                                               
                                                    (4.16) 

 

where      denotes mathematical expectation, and   
           is the power of the system 

noise  

The input signal x (n), error e (n) and the noise v (n) are shown in the Figure 4.4 

Using the approximation that is            is approximately equal to             , E [ ] 

denotes mathematical expectation to calculate the power of the input signal   
  [8] 

  

                                                                                                           (4.17) 

 

   
  is the power of the input signal and L is the acoustics impulse response length which is used 

as the length of the adaptive filters.[7][8] 

 

here two error, prior error e(n) and posterior error      calculated as, 

                        

                                                                                        (4.18) 

                                                                                                       (4.19) 

 

Where y(n) is the output signal W(n) is the filter and x(n) is the input signal and linear update of 

the equation will be [7] [8] 

                                                                                             (4.20) 
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The power of the posterior error signal       is calculated as the equation 4.15 which is derived 

by substituting equation 4.20 into 4.19, using 4.18 to estimate        and equating in to 4.16. 

This derivation is taken from reference [7] [8] 

                                                   
      

                                          (4.21) 

                                                         =   
  

Here    
     is the power of the prior error signal,      is the current step size and L is the 

acoustics impulse response length which is used as the length of the adaptive filters. When this 

posterior error is equal to the power of the noise   
  then the next step size will be maximum 

and convergence will be fast. Developing above equation, we obtain a quadratic equation 

Where   
   is the power of the error signal, and developing above equation, we obtain a 

quadratic equation [7] [8] 

                                      
 

   
       

 

    
   

     
  

 

  
                                         (4.22) 

                               

Here mainly we have to calculate the noise power  
 .  

 

The power of the signals are calculated by using the mathematical expectation as [8] 

 

                                                                                                   (4.23) 

 

here d (n)  is the desired signal, y(n) is the output signal and v(n) is the noise. It can be clearly 

seen from the Figure4.4 and reference [8] 

 

                                             
        

        
                                                    (4.24) 

 

From the equation below from [8] the noise power is calculated as the difference between the 

desired signal power   
     and the output signal power   

     [8] 

 

Solving the above equation we get the final update of step size equation 

                          
 

           
   

    
       

     

       
                                                (4.25) 



32 
 

 

The adaptive filter equation will be 

 

                                                                                       (4.26) 

 

Where x(n) and e(n) are the input signal and error signal. 

Final equation of the output signal, 

                                                                                                            (4.27) 

 

Where y(n) is the output signal which is dereverberated signal and x(n) is the reverberated signal 

which is convoluted with the adaptive filter. 

 

4.4.2Practical implementation of VSS NLMS 

 

In practice implementation all adaptive algorithms need to be regularized in order to avoid 

divisions by small numbers.  is small value to avoid zero [9]. This implies that a positive 

constant   needs to be added to the denominator of step sizes. 

In practice   
    quantity is estimated as follows: 

 

                                  
         

                                                          (4.28) 

 

Here λ is called as exponential window. This is calculated as 1 - 1/KL,      and L is the 

acoustics impulse response length which is used as the length of the adaptive filters. 
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4.4.2 Flow chart for implementing VSS NLMS 

 
Figure 4.5 flow chart of VSS NLMS 
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CHAPTER 5 
 

BLIND DEREVERBERATION 

This method completely based on observed signal there will be no prior information about the 

room acoustic properties this operation is known as blind dereverberation. There are so many 

approaches as mentioned in background and related works. In this we are going to deal with 

combination of non parametric normalized least mean square adaptive filter in linear prediction 

residual method. 

5.1 Linear prediction of speech 

A Speech signal can be represented as a linear combination of its previous samples. We can say 

that the clean speech can be modeled as an output all-pole process and can be represented by 

equation: 

                                                                      
                                    (5.1) 

Where,     are the filter coefficients, and u(n) is the glottal pulse excitation signal [10]. Now, if 

we consider that the predicted signal for the above speech is   (n) then this can be further 

modeled as an output of an all-pole process. The equation will be written as: 

                                                                   
 
                                               (5.2) 

here,     are the coefficients of linear prediction  

Now, if the speech signal was completely generated by an all-pole filter, above equation would 

be an exact prediction of the speech signal at all times, except for the case of glottal excitation 

instants, which means for       error prediction 

 

                                                                                 

                                                                                                                              (5.3) 

 

This error prediction is called as linear prediction residual. This linear prediction residual 

whitens the speech signal, and represents the excitation signal in ideal conditions [10]. In the 

same way, LP of the reverberant speech can be written as: 

                                                                    
 
                                    (5.4) 
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where,   (n) is the linear prediction residual reverberant speech [10]. The reverberation mainly 

affects the excitation signal so it can be removed by modifying the linear prediction residual  

  (n) = u(n)  and after that, the clean speech signal can be easily synthesized from the cleaned 

residual. 

 

 5.2 Maximum kurtosis based dereverberation 

This section describes about the maximum kurtosis based blind dereverberation. The main aim is 

to maximize the kurtosis of linear prediction residual of received reverberant signal so as to 

achieve dereverberation. Glottal excitation signal was approximated by using linear prediction 

residual of a speech signal. This signal has some quasi periodic peaks. If the reverberation is 

present the peaks will spread or increases. Kurtosis is a measure of the peaks present in a signal. 

According to the reverberation signal the kurtosis also varies. Gillespie et al. has presented an 

adaptive algorithm to maximize the kurtosis of linear prediction residuals. In the steepest-ascent 

algorithm, the cost function is given as the normalized kurtosis. The block diagram for this 

algorithm is shown in the following diagram.  

 

 

Figure 5.1 Algorithm for dereverberation 

In the above diagram, the adaptive filter h(n) is controlled by the feedback function f(n) given by 

the chosen cost function. The output of the adaptive filter linear prediction residual   (n), is used 

to synthesize the dereverberated signal y(n). An important assumption which is made is that the 

predictor coefficients obtained from the linear prediction analysis are not affected by the 

reverberation, and can be used for the synthesis of the clean speech from the filtered residual. 

But this cannot be always right. A secondary approach is there which involves the duplication of 

the adaptive filter coefficients so as to directly filter the reverberant signal and thus obtain the 

dereverberated speech [10] as described in following diagram 
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Figure 5.2 Modified block diagram to avoid LP artifacts in signal reconstruction from residual 

 

But in our proposed method instead of that adaptive filter we are using NPVSSNLMS algorithm 

based adaptive filter in this according to that step size variation the adaptive filter will update.  

 

5.3 Derivations for NPVSS NLMS based maximum kurtosis based dereverberation 

 

For the derivation we need to maximize the kurtosis of   (n) which the dereverberated signal 

obtained by linear prediction of residual method[10], 

                 

                                                                     
      

      
                                              (5.5) 

 

This contains the cost function.  

The gradient of      with respect to the current filter is 

                                
  

  
      

                    

       
                                        (5.6) 
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Hence f(n) is calculated as, 

                                                 
                    

       
                                         (5.7)     

       

                 are calculated as, 

                                                                                               (5.8) 

                                                            

                                                                                                          (5.9) 

 

The final update of maximum kurtosis based adaptive filter is [10], 

                                                                                                 (5.10) 

 

here we considering the feedback function as error updated and the step size of is updated as 

                                                               
 

      
    

  

  
                                  (5.11) 

 

The update equations of step size we already discussed in Chapter 4.             

 

The adaptive filter equation will be 

 

                                                                                               (5.13) 

 

Where   (n) and f(n) are the input signal and error signal. 

 

Final equation of the output signal, 

                                                                                                        (5.14) 

 

Where   (n) is the output signal which is dereverberated signal and   (n) is the reverberated signal 

which is convoluted with the adaptive filter. 
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5.3 Flow chart for implementing NP VSS NLMS based maximum kurtosis LP residue 

 

 

 
                        Figure5.3 flow chart of NP VSS NLMS based maximum kurtosis LP residue 
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CHAPTER 6 
 

MEASUREMENT OF REVERBERATION SUPPRESSION (DE-REVERBERATION) 

 

6.1 Reverberation index: 

 

The reverberation index is an index which is used to estimate the amount of reverberation 

present in the signal. The impulse response diagram can be illustrated in the Figure 6.1. 

                 

Figure 6.1 Room impulse response coefficients 

From the above Figure 6.1 it is clear that maximum power is accumulated in case of the early 

reverberation [3]. So, this accumulated power estimation can help us to find the amount of 

reverberation. So, the reverberation index is indicated as RI.  

                                                        
                  

                   
                                      (6.1) 

 

Here reflection sound that comes to the listener in first 10ms to 50ms is calculated as early 

reflections and for and reflection sound that comes to the listener in 50ms to 90ms is calculated 

as late reflections. 

  

                                                                                                                       (6.2) 
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Where,      is the reverberation index calculated for the input signal and       is the 

reverberation index calculated output signal. RRimp is the reverberation difference which 

indicates the amount of reverberation suppression. 

 

6.2 Speech distortion (SD) 

 

      Speech distortion (SD) is defined as the spectral deviation of the input speech signal power 

and processed speech signal output power [3]. 

 

                                                                  
 

  
                                 (6.3) 

 

where, ‘Psx’ is the input speech signal power ‘Psy’ is the power of the processed speech signal. 

Practically the power of the signal is the calculated as [11] 

                                                          
 
                                                           (6.4) 
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CHAPTER 7 
 

EXPERIMENTS AND RESULTS 

In this chapter we are going to describe about the experimental setups of room impulse response 

and source speech signal and microphone position and also the performance analysis of both 

blind and non blind algorithms by using reverberation index and spectrogram plots.  

 

 

7.1 MATLAB simulation results for non blind method: 

The below figures indicates the input signal, dereverberated and reverberated signals and 

corresponding power spectrum plots for both NPVSS NLMS and VSSNLMS. The waveform 

plot and the spectrogram plot are show side by side so actual frequency content of speech signal 

which is spread due to reverberations can clearly be understood. Here the parameter used is K=2 

and L=512 

 

7.1.1 Non parametric VSSNLMS:    

 

        

Figure 7.1 waveform plot for NPVSSNLMS                Figure 7.2 spectrogram plot for NPVSSNLMS 
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7.1.2 VSSNLMS: 

 

 
Figure 7.3 waveform plot for NPVSSNLMS                Figure 7.4 spectrogram plot for NPVSSNLMS 

 

Setup1: 

In this setup original speech source position is src is [5,2,1] , microphone position mic = 

[9,8,1.2], room size rm = [20,19,21],  n= 12 and r = 0.7. The following table shows the 

reverberation index values improvement (RRimp) for both non parametric and VSSNLMS. Here 

the parameter used is K=2 and L=512 

 

S.No. Speech VSSNLMS Non parametric 

1 hurryup.wav 26.58 26.1 

2 Go.wav 16.69 15.69 

3 Allthebest.wav 29.87 29.03 

4 Where can I park the car.wav 29.68 28.72 

Table 7.1 RI value comparison for VSSNLMS and nonparametric  

The following table shows the speech distortion values improvement (SD) for both non 

parametric and VSSNLMS in decibel (dB) 

S.No. Speech VSSNLMS Non parametric 

1 hurryup.wav -23.68 -20.1 

2 Go.wav -29.87 -27.3 

3 Allthebest.wav -23.29 -21.45 

4 Where can I park the car.wav -20.4 -18.67 

Table 7.2 SD value comparison for VSSNLMS and nonparametric  
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Setup2: 

In this setup original speech source position is src is [5,2,1] , microphone position = [9,8,1.2], 

room size rm = [20,19,21],  n= 12 and r = 0.5. Here the parameter used is K=2 and L=512 

 

The following table shows the reverberation index values improvement (RRimp) for both non 

parametric VSSNLMS and VSSNLMS. 

S.No. Speech VSSNLMS Non parametric 

1 hurryup.wav 25.23 24.7 

2 Go.wav 15.3 12.1 

3 Allthebest.wav 28.87 27.49 

4 Where can I park the car.wav 26.8 24 

Table 7.3 RI value comparison for VSSNLMS and nonparametric 

 

The following table shows the speech distortion values improvement (SD) for both non 

parametric and VSSNLMS in decibel (dB) 

 

S.No. Speech VSSNLMS Non parametric 

1 hurryup.wav -26.8 -22.4 

2 Go.wav -30.4 -27.7 

3 Allthebest.wav -24.12 -22.3 

4 Where can I park the car -21.8 -20.7 

Table 7.4 RI value comparison for VSSNLMS and Nonparametric 

 

7.2 MATLAB simulation results for blind dereverberation: 

 

The following figures indicate the input signal, dereverberated and reverberated signals and 

corresponding power spectrum plots for both maximum kurtosis linear prediction residues, with 

and without NP VSSNLMS 
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7.2.1 Maximum kurtosis linear prediction residue without using NP VSSNLMS 

 

 

 
 
Figure 7.5 waveform plot without NPVSSNLMS       Figure 7.6 spectrogram plot without NPVSSNLMS 
 

 

 

7.2.2 Maximum kurtosis linear prediction residue with NP VSSNLMS: 

 

 
Figure 7.7 waveform plot using NPVSSNLMS in          Figure 7.8 spectrogram plot using NPVSSNLMS 
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Setup1: 

In this setup original speech source position is src is [5, 2, 1], microphone position mic = [9, 8, 

1.2], room size rm = [20, 19, 21], n= 12 and r = 0.7. Here the parameter used is K=2 and L=512 

The following table shows the reverberation index values (RRimp) for both using NP 

VSSNLMS and without using NPVSS NLMS in maximum kurtosis LP residue method.  

S.No Speech Kurtosis With NPVSSNLMS     Kurtosis  

1 hurryup.wav 13.72 13.65 

2 Go.wav 14.3 13.33 

3 Allthebest.wav 16.89 16.2 

4 Where can I park the car.wav 20.87 20 

Table 7.5 RI value comparison for Kurtosis with NP VSSNLMS and kurtosis method 

 

The following table shows the speech distortion values for both using NP VSSNLMS and 

without using NPVSS NLMS in maximum kurtosis linear prediction residue method in 

decibel (dB). 

 

S.No. Speech Kurtosis With NPVSSNLMS Kurtosis  

1 hurryup.wav -20.57 -18.4 

2 Go.wav -28.3 -27.6 

3 Allthebest.wav -24.6 -22.5 

4 Where can I park the car.wav -18.2 -16.4 

Table 7.6 SD value comparison for kurtosis with NP VSSNLMS and kurtosis method 

 

Setup2: 

In this setup original speech source position is src is [5,2,1] , microphone position mic = 

[9,8,1.2], room size rm = [20,19,21],  n= 12 and r = 0.5. Here the parameter used is K=2 and 

L=512 

The following table shows the reverberation index values (RRimp) for both using non parametric 

VSSNLMS and without using NPVSS NLMS in maximum kurtosis linear prediction residue 

method. 
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S.No Speech Kurtosis With NP VSSNLMS       Kurtosis 

1 hurryup.wav 12.27 10.9 

2 Go.wav 11.2 11.04 

3 Allthebest.wav 15.82 14.8 

4 Where can I park the car.wav 18.65 18.41 

 
Table 7.7 RI value comparison for kurtosis with NP VSSNLMS and kurtosis method 

 

The following table shows the speech distortion values for both using NP VSSNLMS and 

without using NPVSS NLMS in maximum kurtosis linear prediction residue method in 

decibel (dB). 

S.No Speech Kurtosis With NP VSSNLMS Kurtosis 

1 hurryup.wav -22.3 -19.5 

2 Go.wav -31.35 -29.4 

3 Allthebest.wav -25.4 -24.15 

4 Where can I park the car.wav -20.6 -18.7 

 
Table 7.8 SD value comparison for kurtosis with NP VSSNLMS and kurtosis method 

From the figure 7.1 to figure7.8 it is clear that from spectrogram plot, the frequency content 

which is spread through is restored clearly using all these algorithms. 

From the table7.7 it is seen that the reverberation index values using NPVSSNLMS based step 

size in maximum kurtosis linear predication residue shows better improvement than without 

using NPVSSNLMS based maximum kurtosis linear prediction residue method. 

From the table7.8 it is seen that the speech distortion values using NPVSSNLMS based step size 

in maximum kurtosis linear prediction residue shows less distortion when compared to maximum 

kurtosis linear prediction residue method. 
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CHAPTER 8 
                               

CONCLUSION  

  

Non Blind convolution: 

From experimental observations, VSSNLMS results was slightly better than non parametric 

VSSNLMS algorithm and also this algorithm does not need any prior information concerning the 

acoustic environment so this method will be much use full in real time applications. 

 

Blind convolution: 

Although VSSNLMS results were better than non parametric VSSNLMS algorithm. VSSNLMS 

algorithm cannot be implemented in maximum kurtosis linear prediction residue method, since 

this algorithm does not provide any reference signal. In VSSNLMS for updating step size desired 

signal is needed. Non parametric NLMS algorithm does not need any information about desired 

signal for updating step size. So here in non parametric NLMS based step size update is used in 

maximum kurtosis linear prediction residue method. 

From experimental observations we can conclude that maximum kurtosis linear prediction 

residue method with non parametric VSSNLMS based step size algorithm results was slightly 

better than maximum kurtosis linear prediction residue method without non parametric 

VSSNLMS based step size algorithm. This method can be utilized efficiently for blind 

dereverberation purposes. 

 

FUTURE WORK 

Talking about the future work, the thesis can be extended by implementing it in various 

protective mask applications and we conducted this algorithm for single channel dereverberation. 

It is worthwhile to implement for multi channel dereverberation. 
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