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Abstract- In this paper we present the novel idea of emotion conversion in speech signal using Discrete Wavelet Transform 
and Adaptive Filtering algorithm. Emotion conversion is a type of Voice Conversion. Due to its wide range of applications, 
there has been a considerable amount of research efforts directed at this problem in the last few years. The most common and 
obvious applications of  the emotion conversion is Text To Speech Conversion where new and personalized voices can be 
created in a cost effective manner. Other applications could be security related usage, vocal pathology, voice restoration as 
well as games and other entertainment applications. 
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I. INTRODUCTION 
 
Speech is one of the oldest and most natural means of 
information exchange between human beings.  It is so 
natural that the humans don’t even realize the 
complexity of the speech phenomenon. A speech 
signal carries information including the message that 
is meant to be conveyed, the identity of a speaker and 
the background/environment.   
 
The characteristics of a speech signal corresponding 
to the identity of a speaker allow us to differentiate 
between speakers. Speech signal also carries with it 
information other than the message which a speaker 
intends to convey to a listener. This information 
includes the identity of the speaker, his emotional 
state, his physical state etc. Human beings are able to 
recognize a familiar speaker effortlessly from his 
speech.  
 
II. DATABASE  
 
The data base contains 200 sentences. It was created 
by recording data in 4 Different Emotions namely 
Neutral, Angry, Sad & Happy. Each sentence is 
recorded in each emotion twice. Different set of 
sentences will be used for the training and testing 
purposes. Voice data of five female speakers was 
recorded in noise free environment. They are recorded 
with sampling rate = 44100 samples/second & Bit 
resolution = 16 bits/sample.        
 
The following sentences are used for the 
transformation purpose  
1.  Come Here  
2.  Sit Down  
3.  Well Done  
4.  Great News  
5.  I am bored  

  As an example, the files are named as “BP11N.wav". 
In this nomenclature BP stands for the speaker name, 
1 stands for the first sentence,  second  1  stands for the 
First utterance and N stands for the Neutral emotion.  
 
The software used for editing is “Protools” the preamp 
used was HDOmni and UAD interface was used to get 
the microphone inputs. The editing was done on the 
MAC computer.  
 
III. BLOCK DIAGRAM 
 

 
Testing 

 

 
 
In the training phase we read the Angry and Neutral 
Utterance of the same speaker as shown in fig 1. 
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Then we find out the difference of these two signals as 
shown in figure 2. 
 

 
 
We then calculate the DWT of this difference signal as 
well as the second Neutral utterance of the same 
sentence by the same speaker.   
    
We have then created the output of the training phase 
by taking the IDWT of the signal which has the 
replaced Approximation Coefficient vector & the 
Detail Coefficient vector.   
 
It is found that the combination H2L1 carries the 
maximum information of difference and Neutral 
signal. This is shown in figure 4. In testing phase we 
read the output of the training phase as well as the 
reference signal. Then take DWT of these signals to 
get the Approximation Coefficient vector and the 
Detail Coefficient Vector. Individual vector is given to 
the LMS Adaptive filter to get the approximation 
which is close to the desired signal.     
 

A. Discrete Wavelet Transform (DWT)  
The wavelet transform (WT) is a widely accepted 
technique in signal processing and image 
compression. Wavelet-coding schemes are suitable for 
applications in which scalability and tolerable 
degradation are important. This is because of its 
inherent multiresolution nature. In wavelet transform 
the signal is decomposed into a set of basis functions 
called wavelets.   A single prototype wavelet y(t) 
Called as Mother Wavelet is dilated  and shifted to 
obtain these wavelets  

 
Where „a‟  = the scaling parameter &  
            „b‟  = is the shifting parameter.  
    
In Wavelet Transform we compute the transform 
separately for the different segments of time domain 
signal at different frequencies.  MRA is used for the 
analysis of the signal at different frequencies which 
gives different resolutions.  At high frequencies MRA 
gives good time resolution and poor frequency 
resolution where as it at low frequencies it gives good 
frequency resolution and poor time resolution. This is 
best suited for signals having high frequency 
components for short durations and low frequency 
components for long duration. This is shown in figure 
3.  
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such transformation is applied recursively on the 
low-pass series until the desired number of iterations 
is reached.   
 
B. Least Mean Square algo (LMS)  
Adaptive Filter is the filter which self-adjusts its 
transfer function according to an optimizing 
algorithm. The most popular of such adaptive 
algorithms is the LMS algorithm.  The performance of 
the adaptive algorithm depends on the filter length 
and the selected convergence parameter µ, commonly 
known as „step size‟ .  
 
The Least Mean Square, algorithm is a stochastic 
gradient algorithm. In this each tap weight is iterated 
in the direction of the gradient of the squared 
amplitude of an error signal with respect to that tap 
weight. The LMS algorithm is an approximation of 
the steepest descent algorithm. In this algorithm the 
coefficients are adjusted from sample to sample in 
such a way as to minimize the MSE.  The algorithm 
iterates over each tap weight in the filter, moving it in 
the direction of the approximated gradient. The idea 
behind LMS filters is to use the method of steepest 
descent to find a coefficient vector „n ‟ which 
minimizes a cost function. The LMS algorithm can be 
summarized as Parameters:   

 

 
 

 
 
Aftertaking IDWT of the output signal we get back the  
Re constructed angry signal as shown in figure 6.   
 

 
 
IV. OBJECTIVE ANALYSIS  
 
The reconstructed signal is normally evaluated by 
Subjective and Objective evaluation. We have 
considered 4 parameters for objective evaluation.  
 
A.MEAN  
The mean, indicated by µ, is the average value of a 
signal. It is found by adding all the samples together, 
and dividing the sum by N. Mathematically it is given 
as 
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B.MSE  
The mean squared error (MSE) of an estimator is one 
of the ways to quantify the difference between values 
implied by an estimator and the true values of the 
quantity being estimated. MSE measures the average 
of the squares of the "errors." The error is the 
difference between the value estimated by the 
estimator and the actual value of the observation. The 
difference occurs because of randomness or because 
the estimator doesn't account for information that 
could produce a more accurate estimate.  
 
The MSE is the second moment (about the origin) of 
the error. It incorporates the variance & the bias of the 
estimator. If the estimator is unbiased, then MSE is 
simply the variance of the estimator. 

 
 

 
 

Fig 7 shows the command window snapshot of above 
parameters for the wave file “BP21A.wav” and the 
reconstructed signal. 

 
 
V. RESULTS  
  
Table 1 shows the objective evaluation for the wave 
file „BP21A.wav‟ , Sentence “Sit Down” for speaker 
BP and Angry Emotion 
 

 
 
Table 2 shows the objective evaluation for the 
combination H1L2 for various speakers, for the 
sentence “Sit Down” and Angry Emotion 
 

 
 
Table 3 shows the objective evaluation for the 
combination „H1L2‟  of speaker BP for emotions 
Angry, Happy & Sad 
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CONCLUSION  
  
Emotion Conversion from speech using DWT and 
LMS algorithm gives better results than the existing 
algorithms. From the results we conclude that the 
parameter H1L2 of DWT contains the most relevant 
information. This parameter is speaker independent 
and objective evaluations show little variations in the 
results  when the speaker is changed. Combination 
H1L2 is  most suited  for the conversion from Neutral 
to Angry, Sad and Happy. As this method combines 
under parametric method of speech modeling, the 
speed signal has been compressed considerably using 
DWT as well as DWT replace technique. Even after 
data reduction and modelling, the recostructed signal 
shows very good results.  
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