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Abstract— This paper describes technique to morph from one 

sound to another sound. Audio Morphing is accomplished by 
transforming the spectral characteristics of a source speaker’s 
speech signal so that the listener would believe that the speech 
was uttered by a target speaker. Like Image morphing, the 
objective of speech morphing is to preserve the shared 
characteristics of the starting and final signals, while generating 
a smooth transition between them. Samples of source and target 
voice will be converted to frequency domain using FFT and 
features will be extracted. Then difference between both is 
calculated, it gives information that how source is different from 
target. The feature difference is store in RAM then for 
morphing FFT source voice is applied to it and feature different 
is applied on it.   
 

Index Terms—Voice Morphing, FFT.  
 

I. INTRODUCTION 

Voice Morphing deals with the modification of speaker’s 
voice called source speaker in order to make it being 
perceived as if another speaker referred to as a target speaker 
had uttered it. In simple terms it is being able to change the   
speech of one speaker to that of another speaker. There are 
many applications of voice morphing including customizing 
voices for text to speech (TTS) systems, transforming 
voice-overs in adverts and films to sound like that a 
well-known celebrity, and enhancing the speech of impaired 
speakers such as laryngectomees .The voice morphing can be 
used in the situation where the speaker was not available and 
previous recording had to be used. 
 In video, morphing is a process of generating a range of 
images that smoothly move from one image to another.  In a 
good morph, the in-between images all show one object 
smoothly changing its shape and texture until it turns into 
another object. We would like the same thing to happen in an 
audio morph. A sound that is perceived as one object should 
change smoothly into another sound, maintaining the shared 
properties of the starting and ending sounds and smoothly 
changing the other parameters. The core properties of speech 
signal are pitch and envelope information. These two resides 
in a convolved form in a speech signal. 

 
 

Since the 1990s, many techniques for voice conversion have 
been proposed [1-7].  The first approaches were based around 
linear predictive coding (LPC) where the residual error was 
measured and used to produce the excitation signal 
[2,3,and4].Most authors developed methods based on either 
the interpolation of speech parameters and modeling the 
speech signals using the formant frequencies[1],Linear 
Prediction Coding (LPC) cepstrum coefficients[7],Line 
Spectral Frequencies (LSF)[9],and harmonic-plus-noise 
model parameters [8] or based on mixed time and frequency 
domain methods to alter the pitch, duration and spectral 
features. These methods are forms of single-scale morphing.  
 

II.  SPEECH PROCESSING 

Speech processing is the process by which the speech signals 
are interpreted, understood, and acted upon. The signals are 
usually processed in a digital representation, so speech 
processing can be regarded as a special case of digital signal 
processing, applied to speech signal. Speech processing can 
be divided in to several categories like  

A. Speech Recognition 

Speech recognition is the inter-disciplinary sub field of 
computational linguistics which incorporates knowledge and 
research in the linguistics, computer science, and electrical 
engineering fields to develop  methodologies and 
technologies that enables the recognition and translation of 
spoken language into text by computers and computerized 
devices such as those categorized as smart technologies and 
robotics It is also known as Automatic Speech Recognition  
(ASR),Computer Speech Recognition (CSR) or just Speech 
To Text(STT). 

B. Speech Synthesis 

Speech Synthesis is the artificial production of human 
speech. A computer system used for this purpose is called a 
speech computer or speech synthesizer. Synthesized speech 
can be created by concatenating pieces of recorded speech 
that are stored in a database. A synthesizer can incorporate a 
model of the vocal tract and other human voice characteristics 
to create a completely synthetic voice output. 
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C. Speech Enhancement 

Speech Enhancement aims to improve speech quality by 
using various algorithms. The objective of enhancement is 
improvement in intelligibility and/or overall perceptual 
quality of degraded speech signal using audio signal 
processing techniques. Enhancement of speech degraded by 
noise, or noise reduction, is the most important field of speech 
enhancement, and used for many applications such as mobile 
phones ,VOIP, teleconferencing system, speech recognition 
and hearing aids. 

III.  METHODOLOGY 

Voice morphing is based on applying features of source 
voice to target voice. To prepare the signal for the 
transformation, it is split into a number of ‘frames’-sections of 
the waveform. The transformation is then applied to each 
frame of the signal. This provides another way of viewing the 
signal information. The novel demonstration describes the 
average energy present at each frequency band  

 The core parameters of sound are Pitch information and 
overall envelope. A key to the voice morphing is the 
estimation of the pitch information. If two signals with 
different pitches were simply cross faded it is highly likely 
that two separate sounds will be heard.  

 

 Figure1:Block diagram of voice morphing 
A succesful morph must exhibit a smoothly changing pitch 

throughput.The pitch data of each sound is associated to 
provide the best match between the two signal’s pitch. To do 
this match , the signals are streched and compresed so that the 
important sections of each signal match in time. The 
interpolation of the two sounds can then be performed which 
creates the intermediate sounds in the morph. The final stage 
is then to convert the frames back into a normal waveform. 

So as per our work, we first take samples of source and 
destination voice and converted both to frequency domain 
and extracted features of both.Then difference between both 
is calculated, it gives information that how source  is different 
from target. Then full source voice is varied by that difference 
thus we get morphed voice to target.  

IV.  PITCH DETECTION 

Pitch detection is of interest whenever a single quasi 
periodic sound source is to be studied or modeled, specifically 
in speech and music. Pitch detection algorithm can be divided 

into methods which operate in the time domain, frequency 
domain, or both. The average pitch frequency, time pattern, 
gain and fluctuation change from one individual speaker to 
another. For speech signal analysis, and especially for 
synthesis, being able to identify the pitch is extremely 
important. 

 

 
It is based on the fact that two consecutive pitch cycles have 

a high cross-correlation value,  as opposed to two consecutive 
speech  fractions of the same length but different from the 
pitch cycle time.  

 

V. FOURIER TRANSFORM 

The Fourier transform of the function f(x) is the function  
F (ω), 

 
The Fourier transform uses complex exponentials of 

various frequencies as its basis functions. There are many 
variants of the Fast Fourier Transform (FFT) algorithm. We’ll 
discuss one of them, the “decimation in time”. FFT algorithm 
for sequences whose length is a power of two.  

 Below is a diagram of an 8-point FFT, W=W8= 

 Figure2: Butterflies diagram for 8 point FFT 
Each butterfly takes two complex numbers p and q  and 
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computes from them two other numbers, p+αq and p-αq, 
where α is a complex number. Below is a diagram of a 
butterfly operation. 

 
 

VI.  SIMULATION AND RESULTS 

Simulation is performed using Modelsim and verified by 
MATLAB. Figure below shows simulation waveform: 

 
  Figure3:Simualtion of voice morphing  

 
        Figure4:Simulation in MATLAB 

VII.  CONCLUSION 

The speech model, voice source and transformation technique 
are proposed in this work to make our system more robust to 
extreme applications. There are basically three inter - 
dependent issues that must be solved before building a voice 
morphing system. Firstly it is important to develop a 
mathematical model to represent the speech signal so that the 
synthetic speech can be regenerated and prosody can be 
manipulated without arti-facts. Secondly, the various acoustic 
cues which enable humans to identify speakers must be 

identified and extracted. Thirdly, the type of conversion 
function and the method of training and applying the 
conversion function must be decided. Here we presented a 
very simple scheme to produce voice morphing. Pitch of 
source is converted target using the information for feature 
difference. Simulation shows that it needed a bit more 
hardware. So other technique can be used to reduce hardware 
like phase vocoder   
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