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Abstract – Voice transformation is one of the applications in speech processing which involves modification of speech 
signal of source speaker to a target speaker. This paper describes new techniques for generating speaker-dependent pitch 
contours for particular short sentences. Here speech signal of source speaker is Neutral speech and speech signal of target 
speaker is Angry speech. We have proposed 2 transformation algorithms for emotion conversion. The proposed algorithms 
starts with pitch tracking for both reference and target speakers. And then modifies reference speaker’s pitch according to 
target speaker’s pitch by using different techniques proposed in the algorithms. In both the algorithms, statistics are used to 
form a mapping function from a reference speaker’s pitch frequency to the appropriate value for a second speaker.  
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I. INTRODUCTION 
 
 Speech is generated by pumping air from the 
lung through the vocal tract which consists of throat, 
nose, mouth, palate, tongue, teeth and lips. Speech is 
usually characterized as voiced, unvoiced or transient 
forms. It is important to have a good understanding of 
the speech production mechanism and so to have a 
good model for representing the speech signal. 
 
 Voiced speech is produced by an air flow of 
pulses caused by the vibration of the vocal cords. The 
resulting signal could be described as quasi-periodic 
waveform with high energy and high adjacent sample 
correlation [3]. On the other hand, unvoiced speech, 
which is produced by turbulent air flow resulting 
from constrictions in the vocal tract, is characterized 
by a random and aperiodic waveform with low 
energy and low correlation.  
 
 Voiced sounds (like vowels) have a periodic 
structure, i.e., their signal form repeats itself after 
some time which is called pitch period (TP). Pitch, in 
speech is the relative highness or lowness of a tone as 
perceived by the ear, which depends on the number of 
vibrations per second produced by the vocal cords. 
 
 Reciprocal of pitch period is FP=1/TP is called 
pitch frequency (FP) [1] [3]. There exist a number of 
algorithms for pitch period estimation. The two broad 
categories of pitch-estimation algorithms are time-
domain algorithms such as Autocorrelation method, 
Average magnitude difference and Linear Prediction 
Coding (LPC), and frequency-domain algorithms 
such as real Cepstrum method. 
 
 Speech signal is a kind of unstable signal. It is 
also called as non-stationary signal. But can assume it 
as stable signal during 10--30ms. Such a processing 
on speech signal is termed as Short Term Processing  
 
 

 
For that Framing is used to cut the long-time speech 
to the short-time speech signal. Due to framing we 
get relative stable frequency characteristics. 
 
 The time for which the signal is considered for 
processing is called a window and the data acquired 
in a window is called as a frame. Typically features 
are extracted once every 10ms, which is called as 
frame rate. The window duration is typically 20ms. 
Thus two consecutive frames have overlapping areas. 
 
 Changing, scaling or modifying the pitch means 
transposing the pitch without changing the 
characteristics of the sound. Speech Transformation 
is one application of speech processing which is 
usually defined as the modification of speech signal 
of one speaker (source speaker) to sound as if it has 
been pronounced by a different speaker or same 
speaker with different emotions (target speaker).  
 
 This paper presents two algorithms for speech 
transformation purpose. Both of the algorithms based 
on statistics which used to form a mapping function 
from a reference speaker’s pitch frequency i.e. neutral 
speech to the appropriate value for a target speaker 
i.e. speech signal with emotion. This approach works 
from the paradigm of a one-to-one mapping of the 
pitch frequencies between any two speakers. 
 
II. PROPOSED SYSTEM 
 
 Block Diagram for Voice conversion is shown 
below. It consists of mainly Signal Processing, Pitch 
Detection and Transformation blocks. 
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Fig.1 Block Diagram 

 
 In speech processing basically voiced / 
unvoiced decision making is done which is most 
important part. Also windowing or framing is 
performed for short term signal analysis which gives 
stationary speech signal. In pitch detection pitch 
period and fundamental frequencies are extracted 
using different algorithms here ACF method is used 
[3]. After that transformation of signal is done using 
algorithms like Gaussian Normalization, scatter-plot 
method etc [4]. Algorithms are described in detail in 
further sections. 
 
III. ALGORITHM DESCRIPTIONS 
 
 The rise and fall of voice in speech signal is 
represented by changes in pitch pattern. Basically, it 
conveys emotions such as anger, surprise and sad etc.  
 This paper proposes two algorithms for 
modifying the pitch contour of a sentence for 
imparting perceptually important characteristics of a 
desired speaker. We start with tracking of a pitch 
contour for reference data or a reference speaker and 
desired speaker. And then use these algorithms for 
transformation purpose. These algorithms require a 
set of sentences to have been collected for both the 
reference and desired speakers.  
 
IV. PROPOSED ALGORITHMS 
 
A. Gaussian Normalization [4]: 
 
  The first algorithm uses Gaussian normalization 
to perform a mapping from the reference pitch values 
to the desired frequencies. The sample mean and 
sample standard deviation of the pitch are calculated 
for each speaker, and then pitch frequencies are 
translated from one speaker to another by assuming a 
Gaussian distribution.  
 
Algorithm: 
 

(1) Perform pitch tracking of training sentences from 
both the reference and desired speakers. 
(2) Collect data on pitch values for each speaker. 
Estimate the mean and standard deviation of pitch for 
each      speaker. 
(3) For the S.U.T., use Equation to convert each 
original pitch value to a new frequency on a frame-
by-frame basis. The reference speaker’s pitch 
statistics are projected to match the mean and 
variance of a desired speaker via the equation 
 

 
 

Where σ and μ represent the mean and standard 
deviation respectively. While one could use only the 

mean, including the standard deviation yields 
improved accuracy. 

 
B. Scatter-plot Pitch Modeling [4]: 
 
 This second algorithm develops a unique mapping 
function from the pitch of the reference speaker to 
that of a desired speaker. The main concepts are to 
generalize the Gaussian algorithm by not assuming a 
Gaussian distribution and to allow some level of 
temporal-based phoneme dependency. This algorithm 
begins with a training set of known pitch mappings 
and finds the best-fit polynomial as the selected 
mapping function. 
 
Algorithm: 
 

(1) Begin with a database of training sentences 
possessing the same utterance sequence for reference 
and desired speakers. Estimate the mean pitch for 
each phone for both speakers. 
 

(2) Construct a scatter-plot model of mean pitch 
for the two speakers with one data point for each 
voiced phone in the database. Create the data set by 
matching the pitch values produced by each speaker 
for each phone in the database. Include data only 
where both speakers produced the same phoneme at 
the same location in the utterance. 

(3) Use the method of linear least squares to find 
the best-fit nth order polynomial for the given set of 
scatter-plot data points.  

(4) For the input S.U.T., use the new mapping 
function to convert each reference pitch value to a 
new frequency on a frame-by-frame basis.    
 
V. RESULTS 
 
        The Figure 2 shows Speech Signal for Neutral, 
Angry and Modified Speech resp. 
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Fig. 2 Speech Signal for Neutral, Angry and Modified Speech 

resp. 
 
 Figure 3 shows the original and modified 
pitch contours when Gaussian Normalization 
algorithm is applied to the sentence “Keep It.” 
 

 
Fig. 3 Example of original, reference and modified pitch 

contours for Gaussian algorithm 
 
Figure 4 shows command window with average pitch 
contour values of speech signals. 
 

 
Fig. 4 Command Window with average pitch contour values of 

original, reference and modified speech signals 

CONCLUSION 
 
     This paper presents Gaussian Normalization 
and Scatter-plot Pitch Modeling algorithms for 
generating a speaker-dependent pitch contour when 
an original and target speech signals are known. Each 
of these algorithms carries its own advantages and 
disadvantages. 
 
  Evaluation for Gaussian normalization 
algorithm was carried out. The modified speech 
sounds matches well with the reference speaker. For 
some speaker pairs, listening test was performed and 
seen that the speech had some speech abnormality. 
The Gaussian algorithm is simple one, advantages 
being that this approach has the simplicity of its 
implementation and the ability to use it with small 
amounts of training speech.  
 
 The proposed algorithms are based on 
statistical approach. The statistical algorithms 
changes the original i.e. neutral pitch contour to target 
pitch counter i.e. angry speech without changing the 
overall shape and structure of the contour.  
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