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Speech Modification by changing Pitch  
and Spectral parameter 

Ms.P.V. Gujarathi, Prof. Dr. Mrs. D Apte. 
Abstract— Speech sounds are produced by air pressure vibrations generated by pushing inhaled air from the lungs through the vibrating vocal cords and 
vocal tract and out from the lips and nose airways. The air is modulated and shaped by the vibrations of the glottal cords, the resonance of the vocal track 
and nasal cavities, the position of the tongue and the openings and closings of the mouth. Speech transformation changes the speech signals in two direc-
tions. The first is to change the speed of the speech signal in the time domain, called time scaling. It is the process of compressing or stretching the time 
basis of the speech signal without changing its spectral contents. The second is to change the tone of the speech signal, called pitch scaling. It modifies 
the spectrum of the signal without changing its playback time. These two speech transformation functions are important in many applications such as 
speech transmission and storage, audio-visual systems, speech recognition, and text to speech conversion. The time scaling modification is relatively easy 
that can be performed by TD-PSOLA technique with very good performance. In speech modification there are several methods for time scale modification 
and different method for spectrum modification of speech. By using speech modification different parameters can be modified like pitch level, pitch range, 
pitch contour, pitch variation. It can be used to slow down or speed up the speech. 
 

                Index Terms— Speech uttered by speakers, pitch modification method (AMDF Method). 

——————————      —————————— 

1. INTRODUCTION                                                                     
 
Pitch frequency: A speech signal consist of different freq which 
are harmonically related to each other in the form of series. The 

lowest freq of this harmonic series is known as fundamental freq or 
pitch freq. Pitch freq is the fundamental freq of vibrations of the 
vocal coards.This freq generated by vocal cords in the form of peri-
odic excitation passes via vocal tract filter and gets convolved with 
the impulse response of the filter to produce a speech signal. Thus 
speech is basically a convolved signal. The main principle used in 
time domain pitch detection algorithm is to find similarity between 
original speech signal and its shifted version. 
Features of speech segment: 
1) Fundmental frequency 
2) Formants 
3) LPC 
There are two types of features: Time domain feature, Transform 
domain feature. 
Transform domain feature is classified as: 
1) Frequency domain 
2) Cepstral domain 
3) Discrete cosine domain 
4) Wavelet domain. 

A speech consists of different frequencies which are har-
monically related to each other in the form of a series. The lowest 
frequency of this harmonic series is known as the fundamental fre-
quency or pitch frequency. There are different pitch modification 
parameters as illustrated below: 
Pitch level: The modification in the pitch level means the overall 
level of F0 contour is shifted by multiplying all pitch valves with a 
rate factor. (Rate =0 implies no change). When the rate valve is high 
the pitch value undergoes stronger changes than when the rate is 
low. 
a.Pitch Range: It refers to dynamic range of pitch values the varia-
tion in pitch range can be achieved by a shift of each F0-Value by a 
percentile of its distance to the mean F0-Value of the last syllable 
range is equal to zero; all pitch values become the last syllable’s 
mean pitch value. If the range value is high the pitch value is shift-
ed from the mean pitch value of the syllable by a large amount, 
thereby increasing the dynamic range of pitch values.  

a. Pitch variation: A pitch variation on the syllable-level is 
achieved by the application of the pitch range algorithm on 

each syllable separately. The reference value in this case is 
the syllable’s mean pitch. Using this parameter pitch can be 
modified. 

2. EXPLANATION 
Inputs of the speech morphing algorithm axe speech ut-

tered by speaker A and speaker B, and they are assumed to contain 
the same phoneme sequences. Output consists of speaker A’s 
speech, modified speech, and speaker B’s speech. By temporally 
controlling speech parameters, the identity of the modified speech 
gradual changes. The control parameters are fundamental frequen-
cy (F0) and speech spectrum. 

 
3. METHODS FOR SPEECH MODIFICATION 
1. Time Scale Modification /Duration Modification 
The speech rate can be modified for the whole phrase. The rate 
change can be executed by changing the duration of the phonemes. 
If the duration in consequence of a length reduction is shorter than 
the frame rate, the phoneme gets dropped. Time scale modification 
methods are: 
a. Consider the problem of 2:1 speed up. Here we need compress a 
factor of 2. Let the speed signal can be divided in two segments of 
size 20ms each. To speed it up by a factor of 2, we delete alternate 
segments of speech. The remaining segments are properly concate-
nated. To speed up by say 1.5:1, we will have to cut the segment of 
half the length. The speech will be divided into segment of 20ms 
and 10ms alternately. And the 10ms segments will be deleted. 
b. The first stage is to find the pitch period. The pith signal is de-
composed into segment of size equal to one or two pitch periods. 
The alternate signal will be deleted for 2:1 speed up. In case of 1.5:1 
speed up, alternate segments will have length equal to 2. Pitch pe-
riod and one pitch period. Again the segments of size one pitch 
period will be deleted it is observed that the speed up is performed 
pitch synchronously; intelligibility is better than what is obtained. 
That is without pitch synchronization. Here, the segments must be 
voiced segments.   
2.  Spectrum Modification 
There are different methods for spectrum modification of speech. It 
can be done using homomorphic coder and using sinusoidal coder. 
 b. The cepstrum obtained from original signal will contain    infor-
mation regarding the vocal tract in low time region and pitch in-
formation in the high time region. The low time region is passed via 
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low time lifter which has information of the vocal tract response. 
After DFT, log spectrum of vocal tract which is the envelope of the 
actual spectrum. Then modify the spectrum and take exponentia-
tion to get modified spectrum of vocal track.Then IDFT block will 
convert the spectrum into time domain to give the impulse re-
sponse of vocal track which is modified.  
4. Algorithm for Average Magnitude Difference Function 
In this we form the difference signal Dm by delaying input speech 
by various amounts, and subtracting the delayed waveform from 
the original and summing the magnitude of the differences between 
sample values. Finally we take the average of the difference func-
tion over the number of samples. 
1) Divide the speech in the number of segments. First take a speech 
segment is at least equal to two pitch periods. Let us consider a speech 
segment of size 400 samples. Then calculate AMDF for say 45 overlap-
ping samples. Hence two speech segment, one is extending over sam-
ple numbers 1-45 iscorrelated to the segment extending oversample 2-
46,then the segment of sample numbers 3-47that is with a shift of 1,2,3 
samples and so on. 
Then find the shift value for which AMDF value is smallest. The dis-
tance between two successive minima in AMDF will give a pitch peri-
od in terms of number of samples. 
2) Calculate the AMDF using the formula given by, 
 AMDF(k)=  
3) We have tracked the voice part of speech signal using the fseek 
command. 
5. FIGURES AND TABLES 

                       Table of Pitch Period 
Sr Number Pitch period of 

female 
Pitch period of 

male 

1 90 50 

2 160 100 

3 260 140 

4 330 220 

5 360 250 

6 400 300 

  
                              Table of Frequency 

 
Sr No Frequency of Male Frequency of Female 

1 190 285 

2 629 414 

3 1073 651 

4 1266 985 

5 1766 1153 

6 2652 1334 

    6. Results Using Matlab 

 
Fig. 1 Plot of Male Voiced Part 

 

Fig. 2 Plot of Female Voiced Part 
 

 
Fig. 3 Plot of AMDF for Male Voiced Part 

 
 

Fig. 4 Plot of AMDF for Female Voiced Part 
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Fig. 5 Plot of Pitch Period Representation of Male Voiced Part 
 
 

 
 
 
 
 
 
 
  
 
 
 

Fig. 6 Plot of Pitch Period Representation of Female Voiced Part 
 
 

 
 
 
 
 
 
 
 
 
 
 

Fig. 7 Plot of Frequency Representation of Female Voiced Part 
 

 
 

 

 

 

 

 

 
Fig. 8 Plot of Frequency Representation of Male Voiced Part 

 
 

 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 

7. CONCLUSION 
 

A speech signal from a speaker will be recorded .A suitable pitch peri-
od method is used i.e. AMDF method to find pitch period. And using 
pratt software pitch period and spectrum is analyzed. A suitable time 
duration modification method or pitch modification method and spec-
trum modification method will be utilized for voice conversion 
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