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ABSTRACT 
Voice modification is conversion of a model input 

voice signal into desired output signal. This can 

be achieved by modifying basic parameters of 

voice viz. vocal tract, pitch and time scale. Four 

models which are used for this purpose are 

discussed here namely LPC model, H/S model, 

TD-PSOLA model and MBR-PSOLA model. In 

this paper, TD-PSOLA technique is studied and 

implemented. Results of this implementation are 

derived and reviewed. The voice modification 

system thus developed can contribute greatly to 

the Medical and Entertainment Industry where 

desire voice modification is required.  

 

Keywords – Vocal tract, formants, pitch, voice. 

 

I. INTRODUCTION 
It is noteworthy fact that for people the voice is not 

only just a tool for communication, but also an 

identifying feature that allows expression of 

personality. Researchers observed changes in 

formant tracks and pitch contours, during clinical 
diagnosis of certain diseases. Diseases like 

Laryngeal cancer can have a drastic impact on the 

speech leading to disturbances of voice. Rehan A. 

Kazi concludes that the formant frequencies of 

laryngectomy patients are higher than the formant 

frequencies of normal subjects [1]. Gregory K. 

Sewall claims that patients with Parkinson‟s-related 

dysphonia usually have reduced pitch ranges and 

increased vocal tremor [2]. In such cases a need 

arises for voice modification. In voice modification 

a model input voice signal is modified by varying 
vocal tract, pitch and time scale. Men have a larger 

vocal tract, which essentially gives the resultant 

voice a lower-sounding timbre. Whereas Female 

have a smaller vocal tract, giving the resultant voice 

a higher-sounding timbre. Adult male voices are 

usually lower-pitched and adult female voices are 

higher-pitched. Several works have been done for 

achieving voice modification and many methods are 

available for the same. Some of these are The 

classical AutoRegressive (LPC) [3], The hybrid 

Harmonic/Stochastic (H/S) [4],[5], Time-Domain 

Pitch-Synchronous Overlap-Add (TD-PSOLA) [6] 
and Multi-Band Re-synthesis Pitch-Synchronous 

Overlap-Add (MBR-PSOLA) [7]. These methods 

can process stored data as well as data in real time. 

E.g. in karaoke, pitch shifting is used to tune the 

user's singing so that it reaches the original melody 

in real-time [8]. In music composition, composers 

process music using pitch shifting [9]. Also it is 

used in applications like public speech system, 

entertainment Industry where specific voice style, 
tone, expressions are required. 

Voice modification process using TD-PSOLA is 

explained in subsequent sections. Section 2 

describes speech signal fundamentals and 

importance parameters of voice. The algorithms 

used for modification are compared in section 3. 

Section 4 gives the details of TD-PSOLA method. 

Implementation of method and results are 

interpreted in section 5 and 6. Section 7 summarizes 

and throws light on future scope. 

 

II. SPEECH SIGNAL FUNDAMENTALS 
The vocal cords periodically vibrate to generate 

glottal flow. Human pronounces a vowel or a voiced 

consonant which is composed of glottal pulses. 

Pitch period is the period of a glottal pulse. 

Fundamental frequency is reciprocal of the pitch 

period. The vocal tract acts as a time-varying filter 

to the glottal flow. The characteristics of the vocal 

tract include the frequency response, which depends 

on the position of organs, such as the pharynx and 
tongue. The peak frequencies in the frequency 

response of the vocal tract are formants, also known 

as formant frequencies. A speech signal is a 

convolution of a time-varying stimulus (Glottal 

Flow) and a time-varying filter (Vocal Tract) as 

shown in Fig.1. 
 

    Time-varying  

        Stimulus           

   (Glottal Flow)    (Speech Signal) 

Fig.1. Modeling of speech signal 

II. COMPARISON OF ALGORITHMS  
The four models covered are: 

1. The linear-prediction voice model is best 

classified as a parametric, spectral, source-filter 

model, in which the short-time spectrum is 

decomposed into a flat excitation spectrum 

multiplied by a smooth spectral envelope capturing 

primarily vocal formants [3]. 

 2. The hybrid Harmonic/Stochastic (H/S) model 

proposed in [4] and [5]. In this speech signals 
expresses as the summation of slowly varying 

harmonic and stochastic components. This is based 

on Griffin's analysis algorithm, uses the OLA 

synthesis approach, the prosody matching and 

segment concatenation. 

Time-varying Filter 

(Vocal Tract) 
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3. TD-PSOLA algorithms rely on a pitch-

synchronous overlap-add approach for modifying 

the speech prosody and concatenating speech 

waveforms [6]. The modifications of the speech 

signal are performed in the time domain depending 

on the length of the window used in the synthesis 

process. The time domain approach provides very 
efficient solutions for the real time implementation 

of synthesis systems. 

4. The Multi-Band Re-synthesis Pitch-Synchronous 

Overlap-Add (MBR-PSOLA) model is based on re-

synthesis of the segments database of an original 

and efficient hybrid H/S [7]. It supports spectral 

interpolation between voiced parts of segments, with 

virtually no increase in complexity. 

 

Result of Comparison 
TD-PSOLA virtually exhibits no segments 

concatenation capabilities. LPC is slightly superior 

in this. LPC, hybrid H/S and MBR-PSOLA are 

superior to TD-PSOLA for automatic analysis 

procedures. An efficient segment database 

compression algorithm is ensured for LPC and 

hybrid H/S synthesizers. It is currently being 

developed for MBR-PSOLA. Fluidity is better of 

MBR-PSOLA and hybrid H/S due to superior 

concatenation capabilities. Prosody matching gives 

comparable results with all four models. TD-
PSOLA is computationally simple compared to 

complexity of their respective synthesizers. It is 

much more intelligible than other synthesizers. It is 

much less sensitive to analysis V/UV errors than 

MBR-PSOLA. It is perceived as equally natural 

because it does not make use of any speech model. 

As seen from above, TD-PSOLA technique is better 

than other.  

 

III. TD-PSOLA (TIME DOMAIN PITCH 

SYNCHRONOUS OVERLAP-ADD) 
This approach is based on the decomposition of the 

signal into overlapping frames synchronized with 

the pitch period. After modifications of the speech 

signal, consistency and accuracy of the pitch marks 

must be preserved [10]. For this pitch detection is 

performed to generate pitch marks through 

overlapping windowed speech.  

Input signal 𝑠 𝑛  and 𝑠𝑎  𝑛  centered at 𝑡𝑎  time is 

defined as:  

𝑠𝑎  𝑛 = 𝑠 𝑡𝑎+𝑛   
Where, 𝑡𝑎  is an analysis marks. 

A short-time version of 𝑠𝑎  𝑛  by multiplying it by a 

window 𝑤𝑎  𝑛  is defined as 𝑧𝑎  𝑛  : 
𝑧𝑎  𝑛 = 𝑤𝑎  𝑛 × 𝑠𝑎  𝑛  

The window length is two times of the local pitch 

period. To synthesize speech at different pitch 

periods, the Short Time signals (ST) are simply 

overlapped and added with desired spacing. The 

synthesized speech is defined as: 

𝑧 𝑛 =  𝑧𝑛 [𝑛 − 𝑡𝑎 ]

∞

𝑎=−∞

 

A good choice for the time marks 𝑡𝑎  is to coincide 

with the instants of closing of the vocal folds which 

indicates the periodicity of speech. For unvoiced 

speech, these marks could be arbitrarily placed. This 
estimation from speech waveforms is a very difficult 

problem. 

In speech analysis, a sequence of pitch-marks is 

provided after filtering the speech signal. 

Voiced/unvoiced decision is based on the zero-

crossing and the short time energy for each segment 

between two consecutive pitch marks. A coefficient 

of voicement (v/uv) can be computed in order to 

quantize the periodicity of the signal [11]. To select 

pitch marks among local extreme of the speech 

signal, a set of mark candidates given with all 
negative and positive peaks. The OLA synthesis is 

based on the superposition-addition of elementary 

signals in the new positions. These positions are 

determined by the height and the length of the 

synthesis signal. To increase the pitch, the 

individual pitch-synchronous frames are extracted 

and given to Hanning window. Then output frame 

moved close together and added up, whereas output 

frame moved further apart to decrease the pitch. 

Increasing the pitch will result in a shorter signal, so 

to keep constant duration duplicate frames need to 

be added. A fast re-sampling method is used to shift 
the frame precisely, where it will appear in the new 

signal using the pitch mark and the synthesis mark 

of a given frame.  

 

IV. IMPLEMENTATION 

Following steps were implemented for achieving 

voice modification: 

1. A wave file of mono sound quality, rate of 

11025 with 8 bits per sample is given as 
input and amplitude vs. time graph was 

plotted. 

2. Fast Fourier Transform of input file was 

taken and then magnitude (dB) vs. 

frequency graph of the same was plotted. 

3. Input value of pitch scale, time scale and 

vocal tract were stored in a variable „a‟, „b‟, 

„c‟ respectively which ranges from -1 to 1.  

4. Using a polyphase filter implementation, 

resampling of the input at (P/Q) times of 

the original sampling rate is done. 
Resample applies an anti-aliasing 

(lowpass) FIR filter to input. 

Where,  

P = round (GValue*10); GValue = 2^c; 

Q=10. 

5. Approximate pitch contour was calculated 

based on energy peaks for finding pitch 

marks and Path was found out using 

rridden function. By differentiating pitch 
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marks pitch period was found and first and 

last pitch marks were removed.  

6. Analysis segment center was found. Then 

segment was stretched and new segment 

was added and amount of overlap between 

windows was defined. 

7. Output signal so acquired, was plotted to 
get graphs mentioned in first two steps. 

8. Finally both input and output files were 

played and result was concluded. 

 

V. RESULTS  
In this study, a voice quality modification algorithm 

with TD-PSOLA modifier was implemented and 

tested. Normal female voice was taken as the 

reference and graphs plotted as shown in Fig.2 and 

Fig.3. 
 

 
Fig. 2 Time domain graph of input 

 

 
Fig. 3 Frequency domain graph of input 

Above signal is then modified in different voices by 

varying parameters. After changing Vocal Tract 

parameter from 0 to +1 and from 0 to -1, the change 

in frequency domain graphs is shown in Fig. 4 and 

5. 

 

 
Fig. 4 FFT graph of VT= +1 

 

 
Fig. 5 FFT graph of VT= -1 

After changing Time Scale parameter from 0 to +1, 

signal is expanded in time domain as shown in Fig. 

6 and when change from 0 to -1 signal shrinks as 

shown in Fig. 7.  

 
Fig. 6 FFT graph of TS= +1 
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Fig. 7 FFT graph of TS= -1 

After changing Pitch Scale parameter from 0 to +1 

and from 0 to -1, the change in frequency domain 

graphs is shown in Fig. 8 and 9. 

 

 
Fig. 8 FFT graph of PS= +1 

 

 
Fig. 9 FFT graph of PS= -1 

 

VI. CONCLUSION AND FUTURE SCOPE 
As seen from above results, since male have larger 

Vocal Tract, when VT parameter increased to +1, 
husky male voice is heard and decreasing it to -1 

result into small child voice. Since female have 

higher pitch, when PS parameter increased to +1, 

nasal female voice is heard and decreasing it to -1 

result into male voice. Same is summarized in Table 

below.  

Table 1 Result of voice modification 

 
 

It is seen from above that vocal tract controls timbre 

of the voice signal whereas pitch varies tone of the 

same. Above results show that the algorithm can 

effectively modify input voice into the desired voice 

quality. 

Results of the simulation verify that the quality of 

the synthesized signal by TD-PSOLA technique 

depends on the precision of the analysis marking 
and the synthesis marking. In future, Algorithm with 

better analysis and synthesis marking can be 

implemented for better voice quality and voice 

modification technique can be used for voice 

conversion applications.  
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