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Abstract

Pitch, known as the fundamental frequency, is one of the main

characteristics of sound.

The purpose of this study is to change the pitch of a signal without changing
its length.

The solution of this problem is PSOLA algorithm, which is the best method

to shift pitch in musical industry application .

pitch-shifting algorithms can be divided into two categories; firstly time-
domain which algorithm divided into three sections: a pitch
detector(determine a fundamental frequency),a time
compressor/expander(used to change the duration of the signal) ,and a pitch
shifter(achieve a high quality output), secondly  frequency-domain
techniques like the time-domain technique is based on shifting small

overlapping window blocks of data in time and resampling.

There are various methods of detecting and shifting pitch, but in the interests

of simplicity, accuracy, and speed, a three step process is used.
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Chapter One

Introduction

1.1 Introduction:

Pitch shifting is away to change the pitch of a signal without changing its
length. In practical application, this is usually achieved by changing the length of
the sound, using one of the methods and then performing a sample rate conversion
to change the pitch. in general, pitch-shifting algorithms can be divided into two
categories; firstly time-domain which algorithm divided into three sections: a pitch
detector(determine a fundamental frequency) ,a time compressor/expander(used
to change the duration of the signal) ,and a pitch shifter(achieve a high quality
output), secondly frequency-domain techniques like the time-domain technique is
based on shifting small overlapping window blocks of data in time and

resampling[1].

High-quality techniques for pitch-shifting of audio and musical signals have
received a lot of attention recently In multi-track audio recording and mixing,
pitch-shifting is used to match the pitches of two recorded digital audio clips .
Real-time pitch shifting algorithms can be used for performing deejays In music
industry, pitch-shifting is used in sampling synthesizers, sound effects for Karaoke

systems [2].
1.2 Problem Statement:

In many applications there is a need to create a change in the voice pitch
without creating a change in the characteristics of the voice. Stretching the voice

signal can result in distortion of the voice.



1.3 Proposed Solution:

Use computationally many efficient algorithms for altering the pitch and the
length of digitally sampled sounds while maintaining the important characteristics

of the original.
1.4 Research Aims and Objectives:

The aim of this design project is to simulate the best real-time speech pitch
shifting algorithms in matlab and compare between ability to change the pitch
without change the basic and important voice characteristic.

The project has several objectives:
* To explore and simulate several pitch shifting techniques.
*To implement and test of a suitable pitch shifting algorithm for high fidelity

performance.

1.5Methodology:

Phase one:

Research for information knowledge.
Phase two:

Conduct a literature review to understand the work achieved in the area of pitch
shifting.

Phase three:
Select algorithms to suit the intended application\ real time applications.
Phase four:

Understand information of algorithm parameter and calculation.
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Phase five:

Recording the voice to used in test.
Calculation voice parameter such as pitch.
Determining the intended pitch shift.
Phase six:

Apply the algorithm with stated parameter.
Play the sound track to test pitch shift.

Analayize parameter.

1.6 Thesis Outlines:

In chapter one the statement of the problem, the proposal solution and
methodology were discussed.
In chapter two discussion about audio and musical processing including the pitch
shifting in frequency, time domain is presented; and other many algorithms in both
time and frequency domain were discussed and a comparison table between many
real time pitch shifting algorithms is also drawn.
In chapter three the best of this algorithm (psola)were discuss.
In chapter four we explain and simulate this algorithm.

In Chapter five include the conclusion of this project.



