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ABSTRACT 

Speech signal processing and analyzing is an important research. In this project the signal 

is processed and analyzed to determine whether it is voiced or unvoiced signal by using 

autocorrelation method. 

The data used are word 'SAYA' and 'DIA'. From word SAYA, the frames that can be 

produced from 11900 samples are 25 frames of data. While for word DIA, the frames that 

can be produced from 4500 samples are 17 frames of data with each frame (from word 

SA YA and DIA) uniformly having 300 samples. The length of each frame is the same. 

To determine whether the signal is either voiced or unvoiced is by analyzing at the peak 

of autocorrelation function on the error signal. If the second peak is 30% higher than the 

first peak, so it is declared as 'voiced' and if the peak is less than 30% from the first peak, 

so it is declared as 'unvoiced'. 

MATLAB is used to find the comparison between the input data ( original data) and new 

data (filtered data) and also to find the peak of autocorrelation function from the signal. 
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1.1 Introduction 

CHAPTER! 

INTRODUCTION 

Communication one of the important activity m hwnan life. Reason for 

communicating is to deliver information. Mail, copy, electromagnetic wave, free 

space or electrical signal can be used to send information. 

Voice is the most important method to communicate with one and other. A lot of 

study, analysis, assumption, and designing done on the voice signal. One of the 

most popular is on speech recognition. Speech is a simple communication and it is 

a form of sound. Sound can give information. 

Voice analysis is one ofthe estimation analyses from speech signal. For voiced or 

unvoiced, pitch period and power density in form of glottal pulse are the 

important parameters in this analysis. Sentences are build using a basic word with 

every word contain a vowel and consonant. 

Voiced signal containing a data or information and the voice measurement can be 

detected from the oscilloscope by additional of microphone, whereby the signal is 

instantaneous amplitude of voice signal strength. More strength of the signal will 

yield high amplitude and weak voice signal can give low amplitude. Voice signal 

have a different frequency variation, The frequency is in the range of 20Hz up to 

20kHz. 

Unvoiced signals contain no data. The characteristic of unvoiced are reverse from 

voice characteristic. Furthermore the unvoiced consist of a source of noise and the 

waveform is periodic or random in nature. 




