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Implementation of Voice Source Simulator Using Simulink
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ABSTRACT

In this paper, details of the design and implementation of a voice source simulator using Simulink and Matlab are discussed.

This simulator is an implementation by model-based design concept. Voice sources can be analyzed and manipulated through
various factors by choosing options from GUI input and selecting pre-defined blocks or user created ones. This kind of

simulation tool can simplify the procedure of analyzing speech signals for various purposes such as voice quality analysis,
pathological voice analysis, and speech coding. Also, basic analysis functions are supported to compare the original signal and

the manipulated ones.

Keywords: voice, source, simulator, Simulink, Matlab
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Tablel. Acoustical melcepstral distance between original and

synthesized voice according to different source type

Distance
Residual 2.3%10" %
Modified Residual

(Pitch Detected) 131.8
Klatt 78.1

LF 126.7
FL 95.1
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