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11 B.Tech Il Semester (E.C.E)

23A04604c SPEECH PROCESSING

Course Objectives:

1. To impart knowledge on anatomy and physiology of speech organs and the process of
Speech Production.

2. To understand the methods for extracting of speech using Time domain parameters.

3. To learn the Frequency Domain Methods for Speech Processing.

4. To interpret and analyze LPC Parameters for Speech Processing.
5. To introduce the concepts of homomorphic Speech Processing.

Course Outcomes:

At the end of the course, the students will be able to

1. Gain knowledge on anatomy and physiology of speech organs and the process of Speech
Production.

Understand the methods for extracting of speech using Time domain parameters.
Learn the Frequency Domain Methods for Speech Processing.
Interpret and analyze LPC Parametersfor Speech Processing.
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Grasp the concepts of homomorphic Speech Processing.

UNIT I

Fundamentals of Digital Speech Processing: Anatomy & Physiology of Speech Organs, The
process of Speech Production, The Acoustic Theory of Speech Production — Uniform lossless tube
model, effect of losses in vocal tract and radiation at lips, Digital models for speech signals.

UNIT II

Time Domain Methods for Speech Processing: Time domain parameters of speech, methods for
extracting the parameters: Zero crossings, Auto-correlation function, pitch estimation.

UNIT 111

Frequency Domain Methods for Speech Processing: Short time Fourier analysis, Filter bank
analysis, Spectrographic analysis, Formant extraction, Pitch extraction.

UNIT IV

Linear predictive Coding (LPC) for Speech: Formulation of linear prediction problem in time
domain, solution of normal equations, Interpretation of linear prediction in auto correlation and
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spectral domains, Method of Solution of the LPC Parameters: Pitch Detection using LPC
Parameters, Formant Analysis using LPC Parameters.

UNIT V

Homomorphic Speech Processing: Introduction Homomorphic Systems for Convolution:
Properties of the Complex Cepstrum, Computational Considerations, The Complex Cepstrum of
Speech, pitch Detection and Formant Estimation; Applications of speech processing — Speech
Enhancement, Speech recognition, Speech synthesis and Speaker Verification.

Textbooks:

1. L.R. Rabiner and S. W. Schafer, Digital Processing of Speech Signals, Pearson Education.
2. Douglas O’ Shaughnessy, Speech Communications: Human &Machine, 2nd Ed., Wiley-
IEEE Press.
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