
 

CSXX2816:   Speech Processing 
L-T-P-Cr.- 2-0-2-3 
 
Prerequisites: (i)Digital Signal Processing and (ii) Probability, Random Variable and                 

Stochastic Process  
Objectives: This course concerns with analysis and processing of speech signals for development 

of different voice biometric based applications.  
Course Outcome: Upon successful completion of this course, students should be able to: 

Sl. 

No. 
Course Outcome (CO) Program Outcome 

(PO) 

1 Explain the human speech production and perception 

mechanisms, including the role of different organs and the 

linguistic aspects of speech. 

PO1 

2 Analyze speech signals in the time and frequency domains 

using techniques like the Short-Term Fourier Transform (STFT) 

and filter banks. 

PO1, PO2, PO5 

3 Apply cepstral analysis techniques for speech feature 

extraction, including real, complex, and Mel-Frequency 

Cepstral Coefficients (MFCCs), along with delta and 

delta-delta features. 

PO1, PO2, PO3, PO5 

4 Implement Linear Prediction (LP) analysis for speech 

representation,  utilizing Levinson-Durbin's method to obtain 

LP parameters like spectrum, cepstrum, and residual. 

PO1, PO2, PO3, PO5 

5 Describe the principles of sinusoidal analysis for speech and 

apply techniques like phase unwrapping for speech signal 

synthesis. 

PO1, PO3 

6 Design and evaluate speech processing systems for 

applications such as speaker recognition and speech 

recognition,  using algorithms like Dynamic Time Warping 

(DTW), Vector Quantization (VQ), Gaussian Mixture Models 

PO1, PO2, PO3, PO6, 

PO9, PO10 



(GMMs), Hidden Markov Models (HMMs), and Support 

Vector Machines (SVMs). 

7 Implement a basic speech processing system using software 

tools or libraries for tasks like feature extraction or 

speaker/speech recognition. 

PO1, PO2, PO5, PO9, 
PO12 

 
 

Topics Covered:  
Unit-1: Introduction: Speech production and perception, Information sources in speech, 

Linguistic aspect of speech, Acoustic and articulatory phonetics, Nature of speech 
signal, Models for speech analysis. 

 
Unit-2: Short-term processing: Overview of Fourier representation, Short-term Fourier 

transform (STFT), Filter-bank views of STFT, Time, Frequency and Time-Frequency 
analysis. 

 
Unit-3: ​ Cesptrum analysis: Basis and Development, Homomorphic signal processing, Real 

and Complex cepstrum, Mel-frequency cepstral coefficient (MFCC),  Delta and  
Delta-Delta. 

 
Unit-4: Linear Prediction (LP) analysis: Basis and Development, Levinson-Durbin’s method, 

Normalized error, LP spectrum, LP cepstrum, LP residual. 
 
Unit-5: Sinusoidal analysis: Basis and Development, Phase unwrapping, Sinusoidal Analysis 

and Synthesis of speech signal. 
 
Unit-6: Applications of speech signal processing: 

(i) Speaker recognition: Objective, Issues, Block diagram description, Classification, 
Development of speaker recognition system using Dynamic Time Warping (DTW), 
Vector Quantization (VQ), Gaussian Mixture Model (GMM) and GMM-Universal 
Background Model (UBM, Support Vector Machine (SVM). 

(ii) Speech recognition: Objective, Issues, Block diagram description, Development of 
speech recognition system using DTW, VQ  and Hidden Markov Model (HMM). 
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