ECG 480 - DIGITAL SIGNAL PROCESSING

CATALOG DATA

Review of discrete linear system theory including the Z-transform, the Fourier transform, discrete Fourier Transform and FFT algorithms. Sampling, A/D and D/A converters, reconstruction multirate systems and quantization noise. IIR and FIR digital filter design including digital filter structures and finite word length effects. Introduction to the principles and applications of digital signal processing from the design and implementation perspective.

TEXTBOOK

Discrete-time Signal Processing, 2nd. ed., by A. V. Oppenheim and R. W. Schafer, Prentice Hall, 1998.

COORDINATOR

Peter Stubberud, Associate Professor of Electrical and Computer Engineering.

Yingtao Jiang, Assistant Professor of Electrical and Computer Engineering.

COURSE OBJECTIVES

· to develop the students' ability to design FIR digital filters using window, frequency sampling, and optimal methods to meet specifications
· to develop the students' ability to propose, design and implement an independent DSP project
· to develop the students' ability to evaluate advantages and disadvantages of various digital filter implementation methods (direct, parallel, cascade and lattice realizations)
· to develop the students' ability to design IIR digital filters using frequency transform method to meet specification
· to develop the students' ability to apply Fast Fourier Transform (FFT) to efficiently solve DSP problems
PREREQUISITE BY TOPIC

Signals and Systems II

TOPICS

· Linear Time-Invariant (LTI) Systems and properties

· Difference equations

· Discrete-time signals and systems
· Fourier Transform

· Z-transform
· Sampling
· Transform analysis of LTI systems

· Signal flow graph representation of linear constant-coefficient difference equation

· Structures of IIR systems

· IIR filter design techniques

· Structures of FIR systems

· FIR filter design techniques

· DFT and DCT

· FFT algorithms and implementations

COURSE OUTCOMES

Upon completion of this course, students should be able to:

· Apply Z-transform to solve discrete-time signal and system problems

· Apply and solve linear, time invariant, discrete-time system problems using difference equation and linear convolution sum

· Apply sampling theory to tycial signals such as real and complex sinusoidal

· Implement digital filter to meet specifications

· Apply development software and hardware platforms for real-time signal processing

· Analyze and assess the numerical and quantization errors of digital signal processing

· Apply fast Fourier Transform (FFT) to efficiently solve DSP problems
COMPUTER USAGE

Students use SPICE and/or Matlab to verify their calculations.

DESIGN CONTENT

Students will use MATLAB to conduct filter design, prototype system analysis and simulation. C and TMS320C62 assembly code will be used in the laboratory projects.

CLASS SCHEDULE

Lecture 3 hours per week

PROFESSIONAL CONTRIBUTION

Engineering Science: 2 credits 

Engineering design: 1 credit  33%

RELATIONSHIP BETWEEN COURSE AND PROGRAM OUTCOMES

These course outcomes meet the following program objectives:

a.
Knowledge of scientific principles that are fundamental to the following application areas: Circuits, Communications, Computers, Controls, Digital Signal Processing, Electronics, Electromagnetics, Power and Solid State.
b.
An ability to design and conduct experiments, analyze and interpret data, design a system, component, or process using the techniques, skills, and modern engineering tools, incorporating the use of design standards and realistic constraints that include most of the following considerations: economic, environmental, sustainability, manufacturability, ethical, health and safety, social and political.

d.
An ability to identify, formulate and solve engineering problems

e.
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