Mg FFR1ag AR AN [y

Pl fRi R e Bk

AL & |3 2 INTRODUCTION TO DIGITAL SIGNAL PARKEF | L R
PROCESSING
g0 #K 3 % [{E 13 vl B2k & B 551922 U1020

Along with great growing of the development of computer processor, memory
space and speed-up of networking communications, digital multimedia
technologies are flourishing dramatically recently.

Digital signal processing (DSP) is one of the technologies and is prevalent
nowadays in a very wide variety of applications such as telephony, radar, sonar,
audio, digital TV, digital multimedia (speech and image/video processing) and
diversified consumer electronic devices like mobile phones, personal digital
APzt |assistant (PDA), computer, portable music player (PMP), etc.

The emphasis of this course will be focused on the theories and applications for
discrete-time signals and systems. Through the designed projects and hands-on
experiments based on MATLAB, students will be able to clarify complicated
mathematical concepts and realize the physical meaning behind the equations.

The prerequisites of this course include linear algebra, transform theory, and
probability.
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® Build up a solid background of mathematics adopted in signal processing

® Know both discrete- and continuous-time signals and systems

A% P & | ® Understand linear filtering, amplitude modulation, sampling theorem, discrete-
time filtering and spectrum analysis

® Be familiar with the programming language useful for signal processing

® Be able to associate the knowledge of DSP theories with real-life applications
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Discrete time signals
Special sequences
Shift invariance

Introduction to discrete

: 1.5
linear systems

Characterization of
discrete time systems

Difference equations 1.5
Impulse response

o
o
o
® Stability and causality
]
o
® System function




Frequency response — Fourier transforms

The Z transform

Definition of the Z transform

Region of convergence (ROC)
Properties of ROC and the Z transform
Inverse Z transform

Examples of digital
filters

Averaging filter
Recursive smoother
First-order notch filter
Second-order unity gain resonator 1
All-pass filters
Comb filters
Equalization filters

Discrete-time Fourier
transforms

Fourier series

Continuous-time Fourier transforms
Discrete-time Fourier transforms
Discrete Fourier transforms

Sampling

Sampling continuous-time signals: the
sampling theorem

Aliasing

Re-sampling digital signals

A/D conversion and quantization

D/A conversion

The discrete Fourier
transform

Definition of DFT and relation to Z
transform

Properties of the DFT

Linear and periodic convolution using the 1.5
DFT

Zero padding, spectral leakage, resolution
and windowing in the DFT

The fast Fourier
transform

Decimation in time FFT
Decimation in frequency FFT

Finite impulse
response (FIR) filters

Window design techniques
Kaiser window design technique 0.5
Equi-ripple approximations

Infinite impulse
response (IIR) filters

Bilinear transform method

Examples of bilinear transform method 13

Structures and
properties of FIR and
IIR filters

IIR — direct, parallel and cascaded
realizations

Minimum phase IIR filters

FIR — direct and cascaded realizations 2.5
Linear phase FIR filters

Coefficient quantization effects in digital
filters
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Dlgltal signal processing requires mathematical background of linear
algebra, transform theory and probability. Students are supposed to be
apply those knowledge flexibly to deal with problems through the course
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Students are challenged with simplified real-world problems which require
them to be familiar with DSP theories and MATLAB programming skills
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For the course projects, students are asked to write reports based on the
MATLAB experimental results which include methodology and discussion
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All the homework assignments are individual work. Through out those
exercises, students are trained to deliberate and solve the assigned
problems by themselves
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Plagiarism is strictly prohibited. Students have to be aware of moral

principles and respecting other peoples’ intellectual property rights




