
Contents

Part I Theory and Selected Applications

1 Analog Signals and Systems
1.1 Definitions, Classifications, and Overview

. 1 Definitions

.2 Representation of Signals and Systems

.3 Examples of Signals

.4 Classification of Signals

.5 Analog and Digital Signal Processing

.6 Digital Signal Processing versus
Analog Signal Processing 7

.7 System Modeling 7

.8 Classification of Systems 8

.9 Linear Time-Invariant Systems 9
1.2 Time-Domain / Frequency-Domain Representations 10

1.2.1 Basic Functions and Relations 10
1.2.1.1 The Convolution Integral 10
1.2.1.2 The Dirac Delta Function 11
1.2.1.3 The Unit Step Function 12

1.2.2 Time-Domain Representation 13
1.2.2.1 Mathematical Time-Domain

Representation 13
1.2.2.2 Stability of Analog LTI Systems in the

Time Domain 14
1.2.3 Frequency-Domain Representation 14

1.2.3.1 Fourier Series Representation
of Periodic Signals 15

1.2.3.2 The Fourier Transform 18
1.2.3.3 The Laplace Transform 25
1.2.3.4 Mathematical Frequency-Domain

Representation 28

Bibliografische Informationen
http://d-nb.info/1005454566

digitalisiert durch

http://d-nb.info/1005454566


Contents

1.2.3.5 Stability of Analog LTI Systems-Frequency
Domain 29

1.2.4 Signal Correlation and Its Applications 29
1.2.5 Signal Power and Energy 31

1.2.5.1 Power in Periodic Signals 32
1.2.5.2 Parseval's Theorem 32
1.2.5.3 The Wiener-Kinchin Theorem 33
1.2.5.4 Examples 33

1.3 Random Signals 35
1.3.1 Definition 35
1.3.2 Overview of Probability and Statistics 35

1.3.2.1 Probability and Sample Space 35
1.3.2.2 Random Variables 36
1.3.2.3 Joint Probability 36
1.3.2.4 Conditional Probability 36
1.3.2.5 Independent Events 37
1.3.2.6 Probability Density Function 37
1.3.2.7 Statistical Mean 37
1.3.2.8 The Second Moment 38
1.3.2.9 The Variance 38
1.3.2.10 The Gaussian pdf 38

1.3.3 Signals in Noise 39
1.3.3.1 Gaussian Noise 39
1.3.3.2 Signals in Gaussian Noise 39
1.3.3.3 Power Spectral Density of Random Signals... 40
1.3.3.4 Stationary Random Signals 40
1.3.3.5 The Autocorrelation Function

of Random Signals 40
1.3.3.6 Wide-Sense Stationary Signals 40
1.3.3.7 Wiener-Kinchin Theorem for

Random Signals 41
1.3.3.8 White Noise 41
1.3.3.9 Effect of Ideal Low-Pass Filter

on White Noise 42
1.4 Applications of Analog Signal Analysis 43

1.4.1 Signal Detection in Noise 43
1.4.2 The Matched Filter 44

1.4.2.1 Conclusion 47
1.4.2.2 The Output of the Matched Filter

at the Time of Optimal SNR 47
1.4.2.3 The Matched Filter is a Correlator 48
1.4.2.4 The Optimal Receiver 48



Contents

1.5 Analog Filters 48
1.5.1 The Ideal Low-Pass Filter 49
1.5.2 Butterworth LPF 50
1.5.3 Chebychev-I LPF 50
1.5.4 Design of Butterworth and Chebychev-I LPF's 51

1.5.4.1 Example of a Low-pass
Filter Design 52

1.5.4.2 Circuit Design 53
1.5.5 Design of Butterworth and Chebychev-I High-pass,

Band-Pass and Band-Stop Filters 53
1.5.5.1 Circuit Design 54
1.5.5.2 Impedance Matching 54
1.5.5.3 Hardware Filter Design Rules Using

Normalized LPF Standard Circuits 55
1.5.5.4 Example of a High-pass Filter Design 55

1.5.6 Chebychev-II Filters 56
1.5.7 Elliptic Filters 57
1.5.8 MATLAB Analog Filter Design 57
1.5.9 Active Filters 58

1.5.9.1 Overview of Active Amplifiers 58
1.5.9.2 The Active Buffer 59
1.5.9.3 The Active Inductance 60
1.5.9.4 Butterworth Active Filters 60

References 62

Discrete and Digital Signals and Systems 63
2.1 Introduction 63

2.1.1 Digital Systems 64
2.2 Ideal Sampling and Reconstruction 64

2.2.1 Ideal Uniform Sampling 64
2.2.1.1 Definitions for Some Important

Discrete-Time Signals 65
2.2.2 Ideal Reconstruction 68

2.2.2.1 Stage 1 68
2.2.2.2 Stage 2 69
2.2.2.3 Frequency Aliasing 70

2.3 Time-Domain / Frequency-Domain Representations 71
2.3.1 Time-Domain Representation of Digital Signals

and Systems 71
2.3.1.1 Discrete Linear Convolution 71
2.3.1.2 Mathematical Representation of Digital

Signals and Systems in the Time Domain . . . 73



i Contents

2.3.2 Frequency-Domain Representation of Digital
Signals and Systems 75
2.3.2.1 Discrete-Time Fourier Series for

Periodic Digital Signals 75
2.3.2.2 The Discrete-Time Fourier Transform

for Non-Periodic Digital Signals 75
2.3.3 The z-Transform 76

2.3.3.1 The Single-Sided ZT 77
2.3.3.2 The Time-Shift Property of the ZT 78
2.3.3.3 Relationship Between the FT and ZT

of a Discrete-Time Signal 78
2.3.3.4 Relationship Between the LT and the ZT

for Discrete-Time Signals 78
2.3.4 Mathematical Representation of Signals and Systems

in the Frequency Domain 79
2.3.4.1 Relationship Between the ZT Transfer

Function and the Frequency Response 80
2.3.4.2 Stability of Digital Systems in

the z-Domain 80
2.4 A Discrete-Time and Discrete-Frequency Representation 82

2.4.1 The Discrete Fourier Transform 82
2.4.1.1 Approximation of the FT Using DFT 84
2.4.1.2 Relationship Between the DFT

and the DFS Coefficients 84
2.4.1.3 The Fast Fourier Transform 84
2.4.1.4 Circular Convolution and Its Relation

to the Linear Convolution 85
2.4.1.5 I/O Relations Using Circular Convolution

and the DFT 85
2.5 Signal Correlation, Power, and Energy 86

2.5.1 Definitions 86
2.5.1.1 Autocorrelation of Non-Periodic

Discrete-Time Energy Signals 86
2.5.1.2 Autocorrelation for Periodic Discrete-Time

Power Signals 87
2.5.1.3 Energy in Non-Periodic Discrete-Time

Energy Signals 87
2.5.1.4 Power in Periodic Discrete-Time

Power Signals 87
2.5.1.5 Parseval's Theorem 87
2.5.1.6 The Wiener-Kinchin Theorem 88

2.6 Digital Filters and Their Applications 88
2.6.1 Ideal Digital Filters 88

2.6.1.1 Mathematical Formulation 88



Contents

2.6.2 Linear-Phase Systems 90
2.6.3 Classification of Digital Filters 91
2.6.4 FIR Digital Filters 91

2.6.4.1 Structure and Implementation
of FIR Filters 91

2.6.4.2 Software Implementation of FIR Filters 91
2.6.4.3 FIR Filtering of Long Data Sequences 92
2.6.4.4 Pole-Zero Diagram and Stability

of FIR Filters 92
2.6.4.5 Linear-Phase FIR Filters 93
2.6.4.6 Efficient Hardware Implementation

of Linear Phase FIR Filters 94
2.6.5 Design of FIR Digital Filters 95

2.6.5.1 Time-Domain Design 95
2.6.5.2 Frequency-Domain Design 99

2.6.6 Applications of FIR Digital Filters 102
2.6.6.1 Communication Channel Equalization 102
2.6.6.2 The Moving Average Filter 102
2.6.6.3 The Digital Differentiator 103
2.6.6.4 The Digital Matched Filter 106

2.6.7 IIR Digital Filters 108
2.6.7.1 Structure and Implementation of IIR

Digital Filters 108
2.6.7.2 IIR versus FIR Filters 108
2.6.7.3 Direct Form Implementation

of IIR Digital Filters 109
2.6.7.4 Practical Implementation

of IIR Digital Filters 110
2.6.8 Design of IIR Digital Filters I l l

2.6.8.1 Time-Domain Design: Impulse
Response Matching I l l

2.6.8.2 Frequency-Domain Design:
Frequency Response Matching 114

2.6.8.3 MATLAB IIR Filter Design Using
the Bilinear Transformation 117

2.6.8.4 MATLAB FIR/ IIR Filter Design
and Analysis Toolbox 118

2.6.9 Applications of IIR Digital Filters 119
2.6.9.1 The Digital Integrator 119
2.6.9.2 The Alpha Filter 120
2.6.9.3 The Sinusoidal Digital Oscillator 120
2.6.9.4 The Digital Resonator 122
2.6.9.5 A Digital DC Blocker 124



Contents

2.6.9.6 An Application of FIR / IIR Digital Filters:
Simulation of Acoustic Effects 126

References 127

Part II Applied Signal Processing

3 Selected Topics in Applied Signal Processing 131
3.1 Introduction 131
3.2 Binary Signal Transmission 131

3.2.1 Binary Transmission Using Orthogonal Signals 132
3.2.1.1 Probability of Error 134

3.2.2 Binary Transmission Using Antipodal Signals 135
3.3 The Hubert Transform and the Analytic Signal 137

3.3.1 The Analog and Digital Hubert Transform 137
3.3.1.1 The Analog Hubert Transform 137
3.3.1.2 The Digital Hubert Transform 138

3.3.2 The Analytic Signal 139
3.3.3 Applications of the Hubert Transform

and the Analytic Signal 140
3.3.3.1 Spectral Economy and Computation

of the Instantaneous Frequency 140
3.3.3.2 Single Side-Band Amplitude

Modulation 140
3.3.3.3 Spectrum of the SSBSC AM Signal 141
3.3.3.4 Demodulation of SSBSC AM Signals 141

3.4 Phase-Locked Loops 142
3.4.1 Analog Phase-Locked Loops 143
3.4.2 Digital Phase-Locked Loops 145

3.4.2.1 The Sinusoidal DPLL (SDPLL) 146
3.4.2.2 Operation of the SDPLL 147
3.4.2.3 The First-Order Noise-Free SDPLL 149
3.4.2.4 The Second-Order Noise-Free SDPLL 152
3.4.2.5 PM Demodulation Using the SDPLL 154

3.5 Linear Estimation and Adaptive Filtering 156
3.5.1 Non-adaptive FIR LMS Filter 157
3.5.2 Adaptive Filters 159
3.5.3 Choice of the Desired Signal 159
3.5.4 The Adaptive LMS Algorithm 160
3.5.5 Choice of Adaptation (Convergence) Coefficient

and Filter Length 160
3.5.6 Hardware Implementation of Adaptive FIR Filters 161
3.5.7 An Example of LMS Filtering 161
3.5.8 Application of Adaptive Filtering to Noise Reduction in

Narrow-Band Signals 162



Contents

3.5.9 Application of Adaptive Filtering to
Channel Equalization 163
3.5.9.1 Reducing Intersymbol Interference 163
3.5.9.2 The Adaptive Channel Equalizer 165

3.6 Sigma-Delta Modulation & Noise Shaping 165
3.6.1 Quantization 166

3.6.1.1 Uniform Quantization 166
3.6.1.2 Nonuniform Quantization 168

3.6.2 Oversampling and Its Applications 168
3.6.2.1 Quantization SNR Improvement 168
3.6.2.2 Relaxing Conditions on the

Anti-Aliasing Filter 168
3.6.3 Delta Modulation 169

3.6.3.1 Digital DM System 172
3.6.3.2 Sigma-Delta Modulation 172

3.7 Non-Stationary Signal Analysis 174
3.7.1 The Need for Time-Frequency Analysis 174
3.7.2 Some Important TFRs 176

3.7.2.1 The Short-Time Fourier Transform 177
3.7.2.2 Cohen's Class of TFRs 177

3.7.3 The Discrete Cosine Transform 179
3.7.3.1 An Application of the DCT:

Data Compression 181
References 182

Part HI Advanced Topics

4 The Impact of Finite Wordlength Implementaion 185
4.1 Introduction 185
4.2 Overview of Number Formats 185

4.2.1 Fixed-Point Format 186
4.2.2 Floating-Point Format 187

4.3 The Quantization Process 187
4.3.1 Quantization of Fixed-Point Numbers 188

4.3.1.1 The Rounding Method 188
4.3.1.2 Truncation Method 189

4.3.2 Quantization of Floating-Point Numbers 190
4.3.3 Impact of Quantization on DSP

System Implementation 191
4.4 Coefficient Quantization Error in Digital Filters 193

4.4.1 Coefficient Quantization Error in IIR Filters 193
4.4.2 Coefficient Quantization Error in FIR filter 197



xviii Contents

4.5 Quantization Errors in Arithmetic Operations 198
4.5.1 Multiplier and Accumulator Errors

in Fixed-Point Arithmetic 199
4.5.1.1 Multiplier Error 199
4.5.1.2 Accumulator Error 199

4.5.2 Scaling in Fixed-Point Arithmetic 199
4.5.2.1 Scaling of Direct Form IIR Filter 200
4.5.2.2 Scaling of Cascade-Form IIR Filters 202
4.5.2.3 Scaling of Direct-Form FIR Filters 203

4.6 Limit Cycle Phenomena 205
References 208

5 Multirate Digital Signal Processing 209
5.1 Introduction 209
5.2 Basic Elements of Multirate Processing 209

5.2.1 The Down-Sampler and the Up-Sampler 210
5.2.2 Frequency-Domain Representation 212

5.3 Sampling Rate Conversion Using Multirate Structures 215
5.3.1 Decimation 215
5.3.2 Interpolation 216
5.3.3 Rational Number Sampling Rate Conversion 218

5.4 Efficient Implementation of Multirate Systems 220
5.4.1 Noble Identities 220
5.4.2 Polyphase Decomposition 220
5.4.3 Multistage Implementation 224

5.4.3.1 Interpolated FIR filter design 225
Reference 227

Appendix A: Tutorials 229

Appendix B: Miscellaneous Exercises 291

Appendix C: Tables and Formulas 303

Appendix D: Dsp Lab Experiments 319

Authors' Biographies 349


