
edia

Introduction to DSP

steepest ascent



1

The

DSPedia
DSP Short Course Notes written and developed by:

Bob Stewart
Daniel García-Alís, Garrey Rice, Iain Stirling,
Graham Freeland, Jamie Bowman

E-mail: info@steepestascent.com
http://www.steepestascent.com

Steepest Ascent Ltd.
Ladywell 
94 Duke Street
Glasgow
G4 0UW

telephone: 0141 552 8855

© Steepest Ascent, 2006 Version 4.6/2/06



2



3

Contents:
1.  Introduction to DSP
Introduction 1.1
The DSP “Revolution” 1.2
DSP in 2000’s - Software Radio 1.3
DSP for Stocks and Shares!? 1.4
Advanced Data Processing 1.5
DSP Applications 1.6
DSP Strategies 1.7
Signals 1.8
Amplification and Conditioning 1.9
Amplifier Distortion 1.10
Harmonic Distortion 1.11
Harmonic Distortion II 1.12
Harmonic Distortion Measurment 1.13
Signals and Noise 1.14
Noise floor 1.15
The Noise/Distortion Chain.... 1.16
Signal to Noise Ratio 1.17
Extracting Signals from Noise 1.18
Generic Analogue I/O Signal Processing 1.19
A Generic Input/Output DSP System  1.20
Generic Analogue Communications 1.21
Digital Data Communications 1.22
Analogue to Digital Converter (ADC) 1.23
Digital to Analogue Converter (DAC) 1.24
Signal Conditioning 1.25
Sampling 1.26
Sampling an Analogue Signal 1.27
Noise Floor due to quantisation 1.28
Noise Floor due to quantisation II 1.29
Noise Floor due to quantisation II 1.30
Spurious Free Dynamic Range 1.31
Audio Dithering 1.32
Dithering: Time and Frequency View 1.33
Reproducing an Analogue Signal 1.34
First Order Hold 1.35
Binary Data Wordlengths 1.36
Sampling - How Fast? 1.37
Sampling - Too Fast? 1.38
Sampling - Too Slow? 1.39
“Suitable” Sampling Rate 1.40
Signal Frequency Range Terminology 1.41
Nyquist Sampling Rate 1.42
Aliasing 1.43
Aliasing Examples 1.44
Aliased Spectra 1.45
Anti-Alias Filter 1.46
Reconstruction Filter 1.47
Zero Order Hold (ZOH) “Filter” 1.48

Anti-alias and Reconstruction 1.49
Perfect Nyquist Sampling 1.50
ADC Sampling “Error” 1.51
Quantisation Error 1.52
Quantisation Error in a Signal 1.53
Quantisation Error PDF 1.54
Quantisation Error Power (Statistical) 1.55
Quantisation Spectra 1.56
Timing Jitter Error I 1.57
Real World Sampling Frequency 1.58
Real World Bit Rates 1.59
Signal Aliasing 1.60
Generic DSP Processor 1.61
The 1990s ASIC Route 1.62
Software (Defined) Radio (SR) 1.63
SR Receiver/Transmitter 1.64
The “IF” Software Radio 1.65
Channelisation 1.66
Basestation Software Radio Receiver 1.67
The DSP Bottleneck 1.68
SR Sampling Techniques 1.69
Direct Digital Downconversion 1.70
Bandpass Sampling Failure 1.71
Bandpass Sampling Rate Calculation 1.72
QAM Analog RF/IF Architecture 1.73
Conclusions 1.74

2.  Signal Transforms
Introduction 2.1
Elementary Causal Signals 2.2
Elementary Signal Combinations 2.3
The Nature of Time Domain Signals 2.4
Transforms to Simplify Maths.... 2.5
Signal Analysis Transforms 2.6
Laplace Transform 2.7
Laplace Properties Example - Time Shift 2.8
Laplace Transform Example 2.9
RC Circuit Laplace Transfer Function 2.10
Linear System Transforms 2.11
Continuous Time Linear Systems 2.12
Continuous Time Convolution 2.13
Impulse Response - Time Invariance 2.14
Impulse Response - Scaling 2.15
Impulse Approximation Graph 2.16
Impulse Approximation Equation 2.17
Short Duration Unit Pulse and Impulse 2.18
System Response 2.19
Linear Superposition 2.20



4

Contents:
Sampling a Continuous Time Signal 2.21
Discrete Signals and Systems 2.22
Discrete Time “Impulse” & “Unit Impulse” 2.23
Discrete Time Impulse Response 2.24
Time Invariance and Scaling 2.25
Causal Signal Convolution 2.26
Signal Flow Graphs (SFG) 2.27
Cascading Discrete Systems 2.28
Cascading Discrete Systems 2.29
Cascaded SFGs 2.30
z-transform Introduction 2.31
Calculating the z-transform Example 1 2.32
Calculating the z-transform Example 2 2.33
z-transform Time Shift Property 2.34
z-domain Signal Flow Graphs 2.35
The Transfer Function 2.36
z-domain Convolution 2.37
z-domain Convolution Example 2.38
z-transform and Recursive Systems 2.39
z-domain as a Notation 2.40
Comments 2.41

3.  Frequency Domain
Frequency Domain Representation 3.1
Signal Interpretation Example 3.2
Frequency Response 3.3
Sums of Tones 3.4
The Fourier Series 3.5
The Fourier Series 3.6
Fourier Series Example 3.7
Amplitude/Phase Fourier Series 3.8
Amplitude/Phase Fourier Series II 3.9
Line Frequency Spectra 3.10
Amplitude/Phase Fourier Example 3.11
The Complex Fourier Series 3.12
Complex Fourier Series Example 3.13
Magnitude/Phase Complex Fourier 3.14
Aperiodic Signals 3.15
Fourier Transform from Fourier Series 3.16
The Fourier Transform 3.17
Square Wave Fourier Series 3.18
Square Wave Fourier Transform 3.19
Fourier Transform Equations 3.20
Discrete Fourier Transform (DFT) 3.21
Discrete Frequency DFT 3.22
Discrete Frequency DFT 3.23
DFT Signal Flow Graph 3.24
Fast Fourier Transform (FFT) 3.25

FFT versus DFT 3.26
Windowing Effects 3.27
Discontinuities - Spectral Leakage 3.28
Windowing 3.29
Windowing of Sine Wave 3.30
Windowing Example 3.31
FFT Example 1 3.32
FFT Example 2 3.33
FFT of Transformer Vibration 3.34
Short Time Fourier Transform (STFT) 3.35
STFT of a Chirp Signal 3.36
DSP Processors for Real Time FFTs 3.37
Frequency Response of Digital Filters 3.38

4.  Digital Filtering
Digital Filters - Introduction 4.1
Bandpass Telephone Line Filtering 4.2
Digital Filters Types 4.3
Digital FIR Filters 4.4
Impulse Response 4.5
Frequency Response 4.6
FIR Low Pass Digital Filter 4.7
FIR High Pass Digital Filter 4.8
FIR Filters in the z-Domain 4.9
Cascade of First Order FIRs 4.10
FIR: Linear Phase 4.11
Linear Phase: Symmetry, Anti-Symmetry 4.12
Linear Phase: Response to a Tone I 4.13
Linear Phase: Response to a Tone II 4.14
Group Delay 4.15
Minimum Phase 4.16
Design of FIR Digital Filters 4.17
FIR Digital Filter Design Parameters 4.18
Filter Design Trade-offs 4.19
Low Pass Filter Design 1 4.20
Low Pass Filter Design 2 4.21
Real Time Digital Filtering 4.22
Infinite Impulse Response Digital Filters 4.23
IIR Digital Filter Signal Flow Graph  4.24
General IIR Filter 4.25
IIR Filter Stability 4.26
IIR Filter Instability 4.27
IIR Filters in the z-Domain 4.28
First Order IIR Filter Instability 4.29
More General IIR Stability 4.30
Analog to Digital - Differentiation Approx. 4.31
The Bilinear Transform 4.32
Analog and Digital Filter “Equivalents” 4.33



5

Contents:
Further Study 4.34

5.  Adaptive Signal Processing
Introduction 5.1
Modern Perspective 5.2
Adaptive DSP Prerequisites 5.3
A Generic DSP System 5.4
Digital FIR Filters 5.5
Adaptive Digital Filters 5.6
Intuitive Adaptive DSP 5.7
Analogue Interfacing 5.8
Architectures.... 5.9
Application Examples 5.10
Channel Identification 5.11
Echo Cancellation 5.12
Acoustic Echo Cancellation 5.13
Mains Hum Noise Suppression 5.14
Background Noise Suppression 5.15
Channel Equalisation 5.16
Adaptive Line Enhancer (ALE) 5.17
Adaptive Algorithms 5.18
Minimising the Mean Squared Error 5.19
Minimising the Mean Squared Error 5.20
Adaptive Algorithm for FIR Filter 5.21
Mean Squared Error 5.22
Minimum Mean Squared Error Solution 5.23
Wiener-Hopf Solution 5.24
Gradient Techniques 1 5.25
Gradient Techniques 2 5.26
The LMS Algorithm 5.27
The LMS Algorithm 5.28
LMS Stability 5.29
LMS Convergence - Small Step Size 5.30
LMS Convergence - Large Step Size 5.31
LMS FIR Variants 5.32
Adaptive IIR LMS Algorithms 5.33
Non Linear LMS Algorithms 5.34
Recursive Least Squares 5.35
RLS Algorithms 5.36
Complex RLS 5.37
Kalman Filtering I 5.38
Kalman Filtering II 5.39
State-space Formulation of RLS I 5.40
State-space Formulation of RLS II 5.41
Active Noise Control 5.42
Two Channel ANC System 5.43
Summary 5.44




