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Preface xiiil Sampling and Reconstruction 11.1 Introduction] 11.2 Review of Analog SignalsC] 11.3 Sampling
TheoremO 41.3.1 Sampling Theoreml 61.3.2 Antialiasing PrefiltersC] 71.3.3 Hardware LimitsC] 81.4 Sampling of
Sinusoidsd] 91.4.1 Analog Reconstruction and Aliasing] 101.4.2 Rotational Motion[d 271.4.3 DSP Frequency
Units[] 301.5 Spectra of Sampled SignalsC] 301.5.1 Discrete-Time Fourier Transform 311.5.2 Spectrum
Replicationd 331.5.3 Practical Antiallasing PrefiltersC] 381.6 Analog Reconstructorsl] 431.6.1 Ideal
Reconstructors[] 441.6.2 Staircase ReconstructorsC] 461.6.3 Anti-lmage PostfiltersC] 471.7 Basic Components of
DSP Systems[d 541.8 Problems[] 572 Quantization 632.1 Quantization Process[] 632.2 Oversampling and Noise
Shaping[d 672.3 D/A Converters] 732.4 A/D Converters[] 772.5 Analog and Digital Dither(] 862.6 Problems[]
933 Discrete-Time Systems 983.1 Input/Output Rules[] 993.2 Linear/ty and Time Invariancel] 1033.3 Impulse
Response[] 1063.4 FIR and IR FiltersdJ 1083.5 Causality and Stability[] 1153.6 Problems[] 1204 FIR Filtering
and Convolution 1244.1 Block Processing Methods[] 1254.1.1 Convolution 1254.1.2 Direct Form[] 1264.1.3
Convolution TabledJ 1294.1.4 LTIForm[J 1304.1.5 Matrix Form 1324.1.6 Flip-and-Slide Form[J 1344.1.7
Transient and Steady-State BehaviorJ 1354.1.8 Convolution of Infinite Sequencest] 1374.1.9 Programming
Considerations] 1424.1.10 Overlap-Add Block Convolution Method[J 1464.2 Sample Processing Methods[
1494.2.1 Pure Delays[] 1504.2.2 FIR Filtering in Direct Form 1554.2.3 Programming Considerations[] 1634.2.4
Hardware Realizations and Circular Buffers[] 1654.3 Problems[] 1815 Z-Transforms 1865.1 Basic Properties(]
1865.2 Region of Convergencel] 1895.3 Causality and Stability[] 1965.4 Frequency Spectrum] 2005.5 Inverse
z-Transformsd 2055.6 Problems[] 2146 Transfer Functions 2176.1 Equivalent Descriptions of Digital Filters[]
2176.2 Transfer Functions[] 2176.3 Sinusoidal Responsel] 2326.3.1 Steady-State Response[] 2326.3.2 Transient
Response] 2356.4 Pole/Zero Designs[] 2466.4.1 First-Order FiltersC] 2466.4.2 Parametric Resonators and
Equalizers[] 2486.4.3 Notch and Comb Filters[1 2536.5 Deconvolution[] Inverse FiltersC] and Stability[] 2586.6
Problems[] 2637 Digital Filter Realizations 2697.1 Direct Form[] 2697.2 Canonical Formd 2757.3 Cascade Form
[0 2817.4 Cascade to Canonical(d 2887.5 Hardware Realizations and Circular Buffersdd 2977.6 Quantization
Effects in Digital Filtersdd 3107.7 Problems[] 3118 Signal Processing Applications 3218.1 Digital Waveform
Generators[J] 3218.1.1 Sinusoidal Generators[] 3218.1.2 Periodic Waveform Generators[] 3268.1.3 Wavetable
Generators[] 3358.2 Digital Audio Effectsl] 3558.2.1 Delays[] Echoesl] and Comb FiltersC] 3558.2.2 Flanging
(0 Chorusing] and Phasingl] 3608.2.3 Digital Reverberation[] 3678.2.4 MultRap Delays[] 3798.2.5
Compressorst] Limiters[] ExpandersC] and Gates[] 3848.3 Noise Reduction and Signal Enhancement(]
3888.3.1 Noise Reduction Filterst] 3888.3.2 Notch and Comb Filters[1 4048.3.3 Line and Frame Combs for
Digital TV 4168.3.4 Signal Averaging[] 4298.3.5 Savitzky-Golay Smoothing FiltersC] 4348.4 Problemsd 4629
DFT/FFTAIlgorithms 4729.1 Frequency Resolution and WindowingO 4729.2 DTFT Computationl] 4839.2.1
DTFT at a Single Frequencyl] 4839.2.2 DTFT over Frequency Rangel] 4869.2.3 DFT 4889.2.4 Zero Padding[J
4909.3 Physical versus Computational Resolution] 4919.4 Matrix Form of DFTJ 4959.5 Modulo-N Reduction
[J 4979.6 Inverse DFT] 5059.7 Sampling of Periodic Signals and the DFTJ] 5089.8 FFTJ 5139.9 Fast
Convolutiond 5249.9.1 Circular Convolution] 5249.9.2 Overlap-Add and Overlap-Save Methods[] 5309.10
Problems[] 53310 FIR Digital Filter Design 54110.1 Window Method[d 54110.1.1 Ideal FiltersCJ 54110.1.2
Rectangular Window[J 54410.1.3 Hamming Window[ 54910.2 Kaiser Window[] 55110.2.1 Kaiser Window for
Filter Designd 55110.2.2 Kaiser Window for Spectral Analysisl] 56510.3 Frequency Sampling Method[d 56710.4
Other FIR Design Methods[ 56810.5 Problems[] 56911 IR Digital Filter Design 57311.1 Bilinear Transformation
[0 57311.2 First-Order Lowpass and Highpass Filtersl] 57611.3 Second-Order Peaking and Notching Filters[]
58311.4 Parametric Equalizer FiltersC] 59211.5 Comb FiltersC] 60111.6 Higher-Order FiltersC] 60411.6.1
AnalogLowpassButterworthFiltersC] 60511.6.2 Digital Lowpass FiltersC] 61111.6.3 Digital Highpass Filters[]
61411.6.4 Digital Bandpass Filters[] 61811.6.5 Digital Bandstop Filtersl] 62311.6.6 Chebyshev Filter Design[]
62611.7 Problemsl] 64012 Interpolation] Decimation] and Oversampling 64412.1 interpolation and
Oversampling[d] 64412.2 interpolation Filter Design] 65012.2.1 Direct Form[] 65012.2.2 Polyphase Form[]
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65212.2.3 Frequency Domain Characteristicsl] 65712.2.4 Kaiser Window Designs[] 66012.2.5 Multistage Designs
[0 66112.3 Linear and Hold interpolators[] 66912.4 Design Examples[] 67412.4.1 4-foldinterpolators[]
67412.4.2 Multistage 4-fold Interpolatorsl] 67812.4.3 DAC Equalization] 68312.4.4 Postfilter Design and
Equalization[] 68712.4.5 Multistage Equalization[] 69112.5 Decimation and Oversamplingl] 69912.6 Sampling
Rate Converters[] 70412.7 Noise Shaping Quantizers] 71212.8 Problems] 72013 Appendices 728A Random
Signals[] 728A.1 Autocorrelation Functions and Power Spectral]l 728A.2 Filtering of Random Signals[] 732B
Random Number Generators[] 734B.1 Uniform and Gaussian Generators[] 734B.2 Low-Frequency Noise
Generators[] 740B.3 1/f Noise Generators[] 745B.4 Problems] 749C Complex Arithmetic in CO 752D
MATLAB Functions[] 755References 773Index 790
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