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Foreword to the First Edition 

In the summer of 2003 we began designing multi-track recording and mixing software – Orinj at 
RecordingBlogs.com – a software application that will take digitally recorded audio tracks and will 
mix them into a complete song with all the needed audio production effects.  Manipulating digital 
sound, as it turned out, was not easy.  We had to find the answers of many questions, including what 
digital audio was, how we could mix audio tracks, how we could track the amplitude of digital sound 
so that we could apply compression, how we could track frequencies so that we could equalize, what 
a good model of artificial reverb would be, and many others.  Bits of relevant information were 
available, albeit not always well organized and not always intuitive. 

"Digital Signal Processing for Audio Applications" provides much of the needed information.  It is a 
simple structured approach to understanding how digitally recorded sound can be manipulated.  It 
presents and explains, and sometimes derives, the mathematical theory that the DSP user can employ 
in designing sound manipulating applications. 

Although this book introduces much mathematics, we have designed it not for mathematicians, but for 
the engineers and hobbyists, who would be interested in the practical applications of DSP and not in 
its theoretical derivations.  If properly explained, much of the practical DSP applications reduce to 
simple algebra.  This said, we have included a sufficient amount of theory to provide an explanation 
of why DSP works the way it does.  It is important for practitioners to have a good understanding of 
how DSP concepts come about.  Much of the available DSP information has too much theory and not 
enough examples.  Much of it has too many practical examples and not enough theoretical backing.  
We hope to have found the proper balance. 

We hope you enjoy this book and make use of its definitions, explanations, and numerous examples. 

 

The author and the administrators of www.recordingblogs.com  
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Foreword to the Third Edition 

This edition contains Java code samples for several digital signal processing effects – delay, chorus, 
equalizer, reverb, compressor, wah wah, pitch shift, and more.  These are a significant addition and 
are presented in a separate volume 2.  Selected relevant sections of the previous edition of this book 
are also placed in volume 2. 

The first edition of this book focused on signal frequencies – identifying them, filtering them out, 
changing their magnitude, and so on.  This is a huge part of DSP for audio, but there is more.  The 
second edition introduced significant additions: wavelet transforms and data compression, more 
windows, and elliptic filters.  This third edition includes shelving and peak filters, improves the 
discussion of the Hilbert transform, and, of course, introduces a number of code samples as part of 
volume 2. 

We hope you enjoy this edition. 

 

The author and the administrators of www.recordingblogs.com  
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Index 

A 
aliasing, 11, 36, 265 

anti-aliasing filter, 36 
all pass filter, 58, 156 

finite impulse response, 58 
infinite impulse response, 156 
Shroeder, 132, 156 

amplitude 
envelope, 55, 229 
normalized, 20 
of simple wave in signal, 25 
peak. See peak amplitude 
root mean square, 19, 29 

amplitude flatness, 118 
angular frequency, 92 
anti-aliasing filter, 36 
attenuation. See stop band attenuation 

B 
band pass filter, 60 

Butterworth, 173 
FIR (continuous derivation), 90 
FIR (discrete derivation), 60 
Hilbert transform, 232 

band stop filter, 60 
Bessel, 182 
Chebychev type II, 193 
FIR (continuous derivation), 90 
FIR (discrete derivation), 61 

Bartlett window, 254 
Bartlett-Hann window, 65, 72, 250, 260 
basic spline window, 253 
Bessel filter, 180 

magnitude response, 181 
phase response, 183 
transfer function, 180 

Bessel function. See modified Bessel function of the 
first kind 

bilinear transformation, 168 
and stability, 169 

biquad transformation, 178, 199 
Blackman window, 250, 260 

exact, 250, 260 
generalized, 260 

Blackman-Harris window, 250, 260 
Blackman-Nuttall window, 250, 260 
Bohman window, 250, 260 
B-spline window. See basic spline window 
Butterworth filter, 171 

and noise shaping, 228 
impulse invariant, 159 
magnitude response, 161 
maximum flatness, 163 
no ripples, 163 
phase response, 175 
transfer function, 171 

Butterworth polynomials, 167 
normalized, 171 

C 
Chebychev polynomials, 93, 186 
Chebychev type I filter, 184 

magnitude response, 185 
transfer function, 184 

Chebychev type II filter, 189 
magnitude response, 191 
transfer function, 189 

coherent gain, 109, 260 
comb filter, 128 

feedback, 129 
feedback transfer function, 150 
feedforward, 128 
feedforward transfer function, 150 
Shroeder, 134 
Shroeder-Moore, 135 

compression 
of data, 234 
of dynamics, 229 

continuous Fourier transform, 76 
sampling of transform, 88 

convolution, 37 
with simple wave, 39 

convolution theorem, 91 
cross-fading, 103 
cubic soft clipper, 31 
cutoff frequency, 39 
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D 
Danielson-Lanczos lemma, 105 
Daubechies Daub4 wavelet transform, 243 
db. See decibel 
decibel, 20 

unloaded, 22 
voltage, 22 

de-convolution, 136 
delay, 14 

tapped delay line, 132 
transfer function, 150 

DFT. See discrete Fourier transform 
digital signal processing, 1 
Dirac comb, 157 
Dirac delta function, 49 
Dirichlet kernel, 41 
discrete Fourier transform, 76 

and FIR filters, 81 
and Hamming windows, 90 
and pitch shifting, 100 
generalized inverse, 85 
of complex valued data, 81 
of real valued data, 79 
redundancy, 80 

discrete-time Fourier transform, 147 
distortion, 30 
dithering, 225 
Dolph-Chebychev, 92 

filter, 94 
magnitude response, 92 
window, 94, 251, 260 

downsampling, 35 
DSP. See digital signal processing 

E 
echo, 130 

transfer function, 150 
elliptic filter, 204 
equal tempered scale, 75 
equalizer, 72 
equiripple filter, 204 
equivalent noise bandwidth, 110, 176, 260 
Euler's formula, 77 
even order harmonics, 33 

F 
fast Fourier transform, 105 
filter 

all pass. See all pass filter 
band pass. See band pass filter 
band stop. See band stop filter 
combining, 72, 264 
equiripple. See equiripple filter 
feedback, 51 
feedforward, 51 
finite impulse response. See finite impulse 

response 
general form, 52 
high pass. See high pass filter 
IIR transformations, 171 
impulse invariant, 169 
infinite impulse response. See infinite impulse 

response 
low pass. See low pass filter 
notch. See notch filter 
optimized, 216 

finite impulse response, 50 
FIR. See finite impulse response 
flat top window, 251, 259 
Flat top wndow, 261 
formant, 13 
Fourier analysis, 23 
Fourier series, 26 
Fourier transform. See continuous Fourier transform 

or discrete Fourier transform 
frequency, 5 

angular. See angular frequency 
cutoff. See cutoff frequency 
fundamental. See fundamental frequency 
normalized. See normalized frequency 
transition. See cutoff frequency 

frequency content, 25 
frequency domain analysis, 107 
frequency response, 19, 45 
fundamental frequency, 13 

G 
Gaussian window, 251, 261 

approximate confined, 251, 261 
Gegenbauer polynomials, 255 
generalized cosine window, 252 
generalized normal window, 251, 261 
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Gibbs phenomenon, 46, 74, 90, 154 

H 
Haar wavelet transform, 236 
Hamming window, 63, 252, 261 

family, 90 
Hann window, 108, 252, 261 
Hann-Poisson window, 252, 261 
hard clip, 30 
harmonic distortion, 31 
harmonics, 13, 31 
Hertz, 7 
high pass filter, 57, 59 

Bessel, 180 
Butterworth, 172 
Chebychev type I, 187 
FIR (continuous derivation), 89 
FIR (discrete derivation), 60 

highest sidelobe level, 121, 260 
Hilbert transform, 229 

I 
IIR. See infinite impulse response 
impulse, 49 
impulse response, 49, 52 

and transfer functions, 155 
finite. See finite impulse response 
infinite. See infinite impulse response 
of a FIR filter. See finite impulse response 
of an IIR filter. See infinite impulse response 
of comb filter, 128 
of reverb, 136 
of Shroeder all pass filter, 133 
of Shroeder-Moore filter, 135 

inharmonic overtone, 13 
initial phase, 2 
inversion. See spectral inversion of filter 
inverted phase / polarity, 3 

J 
just tempered scale, 75 

K 
Kaiser window, 67, 252, 261 
Kaiser-Bessel window, 252, 262 

Kotelnikov. See Nyquist-Shannon sampling theorem 
Kronecker delta function, 49 

L 
Lanczos window, 252, 262 
Laplace transform, 157 

and stability, 165 
and transfer functions, 158 

leaky integrator, 129 
L'Hopital's rule, 41 
linear phase, 54 
linear time-invariant system, 49 
low pass filter, 18 

Butterworth, 159 
Chebychev type I, 184 
Chebychev type II, 190 
FIR (continuous derivation), 89 
FIR (discrete derivation), 42 
ideal, 39 

M 
magnitude response, 19, 45 

and the DFT, 79, 81 
and the Laplace transform, 159 
and the Z transform, 149 
of Bessel filter, 181 
of Butterworth filter, 161 
of Chebychev type I filter, 185 
of Chebychev type II filter, 191 
of comb filter, 128, 130 
of FIR filter, 45 
of Hilbert transform, 232 
of notch filter, 197 
of optimized filter, 220 
of running average filter, 20 

memoryless operation, 34 
mixing, 14 
modified Bessel function of the first kind, 68 
multitap delay, 132 

N 
noise gate, 229 
noise shaping, 227 
normalized frequency, 9 
notch filter, 196 

magnitude response, 197 
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transfer function, 196 
Nuttall window, 253, 262 
Nyquist-Shannon sampling theorem, 10 

and distortion, 34 

O 
odd order harmonics, 30 
optimization, 217 
orthogonal simple waves, 23 
overlap correlation, 118, 260 
overtone, 13 

P 
padding, 59 
partial harmonics, 13 
partial wave, 13 
Parzen window, 253, 262 
pass band, 39 
PCM. See pulse code modulation 
peak amplitude, 4 
peak filter, 203 
phase, 2 

as portion of cycle, 7 
initial. See initial phase 
inverted. See inverted phase / polarity 

phase response, 52 
and the DFT, 79, 81 
and the Laplace transform, 159 
and the Z transform, 149 
of Bessel filter, 183 
of Butterworth filter, 175 
of symmetric FIR filters, 53, 84 

pitch shifting, 100 
Planck-taper window, 253, 262 
Poisson window, 254, 262 
power-of-cosine window, 254 
processing loss, 113, 260 
pulse code modulation, 8 
Pythagorean tempered scale, 75 

Q 
quantization, 223 

R 
radian, 92 

rectangular window, 63, 254, 257, 262 
reverberation, 130 

impulse reverb, 136 
Shroeder, 132 

ripples 
and optimization, 216 
and the Gibbs phenomenon. See Gibbs 

phenomenon 
maximum, 154 
of FIR filter, 45 
of running average filter, 18 

RMS. See root mean square 
root mean square, 19 
running average filter, 14 

S 
s- complex plane, 166 
sample time, 8 
sampling, 8 
sampling frequency, 8 
sampling rate. See sampling frequency 
sampling resolution, 9 
sampling theorem. See Nyquist-Shannon sampling 

theorem 
scalloping loss, 114, 260 
shelving filter, 198 

band-boost, 201 
band-cut, 202 
high-boost, 199, 200 
high-cut, 200 
low-boost, 198 
low-cut, 200 

Shroeder 
all pass filter, 133 
comb filter, 134 
reverb, 132 

Shroeder-Moore filter, 135 
sidelobe falloff, 117, 260 
simple wave, 2 

in continuous time, 2 
in discrete time, 8 

sine window, 254, 262 
soft clip. See cubic soft clipper 
spectral analysis, 107 
spectral inversion of filter, 60 
spectral leakage, 28, 108 
stability 

and optimization, 216 
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and the bilinear transformation, 169 
and the Laplace transform, 165 
and the Z transform, 166 

stop band, 39 
stop band attenuation, 46 

T 
tapering function, 63 
tapped delay line, 132 
timbre, 13 
transfer function, 149 

and impulse response, 155 
and magnitude response, 149 
and phase response, 149 
and the Laplace transform, 158 
and the Z transform, 149 
of all pass filter, 156 
of Bessel filter, 180 
of Butterworth filter, 171 
of Chebychev type I filter, 184 
of Chebychev type II filter, 189 
of feedback comb filter, 150 
of feedforward comb filter, 150 
of FIR filter, 152 
of IIR filter, 155 
of notch filter, 196 
of Shroeder all pass filter, 156 

transition band, 45 
transition frequency. See cutoff frequency 
triangular window, 254, 262 
Tukey window, 66, 254, 262 

U 
ultraspherical polynomials, 255 
ultraspherical window, 255, 263 
undertone, 13 

upsampling, 35 

W 
wavelet transform 

compacting energy, 249 
Daubechies Daub4, 243 
Haar, 236 

Welch window, 255, 263 
window, 63 

amplitude flatness, 118 
coherent gain, 109 
equivalent noise bandwidth, 110 
highest sidelobe level, 121 
measures, 107, 260 
of band pass / band stop filter, 70 
of high pass filter, 69 
of low pass filter, 63 
overlap correlation, 118 
performance, 123 
processing loss, 113 
scalloping loss, 114 
sidelobe falloff, 117 
worst case processing loss, 116 

wolf interval, 75 
worst case processing loss, 116, 260 

Z 
z- complex plane, 166 
Z transform, 148 

and stability, 166 
and the discrete-time Fourier transform, 147 
and the Laplace transform, 158 

 

 


	Cover - vol 1 - front
	DSP for Audio Applications - vol 1 - TOC
	DSP for Audio Applications - vol 1 - index

