D10 Frreers

11111

wnnaeeece
NnNeNee o

Jllnneeecee

L ooNneeeecec oo

wllnneeeee
1 lnnnmeeeee
1.2%%Nee d
11100000
1 nneeees
LT T T
LU
LANRECE
Rilll 1

° 3 NNNeee
T T TR

Theory, Implementation

- and Application

~ Andrew P. McPherson

Joshua D. Reiss



AUDIO EFFECTS

Theory, Implementation
and Application

Joshua D. Reiss

Queen Mary University of London, United Kingdom

Andrew P. McPherson

Queen Mary University of London, United Kingdom

CRC Press
Taylor & Francis Group
Boca Raton London New York

CRC Press is an imprint of the
Taylor & Francis Group, an informa business




CRC Press

Taylor & Francis Group

6000 Broken Sound Parkway N'W, Suite 300
Boca Raton, FL 33487-2742

© 2015 by Taylor & Francis Group, LLC
CRC Press is an imprint of Taylor & Francis Group, an Informa business

No claim to original U.S. Government works

Printed on acid-free paper
Version Date: 20140911

International Standard Book Number-13: 978-1-4665-6028-4 (Hardback)

This book contains information obtained from authentic and highly regarded sources. Reasonable efforts
have been made to publish reliable data and information, but the author and publisher cannot assume
responsibility for the validity of all materials or the consequences of their use. The authors and publishers
have attempted to trace the copyright holders of all material reproduced in this publication and apologize to
copyright holders if permission to publish in this form has not been obtained. If any copyright material has
not been acknowledged please write and let us know so we may rectify in any future reprint.

Except as permitted under U.S. Copyright Law, no part of this book may be reprinted, reproduced, transmit-
ted, or utilized in any form by any electronic, mechanical, or other means, now known or hereafter invented,
including photocopying, microfilming, and recording, or in any information storage or retrieval system,
without written permission from the publishers.

For permission to photocopy or use material electronically from this work, please access www.copyright.
com (http://www.copyright.com/) or contact the Copyright Clearance Center, Inc. (CCC), 222 Rosewood
Drive, Danvers, MA 01923, 978-750-8400. CCC is a not-for-profit organization that provides licenses and
registration for a variety of users. For organizations that have been granted a photocopy license by the CCC,
a separate system of payment has been arranged.

Trademark Notice: Product or corporate names may be trademarks or registered trademarks, and are used
only for identification and explanation without intent to infringe.

Library of Congress Cataloging-in-Publication Data

Reiss, Joshua D.

Audio effects : theory, implementation, and application / Joshua D. Reiss, Andrew P.
McPherson.

pages cm

Includes bibliographical references and index.

ISBN 978-1-4665-6028-4 (hardback)

1. Computer sound processing. 2. Sound--Recording and reproducing--Digital
techniques. 3. Signal processing--Digital techniques. 1. McPherson, Andrew P. I1. Title.

TK7881.4.R45 2014
621.382'2--dc23 2014033468

Visit the Taylor & Francis Web site at
http://www.taylorandfrancis.com

and the CRC Press Web site at
http://www.crcpress.com



Preface

Audio effects are used in broadcasting, television, film, games, and music
production. Where once they were used primarily to enhance a recording
and correct artifacts in the production process, now they are used creatively
and pervasively.

The aim of this book is to describe the theory behind the effects, explain
how they can be implemented, and illustrate many ways in which they can
be used. The concepts covered in this book have relevance to sound engi-
neering, digital signal processing, acoustics, audio signal processing, music
informatics, and related topics.

Both authors have taught courses on this subject. We are aware of excellent
texts on the use of audio effects, especially for mixing and music production.
We also know excellent reference material for audio signal processing and
for audio effect research. But it was still challenging to find the right material
that teaches the reader, from the ground up, how and why to create audio
effects, and how they are used.

That is the purpose of this book. It provides students and researchers
with knowledge of how to use the tools and the basics of how they work, as
well as how to create them. It is primarily educational, and geared toward
undergraduate and master’s level students, though it can also serve as a
reference for practitioners and researchers. It explains how sounds can be
processed and modified by mathematical or computer algorithms. It teaches
the theory and principles behind the full range of audio effects and pro-
vides the reader with an understanding of how to analyze, implement, and
use them.

We chose not to shy away from giving the math and science behind the
implementations and applications. Thus, it is one of the few resources for use
in the classroom with a mathematical and technical approach to audio effects.
It provides a detailed overview of audio effects and example questions to aid
in learning and understanding. It has a special focus on programming and
implementation with industry standards and provides source code for gen-
erating plug-in versions of many of the effects.

Chapter 1 begins by covering some fundamental concepts used often in
later chapters. It also introduces the notation that we use throughout. Here,
we describe some essential concepts from digital signal processing, thus
allowing the subject matter to be mostly self-contained, without the reader
needing to consult other texts.

In Chapter 2, we introduce delay lines and related effects such as delay,
vibrato, chorus, and flanging. These are some of the most basic effects, and
the concept of delay lines is useful for understanding implementations of the
effects introduced in later sections.
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Chapter 3 then covers filter fundamentals. We chose a quite general
approach here and introduce techniques that allow the reader to construct a
wide variety of high-order filters. Attention is also paid to some additional
filters often used in other effects, such as the allpass filter and the exponen-
tial moving average.

In Chapter 4, we explore filters in more detail, covering effects that have fil-
ters as their essential components. These include the graphic and parametric
equalizer, wah-wah, and phaser.

We then move on to nonlinear effects. Chapter 5 discusses modulation,
focusing primarily on tremolo and ring modulation. Chapter 6 goes into
detail on dynamics processing, especially the dynamic range compressor
and the noise gate. Here, much emphasis is given to correct implementation
and perceptual qualities of these effects. Chapter 7 then covers distortion
effects. These are concerned with the sounds that result from highly non-
linear processing, beyond the dynamics processors of the previous chapter.

Having introduced the important signal processing concepts, we can now
move on to the phase vocoder and introduce several effects that do their pro-
cessing in the frequency domain. This is the focus of Chapter 8.

Up to this point, none of the effects has attempted to recreate how a natural
sound might be perceived by a human listener in a real acoustic space. The
next three chapters deal with spatial sound reproduction and spatial sound
phenomena. Chapter 9 covers some of the main spatialization techniques,
starting with panning and precedence, as can be used in stereo position-
ing, and then moves on to techniques requiring more and more channels,
vector-based amplitude panning, ambisonics, and wave field synthesis. The
final technique describes binaural sound reproduction using head-related
transfer functions (HRTFs) for listening with headphones.

Chapter 10 covers the Doppler effect, which is a physical phenomenon.
This short chapter gives both a general derivation and details of implemen-
tation as an audio effect based on delay lines. In Chapter 11, we move on
to reverberation, describing both algorithmic and convolutional approaches.
Though grouped together with the other chapters concerned with spatial
sound, the reverberation approaches described here do not necessarily
require the processing of two or more channels of audio.

Chapter 12 is about audio production. This is, of course, a very broad
area, so we focus on the architecture of mixing consoles and digital audio
workstations, and how the effects we have described may be used in these
devices. We then discuss how to order and combine the audio effects in order
to accomplish various production challenges.

Finally, Chapter 13 is about how to build the audio effects as software plug-
ins. We focus on the C++ Virtual Studio Technology (VST) format, which
is probably the most popular standard and available for most platforms
and hosts. This chapter (and to some extent, Chapter 12) may be read at any
point, or independently of the others. It makes reference to the effects dis-
cussed previously, but the chapter is focused on practical implementation. It
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complements the supplementary material, which includes source code that
may be used to build VST plug-ins for a large number of effects described in
the book.

The text has benefitted greatly from the comments of expert reviewers,
most notably Dr. Pedro Duarte Pestana. We are also deeply indebted to
Brecht De Man, who revised the audio effects source code, as well as contrib-
uted several implementations. This book would also not have been possible
without all of the excellent work that has been done before. We are indebted
to various people whose work is frequently cited throughout the text: Julius
Smith, Roey Izhaki, Udo Zoelzer, Ville Pulkki, and Sophocles Orfanidis, to
name just a few. The errors and omissions are ours, whereas the best expla-
nations are found in the works of the cited authors.
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Introduction and Fundamentals

In digital audio signal processing and digital audio effects, we are primarily
concerned with systems that take a discrete, uniformly sampled audio signal,
process it, and produce a discrete, uniformly sampled output audio signal.
Therefore, we start by introducing some fundamental properties of sound
that are used over and over again, then how we represent it as a digital sig-
nal, and then we move on to how we describe the systems that act on and
modify such signals. This is not meant to give a detailed overview of digital
signal processing, which would involve discussion of continuous time sig-
nals, infinite signals, and mathematical relationships. Rather, we intend to
focus on just the type of signals and systems that are encountered in audio
effects, and on the most useful properties and representations. Having said
that, this is also intended to be self-contained. Very little prior knowledge
is assumed, and it should not be necessary to refer to more detailed discus-
sions in other texts in order to understand these concepts.

Understanding Sound and Digital Audio

Fundamentally, all audio is composed of waveforms. Vibrating objects cre-
ate pressure waves in the air; when these waves reach our ears, we perceive
them as sound. With the invention of the telephone in the 19th century, audio
was first encoded as an electric signal, with the changes in electric voltage
representing the changes in pressure over time. Until the late 20th century,
electric recording and transmission was all analog: sound was represented
by a continuous waveform over time.

In this book, we will work almost exclusively with digital audio. Rather
than representing audio as a continuous voltage, as in analog, the waveform
will be composed of discrete samples over time. These samples can be stored,
processed, and ultimately reconstructed as sound we can hear. Digital audio
systems generally begin with an analog-to-digital converter (ADC), which cap-
tures periodic snapshots of the electrical voltage on an audio transmission
line and represents these snapshots as discrete numbers. By capturing the
voltage many thousands of times per second, one can achieve a very close
approximation of the original audio signal. This encoding method is known
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FIGURE 1.1
A continuous time signal (a), and its digital representation, found by sampling the signal uni-
formly in time (b).

as pulse code modulation, and is the encoding format used in the WAV and
AIFF audio formats. Pulse code modulation is also one of the most popular
forms of ADC, and certainly one of the simplest to explain.

Thus, a continuous time audio signal, such as captured from a microphone,
is represented as a digital signal with uniform timing between samples (see
Figure 1.1). But digital audio signals need not be derived from analog, nor
even represent any physical sound. They can be completely synthetic, and
generated using digital signal processing techniques. We will touch on this
later in the text when discussing low-frequency oscillators (Chapter 2), phase
vocoders (Chapter 8), and other concepts. It is important to note that unless
additional information is stored, there is no distinction between those digi-
tal audio signals that were generated from conversion of analog signals and
those that were generated from digital sound synthesis techniques (though,
of course, real-world signals are likely to have more noise and more com-
plex phenomena).

There are three important characteristics of almost any digital audio data:
sample rate, bit depth, and number of channels.

Sample rate is the rate at which the samples are captured or played back. It
is typically measured in Hertz (Hz), or cycles per second. In this case, one
cycle represents one sample. An audio CD has a sample rate of 44,100 Hz,
or 44.1 kHz. Higher sampling rates allow a digital recording to accurately
record higher frequencies of sound, or to provide a safety margin in case
of additional noise or artifacts introduced in the recording, processing, or
playback; 48 kHz is often used in audiovisual production, and sample rates
of 96 or 192 kHz are used in high-resolution audio, such as in DVD-Audio, or
in professional audio production.



