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PREFACE

Audio processing and recording has been part of telecommunication and enter-
tainment systems for more than a century. Moreover bandwidth issues associated
with audio recording, transmission, and storage occupied engineers from the very
early stages in this field. A series of important technological developments paved
the way from early phonographs to magnetic tape recording, and lately compact
disk (CD), and super storage devices. In the following, we capture some of the
main events and milestones that mark the history in audio recording and storage.1

Prototypes of phonographs appeared around 1877, and the first attempt to mar-
ket cylinder-based gramophones was by the Columbia Phonograph Co. in 1889.
Five years later, Marconi demonstrated the first radio transmission that marked
the beginning of audio broadcasting. The Victor Talking Machine Company, with
the little nipper dog as its trademark, was formed in 1901. The “telegraphone”, a
magnetic recorder for voice that used still wire, was patented in Denmark around
the end of the nineteenth century. The Odeon and His Masters Voice (HMV)
label produced and marketed music recordings in the early nineteen hundreds.
The cabinet phonograph with a horn called “Victrola” appeared at about the same
time. Diamond disk players were marketed in 1913 followed by efforts to produce
sound-on-film for motion pictures. Other milestones include the first commercial
transmission in Pittsburgh and the emergence of public address amplifiers. Elec-
trically recorded material appeared in the 1920s and the first sound-on-film was
demonstrated in the mid 1920s by Warner Brothers. Cinema applications in the
1930s promoted advances in loudspeaker technologies leading to the develop-
ment of woofer, tweeter, and crossover network concepts. Juke boxes for music
also appeared in the 1930s. Magnetic tape recording was demonstrated in Ger-
many in the 1930s by BASF and AEG/Telefunken. The Ampex tape recorders
appeared in the US in the late 1940s. The demonstration of stereo high-fidelity
(Hi-Fi) sound in the late 1940s spurred the development of amplifiers, speakers,
and reel-to-reel tape recorders for home use in the 1950s both in Europe and

xv
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Apple iPod. (Courtesy of Apple Computer, Inc.) Apple iPod is a registered trademark
of Apple Computer, Inc.

the US. Meanwhile, Columbia produced the 33-rpm long play (LP) vinyl record,
while its rival RCA Victor produced the compact 45-rpm format whose sales
took off with the emergence of rock and roll music. Technological developments
in the mid 1950s resulted in the emergence of compact transistor-based radios
and soon after small tape players. In 1963, Philips introduced the compact cas-
sette tape format with its EL3300 series portable players (marketed in the US as
Norelco) which became an instant success with accessories for home, portable,
and car use. Eight track cassettes became popular in the late 1960s mainly for car
use. The Dolby system for compact cassette noise reduction was also a landmark
in the audio signal processing field. Meanwhile, FM broadcasting, which had
been invented earlier, took off in the 1960s and 1970s with stereo transmissions.
Helical tape-head technologies invented in Japan in the 1960s provided high-
bandwidth recording capabilities which enabled video tape recorders for home
use in the 1970s (e.g., VHS and Beta formats). This technology was also used
in the 1980s for audio PCM stereo recording. Laser compact disk technology
was introduced in 1982 and by the late 1980s became the preferred format for
Hi-Fi stereo recording. Analog compact cassette players, high-quality reel-to-reel
recorders, expensive turntables, and virtually all analog recording devices started
fading away by the late 1980s. The launch of the digital CD audio format in
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the 1980s coincided with the advent of personal computers, and took over in
all aspects of music recording and distribution. CD playback soon dominated
broadcasting, automobile, home stereo, and analog vinyl LP. The compact cas-
sette formats became relics of an old era and eventually disappeared from music
stores. Digital audio tape (DAT) systems enabled by helical tape head technology
were also introduced in the 1980s but were commercially unsuccessful because
of strict copyright laws and unusually large taxes.

Parallel developments in digital video formats for laser disk technologies
included work in audio compression systems. Audio compression research papers
started appearing mostly in the 1980s at IEEE ICASSP and Audio Engineer-
ing Society conferences by authors from several research and development labs
including, Erlangen-Nuremburg University and Fraunhofer IIS, AT&T Bell Lab-
oratories, and Dolby Laboratories. Audio compression or audio coding research,
the art of representing an audio signal with the least number of information
bits while maintaining its fidelity, went through quantum leaps in the late 1980s
and 1990s. Although originally most audio compression algorithms were devel-
oped as part of the digital motion video compression standards, e.g., the MPEG
series, these algorithms eventually became important as stand alone technologies
for audio recording and playback. Progress in VLSI technologies, psychoacous-
tics and efficient time-frequency signal representations made possible a series of
scalable real-time compression algorithms for use in audio and cinema applica-
tions. In the 1990s, we witnessed the emergence of the first products that used
compressed audio formats such as the MiniDisc (MD) and the Digital Compact
Cassette (DCC). The sound and video playing capabilities of the PC and the
proliferation of multimedia content through the Internet had a profound impact
on audio compression technologies. The MPEG-1/-2 layer III (MP3) algorithm
became a defacto standard for Internet music downloads. Specialized web sites
that feature music content changed the ways people buy and share music. Com-
pact MP3 players appeared in the late 1990s. In the early 2000s, we had the
emergence of the Apple iPod player with a hard drive that supports MP3 and
MPEG advanced audio coding (AAC) algorithms.

In order to enhance cinematic and home theater listening experiences and
deliver greater realism than ever before, audio codec designers pursued sophis-
ticated multichannel audio coding techniques. In the mid 1990s, techniques for
encoding 5.1 separate channels of audio were standardized in MPEG-2 BC and
later MPEG-2 AAC audio. Proprietary multichannel algorithms were also devel-
oped and commercialized by Dolby Laboratories (AC-3), Digital Theater System
(DTS), Lucent (EPAC), Sony (SDDS), and Microsoft (WMA). Dolby Labs, DTS,
Lexicon, and other companies also introduced 2:N channel upmix algorithms
capable of synthesizing multichannel surround presentation from conventional
stereo content (e.g., Dolby ProLogic II, DTS Neo6). The human auditory system
is capable of localizing sound with greater spatial resolution than current multi-
channel audio systems offer, and as a result the quest continues to achieve the
ultimate spatial fidelity in sound reproduction. Research involving spatial audio,
real-time acoustic source localization, binaural cue coding, and application of



xviii PREFACE

head-related transfer functions (HRTF) towards rendering immersive audio has
gained interest. Audiophiles appeared skeptical with the 44.1-kHz 16-bit CD
stereo format and some were critical of the sound quality of compression for-
mats. These ideas along with the need for copyright protection eventually gained
momentum and new standards and formats appeared in the early 2000s. In par-
ticular, multichannel lossless coding such as the DVD-Audio (DVD-A) and the
Super-Audio-CD (SACD) appeared. The standardization of these storage for-
mats provided the audio codec designers with enormous storage capacity. This
motivated lossless coding of digital audio.

The purpose of this book is to provide an in-depth treatment of audio com-
pression algorithms and standards. The topic is currently occupying several com-
munities in signal processing, multimedia, and audio engineering. The intended
readership for this book includes at least three groups. At the highest level, any
reader with a general scientific background will be able to gain an appreciation for
the heuristics of perceptual coding. Secondly, readers with a general electrical and
computer engineering background will become familiar with the essential signal
processing techniques and perceptual models embedded in most audio coders.
Finally, undergraduate and graduate students with focuses in multimedia, DSP,
and computer music will gain important knowledge in signal analysis and audio
coding algorithms. The vast body of literature provided and the tutorial aspects
of the book make it an asset for audiophiles as well.

Organization

This book is in part the outcome of many years of research and teaching at Ari-
zona State University. We opted to include exercises and computer problems and
hence enable instructors to either use the content in existing DSP and multimedia
courses, or to promote the creation of new courses with focus in audio and speech
processing and coding. The book has twelve chapters and each chapter contains
problems, proofs, and computer exercises. Chapter 1 introduces the readers to
the field of audio signal processing and coding. In Chapter 2, we review the
basic signal processing theory and emphasize concepts relevant to audio cod-
ing. Chapter 3 describes waveform quantization and entropy coding schemes.
Chapter 4 covers linear predictive coding and its utility in speech and audio cod-
ing. Chapter 5 covers psychoacoustics and Chapter 6 explores filter bank design.
Chapter 7 describes transform coding methodologies. Subband and sinusoidal
coding algorithms are addressed in Chapters 8 and 9, respectively. Chapter 10
reviews several audio coding standards including the ISO/IEC MPEG family, the
cinematic Sony SDDS, the Dolby AC-3, and the DTS-coherent acoustics (DTS-
CA). Chapter 11 focuses on lossless audio coding and digital audio watermarking
techniques. Chapter 12 provides information on subjective quality measures.

Use in Courses

For an undergraduate elective course with little or no background in DSP, the
instructor can cover in detail Chapters 1, 2, 3, 4, and 5, then present select
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sections of Chapter 6, and describe in an expository and qualitative manner
certain basic algorithms and standards from Chapters 7-11. A graduate class in
audio coding with students that have background in DSP, can start from Chapter 5
and cover in detail Chapters 6 through Chapter 11. Audio coding practitioners and
researchers that are interested mostly in qualitative descriptions of the standards
and information on bibliography can start at Chapter 5 and proceed reading
through Chapter 11.

Trademarks and Copyrights

Sony Dynamic Digital Sound, SDDS, ATRAC, and MiniDisc are trademarks of
Sony Corporation. Dolby, Dolby Digital, AC-2, AC-3, DolbyFAX, Dolby Pro-
Logic are trademarks of Dolby laboratories. The perceptual audio coder (PAC),
EPAC, and MPAC are trademarks of AT&T and Lucent Technologies. The
APT-x100 is trademark of Audio Processing Technology Inc. The DTS-CA is
trademark of Digital Theater Systems Inc. Apple iPod is a registered trademark
of Apple Computer, Inc.
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CHAPTER 1

INTRODUCTION

Audio coding or audio compression algorithms are used to obtain compact dig-
ital representations of high-fidelity (wideband) audio signals for the purpose of
efficient transmission or storage. The central objective in audio coding is to rep-
resent the signal with a minimum number of bits while achieving transparent
signal reproduction, i.e., generating output audio that cannot be distinguished
from the original input, even by a sensitive listener (“golden ears”). This text
gives an in-depth treatment of algorithms and standards for transparent coding
of high-fidelity audio.

1.1 HISTORICAL PERSPECTIVE

The introduction of the compact disc (CD) in the early 1980s brought to the
fore all of the advantages of digital audio representation, including true high-
fidelity, dynamic range, and robustness. These advantages, however, came at
the expense of high data rates. Conventional CD and digital audio tape (DAT)
systems are typically sampled at either 44.1 or 48 kHz using pulse code mod-
ulation (PCM) with a 16-bit sample resolution. This results in uncompressed
data rates of 705.6/768 kb/s for a monaural channel, or 1.41/1.54 Mb/s for a
stereo-pair. Although these data rates were accommodated successfully in first-
generation CD and DAT players, second-generation audio players and wirelessly
connected systems are often subject to bandwidth constraints that are incompat-
ible with high data rates. Because of the success enjoyed by the first-generation

Audio Signal Processing and Coding, by Andreas Spanias, Ted Painter, and Venkatraman Atti
Copyright  2007 by John Wiley & Sons, Inc.
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2 INTRODUCTION

systems, however, end users have come to expect “CD-quality” audio reproduc-
tion from any digital system. Therefore, new network and wireless multimedia
digital audio systems must reduce data rates without compromising reproduc-
tion quality. Motivated by the need for compression algorithms that can satisfy
simultaneously the conflicting demands of high compression ratios and trans-
parent quality for high-fidelity audio signals, several coding methodologies have
been established over the last two decades. Audio compression schemes, in gen-
eral, employ design techniques that exploit both perceptual irrelevancies and
statistical redundancies.

PCM was the primary audio encoding scheme employed until the early 1980s.
PCM does not provide any mechanisms for redundancy removal. Quantization
methods that exploit the signal correlation, such as differential PCM (DPCM),
delta modulation [Jaya76] [Jaya84], and adaptive DPCM (ADPCM) were applied
to audio compression later (e.g., PC audio cards). Owing to the need for dras-
tic reduction in bit rates, researchers began to pursue new approaches for audio
coding based on the principles of psychoacoustics [Zwic90] [Moor03]. Psychoa-
coustic notions in conjunction with the basic properties of signal quantization
have led to the theory of perceptual entropy [John88a] [John88b]. Perceptual
entropy is a quantitative estimate of the fundamental limit of transparent audio
signal compression. Another key contribution to the field was the characterization
of the auditory filter bank and particularly the time-frequency analysis capabili-
ties of the inner ear [Moor83]. Over the years, several filter-bank structures that
mimic the critical band structure of the auditory filter bank have been proposed.
A filter bank is a parallel bank of bandpass filters covering the audio spectrum,
which, when used in conjunction with a perceptual model, can play an important
role in the identification of perceptual irrelevancies.

During the early 1990s, several workgroups and organizations such as
the International Organization for Standardization/International Electro-technical
Commission (ISO/IEC), the International Telecommunications Union (ITU),
AT&T, Dolby Laboratories, Digital Theatre Systems (DTS), Lucent Technologies,
Philips, and Sony were actively involved in developing perceptual audio coding
algorithms and standards. Some of the popular commercial standards published
in the early 1990s include Dolby’s Audio Coder-3 (AC-3), the DTS Coherent
Acoustics (DTS-CA), Lucent Technologies’ Perceptual Audio Coder (PAC),
Philips’ Precision Adaptive Subband Coding (PASC), and Sony’s Adaptive
Transform Acoustic Coding (ATRAC). Table 1.1 lists chronologically some of
the prominent audio coding standards. The commercial success enjoyed by
these audio coding standards triggered the launch of several multimedia storage
formats.

Table 1.2 lists some of the popular multimedia storage formats since the begin-
ning of the CD era. High-performance stereo systems became quite common with
the advent of CDs in the early 1980s. A compact-disc–read only memory (CD-
ROM) can store data up to 700–800 MB in digital form as “microscopic-pits”
that can be read by a laser beam off of a reflective surface or a medium. Three
competing storage media – DAT, the digital compact cassette (DCC), and the
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Table 1.1. List of perceptual and lossless audio coding standards/algorithms.

Standard/algorithm Related references

1. ISO/IEC MPEG-1 audio [ISOI92]
2. Philips’ PASC (for DCC applications) [Lokh92]
3. AT&T/Lucent PAC/EPAC [John96c] [Sinh96]
4. Dolby AC-2 [Davi92] [Fiel91]
5. AC-3/Dolby Digital [Davis93] [Fiel96]
6. ISO/IEC MPEG-2 (BC/LSF) audio [ISOI94a]
7. Sony’s ATRAC; (MiniDisc and SDDS) [Yosh94] [Tsut96]
8. SHORTEN [Robi94]
9. Audio processing technology – APT-x100 [Wyli96b]
10. ISO/IEC MPEG-2 AAC [ISOI96]
11. DTS coherent acoustics [Smyt96] [Smyt99]
12. The DVD Algorithm [Crav96] [Crav97]
13. MUSICompress [Wege97]
14. Lossless transform coding of audio (LTAC) [Pura97]
15. AudioPaK [Hans98b] [Hans01]
16. ISO/IEC MPEG-4 audio version 1 [ISOI99]
17. Meridian lossless packing (MLP) [Gerz99]
18. ISO/IEC MPEG-4 audio version 2 [ISOI00]
19. Audio coding based on integer transforms [Geig01] [Geig02]
20. Direct-stream digital (DSD) technology [Reef01a] [Jans03]

Table 1.2. Some of the popular audio storage
formats.

Audio storage format Related references

1. Compact disc [CD82] [IECA87]
2. Digital audio tape (DAT) [Watk88] [Tan89]
3. Digital compact cassette (DCC) [Lokh91] [Lokh92]
4. MiniDisc [Yosh94] [Tsut96]
5. Digital versatile disc (DVD) [DVD96]
6. DVD-audio (DVD-A) [DVD01]
7. Super audio CD (SACD) [SACD02]

MiniDisc (MD) – entered the commercial market during 1987–1992. Intended
mainly for back-up high-density storage (∼1.3 GB), the DAT became the primary
source of mass data storage/transfer [Watk88] [Tan89]. In 1991–1992, Sony pro-
posed a storage medium called the MiniDisc, primarily for audio storage. MD
employs the ATRAC algorithm for compression. In 1991, Philips introduced the
DCC, a successor of the analog compact cassette. Philips DCC employs a com-
pression scheme called the PASC [Lokh91] [Lokh92] [Hoog94]. The DCC began
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as a potential competitor for DATs but was discontinued in 1996. The introduc-
tion of the digital versatile disc (DVD) in 1996 enabled both video and audio
recording/storage as well as text-message programming. The DVD became one
of the most successful storage media. With the improvements in the audio com-
pression and DVD storage technologies, multichannel surround sound encoding
formats gained interest [Bosi93] [Holm99] [Bosi00].

With the emergence of streaming audio applications, during the late
1990s, researchers pursued techniques such as combined speech and audio
architectures, as well as joint source-channel coding algorithms that are optimized
for the packet-switched Internet. The advent of ISO/IEC MPEG-4 standard
(1996–2000) [ISOI99] [ISOI00] established new research goals for high-quality
coding of audio at low bit rates. MPEG-4 audio encompasses more functionality
than perceptual coding [Koen98] [Koen99]. It comprises an integrated family of
algorithms with provisions for scalable, object-based speech and audio coding at
bit rates from as low as 200 b/s up to 64 kb/s per channel.

The emergence of the DVD-audio and the super audio CD (SACD) pro-
vided designers with additional storage capacity, which motivated research in
lossless audio coding [Crav96] [Gerz99] [Reef01a]. A lossless audio coding sys-
tem is able to reconstruct perfectly a bit-for-bit representation of the original
input audio. In contrast, a coding scheme incapable of perfect reconstruction is
called lossy. For most audio program material, lossy schemes offer the advan-
tage of lower bit rates (e.g., less than 1 bit per sample) relative to lossless
schemes (e.g., 10 bits per sample). Delivering real-time lossless audio content
to the network browser at low bit rates is the next grand challenge for codec
designers.

1.2 A GENERAL PERCEPTUAL AUDIO CODING ARCHITECTURE

Over the last few years, researchers have proposed several efficient signal models
(e.g., transform-based, subband-filter structures, wavelet-packet) and compression
standards (Table 1.1) for high-quality digital audio reproduction. Most of these
algorithms are based on the generic architecture shown in Figure 1.1.

The coders typically segment input signals into quasi-stationary frames ranging
from 2 to 50 ms. Then, a time-frequency analysis section estimates the temporal
and spectral components of each frame. The time-frequency mapping is usually
matched to the analysis properties of the human auditory system. Either way,
the ultimate objective is to extract from the input audio a set of time-frequency
parameters that is amenable to quantization according to a perceptual distortion
metric. Depending on the overall design objectives, the time-frequency analysis
section usually contains one of the following:

ž Unitary transform
ž Time-invariant bank of critically sampled, uniform/nonuniform bandpass

filters
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Figure 1.1. A generic perceptual audio encoder.

ž Time-varying (signal-adaptive) bank of critically sampled, uniform/nonunif-
orm bandpass filters

ž Harmonic/sinusoidal analyzer
ž Source-system analysis (LPC and multipulse excitation)
ž Hybrid versions of the above.

The choice of time-frequency analysis methodology always involves a fun-
damental tradeoff between time and frequency resolution requirements. Percep-
tual distortion control is achieved by a psychoacoustic signal analysis section
that estimates signal masking power based on psychoacoustic principles. The
psychoacoustic model delivers masking thresholds that quantify the maximum
amount of distortion at each point in the time-frequency plane such that quan-
tization of the time-frequency parameters does not introduce audible artifacts.
The psychoacoustic model therefore allows the quantization section to exploit
perceptual irrelevancies. This section can also exploit statistical redundancies
through classical techniques such as DPCM or ADPCM. Once a quantized com-
pact parametric set has been formed, the remaining redundancies are typically
removed through noiseless run-length (RL) and entropy coding techniques, e.g.,
Huffman [Cove91], arithmetic [Witt87], or Lempel-Ziv-Welch (LZW) [Ziv77]
[Welc84]. Since the output of the psychoacoustic distortion control model is
signal-dependent, most algorithms are inherently variable rate. Fixed channel
rate requirements are usually satisfied through buffer feedback schemes, which
often introduce encoding delays.

1.3 AUDIO CODER ATTRIBUTES

Perceptual audio coders are typically evaluated based on the following attributes:
audio reproduction quality, operating bit rates, computational complexity, codec
delay, and channel error robustness. The objective is to attain a high-quality
(transparent) audio output at low bit rates (<32 kb/s), with an acceptable
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algorithmic delay (∼5 to 20 ms), and with low computational complexity (∼1 to
10 million instructions per second, or MIPS).

1.3.1 Audio Quality

Audio quality is of paramount importance when designing an audio coding
algorithm. Successful strides have been made since the development of sim-
ple near-transparent perceptual coders. Typically, classical objective measures of
signal fidelity such as the signal to noise ratio (SNR) and the total harmonic
distortion (THD) are inadequate [Ryde96]. As the field of perceptual audio cod-
ing matured rapidly and created greater demand for listening tests, there was a
corresponding growth of interest in perceptual measurement schemes. Several
subjective and objective quality measures have been proposed and standard-
ized during the last decade. Some of these schemes include the noise-to-mask
ratio (NMR, 1987) [Bran87a] the perceptual audio quality measure (PAQM,
1991) [Beer91], the perceptual evaluation (PERCEVAL, 1992) [Pail92], the per-
ceptual objective measure (POM, 1995) [Colo95], and the objective audio signal
evaluation (OASE, 1997) [Spor97]. We will address these and several other qual-
ity assessment schemes in detail in Chapter 12.

1.3.2 Bit Rates

From a codec designer’s point of view, one of the key challenges is to rep-
resent high-fidelity audio with a minimum number of bits. For instance, if a
5-ms audio frame sampled at 48 kHz (240 samples per frame) is represented
using 80 bits, then the encoding bit rate would be 80 bits/5 ms = 16 kb/s. Low
bit rates imply high compression ratios and generally low reproduction qual-
ity. Early coders such as the ISO/IEC MPEG-1 (32–448 kb/s), the Dolby AC-3
(32–384 kb/s), the Sony ATRAC (256 kb/s), and the Philips PASC (192 kb/s)
employ high bit rates for obtaining transparent audio reproduction. However, the
development of several sophisticated audio coding tools (e.g., MPEG-4 audio
tools) created ways for efficient transmission or storage of audio at rates between
8 and 32 kb/s. Future audio coding algorithms promise to offer reasonable qual-
ity at low rates along with the ability to scale both rate and quality to match
different requirements such as time-varying channel capacity.

1.3.3 Complexity

Reduced computational complexity not only enables real-time implementation
but may also decrease the power consumption and extend battery life. Com-
putational complexity is usually measured in terms of millions of instructions
per second (MIPS). Complexity estimates are processor-dependent. For example,
the complexity associated with Dolby’s AC-3 decoder was estimated at approxi-
mately 27 MIPS using the Zoran ZR38001 general-purpose DSP core [Vern95];
for the Motorola DSP56002 processor, the complexity was estimated at 45
MIPS [Vern95]. Usually, most of the audio codecs rely on the so-called asym-
metric encoding principle. This means that the codec complexity is not evenly
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shared between the encoder and the decoder (typically, encoder 80% and decoder
20% complexity), with more emphasis on reducing the decoder complexity.

1.3.4 Codec Delay

Many of the network applications for high-fidelity audio (streaming audio, audio-
on-demand) are delay tolerant (up to 100–200 ms), providing the opportunity
to exploit long-term signal properties in order to achieve high coding gain.
However, in two-way real-time communication and voice-over Internet proto-
col (VoIP) applications, low-delay encoding (10–20 ms) is important. Consider
the example described before, i.e., an audio coder operating on frames of 5 ms
at a 48 kHz sampling frequency. In an ideal encoding scenario, the minimum
amount of delay should be 5 ms at the encoder and 5 ms at the decoder (same as
the frame length). However, other factors such as analysis-synthesis filter bank
window, the look-ahead, the bit-reservoir, and the channel delay contribute to
additional delays. Employing shorter analysis-synthesis windows, avoiding look-
ahead, and re-structuring the bit-reservoir functions could result in low-delay
encoding, nonetheless, with reduced coding efficiencies.

1.3.5 Error Robustness

The increasing popularity of streaming audio over packet-switched and wire-
less networks such as the Internet implies that any algorithm intended for such
applications must be able to deal with a noisy time-varying channel. In partic-
ular, provisions for error robustness and error protection must be incorporated
at the encoder in order to achieve reliable transmission of digital audio over
error-prone channels. One simple idea could be to provide better protection to
the error-sensitive and priority (important) bits. For instance, the audio frame
header requires the maximum error robustness; otherwise, transmission errors
in the header will seriously impair the entire audio frame. Several error detect-
ing/correcting codes [Lin82] [Wick95] [Bayl97] [Swee02] [Zara02] can also be
employed. Inclusion of error correcting codes in the bitstream might help to obtain
error-free reproduction of the input audio, however, with increased complexity
and bit rates.

From the discussion in the previous sections, it is evident that several tradeoffs
must be considered in designing an algorithm for a particular application. For this
reason, audio coding standards consist of several tools that enable the design of
scalable algorithms. For example, MPEG-4 provides tools to design algorithms
that satisfy a variety of bit rate, delay, complexity, and robustness requirements.

1.4 TYPES OF AUDIO CODERS – AN OVERVIEW

Based on the signal model or the analysis-synthesis technique employed to encode
audio signals, audio coders can be broadly classified as follows:

ž Linear predictive
ž Transform
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ž Subband
ž Sinusoidal.

Algorithms are also classified based on the lossy or the lossless nature of audio
coding. Lossy audio coding schemes achieve compression by exploiting percep-
tually irrelevant information. Some examples of lossy audio coding schemes
include the ISO/IEC MPEG codec series, the Dolby AC-3, and the DTS CA. In
lossless audio coding, the audio data is merely “packed” to obtain a bit-for-bit
representation of the original. The meridian lossless packing (MLP) [Gerz99]
and the direct stream digital (DSD) techniques [Brue97] [Reef01a] form a class
of high-end lossless compression algorithms that are embedded in the DVD-
audio [DVD01] and the SACD [SACD02] storage formats, respectively. Lossless
audio coding techniques, in general yield high-quality digital audio without any
artifacts at high rates. For instance, perceptual audio coding yields compression
ratios from 10:1 to 25:1, while lossless audio coding can achieve compression
ratios from 2:1 to 4:1.

1.5 ORGANIZATION OF THE BOOK

This book is organized as follows. In Chapter 2, we review basic signal pro-
cessing concepts associated with audio coding. Chapter 3 provides introductory
material to waveform quantization and entropy coding schemes. Some of the key
topics covered in this chapter include scalar quantization, uniform/nonuniform
quantization, pulse code modulation (PCM), differential PCM (DPCM), adap-
tive DPCM (ADPCM), vector quantization (VQ), bit-allocation techniques, and
entropy coding schemes (Huffman, Rice, and arithmetic).

Chapter 4 provides information on linear prediction and its application in
narrow and wideband coding. First, we address the utility of LP analysis/synthesis
approach in speech applications. Next, we describe the open-loop analysis-
synthesis LP and closed-loop analysis-by-synthesis LP techniques.

In Chapter 5, psychoacoustic principles are described. Johnston’s notion of
perceptual entropy is presented as a measure of the fundamental limit of trans-
parent compression for audio. The ISO/IEC 11172-3 MPEG-1 psychoacous-
tic analysis model 1 is used to describe the five important steps associated
with the global masking threshold computation. Chapter 6 explores filter bank
design issues and algorithms, with a particular emphasis placed on the modi-
fied discrete cosine transform (MDCT) that is widely used in several perceptual
audio coding algorithms. Chapter 6 also addresses pre-echo artifacts and control
strategies.

Chapters 7, 8, and 9 review established and emerging techniques for trans-
parent coding of FM and CD-quality audio signals, including several algorithms
that have become international standards. Transform coding methodologies are
described in Chapter 7, subband coding algorithms are addressed in Chapter 8,
and sinusoidal algorithms are presented in Chapter 9. In addition to methods
based on uniform bandwidth filter banks, Chapter 8 covers coding methods that


