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Preface

Analysis and synthesis cosine-/sine-modulated filter banks are perfect reconstruc-
tion filter banks that are used for the time-to-frequency transformation of an
audio data block, and vice versa, many sub-band/transform-based schemes for
high-quality lossy/lossless compression of digital audio signals. These include the
modified discrete cosine and sine transforms, the modulated lapped transforms,
the extended lapped transforms, the low delay modified discrete cosine transform,
the modulated complex lapped transform, and various forms of (low delay) com-
plex exponential-modulated and real-valued cosine-modulated quadrature mirror
filter banks. The perfect reconstruction cosine-/sine-modulated filter banks are
fundamental processing components in many state-of-the-art international audio
coding standards and in proprietary audio compression algorithms, broadcast-
ing/speech/data communication codecs, and open-source royalty free audio/speech
codecs. In general, the computation of the complete perfect reconstruction analysis
and synthesis filter banks is the most time-consuming operation in audio/speech
coding schemes, and therefore, the fast algorithms for their efficient real-time
hardware and software implementation are very important.

Although many excellent (text) books have been published up to now (see
references in the introductory chapter), generally they are almost all devoted to
the theory and design of near-perfect and perfect reconstruction quadrature mirror
filter and modulated filter banks, to the theory of orthogonal lapped transforms,
to the detailed description of audio coding methods/algorithms/technologies (psy-
choacoustics principles and models, quantization, and perceptual audio coding
strategies), and to the detailed description of audio coding standards and proprietary
audio compression algorithms and their audio coding applications. However, in
these books, frequently the discussion about fast algorithms for their efficient
implementation is often limited, or they are discussed only marginally. On the other
hand, the research interest and activities in the efficient implementations of perfect
reconstruction cosine-/sine-modulated filter banks have much increased recently,
mainly owing to the existence of their many audio coding applications appearing in
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the consumer and professional electronics market (portable players, mobile phones,
and digital multimedia communication systems). This was the main motivation to
prepare the edition of this book, and the authors strongly believe that it will fill up
this gap.

This book is devoted essentially and exclusively to the theory and design of
fast algorithms for the efficient implementation of perfect reconstruction cosine-
/sine-modulated filter banks as well as to the theory of algorithm complexity.
It summarizes the research results achieved by the research community over
three decades in this hot research topic. The book covers various algorithmic
developments in the cosine-/sine-modulated filter banks including their general
mathematical properties in the time and frequency domains, their (block) matrix
representations, their fast algorithms employed in modern transform-based coding
technologies, and various local and global methods to their integer approximation
(integer-approximate cosine-/sine-modulated filter banks), being recently innovative
transform-based technologies for lossless audio coding.

The book Cosine-/Sine-Modulated Filter Banks: General Properties, Fast Algo-
rithms and Integer Approximations is aimed at students, engineers, researchers,
and scientists at research institutes, universities, and companies who are interested
in theoretical aspects (origin and general mathematical properties) and practical
aspects (fast algorithms and methods to integer approximation). The fervent hopes
and aspirations of the authors are that the book will serve both as an excellent
reference to perfect reconstruction cosine-/sine-modulated filter banks and as an
incentive/inspiration for further advanced research.

Bratislava, Slovakia Vladimir Britanak
Arlington, TX, USA K.R. Rao
April 2017
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Chapter 1
Cosine/Sine-Modulated Analysis/Synthesis
Filter Banks

1.1 Introduction

One of the topics in multi-rate digital signal processing is the theory and design of
M-band (or M-channel) analysis and synthesis quadrature mirror filter (QMF) banks
for sub-band signal decomposition and coding [3-5, 9—11]. They are also called
M-band maximally decimated critically sampled QMF banks. The analysis QMF
bank consists of M uniform and equally spaced channel filters to decompose the
input signal into M sub-band signals. The synthesis QMF bank consists of channel
filters to reconstruct the original signal exactly from sub-band signals, or to recover
a signal which is nearly perfect approximation of the original signal. Historically,
discovering the 2-band QMF banks [15] in 1976 stimulated and started research
activities leading to extending the theory of near-perfect and perfect reconstruction
QMF banks for arbitrary number of sub-bands, to developing a family of near-
perfect modulated filter banks (or pseudo-QMF banks) and perfect reconstruction
modulated filter banks based on the concept of time domain aliasing cancellation
[16-144].

Among studied pseudo-OMF banks and perfect reconstruction modulated filter
banks, the cosine-modulated filter banks gained widespread attention. It is not
surprising, they have many attractive features: a simple formulation and structure,
analysis and synthesis filters are of equal length, and in particular, they have a fast
implementation with low computational complexity. Indeed, in M-band pseudo-
OMF or perfect reconstruction cosine-modulated filter banks, the analysis and
synthesis filters are equally spaced, and they are cosine modulated versions of a
low-pass prototype filter. In a simplest common form, the set of analysis and the set
of synthesis filters are, respectively, expressed as

hk.n = Wn Ckn,»

8kn = Wy Chkn) k=0,1,...,.M—1, n=0,1,...,L—1,

© Springer International Publishing AG 2018 1
V. Britanak, K.R. Rao, Cosine-/Sine-Modulated Filter Banks,
DOI 10.1007/978-3-319-61080-1_1
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where w, is the low-pass prototype filter or windowing function of the length
L(L> M),M is the number of sub-bands, and ¢, is the cosine modulation.
Obviously, the synthesis filters /4y, are related to the analysis filters g, by

8kn = hk.L— 1—n»

i.e., the synthesis filters are time reversed versions of the analysis filters. If the
windowing function satisfies certain constraints, the length L = 2M, and the cosine
modulation is chosen to be, for example, ¢;, = cos [A%(k + %)(n + % + %)],
then M-band cosine-modulated filter bank achieves the perfect reconstruction.
Importantly, such cosine-modulated filter bank has an efficient implementation.

This book is devoted essentially and exclusively to the theory and design of fast
algorithms for the efficient implementation of perfect reconstruction cosine/sine-
modulated filter banks used/employed in modern transform-based audio coding
technologies, and to the theory of algorithm complexity. It covers and summarizes
the research results achieved by the research community over three decades in this
hot research topic.

1.2 Additional References

An extensive list of references [1-144] has been appended to this introductory
chapter (almost not all are cited in subsequent chapters). No claim for completeness
of this list is made. Besides books devoted to multi-rate digital signal processing
[1-11], books on discrete cosine/sine (DCT/DST) transforms [12-14], the appended
references [15—-144] reflect the retrospective research efforts and developments in
the theory and design of QMF filter banks.

1.3 Organization of the Book

The book is organized in terms of chapters starting with this introductory chapter.
Each chapter begins with Abstract and contains its own list of references.

In Chap. 2 perceptual transform-based audio coding schemes developed up to
now are briefly reviewed including the family of ISO/IEC MPEG audio cod-
ing standards, proprietary audio compression algorithms, broadcasting/speech/data
communication codecs, and open-free, patent royalty-free audio/speech codecs. The
discussion is concentrated especially on adopted near-perfect QMF (pseudo-QMF)
and perfect reconstruction cosine/sine-modulated filter banks, processing methods,
and specified transform block sizes.

The evenly and oddly stacked modified discrete cosine transform (MDCT) and
the corresponding modified discrete sine transform (MDST), the modulated lapped
transform (MLT), the extended lapped transforms (ELTs), and their biorthogonal
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versions are real-valued cosine/sine-modulated filter banks satisfying the perfect
reconstruction property. The modulated complex lapped transform (MCLT) is the
complex-valued filter bank whose real part is the MLT or equivalently, the oddly
stacked MDCT, and the imaginary part is the oddly stacked MDST. In Chap. 3,
definitions, general properties in the time and frequency domain, and matrix repre-
sentations of the MDCT/MDST, MLT, ELT, and MCLT filter banks are presented. In
order to an analysis/synthesis filter bank be perfect reconstruction, the necessary and
sufficient conditions imposed on the analysis and synthesis windowing functions
play an important role. Therefore, additionally the windowing procedure and perfect
reconstruction (biorthogonal) conditions in the case of identical and (nonidentical)
analysis and synthesis windowing functions are discussed. Further, design of a
windowing function including definitions of commonly windowing functions used
in audio coding applications, adaptive switching of transform block sizes and
windowing functions, and general perfect reconstruction conditions for the ELT
filter bank with multiple overlapping factor both for the orthogonal and biorthogonal
cases are derived and/or discussed in detail.

The MDCT/MDST, MLT, ELT, and MCLT are fundamental processing com-
ponents for the time-to-frequency transformation of an audio data block in many
audio coding schemes for high quality audio compression. Since the computations
of cosine/sine-modulated filter banks are the most time-consuming operations in
audio coding schemes, the crucial aspect for their applicability is the existence
of fast algorithms that allow their efficient software/hardware implementation
compared to the direct implementation via their corresponding analytical forms.
In Chap. 4, radix-2, even-length and mixed-radix fast algorithms for the efficient
implementation of the forward/backward evenly stacked MDCT/MDST, oddly
stacked MDCT/MDST, MLT, ELT, and MCLT block transforms are presented. The
emphasis is imposed particularly on basic steps, various tricks (trigonometric and
algebraic) and approaches leading to the derivation of final formulae of a fast
algorithm. For each fast algorithm complete formulae or a sparse block matrix
factorization of transform matrix, a corresponding generalized signal flow graph,
the total computational complexity, and a possible structural simplification of the
algorithm are presented.

The MPEG-1/2 audio coding standard for the time-to-frequency transformation
of an audio signal and vice versa, in layers I and II has adopted the pseudo-
QMF banks. In layer III (known as MP3) it has additionally adopted the MLT
or MDCT associated with the sine windowing function. Chapter 5 describes and
compares various efficient implementations of the forward and backward MLT
(MDCT) tailored directly on MP3 audio including the efficient implementation of
pseudo-QMEF banks for completeness. The efficient MLT (MDCT) implementations
are discussed in the context of complete (fast) analysis/synthesis MLT (MDCT)
filter banks in the MP3 encoder and decoder. In general, for each efficient
forward/backward MLT (MDCT) block transforms implementation are presented:
Complete formulae or sparse (block) matrix factorizations, the corresponding signal
flow graph for short audio block and the total arithmetic complexity as well as the
useful comments related to improving the arithmetic complexity and a possible
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structural simplification of the algorithm. Finally, the fast analysis and synthesis
MLT (MDCT) filter banks for MP3 encoder and decoder are discussed in detail.

The Dolby Digital (AC-3) and the Dolby Digital Plus or Enhanced AC-3 (E-
AC-3) audio coding standards developed by the Dolby Labs are currently the key
enabling technologies for high-quality compression of digital audio signals. For the
time/frequency transformation of an audio data block, and vice versa, the AC-3
and E-AC-3 have adopted the oddly stacked MDCT. The AC-3 besides the MDCT
defines additional two variants of cosine-modulated filter banks called the first
and second short transforms. Moreover, the current AC-3 and E-AC-3 codecs for
better spectral estimation and for phase angle adjustment have adopted the oddly
stacked MDST which together with the MDCT forms a complex MCLT filter
bank. Chapter 6 is devoted to the perfect reconstruction cosine/sine-modulated
filter banks used in the Dolby AC-3 and E-AC-3 codecs. The definitions of the
analysis/synthesis AC-3 filter banks, their general symmetry properties both in
the time and frequency domains, and their efficient unified implementations are
presented. Matrix representations of AC-3 filter banks, their properties and relations
among transform (sub-)matrices provide the basis to derive relations between
the frequency coefficients and the time domain aliasing data sequences of AC-
3 transforms, and in particular, the basis for derivation of a fast algorithm for
conversion of frequency coefficients of AC-3 transforms directly in the frequency
domain. Finally, conversion methods of the MDCT to MDST frequency coefficients
directly in the frequency domain are discussed.

Spectral Band Replication (SBR) is an enhancement compression technology
which significantly improves the compression efficiency of perceptual audio and
speech coding schemes. Central to the operation of standard SBR and low delay
version of SBR are dedicated complex exponential-modulated and real-valued
cosine-modulated QMF banks as the basic mathematical tools to analyze and
synthesize audio signals. Chapter 7 presents the complete unified efficient imple-
mentations of complex exponential-modulated and real-valued cosine-modulated
QMF banks used both in the standard SBR and low delay SBR encoder and
decoder. For each QMF bank, definition in its equivalent block transform with
a common parameter M representing the number of sub-bands, its general sym-
metry property in the frequency or time domain, and the derivation of a fast
algorithm for its efficient implementation are presented. All the fast algorithms
are analyzed in detail in terms of the arithmetic complexity, regularity, and
structural simplicity for a potential real-time low-cost implementation in hardware
or software.

In order to achieve low algorithmic delay for bidirectional communication
systems, the MPEG-4 Advanced Audio Coding—Enhanced Low Delay audio
coding standard has adopted a perfect reconstruction analysis and synthesis low
delay MDCT (LD-MDCT) filter banks. In Chap. 8, definitions of the analysis and
synthesis LD-MDCT filter banks, their general symmetry properties in the time and
frequency domains, relations between the LD-MDCT and the oddly stacked MDCT
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both in the analytical forms and the equivalent matrix representations, and efficient
implementations of the even-length analysis/synthesis low delay MDCT filter banks
are discussed in detail. For each fast LD-MDCT algorithm the complete formulae
are derived. All the fast even-length LD-MDCT algorithms are investigated and
compared in terms of arithmetic complexity and structural simplicity.

Enabling technology for transform-based lossless audio coding is the integer
transform. Integer transform is a transform which maps integers to integers by a
reversible (invertible) way so that it preserves all mathematical properties of the
original real-valued transform, such as perfect reconstruction, energy compaction
property, and fast algorithm. Indeed, the IntMDCT or IntMLT enabled to design
and implement this innovative coding technology for scalable lossy to lossless
audio coding. In Chap. 9, the local and global methods to integer approximation
of perfect reconstruction cosine/sine-modulated filter banks and cosine-modulated
QMF banks are discussed in detail. They are based on computational methods of
linear algebra, matrix theory and matrix computations, and in particular, on the
(block) matrix decompositions. In fact, the scalar and block matrix decompositions
are powerful mathematical tools to construct the reversible (invertible) integer
transforms.

All chapters end with a summary, problems/exercises, and references. Prob-
lems/exercises reflect the contents of the corresponding chapters and are intended
for the reader in terms of refresh/review/reinforce their contents. Extensive defi-
nitions, principles, properties, signal flow graphs, derivations, and examples are
provided throughout the book for proper understanding of the strengths and
shortcomings of the spectrum of perfect reconstruction cosine/sine-modulated filter
banks.

1.4 Appendices

Appendices A through G review and present the important mathematical basics from
matrix theory and linear algebra (Appendix A), definition and symmetry properties
of odd-time odd-frequency DFT (Appendix B), fast DCT/DST computational
structures (Appendix C), optimized efficient short odd-length complex DFT, real-
valued DFT and (S)DCT modules (Appendix D), optimized efficient short-length
forward/backward MDCT modules (Appendix E), efficient implementations of
Givens-Jacobi rotations (Appendix F), and finally, definitions of symmetric/anti-
symmetric and periodic/anti-periodic sequences (Appendix G).

In general, Appendices provide both theoretical basics necessary for the deriva-
tion of fast algorithms and also practical tools, fast DCT/DST computational
structures efficient and optimized efficient short-length computational modules, and
tools necessary for completing efficient forward/backward MDCT/MDST, MLT,
ELT, and MCLT implementations.
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Chapter 2

Audio Coding Standards, (Proprietary)

Audio Compression Algorithms,

and Broadcasting/Speech/Data Communication
Codecs: Overview of Adopted Filter Banks

2.1 Introduction

In general, audio coding or audio compression algorithms are used to obtain
compact digital representation of high-quality audio signals for their efficient
transmission and storage. The central objective in audio coding is to represent
the signal with a minimum number of bits while achieving its transparent repro-
duction. Motivated by these demands considerable research activities have been
spent toward formulation of audio compression/coding schemes to satisfy simul-
taneously requirements of high compression ratios and transparent reproduction
quality of audio signals. As a result, a number of audio coding schemes were
developed/standardized for the high-quality audio coding [1, 2, 6, 11].

Besides speech coding schemes based on linear prediction methods which
are especially tailored for efficient speech compression, the developed perceptual
transform-based audio coding schemes gained a greater attention, particularly
for applications in consumer electronics. Typically, any transform-based audio
coding scheme utilizes a near-perfect quadrature mirror filter (QMF) and/or perfect
reconstruction cosine-modulated filter bank to obtain a block-wise representation of
the audio signal in the frequency domain. The obtained spectral coefficients after
quantization are then efficiently encoded into a compact form.

In this chapter, perceptual transform-based audio coding schemes developed up
to now are briefly reviewed including the family of ISO/IEC MPEG audio cod-
ing standards, proprietary audio compression algorithms, broadcasting/speech/data
communication codecs, as well as open-free, patent royalty-free audio/speech
codecs. The discussion is concentrated especially on adopted near-perfect QMF
and perfect reconstruction cosine-modulated filter banks, processing methods, and
specified transform block sizes. For more details about specific audio coding
standard/compression algorithm, an interested reader can find in the appropriate
official MPEG document(s), available web sites, or books [1, 2, 9, 11, 15].
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2.2 Family of ISO/IEC MPEG Audio Coding Standards

During more than 25 years, the MPEG committee in collaborative work with many
companies, universities, and research institutes worldwide developed and standard-
ized several audio codecs for high-quality compression of audio/speech coding.
From the viewpoint of adopted filter banks, processing methods, and specified
transform block sizes they are briefly reviewed in the following subsections.

2.2.1 MPEG-1/2 Audio Coding Standards

The MPEG-1 audio compression algorithm [6, 9, 11, 12], finalized in 1992, is
the first established international coding standard for high-quality compression of
digital audio signals. The MPEG-2 audio coding standard [6, 9, 11, 13], finalized in
1994, extends the multichannel capabilities not offered by MPEG-1 audio. MPEG-
1/2 algorithms involve three distinct layers for compression. Layer I forms the most
basic compression algorithm, while layers II and III are enhancements that use some
elements of layer 1. Each successive layer improves the compression performance
but at the cost of greater encoder and decoder complexity [1, 9]. Essentially, layer III
of MPEG-1/2, known as MP3 standard, has become at that time key technology to
realize audio decoders for music distribution via Internet and consumer electronics
(portable MP3 players and multimedia systems).

For the time-to-frequency transformation of digital audio signals the MP3 stan-
dard [13] employs the hybrid filter bank consisting of a near-perfect reconstruction
cosine-modulated QMF bank referred also to as the pseudo-QMF bank [1, 9], and
the adaptive modulated lapped transform (MLT) [3, 4], or equivalently, the adaptive
oddly stacked modified discrete cosine transform (MDCT) [8] associated with the
sine windowing function [4]. The pseudo-QMF bank, common to all three layers
of MPEG-1/2 audio, decomposes the input audio signal into 32 equally spaced
frequency sub-bands, i.e., N = 64. Each sub-band is then coded either to single
groups of 12-sample blocks (in layer I) or to groups of three successive 12-sample
blocks (in layer II). For 32 sub-bands this results in two data frames of 32x12 = 384
and 32 x 36 = 1152 samples [1, 9].

In MP3 standard [13], the outputs of pseudo-QMF bank are further processed by
the MLT (MDCT) filter bank operating on the block of N = 12 samples (the short
block) or the block of N = 36 samples (the long block). The long block allows
greater frequency resolution for signals with stationary characteristics, while the
short block provides better time resolution for transient signals. Basic windowing
operation is defined for the long block and short block. During transient signals, the
long block is replaced by a series of three overlapped short blocks, thus maintaining
the same total number of samples as for the long block. Each of the three short
blocks is then windowed separately. Switching between long and short blocks is not
instantaneous. In order to ensure smooth transition between long and short blocks
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and vice versa, transient blocks (long-to-short and short-to-long blocks having the
same size as the long block) are specifically defined and windowed [1, 9]. Both short
and long block sizes are not powers of two. Actually they are composite lengths of
the form 2™ x g, where ¢ is an odd integer. Specifically, 12 = 4 x 3 = 2% x 3 and
36 =4x9=2>x09.

In Chap. 5, a number of various efficient implementations of the pseudo-QMF
and MLT (MDCT) filter banks tailored directly to the MP3 audio coding standard
are discussed in detail.

2.2.2 MPEG-2/4 Advanced Audio Coding (AAC) Audio
Coding Standards

MPEG-1/2 standards discussed in the previous subsection involve practical audio
compression algorithms for high-quality coding of monophonic and stereophonic
material. By the early 1990s, the demand for high-quality coding of multichannel
audio at reduced bit rates had increased significantly. Therefore, MPEG group
started in 1994 standardization activities for developing a higher quality
multichannel non-backwards compatible advanced audio coding system [1, 11].
This effort with collaborative effort among worldwide companies, universities, and
research institutes (Dolby Laboratories, Sony Corporation, AT&T Bell Laboratories
or Lucent Technologies, Fraunhofer Institute and University of Hannover)
led to the adoption of the MPEG-2 Non-Backwards Compatible/Advanced
Audio Coding (NBC/AAC) standard [14]. The MPEG-2 NBC/AAC was later
renamed MPEG-2 AAC and finalized in 1997. The AAC technology made
use of all the advanced audio coding methods available at the time of its
development [1, 11, 15].

The MPEG-2 AAC standard is organized as a set of modular coding tools. Based
on a trade-off among desired quality coding, channel resources, and memory/power
processing requirements, the MPEG-2 AAC system allows to select from three
complexity profiles: Main Profile, Low Complexity (LC) Profile, and Scalable
Sampling Rate (SSR) Profile. Each profile recommends a specific combination of
coding tools. In the Main Profile configuration, the MPEG-2 AAC provides the best
audio quality at any given data rate. Memory and processing power requirements in
the Main Profile configuration are higher than those in the LC Profile configuration.
In the SSR Profile configuration, the gain control tool is used. It consists of a
Polyphase QMF (PQMF) filter bank of order 96, gain detectors and gain modifiers.
The PQMF filter bank splits each audio channel input signal into four frequency
bands of equal width. Then each PQMF filter bank output is processed by the
oddly stacked MDCT [8] to produce 256 spectral coefficients (i.e., N = 512), for
a total of 1024 coefficients. The gain control can be applied to each of four bands
independently [1, 14, 15].
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The MPEG-2 AAC coding algorithms constitute the kernel of the MPEG-4 AAC
audio coding standard (version 1 finalized in 1999 and version 2 finalized in 2000)
[16]. These MPEG-4 AAC versions include several additional functionalities such
as scalability, error resilience, technology for coding general audio (speech and
synthetic audio), and some additional spectral processing tools. The MPEG-4 AAC
was targeted for a wide number of applications including wired, wireless, streaming,
digital broadcasting, interactive multimedia, telephony and mobile communication,
and high-quality audio/video [1, 11].

Fundamental component of MPEG-2/4 AAC encoder is the conversion of time
domain signals into frequency representation by applying of the time-variant oddly
stacked MDCT filter bank [8]. With the adaptive block size switching procedure,
quasi-stationary audio segments are analyzed/synthetized with 2048-sample long
data block (N = 2048), while transient signals are analyzed/synthetized with a
series of eight 256-sample short data blocks (N = 256) to reduce pre-echo effects.
Since the windowing function has a significant impact on the MDCT filter bank
frequency response, the MPEG-2/4 AAC allows a dynamical switching between
two distinct windowing functions (adaptive switching procedure of windowing
function) to best adapt to signal characteristics. The sine windowing function [4]
or a parametric Kaiser—Bessel Derived (KBD) windowing function [45, 49] is used.
We note that the adaptive switching of windowing function is employed on the 2048-
sample long data blocks only [1, 14].

2.2.3 MPEG-4 AAC-Low Delay (AAC-LD) Audio
Coding Standard

Although, in general, MPEG-2/4 AAC perceptual audio codecs provided high
sound quality even at low bit rates for broad range of signals, the total delay
of encoder/decoder chain was still considerably high, than can be acceptable for
upcoming high-quality interactive bidirectional communication applications such
as telephony, Voice over Internet (VoicelP), and teleconferencing. Therefore, it was
concluded that a novel coding scheme has to be designed/introduced combining the
advantages of perceptual audio coding with the low delay operation required for
interactive bidirectional communication [17, 19].

As the first step, a general overview over the structure of existing perceptual
audio coding schemes (MPEG-2/4 AAC, MP3) has to be performed followed by
an analysis to identify the primary sources of algorithmic delay inherent in the
encoding/decoding chain of such schemes. It is noted that the algorithmic delay
is defined as the theoretical minimum delay allowed by an algorithm. Then, the
total algorithmic delay can be derived as the sum of delay contributions of coding
algorithms [17]. Based on the detailed analysis [18], the following main sources
contributing to the total algorithmic delay have been identified [19]:
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* Block-based processing associated with data block size—due to the use of a
block transform, a certain amount of time is needed to collect all samples
belonging to one block.

* Filter bank algorithmic delay—due to the overlap/add procedure of the filter bank
with 50% overlap to previous and subsequent data blocks, a delay of one data
block is caused by the filter bank.

* Look-ahead time for data block size switching procedure—in transition from the
long to short data blocks and vice versa, the so-called transition blocks (labeled as
“start” and “stop”) have to be constructed to preserve the perfect reconstruction
property of filter bank in the overlapped part.

As a result of this analysis, the so-called MPEG-4 AAC Low Delay (AAC-LD)
was derived from MPEG-4 AAC general audio object type (MPEG-2 AAC-LC plus
some additional coding tools) and optimized for very low delay operation [17, 19].

The following modifications on the standard MPEG-4 AAC algorithm have
been performed in order to achieve the low delay operation in MPEG-4
AAC-LD [17, 19]:

* Data block size has been reduced from N = 2048 to N = 1024 or N = 960 sam-
ples. This leads to a delay of 512 or 480 samples. The MDCT analysis/synthesis
filter banks cause a further delay of the same size. Note that the data block size
N = 960 is a composite integer of the form 2™ x g, where ¢ is an odd integer.
Specifically, 960 = 2% x 15.

* Block size switching procedure has been deactivated.

* The AAC-LD has allowed the use of two different windowing functions for
windowing procedure depending on signal characteristics. Besides the sine
windowing function applied to the stationary signals, the AAC-LD uses a
low overlap windowing function between subsequent data blocks in the case
of transient signals (see Figs. 8 and 9 in [17]). This dynamic adaptation of
windowing function does not imply any additional delay.

Thus, the MPEG-4 AAC-LD represents the modified MPEG-4 AAC codec
fulfilling requirements of the total low algorithmic delay for full-duplex commu-
nication applications. Moreover, it filled the gap between existing low delay speech
coding schemes (such as ITU-T G.722.1 Annex C [60, 68]) and perceptual high-
quality audio coding schemes, as well as provided a baseline for development of the
low delay coding in MPEG-4 codec family [19].

2.2.4 MPEG-4 High-Efficiency AAC (HE-AAC) Audio
Coding Standard

The rapid development of digital communication has opened numerous opportu-
nities for new multimedia services such as terrestrial- and satellite-based digital
audio broadcasting as well as wireless music downloads to cellular phones [21]. In
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2001, MPEG committee identified two areas for improved audio coding technology
and issued a call for proposals [20] for: Improved compression efficiency of audio
or speech signals by a bandwidth extension method, which is forward and back-
ward compatible with existing MPEG-4 technology, and improved compression
efficiency of high-quality audio signals by a parametric stereo coding method. Based
on the MPEG-2/4 AAC architecture, the work item led to standardization in the
form of amendments, at first in 2003 of the MPEG-4 High-Efficiency AAC (HE-
AAC) audio coding standard (known also as AACPlus), and subsequently in 2004
to standardization of the MPEG-4 HE-AAC version 2 (known also as AACPlus v2).
MPEG-4 HE-AAC is the combination MPEG-2/4 AAC and integrated bandwidth
extension method, the so-called Spectral Band Replication (SBR) compression
technology, which enables to reconstruct high-frequency band based on low-
frequency band data. The MPEG-4 HE-AAC v2 is the combination of MPEG-4
HE-AAC and Parametric Stereo (PS) coding tool which achieves a significantly
increased coding efficiency for stereo signals when compared to HE-AAC operating
in normal stereo mode [20, 21]. The MPEG-4 HE-AAC (v2) standards are targeted
on low bit rate applications with higher coding efficiency such as mobile music
and TV, digital radio and TV broadcasting, Internet streaming, and consumer
electronics.

The SBR compression technology significantly improves the compression effi-
ciency of perceptual audio and speech coding schemes. SBR always operates in
conjunction with a conventional codec, a core codec (it is not a stand-alone coder).
The SBR acts as pre-processing at the encoder, and as post-processing at the decoder
[20, 21]. SBR is based on the fact that in most cases there is strong correlation
between the characteristics of lower and higher frequency content of an audio signal.
Consequently, the high frequency part can be reconstructed from the low frequency
part, or in other words, the SBR is able to recreate the missing high frequency
components of a decoded audio signal in a perceptually accurate way by re-using
signal information from the decoded low frequency part, thus allowing a much
higher audio quality at low data rates. Therefore, transmission of the high frequency
part is not necessary, only the low frequency part and a small set of control data
need to be carried in the bit stream to guarantee an optimal reconstruction of high
frequencies. Essentially, SBR-enhanced codecs have the major advantage of being
backward and forward compatible to the core codec. This fact permits to integrate
the SBR technology to existing systems, thus enabling a smooth transition from a
conventional audio coder to its more efficient SBR-enhanced version. In general,
the SBR can be combined with any conventional (even not necessarily perceptual)
audio/speech codec [23].

Central to the operation of standard SBR compression technology used in the
MPEG-4 HE-AAC [22] are dedicated complex exponential-modulated and real-
valued cosine-modulated QMF banks as the basic mathematical tools to analyze
and synthesize audio signals. Standard SBR for the encoder defines only one
complex exponential-modulated analysis QMF bank, while standard SBR for
the decoder defines two types of analysis/synthesis QMF banks depending on
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the application. Specifically, complex exponential-modulated QMF banks forming
the high quality SBR (HQ-SBR), and real-valued cosine-modulated QMF banks
forming the low power SBR (LP-SBR). The main difference between HQ-SBR and
LP-SBR is how the data is represented during the SBR process. In the HQ-SBR all
subsequent calculations are realized in complex arithmetic. The LP-SBR operates
with real-valued cosine-modulated analysis and synthesis QMF banks, and hence in
real-valued arithmetic to reduce the computational complexity. In situations, where
a lower sampling rate is sufficient, for example in portable devices, the SBR can
run in a down-sampled mode and down-sampled versions of complex and real-
valued synthesis QMF banks can be employed. The complex exponential-modulated
QMF banks are intended for use in applications requiring the best possible audio
quality at a given bit rate, while the real-valued QMF banks are intended to be
lower complexity versions that still produce acceptable results in terms of audio
quality and bit rate. The modulation stages of QMF banks in the ISO/IEC MPEG
document [22] are defined by matrix-vector products with the number of sub-bands
being 64 or 32, i.e., audio data blocks of sizes N = 128 or 64, and with fixed
values of time shift factors in the transform kernels. The symmetric prototype filter is
of order 640.

Complex exponential-modulated and real-valued cosine-modulated analysis and
synthesis QMF banks used in the standard SBR technology of MPEG-4 HE-AAC,
their general symmetry properties in the frequency or time domain, and their
efficient implementations are discussed in detail in Chap. 7.

2.2.5 MPEG-4 AAC-Enhanced Low Delay (AAC-ELD)
Audio Coding Standard

The MPEG committee in 2008 has completed the development and standardization
process of an audio communication codec, the MPEG-4 Advanced Audio Coding—
Enhanced Low Delay (AAC-ELD), targeted towards the high-quality real-time
(interactive) bidirectional communication applications such as audio and video
conferencing [24]. Essentially, the MPEG-4 AAC-LC, HE-AAC, and AAC-LD
codecs form the basis of AAC-ELD. In order to achieve the high coding efficiency
and low algorithmic delay, the AAC-ELD combines a low delay-optimized SBR
compression technology [24, 26, 26] known from the HE-AAC [22], and a perfect
reconstruction low delay cosine-modulated filter bank [10, 26, 27]. In 2011 the
MPEG completed the standardization of a Low Delay MPEG Surround as a para-
metric stereo coding tool for enhancing the AAC-ELD codec [25]. The combination
of both technologies, the Low Delay MPEG Surround and AAC-ELD, is also known
as the AAC-ELD v2. The applications of AAC-ELD v2 involve broadcasting and
mobile videoconferencing.
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The low delay version of SBR (LD-SBR) compression technology was integrated
into AAC-ELD [24]. Since the LD-SBR is derived from the standard SBR [22] (see
also Sect.2.2.4) with some modifications, similarly, the LD-SBR for the encoder
defines also only one low delay complex exponential-modulated analysis QMF bank
and two types of low delay analysis and synthesis QMF banks for the decoder
forming the high quality LD-SBR (HQ-LD-SBR) and low power LD-SBR (LP-
LD-SBR). Similarly, in situations where a lower sampling rate is sufficient, the
LD-SBR can operate in a down-sampled mode using down-sampled versions of
low delay complex and real-valued synthesis QMF banks. The modulation stages
of low delay QMF banks in the ISO/IEC MPEG document [24] are defined with
the number of sub-bands being 64 or 32, i.e., audio data blocks are of sizes
N = 128 or 64.

Low delay complex exponential-modulated and real-valued cosine-modulated
analysis and synthesis QMF banks used in the LD-SBR compression technology,
their general symmetry properties in the frequency or time domain, and their
efficient implementations are discussed in detail in Chap. 7.

On the other hand, now it is well known that the MPEG audio coding standards,
such as MPEG-4 AAC-LC, HE-AAC, and AAC-LD, utilize for the time-to-
frequency transformation of an audio data block and vice versa, the oddly stacked
MDCT which is based on the concept of time domain aliasing cancellation (TDAC)
[8]. However, the AAC-ELD has adopted a perfect reconstruction low delay filter
bank, called the Low Delay MDCT (LD-MDCT) [10]. The purpose of the LD-
MDCT is to reduce the reconstruction delay independent of the prototype filter
length, while still maintaining the perfect reconstruction property. The LD-MDCT
has a similar cosine modulation kernel as TDAC MDCT, but substantial delay
reduction is achieved by utilizing an asymmetric analysis windowing function with
a low reconstruction delay and with multiple overlap (four succeeding data block
are overlapped). This cannot be accomplished with TDAC MDCT which employs
a symmetric windowing function and thus has an algorithmic delay identical to the
block size minus one [26, 27]. The AAC-ELD defines for the LD-MDCT the data
block size to be 2N with N = 1024 or 960 [24]. Note that 960 = 2° x 15 is
the composite length. The low delay analysis windowing functions for N = 1024
and 960 are tabulated in the explicit form in ISO/IEC MPEG document [24]. Note
that the first %’ values of windowing functions are implicitly equal to zero. Since
the low delay analysis windowing function is asymmetric, the low delay synthesis
windowing function is the time-reversed version of the corresponding analysis
windowing function [10, 26, 27].

Definitions of the analysis and synthesis LD-MDCT filter banks used in the
AAC-ELD, their general symmetry properties in the time and frequency domains,
relations between the LD-MDCT and TDAC MDCT, as well as efficient LD-MDCT
implementations are discussed in detail in Chap. 8.
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2.2.6 MPEG-4 Scalable Lossless Audio Coding (SLS)
and High-Definition AAC/SLS (HD-AAC/SLS)
Audio Coding Standards

Almost all perceptual audio coding schemes discussed in this chapter are based
on the transform-based approach, i.e., they employ sub-band filter banks to obtain a
block-wise representation of the audio signal in the frequency domain. They operate
in floating-point arithmetic, and therefore are lossy in nature [1]. Due to increasing
demand of delivery of high sampling rate and high resolution digital audio at
lossless quality for high-quality applications, such as audio archiving systems,
the lossy compression became inappropriate since every bit in the original audio
signal has to be preserved. On the other hand, the transition from lossy to lossless
coding by a scalable way would facilitate the digital audio services to interchange
compressed audio across various application domains using scalable lossy to
lossless compressed formats. Thus, a scalable to lossless audio coding technology
that will support both lossy and lossless audio compression simultaneously was
desirable [28]. Responding to these demands, the MPEG audio standardization
group decided to start a new work item to explore a new relevant innovative
technology for lossless and near-lossless coding of audio signals in 2002. For the
extension to lossless operation, the lossy MPEG-4 AAC codec has been used as a
core codec [28, 31].

Research and standardization efforts of MPEG audio group led to the specifica-
tion of SLS (scalable lossless coding solution) technology in the form of amendment
to the MPEG-4 audio standard [28, 30-32]. As the extension of MPEG-4 AAC
perceptual audio codec, the MPEG-4 SLS codec includes a scalable lossless audio
coding solution that integrates the functionalities of high-compression, lossless
audio coding, perceptual audio coding, and fine granular scalable audio coding
into a single coder, while simultaneously provides the backward compatibility to
existing MPEG-4 AAC codec at the bit stream level [31]. An enabling technology
for the scalability in the frequency domain is the Integer MDCT (IntMDCT), being
an integer approximation of the oddly stacked MDCT filter bank [8] or equivalently,
the integer MLT (IntMLT) with the sine windowing function. In order to achieve
backward compatibility to existing MPEG-4 AAC codec, the MPEG-4 SLS adopts
two-layer structure to code IntMDCT spectral coefficients: the AAC core layer, and
a lossless enhancement layer working on the top of AAC architecture. These two
layers in the encoder generate the core layer bit stream which is MPEG-4 AAC
compliant, and the lossless enhancement layer bit stream providing the scalability
from lossy to lossless coding. AAC compliant bit stream is embedded in the final bit
stream. Bit-exact reconstruction of the input original audio signal in the decoder is
independent to the implementation accuracy of the AAC core codec. Since MPEG-
4 SLS provides the fine granular bit rate scalability from lossy to lossless coding,
it becomes a universal compression system for digital audio applications which up
to now required different audio coding technologies. Moreover, the need for any
transcoding is completely eliminated [31]. Similarly, other AAC coding tools such



22 2 Audio Coding Standards, (Proprietary) Audio Compression Algorithms. . .

as Mid/Side (M/S) stereo coding and Temporal Noise Shaping are considered and
implemented in an invertible integer way on the IntMDCT spectral coefficients. An
interested reader can find an overview of the MPEG-4 SLS standard, its application
scenarios, structure, and description of coding tools in [31].

In 2007 the MPEG audio group has successfully concluded the standardiza-
tion process on enhanced SLS technology for lossless coding of high-definition
(HD) audio signals—ISO/IEC MPEG-4 High-Definition Scalable Advanced Audio
Coding (MPEG-4 HD-AAC/SLS) [29]. HD-AAC/SLS audio coding technology
provides a fine grain scalable lossless extension of the MPEG-4 AAC perceptual
audio coder up to fully lossless reconstruction at word lengths and sampling rates
typically used for HD audio. In the context of HD audio applications it is frequently
to achieve lossless signal reconstruction at higher sampling rates as the MPEG-
4 AAC operates. In this case, the MPEG-4 HD-AAC/SLS can operate in the
so-called “oversampling factor” mode by using longer IntMDCT transform sizes
such as N = 4096 or even N = 8192 samples. Using the longer IntMDCT
provides a better lossless performance for stationary signals than the transform size
N = 2048. Enhanced HD-AAC/SLS technology generates a universal digital audio
format for a variety of (HD) applications including digital audio archiving, network
audio streaming, portable audio players, digital VCD and DVD media, consumer
electronics, and digital broadcasting [29].

The MPEG-4 SLS and MPEG-4 HD-AAC/SLS audio coding standards combine
local and global methods to construct the integer approximate MDCT (MLT) filter
banks. They are discussed in detail in Chap. 9.

2.2.7 MPEG-D Unified Speech and Audio Coding (USAC)

All previously discussed MPEG audio coding standards, such as MPEG-4 HE-
AAC v2, achieve high subjective sound reproduction quality at low bit rates for
music signals. However, psychoacoustic models in the spectral domain used in such
audio coding schemes do not perform well on speech signals at low bit rates. On
the other hand, existing speech coding schemes, such as extended Adaptive Multi-
Rate Wide-Band (AMR-WB+) [63, 65], use the time domain source filter to closely
model speech process and consequently, perform very well for speech signals at
low bit rates, but they show poor quality for music signals. This is main reason
why the speech and music signals have been encoded separately using different
coding schemes to achieve their high-quality reproduction [35, 37, 40]. Moreover,
in many applications areas, such as broadcasting, audio books, and audio video
playback, the content is highly variable and is not restricted to speech or music only
[33]. Motivated by these facts, the MPEG initiated standardization process for a
new codec with consistent high quality coding of speech, music and mixed content
over broad range of bit rates, or other words, a single coding scheme which can
encode both speech and music signals without any degradation of quality. MPEG
standardization process with the working title of “MPEG-D Unified Speech and
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Audio Coding (USAC)” started in 2007. After issued Call for Proposals on USAC
as a new technology, a first reference model architecture (RMO) was developed
and presented in 2009 [38, 39] which already combined all advantages of state-
of-the-art speech and general audio coders. In the subsequent collaborative phase
of Fraunhofer Institute Erlangen, further enhancements were integrated into the
system from companies worldwide: VoiceAge Canada, Dolby Sweden, Philips,
Sony, Panasonic, Samsung, NTT DOCOMO Japan, Audio Research Labs USA,
and International Audio Laboratories Erlangen. The MPEG-D USAC standard was
finalized in early 2012. Main applications of the MPEG-D USAC are multimedia
downloads to mobile devices, digital radio, mobile TV, and audio books and in
general, applications dealing with a mixed content of speech and music signals
[36, 40, 41].

The MPEG-D USAC architecture combines improved/enhanced/refined coding
methods and algorithms of MPEG-4 HE-AAC v2 codec [22], and the speech
AMR-WB+ codec with Algebraic Code Excited Linear Prediction (ACELP) speech
compression technology [63, 65] by means of switching between the core coders of
two standards. High performance of USAC arises from the intelligent interaction
between two coding schemes controlled by a signal classification module. Two
coding schemes share common innovative technologies: a parametric enhanced
SBR (eSBR) compression technology and a parametric stereo coding based on
MPEG Surround technology [40, 41].

The USAC transform-based core coder supports a larger set of the oddly stacked
MDCT transform sizes. Specifically, additional transforms sizes N = 1024 and 512
complement the AAC N = 2048 and 256-sample data blocks, thus providing a
more suitable time-frequency decomposition for variety of signals [35, 36]. Further
flexibility is achieved by allowing 768-sample windowed data block. In this mode
all above mentioned transform sizes are reduced to %th of their original ones, i.e.,
N = 2048 is reduced to N = 1536 = 2° x 3, N = 1024 is reduced to N = 768 =
28 %3, N = 512isreduced to N = 384 = 27 x 3, and N = 256 is reduced to
N=192=2°x3.

In USAC transform-based core coder the MDCT filter bank is designed to
be more flexible [40, 41]. It is well known that the MDCT has a good energy
compaction property especially for harmonic tones with constant fundamental
frequencies. However, when the fundamental frequency is time-varying, typically
for voiced speech, the energy is spread over several spectral coefficients, and
the voiced speech portions are not represented accurately at low bit rates. This
fact leads to a loss of coding efficiency. In order to overcome this problem,
the USAC introduced a new filter bank, the so-called time-warped MDCT (TW-
MDCT) [33, 40]. By means of a continuous fundamental frequency estimation,
a time varying resampling (time warping) is applied locally within every audio
data block prior to the MDCT. The windowing functions have also need to
be adapted accordingly to preserve the perfect reconstruction property of the
MDCT. The resampling (time warping) ideally leads to a constant fundamental
frequency within audio data block, and thus the TW-MDCT filter bank can adapt
its spectral representation for a better energy compaction of voiced speech signals
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compared to the conventional MDCT. When the fundamental frequency in USAC
transform-based core coder is set to zero, the TW-MDCT becomes the conventional
MDCT [33].

Since USAC core codec is switching between the AAC transform-based and
linear prediction (LP) speech coder, a special attention was paid for a fast adaptation
to either speech, music, or mixed content without blocking effects, and a smooth
transition between the signal types without additional overhead leading to the design
of new transition windowing functions in transition regions for AAC coding mode
[39]. These “start” (transition from the MDCT domain to LP time domain) and
“stop” (transition from the LP time domain to MDCT domain) windowing functions
are similar to regular AAC transition ones, with either the KBD or sine windowing
function on the appropriate half side of AAC transformed signal. They consist of a
flat top region of 448 or 576 samples equal to 1, respectively, followed by the sine
windowing function of size 64 or 128 samples, respectively, and consecutive number
of zero samples. In particular, due to a requirement on constant framing, for the
transition from LP speech to transform-based coder the right side of the windowing
function is completed with 64 zero samples. Consequently, the transform block size
is enlarged from N = 2048 to N = 2304 = 28 x 9. For more details see transition
schemes shown in Figs. 2 and 3 of Neuendorf et al. [39].

The eSBR is derived from the standard SBR compression technology (see
Sect. 2.2.4) with many incorporated new functionalities and tools, such the harmonic
transposer, predictive vector coding, and inter-sub-band-sample temporal envelope
shaping [37, 40]. The standard SBR was initially designed as a 2:1 system, i.e.,
at first 1024 low frequency coefficients from the core coder are fed into 32-band
analysis QMF bank (N = 64). After reconstructing the high frequency content,
the signal is transformed back to the time domain using a 64-band synthesis QMF
bank (N = 128) resulting in 2048 time domain samples. For USAC, the standard
SBR was extended by two additional operating modes. For lower sampling rates the
first mode 4:1 uses 16-band analysis QMF bank (i.e., N = 32) instead of 32-band
analysis QMF bank. In the second mode the eSBR is capable of operating in an 8:3
mode. In this case, a 24-band analysis QMF bank (i.e., N = 48 = 2* x 3) is used
[40]. Complex exponential-modulated and real-valued cosine-modulated analysis
and synthesis QMF banks with a common parameter representing the number of
sub-bands which are used in the standard SBR, their general symmetry properties
in the frequency or time domain, and their efficient implementations are discussed
in detail in Chap. 7.

MPEG Surround and unified stereo coding in USAC codec employ complex
exponential-modulated QMF banks which are shared with the eSBR compres-
sion technology [40]. In order to improve the signal compaction property of
stereo (mid/side) coded channel spectra, the USAC provides a complex-valued
stereo prediction tool operating directly in the MDCT domain of encoder/decoder
[34]. Left and right channels of stereo signal represented in MDCT domain
are first converted to mid and side (sum and differences) spectra, and required
complex-valued down-mix spectrum is obtained via a real-to-imaginary transform
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(in USAC labeled as R2I), whose real part is the MDCT and imaginary part is the
corresponding modified discrete sine transform (MDST). R2I transform actually
constructs the modulated complex lapped transform (MCLT) [5] directly in the
frequency domain from given MDCT spectra. Exact and approximation conversion
methods to construct the MCLT directly in the frequency domain for arbitrary
symmetric windowing function are discussed in detail in Chap. 6.

The MPEG-D USAC is the first codec that merges the speech and audio coding
into unified form and it represents the new state-of-the-art coding technology for
speech, music, and mixed content signals at low bit rates. This makes USAC the
most efficient codec for all signal categories and moreover, it can be considered as
the 4th generation MPEG audio codec [40, 41].

2.3 Proprietary Audio Compression Algorithms

Besides the family of MPEG audio coding standards, the international companies
such as Sony, AT&T Bell Laboratories (Lucent Technologies), and Dolby Labs
developed their own audio compression algorithms which are their property. From
the viewpoint of adopted filter banks, processing methods, and specified transform
block sizes they are briefly reviewed in the following subsections.

2.3.1 Family of Sony® ATRAC/SDDS/ATRAC2/ATRAC3/
ATRAC3plus and ATRAC Advanced Lossless
Digital Audio Compression Systems

The ATRAC (Adaptive TRansform Acoustics Coding) digital audio compression
system developed by Sony [53] was originally intended for a low-cost, battery-
powered consumer electronics equipment, its rewritable MiniDisc portable player
[54]. The ATRAC combines sub-band and transform coding methods to achieve
nearly CD quality audio coding. Using a cascaded two-stage QMF analysis bank,
the ATRAC encoding process first splits the input signal into three sub-bands: low-,
mid-, and high-frequency. Then, each sub-band is transformed into the frequency
domain by the signal adaptive oddly stacked MDCT analysis filter bank [8] with a
symmetric identical analysis and synthesis windowing functions [2]. The adaptive
switching of transform block sizes is employed based on the signal characteristics
in each sub-band. There are two block-size modes, the long mode and short mode.
The transform block size switching procedure works as follows. During stationary
(steady-state) periods, the high resolution MDCT analysis filter bank is attained
using long 512-sample data blocks, i.e., N = 512. During transient periods, short
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blocks are used, specifically, N = 256 for the high-frequency band, and N = 128
for the low- and mid-frequency bands to cancel pre-echo artifacts [6, 11]. The
ATRAC mapping structure can be found in [2]. It is noted that Sony during the
ATRAC development was active in MPEG-2 AAC research and standardization
process [14].

The ATRAC digital audio compression algorithm has been adopted as a core of
Sony’s digital cinematic sound system, the so-called Sony Dynamic Digital Sound
(SDDS). The SDDS integrates 8 independent ATRAC modules to carry information
for each left, right, left center, center, right center, subwoofer, left surround, and
right surround channels typically present in a modern theater [2, 6, 11].

ATRAC?2 digital audio compression algorithm is an enhanced version of the
ATRAC containing two new coding tools: First, based on a time-frequency anal-
ysis in the encoding process, the ATRAC?2 extracts psychoacoustically important
tone components from the input signal spectrum which are efficiently encoded
separately from less important spectral data. Secondly, ATRAC2 prevents pre-
echoes adaptively by using the so-called gain modification coding tool. ATRAC2
performs a signal analysis using combination of a polyphase quadrature filter (PQF)
bank and fixed-length MDCT with different analysis and synthesis windowing
functions. The PQF bank splits the input signal into four sub-bands. Each sub-band
is then transformed by the MDCT with a frequency resolution being twice that of
ATRAC, i.e., the block size is N = 1024. The ATRAC?2 mapping structure can be
found in [2].

The structure of ATRAC3 is very similar to that of ATRAC2. ATRAC3 uses the
cascaded two-stage QMF bank, similarly as ATRAC, but the input signal is split
into four sub-bands. The main reason for employing the QMF banks instead of
PQF bank is to facilitate direct transformation between the bit stream of ATRAC
and that of ATRAC3 [2]. ATRAC3plus supports the multi-channel coding (max.
64) and provides twice the coding efficiency of ATRAC3 by using the following
technologies: The PQF divides stereo input signal, left and right channel, each is
split into 16 sub-bands which is four times the number of sub-bands in ATRAC3.
The MDCT transform size is twice that of ATRAC3, ie., N = 2048. The
ATRAC3plus mapping structure can be found in [2].

Finally, for the lossless audio coding applications, Sony developed a scalable
lossy to lossless encoder/decoder, the ATRAC Advanced Lossless codec [2]. The
ATRAC Advanced Lossless codec consists of a base layer and an enhancement
layer. In the base layer, the ATRAC3 or ATRAC3plus encoder encodes the input
audio signal into the base-layer bit stream. Subsequently, the base-layer bit stream
is decoded by the deterministic ATRAC3 or ATRAC3plus decoder to restore a large
portion of the original audio signal. The residual signals which are the difference
signals between the original and restored signals of the deterministic decoder, are
encoded by the enhancement layer encoder. Both the base-layer and enhancement-
layer bit streams are transmitted in the lossless enhancement bit stream [2].
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2.3.2 Lucent Technologies PAC/EPAC/MPAC Audio Coders

Audio compression algorithm, the Perceptual Audio Coder (PAC), was originally
developed by AT&T Bell Laboratories [50, 51]. Historically, AT&T and Lucent
Technologies separated after the Multichannel PAC (MPAC) algorithm was eval-
uated for MPEG-2 NBC/AAC testing, and the PAC algorithm subsequently became
proprietary to Lucent Technologies. AT&T, meanwhile, has become active in
MPEG-2 AAC research and standardization process. The low-complexity profile
of AAC, MPEG-2 AAC-LC has become the AT&T coding standard. Lucent PAC
algorithm is flexible in that it supports monophonic, stereophonic, and multiple
channel modes [2, 6, 11].

The original PAC is an adaptive audio compression algorithm. For the time-to-
frequency transformation of an audio signal the PAC has adopted the signal adaptive
oddly stacked MDCT filter bank [50, 51]. A long data block of 2048 samples (N =
2048) is used during stationary segments. In the presence of transient segments, a
series of short 256-sample data blocks (N = 256) is used to eliminate pre-echo
effects. In contrast, for example, to the ATRAC system, the original PAC relies on
the MDCT alone rather than incorporating MDCT analysis into a hybrid filter bank
structure [6, 11].

One of the major enhancements in the Enhanced PAC (EPAC) algorithm
was improving the quality at lower bit rates of signal with transients [52]. In
EPAC, a signal adaptive switched filter bank is used which switches between
the high spectral resolution MDCT and a nonuniform (tree structured) wavelet
filter bank based on time-varying characteristics of the signal. Stationary audio
segments are processed by the MDCT, while transient segments by the wavelet
filter bank. Finally, the MPAC algorithm extends the capabilities of the stereo PAC
algorithm to the coding of multiple audio channels. A more comprehensive descrip-
tion of Lucent PAC/EPAC/MPAC audio compression algorithms can be found in
[2,6,11].

2.3.3 AC-2 (AC-2A), Dolby® Digital (AC-3) and Digital Plus
(E-AC-3) Audio Compression Systems

Since the late 1980s up to now, the Dolby Labs developed three generations of
digital audio compression systems, specifically, a family of AC-2 (AC-2A), the
Dolby® Digital (AC-3), and the Dolby® Digital Plus or Enhanced AC-3 (E-AC-
3). Sony and AT&T Bell Laboratories (Lucent Technologies), the Dolby Labs also
actively participated in MPEG-2 AAC research and standardization process.



28 2 Audio Coding Standards, (Proprietary) Audio Compression Algorithms. . .

2.3.3.1 AC-2(AC-2A)

In 1991 Dolby Labs introduced the family of AC-2 (AC-2A) digital audio com-
pression algorithms [42, 43, 47, 48]. AC-2 (AC-2A) codecs were designed as
single-channel coding systems with complete channel independence when used
in two-channel configurations. Four AC-2 variants were available. The first two
variants were designed for low-complexity and low-delay applications, while the
other two ones for higher quality at the expense of increased complexity and delay.
In all AC-2 variants, the input audio signal was mapped into the frequency domain
by the evenly stacked MDCT filter bank [7] with a parametric KBD windowing
function [6, 11].

In variant 1, fixed 128-sample MDCT filter bank was used, i.e., N = 128. Variant
2 used the same filter bank, but it exploited the time redundancy across block pairs.
Variant 3 used fixed 512-sample filter bank, i.e., N = 512, to improve the coding
gain for stationary audio segments. Finally, variant 4 (the AC-2A algorithm) [42,47]
employed an adaptive switched 512/128-sample MDCT filter bank (N = 512 or
128) to improve coding quality for transient signals.

2332 Dolby® Digital (AC-3)

Based on the design experience of AC-2 (AC-2A) core technology, the Dolby Labs
developed a digital audio compression system of next generation, the Dolby
Digital (AC-3) multichannel audio compression algorithm [44, 45, 48] designed
for digital media delivery to consumer electronic products. AC-3 is capable of
delivering one to 5.1 discrete audio channels for simultaneous presentation, and
it is the first multichannel surround sound codec offered to the broadcast market.
First released in 1991 for cinema industry needs and standardized in 1995 by
ATSC (Advanced Television Systems Committee) [45], the AC-3 went through
many stages of refinements, improvements, and fine-tuning. The resulting algorithm
is currently in use in a number of standard applications in consumer electronics
including the North American HDTV, the DVD-Video, Digital Video Broadcasting
(DVB), and Blue-ray Disc standards [1, 2, 6, 11]. The time-to-frequency transfor-
mation of audio blocks is realized as follows.

Compared to AC-2 (AC-2A), the AC-3 for the time/frequency transformation of
an audio data block has adopted the oddly stacked MDCT filter bank [8] with the
parametric KBD windowing function. In general, the AC-3 defines the analysis and
synthesis filter banks with a variable parameter « [45]. Besides a long transform
being the MDCT, AC-3 defines additional two variants of cosine-modulated filter
banks called the first and second short transforms. They are actually real-valued
polyphase filter banks, where all channels are shifted versions of the same prototype
low-pass filter (windowing function), and these filter banks are derived directly from
the type-1V discrete cosine/sine transform (DCT-IV/DST-IV) kernels [1, 11].

Unlike the MPEG-2 AAC approach [14], the AC-3 maintains the perfect recon-
struction of filter banks while avoiding transitional blocks. In the AC-3 transform
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block-size switching procedure [45], a long block of N = 512 samples or two
short blocks each of N = 256 samples can be employed. The windowed long
block is transformed when the spectrum remains stationary, or varies only slowly
with time resulting in 256 unique nonzero frequency coefficients. During transients,
when the signal changes rapidly in time, shorter blocks are constructed to reduce
pre-echo effects by taking windowed long 512-sample block and splitting it into
two adjacent half segments each containing 256 samples. The first half of long
block is transformed separately from the second half of that block. Each half-
block produces 128 unique nonzero frequency coefficients. This is identical to the
number of frequency coefficients produced by a single long block, but with two
times improved temporal resolution. Frequency coefficients from those two half-
blocks are interleaved together on a coefficient-by-coefficient basis to form a single
audio block of 256 coefficients being processed identically.

In the current architecture of AC-3 [44, 49] blocks of frequency coefficients
are grouped into continuous frames. The AC-3 frame length is fixed at 1536
frequency coefficients per input channel corresponding to six 256-coefficients
blocks. Transformed blocks are then quantized and transmitted as the so-called
spectral envelope with the associated side information. A similar, mirror image
procedure is applied in the decoder during signal reconstruction. The current AC-3
encoder obtains better spectral power estimation in terms of improving the fidelity
through the power energy summation of the MDCT frequency coefficients and
frequency coefficients of the corresponding MDST [44, 49]. The MDCT as the real
part and MDST as the imaginary part compose a complex MCLT filter bank [5].

2333 Dolby® Digital Plus (E-AC-3)

The Dolby® Digital Plus or E-AC-3 is essentially the advanced version of AC-
3 providing increased coding efficiency, flexibility, and wider range of supported
bit rates, expanded channel formats (up to 15.1 channels) and reproduction cir-
cumstances while preserving a high level of compatibility and interoperability with
existing AC-3 system [2, 44, 46, 49]. The E-AC-3 preserves frame structure of six
256-coefficients blocks while also allows for shorter frames composed of one, two,
or three frequency coefficients blocks. This feature enables to transport audio at data
rates in formats limiting the amount of data per frame, such as DVD.

The E-AC-3 utilizes new powerful coding tools such as an improved filter bank,
improved quantization, enhanced channel coupling with phase preservation, spectral
bandwidth extension, and transient pre-noise processing. The improved filter bank is
an adaptive hybrid transform (AHT) composed of two linear transforms connected
in cascade [49]. The first transform is identical to that of employed in AC-3:
the windowed long (MDCT) transform producing 256 unique nonzero frequency
coefficients. For frames containing audio signals which are stationary, a second
linear transform can optionally be applied by E-AC-3 encoder, and inverted by the
decoder. It is a non-windowed, non-overlapped type-II discrete cosine transform
(DCT-II). When the DCT-II is applied, six 256-coefficients blocks are converted to
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a single 1536-coefficients block thereby increasing the frequency resolution and
resulting in the significantly improved coding efficiency and perceptual coding
performance for stationary audio signals [49]. Enhanced channel coupling process
in the encoder and decoder requires the phase information for angle adjustment and
therefore, besides the MDCT the corresponding MDST, i.e., complex MCLT filter
bank, is also generated. The transient detector is similar but more sensitive to that
of employed in the standard AC-3 encoder. However, although the E-AC-3 in the
presence of a transient can be switched into AC-3 block switching mode, the E-AC-
3 decoder processes transient segments in a different way by the transient pre-noise
coding tool [49]. The E-AC-3 bit streams are similar in nature to AC-3 bit streams,
but are not backwards compatible, i.e., they are not decodable by AC-3 decoders.
Annex E of [46] specifies E-AC-3 the bit stream syntax for decoding process.

Excellent overviews of the current AC-3 and E-AC-3 codecs are presented in [1,
2,44, 49]. In particular, in Chap. 6 the perfect reconstruction cosine/sine-modulated
filter banks used in the Dolby> Digital (Plus) digital audio compression systems
are discussed in detail including their definitions, general properties in the time and
frequency domains, their efficient implementations, their matrix representations,
relationships between them, and the latest achieved research results.

2.4 Broadcasting/Speech/Data Communication Codecs

Digital Audio Broadcasting (DAB) is a digital radio standard which has been
developed in 1990s by the Eureka 147/DAB project [59]. The DAB has been
designed as a universal multimedia broadcast system with the aim to replace the
existing AM and FM audio broadcast services. The original DAB system is based on
the MPEG-1/2 layer II audio coding standard, where the input signal is transformed
from the time to frequency domain by a 32-band pseudo-QMF bank, i.e., N = 64
[12, 13]. The advanced DAB system (DAB+) [59] has adopted a newer audio coding
standard as a source coder, the MPEG-4 HE-AAC v2 [22, 23] being the combination
of MPEG-4 AAC, the SBR compression technology and Parametric Stereo coding
tool. Recall that the standard MPEG-4 HE-AAC v2 or aacPlus standard employs the
oddly stacked MDCT filter bank on block sizes N = 2048 (long block) or N = 256
(short block) with the sine or parametric KBD windowing functions. However, in
the DAB+ system the block sizes have been changed to N = 1920 or N = 240,
which are not powers of two. Actually both block sizes are composite lengths of
the form 2" x g, where ¢ is an odd number. Specifically, 1920 = 27 x 15 and
240 = 2* x 15.

The MPEG-4 HE-AAC v2 as a source coder has been adopted by the Digital
Radio Mondiale (DRM), universal openly standardized digital broadcasting system
[58], as well as by the XM Satellite Radio broadcasting system [70] being one of
two satellite-based digital radio services (XM Satellite Radio and Sirius Satellite
Radio [66]) used in United States and Canada. In July 2008, XM Satellite Radio
and Sirius Satellite Radio merged forming Sirius XM Radio. Further, the MPEG-4



2.5 Open-Source and Patent/Royalty-Free Audio/Speech Codecs 31

HE-AAC v2 as the source coder has also been adopted by the extended AMR-WB+
speech coder [63, 65].

On the other hand, issued ITU-T G.722.1 [60, 68], ITU-T G.722.1C [68], G.719
[69], G.718 and G.729.1 [62, 64] speech codecs, 3GPP2 EVRC-WB [55] vocoder,
and ITU-T G.EV-VBR standard [61, 67] have adopted the oddly stacked MDCT
filter bank or equivalently, the MLT of the length N = 640 with the sine windowing
function [4]. Compared to ITU-T G.722.1, in the ITU-T G.722.1C speech codec the
transform size is doubled to N = 1280. Similarly, the block sizes are composite
integers, i.e., 640 = 27 x 5, and 1280 = 2% x 5.

Recently, filter bank multicarrier (FBMC) [56] and lapped-OFDM (Orthogonal
Frequency Division Multiplexing) [57] multicarrier transmission schemes for the
efficient modulation, transmission, and asynchronous access in future wireless
digital data communication systems such as the mobile telephony and cognitive
radio have been proposed. For the time-to-frequency transformation of an input
signal the approach in the FBMC scheme [56] is based on the complex MCLT filter
bank with the sine windowing function [5], whereas the approach in the lapped-
OFDM scheme [57] is based on the MLT [4]. In the performed simulations the
transform sizes have been set to N = 2M, where M = 256 [56, 57].

2.5 Open-Source and Patent/Royalty-Free Audio/Speech
Codecs

At present time, there exist several professional general purpose perceptual
transform-based audio/speech codecs developed by the Xiph.Org Foundation which
are completely open-source and patent/royalty-free distributed.

Perhaps the most famous is the Ogg Vorbis (or Vorbis I) multichannel audio
codec [77, 78] intended for the high-quality audio and music compression. For the
time-to-frequency transformation of an input audio signal, and vice versa, the Vorbis
codec has adopted the oddly stacked MDCT filter bank [8] with own originally
introduced the Vorbis windowing function [77, 78]. Based on signal characteristics,
the Vorbis codec employs the transform block-size switching procedure. A long
block of N = 2048 samples is used when the signal spectrum is stationary. During
transients, when the signal changes rapidly in time, short blocks of the size N = 512
are constructed to reduce pre-echo effects. In general, in the Vorbis codec the legal
block sizes to be allowed are also sizes being powers of two in range of 64—8192
samples [77].

Typically, the algorithmic delay in existing perceptual transform-based audio
codecs is equal to the transform block size. Constrained-Energy Lapped Trans-
form (CELT) audio codec [72, 73, 75, 76] provides high-quality coding, while
maintaining a very low delay. Thus, it is suitable for communication applications
where both high-quality and low delay are desired like the real-time interactive
teleconferencing, VoicelP, and remote live stereo music performances across the
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Internet [72]. In order to minimize algorithmic delay, the CELT combines the oddly
stacked MDCT filter bank [8] applied to short data blocks of size N = 256 with
a low overlap windowing function (the so-called power complementary windowing
function with reduced overlap). The windowing function with reduced overlap is
constructed from the basic 512-sample Vorbis windowing function [77, 78] by zero-
padding 64 values on each side, and inserting ones in the middle (128 samples) such
that the resulting windowing function still satisfies the power complementarity (see
configuration shown in Fig. 1 of Valin et al. [73] or in Fig. 3 of Valin et al. [75]). For
this windowing and overlapping configuration the data block size to be processed
is 256 samples with only 128 overlap and 64 look-ahead samples resulting in the
total algorithmic delay of 384 samples. To avoid pre-echo effects, after detecting
the transient the (long) data block is split into two smaller blocks and the MDCT
is applied to each smaller block. The obtained spectral coefficients of two smaller
MDCTs are interleaved and coded as if only one (long) MDCT was used. The last
version of CELT codec provides also an optional support for other sampling rates
as well as the block size of 128-sample blocks with 64 look-ahead samples [72]. In
general, the CELT originally supported all even block sizes from 64 to 512, although
powers of two were recommended and most CELT development was done using the
block size N = 256. The original stand-alone CELT codec has been integrated into
one layer of the OPUS codec [71, 74], and therefore it is important to note that this
is now obsolete [72].

The OPUS interactive speech and audio codec [71, 74] is intended for the
real-time interactive speech and music transmission over the Internet, and also
for storage and streaming applications. In order to achieve good compression of
both speech and music, the OPUS is a hybrid codec. One layer is based on linear
prediction coding methods (especially for speech coding), while the second layer is
based on the CELT compression algorithm (for music coding). Since OPUS codec
incorporates Skype’s SILK audio compression format, it is a modern standard for
wide-band voice applications such as Skype.

2.6 Summary

Perceptual transform-based audio coding schemes developed up to now including
the family of ISO/IEC MPEG audio coding standards, proprietary audio com-
pression algorithms, broadcasting/speech/data communication codecs, as well as
open-free, patent royalty-free audio/speech codecs have been briefly reviewed.
In discussion, the emphasis has been imposed particularly on the adopted near-
perfect QMF and perfect reconstruction cosine-modulated filter banks, processing
methods, and specified transform block sizes. One can see that the employed cosine-
modulated QMF banks (complex-valued or real-valued), and perfect reconstruction
cosine-modulated filter banks such as the MDCT, MDST, MLT, MCLT, and LD-
MDCT are applied to audio data blocks with various sizes being either a power
of two (32, 64, 128, 256, 512, 1024, 2048, 4096 and even 8192), or they are



References 33

mixed-radix or composite lengths of the form 2™ x g, where m > 0 and ¢ is an odd
integer, specifically ¢ = 3, 5, 9 and 15. Importantly, for a real-time implementation
of each employed cosine-modulated QMF bank and perfect reconstruction cosine-
modulated filter bank fast algorithm(s) are required.
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Chapter 3

MDCT/MDST, MLT, ELT, and MCLT Filter
Banks: Definitions, General Properties,

and Matrix Representations

3.1 Introduction

Multirate analysis/synthesis critically sampled, maximally decimated filter banks
involving near-perfect (pseudo) and perfect reconstruction quadrature mirror filter
(QMF) banks [75, 79], have received widespread attention in speech and audio sub-
band coding. In general, the analysis filter bank splits the input signal into a number
of sub-bands via the analysis filters, while the synthesis filter bank recombines the
sub-band signals via the synthesis filters to (approximately or exactly) reconstruct
the original signal in the overlapped part of adjacent data blocks. The theory and
design methods of critically sampled, maximally decimated filter banks are covered
in [79].

Among the QMF filter banks, the cosine/sine-modulated filter banks [1-14], [79]
and the cosine-modulated pseudo-QMF banks belonging to the class of modulated
filter banks [5, 6, 8, 14] have been studied extensively. Due to their attractive
features (simple structure, analysis and synthesis filters are of equal length, low
computational complexity), they have received a great interest in audio coding
applications. In fact, the cosine-modulated pseudo QMF and cosine/sine-modulated
filter banks with perfect reconstruction property are employed in the international
speech and audio coding standards and proprietary audio compression algorithms
[32, 38, 41]. The modulated filter banks achieving the perfect reconstruction
property can be obtained by cosine or sine modulation of a linear-phase prototype
filter or equivalently, of a windowing function, when certain constraints are imposed
on the prototype filter [6]. On the other hand, by properly choosing the phases
of modulation cosine/sine functions in a pseudo-QMF bank and assuming that the
length of analysis/synthesis filters is to be twice the number of sub-bands, whereby
analysis filters are time-reverse versions of the synthesis filters, the pseudo-QMF
bank will achieve the perfect reconstruction property [6, 63]. It is worthwhile here
to get into the reader attention for further inspiration the unified or generalized
forms of cosine-modulated filter banks [3, 4], a family of extended unique filter
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banks containing all known M-band modulated filter banks [9, 10], as well as a
universal approach to the description of modulated filter banks, specifically, the
real-valued cosine- and sine-based versions defined via the generalized discrete
cosine transform (GDCT) and the corresponding generalized discrete sine transform
(GDST) [1, 2].

The oddly and evenly stacked modified discrete cosine transform (MDCT) and
the corresponding modified discrete sine transform (MDST), the modulated lapped
transform (MLT), the extended lapped transforms (ELTs), and their biorthogonal
versions are real-valued cosine/sine-modulated filter banks satisfying the perfect
reconstruction property. The modulated complex lapped transform (MCLT) is the
complex-valued filter bank whose real part is the MLT or oddly stacked MDCT,
and the imaginary part is the oddly stacked MDST. All these filter banks, except the
evenly stacked MDCT/MDST, belong to the class of lapped transforms, and can also
be viewed as block transforms, in which the basis functions overlap the adjacent
blocks by 50%. In this chapter, definitions, general mathematical properties, and
matrix representations of the MDCT/MDST, MLT, ELT, and MCLT filter banks are
presented. Principally, for each analysis/synthesis filter bank the chapter presents:

 Its original derivation and definitions in the form of block transforms.

* General and special mathematical properties of forward/backward block
transforms both in the time and frequency domains including relationships
between/among them.

e (Block) matrix representations, which are powerful and rigorous mathematical
tools to investigate structure, properties, and efficient implementations, generally,
of any filter bank.

In order to obtain the perfect reconstruction property of an analysis/synthesis filter
bank, the necessary and sufficient conditions imposed on the analysis and synthesis
windowing functions play an important role. Therefore, additionally the following
are derived and/or discussed in detail:

* Windowing procedure and perfect reconstruction conditions in the case of
identical analysis and synthesis windowing functions.

* Design of a windowing function including definitions of commonly used win-
dowing functions in audio coding applications.

» Biorthogonal conditions for perfect reconstruction in the case of nonidentical
analysis and synthesis windowing functions.

» Adaptive switching of transform block sizes and windowing functions.

* General perfect reconstruction conditions for the ELT filter bank with multiple
overlapping factor both for the orthogonal and biorthogonal cases.

Thus, this chapter provides the complete information for designing and constructing
the cosine/sine-modulated analysis/synthesis filter bank satisfying perfect recon-
struction for audio coding applications.
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3.2 MDCT and MDST Filter Banks

The MDCT and corresponding MDST are perfect reconstruction cosine/sine-
modulated analysis/synthesis filter banks based on the concept of time domain
aliasing cancellation (TDAC). Therefore, they are frequently called the TDAC
transforms, or alternatively, the critically sampled single-sideband (SSB) anal-
ysis/synthesis filter banks providing perfect reconstruction of a signal from a
set of critically sampled analysis signals by a weighted overlap/add method
[18, 24].

Princen, Bradley, and Johnson defined two types of the MDCT, specifically for an
evenly stacked [17, 18] and for an oddly stacked analysis/synthesis system [23, 24].
Both systems are very similar. The main difference lies in transform operations. In
general, the MDCT/MDST for the evenly stacked system is defined by a transform
kernel

[— m—ow; (n+n )] = — 3.1
cos o) + , , , 3.

while the MDCT for the oddly stacked system is defined by a transform kernel

2 1
cos [wy (n + ng)], wp = Wn (k + 5) , (3.2)

where N is the length of a data block, n is the time index, k is the frequency index, m
is the index of the data block, and wy denotes the center frequencies of channels. For
both systems cosine modulation functions in (3.1) and (3.2) include a time phase
factor ny having a value of %V + % which is necessary for perfect reconstruction.
The terms “evenly” and “oddly” stacked systems come simply from the fact that
the center frequencies wy of the system (3.1) indicate the even channel stacking
arrangement, while the center frequencies wy of the system (3.2) indicate the odd
channel stacking arrangement.

The evenly and oddly stacked MDCT/MDST filter banks can also be viewed
as block transforms, in which the basis functions overlap the adjacent data blocks
by 50%. The oddly stacked system has some advantages compared with the
evenly stacked system. It is uniform, i.e., it has equally spaced bands of equal
bandwidth, and its computational structure though more complex, requires the
application of the MDCT only, while the evenly stacked system is nonuniform
(it has half width bands at normalized frequencies of 0 and ), and moreover,
alternate applications of the MDCT and corresponding MDST are required. For
these reasons, the oddly stacked system is preferred in the audio coding applications
[23, 24].
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3.2.1 Evenly Stacked MDCT/MDST Filter Banks

The evenly stacked, critically sampled SSB analysis filter bank has been originally
derived as a block transform operation in the following form [17, 18]

P—1
(m " 2
X" = Cos(nm) g4y hp—1-r oS |:—(r+n0):|
2 r=0 N
P—1 o
+ (=™ s1n( ) in:llz)ww hp—i—, sin [—(r+n0)]
N N
k=01...N-1 M= —<P=N, (3.3)

where {X,"} are channel signals, and {x;"} are samples of the mth data block.
{hp—1—,} is a time reversed finite impulse response filter of the length P, or the
analysis windowing function. The value of P in (3.3) indicates that an overlap
occurs between adjacent data blocks (P = N implies the maximum overlap). Cosine
and sine modulation functions cos [%(r + no)] and sin [%(r + no)] in (3.3) are
referred to as the evenly stacked MDCT and MDST transform kernels, respectively.
It can be seen that for a given value of the block index m only one of the terms in
(3.3) is nonzero. When m is even, the channel signals are defined by the MDCT
of windowed data sequence and modified by (—1)"*. When m is odd, the channel
signals are defined by the MDST of windowed data sequence and modified by
(=)™ [18].

The evenly stacked, critically sampled SSB synthesis filter bank has been
originally derived as a block transform operation in the following form [17, 18]

amy 1 2k
)Acim) = COs (7> ]V Z(—I)Mk X,(CM) Ccos [T(F + no)]

r=0

+sm( ) Z( 1™ X" sin I:%((r—i—no)],
r=01,... . N—1 (3.4)

where {&Lm)} are time domain aliased samples of the mth data block. From (3.4) and
with respect to (3.5), one can see that when m is even, then {)Ac;m)} is the windowed
backward MDCT of the modified channel signals, while when m is odd, it is the
windowed backward MDST of the modified channel signals.

After applying the analysis MDCT/MDST filter bank followed by the synthesis
MDCT/MDST filter bank, the time domain aliasing distortion is introduced.
Assuming that the perfect reconstruction conditions hold (see Sect. 3.2.4), then for
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the phase factor ny = ]ZV + % the time domain aliasing is canceled and the original

data sequence {x(m)} is recovered (i.e., the TDAC is achieved) from two adjacent

)
time domain aliased data sequences {%," } and {%."

and overlap/add procedure as [18]

} by the so-called windowing

(mtl) — (m) A( m) A(erl) _

X, xN+r—gN+, Yy +g-x. r=0,1,...,——1, 3.5)

N
2
where {g,} is the synthesis windowing function. For simplicity, in applications the
modifications by (—1)"¥ in the analysis and synthesis MDCT and MDST filter banks
are removed. More technical details about the evenly stacked system can be found
in [18].

The windowing procedure and perfect reconstruction conditions imposed on the
analysis and synthesis windowing functions {4, } and {g,} are discussed in detail in
Sect. 3.2.4. The design of windowing functions is discussed in Sect. 3.2.5.

3.2.1.1 MDCT and MDST Block Transforms

In general, when investigating general mathematical properties of the analysis and
synthesis filter banks both in time and frequency domains, or when developing
fast computational structures for their efficient implementation, they are frequently
considered as the block transforms applied to a single windowed data block.
Consequently, without loss of generality the superscript m denoting the data block
index is omitted. In the following the evenly stacked forward and backward MDCT
and MDST block transforms are defined, and their basic symmetry properties both
in time and frequency domains are investigated.

Let{x,}, n =0,1,..., N—1 represent a windowed input data sequence, and N is
assumed to be an even integer. Based on (3.3) and (3.4), the forward and backward
MDCT block transforms are, respectively, defined as [18]

N :
an cos[ (2n~|—1+2)k], k=0,1,....N—1, cy=0,
2

(3.6)

_ 13 N
5 MDCTZIV C: COS|: (2n+1+ 2)k:|’ n=0,1,...,.N—1, (3.7)

while the corresponding forward and backward MDST block transforms are,
respectively, defined as [18]

N
an s1n|: (2n+1+2)ki|, k=0.1,....N=1, s,=0 (3.8

n=0
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SE— 1 - [ N
= N g sin| = (2n+ 1+ 2 k|, n=0.1.....N=1, (3.9)
N N 2
k=0
E E . . A~E—MDCT .
where {c, }/{s, } are MDCT/MDST transform coefficients. The notations %, in
AE—MDST .

(3.7) and X, in (3.9) emphasize the fact that the data sequences recovered by
appropriate backward transforms do not correspond to the original data sequence.
In the context of TDAC analysis/synthesis filter banks the distorted sequences
(" vand &, "'} are said to be time domain aliased [18].

We recall that in evenly stacked system alternate MDCT/MDST computations
are required. The MDCT can be recognized as the transform operation when the
time index m of a data block is even, while the MDST can be recognized as the

transform operation when the time index m of a data block is odd.

3.2.1.2 Symmetry Properties of the MDCT and MDST Block Transforms

In order to investigate the symmetry properties of evenly stacked MDCT and MDST
block transforms, let us substitute N — k for & into (3.6) and we get

= N 7 N
E
e n 2n+1+ — —\|2n+14+ = |k|,
Cn—k gx cos[n(n—i— +2)}cos|:N(n+ +2)}

N
k:l,Z,...,E—l. (3.10)

The expression (2n + 1 + §) in cos [7(2n + 1 + §)] under the sum of (3.10) may
be odd or even depending on a value of % being even or odd, respectively. Thus, we
have

. —c,f, if (2n+1+%) is odd, k=1,2’_”’%1_1’
Nk = . G.11)
o if (2n+1+§) is even, k=1,2,_”,§_1,

implying that the MDCT coefficients have either the odd anti-symmetry property
when % is even, or the odd symmetry property when % is odd. The odd symmetric
and anti-symmetric sequences are defined in Appendix G.1.

On the other hand, substituting N — k for k into (3.8), we get

N—1
sy =—Zx cos | 2n+1+ﬁ sin z 2n+1+1i k
Nk = 2 N 2)7 ]

N
k=1,2,...,5. (3.12)
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Similarly, the expression (27 + 1 + %) in cos [w(2n + 1 + ¥)] under the sum of
(3.12) may be odd or even depending on a value of %’ being even or odd, respectively.
Thus, we have

sp, if QA1+ Y) isodd, k=1,2,.... % —1,
E
Sy = (3.13)

—Si, if (2n+l+%) is even, k=1,27._.’%/_1’

8]

implying that the MDST coefficients have either the odd symmetry property when

%V is even, or the odd anti-symmetry property when %] is odd. Knowing a priori that
¢y = s, = 0, then from (3.11) and (3.13) it follows that only ¥ + 1 MDCT/MDST
2

coefficients are unique, whereby %’ MDCT/MDST coefﬁcients are nonzero.

The time domain aliased data sequences {%,  } and {&

the backward MDCT/MDST have the following local symmetries

} recovered by

~E—MDCT AE—MDCT ~E—MDCT AE—MDCT

X, = x%_l_n, x%_” = Xy_1—n s 3.14)
AE—MDST AE—MDST AE—MDST AE—MDST
n - = xﬂ_l_n x%_;_n == XN—1-n>
N
n:O,l,...,Z—l. (3.15)

The symmetry properties (3.14) and (3.15) can be simply verified by proper
substitution into (3.7) and (3.9). It can be seen that {ii_MDCT} exhibits the even
symmetries both in the first and second half, whereas {fci_MDST} exhibits the odd
symmetries both in the first and second half. From an algorithmic point of view

this means that it is sufficient to compute only the time domain aliased samples
{,\E MDCT AE—MDCT A~AE—MDST AE—MDST

}{N+ } and {X%, }{N+ }forn:O,l,...,4 1 by the
backward MDCT/MDST. Note that N must be integer divisible by 4.

For a correct matrix representation taking into account properties (3.11) and
(3.13), the evenly stacked MDCT and MDST block transforms are redefined by
introducing scaling factors €; and 7 into (3.7) and (3.9), respectively. The forward
and backward MDCT block transforms are, respectively, redefined as [15]

N N :
Zx,,cos m+14+=) k|, k=01...=—1 cy=0,
2 2 2

EMDCTz_Zeka cos|: (2n+1+2) k:|, n=01....N-1,
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where ¢g = 1,and ¢, = 2fork =1,2,...,% — 1. The corresponding forward and
backward MDST block transforms are, respectively, redefined as [15]

N N
an sm[ (2n+1+2) k] k=12....2, sg =0,

(N1
|

Wherer% =1l,andy =2fork=1,2,...,

3.2.1.3 Relation Between the MDCT and MDST Block Transforms

In order to obtain the relation between the evenly stacked MDCT and MDST block
transforms, let us substitute % — k for k into (3.16), and we get [16, 19]

N N
= (-1 D" x, 2 1 k|, k=0,1,...,——1,
()HZO()xsm[ (n++2)] 2
(3.20)

Equation (3.20) implies that the MDST coefficients {sf} can be simply obtained
from the MDCT ones only by sign changes applied to odd-indexed samples in the
original data sequence, and after the MDCT computation, the MDST coefficients
are in reverse order. The relation between the MDCT and MDST block transforms
results in a simple method to compute alternating MDCT/MDST using only one fast
algorithm for the MDCT computation.

Similarly, substituting % — k for k into (3.18), we get

L= 1)t ;( 1" x, cos[ (2n+1+];’)k] k=1,2,...,%’.
(3.21)

Note that for correct relation between the MDCT and MDST block transforms in
(3.20) and (3.21) N must be integer divisible by 4.
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3.2.1.4 Relation Between the MDCT/MDST and DFT

The evenly stacked N-point MDCT and MDST block transforms are closely
related to N-point complex DFT, or its fast implementation, FFT. The forward
and backward MDCT/MDST transform kernels can be expressed as a DFT with
appropriate pre- and post-twiddle (rotation) operations. Exploiting the fact that
FFT operates on an array of complex components, by packing one windowed data
block in the real part of the FFT and the other in the imaginary part, two adjacent
overlapped data blocks can be transformed simultaneously as [16, 17]

N—1
2mnk
N

fi = e TG Z(xn+ixn+§) N, i=A—1, k=0,1,....N—1.
n=0
(3.22)

After the FFT computation and post-twiddle operations, the MDCT and MDST
coefficients are given by

E

6= =3 Ole (s — e ). =1

E

(N N
5= 5 (e fi + e fii). s =0, k=1....5. (23

Equations (3.22) and (3.23) immediately also define an algorithm for the implemen-
tation of simultaneous computation of the MDCT and MDST block transforms via
the complex FFT.

3.2.1.5 Matrix Representations of the MDCT and MDST Block
Transforms

An alternative way to represent the MDCT and MDST block transforms is in
matrix-vector form. Matrix representations are very powerful tools to analyze
MDCT/MDST characteristics of the single windowed data block both in time and
frequency domains. In particular, on the basis of matrix representations the concept
of TDAC is better understood.

Consider the evenly stacked MDCT and MDST block transforms defined by
(3.16) and (3.18), respectively. The symmetry properties (3.11) and (3.13) imply
that only %’ rows of MDCT and MDST matrices are linear independent. Therefore,

let CEMX y and Si - be the %’ x N MDCT and MDST matrices, respectively. Then
2 2

A 3 E E

[Cy )" = Chw and [Sy 7 =S

N
3 XN N Nx5’

where T denotes transposition. Next, let
E E E E E E E E

X = [X0,X1,...,XN—1], € = [co,cl,...,cﬂ_l], ands = [s,5,,....5y] be row
2 2

vectors, and x7, [cE]T and [sE]T their corresponding column representations. Then
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Egs. (3.16) and (3.18) for the forward MDCT and MDST block transforms can be,
respectively, written in the equivalent matrix-vector form as

'] = C'ngN x, )7 = SéxN x', (3.24)

while Egs. (3.17) and (3.19) for the backward MDCT and MDST block transforms
without the normalization factor ]%, can be, respectively, written as

A~E—MDCT

[x

E E—MDST E
IR ¢ I’

=uS, w517 (325

5
" =& CNX% [c

For the products of MDCT/MDST matrices and their transposed versions the
following relations hold [15, 19]

, (3.26)

E EoroF E  .r
C%XN €k [C%XN] - S%xN Tk [ngN]

I
=
~

IS

I% J% 0 0
@ICy ) Gy = N[5t D DMy D)
7 XN XN 2 0 o0 I% J% 2 0 Iz;/ +J%
0 0 JvIn
4 4
(3.27)
I% —J% 0 0
nls, s =N e 00 NIy =Ty 0
XN XN 2 0 0 I% —J% 2 0 I%—Jg ’
0 0 —Jy In
3 4
(3.28)

where 0 is null matrix, 1 N is the identity matrix, and J y is the opposite diagonal

identity matrix, all of ord_er % It is clear that the MDCT and MDST matrices in
(3.26)—(3.28) have the same full rank (see Appendix A.1), i.e.,

N

E
rank (CngN) = rank (S§x1v) = 5

Let us denote their transposed matrices by [CE]Jr and [SE]+. Using the relations
(3.26)—(3.28) it can be verified that they satisfy Moore—Penrose conditions, and
therefore, they are called to be generalized inverses or pseudoinverses of their
corresponding matrices [15] (generalized inverse or pseudoinverse matrix is defined
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in Appendix A.1). Hence, the matrices representing the forward and backward
MDCT/MDST block transforms are actually pseudoinverse pairs.

The pseudoinverse matrix and its properties provide an elegant mathematical tool
to characterize the MDCT/MDST block transforms in a matrix representation. There
is the following interpretation of equations in (3.25). If we consider the forward
MDCT/MDST in matrix representation given by (3.24) to be systems of linear
equations, then the time domain aliased data sequences {)A(E_MDCT} and {f{E—MDST}
in (3.25) for given MDCT/MDST coefficients can be interpreted as least squares
solutions, i.e., solutions with minimum norm [76-78]. Moreover, we can derive
the time domain aliased data sequences for the backward MDCT and MDST block
transforms explicitly in terms of the original data samples [15]. Indeed, substituting
Eq. (3.24) into (3.25), i.e., performing the forward and backward MDCT/MDST
block transforms and using relations (3.27) and (3.28) we have

 E—MDCT ) E ) : N [(Iy +Jwv 0
[x "=« Cb,\,xg [c] =& Cf\,xg C%XN XT:-( 22 ) x',

2 0 Iy +Jn
2 2
(3.29)
AE-MDST 7 E e E E r N Iy —Jy 0 T
[x ] _TkSng[s] —‘L'kSNX%S%XNX —5(20 21%_1% X
(3.30)
rom Egs. (3. an . 1t follows that the time domain aliased data samples
F Eqgs. (3.29) and (3.30) it foll hat the time domain aliased d pl
AE—MDCT . o . . .
{x, } can be derived explicitly in terms of the original data samples {x,} as
~E—MDCT ~E—MDCT ~E—MDCT
n = Xn +xﬂ—1—n’ xﬁ_l_ =X, ’
2 2] n
AE—MDCT AE=MDCT _ E—MDCT —0.1 N 1
Xy pw = g TNt Ay =Xy, n=00 =
(3.31)

while the time domain aliased data sequence {)?i_MDST} can be derived explicitly as

E—MDST ~E—MDST ~E—MDST
= — XN = —
X, Xn = XN 1y x%_l_n X, ,
~E—MDST ~E—MDST ~E—MDST N
x%_i_n = XN 4y~ XN—1-ns xN_l_n——x%+n , n—O,l,...,Z—l.
(3.32)

In Egs. (3.31) and (3.32) we can clearly observe the recovered time domain aliased
data sequences including their forms both in terms of the original data samples and
their symmetry properties given by (3.14) and (3.15). With Egs. (3.31) and (3.32)
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in mind we can compute exactly the results of applying the forward and backward
MDCT and MDST block transforms.

Finally, consider the relations (3.20) and (3.21) between the evenly stacked
MDCT and MDST block transforms. Then, they can be represented in the matrix
products, respectively, as

E N E E N E
Sy = (D Ty Cy Dy Cuyy= (D5 Jy Sy, Dy (333)

where Jy is the opposite diagonal identity matrix, and Dy = diag {1,-1,1,...,—1}
is the diagonal odd sign changing diagonal matrix, both of order N.

3.2.2 Oddly Stacked MDCT Filter Bank

The development of oddly stacked system follows closely that of the evenly stacked
system. The oddly stacked, critically sampled SSB analysis filter bank based on
TDAC has been originally derived in the form of a block transform operation as
[23, 24]

N—1
m m 2 1
X;{ ) = COS(7T mk) ;x;;\u’_r hy—1—r coOs |:W7T (k + 5) (r + no)i| s
k=01,....N—1, (3.34)

where {X,"} are channel signals, and {x;"} are samples of the mth data block.
{hy—1—,} is a time reversed low pass prototype filter of the length N, or
equivalently, the analysis windowing function. The cosine modulation function
cos [%”(k + %)(r + no)] under the sum of (3.34) is referred to as the oddly stacked
MDCT kernel. From (3.34) it can be seen that the channel signals are defined by the
MDCT of windowed sequence and modified by cos(zr mk). Compared to the evenly
stacked system requiring the alternate applications of the MDCT and corresponding
MDST, the oddly stacked system requires application of the MDCT only.

The oddly stacked, critically sampled SSB synthesis filter bank has been
originally derived as a block transform operation in the following form [24]

(m)

N—1
2 1

Zcos(n mk) X, cos [Wﬂ (k+ 5) (r—i—no)] , r=0,1,...,N—1,

k=0

A(m)

X, =

Z|

(3.35)

where {)Acim)} are time domain aliased samples of the mth data block. From (3.35) and
with respect to (3.5), the data sequence {JAc(,m)} is actually the windowed backward
MDCT of the modified channel signals. The modifications by cos(x mk) in (3.34)
and (3.35) can usually be ignored since they result in odd channels being inverted
in frequency.
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Similarly, after applying the analysis MDCT filter bank followed by the synthesis
MDCT filter bank the time domain aliasing distortion is introduced. However, if the
perfect reconstruction conditions hold (see Sect.3.2.4), then for the phase factor
ny = %’ + %, the time domain aliasing is canceled, and the original data sequence
{x"”} is recovered from two adjacent time domain aliased data sequences {%. }
Alm+1)

and {x, '} by the windowing and overlap/add procedure defined by (3.5). More
technical details about the oddly stacked system can be found in [24].

Similarly as for the evenly stacked system, the windowing procedure and
perfect reconstruction conditions imposed on the analysis and synthesis windowing
functions {A,} and {g,} are discussed in detail in Sect.3.2.4, while the design of
windowing functions is discussed in Sect. 3.2.5.

Note 1: Based of the SSB DFT filter bank [75], the oddly stacked, critically sampled
SSB analysis and synthesis filter banks can be derived, respectively, in alternative
forms as [22]

X" = (=1)"* 2 e

Zx“") i e—iz,g’(k+§)(r+no)§ L i= 1,

N+
=0
k=01,...,N—1, (3.36)
and
N 2
=g, N‘Re%Z( ™ x," ¢ %kt ><r+no>} r=0,1,...,N—1.
k=0
(3.37)

Rearranging Eq.(3.36) and omitting factor (—1)"* compensated in the synthesis
filter bank we get [22]

X;im} =2 Ne §e_i Do) me;u- e %‘7’1(1‘+;)(’+;)} .
k=0,1,...,N—1. (3.38)
The transform kernel under the sum on the right-hand side of (3.38) is recognized
as the odd-time odd-frequency DFT (O’DFT). The definition of O?DFT and its
properties are presented in Appendix B.1.

3.2.2.1 MDCT and MDST Block Transforms

Since the oddly stacked MDCT is preferred in audio coding applications, the
forward and backward MDCT block transforms are defined and their properties
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in the frequency and time domains are investigated in more detail. Additionally,
the corresponding forward and backward MDST block transforms are defined and
similarly, their properties are investigated. Without loss of generality the superscript
m denoting the data block index is omitted.

Let{x,}, n =0,1,..., N—1 represent a windowed input data sequence before its
transformation, and N is assumed to be an even integer. Based on (3.34) and (3.35),
the forward and backward MDCT block transforms are, respectively, defined as [24]

ck—ancos[ (2n+1+ )(2k+1)] k=0,1,....N—1,

and

N—

._.

O MDCT

N
cp cos|: (2n+1+ )(2k+1):| n=0,1,....N—1.
(3.40)

4
N

End

=0

The corresponding forward and backward MDST block transforms are, respec-
tively, defined as [21]

sk_zxnsm[ (2n+1+ )(Zk—i-l)} k=0,1,....N—1,

n=0
(3.41)
and
41
O—MDST 4 2
B 2 ksm[ (2n+l+ )(2k+1):| n=01...N—1,
N prrt 2N
(3.42)
where {ck }/{sk} are MDCT/MDST coefficients, and {)?0 . }/{AO "y are time

domain aliased data sequences recovered by the backward MDCT/MDST. The data

sequences {5c “"Y in (3.40) and {fco "3 in (3.42) recovered by appropriate

backward transforms do not correspond to the original data sequence. In the context
of TDAC analysis/synthesis filter banks the distorted sequences {fcszDCT} and

AO—MDST

&,

} are said to be time domain aliased.
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3.2.2.2 Symmetry Properties of the MDCT and MDST Block Transforms

In order to investigate the symmetry properties of oddly stacked MDCT and MDST
block transforms, let us substitute N — k — 1 for k into (3.39), and we get

N—1
0 N
= n 2 14+ = 2 1 2k +1
CN—k—1 ;X cos |:JT( n+1+ 2)]COS[2N ( n+1+ )( + )i|
k=0.1,....N—1. (3.43)

The expression (2n + 1 + §) in cos [7(2n + 1 + §)] under the sum of (3.43) may
be odd or even depending on a value of % being even or odd, respectively. Thus, we
have

—cp. if @n+1+Y) isodd, k=0.1.....5 -1,
o

CNjey = (3.44)

o . N . _ N
¢, if (2n~|—1~|—5) is even, k—O,l,...,E—l,

implying that the MDCT coefficients have either the even anti-symmetry property
when % is even, or the even symmetry property when % is odd. The even symmetric
and anti-symmetric sequences are defined in Appendix G.1.

On the other hand, substituting N — k — 1 for k into (3.41), we get

sN —_ = — an cos|: (2n+1+%v)i|sm|:2N(2n+l+ )(2k+1):|

n=0
k=0,1,..., N—1. (3.45)

Similarly, the expression (27 + 1 + %) in cos [w(2n + 1 + %)] under the sum of
(3.45) may be odd or even depending on a value of %’ being even or odd, respectively.
Thus, we have

, s if @n+1+Y) isodd, k=0.1,....4 1,
SN—k—1 = (3.46)

—S;(:, if 2n+1+7%) iseven, k=0,1,....5 -1,

implying that the MDST coefficients have either the even symmetry property when
N

5 1s even, or the even anti-symmetry property when % is odd. From (3.44) and

(3.46) it follows that only % MDCT/MDST coefficients are unique.

The time domain aliased data sequences {)?:_MDCT} and {)%:_MDST} recovered by
the backward MDCT/MDST have the following local symmetries

AO—MDCT AO—MDCT AO—MDCT AO—MDCT

L A (347)
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AO—MDST AO—MDST AO—MDST AO—MDST 1 N 1
i a x%—l ’ x%-i—n = T AN—1=n> n =0, »--'72_ .

(3.48)

The symmetry properties (3.47) and (3.48) can simply be verified by proper
substitution into Egs.(3.40) and (3.42). It can be seen that {AO Mbe } exhibits
odd/even symmetries in the first/second half, whereas {xn } exhibits even/odd
symmetries in the first/second half. From an algorithmic point of view thig rSDeélTns

n 3

that it is sufficient to compute only the time domain aliased samples {X,
AO—MDST AO—MDST AO—MDST
1, by the backward

{N+ } and {X, }{N+ }forn:O,l,...,4
MDCT/MDST. Note that N must be integer divisible by 4.

Exploiting the symmetry properties (3.44) and (3.46), the oddly stacked forward
and backward MDCT block transforms are, respectively, expressed as [20]

c, = xncos|:2N(2n+1+ )(2k+1):| k=0,1,...,

and

¥

OMDCT:_chcos[ (2n—|—1+ )(2k+1)] n=01....N-1,
(3.50)

while the oddly stacked forward and backward MDST block transforms are,
respectively, expressed as [20]

N
s:: Xn sin[2 (2n—|—1+ )(2k+1):| k=0,1,,,.,3—1,
n=0
(3.51)
and
4
F . Sy cos|:2 (2n+1+ )(2k+1)} n=0.1,...,N-1
N =
(3.52)

It is noted that the normalization factor 1% in the backward MDCT and MDST

defined by (3.50) and (3.52), respectively, is very frequently uniformly distributed
between the forward and backward MDCT/MDST block transforms in the form
4

of N:
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3.2.2.3 Periodicity Properties of the MDCT/MDST Transform Kernels

Periodic and anti-periodic data sequences are defined in Appendix G.2. Denoting
the elements of oddly stacked MDCT and MDST kernels in (3.49) and (3.51),
respectively, as [20]

(c) b N

n cos|:2N(n+ +2)( + ):|

6} . b4 N

A — |2 1+=)Ck+1)], 3.53
k.n Sln|:2N(n+ + 2)( + )j| ( )

and substituting n + N, and then n + 2N for » into (3.53) we obtain

(c) (c) (c) (c)

len = = bonans len = tentons

© © ©®
— lentno ben = tingons ¥ ke (3.54)

[k,n -

Equation (3.54) implies that the MDCT and MDST transform kernels are anti-
periodic sequences with period N, and periodic sequences with period 2N.

3.2.24 Symmetry Properties of the MDCT/MDST Basis Vectors
For a given N, consider the MDCT and MDST transform kernels given by (3.53).

One can observe that the MDCT and MDST basis vectors exhibit the following local
symmetries [20]:

£ —_ 9 t(c) . t(c)
kY—1—n = Ckw kY4n = CkN=l-n

6} ) 6 ) N
’k,%—1—n_ s WYy = =1 Yk, n_O,l,...,Z—l.

(3.55)

The symmetry properties of the MDCT and MDST basis vectors (3.55) can be
simply verified by proper substitution into Eq. (3.53). Note that they are quite similar

to those of the time domain aliased data sequences {ngMDCT} and {igiMDST} given
by (3.47) and (3.48), respectively.

3.2.2.5 Special Properties of the MDCT/MDST Block Transforms

Studies of the MDCT block transform and its implications to audio coding and
error concealment have been presented in [27-29]. In these, characteristics of the
MDCT of a single data block both in time and frequency domains are analyzed
(symmetry and non-orthogonal properties, energy-compaction capability, and the
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concept of TDAC), and their impact on audio coding performance are discussed. In
particular, based on Fourier frequency analysis the authors formulate conditions in
which MDCT coefficients become zero even with nonzero time domain samples in
the single data block. Also, conditions are derived in which the original time domain
samples can be perfectly reconstructed by performing forward and backward MDCT
block transforms without even applying an overlap/add procedure. These conditions
constitute special or the so-called peculiar properties of the MDCT block transform.

Claim 1 If the input data sequence {x,} exhibits a local symmetry such that

N

——1 3.56
7L (3.56)

XN gy = = XN—1-n; n=20,1,...

then the MDCT coefficients are degenerated to zero, i.e., c,i) = 0 for k =

0,1,.... 5 —1.

In order to prove this property, let us split the forward N-point MDCT block
transform given by (3.49) into two sums as

-1
0 4
ckzgxncos[ﬁ(%—i-l—i- )(2k+1)]
+ancos|: (2n+1+ )(2k+1)]

:Zx,, cos|: (2n+l+ )(2k—|—1)]

N
—i—ZxNJrn cos[ (2n+1+3 )(2k+1)i|,

and substituting % — 1 — n for n into both sums we get

Y
Py
0 N
¢ = E (xn—xg_1 .) COS |:2N (2n+ 1+ )(2k+ 1):|

n=0
N
71

N
+ ;(x%n + XN—1—n) COS [% (2n +1+ 35) 2k + 1)]

41
14 N
= Z(xn —x%_l_n) cos [ﬁ (Zn + 1+ E) 2k + 1)j|

n=0

¥

+ Z (.XN+n + XN—1—n) COS |:2N (2n +1- E) 2k + l)i| . (3.57)

n=0
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Now, the special property stated by Claim 1 immediately follows from Eq. (3.57).
The property also illustrates that the MDCT block transform does not fulfill
Parseval’s theorem [29]. Note that the N-point MDCT block transform has been
decomposed into two %’—point MDCT block transforms.

Claim 2 If the input data sequence {x,} exhibits a local symmetry such that

X = = XNy XN 4y = IN—1-n n =0,1,...,IZV— 1, (3.58)
then by the forward and backward MDCT block transforms, the original input
data sequence will be perfectly reconstructed without the need for an overlap/add
procedure, i.e., )%:_MDCT =x,forn=0,1,..., N—1.

This property immediately follows from (3.47) and (3.57). The properties stated
by Claims 1 and 2 are very special theoretical cases which rarely occur in real audio
coding applications, especially after the proper windowing operation. Nevertheless,
in both cases the time domain aliased samples can still be perfectly reconstructed
by the overlap/add procedure. However, based on Claim 1 if the input signal is
close to (3.56) then the MDCT spectrum will show an unwanted and unrecoverable
behavior. For completeness, additional properties are presented in the following text
as partial cases of Claim 2.

Claim 3 If the input data sequence {x, } exhibits a local symmetry such that

N

s — 1 3.59
2 (3.59)

Xn = XNy XN 4y = XN—1-n, n=20,1,...

then after applying the forward and backward MDCT block transforms, the first

AO—MDCT

half of the recovered data sequence will be equal to zero, i.e., X, =0,n=
0,1,..., %’ — 1, and the second half of the original data sequence {xv ,,} will be
2
perfectly reconstructed without an overlap/add procedure, i.e., XYy = Az_r:a,
2

— N
n=01,...%-1.

Claim 4 If the input data sequence {x,} exhibits a local symmetry such that
N

Xn = = XNy XN gy = = XN—1-n; n=0,1,..., T 1, (3.60)

then after applying the forward and backward MDCT block transforms, the first half
of the original input data sequence {x,} will be perfectly reconstructed without the

need for an overlap/add procedure, i.e., x,, = )%Z_MDCT, n=0,1,..., %V — 1, and the
. . AO—MDC
second half of the recovered data sequence will be equal to zero, i.e., xz f; T = 0,
2

n=0,1,....5 -1
9 9 9 2
Properties stated by Claims 3 and 4 also follow from (3.47) and (3.57).

Note 2: The special properties of the MDST can be derived in a similar way.
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3.2.2.6 Relation Between the MDCT and MDST Block Transforms

In order to obtain the relation between the oddly stacked MDCT and MDST block
transforms, let us substitute %’ —k—1for kin (3.49) and (3.51), and we, respectively,
get [20, 21]

cN ey = (D Z( " x, sm|:2N(2n+l+N)(2k+l):|

n=0
N
k=015 1L (3.61)

and
0 N n N
Sy_jy = (=1 Z( 1)" x, cos 24142 ) @+,
k=0,1,..., = —1, (3.62)

Equations (3.61) [and (3.62)] imply that the MDST coefficients {s:} (MDCT

coefficients {CZ}) can be simply obtained from the MDCT (MDST) ones only by
sign changes applied to odd-indexed samples in the original data sequence, and after
the MDCT (MDST) computation, the MDST (MDCT) coefficients are in reverse
order.

The relations between the MDCT and MDST block transforms result in a simple
method to compute MDST (MDCT) using only one fast algorithm for the MDCT
(MDST) computation.

3.2.2.7 Relation Between the MDCT/MDST and O?DFT

Based on (3.38), the oddly stacked MDCT and MDST block transforms can be
expressed in terms of the O?DFT as follows [22, 26]:

N—1
X, = e~ FOkHD an o~ I kD @n+1)

n=0

—an cos|: (2n+1+ )(2]{—}—1)]
—i an sm|: (2n+1+ )(2k+1)]

k=0,1,...,N—1. (3.63)
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From (3.63) one can see that the MDCT is the real component of O*DFT while
the MDST is the imaginary component of O?DFT. The definition of O?DFT and its
properties are presented in Appendix B.1, and its fast algorithm in Appendix B.2.
It is noted that the arguments of MDCT/MDST kernels can alternatively be
written as

T

N T T
N (2n +1+ E) 2k+1) = fv(Zn +DRk+1)+ Z(2k+ 1). (3.64)

3.2.2.8 Relation Between the MDCT/MDST and DFT

To derive convolution (linear filtering) algorithms in the MDCT/MDST domain, the
oddly stacked MDCT and MDST block transforms have been expressed in terms of
the DFT as follows [25, 26].

Consider an N-point windowed data sequence {x,}. Then, its unnormalized N-
point DFT and the corresponding real part are, respectively, given by

gl 2mnk Rl 2nnk
N . 2mn
:Eyﬂﬂw,mdﬂ:Exwm[ },szL“W—L
fk n=0 ¢ n=0 N

(3.65)

If in the real part of (3.65) we replace n with 2n + 1 4+ %’, k with 2k + 1 and N
with 2N, we obtain the expression for MDCT. Replacing n with 2n 4+ 1 + %’ in
X, is equivalent to up-sampling {x,} by a factor 2 followed by shifting %’ samples.
Similarly, replacing k with 2k 4 1 is equivalent to subsampling by a factor 2 in the
frequency domain. Changing N to 2N results in 4N-point DFT instead of N-point
DFT. It means that the MDCT of {x,} is equal to the real part of the subsampled
4N-point DFT of {y,},n = 0,1,...,4N — 1, where {y,} is obtained from {x,} by
up-sampling and shifting [25], i.e.,

X, n=0,1,...,N—1,
Yont1+5 = { 0, otherwise. (3.66)
Then, the MDCT coefficients are expressed in terms of the DFT ones as [26]
! N
o = e {fun k=051 (3.67)

where {f;,f 117 is the 4N-point DFT of {y, } given by (3.66). The first 2N values of the
4N-point DFT provide the full spectrum of the N-point signal. By the symmetry of
the DFT, the first 2N values are equal to the second 2N values, but sign changed [25].
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Following the similar steps, the MDST coefficients are expressed in terms of the
DEFT ones as [26]

N
" } k=0,1,...,~—1. (3.68)

0 o~
S = T S Yot

Note 3: A method for the DFT spectrum estimation from the MDCT and MDST
spectra has been developed in [31]. Specifically, based on matrix analysis, a sparse
matrix representation for the conversion to and from the DFT has been derived.

3.2.2.9 Matrix Representations of the MDCT and MDST Block
Transforms

Consider the oddly stacked MDCT and MDST block transforms defined by (3.49)
and (3.51), respectively. The symmetry properties (3.44) and (3.46) imply that
only % rows of MDCT and MDST matrices are linear independent. Therefore, let

Cong and SéxN, be the %V x N MDCT and MDST matrices, respectively. Then

0 o 0 ] ..
[Cy, " = Cyn and [Sy ] = S, », where T denotes transposition. Next,
2 2 2 2
o o 0 o ] o o o
let x = [x0,x1,...,Xn—1], € = [co,cl,...,cﬁ_l],ands = [so,sl,...,sﬁ_l]be
2 2

row vectors, and x, [cO]T, and [sO]T their corresponding column representations.
Then (3.49) and (3.51) for the forward MDCT and MDST block transforms can be,
respectively, written in the equivalent matrix-vector form as

[0 o 0] o
]’ = Cyn x!, s |7 = S x!, (3.69)
while (3.50) and (3.52) for the backward MDCT and MDST block transforms
without the normalization factor % can be, respectively, written as

,\O—MDCT]T 0 o ,\O—MDST]T o

[k =Chy ). R = Sy 1" (3.70)

For the products of MDCT/MDST matrices and their transposed versions, the
following relations hold [15, 19]

0 0 o 0
Cyn [C%XN]T =Sy [S%XN]T = Iy, (3.71)

I% —J%O 0
0 0 N|—Jy Ixn 0 0 N (Iv —Jwn
Cy J'Cy =~ L =—|z "2 372
[ngl N4l 0 o Iy Jy 4( 0 112v+JA2/)( )
0 0 JnlIn
4 4
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I% J% 0 0
0 0 N|l|JvIv 0 0 N (Ix +Jwn 0
Sy Syav=71 " o = — : 3.73
[¥XN] SxN 4 0 0 1% —Jﬁl 4( 0 11;1—.]1;/)( )
0 0 — y I%

where 0 is null matrix, I y is the identity matrix, and J y is the opposite diagonal

identity matrix, all of order % Now it is clear that the MDCT and MDST matrices
in (3.71)—(3.73) have the same full rank (see Appendix A.1), i.e.,

0 0 N
rank (C%XN) = rank (S%xzv) =5

Let us denote their transposed matrices by [CO]+ and [SO]+. Using the relations
(3.71)—(3.73) it can be verified that they satisfy Moore—Penrose conditions, and
therefore, they are called to be generalized inverses or pseudoinverses of their
corresponding matrices [15] (generalized inverse or pseudoinverse matrix is defined
in Appendix A.l). Hence, the matrices representing the forward and backward
MDCT/MDST block transforms are actually pseudoinverse pairs.

Similarly as for the evenly stacked system, we can derive the time domain
aliased data sequences for the oddly stacked backward MDCT and MDST block
transforms explicitly in terms of the original data samples [15]. Indeed, substituting
Eq. (3.69) into (3.70), i.e., performing the forward and backward MDCT/MDST
block transforms and using relations (3.72) and (3.73) we have

LO—MDCT 7 0 oy 0 0 T_N Ig—.]ﬁ 0 T
[X ] _CNX% [C] _CNX% C%XNX —Z< 2 0 214_’_1% X,
(3.74)
AO-MDST.7 0 o7 O 0 T_N Iy +Jn 0 r
(x I'=S8,v[s] _Sng S%XNX _Z< 2 0 Iy X
(3.75)

From Egs. (3.74) and (3.75) it follows that the time domain aliased data samples

AO—MDCT . o . . . .
{x, } can be derived explicitly in terms of the original data samples {x,} as
A~O—MDCT A~O—MDCT A~O—MDCT
x, =X = XNy, Ty = ,
AO—MDCT AO—MDCT AO—MDCT N
x%_i_n =x%+n+xN_1_n, XN—1—n =x%+n , n=0,1,...,z—1,

(3.76)
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while the time domain aliased data sequence {)%Z_MDST} can be derived explicitly as

AO—MDST AO—MDST AO—MDST

X, = Xp -I-x%_l_n, x%_l_n =X, ,

AO—MDST AO—MDST AO—MDST N

X%H = XN 4 T AN—1-ns Xy—1op ——x%_n , n—O,l,...,Z—l.
(3.77)

In Egs. (3.76) and (3.77) we can clearly observe the recovered time domain aliased
data sequences including their forms both in terms of the original data samples and
their symmetry properties given by (3.47) and (3.48). With Egs. (3.76) and (3.77)
in mind we can compute exactly the results of applying the forward and backward
MDCT and MDST block transforms.

Finally, consider the relations (3.61) and (3.62) between the oddly stacked
MDCT and MDST block transforms. Then, they can be represented in the matrix
products, respectively, as

o N o o N [
Sk = DIy €y Dy Chyy =Dy Sy Dy (378)

where Jy is the opposite diagonal identity matrix, and Dy = diag {1,—1,1,...,—1}
is the diagonal odd sign changing diagonal matrix, both of order N.

3.2.2.10 Consequences of MDCT/MDST Matrix Representations

From a viewpoint of terminology used in the literature the matrix representations of
the MDCT and MDST block transforms imply two very important facts:

1. Contrary to the discrete trigonometric transforms (various versions of DCT
and DST transforms) [74] which are represented by square invertible orthogo-
nal/orthonormal matrices of order N (therefore forward and inverse transform),
the MDCT and MDST block transforms are represented by non-square % x N
matrices for which matrix inversions are not defined (actually, there exist their
pseudoinverses [15]). Consequently, the notion of “inverse MDCT/MDST,”
frequently used in the literature, is vague from a standpoint of matrix theory. The
more comprehensive notion to be used is “backward MDCT/MDST” (preferred)
or “reverse MDCT/MDST.” The second argument supporting such a conclusion
is that compared to discrete unitary transforms, the MDCT/MDST do not fulfill
Parseval’s theorem, i.e., its time domain energy is not equal to its frequency
domain energy. There exist several published papers pointing out and discussing
this topic [27-30].

2. Further, the discrete trigonometric transforms [74] for input data sequences
of length N generate N unique frequency coefficients (therefore N-point
forward and inverse transform). Hence, the notion of “N-point” is naturally
associated with the length of a input data sequence. In the case of the
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MDCT/MDST, the forward MDCT/MDST block transforms for input time
domain sequences of lengths N generate %’ unique frequency coefficients
while the backward MDCT/MDST for % input frequency domain coefficients
generate N time domain aliased samples. Therefore, we would use the notions
N-point forward MDCT/MDST and %’-point backward MDCT/MDST block

transforms.

3.2.2.11 Relations and Products Among MDCT/MDST Block
Sub-matrices and Their Properties

Consider the matrices C(; «y and Sz v 1 (3.69) representing the forward MDCT
2 2

and MDST block transforms, respectively. Since C(; <y and S(& «y are non-square
2 2

matrices, we know that their inverse matrices do not exist. However, together
with their corresponding transposed versions provide pseudoinverse pairs (see
Appendix A.1).

Let the matrices CZ v and SZ v be split into the following two square blocks
sub-matrices: ’ ’

Coow=(KyLy), Sy, =(Py0y). (3.79)

where K xs L% and P%, Q% are square nonsingular sub-matrices of order %

Splitting the matrices CéxN and SéxN into two block square sub-matrices is
very useful in a solution of many problems represented in the block matrix form,
and plays a key role in the derivation of a relation between MDCT and MDST
coefficients directly in the frequency domain (see Chap. 6). Based on the relation
(3.78), the sub-matrix pairs K ys P% and L x, 0 y are closely related as

N N
4 4

Pg = (-1) J%K%D%, Q% =(-1 J%L%D%, (3.80)
where the elements of K N and L% are, respectively, given by
b4 N
{Ky jkn = cos [ﬁ (2n +1+4 5) 2k + 1)} ,
3N
{Ly}in = cos [% (2n F1+ 7) 2k + 1)} ,
N
k,n=0,1,...,5—1. (3.81)
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According to (3.80) the elements of P% and Q% are, respectively, given by

n+ o T N
{P%}%_]_kﬂ = (—=1)""% cos [5] (Zn + 1+ E) 2k + 1):| ,
n4 N V4 3N
08}y 1= (=D T4 cos [ﬁ (Zn +1+ 7) (2k + 1)} ,
N
k,n=0,1,...,——1. (3.82)
2
Then, the transposed matrices [C'y = vxy and [SO% =S nx in the block
form are, respectively, given by
o Ky 0 P,
Coa={2 ] Sva=|o | (3.83)
2 7

T T
and the row vectors of K y / L% and Py / Q% become the column vectors of K y /Ly
< 2 2

and PTN / QTM. For clarity, the sub-matrices K y and L y defined in (3.79) in explicit
2 2
form for N = 8 are given by

St I _ I _ St _ 3r _ T _ T o_ 3
Cos 16 COos 16 Cos 16 Cos 16 Cos 16 Cos 16 Cos 16 Cos 16
—cos Z —cos 3 s Ed I _ oos 3T — cos 3 I
Ccos 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16
K,= Ly= ;
I 31 os 3T —cos IZ I _os 3T —cos 3T x
COoS 16 Ccos 16 Ccos 16 Cos 16 Cos 16 Cos 16 Ccos 16 Cos 16
3 oos & L _og 3L St _os I — cos 1Z Sn
COos 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16 Cos 16 Cos 16 Cos 16
and the sub-matrices Py and Qv in explicit form for N = 8 are given by
2 2
3 z z 3 51 aos T — cos ZX — cos 3X
Cos 16 COoS 16 COoS 16 COoS 16 CosS 16 Ccos 16 Cos 16 Cos 16
It _ os 3T — cos 3 In I o5 3L —cos ST —cos X
COosS 6 Cos 16 Cos 16 Cos 16 Ccos 16 Ccos 16 Ccos 16 Cos 16
P4=
—cos & ST ST oog I IT cos 3 — cos 3T — cos
COoS 16 COoS 16 COoS 16 COoS 16 Ccos 16 Cos 16 Cos 16 Cos 16
s In _ In EL4 — ELS T _ 4 3
COoS 16 Cos 6 Cos 16 Cos 16 Cos 16 Cos 16 Cos 16 Cos 16

From the explicit forms of sub-matrices immediately we can observe between pairs
K4, O, and L4, P, the following basic relations:

* Even-indexed row vectors of K, are the same as even-indexed row vectors of Q,,
while odd-indexed row vectors of K4 are equal sign changed odd-indexed row
vectors of Q.
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¢ (dd-indexed row vectors of L, are the same as odd-indexed row vectors of Py,

while even-indexed row vectors of L4 are equal to sign changed even-indexed
row vectors of Py.

Indeed, the above-mentioned basic relations can be expressed in the matrix forms as

In general, investigating the symmetry properties of row vectors of K y, Q% Py,
and Q% we obtain matrix forms given by .

KyJy=-Ky, LyJy=Ly, JyxKy=Ky, JyLy=Ly,
2 2 2 2 2 2 2 2 2 2 2 2
T T T T
Pydy="Fy. QyJy=-Qy.  JyPy=Py JyQy=-0y
(3.85)

implying that row vectors of K y and Q% have the even anti-symmetry property,

while row vectors of L% and P% have the even symmetry property (see
Appendix G.1).

From (3.71) to (3.73), using block forms (3.79) and (3.83) we obtain properties
of (the sum) products of K N, L% and P%, Q%. Specifically, from (3.71) we get

Iy, (3.86)

indicating that the matrix products K y KTE, L%LTE, P%PTE, and Q% QTH are symmet-
2 2 2 2
ric matrices. Further, from (3.72) and (3.73) we get

T T N
Ky Ky =0y 0y =3 (I —Jy),
T T N
Ly Ly =Py Py =Z<I% +Jg), (3.87)
and
KyLy=LyKy=0y, KyLy=LyKy=0x,
2 7 2 7 2 5 2 37 2 2
T T T T
PEQH=QEPM=OE, PﬂQﬂ=QﬁPM=0E (388)
2 2 2 2 2 2 2 2 2 2
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Matrix products in (3.88) are based on the fact that the scalar products of
row/column even anti-symmetric/symmetric or even symmetric/anti-symmetric
nonzero vectors are always equal to zero. Finally, knowing the symmetry properties
of row vectors given by (3.85) the same properties hold for the matrix products:

Ky Py =Py Ky = Oy,
2 3 2 5 2
T T
LvQOy=0vLy=0x (3.89)
2 <5 2 3 2

3.2.3 Relation Between the Evenly and Oddly Stacked MDCT

The relations between the MDCT and corresponding MDST block transforms both
for the evenly and oddly stacked systems given by (3.20) and (3.61) allow us to
concentrate on the MDCT block transforms only.
Consider the evenly stacked MDCT block transform defined by (3.16), and the
oddly stacked MDCT block transform defined by (3.49). The oddly stacked MDCT
. o . . .
coefficients {c, } satisty the following relation [19]

c: + c,f_l = cz for k > 0,
2 = cq. (3.90)
where {ci} are evenly stacked MDCT coefficients. In fact, using the trigonometric
identity cos(a+f) = 2 cos(a) cos(B) —cos(x—fB) and setting o« = 5 (2n+1+ %’)k,

B=xC2n+1+ %’), the oddly stacked MDCT given by (3.49) can be written in
the form

N—1

N N
c: =”X=:O(2xn cos[% (2n+1+5):|) cos[}zV (2n+1+5)k:|—c:_1,
N
k:O,l,...,E—l. 3.91)

The transform kernel under the sum of (3.91) is recognized as an N-point evenly
stacked MDCT of the modified input data sequence. Hence, the N-point oddly
stacked MDCT is converted to the evenly stacked MDCT of the same size with
additional N pre-multipliers and %—1 recursive post-additions. The relation between
oddly stacked MDCT and evenly stacked MDCT is quite similar to that of between
the DCT-IV and DCT-II (see Appendix C.3). From (3.91) we have

N N
czz Vn cos[}%(Zn—i—l—i—E)k} — CZ_I, k:O,l,...,E—l,

(3.92)
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where
b4 N
= 2x,c08 | —(2n4+1+ )|, —0,1,....N—1, 3.93
y xcos|:2N(n+ +2)} n (3.93)
and
2c) = ¢, if k=0,
¢, =c, —cp, for k>0, (3.94)

The relation between the oddly stacked MDCT and evenly stacked MDCT given by
(3.92) can be equivalently represented by the matrix product

N ’ ( )
dlag 2 COS 2’1 + l + 3. 95
XN ZN ! N

where By is a lower triangular matrix of order %’ given by
2

O
Cyy=By C

vz &

10000
-1 1 000
1-1 100
By = S R (3.96)
l. : P
—4 1-11--1

On the other hand, the matrix B~ and diagonal matrix on the right-hand side
of (3.95) are nonsingular and therefore, their inverse matrices exist. Performing
matrix multiplications on both sides of (3.95), i.e., left-multiplying by Bz, then
right-multiplying by inverse diagonal matrix, we get ’

1

E —1 o
C =B, C dia , 3.97
o =By Coan B0 ) S = G T 3] GI7
where B, is the lower bidiagonal matrix of order & given by
2

200 -+ 0

110 --0

Lo lotr o
By =1.... 1 (3.98)

2 oLl :

000---110

000---0 11
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and the computation of evenly stacked MDCT can be realized via an existing fast
oddly stacked MDCT algorithm only by pre- and post-processing of input and
output data sequences.

3.2.4 Windowing Procedure and Perfect Reconstruction
Conditions

We discussed so far both the evenly and oddly stacked systems in the forms of block
transforms or alternatively in matrix-vector representations and we investigated
their general properties in time and frequency domains. But the complete TDAC
evenly and oddly stacked systems include the windowing procedure to eliminate the
blocking artifacts. On the other hand, to achieve the TDAC, i.e., the original data
sequence will be perfectly reconstructed by the synthesis filter bank, the analysis and
synthesis windowing functions have to satisfy the so-called perfect reconstruction
conditions [18 241.

Let { } and {x, } be two adjacent overlapped data blocks. Transform these
data blocks by the forward MDCT followed by the backward MDCT block trans-
form. Assuming that no changes are made in data blocks during the transformation,
we find that the original signal in the overlapped part is perfectly reconstructed even
without windowing. Indeed, according to the overlap/add procedure given by (3.5)
and using (3.31), (3.32) for the evenly stacked system or (3.76) for the oddly stacked

(m+1)

system, whereby in the overlapped part the following relations hold: x(m+1) = (z)+n
2
m+ m
and x ( K —x}v)lnforn—O,l,... 5 — 1, and we have
) A1) D ) N
’;’+n+x (xN+,,+xN 1—n) T+ (%, N - n)—lev_i_n,n:(),l ----- Z_la
(3.99)

and the second half of the original data sequence {2xx;lll n} in the overlapped part

can be obtained from the symmetry properties of proper {x ¥y } and {AWFI)}

The main objective in audio compression applications i 1s to represent the trans-
formed audio signal by fewer bits, while keeping the audio quality at an acceptable
level. In modern encoders, signal parts that are not audible are removed resulting
in a loss of information. Consequently, after coding and decoding the transformed
signal is changed slightly and we can no longer expect a perfect reconstruction
compared with the original audio signal. Of course, the remaining information that
is passed should be analyzed and synthesized without errors. A serious problem
here is that when data blocks are obtained using rectangular windows, sudden
signal changes (“discontinuities”) at the block boundaries are to be expected, that
will affect the coded data in an unrecoverable way. To eliminate these so-called
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“blocking artifacts,” each data block is multiplied by a windowing function such
that the data block ends smoothly at both boundaries, while keeping overall gain
constant during the block transition. In order to accomplish this while keeping the
perfect reconstruction property for the analysis/synthesis process, the windowing
functions are applied to both the input and output of the transform procedure as
follows.

Let hf) and h;l) be the windowing functions applied to the input data blocks m

and m + 1, respectively. Assume the windowed data blocks {\ x"}, {h x"""},

n=0,1,...,N — 1, are transformed by the forward MDCT block transform. Let
gf) and g;l " be the windowing functions applied to the outputs after performing the

backward MDCT block transform. Then from (3.99) we have

(0) ©) (m) ©) (m) O] 1 m 1) (m)
g%_;_n (h%+n x%_;_n + hN—l—n xN—l—n) + & (hn x%_;_n - h%_]_n xN—l—n)

© © M W © o W )
= (8%4_" h%+n +8, h, )x%_,_n + (g%_,_n hy_1—n — &, hg_l_n) XN—1—n"

N
5 1, we

In order to recover the original data sequence {x::)_ﬂ L,n=0,1,...
2

need the coefficient of x(g)ﬂ to be one and the coefficient of xx;”_l_n to be zero. In

other words, the perfect-reconstruction conditions for windowing functions have to
be satisfied as follows

©0) (©) ©)

g%—i—n %_1_” + gn hn - 1’
(0) ) (OR0) N
g%_n Nelen — & h%_l_nzo, n:O,l,...,E—l. (3.100)

Usually, the same windowing functions are used for all data blocks, so we can drop
the superscripts, i.e., i, = h;o) = hfll) and g, = g:}) = g:). If h, = g, is identical
both for the analysis and synthesis MDCT filter banks, then from (3.100) the perfect-

reconstruction conditions in the overlapped part are given by

N
hy, = hy—1—,, or h%-ﬁ-n:h%—l n=0,1,...,3—1. (3.101)

—n’

Equation (3.101) implies that the windowing function {/,} has to be symmetric.
The reader is referred to a draft document [30] where mathematical properties of
the oddly stacked MDCT are proved using basic trigonometry only.



70 3 MDCT/MDST, MLT, ELT, and MCLT Filter Banks: Definitions, General. . .

3.2.4.1 Matrix Representation of the Windowing Procedure

Denote by {w,},n =0,1,...,N — 1, a symmetric windowing function identical for
the analysis and synthesis filter bank. Let Wy be a diagonal matrix with elements
{w,} on the main diagonal defined as

wy 0

Wy = 2 , 3.102
N 0w ( )
2

where W(&) and W(;) represent the first and the second half of the windowing
2 2

function, respectively. In order to ensure TDAC, windowing functions of two

succeeding data blocks have to satisfy the perfect reconstruction conditions (3.101)

which are defined in the matrix form by Britanak and Arriéns [20]

1) (1) (2) (2) 1)

Wy Wy + Wy Wy =1y, W(;) =Jnx Wy Ju, (3.103)
2 2 2 2 2 ] 2 7 2

where 1 y is the identity matrix, and J N is the opposite diagonal identity matrix,
both of order %’

3.2.5 Design of a Windowing Function

Since a windowing function has a significant impact on the MDCT filter bank
frequency response [32, 33] motivated by results described in [35], an important
problem in MDCT-based perceptual audio codecs has been the design of an
additional windowing function (or prototype finite impulse response low-pass filter)
satisfying the perfect reconstruction conditions.

Smoothing windowing functions, in general, are characterized in the frequency
domain by the normalized DFT spectrum [35, 36, 42]. The frequency log-magnitude
response of a windowing function consists of the main-lobe and sidelobes with
increasing frequency. The reduced level of monotonically decreasing sidelobe
magnitudes is related to the reduction of audible blocking artifacts (leakage
attenuation or stop-band attenuation), while the width of main-lobe is related to the
accurate frequency identification (frequency resolution) of the windowing function.
However, a trade-off exists between the level of side-lobe magnitudes and main-
lobe width. As the magnitude of side-lobes is decreased, the main-lobe width is
increased. This is consistent with the reciprocal relationship between the frequency
and spatial domains, i.e., narrow frequency bandwidths correspond to wide spatial
functions [32, 42]. On the other hand, it was shown that the shape of windowing
function determines the degree of frequency separation of the MDCT filter bank
[35]. Thus, some major factors in the design of filter banks for audio coding are the
ability to maximize their frequency separation and the ability to minimize spectral
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leakage. Two parameters of the windowing function are directly linked to these
properties: selected size of the data block and the shape of windowing function.
Generally, the best choice of windowing function is application-dependent [32].

3.2.5.1 Commonly Used Windowing Functions in Audio Coding

Frequency selectivity of the MDCT filter bank is dependent on a windowing
function [32, 33]. In the following, commonly used symmetric windowing functions
in audio coding applications satisfying perfect reconstruction conditions (3.101) are
presented.

¢ The rectangular windowing function defined as [32]

wp=—=. n=01,..N-1 (3.104)
V2

This windowing function is not often used in audio codecs because it produces
an MDCT filter bank with poor frequency resolution.
* The sine windowing function is defined as [32, 38, 41, 63]

2+ 1
wn:sin[m}, n=01,. .. N—1. (3.105)
N

It produces good frequency separation (in particular, DC energy is concentrated
in a single coefficient) and it is asymptotically optimal in terms of coding gain
(efficiency). Therefore, its properties are typically referred as the performance
benchmark when a new windowing function is proposed. The sine windowing
function is used in the MP3 [32] and MPEG-2 AAC [32, 33] audio coding
standards. A plot of the sine windowing function for N = 2048 is shown in
Fig.3.1.

* The coding efficiency of MDCT filter bank can be improved replacing the sine
windowing function by a windowing function having better leakage attenuation
property for some class of signals. Such a parametric, the so-called Kaiser—Bessel
Derived (KBD) windowing function, was constructed by Dolby Labs [32, 38, 41].
The parametrized KBD windowing function is derived by a numerical procedure
from the parametrized symmetric modified zeroth-order Kaiser—Bessel function
[32] (see also Chap.6). In general, a parametric windowing function leaves
much flexibility in controlling its shape and hence, desired frequency resolution
(mainlobe width) and leakage attenuation property (level of sidelobe magnitudes)
by adjusting its free parameter. The KBD windowing function is employed in the
Dolby Digital (Plus) AC-3 audio compression algorithms with parameter « = 5,
while in the MPEG-4 AAC with « = 4 (long windowing function) for stationary
signals, and with ¢ = 6 (short windowing function) for transient signals [33].
Plot of the KBD windowing function for N = 512 and @ = 5 is shown in
Chap. 6 (see Fig. 6.1).
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Fig. 3.1 Plot of the sine windowing function for N = 2048
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Fig. 3.2 Plot of the Ogg Vorbis windowing function for N = 2048

e The Ogg Vorbis audio compression algorithm (fully open, nonproprietary,
and patent royalty-free distributed) uses the windowing function defined by
Wright [30]

2+ 1
wo=sin| = sin? (F2AEDY o N (3.106)
2 N

A plot of the Ogg Vorbis windowing function for N = 2048 is shown in Fig. 3.2.

The Ogg Vorbis windowing function, but defined in a low overlap form (the
so-called power complementary windowing function with reduced overlap), is used
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in the royalty-free Constrained-Energy Lapped Transform (CELT) audio codec
[46, 47] with especially low algorithmic delay intended for applications, where
high-quality and low delay are desired. The original stand-alone CELT codec has
been integrated as a one layer into the open, royalty-free hybrid OPUS interactive
speech and audio codec [45, 48].

Note 4: In general, any customized windowing function for the MDCT filter
bank satisfying perfect reconstruction conditions (3.101) can be derived from a
parametrized initial symmetric nonnegative kernel function of the length M + 1.
The resulting windowing function {w,} is generated by applying a transformation
of the form [32, 41]

Y S T VR (3.107)
Zj:O Uj

where {v;} represents the symmetric nonnegative kernel. The resulting identical
analysis and synthesis windowing function {w,} is of the length M and symmetric.
The simple parametrized and symmetric Landau nonnegative kernel function is
reported in [39]. It is defined in the analytical form as

v) = (1-22)F, xe<—1,1>, (3.108)

where f§ is the free parameter. Taking a discrete version of (3.108) as an initial
symmetric nonnegative kernel given by

N\ 2
v = 1| —5 . on=0,1,...,~, (3.109)
T 2

and by applying the normalization procedure defined by (3.107) we obtain a
customized, the so-called Landau Designed (LD) windowing function.

3.2.5.2 Low (Reduced) Overlap Windowing Functions

The primary sources of algorithmic delay inherent in the encoding/decoding chain
of MDCT-based audio coding schemes is the block-based processing associated
with data block size and filter bank algorithmic delay due to the overlap/add
procedure of the filter bank with 50% overlap of previous and subsequent data
blocks. We note that the algorithmic delay is defined as the theoretical minimum
delay allowed by an algorithm [43, 44].

In order to minimize the total algorithmic delay of MDCT-based audio coding
schemes, the transform block size is reduced and it is combined with a low (reduced)
overlap windowing function. As an example, the low (reduced) overlap symmetric
windowing function [46—48]. is constructed as follows. The 512-sample MDCT
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data block is divided into 256-sample frames, with each block composed of two
frames. To reduce the delay, the overlap is only 128 samples, with a 128-sample
constant region in the center (samples are equal to 1), and 64 zero samples on each
side. For the overlap region the Ogg Vorbis windowing function is constructed [see
Eq. (3.106) for N = 128]. Thus, the effective overlap is reduced with the zeros on
each side, while still maintaining the perfect reconstruction property. This results in
an algorithmic delay of 384 samples for 256-sample frame size with 128 samples
look-ahead (see Fig. 1 in [46], or Fig. 3 in [47]). The same windowing function is
used for the analysis process and overlap/add synthesis process.

3.2.5.3 Biorthogonal Conditions for Nonidentical Windowing Functions

Although in the most audio coding applications the identical windowing functions
both for the analysis and synthesis TDAC filter banks are used, this assumption is not
necessary to maintain the perfect reconstruction property. The perfect reconstruction
can be maintained also in the case, when the analysis and synthesis windowing
functions are nonidentical [40]. Relaxing the constraint on windowing function
shape allows an additional degree of freedom for controlling the shape of windowing
function and frequency domain selectivity of a filter bank. Such TDAC filter banks
are called biorthogonal. In the following the biorthogonal conditions are derived
which enable us to generate the so-called biorthogonal TDAC filter banks [58, 65].

Let {h,} and {g,} be the analysis and synthesis windowing functions, respec-
tively. Consider (3.100) defining the perfect reconstruction conditions for noniden-
tical windowing functions, where h, = h:)) = hill " and gn = g:)) = g,(:). Assuming a
symmetric analysis windowing function {#,}, i.e., h, = hy—;—, or h¥+n = h%—l—n’

n=0,1,..., %’ — 1, the second equation in (3.100) can be rearranged to give
8N 4 h, — gn hgﬂ =0, (3.110)
and from (3.110) we have

&n h¥+n

8y =~ 3.111)

Substituting (3.111) into the first equation in (3.100) we get

2

Snhy ok
_hz+ +g2 n_ . (3.112)

which is simplified to

gn (Hy ,, +hy) = h. (3.113)
2
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Finally, from (3.113) we obtain the complete description of the synthesis windowing
function with respect to the analysis windowing function defined as [40]

hy, 2 2 N
gn:]/lz—_i_hfl’ where h%_’_n-i-hn?éo, I’l=0,1,...,5—1, (3114)

N
5 +n

where the generated synthesis windowing function {g,} is also symmetric. Equation
(3.114) defines the biorthogonal conditions which guarantee the perfect reconstruc-
tion of TDAC filter banks with nonidentical analysis and synthesis windowing
functions. The incorporation of biorthogonality into TDAC filter banks allows for
greater flexibility in the design of analysis and synthesis windowing functions by
increasing the number of degrees of freedom. Essentially, this fact has an impact on
the proper implementation of psychoacoustics modeling [58].

As an example, however, with exchanged roles of analysis and synthesis win-
dowing functions, the synthesis windowing function for biorthogonal filter banks
has been proposed in [65], and it is defined by

1 — cos [n (%)a] + B

, n=0,1,...,—
24+ B

&n = -1, (3.115)

N
2
where the analysis windowing function is defined by (3.114). The parameter «
controls the width of the windowing function, whereas § controls its end values.
Plots of the analysis and synthesis windowing functions can be found in [65].

3.2.6 Adaptive Switching of Transform Block Sizes and
Windowing Functions

Some of the major factors that play a key role in the design of filter banks for
audio coding is the ability to minimize the effects of audible blocking artifacts
and to maximize the frequency separation of the filter bank. Two parameters of
the data block are directly related to these properties, specifically, the selected
transform block size and shape of windowing function. The perfect reconstruction
conditions involve the overlapped parts between two adjacent data blocks. If we
use a single windowing function and constant block size, the perfect reconstruction
conditions actually refer to the right and left half sides of consecutive data
blocks [32].

In the following subsections the methods for adaptive switching of transform
block sizes and adaptive switching of windowing functions including the corre-
sponding perfect reconstruction conditions in the overlapped part are discussed.
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3.2.6.1 Adaptive Switching of Transform Block Sizes

Transform block size switching is an effective tool for adapting the time/frequency
resolution of the filter bank during the signal coding without losing the perfect
reconstruction property. Such filter banks are also called the time-varying filter
banks. The windowed long block is transformed when the signal spectrum remains
stationary, or varies only slowly with time. During transients, when the signal
changes rapidly in time, shorter blocks are more suitable to reduce pre-echo effects.
In transition from the long to short block(s) and vice versa, the so-called transition
blocks (labeled as “start” and “stop”’) have to be constructed to preserve the perfect
reconstruction property in the overlapped part [34, 37].

Let N'°"2 and N*"°" be the lengths of long and short data blocks, respectively.
Assume a (“start”) transition block from the long to short block. Then, the right
half side of long block is first divided into three regions and the analysis/synthesis
windowing function is redefined in each region as follows [34]: The y 1an _ o

values of the windowing function in the first region of transition block (which do

. h .
not overlap with the short block) are set to one. M values at the second region

2
. . . . . lon; short
correspond to the right half side of short windowing function. The last NTE - NTt

values in the third region of transition block are set to zero. The (“stop”) transition
block from short to long block is defined as the time reversed version of the “start”
transition block. Structure of the transition block from long to short block is shown
in [32, 34]. The construction of transition blocks results in asymmetric windowing
functions for the long blocks.

As an example, the basic windowing function utilized by MP3 audio coding
standard is the sine windowing function given by (3.105). The MP3 specifies two
different block sizes: the long block (N = 36) and the short block (N = 12). The
windowing function for transition from the long to short block (“start” transition
block) is defined as [32]

sin[Z(n+ )], n=0.1,,..17,

1, n=1819,...,23,
w, =
sin[S(n—18+ )], n=24,25..,29,

0, n=30,31,...,35,

while the windowing function for transition from the short to long block (“stop”
transition block) is defined as [32]
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0, n=0.1,...,5,

sin[S(n—6+3)]. n=6.7....11,
w, =
1, n=12,13,...,17,

sin[é’—é(n—}-%)], n=18,19...,35.

On the other hand, in the MPEG-2 AAC audio coding standard the transform
block size can be set to either N = 2048 (the long block) or to N = 256 (the short
block) [32, 33]. We note that the long block corresponds to eight short blocks.

3.2.6.2 Adaptive Switching of Windowing Functions

We recall that the windowing function has the significant impact on the filter bank
frequency response. Therefore, no single windowing function is optimal for all
signals. Given a certain block size for the input data to the filter bank, the selection
of shape of windowing function determines the degree of spectral separation of the
filter bank. Thus, depending on the characteristics of the input audio signal changing
the windowing function may provide better frequency resolution for the signal
representation [32]. The conditions for perfect reconstruction in the overlapped part
are derived as follows.

Let {h,} and {g,} be two different symmetric windowing functions applied to
two adjacent data blocks m and m + 1, respectively. Then, based on overlap/add
procedure given by (3.99) incorporating the windowing procedure we have

A(m) Alm+1) (m) (m)

h%-ﬁ-n x%+n + 8n Xy = h%—i—n (h%+n X%_'_n + hN—l—n xN—l—n)
(m+1) (m=+1)
+gn(gn X, - g%—l—n x%_]_n)

(m) (m)
= h%-ﬁ-n (h%-‘rn X%_’_n + hn—1-n Xy_ 1)

(m) (m)
+8n(8n Xy~ 8N, XN 1—n)- (3.116)

By algebraic rearranging the expression on the right-hand of (3.116) we get

(m) (m)

2 2
(h%-'rl‘l + gn) x%-}-n + (h%-}—n hN—l—n - ng g%—]—n) xN—l—rL’ (3'117)
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.. )
In order to recover the original data sequence {xn";_ yhn=0.1,....%—1, weneed
)

the coefficient of x(;”ﬂ to be one and the coefficient of xx,")_l_n to be zero in (3.117),
2

i.e., the perfect-reconstruction conditions for windowing functions in the overlapped
part are satisfied when it holds [34]
2 2
h%"rn + 8n = 1’
N
h%_i_n hn—1—pn = &n JT— n:O,l,...,E—l. (3.118)

Equation (3.118) defines the general perfect reconstruction conditions for the
adaptive switching of windowing functions in the overlapped part of two adjacent
data blocks. Switching of the windowing function is accomplished by designing
a pair of “transition” windowing functions for which one side of each overlaps
correctly with the previous windowing function, while the other side of each
overlaps correctly with the following windowing function. It means that the right
half side of windowing function for the data block m is mirror symmetric to the
left half side of subsequent windowing function for the data block m + 1 in the
overlapped part. We note that the windowing function applied to the data block m
becomes asymmetric.

As an example, in the MPEG-2 AAC audio coding standard the windowing
function can be varied dynamically (sine or KBD windowing function) as a function
of the signal characteristics. Thus, the change of windowing function shape allows
the MDCT filter bank to efficiently separate spectral components for a wider variety
of input signals, and at the same time maximizing coding efficiency. In fact, the
sine windowing function ensures better close-selectivity because the main-lobe is
narrower, while the KBD windowing function has better stop-band attenuation
because it has lower level of side-lobe magnitudes. The adaptive switching of
windowing function in the MPEG-2 AAC is used for the long blocks only,
and is applied to the second half of windowing function, since the first half is
constrained by the shape of windowing function from the preceding data block
[32, 33].

The adaptive switching of transform block sizes and windowing functions
allows us to change from the series of long transform blocks into a series of
shorter transform blocks and vice versa, or from a series of one windowing
function to a series of different windowing functions provided that we appro-
priately handle the perfect reconstruction conditions for each overlapped part. In
summary, by adapting the transform block sizes and the windowing functions to
the characteristics of input signal, the performance of an audio coding scheme is
significantly improved. Illustrative figures of just discussed methods can be found
in [32-34, 37].
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3.3 Lapped Transforms

A class of lapped transforms including the lapped orthogonal transform (LOT)
[49, 52, 53, 55-57, 63], a modified version of LOT, the pseudolapped orthogo-
nal transform (PseudoLOT) [54], the modulated lapped transform [59, 63, 66],
biorthogonal and nonuniform lapped transforms [58, 65], and the extended lapped
transform [60-64, 66] has been applied in transform/sub-band coding and studied
independently with respect to the oddly stacked MDCT and MDST filter banks
discussed in previous sections. We recall that the evenly stacked MDCT/MDST
system is not a lapped transform [63].

3.3.1 Lapped (Orthogonal) Transform

The main motivation in the original developing the LOT was the reduction of
blocking artifacts in transform coding, i.e., the reduction of discontinuities in the
reconstructed signal at the block boundaries. The idea was to extend the basis
functions beyond the block boundaries, creating an overlap, in order to eliminate
these blocking artifacts [52, 55]. Thus, the basis functions of a lapped transform
(LT) overlap consecutive data blocks.

With the LT, L-sample data block is mapped into M transform coefficients,
where L is the length of basis functions, whereby L > M. In order to keep the
total sampling rate, M new transform coefficients are computed for every new M
input samples, i.e., there exists an overlap of L — M samples in the computation
of transform coefficients of consecutive data blocks. Compared to standard block
transforms, like the type-II DCT (DCT-II), where the orthogonality guarantees
perfect reconstruction, with LT however, the orthogonality of basis functions is not
sufficient due to their overlapping. There are additional orthogonality constraints
among overlapping portions of the basis functions formulated in the time domain
[56, 57, 63] (see matrix representation of LTs). Historically, the term LT is a general
lapped transform with orthogonal basis functions, whereas the LOT is a special case
of an LT with L = 2M, i.e., two adjacent data blocks are overlapped by M samples,
and the basis functions have even/odd symmetry. The theory of lapped transforms
and their properties are discussed in detail in [53, 63].

3.3.1.1 Matrix Representation of Lapped Transforms
An elegant matrix representation of the forward and backward LT with a common

overlapping factor (or the number of overlapping data blocks) have been presented
in [31, 56, 66], and it is worthwhile to review here.



80 3 MDCT/MDST, MLT, ELT, and MCLT Filter Banks: Definitions, General. . .

In general, the LT is a linear projection from R™ onto RM, where K > 1 is the
overlapping factor being a positive integer, L = KM, and M is the block length.
To realize LT, the input signal is first partitioned into M-point data blocks as

X = (XiM40 XiM41 - Xigm—1) - (3.119)
Then, K consecutive data blocks are grouped into KM x 1 vector as
8 T
X; = (Xit0 Xi+1 ... Xitk—1) (3.120)

which is linearly mapped into a spectrum of M transform coefficients
Xi=(Py Py . Py ) X ZP“’ Xitl, (3.121)

where PX;, I=0,1,...,K—1 are block square sub-matrices of order M. The inverse
transform of (3.121) consists of matrix multiplication and overlap/add procedures
defined by

0),T (), T (K 1).T

X = [Py] Xi+[Py] Xict+...+ [Py | Xig+1, (3.122)
and for the whole group of K blocks
.7 (K=2).T o (K—1).T
0 ... 0 [Py] ...[Py ] [Py ] X,
1 (T (K—1).T i—K+1
» 0 ... [Py] [PM] [Py ] 0 Xi—k+42
Xi = . . . . . - . ’
01" (K=2),T (o (K=1),T .
[PM] Py TP, T 0 0 Xitk-1
(3.123)
where 0 is null matrix. The necessary and sufficient condition to be X; = x; or

X; =x; is[31]

K—1—1 K—1-1
Z Py Py = Y Py P =6 1=01 . K1,

m=0

(3.124)

where §,, is the Kronecker delta function and I, is the identity matrix of order M.

. . © 1 (K—1) .
Basis vectors of the matrix Pyxgm = (Py Py --- Py ) are constructed either

from the DCT-II and type-IV DCT/DST (DCT—IV/DST—IV) basis vectors for the
LOT [55, 59] and for PseudoLOT [54] (when K = 2), or they are generated by a
recursive optimization procedure in order to maximize the coding gain [63].
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The lapped transforms defined by (3.121) and (3.122) correspond to an
M-channel KM-tap critically sampled perfect reconstruction filter bank, whose
kth channel filter response is given by

My = P b r=0,1,....M—1, 1=01,....K—1. (3.125)

Hence, LTs and multirate filter banks are actually the same, although they have
been studied independently in the past. In fact, the LT is a filter bank in which
the impulse responses of the synthesis filters are the LT basis functions, and
the impulse responses of the analysis filters are the time-reversed basis func-
tions. The equivalence between LTs and multirate filter banks is discussed in
[53, 63].

Note 5: The lapped transforms defined by (3.121) and (3.122) can also be viewed
as a class of lapped orthogonal transforms with extended overlap, the so-called
generalized linear-phase lapped orthogonal transforms (GenLOT) [50, 51, 56, 57].
The basis vectors of matrices P;{,;, 1=0,1,...,K—1 are constructed by a recursive
procedure from the DCT-II basis vectors which have even/odd symmetry property
[74]. Thus, in this formulation the orthogonal DCT-II transform is the order-1
GenLOT, hence when K = 1, the LOT is the order-2 GenLOT when K = 2, etc.,
for any filter length that is an integer multiple of the block size.

3.3.2 Modulated Lapped Transforms

The modulated lapped transform (MLT) [59, 63] and the extended lapped transform
(ELT) [60-64] are perfect reconstruction cosine/sine-modulated filter banks devel-
oped on the concept of a modulated filter bank. Modulated filter banks are a class of
QMF banks, where all impulse responses of filters py , are obtained from modulated
versions of a single low-pass filter prototype, or equivalently, of a single windowing
function. The perfect reconstruction is actually achieved by proper choices of phases
of the cosine and sine modulation and the low-pass filter prototype.

3.3.2.1 MLT Filter Bank

The first original MLT definition was based on the LOT using the following
consideration: Another way to obtain a good set of basis functions for a lapped
transform is to define an appropriate low-pass filter prototype in a modulated filter
bank structure. If the length of the low-pass filter prototype is chosen to be equal
to 2M, it is possible to achieve not only aliasing cancellation, but also the perfect
reconstruction with identical analysis and synthesis filters [59].
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With respect to (3.125), the impulse response of kth synthesis filter py , of the

modulated filter bank is based on the construction [59]

/2 k+1 L—1 +JT i
= - — — if k is even
Pk.n Wn M Ccos M ) n 5 7| s even,
= \/2 7 (4 L L=y, = if k is odd
Pin = Wn i sin M 5 n 3 7| if k£ 1s odd,
k=0,1,...,.M—1, n=0,1,...,2M — 1, (3.126)

where L is the length of the low-pass filter prototype {w,}, and M is the number

2 .
M 1S necessary

to generate an orthogonal transform implementation [59]. In order to keep the
orthogonality of matrix P2y generated by (3.126), the L-length low-pass filter
prototype {w,} must satisfy the perfect reconstruction conditions given by (3.101).
The filter bank defined by (3.126) with L = 2M is called the MLT since it belongs
to the class of lapped transforms. For the MLT, the low-pass filter prototype {w,}
in (3.126) is the sine windowing function given by (3.105). It is important to note
that the filter impulse responses of the MLT do not have even/odd symmetry, like
the LOT. With the synthesis filters of the MLT defined by (3.126), the outputs of the
analysis filter bank can be written as a block transform [59]

of sub-bands or transform coefficients. The normalization factor

2M—1

E XmM~+n Pk2M—1—n;
n=0

c (3.127)

because the impulse responses of the analysis filters are equal to the time-reversed
impulse responses of the synthesis filters. The term m in (3.127) denotes the data
block index. Equation (3.127) is equivalent to [59]

(m) \/7 3 Wy, (m) cos r (k+ l) (M—n — l) + Z_ if k is even

i | M 2 2 41 ’

(m) = \/7 2M2:1 Wy X o _£ (k + l) (M— n— l) + z_ , if k is even,
= _M 2 2 4 |

k=0,1,...,M—1. (3.128)
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Finally, after some algebraic manipulations, (3.128) can be expressed in a common
block transform form as [59]

c(m) ¥ 1w o cos k+ = ! n—+ M—+ !
k _“V " M 2 2 ’

k=0,1,....M—1, (3.129)
where

(- 1)“r2 k 1iseven,

Vi (3.130)

(-1)T", & isodd.

Equations (3.129) and (3.130) constitute the first original definition of the analysis
MLT filter bank. The synthesis MLT filter bank is defined as

)Ac(m—‘/zw T c(')cos k+ n—i—w
n M n Yk Cp, ) s

k=0
n=20,1,...,2M — 1, (3.131)
where {)?;m)} is the time domain aliased data sequence.
An alternative derivation of the MLT is based on the near-perfect reconstruction

M-band QMF bank, or equivalently, the pseudo-QMF bank with the synthesis filters
Ji.n defined by Malvar [63]

1 L—1
ﬁcn—wn COS|: (k+2)(n_T)+¢ki|a
k=0,1,....M—1, n=01,....L—1, (3.132)

where the parameters ¢y control the relative phases of the modulating cosines. The
analysis filters hy , are obtained by time-reversing the synthesis filters in the form

Mien = frL—1-n- (3.133)

Assuming that L = KM, the phases of modulation cosine functions leading to the
perfect reconstruction are given by

(ke Nxen ™ 3.134
¢k—(+§)( +)E (3.134)
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Denoting py, = fr, with the phases ¢, given by (3.134), and introducing the

normalization factor ,/ 1\%1 to normalize the basis functions, the MLT basis functions
can be written in the form [63]

2 AAYRNES
0 =Wy |2 cos | — 5 — |
Pl = Wn \ 3y M 2J\"T T

k=0,1,....M—1, n=0,1,...,2M — 1. (3.135)

Again, the low-pass filter prototype {w,} in (3.135) is the sine windowing function
given by (3.105). Then, the analysis MLT filter bank as a block transform is
defined as

2M—1
m m 1 M 1
() / E wnx(n)cos[ (k+ )(n+—;_ ):|,

k=0,1,....M—1, (3.136)

while the synthesis MLT filter bank as a block transform is defined as

5c(m) = z w M_lc(m) cos k+ n+ M—+1
=\ k M 2 2 ’
k=0
n=0,1,...,2M — 1. (3.137)

One can see that the factor y; in definitions of the analysis and synthesis MLT filter
banks given by (3.129) and (3.131), respectively, has been eliminated in those of
(3.136) and (3.137). The MLT is similar to the LOT in the sense that the basis
functions have length L = 2M, i.e., the overlapping factor K = 2, where M is the
number of sub-bands. On the other hand, historically, the MLT is a special case of
the PseudoQMF bank with the filter length L = 2M [32, 63].

By substituting N = 2M into (3.49) and comparing the MLT given by (3.136)
with the oddly stacked TDAC MDCT given by (3.49) after substitution, we find that
they are identical. Thus, the MLT is the oddly stacked MDCT being associated with
the sine windowing function given by (3.105). Consequently, general mathematical
properties in the time and frequency domains including special properties, relation-
ships, matrix representations, and the perfect reconstruction conditions imposed on a
windowing function for the oddly stacked TDAC MDCT are also valid for the MLT.
On the other hand, the oddly stacked TDAC MDCT filter bank actually corresponds
to a lapped transform, since all perfect reconstruction filter banks with identical
analysis and synthesis filters (within time reversal) are lapped transforms (the evenly
stacked TDAC filter bank is not a lapped transform) [63].
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Biorthogonal versions of the MLT, the modulated lapped biorthogonal transform
(MLBT) and the nonuniform modulated lapped biorthogonal transform (NMLBT)
[65], are obtained simply by applying the biorthogonality conditions (3.114) for
nonidentical analysis and synthesis windowing functions {#, } and {g,}, respectively,
with the symmetric analysis or synthesis windowing functions. Such a windowing
function is defined by (3.115).

3.3.2.2 ELT Filter Bank

As we have seen, the MLT is a perfect reconstruction M-channel multirate filter
bank with the analysis filters being cosine-modulated versions of a low-pass filter
prototype of length L = KM, where K = 2, and with the synthesis filters being the
time reverse of the analysis filters. The ELT was developed as a generalization of
the MLT with longer basis functions, i.e., L > 2M, in such a way that the perfect
reconstruction is preserved [60—63]. The basis functions of the ELT are defined by
the same cosine modulation function as in the MLT, but they are arbitrarily longer
defined as [61, 63]

2 T (e DY s Mt
= — cos|— = —_—
Pren = Wn \[3r 1y 2)\"T T ’

k=0,1,....M—1, n=0,1,...,L—1, (3.138)

where L = KM, K > 2. It is clear that the basis functions in (3.138) correspond to
the general form of (3.132) with the modulation phases given by (3.134). The perfect
reconstruction requires that the phases of the modulating cosines be related by

besr — i = (2r + 1) % (3.139)

where r is an integer. Comparing (3.139) with (3.134) we get K = 2rand L = 2rM,
where r is the overlapping factor. Thus, the length of basis functions must be an even
multiple of the number of sub-bands. The overlapping factor r actually specifies how
many pairs of input data blocks are used to compute the spectral coefficients of the
ELT. Similarly as for MLT, the windowing function {w,} in (3.138) is assumed to
be symmetric, i.e., w;—j—, = w,. Now a problem is to find a windowing function
{w,} with the length L = 2rM that leads to the perfect reconstruction [61, 63].

3.3.2.3 General Perfect Reconstruction Conditions: Orthogonal Case
Assume that the analysis and synthesis filters have lengths equal to L = KM,

K = 2r, where r is the overlapping factor. Thus, the original MLT is actually an
ELT with r = 1.
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With respect to (3.121), let us define the block matrix (P P(” P;;f”),

. 0 . .
where sub-matrices P, of order M represent the ELT basis vectors given by

() 2 T 1 M_I_l
{PM}kn— ‘/A—l COS[M(/C—{-E) (n+lM+T)i|,

k,n=0,1,....M—1, [=0,1,...,K—-1. (3.140)
© 0 (K—1)
Further, let the quasi-diagonal block matrix Wy, = diag {WM Wy ... W, "}of
order KM represent the windowing function {w,},n =0,1,..., KM — l where
o)
W,, = diag {wir, Wit 41, - - ., Wit +m—1- (3.141)

Then, the ELT matrix Pyxy representing (3.138) can be written in the block matrix
form as [62]

Pux = (W;;)P(O) woP, WPy ‘) (3.142)
A fundamental property of sub-matrices P(l), [=0,1,...,K—11is[62]
(p+2m) m
Py Py = (=" [+ (=1 ).
S AR Y ) (3.143)

where I, is the identity matrix and J), is opposite diagonal identity matrix, both

of order M. 0 is null matrix. Equation (3.143) shows that the row vectors of
PX; are orthogonal to all rows of P o

manipulations, we get the following relation:

. Using (3.143), after some algebraic

K—1—1
Z P = o ( ) Z Wiy e+ (1P ] Wy (3.144)

Since the ELT matrix Py« gy Will be a lapped transform only if (3.124) is satisfied,
applying (3.124) to (3.144) we get [62]

K—2m—1
S owywy T =8, h, m=01....r—1, (3.145)
p=0

where §,, is the Kronecker delta function. The scalar form of (3.145) is given by
Malvar [62]

K—2m—1
Z WoM4n Wot2mmin = 0w, m=0,1,....r—1, n=0,1,...,
p=0

(3.146)
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The set of nonlinear equations in (3.146) represents the necessary and sufficient
conditions on the windowing function {w,} for the generation of an ELT. When
r = 1, K = 2, the ELT becomes an MLT and perfect reconstruction conditions
imposed on {w,} are identical to those of (3.101). When r = 2, K = 4 we get the
following perfect reconstruction conditions:

WaM—1—n = Wn, n=0,1,...,2M —1,
M

2 2 2 2
Wo F Warn + Wogn ¥ Wayrgy = 1. n=0.1.... = —1,
M
Wi Wort+n + Whi+n Wi+ = 0, n=0,1,...,3—1.

A smooth windowing function identical both for the analysis and synthesis ELT
filter banks satisfying the above conditions is defined as [63]

] T ! 3.147
2—ﬁ+§cos|:ﬁ—4(n+§)] (3.147)

It is important to note that based on a linear algebraic interpretation of the mod-
ulated filter bank, the necessary and sufficient conditions for perfect reconstruction
have been derived in [66] for K > 1 being arbitrary positive integer. It is a more
general case compared to [62, 63] that constrained K to be even integer.

w, = —

3.3.2.4 ELT Block Transform

The analysis ELT filter bank for the mth data block as a block transform is defined
as [61, 63]

KM—1

m /2 m 1 M+1

Cjc)z 7 E wnx;)cos[%(k+§)(n+7+)i|,
n=0

k=0,1,....M—1, (3.148)

while the synthesis ELT filter bank as a block transform is defined as

M1
m 2 m 1 M+ 1
%;) = ‘/]l_/l Wi ;cz) cos[ﬁ% (k+ 5) (n+T+):|,
n=01,...,KM—1, (3.149)

where {)?;m)} is the time domain aliased data sequence and {w,} is given by (3.147).
The theory, properties, and design methods of the modulated lapped transforms can
be found in [63].
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3.3.2.5 General Perfect Reconstruction Conditions: Biorthogonal Case

Signal representations used in the current audio coding algorithms can be improved
by the incorporation of biorthogonality into the ELT. Relaxing the requirement on
analysis and synthesis windowing functions to be identical leads to the loss of
orthogonality; however, the filter bank can still achieve the perfect reconstruction.
The resulting filter bank is referred to as biorthogonal. Biorthogonality allows
more flexibility in the design of the analysis and synthesis windowing functions
by increasing the number of degrees freedom [58].

Let {h,} and {g,} be the analysis and synthesis windowing functions, respec-
tively, and let K = 2r, where r is the overlapping factor. Then, general perfect
reconstruction conditions imposed on {#,} and {g,} are defined as [58]

K—1-2s
Z EmM+n Mm+25)M+n = 85,
m=0
K—1-2s
Z (=" gmm+n hmt29M+m—1-n) = 0,
m=0
s=0.1.....r—1, n=0.1,....M—1, (3.150)

where §; is the Kronecker delta function. When the overlapping factor r = 1, then
K = 2, only adjacent data blocks overlap, and we have the MLT. For this special
case the prefect reconstruction conditions in (3.150) reduce to [58]

8n hn + M4n hvan = 1,
M

8n hM+n_gM+n hn=0, Il:O,l,...,E—l. (3151)
For comparison see also Eq.(3.100). Assuming the analysis windowing function
{h,} to be symmetric, i.e., h, = hoyy—1—pn, n = 0,1,...,M — 1, and using (3.114),
the synthesis windowing function {g,} is obtained as

h, 2 2

&= 5 where hy.. +h, #0, n=0,1...,.M—1.
hM+n + hn
(3.152)

When the overlapping factor » = 2, then K = 4, and we have the ELT. The
perfect reconstruction conditions imposed on {A,} and {g,} are reduced to the
following set of equations [58]

M
&n M + &M+n hyitn + 2m+n hosn + &3M4n May+n =1, n=0,1,..., 5~ I,
8n hastsn — 8m+n Povin + 8omtan hvtn — 83440 By =0, n=0,1,..., 5~ 1,

&n Movan + 8uin 3y, =0, n=0,1,... . M—1,
(3.153)
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and

M
hn hZMJrn + I’ZM+n h3M+n = O, n = 0, 1, ey 5 —1. (3154)

One way of designing the windowing function satisfying the above conditions is to
construct first the analysis windowing function {4, } under the constraint in (3.154).
Once {h,} is constructed, equations in (3.153) form a set of linear equations than
can be solved to obtain the synthesis windowing function {g,} [58]. Alternatively,
an algorithm for the design of an ELT windowing function can be found in [63].

3.4 Complex MCLT Filter Bank

The modulated complex lapped transform (MCLT) is a complex filter bank map-
ping overlapped data blocks of real-valued signal into blocks of complex-valued
transform coefficients [71, 73]. Originally, the MCLT has been introduced into
transform/sub-band coding as a complex extension of the MLT. It is a particular
kind of a generalized DFT filter bank oversampled by a factor of two, whose real
part corresponds to the MLT. One disadvantage of the MLT for some audio coding
applications is that its transform coefficients are real-valued, and therefore they
do not explicitly carry phase information, only magnitude. However, the MCLT
supports both the magnitude and phase representation of the signal in frequency
domain which are useful measures in many perceptual audio coders for spectral
analysis (see Chap. 6). In most applications, the MCLT can be used in place of the
DEFT filter bank [73].

In general, the basis functions of the MCLT are defined by the cosine and sine
modulation of the analysis and synthesis windowing function {w,} in the form [73]

Pin = Pin — i Ppns i = V1, (3.155)

where

) 2 . T 1 M+ 1
pk,n:Wn MSIH M k+§ H+T s

k=0,1,....M—1, n=0,1,...,2M — 1. (3.156)

It is clear that the cosine-modulated functions in (3.156) correspond to the MLT
basis functions. There are two main interpretations of this MCLT construction.
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First, the additional sine-modulated functions in (3.156) can be viewed as a 2Xx
oversampling in the frequency domain, because for every data block of M real-
valued samples, the MCLT results in M complex-valued frequency coefficients. In
other words, the MCLT basis functions form an overcomplete basis [73]. The second
interpretation is that the MCLT is in fact a 2x oversampled DFT filter bank (using
the O*DFT) instead the conventional DFT. Note that unlike in DFT filter banks, the
DC frequency sub-band of the MCLT is complex-valued [71].

Based on (3.156), the analysis MCLT filter bank of an input audio signal {x,},
n=20,1,...,2M — 1, as a block transform is defined as [73]

Pr = Cr — 1Sk, k=0,1,....M—1, (3.157)
where
2M—1 Mol
Z W, X, COS k+ n+ — |
n=0
k=0,1,....M—1, (3.158)
and

S S A )]

n=0
k=0,1,...,M—1, (3.159)

where {w,} is the sine windowing function given by (3.105) for N = 2M, and
{cr} are frequency coefficients of the MLT. Since the MLT is equivalent to the
oddly stacked MDCT filter bank associated with the sine windowing function for
N = 2M, the sine-modulated filter bank (3.159) defines the corresponding oddly
stacked MDST filter bank, and {s;} are its transform coefficients. Consequently,
general mathematical properties in the time and frequency domains, relationships,
and matrix representations for the oddly stacked TDAC MDCT/MDST are also
valid for the MCLT. Thus, the MLT or oddly stacked MDCT is the real part of the
MCLT, while the oddly stacked MDST is the imaginary part of the MCLT. We recall
that the oddly stacked MDCT and MDST are, respectively, the real and imaginary
components of the O*DFT [see Eq. (3.63)].

On the other hand, a reconstruction formula of the synthesis MCLT filter bank is
not unique. Specifically, there is a reconstruction formula from the real part only, as
well as one from the imaginary part only [71, 73]. However, the best reconstruction
formula is the average of those from real and imaginary parts (preferred) defined
as [73]

Yn =

n n

(),2_((7) +£(S))’ n=0,1,...,2M —1, (3.160)

N =
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where {)?f:)} and {)%:)} are time domain aliased data sequences recovered by the
synthesis MLT (MDCT) and MDST filter banks, respectively, defined as

2 =, \/> ch cos|: (k+ ;) (n+MT+1)]

,2M — 1, (3.161)
5 / 1 M+1
A( Zsk sm|: (k+2)( + ;_ )i|,
n=0,1,...,2M —1. (3.162)

Using both the synthesis MLT (MDCT) and MDST filter banks for the reconstruc-
tion removes the time domain aliasing. It is important to emphasize that if we use
the reconstruction formula (3.160), then the original data sequence {x,} is perfectly
reconstructed even without the windowing, overlap/add procedure. It means that
the windowing procedure in the MCLT computation is redundant. In fact, using
the matrix representation of oddly stacked MDCT and MDST filter banks it can be
shown that (3.160) leads to y,, = wz X, n=0,1,...,2M —1 (see below), i.e., there
is no time domain aliasing.

Denoting the MLT (MDCT) and MDST matrices, respectively, by Cpx2y and
Suxom, their transposed versions by Coyxpy and Sayxp, and representing the
symmetric windowing function {w,} by a diagonal matrix Wy, firstly using
(3.160)—(3.162), then (3.158), (3.159) in the matrix representation, and relations
(3.74), (3.75), the following relation holds in the matrix-vector form [68]:

A © O
(&7 + &)
(Wanr Comrxmr € + Wy Sovrseur )

1
Wom Comxm i Crrson Way X' + 2 Wom Somxm i Sursom Wapr x*

Iv—Ju O T
w w
2M( 0 IM+JM) 2 X

N = N= N = N~

1
= Way (IM +Ju 0 ) Woy x7 = Wy, x7. (3.163)

where 0 is null matrix, Ij, is the identity matrix, and J), is the opposite diagonal
identity matrix all of order M.

A biorthogonal version of the MCLT can be constructed by considering non-
identical analysis and synthesis windowing functions {A,} and {g,}, respectively.
Specifically, w, = h, in (3.158) and (3.159) and w,, = g, in (3.161) and (3.162). The
perfect reconstruction property is preserved by assuming the analysis windowing
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function {h,} to be symmetric, i.e., h, = hyy—1—p, n = 0,1,...,M — 1, and
the synthesis windowing function {g,} is obtained by using (3.152). Note that for
biorthogonal MCLT (3.160) leads to y, = h,g,x,, n =0,1,...,2M — 1.

On the other hand, the nonuniform MCLT (NMCLT) being a nonuniform

oversampled filter bank has been introduced in [69, 72] as a two-stage extension
of the MCLT by cascading a MCLT with shorter size MCLTs applied to high-
frequency sub-bands. Each shorter size MCLT plays the role of merging sub-bands.
Thus, the NMCLT allows a better combination of the frequency resolution and time
localization.
Note 6: A real-valued variant of the MCLT, called the lapped directional transform
(LDT), has been defined in [67, 70]. The central idea behind the LDT is to perform
two MLT filter banks with different complementary basis functions, i.e., with cosine
and corresponding sine basis functions defined by (3.156), and to combine the
resulting spectra in the form of the sum and difference of transform coefficients.
Thus, the LDT allows for detection of spatial orientation by using the corresponding
sine modulation.

3.5 Summary

The original derivations, definitions, general mathematical properties in the time
and frequency domains, and (block) matrix representations of the evenly and oddly
stacked MDCT and MDST, MLT, ELTs, MCLT, and their biorthogonal versions
have been presented. They are cosine/sine-modulated filter banks satisfying the
perfect reconstruction property. Since necessary and sufficient conditions imposed
on the analysis and synthesis windowing functions play an important role to obtain
the perfect reconstruction property, additionally they have been derived and/or
discussed in detail: Windowing procedure and perfect reconstruction (biorthogonal)
conditions in the case of identical and (nonidentical) analysis and synthesis window-
ing functions, design of a windowing function including definitions of commonly
windowing functions used in audio coding applications, adaptive switching of
transform block sizes and windowing functions, and general perfect reconstruction
conditions for the ELT filter bank with multiple overlapping factor both for the
orthogonal and biorthogonal cases are discussed in detail.

Problems and Exercises

1. Consider the evenly stacked backward MDCT and MDST block transforms
(3.7) and (3.9), respectively. Verify the local symmetries of the corresponding
time domain aliased data sequences {)?i_MDCT} and {iz_MDST} given by (3.14)
and (3.15), respectively.

2. Verify relations (3.20) and (3.21) between the evenly stacked MDCT and
MDST block transforms.
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10.

11.

12.

13.

14.

15.
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. Verify relations (3.22) and (3.23) between the evenly stacked MDCT/MDST

block transforms and the DFT.

. Consider the matrices CEN v and SENX y representing the evenly stacked MDCT
2 2

and MDST, respectively. Show for N = 8 that their transposed versions are
pseudoinverses of their corresponding matrices, i.e., they satisfy four Moore—
Penrose conditions (see Appendix A.1).

. Verify the periodicity properties of the oddly stacked MDCT and MDST

transform kernels given by (3.53) and (3.54), respectively, and symmetry
properties of oddly stacked MDCT/MDST basis vectors given by (3.55).

. Repeat Problem 5 for the evenly stacked MDCT and MDST transform kernels.
. Verify relations (3.61) and (3.62) between the oddly stacked MDCT and MDST

block transforms.

. Implement by a computer program the relation between the N-point oddly

stacked MDCT, MDST, and the 4N-point DFT using (3.66), and verify the
validity of (3.67) and (3.68).

. Similarly, consider the matrices Cz oy and S 2 .y representing the oddly stacked
2 2

MDCT and MDST, respectively. Show for N = 8 that their transposed
versions are pseudoinverses of their corresponding matrices, i.e., they satisfy
four Moore—Penrose conditions (see Appendix A.1).

Consider the matrices C(% v and S% v Tepresenting the oddly stacked MDCT

and MDST, respectively, each split into two block sub-matrices of order ¥

according to (3.79). Verify Egs. (3.84)—(3.89) for N = 8. ’
Repeat Problem 10 for the evenly stacked MDCT and MDST matrices Cz <N
and Sbﬁ e

The silmmetric Landau nonnegative kernel function is defined by (3.108),
and its discrete version by (3.109). For N = 512 using the transformation
(3.107), generate by a computer program the LD windowing function. Then
show its plot and compare it with the KBD windowing function. Additionally,
investigate its properties in the frequency domain by the normalized DFT
spectrum (the frequency log-magnitude response).

Using the matrix representation of lapped transforms given by (3.119)—(3.124),
derive the lapped transform for the overlapping factor K = 2. Assume that the
basis vectors of block square sub-matrices PU), [ = 0, 1, are constructed from
the oddly stacked MDCT (MDST) basis vectors. Verify the properties (3.124).
Consider (3.128) representing the analysis MLT filter bank. Derive its common
block transform form given by (3.129) and (3.130).

Construct the biorthogonal version of analysis/synthesis MLT filter banks
using a symmetric synthesis windowing function given by (3.115). Then, the
analysis windowing function is given by (3.114). Implement the direct form
of biorthogonal MLT by a computer program, and in particular, show plots

of the analysis and synthesis windowing functions for some value of M (see
also [65]).
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Chapter 4
Fast MDCT/MDST, MLT, ELT, and MCLT
Algorithms

4.1 Introduction

The perfect reconstruction cosine/sine-modulated analysis/synthesis filter banks
such as the MDCT, MLT, MDST, ELT, and MCLT are fundamental processing
components for the time-to-frequency transformation of an audio data block in many
international audio coding standards, proprietary audio compression algorithms,
broadcasting/speech/data communication codecs, as well as open-source royalty
free audio/speech codecs for high quality audio/speech compression. Since the
computations of cosine/sine-modulated filter banks are the most time-consuming
operations in audio coding schemes, the crucial aspect for their applicability
is the existence of fast algorithms that allow their efficient software/hardware
implementation compared to the direct implementation via their corresponding
analytical forms. Over more than two decades a number of fast algorithms for
the efficient implementation of MDCT/MDST, MLT, ELT, and MCLT have been
developed. In general, they are based on the indirect computation via a discrete
sinusoidal unitary transform of a reduced size, or by a recursive generating a higher
order transform from two lower order transforms. Fast algorithms are generally
classified as radix-2 (or 2"-length), even-length, mixed-radix (combination of radix-
2 and radix-g algorithms, where ¢ is an odd integer) or equivalently, composite
length algorithms.

Any complete analysis cosine/sine-modulated filter bank involves the windowing
procedure applied to an input data block followed by its transformation to the
frequency domain via corresponding forward block transform. On the other hand,
any complete synthesis cosine/sine-modulated filter bank involves transformation
of spectral representation back to the time domain via corresponding backward
block transform followed by the windowing/overlap/add procedure to recover the
original data block. In developing fast algorithms for the efficient implementation
of cosine/sine-modulated analysis/synthesis filter banks, for simplicity, they are
considered frequently as block transforms applied to a single data block. Principally,
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by eliminating the time shift factor from cosine/sine transform kernel, the block
transform can always be converted to a discrete sinusoidal unitary transform such as
the DFT, type-II discrete cosine/sine transform (DCT-II/DST-II), or type-IV discrete
cosine/sine transform (DCT-IV/DST-IV). Consequently, from the algorithmic point
of view the cosine/sine-modulated filter banks and the DFT, DCT-II/DST-II, and
DCT-IV/DST-1V are closely interrelated.

In this chapter, fast algorithms for the efficient implementation of the for-
ward/backward evenly stacked MDCT/MDST, oddly stacked MDCT/MDST, MLT,
ELT, and MCLT block transforms are presented. The emphasis is imposed partic-
ularly on basic steps, various tricks (trigonometric and algebraic), and approaches
leading to the derivation of final formulae of a fast algorithm. Therefore, the chapter
has also an educational value, thus giving the reader guidelines about how to derive
a fast algorithm for a specific cosine/sine-modulated filter bank.

Almost all fast evenly stacked MDCT/MDST, oddly stacked MDCT/MDST,
MLT, and MCLT algorithms are classified into the following categories:

* DFT/FFT-based algorithms,

¢ DCT-II-based algorithms,

e DCT-IV-based algorithms,

e DCT-IV/(scaled)DCT-II-based algorithms,

* Mixed-radix algorithms,

» Algorithms based on recursive/regressive filter structures,

including the unified evenly and oddly stacked MDCT/MDST computation.

For each fast algorithm complete formulae or a sparse block matrix factorization,
a corresponding generalized signal flow graph, the total computational complexity,
and a possible structural simplification of the algorithm are presented. Appendices
provide all the necessary supporting efficient fast computational structures including
short-length modules for completing forward/backward MDCT/MDST, MLT, ELT,
and MCLT efficient implementations.

4.2 Fast Algorithms for the MDCT/MDST Computation in
the Evenly Stacked System

The evenly stacked MDCT/MDST [4] have been adopted in the Dolby Labs AC-
2 audio compression system [9-12]. AC-2 digital audio system is also used in
DigiCipher and DSC (Digital Spectrum Compatible) HDTV audio coders [84]. In
the following, at first definitions of the evenly stacked MDCT and MDST in the
form of block transforms are presented including a relation between the MDCT
and MDST. Then fast algorithms for their efficient implementation are discussed in
detail.
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4.2.1 Definitions of MDCT and MDST Block Transforms

Let {x,}, n = 0,1,...,N — 1 represent a windowed input data sequence, and N
being the length of a data block is assumed to be an even integer. With respect
to Chap. 3, the forward and backward MDCT block transforms are, respectively,
defined as [4]

Zx,, cos[ (2n+1+];)k},

k=0,1,....——1, cy=0, 4.1
2

¥

N
EMDCTZ— Zekck cos|: (2n+1+2) k:|,

n=0,1,...,N—1, 4.2)

where ¢g = 1,and ¢, = 2fork =1,2,...,% — 1. The corresponding forward and
backward MDST block transforms are, respectively, defined as [4]

Xyﬂm[(h+1+§ﬁ]

. 55 =0, 4.3)

n=01,.. N-1, (4.4)
where o= l,andp =2fork=1,2,... N — 1. {ci} and {sZ} are, respectively,
MDCT and MDST coefficients, and {)?j_MDCT} in (4.2) and {)?E MDST} in (4.4) are time

domain aliased data sequences. We recall that in the evenly stacked system alternate
MDCT and MDST computations are required, i.e., the MDCT of {x,} and the MDST
of {x% +nt» Where {x,} and {x% Lt are successive adjacent overlapped data blocks.
The MDCT is recognized as the transform operation when the time index of data
block is even, while the MDST is recognized as the transform operation when the
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time index of data block is odd. We note that the relation between the MDCT and
the MDST block transforms given by Britanak and Rao [8]

5 e ™ N N
sy_, = (=13 ;(—1)" Xy COS [ﬁ (2n +1+ 5) k] k=12,
(4.5)
results in a simple method to compute the MDST (but of {x% _n1) using only one fast

algorithm for the MDCT computation. For simplicity, in the following discussion
the normalization factors 1%] in (4.2) and (4.4) are neglected.

4.2.2 DFT/FFT-Based Fast Algorithms

The first efficient algorithm for the alternate MDCT and MDST computation in the
evenly stacked system is based on the complex-valued N-point DFT/FFT [13]. It
has been subsequently improved replacing the complex FFT by two N-point real-
valued FFTs (RVFFTs) [14]. In any case, using the symmetry property of the DFT
and defining the MDCT and MDST to be real and imaginary components of a
single complex FFT [73], two windowed and overlapped adjacent data blocks may
be transformed simultaneously by one complex FFT in order to obtain alternating
MDCT/MDST coefficients. Indeed, the forward MDCT and MDST and their
backward versions can be expressed as an DFT/FFT with appropriate post- and
pre-twiddle operations, respectively.

Consider the forward MDCT given by (4.1) and the forward MDST given by
(4.3). Exploiting the fact that FFT operates on an array of complex components,
the forward MDCT/MDST computation can be realized by packing one windowed
data block in the real part of the forward complex FFT, the other in the imaginary
part, and both adjacent overlapping data blocks can be transformed simultaneously
as [9, 10, 13]

N—1
— i Gk ~ i S Ry = —
fi=e Gt Zo(xn—l—lx%ﬂ) N, i=+—1, k=0,1,....N—1,

(4.6)
where {f;} are DFT coefficients. After the complex FFT computation and post-
twiddle operations, the MDCT and MDST coefficients are obtained as [8]

E

G =5 Ol fhvad e D). ch=fo

E

1 N
o= 5 Oedfd +9%e ). 5 =0 k=1l...5. @D
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We note that the complex multiplications by the factors ¢ (3 +%)* in (4.6) can be
realized as the blocks of Givens—Jacobi rotations (see Appendix F.4).

The number of arithmetic operations can be reduced using two RVFFTs, one for
the MDCT and one for the MDST computation [14]. Let {g:)} be the RVFFT of
windowed {x,}, and {g;f)} be the RVFFT of windowed {xy ,,}. Then MDCT and
MDST coefficients are given by Britanak and Rao [8] ’

E (O (1)
Cp = 8 COSy — gN k s1n¢k,c0 =80 -

E 2 . (2
Sy = 8 SN + gy_y COS Py,

-1, (4.8)

where ¢y = (5 + H)k.

Note 1 For the real-time PC-based implementation of AC-2 audio compression
in [12] two methods for the alternate MDCT/MDST computation are discussed:
One method based on complex -point FFT, and the other based on two —-pomt
FFTs. The required computatlonal complexity is not mentioned. However, it was
concluded that although both of these methods allow better than 50% savings in
time, the former method is preferred in the trade-off between data manipulation and
processing time reduction.

Now, consider the backward MDCT given by (4.2) and the backward MDST
given by (4.4). The backward MDCT can be mapped into a complex N-point inverse
DFT/FFT as [11]

-1
£ = me Y [ek o3 +N>k] AL a=01,...,N—1, 49
k=0

while the backward MDST can be mapped as [11]

N
7

~AE—MDST .- 2mnk

X = Jm E [rks s +N)k] e N 3 n=0,1,...,N—1.
=1

(4.10)
By packing the real-valued data sequence {e; ci} or {7 si} in the real part of an
inverse FFT after multiplying by the twiddle factors ¢/ (Z*%)* both they become
complex-valued. Similarly, the complex multiplications by the factors ¢ (3+ %)k
in (4.9) and (4.10) can be realized as the blocks of Givens—Jacobi rotations (see
Appendix F4) Equatlons (4.9) and (4.10) imply that the time domain aliased data
sequence {x e } is obtained as the real part of the N-point inverse complex
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FFT, while the time domain aliased data sequence {)?E_MDST} is obtained as the
imaginary part of the N-point inverse complex FFT. Thus, for the computation of
{)?i_MDCT} nd {X, o MDST} we need two separate N-point inverse complex FFTs [11]
(see Exercise 1).

Note 2 There exists a simple method how to use a forward complex FFT for
the inverse complex FFT computation [80]. Specifically, at first it is necessary to
exchange the real and imaginary parts in the input complex-valued data sequence,
then performing the forward complex FFT and finally, again exchanging the real

and imaginary parts of the result.

4.2.3 DCT-1I-Based Fast Algorithms

Although the DFT/FFT-based fast algorithms are structurally very simple, they
require complex arithmetic. However, the DCT-1I-based algorithms require the real
arithmetic only, and they are more efficient in terms of the computational complexity
[7,8,67]. The required DCT-II fast algorithm or fast DCT-II computational structure
is presented in Appendix C.1.

4.2.3.1 DCT-II-Based Fast Algorithm [8] and Its Refined Version [7]

The evenly stacked N-point MDCT given by (4.1) can be decomposed into the
form [8]

Ci = Z)Cn |:—7T(2n + l)k %ki|

N—1 N—1
b4 7(2n + 1)k b4 [ 7r@rn+ Dk
=coszk gxn cos [T)}_ Ek Zox,, sin [(T]
N
k:O,l,...,E—l. 4.11)

From (4.11) it can be easily seen that the MDCT coefficients are obtained from the
alternate computation of two sums. For even-indexed MDCT coefficients (k is even)
the first sum is computed, while for odd-indexed MDCT coefficients (k is odd) the
second sum is computed, and hence (4.11) is equivalent to

N—1
2n + 1)2k
&= Y, cos [%}
n=0
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N—1
5 2 D2k +1 N
C;k+1 z(_l)kHZXn Sin[n(n_'_]\;( + ):|, k=0,1,...,z—1.

n=0

4.12)

The symmetry of cosine and sine transform kernels on the right-hand side of (4.12)
provides the first reduction. Indeed, substituting N—1—nforn =0, 1,.. ., %’—l into
both sums of (4.12), and using the trigonometric identities, they can be written as

¥
2
E
Cop = (—1)k E (x; + xny—1—p) cOS

n=0

7(2n + Dk
7

%_] 4 n
= (-t an cos [JTQN—/EWC} ,

n=0

¥-1
P S . [7@n+ D2k +1)
Cok+1 = (—1)k+1 Z(x" — XN—1-n) sm|: N ]
n=0

=y
_ (1) ;xn in [n(Zn + 2(2k+ l)i| ,

k=0,1,...,— =1 (4.13)

The last step includes again using the symmetry of cosine and sine transform kernels
and by substitution § —1—nforn =0, 1,..., §—1in (4.13), the complete formulae
constituting the fast algorithm for the alternate N-point MDCT/MDST computation
in the evenly stacked system (V is integer divisible by 4) are obtained as [8]

N

N
E_ ok ” ” w(2n + 1)k
oy = (=1) ;(xn +x%_1_n) cos [—Z(N/4)
¥
E —. ' 7@2n+ 1)(2k + 1)
Copr = (=D Z(xn +x%_1_n) sm|: 2N /4 i| ,
n=0
N
k=01, 2 -1 (4.14)

where

4 7

Xy = Xn — XN—I1-n>» X, = Xp + XN—1-n, n=0717""5_1' (415)
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The cosine and sine transform kernels in (4.14) are recognized as an unnormalized
N—point DCT-I of {x, + xN - } and an unnormalized d—point DST-IV of

{x + x Yoo } respectively. Thus, the even-indexed MDCT coefficients are con-

verted to the DCT II while the odd-indexed MDCT coefficients are converted to the
DST-IV.

The corresponding generalized signal flow graph for the alternate forward and
backward MDCT/MDST computation is shown in Fig.4.1 for N = 16. Based
on the relation between the MDCT and MDST block transforms given by (4.5),
the symbols in brackets correspond to the MDST computation. After the MDCT
computation, the MDST coefficients are in reverse order. From (4.14) it can be easily
seen that the fast MDCT algorithm is generally valid for any integer N divisible
by 4. Therefore, its computational complexity depends on the adopted fast DCT-
IT and DST-1V algorithms (see Appendices C.1 and C.2, respectlvely) may be
even or odd, thus requiring efficient even-length or odd-length DCT-II and DST-IV
algorithms.

The backward MDCT/MDST computation can be realized by reversing the
generalized signal flow graph for the forward MDCT computation and performing
inverse operations. However, there is a minor change. The backward MDCT given
by (4.2) can be decomposed into the form

-1

AE—MDCT E wk 7(2n + )k .k . [7@2n+ Dk
X ek ¢, | cos — cos | ———— | —sin — sin | ——— ],
2 N 2 N

oIz

k=
0,1,....N—1. (4.16)

Using the odd anti-symmetry property of MDCT coefficients (when % is even, see
Chap. 3) we have

N_

2
AE—MDCT E wk _ 7(2n + )k
= g} S
X, ¢+ ; cos 3 C, COS [n N :|
|
— . 7wk _ ¢ . [7@2n+ Dk
—Zsm—ch sin | ——— |,
2 N
k=1
n=01,...,N—1, 4.17)

which can be finally written as

N
L

AE—MDCT E E 7(2n+ 1)k
xn = CO + ;(—l)k 2 CZk COS |:2(N—/4)i| +
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Fig. 4.1 Generalized signal flow graph for the alternate forward and backward MDCT/MDST
computation in the evenly stacked system for N = 16

¥
4
il A E . [m@n+ 12k +1)
+;(—1) 2c2k+lsm|: 2N J4) ,
n=0,1,...,N—1. (4.18)

It means that for the backward MDCT/MDST computation, the MDCT coefficients
{ci}, k=1,2,... %V — 1, have to be scaled by the factor of 2 except for cg
according to (4.2). This is shown in the generalized signal flow graph in Fig.4.1.
Thus, the generalized signal flow graph represents the unified forward and back-

ward MDCT/MDST computation in the evenly stacked system for any integer N
divisible by 4.
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The fast algorithm defined by (4.14) and (4.15) can be refined to involve two
identical unnormalized ¥ 7 -point DCTs-II as follows. At first, substituting T—1—k
for k into the second sum of (4.14) we have

E N_ o / / . n(2n+l)(1—v—l—2k)
= (DI ) [ e ]
v & L 7Q2n+ 1)(2k + 1)
= DI 6 ) [ /) ]
¥y
ik : 7(2n+ 1)k + 1)
= (-1) ,;Ozn cos[ TN } (4.19)
k=01, ,E -1
4

Based on the relation between the DST-IV and the corresponding DCT-IV [75]
(see also Appendix C.2), the DST-IV transform kernel is converted to that of the
corresponding DCT-IV. Finally, using the trigonometric identity cos(e + B) =
2 cos(a) cos(B) — cos(a — B), setting @ = ”2 (2n + Dk, B = {(2n + 1), and
explomng the fact that the MDCT coefﬁcrents have odd anti-symmetry property,
ie., CN+2/< L= Cﬂ—zk+1 when 5 is even (see Chap.3), we get the complete
formulae of the reﬁned fast algorithm for the forward N-point MDCT computation
defined as [7]

N
¥

ey = (=1 Z(x”n +xé_l_n) cos[

7(2n + l)ki|
n=0

2(N/4)

N
N

CE%—i—zk = (—1)%—k Z (2 Z, COS [%(Zn + 1)]) cos [%} + CE%—zk+1’

n=0

-1, (4.20)

whereby in the second sum of (4.20), the MDCT coefficients are related to the DCT-
II coefficients {CZ} by

v, =(CDi2ey . if k=0,
2 Py
E N_; T E
Cy_yp = (=1) kc%—l—k + ey pyy  for k>0, 4.21)

and
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4-point DCT-I1

2 cos /16 12
\:

2 cos 3n/16

¥
2 bk 5m/16
/;é/é%n/le

4-point DCT-II

Fig. 4.2 Refined generalized signal flow graph for the alternate forward and backward
MDCT/MDST computation in the evenly stacked system for N = 16

= (=1)" (x,;—l—x/%_l_n), n:O,l,...,IZV—l. (4.22)

The corresponding refined generalized signal flow graph for the alternate fast

MDCT/MDST computation is shown in Fig.4.2 for N = 16. The backward

MDCT/MDST computation can be realized by reversing the generalized signal

flow graph for the forward MDCT and performing inverse operations. The MDCT
coefficients have to be scaled according to (4.2) (see Fig. 4.1).



110 4 Fast MDCT/MDST, MLT, ELT, and MCLT Algorithms

The total computational complexity of the refined fast MDCT/MDST algorithm
[7] in the general case, when N is integer divisible by 4 is given by %’ multiplications,
75 —1 additions, 1 shift plus the arithmetic complexity of two §-point DCT-IIs. The

backward MDCT/MDST requires exactly %’ less number of additions than that of
the forward MDCT.

4.2.3.2 DCT-II-Based Fast Algorithm [7]

Substituting N — 1 — n for n into (4.1) we have

|
= N
Ci = Z(xn ( l)k XN—1 —n) COS|: (2n+ 1+ 2)]{| s
n=0
N
k=01....5~L (4.23)

Now consider separately the even-indexed and odd-indexed MDCT coefficients in
(4.23). Then, we have [7]

N
ey = Z(x" + (=1)* xy—1-n) cos [N (2n+ 1+ 2) 2k]

-1

N
= Z(xn—i-x;v 1=n) cos|:— (2n+ 1+ E)1{|
n=0 /
51 N
C§k+1 = Z (0 + (1% xy_1_,) cos |:N (2n +1+ ) (2k + 1)j|
n=0

N

= Z(xn — XN—1—n) COS [2(N/2) (Zn + 1+ N) 2k + 1)} (4.24)

n=0

N
k=0,1,...,——1.

4
The transform kernels for even-indexed and odd- indexed MDCT coefficients in
(4.24) are recognized to be —-pomt MDCT and ¥ 5-point oddly stacked MDCT,
respectively. Again, using the trigonometric identity cos(a +B) = 2cos(a) cos(B)—
cos(a — B), settinga = 5 (2n + 1 + %V), B = NL/Z(Zn +1+ %’)k, the second sum
in (4.24) can be written in the form
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[

2
C;k—‘,-l = Z (2 (X2 — XN—1-4) COS [N (2n+ 1+ 2)])
n=0
b4 N E
X COS I:m (211 =+ 1 =+ E) ki| — CZk—l’ (425)

and hence, we have the following expressions

E 14
Cop = Zx” cos [N/Z (2n+ 1+ 2)k:|,

n=0
N
E E
Cop1 = Zx cos [N/Z (2n +1+ —)k):| — Cyp_i>
N
k=0,1, ,Z—l, (4.26)

where

/ N
X, =2 (X, — Xn—1—n) cos[ (2n+ 1+ 2)j|

” N
2

X = X, + XN—1—n> n=0,1,...,——1. “4.27)

Compared to (4.15), the data sequence {x, } is multiplied by 2cos [Z(2n + 1 + ¥)].
Since the transform kernels in both sums in (4.26) have the identical form, let us
substitute % — 1 — n for n, and we get

!
4
E 7 7 b/ N
CZk = n=§ O(Xn +X¥_1_n) COS I:m (2)’1 + l + 5) ki| ,

!
4
E ’ ’ T N E
Copt1 = Z(Xn +x%_l_n) Ccos |:N_/2 (QJ’L + 1+ 5) k:| — Cop—1»
n=0
N
k=01 5~ 1, (4.28)

The last step involves converting the MDCT kernel in both sums to that of the
unnormalized DCT-II according to
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T N _ X x(2n + 1)k

and the complete formulae for the fast N-point MDCT computation are given by
Britanak [7]

|
E < /7 7" 7T(2n + 1)k
om0 D [T
n=0
i n + Dk
E ’ ’ T(in E
Copgr = (1) Z(xn +x%_1_”) cos [Z(N—/él)} = Cy—1>
n=0
N
k=0,1,...,z—1, (4.30)

whereby in the second sum of (4.30) the MDCT coefficients are related to the DCT-
II coefficients {c;:} by

¢, =2cy. if k=0,
C§k+l =(=Dfe¢, — ¢y for k>0, 4.31)

The corresponding generalized signal flow graph for the forward MDCT com-
putation is shown in Fig. 4.3 for N = 16. Obviously, the backward MDCT/MDST
computation can be realized by reversing the generalized signal flow graph for the
forward MDCT and performing inverse operations, and the MDCT coefficients have
to be scaled according to (4.2) (see Fig.4.1).

The total computational complexity of the fast MDCT algorithm [7] in the
general case, when N is integer divisible by 4 is given by % multiplications, 7% —1
additions, 1 shift plus the arithmetic complexity of two %’—point DCT-IIs. The
backward MDCT/MDST requires exactly % less number of additions than that of
the forward MDCT.

4.2.3.3 DCT-II-Based Fast Algorithm [67]

Perhaps the most elegant fast algorithm for the MDCT and MDST computation in
the evenly stacked system in terms of the computational complexity, regularity, and
structural simplicity was developed in [67] as a part of the fast algorithm developed
for the complex MCLT filter bank. It was shown that the evenly stacked N-point
MDCT and MDST may be computed with two %’-point DCTs-1I of appropriately
folded input sequences.
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X,

4-point DCT-1I

NV /4 °4
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Fig. 4.3 Generalized signal flow graph for the alternate forward and backward MDCT/MDST
computation in the evenly stacked system for N = 16

Consider the forward MDCT and MDST given by (4.1) and (4.3), respectively.
In order to eliminate the time shift factors %’ in the MDCT and MDST transform
kernels, apply a permutation to the data sequence {x,} defined as

X s n=20,1,...

Yn = (4’32)
X _N, nz%l,%%—l,...,N—l,
1

n—
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The permutation defined by (4.32) can be interpreted as a circular shift of the
original data sequence {x,} to the right in the period N by %’ samples. Subsequently,
after the elimination of time shift factors %’, using the symmetry property of cosine
and sine transform kernels, the forward N-point MDCT is reduced to [67]

¥

N—1 0]
7(2n + 1)k 7(2n+ 1)k
C/f = Z)’n COos [T} = Z()’n + YN—1-n) COS [W )
n=0 n=0
N
k:O,l,...,E—l, 4.33)

while the forward N-point MDST is reduced to [67]

PR x@n+ k] 7Q2n + Dk
s, = E Y, sin |:—i| = E Y — Yn—1—n) sin |:—i| ,
5 N R 2(N/2)

k=0,1,...,— — 1. (4.34)

N
2
The transform kernel in (4.33) is recognized as an unnormalized %’—point DCT-II of
{yn+YN—1-n}, and the transform kernel in (4.34) as the unnormalized corresponding
-point DST-II of {y, — yn—i—s}. Finally, combining (4.32) and (4.33), the fast
algorithm for the forward N-point MDCT computation (N is integer divisible by 4)
is defined as [67]

!
2
E 7(2n 4+ 1)k N
ckzzuncos[zw—/z)] k=0.1,....2 -1, (4.35)
n=0
where
X}TN+n+XSTN_1_n, n:O,l,...,%/—l,
u, = (4.36)

=N N N _
Xy Xy, n=7,7+L....5—-L

On the other hand, combining (4.32) and (4.34) and using the relation between the
DCT-II and the corresponding DST-1I [75], the fast algorithm for the forward N-
point MDST computation (N is integer divisible by 4) is defined as [67]
¥
s]E\,f,c = Z(—l)" v, cOS

n=0

7(2n + 1)k
[ 2(N/2)

N
] k=01....5 -1 (437
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where

x%+n - 'x%—l—n’

Up = (4.38)

X, N —X3N_ n =

n 1 y —n’

The generalized signal flow graph for the forward MDCT computation in the evenly
stacked system for N = 16 is shown in Fig.4.4. The corresponding generalized
signal flow graph for the forward MDST computation can be easily deduced taking
into account (4.38) and sign changes applied to odd-indexed samples of {v,}
according to (4.37). The MDST coefficients will be in reverse order.

Fig. 4.4 Generalized signal X,
flow graph for the forward
and backward MDCT

S X,
computation in the evenly
stacked system for N = 16
X,
X3
X, coE
Xs ¢’
E
Xq = c,
=
X 8 ¢
=
E
Xg 3 C,
o
! E
X, o0 Cs
E
X1 Cs
E
Xy C,
X12
X3
X14
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Obviously, the backward MDCT or MDST computation can be realized by
reversing the corresponding generalized signal flow graph for the forward MDCT
and MDST and performing inverse operations. Before the backward MDCT and
MDST computation, the MDCT coefficients have to be scaled according to (4.2),
while the MDST coefficients according to (4.4). For this fast algorithm based on
the relation between the MDCT and the MDST block transforms given by (4.5), the
forward and backward MDST can be computed alternatively using the fast MDCT
algorithm only.

The total computational complexity of the fast MDCT algorithm [67] in the
general case when N is integer divisible by 4 is given by %’ additions plus the
arithmetic complexity of the %’-point DCT-II. The backward MDCT/MDST requires
exactly %’ less number of additions than that of the forward MDCT.

Note 3 In the theory of fast algorithms for discrete unitary (orthogonal) trans-
forms a generalized signal flow graph defines a sparse (block) matrix factorization
(recursive or non-recursive) of a given transform matrix [75]. Therefore, generalized
signal flow graphs for the MDCT/MDST computation in the evenly stacked system
shown in Figs. 4.1, 4.2, 4.3, and 4.4 correspond to sparse matrix factorizations of
the MDCT matrix [7]. Based on the relation between the MDCT and MDST block
transforms given by (4.5) we can obtain sparse (block) matrix factorizations of the
corresponding MDST matrix.

4.2.4 Comparison of Evenly Stacked Fast MDCT/MDST
Algorithms

Comparison of the discussed fast algorithms for the alternate (simultaneous)
MDCT/MDST computation in the evenly stacked system in terms of arithmetic
complexity for N = 2", n > 2 is summarized in Table 4.1. For the DFT/FFT-based
algorithms it is assumed that the best 2"-point complex split-radix FFT [2, 79, 85]
and RVFFT algorithms [2, 86] are employed. The computational complexity of
DFT/FFT-based algorithms can be further improved by the FFT algorithm [82]
being actually the modified split-radix FFT algorithm with fewer total number of

Table 4.1 Comparison of fast algorithms for the alternate (simultaneous) MDCT/MDST compu-
tation in the evenly stacked system in terms of arithmetic complexity for N = 2", n > 2

Fast algorithm # of real mults # of real adds # of shifts
N-point complex FFT [10, 13] Nn+1 NQ@n+1)+1 N

Two N-point RVFFTs [14] N(n—1) NG@Bn—4)4+6

Refined DCT-II-based [7] Tm—1) YEn—-1+2 2
DCT-II-based [7] Yn Yen—-1+2 2

DCT-1I-based [67] Tn—1) T(3n—=3)+2 2
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real arithmetic operations. Specifically, for the N = 2"-length FFT it reduces the
computational complexity asymptotically from 4Nn + O (N) to 3 Nn + O (N) real
arithmetic operations [37].

For the DCT-II-based fast algorithms in general case, when N is a composite
integer, i.e., it is of the form N = 2" x ¢, where ¢ is an odd positive integer (or
the mixed-radix length being the combination of radix-2 and radix-g lengths), the
computational complexity of the N-point DCT-II is given by (C.8) in Appendix C.

4.3 Fast Algorithms for the MDCT (MLT)/MDST
Computation in the Oddly Stacked System

Compared to the evenly stacked MDCT [4], the oddly stacked MDCT [5] or equiv-
alently, the MLT [2], became preferring for the time-to-frequency transformation of
an audio data block in many international audio coding standards as well as in many
proprietary audio compression algorithms [1, 6]. In the following, at first definitions
of the oddly stacked MDCT and the corresponding MDST block transforms are
presented including a relation between the MDCT and MDST. Then, a relation
between the MDCT and MLT, and fast algorithms for their efficient implementation
are discussed in detail.

4.3.1 Definitions of MDCT (MLT) and MDST Block
Transforms

Let {x,}, n = 0,1,...,N — 1 represent a windowed input data sequence, and N
being the length of a data block is assumed to be an even integer. With respect
to Chap. 3, the forward and backward MDCT block transforms are, respectively,
defined as [5]

N
ck— E X, cos|: (2n+1+ )(2k+1):| k:O,l,,”,E_l’
4.39)

and

N
¥

”MDCTZ_ch cos[ (2n+1+ )(2k+1)} n=0.1,...N-1
(4.40)
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The corresponding forward and backward MDST block transforms are, respectively,
defined as [18]

N
sk—Zx,, sm[ (2n+1+ )(2k+1)} k=0.1.....5 -1
(4.41)

and

¥q

e Zsk sm[ (2n+1+ )(Zk—i—l)} n=01,...,.N—1,

(4.42)
where {ck }/{sk} are MDCT/MDST coefficients, and {)%0 . WX, } are time
domain aliased data sequences recovered by the backward MDCT/MDST. We note

that the relation between the MDCT and the MDST block transforms given by
Britanak and Rao [18]

AO—MDST

N—1
0 N n N
S = DY Yy, cos[ZN (2n+1+ )(2k+1)}
n=0
N
k=0,1, ,5—1, (4.43)

results in a simple method to compute the MDST using only one fast algorithm for
the MDCT computation.

The original definitions of the forward and backward MLT block transforms
[2, 47] are simply obtained by substituting N = 2M into (4.39) and (4.40). On
the other hand, the MLT is always implicitly associated with the sine windowing
function. Therefore, from algorithmic point of view the fast MDCT and MLT algo-
rithms are equivalent. For simplicity, in the following discussion the normalization
factors % in (4.40) and (4.42) are neglected.

4.3.2 DFT/FFT-Based Fast Algorithms

Traditionally, after introducing any new sinusoidal unitary transform or any cosine-
modulated filter bank to digital signal processing, in developing fast algorithms for
their efficient computation the DFT and its fast implementation, FFT, frequently
have been used in the first place. Indeed, similarly as for the evenly stacked MDCT,
several fast DFT/FFT-based algorithms for the oddly stacked MDCT computation
[15,23-25, 28, 32, 34, 36] and the MLT computation [45, 46] have been developed.
They are derived and discussed in the following subsections. The required fast
DFT/FFT algorithms are presented in [2].
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4.3.2.1 DFT/FFT-Based Fast Algorithm [23]

The first computationally efficient DFT/FFT-based MDCT algorithm originally
proposed for the realization of real-valued perfect reconstruction single sideband
analysis/synthesis filter banks [78] has been reported in [23]. Due to the same basic
symmetry property of MDCT coefficients (see Chap.3) and of the odd-time odd-
frequency DFT (O*DFT) coefficients (see Appendix B.1), the fast forward and
backward MDCT computation is based on the fast O’DFT algorithm derived for
odd/even symmetric real-valued data sequences (see Appendix B.2).

The forward MDCT block transform given by (4.39) can be expressed in terms
of the O?DFT as [23]

N—1

.o . 27 (2k+1)(2n+
c: =2 Ne e TCHD an e’ Al ,
n=0
. N
i= V-1, k=0,1,...,5—1. (4.44)

As the first step, the original windowed data sequence {x,} is split into its real-valued
odd and even symmetric parts, respectively, as

Uy, = % (X0 — XN—1—1), vy = % (X0 + xy—1=n), n=0,1,...,.N—1.
(4.45)

For the real-valued odd symmetric part {u,}, the real-valued even symmetric part

{v,} and their corresponding O*DFT, the following symmetry relations hold [23]

Up = —UN—1—p < uk = _Z/{N—l—kv

V= Un—l—n < Vi = i VN—1-t, n, k=0,1,...,N—1.(4.46)

Relations given by (4.46) imply that for {u,} being the real-valued odd symmetric
data sequence, the transformed sequence {U} is purely real and odd symmetric,
while for {v, } being the real-valued even symmetric data sequence, the transformed
sequence {V} is purely imaginary and even symmetric [23]. Thus, the odd and
even symmetric parts given by (4.46) may be transformed separately using the fast
O’DFT algorithm (see Appendix B.2), and then added afterwards [23]

Xp=1Up+v, & U+iV 4.47)

This is already a reduction in computational complexity, because only two FFTs of
the length %’ are required compared to the direct realization of (4.44) requiring an
FFT of the length N. However, exploiting the symmetry properties of O*DFT the
number of FFTs can be reduced to only one FFT of the length %, whereby N is an
integer divisible by 4 [23].
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Using (4.46) and (4.47), (4.44) may be expressed in the equivalent form as

N

¢ =2 %e {e—i FOHD g — i vk)} : L (4.48)

k=0,1,.

Taking the real part of (4.48), after some algebraic manipulations we get

cz:\/Ecos%k(uk—ivk)—\/zSin%k(uk-Fin),

N
k=0,1,...,——1,

4.49
> (4.49)
where the cosine and sine terms are defined on cyclic sets

C ={1,0,—-1,0}, cos%k € C, VY kmod4,

S=10,1,0,—1}, sin%k €S, Vkmod4. (4.50)

Now, split the MDCT coefficients {c:} into sequences containing the even- and odd-
indexed values only, and from (4.49) we get

o
Cok

V2 (=1 U — i Vi),

Cgk+1 = —V2 (=1)* Unit1 + i Vi),
N
k=017 -1 (4.51)

Using the symmetry relations given by (4.46) for values with odd indices we have

Ui+ = —Un—2—2k and Vak+1 = Vn—2-2k» (4.52)

and the odd-indexed MDCT coefficients can be expressed as a function of the even-
indexed values as

N

k=0,1,...,——1.(453
1 (4.53)

o .
ot = V2 (=D} Uy—a—ox — i Vo).
Substituting ]ZV + k for k into the first equation of (4.51) we get

o Ny )
CN o = V2 (=1 Uy 1o = VY ),

N
k=0,1,...,z—1, (4.54)

and finally, using (4.51) and (4.54), after applying the fast O?DFT algorithm (see
Appendix B.2) we have
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V2 (1) c;k V2 (=1)FThH C;+2k
= I:(UZI( —1 V2k) —i (u%+2k —1i V%—l—Zk)]

= [(Uzk —Vn o) =i Uy o+ Vzk)]

|
4
= T Y e W]
n=0
N
k=0,1,...,z—1, (4.55)

where

. N
Yy = [(uzn—v%ﬂn)—z(u%ﬂn—i—vz”)], nzO,l,...,Z—l. (4.56)

From definitions of odd and even parts given by (4.45), the expressions for real
and imaginary parts on the right-hand side of (4.56) in terms of the original data
sequence {x,} correspond to

1
U — VN 4oy = D) [(XZn _x%—1—2n) — (v—1-20 + x%+2n)] )
1
u%—i—Zn + Uy = 5 [(.in _x%_l_zn) + (xN—l—Zn + x%+2n)i| ’
N
n:O,l,...,Z—l. 4.57)

Now we are able to formulate the complete formulae of the fast DFT/FFT-based
algorithm for the forward MDCT computation as follows [23]:

. m@nt)Ek+1)
! N

Jo =Jfu + if%+2k = 5 Z [(an _bn) —i (an + bn)] e

\/5 . w(8k+1)
—! TN

=—c
2

N
¥

Z [[(an - bn) —1 (a” + bn)] e_i 71(81:;-1)] e_i ZNL/]T,

n=0

k=0,1,...,——1, (4.58)

.

N
4
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where

n = Xon — XN _j_ops by = Xn—1-2 + XY 4 ons

N
n=0,1,...,z—1. (4.59)

The final MDCT coefficients are obtained as

o o N
Cop = (=1 Re (i}, Cok41 = (=D« Im {f%—l—k},
N
k:O,l,...,Z—l, (4.60)

or alternatively, as

= (D e it ey = DV Smfh

N
k=0.1.... o -1 4.61)

The transform kernel on the right-hand side of (4.58) is the forward %’—point complex
FFT. The generalized signal flow graph of the fast DFT/FFT-based algorithm for

the forward MDCT computation [23] is shown in Fig. 4.5. Complex multiplications

. a@nt1) . Bkt . . . N

by e & and e’ e correspond, respectively, to two identical blocks of 7
Givens—Jacobi pre- and post-rotations (see Appendix F.4).

Scaling factors ‘/75 in (4.58) can be incorporated into the block of Givens—Jacobi

pre-rotations. Then, for the efficient implementation of pre-rotations, the bilinear

computational structure has to be used (see Appendix F.3). Further, if % is odd, then
(—1) ¥+ in (4.60) and (4.61) is reduced to (—1)*. For 2-lengths, is reduced to
(— 1)k,

Now consider the backward MDCT block transform given by (4.40). Let {y,}
represent an arbitrary real-valued data sequence. Then, with respect to (4.58) for the
inverse O’DFT computation the following relation holds (see Appendix B.2):

ya = O’DFT{f,} = O’DFTY{f, }, (4.62)
where * denotes the complex conjugate. Consequently, the inverse O*DFT computa-
tion can be realized by the forward O?DFT al gorithm. Thus, the fast DFT/FFT-based
algorithm for the backward MDCT computation is defined as [23]

Yo = Yo T YN 4o,

&=

-1
4 . N 0 *
[(_l)k ey + i (=1 C%—l—zk] ¢
0

. w(dn+1)(dk+1)
! 2N

|5

~
Il
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Fig. 4.5 Generalized signal flow graph for the fast DFT/FFT-based forward MDCT computation

[23] in the oddly stacked system for N = 16, and « = %

¥
N 0o I 0 i aGED ] 2mke
=€ o ; [[(—1)k cyp — i (=1)a T c%_l_z,(] e W ] eV,
N
n=01, -1 (4.63)

—MDCT

}

Exploiting the symmetry properties of time domain aliased data sequence {fcz
(see Chap. 3), it is recovered as [23]
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AO—MDCT ~ A~O—MDCT AO—MDCT
Xon = Ne {Yn} + Sm {yn}s x%—l—Zn = —Xy, ’
AO—MDCT ~ A~O—MDCT A~O—MDCT
Xy = —Ne {yn} + Sm {y.}, At = Xy o,
N
n=0,1,...,z—1. (4.64)

The total computational complexity of the fast DFT/FFT-based algorithm for the
forward N-point MDCT computation [23] is given by 37N real multiplications, STN
real additions plus the complexity of %’-point forward complex FFT. The backward
MDCT computation requires exactly %’ real additions less than that of the forward

MDCT.

4.3.2.2 DFT/FFT-Based Fast Algorithm [24, 34, 36]

Another fast DFT/FFT-based MDCT algorithm was developed in [24, 34], and its
improved implementation was described in [36]. The algorithm is very similar to
that discussed in previous subsection although it was derived by a quite different
procedure. It is based on a %—point inverse complex-valued DFT/FFT.

The forward MDCT block transform given by (4.39) can be written in the
equivalent as [24]

N—1
T T
¢ =3 x, cos [ﬁ@n + DK+ D) + Tk 1)] :
n=0

k=0,1,...,— -1 (4.65)

The even anti-symmetry of MDCT coefficients (see Chap. 3) allows to restrict the
computation to only half of coefficients. For the derivation of algorithm, the even-
indexed coefficients are chosen. The odd-indexed coefficients can be deduced from
the even anti-symmetry property, i.e., c;k = —cf:,_2_2k fork =0,1,...5 — 1.
Then (4.65) replacing cgk by zox is equivalent to

N—1

b4 7
ok = ;xn cos [ﬁ(Zn +1D@k+1) + Z(4k + 1)] ,
N
k=0,1,...,5—1, (4.66)

which using the trigonometric identity for cosine transform kernel can be rewrit-
ten as
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N-1
2 = (=1 72 > x <c0s [%(Zn + 1)(4k + 1)]

n=0
—sin [%(2;1 +1)(dk + 1)]),

N
k=0,1,...,——1. 4.67)
2
The symmetric cosine and sine transform kernels in (4.67) with respect to the time
and frequency indices n and k, respectively, can be obtained by introducing the
following permutation [24]

/ 7 N
X, = Xon, X, = XN—1—2n, n=0,1,...,5—1, (4.68)

and from (4.67) we get

N_
\/zz

1
2 = (=D =R Xon (cos [%(4;1 + 1)(4k + 1)]

n=0

— sin [%(4}1 + 1)(4k + 1)])
-

’; XN—1-2n (Cos [%(411 + 1)(4k + 1)]

V2
—_— — k—
(D"

in[ = (4n + 1)(4k + 1 k=01 N 1 6o
—i—sm[ﬁ(n—i—)( +1]). =0l 7 -1 (469

Now, for simplicity in the subsequent derivation of algorithm denote the cosine and
sine transform kernels in (4.69) as

cs = cos [%(4;1 )4k + 1)] . sn=sin [%(4;1 + 1)(4k + 1)] .

Substituting % + k for k into (4.69) we have

¥—1
V2 3
o = (—1)F == sz,, (cs — sn) — xy—1—2s (cs + sn),
2 n=0
S
N
Wy = (—1)I+k+l 3 ZXN—I—ZH (cs — sn) + xy, (cs + sn),
n=0
N
k=01 5~ (4.70)
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Finally, substitute %’ + n for n in (4.70). After some algebraic manipulations we get
¥
2 4
22k = (_1)k % Z (20 _X%—1—2n) (cs —sn) — (xy—1—20 + x%—‘an) (cs + sn),
n=0

oy = (= DERLE f Z(XN 1=2n T X8 4g,) (€8 —sn) + (xon — Xy _1_5,) (5 + 5n),

n=0

N
k=0,1,..., —
4

—1. 4.71)

The last step includes mapping (4.71) into the inverse %’—point complex DFT/FFT
(N 1is integer divisible by 4) as [24]

41

s

(1) 4kt
a= (=D oy +i(— 1)4+kzN+2,(_7 > M@ —ba) +i @+ bl
n=0
Vo S
2 o T
273’% I:[(an bn)+l(an+b)] HJH)]GI ZN/k"’
n=0
k=01,..., %—1, 4.72)

where {a,} and {b,} are given by (4.59). The final MDCT coefficients are obtained
as [24]

0 0o N
cZk = (_l)k me {Zk}7 C%—I—Zk = (_1)4+k C‘\Sm {Zk}7
N
k=0,l,...,z—l. 4.73)

The transform kernel on the right-hand side of (4.72) is the inverse %’—point complex
FFT. The generalized signal flow graph of the fast DFT/FFT-based algorithm for

the forward MDCT computation [24] is shown in Fig. 4.6. Complex multiplications
by & R and ¢ & correspond, respectively, to two blocks of %’ Givens—Jacobi

pre- and post-rotations (see Appendix F.4). Scaling factors 5= in (4.72) can be

incorporated into the block of Givens—Jacobi pre-rotations. Then, for the efficient
implementation of pre-rotations, the bilinear computational structure has to be used
(see Appendix F.3). Further, if %’ is even, then (—1)%“‘ in (4.72) and (4.73) is
reduced to (—1)*.

Now consider the backward MDCT block transform given by (4.40). Since
the DFT is the unitary discrete transform, the approach in [80] allows for the
forward complex FFT computation to use the inverse complex FFT. Specifically,
it is necessary at first to exchange the real and imaginary parts in the input complex-
valued data sequence, then performing the inverse complex FFT and finally, again
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Fig. 4.6 Generalized signal flow graph for the fast DFT/FFT-based forward MDCT computation

[24] in the oddly stacked system for N = 16, and « = %

exchanging the real and imaginary parts of the result. Let {y,} represent an
arbitrary real-valued data sequence. Thus, the fast DFT/FFT-based algorithm for
the backward MDCT computation is defined as [24]

—1

N 0 . 0
[(—1) Ttk Cy_i +i (=Dt Czk]] e
=0

=

- 2 (4nt1D)(4k+1)
P—av

oIt

Yn =Y + iy%+2,, =

>~

N
¥

2 - 2nn . T + ; 2K

é ¥ Z [[(_1)%+k Coﬁ_l—zk +i (=) Cgk] ¢ W 1)] ¢ W )
k=0 ?

N

4

n=01,...,——1. 4.74)
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O—MDCT

Exploiting the symmetry properties of time domain aliased data sequence {X, }
(see Chap. 3), it is recovered as [24]
AO—MDCT ~ AO—MDCT A~O—MDCT
Xon = JNe {yn} + Sm {yn}a x%—l—Zn =~y ’
~O—MDCT ~ A~O—MDCT AO—MDCT N
Xy = Ne {yn} — Sm {yn},  Xy_1_o, = Xy o n=0,1,...,z—1.
(4.75)

The total computational complexity of the fast DFT/FFT-based algorithm for the
forward N-point MDCT computation [24] is given by 37N real multiplications, STN
real additions plus the complexity of %V—point forward complex FFT. The backward
MDCT computation requires exactly %’ real additions less than that of the forward
MDCT.

Note 4 The windowing procedure by the sine windowing function can directly
be incorporated into the fast algorithm without increasing the computational
complexity [24]. An improved implementation of the windowing procedure by the
sine windowing function both for the analysis and synthesis MLT (MDCT) filter
bank is discussed in [36].

4.3.2.3 DFT/FFT-Based Fast Algorithm [25, 32]
The main idea of a fast DFT/FFT-based MDCT algorithm outlined in [32] is based

on the simple fact that the forward MDCT block transform given by (4.39) can be
written in the following equivalent form:

N—1 N—1
0 _j k@it T
¢, = Re Zoxn_% e aw } = Zoxn_% cos [ﬁ(Zn + D2k + 1)],
. N
i=~-1, k=0,1,...,5—1. 4.76)

The transform kernels on the right-hand side of (4.76) are recognized, respectively,
as the forward O’DFT and the real-valued polyphase filter bank derived from the
DCT-1V kernel [25]. The term Xy is interpreted as a shifting of the original
data sequence {x,} by % samples with respect to the cosine transform kernel. In
fact, exploiting the anti-periodicity property of the cosine transform kernel with the

period N, i.e., substituting N + n for n we obtain

cos [%(Zn 1+ 2N) 2k + 1)] = —cos [%’(2;1 )2k + 1)] :
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It can be shown that the original data sequence {x,} has to be circularly shifted to
the right in the period N by %’ samples followed by sign changes of %’ circularly
shifted samples. This operation actually corresponds to a permutation applied to the
original data sequence {x,} defined as [28]

=X n=0,l,...,%’—l,
Vo = 4.77)

xn_%, n =

Then, applying the permutation (4.77) and using the symmetry property of cosine
transform kernel, (4.76) can be rewritten as

N—1

o T
ch = v cos [ﬁ(zn )2k + 1)]
n=0

N
¥

/4
= ”;)(yn — YN—1-n) €OS [4(N/2) 2n + 1)(2k + 1)] ,

N
k=0,1,..., =
2

—1. (4.78)

The transform kernel on the right-hand side of (4.78) is recognized as an unnor-
malized %—point DCT-1V of {y, — yy—1—»}. We note that the permutation given by
(4.77) was introduced first time in [28], but the %’-point DCT-IV was mapped into
an %’-point complex DFT. Finally, combining (4.77) and (4.78) we get

4

2
0 g N
= " 2 DRk+1) |, k=0,1,...,——1, 4.79
=2 cos | 77y 2+ D+ D) A ICED)

where

e on=0.1,... -1,

Yn = (4.80)

_ NN N
Z’Z_’_l”i_l

- x%-ﬁz _x%—l

xn_% —x%_l

Since the %-point DCT-IV given by (4.79) is closely related to the real part of
forward O’DFT for real-valued odd symmetric data sequences [25], the %-point
DCT-1V of {y,} can be efficiently computed via the fast O*DFT algorithm (see
Appendix C.2.1). The complete formulae for the DFT/FFT-based forward MDCT
computation (N is integer divisible by 4) are defined as [25, 32]
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N
& . w(4n+1)(dk+1)
. . . . _j TéntDE+D
Je =fu +i f%+2k = § (yon + i J’%_l_zn) e w
n=0
[
& (4n+1) 2mkn N
_; ok . i ZED Y 2k
=e N [@2n+ly%_1_2n)e’ 2 :Iel’\’/“, k=0,1,...,z—1.
n=0
4.81)

The final MDCT coefficients are obtained as

N
oy = Re {fil. c(%_l_% = dm{fi}. k=0.1... 7 ~1 @482

The transform kernel on the right-hand side of (4.81) is the forward %—point complex
FFT. The generalized signal flow graph of the fast DFT/FFT-based algorithm for the

forward MDCT computation [25, 32] is shown in Fig. 4.7. Complex multiplications
. wnt1) . omk . N .
by e* "2 and ¢”' '~ correspond, respectively, to two blocks of 7 Givens—

Jacobi pre- and post-rotations (see Appendix F.4). Note that compared to the fast
algorithms described in previous subsections, in the fast DFT/FFT-based algorithm

given by (4.80), (4.81), and (4.82), scaling factors ‘/Ti as well as sign changing
factors are completely eliminated.

Now consider the backward MDCT block transform given by (4.40). With
respect to Appendix C.2.1 the fast DFT/FFT-based algorithm for the backward
MDCT computation is defined as [25, 32]

41
. o .o i x(4n+1)(@dk+1)
yVl = y2n + l )’%4.2” = § (CZk + L C%—I—Zk) e 2w
k=0
|
4 “k+1) 2kn N
_j 2mn 0 . 0 = —j 2zkn
= H Y [ rich e T =01 -
= 2 4

(4.83)
The time domain aliased data sequence {)ACZ*MDCT} is partially recovered as

AO—MDCT AO—MDCT

N N
Xy 4oy =M D}, LETER —NRe {y,}, n=0.1,..., i 1, (4.84)

.. AO—MDCT .
and remaining samples of {x, } are obtained as

~O—MDCT AO—MDCT AO—MDCT AO—MDCT N
X = —Xy v XNeten =Xy, o n=01...,——1. (4.85)
TN 4

n N_—
> —1—n
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Fig. 4.7 Generalized signal flow graph for the fast DFT/FFT-based forward MDCT computation
[25, 32] in the oddly stacked system for N = 16

The total computational complexity of the fast DFT/FFT-based algorithm for
the forward N-point MDCT computation [25, 32] is given by 3(%’ — 1) real
multiplications, 2N — 3 real additions plus the complexity of %—point forward
complex FFT. The backward MDCT computation requires exactly % real additions
less than that of the forward MDCT.

Note 5 Later, quite similar fast DFT/FFT-based algorithms for the MDCT
computation were presented in [15, 16], and for the MLT computation in [45, 46]. In
order to reduce further the computational complexity, in [15] the %—point complex
FFT is alternatively decomposed into two %’—point complex FFTs.
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Note 6 The computational complexity of DFT/FFT-based algorithms can be
further improved by the modified split-radix FFT algorithm [82] with fewer total
number of real arithmetic operations. Specifically, for the N = 2"-length FFT
it reduces the computational complexity asymptotically from 4Nn 4+ O (N) to
3—94 Nn + O (N) real arithmetic operations [37].

4.3.3 DCT-1I-Based Fast Algorithms

The fast DFT/FFT-based algorithms for the oddly stacked MDCT computation
are structurally simple, but they require complex arithmetic. The fast MDCT
algorithm reported in [18] and its improved version [22, 29, 35] are based on the
DCT-II of reduced sizes, and use real arithmetic only. The required fast DCT-II
algorithms/computational structures are presented in Appendix C.1.

4.3.3.1 DCT-II-Based Fast Algorithm [18]

Consider the forward MDCT block transform given by (4.39). The derivation of
fast DCT-II-based algorithm [18] begins with Eq. (4.67), but further development
is quite different compared to that of the fast DFT/FFT-based algorithm [24]. The
symmetry of cosine and sine transform kernels in (4.67) provides the first reduction.
Indeed, substituting N — 1 —n for n into (4.67) and using the trigonometric identities
it can be written in the form [18]

V2 5-1
2

Lok = (—l)k7 ;x; cos [%(Zn + 1)(4k + 1)]

V4 7'[
—xsin| 2= (2n + 1)(4k 1],
X, s1n[2N( n+ 14k + 1)
k=01,...,— —1, (4.86)
where

X, = Xn — XN—1-n X, =Xy +xy_1—n, n=0,1,..., 3 1. 4.87)

Repeatedly using the symmetry of cosine and sine transform kernels and by
substituting %’ — 1 — n for n into (4.86), the second reduction is achieved as
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N
¥

2 ’ ”
ok = (—1)/‘\/7— nX:(:)(xn —x%_]_n) cos [%(Zn + 1)(4k + l)]

"

’ . T
— (, —xy_,_,) sin [ﬁ(Zn 1) (dk + 1)] :
k=0.1,....,~—1. (4.88)

The last step includes expanding cosine and sine transform kernels as follows

T(2n+1) w(2n+ 1)k
S cos

cos [%(21@ + 1)(4k + 1)] = co

2N N/2
Cnn+1) . 72n+ 1k
—sin sin ,
2N N/2
2 1 2 Dk
sin [%(2]@ + 1)(4k + 1)] = sin 7 ;l]\j_ ) cos x( 1,\17;_2 )
2 1 2 Dk
+ cos m(2n + )sinn( nt 1) , (489
2N N/2
and their substitution into (4.88). After some algebraic manipulations we get
= ( (
2 7(2n + 1)k  [7@2n+ Dk
= (=1)F== N ——— | —b, —— |, (490
e = (5 2 aneos S ) S ] @
N
k=0,1,..., = —1,
2
where data sequences {a,} and {b,} are defined as
Y " 7(2n+ 1) oo . m(2n+1)
a, = (x, —x%_l_n) cos N (x, — x%_l_n) sin N
” Ca(2n+1 ” ’ 7(2n +1
b, = (x, —x%_l_n) sin (T) + (x, —x%_l_n) cos (T),
N
n=0,1,...,z—1. (4.91)

The cosine and sine transform kernels in (4.90) are recognized as the unnormalized
%’—point DCT and DST of type II (DCT-II and DST-II) [75], respectively. Equation
(4.91) defines the block of Givens—Jacobi rotations (see Appendix F.1). Finally,
substituting % + k for k into (4.90) and using the trigonometric identities
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cos [%(Zn + D4k + 1+ N)] = (=1)""!sin [%(2}1 + 1)(4k + 1)] ,
sin [%(m F D@k + 1+ N)] — (=1 cos [%(2;1 )4k + 1)] ,

after some algebraic manipulations the complete formulae of the fast DCT-II-based
algorithm for the forward MDCT computation are obtained as (N is an integer
divisible by 4) [18]

¥

ok = (—1)k ﬁ 42: (an CcosS |:]T(21’l_—f-l)k:| — bn sin |:]T(21’l_—f-l)ki|) ,

2~ 2(N/4) 2(N/4)
v 2 ! C[x@n+ Dk
2y g = (—1)4+’<7 r;(—l)"Jrl (a,, sin [71(2(]\/——;4))}
7(2n + 1)k
n COS[ 2(V/3) D :
k=0,1,...,%]—1. (4.92)

The final MDCT coefficients using their even anti-symmetry property, i.e., cgk =
sk =0,1,... ¥ — 1, are given by

o
Cop = 22k

0 N
Copp] = —ZIN—2—2k» k=0,1,..., i 1. (4.93)

From (4.92) it can be easily seen that the coefficients zo and zy for k = 0 are

sums of {a,} and {b,}, respectively. The fast DCT-II-based algorithm defined by
(4.87), (4.91), (4.92), and (4.93) may be further refined as follows. Scaling factors
‘/75 in (4.92) can be incorporated into the block of %v Givens—Jacobi rotations
(4.91). Then, for the efficient implementation of Givens—Jacobi rotations the bilinear

computational structure has to be used (see Appendix F.3). If %’ is even, then

(—1)%‘*" in (4.92) is reduced to (—1)*. Further, since there exists a relation between
the DCT-II and the corresponding DST-II [75], the %’—point DST-II in (4.92) may
be converted to the %’—point DCT-II with proper preceding sign changes applied to
odd-indexed samples. Then DST-II coefficients will be in reverse order. Thus, two
identical %’—point DCTs-II are used in the resulting fast computational structure.
Based on the relation between the MDST and the MDCT given by (4.43), the MDST
computation can be realized by the fast MDCT algorithm.

The generalized signal flow graph of the refined fast DCT-II-based algorithm
for the unified forward and backward MDCT/MDST computation [18] is shown
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Fig. 4.8 Generalized signal flow graph of the refined fast DCT-II-based algorithm for the unified

MDCT/MDST computation [18] in the oddly stacked system for N = 16, § = %

in Fig.4.8. The computation of backward MDCT/MDST is simply realized by
reversing the signal flow graph for the forward MDCT computation and performing
inverse operations. The symbols in round brackets in Fig.4.8 correspond to the
MDST computation. After the MDCT computation, the MDST coefficients are in
reverse order.

The total computational complexity of the fast DCT-II-based algorithm for the

forward N-point MDCT computation [18] is given by 3TN multiplications, 1Y —

4
2 additions plus the complexity of two %’-point DCTs-II. The backward MDCT
computation requires exactly %’ additions less than that of the forward MDCT.

The original fast DCT-II-based MDCT algorithm [18] was improved both in

terms of the computational complexity and structural simplicity in [22, 29, 35].

4.3.3.2 Improved DCT-II-Based Fast Algorithm [22, 29, 35]

Recall that the even anti-symmetry of MDCT coefficients allows for computation
of only the half number of coefficients. Therefore, the even-indexed coefficients
are chosen. The odd-indexed coefficients can easily be deduced from the even anti-



136 4 Fast MDCT/MDST, MLT, ELT, and MCLT Algorithms

symmetry property, i.e., c;)k = _CI(\)/—Z—Zk fork=0,1,... %’—1. Then, the forward

MDCT block transform given by (4.39) is equivalent to [35]

Nt T N N
ZZk:,;xn cos[ﬁ(2n+l+5)(4k+l):|, k=01.... 2 -1

(4.94)

In order to eliminate the time shift factor %’ from the cosine transform kernel in

(4.94), applying the permutation (4.77) we have

N—1

T N
2= W cos[fv(Zn-i- 1)(4k + 1)], k=01...5—1 (495
n=0

Subsequently substituting N — 1 — n for n into (4.95) and using the symmetry of
cosine transform kernel we obtain

N
¥y

T N
o = ;(y,, — YN—1n) COS [iv(Zn 1) (dk + 1)] L k=0l..3-L
(4.96)
Combining (4.77) and (4.96) we get
-1
b N
= ;yn cos [ﬁ(zn + 1) (dk + 1)] Lk=0lL..Z -l @97

where {y,} is given by (4.80). Further, substituting % — 1 — n for n into (4.97), and
again using the symmetry of cosine and sine transform kernels, the next reduction
is achieved as

N
1
o = ;yn cos [%(2,1 1) (dk + 1)] 8, sin[%(Zn )4k + 1)],
N
k=01...5-1 (4.98)

The last step includes expanding cosine and sine transform kernels according to
(4.89) followed by substituting %V + k for k, and the complete formulae of the
improved fast DCT-II-based algorithm are defined as [22, 29, 35]

N
vy

. 7(2n + 1)k . [7@2n+ Dk _ N
ZZk_Z anCOS[W}-anSIH[z(N—/A‘.)], k—O,,4 1,

n=0
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!

X 2 1k 2 Dk N
ZN—Z/(: Z—ancos [M}.}.bnsin[m}’ k: 172’.__7_’

n=0

2(N/4) 2(N/4) 4
(4.99)
where
7(2n+1) o m@2n+1)
ap = Yp COS ——(/——— +yN_|_, SIN —F—,
2N 2 2N
7(2n+ 1) 7(2n+1) N
by, = —y, smT + Yy, COST, "20’1"“’2_ 1.
(4.100)

The data sequence {y,} is given by (4.80). Final MDCT coefficients are obtained
from (4.93). The ¥-point DST-II in (4.99) can be converted to the §-point DCT-IT
with proper preceding sign changes applied to odd-indexed samples.

The modified generalized signal flow graph of the improved fast DCT-II-based
algorithm [22, 29, 35] for the unified forward and backward MDCT/MDST compu-
tation is shown in Fig.4.9. The computation of backward MDCT/MDST is simply
realized by reversing the signal flow graph for the forward MDCT computation
and performing inverse operations. Compared to the fast refined MDCT algorithm
defined by (4.87), (4.91), (4.92), and (4.93), the improved fast MDCT algorithm

eliminates: the first butterfly stage, thus saving N additions (see Fig. 4.8), further
eliminates scaling factors % and final sign changes, thus simplifying the resulting
fast computational structure. Comparing (4.91) and (4.100) one can note that they
involve Givens—Jacobi rotations of opposite types.

The total computational complexity of the improved fast DCT-II-based algorithm
for the forward N-point MDCT computation [22, 29, 35] is given by 3TN multi-
plications, % — 2 additions (% — 2 additions for the backward MDCT) plus the
complexity of two %’-point DCTs-1I.

4.3.4 DCT-1V-Based Fast Algorithms

Another class of fast MDCT algorithms [19, 33, 37, 39] and fast MLT algorithms
[2, 47, 51] is based on the DCT-IV (or DST-1V) of reduced size. In fact, using a
simple permutation applied to the input data sequence {x,}, the MDCT or MLT
can always be converted to the DCT-IV of reduced size. Then, it is sufficient only
to specify a suitable fast DCT-IV algorithm/computational structure, in general,
valid for N being an even integer. It is widely accepted that the fast DCT-IV-
based MDCT or MLT algorithms are the most efficient both in terms of the
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Fig. 4.9 Modified generalized signal flow graph of the improved fast DCT-II-based algorithm for
the unified MDCT/MDST computation [22, 29, 35] in the oddly stacked system for N = 16

computational complexity and structural simplicity. The required DCT-IV (DST-1V)

fast algorithms/computational structures are presented in Appendix C.2.
Essentially, applying the permutation defined by (4.80) to the input data sequence

{x,,}, or a permutation originally introduced for the MLT defined as [2, 47, 51]

y%+n =JXn— x%—l—n’

N
YNy = = XNy, — XN—1-ns n:O,l,...,Z—l, 4.101)

the N-point forward MDCT or MLT is converted into the %’—point DCT-1V of {y,}
[see Eq. (4.79)]. The backward MDCT or MLT is realized by the inverse %’-point
DCT-IV of {CZ} using the same fast algorithm/computational structure. The time

domain aliased data sequence {ingDCT} can be recovered from {y,} applying an
inverse permutation to that of (4.101) defined as
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~O—MDCT AO—MDCT

Xn = y%+n’ x%—l—n = _y%+n’

. O—MDCT O—MDCT N

g =TV XN—tmn = VN1 n=0,1,..., i 1.
4.102)

Although the permutations (4.80) and (4.101) seem to be different, they generate
exactly the same time domain aliased data sequence {y,}. Alternatively, applying
the permutation (4.77) to the input data sequence {x,}, the time domain aliased data

sequence {)?:_MDCT} is also recovered after the backward MDCT computation from
{y.} as [19, 33]

= N _
W =01 W
= (4.103)
_yn_%, n=—T+1,,N—1

AO—MDCT

Since the DCT-IV matrix is symmetric and self-inverse, the %—point
forward/inverse DCT-IV computation, and hence the N-point forward/backward
MDCT (MLT) computation is realized by an identical fast computational structure
with the properly appended permutations (4.101) and (4.102).

Taking into account permutation (4.80) or (4.101), the total computational
complexity of fast DCT-IV-based algorithms [2, 47, 51] for the forward N-point
MLT or MDCT/MDST computation is given by % additions plus the complexity of
& _point DCT-1V.

Note 7 Applying a permutation to the input data sequence {x,} defined as [3, 18]

y%-l—n = Xn + x%—l—n’

N
YNy = XN gy = XN—1—n) n =0,1,...,Z— 1, (4.104)
the N-point forward MDST is converted into the %/-point DST-IV of {y,}. The

backward MDST is realized by the inverse %’—point DST-1V of {s,(:} using the same

fast algorithm or computational structure, and the time domain aliased data sequence
AO—MDST

{x, } can be recovered from {y,} applying an inverse permutation to that of
(4.104) as

LO—MDST LO—MDST

Xn _y%+n’ x%—l—n _y%+n’

O—MDST O—MDST N

x%_i_n = VN XN—1—n = YN n=0,1,..., i 1.

(4.105)
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We note that based on a relation between the DST-IV and the DCT-IV (see
Appendix C.2), the DST-IV can always be converted to the DCT-IV with proper
preceding sign changes applied to odd-indexed samples.

Compact computational structures for the implementation of fast analysis and
synthesis MDCT or MLT filter banks based on the DCT-IV including the win-
dowing&overlap procedure in the analysis MDCT (MLT) filter bank and window-
ing&overlap&add procedure in the synthesis MDCT (MLT) filter bank are discussed
in detail in Sect. 5.5 of Chap. 5.

4.3.5 DCT-1V/(Scaled)DCT-1I-Based Fast Algorithms

Recall that applying the permutation (4.80) or (4.101) to the input data sequence
{x,}, the N-point forward MDCT is converted into the %—point DCT-IV of {y,}
[see Eq. (4.79)]. The fast DCT-IV/DCT-II-based MDCT [19-21, 27, 31, 40, 41] or
MLT algorithms [51] and the fast DCT-IV/scaled DCT-II (SDCT-II)-based MDCT
algorithms [30, 43] utilize the following simple fact. Since there exists a simple
relation between the DCT-IV and the DCT-II matrices [75] (see also Appendix C.3),
the M-point DCT-IV may be converted to the DCT-II or SDCT-II of the same size
at the cost of additional M pre-multiplications and M — 1 recursive post-additions
[83]. The required DCT-II fast algorithm/computational structure is presented in
Appendix C.1.

Definitions of unnormalized M-point DCT-II and DCT-IV transforms are,
respectively, presented in Appendices C.1 and C.2. Let {y,,}, m = 0,1,...,.M — 1,
represent an input data sequence. An unnormalized M-point SDCT-II is
defined as [30]

S = € Ym COS M
m=0

M—1
2 Dk
’ [w} k=0.1.... M—1, (4106)

where

1, if k=0,
€@ = 4.107)
2, otherwise.

Using the trigonometric identity cos(e + ) = 2cosa cos f — cos(a — B) to the
DCT-V kernel setting o« = ZZHD0% apd g = 2D ihe pf-point DCTIV is
converted to the DCT-II of the same size as [83]

M—1

2 1 2 Dk
c:/ = Z (Zym cos alt Z;;_ ))cos[n( n;};— ) }—cz_l, k=0,1,... ,M—1,

m=0

(4.108)
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or to the SDCT-II of the same size as [30]

v pedm 7(2m+ 1) w(2m + )k v
Ym COS cos —Cp_y
— aM 2M

k=0,1,....M—1, (4.109)
where coefficients {civ} and {c;:}, ({s;cI }) satisfy the following conditions:

v i v 1T .
2¢y =c¢p, (¢ =sy) if k=0,
v v

G +epy =cp. (¢ +cp =5 if k>0. (4.110)

Equations (4.108) or (4.109) and (4.110) for M = %V and m = n define the first
form of the fast DCT-IV/(S)DCT-II-based algorithm [19-21,27,31,40,41, 51]. Pre-
multiplications by {2 cos ”(2'"+1)} in (4.108) or by {cos ”(2’”4_1)} in (4.109) applied
to the data sequence {y,,} can be effectively absorbed into the windowing procedure
in the complete analysis and synthesis MDCT or MLT filter banks.

However, an M-point DCT-II of {u,,} in (4.108) or SDCT-II in of {u,,} (4.109),
whereby u,, = 2 y, cos =5 ”(2m+1) for the DCT-II and u,, = y,, cos ”(2‘:'171) for
the SDCT-II, can be recurswely decomposed into 7-p01nt (S)DCT-II (even-indexed

coefficients) and %’-point DCT-1V (odd-indexed coefficients) as [30, 75]

M_

1 x(2m + Dk
Cop = Z(”m + Up—1-m) COS [2(M—/2)] )
m=0
51 M
it T
Copat = 3 (it — iyr—1-m) cOS [me 1)k + 1)] k=01 T - L
m=0
(4.111)

Using (C.33) from Appendix C.3, the %-point DCT-1V in (4.111) corresponding to
odd-indexed coefficients {C;k 41} is converted to the %-point (S)DCT-II as [30]

vy
1 3 w(2m+ 1) 7(2m+ 1)k 1l
Copp1 = Z 2 (U — Up—1—m) COS M cos 201/2) — Cop_t>
m=0
M
k=0,1,...,3—1, 4.112)

where

2c1—co, (clllzfvg) if k=0,
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1

Copt + Cyy = &0 oy +Cyy = 8) if k>0, (4.113)
From (4.111) and (4.112) it can be seen that the M-point (S)DCT-II is decomposed
into two identical %—point (S)DCTs-II. Equations (4.108) or (4.109), (4.110),
4.111), (4.112), and (4.113) for M = %’ and m = n define the second form of
the fast DCT-IV/(S)DCT-II-based algorithm [30]. Since the DCT-IV matrix is sym-
metric and self-inverse, the forward/inverse DCT-IV computation via the (S)DCT-1I
(note that the DCT-II matrix is not symmetric), and hence the forward/backward
MDCT or MLT may be realized by an identical fast computational structure. The
time domain aliased data sequence {fcs_MDCT} is recovered after the backward MDCT
computation according to (4.102).

Taking into account permutation (4.80) or (4.101), the total computational
complexity of the first form of fast DCT-IV/DCT-II-based algorithm for the forward
N-point MDCT or MLT computation is given by N — 1 additions, 1 shift plus the
complexity of &-point DCT-IL

An interesting method of constructing a DCT-IV/SDCT-II-based algorithm for
the forward/backward MDCT computation was reported in [43]. Consider the first
form of algorithm defined by (4.108) and (4.110). Substituting M = %’ andm = n
into (4.108), it can be rewritten into the equivalent form as

—1

W[z

2+ Dk N
&= Sy cos| TEAE DR o N @
s 2(N/2) 2
where
1 N
ty =2 Y cos”(;—;), n=01...7 1L (4.115)

The data sequence {y,} in (4.115) is given by (4.80) or (4.101). Now using a simple
trick, specifically, at first introducing the scaling factor +/2 into the sum in (4.114)
and immediately the scaling factor Lz into the right-hand side of (4.115), we obtain

equivalent forms of (4.114) and (4.115), respectively, as [43]

¥
NS @2n+ Dk w N
Cr InZOMn\/ECOS[z(N—/Z)iI_Ck—P k:O,l,...,E—l, (4116)
where
2 7(2n+1) 7@2n+1)
nz—ncos—zﬁnos—’
RV 2N y N
N
n=0beeg ol 4.117)
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The cosine transform kernel in (4.116) is recognized as the %’-point SDCT-II scaled
by the factor +/2. The just indicated simple trick is especially appreciated in the
derivation of efficient MDCT implementation for MP3 audio coding standard (see

Chap. 5). The total computational complexity of the algorithm is the same as that of
the first form of algorithm defined by (4.108) and (4.110).

4.3.6 Unified Evenly and Oddly Stacked MDCT/MDST
Computation

Another class of developed fast MDCT algorithms is based on a relation between
the oddly stacked MDCT block transform given by (4.39) and the corresponding
evenly stacked MDCT block transform given by (4.1). Although the oddly stacked
and evenly stacked MDCT, at least according to their definitions, are quite different
filter banks, they are closely related, and consequently, the efficient computation
of oddly stacked MDCT can be realized via the evenly stacked MDCT and vice
versa, only by simple pre- and post-processing of input and output data sequences
[7]. This fact allows to handle evenly and oddly stacked MDCT block transform
computations in a unified framework.

Consider the forward oddly stacked MDCT block transform given by (4.39).
Using the trigonometric identity cos(e + ) = 2cosa cos 8 — cos(o — ) applied
to the oddly stacked MDCT kernel in (4.39), setting o = 5(2n + 1 + %)k and
B=55Cn+1+ %’), we obtain the relation between the unnormalized oddly and
evenly stacked MDCT block transforms defined as [7]

o ™ N 0 N
Cp =) Yu cOS v 1S ) ke, k=011
n=0

(4.118)
where
2 ™ (14 0,1,....N—1 (4.119)
w =2x, cos|— |2n =1 n=0,1,...,N—1. .
Y 2N 2
The coefficients {c:} and {ci} satisfy the following conditions:
2¢g =cy if k=0,
¢, +cpy =c,. if k>0. (4.120)

The transform kernel on the right-hand side of (4.118) is recognized as an N-
point evenly stacked MDCT. Hence, the N-point oddly stacked MDCT is converted
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to the evenly stacked MDCT of the same size at the cost of additional N pre-
multiplications and N — 1 recursive post-additions. Note that this relation is quite
similar to that of between the DCT-IV and the DCT-II given by (4.108).

Thus, the forward oddly stacked MDCT can be implemented via the forward
evenly stacked MDCT algorithm only by simple pre- and post-processing of
input and output data sequences, respectively. Any fast DCT-II-based MDCT
algorithm for the evenly stacked system discussed in Sect. 4.2 can be adopted. Pre-
multiplications by {2 cos [ £ (2n 4+ 1 + §)]} in (4.119) applied to the data sequence
{yn} can be effectively absorbed into the windowing procedure in the complete
analysis and synthesis MDCT or MLT filter banks, so saving N multiplications.
Consequently, the total computational complexity of the oddly stacked MDCT is
the same as that of the evenly stacked MDCT (see Table 4.1). We note that the
number of multiplications and additions in Table 4.1 should be divided by 2.

The relation defined by (4.118), (4.119), and (4.120) may be represented equiva-
lently in a matrix product [7] (see also Chap. 3). Inverting the matrix product results
in the forward evenly stacked MDCT computation via the forward oddly stacked
MDCT algorithm. Finally, the backward oddly/evenly stacked MDCT computation
is realized by the forward evenly/oddly stacked MDCT algorithm but in reverse
order performing inverse operations.

4.3.6.1 Comparison of Oddly Stacked Fast MDCT/MDST Algorithms

Comparison of the discussed fast DFT/FFT-, DCT-1I-, DCT-1V-, DCT-IV/(S)DCT-
II-, and evenly stacked MDCT-based algorithms for the MDCT and MDST compu-
tation in the oddly stacked system in terms of the arithmetic complexity for N = 2%,
n > 2 is summarized in Table 4.2.

For the DCT-II-based, DCT-IV-based and DCT-IV/(S)DCT-II-based fast and
evenly stacked MDCT-based algorithms in general case, when N is a composite
integer, i.e., it is of the form N = 2" x g, where ¢ is an odd positive integer (or

Table 4.2 Comparison of fast DFT/FFT-, DCT-1I-, DCT-IV-, DCT-IV/(S)DCT-II-, and evenly
stacked MDCT-based algorithms for the MDCT and MDST computation in the oddly stacked
system in terms of the arithmetic complexity for N = 2", n > 2

Fast algorithm # of mults # of adds # of shifts
DFT/FFT-based [23] Sn+D+4 [ ECGn+1)+4
DFT/FFT-based [24, 34, 36] Tn+D+4 |[ZGn+1+4
DFT/FFT-based [25, 32] Yn+D+1 |G- +1

Refined DCT-1I-based [18] %(n +1) %(Sn +3)

Improved DCT-1I-based [22,29,35] | ¥(n+ 1) ¥@n-1)

DCT-IV-based Yn+1) YEn—1)
DCT-1V/(S)DCT-II-based Tn=1) X@n—-1) 1

Evenly stacked MDCT-based %(n -1 %(3}1 -3)+2 |2
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the mixed-radix length being the combination of radix-2 and radix-g lengths), the
computational complexity of the N-point DCT-II is given by (C.8) and of N-point
DCT-1V is given by (C.32) in Appendix C.

4.3.7 Mixed-Radix Oddly Stacked Fast MDCT/MDST
Algorithms

Mixed-radix fast algorithms or fast algorithms for composite lengths are obtained by
the combination of radix-q (g is an odd positive integer) and radix-2 fast algorithms.
For a particular radix number ¢, the radix-g fast algorithms recursively divide
the entire transform computation into g shorter %-point [72]. The computation
of higher-order transforms is obtained by the recursive reusing the lower-order
transforms. A generalized mixed-radix decomposition method applied to the DCT-1I
and DCT-III for the composite lengths N = ¢ x 2P, m, p > 0, is described in [72].
It enables to optimize the performance of such algorithms in terms of the arithmetic
complexity during the decomposition process for some special lengths.

All the fast MDCT algorithms described in the previous subsections convert
the N-point MDCT, where N is integer divisible by 4, to a discrete unitary
(orthogonal) transform such as the DFT or DCT, in general, of reduced odd-lengths.
Consequently, radix-g fast algorithms can be applied to the g-length DFT or DCT
[21]. Tt is important to note that the strictly radix-g fast MDCT algorithm cannot
be constructed, since from the MDCT definition it follows that any odd ¢™ divided
by 2 is not an integer. Therefore, the mixed-radix fast MDCT algorithms may be
constructed only.

Several (recursive) mixed-radix fast algorithms for the MDCT computation were
developed [17, 26, 38,42, 44]. The first one [38, 44] is obtained by the decimation in
frequency (DIF) method for composite lengths N = 3" x2, m > 0, and subsequently
it was improved and extended for composite lengths N = 3" x 2, m > 0,p > 1
[17]. The second one [42] is obtained by the decimation in time (DIT) method for
composite lengths N = 3™ x 4, m > 0. This DIT mixed-radix fast algorithms was
extended to composite lengths N = ¢" x 2, m, p > 1, where ¢ = 3, 5, and
9 [26]. Essentially, DIF and DIT fast MDCT algorithms can be combined with a
recursive radix-2 DIF fast MDCT algorithm [42] to obtain in general fast algorithms
for composite lengths N = ¢" x 2, m > 0, p > 1. All mixed-radix fast MDCT
algorithms are discussed in detail in the following subsections.

4.3.7.1 DIF Mixed-Radix Fast Algorithm [38, 44]

Consider the forward MDCT given by (4.39) with the MDCT coefficients split into
three sets, specifically, {cgk}, {C;)k—i-l}’ and {C§k+2} fork =0,1,..., %’ — 1, where
N = 3"x2,m > 0. From (4.39) for the MDCT coefficients {C;)k—i-l} we immediately
have [38, 44]
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Cop1 = an cos[ (zn+1+ ) (6k+3):|
—Zx,, cos[ (2 +1+N) (2k+1)}

N
k=0.1....2—1 (4.121)

2N

Subsequently substituting % —1—n, 5 —1—n,and then N — 1 — n for n into

(4.121) we get

Y
3
o
Capt1 = Z(X%—Fn = XNy, F XN—1-n)
n=0
" (2n +1+N Qk+1)],
08| ————
2(N/3)
N
k=0.1....C—L (4.122)

Further, from (4.39) for the MDCT coefficients {cgk} and {c;)k 4o} We, respectively,
have

b4 N
= Y —2n+1 6k + 1
= Zx cos[N(n-i- + )( + ):|
0 T N N
n — 12 1 6k + 5 k=0,1,...,— —1.
Capqr = Zx cos|:N(n+ + )( + )i| 3
(4.123)
Now, introduce the data sequences {a;} and {b;} defined as [38, 44]
G = Cop + Coprnr bi=Cy—Cpyar  k=0,1,....=——1.  (4.124)

6

Combining the MDCT transform kernels in (4.123), and using the trigonometric
identities for the sums/differences of cosines, the data sequences {a;} and {b;} are
given by

N—1

ap = — Z(xn2 sin@) cos |:;N (2n+1+N) (2k+1):|

n=0
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N—1

2 1 3 N
bkzg(an cos%) sin[% (2n+1+5) (2k+1)],
N
k:O,l,...,g—l. (4.125)

From (4.124) it follows that the MDCT coefficients {cgk} and {cg)k 4o are obtained
as

1 1 N
c;=5w+my c%ﬁzzw-mx k=0.1....0~1 (4126

The last step involves subsequent substituting %’ —1—mn, %N — 1 — n, and then
N — 1 — n for n into the first equation in (4.125), and we get
i Qn+ 1)
w(2n
ap = — ; [ oy _yoy +xw ) V3 cos N
(2 1
+ Oy, =Xy, — 2 AN—1-) Sin (H—H}

T (14 @kt
cos|:2(N/3)(n+ +E) + )i|
k=0,1,...,~—1. (4.127)

Similarly, subsequent substituting %’ + n and %N + n for n into the second equation
of (4.125), we finally get
¥

by, = (—l)k Z |:(2 Xn +x%+n _x%-i-n) cos

n=0

7(2n+1)

2 1
+ ey, Fxag,) V3 sin M}

T (onr1+ ) kst
xcos|:2(N/3)(n+ +E)( + )i|

N
k=01....2—1L (4.128)
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From (4.122), (4.127), and (4.128) it can be seen that the N-point forward MDCT
is decomposed into three %’-point MDCTs. Equations (4.122), (4.126), (4.127), and
(4.128) define the DIF mixed-radix fast MDCT algorithm for composite lengths
N = 3" x 2, m > 0. The factor % from (4.126) may simply be absorbed in (4.127)
and (4.128).

The total computational complexity of the DIF mixed-radix fast algorithm for
the forward N-point MDCT or MLT computation [38, 44] without any optimization
(M is the number of multiplications and Ay is the number of additions) is generally
given by

4N 10N
My=3My+—.  Ay=3Ay+—. (4.129)

where M y and A% denote the number of multiplications and additions, respectively,

for the computation of one %’—point MDCT. Note that %’ multiplications by 2 are
implicitly taken as shift operations.

A detailed analysis of the computational structure of fast algorithm [38, 44]
reveals that a corresponding generalized signal graph is partially regular. The reason
why it is not completely regular, results from the following fact. Each algebraic
expression between round brackets under the sum of (4.127) corresponding to {a;}
is a proper linear combination of two algebraic expressions between round brackets
under the sum of (4.128) corresponding to {b;}, but for n = %’ — 1 — n, hence
for algebraic expressions generated in reverse order. Indeed, for a given N taking
two algebraic expressions from (4.128) for n = %’ — 1 — n, the following algebraic
identities hold:

2(x¥—l—n + x%—l—n) = (2 x%—l—n + x%—l—n _xN_l_”)

+(x%_1_,l + XN—1-n),
1

(.X%_l_n _XZTN_l_n —2XN—1—n) = 5 2 xg_l_n + XZTN_]_,, — XN—1—n)
) (X%_l_n + XN—1-n),

n=01,...,——1. (4.130)

Consequently, the second %’—point MDCT corresponding to {a;} needs to be
constructed by a separate way using the indicated linear combinations of two
algebraic expressions given by (4.130). Thus, the evaluation of (4.130) requires
totally %’ multiplications by 3 and ZTN additions, thus saving %’ additions in the
original DIF mixed-radix fast MDCT algorithm [38, 44].



4.3 Fast Algorithms for the MDCT (MLT)/MDST Computation in the Oddly. .. 149

The original DIF mixed-radix fast MDCT algorithm [38, 44] was improved both
in terms of the regularity and computational complexity and extended for composite
lengths N = 3" x2°, m > 0, p > 1 in [17]. It is discussed in the following
subsection.

4.3.7.2 Improved and Extended Recursive DIF Mixed-Radix Fast
Algorithm [17]

From (4.122), (4.127), and (4.128) it can be seen that all algebraic expressions
between round brackets combined with cosine/sine twiddle factors are quite dif-
ferent. The main idea for the derivation of improved mixed-radix DIF fast MDCT
algorithm is based on (4.130). Defining each algebraic expression between round
brackets under the first sum of (4.127) is derived by the linear combination of two
algebraic expressions between round brackets under the second sum of (4.128). If
we denote

u, = 2x, —}—x%_i_n —Xw o, Un = XNy, +szN+n, 4.131)

the following simple algebraic identities hold [17]:

1

+x%7lin = E(u%—l—n + vy ),

AN 3—1-n

F—1-n

1
x%—l—n _XZTN—l—n - sz_l_" = E(Mg—l—n -3 v%—l—n)’
N
n=0,1...,§—1. (4.132)

Substituting the algebraic identities (4.132) followed immediately by substituting
%V — 1 — n for n into (4.127), and then substituting (4.131) into (4.128), after some
algebraic manipulations we get a very regular form of the improved mixed-radix
DIF fast MDCT algorithm defined as [17]

N
31

C3k+1 = E [xg_l_,, - (x%_l_n - XN—I—n)] COS P i,
=0

/4

EETYES

(2n +1+ %’) 2k + 1), (4.133)
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with

N

3

. 7(2n+1) 7(2n+1)
ay = — ; |:un smT — U, V3 cos N cos ¢>%_1_n’k,

|
< 2 1 2 1
by = (—1)" ZO |:u,, cos % + v, V/3sin %} COS Pp ks
N
k=0,1,...,g—1. (4.134)

The complete set of MDCT coefficients is obtained from (4.126). Due to the
algorithm regularity, the algebraic expression between round brackets in (4.122)
is rewritten into the more convenient equivalent form in Eq. (4.133). Comparing
(4.127) and (4.128) with (4.134) one can see that the terms u, and v, combined
with the sine/cosine twiddle factors in (4.134) are the same. This fact enables us to
investigate the computational structure of the algorithm in detail for all composite
lengths N = 3™ x 2°, m,p > 0. The cosine transform kernel cos ¢%—1—n,k in
the first sum of (4.134) is recognized as the MDCT kernel but in reverse order,
whereby cos ¢%—1—n.k = (=1)1sin¢, . For a given N the computation of a

higher-order MDCT is obtained by recursively reusing three lower-order %’-point
MDCTs. The backward MDCT computation can be simply realized by reversing
a fast computational structure for the forward MDCT and performing the inverse
operations.

In general, the computational complexity of improved mixed-radix DIF fast
MDCT algorithm [17] for composite lengths N = 3™ x 27, m,p > 0, is given
by the complexity of three %-point MDCTs associated with the value of p, and
the complexity of (4.134). The best 2”-point (p > 1) fast MDCT algorithm requires
%(p— 1) multiplications and %(31) —3) + 2 additions (see Table 4.2). The evaluation
of algebraic expressions in (4.131) requires %N additions, whereby %’ multiplications
by 2 are counted as additions (note that the multiplications by 2 can be imple-
mented as shift operations). The evaluation of algebraic expressions between the
square brackets in (4.133) requires only %’ additions because the sub-expressions
(szN —1—p — XN—1-p) are precomputed in (4.131) for Uy .y The computation of
{az} and {b;} in (4.134) requires % multiplications and % additions. Finally, to
obtain the complete set of MDCT coefficients from (4.126) we need g additions.
Then, the total arithmetic complexity of the improved mixed-radix DIF fast MDCT
algorithm for composite lengths N = 3" x 2, m > 0, p > 2, is given by
Britanak [17]

4N 8N
My=3xMy+—.  Ay=3xAy+ . (4.135)
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Compared to the total arithmetic complexity of the original algorithm [38, 44], %
additions are saved in the improved algorithm [17]. In general, for composite lengths
N = 3" x 27, the number of arithmetic operations for some special angles can
be further reduced by an individual analysis. As an example, in the following the
detailed analysis of computational complexity for composite lengths N = 3™ x 2 is
presented.

Let the factors % in (4.126) be absorbed in (4.134). The evaluation of (4.134) for

one n requires 4 multiplications and 2 additions. For n = %(%’ — 1) the angle is

%, then cos % = % sin% = % and the expressions between square brackets in
(4.134) are:
1 .« NI T
U, = sin — — v,— cos — = —(u, — 3v,),
2 6 2 6 4

™ V3w V3 o+ 0.)
5 €08 — + Up—— = ——(un + vp),

2 6 2 6 4

requiring 1 multiplication, 4 additions, and 1 shift, where multiplication by 3 is
realized by 2 additions. On the other hand, for n = % + %(% — 1) the angle is 5 and
therefore, the expressions between square brackets in Eq. (4.134) are:

1 . = ﬁ T 1
U,— Sin — — v,,— COS — Uy,
2 2 2 2 2
1 = V3 .n 3
U, — COS — + v, — Sin — = U,
2 2 2

requiring 1 multiplication and 1 shift, so totally saving of 6 multiplications. Then,
the total arithmetic complexity for the composite lengths N = 3" x 2, m > 0, is
given by Britanak [17]

4N 8N
My=3xMy+—~6  Ay=3xAy+—. (4.136)

where for N = 3x2 = 6, Mg = 2, A¢ = 16 plus 2 shifts (compared to the arithmetic
complexity Mg = 5, A¢ = 15 in [38]). Exploiting the fact that the transform kernel
of 2-point MDCT is cos % and cos 7 (and hence M, = A, = 0), the forward 6-point
MDCT computation can be optimized in terms of the arithmetic complexity. The
optimized signal flow graph for the forward 6-point MDCT computation is shown
in Fig.4.10. All redundant computations are indicated by the thicker lines in the
signal flow graph in Fig. 4.10. Removing these redundant computations results in a
forward 6-point MDCT module with the arithmetic complexity Mg = 1, A¢ = 11
plus 1 shift (note that two multiplications by 2 are counted as 2 additions). Since the
6-point forward MDCT is recursively used for the computation of the higher-order
forward MDCTs, the total arithmetic complexity is reduced significantly.
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Fig. 4.10 Optimized signal flow graph for the forward 6-point MDCT computation

The analysis of computational complexity for the case of N = 3™ x 4 can be
found in [17] (see also Chap. 5).

4.3.7.3 Recursive DIT Mixed-Radix Fast Algorithms [26, 42]

Split the input data sequence {x,} into three sets of samples, specifically, {x3,},
{x3p+1} and {x3,42} forn =0,1,..., % — 1, where N = 3" x 4, m > 0. Then, the
forward MDCT given by (4.39) is decomposed as [42]

£ 3 N
4
C]? = 2x3"+1 cos I:ﬁ (21’! + 1+ g) 2k + 1)]

n=0

¥
0 cos| Zo(6n+ 1+ Yy @k + 1)
Xan —(6n —
il 2N 2
¥y
3 b4 N N
n — (6 54=)2k+1|, k=0,1,...,——1.
+H=OX3+2 cos[zN(n+ +2)( + )i| >
4.137)

Combining the cosine transform kernels in the second and the third sum on the right-
hand side of (4.137), and using the trigonometric identities for the sums/differences
of cosines we get [42]
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¥

cf=zx3n+l cos[ (2 +1+4 )(21<+1)]

!

; 37 N
+ D {cosan cos[2 (2 +14 6) (2k+1)]

n=0

+ sina, sm[z (2 + 14+ 6) 2k + 1)]}

§—1

3 3
+ Zx3,,+2 {cosa,, cos|:2 (2n+ 14+ ) 2k + 1):|

n=0
- 37 (2 F1+ )(Zk—i—l)}
Slna,, §1n 2 6 5
k=01, Y1 g =FtD (4.138)
2 N

Now, for the further development rewrite (4.138) to more simplified form as
c,(: = er + fi cosa, + g sinq,, k=0,1,...,——1, (4.139)

where

N
31

b g
ex = ;x3n+1 cos[z(N/3)( +1+— ) (2k+1)]

¥

Ji = Z(x?)n + X3,42) COS[2(N/3) (2n+ 1+ ) 2k + l):|

n=0

N

8k = Z(xzn X3n+2) Sm[Z(N/3) (2n+ 1+ N) (2k + 1)]

n=0

k=0,1,...,— -1 (4.140)

N
6
The MDST kernel in (4.140) corresponding to {g,}, by substltutmg 2 —1—kfork

is converted to the MDCT kernel (note that N has to be integer d1V1Slble by 12), and
we get
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¥y,

N_
— - rz-i-ﬂ7 T N
8N 1 = };(—1) 12 (X3, — X3p42) €OS [m (2n +1+ E) 2k + 1)} ,
N
k=0,1,...,€—1. (4.141)

From (4.140) and (4.141) it can be seen that the N-point forward MDCT is
decomposed into three %-point MDCTs. Finally, substituting subsequently % —1-k

and % + k into (4.139), after some algebraic manipulations we obtain the complete
formulae of the DIT mixed-radix fast MDCT algorithm as [42]

o .
¢, = ek + (fi cosa, + g sinay,),

1 3
cé_l_k = —e¢; + 3 (fx cosa, + gi sinay,) — > (fr sinw, — gi cosay) ,
o 1 . 3 .
cy = —e+ 5 (f cosan + g sinay) + — (fi sinay, — ge cosay),
3t 2 2
N
k=0,1,...,g—1, (4.142)

where {e;}, {fi} are defined by (4.140), and {g%_l_k} is defined by (4.141). For a
given N the computation of a higher-order MDCT is obtained by recursively reusing
three lower-order g-point MDCTs.

For composite lengths N = 3™ x 4, m > 0, the multiplicative complexity of the
DIT mixed-radix fast MDCT algorithm can be further reduced as follows. For the
value of n = %(% — 1) the angle is 7, and from (4.142) we have

1 T 1 1 T
3 (fk cos — + g sm—): cosz(fk+gk),

4 4 5
\/§ (f s'an Cosn) \/§ Cosn (f )
—_— mn— — - )= — — - s
) k 4 8k 4 ) 4 k— 8k

requiring 2 multiplications and 2 additions (instead of 4 multiplications and 2
additions), so saving 2 multiplications. Then, the total computational complexity
of the mixed-radix DIT fast MDCT algorithm is given by Wu et al. [42]

2N 5N
My=3xMy+— =2 Ay=3xAy+ . (4.143)

plus %’ shift operations. The regular signal flow graph for the forward MDCT

computation for N = 3 x 4 = 12 is shown in Fig. 5.20 (see Chap. 5). The backward
MDCT computation is realized simply by reversing the signal flow graph for the

forward MDCT computation and performing inverse operations.
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Note 8 Following the decomposition method applied to the DCT-II and DCT-III
[72], the DIT mixed-radix fast MDCT algorithm [42] was generalized and extended
in [26] for composite lengths N = ¢ x 27, m, p > 1, where ¢ = 3, 5 and 9.

4.3.7.4 Recursive Radix-2 DIF Fast Algorithm [42]

Essentially, the mixed-radix decomposition process can start with any radix number.
However, a lower computational complexity is achieved, if the decomposition
process starts with the smallest radix number, i.e., with the radix-2 [72]. A such
radix-2 recursive DIF fast MDCT algorithm for any even-lengths N divisible by 4
was developed in [42], and it can be combined with any DIF or DIT mixed-radix
fast algorithm for composite lengths N = ¢” x 2, m > 0, p > 1. The radix-
2 recursive DIF fast algorithm decomposes the N-point MDCT into two %’-point
MDCTs.
Let us introduce the following two sub-sequences {a;} and {b;} defined as [42]

o o o o N
g = Cyp + Copyqs by = ¢y — Cppaqs k:O,l,...,Z—l. (4.144)

Then, from (4.144) and the definition of forward MDCT given by (4.39), the
data sequences {a;} and {b;} by using the trigonometric identities for the
sums/differences of cosines are, respectively, given by Wu et al. [42]

Zx,, %cos[ (2n+1—|—N) (4k+1)i|

n=0

+cos[2N (2n+1+N) (4k+3>]}
:Z2xn c0s|: %]

xcos|:N (2n+1+ ) (2k+1)+—(2k+1):|

N

k:O,l,...,Z—l, (4.145)
and
N—1 .
by = ;xn {cos [ﬁ (2n+ 1+ ) (4k + 1)i|

—cos [% (2n+l+N) (4k+3)}}
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s 14 Jz(2n +1)
= Z Xn Sll’l|: T:|

x51n|:N (2n+1+ ) (2k+1)+—(2k+1)i|

N
k=01.....-L (4.146)

Further, (4.144) implies that the even- and odd-indexed MDCT coefficients are,

respectively, obtained as

0 1 0 1 N
Cop = 3 (ax + by), Coey1 = 3 (ap—by), k=0, 1,...,2—1. (4.147)

At first consider (4.145). Extending the cosine transform kernel on the right-
hand side of (4.145), i.e., the transform kernel cos [%(2}1 + 1+ ]ZV) k+1)

+Z(2k + 1)], we get

N—1

7
ak=ZCosZ(2k+l);x,,
7 a(2n+1)
-t — 2 1 2 1
xcos|:4+ N }co |:N(n+ + )(k+ )}
N—1
7(2n+ 1)
-2 — 2k+1 ; _
sin ( + )§x1cos|:4+ N :|
N
xsm|:N(2n+1+ )(2k+1)]
N
k=01....2~L (4.148)

Similarly, considering (4.146) and extending the sine transform kernel on the
right-hand side of (4.146), i.e., the transform kernel sin [%(Zn + 1+ %) 2k+1)
+7(2k + 1)], we get

N—1
7(2n+ 1)
by =2 sm— 2k + 1)%)@1 sm|:4 + T:|

X €OS |:N (2n+ 1+ N) 2k + 1):|
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N—1
7(2n+1)

-2 — (2k+1 E n _—
cos ( + )n_ox sm[4+ N :|

N
><sm|:N(2n+l+ )(Zk—l—l)] k:O,l,...,Z—l.(4.149)

Using the trigonometric identity

2
cos% 2k + 1) = (—1)* sin% Qk+ 1) = (—L ! % (4.150)

where | . | denotes the lower integer part of argument, the terms {a;} given by
(4.148) can be rewritten into simplified form as

)

= V2 (=D (@) -~k a), (4.151)

where

a;:) = an c0s|: 7{(2;1—1\—7i—1)i| [

2 1
e Fnf o

k=0,1,...,——1. (4.152)

(2n+ 1+ N) (2k + 1)}

Z| 4

(2n+1+ ) (2k+1)}

=] N

Similarly, using the trigonometric identity (4.150), and algebraic identity
[ B IS WIS N S B N (4.153)

the terms {b;} given by (4.149) can also be rewritten into simplified form as

= V2 (=D @) + =Dk b)), (4.154)
where
P 7 wn+1) T N
b, =an sin ZJFT] [ﬁ(2n+l+ )(2k+1)]

@ [ o w@n+ 17 . N
= -+ —- 2 1 2 1
by nE=0xn sin 2 + N sin n—+ + 2k+1)],

— 1. (4.155)

Z| N
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The further development involves decompositions of {a:)}, {af)} and {b;:)}, {bf)}
as follows. {a,(;)} is decomposed as [42]

a;:) = Zx,, cos[ %] co [N (2n+ 1+ N) 2k + 1)]

+Zx,, cos[ 71(2’21—]\—;—1)] cos |:N(2n+l+N) (2k+1)]
—an cos[ %] co [1%(2n+1+N) (2k+1)]
L

—ZxN+ncos[ +”(2'21—;1)} [N(z +1+N)(2k+1)}

:ﬁgz_lm c0s|: " (2 +1+N) (2k+l)i|
2 & 2(N/2)

k:O,l,...,Z—l, (4.156)
where
2 1 2 1
y(]) (xn +.X'N+n) cos n(;—j\j) - (xn — Xy ) sin ﬂ(;l—]\—;—)
N
n:O,l,...,E—l. (4.157)

{af)} is decomposed as [42]
@ 7'[(2}1 +1)
a, —an cos|: AN i|s |:
n(Zn +1D7 . N
n —_— 2 1 2k + 1
+Zx cos[ N :| [N(n—i- + )( +)}

N
¥

3 w@n+1)
= qu_l_n cos|————=
i 4 2N

=8

(2n+l+ ) (2k+1)}
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N
X sin _(2k+1)_ﬁ 2n+1+ 2k+1)

41
X 57 w(@n+1)
+ HXZ(:)XN_]_,[ COS |:T - T]

xsm|:—(2k+ )—ﬁ(2n+1+N) (2k+1)]

_ \/i k %_1 (2) v
= D ;)y cos|:2(N/2) (2 + 1+~ ) (2k+1):|

N
k=0,1,...,——1, (4.158)
4
where
2 1 2 1
¥ = (y_y_, —xy-1-y) cos % —(y_y_, +ayo1y) sin ”(;’—N“
N
n=0,1,...,——1. (4.159)
2
From (4.157) and (4.159), it can be easily verified that
N
Ve =W n=01...5—L (4.160)
2 n 2

Substituting (4.156) and (4.158) in (4.151), and using (4.160) we get [42]

¥
1| - 1 2 N
a = (—DLF TS0 ) cos|: " (2 +1+4— ) (2k+1)]
‘ ; 2(N/2)

-1
/4 N
— (—ntF! Z(y;” +y(§_l_n) cos |:2(N/2) (Zn +1+ ) 2k + 1)]
n=0

!

k1 N
=(-pl =1 Zyn COS[2(N/2) (2n+1+ ) (2k+1)}
N
k=0.1....0—1, (4.161)

where {y,} is explicitly given by
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2 1
Yn = [(xn _x%—l—n) + (x%+n +xN—l—n)] Cos %
2 1 N
=y 1) — Gy + o) | sin TEED . ) w=o1 S
(4.162)

Moreover, the data sequence {y,} has an even symmetry property given by

N
Yn = VN gy n:O,l,...,Z—l. (4.163)
Equation (4.161) corresponding to {a;} is recognized as the %’—point MDCT of {y,}.
Following the derivation procedure presented for {a;:)} given by (4.156) and
{af)} given by (4.158), {b,(:)} and {b;f)} defined by (4.155) after decomposition are,
respectively, given by

¥

(1) «/57_ (1) T N
b, = — 2 1+4—) Ck+1)],
P L ""S[z(zv/z)("+ +4)( * )]

n=

N
k=012~ (4.164)
where
o . n(2n+1) 7(2n+1)
Zn = (xn +X%+n) SIHT =+ (.Xn _x%+n) COoS T,
N
n=01,...,——1, (4.165)
2
and

Y1
@ ﬁ 1k — O V4 ]l/
b =5 (=) ;é%zn COS[ZOV/Z)(Zn—%l-+ 4) (2k—%1)},

N
k=017~ (4.166)
where
®) . m(2n+1) 7(2n+1)
z, = —(x%_]_n — Xy—1—n) SIN N (X%—1—n + Xy—1-n) COS N
N
n=0,1...,——1. (4.167)

2
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Again, from (4.165) and (4.167) it can be easily verified that

161
N
Zf/LZ) Z(&)_l —n’ n:0717 ’5_1'
Substituting (4.164) and (4.166) into (4.154), and using (4.168) we get [42]

(4.168)
= (D3]

T

Z(z()+z ) co s|:

2n+1 N 2k + 1
2(N/2)( M )( +)]
_ L% 2 (1) (1) /4

= (1) Z( A 5[2(N/2)

— v ZZZ” COS|:

(2 +1+= ) (2k+1)}
n=0

N
2(N/2>( T ) (2“1)]
N
k=0,1,...

where {z,} is explicitly given by

(4.169)
in = [(xn _x’;’

7(2n+1
No,) t (x%—i-n + Xy 1_n)] sin ( )

2N
7(2n+ 1)
[ =0 1) = Gy, + ) [ eos 2

N
, n=01,...,——1.
2
(4.170)
In = — 2N

F—1-n

Moreover, the data sequence {z,} has an even anti-symmetry property given by

N
n=0,1,...,——1. (4.171)
4
Equation (4.169) corresponding to {b;} is recognized as the %V-point MDCT of {z,}
The last step involves to derive the complete formulae defining the recursive
radix-2 DIF fast MDCT algorithm. Based on (4.147), (4.161), (4.169) and using the
algebraic identity (4.153), we have [42]

¥
) ijj 3
Cy = (=D" 2

N =

n=0

(2n+ 1+ N) 2k + 1)}

[yn + (_1)k Zn]
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o i1 <— 1
=== k
Eupr = (DETL Y 0o = (D 2]

X €OS [2(;/2) (2n + 1+ %) 2k + 1):| ,

k=01,....,——1. 4.172)

where the data sequence {y,} is given by (4.162) and data sequence {z,} is given by
(4.170). Finally, directly calculating the algebraic expressions under both sums of
(4.172) for k even and odd, we get [42]

¥g

2
k1 T N
C(2)k= (_I)I-TJ folk) COS[2(N/2) (2 + 1+ ) (2k+1)]
n=0
¥y
0 LmJ z (k) T N
Copr = (=D 2 Zx%_l_n <8 | SN 72) 2041+ ) Qk+ 1|,
n=0
N
k:O,l,...,Z—l, 4.173)
where
(x, —XN_y_ L) cos T2 ”(Z”H)
N +(x%+n + XN—1—p) Sin ”(22";1), k is even,
—(Xp —xy_,_,) sin =55— ”(2”+1)
+(x%+n + XN—1—n) COS —”(2;;1), k is odd,
—(Xp —xy_,_,) sin =55— ”(2’“'1)
@n+1) .
o +(xy 4, + Xy-1-n) cos TS5, kis even,
xﬂ—l—n =
’ (x, —x%_l_n) cos ”(22"—]\',"1)
+(0ry, + xv—1-) sin 2L ks odd,
N
n=01. oL (4.174)

. (k) . *)y .
Since the data sequence {x §—1—n} isreversed to {x, }, i.e.,
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N
@ “ 5L (4.175)

x%_l_nzxn, n=0,1,...,

consequently, it is satisfying to calculate {x(,f)} and {x(g 1 n} only for n =
N_j—

0.1,....5 -1

The ratlix-Z recursive DIF fast MDCT algorithm defined by (4.173)—(4.175)
decomposes the N-point MDCT into two %-point MDCTs. The decomposition
process can recursively be repeated until the lower-order even-length (4-point or
6-point) MDCTs remain. Equation (4.174) defines the block of % Givens—Jacobi
rotations. The generalized signal flow graph of the recursive radix-2 DIF fast
algorithm for the forward MDCT computation [42] for N = 8 is shown in Fig. 4.11.
The backward MDCT computation can be realized simply by reversing the signal
flow graph for the forward MDCT computation and performing inverse operations.

The total computational complexity of the recursive radix-2 DIF fast MDCT
algorithm is given by Wu et al. [42]

X, \ cos /16 X,
AR sin 7w/16 =
2
\\ cos 3n/16 x| = o
Xy - — 5 G
=
z
9
= o
X2 ‘é ””” C3
)
<9
<
X3
sin\‘v\c/ 16,
X, ——————————frrommomces
4 cos /16 [
\\\ 8
sin 37/ 16\\\ S o
X, = — G
cos 3m/16 5
2
—
8] o
Xs eé ***** C,
)
&
-
X,

Fig. 4.11 Generalized signal flow graph of the recursive radix-2 DIF fast algorithm [42] for the
forward MDCT computation for N = 8
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3N 5N
My=2xMy+==  Ay=2xAy+ . (4.176)

Note 9 Similarly as for the evenly stacked MDCT/MDST (see Sect.4.2),
generalized signal flow graphs for the MDCT/MDST computation in the oddly
stacked system shown in Figs. 4.5, 4.6, 4.7, 4.8, and 4.9, DCT-IV-based, fast DCT-
IV/(S)DCT-II-based, unified evenly/oddly stacked MDCT/MDCT algorithms as
well as (recursive) fast DIF/DIT mixed-radix and radix-2 algorithms correspond
to sparse (block) matrix factorizations of the MDCT matrix. Based on the relation
between the MDCT and MDST block transforms given by (4.5) we can obtain sparse
matrix factorizations of the corresponding MDST matrix.

4.3.8 0Oddly Stacked MDCT/MDST Implementations Based
on the Recursive/Regressive Filter Structures

Quite different class of algorithms for an efficient implementation of the for-
ward/backward MDCT in the oddly stacked system or equivalently of the MLT are
algorithms based on recursive or regressive filter structures [52—63]. Although these
recursive algorithms are not so efficient in terms of the arithmetic complexity, they
can be represented by simple regular regressive filter structures of the same type
for the variable- or general-lengths forward/backward MDCT (MLT) computation.
Thus, recursive algorithms provide efficient online schemes particularly suitable for
parallel VLSI implementations.

Principally, the forward or backward MDCT (MLT) kernels are converted to
recursive (or recurrent) equations based on:

* Recurrence formulae for Chebyshev polynomials of the second and third kinds
[87]. A typical recursive forward/backward MDCT (MLT) implementation [53]
follows closely the DCT-1I-based approach [87].

* Sinusoidal recursive formulae exploiting the Goertzel recursive formula [81].
Such a typical recursive implementation [61, 63] follows closely the DCT-II-
based approach [76, 77].

* Clenshaw’s recurrence formula (used for upward or downward ordering) [71]. A
typical recursive implementation [62] follows closely the DCT-II-based approach
[71].

* Goertzel digital filters, where the forward and backward MDCT are expressed in
the form of discrete time domain convolution sums [54].

¢ Recurrence formulae for the cosine and sine functions [55].

Now, we know that the N-point MDCT or MLT using the permutation (4.80) or
(4.101) can be converted to the DCT-IV of half size which may be subsequently con-
verted to the DCT-II of the same size at the cost of additional % pre-multiplications
and %’ — 1 recursive post-additions. Following this approach the recursive/regressive
filter structures have been developed [52, 58—60]. On the other hand, the DCT-
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IV-based recursive/regressive filter structures are presented in [56, 57]. Since the
DCT-1V is self-inverse, both the forward and backward MDCT computations are
implemented by an identical recursive/regressive filter structure.

In the following subsections typical representative recursive MDCT (MLT)
implementations based on recursive/regressive filter structures are discussed in more
detail. Recursive (recurrence) formulae are applied directly to the MDCT (MLT)
kernel. We note that in the derivation of algorithms [55, 61, 63], the definitions of
the forward and backward MLT are used. Therefore, we recall that the forward and
backward MLT are, respectively, defined as [2]

N—1

MLT T M+1 1

Ck E xncos|:—(n+—)(k+—)], k=0,1,.... M—1,
= M 2 2

4.177)
M—1
M+1 1
)AcrLTz ckMLT cos|:—( +—+ )(k+—):|, n=01..N-1,
2 2
k=0
(4.178)

where {x,} is the windowed input data sequence, N = 2M and M is the number of
MLT coefficients {cl;cm}. {J?I,\,m} is the time domain aliased data sequence.

4.3.8.1 Recursive MLT (MDCT) Algorithm [61, 63]
At first, we remind the recurrence formulae for the cosine and sine functions [52]

cos[r 6] =2 cos[(r—1) 6] cosb —cos[(r—2) 6],

k
sin[r 6] =2sin[(r—1) 6] cos by —sin[(r—2) 6], 6 = %

(4.179)

With respect to the Goertzel recursive algorithm [81], defining a relation [76]

N—1
U, Sinf, = an sinn—m+ 1) 6, (4.180)

n=m

and using the recurrence formula for the sine function (4.179) withr = n—m + 1,
we have

N—1
Uy Sin 6y = x, sin 6 + Z X, sin(n—m+ 1) 6;
n=m+1
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N—1
= X, sin 6 + Z X, [2 cos b sin(n —m) Oy —sin(n —m — 1) 6]
n=m+1
N—1
= X, Sin6; + 2 cos 6 Z X sin(n — m) 6
n=m+1
N—1
- Z X, sin(n —m—1) 6;
n=m+2

= Xy Sin6g + 2 cos O Vyp1 Sin 6 — Vpypp Sin by,

m=N-1,N-2,...,1,0. (4.181)
From (4.181) we directly get the recursive equation defined as [76]

U = Xy + 2 €080k Vyp1 — U2, m=N—1,N—2,...,1,0, (4.182)

with the initial conditions: vy—; = xy—; and vy = vy4+; = O0form =N — 1.

In order to obtain the recursive transfer function for the forward MLT given by
(4.177), let us denote

T 1

Oh=— [k+ =], k=0,1,....M—1, 4.183
k= ( +2) ( )

and multiplying both sides of (4.177) by sin 6;, we have [61, 63]

N—1
. M+1 .
CZLT sin 6, = n;)x,, cos |:(n + T) Qk] sin 6

N—1

= Xy COS [(M + 1)%} sin 6y + Zx,, %cos(n ;) cos [(M + 1)%}

n=1
: . O .
—sin(n 6;) sin [(M + 1)3]} sin 6

N—1

6 . 6
= Xy cOS |:(M + 1)Eki| sin 0, + + an {cos 0 cos |:(M + I)Eki|

n=1

—sin 6 sin |:(M + 1)%}} sin(n 6)
N—1

- an [sin(n 6;) cos 6, — cos(n 6;) sin 6] cos |:(M + 1)%}

n=1
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0 0 N—1
= xp cos | (M + 1)—k sin 6y + cos | (M + 3)—k an sin(n 6;)
2 2 =

6,7 V! .
—cos [(M—f— 1)3} ngzzx,, sin[(n — 1) 6]
Ok . Qk .
= Xy COS (M—i—l)? sin 6y + vy cos (M+3)3 sin 6,

—v, cos |:(M + 1)%i| sin 6. (4.184)

From (4.184) we directly obtain the recursive transfer function for the forward MLT
as [61, 63]

MLT

¢, = Xp COS |:(M + 1)%] + vy cos |:(M + 3)%:| — vy COS [(M + l)%i|

= (xo — vp) cos |:(M + l)%] + v cos |:(M + 3)%:| ,
k=0,1,....M—1. (4.185)
From (4.182) for m = 0 we have
Xo — Uy = vy — V1 2 cos G;. (4.186)

Substituting (4.186) in (4.185), then using the trigonometric identity cos(e — ) =
2cosa cos B—cos(a+ ), whereow = (M+1) % and B = 6, after some algebraic
manipulations we finally obtain [61, 63]

c?(m = vy COS [(M—i— 1)%] — V] cos |:(M— 1)%:| , k=0,1,... M —1.

(4.187)
Equations (4.182) and (4.187) define the recursive algorithm for the forward MLT
(MDCT) computation. To compute one MLT (MDCT) coefficient cgu, we need to
recursively generate {v,,} according to (4.182). At Nth step, the kth MLT (MDCT)
coefficient is evaluated according to (4.187). This requires N + 1 multiplications
and 2N — 1 additions.

The corresponding regressive filter structure for the forward MLT (MDCT)
computation is shown in Fig.5.3a in Chap.5. The input data sequence {x,} is in
reverse order.

Now, consider the backward MLT given by (4.178). Similarly, defining a
relation [77]
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M—1
Up sinfy =Y ;. sin(k—m+1) 6, (4.188)

k=m

using the recurrence formula for the sine function (4.179) with r = k —m + 1, and
following the derivation procedure (4.181), we get the recursive equation defined
as [77]

U = Co 42 COS Oy U1 — Upga. m=M—1,M—2,....1,0, (4.189)

. o e o MLT
with initial conditions: vy = ¢,_, and vy = vy = Oform =M — 1.
In order to obtain the recursive transfer function for the backward MLT given by
(4.178), let us denote

M+1
enzl%(m%), n= 0.1 N—1, (4.190)

and multiplying both sides of (4.178) by sin 6,,, we have [61, 63]

M—1 |
XZALT sinf, = CZLT cos [(k + 5) 9,,i| sin 6,
k=0

6 = f
MLT n . n
=c¢, co8 5 sin 6, + ; Ck {cos(k 0,) cos >

6n
— sin(k 6,) sin ?} sin 6,

MLT 0, .
=c, co8 > sin 0,

M—1 0 0
MLT
+ ; Cp |:cos 0, cos ?n —sin @, sin §:| sin(k 6,,)

M—1

On
— Z ckMLT [sin(k 6,) cos B, — cos(k 6,) sin6,] cos 0
k=1
MLT 0 gy MLT
=c, cos ?" sin 6, + cos 7" ¢, sin(k 6,)
k=1

g M-l
—cos En Z ¢ sin[(k—1) 6,]
k=2
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MLT 9,1 . 39n .
=c¢, cos > sin 6, + v; cos > sin 6,

On .
—Vy cos3 sin 6,,. (4.191)

From (4.191) we directly obtain the recursive transfer function for the backward
MLT as [61, 63]

AMLT MLT 9,1 39k 9,,
X, =<¢y COS— 4+ V] COS—— — VU COS —
2 2 2

0, 36,
= (c(]\;ILT — V) cos > + vy cos - n=01...,N—1.(4.192)

From (4.189) for m = 0 we have

MLT

¢y — U2 =Ug—V; 2 cosb,. (4.193)

Similarly, substituting (4.193) into (4.192), then using the trigonometric identity
cos(e¢ — ) = 2cosa cos B — cos(a + B), where« = 6, and B = 0—2", we finally
obtain [61, 63]

M

Xn

"= (o —v1) cos%, n=01,....N—1. (4.194)
Equations (4.189) and (4.194) define the recursive algorithm for the backward MLT
(MDCT) computation. To compute one time domain aliased sample )ACXLT, we need
recursively generate {v,,} according to (4.189). At Mth step, the time domain aliased
sample is evaluated according to (4.194). This requires M multiplications and 2M —1
additions. Exploiting the symmetry property of {%rm} (see Chap.3), i.e., )?rm =
AMLT AMLT AMLT N o . .
— x%_l_n and x%+n =Xy__pforn=0,1,..., 7 — L itis sufficient to compute
only %’ samples.
The corresponding regressive filter structure for the backward MLT (MDCT)
computation is shown in Fig. 5.3b in Chap. 5. The MLT (MDCT) coefficients are in

reverse order.

4.3.8.2 Recursive MLT (MDCT) Algorithm [55]

Simple recursive algorithms [55] for the variable-length forward and backward MLT
(MDCT) computation are based on a recursively generating the MLT (MDCT)
kernel using the recurrence formulae (4.179).

Consider the forward MLT given by (4.177). Defining 6y similarly as in (4.183),
the MLT kernel is first rewritten into the equivalent form as [55]
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M+ 1
fu :cos[(n—i- T) 9;{|, n=0,1,...,N—1. (4.195)

Applying the cosine recurrence formula (4.179) for r = n to (4.195) we obtain the
recurrence equation for generating the MLT kernel as

fi=2cosb fimt —fozs n=12,... ,N—1. (4.196)

From (4.195) for n = 0 we obtain the initial conditions

M
fozcos|: ;_

1 M-—1
Ok} s f_1 = COS |: ) Qk] . (4197)
Then, the computation of the forward MLT (MDCT) is defined as [55]

N—1
MLT

c =x0f0+2xnfn, k=0,1,....M—1, (4.198)

n=1

where the MLT kernel given by {f,,},n = 1,2,...,N — 1, is recursively generated
according to (4.196) with initial conditions (4.197). The computation of one MLT
(MDCT) coefficient czm requires 2N — 1 multiplications and 2N — 1 additions.

Now, consider the backward MLT given by (4.178). Defining 6, similarly as in
(4.190), the MLT kernel is rewritten into the equivalent form as [55]

1
gk=cos|:(k+ 5) Gn], k=0,1,...,.M—1. (4.199)

Following the same derivation procedure as used for the forward MLT, the compu-
tation of the backward MLT (MDCT) is defined as [55]

M—1
B =c g+ Y kg n=01...N-1, (4.200)
k=1
where
gr =2 cos 0, gi—1 — gk—2, k=1,2,....M—1. (4.201)

with initial conditions given by

0, On O
g0 = cos > g—1 = cos (—?) = cos —. (4.202)

The computation of one time domain aliased sample inMLT requires 2M — 1
multiplications and 2M — 1 additions.
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For a potential hardware implementation, in [55] additionally the recursive
algorithm [61, 63] and recursive algorithm [55] have been investigated in terms
of the required number of bits for the fixed-point data representation during the
backward MLT (MDCT) computation on data block sizes with N = 1920. Indeed,
due to the nature of recursion, numerical values are accumulated very fast, and this
fact has an impact for implementation on a hardware architecture with the limited
number of bits for data representation. It was shown in [55] that the recursive
algorithm [61, 63] frequently exceeded a maximum limit of 24 bits (actually it
required up to 31 bits particularly when the magnitude 2 cos 8, reached the value
of 2 in the inner loop of recursion), while the recursive algorithm [55] was able to
process the same data with only 24 bits. Consequently, the computation of the MLT
(MDCT) by the recursive algorithm [55] can be performed on a reduced bit-width
architecture without a loss of accuracy.

Note 10 Although similar recursive algorithms have been also derived for the
corresponding MDST in [55, 61, 63], using the relation between the MDST and the
MDCT block transforms given by (4.43), the computation of MDST can be realized
by the MDCT recursive algorithms.

4.4 Fast Algorithm for the ELT Computation

Essentially, the ELT is the MLT but with longer basis functions, or in general, with
the basis functions of arbitrary length [2, 48-50]. We recall that the forward ELT as
a block transform is defined as [2, 48, 50]

2KM—1

ELT T M+1 1

¢ = Zx,,cos[—(n+—)(k+—):|, k=0,1,...,.M—1,
= M 2 2

(4.203)

where {x,} is the windowed input data sequence, K > 1 is the overlapping factor
being a positive integer. The overlapping factor K actually specifies how many pairs
of overlapped input data blocks are used to compute the ELT coefficients. When
K =1, the ELT becomes the MLT.

On the other hand, the backward ELT as a block transform is defined as [2, 48, 50]

M—1

AELT ELT b4 M+1 1
= — _— k+ = =0,1,...,. KM —1
X, 2 c, cos [M (n+ > )( + 2)i| n N N ,

(4.204)

where {)%ELT} is the time domain aliased data sequence. We note that the normaliza-

tion factors \/% in (4.203) and (4.204) for simplicity are omitted. For the efficient
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forward and backward ELT computation the fast algorithms were developed in
[2, 48-50], and they are discussed in the following text.

Consider the forward ELT given by (4.203). Using the change of variables n =
%M + s, and defining

8s = X3TM+S, (4.205)

we can write (4.203) in the form [2]

(4Kk—3)%—1 | |
ELT v
=— D goos|—|s+5)k+5])],
“ . ° COS[M (”2)( +2)}
S=—5
k=0,1,...,M—1. (4.206)

. . _ . 3M
Assuming that {g,} defined by (4.205), but with g; = 0 if s < —=~ or

s> (4K — 3)%, (4.206) may be written in the form

2k (I—1H)M—1
&= Y seos| T (s4g) (k+3)|
2 2

=0 s=(-2)M

k=0,1,....M—1. (4.207)

Further, splitting the first sum with 2K + 1 terms in (4.207) into two sums,
specifically for / = 2s and / = 2s + 1, we get

K @r—DM—1

S S ngOS[ (S+;)(k+%)}_

r=0 s=Q2r-2)M

Sl )

r=0 s=Q2r—1)M
k=0,1,....M—1. (4.208)

By substituting s 4+ 2(r — 1)M, and then 2rM — 1 — s for s in (4.208), we find that
the modulating cosines satisfy the following relations [2, 50]:

cos |:A£/I (s +2(r—1)M + %) (k+ %)}
= (=1)""" cos |:M (s+ ;) (k+ %)],
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T (2rm —1 DY (k1
cos|:A—/I(r — —s—i—E)( +E)]
— (=1)" cos [1\% (s + %) (k + %)} . (4.209)

Finally, using (4.209), applying the change of variables n = s — (2r — 2)M in the
first sum of (4.208), and the change of variables n = 2rM — 1 — s in the second sum,

we obtain [2]
= ™ 1 1
ELT
= n e - k - 5
Cp ;)u cos[M (n+2)( +2)j|

k=0,1,....M—1, (4.210)

where the data sequence {u,} is given by Malvar [2]

K K—1
=Y (=1) guyram + (=" gamr—1n.
r=0 r=0

n=01,....M—1. 4.211)

The cosine transform kernel in (4.210) is recognized as an M-point DCT-IV. Thus,
using (4.205) and (4.211) the KM-point forward ELT of {x,} is converted to the M-
point DCT-IV of {u, }. Moreover, the windowing procedure for a given value of K >
1 using (4.205) and (4.211) is decomposed to a product of K orthogonal butterfly
matrices intermixed with delays. The ELT windowing function design method as
well as C computer program to generate required butterfly angles can be found
in [2, 50]. The backward ELT computation can be realized by reversing the fast
forward ELT structure and performing the inverse operations. Generalized signal
flow graphs both for the forward and backward ELT computation are presented in
[2]. The required DCT-IV fast algorithms/computational structures are presented in
Appendix C.2.

The total computational complexity of the fast forward/backward ELT, where
M = 2", is given [2]

M M

4.4.1 Fast ELT for K = 2

The forward ELT given by (4.203) for K = 2 corresponds to
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4M—1

ELT T M+ 1 1
¢ = Z X, COS |:— (n+ —) (k+ —):|
= M 2 2
MX_:I cos il + : k+ :
= Uy —\n = = s
= M 2 2

k=0,1,....,M—1, (4.213)
and assuming that g, = 0 if s ¢ [—%, % — 1], the data sequence {u,} given by
(4.211) can be written as [2]

2 1
up = Z(—l)r 8i+r—2M + 2:(—1)r_1 82rM—1—is i=01,....M-1
r=0 r=0
Let us consider two halves of {u;} simultaneously, with indices n = % + i and

M _

n=2

1 —i. Then, we have

Uy, =& =8y —& M+ 8wy

. M
Uy__; = —8M_j_; T 8w — 8y + 8w, i=01,..., >~ 1.
Using (4.205), we finally obtain
UM 1y = Xn = XoM4n — XM—1-n + X3M—1-n
UM_j_p = —XoM—1-n + Xap—1—n — XM+n + X3M+n>
M
n:O,l,...,E—l. 4.214)

Computer programs in C language for the fast forward/backward ELT computa-
tion can be found in [2].

4.5 Fast Algorithms for the MCLT Computation

The MCLT [3] is the complex block transform mapping overlapped blocks of real-
valued signal into blocks of complex-valued transform coefficients. Its real part is
the MLT, or equivalently the oddly stacked MDCT, and its imaginary part is the
corresponding oddly stacked MDST. Actually, the MDCT (MLT) and the MDST
are, respectively, the real and imaginary components of the O’DFT [23]. In general,
based on the relation between the MDST and the MDCT given by (4.43), the
MDST computation can be realized by any existing fast MDCT computational
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structure with simple pre-processing of data sequences. Consequently, any fast
MDCT algorithm discussed in Sect.4.3 may be used for the MCLT computation.
But, a fast MDCT computational structure should be applied sequentially to obtain
the MCLT.

A number of fast algorithms were developed for the computation of the MCLT
or more accurately, for the simultaneous (online) MDCT/MDST computation
[3, 18, 64—70]. The conventional approach is to decompose the argument of MCLT
kernel and map it into the complex DFT of the same size with complex pre- and
post-multiplications [70]. However, this approach involves redundant arithmetic
operations. To reduce the arithmetic complexity, the simultaneous MDCT/MDST
computation is mapped into the real-valued DFT/FFT [68], type-IV generalized
DFT (GDFT-IV) of real-valued data sequences or alternatively, into type-IV gener-
alized discrete Hartley transform (GDHT-1V) [18], type-1l GDHT (GDHT-II) [69],
DCT-1V/DST-1V [3], DCT-II/DST-II [67], or it is realized by the DCT-IV/DCT-II
combination [65, 66]. A direct recursive fast radix-2 MCLT algorithm [64] is based
on the recursive radix-2 DIF MDCT algorithm [42]. In particular, exploiting the
explicit form of the sine windowing function combined with the MCLT kernel,
several fast MCLT algorithms with incorporated sine windowing function were
derived: the real-valued DFT/FFT-based [68], DCT-II-based [67], and GDHT-II-
based [69].

In the theory of fast MDCT/MDST algorithms it is well known that by a
composition of simple permutations applied to the input data sequence, an N-point
MDCT/MDST can always be converted to %’-point DCT-1V/DST-IV (whereby DST-
IV may always be converted back to DCT-IV with simple pre-processing of data
sequences). Note that each %—point DCT-1V may be alternatively mapped into the
%’-point complex DFT with identical pre- and post-rotation stages [25].

4.5.1 Definitions of MCLT Block Transforms

Let {x,}, n = 0,1,...,N — 1 represent an input data sequence, and N is assumed
to be an even integer. Consider the forward MDCT given by (4.39) and the forward
MDST given by (4.41) with N = 2M. Then, the forward MCLT as a block transform
is defined as [3]

pe=cp—is,, i=+—1, k=01,....M—]1, (4.215)

where {c,f} and {s,f} are, respectively, the MDCT and MDST coefficients.

A reconstruction formula of the backward MCLT block transform is not unique.
There is a reconstruction formula from the real part only, as well as one from the
imaginary part only [3]. However, the best reconstruction formula is the average of
those from real and imaginary parts (preferred) defined as [3]
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1 _ _
=5 (2;’ R MDST), n=01,... 2M—1, (4.216)
where {AO MDCT} nd {5co MPST } are, respectively, the time domain aliased data

sequences recovered by the backward MDCT given by (4.40) and the backward
MDST given by (4.42). Therefore, for the backward MCLT computation we need to
use a fast MDCT algorithm for the backward MDCT/MDST computation to obtain
the time domain aliased data sequences {5c } and/or {20 MDST}.

Note 11 Tt is important to emphasize that if we use the reconstruction formula
(4.216), then the original data sequence {x,} is perfectly reconstructed even without
the windowing, overlap, and add procedure, i.e., y, = x,, in (4.216). It means that the
windowing procedure in the fast MCLT computation is redundant. However, when
the windowing procedure nevertheless is used, then y, = wi X, n=0,1,...,2M—
1 (see Chap. 3).

4.5.2 (G)DFT/FFT-Based Fast Algorithms

The DFT/FFT-based fast MCLT algorithm [70] directly maps the 2M-point MCLT
kernel into 2M-point complex DFT/FFT. Consequently, it is not so efficient in
terms of the arithmetic complexity. In order to reduce the arithmetic complexity,
the DFT/FFT-based fast MCLT algorithm developed in [68] is based on 2M-
point real-valued DFT/FFT with the incorporated sine windowing function. As an
alternative, the fast MCLT algorithm [18] is based on the type-IV GDFT (DFT-1V)
of real-valued data sequences [74]. Both algorithms are discussed in the following
subsections.

4.5.2.1 Real-Valued DFT/FFT-Based Fast Algorithm [68]

At first, the sine windowing function can be written as a sum of two
exponentials as [68]

2 1 ] . w(2n . w(—2n—
in 7(@2n+1) =i(€—z Geth) i xC ”), k=0.1,...2M—1.
aM 2
(4.217)
Then (4.215) with the normalization factor 1%/1 is mapped into a real-valued
DFT as

2M—1
/ 2 1 ; TCut L)kt
Z xn . I:T[(n—]‘;_)] B ) 141{/‘/)(2]{ l)’ k= 0717---,M_ 1.

n=0
(4.218)
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Combining (4.217) and (4.218), after some algebraic manipulations we get [68]

Pr = L di fi + dit1 frrrs (4.219)

where

dp = e~ TR —i FF (4.220)

2M—1
fe = \/ Z Xy e B (4.221)

Equation (4.221) is a normalized 2M-point DFT/FFT of the real-valued input data
sequence {x,}. From (4.219), (4.220) and (4.221) it follows that the MCLT coeffi-
cients {p;} are obtained by first computing the FFT of {x,}, and then performing the
additional operations with factors {d;} given by (4.220). Since factors {d;} satisfy
|dy| = 1, they actually correspond to Givens—Jacobi rotations (see Appendix F.4).

One of the advantages of the DFT/FFT-based fast MCLT algorithm [68] is
that it does not require data shuffling. Another positive aspect is that the factors
{di} may be computed recursively. This fact can take advantage in a potential
hardware implementation. Specifically, substituting k— 1 for k in (4.220), after some
manipulations we get [68]

and

271(M+1)

di=d_je " m o,  k=12,... M. (4.222)

The total computational complexity of the DFT/FFT-based fast MCLT algorithm
[68] is given by the complexity of 2M-point FFT of real-valued data sequences plus
the complexity of (4.219) requiring M + 1 complex multiplications and M complex
additions. Each complex multiplication corresponds to the Givens—Jacobi rotation.
Additionally, f, and f, are real, factors d and dM have identical real and imaginary
parts except for sign, and factor cy =e —i 5(3 41 ig either purely real or purely
imaginary for M > 2. Thus, (4. 219) requires 3M — 2 real multiplications and 5M —6
real additions. The required real-valued FFT algorithm is presented in [2].

4.5.2.2 GDFT-1V-Based Fast Algorithm [18]

The N-point forward and inverse GDFT-IV of a real-valued data sequence {x,}, are,
respectively, defined as [74]

N—1
1 L 2@+ 1)2k+1)
= 5 Yo TR = VO k=01 N1,
n=0
(4.223)
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v . 2x2n+1)2k+1)
e

=D fioe ., n=0,1,....N—1, (4.224)

where {f,lv} are GDFT-1V coefficients. The GDFT-IV coefficients {f,zv} have the
following symmetry property [18, 74]

* N
f;v =fNiV1—k! k=0,1,..., 3~ 1, (4.225)
where * denotes the complex conjugate. The forward GDFT-IV of real-valued data
sequences may be decomposed as [18]

!
1A% ] z
feo =% ;(xn — XN—1—p) €OS [4(;/2) (2n + 1)(2k + 1)]

T
4(N/2)
k=0,1,....N—1. (4.226)

—i (X 4 Xy—1—p) Sin [ 2n + 1)(2k + 1)] ,

The transform kernels on the right-hand side of (4.226) are recognized as the %-
point DCT-IV of {x, —xy—1—,} (real part), and the %-point DST-IV of {x,, +xy—1—n}
(imaginary part). Based on the relation between the DST-IV and the DCT-IV (see
Appendix C.2), the DST-IV in (4.226) may be converted to the DCT-IV with a
simple pre-processing of data sequences. A sparse block matrix factorization of the
GDFT-1V matrix defining a fast algorithm is presented in [18].

On the other hand, the forward MDCT in (4.215) for N = 2M can be
decomposed as [18]

2M—1

cz = Z X, COS [ﬁ@n + 1+ M)2k+ 1)]
n=0
2M—1 . T
— cos| = 2n+ 1)k + 1) + 22k + 1 ]
>« cos [ - (2n+ D@2k + 1) + Tk + 1)
T = T
= cos T2k + 1) Y (x — Xawr—1-n) cos[m(Zn—i— 1)(2k + 1)]
n=0
b gy T
—sin 72k + 1) go(xn i) sin [ 2220+ DEE+ )]

k=0,1,....M—1, (4.227)
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From Sect. 4.3.4 we know that the MDCT and MDST are closely related to the DCT-
IV and DST-IV of reduced sizes, respectively. Therefore, Eqs. (4.226) and (4.227)
imply that the forward 2M-point MCLT can be mapped into the 2M-point GDFT-
IV of real-valued data sequences utilizing its generalized signal flow graph with
a simple post-processing of output data sequences. The terms cos 7 (2k + 1) and
sin 7 (2k + 1) change signs on cyclic sets

C={+1,-1,-1,41}, ccx € C ¥V kmod4,
S={+1,4+1,-1,-1}, ssx € S V kmod4. (4.228)

Then, the forward MDCT as the real part, and the forward MDST as the imaginary
part of MCLT are related to the forward GDFT-IV by Britanak and Rao [18]

v v
G = <cck mod 4 /it SS@m—1—k) mod 4 f2M—1—k> )

[0
SM—1—k =

k=0,1,....M—=1,cc; € C, ss5€ S, j=0,1,2,3. (4229)

S S

1\% 1\
(Ss(k) mod 4/t €CM—1-k) mod 4 sz_l_k) ,

The GDFT-1V generalized signal flow modified for the simultaneous computation
of the MDCT and MDST for N = 2M = 16 is shown in Fig. 4.12. The relation
(4.229) forms the last simple butterfly stage.

Note 12 For the representation of terms cos 7 (2k+1) and sin 7 (2k+1) in (4.227),
the trigonometric identity (4.150) and algebraic identity (4.153) alternatively may
be used.

The backward MCLT computation is simply realized via the inverse GDFT-IV
as follows. With respect to modified generalized GDFT-IV signal flow graph shown
in Fig. 4.12, at first we need to compute two inverse DCTs-IV given by

zy = DCT-IV of {c} }, n=01...,M-1,
(=1)" Zayr—1-n = DCTIV of {5y},
n=MM+1,...2M—1, (4.230)

and the original data sequence {x,} is recovered from {z,,} as

Xn = Zn + 22M—1—n, XoM—1—n = —Zn + 22M—1—n>

n=01,....M—1. (4.231)

With respect to the generalized signal flow graph shown in Fig.4.12, the total
computational complexity of the GDFT-IV-based fast MCLT algorithm [18] is given
by 4M additions plus the complexity of two M-point DCTs-IV. The required DCT-
IV fast algorithms/computational structures are presented in Appendix C.2.
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Fig. 4.12 Modified GDFT-IV generalized signal flow graph for the simultaneous computation of
the MDCT and MDST for N = 2M = 16

4.5.3 GDHT-Based Fast Algorithms

For the efficient MCLT computation, GDHT-based algorithms were developed [18,
69], specifically, GDHT-IV-based fast MCLT algorithm [18] and GDHT-II-based
fast MCLT algorithm with incorporated sine windowing function [69]. They are

discussed in the following subsections.
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4.5.3.1 GDHT-IV-Based Fast Algorithm [18]

N-point forward GDHT-1V of a real-valued data sequence {x,} is defined as [74]

1 A |:27T(2n+ )2k + 1)
= — an cas

, k=0,1,...,N—1, 4.232
4N ] ( )

where {h;cv} are GDHT-IV coefficients and cas (.) = cos (.)+sin (.). A sparse block
matrix factorization of the GDHT-IV matrix defining a fast algorithm is presented
in [18].

Since the GDHT-1V is related to the GDFT-1V by Britanak and Rao [18]

v v v
e =fi v
v v v N
hy_i1—x =f —fv—1—> k=0,1,...,——1, (4.233)

this fact implies that there also exists a relation among MDCT, MDST, and GDHT-
IV. Indeed, the MDCT is related to the GDHT-IV by Britanak and Rao [18]

CZk = (=D \/_hN =2k
e = DN V2 Ry, k= 0,1,...,%’— 1, (4.234)
while the MDST is related to the GDHT-1V by Britanak and Rao [18]
Sy = (=1F V2 iy

N
S2k+1_( l)k—H“/_thzk, k=0,1,...,

——1 4.235
2 ( )

The modified GDHT-IV generalized signal flow graph for the simultaneous
computation of the MDCT and MDST for N = 2M = 16 is shown in Fig. 4.13.

With respect to the generalized signal flow graph shown in Fig. 4.13, the total
computational complexity of the GDHT-IV-based fast MCLT algorithm [18] is the
same as for GDFT-IV-based fast MCLT algorithm.

4.5.3.2 GDHT-II-Based Fast Algorithm [69]

N-point forward GDHT-II of a real-valued data sequence {x,} is defined as [74]

27(2n + Dk
an [”(”—H} k=0,1,....N—1, (4.236)

n=0
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8-point DCT-IV

8-point DCT-IV

Fig. 4.13 Modified GDHT-1V generalized signal flow graph for the simultaneous computation of
the MDCT and MDST for N = 2M = 16

where {hz} are GDHT-II coefficients. A sparse block matrix factorization of the
GDHT-II matrix defining a fast algorithm is presented in [18].
With respect to (4.215), denote the basis functions of the MDCT and MDST

with the normalization factor ./ % and the incorporated negative sine windowing
function, respectively, as

o |2 . 7(2n+1) i
bn = /37 sin [_T cos | - (2n+ 1+ M)k +1)].
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. 2 41
b = |+ sin [—%] sin[%(2n+ 1+ M)k + 1)],

k=0,1,....M—1, n=0,1,...,2M — 1. (4.237)

It can be easily verified that the basis functions in (4.237) have the following
symmetry properties [69]

(o M+1 1.©
bkn - (_l) b2M—1—k,n’

by = (=DM by k=0,1,.. M —1, (4.238)

Equation (4.238) implies that MDCT and MDST coefficients satisfy

0 M+1 o
Cop—1— = (=1) + Cis

SZM—l—k = (- Sz, k=0,1,....M—1, (4.239)

demonstrating the even anti-symmetry and even symmetry property of {c:} and
{s,f }, respectively, depending on the parity of M. Therefore, the computation of {c,(:}

and {s:} can be realized by computing either via the even-indexed or odd-indexed
coefficients. The even-indexed coefficients are chosen. Then, the basis functions
{b;:.)n} become

© 2 . [n@2n+1) i T
bon = =1/ S0 [T cos [Z(4k +1)+ m(2n + 1)(4k + 1)]

_ \/7( D s |:rr(2n+1)i| cas |:—n(2n+1)(4k+1):|’
4M

k=0,1,....M—1. (4.240)

Applying the trigonometric identity

—sin () cas (—f) = % [cas (B —«) —cas (¢ + B)], (4.241)

to the sine windowing function, (4.240) finally becomes

\/7( 1)"% L [F@ut D2 Tr@n+ DK+ %
2kn M — M s

=0,1,....M—1. (4.242)

Similarly, for the basis functions {b;:;)n} we get
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aM

\/7( D s [n(2n+1)} as [n(2n+1)(4k+1)}
M

T (=D} % |:—7r(2n+1)(2k+1):|_ |:—7r(2n+1)2k:|}
> cas T cas w0

bgi,n = —\/% sin [n(zn—m} sin [%(4k +1)+ ﬁ@n + 1)(4k + 1)]

k=01,....M—1. (4.243)

If we denote

2M—1
1 2 1k
W= L ancaS[M],

2M et 2M
2M—1
A 1 2 Dk
h:: ﬁ ancas[ 7 ( ”;‘;‘ )] k=0,1,...,2M —1,(4.244)
it can be verified that
ilIZIM k=—hk, k=0,1,...,M—1. (4.245)

Transform kernels in (4.244) are the normalized 2M-point GDHT-II of {x,}.
According to (4.215) using (4.242), (4.243), (4.244), and (4.245), the MDCT and
MDST coefficients {cgk} and {s;k} are, respectively, given by Shu et al. [69]

) \/E I 1

ey = (1) - (hzk - h2k+1)

o \/E Al A1l \/E I

s2k = (_l)k 7 (h2k+l th) = (_l)k 7 (hZM—Zk - hZM—l—Zk) ’
k=0.1.....M—1. (4.246)

The odd-indexed coefficients {c;k 41 and {s;k 41 can be deduced from the even
anti-symmetry and even symmetry properties (4.239), i.e.,

o _ M+1 0 o _ M 90
Cpr1 = (1) Com—2—2k> Sop1 = (D" Sop—o_ops

M
k=0,1,...,5—1. (4.247)
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8-point DCT-II

Fig. 4.14 Modified GDHT-II generalized signal flow graph for the simultaneous computation of
the MDCT and MDST for N = 2M = 16

The GDHT-II generalized signal flow modified for the simultaneous computation
of the MDCT and MDST for N = 2M = 16 is shown in Fig. 4.14. The relations
(4.246) and (4.247) form the last simple butterfly stage.

With respect to the generalized signal flow graph shown in Fig. 4.14, the total
computational complexity of the GDHT-II-based fast MCLT algorithm [69] is given
by 6M — 2 additions plus the complexity of two M-point DCTs-II. The required
DCT-II fast algorithm/computational structure is presented in Appendix C.1.

4.5.4 DCT-II-Based Fast Algorithm [67]

A fast MCLT algorithm with the incorporated sine windowing function developed
in [67] is based on the DCT-II-based evenly stacked fast MDCT/MDST algorithm
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defined by (4.35), (4.36) and (4.37), (4.38) for N = 2M. In [67] it was shown that the
real part (MDCT) and imaginary part (MDST) of the MCLT can be directly obtained
from a combination of {ci} and {si} coefficients. This fact in general allows for the
fast MCLT computation to use any fast evenly stacked MDCT/MDST algorithm
associated with the sine windowing function.

Consider the basis functions of the MDCT and MDST given by (4.237) with the
incorporated negative sine windowing function. Using the trigonometric identity
sin(a) cos(B) = % [sin( — B) + sin(« + B)], the MDCT basis functions {b;:)n} can
be simplified to [67]

b = ﬁ (sin[ 577 @n + 1+ 4k + 7
—sin[%@n—i— 14+ M)k + 1)—%]). (4.248)

The transform kernels on the right-hand side of (4.248) correspond to the evenly
stacked MDST. Further, applying the standard trigonometric identities to (4.248)
we get [67]

© 1 g
b = {cos[—2n+1+Mk]
o= 5 L :

. T
+ sin [w@n + 1+ M)k]
T
+ cos [ﬁ(Zrz + 1+ M)k + 1)]

—sin[%@n—i— 1+ M)k + 1)] } (4.249)

On the other hand, using the trigonometric identity sin(«) sin(8) = % [cos(a —
B) — cos(a + B)], the MDST basis functions {b,(:n} can be simplified to [67]

by = ﬁ (—cos [%(zn 1+ Mk + %]
—i—cos[%@n—i— 1+ M) K+ 1) — %]) (4.250)

The transform kernels on the right-hand side of (4.250) correspond to the evenly
stacked MDCT. Similarly, applying the standard trigonometric identities to (4.250)
we get [67]
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©

1 T
= —1 — — (2 14+ Mk
n = 3 _M% cos [ZM( n+1+M) ]

rm
+sm[w(2n+ 1 +M)k]
T
+ cos [ﬁ@n F 14+ M)k + 1)]

-l-sin[%(Zn—i— 1+ M)k + 1)]}. (4.251)

From (4.249) and (4.251) it follows that the MDCT and MDST basis functions
are decomposed into the sums/differences of evenly stacked MDCT and MDST
transform kernels. Thus, according to (4.215) the MDCT coefficients being the real
part of MCLT are obtained from (4.249) as

=+ 85 4 —Sia k=01, M—1, (4.252)

while the MDST coefficients being the imaginary part of MCLT are obtained from
(4.251) as

i ==+ 5 4+ 5 k=01, M—1. (4.253)

For the efficient implementation of (4.252) and (4.253), if we denote

E

weo=cp +85, =S —c,  k=0,1,...,M—1, (4.254)
then
o o
Cp = Up — Vg, S, = U + Vg, k=0,1,...,.M—1. (4.255)

The corresponding generalized signal flow graph of the DCT-1I-based fast MCLT
algorithm [67] for N = 2M = 16 is shown in Fig.4.15.

Equations (4.36) and (4.38) for N = 2M require 2M additions. Equations
(4.254) and (4.255) ignoring the trivial additions by cAE,, = sg = 0 require 4M — 2
additions. Then, the total computational complexity of the DCT-II-based fast MCLT
algorithm [67] is given by 6M — 2 additions plus the complexity of two M-point
DCTs-1I. The required DCT-II fast algorithm/computational structure is presented
in Appendix C.1.
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8-point DCT-1I

8-point DCT-II

Fig. 4.15 Generalized signal flow graph of the DCT-II-based fast MCLT algorithm [67] for N =
2M = 16

4.5.5 DCT-1V-Based Fast Algorithms [3]

After introducing the MCLT immediately its DCT-IV-based fast algorithm was also
proposed [3]. The real part of the MCLT, MLT, or equivalently MDCT is obtained
via the DCT-1V of reduced size, while the imaginary part of the MCLT and MDST
is obtained via the corresponding DST-IV of reduced size.

Indeed, for N = 2M applying a permutation to the input data sequence {x,}
defined by Malvar [3]

U, = = XM—l-n

M
u%—l—n = — XM+n — X2M—1—n> n = 0, 1,..., E — 1, (4256)
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the 2M-point forward MLT or MDCT is reduced to the M-point DCT-IV of {u,} as

M—1
&= u, cos[%@n—i— 1)(2k + 1)], k=01,....M—1. (4257
n=0

On the other hand, applying a permutation to the input data sequence {x,} defined
by Malvar [3]

M
Vi1 = Xbt — Xom n=01....5—1 (4258

the 2M-point forward MDST is reduced to the M-point DST-IV of {v,,} as

M—1

o . T

so=3 v, sm[m(2n+l)(2k+l)], k=0,1,....M—1, (4259
n=0

or equivalently, as

M—1
T
Sy = Y (=1)" v, cos [m(zn )k + 1)] ,
n=0
k=0,1,....M—1, (4.260)

The corresponding generalized signal flow graph of the DCT-IV-based fast MCLT
algorithm [3] for N = 2M = 16 is shown in Fig. 4.16.

The total computational complexity of the DCT-IV-based fast MCLT algorithm
[3] is given by 2M additions plus the complexity of two M-point DCTs-IV.
The required DCT-IV fast algorithm/computational structures are presented in
Appendix C.2.

4.5.6 DCT-1V/DCT-1I-Based Fast Algorithm [65, 66]

An interesting and simple DCT-IV/DCT-II-based fast MCLT algorithm was devel-
oped in [65, 66]. Using trigonometric identities the basis functions of the MDCT and
MDST are converted to the sum and difference of transform kernels corresponding
to the DCT-IV of reduced sizes. Alternatively, based on the relation between the
DCT-1V and the DCT-II (see Appendix C.3), the M-point DCT-IV can be converted
to the DCT-II of the same size at the cost of M pre-multiplications and M — 1
recursive additions.
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Fig. 4.16 Generalized signal flow graph of the DCT-IV-based fast MCLT algorithm [3] for

N=2M=16

Consider the MDCT and MDST basis functions with the normalization factor

%, respectively, as

2 b4
by, = ‘/A_/I cos [m(Zn + 1+ M)(©2k+ 1)],

S 2
by = {7 sin [ﬁ(zwr 1+ M)k + 1)],
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k=01,....M—1, n=0,1,....2M—1. (4.261)

Setting o, = 73;(2n + 1 + 2M)(2k + 1) and By, = 73;(2n + 1)(2k + 1), and
applying the trigonometric identities

a+p . a—p

= 2 ,
cos « + cos f cos 7 0s 5
cos o —cos B = —2 sin a—;ﬂ sin a;ﬂ’ (4.262)

then using the trigonometric identity (4.150) and algebraic identity (4.153), the
MDCT and MDST basis functions (4.261) can be written in the form [66]

5 + 1
bz)n = (—1)L B V M (cos ag, + cos Birn),

s /1
b;g)n _(_I)L % ! ﬁ (COS Og.n — COS ﬂk,n) B

k=0,1,....,.M—1, n=0,1,...,2M — 1. (4.263)

Importantly, the cosines of oy, and By, satisfy the following relations [66]

COS Oy = COS PBrprn = —C€0S Brm—1—n, COS Ol pr4n = —COS PBiy.

(4.264)
According to (4.215) for the forward MDCT and MDST we have

2M—1
ket 1 b4
& = () ‘/ﬁ{ S % cos[m(2n+1+2M) (2k+1)]

n=0
2M—1

+ ; X, COS [ﬁ@n—}- 1) 2k + 1)] }

2M—1
1 T
50 = —(—DL3! Vi { 3 x cos[m@n—l— 1+ 2M) 2k + 1)]

n=0
2M—1 T
— . T on+1) 2k 1]} k=0.1,... . M—1.
ngox cos[4M(n+ ) Qk+1)

(4.265)

Now, investigate two unique sums on the right-hand sides of (4.265) separately.
Using the relations (4.264) for the first sum we get



192 4 Fast MDCT/MDST, MLT, ELT, and MCLT Algorithms

2M—1
3 x, cos [l(zn 14 2M) 2k + 1)]
= M

M—1
T
=3 %, cos [m(Zn 14 2M) 2k + 1)]
n=0
2M—1 T
L cos | =20 + 1 4 2M) 2k 1]
+,§x cos[4M(n+ +2M) 2k + 1)

M—1
= Y i cos[ 7 n+ 1) QK+ 1)]

n=0
M—1 .
+ Z —XM—4n COS [m(Zn +1) 2k + 1)]

n=0
M—1 e
- ;(XM_l_n ¥ Xpgen) COS [m(zn £ 1)k + 1)] . (4.266)

For the second sum we get

2M—1
3 x, cos [%(2}1 F 1) 2k + 1)]

n=0
M—1

= ;}xn cos [%(bz +1) 2k + 1)]

2M—1
+ 3 x, cos [%(2;1 T 1) k4 1)]

n=M
M—1 T
_ ;Jx,, cos [m@n +1) 2k + 1)]

M—1
T
+ ; —XoM—1—n COS [W(Zn +1) 2k + 1)]
M—1
=3 (% — X2m-1-0) cOS [1(2;1 F 1) Qk+ 1)] . (4.267)
o M

Combining (4.265), (4.266), and (4.267) we finally obtain [66]
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¢ = (-nLT / Z(un V) cos[—(2n+1) (2k+1)]
s, = (=3 / Z(u,,-i—vn) cos[—(Zn—i—l) (2k+1)]

k=0,1,....M—1, (4.268)
where
Uy = Xpn—X2M—1—n> Uy = XM—1—n +XM+n, n = O, 1, e ,M—l (4269)

Transform kernels on the right-hand side of (4.268) are M-point DCT-1V of {u,,—v,}
and M-point DCT-IV of {u, + v,}. Alternatively, based on the relation between the
DCT-1V and DCT-II, each M-point DCT-IV may be converted to the DCT-II of the
same size at the cost of M pre-multiplications and M — 1 recursive additions. Thus,
we have two forms of the fast MCLT algorithm [66], the DCT-IV-based and DCT-
IV/DCT-II-based form.

The generalized signal flow graph corresponding to the DCT-IV-based form of
fast MCLT algorithm defined by (4.268) and (4.269) for N = 2M = 16 is shown in
Fig.4.17.

The total computational complexity of the DCT-IV-based form of fast MCLT
algorithm [66] is given by 2M additions plus the complexity of two M-point DCTs-
IV. The required DCT-1V fast algorithm/computational structures are presented in
Appendix C.2.

On the other hand, the total computational complexity of the DCT-IV/DCT-
II-based form of fast MCLT algorithm is given by 2M multiplications, 4M — 2
additions, and 2 shifts plus the complexity of two M-point DCTs-II. The required
DCT-II fast algorithm/computational structure is presented in Appendix C.1.

4.5.7 Recursive Radix-2 DIF Fast Algorithm [64]

A recursive radix-2 DIF fast MCLT algorithm was developed in [64]. Essentially,
it is based on the recursive radix-2 DIF fast MDCT algorithm [42] discussed in
Sect.4.3.7. The recursive radix-2 DIF fast MCLT algorithm [64] is constructed
from an alternative recursive sparse block matrix factorization of the MDCT matrix
without redundant computations, and a relation between the MDCT and the MDST
matrices.

We recall that the recursive radix-2 DIF fast MDCT algorithm [42] for N being
divisible by 4 is defined as [42]
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Fig. 4.17 Generalized signal flow graph corresponding to the DCT-IV-based form of fast MCLT
algorithm [66] for N = 2M = 16
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k=0,1,...,

N
1. 4.270
1 (4.270)

© . . © .
The data sequence {x, } and its reversed version, {x %_1_n}, are given by

© 7(2n+ 1) . m(2n+1)
X, = a, cos ———— + b, sin ———,
2N 2N
© . a(2n+1) T(2n+ 1)
Xy = —a, sin ——— + b, cos ——,
At 2N 2N
N
n=0,1,...,——1. (4.271)
4
where
n = Xy = XN_j_» by = Xy 4, + XN—1-n,
N
n=0,1,...,z—1. 4.272)

Equation (4.271) represents the block of % Givens—Jacobi rotations. From (4.270) it
can be seen that the computation of N-point MDCT is realized via the computation
of two identical %-point MDCTs. The decomposition is applied recursively until
trivial small even-length MDCT modules remain. However, the corresponding
original recursive sparse block matrix factorization of the MDCT matrix presented
in [42] involves redundant computations.

The key for the construction of the recursive fast radix-2 MCLT algorithm is the
alternative recursive sparse block matrix factorization that involves no redundant
computations. Denoting the MDCT matrix by C Ny it is defined as [64]

c p E% 0 C%x% 0 I% G I% —J% 0 0
PN 0 By 0 Cyoy J\ds )50 0gyry )0

(4.273)
where Iy, is the identity matrix, Jy; is the reverse ordered identity matrix, both
of order M. P% is the permutation matrix which reorders the MDCT coefficients

{co,c3,¢4,C7,C8,C11, ..., Cl,C2,C5,C6,C9,Cl0, ...} to natural order. 0s are null
matrices. The matrix E v = diag {(—1)L"2 1} is the diagonal sign-changing matrix,
and G N is the Givens—Jacobi rotation matrix defined by
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b.d L 4
COoS N S N

&-npr . F-nx

2
Cos N sin N

Q
=
I

(4.274)

—sin

(§-Dr o5 J—Dr
2N 2N

—sin 55 oS 35
The recursive sparse MDCT matrix factorization given by (4.273) enables us to
generate the higher-order MDCT matrix from two lower-order MDCT matrices.

There exits an intimate relation between the MDCT and MDST matrices.
Actually, denoting the MDST matrix by S Yo the matrix § Nun is related to C Ny
by Britanak [64]

N
Syxy = (=D % Jy Cyyy Dy, (4.275)

where J N is the reverse ordered identity matrix of order ¥, and Dy is a diagonal
odd sign-changing matrix of order N defined as Dy = diag {1,—1,1,...,1,—1}.

Using the alternative recursive sparse MDCT matrix factorization given by
(4.273) and the relation between MDST and MDCT matrices given by (4.275), a
recursive radix-2 DIF fast MDST algorithm is defined as [64]

o N_q
Sy 1o k even N kL 2 o N
3 = (s 3 cos[ <2n+1+—) (2k+1)],
Sy _y pp kodd e 2(N/2) 4
o N_
SY_p g k even ( 1)%Hk+71J 2221 ©) [ b4 (2 14 N) 2k + 1)}
= (— X COS | ——— n — s
Sy _y_yy kodd L 1o T 2(N/2) 4
2
N
k=0.1,..., 7L (4.276)

® . . 0] .
The data sequence {x, } and its reversed version, {x y_ 1_n}, are given by

©) 7(2n+ 1) . an+1)
X, = ¢, C0OS————— +d, sih ———,
2N 2N
s 2 1 2 1 N
x(N) = —c, sinm—kdn cos]T(n—H, n=01...,——1,
7 1-n 2N 2N 4

(4.277)
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Fig. 4.18 Generalized signal flow graph of the recursive radix-2 DIF fast MDST algorithm for
N=38

where
Cn = (_1)n(xn +X%_1_n), d, = (_1)’1()(%4_” _xN—l—n)y

N
n=0,1,...,z—1. (4.278)

Equation (4.277) again represents the block of % Givens—Jacobi rotations. The
generalized signal flow graph of the radix-2 DIF fast MDST algorithm for N = 8 is
shown in Fig. 4.18.

One can easily see that both fast MDCT and MDST computational structures in
Figs.4.11 and 4.18, respectively, are complementary to each other. This fact enables
us to construct a fast MCLT computational structure by a simple way. Specifically,
the composition of the fast MDCT and MDST computational structures in Figs. 4.11

and 4.18 leads to the fast MCLT computational structure which is shown for N = 8
in Fig.4.19.
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The total computational complexity of the radix-2 DIF fast MCLT algorithm [64]
in general is given by

3N 5N
My =4My + —, Ay =4Ay + —. (4.279)
2 2 2 2
Combining the recursive fast radix-2 DIF MCLT algorithm with the generalized
fast mixed-radix MDCT algorithm [26] defined for the composite lengths N = 2 x
q", m > 2, where q is an odd positive integer, the MCLT can be computed for
the composite lengths N = 2" x ¢™, n,m > 2, thus supporting a wider range of
transform sizes.
Note 13 The generalized signal flow graphs for the fast MCLT computation
shown in Figs.4.12, 4.13, 4.14, 4.15, 4.16, 4.17, and 4.19 correspond to sparse
(block) matrix factorizations of the MCLT matrix.

4.5.8 Comparison of Fast MCLT Algorithms

Comparison of the fast MCLT algorithms for the simultaneous MDCT and MDST
computation in terms of the arithmetic complexity for N = 2M, M = 2", m > 2,
and used windowing function is summarized in Table 4.3.

For all discussed fast MCLT algorithms, in general, when N is a composite
integer, i.e., it is of the form N = 2" x g, where ¢ is an odd positive integer (or
the mixed-radix length being the combination of radix-2 and radix-g lengths), the
computational complexity of the N-point DCT-II is given by (C.8) and of N-point
DCT-1V is given by (C.32) in Appendix C.

Table 4.3 Comparison of fast MCLT algorithms in terms of the arithmetic complexity for N =
2M, M = 2", m > 2, and used windowing function

Fast MCLT algorithm # of real mults | # of real adds Windowing function
Complex FFT-based [70] MQ@2m+ 3) M(6m + 3) + 4 | Any
Real-valued FFT-based [68] M@m+1) M@3m+3)—2 |Sine
GDFT-IV-based [18] M(@m + 2) M@3m+ 4) Any
GDHT-1V-based [18] M(m+2) M@Bm+4) Any
GDHT-II-based [69] Mm M@3m+4) Sine
DCT-II-based [67] Mm M@3m+4) Sine
DCT-IV-based [3] M(@m + 2) M@3m + 2) Any
DCT-IV-based [65, 66] M(m + 2) M@3m + 4) Any

DCT-IV/DCT-II-based [65, 66] | M(m + 2) M@G3m + 4) Any
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4.6 Summary

The fast algorithms (radix-2, even-length, mixed-radix being the combination of
radix-2 and radix-¢q algorithms, where ¢ is an odd integer) for the efficient imple-
mentation of the forward/backward evenly stacked MDCT/MDST, oddly stacked
MDCT/MDST, MLT, ELT, and MCLT block transforms have been presented. The
emphasis was imposed particularly on basic steps, various tricks (trigonometric
and algebraic), and approaches leading to the derivation of final formulae of a fast
algorithm. For each fast algorithm have been presented: Complete formulae or the
sparse block matrix factorization, the corresponding generalized signal flow graph,
the total computational complexity, and a possible structural simplification of the
algorithm have been provided. Appendices provide all the necessary supporting effi-
cient fast computational structures including short-length modules for completing
forward/backward MDCT/MDST, MLT, ELT, and MCLT efficient implementations.

Problems and Exercises

1. The backward MDCT/MDST computation in the evenly stacked system
requires two N-point inverse comﬂplex FFTs [see Eqgs. (4.9) and (4.10)]. The
real-valued data sequence {e; ¢, ¢ GTWK, &k = 0, L...,8 =1 and
{r¢ sl,f FGETVN k=1,2,..., &, are complex-valued, whereby cz = sg =0.
In [11] it is claimed that two N-point inverse complex FFTs can b2e combined
into a single N-point inverse complex FFT. Is it possible?

2. For a given N, implement by computer programs the fast DFT/FFT-based
algorithms for the simultaneous forward and backward evenly stacked
MDCT/MDST computation defined by (4.6) and (4.7), and then the fast
algorithm via two RVFFTs defined by (4.8). Verify their computational
complexities. The required split-radix complex FFT and split-radix RVFFT
fast algorithms with specified computational complexity can be found in [2].

3. For a given N, implement by computer programs the fast DCT-1I-based algo-
rithms for the evenly stacked forward/backward MDCT/MDST computation
discussed in Sect.4.2.3. Verify their computational complexities. The required
DCT-II fast algorithms with specified computational complexity are presented
in Appendix C.1.

4. Based on generalized signal flow graphs for the MDCT/MDST computation in
the evenly stacked system shown in Figs. 4.1, 4.2, 4.3, and 4.4 for a given N,
derive sparse matrix factorizations of the MDCT matrix, and then of the MDST
matrix.

5. Derive (4.49) from (4.48), and then derive (4.57) from (4.56) using (4.45).

From (4.69) at first derive (4.70), and then (4.71).

7. For a given N, implement by computer programs the DFT/FFT-based fast
algorithms for the forward/backward oddly stacked MDCT/MDST compu-

a
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tation discussed in Sect.4.3.2. Verify their computational complexities. The
required split-radix complex FFT fast algorithms with specified computational
complexity can be found in [2].

Derive (4.90) from (4.88) by expanding indicated cosine and sine transform
kernels.

. Derive the second equation from the first equation in (4.92) using indicated

trigonometric identities.

Derive (4.99) from (4.98) using indicated trigonometric identities.

For a given N, implement by computer programs the fast DCT-II-based
algorithms for the forward/backward MDCT/MDST computation in the oddly
stacked system discussed in Sect. 4.3.3. Verify their computational complexi-
ties. The required DCT-II fast algorithms with specified computational com-
plexity are presented in Appendix C.1.

For a given N, implement by computer programs the fast DCT-IV-based
algorithms for the forward/backward MDCT/MDST computation in the oddly
stacked system discussed in Sect. 4.3.4. Verify their computational complexi-
ties. The required DCT-1V fast algorithms with specified computational com-
plexity are presented in Appendix C.2.

For a given N, implement by computer programs the fast DCT-IV/DCT-II-
based algorithms for the forward/backward MDCT/MDST computation in
the oddly stacked system discussed in Sect. 4.3.5. Verify their computational
complexities. The required DCT-II fast algorithms with specified computational
complexity are presented in Appendix C.1.

Derive (4.122) from (4.121).

Based on (4.124), derive equations in (4.125) from (4.123). Then, derive (4.127)
and (4.128) from (4.125).

Derive {a;} and {b;} in (4.134) from (4.127) and (4.128) using (4.131) and
(4.132).

Following the derivation procedure for {a;:)} given by (4.156) and {af)} given
by (4.158), decompose {b; '} and {b;'} given by (4.155).

Verify the even symmetry property (4.163) of data sequence {y,} given by
(4.162).

Verify the even anti-symmetry property (4.171) of data sequence {z,} given by
(4.170).

For a given N, implement by computer programs (recursive) DIF, DIT mixed-
radix and DIF radix-2 fast algorithms the forward/backward MDCT com-
putation in the oddly stacked system discussed in Sect.4.3.7. Verify their
computational complexities.

Based on generalized signal flow graphs and fast algorithms for the
MDCT/MDST computation in the oddly stacked system discussed in Sect. 4.3
for a given N, derive sparse matrix factorizations of the MDCT matrix, and
then of the MDST matrix.

For a given N divisible by 4, implement by computer programs the recursive
algorithms for the forward/backward MLT (MDCT/MDST) computation dis-
cussed in Sect. 4.3.8.
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Derive (4.219) combining (4.217) and (4.218).

Using (4.229) and (4.233) derive (4.234) and (4.235).

The MDCT and MDST basis functions with the incorporated sine windowing
function are given by (4.237). Derive their simplified forms given by (4.248)
and (4.250) using indicated trigonometric identities.

Verify relations (4.264).

For a given N, implement by computer programs the fast MCLT algorithms for
the simultaneous MDCT and MDST computation discussed in Sect. 4.5. Verify
their computational complexities.
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Chapter 5
Efficient Implementations of Cosine-Modulated

Pseudo-QMF and MLT (MDCT) Filter Banks
in MP3

5.1 Introduction

The MPEG-1 audio compression algorithm [2], finalized in 1992, is the first
established international coding standard for high-quality compression and decom-
pression of digital audio signals. The MPEG-2 audio standard [3], finalized in 1994,
extends the multichannel capabilities not offered by MPEG-1 audio. MPEG-1/2
algorithms exploit perceptual audio coding principles and they involve three distinct
layers for compression. Layer I forms the most basic compression algorithm, while
layers II and IIT are enhancements that use some elements of layer I. Each successive
layer improves the compression performance but at the cost of greater encoder
and decoder complexity [1, 8, 16, 17]. Essentially, Layer III of MPEG-1/2, well
known as MP3 standard, has become key technology to realize audio decoders
for various computer platforms (music distribution via internet) and consumer
electronics (portable MP3 players and multimedia systems).

For the time-to-frequency decomposition of digital audio signals the MP3 stan-
dard [3] employs the hybrid filter bank consisting of the near-perfect reconstruction
cosine-modulated polyphase quadrature mirror filter (QMF) analysis/synthesis filter
banks [1, 8] referred also to as the pseudo-QMF banks [1], and the perfect recon-
struction modulated lapped transform (MLT) [5, 6] which is actually the modified
discrete cosine transform (MDCT) based on the time domain aliased cancellation
(TDAC) concept [4, 7] and associated with the sine windowing function. The
pseudo-QMF bank, common to all three layers of MPEG-1/2 audio, decomposes
the input audio signal into 32 equally spaced frequency sub-bands. Each sub-band
is then coded either to single groups of 12-sample blocks (in layer I) or to groups
of three successive 12-sample blocks (in layer II). For 32 sub-bands this results in
two data frames of 32 x 12 = 384 and 32 x 36 = 1152 samples [1, 8, 16, 17].
In MP3 standard [3], the outputs of pseudo-QMF bank are further processed by
the MLT (MDCT) filter bank. The MLT (MDCT) filter bank operates on the block
of 12 samples (the short block) or the block of 36 samples (the long block). The
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long block allows greater frequency resolution for audio signals with stationary
characteristics, while the short block provides better time resolution for transient
audio signals. Basic windowing operation is defined for the long block and short
block. During transient signals, the long block is replaced by a series of three
overlapped short blocks thus maintaining the same total number of samples as
for the long block. Each of the three short blocks is then windowed separately.
Switching between long and short blocks is not instantaneous. In order to ensure
smooth transition between long and short blocks and vice versa, transient blocks
(long-to-short and short-to-long blocks having the same size as the long block) are
specifically defined and windowed [1, 8]. In principle, the pseudo-QMF and MLT
(MDCT) analysis/synthesis filter banks are the most time-consuming operations in
the encoder/decoder, and therefore, their fast and efficient implementations with a
simple and regular computational structure have played an important role for their
real-time hardware/software implementations.

With the popularity of MP3 standard after its finalization in 1992 and 1994,
much research has been devoted to develop the efficient implementations of
analysis/synthesis pseudo-QMF and MLT (MDCT) filter banks. The efficient
implementations of analysis/synthesis pseudo-QMF banks with additional pos-
sible optimizations are almost completely presented in [9-16, 18, 19, 53]. On
the other hand, many fast MLT (MDCT) algorithms have been developed in
the time period 1990-2012 which could/can be adopted for the efficient MLT
(MDCT) implementation in MP3 audio [5, 6, 20-88]. Almost all existing fast MLT
(MDCT) algorithms employ a discrete sinusoidal unitary transform of reduced
size such as the discrete Fourier transform (DFT) and its fast implementation,
FFT [20, 21, 37, 42, 43, 46, 47, 52, 57, 59, 61, 69], the discrete Hartley transform
(DHT), and its fast implementation, FHT [62], type II discrete cosine/sine transform
(DCT-II/DST-II) [33], type IV discrete cosine/sine transform (DCT-IV/DST-1V)
[5, 6, 25, 27, 31, 49, 53, 63], or they are obtained in DCT-IV/DCT-II combination
[34, 35, 45, 51, 54, 65, 69]. Other fast algorithms enabling an efficient MDCT
implementation in MP3 are: mixed-radix (combined radix-2/3) MDCT algorithms
[28, 44, 60, 67], algorithms based on the corresponding evenly stacked MDCT
[26, 39, 64], and algorithms based on recursive/regressive filter structures [70—88].
It is widely accepted that the DCT-IV-based fast MLT (MDCT) algorithms are
the most efficient both in terms of the computational complexity and structural
simplicity [30, 31].

For the short and long audio blocks (N = 12 or 36) whose sizes are
not powers of two (sizes are even integers divisible by 2, 3, 4, and 6), the
original ISO source code [2, 3] recommends to implement the forward and
backward MLT (MDCT) block transforms “as-is.” This direct implementation
requires 72 multiplications plus 66/60 additions for the short block, and 648
multiplications plus 630/612 additions for the long block. In the time period
1998-2012 several efficient MLT (MDCT) implementations tailored directly
to the MP3 decoder only [41, 55, 58] or both the MP3 encoder and decoder
[24-26, 28, 29, 31, 32, 36, 38, 40, 44, 48, 50, 56, 64, 66—-68] have been developed.
Although not surprising, it is less known that after the MPEG-1/2 standards
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finalization, the proposed DFT/FFT-based MDCT algorithms [37, 42, 43] could be
adopted for quite efficient MLT (MDCT) implementations in MP3 (required 3/9-
point complex-valued DFT modules have been presented in [120, 127, 135, 139]),
but these implementations did never appear in the literature. The first breakthrough
in the efficient implementation of the backward MLT (MDCT) in MP3 decoder
appeared in [58]. Using the symmetry of MDCT transform kernel the number of
arithmetic operations was reduced by half compared to the direct implementation.
Exploiting the approach [34, 53] a more efficient implementation of the backward
MDCT in MP3 decoder has been reported in the unpublished work [55]. It required
13 multiplications and 27 additions for the short block, and 81 multiplications
and 149 additions for the long block. The research interest in this area has
dramatically increased since a regular and efficient forward/backward MLT
(MDCT) implementation in MP3 based on the fast algorithm [33] has been proposed
in [32]. After some refinements [24] it required 11 multiplications, 39/33 additions
plus 2 shifts for the short block, and 43 multiplications, 165/147 additions plus
4 shifts for the long block. It has been sequentially improved/optimized in terms
of the arithmetic complexity and structural simplicity [29, 31, 36, 48, 50, 56, 64].
As the best result, using identical computational structures, the forward/backward
MLT (MDCT) computation required 11 multiplications, 27/21 additions, and 2
shifts for the short block, and 43 multiplications, 129/111 additions, and 4 shifts for
the long block. In 2008, an MDCT hardware accelerator for MP3 audio has been
presented in [38, 40] which is based on the most efficient DCT-IV algorithms in
terms of the minimal multiplicative complexity known up to now. Specifically, the
forward/backward MLT (MDCT) computation requires 9 multiplications, 27/21
additions, and 2 shifts for the short block (the same multiplicative complexity was
achieved in [29]), and 36 multiplications, 148/130 additions, and 2 shifts for the
long block. It is worth to note that in 2010, a new efficient method of computing
the MDCT in MP3 has been proposed in [66]. Based on a recursive sparse block
matrix factorization of scaled DCT-II matrix, the forward/backward MLT (MDCT)
computation requires 10 multiplications, 28/22 additions, and 1 shift for the short
block, and 37 multiplications, 135/117 additions, and 2 shifts for the long block.

Aforementioned efficient MLT (MDCT) implementations have led to low-
complexity MP3 decoders realized by software [92, 102] and many real-time
MP3 audio encoders/decoders realized on high-performance programmable DSP
processors [89, 90, 95, 96, 104, 109, 112], universal RISC-based ARM processors
[93, 97, 105, 106, 111], and implemented into VLSI full-custom ASIC [39, 40, 71,
94, 98-100, 107, 108, 110] or semi-custom circuits (FPGA) [76, 91, 98, 101, 103].

In this chapter, various efficient implementations of the forward and backward
MLT (MDCT) block transforms in the MP3 audio coding standard developed
in the time period 1990-2012 are described and compared, including the effi-
cient implementation of pseudo-QMF banks for completeness. The efficient MLT
(MDCT) implementations are discussed in the context of the complete (fast)
analysis/synthesis MLT (MDCT) filter banks in the MP3 encoder and decoder. They
are classified into the following categories:
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* DFT/FFT-based efficient MLT (MDCT) implementations,

e DCT-II/DST-II-based efficient MLT (MDCT) implementations,

e DCT-IV-based efficient MLT (MDCT) implementations,

e DCT-IV/(scaled)DCT-II-based efficient MLT (MDCT) implementations,

e Efficient MLT (MDCT) implementations based on the corresponding evenly
stacked MDCT [137],

* Mixed-radix (combined radix-2/3) efficient MLT (MDCT) implementations,

» Efficient MLT (MDCT) implementations based on recursive/regressive filter
structures.

In general, for each efficient forward/backward MLT (MDCT) implementations
are presented: Complete formulae or sparse (block) matrix factorizations, the
corresponding signal flow graph for short audio block and the total arithmetic
complexity as well as the useful comments related to improving the arithmetic
complexity and a possible structural simplification of the algorithm are provided.
Finally, the fast analysis and synthesis MLT (MDCT) filter banks for the MP3
encoder and decoder are discussed in detail. Appendices provide all the necessary
supporting efficient optimized short-length computational modules and tools for
completing efficient forward/backward MLT (MDCT) implementations.

5.2 Definitions and Properties of Filter Banks Used in MP3

5.2.1 Analysis/Synthesis Pseudo-QMF Banks

The standard specifications of analysis/synthesis pseudo-QMF banks for the
encoder/decoder (also called the matrixing operations for sub-band filtering) are
presented in [1-3, 16, 17]. In general, they can be reduced to the block transforms
defined below.

Pseudo-QMF banks as the forward and backward block transforms are, respec-
tively, defined as [1-3, 16, 17]

= b/ N N
szgxn cos[ﬁ(n—z)@kﬁ-l)], k=01....5 -1 G.D

!
2 N
% = ;pk cos[% (n—}—z) (2k—|—1)] n=0,1,....N—1, (52

where {x,} is the input data sequence multiplied by filter coefficients explicitly
given in [1-3, 16, 17], {p} are sub-band transform coefficients, and {x,} is the
time domain aliased data sequence which does not correspond to the original data
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sequence. For MPEG-1/2 audio coding standards N = 64. Substituting N — 1 — k
for k into (5.1) we get

N
DPN—1—k = Dk k=0,1,-.-,5—1, (5.3)
demonstrating that the sequence of sub-band transform coefficients {p; } has the even
symmetry property. From (5.3) it follows that only % coefficients are unique in the

sub-band transform sequence.

5.2.2 TDAC Analysis/Synthesis MDCT Filter Banks

The complete TDAC analysis and synthesis MDCT filter banks are, respectively,
defined as [7]

: N N
cjjz,/ an X cos[N(2n+1+ )(2k+1)] k=0.1.....5~1,

(5.4)

41
3 ,/ wank cos[ (2n+1+ )(2k+1):| n=0,1,...,.N—1,

(5.5)

where {w,} is a symmetric windowing function, and a superscript ¢ denotes the
data-block number. N, the length of the data block is assumed to be an even integer.
In the analysis filter bank given by (5.4), for the th data block, N windowed time
domain samples {x;')} are used to calculate %’ unique transform coefficients {cz)}.

Vice versa, the tth block of % transform coefficients {CZ)} is used to calculate N

windowed time domain aliased samples {)%:)} with the synthesis filter bank given
by (5.5). The complete TDAC analysis/synthesis MDCT filter bank provides critical
sampling, overlapping of adjacent data blocks by %’ samples, possesses energy-
packing capability and allows perfect reconstruction. To achieve critical sampling in
combination with overlapping data blocks, subsampling in the frequency domain is
performed by the analysis MDCT filter bank. This subsampling introduces aliasing
in the time domain, but this can be cancelled by overlapping and adding of two
adjacent recovered data blocks by the synthesis filter bank. This procedure is known
as TDAC [7]. It is important to note that the time domain aliased data sequence {)?Z)}

does not correspond to the original data sequence {x;:)}.
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Two succeeding data blocks ¢ and 7 + 1 are overlapped by %’ samples so that
for each data block %V new time domain samples are processed. For a smooth block

overlapping a windowing function {w,} is applied to {x:)} and {x(f”} (the so-called
windowing&overlap procedure). By applying analysis and synthesis MDCT filter
banks, a time domain aliasing error is introduced which is independent for each
half of the data block. This leads to the realization of adaptive block-size switching
(processing with variable-block size) [125, 126, 133]. Flexible dynamic block-
size switching is an important concept to reduce pre-echo effects in MDCT-based
audio codecs [1, 125]. The aliasing error is cancelled (or perfect reconstruction
is accomplished) by adding outputs of the synthesis MDCT filter bank of two
succeeding windowed data blocks ¢ and 7 4 1 in the overlapped part (the so-called
windowing&overlap&add procedure) as follows:

=x +Xx , n=0,1,...,

@+ 0] NO) AFD N
n =Xy, =ty 5—1. (5.6)
To ensure TDAC, the windowing functions of two succeeding data blocks have to
satisfy the so-called perfect-reconstruction conditions in their overlapped part. A

sufficient condition for TDAC is given by [4, 7]

N
n=0.1....2-1 (7

A symmetric windowing function used in MP3 audio coding standard [2, 3] both
for the analysis and synthesis MDCT filter banks, satisfying perfect reconstruction
conditions (5.7) and producing aliasing cancellation, is the sine windowing function
defined by [5, 6]

7(2n+1)

, n=0,1,...N-1 (5.8)
2N

w, = sin |:

5.2.3 The Forward and Backward MDCT and MLT Block
Transforms

When developing fast computational structures for an efficient implementation
of any analysis/synthesis filter banks, they are frequently considered as block
transforms applied to a single data block. Consequently, the data-block number ¢
from (5.4) and (5.5) is omitted. The input data sequence {x,}, n =0,1,...,N—1
is assumed to be windowed by the sine windowing function given by (5.8)
before its transformation. The forward and backward MDCT block transforms are,
respectively, specified in simplified forms as
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N—1

4 T N N
== —(2n+14+=)Q@k+1 =01,....,——1
Ck N’Z:xﬂ cos|:2N(n+ +2)(k~|— ):|, k=0,1, 'S ,
(5.9)
e N
A T
o ﬁgck cos[ﬁ(2n+l+§)(2k+l)j|, n=0,1,....N—1.
(5.10)

The data sequence {x,} recovered by the backward MDCT represents the time
domain aliased data sequence. The forward and backward MDCT block transforms
are actually a pseudoinverse pair [26]. General mathematical properties, matrix
representations, and special (peculiar) properties of the MDCT are discussed in
detail in [31] (see also Chap. 3). The forward/backward MDCT associated with the
sine windowing function is equivalent to the forward/backward MLT [5, 6]. The
original definition of MLT is obtained simply by substituting N = 2M into Eqs. (5.9)
and (5.10). The forward and backward MLT block transforms are, respectively,
defined as [5, 6]

N—1
2 M+1
=2 Yo cos[%(n+7+)(2k+l):|, k=0,1,....,M—1,

n=0
(5.11)
M—1
. 2 b4 M+ 1
B = M;C" cos[ﬁ(n—l—T)(Zk—i-l)] n=0,1,....N—1,
(5.12)

where M is the number of transform coefficients. Based on the aforementioned
equivalence between the MDCT and MLT, these abbreviations in subsequent text
are exchangeable.

When ¥ is even, the MDCT sequence {c;} has even anti-symmetry property

2
given by [31, 33]

N
CN—k—1 = — Cg, k=0,1,...,5—1, (513)

while the time domain aliased data sequence {x, } recovered by the backward MDCT
has the following symmetries [31, 33]

X = = XNy AN—1—n = XN 1 n:O,l,...,Z—l. (5.14)
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From (5.13) it follows that only %’ coefficients are unique in the MDCT sequence.
Further, from (5.14) it can be seen that the time domain aliased data sequence {X,}
exhibits two local symmetries (odd symmetry in the first half and even symmetry in
the second half). From the algorithmic point of view this means that it is sufficient to
compute only the time domain aliased samples X, and )?% n forn=0,1,..., %’ -1
by the backward MDCT.

5.3 Efficient Implementations of Pseudo-QMF Banks in MP3

The standard implementations of analysis/synthesis pseudo-QMF banks for the
encoder/decoder (or matrixing operations for sub-band filtering) in the form of
flow charts are specified in [1-3, 8]. The developed efficient implementations of
analysis/synthesis pseudo-QMF banks based on the DCT-II, and its inverse, DCT-
III, of reduced size can be found in [9, 12-16, 18, 19, 53].

Consider the forward pseudo-QMF bank given by (5.1). Applying the following
permutation to the input data sequence {x,} [13, 53]

— 3N
x%-ﬁ-n’ n—O,l,...,T—l,
Yn = (5.15)
—x,_w,  n= F 4L N1

where N is divisible by 4, we have

|

: 2k + 1 Rl 2%k 4+ 1)(n—N
Pk = ,;0 _x%_"_n cos [W} + Z _xn_3TN COS|:T[( +]v)(n )]

3N
4
N—1
7(2k 4+ Dn N
=yo+;yn cos[T}, k=01....2-L (5.16)
Substituting N —n forn = 1,2,..., % — 1, into the sum on the right-hand side

of (5.16), we finally get

N
¥

Pk = Yo + Z()’n _yN—n) COs |:

n=1

w(2k + 1)ni| _ Izvz_:ly, cos |:7r(2k+ 1)ni|

) | T & 2(V/2)

k=0,1,...,

N
——1, 5.17
2 17
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where
Yo, n=0,
Y= (5.18)
Yn — YN—n; l’l=1,2,...,%—1.
The cosine transform kernel in (5.17) is recognized as an unnormalized %—point

DCT-III) of {y', }.

Now consider the backward pseudo-QMF bank given by (5.2). Since the DCT-III
is an orthogonal transform, then based on (5.17) the sequence {y’,,} can be recovered
by the inverse DCT-III of {p;}, i.e., by the DCT-II of {p;} as

N_

7—1
2% + 1 N
Va=Y p cos[u], n=01,...,=—1 (519

= 2(N/2) 2
From (5.19) it can be seen that y’ y = 0forn = Yandy, = —y/y_, forn =
% +1,...,N — 1. Let us introduce a new extended sequence {y,} defined as
— N
Vs n=01,...,5-1,
=17 0, n=1%. (5.20)
~Yyew n=54+1,...,N-1

Note that the sequence {y, } exhibits the anti-symmetry property at the point %’ From
the definition of backward pseudo-QMF bank given by (5.2) and (5.19) we have

g1
;= ad N 3N
xn:;pkCOS|:]_V(n+Z)(2k+1)i|=y[X+” n:0,17___,T_1’

¥y
R 3 b4 3N 3N
Xp = ;pk cos|:]—v (n—T +N) 2k + 1)i| =—Y_w n= T’”"N_l’
(5.21)
and the time domain aliased data sequence {X,} can be recovered from {y,} as
— 3N _
V¥ gns n=0,1,..., 1,
Xy = (5.22)

e, n=F W41 N-L

The C source code of a fast recursive algorithm for the 2"-length DCT-II
computation and its inverse, DCT-III, can be found in [116]. To further reduce
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the arithmetic complexity of sub-band synthesis windowing operation in the MP3
decoder, a recursive optimized algorithm is presented in [10, 11].

5.4 Efficient MDCT or MLT Implementations in MP3

Generally, for a given N the forward MDCT block transform given by (5.9) using
the direct approach requires totally NTZ multiplications and %’(N — 1) additions. The
backward MDCT block transform given by (5.10) requires exactly %’ less additions
than that of the forward MDCT block transform. Thus, the forward/backward
MDCT computation in MP3 using the direct approach requires for the short audio
block 72 multiplications and 66/60 additions, while for the long audio block 648
multiplications and 630/612 additions are needed.
The description of each fast MDCT algorithm will include:

* General comments with reference to the bibliography.

e Complete formulae or sparse matrix factorizations for the efficient computation
of both the forward and backward MDCT block transforms in MP3 audio coding
standard. The detailed derivation of each fast MDCT algorithm can be found in
the referred paper(s).

e The corresponding signal flow graphs are shown only for short audio blocks
(N = 12). For the long audio blocks (N = 36), the signal flow graphs can be
easily extrapolated from those of the short audio blocks, or they can be found
in the referred paper(s). Note that the signal flow graphs define sparse matrix
factorizations of the MDCT matrices.

* The total arithmetic complexity of the forward/backward MDCT computation as
well as comments related to improving the arithmetic complexity and a possible
structural simplification of the algorithm.

All necessary supporting efficient optimized modules (in the form of linear
code) and tools for completing efficient MDCT implementations are provided in
the Appendices. All the presented fast and efficient MDCT algorithms have been
implemented and verified by computer programs in C and almost all can be also
used for the 2"-length data blocks.

5.4.1 DFT/FFT-Based Efficient MDCT Implementations

Traditionally, after introducing a new sinusoidal unitary transform in digital signal
processing and in developing fast algorithms for its efficient computation, the DFT
and its fast implementation, FFT, frequently has been used in the first place. Indeed,
this is the case for MDCT. Several DFT/FFT-based algorithms for the fast MDCT
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and MLT computation have been proposed [37, 42, 43, 46, 47, 52, 61] which at that
time enabled the efficient implementation of the MDCT in MP3. They are discussed
in the following subsections.

5.4.1.1 DFT/FFT-Based MDCT Implementation [37]

A computationally efficient DFT/FFT-based MDCT algorithm originally proposed
for the realization of real-valued single sideband analysis/synthesis filter banks (with
perfect reconstruction as well as with nearly or almost perfect reconstruction) has
been reported in [37]. It is perhaps the first proposed fast algorithm which has
enabled to efficiently implement the MDCT in MP3 standard. Due to the same
basic symmetry property of the MDCT coefficients given by (5.13) and the odd-
time odd-frequency DFT (O?>DFT) coefficients (see Appendix B.1), the fast forward
and backward MDCT computation [37] is based on the fast O*DFT algorithm [115]
derived for odd/even symmetric real-valued data sequences (see Appendix B.2).
Since it is valid for any N being an integer multiple of 4, consequently, it can
be adopted for the efficient implementation of the MDCT in MP3 audio coding
standard.

Complete formulae constituting the fast DFT/FFT-based algorithm for the
efficient forward MDCT computation are given in [37] as

N_y

. V2 3 . —@nt1)(@k+1)
Fy=Fy +lF%+2k = 7 Z [(an _bn) —1 (an +bn)] W4N
n=0

V2 -
—(8k+1) . —@n+1) —nk
= - Wa ; [(@n=b) =i (@ tb)) Wey™" [ Wy,
N
k=01....5—1 (5.23)

where W;lk — ¢~ and i = ~/—1. Further, Fy, = Re {F}}, Fy iy = Sm {F;},
and data sequences {a,}, {b,} are given by

N
ay = Xon _X%—I—Zn’ by = xXn—1-21 +x§+2nv n=0,1,..., Z —1.
(5.24)
Finally, MDCT coefficients are obtained as
—(—Dkm PRIV T SN _ N
e =(—1)" Re {Fr}, C%—l—zk—( DY 4™ Im {Fy}, k=0,1,..., 2 1.

(5.25)
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The transform kernel W;;"HMH” in (5.23) is uniformly split into three parts
—(4n+ + —(8k+ —n) —(@8n+
(whereby two of them are equal) as follows: WM(,4 DD Wg]\(,Sk "w, kW8,\38 Y
T

corresponding, respectively, to the block of % Givens—Jacobi pre-rotations, an
%—point forward complex-valued DFT (CDFT), and the identical block of %
Givens—Jacobi post-rotations (see Appendix F.1).

On the other hand, the fast DFT/FFT-based algorithm for the efficient backward
MDCT computation is defined in [37] as

N

] J2 ik N . — (1) (k1)

fo=totifyin =5 ) [(—l)k oo — (=1)FFEH zcg_l_Zk] N
k=0

!

_ «/75 Wg—]\(]&n-&-l) Z [[(—l)k o

k=0

k+ﬂ+l . —(8k+1) —nk
—(=D™ lC§—1—2k] Wy W%’

n=01,...,——1, (5.26)

"4
where f5, = Re {f,} and f% 4o, = Sm {f,}. The time domain aliased data sequence
{X,} is recovered as

-%211 = Ne {fn} + Jm {fn}7 '%%—1—2n = _-%211»

N

+2n = —Re {fn}‘i‘sm U‘n}7 ~%N—l—2n = 5%%4_2,,» n=0,1,...,z—1.

=>
I

(5.27)

Note 1: If %’ is odd (hence for the MDCT implementation in MP3), the factor

(—1)¥+5+1in (5.25) and (5.26) can be reduced to (—1)*.

For the forward/backward MDCT computation in MP3 we need 3/9-point
forward complex-valued DFT (CDFT) modules. The optimized efficient 3/9-point
forward CDFT modules are presented in Appendix D.2. The regular signal flow
graph for the computation of forward MDCT for N = 12 is shown in Fig. 5.1. Full
lines represent transfer factors +1 while dashed lines represent transfer factors —1.
Symbol o represents addition. The common computing module identical both for
the forward and backward MDCT is highlighted by shaded rectangle. Scaling
factors “/75 in (5.23) and (5.26) can be absorbed into Givens—Jacobi pre-rotation
stage of the common computing module. Then, for the efficient implementation of
Givens—Jacobi pre-rotations the bilinear computational structure has to be used (see
Appendix F.3). The signal flow graph for the backward MDCT computation can be

easily obtained taking into account (5.26) and (5.27).
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Fig. 5.1 Signal flow graph for the DFT/FFT-based forward MDCT computation for N = 12.
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Ol=2

In general, the total computational complexity of the forward and backward
MDCT is 3%’ real multiplications and 5%’ real additions (2N real additions for the
backward MDCT) plus the arithmetic complexity of %—point forward CDFT. Thus,
for the short block the forward/backward MDCT computation in MP3 requires 20
real multiplications, 42 /36 real additions, and 2 shifts, while for the long block the
forward/backward MDCT computation requires 70 real multiplications, 174 /156
real additions, and 4 shifts.

Note 2: Alternatively, the transform kernel W;,\(;WWHD in (5.23) and (5.26)
. . —(4n+1)(4k=+1) —k o —nk . —(dn+1)
can be split nonuniformly as follows: W, = Wy Wy W, =
4

—n —nk —(4k+1)
WN W% 4N

involve trivial rotations we can save three multiplications and three additions for the
short and long blocks.

(see next subsection). Since the terms W;k and W," fork, n =10

5.4.1.2 DFT/FFT-Based MDCT Implementation [42]

Another fast DFT/FFT-based MDCT algorithm has been reported in [42]. It is very
similar to that described in previous subsection although it was derived by a quite
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different procedure. Since the fast MDCT algorithm is also based on an %’-point

complex-valued DFT, it can be adopted for the efficient MDCT implementation in
MP3 standard.

Complete formulae constituting the fast DFT/FFT-based algorithm for the
efficient forward MDCT computation are given in [42] as

. V2 Ei . (@n-+1)(@k+1)
Fk=F2k+lF%+2k=7 Z[(an_bl1)+l(an+bn)] W4N
n=0
ﬁ k %_1 . 4n+1 nk
= W Y [l —bo) +i (@ + b Wi Wy,
2 = 7}
N
k=015~ 1, (5.28)

: 2mnk

where Wy, = &% and i = /=1, Fy = Re {F}, Fy,y = Sm {F}, and
data sequences {a,}, {b,} are given in (5.24). Finally, MDCT coefficients are
obtained as

N N
C2k=(—1)k me {Fk}’ C%—l—zk:(_l)k+4 Sm {Fk}9 k:()vla"'az

—1.

(5.29)

The transform kernel WSGJHMHU in (5.28) is nonuniformly split into three parts as

follows: WK}JFWHU = W;,WZ W:;,Jrl = W;,W”ﬂk W:;Ll corresponding, respectively,
1 4
to the block ]KV — 1 Givens—Jacobi pre-rotations, an %-point inverse CDFT, and the
block of %’ Givens—Jacobi post-rotations (see Appendix F.1).
The fast DFT/FFT-based algorithm for the efficient backward MDCT computa-
tion is defined as [42]

. \/5 N . (4n+1)(4k+1)
fo =fom + lf%+2n = T [(—1)“‘4 C%—l—zk +1i (—l)k Czk] Wiy
k=0
ﬁ n i N k 41 ik
=W 2 [0 et (1 e Wi W
1
k=0
N
n=0,1, ,Z—l, (5.30)
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where f>, = Ne {f,} and f% 4o, = Sm {f,}. The time domain aliased data sequence
{X,} is recovered as

So= Medfd +3mif). Ry, =R

= Ne{f,} —Im {1}, IN-1—2m = XN o n=0,1,...,

=
[z
+
)
S
|

Note 3: If % is even, the factor (—1)k+% in (5.29) and (5.30) can be reduced to
(=D~

Compared to the DFT/FFT-based MDCT algorithm in MP3 described in the
previous subsection, now we need 3/9-point inverse CDFT modules instead of the
forward CDFT modules. The optimized efficient 3/9-point inverse CDFT modules
can be easily obtained from the forward CDFT modules presented in Appendix D.2.
The regular signal flow graph for the computation of forward MDCT for N = 12
is shown in Fig.5.2. Again, the common computing module identical both for

the forward and backward MDCT is highlighted by shaded rectangle. Scaling
V2

factors 72 in (5.28) and (5.30) can be absorbed into Givens—Jacobi pre-rotation
stage of the common computing module. Then, for the efficient implementation
of Givens—Jacobi pre-rotations the bilinear computational structure has to be used
(see Appendix F.3). Note that the Givens—Jacobi post-rotations in the common
computing module for N = 12 involve cosines and sines of rotation angles ¢ and

3> Where cos ¢ = sin 3 = “/7§ and cos 3 = sing = % The signal flow graph for
the backward MDCT computation can be easily obtained taking into account (5.30)

and (5.31).

Note 4: Tt is important to note that the DFT/FFT-based fast MDCT algorithm [42]
actually requires exactly about %’ + 1 real additions more than it has been reported
in the original paper [42]. To obtain the correct result, an additional butterfly stage
is necessary before the %’—point inverse CDFT is applied (see the second butterfly
stage in Fig.5.2).

The total computational complexity of the forward and backward MDCT is
3(%’ — 1) real multiplications and 5 % — 3 real additions (2N — 3 real additions
for the backward MDCT) plus the arithmetic complexity of %’—point inverse CDFT.
Thus, for the short block the forward MDCT computation in MP3 requires 17
real multiplications, 39/33 real additions, and 2 shifts, while for the long block
the forward MDCT computation requires 67 real multiplications, 171/153 real
additions, and 4 shifts.

Note 5: The windowing operation with the sine windowing function can be written
in the form of Givens—Jacobi rotations applied to the input data sequence {x,}, and
it can be incorporated into the fast computational structure of the algorithm [42, 61].
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Fig. 5.2 Signal flow graph for the DFT/FFT-based forward MDCT computation for N = 12.
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O(=2

5.4.1.3 DFT/FFT-Based MDCT Implementation [43, 52]

The main idea of a fast and efficient DFT/FFT-based MDCT algorithm outlined
in [52] is based on the simple fact that the forward MDCT block transform given
by (5.9) can be written in the following equivalent form:

N—1 N—1
N —Q@n+1)(2k+1) T
o = Ne 5y Wi - Zox _x cos [ﬁ(Zn +1)(2k + 1)] ,
N
k:O,l,...,E—l, (5.32)

where the transform kernels on the right-hand side of (5.32) are recognized,
respectively, as the O’DFT (see Appendix B.1) and the so-called real-valued
polyphase filter bank derived from the DCT-IV transform kernel [43]. The term
X,y can be interpreted as a shifting of the original data sequence by % samples
with respect to the cosine transform kernel. In fact, exploiting the anti-periodicity
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property of the cosine transform kernel with the period N, i.e., substituting n + N
for n we obtain: cos [ 2 (2n + 1+ 2N)(2k + 1)] = —cos[Z (2n + 1)(2k + 1)],
and it can be shown that the original data sequence has to be circularly shifted to
the right in the period N by %’ samples followed by sign changes of %v circularly
shifted samples. This operation actually corresponds to a permutation applied to the
original data sequence defined as [34, 53]

—xwi, n=01..5-1
Yn = (5.33)

Xy, n=

Then, applying the permutation described in (5.33) and using the symmetry property
of the cosine transform kernel, (5.32) can be rewritten as

N—1

b4
= ;yn cos [fv(2n + 1)(2k + 1)]

N
¥

T
= ;(yn — YN—1-n) COS [ Tz 2 DEk 1)} ,

k=0,1,...,——1. (5.34)

The transform kernel in (5.34) is recognized as an %’-point DCT-1V. Finally,
combining (5.33) and (5.34) we get

Y1
S b N
= . 2 DRk+ 1), k=0,1,...,——1, 5.35
o= 3o cos[4(N/2)(n+ )k + )} ARNEES
where
mXW L, T AW, nzO,l,...,%’—l,
Vo = (5.36)
Xy =Xy, nz%,%’%—l,...,g—l.

Since the %’—point DCT-1V is closely related to the real part of N-point O’DFT for

real-valued odd symmetric data sequences, in order to efficiently compute the %’-
point DCT-IV of {y, }, the fast O?DFT algorithm is applied [6, 43, 138].
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Complete formulae constituting the fast DFT/FFT-based algorithm for the
efficient forward MDCT computation are given by [43]

¥
1
. . —(n+1)(Ek+1)
Fp=Fy+i F%+2k = Z (y2n +1 y%_1_2y,) Wiy
n=0
—k E —(@n+1) —nk
=Wy [(y2n + iY§—1—2n) Wiy ]Wa ;
n=0 ¢
N
k=0,1,...,z—1, (5.37)

: 2mnk

where Wy = ¢ % and i = v/—1, Fy = Re {F}, Fyp = Sm {F}. The
data sequence {y,} is given by (5.36) or (5.47). Finally, MDCT coefficients are
obtained as

N
Coyp = Ne {Fk}, c%—l—2k = —3m {Fk}, kIO,l,...,Z—l. (538)

—4n+1)(4k+1) . . . .
The transform kernel W4N' in (5.28) is nonuniformly split into three parts
—(4n+1)(4k+1) —k —nk —(4n+1) —n —nk —(4k+1) .
as follows: W, =Wy W% Wy = Wy W% Wy corresponding,

respectively, to the block %’ — 1 Givens—Jacobi pre-rotations, an %—point forward
CDFT, and the block of % Givens—Jacobi post-rotations (see Appendix F.1).

The fast DFT/FFT-based algorithm for the efficient backward MDCT computa-
tion is defined as [43]

!
4
—(4n+1)(4k+1)

Jo = fon + if%+2n = Z(Czk +i C§—1—2k) Wiy
k=0

4
4

- —(4k+1) —nk

=W, 1

N Z [(CZk +1 C%—l—zk) Wiy ] W% ’

k=0
N
n=0,1,...,z—1, (5.39)

where f>, = e {f,} and f% 4o, = Sm {f,}. The time domain aliased data sequence
{X,} is partially recovered as

)?%4_2”: Sm {f,}, )Ac;TN_l_zn:—iﬁe it nzO,l,...,%’—l,

(5.40)

and remaining samples of {X,} can be easily deduced from the symmetry property
given in (5.14).
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Fig. 5.3 Signal flow graph for the DFT/FFT-based forward MDCT computation for N = 12

For the forward/backward MDCT computation in MP3 we need 3/9-point
forward CDFT modules. The optimized efficient 3/9-point forward CDFT modules
are presented in Appendix D.2. The regular signal flow graph for the computation
of forward MDCT for N = 12 is shown in Fig. 5.3. Again, the common computing
module identical both for the forward and backward MDCT is highlighted by

shaded rectangle. Compared to DFT/FFT-based MDCT algorithms [37, 42] (see
V2

two previous subsections), scaling factors 72 and required sign changes have been
completely eliminated thus simplifying the algorithm structure. Efficient implemen-
tations of Givens—Jacobi rotations are presented in Appendices F.2 and F.3. Note that
the Givens—Jacobi post-rotations in the common computing module for N = 12
involve cosines and sines of rotation angles % and %, where cos % = sin % =
‘/75 and cos 7 = sing = % The signal flow graph for the backward MDCT
computation can be easily obtained taking into account (5.39) and (5.40).

The total computational complexity of the forward and backward MDCT is
3(%’ — 1) real multiplications and 2N — 3 real additions, (3(%’ — 1) real additions
for the backward MDCT) plus the arithmetic complexity of %’—point forward
CDFT. Thus, for the short block the forward/backward MDCT computation in MP3
requires 17 real multiplications, 33/27 real additions, and 2 shifts, while for the long
block the forward/backward MDCT computation requires 67 real multiplications,

153 /135 real additions, and 4 shifts.
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Note 6: An identical fast DFT/FFT-based algorithm for the efficient MLT compu-
tation has been presented in [46, 47]. Using the permutation given by (5.47), the
N-point MLT is first converted to the %-point DCT-1V which is directly mapped
into the %’-point forward complex-valued DFT [6, 43].

5.4.2 DCT-1I/DST-I1-Based Efficient MDCT Implementations

The first published efficient MDCT implementation in MP3 [32] based on the
fast MDCT algorithm [33] has been sequentially refined [24], improved [50, 56],
and optimized [36, 48] both in terms of the arithmetic complexity and structural
simplicity. The fast MDCT algorithm [33] uses the DCT-II and the corresponding
DST-II of reduced sizes and it is valid for any N divisible by 4. Consequently, this
fact enabled the efficient implementation of the forward/backward MDCT in MP3
audio coding standard.

In the following subsections the refined DCT-II/DST-II-based version [24] of the
fast MDCT algorithm [32, 33] and its improved version [56] are discussed.

5.4.2.1 DCT-II/DST-1I-Based MDCT Implementation [24, 32, 33]

Complete formulae constituting the fast DCT-II/DST-II-based algorithm for the
forward/backward MDCT computation are given by [33]

. V2 i 7(2n + Dk 7@+ Dk
=g X (e[S | S )

d—1
! =(_1)k+%/75 3 (1! (an sin [n(2n+1)k}+bn cos [N(Zn—i—l)k]) ’
n=0

2(N/4) 2(N/4)
N
k=0,1,...,——1, (5.41)
4
where
ar = (x, -, )COSW”_H)_ (s —x )Smw
AN s b 2N S 2N
’ ” . an+1) noo 7(2n+1)
b, = (xn —x%_l_n) sin —2N + (xn —x%_l_n) cos —2N ,
N
n=01,...,——1, (5.42)
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and

’ "

N
X, = Xp — XN—1—n, X, = Xp + Xv_1—p, n=01,..., 3~ 1. (5.43)
Final MDCT coefficients are obtained as
N
Cok = Zoks Coft1 = —ZN—2—2k> k=0,1,..., i 1. (5.44)

One can see from (5.41) to (5.44) that the N-point MDCT is decomposed into two
pre-butterfly stages, the block of ]ZV Givens—Jacobi rotations, an unnormalized ]ZV-
point DCT-II and a corresponding unnormalized %-point DST-II, and the butterfly
stage followed by proper sign changes. For k = 0, the coefficients zy and Zy are
sums of {a,} and {b,}, respectively. The refined regular signal flow graph for the
efficient forward/backward MDCT computation in MP3 for N = 12 is shown in
Fig.5.4. The backward MDCT computation can be simply realized by reversing
the signal flow graph for the forward MDCT computation and performing inverse
operations. The optimized efficient 3/9-point DCT-II and DCT-IIT modules are
presented in Appendix D.4. The efficient MDCT implementation has been further
refined as follows [24]. Since there exists a simple relation between the DCT-II
and the DST-II [119], the §-point DST-II can be replaced by the & -point DCT-II
with proper preceding sign changes, thus two identical %’—point DCT-1I modules are
used in the resulting fast computational structure. Scaling factors 4 in expressions
of (5.41) can be absorbed into Givens—Jacobi rotations. Then, for the efficient
implementation of Givens—Jacobi rotations the bilinear computational structure has
to be used (see Appendix F.3).

The total computational complexity of the forward MDCT is 3%’ multiplications
and 114 — 2 additions (9§ — 2 additions for the backward MDCT) plus the
arithmetic complexity of two identical %—point DCT-1I/DCT-IIT modules. Thus,
for the short block the forward/backward MDCT computation in MP3 requires
11 multiplications, 39/33 additions, and 2 shifts, while for the long block the for-
ward/backward MDCT computation requires 43 multiplications, 165/147 additions,
and 4 shifts.

5.4.2.2 Improved DCT-II/DST-1I-Based MDCT Implementation [56]

Owing to the compatibility with the fast DCT-II/DST-II-based MDCT algorithm
described in the previous subsection, the original form of improved fast
DCT-1I/DST-II-based MDCT algorithm [56] has been slightly modified. Complete
formulae for the forward/backward MDCT computation are given by
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«e
d-1
7(2n + Dk . [7@2rn+ Dk
= » _— by — ]
=2 ( [ 2/ } " [ 2N/
!
" C[7@n+ Dk 7(2n + 1)k
Lopp N = Z(—l) (—a,, sin [—i| + b, cos |:— ,
PT L 2(N/4) 2(V/4)
N
k=0,1,...,——1, (5.45)
4
where
7(2n+ 1) . 7(2n+1)
a, = y, cos TN + Yy _p—q SN TN
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w(2n 4+ 1) n 7(2n+1)

N YNy COS N n=0,1,...,

N
— —1.
4

b, = —y, sin
(5.46)

The data sequence {y,} is given by (5.36), and final MDCT coefficients are
obtained from (5.44). The modified regular signal flow graph for the improved
forward/backward MDCT computation in MP3 for N = 12 is shown in Fig.5.5.
The backward MDCT computation can be simply realized by reversing the signal
flow graph for the forward MDCT computation and performing inverse operations.
The optimized efficient 3/9-point DCT-II and DCT-III modules are presented in
Appendix D.4. Compared to the fast MDCT algorithm given by (5.41)—(5.44), the
improved fast MDCT algorithm given by (5.45) and (5.46) eliminates: the first
butterfly stage thus saving N additions (see Fig.5.4), further eliminates scaling
factors % and final sign changes, thus simplifying the fast computational structure
of the algorithm. On the other hand, comparing complete formulae of both fast
MDCT algorithms one can note that they involve Givens—Jacobi rotations of
opposite types. Efficient implementations of Givens—Jacobi rotations are presented
in Appendices F.2 and F.3.

The total computational complexity of the forward MDCT is 3%’ multiplications
and 7% —2 additions (5%] — 2 additions for the backward MDCT) plus the arithmetic
complexity of two identical %’—point DCT-II/DCT-II modules. Thus, for the short
block the forward/backward MDCT computation in MP3 requires 11 multiplica-
tions, 27/21 additions and 2 shifts, while for the long block the forward/backward
MDCT computation requires 43 multiplications, 129/111 additions, and 4 shifts.

5.4.3 DCT-1V-Based Efficient MDCT Implementations

Another class of the fast MDCT algorithms developed up to now is based on the
DCT-1V of half size [5, 6, 25, 27,29, 31, 34, 36, 38, 40, 48, 53, 59, 63]. In fact, using
a simple permutation applied to the input data sequence, the MDCT can always be
converted to the DCT-IV of half size. Then, it is sufficient only to specify a suitable
fast DCT-IV algorithm/computational structure which is valid for N being an even
integer. It is widely accepted that the DCT-IV-based MDCT implementations are the
most efficient both in terms of the arithmetic complexity and structural simplicity
[30, 31]. Note that using the direct approach for computing the %V-point DCT-1V
immediately reduces the arithmetic complexity of the direct MDCT computation to
(%)? multiplications and (5)? additions.

Principally, applying a permutation given by (5.36) to the input data sequence
{x,} or a permutation defined as [6, 31]

YU = Xn = XN ps

N
YNy = XNy~ XN—1—ns n=0,1,...,z—1, 5.47)
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Fig. 5.5 Signal flow graph for the improved forward/backward MDCT computation for N = 12

the N-point forward MDCT or MLT is converted to an %-point DCT-1V of {y,}. The
backward MDCT or MLT is realized by the inverse %’—point DCT-1V of {c;} using
the same fast algorithm/computational structure, and the time domain aliased data

sequence {Xx,} can be recovered from {y,} applying an inverse permutation to that
of (5.47) as [6, 31]

4

(5.48)
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Note 7: Although the permutations (5.36) and (5.47) seem to be different, they
generate exactly the same time domain aliased data sequence {y,} [31]. On the other
hand, applying the permutation (5.33) to the input data sequence, the time domain
aliased data sequence {X,} can be recovered after the backward MDCT from {y,} as
[34, 53]

_ 3N
VY s n—O,l,...,T—l,
X, = (5.49)
= Yy, n:%,%-l—l,...,N—l.

Since the DCT-IV matrix is symmetric and self-inverse (the DCT-IV transform
kernel is symmetric with respect to the time and frequency indices n and k), the
forward/inverse DCT-IV computation, and hence as well as the forward/backward
MDCT (or forward/backward MLT) is realized by an identical fast computational
structure with the properly appended permutations (5.47) and (5.48). The %’—point
DCT-1V can be further decomposed either into two identical %—point DCTs-IV [114]
or two identical %’—point DCTs-II [25, 31, 136] with pre-butterfly/post-rotation or
pre-rotation/post-butterfly stages. In order to efficiently implement the MDCT in
MP3 we should specify a suitable fast DCT-IV algorithm/computational structure
which is valid for N being an even integer, i.e., 6- and 18-point fast DCT-IV
algorithms. In general, the even-length DCT-IV can be realized by:

* An indirect fast DCT-IV algorithm which maps the DCT-IV into a complex-
valued DFT of half size [6, 43, 138]. Such an MDCT algorithm has been
presented in Sect. 5.4.1.

* Recursive filter structures for the general-lengths DCT-1V [34, 76, 77, 80, 81, 84,
119] (see references on pp. 14-15).

* Combining radix-q fast DCT-IV algorithms (where q is an odd positive integer)
[117, 130] with existing mixed-radix fast DCT-IV algorithms for the composite
lengths 2" x g, or with the even-length fast DCT-IV algorithms [114].

* Direct fast even-length recursive DCT-1V algorithms [121, 132].

* Fast even-length DCT-IV algorithms [25, 31] or based on orthogonal (recursive)
sparse matrix factorizations of the DCT-IV matrix [119, 136].

Note 8: Recently, a new recursive algorithm for the 2"-length DCT-IV computation
has been presented [59] requiring fewer total real multiplications and real additions
than algorithms published up to now. It is based on a new improved FFT algorithm
being actually the modified split-radix FFT [131] with fewer arithmetic operations.
Since the DCT-IV and MDCT are closely related, this improved indirect 2"-length
fast DCT-IV algorithm immediately implies an improved 2"-length fast MDCT
algorithm.

Note 9: Symmetry property of the DCT-IV matrix implies that by transposing its
(orthogonal) sparse matrix factorization we can obtain the equivalent fast DCT-IV
computational structure but in the reverse direction.



232 5 Efficient Implementations of Cosine-Modulated Pseudo-QMF and MLT...

Note 10: The fast analysis and synthesis MDCT or MLT filter banks in MP3 based
on the DCT-1V including the windowing&overlap procedure in the analysis MDCT
(MLT) filter bank and windowing&overlap&add procedure in the synthesis MDCT
(MLT) filter bank are presented in detail in Sect. 5.5.

Typical representative DCT-IV-based implementations adopted or directly tai-
lored for the efficient MDCT computation in MP3 are discussed in the following
subsections.

5.4.3.1 DCT-IV-Based MDCT Implementation (Simple Representative
Version)

A simple representative efficient implementation of the MDCT in MP3 is obtained
by combining the radix-3 and radix-9 fast DCT-IV algorithms [117, 130] with an
even-length DCT-1V algorithm [114]. Let M be an even integer. Let {y, } be an input
data sequence given by (5.36) or (5.47). A simple fast algorithm for the efficient
M-point forward/inverse DCT-IV computation is defined as [114]

v w(2k+ 1) ok +1)
G = COST ak—}—smT by,
Cymimt = _sin T2 D chm% b, k=01, ,%4_ 1,
(5.50)
where
g1 )
ax = n;um cos[4(M/2)(2m+ 1)(2k + 1)},
g1 i y
by = mZ:;;—n" Un €OS [4(M/2)<2m+ 1)(2k + 1)], k=01, 5~
(5.51)
and
U = Yom + Yom+1, Um = Yom — Yom+1, m=0,1,...,3—1.(5.52)

Transposed version of this fast DCT-IV algorithm has been published in [81]. Taking
M = %, (5.50), and (5.51) show that an %V-point DCT-1V required for the efficient
MDCT implementation in MP3 is decomposed into a butterfly stage, two identical
unnormalized %-point DCTs-IV and the block of %’ Givens—Jacobi rotations. For
the efficient MDCT implementation in MP3 we need optimized efficient 3/9-point
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Fig. 5.6 Signal flow graph for the DCT-IV-based forward/backward MDCT computation for

N=12,a=L

scaled DCT-IV (SDCT-IV) modules. They are presented in Appendix D.6. The
regular signal flow graph identical for the computation both of the forward and
backward MDCT for N = 12 is shown in Fig. 5.6. Scaling factor 4 necessary for
the 3/9-point DCT-IV can be absorbed into the block of %’ Givens—Jacobi rotations.
Then, for the efficient implementation of scaled Givens—Jacobi rotations the bilinear
computational structure has to be used (see Appendix F.3). For the forward MDCT
computation the data sequence {y,} is given by (5.36) or (5.47) while the time
domain aliased data sequence {x,} after the backward MDCT is recovered from
{yn} according to (5.48) or (5.49).

The total computational complexity of the forward and backward MDCT is 3%’
multiplications and 7% additions (5%’ additions for the backward MDCT) plus the
arithmetic complexity of two %’-point SDCT-IV modules. Thus, for the short block
the forward/backward MDCT computation in MP3 requires 11 multiplications,
33/27 additions, and 2 shifts, while for the long block the forward/backward MDCT
computation requires 61 multiplications, 169/151 additions, and 6 shifts.

5.4.3.2 DCT-IV-Based MDCT Implementation [25]

The fast DCT-IV/DST-IV algorithm [25] has been derived directly from the
proposed fast MDCT algorithm [33] based on the following fact. The DCT-IV
and DST-IV of double sizes are related to two variants of cosine-modulated filter
banks (the so-called 1. and 2. short transforms) defined by the Dolby Digital (AC-3)
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audio compression algorithm [1]. Since these two variants of cosine-modulated
filter banks can be efficiently computed by the fast MDCT algorithm [33] (see
also Chap. 6), the efficient DCT-IV/DST-IV computation can be realized via the
MDCT of double size. The careful analysis of regular structure of the fast MDCT
algorithm [33] (see also Sect.5.4.2) allows to extract the even-length fast DCT-IV
computational structure for the efficient implementation of the forward/backward
MDCT in MP3.

Let CJA; be the orthogonal DCT-IV matrix of order M. Then, C]A; can be
decomposed into the following sparse block matrix product [25]

1
CIA‘/;:QM I%_l _J%_l C%J% 110 Gy (sz"’ 0 )7
M
2

_JM,I _IM,1
2
(5.53)

where 1 u is the identity matrix and J u is reverse ordered identity matrix, both of

M

. . i
order 7, and 0’s are null matrices. The matrix product lof ud u denotes %’I—order
2

DCT-1I matrix with reversed order of its columns. The matrix product C”MD%
2

denotes %—order DCT-II matrix with sign changed of its odd-indexed rows, whereby
Dy = diag {1.-1.1...., (—=1)Z*+1} is the diagonal matrix. Gy, is the rotation
matrix (Givens—Jacobi rotations) defined as

M- o M—1)
cos 0 0 — sin =
WM-=3)r (M—3)m

Cos i —Sin i

b4 o T
CoS i — Sin

M
Gu=|0 0.5.54)
3 T T
Sll’lm COSW
. (M=3)r . (M—=3)m

) Sin M COS —am i)

. —1)m —1)

sin = 0 0 COS 37

and Q,, is a permutation matrix corresponding to (5.44). The sparse matrix
factorization of the DCT-IV matrix (5.53) is the direct consequence of a sparse
matrix factorization derived for the MDCT matrix [33].

Taking M = %/ from the factorization (5.53) it follows that an %’-point DCT-1Vis
decomposed into the block of ]IV Givens—Jacobi rotations, two identical unnormal-
ized ]Zv-point DCTs-1I and the butterfly stage. For the efficient forward/backward
MDCT implementation in MP3, the optimized efficient 3/9-point DCT-II modules
are presented in Appendix D.4. The simple and regular signal flow graph identical
for the computation both of the forward and backward MDCT for N = 12 is shown
in Fig.5.7. Efficient implementations of Givens—Jacobi rotations are presented in
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Fig. 5.7 Signal flow graph for the DCT-IV-based forward/backward MDCT computation for
N=12

Appendices F.2 and F3. The input data sequence {y,} in the forward MDCT is
given by (5.47) while the time domain aliased data sequence {x,} is recovered after
the backward MDCT from {y,} according to (5.48).

The total computational complexity of the forward MDCT is 3%’ multiplications
and 74 — 2 additions (5§ — 2 additions for the backward MDCT) plus the
arithmetic complexity of two %-point DCT-1I modules. Thus, for the short block
the forward/backward MDCT computation in MP3 requires 11 multiplications,
27/21 additions, and 2 shifts, while for the long block the forward/backward MDCT
computation requires 43 multiplications, 129/111 additions, and 4 shifts.

5.4.3.3 DCT-IV-Based MDCT Implementation [31]

Complete formulae constituting the fast DCT-IV computational structure for the
forward/backward MDCT computation are given by [31]

7 (2n + 1)k . [7@2rn+ Dk
m‘z%“{zwa}+“mkﬁm7]

7(2n + 1)k . [7@2n+ Dk B N
C2kl—zan COS|: 2(N/4) i|—bn SIH[Z(N—M},]C—LZ,...,Z—L

(5.55)
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where

b4
ap = Yn COS E(Zn + 1)+ YY1 sin %(Zn + 1),

N
by =—yu sin%(Zn +1)+ YNy COS %(2n +1), n=0, 1Z —1.
(5.56)
For k = O in the first sum and for £k = % in the second sum of (5.55), we,
respectively, get
T T
co=)_ an cx_, Z( 1)" b, (5.57)
n=0

It can be easily seen that the %’—point DCT-1V is decomposed into the block of %
Givens—Jacobi rotations given by (5.56), an unnormalized %’—point DCT-II and a
corresponding unnormalized —-point DST-II. Denoting in (5.55) the —-pomt DCT-
II of {a,} and the ¥ 2 -point DST-II of {b,}, respectively, by

¥
' 7(2n + Dk 7(2n + Dk
= 2 C"S[ 2(N/4) ] Zb i [ 2(N/4) ]
N
k=1,2,...,——1,
4

and using a relation between the DCT-II and the DST-II [119], i.e., substituting %’—k
for k into the above second sum, we get

N_ 1 N_1
I X " w(2n + )k — ., 7(2n + 1)k
g = L o | "S- ) = 2 b co oS )
k=1,2,...,]i—1,
4

and the —-pomt DST-II of {b,} is converted to an —-p01nt DCT-II of {V',}.
Thus, (5.55) and (5.57) can be rewritten in a simplified equivalent form as

y/4 )/ 1
Co = ¢ + 5, co = ¢y,

1 1 1
Co—1 = €} — g, cy_| == Su, k=1,2,...,——1, (5.58)
4

which corresponds to the butterfly stage.
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Fig. 5.8 Signal flow graph for the DCT-IV-based forward/backward MDCT computation for
=12

The regular signal flow graph identical for the computation both of the forward
and backward MDCT for N = 12 is shown in Fig. 5.8. For the efficient MDCT
implementation in MP3 the optimized efficient 3/9-point DCT-II modules are
presented in Appendix D.4. Efficient implementations of Givens—Jacobi rotations
are presented in Appendices F.2 and F.3. The input data sequence {y,} in the forward
MDCT is given by (5.47) while the time domain aliased data sequence {X,} is
recovered after the backward MDCT from {y, } according to (5.48).

The last butterfly stage in the signal flow graph shown in Fig.5. 8 can be further

refined as follows. If we denote the output coefficients {c0 , c1 ,.. c vy sl , s2 AU sl; }
4

of the two unnormalized %’—pomt DCTs-II by {z;}, then the last butterﬂy stage can
be reorganized and the final MDCT coefficients {c;} are obtained in natural order
using the following mapping:

N .
etk k=2,4,...,7—2, iseven, c¢y=2o,

The corresponding signal flow graph with the reorganized last butterfly stage is
shown in Fig. 5.9.

Note 11: Similar fast computational structures have been derived in [36, 48] with
the aim to improve and optimize an efficient implementation of the MDCT in MP3
[25, 33].
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Fig. 5.9 Signal flow graph for the DCT-IV-based forward/backward MDCT computation for
N = 12 with the reorganized last butterfly stage

The total computational complexity of the forward MDCT is 3%’ multiplications
and 75 — 2 additions (5% — 2 additions for the backward MDCT) plus the
arithmetic complexity of two %-point DCT-II modules. Thus, for the short block
the forward/backward MDCT computation in MP3 requires 11 multiplications,
27/21 additions, and 2 shifts, while for the long block the forward/backward MDCT
computation requires 43 multiplications, 129/111 additions, and 4 shifts.

5.4.3.4 DCT-IV-Based MDCT Implementation [38, 40]

The most efficient MDCT implementations in MP3 in terms of the minimal
multiplicative complexity known up to now [38, 40] are based on mixed-radix
3" x 2, m > 0, fast DCT-IV algorithms developed specifically for 6-point and 18-
point DCT-IV computations. Based on group theoretic partitioning of the DCT-IV
transform kernel (or equivalently partitioning the DCT-IV matrix into sub-matrices),
the unnormalized DCT-IV matrices of order 6 and 18 denoted, respectively, by
Clﬁv and C’]‘;, are decomposed into cyclic convolutions and Hankel matrix-vector
products. Then, bilinear algorithms [134] are applied to each of the convolutions and
2-point Hankel matrix-vector products resulting in a single bilinear algorithm for
the forward/backward MDCT computation used both for the short and long audio
blocks.

Although the procedures in deriving the most efficient algorithms [38, 40]
are based on rigorous mathematical theory of cyclic (Abelian) groups, cyclic
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convolutions, and associated Hankel matrices [134, 140], we will try to explain
the approach from the viewpoint of classical theory of matrices [128]. Since the
approach in derivation of the most efficient algorithms is very sophisticated and
elegant it merits to be presented in a detailed, but compact form as much as possible
for the short and long audio blocks separately.

5.4.3.5 Case N = 12 (Short Data Block)

Consider the MDCT implementation for the short audio block represented in the
matrix-vector form as

co cos ;—4 cos 32—7; cos 52—’; cos 72—2 cos Z—Z cos 121% Yo
cy cos;—j COSZ—Z —cosg—;r —cos;—ﬁ—cos;—ij—cosg—ﬁ i
(&) cos 3—1 —COos 3—Z —Cos 57—4 —COos ]2'7” cos 32—Z cos 72—’1 2
c3 - cosé—ﬁ—cosé—j—coslzlff COS%_COS%—COS;—Z N )
C4 cos 3—Z —cos 32—Z cos 32—Z —cos 92—Z —cos Z—Z cos 32—1’ V4
Cs cos 12'7” —cos Z—Z cos 72—7; —cos ;—Z cos 32—Z —cos % Vs

(5.60)

where the data sequence {y,} is given by (5.36) or (5.47), and {c;} are MDCT
coefficients. Perhaps the most important fact, one can observe a special structure of
some basis vectors of the symmetric matrix Clév which does not appear in 2"-order
DCT-IV matrices [119]. Specifically, for the frequency/time indices k/n = 0,2, 3, 5,
the corresponding row/column basis vectors always consist of six different elements
in magnitude, whereas for k, n = 1,4, i.e., the first and fourth row/column basis
vectors consist of only two different elements in magnitude. The proposed most
efficient MDCT implementations [38, 40] just exploit this special structure of basis
vectors of C!6v matrix.

At first, the time and frequency indices n and k, respectively, are partitioned into
two sets. The set S} = {1,4} is made up of those values j for which (2j 4+ 1)
is a multiple of 3, and the set S, = {0,2, 3,5} otherwise. The computation of
transform coefficients {c;} with respect to the time indices restricted to sets S;
and S, is denoted by c;(l) and cf), respectively. Specifically, the DCT-IV matrix
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Cl6 is partitioned into four sub-matrices and the summation is carried out over
the two index sets separately. Then, it is clear that the MDCT coefficients {c;} are
obtained as

a=c, +c¢. k=0,1,27345 (5.61)

.. . Vo, .
Now, let us partition the matrix CJ6 into four sub-matrices as follows. The
1 .
transform components {c;c)}, where k € S| and n € S; are given by

(M 9 3n

C COS 57 —COS 571
1 24 24 A 3 T or . 7w
= , COS— =CO0S—, COS— =sin—.
o) i 9 24 8 24 8
C4 —COSﬁ —COSﬁ V4
(5.62)

Since the constant matrix in (5.62) is a Hankel matrix, this product can be obtained
by using a corresponding bilinear algorithm for 2-point Hankel matrix-vector
product (see Appendix A.2). Similarly, the transform components {cf)}, where
k € S; and n € S, are given by

@ 3x 97
c cos 57 €OS 5p Yo — V3
- . (5.63)
) I 3n
Cy COS 55 —COS 5 —Y2— Y5

Equation (5.63) is based on the simple fact that some matrix elements are equal in

magnitude (see the first and fourth rows of Cjév). Again, since the constant matrix

in (5.63) is a Hankel matrix this product can be obtained by using the corresponding

bilinear algorithm for 2-point Hankel matrix-vector product (see Appendix A.2).
Further, the transform components {c;(l)}, where k € S, and n € S are given by

M 3n 9 M

Co cos 57 €OS 5p —Cy
) 9z 3 )
—C5 —Cos 5y COs 57 Y1 —Cy
- - . (5.64)

(1) 3 9 1

6‘3 — COS 2% CcOS 24 Y4 Cy
(1) o 9 3 (0]

c, COS 5;  COS 37 —c,

Comparison of (5.64) with (5.62) shows that the transform components

(1) (M (1)
¢, ,—¢s5 ,c; and ¢, need not be computed separately.
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Finally, the computation of transform components {cf)} when k,n € §,, after
proper row/column reordering and sign changes made in the remaining symmetric
4 x 4 sub-matrix and associated input/output data vectors (actually predicted by
the structure of a cyclic group [38, 40]), it can be represented in the matrix-vector
form as

2

T 117 T S

<o cos 3 —cos 57 cos & cos Yo

—c? —cosiZ  _cos & cos 2Z —cos ZZ -
5 24 24 24 24 Ys
= . (5.65)

2) T 5 T 11w

¢ cos 2% cos 3T cos 2 —cos 5F V3
) S5 T 1lx T

¢ cos 3% —cos 2 | —cos 57 cos 2

One can observe that the matrix in (5.65) is a block cyclic matrix with each block
being a 2 x 2 Hankel matrix. In order to compute (5.65) the following procedure is
applied. Denoting 2 x 2 Hankel matrices in (5.65) as

Fid 1lm Tr 5n
COS % COS 24 COS 24 COS 2%
Ay = , B, = . (5.66)
1 big Sn In
—COSW —COSﬂ COSﬁ —COSﬁ

and defining the two combined 2-point Hankel matrix-vector products we get the
following important interrelations

e 1 Yo+ 3
=3 (A2 + By)
f Y2 = s
T T 5 117
COS 5; + COS 51 | COS 37 — COS 5~
24 24 24 24
1 Yo+ 3
2
51 11m b T Y2—Y5
COSﬂ —COSW —COSﬂ —COSﬁ
@ @
1 ¢y t¢3
== 9
2 @ ®

O



242 5 Efficient Implementations of Cosine-Modulated Pseudo-QMF and MLT...

8 Yo—Y3
=-(A2—B»)
h —Y2—Ys
cosZ —cos ZZ | —cosiE —cosZ
. 24 24 24 24 Yo — V3
) 5 Yy Y
117 5 T —Jy2 )5
—COs 5 —€0s I | —cos 37 + cos 5
® ®
1 € —C
2| e o
5 2
(5.67)
Using trigonometric identities
3 5m 117 )11 b4 T
COS — = COS — + COS ——, C€OS — = COS — — COS —,
24 24 24 24 24 24
3 7 9 5 11
ﬁcos%:cos%—}—cos%, ﬁcos%:cos%—cosz—j,

the two expressions in (5.67) can be derived in the form of final 2-point Hankel
matrix-vector products as

3n 9

e V3 COos 3 COS 37 Yo+ 3
B 2 I 3n ’
f COS 57 —COS 5 Y2 — V5
9 3n @
g 1 COS 35 —COS 51 Yo — 3 1 c,
®
h —cos Z —cos Z ) \—y2 —ys —c,

Importantly, the second expression in (5.68) implies that the computation of (5.63)
can be absorbed into that of (5.65). The constant matrices in (5.68) are Hankel
matrices, and therefore, these products can be obtained by using the corresponding
bilinear algorithm for 2-point Hankel matrix-vector product (see Appendix A.2).
From (5.67) and (5.68) it follows that the complete set of transform components
{cf)} is given by

@)
cy =e+g,
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()

_CS :f + h,
)
¢ =e—g,
¢ =f—h,
) = —2n,
o, = 2 (5.69)

Now we are ready to derive the final MDCT coefficients {c;}. According to (5.61)
we get

(1) @ 1) (1
co=¢y ¢ =—¢ tet+tg= e+(g—cy),

m @ M
cr=c¢ +c = ¢ —2h,

a=a +d == Hf—h= [ +h).

(1) (2) (1)

C3:C3 +C3 == C2)+€_g= e_(g_c4)’
4 = cll) + cf) = cz) + 2g,
cs=ci ¢y =—c, —f—h=—f—(c, +h). (5.70)

Revealing all the redundancies we need to evaluate only (5.62), (5.68), and (5.69)
to compute 6-point DCT-IV. The regular signal flow graph for the 6-point DCT-
IV computation, and hence, the identical fast computational structure both for the
forward and backward MDCT for the short block is shown in Fig.5.10. 2-point
Hankel matrix-vector products given by (5.62) and (5.68) in the signal flow graph
are alternatively converted to (scaled) Givens—Jacobi rotations which can be realized
by a corresponding bilinear computational structure (see Appendix F.3). The time
domain aliased data sequence {X,} after the backward MDCT is recovered from {y,}
according to (5.48) or (5.49).

It can be easily seen that the computational structure in Fig.5.10 requires 9
multiplications, 21 additions, and 2 shifts. Then, taking into account the permu-
tation (5.36) or (5.47), the forward/backward MDCT computation in MP3 for the
short block requires 9 multiplications, 27/21 additions, and 2 shifts, and this MDCT
efficient implementation achieves the minimal multiplicative complexity known up
to now.

5.4.3.6 Case N = 36 (Long Data Block)

Now consider the MDCT implementation for the long audio block represented
. . v .. .
in the matrix-vector form as ¢/ = C|; y’. Deriving the unnormalized

. . v .. .
symmetric DCT-IV matrix Cl18 in the explicit form one can observe again a
special structure of some of its basis vectors. For frequency and time indices
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in /8
A () S C, (¥2)
D B i e ; % ¢ (v)
a cos /8 ~
Yo (S0 —0 ¢ (¥o)
<@ sin /8
¥s (C5) — cs (¥5)
v (C5) Z < .« . = & ¢, (v)
V. (c) | < B sin 8 c (v2)
CGT,
Fig. 5.10 Signal flow graph for the 6-point DCT-IV computation, ¢ = 73 and g = %

k,n = 0,2,3,5,6,8,9,11,12,14,15,17, the corresponding row/column basis
vectors always consist of 18 different elements in magnitude whereas for
k,n = 1,4,7,10,13,16 consist of only 6 different elements in magnitude.
Particularly, writing explicitly the matrix-vector product Cll‘; y! we immediately
realize that the MDCT coefficients {c;} for k = 1,4,7,10,13,16 can be
obtained directly from the 6-point DCT-IV of a folded data sequence defined
as {yj — yii—j — Yio+j5. J = 0,1,2,3,4,5, ie., the MDCT coefficients {c;} for
k=1,4,7,10,13, 16, derived in the matrix-vector form are given by [38]

Ci Yo — Y11 — Y12
Cq Y1 —Y1i0 — V13
c7 Vil Y2—=Y9—Vi4
€10 - CJG Y3 —ys —)i5 ’ ©71)
C13 Ya—Y7 =16
Cl6 Y5 = Y6 — Y17

This fact implies that the 6-point fast DCT-IV computational structure for the
short block (see Fig.5.10) can be reused for the long block to compute the
MDCT coefficients {c;} for k = 1,4,7,10,13,16. It requires 9 multiplications,
33 additions, and 2 shifts.

For remaining 12 x 18 sub-matrix of matrix C’l‘; the approach used for the short
block is now extended to the long block. As before, the time and frequency indices
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n and k, respectively, are partitioned into two sets. The set S} = {1,4,7,10, 13,16}
is made up of those values j for which (2j 4+ 1) is a multiple of 3, and the
set S, = {0,2,3,5,6,8,9,11,12,14,15,17} otherwise. If the computation of
transform coefficients {c;} with respect to the time indices restricted to sets S; and S,
is denoted by c;;) and cf) , respectively, then remaining MDCT transform coefficients
{ci} are obtained as

q=c, +c¢,. KkeS, (5.72)

At first, the transform components {c:) }, where k € S, and n € S, are given by

b4 3 S5t T I 17
COS 2 COS 24 COS 24 COS 24 COS 24 COS 24
Sm 9 b4 |9 ¥4 3n In
COS 24 — COS 24 — COS 2 — COS 24 COS 24 COS 24
T 3 117 b4 I S
COSﬁ—COSﬁ—COSW COSﬂ—COSﬁ —COSﬁ
C(l)
0
0 Ux _ 9 It _ o1 It E
C2 COS 24 COS 24 COS 24 COS 2% COS 24 COS 2
c(l)
3 117 I In Sn 3n b4
c(sl) — COS 24 COS 2% COS 24 COS 2% [01) 2% COos 2% o
(1)
C
6 T 3 Iz T r 5 Y4
(1) — COS 24 Ccos 4 COS 24 — COS 2 COS 24 COS 24
b | = V7
c Y10
9 _ S 9 E Ur 3t _ In
0 COS 24 COS 24 COS 34 COS 24 COS 24 COS 24 Vi3
0 ‘
€12 —cosE —cos3T —cos T —cos T —cos 2 —cos Uz | V16
(1) 24 24 24 24 24 24
o0
c _ o 3 _ St _ I _ 9n _ Ux
(115) COS 2 COS 24 COS 24 COS 24 COS 24 COS 24
C17
S5 I b1g 117 3n T
— COS 3% CcOoS 4 COS >4 COS 54 CcOoS 5% COS 34
I 3n 1 big I Sn
COS 24 COS 24 COS 24 COS 2 COS 24 COS 24
|9 ¥4 9 In Sn 3n b4
— COS 24 COS 24 — COS 24 COS 24 — COS 24 COS 3
(5.73)

From (5.73) it can be easily seen that the first four rows of sub-matrix are

. . . (1) (1) (1) (1)
linearly independent (corresponding to transform components ¢, , ¢, ,¢5 ,¢5 ), and

therefore, it is sufficient to compute only the following matrix-vector product:
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¢y cos & cos  cosZ  cosZE  cosZE cosHr "

¢y cosZ —cosZ —cos L —cos X cosZ  cos X ij

o - cos 2Z —cos & —cos L cos 2 —cos 2= — cos & z::

C(sl) cos WX —cosZ  cos T —cosZ  cosZ —cos & Y16
(5.74)

Further, from (5.73) it also follows that the transform components cg), cg), cg), c(lll) ,

o o o .
Clzs Cia4»>Cp5, €7 Need not be computed separately, because after evaluating the

matrix-vector product (5.74) they are directly given by

O O

Co —Cs
0 )
Cg —C
) W
Cy —C
U A
il — ] %o
o | = m |- (5.75)
Cip —C
(1) (1)
Ciy )
) )
Ci5 —C3
0 0
€17 —Cs

In order to compute (5.74), we partition the sub-matrix in (5.74) into two parts.
Defining a 2-point Hankel matrix-vector product as

o 3n
4 COS 37 —Cos 3¢ V4
= , (5.76)
3n I
q —COS 3 —COS 57 yi3
for the first partitioned sub-matrix we have
3n 9
Cos 57  COS 3y —q
9 3n
—Cos 3y  COs 5y V4 —p
= , (5.77)
3n 9
—cos 3 —cos 3¢ i3 q
9 3n
—COs 3;  COS 5p —p

and after proper row/column reordering and sign changes made in the remaining
symmetric 4 x 4 sub-matrix and associated input/output data vectors we have
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M 1l In 57

o COS 37 — COS 7 Cos 5p  €OS 3¢ Y1
— —cos YT —cosZ | cosZE —cosZZ || —vie
= . (5.78)
c;l) cos 72—Z cos SZ—Z oS 77 —COS 1217? Y10
5(2” cos 2 —cos & | —cos X —cos & V7

Equations (5.76), (5.77), and (5.78) are quite similar to (5.62), (5.64), and (5.65),
respectively, and therefore, we can use the approach applied to the short block to
compute (5.74). Similarly, defining two combined 2-point Hankel matrix-vector
products we get

e 1 Y1+ Yo V3 [ 08 % cos Z—Z yi+yio
=3 (A, + By) =5 ,
f Y1 —Vie cos & —cos 3/ \ y7 — yie
9 _ 3z _
8 1 Y1 —JY10 1 COos 24 Cos 24 Y1 —Y10
== (A, —B»y) ==
2
h —Y71 =16 —Cos 32—1 —COs 3—’4’ —Y71 = Y16

(5.79)

From (5.76), (5.77), and (5.79) it follows that the transform components

m o m o . b
¢y »C, »C3 ,Cs are given by

¢ = et(g—9q,
o = f—(p+h.
& = e—(g—0q)
e =—f—(p+h). (5.80)

Comparing (5.70) and (5.80) it is evident that the 6-point DCT-IV computational
structure shown in Fig.5.10 can be again reused (but incompletely) to compute
transform components cg ', c(z1 !, c(;) , c(sl). The corresponding computational structure
originally called the 6-point cosine group transform (CGTg) [38, 40] is a part
of the 6-point DCT-IV computational structure. It is indicated in Fig.5.10 by

shaded polygon, where the associated reordered input data vector is given by
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. M o m W
[y13,y4,y1,y16,y1o,y7]T. The computation of transform components ¢, , ¢, ,¢3 ,Cs

requires 9 multiplications and 19 additions.

The computation of transform components {cf)} when k,n € S, for the remain-
ing symmetric 12 x 12 sub-matrix is realized separately. Let s denote the element
cos Z5* of the symmetric 12 x 12 sub-matrix. After its proper row/column reordering
and sign changes (actually predicted by the structure of a cyclic group [38]) and
associated input/output data vectors, the computation of transform components
{cf) }, k,n € S, can be represented in the matrix-vector form as

)

€ 1 19 23 5-25 29 17 35 31 13 7 11
5 19 -1 5-23 29 25 35-17 13-31 11 —7
cy 23 5-25 29 —1-19-31—13 7 11 17 35
o 5-23 29 25-19 1-13 31 11 =7 35 17
—cp —25 29 —1-19-23 —5 —7—11 17 35-31-13
Al ol 29 25-19 1 -5 23-11 7 35-17-13 31
g | | 17 33-31-13 =7-11 1 19-23 -5 25-29
o 35-17-13 31-11 7 19 —1 -5 23-29-25
ESi 31 13 7 11 17 35-23 —5-25 29 —1-19
c? 13-31 11 =7 35-17 =5 23 29 25-19 1
2 7 11 17 35-31-13 25-29 —1—-19-23 -5
& 11 =7 35-17—-13 31-29-25-19 1 —5 23

Yo

Y9

Y

Y2

12

_ Yi4

Y8

Y17

Y15

Y6

Y3

ys

(5.81)

One can observe that the sub-matrix in (5.81) is a block cyclic matrix with each
block being a 2 x 2 Hankel matrix. Extending the similar procedure applied to (5.65)
or (5.78) ,1i.e., combining always two proper 2-point Hankel matrix-vector products,
and using the following trigonometric identities
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T 177 T T T 3n
coS — +cos—— =2 cos— cos— =2 coS — COS —,
72 72 9 8 9 24
T 177 R S 4 . 9
COS — —Cc0S —— = 2 sin— sin— = 2 sin — cos —,
72 72 9 8 9 24
T 357 T 3 T, T
cos —— +cos—— =2 cos — cos — = 2 cos — Sin —,
72 72 9 8 9 8
197 357 .o . 3w 1 T
COS —— —Cc0S —— = 2 sin— sin— = 2 sin — cos —,
72 72 9 8 9 8
237 317 T 3 4 07
COS —— +Cc0S —— = 2 coS — cos — =2 sin — sin —,
72 72 18 8 9 8
23w 31w .o . 3w 4 T
C0S —— —Cc0S —— = 2 sin — sin — =2 ¢cos — CO0S —,
72 72 18 8 9 8
5 137 T T . 4m 3
COS — + cosS —— = 2 coS — CO0S — = 2 sin — CO0S —,
72 72 18 8 9 24
S5 137 N S 4 9
COS — —Cc0S —— = 2 sin— sin— = 2 cos — cos —,
72 72 18 8 9 24
251 T 21 T 21 3
COS—— +Co0S— = 2 COS— COS — = 2 COS — COS —,
72 72 9 8 9 24
25w T L2 . 7w . 2m
c0S —— — Cc0S — = —2 sin— sin — = —2 sin — co0S —,
72 72 8 9
T 117 S5 T . 2m T
COS —— +Cc0S —— = 2 coS — CO0S — =2 sin — ¢coS —,
72 72 18 8 9 8
297 117 .5 .o 2 . ow
c0S —— —Cc0S —— = —2 sin — sin —=—2 ¢cos — Ssin —,
72 72 18 8 9 8

9
24

’

249
T C 4rm
CcOS — = sin —
18 9
. T
sin — = cos —
9
S5 . 2m
cos — =sin —,
18 9
. 5w 2
sin — = cos —,
18 9

we subsequently cover the entire sub-matrix in (5.81), and after rigorous algebraic
manipulations we get the following system of algebraic equations:

(%)=
(7)-

T 4 2
cos 9 R, u; + cos 5 R, u, — cos o5 Ryu; = (a) + (b),

4 2
sin% Q, vi + sinFn Q, v, —i—sinjn Q,vs= (d)— (),
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4 21 b4
) = cos— Ryu; —cos— R,uy —cos — R,uz; = (a) — (¢),
f 9 9
22 . 4w . 27 LT p /
= Sin — Vi + sin — V) — Sin — V3 = a)—(c),
(#) g, vitsin T gyva—sin 0= (W)~ (€)
e3 2r b4 4
= —cos— R,u; —cos— R, uy —cos — R, u3 = —(b) — (¢),
(f3) 7 Ry —cos T Ry s —cos o Ry wy = —(b) — (0)
g3 . 27 . T %4 , ,
= sin — V| — sin — Vv, — sin — vs= (b)—(),
(hS) Qi vi—sing O va—sin - Qv = (B) —(C)
(5.82)
where R, and Q, are, respectively, 2 x 2 Hankel matrices given by
3 9 9 3
cos 57 €OS 5p cos 57 €OS 3p
R, = s Qz =
9 3 3 9
oS 57 —COS 3r oS 57 —Co0S 31
u;, U, u3, vy, Vo, V3 are, respectively, 2-point vectors given by
Yo + 8 Yir — V15 —Yi12 — Y3
u = s u = ) uz = )
Yo 4 y17 Y2 — Y6 Yia—Ys
Yo — )8 Y +yis —Vi2+¥3
Vi = ) V2 = ) V3 =
Yo — Y17 Y2+ Ys Yia + s
For the transform components {c;:) }, k € S, the following relations hold:
® @ ®
Cy =e+g, ¢ =e+g, Cp=—e3—g3,
©) ©) ©)
Cg =€ —81, Ci5 =8 —€, (3 = g3—e€s3,
2) 2 ?2)
cg =f1+hi, Cz) =fHh+h, c,= fi+hs,
@ @ ®
¢y =fi—h, ¢ =hh—fH, ¢ = h—fi (5.83)

The system of algebraic equations (5.82) requires to evaluate eighteen 2-point
Hankel matrix-vector products. However, using the trigonometric identities

T 4 2 4 4 L2
COS — = COS — + COS —, SIn— = sIn — — Sln —,
9 9 9 9 9 9
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the system of equations (5.82) can be evaluated by combining only six 2-point
Hankel matrix-vector products which are defined as

. 4m
(@) cosZ Ry (u; + w), (a") sin 5 0, (vi +v2),
. 2
(b) cosZ R, (u —uy), () sin 5 Q, (vi —v3),
(¢) cos¥ Ry (uy 4 u3), () sin% Q, (va +v3), (5.84)

whereby u; —uz = (u; + up) — (up + u3z) and vi — vz = (v; + vo) — (V2 + v3).
Combinations of expressions in (5.84) are explicitly indicated on the right-hand
side of (5.82). Further, note on the right-hand side of (5.82), similarly the following
relations hold:

(@) = (c) = [(@) + (B)] + [-(b) — ()],
(@) = () = [(@) = ()] + [(¥) = ()].

The 2-point Hankel matrix-vector products can be realized by the corresponding
bilinear algorithm (see Appendix A.2). The resulting regular fast computational
structure for the computation of transform components {c,(:)}, k € S is shown in
Fig.5.11. It can be easily seen that the fast computational structure in Fig.5.11
requires 18 multiplications and 66 additions. The remaining MDCT coefficients
{ck}, k € S, are obtained according to (5.72) combining results of two fast
computational structures taking into account (5.75) and (5.83).

If we take into account the permutation (5.36) or (5.47), the forward/backward
MDCT computation in MP3 for the long block requires totally 36 multiplications,
148/130 additions and 2 shifts, and this MDCT efficient implementation again
achieves the minimal multiplicative complexity known up to now. Considering
the fast analysis/synthesis MDCT filter banks described in Sect.5.5 together
with efficient MDCT implementations [38, 40] we get perhaps the most efficient
implementations of the complete analysis/synthesis MDCT or MLT filter banks in
MP3 both in terms of the arithmetic complexity and structural simplicity.

Note 12: Open problem remains to prove that the most efficient MDCT implemen-
tations [38, 40] are optimal in terms of the multiplicative complexity.

5.4.3.7 DCT-IV-Based MDCT Implementation [29]

A universal rotation-based fast MDCT computational structure based on a novelty
fast rotation-based DCT-IV computational structure has been proposed in [27].
Specifically, for N' = % being odd, the fast rotation-based MDCT computational
structure for k odd/even is defined as [29]
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cos 41/9 cos /8 S
Yo () ‘ @’
/ /\ >@isin /8
fi )
@
¥ (<) cos 47/9 cos /8 ®

cos 21/9 cos /8

Yu (011)

/v
, /i

Yu (cu)

cos 7/9 cos /8

sin 47/9 sin /8

s (G5

Yur (011) ”””

“Yis ('cls)
-¥e (-C5) g o g

-Ys (-c5)

-ys (-c5)

sin 71/9 sin /8

Fig. 5.11 Computational structure for the computation of transform components {c;{z) LkesS,

4

%11
Cop = Z [ (a,, F a%_l_n) COS Qrn + (bn + b%_l_n) singok,n] ,
n=0
1Y 11
CN_y o = Z (=11 [— (an + a%_l_n) sin (pk’n—l—(bn F b%_l_n) cos <pk,n] ,
n=0

L% -1
Ny = Z =n" [ (b,, F b%_l_n) COS Y + (a,, + a%_l_n) Siﬂ(pk,n] ,
n=0

¥ ]-1
Cope) = Z [— (b,, + b%_l_n) sin g, + (a,, F a%_l_n) cos wk,n] ,

T N’
n = 2 Dk, k=12,....| = |, 5.85
Pho = o0+ 1) El 685
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where | . | denotes the lower integer part of an argument, and

- " on+1)+ in 2 (2n + 1)
a, = Y COSZN n YN 1 s1n2N n ,

" 2n+1) 0.1,
COS —(4n N n=u,1,...,——1,
N 4

(5.86)

—n

.o
b, = — y, sin Ev(Zn—f- 1)+ Yy

defines the block of %’ Givens—Jacobi rotations. For k = 0 the coefficients ¢y and
cy_are given by

LY )1

Co=day—; + E (a, + a%_l_n),
2
n=0

LY -1
cyy = D)7 T by, + (D™ (bu+by_yL,). (587)
2
n=0

The data sequence {y,} in the forward MDCT computation is given by (5.47)
whereas the time domain aliased data sequence {x,} in the backward MDCT can
be recovered from {y,} according to (5.48).

5.4.3.8 Case N = 12 (Short Data Block)

For the short block we have N’ = %’ = 3, 1% = 1 and L%/J = 1. For the
forward MDCT computation the data sequence {y,} given by (5.47) requires 6
additions. According to (5.86) the block of three Givens—Jacobi rotations of vectors
[V, ¥5—n]T with rotation angles %(Zn + 1), n = 0,1,2, requires 9 multiplications
and 9 additions. Efficient implementations of Givens—Jacobi rotations are presented
in Appendices F.2 and F.3.

Extending (5.87) for coefficients cg, cs, followed by extending (5.85) for k = 1
being odd, n = 0, and the angle ¢; o = % for the pairs of coefficients ¢, ¢; and
c3, ca, after some algebraic manipulations we get [29]

co = ai + (ao + az),
cs = by — (bo + by),

b4 b4
;= b+ (ag—ay) cosg + (by + by) sin ra
c1 = —=by + (ap — ap) COS% — (by + by) sin%,

T T
c3 = —a + (ao + 612) Slng — (b() —bz) COos g,

cy = —ay + (ap + az) sin% + (bg — by) cos % (5.88)
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From (5.88) it can be easily seen that the pairs of coefficients c¢;, ¢; and c3, ¢4
contain redundant algebraic expressions. Now we can straightforwardly generate an
efficient implementation of (5.85) and (5.87) for the short block in the form of the
following linear code [29]:

Po = do + az qo = by + b
p1 = (ap —az) cos g q1 = by +qo sing

P2 = Po sin% — day qr = (b() —bz) COS%

co =ay+ po

a=pP1—q

¢ =p1t+q

G =pP2—q

4 =p2tq

¢cs =b1—qo (5.89)
where cos ¢ = ‘/75 and sing = % Equation (5.89) requires 2 multiplications,

12 additions, and 2 shifts. For the short block (5.86) and (5.89) define the identical
fast computational structure for the forward/backward MDCT computation which is
represented by the signal flow graph shown in Fig. 5.12. Thus, the forward/backward
MDCT computation requires totally 11 multiplications, 27/21 additions, and 2
shifts.

cos /24 a, Do

Yo (€0) ) C (o)
sin /24
V(o) TR ot S ¢ )
Y. (€) ~—~\v// g % £ % c, (¥,)
i cos /6 P 7 /// >C
V3 (€5) - AN O - = £ c, (y3)
() e E c, (y4)
Ys (cs) ”””””””””””””””” Cs (yS)

cos /24 b, 9

Fig. 5.12 The fast computational structure for the forward/backward MDCT computation when
N=12
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Note 13: Investigating the fast computational structure in Fig.5.12 for the short
block and comparing with that of [38] (see Fig.5.10 in the previous subsection),
it can be seen that the implementation in Fig.5.12 requires just about two mul-
tiplications more while the number of additions and shifts is the same. This fact
indicates that there exist two redundant multiplications in the implementation shown
in Fig.5.12. Indeed, twiddle factors cos ¢ are redundant. They can be absorbed
(and similarly sin %) into the following introduced block of three Givens—Jacobi

rotations [29]:
p = (—ya)cos T — (=y)sin T
LT b
g = (—y4)sin 3 + (=y1) cos 3’

g g
e = (o +y3)cos%cos§—(ys—yg)cos%sing,

f= 0o +y3)cos%sin%+(y5—y2)cosgcos%,

T T b4
g=0n +y5)SingCOS§ = (y3—0) sin%sin e
g b4 b4 bid
h = (y2 + ys5) sin — sin — + (y3 — yg) sin — cos —. (5.90)
6 8 6 8
Then, after the computation of Givens—Jacobi rotations defined by (5.90) taking into

account trigonometric identities, the MDCT coefficients are obtained by combining
output values (p, g, e, f;, g h) of rotated vectors as follows:

co= e+(g—q),

cp = p-—2h,

= f—-@+h),

= e—(8—q.

¢y = q+2g,

s =—f—(p+h). 5.9

Equations (5.47)/(5.48), (5.90), and (5.91) define the modified fast computational
structure identical for the efficient forward/backward MDCT computation requiring
9 multiplications, 27/21 additions, and 2 shifts, thus achieving the same minimal
multiplicative complexity as in [38, 40]. The modified fast computational structure
is shown in Fig.5.13. (Scaled) Givens—Jacobi rotations can be realized by a
corresponding bilinear computational structure (see Appendix F.3).



256 5 Efficient Implementations of Cosine-Modulated Pseudo-QMF and MLT...

cos 1/6 cos /8

¥o (S0 N —0 o o (Vo)
N\ cos /6 sin /8
I cos /8 /,"l 2
Fie) = N A e ¢ )
\ . sin v \\\
" cos /6 S /8 \
Y2 (c) ; < - - ¢, ()

cos 1/6 cos /8

sin 71/6 cos n/8

c; (y2)

. sin /6 sifi m/8
sin n/S\\\ N
-Ya (-04) N C, (Y4)
cos /8 ~
\ sin /6 \s\'m\110/8_><
s () cs (ys)

sin 7t/6 cos /8 P

Fig. 5.13 The modified fast computational structure for the forward/backward MDCT when
N=12

5.4.3.9 Case N = 36 (Long Data Block)

For N = 36 we have N/ = ]ZV = 9, ]% = 4, and L%/J = 4. For the
forward MDCT computation the data sequence {y,} given by (5.47) requires 18
additions. According to (5.86) the block of nine Givens—Jacobi rotations of vectors
[Vus Y17—n]T with rotation angles %(Zn + 1), n =0,1,2,3,4,5,6,7,8, requires
27 multiplications and 27 additions. Efficient implementations of Givens—Jacobi
rotations are presented in Appendices F.2 and F.3.

Similarly, extending (5.87) for coefficients ¢, c}7, followed by extending (5.85)
for k = 1,2,3,4 and n = 0,1,2,3 for the pairs of coefficients cy—;, cx
and cy7—x%, cis—%, kK = 1,2,3,4, after rigorous algebraic manipulations
and using trigonometric identities we obtain the following explicit algebraic
expressions [29]

co= a4+ (ap+ ag) + (a1 + a7) + (az + ag) + (a3 + as),
c17 = —bs — (bo + bg) + (b1 + b7) — (b2 + bs) + (b3 + bs),

c1 = —bs+ [(al — ay) cos %]

4 2
+ (Clo — ag) sin ?]T + (a2 — a(,) sin ?ﬂ + (613 — 615) sin %]

- [(b1 + b7) sin %]

[ 4 2 b4
+ | (bo + bg) cos 5 + (by + bg) cos o5 + (b3 + bs) cos §i| ,
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= bs+ [(al — ay) cos %]

4 2
+ (Clo — ag) sin ?]T + (a2 — a(,) sin ?ﬂ + (613 — 615) sin %]

_ o
+ _(bl + b7) sin g]

[ 4 27 T
+ [ (bo + bg) cos 5 + (by + be) cos 5 + (b3 + bs) cos §i| ,

. T
c3 = —ayg + [(a1 + a7) sin E]

b4 4r 2
+ [(ao + ag) cos i (ap + ag) cos 5 (az + as) cos ?i|

T
— [(bl — by)cos g]

4 2

+ [(bo — bg) sin % ~+ (by — bg) sin ?n + (b3 — bs) sin ?n} ,

.o
Ccs = —ay + [(a1 + a7) sin E]

b4 %4 2
+ | (ao + as) cos i (az + ag) cos i (as + as) cos 5

r 7
+ _(bl — b7) cos E]

[ b0 — bg) sin % + (by — bg) sin %” + (by — bs) sin %”} ,
¢s = by + [(ao — as) — (a2 — ag) — (a3 — as)] cos %
—(b1 + b7) + [(bo + bs) + (b2 + bs) — (b3 + bs)] sin %
ce = —bs + [(a0 — as) — (a2 — ag) — (a3 — as)] cos %
+(b1 + b7) + [(bo + bs) + (bs + be) — (b3 + bs)] sin %
.
c7 = as— [(al + ay) sin g]
+ [(ao + ag) cos 2?7{ — (az + ag) cos % + (a3 + as) cos 4?”i|

— [(bl — by) cos %]
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2 4
+ [(bo — bg) sin ?” — (by — bg) sin % — (by — bs) sin ?”] ,

s = as — [(al + ay) sin %]

2 b/ 4
+ | (ap + ag) cos 5" (az + ag) cos 3 + (a3 + as) cos o5

r 7
+ _(bl — b7) cos E]

i 2 4
+ | (o — bg) sin 7” — (by — bg) sin % — (by — bs) sin 7”] ,

'
Cl5 = a4 — [(111 + az) sin g]

4 2w b4
+ | (ao + as) cos 5 + (az + as) cos 5" (as + as) cos 3

T
— [—(bl — by) cos E]
4 2
+ [(bo — bg) sin ?” + (by — be) sin ?” — (bs — bs) sin %} ,

T
Cl6 = a4 — [(fll + ay) sin g]

4 2 /4
+ | (aop + as) cos 5 + (az + ag) cos 5 (a3 + as) cos 5

+ :—(bl — by) cos %]

i 4 2
+ | (bo — bg) sin 7” + (bs — bg) sin ?” — (by — bs) sin %} :

c13 =by— [(01 — ag) cos %]
4 2
~+ | (ap — ag) sin T + (ar — ag) sin R (az — as) sin il
9 9 9
— [—(b1 + by)sin %]
[ b4 4 2
+ | (bo + bg) cos i (b2 + bg) cos 5 + (b3 + bs) cos ?i| ,
7
cl4 = —by — [(al — az) cos g]

4 2
+ (a() — 618) sin % + (612 — 616) sin ?777 — (613 — 615) sin ?ni|
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+ [—(b1 + by) sin %]

T 4 2
~+ | (bo + bg) cos i (b + bg) cos 5 + (b3 + bs) cos 5

| I

9

ci1 = —ay — (a1 + ag) + [(ao + ag) + (az + ag) + (a3 + as)] sin

N

~ [(bo = bs) = (b2 = bi) + (b3 — bs)] cos

1
cip = —ay — (a1 + a7) + [(ao + ag) + (a2 + as) + (a3 + as)] sin 3
biq
+ [(bo — bg) — (b2 — bs) + (b3 — bs)] cos s
T
Cg = —b4 — I:(CH — 617) COoS E:I
2 4
+ | (ap — ag) sin il (ay — ag) sin r + (a3 — as) sin il
9 9 9
- [(bl + by) sin %]
2 T 41
+ |:(bo + bg) cos 5 (by + bg) cos e (b3 + bs) cos ?] ,

clo = by — [(Ch — ay) cos %]

2 4
+ | (ap — ag) sin ?71 — (az — ag) sin % + (a3 — as) sin ?n]

+ :(bl + by) sin %]

r 2 4
+ [ (bo + bs) cos ?n — (by + bg) cos % — (b3 + bs) cos ?71] . (5.92)

From (5.92) it can be seen that each pair of coefficients cox—1, ¢z and cy7—a, Cr3—2t»
k = 1,2,3,4, is the result of addition and subtraction of the same unique
algebraic expressions in brackets. This fact enables us to concentrate on the
efficient computation of half the coefficients. In order to reduce the multiplicative
complexity, further development is based on classical complexity theory and it is
divided into four parts.
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At first, consider a group of algebraic expressions extracted from (5.92) for
coefficients cys, cs, and cg, respectively, as

4 2
(ap + ag) cos 5 + (a2 + ag) cos 5 (as + as) cos —:| (a) + (o),

T 4 2
(ag + ag) cos i (az + ag) cos 5 " (az + as) cos ?] = (a) + (),

(ap + ag) cos %T — (a2 + ag) cos 5 + (az + as) cos 4—:| () — (c).

(5.93)

The direct approach to compute (5.93) requires nine multiplications and six
additions provided the terms aoy + ag, a» + ag, and a3 + as are precomputed.
The multiplicative complexity can be reduced as follows. Using the trigonometric
identity:

4 2 T
COS — + COs — = Ccos —,
9 9 9

2

and decomposing cos = in the first expression of (5.93), then cos § in the second

expression, and finally, cos % in the third expression, we get

4 b4 %4 T
(ap + ag) cos 5 + (a; + ag) | cos i cos 5 ) (as + as) cos 3

4r 4
= [(ap + ag) — (a2 + ag)] cos 5 7t [(a2 + as) — (az + as)] cos r
4 2 4 2
|:(a0 + ag) (cos 5 + cos ?) — (az + ag) cos 5 (az + as) cos ?:|

= [(ao + ag) — (az + ag)] cos % + [(ap + ag) — (a3 + as)] cos 2?”

2 b4 2
(ap + ag) cos 5 (a2 + as) cos 9 + (asz + as) | cos 5 — cos 5

2
— [(ao + ag) — (a3 + as)] cos ?” —[(az + a6) — (a3 + as)] cos %. (5.94)

One can easily see from (5.94) that for evaluation of (5.93) we need to combine
three algebraic expressions which are highlighted by bold. Thus, introducing
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(@[%+@—@+mhm%,

(b)  [(ao + ag) — (a3 + as)] cos %r

(©) [(az + ag) — (a3 + as)] cos % (5.95)

the efficient computation of (5.93) requires only three multiplications and six
additions. Combinations of expressions in (5.95) are explicitly indicated on the
right-hand side of (5.93).

Now, consider a group of algebraic expressions extracted from (5.92) for
coefficients c;, ci3, and cy, respectively, as

(ag — ag) sin % ~+ (az — ag) sin % + (a3 + as) sin —:| (a) — (¢),

(ag — ag) sin 5 + (ap — ag) sin ‘%T — (a3 + as) sin 2—i| (a) — (b),

(ag — ag) sin %T — (ap — ag) sin % + (a3 + as) sin 4—i| (b) — (c).

(5.96)

Using the trigonometric identity:

. 4m . 2w 1
sin — — sin — = sin —,
9 9 9

and decomposing sin & o in the first expression of (5.96), then sin 3 in the second

expression, and finally, sin % in the third expression, we obtain the followmg three
algebraic expressions

(@[w—@+@—@nm%,
B) [l —as) + (@~ as)] sin

(©) (@~ a5) — (a3 — as)] sin . (5.97)

Again, combinations of expressions in (5.97) are explicitly indicated on the right-
hand side of (5.96). Following the same procedure for the remaining group of
algebraic expressions for coefficients c,, 13, and co, respectively, as
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4 2w
(bo + bg) cos 5 + (b + bs) cos 5 + (b3 + bs) cos —] (a) + (o),

(bo + bg) cos = — (b2 + bg) cos % + (b3 + bs) cos 2—j| (a) + (b),

(bo + bg) cos 2— — (b2 + bs) cos — — (b3 + bs) cos 4—:| () — (c),

(5.98)
we obtain
(@  [(bo + bs) — (bs + bg)] cos %”
() [(bo -+ bs) + (bs + b)) cos o
(©)  [(ba + bg) + (b3 + bs)] cos % (5.99)

and finally, for a group of algebraic expressions for coefficients c;s5, ¢4 and cg,
respectively, as

-(bo — bg) sin %T ~+ (by — bg) sin %T — (b3 — bs) cos —:| (a) — (c),

[ (b0 — bs) sin% + (by — bg) sin %” + (b3 — bs) cos 2—} (@) — (b),

}mwmm%—@—mm%—@ wwﬁﬂ (b) — (c).

(5.100)
we obtain
@ [(bg—bs) + (b2~ bo)] sin "
B) (b~ bs) — (bs = bs)] sin
(©  [(bs — be) + (b3 — bs)] sin%. (5.101)

Now we can straightforwardly generate an efficient implementation of (5.85)
and (5.87) for the long block in the form of the following linear code [29]:
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po = aop +ag
p1r=ar +ay
p2 =az +ae
p3 =asz+as
P4 =po + P2

ps = (po — p2) cos 4
pe = (po — p3) cos &
p7 = (p2 —p3)cos §

P8 = p4 +p3
po = 38

Plo = as— p
P11 = a4 +pi
P12 =ps5+p7
P13 =Pp5 +Ppe
D14 = P6 — D7
P15 = P10 + P12
P16 = P13 — P10
P17 =Pp9 — P11

P18 = P10 + P14

qo = ap —ag
q1 = ay —aj
q2 = az —de
q3 = az —das
94 = 40 — 92

g5 = (qo + q2) sin 4F
g6 = (qo + q3) sin &

g7 = (2 — q3)sin §

3
q8 =41§
g9 = (g4 —qs)?
q10 = 45 — 4917
q11 = 45 — 46
q12 = q6 — q7
q13 = g8 + 410
q14 = 411 —gs
q15 = q12 — 48

co = pg + P11

€l =q13 — Uis
2 =q13 +u15
€3 = P16 — V14
¢4 = pi6 + V14
€5 =q9 — U17
6 = q9 + u17
€7 = P18 — V15

cg =p1g + V15

ug = by + bg
up =by+ by
uy = by + bg
u3 = bz + bs

Uqs = ug + up

us = (uo — uz) Cos %T

ue = (up + u3) cos %”
— T

u7 = (u2 + uz) cos §

ug = u4 — u3
Ug = %Mg
u10=b4—|—%u1
uy] = uy — by
U2 = us + uy
u13 = us + U
U4 = U — Uy

u1s = uio + u12
Ule = U3 — U1
ur7 = up1 + ug
u1g = U0 + U4

€17 = U1l — U
€15 = P15 — V13
c16 = P15 + V13
C13 =q14 — U6
C14 = q14 + U16
€11 = P17 — V9
c12 =p17 +v9
€9 =qi5—Uig

€10 = 415 + u1g

vo = by — bg
v =by—by
vy = by —bg
v3 = b3 —bs
V4 = Vo — V2,

_ s 4
v5 = (vg + v72) sm?
ve = (Vg — v3) Sing

= in T
v7 = (v2 + v3)sin g

3
vy = v

3
v9 = (v4 + v3)%
Vjp = V5 — V7
V] = U5 — Vg
V]2 = V6 — V7
V13 = V10 — Vg
V14 = v + V11
V15 = Vg + V12
(5.102)

263

requiring 16 multiplications, 84 additions, and 4 shifts. For the long block (5.86)
and (5.102) define the identical fast computational structure both for the forward and
backward MDCT computation. Thus, the forward/backward MDCT computation
requires totally 43 multiplications, 129/111 additions, and 4 shifts. In contrast to
the short block, the identical fast computational structure for the forward/backward
MDCT computation when N = 36 cannot be represented by a regular signal flow

graph.
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Note 14: Therefore, the open problem remains to derive a modified 18-point fast
DCT-1V computational structure with the minimal multiplicative complexity.

Note 15: The efficient MDCT implementations in MP3 audio coding standard in the
form of linear code are particularly suitable for high-performance programmable
DSP processors.

5.4.4 DCT-1V/(Scaled) DCT-I1I-Based Efficient MDCT
Implementations

We recall that applying the permutation (5.36) or (5.47) to the input data sequence
{x,}, the N-point forward MDCT is converted to the %-point DCT-IV of {y,}. Devel-
oped fast DCT-IV/DCT-II-based MDCT algorithms [34, 35, 45, 51, 54, 65, 66, 69]
and DCT-IV/scaled DCT-II (SDCT-II)-based MDCT algorithms [50, 66] utilize the
following simple fact. Since there exists a simple relation between the DCT-IV and
the DCT-II matrices [119], the —-point DCT-1V may be converted to the DCT-II
(SDCT-II) of the same size at the cost of additional & > pre-multiplications and 5—1
recursive post-additions [121, 132].

Now let us summarize basic facts for developing DCT-IV/(S)DCT-II-based
efficient MDCT implementations. Unnormalized M-point DCT-IV and DCT-II of

an input data sequence {y,,},m = 0,1, ..., M — 1 are, respectively, defined as [119]
M—1
Ck = Zym cos [—(Zm + 1)(2k + l)]
m=0
7(2m + 1)k
Ck —ZYm [—M:|’ k=0,1,....M—1, (5.103)

whereas an unnormalized M-point scaled DCT-II (SDCT-II) is defined as [50]

M—1
7(2m+ 1k
S =€ Y Vm cos[%] k=0.1,....M—1, (5104)

where

1, if k=0,
€ = (5.105)
2, otherwise.

Using trigonometric identity cos(o + ) = 2cosa cos 8 — cos(a — B) to the
DCT-1V transform kernel setting & = ”(2';’+1)k nd B = ”(2'"+1) , the M-point DCT-
IV can be converted to the DCT-II of the same size as [121, 132]
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M—1

v m(2m+1) 7w(2m + 1)k %
¢ = Z(Zym cos — )cos|: o —co . k=0,1,....M—1,

m=0

(5.106)
or to the SDCT-II of the same size as [50]

w(2m + 1)) cos |:71(2m + 1)k:| v

M—1
1A%
= m —Cr_1>» k=0,1,...,M—1,
Cp =€k (y cos — M Cr_i

m=0

(5.107)

where transform coefficients {CQ/} and {CZ }, ({s: }) satisfy the following conditions:
2¢y =cy. (cg =59) if k=0,

cp + ooy =0 (¢ +cp =5, if k>0 (5.108)

On the other hand, it is well known that an M-point (S)DCT-II of {u,,}, whereby

Uy =2 Y cos “ZE for the DCT-I and u,, = y,, cos Z&EL. for the SDCT-I,

it can be recursively decomposed into %—point (S)DCT-II (even-indexed transform

coefficients) and %-point DCT-IV (odd-indexed transform coefficients) as [50, 119,
121, 132]

¥
PR T(2m + 1)k
Cox = m=0(um + Up—1—m) €OS [W] ,
%_
b M

Copat = 3 (it — iyr—1-m) cOS [w(Zm )2k + 1)] k=015 L
m=0

(5.109)

Then, using (C.33) from Appendix C.3, the %—point DCT-1V in (5.109) correspond-

ing to odd-indexed transform coefficients {c;]k 41} can be converted to the ¥ -point
(S)DCT-II as

M_
I 27 w(2m+ 1) 7(2m+ 1)k I
Copq1 = Z 2 (Up — Up—1—m) €OS M cos 20/ | Cor—1>
m=0
M
k:O,l,...,i—l, (5.110)

where

1 A 11 A .
2¢, =¢y, (c; =5,) if k=0,

)i 1 N/ 1 1 A .
Copq1 F Oy = Cpy (Cppqy + ey =5;) if k> 0. (5.111)
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Equations (5.109) and (5.110) show that the M-point (S)DCT-II is decomposed
into two identical %-point (S)DCTs-II. Since the DCT-IV matrix is symmetric and
self-inverse, the forward/inverse DCT-IV computation via the (S)DCT-II (note that
the DCT-II matrix is not symmetric), and hence as well as the forward/backward
MDCT can be realized by an identical fast computational structure. In order to
efficiently implement the MDCT in MP3 we should specify a suitable fast DCT-
II algorithm/computational structure which is valid for N being an even integer, i.e.,
6- and 18-point DCT-II fast algorithms. In general, the even-length DCT-II can be
realized by:

* An indirect fast DCT-II algorithm which maps the DCT-II into a complex-valued
DEFT of half size [6].

* Recursive filter structures for the DCT-II general lengths [113, 119, 123, 124,
141] (see references on pp. 14—15).

* Combining fast radix-q DCT-II algorithms (where q is an odd integer) with
existing mixed-radix fast DCT-II algorithms for the composite lengths 2" X g
[114, 119, 122] (see references on pp. 11-13), or with the direct fast even-length
recursive DCT-II algorithms [121, 132].

5.4.4.1 Representative DCT-IV/DCT-1I-Based MDCT Implementation

Substituting M = %] and m = n into (5.106), (5.109), and (5.110), we get complete
formulae defining the DCT-IV/DCT-II-based efficient MDCT implementation as

N
¥

2 1 2 Dk N
c;(V:Z(Zyn cosﬂ(n+ ))cos[n(njL ) ]—czv_l, k=0,1,...,——1,

e 2N 2(N/2) "2
(5.112)
where {y,} is given by (5.36) or (5.47), and
i @n + Dk
1 w\sn
= T o[ |
i @n+ 1) n + Dk
1 T\zn T\zn 1
= 2 (u, —un_,_) cos cos — Cop—1>
ce = 2 (200 g1 oo TR Jeos [FE | -
N
k=0,1,...,——1, (5.113)
4
where u, = 2 y, cos 7@+l " and transform coefficients {c:(v} and {c:} are,

respectively, given by (5.108) and (5.111). For the forward/backward MDCT
computation the even-length fast recursive DCT-II algorithm [121, 132] is used.
The regular signal flow graph identical for the computation both of the forward
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2c0s /24y, (c,) - C (¥0)
e~
2

2cos 3n/24 y, (c,) = c, (¥)
2
R

2cos 57/24 y, (c,) «  (v2)

2cos 51t/12

2cos Tr/24 y, (c,) <<--/-- - ¢ (¥3)
=
&)

2008 9124y, () L-foommen 2 ¢ (¥2)

g \
R R LS (o [ — o b (y)

Fig. 5.14 Signal flow graph for the DCT-IV/DCT-II-based forward/backward MDCT computation
forN =12

and backward MDCT for N = 12 is shown in Fig.5.14. The optimized efficient
3/9-point DCT-II modules are presented in Appendix D.4. The time domain aliased
data sequence {X,} is recovered after the backward MDCT from {y,} according
to (5.48).

The total computational complexity of the forward MDCT is 3%’ multiplications
and 7%’ —2 additions (SIZV — 2 additions for the backward MDCT) plus the arithmetic
complexity of two identical %-point DCT-II modules. Thus, for the short block the
forward/backward MDCT computation in MP3 requires 11 multiplications, 27/21
additions, and 4 shifts, while for the long block the forward/backward MDCT
computation requires 43 multiplications, 129/111 additions, and 6 shifts.

Note 16: A similar efficient backward MDCT implementation in MP3 has been
reported in [55], but & -point DCT-1V is converted to 5 -point DCT-III, being inverse
of the DCT-II, which is further decomposed into two %’—point DCTs-III. For N = 12
its arithmetic complexity is 11 multiplications, 27 additions, and 2 shifts. In the case
of N = 36, the 9-point DCT-III is again factorized into 4-point and 5-point DCTs-
III thus causing the increase in arithmetic complexity (81 multiplications and 149
additions).

5.4.4.2 DCT-IV/SDCT-1I-Based MDCT Implementation [50]

Substituting M = %’ and m = n into (5.107), (5.109), and (5.110) we get complete
formulae defining the DCT-IV/SDCT-II-based efficient MDCT implementation
[50]. Transform coefficients {c,'{v} and {sZ} are, respectively, given by (5.108)
and (5.111), and u,, = y, cos % The regular signal flow graph identical for

the computation both of the forward and backward MDCT for N = 12 is shown in
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cos /24y, (c,) = ¢ (¥0)
[—'
2

cos 3124y, (c,) « ¢, ()
£
i

cos 5m/24 y, (c;) e ¢ (¥)

2cos 5m/12

cos /24y, (¢,) <---//-- = c, (¥,)
D
2

cos In/24y,(c,) 4--f--------- ©n ¢, (v)

PR L7 S (- I —— S~ b—be(y)

Fig. 5.15 Signal flow graph for the SDCT-IV/DCT-II-based forward/backward MDCT computa-
tion for N = 12

Fig.5.15. Comparing Figs.5.14 and 5.15 it can be seen that the factors 2 and % in
Fig. 5.14 are removed and 3-point DCT-II modules are replaced by 3-point SDCT-1I
ones in Fig. 5.15. The optimized efficient 3/9-point SDCT-II modules are presented
in Appendix D.5. The time domain aliased data sequence {x,} is recovered after the
backward MDCT from {y, } according to (5.48).

The total computational complexity of the forward MDCT is 3%’ multiplications
and 7% —2 additions (5% —2 additions for the backward MDCT) plus the arithmetic
complexity of two identical %’-point SDCT-II modules. Thus, for the short block the
forward/backward MDCT computation in MP3 requires 11 multiplications, 27/21
additions, and 2 shifts, while for the long block the forward/backward MDCT
computation requires 43 multiplications, 129/111 additions, and 4 shifts.

Note 17: Twiddle factors 2 cos ”(22”; D or cos ”(22”; 1) applied to the data sequence
{y»} in DCT-IV/(S)DCT-1I-based MDCT implementations can be effectively
absorbed into the windowing operation in the complete analysis/synthesis MDCT
(MLT) filter banks.

5.4.4.3 DCT-IV/SDCT-II-Based MDCT Implementation [66]

An interesting efficient method of computing the MDCT in MP3 has been proposed
in [66]. In terms of the multiplicative complexity these DCT-IV/SDCT-II-based
MDCT implementations require exactly about one multiplication more compared
to [38, 40], specifically, 10 multiplications for the short audio block and 37
multiplications for the long audio block. They are based on a recursive sparse
block matrix factorization of DCT-II matrices of order 6 and 18 scaled by a factor
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of +/2, denoted, respectively, by +/2 Cg and /2 CIIIS. Since the approach in
derivation of efficient MDCT implementations [66] is very valuable it merits to be
presented in a detailed and compact form both for the short and long audio blocks
separately.

At first, substituting M = %’ and m = ninto (5.106) we obtain the basic formulae
of DCT-IV/DCT-II-based efficient MDCT implementations defined as

Y1
w 22: cos 7(2n + 1)k w
c, = u Y~~~ | = Cr—1>
k rar 2(N/2) k—1
N
k=0,1,...,——1, (5.114)
2
where
7(2n + 1 N
Uy =2y, COST), n=0,1,...,5—1. (5.115)

{yn} in (5.115) is given by (5.36) or (5.47) requiring g additions, and transform
coefficients {C;{V} are computed from {cZ} according to (5.108). But, using a simple

trick, specifically, introducing the scaling factor +/2 into the sum in (5.114) and
immediately the scaling factor % into the right-hand side of (5.115), we obtain

equivalent forms of Egs. (5.114) and (5.115), respectively, as [66]

2+ 1)k N
ck—Zu,, 2 cos [”(”Jr)}—cjf_l, k=01...7—1 (116

2(N/2)
where
2 7(2n+ 1) 7(2n+1)
p = —= Yy cOS ———— = +/2y, cos ————=
=7 2N Y 2N
N
n=0,1,...,5—1. 5.117)

The cosine transform kernel in (5.116) is recognized as the %’-point SDCT-II scaled

by the factor +/2. The computational complexity of (5.116) is given by the complex-
ity of %—point SDCT-II plus %’ — 1 recursive additions and 1 shift (multiplication by
%) according to (5.108). Equation (5.117) requires %’ multiplications.

Note 18: It is important to note that in the original paper [66] the corresponding
Eq. (5.117) involves reciprocal values of cosines defined as W This fact

can cause the numerical instability of efficient MDCT algorithms, particularly for
the long block.
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Secondly, let T, be an orthogonal matrix of order M (M is an even integer) with
elements {,,}, k, m = 0,1,...,M — 1, whose basis vectors (rows) are symmetric
and anti-symmetric, i.e.,

M
2

Dkm = Lok M—1—m» bitim = — bkr1iM—1—m.» k, m=0,1,...,——1.

Just C, 1\]4 or v2 C, AI,I is a such matrix. It is well known that the reordered matrix Ty
can be factored into the following (recursive) sparse block matrix factorization [119]
A

Au J

Ay Au Au 0 Iv Ju v =Awu Ju,
. 2 2 2 2 2 2 2 2
TM: == )
By —Buy 0 Bu Ju —In By =By Ju,
2 2 2 2 2 2 2 2
(5.118)

where 1 u is the identity matrix and Ju is reverse ordered identity matrix, both of
order %”, and 0’s are null matrices. Block sub-matrices (A% A%) represent the

even-indexed symmetric basis vectors of T, while block sub-matrices (B% —B%)
represent the odd-indexed anti-symmetric basis vectors of T'.

In summary, (5.116), (5.117), and (5.118) provide the basis in derivation of DCT-
IV/SDCT-II-based MDCT implementations in MP3 [66]. Extracting the %-point
SDCT-II from (5.116) we have

Y
X 7(2n + 1k N
= W V2 - = k=0,1,...,=—1, 5.119
I ;u cos SN | . > ( )

where {u,} is given by (5.117). Equation (5.119) can be represented in the equivalent
matrix-vector form as

[ =+v2C . (5.120)

Further development both for the short and long audio blocks is focused only on the
efficient factorization of SDCT-II matrices +/2 CZ and v/2 CJIIS.

5.4.4.4 Case N = 12 (Short Data Block)

Consider the matrix-vector product (5.120) for the explicit form of +/2 Cg . Since
s

the reordered SDCT-II matrix ~/2 C s can be factored into the sparse block
matrix factorization defined by (5.118), substituting (5.118) into the matrix-vector
product (5.120) we have
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o A
11
(e u
CZ Az 0 Is Js us
R 1. (5.121)
¢y 0 B; Js —I; us
cl3[ Uy
1
Cs Us

where matrices A3 and Bj are, respectively, given by

V2 V2 V2 ﬁcos% 1 ﬁcos%
Az = ﬁcos% O—ﬁcos% , By = —1 —1 1 ,
ﬁcos% -2 «/icos% «/Ecosl”—2 —1 «/Ecossl—’z’

where cos £ = ‘/Tg, cos 3 = % in A;. Further, scaling Cg by +/2 produces a useful

trigonometric identity between two elements of B3 resulting in saving 1 nontrivial
multiplication in the corresponding block matrix-vector product. It is defined as

5 T
2 — =2 — —1. 5.122
V2 cos 7 cos B ( )

Performing sequentially block matrix-vector products on the right-hand side
of (5.121), and introducing a new vector v we get

Vo = Up + us, vy =up +ug, V2 =ux+us,

V3 = Up — U3, V4= U — Uy, V5= Uy— Us, (5.123)
and

CIOI = \/E(Uo-i-l)l + vy),

clzl = \/Ecos% (vg — v2),

CZ = ﬁcos% (vo + v2) — V2 vy,

n

11
¢ = V2 cos - (v3 + vs) — (v3 — vg),

1

3 = —(v3 + v4) + vs,

n

c; = V2 cos 1n_2 (v3 + v5) — (v4 + v5). (5.124)
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Now, from (5.124) we are able to complete an efficient computation of SDCT-
II coefficients {cZ} for the short audio block in the form of the following linear
code:

m1=“/75(v0+v2) my = V2 vy,
msy = \/ECOS% (vg —v2) my = \/ECOSIH—2 (v3 + vs),

Cy = 2 my + myp,

1

c; = my — (v3 — vy),
1

Cy, = ms3,

c3 = —(v3 + v4) + s,

3
o~
I

myp — ma,
cs = my — (V4 + Vs). (5.125)

Equation (5.123) requires 6 additions while (5.125) requires 4 multiplications, 11
additions, and 1 shift (multiplication by 2). Equations (5.123) and (5.125) define the
fast computational structure for the computation of 6-point SDCT-II which totally
requires 4 multiplications, 17 additions, and 1 shift.

Equations (5.116), (5.117), (5.123), and (5.125) define the identical fast computa-
tional structure both for the forward and backward MDCT computations. {y,} given
by (5.36) or (5.47) in (5.117) requires 6 additions, (5.117) requires 6 multiplications,
and (5.116) for the computation of transform coefficients {c, } from {c;:} according
to (5.108) requires 5 recursive additions and 1 shift. Thus, for the short audio block
the forward/backward MDCT in MP3 requires totally 10 multiplications, 28/22
additions, and 2 shifts. The time domain aliased data sequence {x,} is recovered
after the backward MDCT from {y,} according to (5.48).

5.4.4.5 Case N = 36 (Long Data Block)

Now, consider the matrix-vector product (5.120) for the explicit form of v/2 C’,’S.

N
Similarly, the reordered SDCT-IT matrix +/2 C,q can be factored into the sparse
block matrix factorization defined by (5.118), and substituting (5.118) into (5.120)
we have
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1

Co
1
c
2
yi MO
Cy U
)i
C up
1 u
Cg 3
1
Ug
S
)4 u
¢ 5
12
I Ue
c
14 u
11 7
6 Ay 0 Iy Jo ug
— | = — 1, (5.126)
clll 0 By Jo —Iy Uy
1 ulo
C3
C” Z381
5
o up
C7 us
Vi
Co Ui
11 u
cy 15
1 Ule
Ci3
i uy7
Cis
11
€17
where matrices A9 and By are, respectively, given by
1 1 1 1 1 1 1 1 1

T 14 5 1 I 5 b4 14
COs {g Cos & Cos Tg  COS 7¢ O—COSW—COSW—COSK —COS 1g

T T 4 2 2 4 T T
COsy  €Os T —Cos-g —cos g —1 —cos s —cos ‘g cos 3 cos g
T T T T T T
cos ¥ 0 —cosg —cose 0 cosg cos & 0 —cos%

_ 2 b1 big 47 4 14 b4 2
Ag—\/i COS 5 —Cos 3 —COsg  COS g 1 COs -g- —COs G —COS3  COS S

5n n I bid bid In bid 5n
COSW —COSE —COSfS COSK 0 —COSW COSW COSK —COSW

T T T T T T
cos 3 —1 cos 3 cos 3 —1 cos 3 cos 3 —1 cos 3

1

b1 b1 5 5 T
COS g —COS L  COS{g —COS Ig 0

¥4 T ps
COSW —COSW COSg _COSTg

4 biq 2 bid kg 2r bid 4
COS@ —COS§ COST —COS§ 1 —COS§ COST —COS§ COS@
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cos 13%” cos 51—72’ cos % cos 131711 % cos % cos % cos 75 cos ¢
—COSST’Z’ —% —cos {5 —cos 5 —% —cos% cos% % cos 15
cos ‘337;’ cos 75 cos % cos %’ —% —cos 35 —Cos 13'77" cos 51% cos ST’;
—cos%r —cosl’l2 —cos% cos‘;—’g % —005133—6” —cos% —cossl—’z’ cos%
By =2 1 1 -1 -1 1 1 -1 -1 1 |,
—cosé—’g —cos% cos 3¢ —cos%r —% cosg—’g 0051377;’ —cos &5 cosl;—éT
cos%’g —cos%’ —cos% cos 3¢ —% —cosl%é’ cos% —cos {5 cos%’
—cos 5 # —cos% —cos% # —cos 5 cos 5 —% cos%
cos 3 —cos 5 cosi—’é —cos% % —coslg—” cos%T —cossl—’z’ coslz—g’

Performing the product of the rightmost block matrix with vector u’ on the right-
hand side of (5.126), and introducing a new vector v we get

Vo = U + U7, VI = Uy + U, V2 = Uy + Ujs,
V3 = U3+ Uia, V4 =uUg+ Uz, V5 = Us + U,
Ve = Ug + U1, V7 = U7+ Up, Vs = Ug+ U, (5.127)
Vg = Ug — Uy, Vip = U7 —Uyo, Vi1 = Ug — U]y,

Vig = U5 — U2, Vi3 = Ug — U3, Vig = U3 — Ul4,

Uis = Uy — U5, Vie = U1 — Ui, V17 = Uy — U17.

Equation (5.127) requires 18 additions. Let us investigate the matrix Ag.
Considering the central (5th) column of Ag only, with respect to (5.126)
the product of Ag with the first half of vector v given by (5.127), i.e.,
Ag [vg, v1, vy, V3, U4, Vs, Vg, U7, Ug]T results in values ++/2 vy for
the even-indexed transform coefficients cg, CZ, cg, c’llz, c’1’6. On the other
hand, if we perform the scalar product of the first row of Ag with vector
[1})10, Vi, VU, V3, V4, Vs, Vg, U7, Ug]T we obtain directly the transform coefficient
C, as

Cg = \/5 [(Uo + l)g) + (U] + 1)7) + (U2 + U()) + (U3 + 1)5)] + \/5 V4. (5128)

Elimination of the first row and of central (5th) column from Ag leads to an 8 x 8
square matrix whose basis vectors (rows) are again symmetric and anti-symmetric.
Consequently, the resulting reordered 8 x 8 matrix can be factored into the sparse
block matrix factorization (5.118) as
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1
Cy —/2 V4 Vo
1
Cg ﬁ Vg U1
11
Ciy —+/2 V4 vy
61116 V2 v, E; 0 I, J4 V3
— | = - + —— 1, (5.129)
Clzl 0 0 F4 J4 —14 Vs
1
Co 0 Vs
Clllo 0 v7
611,4 0 vs
where matrices E4 and F4 are, respectively, given by
T \/5 4 2
2 —  — =42 — —/2 —
f cos 9 2 \/_ cos ) cos 9
2 «/5 T 4
2 — —— =42 — 2 —
\/_ coSs 9 > cos 9 \/_ cos 9
E, = ,
2 2 2
V25 V2 V2
2 2 2
dr 2 21 b4
2 —_——— 2 — =2 —
\/_ cos 9 2 \/_ cos 9 cos 9
ﬁ cos I ﬁ cos o ﬁ cos d «/5 cos il
18 18 6 18
T
—+/2 cos — —+/2 cos — 0 ﬁcosz
F, =
T T T 5w
2 — —4/2 — —/2 — 2 —
\/_ cos T cos T cos G \/_cos 3
5w T T Wk
—/2 — 2 — —4/2 — 42 —
cos 13 «/_ cos 13 cos G \/_ cos 13

Performing the product of the rightmost block matrix with vector v/ on the right-
hand side of (5.129), and introducing a new vector w we get

wo = Vo + Vg, Wi =+ V7,
W4 = U4,
W5 = U3 — Us, We = V2 — Vg,

Wy =V + Vs, W3 = U3+ Vs,

(5.130)

wy vy — V7, wg Vo — Vs,
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Equation (5.130) requires eight additions. Now, it remains for us to evaluate the
computation of even-indexed transform coefficients {Clzlk}, k=20,1,...,8,and to
evaluate the products of matrix E4 with the first half of vector w” (including the
component wy) given by (5.130), and of matrix F4 with the second half of vector
w’ given by (5.130).

At first, consider the matrix-vector product E4 [wo, wy, wa, w3]”. Taking into
account (5.128) for the transform coefficient cg, and using the trigonometric identity

4 2
x/zcos?n =2 (cos;—cosg),

after some algebralc manipulations for the even-indexed transform coefficients
11 11 11

Co» C4» Cg, Cpps Crq, WE gL

i

o :2§ (W0+W2+W3)+\/§W1+\/§W4,

c, = V2 cos%(wo—wz)+\/§cos%(wz—m)-i-\/?zwl—ﬁwdﬂ
cg = 2COS%(Wo—W3)—\/§COS%(Wz—W3)—?W1+\/§W4,
Clzz%z(W0+W2+W3)—\/§W1—\/§W4,

2 2
Cle = V2 cos% (Wo—W3)—\/§ cos?n (wo—wz)—g w1 + V2 wa.
(5.131)
Noting that (wg — w3) = (Wwg — w») + (W2 — W3) we can generate an efficient

computation of transform coefficients cO, c4, c8, C127 cm, in the form of the
following linear code:

my = 5= Wy,
m3_\/§W47
e = my — m3 f=2my+ms,

my = \/fcos (wo — wn),
ms = \/ECOS (W2 W3),

Mg = 2 COS (Wo — W3)
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CO :2ml+f7
C4 :m4+m5+€,

/4
Ccg = Mg +my — e,

n
cp =m —f,
n

Clg = M5 — Mg — €. (5.132)

Equation (5.132) requires 6 multiplications, 15 additions, and 2 shifts (multiplica-

tions by 2).

Now, consider the matrix-vector product F, [ws, ws, wy, wg]". Using the
trlgonometrlc identity (note that cos {5 = sin 4;7 , Cos Sl—g = sin 2;’ , cos 717§ =
sin )

5
2 Al L -
\/_cos =2 (cos T cos 18)

after some algebralc manipulations for the even-indexed transform coefficients
n n n
Cy, Cg» Cpos Crar WE get

5
¢, = 2COS%(W5+W8)—\/§COS%(W5—W6)+«/§COS%W7,

b1
ce = V2 cosg (—ws — we + wyg),

5
Cio = 2C05%(WS_W6)+\/§Cos%(WG‘i‘Wg)—ﬁCOS%W%

5
clll4 =2 cos% (we + wg) — V2 cos% (ws + wg) — V2 cos% wr.
(5.133)
Similarly, noting that (ws + wg) = (w5 — wg) + (w6 + Wg) we can generate an
11 11

efficient computation of transform coefficients c,, cG, clo, ¢4 in the form of the
following linear code:

F14
my = ﬁcosz w7,

T
my = v/2cos r (—ws — wg + wy),

nmsy = \/ECOS;T—S (W5 _Wﬁ),
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S5
my = V2 cos T (we + ws),

7
ms = \/50081—7; (W5 + Wg),

Cy = ms + my + my,
Ce = My,

Clg = M3 + my — my,

1

Cly = M5 —mz —mj. (5.134)

Equation (5.134) requires 5 multiplications and 11 additions. Thus, the evaluation of
block matrix-vector product (5.129) for the computation of even-indexed transform
coefficients {clzlk}, k = 0,1,...,8, according to (5.130), (5.132), and (5.134)
requires totally 11 multiplications, 34 additions, and 2 shifts.

Finally, for the computation of odd-indexed transform coefficients {clzlk k=
0,1,...,8, consider the product of matrix By with the second half of vector v
giVCH by (5.127), i.e., By [1)9, V10, V11, V12, V13, V14, V15, V16, U17]T. At first, we
partition the matrix By into two parts. The first part consists of the 2nd, 5th, and 8th
rows of By corresponding, respectively, to transform coefficients c131, cg, clll5 in the
matrix-vector product. Performing sequentially scalar products of the 2nd, 5th and
8th rows of By with the vector [vy, v, V11, V12, V13, V14 V15, Ule,
v17])7, and using the trigonometric identity (5.122), after some algebraic manipula-
tions we get

)is b
c3 = V2 cos D (—v9 — Vi1 — V12 — V14 + V15 + v17)

+(vo — vip — V13 + V14 — V15 + Vi6),
co = (V9 + Vip — Vi1 — V12 + V13 + Vs — V15 — Vig + V17),
s
c;5 = V2 cos D (—v9 — Vi1 — V12 — Vig + V15 + v17)

+(vio + Vi1 + V12 + V13 — Vi — V17). (5.135)

From . 134) we can generate an efficient computation of transform coefficients
n

c3 . Cy, c1 5, in the form of the following linear code:

e = Vjo + Vi3 — V16, f=v9+vig—vis5, g = Vi1 + V12 — V17,
my =—~2 cos 35 (f + g,
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1

¢ =m —e+f,
cg =e+f—g,
clll5 =m +e+g. (5.136)

Equation (5.136) requires 1 multiplication and 13 additions. Further, noting that the
2nd, 5th, and 8th columns of By (corresponding to the components vjg, vi3, V¢ Of
vector v7) is composed from elements ++/2 cos 51—7;, +1, and +4/2 cos %, again
using the trigonometric identity (5.122), remaining matrix-vector product can be

represented as

T
S V2 cos & (vig + v16) — (V1o — V13)
1
Cs V2 cos & (vig + vi6) — (V13 + V16)
n
c; | _ | =V2 cos 5 (vio+ vie) + (V13 + vie)
n -
Cy —+/2 cos 5 (vio + vig) + (Vio — V13)
11
13 —v/2 cos {5 (vig + vi6) + (Vio — v13)
n
Ciy —+/2 cos {5 (vio + vie) + (V13 + V16)
177 137 117 T Sn g
COS 36 COS 36 COoS 36 COS 36 COS 36 COS 36
137 T 17 g 117 S5
cos 57 COS ¢  COS 3F  —COS 32 —COS 3 COS 3¢ Vo
lix 17 5% 137 x Ix vi
—COSW —COSY COS% —COS? —COS% COS% Vi
+2
T T 137 5 177 11w Vi4
— COS 36 COS 36 COoS 36 COS 36 COS 36 COS 36 .
15
5 117 T 17 T 137
ST x o Uz I 13x v
COS 3¢ —COS 32 COS 3¢ —COS 3¢ COS 5¢ €OS =3¢ 17
cosf—6 cosg—’é —cosg—’g —coslg—g coslg’—g coslg—g
(5.137)
Substituting the following trigonometric identities
T 21 5m
ﬁcos—zcosz—”—i—coss—”, V2 cos ZZ = cos =— — cos —,
36 9 18 36 9 18
5m T T
ﬁcos%zcos%—i—cos%, \/Ecoslf—gzcos§—cosﬁ,
I 4 T
ﬁcos%zcos%’—i—cos%, ﬁcos%—é’:cos?—cosﬁ,
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into the matrix on right-hand side of (5.137), performing the matrix-vector product,
and then using the trigonometric identities

4 T 2 i T 5m
COS — = COS — — COS —, COS — = COS — — COS —,
9 9 9 18 18 18

after ngorous algebralc manipulations, for the odd-indexed transform coefficients
n n
¢y, Cs, c7, 611,613, c17, we finally obtain

Vi V4
¢, = V2 cos - (vio + vi6) — (V1o — V13)
T 2
+cos 5 (11 — V12 + V14 + vy5) + cos > (v9 + V12 — V14 + V17)

b4 5m
_COSI_ (Vi1 — V12 — V14 — V15) —cosﬁ (vg — V11 + V15 — V17)

T
c; = V2 cos T (vi0 + v16) — (V13 + vi6)

T 27
+ cos 9 (v9 + vi1 + V15 + v17) —cos 5 (i1 —vi2 + vig + v15)

T 5w
—Cos 13 (v9 — Vi1 + vi5 — v17) + cos s (vg — V12 — V14 — Vy7)

T
c; = —~/2 cos 2 (vio + vi6) + (V13 + vi6)
T 2
+cos o (v9 + vi2 — V14 + v17) — COs 5 (V9 + i1 + V15 + v17)
T S5
— COS 1_ (U9 —Vip — V4 — v17) + cos ﬁ (v11 — V12 — Vg — UIS)
I v
¢y = —~2 cos 7 (vio + vi6) + (vio — v13)
T 2w
—cos g (v9 + vi2 — vig + v17) + coS ) (Vo + vi1 + vis + v17)

T 5m
—Cos 1_8 (v9 — V12 — V14 — v17) + cos 1_8 (Vi1 — V12 — V14 — V15)

n

T
Ci3 = —/2 cos 12 (vio + vi6) + (V1o — v13)

T 2
+ cos 9 (vo 4+ v11 + V15 + v17) — cos ) (vi1 —vi2 + vig + vis)

/4 5
+ cos E (129 — V1] + U5 — U]7) — COS E (Vg — V12 — V14 — V17)
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u

7
17 = —~/2 cos D (vio + vie) + (V13 + V16)

T 2
+ cos 5 (vi1 —vi2 + vi4 + vi5) + cos 5 (vo 4+ V12 — vig + v17)

51
+ cos ﬁ (Vi1 — V12 — V1s — V15) + cos T (vg — V11 + V15 — V17).

(5.138)
Noting that

(v9 + vi1 + vi5 + v17) = (Vi1 — V12 + Vig + V15) + (V9 + vi2 — V14 + V17),
= [(vi1 — v12) + (Vig + v15)] + [(v9 + v12) — (V1s — Vi7)],

(v9 — V12 — V14 — v17) = (V11 — V12 — V14 — V15) + (V9 — V11 + V15 — V17),

= [(vi1 = v12) — (V14 + V15)] + [(V9 — v12) + (V15 — V17)],

from (5 138) we can generate an efficient computation of transform coefficients
i i /4
c, c5, cq, cl 1+ C13s 017’ in the form of the following linear code:

my = /2 cos 5 (V10 + vi6)s

d = my — (vip — v13), e=my— (Vi3 + vie),
P = V11 — V12, q = V14 + V15,

r = V9 + V12, § = Vg — V17,
a=p-+gq, b=r—s,

m3 = cos 3 a,
m4:cos2” b,
m5:cos—(a—|—b)

f=mz+ my, g = ms + my, h = ms — m3,
r = V9 — V12, § = V15 — V17,

a=p—q, b=r+s,

me = cosﬁa

my; = cos—b

mg = —cos 1% 5 (a+Db),
i=m6+m7, Jj = mg + mg, I =mg—my,
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1

¢, = d+f—i

1

;= e+g+],

n

;g =—e+h+1,

n

¢y =—d—h+1,

n

c3=—d+g—],

n

Cly=—e+f+i. (5.139)

Equation (5.139) requires 7 multiplications and 35 additions. Thus, the evaluation
of block matrix-vector product By [vg, V19, V11, V12, V13, VU1a, V15, Uie, v17]T
for the computation of odd-indexed transform coefficients {clzlk +1}, k=0,1,...,8,
according to (5.136) and (5.139) requires 8 multiplications and 48 additions.
Equations (5.127), (5.130), (5.132), (5.134), (5.136), and (5.139) define the fast
computational structure for the computation of 18-point SDCT-II which requires
totally 19 multiplications, 100 additions, and 2 shifts.

Equations (5.116), (5.117), (5.127), (5.130), (5.132), (5.134), (5.136),
and (5.139) define the identical fast computational structure both for the forward
and backward MDCT computation. {y,} given by (5.36) or (5.47) in (5.117) requires
18 additions, (5.117) requires 18 multiplications, and (5.116) for the computation
of transform coefficients {C;(V} from {CZ} according to (5.108) requires 17 recursive
additions and 1 shift. Thus, for the long audio block the forward/backward MDCT
in MP3 requires totally 37 multiplications, 135/117 additions, and 3 shifts. The
time domain aliased data sequence {,} is recovered after the backward MDCT
from {y, } according to (5.48).

5.4.5 MDCT Efficient Implementations Based on the Evenly
Stacked MDCT

Another class of developed efficient MDCT implementations in MP3 [26, 39, 64]
is based on a relation between the MDCT block transform given by (5.9) and the
corresponding evenly stacked MDCT block transform [137]. Note that the forward
and backward MDCT block transforms given by (5.9) and (5.10), respectively,
represent the oddly stacked MDCT block transforms. Although the oddly stacked
MDCT [7] and evenly stacked MDCT [137] are quite different TDAC filter
banks, there exists a close relation between them, and consequently, the efficient
computation of oddly stacked MDCT can be realized via the evenly stacked MDCT
and vice versa only by simple pre- and post-processing of input and output data
sequences [26]. This fact allows to handle evenly and oddly stacked MDCT block
transforms in a unified framework.
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Let {x,}, n = 0,1,...,N — 1 be an input data sequence. The forward and
backward evenly stacked MDCT block transforms are, respectively, defined as
[26, 137]

N—1
I N N
=5y L cos[}%(Zn—i—l—i—E) k], k=01...3-1 ¢y=0

n=0
(5.140)
-1

E 1 E b g N

X =1/ — € cos| —=(2n+1+—) k|, =0,1,...,N—1,

Py ,/Nk;kck [N( 2)} "
(5.141)

where g = 1 fork = 0, ¢, = 2 fork = 1,2,...,%—1,and {&Z}is the time domain

aliased data sequence. Using trigonometric identity cos(a + ) = 2cosa cos f —
cos(a — B) to the oddly stacked MDCT transform kernel given by (5.9), setting
a=52n+1+ g)k and B = 55(2n + 1 + %’), we get the relation between the
unnormalized oddly and evenly stacked MDCT block transforms defined as [26]

= bid N T N
ckzz 2 x, cos N 2n+1+5 cos N 2n+1+5 k| —ci—1,
n=0

N
"2

k=0,1,... -1, (5.142)

where the transform coefficients {c;} and {ci} satisfy the following conditions:

2¢0=1c, if k=0,

e+ oot =cp. if k> 0. (5.143)

Thus, the N-point oddly stacked MDCT is converted to the evenly stacked MDCT
of the same size at the cost of additional N pre-multiplications and N — 1 recursive
post-additions. This relation is quite similar to that of between the DCT-IV and
the DCT-II given by (5.106) and (5.108). Hence, an efficient implementation of
the oddly stacked MDCT in MP3 relies on a suitable fast algorithm for the evenly
stacked MDCT computation valid for N being an even integer. Some fast algorithms
for the evenly stacked MDCT computation are presented in [118].

Now consider the efficient computation of the forward evenly stacked MDCT
given by (5.140). Applying a permutation defined as [39]

Yn = (5.144)
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and using the symmetry property of the cosine transform kernel, (5.140) can be
rewritten as

N

N—1 5—1
P 7(2n + 1)11 7(2n + Dk
Cp = Zyn COs |:— = Z(yn +yN—l—n) COS [ ———~—~— |-
n=0 N n=0 Z(N/Z)
N
k=0.1....2 -1 (5.145)

The transform kernel in (5.145) is recognized as an %’—point DCT-II. Finally,
combining (5.144) and (5.145) we get

¥y
2
E w(2n + )k N
Ckzzyn COS[w}, k=0,1,...,5—1, (5.146)
n=0
where
x%+n+x%flfn’ nzovla”w%[_l,
Vp = (5.147)
_ NN N
xn—% +'XSTN—1—n’ n-z,z‘i‘l, ,7—1

Equation (5.146) implies that the N-point forward evenly stacked MDCT given
by (5.140) is converted to the %-point DCT-II of the data sequence {y,} defined
by (5.147). Because we need a suitable even-length fast DCT-II algorithm, further
development is simply based on (5.109)—(5.111) by substituting M = % and
Uy =y form = n.

Since the transform kernel of the evenly stacked MDCT is not symmetric,
efficient computing the backward evenly stacked MDCT given by (5.141) can be
realized by reversing a signal flow graph for the forward evenly stacked MDCT
computation and performing inverse operations. Note that if backward evenly
stacked MDCT computation is only required, then MDCT coefficients in (5.141)
should be scaled by €.

5.4.5.1 MDCT Efficient Implementation Based on the Evenly Stacked
MDCT [39, 64]

Referring to (5.146) and (5.147), substituting M = %] and m = n into Egs. (5.109)
and (5.110) we have

N
¥

Vi 2n + 1)k
- B om0

n=0
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4

I X w(2n+ 1) 7(2n + 1)k u
Copyy = ZO |:2 (u,, - ”%—1—,1) cos N i| cos |: 2(N/4) i| — Cop_1>
N
k=0,1,...,z—1, (5.148)

and the evenly stacked MDCT transform coefficients {ci} are obtained from (5.111)
by setting ¢, = ¢, and ¢, = &, Note that (5.113) and (5.148) are identical.
However, the data sequence {u,} defined as

—2 cos T2 (x%ﬁw_l_n)» n=01,..., %1,
Uy = (5.149)

7 (2n+1) . _ N N _
ZCOST (xn_% x%_l_n>, n=7z —i—l,...,2 1,

&=z

’

is obtained by incorporating the terms 2x;, cos [%(2}1 + 1+ %V] from (5.142) for n
equal to % + n, % —1—nandn— %’ into the permutation (5.147). The final oddly
stacked MDCT coefficients {c;} are obtained from (5.143). The corresponding
regular signal flow graph for the forward MDCT computation in MP3 based on the
evenly stacked MDCT for N = 12 is shown in Fig.5.16. The backward MDCT
computation can be realized simply by reversing the signal flow graph for the
forward MDCT computation and performing inverse operations. The optimized
efficient 3/9-point DCT-II and DCT-III modules are presented in Appendix D.4.

The total computational complexity of the forward MDCT is 3%’ multiplications
and 7% —2 additions (5% —2 additions for the backward MDCT) plus the arithmetic
complexity of two identical %’—point DCT-1II/DCT-HIII modules. Thus, for the short
block the forward/backward MDCT computation in MP3 requires 11 multiplica-
tions, 27/21 additions, and 4 shifts, while for the long block the forward/backward
MDCT computation requires 43 multiplications, 129/111 additions, and 6 shifts.

The efficient MDCT implementation based on the evenly stacked MDCT can
be further improved in terms of the structural simplicity. Comparing the data
sequence {u,} given by (5.149) with that of defined in (5.112) and (5.113)
for the DCT-IV/DCT-II-based efficient MDCT implementation, one can observe
that they generate the same permuted data sequence (see Figs.5.14 and 5.16).
This fact indicates that there exists a close relation between those two different
efficient MDCT implementations. Therefore, the signal flow graph identical for the
forward/backward MDCT efficient implementation shown in Fig.5.14 can be also
used for the forward/backward MDCT efficient implementation based on the evenly
stacked MDCT. With respect to (5.149) and Fig. 5.14, the time domain aliased data
sequence {Xx,} is recovered after the backward MDCT from {y,} as

A A N
Xy, = XNy, = Y, n=0,1,...,z—1,
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Fig. 5.16 Signal flow graph for the forward/backward MDCT computation for N = 12 based on
the evenly stacked MDCT

N N N
——=4+1...,—=—1. (5150
YRaRl > ( )

5.4.5.2 MDCT Efficient Implementation Based on the Evenly Stacked
MDCT [26]

Complete formulae of a refined fast algorithm for the evenly stacked MDCT
computation are given by [26, 118]

N
¥

i L 7(2n + 1)k
o= 0 X () eos| "o |

n=0
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E _ ()i X 5 w(2n+ 1) w(2n + )k E
Cy g = (=1) 2 I COS g | COS I Ny ¥ okt
N
k=0,1,...,——1, (5.151)
4
where
4 N
L =2x, Z(on+14+2)], =0,1,...,N—1,
y X cos[zN(n+ +2)} n
/ 4 N
Yo = Yn = YN—1=ns  Yp = Yn + YN—1-n, n=0,1,...,§—1,
’ ’ N
2= (=1)" (yn+yﬂ_1_), n=0,1,..., ~—1. (5.152)
2 n 4
The transform coefficients {c};} and {c[kl} satisfy the following conditions:
v, =(=D¥2cy_  if k=0,
27 4
‘E E _ N_k i .
Cy oy g =€y = DV ey i k>0, (5.153)

The final oddly stacked MDCT coefficients {c;} are obtained from (5.143). The
corresponding regular signal flow graph for the forward MDCT computation in MP3
based on the evenly stacked MDCT for N = 12 is shown in Fig. 5.17. The backward
MDCT computation can be realized simply by reversing the signal flow graph for
the forward MDCT computation and performing inverse operations. The optimized
efficient 3/9-point DCT-II and DCT-III modules are presented in Appendix D.4.
The total computational complexity of the forward MDCT is 5% multiplications
and 9% —2 additions (7% —2 additions for the backward MDCT) plus the arithmetic
complexity of two identical %’-point DCT-1I/DCT-IIT modules. Thus, for the short
block the forward/backward MDCT computation in MP3 requires 17 multiplica-
tions, 33/27 additions, and 4 shifts, while for the long block the forward/backward
MDCT computation requires 61 multiplications, 147/129 additions, and 6 shifts.

Note 19: Twiddle factors 2 cos [%(Zn + 14 %] applied to the data sequence
{x,} can be effectively absorbed into the windowing operation in the complete
analysis/synthesis MDCT (MLT) filter banks.

5.4.6 Mixed-Radix Efficient MDCT Implementations

Mixed-radix fast MDCT algorithms or fast MDCT algorithms for the composite
lengths [28, 44, 60, 67, 68] are obtained by the combination of radix-g fast
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Fig. 5.17 Signal flow graph for the forward/backward MDCT computation for N = 12 based on
the evenly stacked MDCT

algorithms (g is an odd integer) and radix-2 fast algorithms. For a particular
radix number g, the radix-q fast algorithms recursively divide the entire transform
computation into g shorter ¥-point transforms. The computation of higher-order
transforms is obtained by the recursive reuse of lower-order transforms. A general-
ized mixed-radix decomposition method for the composite lengths N = ¢ x 27,
m, p > 0, is described in [114]. It enables to optimize the performance of such
algorithms in terms of the arithmetic complexity during the decomposition process
for some special lengths [114].

Note 20: Importantly, the strictly radix-g fast MDCT algorithm cannot be con-
structed, since from the MDCT definition it follows that g™ is not divisible by 2.
Therefore, for the MDCT only mixed-radix fast algorithms may be constructed.
Among the proposed mixed-radix fast algorithms which can be adopted for
the efficient MDCT implementation in MP3 are three mixed-radix fast MDCT
algorithms: the first one with ¢ = 3 obtained by the decimation in frequency (DIF)
method for the composite lengths N = 3™ x 27, m, p > 0 [28, 60, 68], the second
one obtained by the decimation in time (DIT) method for the composite lengths
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N =3"x27, m>0,p > 1[67], and the third is a generalized mixed-radix MDCT
algorithm for composite lengths N = ¢" x 27, m > 0, p > 1, where ¢ = 3, 5, and
9 [44].

5.4.6.1 DIF Mixed-Radix Fast MDCT Algorithms [28, 60, 68]

Based on [60, 68] complete formulae of the improved and extended DIF mixed-
radix fast MDCT algorithm [28] for the composite lengths N = 3" x 2”, m, p > 0,
are given by

N
L

TS [x%_l_n— (szN_l_n—xN_l_,,)] cos [2(;/3) (2n+1+N) (2k+1)]

n=0

c3 = ax + b,

C3k+2=ak—bk, kIO,],..., —], (5154)

where

¥
3 [u L, 7@t ) L?COS 7(2n + 1)}

a = — —si Uy
2 N 2 N
n=0
T 2N N
X —2n—1 2k + 1
Cos[z(zv/s)( T )( i )]
o Qn+ 1) V3 a@n+1)
7(2n 7(2n
by = (=¥ —cos——— 2 4y, —sin——~
k=D ;[ 2 ) N }
X 1 2k+ 1)1,
cos|:2(N/3)(n+ + )( + ):|
k=0,l,...,g—l, (5.155)
and
=2 = =0,1 N 1
U, = xn+x%+n—x%+n, vn—x%+n+x%+n, n=20, 3— .

(5.156)



290 5 Efficient Implementations of Cosine-Modulated Pseudo-QMF and MLT...

Thus, the forward N-point MDCT is obtained from the computation of three %’-point
MDCTs. The cosine transform kernel in the first sum of (5.155) is recognized as the
MDCT kernel in reverse order, whereby cos gy _;_,;, = (- D sin ¢, 4.

Since the short and long block sizes in MP3 are the composite lengths N = 3" x4,
m > 0, their DIF mixed-radix decompositions are, respectively, given by

N=12=3x2>=3x4,
N=36=3x22=3>x4=3x3x4) =3x12. (5.157)

From DIF mixed-radix decompositions (5.157) it can be seen that the 12-point
MDCT is decomposed into three 4-point MDCTs, and 36-point MDCT into three
12-point MDCTs. In general, the computational complexity of improved DIF
mixed-radix fast MDCT algorithm [28] for the composite lengths N = 3" x 27,
m, p > 0, is associated with the value of p. For the composite lengths N = 3" x 4,
m > 0, the multiplicative complexity can be reduced as follows. For the value of
n= %(% —1) the angle is 7, and the expressions between square brackets in (5.155)
are:

1 3 2
Up— sinz - v,,£ cos T \/T— (un — «/51),1) ,

2 4 2 4
1 3 2
M"E cos% + vn§ sin% = % (un + «/§v,,) ,

requiring three multiplications and two additions (instead of four multiplications
and two additions), hence saving one multiplication. Then, the total arithmetic
complexity (My are multiplications and Ay are additions) is given by [28]

4N 8N .
MN=3XM%+T—1, AN=3XA%+T, with My =3, Ay =5,

where %’ multiplications by 2 are counted as additions which can be efficiently
implemented as shift operations. The regular signal flow graph for the forward
MDCT computation for N = 12 is shown in Fig.5.18. The backward MDCT
computation can be realized simply by reversing the signal flow graph for the
forward MDCT computation and performing inverse operations. The required
optimized efficient forward/backward 4 /2-point MDCT modules are presented in
Appendix E.1. The total arithmetic complexity of the forward 12-point MDCT is
24 multiplications and 47 additions, whereby 4 multiplications by 2 are counted
as additions. Since the forward 12-point MDCT is recursively reused for the
forward 36-point MDCT, the total arithmetic complexity of the forward 36-point
MDCT computation is 119 multiplications and 237 additions, whereby similarly 24
multiplications by 2 are counted as additions. The backward MDCT computation

requires exactly %’ less additions than that of the forward MDCT.
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Fig. 5.18 Signal flow graph for the forward MDCT computation for N = 12 (3 X 4 mixed-radix
decomposition) based on the improved DIF mixed-radix fast algorithm [28]

Note 21: When the terms ~/3v, are considered to be precomputed, then (5.155)
can be alternatively implemented by the bilinear computational structure (see
Appendix F.3) as

7@ntl) 1 o x2nl)
2 COS —+— N 5 Sin - N \/§Un N
) n= 09 17 ) g - 17
1 iy 7@ntl) 1 w(2n+1)
3 s -~ 2 Ccos -~ uy
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Fig. 5.19 Signal flow graph for the optimized forward MDCT computation for N = 12 based on
the improved DIF mixed-radix fast algorithm [28]

however, at the cost of %V more additions. In the bilinear computational structure all
the multiplications are independent and can be realized concurrently (preferred in
hardware implementations).

The multiplicative complexity as well as the number of unique nontrivial angles
for the forward 12-point MDCT computation based on the improved DIF mixed-
radix fast MDCT algorithm can be further reduced by an optimization procedure
[28] which is valid only for N = 12. The corresponding regular signal flow graph
for the optimized forward 12-point MDCT computation is shown in Fig. 5.19. The
optimized computation of the forward/backward 12-point MDCT requires totally
21 multiplications and 53/47 additions, wherein 4 multiplications by 2 are counted
as additions. Since the forward/backward 12-point MDCT is recursively reused for
the forward/backward 36-point MDCT computation, the total arithmetic complexity
of the forward/backward 36-point MDCT computation is 110 multiplications and
255/237 additions, whereby 24 multiplications by 2 are counted as additions.
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5.4.6.2 DIT Mixed-Radix Fast MDCT Algorithm [67]

Complete formulae of the DIT mixed-radix fast MDCT algorithm for the composite
lengths N = 3" x 2P, m > 0, p > 1, are given by [67]

[ 72k + 1) w2k +1) :|
k= e+ |cos——— — &>

N Ji + sin N

N 1 cos 7(2k + 1) fi 4 sin 7k + 1)
C = —¢ — _— _—
Nk k B N k N 8k
V3 “in 7 (2k + 1) £ — cos 72k + 1)
) N k N 8k | »

_ 1 w2k + 1) . w(2k+1)
c%+k——ek+z CosTfk—I-sngk

+f n (2k+1)f cosyr(2k+1)
) N k— N 8k |
N
k=0.1,....2—1 (5.158)

where

L

ey = ZX3n+1 cos |:2(N/3) ( +1+N) (2k+1)i|

n=0

Je= g (X3n + X3n42) cOS [2(N/3) (2 +1+ N) (2k + 1)]

8N 1k = Z(‘UH% (X3n — X3n42) COS [2(;/3) ( +1+ N) 2k + 1)}

n=0

k=0,1,...,— -1 (5.159)

N
6
Thus, the forward N-point MDCT is again obtained from the computation of three
%V-point MDCTs. The input data sequence {x,} is reordered into three sub-sequences
{x3n+1}’ {)an} and {x3n+2}’ n=0,1,..., - L.

Similarly, since the short and long block sizes in MP3 are the composite lengths
N = 3" x 4, m > 0, their DIT mixed-radix decompositions are the same as DIF
mixed-radix decompositions given in (5.157). Further, for the composite lengths
N = 3" x 4, m > 0, the multiplicative complexity of the DIT mixed-radix fast
MDCT algorithm can be reduced as follows. For the value of k = %(%’ — 1) the
angle is Z, and from (5.158) we have
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1( nf+,7r )
— (cos — sin —
2 g JE TSI sk

4

3
\/7— (sin%fk—cosz gk) = cos%cos% (fi — gr),

1 T
Scos o (fx + gx),

requiring two multiplications and two additions (instead of four multiplications
and two additions), hence saving two multiplications. Then, the total arithmetic

complexity is given by [67]

2N 5N .
MN=3XM%+T—2, AN=3XA%+T, with M, =3, Ay =5,

plus % shift operations. The regular signal flow graph for the forward MDCT
computation for N = 12 is shown in Fig. 5.20. The backward MDCT computation
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Fig. 5.20 Signal flow graph for the forward MDCT computation for N = 12 (3 X 4 mixed-radix

decomposition) based on the DIT mixed-radix fast algorithm
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can be realized simply by reversing the signal flow graph for the forward MDCT
computation and performing inverse operations. The required optimized efficient
forward/backward 4/2-point MDCT modules are presented in Appendix E.I.
The total arithmetic complexity of the forward/backward 12-point MDCT is 15
multiplications, 35/29 additions and 2 shifts. Since the forward/backward 12-point
MDCT is recursively reused for the forward/backward 36-point MDCT, the total
arithmetic complexity of the forward/backward 36-point MDCT computation is 67
multiplications, 165/147 additions, and 6 shifts.

5.4.6.3 Combined DIF Radix-2 and DIT Mixed-Radix Fast MDCT
Algorithms [44, 67]

In principle, the mixed-radix decomposition process can start with any radix
number. However, a lower count of arithmetic operations is achieved, if the
decomposition process starts with the smallest radix number, i.e., with the radix-
2 [114]. A such DIF radix-2 recursive fast MDCT algorithm for any even-lengths N
divisible by 4 has been proposed in [67].

Complete formulae of the DIF radix-2 fast recursive MDCT algorithm for the
even-lengths N divisible by 4 are given by [67]

-1
% = (—1)Lk+TlJ Zxr) cos [2(;/2) (2n +1+4 ) 2k + 1)]

n=0

O ZxN - [2(1\7;/2) ( ”+1+N) (2k+1)}

N
k=0,l,...,z—l, (5.160)

where | . | is the lower integer part of argument, and the terms {x } {x(,l;) - }are

given by
2n+1 . w(2n+1 oy
(xn—x%_l_n) cos ”(2"—1\,)+ (xgﬂ—i—x;v_]_,,) sin %, if k is even,
(k)
x, =
. 7(2n+1) 7(2n+1) . .
— (xn—x%_l_n) sin =5y—+ (x%+,l+xN_l_n) Cos =5y, if k is odd,
— (xn — x%_l_n) sin ”(22"7;1) + (x%_,_n + xN_l_,,) cos "(2;7;1), if k is even,
(k)
Xy
2

(x,, XN ,,) cos %,\J,H) + (x%+,, + xN_l_,,) sin %j” if k is odd,
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n=01 T (5.161)

The radix-2 recursive fast MDCT algorithm decomposes an N-point MDCT into
two g—point MDCTs. The decomposition process is recursively repeated until
the lower-order even-length MDCTs remain (3" x 2°~")-point MDCTs for the
composite lengths and 4-point MDCTs for the 27-lengths. Equation (5.161) defines
the block of % Givens—Jacobi rotations.

In general, for the composite lengths N = 3™ x 27, m, p > 0, the total arithmetic
complexity of the DIF radix-2 recursive fast MDCT algorithm is given by [67]

3N 5N
MN=2XM¥+T, AN=2XA%+T

Since the short and long block sizes in MP3 are composite lengths N = 4 x 3™, m >
0, being even-lengths, their corresponding radix-2 decompositions are, respectively,
given by

N=12=2"x3=2x(2x3)=2x6,
N=36=2"x3"=2x(2x3%)=2x18. (5.162)

From radix-2 decompositions (5.162) it can be seen that the 12-point MDCT is
decomposed into two 6-point MDCTs, and the 36-point MDCT into two 18-point
MDCTs. The forward 18-point MDCT can be generated from the improved DIF
mixed-radix fast MDCT algorithm given by (5.154), (5.155), and (5.156) by recur-
sively reuse three forward 6-point MDCTs (3 x 6 mixed-radix DIF decomposition
with Mg = 1, Ag = 6 plus 1 shift). Its arithmetic complexity is 21 multiplications,
66 additions, and 2 shifts. Therefore, for such efficient MDCT implementation in
MP3 we need two separate computational structures, one for the 12-point MDCT
and one for the 36-point MDCT without the possibility to reuse 12-point MDCT for
the 36-point MDCT computation. The total arithmetic complexity of such forward
36-point MDCT implementation is shown in Table 5.1.

The MDCT algorithm with radix-2 decomposition for N = 12 = 2 x 6 leads
to the regular signal flow graph for the forward 12-point MDCT computation
shown in Fig.5.21. The backward MDCT computation can be realized simply by
reversing the signal flow graph for the forward MDCT computation and performing
inverse operations. The required optimized efficient 6/3-point MDCT modules are
presented in Appendix E.2. Efficient implementations of Givens—Jacobi rotations
are presented in Appendices F.2 and F.3. The total arithmetic complexity of
the forward/backward 12-point MDCT computation is 11 multiplications, 27/21
additions, and 2 shifts being the most efficient implementation among all mixed-
radix 12-point MDCT implementations. On the other hand, the forward/backward
36-point MDCT computation based on the MDCT algorithm with radix-2 decom-
position (N = 36 = 2 x 18) requires totally 43 multiplications, 129/111 additions,
and 4 shifts being also the most efficient implementation among all mixed-radix
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Table 5.1 Arithmetic complexity of various efficient implementations of the forward 36-point
MDCT obtained by combining radix-2 and DIF or DIT mixed-radix decompositions

Decomposition of | Decomposition of lower-order | The arithmetic

36-point MDCT even-length MDCT complexity Remark
Radix-2 (2 x 18) DIF (3 x 6) 69M+177A+6S

DIF (3 x 12) DIF (3 x 4) 110M+255A 24A are M by 2
DIT (3 x 12) DIT (3 x 4) 67M+165A+6S

DIF (3 x 12) Radix-2 (2 X 6) 80M+177A+6S 12A are M by 2
DIT (3 x 12) Radix-2 (2 X 6) 55M+141A+18S

DIF (3 x 12) DIT (3 x 4) 92M+201A+6S 12A are M by 2
DIT (3 x 12) DIF (3 x 4) 85M+219A+6S 12A are M by 2

M multiplication, A addition, S shift

36-point MDCT implementations [44]. The required optimized efficient 18/9-point
MDCT modules are presented in Appendix E.3.

In order to recursively reuse the forward and backward 12-point MDCTs for
the forward and backward 36-point MDCT, we may combine radix-2 and DIF or
DIT mixed-radix decompositions to obtain various efficient implementations of
the forward/backward 36-point MDCT. We have three different 12-point MDCT
efficient implementations (shown in Figs.5.19, 5.20, and 5.21) and two different
36-point MDCT implementations resulting in six various 36-point MDCT efficient
implementations with different arithmetic complexities. They are summarized in
Table 5.1. The best 36-point forward/backward MDCT implementation is obtained
by combining the DIT mixed-radix decomposition for 36-point MDCT with the
radix-2 decomposition for 12-point MDCT. It requires 55 multiplications, 141/123
additions, and 18 shifts.

5.4.7 MDCT Implementations Based on Recursive/Regressive
Filter Structures

Quite different class of algorithms which can be adopted for an efficient for-
ward/backward MDCT implementation in MP3 are algorithms based on recursive
or regressive filter structures [34, 70-88]. Following the approaches originally
developed for the DCT-II and its inverse, DCT-III [113, 123, 124, 141], the
forward/backward MDCT kernels are converted to recursive (or recurrent) equations
based on:

e Recurrence formulae for Chebyshev polynomials of the second and third kinds
[141]. Typical recursive forward/backward MDCT implementations [73, 88]
follow the DCT-II-based approach [141].
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Fig. 5.21 Signal flow graph for the forward MDCT computation for N = 12 (2 X 6 mixed-radix

decomposition) based on the DIF radix-2 recursive fast algorithm

* Sinusoidal recursive formulae exploiting Goertzel recursive formula [129]. Such
typical recursive forward/backward MDCT implementations [85, 87] follow the

DCT-II-based approach [123, 124].

* Clenshaw’s recurrence formula (used for upward or downward ordering) [113].
A typical recursive forward/backward MDCT implementation [86] follows the

DCT-II-based approach [113].
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* Goertzel digital filters, where the forward/backward MDCT are expressed in the
form of discrete time domain convolution sums [74].
¢ Recurrence formulae for the cosine and sine functions [75].

We recall that the N-point MDCT using the permutation (5.36) or (5.47) can
optionally be converted to the DCT-IV of half size which may be subsequently con-
verted to the DCT-II of the same size at the cost of additional % pre-multiplications
and %’— 1 recursive post-additions. Then, following the above mentioned approaches
the recursive/regressive filter structures have been developed [70-72, 78, 79, 83].
The DCT-IV-based recursive MDCT filter structures are presented in [34, 76, 77,
80-82, 84]. Since the DCT-IV is self-inverse, both the forward and backward
MDCT computations are implemented by an identical recursive/regressive filter
structure. Although these recursive algorithms are not so efficient in terms of the
arithmetic complexity, they can be represented by regular recursive or regressive
filter structures which provide efficient online schemes particularly suitable for par-
allel VLSI implementations of the variable- or general-lengths forward/backward
MDCT.

In the following subsections several representative efficient MDCT implemen-
tations based on recursive or regressive filter structures are discussed in more
detail. We note that in the derivation of recursive algorithms [73, 85-87] the
definitions of the forward and backward MLT given by (5.11) and (5.12), respec-
tively, are used. We recall that N = 2M, where M is the number of transform
coefficients.

5.4.7.1 Recursive MDCT Implementation [73]

Complete formulae for the recursive computation of one MDCT coefficient ¢, in the
forward MDCT are defined as [73]

M—1 2k + 1
Ck = —PN—1 COS[(T) 9k1|, kau, k=0.1,....M—1,

2M
(5.163)
where the term py_; is obtained from the recursive equation given by

M+1y g
COS[( 2_ ) k] Xp—1 — Pn2, n:O’l,...,N_ly

n = Xn 12 O — —F7———
N =)

(5.164)
with the following initial conditions: p_; = p—_, = 0 and x_; = xy—;. Forn = 0
we get
M+1
cos | (=) 6,
Po = Xo — [(Mz_]) ] XN—1- (5.165)
os[(*77) b
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Fig. 5.22 Regressive filter structures [73] for (a) the recursive forward MDCT computation, (b)
recursive backward MDCT computation (M is even)
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From (5.163), (5.164), and (5.165) it can be seen that for the computation of one
coefficient ¢, we need 2N multiplications and 3N — 2 additions. The corresponding
regressive filter structure for the parallel VLSI computing of the forward MDCT
is shown in Fig.5.22a. z~! denotes one-sample delay operator. The input data
sequence {x,} is in natural order. The regressive filter structure in Fig. 5.22a for the
recursive forward MDCT computation consists of three multipliers, three adders,
and three delay operators.

On the other hand, complete formulae for the recursive computation of one time
domain aliased sample X, in the backward MDCT (M is even) are defined as [73]

0, M+1
R = pu—r (1" E sin 2, en:l(n+—+), n=01,...,N—1,

2 M 2
(5.166)
where the term py,—; is obtained from the recursive equation given by

Pk = ¢k + pr—1 2cos 6, + ck—1 —pr—2, k=0,1,... M —1, (5.167)
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with the following initial conditions: p—_; = p—» = 0 and c—; = 0. For k = 0 we
get

Po = Co. (5.168)

From (5.166), (5.167), and (5.168) it follows that for the computation of one time
domain aliased sample %, we need M multiplications and 3M — 3 additions. Using
the symmetry property of {X,} given by (5.14) it is sufficient to compute only %
time domain aliased samples. The corresponding regressive filter structure for the
parallel VLSI implementation of the backward MDCT (M is even) is shown in
Fig.5.22b. The input data sequence {c;} is in natural order. The regressive filter
structure in Fig. 5.22b for the recursive backward MDCT computation consists of
two multipliers, three adders, and three delay operators.

5.4.7.2 Recursive MDCT Implementation [85, 87]

Complete formulae for the recursive computation of one MDCT coefficient ¢y in the
forward MDCT are defined as [85, 87]

M+1 M—1
Cx = Vg COS [(T) Qk] — v CoS [(T) Gk] ,

w2k + 1)

0, =
k oM

k=0,1,....M—1, (5.169)

where the terms vy and v; are obtained from the recursive equation given by
Uy = Xy + Upt1 2€08 O — Upya, n=N-1N-2,...,0, (5.170)

with the following initial condition: vy = vy4+; = 0. Forn = N — 1 we get
UN—1 = XN—1- (5.171)

From (5.169), (5.170), and (5.171) it follows that for the computation of one
coefficient ¢, we need N+ 1 multiplications and 2N —1 additions. The corresponding
regressive filter structure for the parallel VLSI implementation of the forward
MDCT is shown in Fig. 5.23a. The input data sequence {x,} is in reverse order. The
regressive filter structure for the recursive forward MDCT computation consists of
three multipliers, three adders, and two delay operators.

Complete formulae for the recursive computation of one time domain aliased
sample X, in the backward MDCT are defined as [85, 87]

6, M+1
Xn = (vo —v1) cos —, anl(n+—+), n=0,1,....,N—1,

2 M 2
(5.172)
where the terms vy and v; are obtained from the recursive equation given by
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cos [(M+1)e,/2
[M+1)0,/2] —

- cos [M-1)8,/2]

Fig. 5.23 Regressive filter structures [87] for (a) the recursive forward MDCT computation, (b)
recursive backward MDCT computation

UkZCk+Uk+1ZCOSQn_Uk+2, k=M—-1,M-2,...,0, (5.173)
with the following initial condition: vy = vy = 0. Fork = M — 1 we get
Vmy—1 = Cpy—1- (5174)

From (5.172), (5.173), and (5.174) it follows that for the computation of one time
domain aliased sample X, we need M multiplications and 2M — 1 additions. Again,
using the symmetry property of {X,} given by (5.14) it is sufficient to compute only
%V time domain aliased samples. The corresponding regressive filter structure for the
parallel VLSI implementation of the backward MDCT is shown in Fig. 5.23b. The
input data sequence {c} is in reverse order. The regressive filter structure for the
recursive backward MDCT computation consists of two multipliers, three adders,
and two delay operators.
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5.4.7.3 Recursive MDCT Implementation [86]

Complete formulae for the recursive computation of one MDCT coefficient ¢y in the
forward MDCT (Clenshaw’s recurrence formula is used for the upward ordering) are
defined as [86]

M+1 M—1
Ck = ay—_n COS [(T) Qk] —ay—1 cos [(T) Gk] ,

w2k + 1)

0, =
k oM

k=0,1,....M—1, (5.175)

where the terms ay—; and ay—; are obtained from the recursive equation given by

ap, = X, +a,—; 2cosby —a,—,, n=0,1,..., N—1, (5.176)
with the following initial condition: a_, = a—; = 0. For n = 0 we get
ap = Xo. (5.177)

From (5.175), (5.176), and (5.177) it follows that for the computation of one
coefficient ¢, we need N+ 1 multiplications and 2N —1 additions. The corresponding
regressive filter structure for the parallel VLSI computing of the forward MDCT is
shown in Fig. 5.24a. The input data sequence {x,} is in natural order. The regressive
filter structure for the recursive forward MDCT computation consists of three
multipliers, three adders and two delay operators. If Clenshaw’s recurrence formula
is used for the downward ordering, then the corresponding regressive filter structure
is identical to that of shown in Fig. 5.23a.

Complete formulae for the recursive computation of one time domain aliased
sample X, in the backward MDCT (Clenshaw’s recurrence formula is used for the
upward ordering, and M is even) are defined as [86]

0, M+ 1
Xn = (@0 — a1) cos —, 9n=£(n+—+), n=0,1,...,N—1,

2 M 2
(5.178)
where the terms @y and a; are obtained from the recursive equation given by

ap = ¢k + agyq 2cos 6, —agyr2, k=M-1,M-2,...,0, (5.179)

with the following initial condition: ay; = ay4+1 = 0. For k = M — 1 we get
ay—1 = Cy—1. (5.180)
From (5.178), (5.179), and (5.180) it follows that for the computation of one time

domain aliased sample X, we need M multiplications and 2M — 1 additions. Again,
using the symmetry property of {X,} given by (5.14) it is sufficient to compute only
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Fig. 5.24 Regressive filter structures [86] for (a) the recursive forward MDCT computation, (b)
recursive backward MDCT computation

%’ time domain aliased samples. The corresponding regressive filter structure for the
parallel VLSI implementation of the backward MDCT is shown in Fig. 5.24b. The
input data sequence {c} is in natural order. The regressive filter structure for the
recursive backward MDCT computation consists of two multipliers, three adders,
and two delay operators. If Clenshaw’s recurrence formula is used for the downward
ordering, then the corresponding regressive filter structure is identical to that of
shown in Fig. 5.23b.

5.4.8 Comparison of Efficient MDCT Implementations in MP3

Improvements in integrated circuit technology have enabled audio codecs to be built
on a single chip. An optimal hardware implementation of such systems on a chip
(SOC) requires detailed analysis of the trade-offs between system performance and
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hardware parameters such as the delay, memory requirements, clock cycle counts,
accuracy, power consumption, and circuit area. A simple low-cost and power-
efficient (parallel) hardware architecture for the audio encoder, and in particular,
for battery operated audio decoder is desired [110].

In general, when a fast algorithm is intended to be implemented in hard-
ware/software for real-time processing, besides arithmetic complexity the design
criteria such as I/0 data access scheme (serial-in serial-out or parallel-in parallel-
out), data indexing scheme, structural simplicity (using the identical or separate fast
computational structures, common module sharing in fast computational structures
for different block sizes), regularity (complete/incomplete recursive algorithm,
butterfly-like repetitive stages and in-place computation), modularity (repetitive
using basic modules in a corresponding fast computational structure) [67], and
numerical precision and stability need to be considered for the evaluation of
algorithm performance [110]. Note that the inherent parallelism in an investigated
fast algorithm is not frequently exploited [104]. Essentially, using the identical fast
computational structures both for the forward and backward transforms as well as
sharing common modules for different block sizes significantly reduce the design
time and hardware resources of a potential MP3 audio codec.

All presented fast computational structures for the efficient implementations of
the forward/backward MDCT block transforms in MP3 are regular with butterfly-
like stages and modular. Besides the arithmetic complexity for the short and long
audio blocks, for evaluation and comparison of efficient MDCT implementations in
MP3 the following criteria are specified (acronyms are used in Table 5.2 in the last
column):

* Using complex arithmetic (CA) or real arithmetic (RA).

* Required input/internal/output permutations (IP/InP/OP) in the fast computa-
tional structure.

* Required sign changes (SC) in the fast computational structure.

* Required recursive post-addition stage(s) (RPAS) in the fast computational
structure.

* Completely recursive fast algorithm (CRFA).

» Reversing the fast forward MDCT computational structure for the backward
MDCT computation (RevFCS). This results in two separate computational
structures for the encoder and two for the decoder.

» Using the identical fast computational structures (IFCS) with simple pre- and
post-processing data sequences both for the forward and backward MDCT (one
for the short and one for the long block).

* Reusing the fast computational structure (RFCS) for the short block in the fast
computational structure for the long block.

* Unifying the fast computational structures (UFCS), i.e., integrating fast compu-
tational structures for the short and long blocks into a single one.

* Optimizing the fast computational structures (OFCS) in context of the complete
analysis/synthesis MDCT (MLT) filter banks (see Sect.5.5 for efficient imple-
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Table 5.2 Comparison of efficient implementations of the forward/backward MDCT block trans-
forms in MP3 in terms of the arithmetic complexity and specified criteria

MDCT Forward/backward MDCT computation
algorithm N=12 N =36 Remarks
DFT/FFT-based [37] 20M+42/36A+2S T0M+174/156A+4S CA, OP,
(3M+3A can be saved) | (3M+3A can be saved) | SC, IFCS
DFT/FFT-based [42] CA, OP,
17M+39/33A+2S 67TM+171/153A+4S SC, IFCS
DFT/FFT-based [43, 52] CA, InP, OP,
17M+33/27A+2S 67M+153/135A+4S SC, IFCS
DCT-1I/DST-1I-based RA, InP, OP,
[24] refined version of [32] | 11M+39/33A+2S 43M+165/147A+4S SC, RevFCS
DCT-1I/DST-1I-based [56] RA, InP, OP,
1IM+27/21A+2S 43M+129/111A+4S SC, RevFCS
DCT-IV-based [114] RA, IP, InP,
11M+33/27A+2S 61M+169/151A+6S IFCS, OFCS
DCT-IV-based [25] RA, IP, InP,
1IM+27/21A+2S 43M+129/111A+4S OP, SC, IFCS,
OFCS
DCT-IV-based [31] RA, IP, InP,
1IM+27/21A+2S 43M+129/111A+4S IFCS, OFCS
DCT-IV-based [38, 40] RA, IP, OP,
OM+27/21A+2S 36M+148/130A+2S SC, RECS,
UFCS, OFCS
DCT-IV-based [29] 1IM+27/21A+2S 43M+129/111A+4S RA, IFCS,
(OM+27/21A+2S) OFCS
DCT-IV/DCT-II-based RA, InP,
(representative) 11M+27/21A+4S 43M+129/111A+6S RPAS,IFCS
DCT-IV/SDCT-II-based [50] RA,InP,
11M+27/21A+2S 43M+129/111A+6S RPAS, IFCS
DCT-IV/SDCT-1I-based [66] RA, InP,
10M+28/22A+2S 37M+135/117A+3S RPAS, IFCS
Evenly stacked RA, InP,
MDCT-based [39, 64] 1IM+27/21A+4S 43M+129/111A+6S RPAS, RevFCS
Evenly stacked RA,InP,
MDCT-based [26] 17M+33/27A+4S 61M+147/129A+6S RPAS, RevFCS
Improved DIF RA,InP,OP,
mixed-radix [28] 21M+49/43 A+4S 110M+231/213A+24S | SC, RevFCS
DIT mixed-radix [67] RA, IP, InP,
15M+35/29A+2S 67M+165/147A+6S RevFCS
Combined radix-2 and RA, InP, SC
DIT mixed-radix [67] 11IM+27/21A+2S 55M+141/123A+18S | CRFA,RevFCS

M real multiplication, A real addition, S shift
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mentations of windowing&overlap and windowing&overlap&add procedures via
the block of Givens—Jacobi rotations or 2-point Hankel matrix products).

Comparison of efficient implementations of the forward and backward MDCT
(MLT) block transforms in MP3 in terms of the arithmetic complexity and specified
criteria above is summarized in Table 5.2.

The DFT/FFT-based MDCT implementations in MP3 are quite efficient in
terms of the structural simplicity. We recall that the DCT-IV-based MDCT imple-
mentations are the most efficient both in terms of the arithmetic complexity and
structural simplicity. In particular, the structure of DCT-IV algorithms for the
most efficient MDCT implementation [38, 40] allows to create a single unified
architecture to process both the short and long audio blocks. Moreover, if we
use these the most efficient MDCT algorithms in the implementation of complete
TDAC analysis/synthesis MDCT (MLT) filter banks, then they can result in the most
efficient and compact architecture of TDAC fast analysis/synthesis MDCT (MLT)
filter banks in MP3 audio encoder/decoder.

Finally, comparison of efficient implementations of the forward and backward
MDCT block transforms in MP3 based on recursive/regressive filter structures
(for one coefficient/sample computation) is summarized in Table 5.3. The last
column in Table 5.3 specifies the complexity of the corresponding regressive filter
structure. In regressive filter structures [73, 85, 87] for the forward/backward MDCT
computation the input data sequences {x, } and {c} are in natural order, while in the
regressive filter structure [86] they are in reverse order. Although these recursive
algorithms are not so efficient in terms of the arithmetic complexity, regressive
structures provide an efficient scheme for the parallel VLSI implementation of the
variable-length MDCT.

Table 5.3 Comparison of efficient implementations of the forward and backward MDCT block
transforms in MP3 based on recursive/regressive filter structures (for one coefficient/sample
computation)

MDCT Forward/backward MDCT computation | Complexity of corresponding

algorithm N=12 N = 36 regressive filter structure

Chiang and Liu 24/6M+34/15A 3/2 multipliers,

[73] 72/18M+106/51A 3 adders and 3 delay
elements

Nikolajevi¢ and 13/6M+23/11A 37/18M+71/35A 3/2 multipliers,

Fettweis [86] 3 adders and 2 delay
elements

Nikolajevic and 13/6M+23/11A 37/18M+71/35A 3/2 multipliers,

Fettweis [85, 87] 3 adders and 2 delay

elements
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5.5 Fast Analysis/Synthesis MDCT (MLT) Filter Banks

With respect to the notation introduced in Sect.5.2.2 we recall that the TDAC
analysis MDCT filter bank given by (5.4) in processing two adjacent overlapped
data blocks {xi:)} and {xff”} consists of the windowing&overlap procedure and
transforming adjacent data blocks by the forward MDCT block transform (realized
by a fast computational structure). Vice versa, the TDAC synthesis MDCT filter
bank given by (5.5) in processing two adjacent blocks of transform coefficients {cZ)}
and {cz+])} consists of the backward MDCT transformation of coefficients (realized
by a fast computational structure) and the windowing&overlap&add procedure to
perfectly reconstruct the original data sequence in the overlapped part.

For a given N the implementation of complete TDAC analysis/synthesis MDCT
filter banks using the direct approach requires totally %(N + 2) multiplications
and %’(N — 1) additions. Specifically, this requires for the short audio block 84
multiplications and 66 additions, while for the long audio block 684 multiplications
and 630 additions. However, if the forward/backward MDCT is implemented by
a fast DCT-IV computational structure, then the total arithmetic complexity of
the complete TDAC analysis/synthesis MDCT filter banks implementation can be
further reduced/optimized as well as their corresponding computational structures
can be represented in more compact form.

5.5.1 Fast Analysis MDCT (MLT) Filter Bank

Consider the TDAC analysis MDCT filter bank given by (5.4). The fast
TDAC analysis MDCT filter bank with incorporated windowing operation is
defined as [31]

|
o = n:()y:) cos [4(;/2)(2:1 )2k + 1)} . k=01,..., %’ —1,
(5.181)
where
G Q) 0]
%-i—n = Wp X, — W%—l—n x%—l—n’
y(,tv) = —wn x(,:,) —wN_l_,lx(’)__, n:O,l,...,]X—l.
Y—1-n 2 tn S 4n N—=l—n 4

(5.182)

The cosine transform kernel in (5.181) is the %-point forward DCT-1V of {yf:)}.
{w,} in (5.182) is generally a symmetric windowing function satisfying the perfect
reconstruction conditions given by (5.7). MP3 audio encoder/decoder adopted
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the sine windowing function given by (5.8). Thus, (5.181) and (5.182) for the
sine windowing function define the fast analysis MLT filter bank [5, 6]. We
note that (5.182) with the incorporated windowing operation includes also the
permutation defined by (5.47).

5.5.2 Fast Synthesis MDCT (MLT) Filter Bank

Now consider the TDAC synthesis MDCT filter bank given by (5.5). Since the DCT-
IV matrix is self-inverse, the data sequence {y,(;)} is recovered by the inverse %’-point
DCT-IV of {c;'} as [31]

-1

® 0} 4 N
= 2 DRE+ 1), =0,1,...,——1. 5.183
=1 003[4(N/z>( ek )] " 7 O

Equation (5.183) defines the fast TDAC synthesis MDCT filter bank, or equiva-
lently, the fast synthesis MLT filter bank with the sine windowing function [5, 6].
The time domain aliased data sequence {fcz)} is obtained from {yi:)} by applying the
inverse permutation to (5.182) as

A0 (1)

xn = Wn )’%_,_n,
A0 _ ®
'x%—l—n - W%_l_” y%-i—n’
0 ® _ ®
e T L T
X0) _ 0 _ ®
XN—1—n = — WN—1-n Y¥_1_n =Wy y%_l_n,
N
n=0,1,...,z—1. (5.184)

Equations (5.183) and (5.184) define the fast synthesis MDCT filter banks. The
fast DCT-IV computational structures for the efficient implementations of for-
ward/backward MDCT (MLT) block transforms in MP3 are presented in Sect. 5.4.3.

The windowing&overlap procedure in the fast TDAC analysis MDCT filter bank
and windowing&overlap&add procedure given by (5.6) in the fast TDAC synthesis
MDCT filter bank can be represented by regular cascades of Givens—Jacobi rotations
(see Appendix F.1), or alternatively, by regular cascades of 2-point Hankel matrix-
vector products (see Appendix A.2) as follows.
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5.5.3 Efficient Implementation of the Windowing& Overlap
Procedure

In the TDAC analysis MDCT filter bank between two adjacent overlapped data
blocks {x "y and {le)} the following relations hold:

0) (t+1) 0} (t+1) N
N, = AN—1n = XNy ”:0’1""’2_1' (5.185)

Using (5.185) and the symmetry property of the sine windowing function, and

denoting ¢, = cos *&HY 5, = sin Z&HY Eq. (5.182) is rewritten as

@) (1) )

y%-ﬁ-n = Sn .X'n — Cn xﬁ—l—n
0] (t+1) +1) N
y%_l_n =—CyX, — S x%_l_n, nzO,l,...,Z—l. (5.186)
For clarity, in processing the succeeding overlapped data blocks 0,1,...,¢, t+
1, t+2,..., the associated ¥ 7 -boint data sub-sequences {y N } and {y y_ n} are,

respectively, given by

©0)

Yy, = 0, (initialization step),
4
(0) _ (1) [©)
y%—l—n = "Cn Xy T Sn x%—l—n’
(1) ) (1) ) N
YNy = SuX, —CnXy__. {yun . }is ——sample delayed data sub-block,
4 2
CHE o o
Niy, ™ Sn Xy n x%—l—n’
6) _ +1) (t+1)
y%—l—n = —Cn Xy Sn N_—p’
(+1) (t+1) (r+1) (t+1)
N, = SpX, — CpXy . Ayw, }is —-sample delayed data sub-block,
3 +n F—1-n 3 +n
(o)) +2) +2)
yﬂ_l_n = —Cn X, — Sn xﬁ—l—n’
1 2
o _ S x(t+2) c x(’+2) o is N sample delayed data sub-block
%-i—n - nn n %—1 n’ %—i—n 4 p y ’

(5.187)
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By introducing the %’-sample delay operator denoted by A%{.}, the window-

ing&overlap procedure in the fast analysis MLT filter bank can be represented in
the matrix-vector form as

© @+1)
%—1—" Cn Sn xn 0 | N 1
= - ) n=9u1, ey T
@t+1) x(f“rl) 4
Ay {y%n} S/ A\,
(5.188)
or alternatively, as
o @+1)
L —Sp —Cp x%_l_n o N |
= , n=0,1,...,——1,
A (+D —c s Ga)) 4
VY Ytn e Xn
(5.189)
with initial condition y(; = 0. Equation (5.188) represents the block of %

Givens—Jacobi rotations, while (5.189) represents the block of % (2-point) Hankel
matrix-vector products. Efficient implementations of Givens—Jacobi rotations and
2-point Hankel matrix-vector products are presented in Appendices F.2 and F.3.
The windowing&overlap procedure including the permutation (5.47) requires 3%
multiplications and 3% additions. Two corresponding compact computational struc-
tures of the fast analysis MLT filter bank with incorporated windowing&overlap
procedure for the MP3 encoder are shown in Fig. 5.25a, b.

5.5.4 Efficient Implementation of the
Windowing&Overlap&Add Procedure

Given two succeeding blocks of transform coefficients {c:)} and {cZ+l)}. After

transforming the transform coefficients by the backward MLT (MDCT) block
transform realized by the %’-point DCT-1V, using the symmetry property of sine
windowing function, and denoting ¢, = cos % S, = sin M, from (5.184)

2N
. . . . N A+
it follows that the time domain aliased data sequences {xz)} and {x: l)} are,

respectively, given by

A0 _ (1)
x%%—n = "Cn y%—l—n’

X0 _ 0
AN—1—n = ~5n y%*lfn’
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Fig. 5.25 Compact computational structures of the fast analysis MLT filter bank with incorporated
windowing&overlap procedure represented by (a) Givens—Jacobi rotations, (b) 2-point Hankel
matrix-vector products

A0FD (1+1)

X, = S y%ﬂ,
A @+ N
xg,l,,,:_cn)’%ﬂv nzO,l,...,Z—l. (5.190)

For two adjacent time domain aliased data blocks {%f:)} and {)?ZH)} recovered by the

TDAC synthesis MDCT filter bank, the following relations hold in the overlapped
part:

+D A0 D) “n L0 AU — 01 N !
o =Xy, HN Xy gy = Nt F n=0,1,..., 1 .
(5.191)

In order to perfectly reconstruct the original data sequence {xf”} in the overlapped
part, let us substitute the appropriate time domain aliased data sequences {QZ)}
from (5.190) into (5.191). Using %]-sample delay operator A¥ {.} the window-
ing&overlap&add procedure in the fast synthesis MLT filter bank is expressed as

+1) [6) (r+1)
X, = —Cu A%{y%_l_n} ~+ Sp .
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(++1)
%—l—n

o +1) N
= —s, A%{y%_l_n} O YN n=0,1,..., i 1. (5.192)

Equation (5.192) can be represented in the matrix-vector form as

(+1) ®
xn Cp —Sn A%{y%—l—n} N
= — R n:O,l,...,——l,
()] (+1) 4
Sy C
Y=in v G S
(5.193)
or alternatively, as
@+ =+
Xn Sn —Cp ¥+n N
= , n:O,l,...,Z—l.
(t+1) (1)
—C, =S,
%—1—n n n A%{y%—l—n}
(5.194)

Again, (5.193) represents the block of %’ Givens—Jacobi rotations, while (5.194)
represents the block of % (2-point) Hankel matrix-vector products. The win-
dowing&overlap&add procedure requires 3%’ multiplications and 3%’ additions.
Two corresponding compact computational structures of the fast synthesis MLT
filter bank with incorporated windowing&overlap&add procedure are shown in
Fig.5.26a, b.

The efficient implementation of complete analysis and synthesis MLT (MDCT)
filter banks consists of the %’-point identical fast DCT-IV computational structure,
windowingé&overlap and windowing&overlap&add procedures. If we adopt the fast
%V-point DCT-1V computational structures [38, 40] (requiring 9 multiplications, 21
additions plus 2 shifts for the short block, and 36 multiplications, 130 additions plus
2 shifts for the long block), then the complete analysis/synthesis MLT (MDCT) filter
banks in MP3 will require totally 18 multiplications, 30 additions plus 2 shifts for
the short audio block, and 63 multiplications, 157 additions plus 2 shifts for the long
audio block.

Note 22: Similar compact computational structures of the fast TDAC analysis
MDCT filter bank with incorporated windowing&overlap procedure, and of the fast
TDAC synthesis MDCT filter bank with incorporated windowing&overlap&add
procedure for arbitrary symmetric windowing function {w,} can be easily con-
structed as follows.

Consider the fast TDAC analysis MDCT filter bank with incorporated win-
dowing&overlap procedure defined by (5.181) and (5.182) for arbitrary symmetric
windowing function. Using (5.185) and the symmetry property of windowing
function given by (5.7), (5.182) is rewritten as
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®
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Fig. 5.26 Compact computational structures of the fast synthesis MLT filter bank with incorpo-

rated windowing&overlap&add procedure represented by (a) Givens—Jacobi rotations, (b) 2-point
Hankel matrix-vector products

(1) (O] (1)

|
F
=
I
=
=

y%-f—n - n —n x%—l—n’

) (+1) (-+1) N

N1 =WNo, X, T ,,x%_]_n, n=0,1, ,Z—l.
(5.195)

Following the approach described in Sect. 5.5.3 the windowing&overlap procedure
is represented in the following matrix-vector product

® +n
Ny TWn W [ Ky,
41 ¢
Ay, Wi W .
N
n=01,...,——1, (5.196)
4
with initial condition y(g) = 0. Equation (5.196) represents 2-point Hankel
4

matrix-vector product whose efficient implementation via the bilinear algorithm is
presented in Appendix A.2. The corresponding compact computational structure of
the fast TDAC analysis MDCT filter bank with incorporated windowing&overlap
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procedure for arbitrary symmetric windowing function {w,} can be obtained from
Fig. 5.25b by setting constants m;, m, and mj to the following values

m; = —w, + WYy M2 = —WN_

my=w,—wy_i_,. (5197)

Now, consider the fast TDAC synthesis MDCT filter bank defined by (5.183)
and (5.184) with incorporated windowing&overlap&add procedure for arbitrary
symmetric windowing function. At first, deriving the time domain aliased data
sequences {fcx)} and {)%:+1)} from (5.184), and then following the approach described
in Sect. 5.5.4, the windowing&overlap&add procedure is represented in the follow-

ing matrix-vector product

(r+1) (t+1)
n Wn _W%—l—n Ytn
=) - ’
! (G}
U p— _nglfn —Wn A%{y%—l—n}
N
n=0,1,...,z—1. (5.198)

Again, (5.198) represents the 2-point Hankel matrix-vector product. The corre-
sponding compact computational structure of the fast TDAC synthesis MDCT
filter bank with incorporated windowing&overlap&add procedure for arbitrary
symmetric windowing function {w,} can be obtained from Fig.5.26b by setting
constants m, my and mj to the following values

my =w, + wy_

Ny M2 =Wy, msz = —w, + Wy (5.199)

—n’

5.6 Summary

Various efficient implementations of the forward and backward MDCT (MLT) block
transforms in the MP3 audio coding standard developed in the time period 1990-
2012 have been described and compared, including the efficient implementation
of (pseudo-) QMF filter banks for completeness. The efficient MDCT (MLT)
implementations have been discussed in the context of complete (fast) TDAC
analysis/synthesis MDCT filter banks associated with the sine windowing function
or equivalently, of the fast analysis/synthesis MLT filter banks in the MP3 encoder
and decoder. For each efficient implementation of the forward/backward MDCT
(MLT), block transforms have been presented: complete formulae or sparse matrix
factorizations, the corresponding signal flow graph for short audio block, and the
total arithmetic complexity as well as useful comments related to improving the
arithmetic complexity and a possible structural simplification of the algorithm.
Finally, the fast TDAC analysis/synthesis MDCT filter banks or equivalently, the fast
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analysis/synthesis MLT filter banks for MP3 encoder/decoder have been discussed
in detail. Appendices provide all the necessary supporting efficient optimized short-
length computational modules and tools for completing efficient forward/backward
MDCT (MLT) implementations. Essentially, the chapter provides:

Efficient implementations of the hybrid analysis/synthesis filter banks in MP3
audio coding standard.

History, theoretical background of the developed fast MDCT (MLT) algorithms,
the relations among them (particularly among fast algorithms in different cate-
gories), as well as the relations among discrete sinusoidal unitary transforms of
reduced sizes.

All the presented fast MDCT (MLT) algorithms can also be readily used for

the 2"-length data blocks. We hope that the chapter will serve as an excellent
reference in designing not only MP3 audio encoder/decoder but in general, any
audio encoder/decoder as well as it will be an inspiration to further advanced
research.

Problems and Exercises

hd

. Investigating (5.19), (5.20), and (5.22) for the efficient implementation of back-

ward pseudo-QMF block transform given by (5.2), derive the local symmetry
properties of time domain aliased data sequence {X,}, in general, for any N
divisible by 4.

. Implement by a computer program the fast algorithm for forward pseudo-QMF

block transform computation defined by (5.15), (5.17), and (5.18) for any N
divisible by 4. Determine its arithmetic complexity. Fast recursive DCT-III
computational structure is presented in Appendix C.1.1 or it is ready for using
in [116].

. Implement by a computer program the fast algorithm for backward pseudo-

QMF block transform computation defined by (5.19), (5.20), and (5.22) for any
N divisible by 4. Similarly, determine its arithmetic complexity. Fast recursive
DCT-1I computational structure is presented in Appendix C.1.1 or it is ready
for using in [116].

Implement by a computer program the complete synthesis pseudo-QMF fil-
ter bank with windowing operation for MP3 decoder including a recursive
optimized algorithm [10, 11]. Then investigate its computational complexity.
How many arithmetic operations can be saved compared to the direct approach
without applying the recursive optimized algorithm?

Verify the equivalence of permutations (5.36) and (5.47) for N = 8 and 16.

In this chapter the efficient MDCT (MLT) implementations in MP3 (including
improved and modified) based on the discrete sinusoidal unitary transforms
(DFT, DCT, and DST) are classified into the following categories:
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¢ DFT/FFT-based (Sect.5.4.1),

¢ DCT-II/DST-II-based (Sect. 5.4.2),

¢ DCT-IV-based (Sect. 5.4.3),

¢ DCT-IV/(S)DCT-II-based (Sect. 5.4.4).

The corresponding signal flow graphs are presented for the short audio block
only (N = 12). At first, verify their correctness by computer programs. Then,
investigating each algorithm in each category for the forward/backward MDCT
(MLT) computation draw the corresponding signal flow graph for long audio
block (N = 36). Similarly, verify their correctness by computer programs.

7. Following the previous Exercise 6 repeat the same problems for efficient MDCT
(MLT) implementations in MP3 (including improved and modified):

* Based on the corresponding evenly stacked MDCT (Sect. 5.4.5),
e Mixed-radix MDCT algorithms (Sect. 5.4.6).

8. Implement by a computer program the most efficient DCT-IV-based MDCT
algorithms in terms of the minimal multiplicative complexity [38, 40] tailored to
MP3 described in Sect. 5.4.3 for the forward/backward MDCT block transforms
computation both for the short and long audio blocks.

9. For the fast DCT-IV-based MDCT algorithm [29] described in Sect.5.4.3,
the most efficient MDCT implementation for the short audio block achieving
the minimal multiplicative complexity (nine multiplications) has been derived
(see (5.90) and (5.91) in Note 5.4.3.8). Consider (5.47), (5.86), and (5.88).
Extending the terms {a,} and {b,} in (5.88) according to (5.86), and then using
the following trigonometric identities

T e 1 T S5 T .7 117 . = . 5w
COS— COS— = — [cos — 4+ cos — |, COS— SsiIn— = — |sin — + sin — |,
24 6 2 8 24 24 6 2 8 24
5w T 1 T 1 S5t . w 1 4 T
COS — COS — = — [cos— +s1n—], COS — sin — = — [—sm— —i—cos—},
24 6 2 24 8 24 6 2 24 8
4 e 1 1 . 5w A 4 1 T 57
Sin — CO0S — = — [—sin— +sin — |, sin — SiIn — = — [ cOS — —Ccos — |,

24 6 2 8 24 24 6 2 8 24

. 57 T 1 T 1 T 4

sm—cos—zf[sm——{—cos—], sin — sm——f[os——sm—]

24 6 2 24 8 6 2 24 8
and

T T 1 T . 57 1 T 17. = 5w
COS — COS — = — | COS — —+ sin — |, SIn — COS — = — | sIn — + coS — |,

6 8 2 24 24 6 8 2 24 24

T .7 1 1 57 R S 4 1 i1 . 5w
cos — sin — = — [ —sin — 4+ cos — |, sin — sin — = — [cos — —sin — |,

6 8 2 24 2 6 8 2 24 24

derive an alternative efficient DCT-IV-based MDCT implementation for the
short audio block achieving the minimal multiplicative complexity. Draw the
corresponding modified fast 6-point DCT-IV computational structure.
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As is indicated by Note 5.4.3.9 in Sect. 5.4.3 for the fast DCT-IV-based MDCT
algorithm [29], the open problem remains to derive a modified 18-point fast
DCT-1V computational structure with the minimal multiplicative complex-
ity (36 multiplications) for the long audio block. Consider (5.47), (5.86),
and (5.92). Try to derive a modified 18-point fast DCT-IV computational
structure with the minimal multiplicative complexity for the long audio block.
We note that this problem is classified as a difficult one. Hint: At first,
extract from (5.92) for the pairs of coefficients cyx—1, cox and cj7—k, Ci8—2k,
k = 1,2,3,4, the unique algebraic expressions containing the terms {a,} and
{b,}, n = 1,4 and 7 extended according to (5.86). Then follow the approach
indicated in Problem 8. For the remaining unique algebraic expressions, try to
complete the modified 18-point fast DCT-IV computational structure.
Implement by a computer program the DCT-IV/SDCT-II-based MDCT algo-
rithm [66] described in Sect.5.4.4 also tailored to MP3 for the computation
of forward/backward MDCT block transforms: (a) For the short audio block
defined by (5.47), (5.48), (5.116), (5.117), (5.123), and (5.125), and (b) For the
long audio block defined by (5.47), (5.48), (5.116), (5.117), (5.127), (5.130),
(5.132), (5.134), (5.136), and (5.139).

Consider again the DCT-IV/SDCT-II-based MDCT algorithm [66] described in
Sect. 5.4.4 for the short audio block. Based on (5.121) the computation of odd-
indexed SDCT-II coefficients c’f, c13', and cg-’ can be derived alternatively with the
same computational complexity using the following trigonometric identities:

5
ﬁcos%:cos%—i—cos%, ﬁcos%:cos%—cos%.

Derive the alternative computation of odd-indexed SDCT-II coefficients clll, Cl3],
and cg.

The most efficient MDCT implementations among all mixed-radix MDCT
algorithms are based on the combined DIF radix-2 and DIT mixed-radix fast
MDCT algorithms [44, 67] described in Sect. 5.4.6. Implement by a computer
program the 12-point MDCT (see signal flow graph shown in Fig.5.21) and
then 36-point MDCT for MP3. The required optimized efficient 6/3-point
MDCT modules are presented in Appendix E.2 while the optimized efficient
18/9-point MDCT modules are presented in Appendix E.3.

By computer programs verify the correctness of forward and backward MDCT
implementations based on recursive/regressive filter structures described in
Sect.5.4.7.

For MP3 encoder implement by a computer program compact DCT-IV com-
putational structures of the fast analysis MLT filter bank with incorporated
windowing&overlap procedure represented by Givens—Jacobi rotations (see
Fig. 5.25a), and then represented by 2-point Hankel matrix-vector products (see
Fig.5.25b).

For MP3 decoder implement by a computer program compact DCT-IV com-
putational structures of the fast synthesis MLT filter bank with incorporated
windowing&overlap&add procedure represented by Givens—Jacobi rotations
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17.

18.

(see Fig. 5.26a), and then represented by 2-point Hankel matrix-vector products
(see Fig. 5.26b).

For any MDCT-based audio encoder based on (5.196) and (5.197), implement
by a computer program compact DCT-IV computational structure of the fast
analysis MDCT filter bank with incorporated windowing&overlap procedure
represented by 2-point Hankel matrix-vector products for arbitrary symmetric
windowing function.

Similarly, for any MDCT-based audio decoder based on (5.198) and (5.199),
implement by a computer program compact DCT-IV computational struc-
ture of the fast synthesis MDCT filter bank with incorporated window-
ing&overlap&add procedure represented by 2-point Hankel matrix-vector
products for arbitrary symmetric windowing function.
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Chapter 6
Perfect Reconstruction Cosine/Sine-Modulated

Filter Banks in the Dolby Digital (Plus) AC-3
Audio Coding Standards

6.1 Introduction

The Dolby Digital (AC-3) [1, 2, 5, 6, 8,9, 12, 16] and the Dolby Digital Plus or
Enhanced AC-3 (E-AC-3) [4, 7, 10, 11] audio coding standards developed by the
Dolby Laboratories are currently the key enabling technologies for high-quality
compression of digital audio signals. The AC-3 is a multichannel (5.1 channels)
transform-based audio coding system that uses perceptual coding principles to
provide high-quality data rate reduction for the transmission of audio signals. First
released in 1991 for cinema industry needs and standardized in 1995, the AC-3 went
through many stages of refinements, improvements, and fine-tuning. The resulting
algorithm is currently in use in a number of standard applications in consumer
electronics including the North American HDTV standard, DVD-Video standard,
Blu-ray Disc standard, and Digital Video Broadcasting (DVB) standard. The E-
AC-3 system released in 2005 [4, 7, 10, 11] extends the capabilities of the existing
AC-3 system to better meet the needs of the emerging broadcast and multimedia
applications. The E-AC-3 is essentially the advanced version of AC-3 providing
increased coding efficiency, flexibility and wider range of supported bit-rates,
expanded channel formats (up to 15.1 channels), and reproduction circumstances
while preserving a high level of compatibility and interoperability with existing AC-
3 system [4, 7, 10]. An excellent overview of the current AC-3 and E-AC-3 codecs
is presented in [10].

For the time/frequency transformation of an audio data block, and vice versa, the
AC-3 and E-AC-3 have adopted the modified discrete cosine transform (MDCT) as
a perfect reconstruction cosine-modulated filter bank based on the concept of time
domain aliasing cancellation [14]. Besides the MDCT, the AC-3 defines additional
two variants of cosine-modulated filter banks called the first and second short
transforms. They are actually real-valued polyphase filter banks, where all channels
are shifted versions of the same prototype low-pass filter, and these filter banks are
derived directly from the type-IV discrete cosine/sine transform (DCT-IV/DST-1V)
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kernels [24]. Moreover, the current AC-3 and E-AC-3 codecs for better spectral
estimation and for phase angle adjustment have adopted the modified discrete sine
transform (MDST) which together with the MDCT forms a complex filter bank.
Specifically, the MDCT as the real part and MDST as the imaginary part compose
a complex filter bank called the modulated complex lapped transform (MCLT)
[39, 44, 48].

The chapter is devoted to the perfect reconstruction cosine/sine-modulated filter
banks used in the Dolby AC-3 and E-AC-3 audio coding standards. Specifically, the
chapter presents:

» Definitions of the analysis/synthesis AC-3 filter banks including the customized
Kaiser-Bessel Derived windowing function, and general symmetry properties of
AC-3 transforms both in the time and frequency domains.

 Efficient unified implementations of AC-3 transforms with corresponding signal
flow graphs, and comparison of efficient unified implementations in terms of
computational complexity and structural simplicity.

e Matrix representations of windowing procedure, AC-3 filter banks, their proper-
ties and useful relations among the AC-3 transform (sub-)matrices.

* Relations between the frequency coefficients and the time domain aliasing data
sequences of AC-3 transforms.

» Fast algorithm for conversion of frequency coefficients of AC-3 transforms
directly in the frequency domain for efficient E-AC-3 to AC-3 bit stream
conversion and AC-3 to E-AC-3 bit stream transcoding. The fast conversion algo-
rithm is compared with standard conversion methods in terms of computational
complexity and memory requirements.

¢ Conversion methods of the MDCT to MDST frequency coefficients (exact and
approximate), or equivalently the methods for construction of complex MCLT
filter bank directly in the frequency domain. Exact and approximate conversion
methods are compared in terms of computational complexity, structural simplic-
ity, and memory requirements.

We note that the chapter summarizes many new research results achieved
in the last few years related to the perfect reconstruction cosine/sine-modulated
filter banks used in the Dolby AC-3 and E-AC-3 codecs. More specifically, it
presents more efficient solutions of several open problems originally formulated
in [4, 10, 37]. In general, some efficient methods can be used in any MDCT-based
audio coding scheme/standard/system.

6.2 Definitions of AC-3 Filter Banks

The AC-3 defines analysis and synthesis filter banks with a variable parameter «,
respectively, as [6]
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N—1

== Zx,, cos [—(Zn FDk+ 1) + —(2k + 1+ a)]
n=0
N
k=0,1,...,=— —1, 6.1
5 (6.1
4
2
@) (@) T T
A [—(Zn F D@+ 1)+ 22k + 1)+ oc)] ,
= 2N 4
n=0,1,...,N—1, (6.2)
where
—1  for the first short transform (N = 256)
o= 0 for the long transform (N = 512)
+1  for the second short transform (N = 256).
{x,}, n = 0,1,...,N — 1 represents the input audio data sequence which is

windowed by a symmetrical customized Kaiser-Bessel derived (KBD) windowing
function before its transformation [2, 9, 11-13, 15]. {)?ila)}, n=201..N-
1, represents the recovered time domain aliased data sequence which does not
correspond to the original data sequence {x,}.

Two algebraic terms of cosine transform kernels in (6.1) and (6.2) can be
combined, and AC-3 analysis and synthesis filter banks, respectively, may be

rewritten in more simplified equivalent forms as

o =-= an cos|: (2n+1+—(1+oz))(2k+1)j|,

N
k=01,...,——1, 6.3
5 (6.3)
g1
)?f): — ch cos[ (2n+1+—(1+a))(2k+1)i|,
n=0,1,...,N—1. (6.4)

It is important to note that the normalization factor [% in the analysis AC-3 filter
bank (6.1) or (6.3) with incorporated windowing operation should be reduced to 11\/
to maintain the perfect reconstruction conditions in the overlapped part when the
windowing and overlap-add procedure is applied. With respect to the definitions of
AC-3 transforms it is assumed through the chapter that M = %’ denotes the size of
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two short transforms and N is an even integer divisible by 4. Further, for simplicity,
the scaling factor —%, (—]i\,) in (6.1) and (6.3), and the sign “~” in (6.2) and (6.4)
are omitted.

6.2.1 Parametrized KBD Windowing Function

The parametrized KBD windowing function has been constructed by a numeri-
cal normalization procedure proposed by the Dolby Laboratories [2, 9, 11, 15].
This numerical normalization procedure generally guarantees that any customized
symmetric windowing function satisfying perfect reconstruction conditions can
be derived from an initial symmetric nonnegative kernel function of the length
%V + 1. The KBD windowing function {w, } which is identical both for the analysis
and synthesis AC-3 filter banks with 50% overlapping is obtained by applying a
transformation of the form [2, 15]

-1, (6.5)

where {v;} represents an appropriately chosen symmetric nonnegative kernel func-
tion. In designing of the KBD windowing function, the Dolby Laboratories adopted
the parametrized symmetric Kaiser-Bessel function with a variable parameter
defined as

(6.6)

where Iy(x) is the modified zeroth order Bessel function given by

Iy (x) = i [(Z—)T 6.7)
0 - k' . .

k=0
Since the KBD windowing function is symmetric, i.e., wy—j—, = w, for n =
0,1,..., %’— 1, only half of its values is sufficient to be stored. The KBD windowing

function in the AC-3 and E-AC-3 is used with parameter § = 5. Plot of the KBD
windowing function generated by the procedure (6.5) for N = 512 and § = 5 is
shown in Fig. 6.1. For the shape comparison, plot of the sine windowing function is
also included.

We note that the KBD windowing function is also employed in the MPEG-2/4
AAC [2, 3], specifically, with § = 4 for steady-state conditions (long windowing
function), and with 8 = 6 for transients (short windowing function).
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Fig. 6.1 Plot of the KBD windowing function for N = 512 and 8 = 5. For comparison plot of
the sine windowing function is also shown

6.2.2 How the AC-3 and E-AC-3 Systems Transform Audio
Data Blocks

Compared to the MPEG-2/4 AAC approach [2, 3], the AC-3[1,2,5,6,8,9, 12, 16]
maintains the perfect reconstruction of filter banks while avoiding transitional
blocks. In the AC-3 transform block-size switching procedure, a long block of
N = 512 samples or two short blocks of M = 256 samples is employed (with
the time resolution of 10.7 or 5.3 ms, respectively, for the sampling frequency of
48 kHz). The windowed long block is transformed when the spectrum remains
stationary, or varies only slowly with time resulting in 256 unique nonzero frequency
coefficients. During transients, when the signal changes rapidly in time, shorter
blocks are constructed to reduce pre-echo effects by taking windowed long 512-
sample block and splitting it into two segments each containing 256 samples. The
first half of long block is transformed separately from the second half of that
block. Each half-block produces 128 unique nonzero frequency coefficients. This
is identical to the number of frequency coefficients produced by a single long block,
but with two times improved temporal resolution. Frequency coefficients from those
two half-blocks are interleaved together on a coefficient-by-coefficient basis to form
a single audio block of 256 coefficients being processed identically. The diagram of
time-to-frequency transformation of audio data blocks and vice versa in the AC-3
encoder/decoder is shown in Fig. 6.2.

In the current architecture of AC-3 [4, 10, 11] blocks of frequency coefficients
are grouped into continuous frames. The AC-3 frame length is fixed at 1536
frequency coefficients per input channel corresponding to six 256-coefficients
blocks. Transformed blocks are then quantized and transmitted as the so-called
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Fig. 6.2 Diagram of time-to-frequency transformation of audio data blocks and vice versa in the
AC-3 encoder/decoder

spectral envelope with the associated side information. A similar, mirror image
procedure is applied in the decoder during signal reconstruction. The current AC-3
encoder obtains better spectral power estimation in terms of improving the fidelity
through the power energy summation of the MDCT frequency coefficients and
frequency coefficients of the corresponding MDST [10].

As was mentioned earlier, the E-AC-3 [4, 7, 10, 11] is the advanced version
of AC-3 providing increased coding efficiency, flexibility, and wider range of sup-
ported bit-rates, expanded channel formats (up to 15.1 channels) and reproduction
circumstances while preserving a high level of compatibility and interoperability
with existing AC-3 system [4, 7, 10]. The E-AC-3 preserves frame structure of
six 256-coefficients blocks while also allows for shorter frames composed of
one, two, or three frequency coefficients blocks. This feature enables to transport
audio at data rates in formats limiting the amount of data per frame, such as
DVD. The E-AC-3 utilizes new powerful coding tools such as an improved filter
bank, improved quantization, enhanced channel coupling with phase preservation,
spectral extension, and transient pre-noise processing. The improved filter bank is an
adaptive hybrid transform composed of two linear transforms connected in cascade
[10, 11]. The first transform is identical to that of employed AC-3: The windowed
long (MDCT) transform producing 256 unique nonzero frequency coefficients. For
frames containing audio signals which are stationary, a second linear transform
can optionally be applied by E-AC-3 encoder, and inverted by the decoder. It
is a non-windowed, non-overlapped type-II discrete cosine transform (DCT-II).
When the DCT-II is applied, six 256-coefficients blocks are converted to a single
1536-coefficients block. This increases the frequency resolution resulting in the
significantly improved coding efficiency and perceptual coding performance for
stationary audio signals [10, 11]. Enhanced channel coupling process in the encoder
and decoder requires the phase information for angle adjustment and therefore,
besides the MDCT the corresponding MDST is also generated. The transient
detector is similar but more sensitive to that employed in the standard AC-3 encoder.
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However, although the E-C-3 in the presence of a transient can be switched into
AC-3 block switching mode, the E-AC-3 decoder processes transient segments in a
different way by the transient pre-noise coding tool [10, 11].

Essentially, the E-AC-3 bit streams are similar in nature to AC-3 bit streams, but
are not backwards compatible, i.e., they are not decodable by AC-3 decoders. Annex
E of [7] specifies E-AC-3 the bit stream syntax for decoding process.

6.2.3 Symmetry Properties of AC-3 Transforms

When investigating general mathematical properties of the filter banks, and when
developing fast computational structures for their efficient implementation, they are
frequently considered for simplicity as the block transforms applied to a single
(windowed) data block. In the following subsections the symmetry properties of
the AC-3 block transforms applied to the single audio data block are investigated in
detail [29, 30].

6.2.3.1 The Forward and Backward Long (MDCT) Block Transforms

For @ = 01in (6.3) and (6.4) let us denote ¢, = c,i and X, = x ' The AC-3 forward
and backward long block transforms are, respectively, given by

N
ancos[ (2n+1+ )(Zk—i-l)} k=0.1,....2=1,  (68)

n=0

ol

—1

§<>
Il
MI

N
Cr COS [2N (2n+l+ ) (2k—|—1)] n=0,1,...,N—1, (6.9)

k=0

and they correspond, respectively, to the forward and backward MDCT block
transforms [14]. The symmetry properties of data sequences {c;} and {X,} as well
as the general mathematical and special properties of the MDCT block transform
are presented in Chap. 3. Essentially, the forward and backward MDCT block
transforms with the KBD windowing function (in general with any symmetric
windowing function) can be efﬁciently realized by the fast analysis and synthesis
MDCT filter banks based on an —-pomt DCT-IV [30]. This approach results in an
identical fast computational structure with simple pre- and post-processing of data
sequences both for the forward and backward MDCT computation.
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6.2.3.2 The Forward and Backward First Short Block Transforms

Fora = —1in (6.3) and (6.4), the forward and backward first short block transforms
are, respectively, defined as

M—1

M
o’ =3"x cos[—(2n+1)(2k+1)] k=01..5 -1 (610
n=0
Y
A(=1 (=1 g
50=Yq cos[ﬁ(2n+l)(2k+1)], n=0,1,....M—1, (6.1
k=0

where {xi:) } represents the input data sequence taken from the first half of long audio
block, i.e., x. = x,, n=0,1,...,M — 1. Substituting M — 1 — k for k into (6.10)

and M — 1 — n for n into (6.11) we obtain

(=1 (=D

i =—¢ . k=0.1,....=——1, (6.12)

M
2
demonstrating that {C;{_l)} possesses the even anti-symmetry property while {fc:”}
has the following symmetry:

A(=D) A=D) M
2

Xpfmlop = — X, n=0,1,...,

—1. (6.13)

Using the symmetry of the cosine transform kernel, i.e., substituting M — 1 — n for
n into (6.10), the forward first short transform can be written as

Y
2
=1 © M
= 2 DRk +1 k=0,1,...,——1,
o HEZO y, COS [4(M/2)( n+ 1)(2k + )i| >
(6.14)
where
C C C M
o= n=01...5-L (6.15)

Since the DCT-1V is self-inverse, the backward first short transform is given by

¥4

v = ) ;" cos [4(M/2)(2n+1)(2k+1)]

-1, (6.16)
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and the time domain aliased data sequence {)Ac;_l)} is recovered from {y;f)} by
applying an inverse permutation to that of (6.15) defined as

— c Al— c M
2=y A == n=0.1.... 5 1. (6.17)
The cosine transform kernels in (6.14) and (6.16) are recognized as %’-point forward

DCT-IV of {y,(:)} and %’-point inverse DCT-1V of {c;(_l) }, respectively.

6.2.3.3 The Forward and Backward Second Short Block Transforms

For « = +1 in (6.3) and (6.4), the forward and backward second short block
transforms are, respectively, defined as

M—1
c;:rl) = Zx:) cos [%4(2}1 + 1+ M)(Q2k + 1)] , k=0,1,...,
n=0

¥y
2
27 = %cﬁf” cos[%l(zwr 1+ M)k + 1)], n=01,. . . M—1,

(6.19)
where {x:)} represents the input data sequence taken from the second half of long

audio block, .., x. = Xyn. n=0,1,...,M—1. Similarly, substituting M — 1 —k
for k into (6.18) and M — 1 — n for n into (6.19) we obtain

(+1) (+1 M

ok =—c . k=012 (6.20)

and {c;fl)} possesses also the even anti-symmetry property while {)?:r”} has the
following symmetry:

A(FD A(FD

Xppien =X, s n=0,1,...,

M 1 (6.21)
2 . .
Applying a permutation to the input data sequence {x:)} in (6.18) [25]

(s) M
— Xy, =01 %1,
2

y, = (6.22)

and using the symmetry of the cosine transform kernel, i.e., substituting M — 1 —n
for n, the forward second short transform takes the following form:
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¥y

2
(+1) (s) T M
= 2 nDRk+1)|, k=0,1,...,——1,
o gyn COS|:4(M/2)( n+ 1)(2k + )i| >
(6.23)
where
() (s) () M
Y =—x%+n—x%_l_n, n:O,l,...,E—l. (6.24)

Since the DCT-1V is self-inverse, the backward second short transform is given by

M
u_y

(s) (+D) /g
= 2 DRk+1)]|, k=0,1,...,
W= | et veke |

M
- 1,
2

(6.25)

whereby the time domain aliased data sequence {)?:r”} is recovered from {y:)} by
applying an inverse permutation to that of (6.24) defined as

(D) ® A(+D) ® M
=—y X =—y n:0,1,...,?

M - n M_q_ n
5 +n 5 —l—n

~ 1 (6.26)

The cosine transform kernels in (6.23) and (6.25) are again recognized as %-point
forward DCT-1V of {y:)} and %—point inverse DCT-IV of {c;fl) }, respectively.

In summary, from Egs. (6.14)/(6.16) and (6.23)/(6.25) it can be seen that the M-
point forward/backward first and second short transforms are, respectively, reduced

to %—point forward/inverse DCT-IV.

6.3 Efficient Unified Implementations of AC-3 Transforms

Motivated by a specific definition of AC-3 filter banks, some proposed fast MDCT
algorithms [19, 21, 30] and existing fast computational structures for the discrete
sinusoidal unitary transforms computation of real data sequences [21-23, 25, 27,
28] have been investigated for the alternate and simultaneous (online) efficient
implementation of AC-3 transforms. However, in all investigated unified approaches
due to different transform lengths of the long (MDCT) and two short transforms,
the efficient implementations have required a fast computational structure being
reconfigurable with respect to the block length or they have required a modification
in the internal structure of the fast algorithm. As the most efficient solution
in terms of the arithmetic complexity and structural simplicity for the efficient
implementation of the long (MDCT) and two short transforms the AC-3 [6] and
E-AC-3 [7] have adopted a reconfigurable complex DFT/FFT-based fast algorithm
[24, 53].
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In the following subsections such efficient unified implementations of AC-3
transforms are discussed in more detail.

6.3.1 Efficient Implementations of AC-3 Transforms Adopted
in the AC-3 and E-AC-3 Codecs

In the theory of fast MDCT algorithms it is well known that using a simple
permutation applied to the input (windowed) data sequence, the MDCT can always
be converted to the DCT-IV of half size. It is widely accepted that the DCT-IV-based
fast MDCT algorithms are the most efficient both in terms of arithmetic complexity
and structural simplicity [30].

Consider the N-point forward long (MDCT) transform given by (6.8). In fact,
using a permutation applied to the input data sequence {x, } defined as

TXW Ly, TXW . R =0,1,...,%— I,
Yn = (6.27)
Xy =Xy, n:%’,%+l,...,%}—l,
or alternatively, applying a permutation defined as
y%-}-n = Xn — x%—l—n’
YN _jop = 7 XNy = AN—1—n»
N

n=0,1, ’Z_l’ (6.28)

the N-point forward long (MDCT) transform is converted to the %’-point forward
DCT-IV of {y,} as follows:

N
N

= v cos[ T 2n+1)(2k+ 1)},
n=0

4(N/2)
N
k=0.1....2 -1 (6.29)

Although the permutations (6.27) and (6.28) seem to be different, they generate
exactly the same data sequence {y,} [30]. Since the DCT-IV is self-inverse, with
respect to (6.29) the backward long (MDCT) transform given by (6.9) is realized by
the inverse 5 -point DCT-IV of {c;} as
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N
N

= cos[ T on+ 1)k + 1)],
k=0

4(N/2)
N
n=01,...2 -1 (6.30)

The time domain aliased data sequence {X, } can be recovered from {y,} applying an
inverse permutation to that of (6.28) as

Xn =y¥+n’ x%—l—n = _y%-l—n’
x%-}n = _Y%_1_n, XN—1—n = —y%_l_n,
N
n=00 gL (6.31)

Finally, Egs. (6.14), (6.15) and (6.16), (6.17) define the fast algorithms, respec-
tively, for the M-point forward and backward first short transforms computation
based on the %-point forward and inverse DCT-IV. Similarly, Egs. (6.23), (6.24) and
(6.25), (6.26) define the fast algorithms, respectively, for the M-point forward and
backward second short transforms also based on the %-point forward and inverse
DCT-IV. As an example, signal flow graph for the online computation of the first
and second short transforms for M = 8 is shown in Fig. 6.3.

Now, it is sufficient only to specify a suitable fast DCT-IV algorithm/computational
structure valid for any N being an integer divisible by 4. Although generally, many
2"-length [24, 49, 53] and even-length fast DCT-IV algorithms/computational
structures are available [19, 30] (see Appendces C.2.1 and C.2.2), the AC-3 [6] and
E-AC-3 [7] codecs have adopted a 2"-length fast DCT-IV algorithm based on the
identical complex forward FFT of half size [17, 24] which combines theoretical
efficiency with very regular structure and achieves the lowest multiplicative
complexity. For N = 2" its arithmetic complexity is %(n + 2) real multiplications
and %n real additions [53]. The fast algorithm for the forward/inverse DCT-IV
computation based on the identical complex forward FFT of half size [24] with
corresponding fast computational structure is presented in Appendix C.2.1.

Thus, for the efficient implementation of N-point (N =512=2° n=09) for-
ward/backward long (MDCT) transforms the AC-3 and E-AC-3 employ the %’—point
DCT-1V fast algorithm which is mapped into the identical %’—point forward complex
FFT module. Then, the forward long (MDCT) transform given by (6.29) taking
into account Eq. (6.27) or (6.28), as well as the backward long (MDCT) transform
given by (6.30) with overlap/add procedure require %(n — 1) real multiplications
and & (3n — 1) real additions.

On the other hand, for the efficient implementation of M-point (M = 256 = 28,
m = 8) forward/backward short transforms the AC-3 employ additionally the
%’—point DCT-1V fast algorithm which is similarly mapped into the identical %4—
point forward complex FFT module. Then, the forward first/second short transforms
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Fig. 6.3 Signal flow graph for the online computation of the first and second short transforms for
M=238

given by (6.14)/(6.23) and (6.15)/(6.24) require %(m — 1) real multiplications and
%(3m — 1) real additions. The backward first/second short transforms given
by (6.16)/(6.25) with overlap/add procedure have exactly the same arithmetic
complexity.

Recently, new recursive algorithms for the 2" length DCT-IV/DST-IV and MDCT
computation have been presented in [26] requiring fewer total real multiplications



340 6 Perfect Reconstruction Cosine/Sine-Modulated Filter Banks in the Dolby.. .

and additions than algorithms published up to now. They are based on a new
improved FFT algorithm being actually the modified split-radix FFT with fewer
arithmetic operations. For the N-point DCT-IV, N = 2", n > 2, the total number
of arithmetic operations is asymptotically reduced from 2Nn + N to %Nn + %N .
Since the DCT-IV and MDCT are closely related, this improved DCT-IV algorithm
immediately implies an improved MDCT algorithm.

6.3.2 Efficient Implementations of AC-3 Transforms Based
on One Unified Transform Kernel

An interesting method for the unified efficient implementation of AC-3 short
transforms has been proposed in [27, 28]. First, the cosine transform kernel of AC-
3 filter banks with the variable parameter « in (6.1) and (6.2) is rewritten into one
unified equivalent form which corresponds to the cosine transform kernel of the long
(MDCT) transform. Consequently, the short transforms can be implemented by the
long (MDCT) transform formula with simple pre-processing of data sequences.

Consider the AC-3 analysis filter bank given by (6.1). Extending the second term
of cosine transform kernel containing (1 + o) we have

N—1

« T s T
%‘Z?”“bﬁ”+”w+”+zm+”+zm*”4’(“”

and combining the first and third terms in the cosine transform kernel of (6.32), after
a simple algebraic manipulation we get

N—1
a b4 N /4
= — (2 14+ — 2k+ 1)+ —Q2k+1
o ;xncos[zN(n+ +2a)( +)+4( +):|
= b N T
= n — (2 — 1) QRk+ 1)+ —Qk+1)].(6.33
;)x cos[zN((n+4a)+)( +)+4( —i—)}( )
Finally, substituting m = n + %’ a(n=m-— %’ «) into (6.33) we obtain a unified

equivalent form of the cosine transform kernel of the AC-3 analysis filter bank as
[27, 28]

N—=1+% o
o b v
=Y o, Cos[ﬁ(Zm—i— DEk+1) + T2k + D).
n=Ya
N
k=01...3-1 (6.34)
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For @ = 0 in Eq. (6.34) we have

(0)

N_
T T
¢ =3 xu cos [ﬁ(Zm + @k + 1) + Tk + 1)]
m=0

:me cos[ (2m+1+ )(2k+1)]

-1, (6.35)

which actually for m = n is the forward long (MDCT) block transform given
by (6.8). When parameter « # 0, the data sequence {x } in (6.34) can be

interpreted as a shifting of the original data samples by 7 samples with respect
to the cosine transform kernel. In fact, exploiting the anti-periodicity property of
MDCT transform kernel with the period N, i.e., by substituting m + N for m into
(6.35), we have [30]

m—*a

" (om+1+ Y pon) @+ 1)
COS N m )

= — cos |:2N (2m+ 1+ N) 2k + 1)i|

and it can be shown that for « = F 1, the original data sequence {x,} has to
be circularly shifted to the left/right in the period N by %’ samples, respectively,
followed by sign changes of % circularly shifted samples.

Specifically, for « = —1 in (6.34) the forward first short transform for N = M is
given by

o Z xm+MCOS[ 7;/1(2m+1)(2k+1)—|—%(2k+1)],

m=— T

k=0,1,... -1, (6.36)

"2

while for « = 41 in (6.34) the forward second short transform for N = M is
given by

5Ml

o Z X,,_u cos [—(Zm F Dk +1) + —(2k + 1)]
m=4
M
k=015 — 1. (6.37)
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Applying the following permutation to the input data sequence {x,} (actually
corresponding to circular shifting to the left by % samples)
= M _
XH s m=0,1,..., 1,
= (6.38)

_3M 3M
Xy 3 m—4,4+1 oM -1,

=D
Ym

the forward first short transform given by (6.36) takes the form

M—1
— — b T

m=0

M—
=Z cos[ (2m+1+ )(2k+1)]

M
k:O,l,...,E—l. (6.39)

On the other hand, applying the following permutation to the input data sequence
{xn} (actually corresponding to circular shifting to the right by % samples)

_ M
- XM s m—O,l,...,T—l,
Yy = (6.40)
XM m:%’l,%—f—l,...,M—l,

the forward second short transform given by (6.37) takes the form

oo Z*”mﬁ%m+mwﬂw%m+ﬂ,

M—1 o . M
(+1
= “lom+14+=)@k+1)],
Lo s (a1 T ) k)
k=0,1,...,——1. (6.41)

Equations (6.39) and (6.41) imply that both the forward first and second short
transforms computation after a proper permutation of the original data sequence
{xnm} (Egs.(6.38) and (6.40)) can be implemented via any fast computational
structure for the forward long (MDCT) transform of size M = % If the DCT-IV-
based fast MDCT algorithm is applied to the computation of the forward first and
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second short transforms, then one may simply use Eq. (6.27) or (6.28) for N = M
and n = m to convert the M-point short transforms to %-point forward DCT-IV
given by (6.29).

By the similar procedure for the AC-3 synthesis filter bank given by (6.2) with
the variable parameter ¢, or simply directly from (6.34) we obtain

Al@) o T T
e = 2 s [5@m+ DEk+ 1 + Zek+ D).
P SO VA I (6.42)
m—40‘»40l 40[. .

For ¢ = 0in Eq. (6.42) we have

N
N
NO) ©)

= C, €OS [—(Zm +1D2k+1) + —(2k + 1)]
k=0

N_
71

=y"¢ cos[2 (2m+1+ )(2k+1)]

k=0

m=0,1,...,N—1, (6.43)

which actually for m = n is the backward long (MDCT) block transform given
by (6.9). For ¢ = —1 in (6.42) and N = M the backward first short transform is
given by

u_

A=D) )
Xyt = ch cos [—(2m+ DQRk+1) + —(2k+ 1)]

k=0

Y

=3¢ cos [l (2m+1+ )(2k+1)}
2M
k=0
M M M
=—,—4+1,...,——1. 6.44
m 1 1 + 1 ( )

Similarly, for « = +1 in (6.42) and N = M the backward second short transform is
given by

¥y
2
A1) (+D T T
- T om+ 1Dk + 1) + 22k 1],
S e cos[ZM(m—i- Yk + 1) + 72k + 1)

=
|

k=0
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¥4

2

(+1) b4 M

= — (2 1+ —)Qk+1

Cy cos|:2M(m+ +2)( + ):|
k=0

M M 5M

= —+1,...,——1 6.45

m 1 4+ 1 ( )

Exploiting the symmetry properties of the time domain aliased data sequences
{)?Ln_ ])} and {)Ac,(;l)} given by (6.13) and (6.21), respectively, only half of samples is
sufficient to be computed. Equations (6.44) and (6.45) imply that the data sequences
{55,(”_ "} and {)?,(;”} are recovered, respectively, by the backward first and second short
transforms implemented via any fast computational structure for the backward long
(MDCT) transform of size M = %’

6.3.3 Efficient Implementations of AC-3 Transforms via
the Fast MDCT Computational Structure

The fast MDCT algorithm originally proposed in [21] and refined in [18] besides
the computation of long transform can be also adopted for the alternate efficient
implementation of two short transforms in the AC-3. Complete formulae of the
fast MDCT algorithm [21] are presented in Chap. 4. The corresponding refined fast
MDCT computational structure for N = 16 is shown in Fig. 6.4. The computation of
backward long (MDCT) transform is realized simply by reversing the fast MDCT
computational structure and performing inverse operations. For 2" lengths the N-
point long (MDCT) transform requires %’(n + 1) real multiplications and %(31@ +3)
real additions.

In order to adopt the fast MDCT computational structure for the alternate efficient
implementation of two short transforms in the AC-3, consider the first step in the
derivation of the fast MDCT algorithm defined as [21]

ﬁﬂ_

5 1
_ . / b4
= (<D n§=0: X, cos [ﬁ(Zn +1)(4k + 1)]

—x,: sin [%(Zn + 1)(4k + 1)] ,

k=0,1,...,

N
—-1 6.46
5L (6.46)

where

’ 14 N
X, = Xn — XN—1—n> X, =Xy +XN—1—n, n=0,1,..., 3" 1. (6.47)
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Fig. 6.4 Refined fast MDCT computational structure for N = 16, § = %

Equation (6.46) is actually derived exploiting the even anti-symmetry property of
MDCT coefficients [21]. This fact allows us to consider the even-indexed MDCT
coefficients only. The odd-indexed MDCT coefficients can be deduced from the
even anti-symmetry property.

Based on the even anti-symmetry property (6.12) of the first short transform
given by (6.10), let us consider its even-indexed coefficients. Then, using the
symmetry of cosine transform kernel we have

M—1
¢ =34 cos [%(2;1 )4k + 1)]
n=0

M
Y

= Z(x‘n”) —x](;;_l_n) cos [%(2}1 + 1)(4k + 1)] ,
n=0

k=0,1,.. -1 (6.48)

°

M
2
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The data sequence {xif) — x,(;_l_n} in (6.48) has exactly the same form as {x;}

defined in (6.47) for N = M. In fact, from (6.46) it follows that the first short
transform can be computed by the fast MDCT computational structure setting x:; =
Oforn=0,1,..., % —1, where x;: is defined in (6.47) for N = M. It means that the
upper half after the first butterfly stage of the fast MDCT computational structure
(see Figs. 6.4 and 6.5) is set to zero. Final coefficients of the first short transform are
obtained as

) ) M
Cop = Z2ks Copp1 = — m—2-2» k=0,1,..., T 1. (6.49)

On the other hand, the second short transform given by (6.18) may be expressed
in the following equivalent form

M—1
& = Y sin[%@n—}- 1)(2k + 1)],
n=0

M
k=0,1,...,5—1. (6.50)

For the first short transform

* X7 = 0,n=0, 1, ..., (M/2)-1
x1
X,
x3

cos 7m/32
sin 7n/3%
cos 5m/32 ,"'

sin 5733
cos 3n/32 ,’//

‘ 4-point DCT-II ‘ ‘4—point DCT-1I ‘

/ cos 5m/32
sin 7m/3.

cos 7m/32

For the second short transform
7] x,=0, n=0,1, ..., (M/2)-1

Fig. 6.5 Modified fast MDCT computational structure adopted for the alternate computation of
two short transforms in the AC-3 for M = 16
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Again, based on the even anti-symmetry property (6.20), let us consider the even-
indexed coefficients of the second short transform given by (6.50). Using the
symmetry of sine transform kernel we have

Yy
2
s s . T
c(kar” = — Z (x;’ —}—x;l,,)_l_n) sin [ﬁ(zn + 1)(4k + 1)] ,
n=0
M
k:O,],...,E—], (6.51)

and the data sequence {x:) + x;;_l_n} in (6.51) has exactly the same form as {xZ} in
(6.47) for N = M. Similarly, from (6.46) it follows that the second short transform
can be computed by the fast MDCT computational structure setting x;, = 0 for
n=201,..., %4 — 1, where x;l is defined in (6.47) for N = M. It means that the
lower half after the first butterfly stage of the fast MDCT computational structure
(see Figs. 6.4 and 6.5) is set to zero. Final coefficients of the second short transform
are obtained as

M
o =z oy =—maa k=0.1,..., T (6.52)
For the computation of two short transforms in the AC-3 the fast MDCT
computational structure should be slightly modified. Comparison of (6.46) with

(6.48) and (6.51) implies that the factor (—1)* “/TE in (6.46) has to be eliminated.
The corresponding modified fast MDCT computational structure for the alternate
computation of two short transforms in the AC-3 for M = 16 is shown in Fig. 6.5.
The computation of backward short transforms is realized simply by reversing the
modified fast MDCT computational structure and performing inverse operations.
For M = 2™ lengths the computation of M-point first or second short transform
requires %(m + 1) real multiplications and %(Sm — 1) real additions.

6.3.4 Efficient Implementations of AC-3 Transforms via
the Fast O*DFT and DFT-IV Computational Structures

A computationally efficient DFT/FFT-based MDCT algorithm originally proposed
for the realization of real-valued single sideband analysis/synthesis filter banks
(with perfect reconstruction as well as with nearly or almost perfect reconstruction)
has been proposed in [23]. Due to the same even anti-symmetry property of the
long (MDCT) transform coefficients and O>DFT ones (see Appendix B.1), the
efficient forward/backward long (MDCT) computation is based on the fast O>DFT
algorithm (see Appendix B.2) derived for odd/even symmetric real-valued data
sequences. Complete formulae of the fast O>DFT algorithm [23] for the efficient
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implementation of long (MDCT) transform are presented in Chap.4. For N = 2"
the long (MDCT) transform computation requires %'(n + 1) real multiplications and
¥(3n+ 1) real additions.

The O>DFT is equivalent to the generalized DFT of type IV (GDFT-1V) of real-
valued data sequences defined as [20]

M—1
f,iv _ Zx,, exp |:—i %(Zn + 1)(2k + 1)] )

n=0

k=0,1,....M—1, (6.53)

where {f,fv} are GDFT-IV transform coefficients and i = +/—1. The corresponding
fast GDFT-IV computational structure [20] can be adopted for the online com-
putation of two short transforms in the AC-3 as follows. Consider the first short
transform defined by (6.10) and the second short transform defined by (6.50). Using
the symmetry properties of cosine and sine transform kernels, the GDFT-IV given
by (6.53) can be decomposed as

¥

s ZZ : [ﬂ(2n+l)(2k+1)]_. . [n(2n+l)(2k+l)}
E TS 4(M/2) n S 4(M/2) ’
k=0,1,...,M—1, (6.54)

where {x;} and {x;:} are given by (6.47) for N = M. Using Eq. (6.50), the fast
GDFT-IV computational structure can be modified for the online computation of
two short transforms in the AC-3. It is shown for M = 16 in Fig. 6.6. For M = 2"
the first/second short transform computation requires % (m + 1) real multiplications
and ¥ (3m + 1) real additions.

6.3.5 Comparison of Existing Efficient Implementations
of AC-3 Transforms

The arithmetic complexity of N = 2"-length fast algorithms for the for-
ward/backward long (MDCT) transform computation is summarized in Table 6.1.
The arithmetic complexity of the M = 2™ length forward/backward first and second
short transform computation is obtained, if we replace N by M and n by m in
Table 6.1.

The DCT-IV-based efficient implementation of AC-3 transforms via the identical
complex forward FFT of half size combines theoretical efficiency with very regular
structure and achieves the lowest multiplicative complexity. Due to using different
block lengths of AC-3 transforms, it is necessary only reconfigure it. On the other
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Fig. 6.6 Modified fast GDFT-IV computational structure for the online computation of two short

transforms in the AC-3 for M = 16

Table 6.1 Summary of arithmetic complexity of discussed 2"-length fast algorithms for the

forward/backward long (MDCT) transform
# of real adds

N = 2"-point fast algorithm # of real mults
DCT-IV-based via %—point complex FFT %(n -1 %(311 -1
Y@n+3)

Tn+1)
¥G@n+1)

Fast MDCT computational structure [18, 21]
T+

Fast O’DFT algorithm [23]
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hand, the fast MDCT computational structure [21] requires a modification in its
internal structure with respect to the block length.

6.3.6 The Efficient Implementation of Adaptive Hybrid
Transform

We recall that the E-AC-3 utilizes an improved filter bank. The improved filter bank
is an adaptive hybrid transform (AHT) composed of two linear transforms connected
in cascade [10, 11]. The first transform is identical to that of employed in AC-3:
the windowed 512-point long (MDCT) transform producing 256 unique nonzero
frequency coefficients. For frames containing audio signals which are stationary, a
second linear transform can optionally be applied by E-AC-3 encoder, and inverted
by the decoder. It is the non-windowed and non-overlapped DCT-II. After the time-
to-frequency transformation of successive overlapped audio blocks, six blocks of
MDCT coefficients are packed and transformed by the DCT-II resulting in a block
of 1536 coefficients. An efficient implementation of the DCT-II and its inverse, the
DCT-III, is also briefly discussed for completeness.

Since the block length is a composite number, i.e., 1536 = 29 x 3, the
composition of even-length fast recursive DCT-II algorithm and 3-point DCT-II
module provides an efficient implementation of DCT-II in the E-AC-3 encoder.
Complete formulae of the even-length fast recursive DCT-II (DCT-III) algorithm
are presented in Appendix C.1.1, whereas the required efficient optimized 3-point
DCT-II/DCT-IIT modules are presented in Appendix D.4. The arithmetic complexity
of 1536-point DCT-II (DCT-III) computation is 7424 multiplications and 22 273
additions.

6.4 Matrix Representations of AC-3 Transforms

An alternative way to represent the AC-3 block transforms is in the matrix-vector
form. Matrix representations are very powerful tools to analyze filter bank charac-
teristics of the single data block both in the time and frequency domains. In the
following subsections the matrix representations of windowing procedure and AC-
3 transforms, their properties, and useful relations among transform (sub-)matrices
are investigated and presented in detail [29, 30].

6.4.1 Windowing Procedure

Let Wy be a diagonal matrix with elements {w,} on the main diagonal defined as
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wy 0

2 , 6.55
0 W(; (6.55)
2

Wy =
. . . . M @
representing the KBD windowing function, where W and W represent the first

2 2
and second half of the windowing function, respectively. In order to eliminate time
domain aliasing, the windowing functions of two succeeding data blocks have to
satisfy the perfect reconstruction conditions. We recall that they are given by

2 2 2 2 1
wn—i—w%ﬂ—wn—i—w%_l =1,

N
n=0.1....2 ~1 (656

Wyp = WN—1—n, O W%-ﬁ-n = W%—l—n’

or alternatively, in the matrix form as

(1) (1 () )
WN WN + WN WN - Iﬂy
2 2 2 2 2

Wy =Jy Wy Ju, (6.57)
2 2 2

where I y is the identity matrix and J N is the reverse ordered identity matrix both

of order % The matrix Wy given by (6.55) represents the windowing procedure by
the symmetric KBD function applied to an audio data block in the encoder or to a
recovered time domain aliased data block in the decoder.

6.4.2 Forward/Backward Long (MDCT) Transform

Consider the forward and backward MDCT block transforms defined by (6.8) and
(6.9), respectively. Let the cosine transform kernel in the forward MDCT block
transform (6.8) be represented by an %’ X N matrix C Yuy with elements

b4 N
{C%XZ\,}“ = cos [ﬁ (2n T14 E) 2k + 1)} ,

N
k=01....o-1L n=01.. N-1 (6.58)

Further, the cosine transform kernel in the backward MDCT block transform (6.9) is

T
represented by the matrix [C Ny N] = Cyy x, where T denotes transposition. Next,
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T
let XT = [.X(),.xl, . ,)CN_l]T, CT = I:C(),Cl, ey C%_I:I and )A(T = [.%0,.%1, . ,.%N_l]T
be column vectors. Then, the forward and backward MDCT block transforms
given by (6.8) and (6.9), respectively, including the windowing operation and

the normalization factor % can be written in the equivalent matrix-vector
form as

=L Oy Wi X' 6.59

¢ = ]V ng N X, ( . )

=Wy [C%XN]T ol (6.60)

Based on the matrix representation of the MDCT it was shown in [50] that the

transposed MDCT matrix [C Ny N] denoted by C o is the pseudoinverse of its

corresponding forward transform matrix. Hence, the forward and backward MDCT
block transforms are actually the pseudoinverse pair (see Appendix A.1).

The pseudoinverse matrix [51, 52] and its properties provide an elegant mathe-
matical tool to characterize the MDCT, and in general, any perfect reconstruction
cosine-/sine-modulated filter bank in a matrix representation. If we consider the for-
ward MDCT given by (6.59) to be overdetermined systems of linear equations, then
the time domain aliased data samples {X,} in (6.60) for given MDCT coefficients
can be interpreted as least squares solutions, i.e., solutions with minimum norm
[51]. For products of the matrix C Yun and its pseudoinverse, C;X v the following

relations hold:

+ N
ngN CNX% = 51%, (6.61)
and
Iv —Jx 0 0
4 4

C+ c N —J% I% 0 0 IN—J% 66
Nx§ TN Ty 0 0IvJy| 4 0 Iy+Jy (6:62)

0 OJ% I%

where 1 y is the identity matrix, J y is the reverse ordered identity matrix both of
order % and 0's are null matrices. For clarity, the matrix C Ny in explicit form for
N = 8 is given by
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S5 1 yEs 5 3 b b4 3
COos 16 COS 16 — COS 16 — COS 16 — COS 16 — COS 16 — COS 16 — CcOS 16
big 5n S5 big I 3n 3n I
— COS 16 — COS 16 COos 16 COos 16 Cos 16 — COS 16 — Cos 16 COS 16
Cyxg =
I 3 3 1 kg Sm St b
Ccos T6 Ccos 16 —COs T6e — Ccos 16 Ccos 16 —COs 16 — Ccos 16 Ccos 16
3n _ Ed kL _ 3n 5w _ I i Sm
Ccos T6 Cos 16 CoS 16 Ccos 16 Ccos 16 Ccos 16 Ccos 16 Cos 16

6.4.3 Forward/Backward First and Second Short Transforms

Consider the forward and backward first/second short block transforms defined by
(6.10)/(6.18) and (6.11)/(6.19), respectively. Let the cosine transform kernels of the
first and second short transforms in (6.10) and (6.18), respectively, be represented

M . ) &) .
by the 5 x M matrices C Mo and C Y with elements

&

2 XM}“ — cos [%(Zn + 1)k + 1)] ,
{C

8

XM}M — cos [%(2;1 14+ M)k + 1)] ,

NN

M
k=0,1,...,5—1, n=0,1,....M—1. (6.63)
Using the notation introduced in the previous subsection, the forward first and
second short transforms given by (6.10) and (6.18), respectively, including the
windowing operation and the normalization factor % can be written in the equivalent
matrix-vector form as

o 4 o W @7

[ = 2 Ca, W T (6.64)
G,y 4o @ [ O
[ = = L W T (6.65)

while the backward first and second short transforms given by (6.11) and (6.19),
respectively, including the windowing operation can be written as

£ =W T 50

(2)

K =W IC ) T (6.67)
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Similarly as for the forward/backward MDCT block transforms, it can be shown
that the forward/backward first and second short block transforms are actually the

pseudoinverse pairs (see Appendix A.1). In fact, for the product of matrix C(;X Iy
2

. . ) .
and its pseudoinverse denoted by [C MxM]+’ as well as for the product of matrix
2

(2)

C. ,, and its pseudoinverse denoted by [C;;X u ], the following relations hold:
2 2

XM
M

(1) [C ] — (z) [C(Z) M]+ = 3 1%’ (6.68)

where 1 u is the identity matrix of order =, and

M 4 A0 M Iv —Ju . % B
[CMx%] C%XM 4 (—JM I’;’) - 4 (IM JM)? (6.69)
M (IuJu M

c®. Y me < (J; I;) =~ W +Ju). (6.70)

22

where Iy, is the identity matrix and J), is the reverse ordered identity matrix both of
. . (1) @ . ..
order M. For clarity, the matrices C , and Cy , in explicit forms for M = 4 are
2 2

given by
bie 3n 3n
COS§ CoS 3 —COS? —COS§
(1)
Coy = ’
3n bid 3n
COST —COS§ COS & 8 —COST
3n bid 3n
—COS? —COS§ _COS8 —COS?
(2)
Crxs =
3n 3n b4
COS§ —COS? —COS? COS§

6.4.4 Useful Relations Among the AC-3 Transform Matrices

Denote by #x, = cos |25 (224 1 + §) (2k 4 1)] the elements of matrix Cyuy
given by (6.58). We recall that the k-th row basis vector of ngN in the first
half possesses the even anti-symmetry and in the second half possesses the even
symmetry property, respectively, given by
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tk.%—l—n = — Ikn, tk,%—i—n = g N—1—n>

N

Vv k, nzO,l,...,Z—l. (6.71)

Similarly, denoting by t,(cl)n = cos [ﬁ(Zn + 1)(2k + 1)] the elements of matrix

0) . . x

C%XM given by (6.63), and denoting by t,iz; = cos [W(Z” + 14+ M)(2k + 1)] the

elements of matrix C(ZM)X )y given by (6.63), it can be verified by proper substitution
2

. ) i .

that the k-th row basis vector of €, exhibits the even anti-symmetry property
2

given by

1) (1)
foriotn = =l Yk, n=0,1,...,

-1, (6.72)
while the k-th row basis vector of C(;)X yy exhibits the even symmetry property
2
given by
@ ©) M

T e (6.73)

The even anti-symmetry and even symmetry properties of row basis vectors given
by (6.72) and (6.73) are quite similar to those of time domain aliased data sequences

{5{])} and {%;H)} given by (6.13) and (6.21), respectively.
Now, let the matrix C Yuy given by (6.58) and its pseudoinverse, C;X v be split
into two blocks defined as

+
+ Ky

Coav=(KyLy). Cpy= 3k (6.74)
2

+ + . . .
where K y, L%, Ky and Ly are square nonsingular matrices of order % with
2 2

elements
T N
{Ky }in = cos [ﬁ (2n +14 5) 2k + 1)} ,
3N N
L} =cos[% (2n+ 1+ 7) (2k+1)},k, n=01... -1,
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N
{KN}nk—COS N 2n+ 1+ E QRk+1)],

{LN}nk = cos |:2N (211 +1+ 3—N) (2k + 1)i|

l 1 (6.75)
2 . .

From (6.71) it follows that the k-th column basis vector of K;r is even anti-
2

. . + . .
symmetric, whereas the k-th column basis vector of Ly is even symmetric, and
2

immediately from (6.62) we have

+ N Iv —Jn N
KyKy=7 (_J; ;) =5 Uy —Jy. (6.76)
4 4

) = ]ZV Iy +1Jy). (6.77)

Finally, comparing (6.76) to (6.69) and (6.77) to (6.70) for M = % we get

o) ) o+ @ ® o+
[CMX] Cut s = 3 Kot Kir [CMX%] Ci s = 5 L Lu- (678)

Let us consider the following matrix products:

+ +
(1) 1) 1 ,(2) (2) (2) 1) . (2) (1)
CoaWyWy [Cou ] Cl VWY [Cu]

(1) (2) 1 o+ (2) (2) 1
CM WN W LN, CM WN WNKN

Since according to (6.71), (6.72), (6.73), (6.74), and (6.75) the row/column basis
vectors of matrices in the corresponding matrix products are either even anti-
symmetric/symmetric or even symmetric/anti-symmetric, and due to the symmetric
property of windowing function, the matrix products satisfy the following relations:

+
Coy Wy Wy [C;)X%] = il Wy WY [Cu] =0y, 679)

C(,:; W‘? W(;,) LN = Cf) W(,i) W‘]‘J KN =0y, (6.80)
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where OM and OM xY are null matrices. Relations (6.79) and (6.80) arise from
the 51mple fact that the scalar product of even anti-symmetric/symmetric or even
symmetric/anti- symmetrlc nonzero vectors is always zero. In fact, the matrix

products W(;, W(N nd W N W y " in (6.79) and (6.80) do not disturb the symmetry

properties of row/column ba51s vectors. A slightly different proof of (6.79) and
(6.80) is presented in [31].

Given the frequency coefficients of the long (MDCT) transform or given the
frequency coefficients of two short transforms in the frequency domain. Does exist
a relation between the frequency coefficients of long transform and those of two
short transforms, and vice versa?

6.5 Relations Between the Frequency Coefficients
and the Time Domain Aliasing Data Sequences of AC-3
Transforms

Based on the matrix representation of AC-3 transforms, a systematic investigation
of their properties and relations among transform matrices enables us to derive a
relation between the frequency coefficients of the long (MDCT) and those of two
short transforms [29, 31]. This relation has an impact on the current implementation
of AC-3 analysis filter banks which can be simplified in the encoder. Similarly, a
simple relation between the aliased data sequence recovered by the backward long
(MDCT) and those of two short transforms can be derived. This relation shows
why the perfect reconstruction property between the long (MDCT) and two short
transforms is maintained although phase shifts of cosine transform kernels of two
short transforms are relatively different to that of the long (MDCT) transform [29].
Again, this relation has an impact on the current implementation of AC-3 synthesis
filter banks which can be simplified in the decoder.

6.5.1 Relation Between Frequency Coefficients of the Long
and Two Short Transforms

Consider the windowing and overlap-add procedure in the AC-3 decoder to recon-
struct the current data block denoted by x, = [xy'), x;”] where X, is the first half
and XEX) is the second half of x;, and the subscript ¢ denotes the data-block number.

. T
T = 1)
Further, let ¢, , [c,

quency coefficients of the long (MDCT), the first and second short transforms of the
tth transformed data block, respectively. Since the AC-3 transforms satisfy the per-
fect reconstruction constraints in the overlapped parts of two adjacent data blocks,

and [c be the column vectors representing the fre-
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(c s
the rth data block x, = %", x/

and overlap-add procedure formulated in the matrix-vector representation as follows
(note that the tth current data block which is processed is the long block) [31]:

] can be perfectly reconstructed by the windowing

(1)

y T
WYKL+ W [c‘“’xM] [c‘,ﬁ'{] . if in the previous data block
2 2 2 2

M
© the short transforms are adopted,
1" = (6.81)
Wy Kyc +WyLic,. if in the previous data block
2 2 2 2

the long transform is adopted,

WY LY e + WY [C:;X " } ’ [c;jrll’ ]T . if in the following data block the
® 7 s ’ i short transforms are adopted,
') = (6.82)
WZ) LZ ctT + W(ﬁl) K z ctT P if in the following data block the long
t T transform is adopted.

According to (6.64) and (6.65), the frequency coefficients of two short transforms
in the rth data block can be expressed in the matrix-vector form as

T T
=1 1) o) ©
[c, ] _ 4 C%XM W% 0 X, ]

T = 75 ) ® T
+1 M ©)
[] A VAN

t t

(6.83)

Substituting the expressions from (6.81) and (6.82) into the right-hand side of (6.83)
for [xic)]T and [xf)]T, using relations (6.79) and (6.80) and noting that the current
block is the long block, after some algebraic manipulations we obtain [31]

-7 ) M )+
[cj "] 4 (Cy,, Wy Wy K,
= — " S I O (6.84)

“n1Tf N @) @ 5@ !
[<"'] Copan Wy Wy

+
: Ly
Equation (6.84) defines the relation between the frequency coefficients of the long
(MDCT) transform and two short transforms in the rth data block. Given frequency
coefficients of the long (MDCT) transform. Then, the frequency coefficients of two
short transforms can be simply obtained from those of the long (MDCT) transform
via a conversion matrix defined on the right-hand side of (6.84). Note that the
authors in [31] did not further investigate the mathematical properties and general
structure of the conversion matrix in detail.
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The existence of conversion matrix has an impact on the current implementation
of AC-3 analysis filter banks which can be simplified in the encoder. A fast
computational structure for the forward long (MDCT) transform computation is
required only, which can run in parallel with the transient detector. If a transient is
detected, the frequency coefficients of the long (MDCT) transform can be converted
to those of the short transforms via the conversion matrix. However, it is not
necessary. The frequency coefficients of the long (MDCT) transform may be further
transmitted with code bit indicating the presence/absence of transient. Thus, the
fast computational structure for the forward short transforms computation with
associated memory tables for the cosine/sine twiddle factors (128 table values) [6]
can be completely eliminated so saving memory resources. On the other hand, in the
AC-3 decoder the frequency coefficients of two short transforms can be converted
to those of the long (MDCT) transform via the transposed conversion matrix, if it is
required. However, as we will see in the next subsection, the conversion matrix may
not be used at all.

6.5.2 Relation Between Time Domain Aliased Data Sequences
Recovered by the Backward Long and Two Short
Transforms

Consider the forward/backward long (MDCT) transform in the matrix-vector form
defined by (6.59)/(6.60). Substituting (6.59) into (6.60) (i.e., performing the forward
and backward MDCT) and using relation (6.62) we have

5 4 +
%7 ]VWN CNX% C%X]\, Wy

In —Ju 0
T — 2 2 d
X Wy ( 0 I% +J12v) Wy x'. (6.85)

Based on (6.85), in [50] it has been shown that the recovered time domain aliased
data sequence {X,} can be derived in terms of the original data sequence {x,}.

On the other hand, consider the forward/backward short transforms in the matrix-
vector form defined by (6.64)/(6.66) and (6.65)/(6.67). Substituting (6.64)/(6.65)
into (6.66)/(6.67) (i.e., performing the forward and backward first/second short
transforms) and using relations (6.69)/(6.70) we have

1T 4 o 1.0 1t o o [ ©]T
K7 =g (G| G Wy 7]

7
= W) Ly — o) W [x“] , (6.86)
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T 4 + ) 21T
[&<+1)] Z_W;;) [C(Z) ] c? W;w) [X()]

M M
M mx | Y xm

0T
=W Ly + o) Wo [x“] : (6.87)

s WA A ey wnT
where x” = [x(t),x()] and & = [x( ”,x(+l)] . In (6.86) and (6.87) we can

clearly observe that the corresponding time domain aliased data sequences {5c<_”}
and {fc(+”} can be respectively derived in terms of the input data sequences {x(c)}
and {xm}, and hence, in terms of the original data sequence {x,} too. Indeed, the
block matrices on the right-hand sides of (6.86) and (6.87) for M = % coincide
with those of on the right-hand side of (6.85). Using (6.5) and (6.74), substituting
M= % into (6.85) and performing block matrix products we get

TN (W - i 0 <]
L+n17 B @ @ op | @5
[x ] 0 Wy I +Ju) Wy [x ]

Comparing (6.88) and Egs. (6.86) and (6.87) concatenated into one matrix form
it can be seen that they are equivalent. Finally, exploiting relations (6.69), (6.70),
(6.76), (6.77), and (6.78) reveals a close relation between the time domain aliased
data sequence recovered by the backward long (MDCT) and those of two short
transforms given by

A1) 1 A~ AFD 1 N
X, —Exn, X, = Exg-s-m n=01...,.M—1. (6.89)

Equation (6.89) also implies that although phase shifts of cosine transform kernels
of two short transforms are relatively different from that of the long (MDCT)
transform, the perfect reconstruction property between the long (MDCT) and two
short transforms is maintained.

The relations given by (6.89) have an impact on the current implementation
of AC-3 synthesis filter banks which can be simplified in the decoder. A fast
computational structure for the backward long (MDCT) transform computation is
required only. If the presence of a transient is indicated, the time domain aliased
data samples recovered by the backward long (MDCT) transform can be windowed
and converted to those of recovered and windowed by the backward short transforms
and vice versa using (6.89). It means that the conversion matrix in the AC-3 encoder
and decoder may not be used at all.
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6.6 Fast Algorithm for Conversion of Frequency Coefficients
of AC-3 Transforms

We recall that although the E-AC-3 bit streams are similar in nature to AC-3 ones
(they use the same MDCT filter bank, bit-allocation process, and framing structure),
are not backwards compatible, i.e., they are not decodable by AC-3 decoders [7].
Therefore, the Dolby Laboratories developed an efficient method to convert an
E-AC-3 bit stream to an AC-3 one, the so-called E-AC-3 to AC-3 conversion,
to ensure the compatibility with the large installed base of AC-3 decoders. The
conversion procedure is designed to minimize loss in audio quality while keeping
the complexity at a level suitable for low-cost consumer devices [10, 11]. On the
other hand, the so-called AC-3 to E-AC-3 transcoding, is used to distribute 5.1-
channel audio content that has already been encoded in the AC-3. The E-AC-3 bit
stream is created by transcoding an AC-3 bit stream to an E-AC-3 bit stream at lower
bit rate [10, 11].

In the following subsection, standard methods for conversion of frequency
coefficients including their arithmetic complexity and memory requirements are
described. They are used in the current E-AC-3 to/from AC-3 bit stream conver-
sion/transcoding.

6.6.1 Standard Methods for Conversion of Frequency
Coefficients

We recall that for time-to-frequency transformation of an audio data block and
vice versa, both the AC-3 and E-AC-3 use the identical long (MDCT) transform
while the AC-3 uses the additional two short transforms when a transient signal
is detected. We note that for efficient implementations of AC-3 transforms, the
M-point (M = 2™) DCT-IV requires ¥ (m + 2) real multiplications and 2m
real additions, while %—point DCT-1IV requires %(m 4+ 1) real multiplications and
3TM(m — 1) real additions. The use of different filter banks has an impact on the
E-AC-3 to/from AC-3 bit stream conversion/transcoding.

The E-AC-3 employs always the long data blocks. For the E-AC-3 to AC-3
bit stream conversion, when the current block is long without transient signal,
then no conversion for the AC-3. However, when the long data block contains a
transient signal, the frequency coefficients of the long (MDCT) transform have
to be converted to those of two short transforms for the AC-3 to cancel pre-echo
effects. The standard conversion method (see Fig. 6.7) involves the computation of
three backward long transforms (of previous, current and following blocks), three
(complete) windowing procedures, two overlap/add procedures, and two forward
short transforms. This requires ’7"’(4m 4+ 19) real multiplications, 3TM(4m + 1) real
additions, and 2M memory locations.
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Fig. 6.7 Standard method for conversion of frequency coefficients

On the other hand, for the AC-3 to E-AC-3 bit stream transcoding, when the
current block is long, then no conversion for the E-AC-3. However, when the
frequency coefficients of AC-3 two short transforms are available, then they have to
be converted to those of the long (MDCT) transform for the E-AC-3. The standard
conversion method (see Fig. 6.7) involves the computation of two backward short
transforms plus two backward long transforms in the worst case (provided by the
previous and following blocks are long), or two backward short transforms in the
best case (provided by the previous and following blocks are short), three (complete)
windowing procedures, two overlap/add procedures, and finally one forward long
(MDCT) transform. This requires in the worst case similarly %(4m + 19) real
multiplications and 3TM(4m + 1) real additions, while in the best case %’(3m + 16)
real multiplications, %4 3m real additions, and in both cases 2M memory locations.

In general, it can be seen that the standard methods for conversion of fre-
quency coefficients involve a partial decoding and encoding during the con-
version processes. The existence of relation between transform coefficients via
the conversion matrix enables to realize the E-AC-3 to/from AC-3 bit stream
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conversion/transcoding in a simplified and more transparent way, thus minimizing
the amount of partial decoding and encoding during the conversion processes.

6.6.2 The Conversion Matrix and Its Properties

In the following discussion for simplicity we drop the subscript ¢ in (6.84). Denoting
the square nonsingular conversion matrix by V), its upper and lower block sub-

. m @) .
matrices Vv and Vv, respectively, by
272 272

) 1) (1) 1D

V%X% CM MWNWNKNv
?) (2) (2) (2) +
we have
-7 M
[C( l)] 4 VMXM T 4 T
ST By G2 ==Vyc. (6.90)
[c( >] N V%xg N

Now, investigate the elements of V M y and V M y in detail. According to (6.63),
(6.71), (6.72), (6.73), and (6.75), and performmg the scalar products of row/column
basis vectors, the corresponding elements of sub-matrices V(M)Xﬁ nd V', Mxﬂ are,

. . 272 272
respectively, given by

¥—1
) 4 3 2 T
Vo = 1 D 00 [ n+ Dk + 1)
N = 2M
xcos[ (2n+1—|— )(2m+1)i|
e 4 L 2 T
k,m = N Z W%—l—n Ccos I:ﬁ(zn + 1 + M)(Zk + 1)]
n=0
x 1+ ) am+ 1y,
cos n — | (2m
2N
k=01 M 1 0,1 N 1 (6.91)
=0,1,....,——1, m=0,1,...,——1. )
2 2
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Equation (6.91) is based on the simple fact that the scalar product of even anti-
symmetric/anti-symmetric or even symmetric/symmetric nonzero vectors is always
nonzero. Since between the corresponding cosine terms under sums of (6.91) the
following trigonometric identities hold:

cos [%(zn 14+ M)k + 1)] — (=1

sin [%(Zn + D2k + 1)],

cos [% (2n Fl+ %N) Qm + 1)] — (=1

.| T N
sin I:ﬁ (2n + 1+ 5) 2m + 1)i| , (6.92)

substituting % — 1 — k for k into the first sine term, and then substituting 5§ — 1 —m
for m into the second sine term on the right-hand side of (6.92) we get

cos [%(2;1 14+ M)k + 1)] — (~) (1)

CO

w

T
5372+ DCk+ 1)],

3N
cos % (2n + 14 7) 2m + 1):| = (—1)%—"’(_1)”%

b4 N
— |2 14+ =] (2 1 .
cos_zN(n—i- +2)(m+ )], (6.93)

and (6.91) can be rewritten in the final form as

iz

(wf, + wz%_]_n) cos [ﬁ@n + 1)k + 1)]
0

o 4
vk,m - N

n

XCOS|:l (2n+l+g)(2m+l)],

2N
v?*l—k#*l*m = (-1)*" vl:lln
M N
k=01, 2% —1, m=0,1,....,~—1. (6.94)

2 2
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However, since the KBD windowing function is symmetric and satisfies the per-
fect reconstruction conditions (6.56), the expression under sum of (6.94), wfl +
wzﬁilin = 1 (see Eq.(6.56)), may be eliminated. It means that the elements of
coznversion matrix Vj; do not depend on the KBD windowing function. Equa-

. o 2 S
tion (6.94) implies that the elements v,(:in of sub-matrix V, y are the same
: X3

. . 1) . (1)
in magnitude compared to the elements v, of sub-matrix V, _, except for
km 7X7

their reverse ordering and proper sign changes. Hence, only elements in the
upper half of the conversion matrix Vj,; are unique. Therefore, only sub-matrix

Vv, M y is sufficient to be precomputed and stored, thus saving memory resources.

In fact the conversion matrix V), possesses the following regular general block
structure:

Al A

PR B

Vi = , (6.95)
N o= (6 I VIS
D* JuAy Ju)Ju Ay Ju
P ) 2 5 U2
where A(Q and A(z are square sub-matrices both of order %’, and J u is the matrix of
2 2
order %’ with alternating £1 elements on the opposite main diagonal defined as

0 1
-1

L]
B
I

(6.96)
1
(=nFH 0

Note that if data block lengths are powers of 2, the sign changing factor (— 1) 4 in

(6.95) can be removed, and J u = —Ju u.
In general, between the matrlx Vu and its transpose the following relation holds:

, - 1
VuVy =V, V= 5 I (6.97)

i.e., the matrices V), are orthogonal. If the matrices V), are properly scaled by the
factor 4/2, then they are orthonormal, their determinant is unity and they have QR
and PLUS factorizations [49, 54]. The scaling factor ~/2 can be simply absorbed
into (6.90).
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6.6.3 Conversion Procedures in the Matrix-Vector Forms

Given the frequency coefficients of the long (MDCT) transform, they can be
converted to the frequency coefficients of two short transforms via the conversion
matrix V), according to

=Vyc, (6.98)

or alternatively, by more practical formulae defined as

M—1
G )
Cr = Um Cms

m=0
w0 ety k=01 Y1 (69
C%*l*k - ZO(_ ) Uk,m CM—1—m> — Uy dyeeey E - 1. ( . )

In order to obtain the true frequency coefficients of two short transforms {c;:”} and
{c;:rl)}, after conversion they have to be scaled by % Equation (6.99) is valid for
any value of M = %’, where N is even integer divisible by 4.

Let the frequency coefficients of two short transforms be given. Using the

orthonormality property of the conversion matrix V,;, from (6.98) we directly obtain

T _ VT [C(_l)]T

C =
M [ <+1)]T
c

and hence, the frequency coefficients of two short transforms can be converted to

. . . T
those of the long (MDCT) transform via the transposed conversion matrix V,,, or
alternatively, according to the more practical formula defined as

(6.100)

-1

vl

1 (=D

_ ktm O +n _
Cm = Vem G (=1 Vbt Ny Gk m=0,1,...,M—1.
k=0 : 2

(6.101)
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Equations (6.98)/(6.100) and (6.99)/(6.101) require M? multiplications, M(M — 1)
additions and half of the matrix V, (the sub-matrix V(;X M), i.e., we need to store

1 M? elements.

The conversion procedures defined in the matrix-vector form are still compu-
tationally intensive and have high memory requirements compared to the stan-
dard conversion methods. Since the conversion matrix after proper scaling is the
orthonormal matrix with very regular general block structure, the open problem
as stated in [29] has to be solved: The existence of a generalized sparse block
matrix factorization of the conversion matrix V,; which would define a fast
conversion algorithm. Such generalized sparse block matrix factorization of the
conversion matrix V), indeed exists [32, 33], and is discussed in the following
subsection.

6.6.4 Fast Algorithm for Conversion of Frequency Coefficients

Investigate in detail the explicit forms of conversion matrix V), defined by (6.91)
and scaled by the factor V2 forM = 2, 4 and 8. For M = 2 we have

cos T cos 23X —cos T cos X sin ¥ —cos %
4 8 4 8 8 8
Va=+2 = ,
bid g k14 3n bid T
COS Iy COS g COS Iy COS 3 COS g sin g
while for M = 4 the conversion matrix V4 given by
cos%cos%ﬁ»cos%cos% 7cos%cos%7ms%cos% cos%cos%ﬁ»cos%cos% cos%cos%fcos%cosﬁ

sl 3E cos 3 —cos F cos JE —cos 3 cos F 4 cos & cos 5

>

cos 3 cos TE —cos Feos & cos 3 cos I + cos F cos &

e

2 2.4 3z
6

5057005%4»005%005% 7cos%{cos% + cos ¥ cos 7505%cos%+cos%cos% 7&‘05%{00&% +cos%cos%

—cos F cos 3% +cos F cos 5 cos & cos T +cos 3 cos F cos Fcos 5 +cos Fcos T cos § cos TF + cos I cos I

is factorized into the following matrix product

b4 ST - 3w b8 T 3

COS 3 sin 3 0 sin T6 COS 16 Sin 16 COS T6

sin¥ —cos sin X —sin 3% cos 3% —cos &

V2 8 8 16 16 16 16
Vi=

b4 T big 3n i 3w 4

COS 3 Sin 3 COS 16 COS 16 Sin 16 sin 16

C 4 b4 3n T T - 3w

0 sm8 _COSS COS 16 — Sin 16 — COS 16 —sin 16
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The key to the derivation of a fast conversion algorithm is an observation that the
properly scaled factored (block) matrices on the right-hand sides of V, and V4
matrices are actually the orthonormal DCT-IV matrices CJZV and Civ, but with lower
and upper halves exchanged (see the rightmost matrices on the right-hand sides of
V, and V,) when compared with the explicit orthonormal forms of DCT-IV matrices
presented in [49]. For clarity, the explicit forms of orthonormal matrices CIZV and CJ4V
are, respectively, given by

big 3n 3n s T
COS 16 COS 16 sin 16 s 16
biq T 3n T 37'[
CJV Ccos 3 sin 3 CIV CoS 6 — sin 16 —COS 7 16 —sin
2 = ’ 4 = 5
T bid 3n bid 3n
Sin 3T COS 3T sin T6 — COS 16 sin E COoS 16
3n 3n
s1nﬁ —smﬁ COSE —COSE

Hence, the conversion matrices V, and V4 may be represented by the following
sparse block matrix factorizations:

Vz:(cévdr)( )

V4=§<o dV)(OIZ)d‘V’

where /2 C’]V = 1, and I is the identity matrix of order 2. In fact, investigating

. . . \4
the conversion matrix Vg by the same procedure (see the orthonormal matrix C;
in [49]) we find that it may be represented by the similar sparse block matrix

factorization as
V2(c; 0o\[o1, o
s= o (140) 5

Hence, for M = 2", m > 0, scaling Vj; by +/2 produces its generalized sparse
block matrix factorization defined as

CI/‘:; 0 0 Iu
Vi = 07 o <1M 02)6,;, (6.102)
M u
2
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where C' é and C!A; are DCT-IV matrices of order %4 and M, respectively, 1 u is
the identity matrix of order %4, and 0's are null matrices. Equations (6.98) and
(6.102) define the fast conversion algorithm. The corresponding block diagram of
the fast in-place conversion algorithm is shown in Fig. 6.8. Based on the frequency
coefficients of the long (MDCT) transform according to Fig. 6.8, they are at first
transformed by the M-point DCT-IV, then two halves of the output vector are
exchanged and finally, each half is transformed separately by the %”—point DCT-1V.
The final frequency coefficients of two short transforms are normalized by the factor
]iv. Note that the memory requirements to store the half of V), matrix are completely
eliminated. v v v

Since the DCT-IV matrices are self-inverse, i.e., C;, = [C,]”! = [C},]T [49], by
transposing (6.102) we obtain the generalized sparse block matrix factorization of

. . T
the transposed conversion matrix V,, as

\4

T v 0 IM CJM 0

= 2 2 . 6.103

Vi C’M(,g 0) 0 " (6.103)
2

Equations (6.100) and (6.103) define the fast conversion algorithm to convert
the frequency coefficients of two short transforms to those of the long (MDCT)
transform. It means that the block diagram in Fig. 6.7 is performed in the reverse
direction. The final frequency coefficients of the long (MDCT) transform are
normalized by the factor 1%.

In general, the arithmetic complexity of the fast conversion algorithm for M = 2"
is given by that of the M-point DCT-1V plus that of two %—point DCTs-IV. Using
the fast algorithm for M-point DCT-IV computation having the lowest achievable
arithmetic complexity [53], the fast conversion algorithm requires %”(Zm + 3) real
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multiplications and %(Zm — 1) real additions. Compared to the matrix-vector
products given by (6.98) and (6.100) which require M? multiplications, M(M — 1)
additions, and the memory to store % M? elements of V,,, the fast conversion
algorithm is superior both in terms of the arithmetic complexity and memory

requirements.

6.6.5 Comparison of Discussed Conversion Methods
and Consequences

The arithmetic complexity and memory requirements of discussed conversion
methods are summarized in Table 6.2. It can be seen that the fast in-place
conversion algorithm is efficient in terms of the arithmetic complexity and mem-
ory requirements. It may be applied to the E-AC-3 to/from AC-3 bit stream
conversion/transcoding directly in the frequency domain without partial decod-
ing/encoding, thus saving more than 50% of total arithmetic operations and
eliminating completely memory requirements compared to the standard conversion
methods. The relationship between the long (MDCT) transform and two short
transforms via the orthonormal conversion matrix guarantees that no errors are
introduced during the E-AC-3 to/from AC-3 bit stream conversion/transcoding.

In summary, the fast algorithm for conversion of frequency coefficients of AC-3
transforms has the following advantages:

* It does not depend on the KBD windowing function.

» It simplifies the implementation of AC-3 analysis and synthesis filter banks in
the encoder and decoder.

e It is efficient in terms of the structural simplicity, arithmetic complexity and
memory requirements.

» Conversion procedures can be realized directly in the frequency domain without
partial decoding and encoding.

Table 6.2 Summary of arithmetic complexity and memory requirements of conversion methods

Conversion method # of real mults # of real adds Memory
Matrix-vector products M? MM —1) im?
Dolby E-AC-3 to AC-3 Y(4m+19) M (4m+ 1) oM
Dolby AC-3 to E-AC-3

(in the worth case) %(4m + 19) 37’”(4m +1) 2M
Dolby AC-3 to E-AC-3

(in the best case) Y (3m + 16) M 3m oM

Fast algorithm % 2m+3) % 2m—1) None
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e Although many fast algorithms for the DCT-IV computation are available the
existing AC-3 fast computational modules, i.e., the %-point and %-point forward
complex FFT modules may be simply reused in the conversion procedures.

e It minimizes the amount of partial decoding/encoding and memory requirements
during the conversion and transcoding processes.

6.7 Conversion of the MDCT to MDST Frequency
Coefficients

The MDCT being the long transform in the AC-3 and E-AC-3 and the corre-
sponding modified discrete sine transform (MDST) [21] are perfect reconstruction
cosine/sine-modulated filter banks based on the concept of time domain aliasing
cancellation. The MDCT as the real part and the MDST as the imaginary part
compose a complex filter bank called the modulated complex lapped transform
(MCLT) [44, 48]. Equivalently, the MDCT and MDST can be respectively viewed
as the real and imaginary components of the well-known modified O’DFT [23,
36, 37, 39]. The MCLT carries the magnitude and phase information which are
useful measures in many perceptual audio coders for spectral analysis. Therefore,
the MCLT has been adopted in the current AC-3 and E-AC-3 for spectral adjustment
(extension) and channel coupling [10], in MP3 [45] and MPEG AAC [46, 47] audio
streaming applications for audio packet loss concealment, as well as in MPEG-
2/4 AAC to obtain the spatial parameter representation for stereo and multichannel
audio coding [35, 36]. The construction of MCLT at the encoder is almost trivial
using a fast MCLT algorithm (see Chap. 4). However, at the decoder, when the time
domain samples are not available, the so-called direct transform-based method has
to be applied, i.e., the available frequency representation (MDCT coefficients of
three adjacent blocks) is backwards transformed to reconstruct the time domain
representation and then transformed back to the frequency domain to obtain the
MDST coefficients [10]. Therefore, the key question is how to compute the MDST
coefficients from given MDCT coefficients directly in the frequency domain, or in
other words, how to construct the complex MCLT filter bank from available MDCT
coefficients.

Several methods have been developed [34-38, 40, 41, 43, 45-47] in order to
obtain the MDST coefficients at the decoder directly in the frequency domain
from current and neighboring blocks of MDCT coefficients. Fraunhofer researchers
[40, 41] proposed a method to obtain the approximate MDST coefficients for
the current block as a weighted sum of the surrounding MDCT coefficients. By
using trigonometric identities, simple analytical formulae have been proposed in
[45] to compute the MDST coefficients from three consecutive blocks of MDCT
coefficients. However, analytical formulae are valid only for the rectangular and
sine windowing functions. Using a sophisticated analytical procedure, trigonometric
identities and identities for sums of trigonometric series, Dolby Labs developed
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an exact and approximate method for arbitrary symmetric windowing function
[37, 38]. Exact MDST coefficients for the current block are expressed as the sum
of two modified convolution or filtering operations: the first filtering operation
is performed on the MDCT coefficients of the previous and following blocks,
and the second one is performed on the MDCT coefficients of the current block.
On the other hand, based on the block matrix representation of the MDCT and
MDST filter banks, a relation between the MDCT and MDST coefficients in the
frequency domain has been derived in [43, 46, 47]. The MDST coefficients for
the current block are obtained from three consecutive blocks of MDCT coefficients
via conversion matrices. However, the authors did not investigate the properties of
conversion matrices in detail. A method formulated in the matrix-vector form has
been presented in [35, 36]. Due to applying different windowing functions for the
MDCT and the MDST (the sine windowing function for MDCT and the cosine
windowing function for MDST), the final matrix-vector products are different
compared to [43, 46, 47]. Consequently, the MDST coefficients are approximately
obtained only from previous and following blocks of MDCT coefficients (the current
block is completely eliminated). Recently, a generalized exact and approximate
conversion method of the MDCT to MDST coefficients directly in the frequency
domain has been proposed for arbitrary symmetric windowing function [34]. Based
on the compact block matrix representation of the MDCT and MDST filter banks,
on their properties and on relations among transform sub-matrices, a relation in the
matrix-vector form between the MDCT and MDST coefficients in the frequency
domain is derived. Given MDCT coefficients of three consecutive data blocks at
a decoder, the MDST coefficients of the current data block can be obtained by
combining the MDCT coefficients of the previous, current, and following blocks via
conversion matrices. Because the conversion matrices have a very regular structure,
the matrix-vector products are reduced to simple analytical formulae. We note that
the conversion methods do not disturb the MDCT coefficients at the decoder, i.e.,
the quality of recovered signal is preserved.

Although the exact conversion methods enable us to compute the exact MDST
coefficients only in specified one or more frequency ranges, thus significantly
reducing the computational complexity, the computation of complete set of MDST
coefficients still requires a high number of arithmetic operations compared to the
direct transform-based conversion method. As an alternative, efficient and flexible
approximate conversion methods have been constructed [34, 37]. With properly
selected parameters they can produce acceptable approximate results with much
lower computational complexity. Moreover, they are very flexible to compute
the approximate MDST coefficients in different frequency ranges with different
accuracies including the exact computation. Therefore, the approximate conversion
methods have a potential to be used in many MDCT-based audio decoders, and
particularly at resource-limited and low-cost decoders for spectral analysis to obtain
the magnitude and phase information.

In the following sections several exact and approximate conversion methods of
the MDCT to MDST coefficients in the frequency domain are discussed including
the direct transform-based method, their computational complexity, and memory
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requirements. In general, almost all methods can be adopted in any MDCT-based
audio codec, when the spectral information is required.

6.7.1 Analysis/Synthesis MDCT and MDST Filter Banks

We recall that the analysis and synthesis MDCT filter banks are, respectively,
defined as [14]

‘ 1 N
()_ anxn cos|:N(2n+l+ )(2k~|—1)]

N
k=01....5 -1 (6.104)

¥

,‘j)—wnzck cos|: (2n+1+ )(2k+1)i|
n=0.1...N—1, (6.105)

where the superscript ¢ denotes the data-block number, {x(rz)} is the input data block,

{cz)} are MDCT frequency coefficients, and {)?:)} is the time domain aliased data
sequence. N is the data block length, assumed to be a multiple of 4. Although {w,}
in the AC-3 and E-AC-3 represents the KBD windowing function, in this section
it is assumed to be an arbitrary symmetric windowing function satisfying perfect
reconstruction conditions given by (6.56), and {w,} is the same for analysis and
synthesis filter banks. Analytical forms of commonly used symmetric windowing
functions in audio coding applications satisfying (6.56) are discussed in Chap. 3.

The corresponding analysis and synthesis MDST filter banks are, respectively,
defined as [30]

sy an X sm[ N(2n+l+N) (2k+1):|

N
1. 6.106
2 (0100

|

AZ)—wnZsk sm[ (2n—|—l+ )(2k+1)}

n=0,1,...,N—1, (6.107)
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where {sz)} are MDST frequency coefficients and {9;”} is the time domain aliased
data sequence.

Since there exists a relation between the MDST and the MDCT [21, 30], the
MDST computation can be realized via any fast MDCT computational structure.
Consequently, in the current AC-3 and E-AC-3 encoder/decoder, the MDST may be
implemented by the adopted reconfigurable complex DFT/FFT-based fast algorithm
with simple pre- and post-processing of data sequences.

The MDCT as the real part and MDST as the imaginary part compose the
complex MCLT filter bank for the 7th data block defined as [44, 48]

t t 1 N
pl=c —is.. i=~—1, k=0]1,...,=—1, (6.108)

which is used to compute spectral measures, the magnitude and phase angle. Indeed,
the current AC-3 encoder obtains better spectral power estimation in terms of
improving the fidelity through the power energy summation of the MDCT frequency
coefficients and frequency coefficients of the corresponding MDST. On the other
hand, new coding tools in the E-AC-3 encoder and decoder, spectral adjustment
(extension) and enhanced channel coupling process, require the phase information
for angle adjustment and therefore, besides the MDCT the corresponding MDST is
also generated [10].

6.7.2 Magnitude and Phase Angle of Spectral Coefficients

The magnitude of spectral coefficient pZ) in the rth data block is defined as [37]

(O] 0) 2 0) 2 N
Pl =[]+ [ k=0T (6.109)

whereas the phase angle go,it) of spectral coefficient pz) is defined as [37]

@)

(1) SZ) N

¢, =arctan | — |, k=20,1,...,——1. (6.110)

k . 5
k

6.7.3 The Direct Transform-Based Method

Given the MDCT coefficients of three consecutive data blocks (the previous, current,
and following) at the decoder, i.e., r— 1,  and 7+ 1. According to (6.104) the MDCT

coefficients {ci:l) }, {c::} and {ci:rl)} are, respectively, given by
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T gt () N

m =y E=0 Wy X, [ZN (2n + 1+ ) 2m + 1)i|
: 4 ® N

cfn) =5 E Wy X, cos[lN (2n+1+ )(2m+1)i|

: 4 2 N
Cin-H) = N an (n ! COS[ZN (2n+1+ )(2m+1):|

N
m=0,1,...,——1. (6.111)
2
The direct transform-based method [37, 38] to compute the exact MDST coefficients
for the current time domain data block 7 requires three computations of the synthesis
MDCT filter bank given by (6.105), defined as

1— t N
&;‘>==wn§:c‘1) os[ (2n+—1+ )(mn+-n}

m=0

13 t N
2;):wn2c() cos|: (2n+1+ )(2m+1)]

' N
404D ZC<+1> [ (2n+ 1+ N )(2m+ 1)]

m=0
n=0,1,...,N—1, (6.112)

and two overlap-add procedures to recover the current time domain data block {xi:)}
defined as

AC=D A N
x%ﬂ—l—xn, n=0,1,...,5—1,

X = (6.113)
43T n=4 Y4 N—1,
n—y

followed by the analysis MDST filter bank given by (6.106) applied to {x }. For
clarity of the direct transform-based conversion method see Fig. 6.7.

Since the direct transform-based method is a block operation, it yields always
the complete set of exact MDST coefficients for the current data block. In practical
implementations, to simplify computation only one synthesis MDCT filter bank, one
overlap-add procedure and one analysis MDST filter bank are required, provided
that a decoder retained the results of previous two synthesis MDCT filter banks [37].
If we adopt for the data block length N = 2" the most efficient fast MDCT algorithm
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with the arithmetic complexity of & 7(n+ 1) real multiplications and ¥ 7(3n—1) real
additions (the synthesis MDCT ﬁlter bank requires exactly less real additions)
[21, 30], then the practical implementation of direct transform based method will
actually require %’(n + 5) real multiplications and %’(311 — 1) real additions. Thus,
for the computation of one unique MDST frequency coefficient the direct transform-
based method will require exactly n+5 real multiplications and 3n—1 real additions,
i.e., totally 4n + 4 arithmetic operations.

Splitting the sum of analysis MDST filter bank given by (6.106) into two parts as

o2 an X s1n|: (2n+1+N)(2k+1):|
+ anx sm|: (2n+1+N)(2k+l)i|
" 2N

-1, (6.114)

and then substituting expressions of the overlap-add procedures from the right-hand
sides of (6.113) into both sums for x(,:) in (6.114) we get

¥
4 < » ¢ N
== > w (“N+” ) 51n|:2N (2n+1+ )(2k+1)]
n=0

4 = @ . o+ N
All l )
~|—ﬁ Ean(xn x N) [N(2n~|—1+ )(2k+1)i|
n=75

N
k=0,1,...,5—1. (6.115)

A(t—t—l)

Alt—1) A(z)
dx

Finally, substituting proper expressions for the terms X + v from the

right-hand sides of (6.112) into (6.115), i.e. substituting > +nandn—3 for n into

appropriate sum of (6.112), we obtain

Ny N1

(t) = an Wy L, Z( 1mt! nt;l sin |:2 (2n + 14 ) 2m+ 1)]

n=0 m=0

X sin |:2N (2n+ 1+ N) 2k + 1)i|
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g 1

+ an W"Z Cp cos|: (2n+1+ )(2m+1)j|

N
X sm|:2N (2n+ 1+ )(2k+ 1):|

¥

+ Zw,, WnZCm cos[ (2n+1+ )(2m+1)i|

m=0

X sin [% (2n+ 1+ N) 2k + 1)i|

¥

N—1
4 m (t+) N
~|—N Ean E -1 sm[ZN (2n+1+ )(2m+l)i|
n=5

m—O
x sin| = (2 +1+N k+1|. k=01 .Y (6.116)
sin| — =u,l,...,—— 1. .
A 2

Equation (6.116) provides the basis for the derivation of two frequency domain-
based conversion methods [45] and [37, 38] which are discussed in the next
subsections.

6.7.4 Conversion Method for the Rectangular and Sine
Windowing Functions

Simple analytical formulae have been proposed in [45] to compute the exact MDST
coefficients of the current time domain data block ¢ from three consecutive blocks
of MDCT coefficients {Ci;_l)}, {c:;} and {cf;rl)}. However, analytical formulae are
valid only for the rectangular and sine windowing functions.

Takmg Eq.(6.116), adjustmg the range of # in the last two sums from ¥ 7 1;/ +
1,....N—1t00,1,..., 2 — 1, using the trigonometric identities for products
sin(a) sin(B), cos(w) sin(fB), cos(c) cos(B), and finally exchanging the order of
sums, after some algebraic manipulations the conversion method is defined by [45]

N Ny

(1) (1) (1) (t—1) t+1)
sp =e (Co —cl) Z( D™ fom ¢, +Zg0m ¢, , fork=0,

,_1 7—1

0 () () m —1) (+1)
S = e (Ck—l_ck+l> Z( 1) fkm ¢, +(= 1)kZ 8km Cpy s

m=0 m=0
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k=1,2,...,

N
— -2,
2

N\Z

® G G S
Sy_, =e (cN l—l—cN 2) E ( n" fN Lm Cm
2

¥
, N
—Zg,_lm ™ for k=21 (6.117)

The real-valued constant e, and real-valued elements of {fi .}, {gx.m} are, respec-
tively, defined as [45]

N__
5—1

e=% Z(wi—wzg_i_n) sm[z (2n+l+ ):|

n=0

Siem =% Zw,,w»/_i_n%co%[ N(2n+1+ )(k+m+1)]

n=0

™ (on1+ )
—cos[ﬁ(n+ +5)(—m):|$,

—1
2 2
Sm = 5 anww_,_n{cos[z (2 +1+ )(k+m+1):|

n=0

N
+cos|:2N(2n+l+ )(k—m)]%, km=0.1.... 5 1. (6118)

For the sine windowing function the arithmetic complexity of conversion method
defined by (6.117) is given by %(N + 1) multiplications and the same number of
additions. The precomputed values e, {fi»} and {gi} in (6.118) require a memory
to store N72 + 1 real values. Notice that for rectangular windowing function the
constant e = 0, and hence the MDST coefficients do not depend on the current

block of MDCT coefficients.

6.7.5 Dolby Conversion Method

The Dolby conversion method [37, 38] for arbitrary symmetric windowing function
has been derived by a sophisticated analytical procedure using the trigonometric
identities and identities for sums of trigonometric series. Principally, the derivation
of exact conversion method is similarly based on Eq. (6.116).

In the following only analytical formulae of the Dolby exact conversion method
in a compact form are presented. All intermediate steps in the derivation of
conversion method and details in the form of lemmas with their proofs as well as
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possible simplifications for the rectangular and sine windowing functions can be
found in [37, 38].

Keeping up the original notation used in [37, 38], the exact even-indexed MDST
coefficients are given by

¥

N—1
0) n M @ N
Sy = Aok + by = ZZ hoye—p + Zz2q+1 hoy—g+1y, k=0,1,..., 2 L,
p=0
(6.119)
where
N
A%+1 = AN—2-2k; byut1 =byoox, k=0,1,..., i 1. (6.120)
The spectral components {z;,”} and {z(;; 41} are, respectively, defined by
o =yt v et p=01. N1, (6.121)
©) 0 N
Z2q+1:C2q+1, qZO,l,,E_l (6]22)

The precomputed discrete sequences {h[(,”} and {h(;; 41} are, respectively, defined by

lv\z

N
Z—anWN+11008|: (2n+1+2) } h(_l)p=h;,1),

p=01,....N—1, (6.123)

N_
) 4 z 2 T N 2)
hagyr = X/Z . []T] (2n+1+ ) (2q+1)] K’ (W) = —hyy 1
—1. (6.124)

Note that {h(z2 q) 41 is defined only in odd values. The odd-indexed MDST coefficients
are deduced from even symmetry properties of MDST coefficients [21] as

0} ) N
Sopt1 = SN—2—2k> k=0,1,..., 3 1. (6.125)
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The discrete sequence {h;,”} given by (6.123) has the odd anti-symmetry property:

0 0 N
hN—[?Z_h[)’ p=1,2,...,5

-1, (6.126)
while the discrete sequence {h(;; 415 given by (6.124), has the even symmetry
property:

® 0 N

In-oginy =hagri. g=0.1....5 L (6.127)

The Dolby exact conversion method consists of two parts. Equation (6.119) may be

interpreted as a summation of two modified convolution or filtering operations of
. . 2 . . .

two discrete symmetric sequences {h;”} and {h(2 ; 414 with two sets of intermediate

) . . .
spectral components {zl(,”} and {1(22 +1) derived from previous, current and following

blocks of MDCT coefficients. Since discrete sequences {h[(,”} and {h(zzq) +1) depend
on the employed symmetric windowing function, their analytical expressions
are further simplified by the sophisticated analytical procedures for two specific
windowing functions, rectangular and sine [37, 38]. In particular, for the rectangular
windowing function the discrete sequence {h(;; +1) reduces to zero, i.e., h(zz(; 1 =0,
forq = 0,1,..., %’ — 1, and hence the MDST coefficients do not depend on the
current block of MDCT coefficients. For the sine windowing function, the discrete
sequence {h;,l)} is nonzero only for two values of p.

6.7.5.1 Computational Complexity and Memory Requirements

The arithmetic complexity of Dolby exact conversion method for the rectangular
windowing function is %’(N +2) multiplications, ¥ (N 4+ 4) additions, and it requires
a memory for 3% values. For the sine windowing function %(N + 6) multiplications
and %(N + 8) additions are required, and memory for 2N + % values. Exploiting the
symmetry properties of {h;,l)} and {h(zzl; +1) the exact conversion method for KBD
windowing function requires § (3N — 2) multiplications, § 3N additions and the
memory for 2N + % values.

6.7.6 Generalized Conversion Method Based on the Compact
Block Matrix Representation

A generalized conversion method of the MDCT to MDST coefficients directly in
the frequency domain has been proposed in [34] for arbitrary symmetric windowing
function. Based on the compact block matrix representation of the MDCT and
MDST filter banks, on their properties and on relations among transform sub-
matrices, a relation in the matrix-vector form between the MDCT and MDST
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coefficients in the frequency domain is derived. Given MDCT coefficients of three
consecutive data blocks at a decoder, the MDST coefficients of the current data
block can be obtained by combining the MDCT coefficients of the previous,
current, and following blocks via conversion matrices. Since the forms of conversion
matrices depend on the employed windowing function, a specific solution for
each windowing function is derived. Because the conversion matrices have a
very regular structure, the matrix-vector products are reduced to simple analytical
formulae. The generalized conversion method [34] presented in the next subsections
is more efficient and structurally simpler both in terms of arithmetic complexity
and memory requirements compared to existing exact frequency domain-based
conversion methods.

It is important to note that in the next subsections the data-block number ¢ is also
used as the subscript in vector notations.

6.7.6.1 Matrix Representations of MDCT and MDST Filter Banks

Consider the MDCT and MDST filter banks given by (6.104)/(6.105) and
(6.106)/(6.107), respectively. Matrix representations of the analysis/synthesis
MDCT filter banks or equivalently, of the forward/backward long AC-3 transform
with incorporated windowing function are presented in Sect.6.4.2, whereas the
symmetry properties of row basis vector of matrix C Ny are discussed in Sect. 6.4.4.

Let the sine transform kernel in the analysis MDST filter bank (6.106) be
represented by a matrix S Nuy with elements

{ngN}kn sin |:2N (Zn + 1+ N) 2k + 1):|

N
k=0,1,...,5—1,n=0,1,...,N—1. (6.128)
Note that the kth row basis vector of the matrix S, exhibits even symmetry in its
first half and even anti-symmetry property in its second half [30]. The sine transform
kernel in the synthesis MDST filter bank (6.107) is represented by the matrix S\ Yo

where T denotes transposition. The analysis/synthesis MDST filter banks glven by
(6.106)/(6.107) can be respectively represented in the equivalent matrix-vector form
as [30]

AT T T
S%XN Wn X, y, = Wy S%XN S, (6.129)

AT .
where the matrix Wy is given by (6.55), and x,T, s[T, y, are appropriate column
vectors. Based on the matrix representation of the MDST it was shown in [50] that

T
the transposed MDST matrix [S ¥ N] denoted by S;X ~ is the pseudoinverse of its
2
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corresponding forward transform matrix. Hence, the forward and backward MDST
block transforms are actually the pseudoinverse pair (see Appendix A.1). In fact, for

products of the matrix S Ny and its pseudoinverse, S the following relations
hold: “

N>
Nx7

(6.130)
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where 1 y is the identity matrix, J y is the reverse ordered identity matrix both of

order %, and 0's are null matrices.
We recall that there exists a close relation between MDCT and MDST matrices
[30]. Actually, the matrix S Nun is related to C Nun by

N
S%XN:(—I)4 J% ngNDM (6.132)
where Dy is a diagonal odd sign-changing matrix of order N defined as Dy =
diag{1,—1,1,...,—1}. For clarity, the matrix ngN in explicit form for N = 8 is
given by
3n b8 b8 3n 5w I Ir _ S5t
COS ¢ COS{z COS7g COSIg COS g COS {¢ —COS ¢ —COS 3%
T 3 3 T g 5t 5t i
COS ¢ —COS J¢g —COS T¢  COS {F  COS 7z COS T —COS ¢ —COS {¢
S4><8 =
e 5m 5m /g 1 3 3 I
—COS{g COSFr COS g —COS{e COS ¢ COS ¢ —COS T¢ —COS T¢
5m I I 5 3 bid b 3
COS J¢ —COS ¢ —COS {¢  COS 3¢ —COS ¢ COS 7¢ —COS {=  COS T¢

6.7.6.2 Relations Among MDCT and MDST Sub-Matrices

Now, let the matrices C Nyy given by (6.58) and S Nuy given by (6.128) be split into
the following two blocks:

Cyuy = (Ky Ly ). Spa=(PyQy),  6133)

Ny
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where K xs L% , P% and Q% are square nonsingular matrices of order %’ Splitting
the matrices C YN and S Nuy into two blocks plays a key role in the derivation of a
relation between MDCT and MDST coefficients directly in the frequency domain.
Based on the relation (6.132), the matrix pairs K xs P% and L%, Q% are closely
related as

Py = CD*JyKyDy.
0y = (- )%Jg yDy, (6.134)

where the elements of K y and LN are given by (6.75). According to (6.134) the
elements of PN and QN are respectlvely, given by

{P§}§—1—k,n = (_1)”+¥ cos |:2 (Zn + 1+ N) 2k + 1):|

3N
{QN}M_I —in = (= 1)”+4 cos [2N (2n+ 1+ —) (2k + 1)i|
k,n=0,1,...,5—1. (6.135)

. . + + .
Then, the pseudoinverse matrices C, v and S,y (or transposed versions of C Ny
2 2
and S Ny ) are, respectively, given by

c’ Ky st Py (6.136)
NXx = L‘; ’ NX % - Qg ’ :

+ o+
and the row vectors of K y / L% and P y / Q% become the column vectors of K y /L v
2 2

and PZ/Q;.
2 2

6.7.6.3 Relation Between MDCT and MDST Coefficients
in the Frequency Domain

Consider the windowing and overlap-add procedure at the decoder to reconstruct

the current time domain data block ¢ denoted by x;, = [x;l) x; )] where x "is the

first half and xiz) is the second half of x,. Since the MDCT filter bank satisfies the
perfect reconstruction constraints in the overlapped parts of three consecutive blocks

t— 1, tand t + 1, the tth current time domain data block x;, = [xil) xiz)] can be

perfectly reconstructed by the windowing and overlap-add procedures formulated
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in the matrix-vector form as follows:

[xi”] _W?LJNr f1+WNKN c.

@, + T 1)

[xf’] = WyLy ¢ + WKy e/, (6.137)

On the other hand, using (6.55), (6.129) and (6.133) the MDST coefficients in th
data block can be expressed in the matrix-vector form as

4 T T
5 =5 (PN Wy [xi”] +0y WYy [xf’] ) (6.138)

Equations (6.137) and (6.138) represent the direct transform-based conversion
method in the matrix-vector representation to compute the exact MDST coefficients
of the current time domain data block ¢ if the MDCT coefficients of three
consecutive blocks r — 1, ¢t and ¢ 4 1 are given.

In order to obtain a relation between MDCT and MDST coefficients directly in
the frequency domain, substituting expressions from (6.137) for [x( )]T and [x(Z)]T
into the right-hand side of (6.138) we have

5= 2 (Oy e+ (G +Hy) € +Vya). (6.139)
where
Uy =PyWyWiLy. Vy=QyW WKy,
Gy =PyWyWyKy. Hy=QyWyWyLy. (6.140)

are nonsingular square matrices of order %’ Equations (6.139) and (6.140) define
the relation among the MDST coefficients of the current time domain data block ¢
and the MDCT coefficients of three consecutive blocks r — 1, ¢ and ¢ 4 1. Square
matrices U y, VN and GN +H y are called conversion matrices.

The same relatlon between the MDCT and MDST coefficients in the frequency
domain defined by (6.139) and (6.140) has been obtained in [43, 46, 47]. However,
the authors did not further investigate the properties of conversion matrices in detail.
On the other hand, a relation between the MDCT and MDST coefficients in the
matrix-vector form presented in [35, 36] is based on applying different windowing
functions for the MDCT and the MDST, specifically, the sine windowing function
for MDCT and the cosine windowing function for MDST. Consequently, the final
matrix-vector products are different compared to (6.139) and (6.140), and MDST
coefficients are approximately obtained only from previous and following blocks of
MDCT coefficients (the current block is completely eliminated).
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As the first step in the derivation of the generalized conversion method for
arbitrary symmetric windowing function, we shall investigate the elements of
matrices U x, V% and G% +H y in detail. Actually, the conversion matrices have
very regular structure and possess interesting symmetry properties which can be
used to reduce the matrix-vector products in (6.139) to simple general analytical
formulae with minimal memory requirements.

6.7.6.4 Conversion Matrices U P V¥ and Their Properties
Using (6.57), (6.75), (6.135), and (6.136), and performing the scalar products of

row/column vectors, the corresponding elements of matrices U N and V% in (6.139)
and (6.140) are, respectively, given by

Ng
P
4 n+4
Uy em = E 2Wa Wy, (=D)""% cosguix cOS Yy m.
n=0

!
4 < N
— n+g
VY = N Z 2 WXy Wn (=D)""4 cosY,x cosPpm,
n=0
N
k,m=0,1,...,5—1, (6.141)

where ¢, , = 55 (Zn + 1+ %/) 2p+1)and ¢, = 55 (2n + 1+ %) 2p +1) for
p = k and m. Since

cos Wn,p = (_1)p+l sin ¢n.p7 (6.142)

then, substituting % — 1 — p for p into the sine term in (6.142) we get the following
trigonometric identity:

cos 1//,1’%_1_[, = (1) (_1)n+% COS Py p. (6.143)

Using (6.142) and (6.143) for p = k and m we can rewrite (6.141) into the final
form as
41

4
m
UN N oy = (-1 N E 2wy, LT COS Py i COS Py,
n=0
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g !
Ve = (—=1)F ¥ Z 2 Wn Wy _y_,, COSPpi COS Prm,

n=0
N
k,sz,l,...,E—l. (6.144)
From (6.144), it can be easily seen that the elements of U N and VN are the same
in magnitude except for their proper sign changes and reverse ordermg Indeed, the
elements uy,, are related to vy, and vice versa by
U = (—1)F™ LI

7_1_m5
— k+m
Ve = (1) UN 1,41

N
k,m=0,1,...,5—1. (6.145)

—m?

Further, between the elements above and under the main diagonal of Uy and Vg
we can observe the following symmetries: )

Ukm = (_1)k+m Um ks
Vim = (_1)k+m Um ks k 7é m, k< m,
N
k,m=0,1,...,5—1. (6.146)
If we would realize the matrix-vector products U v c,T yand Vy ctT 4110 (6.139), then
from (6.145) it follows that it is sufficient to use only one of the matrices U y and
VN Let the conversion matrix szv be precomputed according to (6.144). Equatlon
(6. 146) implies that only the upper triangular part of VN including elements on the
main diagonal must be stored, i.e., we need totally 3 (N + 2) elements. However,

the memory requirements can be further minimized as follows.

Using the trigonometric identity 2coS ¢, cos @y, = co0S8 (P + Gnm) +
c0S (Puix — Pn.m), the elements vy, in (6.144) can be written as

Ukm:(_l)k ZWnWN len cos|:N (2n+1+N)(k+m+1)]

N_
4 = N
(=1 N an Wy €08 | 2n+ 1 + (k—m)|,
n=0

k,m=0,1,...,——1. (6.147)
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Let us define the following discrete sequence {f;} by

Y
4 3 b4 N
fi = N gwn Wy _j_, €OS [ﬁ (2n + 1+ 5) s] ,

fos=f s=0.1,...N—1, (6.148)

whose values depend on the block length and a specific windowing function. It can
be easily verified that the discrete sequence {f;} possesses the odd anti-symmetry
property given by

N
fos=~f s=12...5 -1 and fy=0. (6.149)

Then, Eq. (6.147) can be written in the simplified form as

Vem = (=DF Fiemir + fiem).  kom=0.1,.... = — 1. (6.150)

N
2
Finally, substituting § — 1 — for k and § — 1 —m for m in (6.150) and using (6.145)
after some algebraic manipulations, the elements uy , are given by

N

e = (=" (etm+1 — fimm) k, m=0,1,..., 3 1. (6.151)

The symmetry properties given by (6.145) and (6.146) can be easily derived from
(6.147) using its representation via {f;}. Equations (6.150) and (6.151) indicate the
following important fact. For given k, m, the elements vy, and w4, can be generated
by combining values fi4,,+1 and fi—,, of the discrete sequence {f;}. Thus, if we use
the odd anti-symmetry property of {f;} given by (6.149), then we need to store only
% elements instead of %’(N +2).

It is interesting to compare Egs. (6.151) and (6.150) with elements {f; ,,} and
{gx.m}, respectively, defined in (6.118). Except for sign changes, they are equivalent.
However, the authors in their conversion method [45] observed neither the symmetry
properties of conversion matrices nor the discrete sequence {f;} and its symmetry
property which reduce the memory requirements significantly.

6.7.6.5 Conversion Matrix G% +H y and Its Properties
Similarly, using (6.57), (6.75), (6.135), and (6.136), and performing the scalar

products of row/column vectors, the elements of matrix Gg + H N in (6.139) and
(6.140) denoted by (g + )i, are given by
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[
4 3 N[ 2
(g + h)%—l—k,m = N Z(_l)n+4 <Wn COS Pk COS Py
n=0

2
+W%717n COS Yy, x COS 1//,1,,,,) ,

N
k,m:O,l,...,E—l. (6.152)

Compared to the conversion matrix V% , the derivation of a general close form of
G% +H N is somewhat more complicated. Firstly, using (6.142) for p = k and m,

subsequently substituting % —1—nfornin (6.152) and using trigonometric identities
cos ¢%_1_n’p = —COS ¢y, sin ¢§—1—n.p = sin¢,,,, (6.153)

for p = k and m, Eq. (6.152) can be written as

N

71

4 N 2 2
— n+ 7
(g+ h)%—l—k.m - N go(_l) 4 (Wn _w%—l—n>
(COS ¢n.k cos ¢n.m - (_1)k+m sin ¢n.k sin ¢n.m) s
N
k,m=0,1,..., 5—1. (6.154)

Then, by substituting % — 1 —k for k into (6.154), and using trigonometric identities

cos ¢n.%—1—k = (—1)"+% sin ¢ «, Sinqﬁn’%_l_k = (—1)”+% coS Ppi, (6.155)

Eq. (6.154) takes the following form

N
4 . .
(g + h)k,m = N Z (W; - Wz%_l_n) (Sll’l ¢n,k Cos ¢n,m + (_1)k+m Cos ¢n,k sm ¢nm) P
n=0
N
kom=01,....2 -1 (6.156)

Applying trigonometric identities to the terms sin ¢, x cos ¢y, ,, and cos ¢, x Sin @,
in (6.156), and by using

in | (2n+1+ )« 1
sm|:ﬁ(n+ +5)(+m+ )i|

k+m [7‘[(2" + 1)
CoS | ——————
N

(k+m+ 1):| , when (k + m) is even,
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sin |:N (Zn +1+ N) (k— m)]

= ("%

os [@(k - m)] . when (k + m) is odd,
6.157)

we finally obtain a general close form of G% +H N defined as

(wi=wy ) D cos [ &+ m+ 1)),

4 G- (k + m) iseven,
&+ Mim = ﬁ (6.158)
k—m—1
=0 (wi—wz%_l_”) (1) =5 cos [@(k—m)],
(k + m) is odd,
for k, m = 0,1,...,% — 1. Note that wfl - wzﬁ_l_ = (W;1+W%_1_n>
2 n
(w —wy_ ) <Oforn=0,1,....%—1.

The conversmn matrix GN +H y has interesting symmetry properties. Specifi-
cally, between the elements i 1n the upper/left and lower/right half of GN + H y the
following symmetries can be observed:

N
(+Mm = (—1)k+m(g+h)%_l_k_%_l_m, k, m=0, Lo...o=l (6.159)

while between the elements under and above the main/opposite main diagonal of
G v+ H N the following symmetries can be observed:

(g +Mm= D"+ Mpr, k#m, k<m, kom=01,...., 21

(6.160)
After we realize the matrix-vector product ( G y +H y ) c,T in (6.139), it is sufficient
to store either only the upper half or only the upper triangular part of G v+ Hy
including elements on the main diagonal, i.e., totally either %2 or %(N +2) elements,
respectively. However, we shall see that the memory requirements may be reduced
to %’ as follows.
Let us derive the elements of G v+ H N in the explicit form according to
Eq. (6.158). There are two cases:

1. If k 4+ m is even, then it can be written as k + m = 2q, g = 0,1,...,%’— 1, and
the elements (g + &), are given by
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Y1
4 3 2 2 T
&+ =+ 22:0 (wn=wy_,_,) (D7 cos| T@n+ D2g + D).
N
qg=0,1, ’Z_l' (6.161)

Additionally, substituting § — 1 — k for k and § — 1 — m for m in (6.158) when
k + m is even, we have

&+ Mm=(g+ h)%—l—m,%—r—k’ k+ m iseven. (6.162)

2. If k+mis odd, then k—m is also odd and it can be written as k—m = +(2g+ 1),
q=0,1,..., %V — 1, and the elements (g + /)i, are given by

(w,i - wz%_l_n) (=1)7 cos[Z(2n+ 1)(2g + 1],

S| if k> m,
@+ Mm =+ Z (6.163)
2 2 —
(wn - w%_l_n) (=17 cos [Z(2n + 1)(2q + 1],
if k< m,
—o1,... Ny
q — Y L ’ 4

Equations (6.161), (6.162), and (6.163) directly imply that the matrix G% +H y

contains only %’ unique elements in magnitude. Denoting them by f,, based on
(6.161) they are defined as

4 < 2 2
Bo= (D" ng (wn - W§-1—n) cos [4(N/4) n+ 1)(2q + 1)}
N
g=0.1,....7 -1 (6.164)

Values of {,} again depend on the block length and on a specific windowing
2

function. Equation (6.164) corresponds to an N—point DCT-IV of {w2 — WN e n}
In general, the forms of conversion matrices VN and Gy + H y depend on the

employed symmetric windowing function. The umque elements of VN are given

by (6.150), and the unique elements of GN + H y are given by (6. 164) Since the

conversion matrices have the very regular structure the matrix-vector products in
(6.139) can be reduced to simple analytical formulae.



6.7 Conversion of the MDCT to MDST Frequency Coefficients 391

6.7.6.6 General Analytical Formulae of the Exact Conversion Method

With respect to (6.139) let us divide the matrix-vector products into two parts as

0) N
S, = ag + by, k=0,1,...,§—1, (6.165)
where the terms a; and by, are, respectively, defined as
41
W= Y i G Ve s (6.166)
m=0
- N
®
b, = + himc, , k=0,1,...,——1. 6.167
" Z(g Ve C 5 (6.167)

6.7.6.7 General Analytical Formula for the Computation of ay,

According to (6.150) and (6.151), and replacing the index m by p, the computation
of a; given by (6.166) can be written as

¥
y .
ar =Y (D (rapi1 —fip) €5 A+ DX Geaptr +fip) €
N_
S (1=1) k@D (1=1) k(D
=S [ e + @08 g™ e = [0 g = EDF ] i
p=0
N
k:O,l,...,E—l. (6.168)

Finally, considering indices k in (6.168) separately for even and odd values, i.e., for
2k and 2k + 1, respectively, we obtain the analytical formulae for the computation
of a; as

ay = Z[( l)p 1) (t—H):I f2k+p+1 [( l)p -n (r+1)] ka_p,

(-0 _ o+ —n G+
an+1 = Z [( e, - ] Joktpt2 — [( e,  +c, ] Sok+1-p>

_1, (6.169)
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where data sequences {(—1)? ¢ 4 (HH)} nd {(-1)? ¢ (t v (HH)} for p =

0,1,..., 2 — 1 are precomputed requiring N additions. Smce f—s = f; note that
f2k—p f2k—p\ when 2k — p < 0, andf2k+1_p f2k+1—p\ when 2k + 1 —p < 0.
Subscript indices 2k + p + 1, 2k + p + 2, |2k — p| and |2k + 1 — p| satisfy the

following conditions: 2k+p+1 € {1, 2 LN=2}2k+p+2€{2,3,. —1},
|2k —p| and |2k + 1 —p| € {0, 1,..., 2 — 1}. In general, for arbitrary symmetrlc
windowing function, exploiting the fact that for4p+1 = Owhen2k+p+1= 3, or

Sortpr2 = 0, when2k+p+2 = 2 , the analytical formula (6.169) requires —(N -1)
multiplications, & > N additions and needs the memory to store 31;’ values. However,
for the rectangular and sine windowing functions, the arithmetic complexity of the
computation of ay; and a1 given by (6.169) can be further reduced by identifying
additional zeroth values of the discrete sequence {f;} as follows.

Substituting the analytical form of rectangular windowing function into (6.148),
the discrete sequence {f;} is given by

N
Zcos[ (2n+1+2) } s=0,1,...N—1. (6.170)

Based on the identity for the sum of trigonometric series defined as

N N
Zcos[ (2n+1+2) 2ri|=0, |r|=1,2,...,5—1, 6.171)

it can be seen that by substituting s = 2r in (6.170) and using the identity (6.171),
the terms f5, = 0 forr = 1,2,... ,%’ — 1 including the case f% = 0. For the
rectangular windowing function the discrete sequence {f;} has ]ZV additional zero
values. Therefore, in the computation of a; for indices k, p satisfying 2k +p+ 1 =
2k+p+2=2k—p|=2k+1-p|=2r, r=12,....5 — 1 (excluding the
case f% = 0), %’ (%’ — 2) multiplications and the same number of additions may be
saved.

Similarly, substituting the analytical form of sine windowing function into
(6.148) and using trigonometric identity after some algebraic manipulations, the
discrete sequence {f;} is given by

|
2 < 2 1 N
fX:NZSin[$] cos[%(Zn—kl—i—E) sj|, s=0,1,...N—1.

n=0
(6.172)
Based on the identity for the sum of trigonometric series defined as
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Osin[@] co |:N (2n+1+ ) (2r+1)]

r=1,2,...,— -2, (6.173)

oz

n

by substituting s = 2r 4 1 into (6.172) and using the identity (6.173), the terms
fors1 = 0forr = 1,2,..., % — 2. For the sine windowing function the discrete
sequence {f;} has also % additional zero values. Hence, in the computation of g for
indices k, psatisfying2k+p+1 =2k+p+2=12k—pl=2k+1-p| =
2r+1, r =1,2,..., 2 — 2, similarly, %(%’ — 2) multiplications and the same
number of additions may be saved.

6.7.6.8 Analytical Formulae for the Computation of by

The computation of b given by (6.167) can also be further optimized for the specific
windowing function in terms of the number of multiplications and memory require-
ments. Indeed, it follows immediately for the rectangular windowing function from
the general analytical close form (6.158) that the matrix GN +H y is null matrix,
and therefore by = 0 for V k. It means that b, does not depend at all on the MDCT
coefficients of the current data block.

By exploiting the special structure of matrix Gg + H y, specific analytical
formulae for (and in general, for any symmetric windowing function), and the sine
windowing function are derived separately in the following subsections.

A. Analytical Formulae for the KBD Windowing Function

The analytical form of KBD windowing functions is relatively complicated, and

consequently, the expression wfl — Wsz in (6.158) is also relatively complicated.
2

—1—n
Therefore, numerical values only are used. Exploiting the special structure of
matrix GN + H y containing only ¥ 7 unique elements in magnitude, b given by
(6.167) for KBD (and in general, for any symmetric windowing function) can be

realized as
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(1) () 0} G}
Pq (CZq—k N C241+‘+k) T ﬂ%—l—q (Cg—z—zq—k o c%—l—zq+k) ’
: N
if 2g—k>0,and2g+1+4+k < 5—1,
N Q) o o 0
i1 | By (ck—Zq—l Czq+1+k) + ,13%_1_4 (C%_z_zq_k + C%_’_zq_k),
by = Z (6.174)

9=0 if 29—k<0,and2g+1+k<%¥ -1,

B o0 n 0 ! Y n 0
q \“k—2¢—1 N—2—2g—k ¥_1— k=Y +1+2¢ Nyog—k)°

otherwise,
fork =0,1,..., 5 — 1, where multipliers 8, are given in (6.164). If § is even, the
analytical formula (6.174) requires § % multiplications and ¥ (§ — 1) additions,
and needs the memory to store %’ values.

If ]IV is odd, then for fixed value of the index g = % (% — 1) we need additionally
to compute

(1) U]
b= B, (Czq—k - 02q+1+k) )
0) 0) N
By = h (czq_k n c2q+1+k) Ck=0LLT oL (6175

and add the results to appropriate terms by. This requires % multiplications and N
additions.

B. Analytical Formula for the Sine Windowing Function

Analytical form of the sine windowing function is simple and the expression wfl —

w;_ I is equal to —cos w in (6.158). Analysis of the general close form of

G_% +H% is based on Egs. (6.161), (6.162), (6.163) and (6.164), and an identity for
the sum of trigonometric series which is defined by

N
¥

N
Zcos[£(2n+1) Zr] -0, |=12,...,~—1 (6.176)
—~ LN 2

Let us derive the elements {,} given in (6.164) in the explicit form for the sine
windowing function. Then, we have
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4

B, = (~1)it! ziv 3" cos []fv(zn + 1)] cos [}%(2,1 +D(2g + 1)] ,

n=0

N
g=0.1....5 1L (6.177)

Consider two cases in (6.177), specifically, ¢ = 0 and g > 0:

1. If ¢ = 0, then using the trigonometric identity cos’> a = %(1 + cos 2«) and the
identity (6.176) we get

¥

Bo=—— Zcos [ﬂ(2n~|— 1)] = —]%

»\2

(% + %cos [%(Zn +1) 2])

n=0

—1% IXX_:I X_:lcos[ (2n~|—1)2] =—

n—O

| =

1
=—=. (6.178
5 )

2|+

2. If g > 0, then using the trigonometric identity for cosine products and the identity
(6.176), we get

ﬁ—l

By = ( 1)at! Z (cos [%(Zn +1) Zq]

+ cos [N(Zn +1)2(g + 1)]) =0

N
qu’Z""’Z_l' (6.179)
Equations (6.178) and (6.179) imply that only Sy = —5 1s nonzero. This defines

the nonzero elements of GN +H y for whichk +m = O in equations (6.161) and
(6.162), and the elements for Wthh k + mis odd and k —m = %1 in Eq. (6.163),
ie.,

1
(g+moo=@+ny 1y =—3

5
1
(& +Mi+1x = — &+ Mk ==
k=0.1,.... ~—2. (6.180)

As a result, for the sine windowing function the matrix G y+ H y corresponds to a
tridiagonal matrix defined as
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11
-5 350 . 0
1 1
-5 05 0 ... 0
1 1
0-50 5 0
Gy +Hy = , (6.181)
1 1
0...0-5 0 5 O
1 1
0 0-5 0 3
1_1
0 0-3—3
and by, given by (6.167) can be realized as
—1 (cg) - ci”) when k=0,
o= -3 (el =) when k=12...5-2. (I8
1 (1) (1) _ N
-3 (c%_z—i—c%_l) when k=35 -1

The analytical formula (6.182) requires %’ multiplications (they can be implemented
as shift operations) and % additions. Unlike the rectangular windowing function,
by for the sine windowing function is dependent on the MDCT coefficients of the
current data block. However, since the tridiagonal matrix G% + H N defined by
(6.181) is sparse, the dependence is relatively small.

A family of sine squared windowing functions for harmonic analysis has been
analyzed in [42]. They can be written in a general analytical form as

7(2n+ 1)

., =o— (1 —a) cos ,
W= —(1-a) >

n=0,1,...,.N—1. (6.183)
Equation (6.183) for ¢ = % defines the Hann windowing function (see also [2],
p. 107), and for ¢ ~ 0.54 it defines the Hamming windowing function. Both
windowing functions are special cases of the Blackman windowing function [42].
We easily find that the expression wfl - Wzﬂ—l—n = —4o(l — a) cos %

In particular, when o = % the expression wi — wz_ ,_, is the same as for sine
windowing function, and hence, based on (6.178) for the Hann windowing function
we obtain the same solution fy = —%. For the Hamming windowing function,
Bo = 20(1 — &), where @ ~ 0.54, and the tridiagonal structure of Gg + H% is also
preserved for it. i
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6.7.6.9 Computational Complexity and Memory Requirements

The generalized conversion method for arbitrary symmetric windowing function
defined by (6.165), (6.169), (6.174), (6.175), and (6.182) is valid for any value of
N divisible by 4. Let the discrete sequence {f;} given by (6.148) be precomputed

fors = 0,1,....% — 1. Similarly, let the data sequences {(—1)”? c[(:_]) + c;+”}
and {(-1) ¢’ —¢ e precomputed forp = 0,1, ..., 2 — 1. Then, the exact
d{-17 ¢, " —c, "} bep puted forp = 0,1,..., ¥ — 1. Then, th

MDST coefficients are computed for the specific symmetric windowing function as
follows:

* For the rectangular windowing function we use only formula (6.169) requiring
totally (N + 2) multiplications, § (N + 4) additions and the memory for 35
values.

* For the sine windowing function we use formulae (6.169) and (6.182) requiring
totally & (N + 2) multiplications, § shifts, & (N + 8) additions and the memory
for 35 values.

* Finally, for the KBD windowing function we use formulae (6.169) and (6.174),
where multipliers B, are given by (6.164). When %’ is even, formulae (6.169)
and (6.174) require totally ]ZV (%V - 2) multiplications, %’ 3N additions and the
memory for 3%’ + %’ values. If % is odd, then we use additionally formula (6.175)
requiring % multiplications and N additions.

6.7.6.10 Comparison of Exact Conversion Methods

The generalized exact conversion method for sine windowing function and the
existing method for audio packet loss concealment in MP3 decoder [45] (see
Sect. 6.7.4) are actually equivalent in terms of analytical expressions, although they
have been derived by different procedures. Indeed, for the sine windowing function
the constant e in (6.118) coincides with the element (g + h)oo = —% or with the
multiplier By = —% in (6.178). Similarly, two-dimensional arrays {f; »} and {gxn}
in (6.117) with proper sign changes coincide with conversion matrices U y and V%,
respectively. However, because the authors in [45] observed neither the symmetry
properties of {fi,»} and {gi .} nor the discrete sequence {f;} given by (6.148) and its
symmetry property, the efficiency of generalized exact conversion method for the
sine windowing function is superior both in terms of the arithmetic complexity and
memory requirements compared to [45] (see Table 6.3).

In principle, the generalized conversion method is similar to the Dolby con-
version method [37, 38], although both methods have been derived by quite
different procedures. The exact MDST coefficients in the current data block are
expressed as linear combinations of previous, current, and following blocks of
MDCT coefficients. While the Dolby conversion method has been derived by a
sophisticated analytical procedure using the trigonometric identities and identities
for sums of trigonometric series, the generalized conversion method is based on
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Table 6.3 Comparison of the arithmetic complexity and memory requirements of the frequency
domain-based conversion methods for the exact computation of the complete set of MDST
coefficients for commonly used windowing functions

Method Windowing function # of mults # of adds Memory
[45] Only sine YN+1) Yn+1y |2
[37.38] | Sine SN +6) Jin+8) 2N+ ¥
[37.38] | KBD JeN—-2) | §3N N+ 4
[34] Sine JN+2) Sn+38 3%
[34] KBD ¥ -2 | ¥3N 3+

the compact block matrix representation of the MDCT and MDST filter banks
and detailed investigation of the symmetry properties of conversion matrices in
corresponding matrix-vector products.

In general, both the Dolby and generalized conversion methods consist of two
parts. Although the resulting analytical formulae for the computation of {ay}/{ax}
and {by}/{bx} seem to be different (compare Egs. (6.169), (6.174) with (6.119)
and (6.120)), they give exactly the same numerical results. In fact, Eq.(6.169)
corresponds to the first sum in (6.119), while Eq.(6.174), (6.175) for the KBD
windowing function and Eq. (6.182) for the sine windowing function correspond
to the second sum in (6.119). Further, the discrete sequence {h;l)} given by (6.123)
coincides with {f, } given by (6.148), and the discrete sequence {S,} given by (6.164)

coincides with the first half of elements of the discrete sequence {h(;; 41} given
by (6.124). Note that fg = 0 and hence, h(; = 0. In particular, comparing the
second sum in (6.119) with Eq. (6.182) for the2 sine windowing function reveals that
only two nonzero values of {h(;; 41} are equal to :I:% Bo = —%). It means that
the multiplicative complexity of Dolby conversion method can be further reduced.
The arithmetic complexity and memory requirements for rectangular windowing
function are the same in both methods.

It can be seen from Table 6.3 that the generalized conversion method for the
exact MDST computation is better both in terms of arithmetic complexity and
memory requirements. The achieved reduced multiplicative complexity in gener-
alized conversion method for the KBD and sine windowing functions compared to
the Dolby conversion method is based on the fact that the formulae (6.174) and
(6.182) for the computation of {b;} directly incorporate the symmetry property of

{h(zzq) 41} by combining pairs of MDCT coefficients multiplied by the same value

of B, or equivalently by h(;; 41 Further, in generalized conversion method for

the sine windowing function the formula (6.182) for the computation of {b;} is

simpler and more elegant compared to the Dolby conversion method. Comparison

of the arithmetic complexity and memory requirements of the frequency domain-

based conversion methods for the exact computation of the complete set of
N

MDST coefficients for commonly used windowing functions, when T is even, is
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summarized in Table 6.3. One can see that the generalized conversion method is
more efficient both in terms of arithmetic complexity and memory requirements,
compared to exact frequency domain-based conversion methods.

6.7.7 Efficient and Flexible Approximate Generalized
Conversion Methods

The exact MDST coefficients of the current time domain data block in the Dolby
conversion method are expressed in terms of linear combinations of exact MDCT
coefficients of previous, current, and following blocks. In [37, 38] the general form
of exact conversion method for arbitrary windowing function defined by (6.119)—
(6.125) has been used to construct an approximate conversion method.

The construction is based on two important properties of discrete sequences
{h,"} defined by (6.123) and {hy, ,,} defined by (6.124). Since both {A,’} and

{h(;; 41 are symmetric and decay relatively quickly, each discrete sequence may
be truncated to significantly shorter length. Exploiting these properties, the general
form of exact conversion method defined by (6.119)—(6.125) has been rewritten to
form the approximate conversion method which uses simply the truncated versions
of {h:)} and {h(;; 41) in convolution operations defined by (6.119). Consequently,
an approximation of MDST coefficients is obtained with much lower complexity.
In general, the longer the truncated versions of discrete sequences, the higher
the computational complexity and the more accurate the approximated MDST
coefficients.

In order to specify the computational complexity and to enable a performance
analysis of the approximate conversion method [37, 38], an optional parameter has
been defined: the total number of nonzero coefficients or taps (denoted by ntapsio)
to be used in both of the truncated versions {h;”} and {h(;l; +1)- Specifically, values
of ntapsww = 5, 13, 19 and 25 have been selected to investigate the approximate
conversion method. The selection and distribution of these taps between discrete
sequences {h;l)} and {h(;; 11 depend on their decaying rates. The inspection reveals

that for increasing indices the discrete sequence {h(;; 41 decays faster than {h;“ It

means that {h(pl)} is more dominant in the approximate computation and therefore,

more taps have to be allocated to {h;,l)} than to {h(;; 41~ The number of taps allocated

to {h(pl)} and {h(;; 41} 18 denoted by ntaps;; and ntapsy, respectively, whereby
ntapsww = ntapsy g + ntapsy determines the computational complexity of Dolby
approximate conversion method [37, 38].

In order to investigate and compare the Dolby approximate conversion method
with an approximate version of generalized conversion method in a unified frame-
work, let us define two new optional parameters pmax and gmax and relate them
to ntapsy y, ntapsy, and ntapsi,. Taking into account the symmetry properties

of {h[(,”} and {h(;; +1)» let ppa denote the maximal value of the subscript index

p for which values of {h;”}, p = 0,1,..., pmax, are involved in the approximate
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N
' 2
denote the maximal value of the subscript index g for which values of {h(;; 1)

computation of a;k in (6.119), whereby pnax € {0, 1, ..., 5 — 1}. Similarly, let gyax

qg = 0,1,...,gmax — 1, are involved in the approximate computation of b;k in
(6.119), whereby gmax € {1,2, ..., Y} Then, ppax and gmay are related to ntapsy i,
ntapsy; and ntapsior by

ntapsy g = 2pmax + 1, ntapsy = 2qmax,

ntapsiol = 2Pmax + 1 + 2qmax; (6.184)

e ) ®
and thf‘} distribution of taps ntaps;;; and ntaps; between {hp } and {h2q 1)
respectively, is related to

Pmax = 2qmax + 1, (6.185)

i.e., approximately two times more taps are allocated to nfaps;;; compared to
ntapsy. Choosing pmax = 5 — 1 and gmax = & — 1 corresponds to the Dolby
exact conversion method.

Since the discrete sequence {f,} coincides with {h;)} and the discrete sequence

{B,} coincides with the first half of {h(;; 41, following the approach of [37, 38] we
can construct the approximate method [34] from the generalized exact conversion
method defined by (6.169) and (6.174). Let pmax and gmax be given. At first, in the
approximate computation of a;: according to (6.169) those values of foryp+1, frk—ps
JSok+p+2 and fory1—p are involved, whose subscript indices satisfy: 2k +p + 1, 2k +
p+2, |2k—p|, |2k 4+ 1 —p| < pmax. On the other hand, since the discrete sequence
{B,} decays very fast, for larger block sizes the multipliers ﬂ%_l_ o 10 (6.174) may

be neglected, and (6.174) for the approximate computation of b: can be rewritten in
the simplified form as follows:

Bq (Cg;—k_cg;-i-l—i-k)’ if 2g—k>0,and2g+ 1+ k< 15\’_ 1,
qmax_l
b= > {8, (c}j’_zq_l —c§;+1+k), if 2¢—k<0,and2g+1+k<¥—1,
q=0
() 0} .
Bq (Ck—Zq—l + cN—Z—Zq—k)’ otherwise,
N
k:O,l,...,E—l. (6.186)

With respect to (6.174), gmax € {1,2,..., %’}, i.e., ¢max has half range compared to
that of the Dolby approximate method. Further, it is important to note that although
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the Dolby and generalized approximate method defined by quite different formulae,
for given ppn.x and gnax both approximate methods generate the same algebraic
expressions.

6.7.7.1 Computational Analysis

In order to quantify the computational complexity of the generalized conversion
method including Dolby approximate method for completeness, expressions in
terms of optional parameters pm.x and gmax are derived specifying the average
total number of arithmetic operations required per unique MDST coefficient for
several different 2" length blocks and the different total number of taps ntapsia =
7, 13, 19, 25 specified in [37]. Then, the computational complexity of approximate
conversion methods for the complete set of MDST coefficients is compared to that
of the direct transform-based method.

A. Arithmetic Complexity of the Dolby Approximate Conversion Method

The average total number of arithmetic operations required per unique MDST
coefficient by the Dolby approximate method in terms of optional parameters pmax,
gmax 18 given by

1. Computation of {zl(,l)}

given by (6.121): 2 adds on average
2. Computation of a;k in
(6.119): (2pmax + 1) mults  2py.x adds
3. Computation of b, in
(6.119): 2@ max mults (2gmax — 1) adds
4. Computation of a;k + b;k: 1 add
2pmax + 1 + 2qmax ~ 2Pmax + 2¢max + 2 adds
mults

The total number of
operations: 4pmax + 4qmax + 3

Thus derived arithmetic complexity per unique MDST coefficient in terms of
Pmax and ¢max coincides with that derived in [37]. Table 6.4 summarizes the
arithmetic complexity of the Dolby approximate method in terms of the average
total number of operations required per unique MDST coefficient for ntapsi =
7, 13, 19, 25, whereas Table 6.5 summarizes the arithmetic complexity in terms of
the total number of operations required for the complete set of MDST coefficients
for different 2" length blocks and ntapsi = 7, 13, 19, 25.
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Table 6.4 The arithmetic complexity in terms of the average number of total operations required
per unique MDST coefficient by the Dolby approximate method for ntapsim = 7, 13, 19, 25,
and generalized approximate method for ntapsy, = 6, 11, 16, 21

Total # of taps | ntaps; iy of | ntapsy of Value | Value |#of |#of |Total#of
(ntapsiorar) {h;,1 ) ALY {h(;‘: " }/ABg} | Of Pmax | Of gmax | mults | adds | operations
7/6 5 2/1 2 1 7/6 8 15/14
13/11 9 472 4 2 13/11 | 14 27/25
19/16 13 6/3 6 3 19/16 | 20 39/36
25/21 17 8/4 8 4 25/21 | 26 51/47

Table 6.5 The arithmetic complexity in terms of the total number of operations required for the
complete set of MDST coefficients for different 2" length blocks by the practical direct transform-
based method, Dolby approximate method for ntapsi = 7, 13, 19, 25, and generalized
approximate method for ntapsi = 6, 11, 16, 21

2"-length | Direct | Dolby method Generalized method

blocks method | 7/15 13/27 | 19/39 |25/51 |6/14 11/25 | 16/36 | 21/47
128 2048 960 1728 2496 |3264 | 896 1600 | 2304 | 3008
256 4608 1920 3456 4992 | 6528 1792 3200 4608 | 6016
512 10240 3840 | 6912 | 9984 13056 |3584 | 6400 |9216 12032
1024 22258 | 7680 13824 | 19986 | 26112 | 7168 13280 | 18432 | 24064
2048 49152 15360 | 27648 | 39936 | 52224 | 14336 |25600 |36864 |48128

From Table 6.4, it can be observed that the Dolby approximate method for obtain-
ing the complete set of MDST coefficients requires fewer arithmetic operations
than the direct transform-based method for most combinations of block sizes and
specified ntapsiy,. Furthermore, the advantage of the Dolby approximate method
increases over the direct transform-based method as the block size increases [37]. In
a specific case of the sine windowing function, since the values of discrete sequence
{h,"} coincide with those of {f,} (see Egs. (6.172) and (6.173)), the values hy, | = 0
forr=1,2,..., % — 2. ntapsyy is always equal to 2 for any value of ntapsoa, and
therefore, ntapsw = ntaps; g + 2. Consequently, for a fixed ntapsion more taps
are allocated to ntapsy 7, and proper identifying of the values h(zlr) 41 = Oresults in
further reduction of the total number of arithmetic operations.

B. Arithmetic Complexity of General Approximate Conversion Method
The average total number of arithmetic operations required per unique MDST

coefficient by the generalized approximate method in terms of optional parameters
Pmax and gmax 1S given by
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1. Computation of
(e ey
2. Computation of
GG

3. Computation of aZ in

1 add on average

1 add on average

(6.168): (2Pmax + 1) mults  2p.x adds
4. Computation of b, given
by (6.186): Gmax Mults (2¢max — 1) adds
5. Computation of a, + b, : 1 add
2pmax + 1+ gmax ~ 2Pmax + 2gmax + 2 adds
mults

The total number of
operations: 4pmax + 3qmax + 3

Table 6.4 summarizes the arithmetic complexity of the generalized approximate
method in terms of the average total number of operations required per unique
MDST coefficient for ntapsi = 6, 11, 16, 21. Comparing the expressions for
arithmetic complexity per unique MDST coefficient of the Dolby and generalized
approximate method, one can see that to obtain the same approximated MDST coef-
ficient, generalized approximate method requires lower number of multiplications
with less total number of ntapsy, and hence, less total number of operations than
the Dolby approximate method. The achieved reduced multiplicative complexity
is based on the fact that (6.186) for the computation of {bZ} directly incorporates
the symmetry property of {h(;; 415 by combining pairs of MDCT coefficients
multiplied by the same value of B,. Consequently, since {f,} is more dominant
in the approximate computation than {8}, increasing the number of taps for {f,}
in generalized approximate method for the same value of nrapsi . will lead to
obtaining the approximated MDST coefficient with higher accuracy, while the total
number of required operations is approximately the same compared to the Dolby
approximate method.

Table 6.5 summarizes the arithmetic complexity in terms of the total number of
operations required for the complete set of MDST coefficients by the generalized
approximate method for different 2”-length blocks and ntapsi = 6, 11, 16, 21.
It can be observed that the generalized approximate method requires significantly
lower total number of operations than the Dolby approximate method and direct
transform-based methods for almost all combinations of block sizes, as well as lower
number of ntapsa. This advantage is more apparent over the Dolby approximate
and direct transform-based methods as the block size increases. The advantage
is even more evident for the sine windowing function. In this specific case, the
computation of {b;} is realized by (6.182) requiring one multiplication by % and two
additions per unique MDST coefficient. Then, for a fixed ntapsoa €xact identifying
of the values f, = 0 (see Egs. (6.172) and (6.173)) results in a significant reduction
of the total number of arithmetic operations. The memory requirements of the
generalized approximate conversion method are the same as for the exact conversion
method.
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6.7.7.2 Performance Analysis

The performance of Dolby approximate conversion method has been analyzed
in [37] by measuring the difference between the exact and approximate spectral
components, magnitudes defined by (6.109) and phase angles defined by (6.110),
for different block lengths, windowing functions, source signals, and accuracy
specifications in terms of ntapsoa. In this performance analysis, special attention
was given to nfapsi parameter because it provides the best control over the
behavior of the approximate method. The exact spectral components were computed
using the exact MDCT and exact MDST, while approximate spectral components
were computed using the exact MDCT and approximate MDST. The source input
signal has been modeled either as a noise source being the white noise uniformly
distributed between —32767 and 432768, or as a sinusoidal source being 1440.324
Hz sine wave having the amplitude of 32768. To be more general, the source
signals have been normalized to < —1,1 > range. In simulations 512-point
analysis/synthesis KBD windowing function applied to the noise source signal has
been used, as a typical application for the AC-3 (E-AC-3) audio coding standard
[10], and 2048-point analysis/synthesis sine windowing function applied to the
sinusoidal source signal, as a typical application for the MPEG AAC audio coding
standard [3].

The performance analysis of Dolby approximate method has involved measuring
the difference between the exact and approximate spectral components by investi-
gating [37]:

* The accuracy of approximation for ntapsy shown in Table 6.2. Simulations
have shown that the approximation of spectral components is improved as
ntapsya increases. While for ntaps,..y = 7 the approximation is fairly poor,
for ntapsia > 19 the errors are small enough and obtained approximation may
be acceptable for some audio codec configurations, while saving considerable
computational power at the decoder.

* The effects of a longer block size, different source signal, and different windowing
function on the quality of approximation. Simulations have shown that errors are
distributed relatively evenly across the spectra both for the noise and sinusoidal
sources, with only a few isolated frequency coefficients having larger errors.

* The error statistics of approximation (average, maximum, median, and variance)
for different source signals and all combinations of block sizes and ntapsioa.
Simulations have shown that for increasing ntaps in general, all error statistics
decrease. The block length does not seem to have a predictable effect on the error
statistics.

One can find in [37] all detailed results of experiments.
Since the discrete sequence {f,} coincides with {h;l)} and the discrete sequence
{B4} coincides with the first half of {h(;; 114, the above brief summary of perfor-

mance analysis is also valid for the generalized approximate conversion method
[34]. The performance analysis of generalized approximate method involved also
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measures the difference between the exact and approximate spectral components. In
contrast to [37], for 512-point KBD windowing function applied to the same noise
source signal, additionally the following problems have been investigated [34]:

* Effects of the distribution of taps between {f,} and {B,} and their impact on the
accuracy of approximation by measuring the average, maximum, and root-mean-
square (RMSE) errors for a given ntapsy . The error statistics of approximate
spectral components have been measured for various combinations of allocated
taps pmax and gmax. It was observed that for ntaps = 19 and 20, fixing the
number of {f,} taps (Pmax) and increasing the number of {B,} taps (gmax), the
error statistics significantly decreased compared to those for ntapsi = 18,
i.e., the approximation accuracy has improved significantly. On the other hand,
by increasing the number of {f,} taps (pmax) While fixing the number of {B,}
taps (gmax), the error statistics remain similar, but both are significantly higher.
This indicates that the distribution of taps for nfapsiw = 18, 19, 20 has
considerable impact on the accuracy of the approximation method. However,
for increasing ntapsi > 20 almost all error statistics decrease smoothly. It
was also shown that the Dolby approximate method with ntaps = 25 and
generalized approximate method with ntaps,a = 21 give exactly the same error
statistics. It means that the approximate spectral components computed by the
generalized approximate method with almost the same computational complexity
are obtained with higher accuracy.

* Decaying rates of {f,} and {B,} for different block lengths and different
windowing functions. In general, proper selection and distribution of taps depend
on the decaying rates of discrete sequences {f,} and {f,} whose values depend
on the block length and employed windowing function. As an example, the first
ten elements of {f,} and {f,} for 512-point KBD windowing function are shown
in Table 6.6.

In order to get an insight into decaying rates of {f,} and {8,}, the following
simple and useful experiment was carried out. For each windowing function
and block length were searched for such indices pmax and gmax for which the
elements of both sequences {f,}, where p < pua, and {B,}, where ¢ < Gmax,

gtlr)rizn?;6ofT{}; e}ﬁarr?:i t{e ,g } for r.q_ |} {8y}

p q

512-point KBD windowing 1.933E-001 —5.914E-001

function —1.729E-001 | —1.079E-001
1.228E-001 —1.793E-002

—6.796E-002 | —1.429E-003
—8.512E-003 | —2.302E-005
2.065E-003 —3.022E-008
—6.588E-004 | —8.216E-009
2.045E-004 1.098E-008

1.604E-005 —3.151E-009
—3.921E-006 | —1.539E-009

O 0 QI NN kWD = O
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have a magnitude greater than a pre-specified constant. Thus, for the approximate
method values ppax and gmax Will determine truncation limits or the number
of allocated taps to {f,} and {B,}, respectively, when higher accuracy of the
approximate spectral components is required. For the KBD windowing function
and constants 107> and 107, the values of puax and gumax do not change for
different block lengths in contrast to the sine windowing function. This explains
the behavior of the approximation method in terms of accuracy by specific
distribution of the taps between {f,} and {B,} for 512-point KBD windowing
function and nfapsi = 18, 19, 20. Experimental results confirm the conclu-
sion given in [37] that the decay rates of {f,} and {8,} for different windowing
functions are influenced by the increased frequency resolution property of a
specific windowing function. The better frequency resolution of the windowing
function, the faster is the decay rate of {f,} and {B,}. We recall that the taps
in the Dolby approximate method [37] are distributed according to Eq. (6.185),
i.e., approximately two times more taps are allocated to ntaps; j; than to ntapsy;.
Indeed, it was observed that for KBD windowing function and the constant 10—
approximately two times more taps are allocated to {f,} than to {8,}. However,
for the constant 107 approximately three times more taps are allocated to {f,}
than to {f,} for higher accuracy. For the sine windowing function and increasing
block length, it is interesting to note the changing values of py,s. They seem to
approach a constant value [34].

One can find in [34] all detailed results of experiments. However, three essential
open problems still remain to be solved:

1. Why the decaying rates of {f,} and {B,} for the KBD windowing function do not
depend on the block length? An asymptotic investigation of the behavior of {f,}
and {B,} as the block length goes to the infinity has to be carried out. Note that
even/odd terms of {f,} given by (6.148) and {8} given by (6.164) can be written
in the following equivalent forms as

N
N

4 7
S = (—1)‘117] ZO Wa Wy_j_, €OS []T](Zn + I)Zq] ,

N
N

4
f%—l—2q = (—1)‘11T] ;(—I)Vm}n Wy __, COS [%(Zn + 1)(2qg + l):l ,

N
=0,1,...,——1,
q 4
g !
By = (=15 Xg(wn F W) —wy )

X c0s []fv(zn +1)(2g + 1)] :
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2. Why {B8,} generally decays faster than {f,,}?

3. Given pmax and gmax, can the approximation accuracy be estimated? Such a
formula would be very useful for the approximate conversion method in real
audio applications.

Compared to the direct transform-based method, the approximate conversion
methods for approximation of spectral components at the decoder have the follow-
ing advantages:

e With properly selected parameters pya.x and gmax they can produce acceptable
approximate results, while saving considerable computational power particularly
at resource-limited and low-cost decoders.

¢ They are very flexible to compute the approximate MDST coefficients in different
frequency bands with different accuracies including the exact computation.

6.8 Summary

The perfect reconstruction cosine/sine-modulated filter banks used in the Dolby AC-
3 and E-AC-3 audio coding standards have been discussed, specifically, definitions
of the analysis/synthesis AC-3 filter banks, their general symmetry properties both
in the time and frequency domains, and their efficient unified implementations with
corresponding signal flow graphs. The efficient unified implementations of AC-
3 transforms are compared in terms of computational complexity and structural
simplicity. Matrix representations of AC-3 filter banks, their properties, and rela-
tions among transform (sub-)matrices provided the basis to derive relations between
the frequency coefficients and the time domain aliasing data sequences of AC-
3 transforms, and in particular, the derivation of the fast conversion algorithm of
frequency coefficients of AC-3 transforms directly in the frequency domain for
efficient E-AC-3 to AC-3 bit stream conversion and AC-3 to E-AC-3 bit stream
transcoding. The fast conversion algorithm is compared with standard conversion
methods in terms of computational complexity and memory requirements. Finally,
exact and approximate conversion methods of the MDCT to MDST frequency
coefficients, or equivalently the methods for construction of complex MCLT filter
bank directly in the frequency domain have been presented. Exact and approximate
conversion methods are compared in terms of computational complexity, structural
simplicity, and memory requirements.

Problems and Exercises

1. Based on Egs. (6.5), (6.6), and (6.7) for a given block size N, write a computer
program to generate the KBD windowing function with variable parameter .
If it is possible, display the graph of generated KBD windowing function for
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the selected parameter 8. Note that the modified zeroth order Bessel function
given by (6.7) converges rapidly after several iterations for a given argument
and accuracy.

. In the AC-3 and E-AC-3 encoder/decoder, the KBD windowing procedure is

realized via lookup tables before/after the forward/backward long (MDCT)
transform computation (standard method). Following the approach described in
Chap. 5 for MP3 audio coding standard, construct a fast analysis MDCT filter
bank (including the forward long transform with incorporated KBD windowing
and overlap procedures), and a fast synthesis MDCT filter bank (including the
backward long transform with incorporated KBD windowing, overlap, and add
procedures). Draw corresponding general compact computational structures
and verify them by a computer program. Finally, compare the arithmetic
complexity of standard method with the implemented fast analysis/synthesis
MDCT filter banks.

Consider Egs. (6.14) and (6.15) for n = m defining the fast DCT-IV-based
algorithm for the forward first short transform computation. Further, consider
Eqgs. (6.38) and (6.39) defining the forward first short transform in the unified
form of forward long (MDCT) transform. When we adopt the DCT-IV-based
fast MDCT algorithm given by (6.27) or (6.28), and (6.29) for its efficient
computation, whereby N = M and n = m, show that the data sequences {y(,;)}

in (6.15) and {y, "} in (6.39) are equivalent.

. Similarly, consider Eqgs. (6.23) and (6.24) for n = m defining the fast DCT-IV-

based algorithm for the forward second short transform computation. Further,
consider Egs. (6.40) and (6.41) defining the forward second short transform
in the unified form of forward long (MDCT) transform. When we adopt the
DCT-IV-based fast MDCT algorithm given by (6.27) or (6.28), and (6.29) for
its efficient computation, whereby N = M and n = m, show that the data

sequences {y::} in (6.24) and {y;H)} in (6.41) are equivalent.

. Implement the computation of forward first short transform derived in the

unified form of forward long (MDCT) transform given by (6.38) and (6.39)
and the computation of forward second short transform derived in the unified
form of forward long (MDCT) transform given by (6.40) and (6.41), via a fast
DCT-1V-based MDCT computational structure.

. Implement the alternate computation of forward/backward first and second

short transforms via the modified fast MDCT computational structure discussed
in Sect. 6.3.3, and verify Egs. (6.48), (6.49) and (6.51), (6.52).

. Implement the alternate computation of forward/backward first and second

short transforms by the modified fast GDFT-IV computational structure dis-
cussed in Sect. 6.3.4.

. In the E-AC-3 encoder after the time-to-frequency transformation of successive

overlapped audio blocks, six blocks of MDCT coefficients are packed and
transformed by the DCT-II resulting in the block of 1536 coefficients. In the
E-AC-3 decoder, this block of DCT-II coefficients is inverted by the inverse
DCT-II, DCT-III. The block length is a composite number, i.e., 1536 = 29 x 3.
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Implement the efficient DCT-II/DCT-III computation for the composite lengths
2" x 3, n > 0. The even-length fast recursive DCT-II algorithm is presented in
Appendix C.1.1, whereas the required efficient optimized 3-point DCT-II/DCT-
IIT modules are presented in Appendix D.4.

. . . . + .
. Verify the products of the matrix C Yy and its pseudoinverse, C, v, given by
2

(6.61) and (6.62) for N = 4 and 8.
+
Verify the products of matrix C (l%) «y and its pseudoinverse, [C;I)X %] , given by

(6.68) and (6.69), as well as the products of matrix C (2 M and its pseudoinverse,
2

+
[ijx%] , given by (6.68) and (6.70), for M = 4 and 8.

(1)
Prove the symmetry properties of row basis vectors of matrices C Ny CM M

and C5 M M defined by (6.71), (6.72) and (6.73), respectively.

Prove lziqs. (6.79) and (6.80).

Derive Eq. (6.84) using Egs. (6.81), (6.82), and (6.83).
Investigate the regular general block structure of conversion matrix V), defined
by (6.95) for M = 4 and 8.

Verify the orthogonality property of conversion matrix V, defined by (6.97)
for M = 4 and 8, and then its orthonormality property.

Implement the fast algorithm for conversion of frequency coefficients of AC-3
transforms defined by (6.98), (6.102) and (6.100), (6.103).

From (6.116) derive the conversion method of MDCT to MDST coefficients
defined by (6.117) and (6.118) for rectangular and sine windowing functions.
Implement by a computer program the conversion method defined by (6.117)
and (6.118) for rectangular and sine windowing functions. Investigate the real-
valued constant e, and real-valued elements of {f; ,,} and {g .} for rectangular
and sine windowing functions.

Implement the Dolby exact conversion method defined by (6.119)-(6.124) for
commonly used symmetric windowing functions.

Verify the products of the matrix S Ny and its pseudoinverse, s’

(6.130) and (6.131) for N = 4 and 8

Based on (6.137) and (6.138) derive the relation between MDCT and MDST
coefficients in the frequency domain defined by (6.139) and (6.140).

Using (6.57), (6.75), (6.135), and (6.136), derive the elements {uy,, } and {vi .}
of conversion matrices U y and VN respectively, in (6.141) and then derive
(6.144) from (6.141). Slmllarly, denve the elements {vy,} in (6.147) from
(6.144).

Verify the relation between the elements {u »,} and {vi,} given by (6.145), and
their symmetry properties given by (6.146) for N = 4 and 8.

Using (6.57), (6.75), (6.135), and (6.136), derive the elements {(g + /)i, } of
conversion matrix G% +H N in (6.152) and derive (6.154) from (6.152). Then,
derive the general close form of G y +H y given by (6.158) from (6.154).

N given by
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25.

26.

27.

28.

29.

30.

Verify the symmetry properties of elements {(g + /)i } given by (6.159) and
(6.160) for N = 4 and 8.

Try to generalize the conversion method defined by (6.117) and (6.118) for
arbitrary symmetric windowing function. Hint: Instead of the real-valued
constant e, consider the terms {e;}. Then, investigate real values of {es,},
{fi.m} and {gi .} for commonly used symmetric windowing functions.
Implement by a computer program the generalized exact conversion method
defined by (6.165), (6.169), (6.174), (6.175), and (6.182) for commonly used
symmetric windowing functions.

Consider the computation of spectral measures, the magnitudes, and phase
angles of spectral coefficients defined by (6.109) and (6.110), respectively. For
a given source input signal and two input parameters pmax and gmax, implement
by a computer program the Dolby approximate conversion method defined by
(6.119)—(6.124) for the KBD windowing function.

Similarly, for the same source input signal and two input parameters ppyax
and ¢m.x, implement by a computer program the generalized approximate
conversion method defined by (6.169) and (6.186) for the KBD windowing
function. Compare the exact spectral measures with those computed by the
generalized approximate conversion method and by the Dolby approximate
method for the same input parameters pyax and guax-

At the end of this chapter three essential open problems related to the
approximate conversion methods are formulated. Try to solve them.
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Chapter 7

Spectral Band Replication Compression
Technology: Efficient Implementations

of Complex Exponential- and Cosine-Modulated
QMF Banks

7.1 Introduction

Spectral Band Replication (SBR) [1, 2, 4] is an enhancement compression tech-
nology originally invented, developed, and marketed by Coding Technologies. In
November 2007 Coding Technologies company merged into Dolby Laboratories,
now the leading international company in the audio coding field. The SBR is a
bandwidth extension method [2] which significantly improves the compression
efficiency (coding gain) of perceptual audio and speech coding schemes. SBR
cannot be used as a stand-alone coder, it always operates in conjunction with a
conventional codec, a core codec. The SBR acts as pre-processing to the encoder,
and as post-processing to the decoder. In general, the SBR can be combined with
any conventional (even not necessary perceptual) audio/speech codec. The SBR is
based on the fact that in most cases there are large dependencies or strong correlation
between the characteristics of lower and higher frequency content of an audio signal.
Consequently, the high frequency part can be reconstructed from the low frequency
part, or in other words, the SBR is able to recreate the missing high frequency
components of a decoded audio signal in a perceptually accurate way by reusing
signal information from the decoded low frequency part, thus allowing a much
higher audio quality at low data rates. Therefore, transmission of the high frequency
part is not necessary, only the low frequency part and a small set of control data
need to be carried in the bit stream to guarantee an optimal reconstruction of high
frequencies. Thus, the core codec is responsible only for coding and transmitting
the lower part of the original signal spectrum [1, 4].

SBR-enhanced codecs have the major advantage of being backward and forward
compatible to the core codec. This permits to integrate the SBR technology to
existing systems, thus enabling a smooth transition from a conventional audio coder
to its more efficient SBR-enhanced version. In December 2001, the SBR was chosen
as initial reference model for the MPEG standardization process for bandwidth
extension [2], a work item finalized in March 2003 [23]. Indeed, the SBR technology
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has been initially successfully integrated into three existing international audio
coding standards: MPEG-1 audio layer II [10], MPEG-1/2 audio layer III known
as MP3 [12], and MPEG-2/4 AAC (Advanced Audio Coding) [7], all being parts
of the open ISO/MPEG standard. The SBR-enhanced version of MPEG-1 audio
layer II [10] has been adopted as a source coder by the Digital Audio Broadcasting
(DAB) system for digital radio services [8]. The SBR-enhanced version of MP3
[12], called mp3PRO, released and marketed by Thomson Multimedia led to several
both software- and hardware-based commercial products [2]. The combination
of SBR and MPEG-4 AAC, the so-called MPEG-4 High Efficiency AAC (HE-
AAC) or aacPlus standard [13-18, 22, 23], has been adopted as a source coder
by the advanced DAB digital broadcasting system (DAB+) [8], by the Digital
Radio Mondiale (DRM) universal openly standardized digital broadcasting system
[6, 8, 9], as well as by the XM Satellite Radio [11] being one of two satellite-based
digital radio services (XM Satellite Radio and Sirius Satellite Radio) used in United
States and Canada. In July 2008, XM Satellite Radio and Sirius Satellite Radio
merged forming Sirius XM Radio. Recently, the combination of SBR and modified
MPEG-4 AAC has been adopted by the MPEG-D Unified Speech and Audio Coding
(USAC) standard for high-quality coding of both speech and music signals [19-21].
The MPEG committee also completed development of a new audio coding standard,
the MPEG-4 AAC Enhanced Low Delay (AAC-ELD) [24-30]. In order to minimize
algorithmic delays while maintaining high coding efficiency at low bit rates, the
AAC-ELD uses a special low delay optimized version of SBR technology. Both
the HE-AAC and AAC-ELD currently belong to the state-of-the-art audio codecs.
Targeted applications involve digital audio broadcasting (proprietary digital radio
systems, digital radio standards), TV broadcasting, mobile communications, com-
mercial electronics (HDTV, DVD), internet audio/video streaming, and in particular,
the real-time bidirectional audio/video teleconferencing. A comprehensive list of
real-world audio applications can be found in [17].

In this chapter, the complete unified efficient low-cost implementations of
complex exponential-modulated and real-valued cosine-modulated analysis and
synthesis QMF banks used in the standard SBR (HQ-SBR and LP-SBR) and LD-
SBR (HQ-LD-SBR and LP-LD-SBR) encoder and decoder are presented. They are
based on existing fast algorithms for the discrete cosine/sine transform of type IV
(DCT-IV/DST-1V), and discrete cosine transforms of type II and III (DCT-II/DCT-
II). The unified efficient implementations are efficient in terms of the computational
complexity, regularity, and structural simplicity. In general, for each QMF bank is
presented:

e Definition in its equivalent block transform with a common parameter M
representing the number of sub-bands. The parameter M has a fixed value of
M = 64 both for the number of sub-bands and time shift factors in the transform
kernels.

e Its general symmetry property in the frequency or time domain which is very
useful for the derivation of a fast algorithm.

* The derivation of a fast algorithm with corresponding computational complexity.
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All fast algorithms are analyzed in detail in terms of the regularity and struc-
tural simplicity for a potential real-time low-cost implementation in hardware
or software. Appendices contain the required fast DCT-IV and DCT-II/DCT-III
computational structures to complete the unified efficient low-cost implementations
of complex exponential-modulated and real-valued cosine-modulated analysis and
synthesis QMF banks.

7.2 Overview of the SBR Compression Technology

There are two versions of the SBR technology in the encoder and decoder: Standard
SBR and low delay SBR (LD-SBR). Basic principles how the both standard SBR
and LD-SBR work in the encoder and decoder are well described in [1, 2, 4, 23].

7.2.1 High-Quality and Low-Power SBR and LD-SBR

Central to the operation of both standard SBR and LD-SBR are dedicated complex
exponential-modulated and real-valued cosine-modulated (low delay) quadrature
mirror filter (QMF) banks as the basic mathematical tools to analyze and syn-
thesize audio signals. While the standard SBR for the encoder defines only one
complex exponential-modulated analysis QMF bank [18], the standard SBR for the
decoder defines two types of analysis and synthesis QMF banks depending on the
application: Complex exponential-modulated QMF banks forming the high quality
SBR (HQ-SBR), and real-valued cosine-modulated QMF banks forming the low
power SBR (LP-SBR) [3, 5]. Since the LD-SBR [25] is derived from the standard
SBR with some modifications, similarly, the LD-SBR for the encoder defines also
only one complex exponential-modulated low delay analysis QMF bank and two
types of low delay analysis and synthesis QMF banks for the decoder forming
the high quality LD-SBR (HQ-LD-SBR) and low power LD-SBR (LP-LD-SBR).
The main difference between HQ-SBR (HQ-LD-SBR) and LP-SBR (LP-LD-SBR)
is how the data is represented during the SBR process. In the HQ-SBR (HQ-LD-
SBR) all subsequent calculations are realized in complex arithmetic. The LP-SBR
(LP-LD-SBR) operates with real-valued cosine-modulated (low delay) analysis and
synthesis QMF banks, and hence subsequent real-valued arithmetic, to reduce the
computational complexity. In situations, where a lower sampling rate is sufficient,
for example in portable devices, the SBR can run in a down-sampled mode and
down-sampled versions of complex and real-valued (low delay) synthesis QMF
banks can be employed. The complex exponential-modulated (low delay) QMF
banks are intended for use in applications requiring the best possible audio quality
at a given bit rate, while the real-valued (low delay) QMF banks are intended to
be lower complexity versions that still produce acceptable results in terms of audio
quality and bit rate [33, 34].
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7.2.2 Motivation to Develop Efficient Implementations
of OMF Banks

The modulation stages of the QMF banks in the ISO/MPEG standard documents
[18, 25] are defined using matrix-vector products with the number of sub-bands
being 64 or 32 and with fixed values of time shift factors in the transform kernels.
They are the most time-consuming procedures in decoders. Indeed, from the study
of the HE-AAC codec [23] it is known that the SBR process in the decoder may
constitute from 50% to 75% of its total computational complexity. Audio and
speech decoders are used in mobile or portable devices, where the processing power
and battery resources are limited. Consequently, in such environments a particular
attention must be paid to reducing the decoder complexity. Moreover, if the decoder
is intended to be implemented in hardware, it is well known that the computational
complexity and memory requirements are directly related to the power consumption
and/or chip size as well as the implementation costs [23]. This is a reason why
the HE-AAC and AAC-ELD define two types of QMF banks in the decoders.
Nevertheless, even when the LP-SBR (LP-LD-SBR) is used, the contribution of
the QMF banks to the overall decoder complexity is significant [33, 34]. Therefore,
efficient implementations of the QMF banks are of great importance.

7.2.3 Existing Efficient Implementations of QMF Banks

After finalizing the MPEG-4 HE-AAC standard in 2004 [18], several efficient
implementations of QMF banks have been developed both for the HQ-SBR [39, 40]
and LP-SBR decoder [32, 38]. The real and imaginary parts of the complex
exponential modulation step of the QMF are, respectively, mapped into the DCT-
IV and the corresponding DST-IV of reduced sizes [39, 40], while the cosine
modulation of real-valued QMF banks is mapped either into the DCT-II or its
inverse, DCT-III, of a reduced size [32, 38]. Thus, many available fast DCT-IV/DST-
IV computational structures [43, 4547, 51, 52] offer efficient implementations of
the QMF banks in HQ-SBR, and the fast DCT-II/DCT-III computational structures
[42, 44, 46, 48, 51, 57] in LP-SBR. The definitions of the low delay QMF banks
in the MPEG-4 AAC-ELD standard [25] are basically similar to those in the
standard SBR. Only the windowing function and modulation differ. Efficient
implementations of the QMF banks both for the HQ-LD-SBR and LP-LD-SBR have
been proposed in [33, 34]. Similarly, the real and imaginary parts of the complex
exponential modulation step of the low delay QMF are mapped into the DCT-IV
and the corresponding DST-IV of reduced sizes. The cosine modulation of real-
valued low delay QMF banks is the same as the real part of the corresponding
complex exponential-modulated low delay QMF banks. In general, since there exists
a relation between the DCT-IV and DCT-II [44, 46, 48], the DCT-IV may always
be converted to the DCT-II of the same size at the cost of additional multiplications
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and recursive additions. This approach allows absorbing additional multiplications
in the windowing stage, thus further reducing the multiplicative complexity (see
Appendix C.3). The complete unified efficient low-cost implementations of complex
exponential-modulated and real-valued cosine-modulated analysis and synthesis
QMF banks used in the standard SBR (HQ-SBR and LP-SBR) and LD-SBR (HQ-
LD-SBR and LP-LD-SBR) encoder and decoder are presented in [31].

Besides the aforementioned developed efficient implementations of QMF banks
there are the so-called firmware implementations for the standard SBR decoder
available. Specifically, a fixed-point firmware reference (FFR) code for various
computer platforms licensed by Coding Technologies [35, 36] which is optimized
in terms of the memory usage and processing power. Further, QMF functions
for the SBR decoder developed by INTEL are described in its Integrated Per-
formance Primitives Reference Manual [41]. However, for a reader perhaps the
most interesting and easily available is the free-ware open source code for efficient
implementations of QMF banks in the standard SBR decoder, the so-called FAAD2
software package [37].

7.3 QMF Banks: Definitions, Symmetry Properties,
and Efficient Implementations

The theory of complex (low delay) QMF banks [2, 18, 40] used in the standard SBR
and LD-SBR technologies is a complex exponential extension of the theory of real-
valued cosine-modulated (low delay) QMF banks [54-56]. The excellent overview
of the technical details of complex exponential-modulated and real-valued cosine-
modulated QMF banks used in the standard SBR is presented in [2].

7.3.1 Standard SBR QMF Banks: Definitions and Symmetry
Properties

In the following subsections the definitions and symmetry properties of complex
exponential-modulated analysis/(down-sampled) synthesis QMF banks used in the
standard HQ-SBR are presented.

7.3.1.1 Complex Exponential-Modulated Analysis QMF Bank
in the Encoder

The complex exponential-modulated M-band (M = 64) analysis QMF bank in the
encoder as a block transform is defined as [18]
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2M—1

. 1
Pk = ;un exp[lw(k+§)(2n+1):|,
k=0.1,....M—1, (7.1)

where {p;} are complex-valued sub-band coefficients and {u,} is a 2M-point
windowed data sequence. The flowchart of one loop of the sub-band filtering
procedure in the encoder is shown in [18] (see Fig.4.B.16). Since exp [.] denotes
the complex exponential function and i = +/—1 is the imaginary unit, Eq. (7.1) can
be extended as

2M—1

7
Dk = ; u, cos [W(Zk + 1DQ2n + l)]

2M—1
£ Y sin[ ok + D+ D],

n=0

k=0,1,....M—1, (7.2)

or equivalently, decomposed into two parts, the real and the imaginary part,
respectively, as

2M—1
Re {pe = > uy cos[%(Zk—i— D@+ 1),

n=0
2M—1 -
Sm {py) = ZO thy sin[m(2k+ )(2n + 1)], k=0,1,....M—1.
(7.3)
One can note that the cosine and sine transform kernels in (7.2) and (7.3) are

symmetric with respect to the time and frequency indices n and k. Substituting
2M — 1 — k for k into (7.2) for the cosine and sine transform kernels we have:

cos [ﬁ(w —1—2k)2n + 1)] +i sin [%(41\4 —1—2k)2n+ 1)]
= —cos [%(M F1)2n+ 1)] +i sin [%m F )@+ 1)]
— — exp [—i %(% +1)2n + 1)] : (7.4)
implying that {p;} has a conjugate symmetry property given by

PoM—1—k = — Py » k=0,1,....M—1, (7.5)
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where the symbol * denotes complex conjugation. The conjugate symmetry prop-
erty given by (7.5) indicates that only M complex-valued sub-band coefficients are
unique, if we take into account the negative frequencies for k = MM + 1,...,
2M — 1. Further, for Eq. (7.5) to hold, the data sequence {u,} needs to be
real-valued.

7.3.1.2 HQ-SBR QMF Banks in the Decoder
Complex Exponential-Modulated Analysis QMF Bank

The complex exponential-modulated %’-band (M = 64) analysis QMF bank in the
decoder as a block transform is defined as [18]

M—1
b4 1 1
pk:2n=oun exXp ZM k+§ 2n — — s
M
k=0.1....5 1L (7.6)

where {p;} are complex-valued sub-band coefficients and {u,} is an M-point
windowed data sequence. The flowchart of one loop of sub-band filtering procedure
in the decoder is shown in [18] (see Fig.4.41). Equation (7.6) can be similarly
extended as

M—1

pr=72 ; u, cos [%(Zk + 1)(4n — 1)]
M—1 .
i ;0 Uy sin [m(zk 1) (4n — 1)],
k:O,l,...,%—l, (7.7)

or equivalently, decomposed into the real and the imaginary part, respectively, as

M—1

T
Re (pr) =2 ;)u cos[m(2k+ 1)(4n — 1)],

M—1
Smip =2 ) uy sin [ﬁ(2k+ 1)(dn — 1)],
n=0

k=0,1,...,——1 7.8
> (7.8)
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Substituting M — 1 — k for k into (7.7) for the cosine and sine transform kernels we
have:

cos [%(2]\4 1= 2K)(4n — 1)] +isin [%(m 1= 2K)(4n — 1)]
= —sin [%(21{ + 1)(4n — l)] —1i cos [%(2]( + 1)(4n — 1)]

. .
— —iexp [—l 2k 1) (4 — 1)], (7.9)

demonstrating that {p;} has a conjugate symmetry property given by

.o M
PM—1—k = —1 Py, k=0,1,...,5—1, (7.10)
where the symbol * denotes complex conjugation. The conjugate symmetry prop-
erty (7.10) indicates that only % complex-valued sub-band coefficients are unique.
Further, based on (7.10), the real part of {p;} is related to the imaginary part
in (7.8) by

*ﬁe{pk}z—i‘sm{pM_l_k}, k=0,1,...,M—1. (711)

According to (7.11) it is sufficient to consider either the real or imaginary part of
{p«} only, if the index k is extended to M — 1.

Complex Exponential-Modulated Synthesis QMF Bank

The complex exponential-modulated M-band (M = 64) synthesis QMF bank in the
decoder as a block transform is defined as [18]

M—1

;pk exp[i%(k—f-%) (2n+l—4M)]} ,

1
U, =—§Re{
M =

n=01,....2M —1, (7.12)

where {p;} are complex-valued sub-band coefficients and {v,} is a 2M-point real-
valued time domain data sequence. The flowchart of one loop of synthesis filtering
procedure in the decoder is shown in [18] (see Fig. 4.42). The real part of complex
exponential-modulated synthesis QMF bank defined by (7.12) after performing the
complex multiplications under the sum is given by
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M—

vy = Ai/l giﬁe{pk} cos[%@k—i— D2+ 1 —4M)]
1 M—1 . T
> Sm{pe} sin [m(zk D@4+ 1— 4M)] ,
n=0,1,....2M — 1. (7.13)

Complex Exponential-Modulated Down-Sampled Synthesis QMF Bank

The complex exponential-modulated %’I-band (M = 64) down-sampled synthesis
QMF bank in the decoder as a block transform is defined as [18]

¥
| 2 x | 1
vn:A—/IfYte gpkexp[lﬁ(k—i—i)(Zn—i—z—ZM)} s
n=0,1,....M—1. (7.14)

where {p;} are complex-valued sub-band coefficients and {v,} is an M-point real-
valued time domain data sequence. The flowchart of one loop of synthesis down-
sampled filtering procedure in the decoder is shown in [18] (see Fig. 4.43). The real
part of complex exponential-modulated down-sampled synthesis QMF bank defined
by (7.14) after performing the complex multiplications under the sum is given by

¥
1 2
=g 2 Reipr) cos[%(2k+ )(4n + 1 —4M)]
4 3
LI PN in[ 2= 2k + 1)(4 1—4M],
s Sm{pi} s1n[4M( + 1)(4n + )
n=0,1,....M—1. (7.15)

7.3.1.3 LP-SBR QMF Banks in the Decoder

In the following subsections the definitions and symmetry properties of real-
valued cosine-modulated analysis/(down-sampled) synthesis QMF banks used in
the standard LP-SBR are presented.
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Real-Valued Cosine-Modulated Analysis QMF Bank

The real-valued cosine-modulated %—band (M = 64) analysis QMF bank in the
decoder as a block transform is defined as [18]

M—1
1 M
=2 Zun cos[% (k+ 5) (2n—7):|

n=0
M
k=0,1,...,——1, (7.16)
2
where {c;} are real-valued sub-band coefficients and {u,} is an M-point windowed
data sequence. The flowchart of one loop of sub-band filtering procedure in the
decoder is shown in [18] (see Fig.4.49). Substituting M — 1 — k for k into (7.16)
we get

M
CM—1—k = Ck» k:O,l,...,E—l, (7.17)
demonstrating that {c;} has an even symmetry property, and hence only %’1 real-
valued sub-band coefficients are unique if the range of & is extended from %’1 —1to
M — 1. Equation (7.16) can be written in the following equivalent form:

il b M
Cp = 2 ;Mn COS [W(2k+ 1) (Zl’l— 7)i| s
M

k=0,1,...,——1. 7.18
5 (7.18)

Real-Valued Cosine-Modulated Synthesis QMF Bank

The real-valued cosine-modulated M-band (M = 64) synthesis QMF bank in the
decoder as a block transform is defined as [18]

p I ™ 1
v, = 7 ;ck cos[w (k+ 5) (2n—M)],
n=01,....2M -1, (7.19)

where {c,} are real-valued sub-band coefficients and {v,} is a 2M-point time domain
data sequence. The flowchart of one loop of synthesis filtering procedure in the
decoder is shown in [18] (see Fig.4.50). Equation (7.19) can be written in the
following equivalent form:
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M

2 M 14
; cr cos [m(zk +D2n— M)] ,

v, =

<|

n=0,1,...,2M — 1. (7.20)

Real-Valued Cosine-Modulated Down-Sampled Synthesis QMF Bank

The real-valued cosine-modulated %—band (M = 64) down-sampled synthesis QMF
bank in the decoder as a block transform is defined as [18]

M_
2 1 T 1 M

v, = — cocos|—k+=)(2n——=—]],
M = M 2 2

n=0,1,....M—1, (7.21)

where {c; } are real-valued sub-band coefficients and {v,} is an M-point time domain
data sequence. The flowchart of one loop of synthesis down-sampled filtering
procedure in the decoder is shown in [18] (see Fig.4.51). Equation (7.21) can be
written in the following equivalent form:

Y
2 S T M
v, = M ;Ck Ccos I:ﬁ(Zk‘i‘ 1) (Zn— E)i| s
n=01,....M—1. (7.22)

7.3.2 Efficient Implementations of the QMF Banks
in the HE-AAC

In general, each complex-valued or real-valued QMF bank in the ISO/MPEG
standards [18, 25] consists of a windowing step followed by a block transform.
The windowing step is in itself quite computational demanding as each block of
M samples requires a filtering step using 10M coefficients. The filtering step is
as complex as one of the block transforms for the real or imaginary part, thus
representing one-third of the complexity in a complex-valued QMF and half of the
complexity of a real-valued QMF.

In the following efficient implementations of QMF banks as block transforms
in the HE-AAC codec are presented. Without loss of generality, the normalization
factors from definitions of the QMF banks are omitted in the derivations of fast
algorithms.
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7.3.2.1 Complex Exponential-Modulated Analysis QMF Bank in the
Encoder

Consider the complex exponential-modulated analysis QMF bank in the encoder
given by (7.3). Using the symmetry properties of cosine and sine transform kernels,
i.e., substituting 2M — 1 —n for n we immediately obtain its efficient implementation
defined as

M—-1

4
Me {pid = Y (s —uzy-1-,) cos [ 22k + D+ 1)),
n=0
M—1 T
I {pih = 3y + -1 sin | o2k + D+ 1]
n=0
k=0,1,....M—1, (7.23)

where the real part fRe {p;} is reduced to an unnormalized M-point forward DCT-IV
of {u, — upp—1—,} while the imaginary part Im {p;} is reduced to an unnormalized
M-point forward DST-IV of {u, + wuzy—1—,} which may subsequently be (but
not necessary) converted to the DCT-IV. The efficient implementation of complex
exponential-modulated analysis QMF bank in the encoder requires 2M additions
and the computation of two M-point forward DCTs-IV.

7.3.2.2 HQ-SBR QMF Banks in the Decoder

The efficient implementations of complex exponential-modulated QMF banks for
the HQ-SBR in the HE-AAC decoder proposed in [39, 40] are based on the DCT-IV
or FFT. Their derivations here are presented in more general, more transparent, and
compact form.

Complex Exponential-Modulated Analysis QMF Bank

We recall that for computation of the complex exponential-modulated analysis QMF
bank given by (7.8), based on the property (7.11) it is sufficient to compute only
either the real (preferred) or the imaginary part of {p;}.

Let us investigate the transform kernel cos|[Z:(2k 4+ 1)(4n—1)] for the
real part in (7.8). Substituting n = '"TH leads to the transform kernel
cos [ 2 (2k + 1)(2m + 1)] which corresponds to the real part in (7.8). This fact
indicates that there exists a mapping between the time indices n and m in the range
of 0,1, ..., M — 1. Indeed, comparing both the transform kernels for specific values
of n and m as follows:
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n cos[Z(2k+ )(dn—1)] |'m cos[Z 2k + 1)(2m + 1)]
0 cos [ 2 2k + 1)(—1)] 0 cos [ 2 (2k + 1)(1)]

y cos[ZQk+ 1M —1)] | M—1 |cos[ZQk+ 1M —1)]
n+1 cos[Z(2k+ D@n+3)] | 2m+1 |cos[Z 2k + 1)(4m + 3)]

— M — M
n=01,.. %2 m=01,...4-2

M—1—n | —cos [ﬁ(Zk + 1)(4n + 5)] 2m+2 |cos [ﬁ&k + )(4m + 5)]

Yo = Uop, Ym—-1 = u%,
M
Yontl = Unt1, Yout2 = — UM—1—n, n=0,1,..., 5~ 2, (7.24)

and the real part of (7.8) can be equivalently written as

M—1

e {pit = 3 v cos [%(% +1)2n+ 1)] :
n=0
k=0,1,....M—1. (7.25)

Using the mapping (7.24), the real part of the complex exponential-modulated
analysis QMF bank given by (7.8) is converted to an unnormalized M-point forward
DCT-IV of {y,}. Hence, its efficient implementation requires the computation of
only one M-point forward DCT-IV. The imaginary part Im {py} is easily constructed
from (7.11).

Complex Exponential-Modulated Synthesis QMF Bank

Consider the complex exponential-modulated synthesis QMF bank given by (7.13).
Using trigonometric identities for the cosine and sine transform kernels we can
immediately eliminate time shift factors 4M, and Eq. (7.13) can be written in the
equivalent form as

M—1

== Y Relpy} cos [%(Zk + )2n + 1)]
k=0

M—1

+ 3" Smipi} sin [%(% +)(2n + 1)] ,
k=0

n=0,1,...,2M — 1. (7.26)
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The first sum in (7.26) is an unnormalized M-point inverse DCT-IV, while the
second sum is the corresponding unnormalized M-point inverse DST-IV which may
subsequently be (but not necessary) converted to the DCT-IV. Further, substituting
2M — 1 — n for n into (7.26) we get

M—1

UM—1—n = Z Eﬁe{pk} cosS [%(2]( + 1)(271 + 1)]
k=0

M—1

(&3 M T
+ ; Smipe} sin [m(Zk @2+ 1)] ,

n=0,1,...,M—1. (7.27)
Combining (7.26) and (7.27) and using the definitions of the inverse DCT-IV and

DST-1V, respectively, given by (C.10) and (C.12) from Appendix C.2, the final time
domain sequence {v,} is obtained as

() )
v, = —x, +x,,
(c) (s)
VoM—1-n = X, + X, ,
n=0,1,...,M—1. (7.28)

The efficient implementation of the complex exponential-modulated synthesis QMF
bank requires 2M additions and the computation of two M-point inverse DCTs-IV.

Complex Exponential-Modulated Down-Sampled Synthesis QMF Bank

There exist at least three methods how to compute the complex exponential-
modulated down-sampled synthesis QMF bank in the decoder given by (7.15). The
first method is based on a direct relation between Eqgs. (7.13) and (7.15). Specifically,
substituting n = 7 into (7.15) and zero-padding the real and imaginary parts of {p; }
fork = %’%’ +1,...,M — 1 we have

M—1
T
v = ;Eﬁe{pk} cos[m(Zk—{- D@m + 1 —4M)]
M—1
— 3" Smipy sin [ﬁ(% L Dem+1— 4M)] ,
k=0
m=2n n=01,... M-l (7.29)

Equation (7.29) corresponds to the complex exponential-modulated synthesis
QMF bank given by (7.13). Therefore, its efficient implementation defined
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by (7.26)—(7.28) may simply be re-used for the down-sampled synthesis QMF bank.
The time domain sequence of the down-sampled synthesis QMF bank is obtained
from {v,} by taking the even-indexed samples, i.e., {vy,},n = 0,1,..., M — 1.

The second method is similarly based on the existing efficient implementation
of complex exponential-modulated synthesis QMF bank. Using trigonometric
identities for the cosine and sine transform kernels in (7.15), we can immediately
eliminate the shift factors 4M, and Eq. (7.15) can be written as

Y
4
v =— Y Nefp} cos|—(2k + 1)(4n + 1)
¥ et o[ 2 ]
Y
T
+ Y Imipy} sin| — 2k + D(dn + 1) |
¥ i sn[ ]
n=0,1,....M—1. (7.30)

Further, substituting M — 1 — n for n into (7.30) we get

¥
2
Uetn = 3 Nelpi) cos [%(Zk )4+ 3)]
k=0
Y

+ Z Sm{pi} sin [ﬁ(Zk + 1)(4n + 3)] ,
k=0

n=0,1,.. —1. (7.31)

M
2
Now, if the real and imaginary parts of {p;} are zero-padded for k = %’1, %’1 +
1,...,M—1, and we use the definitions of inverse DCT-IV and DST-1V, respectively,
given by (C.10) and (C.12) from Appendix C.2, then Egs. (7.30) and (7.31) can be
written in the following form:

() (5)
Up = — X, +x2n’

@ ®
UM—1—n = Xppp1 T Xopy1>

M
n=0,1,...,?—1. (7.32)

Although both discussed methods above can simply reuse the existing efficient
implementation of the complex exponential-modulated synthesis QMF bank given

by (7.13), they still require the computation of two unnormalized M-point inverse
DCTs-1V.
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However, the third, more elegant method, requires the computation of only one
unnormalized M-point inverse DCT-IV as follows. Consider Egs. (7.30) and (7.31).

If we substitute M — 1 —k for k = 2, % +1,... .M — 1, into the second sums

of (7.30) and (7.31), then they can be written as
Y
==Y Nelpy} cos [l(Zk + 1)(dn + 1)]
= aM
M—1 .
+ 3" Imipy—i4} cos [W(Zk + 1)(4n + 1)] : (1.33)

—_M
k=75

¥
Vwion = Y Nelpy} cos [%(M + 1)(dn + 3)]
k=0
M—1

+ Y Smipy-1-} cos [ 22k + D(dn+3)].

k=4

M

=0,1,...,——1. 7.34
n 5 (7.34)

Introducing new data sequences {y;} and {z;} and packing the real and imaginary
parts of {p;} in (7.33) and (7.34), respectively, as

M
v = — Re{prs, M= Sm{p%_l_k}, k=0,1,..., >~ 1, (7.35)
and
N M
7 = Nedpi}, Wy == ;sm{p%_l_k}, k=0,1,..., 5~ 1, (7.36)

Egs. (7.33) and (7.34) are reduced to unnormalized M-point inverse DCTs-IV of
{yr} and {z}, respectively, as

M—1
(c)

U= i cos [&(Zk )@+ 1)] _— (7.37)
k=0

M—1

7T
Uyl = Zk cos|—(2k+ 1)(4n+3)|,
M- ; g [4M ]

M
n=0,1,...,3—1. (7.38)
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But, one can easily see that the data sequence {y} is closely related to {z;} by
% = — Yk k=0,1,....M—1. (7.39)

Consequently, only one M-point inverse DCT-IV is sufficient to be computed.
Indeed, using the definition of the inverse DCT-IV given by (C.10) from
Appendix C.2, the final time domain sequence is obtained as

© © M
b= Vo= =X k=013 -1 (7.40)

7.3.2.3 LP-SBR QMF Banks in the Decoder

The efficient implementations of the real-valued cosine-modulated QMF banks for
the LP-SBR in HE-AAC decoder have been proposed in [32, 38]. They are based on
the DCT-II or its inverse, the DCT-III. In principle, these derivations closely follow
a method for the derivation of efficient implementations of analysis and synthesis
pseudo-QMF banks used in the MPEG-1/2 audio coding standard [49, 50].

Real-Valued Cosine-Modulated Analysis QMF Bank

Consider the real-valued cosine-modulated analysis QMF bank given by (7.18).
In order to eliminate the time shift factor %M in (7.18), let us apply the following
permutation to the input data sequence {u, } defined as

_ M
UM s n—O,l,...,T—l,
Y = (7.41)
— U, n=%,%+l,...,M—l,
and we have
-1 M—1
. 7 (2k + Dn 72k + Dn)
cp = U, €os —w + Z —u,_u COS —
n=0 n=M
4
M—1
2k + 1 M
=y cos | FEEDI] o My (7.42)
= M 2

Using the symmetry property of cosine transform kernel, i.e., substituting M — n for

n=12,..., %4 — 1, into the sum on the right-hand side of (7.42), we get
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M
¥y

_ 7 (2k + Dn
ck =Yo+ V;(yn YM—n) €OS [—2(M/2) ]
M
k=0,1,...,?—1. (7.43)

The cosine transform kernel in Eq. (7.43) is recognized as an unnormalized %-point
DCT-1II of {y, — ym—n}. Finally, combining Eqs. (7.41) and (7.43) we obtain an
efficient implementation of the real-valued cosine-modulated analysis QMF bank
defined as

Yy
ckzgyncos[%}, k:O,l,...,%/I—l, (7.44)
where
s, n =0,
Y= Uy, tuw_,. =12 91 (7.45)
—un7%+u¥_n, n=%,%+1,...,%—1.

We note that when M is a power of two, then it is always divisible by 4. The efficient
implementation of the real-valued cosine-modulated analysis QMF bank requires
’7” — 1 additions and the computation of one %’—point DCT-III.

Real-Valued Cosine-Modulated Synthesis QMF Bank

Now, consider the real-valued cosine-modulated synthesis QMF bank given
by (7.20). Similarly, in order to eliminate the time shift factor M in (7.20),
subsequently substituting % +n, %’ % —n, % +n, % and % — ninto (7.20), and
using relations (C.3) and (C.4) from Appendix C.1, we have

M—1
2k + 1 M
vy, = chcos[W}:xm n:1,2,...,5,
k=0
M—1
VM = Ck = X0,
2
k=0
= 7(2k + Dn M
vM_, = Ccp CoOS| ————— | = xp, n=12,...,—,
2 2M 2

».
Il
S
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M—1
[k +1 M
v%"’n B ch (_l)k Sln[u} = — XM—n> n = 1, 2, e ey E - 17

prd 2M

VM = 0,
2

<
<
I

M—1
ko | T@k+Dnl B M
o ;C" =D Sm[T = XM—n; n= 1,2,...,3—1,

(7.46)

where

2% + 1
Zc co [”( + )”] n=01,. ... M—1. (7.47)
oM

Equation (7.47) is recognized as an unnormalized M-point DCT-II of {c}.
Using (7.46), the time domain aliased data sequence {v,} is recovered from {x,} as

v% = X, U}TM =0,
M
VY, = Xn, UMy, = VM, n= 1,2,...,3,
M
UM, = XM, U, ==V, n=1,2,...,?—l. (7.48)

Equations (7.47) and (7.48) define the efficient implementation of the real-valued
cosine-modulated synthesis QMF bank requiring the computation of one M-point
DCT-II.

Real-Valued Cosine-Modulated Down-Sampled Synthesis QMF Bank

Comparing Egs. (7.20) and (7.22) it can be easily seen that by substituting 5 M for M
into (7.20) we get the real-valued cosine-modulated down-sampled synthesm QMF
bank given by (7.22). Therefore, the efficient implementation of the real-valued
cosine-modulated synthesis QMF bank defined by (7.47) and (7.48) may also be
used for the down-sampled synthesis QMF bank by taking %4 instead of M (M is
divisible by 4) as follows:

VM = Xg, van = 0,
4 1
M
UM_, = X, UMy, = VM, n=1,2, S
M
v3§4—" =x%_n, v%_‘_n——vw_n, n = 1,2, .,Z—l. (7.49)
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where
Yy
w2k + Dn M
n = e vrvreanll I8 =0,1,...,——1. 7.50
X ;ck cos|: 201)2) :| n > (7.50)

It requires the computation of one unnormalized %-point DCT-II.

7.3.3 LD-SBR QMF Banks: Definitions and Symmetry
Properties

In the following subsections the definitions and symmetry properties of complex
exponential-modulated low delay (LD) analysis/(down-sampled) synthesis QMF
banks used in the HQ-LD-SBR are presented.

7.3.3.1 Complex Exponential-Modulated LD Analysis QMF Bank in the
Encoder

The complex exponential-modulated M-band (M = 64) LD analysis QMF bank,
or the so-called CLDFB (complex low delay filter bank) analysis filter bank in the
encoder as a block transform is defined as [25]

2M—1
i
Pp = ;0 " exp[i%(k—}—z)(b@—i—l—?:M)], k=0,1,....M—1.

(7.51)

The sub-band filtering by the analysis CLDFB filter bank is basically similar to
the complex exponential-modulated analysis QMF bank used in the standard SBR
encoder defined by (7.1). Only the windowing function and the modulation differ
[25]. The flowchart of one loop of sub-band filtering procedure is shown in [18] (see
Fig. 4.B.16). Equation (7.51) can be extended as

2M—1
i
Dy = ;) u, Ccos [m(Zk +1D@2n+1- 3M)]
2M—1 .
S Uy sin | —— 2k + 1)(2 1—3M],
+z;u sm[4M( + 1D(2n + )

k=01,....M—1, (7.52)
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or equivalently, decomposed into the real and imaginary part, respectively, as

2M—1
Ne {p} = 3ty cos [%(Zk FD@i+1— 3M)] :

n=0
2M—1

Smip = uy sin[%(Zk—}- D@n+ 1 —3M)],

n=0

k=0,1,...,.M—1. (7.53)
Substituting 2M — 1 — k for k into (7.52) we have:

cos [&(4}\4 C1—2)n 41— 3M)] +i sin [ﬁ(w C1—2kn 41— 3M)}
T L. s
= —cos [W(Zk F)@a+1— 3M)} +1i sin [m(Zk +D@n+1— 3M)]

=— exp [—i ﬁ(Zk + D)+ 1— 3M)} , (7.54)
implying that {p;} has a conjugate symmetry property given by
Ptk =—pr.  k=0.1,....M—1, (7.55)

where the symbol * denotes complex conjugation. The conjugate symmetry prop-
erty given by (7.55) indicates that only M complex-valued sub-band coefficients are
unique if the range of k is extended from %’ toM — 1.

Note 1: The LD-SBR encoder can use either the complex exponential-modulated
analysis QMF bank defined by (7.1) or the CLDFB defined by (7.51). If the CLDFB
is used, the synchronization between the core coder and SBR is equal to the
HE-AAC case. If the complex exponential-modulated analysis QMF bank defined
by (7.1) is used, then the SBR must operate on additionally 256 (4M) delayed audio
samples with respect to the core encoder [25].

7.3.3.2 HQ-LD-SBR QMF Banks in the Decoder

The sub-band as well as synthesis filtering procedures described for the standard
HQ-SBR in the decoder (the flowcharts in Figs.4.41, 4.42, and 4.43 in [18])
are basically similar for the HQ-LD-SBR. Only the windowing function and the
modulation differ.
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Complex Exponential-Modulated LD Analysis QMF Bank

The complex exponential-modulated %—band (M = 64) LD analysis QMF bank in
the decoder as a block transform is defined as [25]

M—1

4 1 M
P =2 gun exp[lﬂ(k—ki) (2n+1—7)i|,
M
k=0,1,...,5—1. (7.56)

Equation (7.56) can be extended as

M—1

14 M
M—1
b4 M
2i p Sin| —2k+1) (2 1-—/,
—}—l;u s1n|:2M( + )(n+ 2)i|
M
k=0,1,...,3—1, (7.57)

or equivalently, decomposed into the real and imaginary part, respectively, as

M—1

Re {pe} =2 ) uy cos [%(2“ 1) (2n+ 1— %M)]

n=0

M—1 . M
Sm {pe} = 2 ;u sin [ﬁ(yﬁu 1) (2n-|— - 7)]

k—0,1,...,2 1. (7.58)
Comparing Egs. (7.53) and (7.58) it can be seen that they are closely related.
Specifically, substituting %4 for M into (7.53) we get (7.58), i.e., the complex
exponential-modulated LD analysis QMF bank in the decoder defined by (7.56) is
the complex exponential-modulated LD analysis QMF bank in the encoder defined
by (7.51) for the size %.

Complex Exponential-Modulated LD Synthesis QMF Bank

The complex exponential-modulated M-band (M = 64) LD synthesis QMF bank in
the decoder as a block transform is defined as [25]
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M—1
> exp[i% (k—i-%) (2n—|—1—M)]§ :

1
v, = M Ne
k=0

n=0,1,...,2M — 1. (7.59)

The real part of under the sum in (7.59) is given by

M—1

1 b4
v, = — NRel{pr} cos | — 2k + 1)2n+1—-M)
M ; ¢ [4M ]

M—1
1
- ; Smipy) sin [%4(% +DH2n+1 —M)],
n=01,...,2M—1. (7.60)

Complex Exponential-Modulated LD Down-Sampled Synthesis QMF Bank

The complex exponential-modulated %—band (M = 64) LD down-sampled synthe-
sis QMF bank in the decoder as a block transform is defined as [25]

¥
1 : 4 1 M
v, = M?}{e ;pk exp|:t]‘—4(k+§) (2n+1—3)i| ,
n=0,1,.... M —1. (7.61)

The real part under sum in (7.61) is given by

M_,

1 T M
vy = I ; Ne{pi} cos [E(Zk—{— 1) (2n +1- E)i|
Y
1 ~ [ M
— ; Im{pi} sin [ﬁ(zwr 1) (2n +1-— 5)} ,
n=0,1,....M—1. (7.62)

Comparing Eqgs. (7.60) and (7.62) it can be seen that they are closely related. Indeed,
substituting % for M into (7.60) excluding the normalization factor we get (7.62),
i.e., the complex exponential-modulated LD down-sampled synthesis QMF bank
defined by (7.61) is the complex exponential-modulated LD synthesis QMF bank
defined by (7.59) for the size ¥.
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7.3.3.3 LP-LD-SBR QMF Banks in the Decoder

Similarly, the sub-band as well as synthesis filtering procedures described for the
standard LP-SBR in the core decoder (the flowcharts in Figs. 4.49, 4.50, and 4.51
in [18]) are basically similar for the LP-LD-SBR. Only the windowing function and
the modulation differ.

Real-Valued Cosine-Modulated LD Analysis QMF Bank

The real-valued cosine-modulated %’-band (M = 64) LD analysis QMF bank in the
decoder as a block transform is defined as [25]

2% [” (k+1)(2 1 3M)}
= u, cos | — — n E——
2 M 2 2

k=01,...,——1. (7.63)

Substituting M — 1 — k for k into (7.63) we get

M
CM—1—k = — Ck, k=0,l,...,3—1, (764)
demonstrating that {c;} has an even anti-symmetry property, and hence only % real-
valued sub-band coefficients are unique if the range of k is extended from %4 to
M — 1. Equation (7.63) can be written in the following equivalent form:

M—1

M
o =2 ;ou cos[%(2k+l)(2n+l—7):|,
M
k=015~ (7.65)

Comparing Eqgs. (7.65) and (7.58) one can see that Eq. (7.65) corresponds to the real
part of the complex exponential-modulated LD analysis QMF filter bank defined
by (7.56).

Real-Valued Cosine-Modulated LD Synthesis QMF Bank

The real-valued cosine-modulated M-band (M = 64) LD synthesis QMF bank in
the decoder as a block transform is defined as [25]
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M—1
2 b4 1
UnZMkE=OCkCOS[w(k+§)(2n+1—M)i|, n=0,1,...,2M—1.

(7.66)
Equation (7.66) can be written in the following equivalent form:
2 M= 7T
o= k; cx oS [m(zk + D2+ 1 —M)] ,
n=0,1,...,2M — 1. (7.67)

Comparing Egs. (7.67) and (7.60) reveals that Eq. (7.67) corresponds to the first sum
on the right-hand side of (7.60) which defines the real part complex exponential-
modulated LD synthesis QMF filter bank (7.59).

Real-Valued Cosine-Modulated LD Down-Sampled Synthesis QMF Bank

The real-valued cosine-modulated %—band (M = 64) LD down-sampled synthesis
QMF bank in the decoder as a block transform is defined as [25]

¥4
2 < 1 M
v,,:A—/I ;ck cosl:]%(k—l—i) (2n+1—5)i|,

n=01,....M—-1 (7.68)

Equation (7.68) can be written in the following equivalent form:

Y

2 T okt 1) (mi1-M
Uy = — C 1, - = P
i &k COS 2M n 2
k=0
n=0,1,....M—1. (7.69)

Similarly, comparing Eqs. (7.69) and (7.62) reveals that Eq. (7.69) corresponds to
the first sum on the right-hand side of (7.62) which is the complex exponential-
modulated LD synthesis QMF filter bank (7.61). Moreover, comparing Egs. (7.69)
and (7.67) it can be seen that they are closely related. Indeed, substituting %’ for M
into (7.67) excluding the normalization factor we get (7.69), i.e., the real-valued
cosine-modulated LD down-sampled synthesis QMF bank defined by (7.68) is
the real-valued cosine-modulated LD synthesis QMF bank defined by (7.66) for
the size %4

Note 2: The SBR technology in the MPEG-4 HE-AAC and AAC-ELD codecs use

similar QMF banks. Perhaps the most important distinction between standard SBR
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and LD-SBR is that the time shift factors in the transform kernels are even numbers
in HE-AAC, and odd numbers in AAC-ELD [33]. This even/odd difference comes
from the fact that the low pass prototype filter used in HE-AAC is odd symmetric
while the filter used in AAC-ELD is even symmetric.

7.3.4 Efficient Implementations of the LD QMF Banks
in the AAC-ELD

In the following efficient implementations of LD QMF banks as block transforms
in the AAC-ELD codec are presented. Again, without loss of generality, the
normalization factors from the definitions of the LD QMF banks are omitted in
the derivations of fast algorithms.

7.3.4.1 Complex Exponential-Modulated LD Analysis QMF Bank
in the Encoder

Consider the complex exponential-modulated LD analysis QMF bank, or equiv-
alently, the CLDFB analysis filter bank given by (7.53). Obviously, in order to
eliminate the time shift factors 3M in (7.53), applying the following permutation
to the input data sequence {u,} as

wyr g,  n=0.1... 51
Yn = (7.70)
A 2m—1,

I

— U, u, n=

the real and imaginary part of the CLDFB analysis filter bank can be, respectively,
written as

2M—1
Re {pey = Y yu cos [%(21( F)2n+ 1)] ,

n=0
2M—1

Smip = Y v sin[%(2k+l)(2n+l)], k=0,1,....M—1.
n=0

(7.71)

Subsequently, using the symmetry property of cosine and sine transform kernels,
i.e., substituting 2M — 1 — n for n into both sums of (7.71), we get
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M—1

; g
e {pid = D 0 —yaw-1-) cos| - @k+ D@+ 1]
n=0
M—1 T
3mpy =Y O+ yaw1-a) sin [m(zk +1)2n + 1)] L k=0,1,....M—1.
n=0

(7.72)

In Eq. (7.72) the real part Re {p;} is recognized as an unnormalized M-point forward
DCT-1V of {y, — yam—1—n} while the imaginary part Im {p;} as an unnormalized
M-point forward DST-IV of {y, + yay—1—»} which may subsequently be (but not
necessary) converted to the forward DCT-IV. Combining (7.70) with expressions
{Vn — Yam—1-n} and {y, + yoy—1—n} leads, respectively, to the following mappings

M
”%ﬂ“‘“%q—m n=0,1,...,5 -1,

Yn = YoM—1—n = (7.73)
— ity tum_ L, n=F+ 1. M-

and
_1_n7

Yn + Yom—1—n = (7.74)

U,y U,

Uusm — U3
e

—n?

The efficient implementation of CLDFB analysis QMF bank in the encoder requires
2M additions and the computation of two M-point unnormalized forward DCTs-IV.

7.3.4.2 HQ-LD-SBR QMF Banks in the Decoder

The efficient implementations of complex exponential-modulated LD QMF banks
for the HQ-LD-SBR as well as the efficient implementations of the real-valued
cosine-modulated LD QMF banks for the LP-LD-SBR in AAC-ELD decoder have
been proposed in [33, 34]. They are based on the DCT-IV or FFT.

Complex Exponential-Modulated LD Analysis QMF Bank

We recall that the complex exponential-modulated LD analysis QMF bank given

by (7.58) is actually the CLDFB analysis filter bank in the encoder given by (7.53),

but for the size %4 Therefore, the efficient implementation of the CLDFB anal-

ysis filter bank defined by (7.72)—(7.74) can simply be reused for the complex
exponential-modulated LD analysis QMF bank by taking % instead of M (M is

divisible by 4) as follows:
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M
y_y

b4
R = ' — VM —1—n 2k+1)(2 D,
etp = 00 —u1-0) o5 gz Ok + e+ 1)
Y
b4
J = n + Ym—1-n) S 2k+1D(2n+ 1),
mip = S0t e1o0 sin| g Ok + DG+ D |
M
k=0,1,...,——1, (7.75)
2
where
Usy Uy, n=0.1,,.%-1
Yn = YM—1-n = (7.76)
_unf%_‘_uﬁw—l—n’ n=%’,%~l—1, ’%_1»
and
war g, —um g, n=0,1... F—1
Vi + VMt = (7.77)
_un—%_l/“TM—l—n’ n:%,%—l—l,...,%_l-

This requires M additions and the computation of two %-point unnormalized
forward DCTs-IV.

Complex Exponential-Modulated LD Synthesis QMF Bank

Consider the real part of the complex exponential-modulated LD synthesis QMF
bank given by (7.60) in the following equivalent form:

ve=yy =y, n=0,1,...2M—1, (7.78)

n b
where

M—1

W= 3 Refpid cos [%m F DR+ 1— M)] ,

>~
(=]

S

—1

@ N

y, = Smipey sin| —Q2k+1)2n+1-M)|. (7.79)
i [ |

-~
Il

In order to eliminate the time shift factors M in (7.79), subsequently substituting

Yin¥—1-n+nand® —1—nforn=0,1,...,% —1into the first sum
of (7.79), and using the relation (C.16) from Appendix C.2 we, respectively, have
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Vi, = Z Melpe} cos [ -2k + DEn+ 1] = x
: k=0
Vu_ = ; Neipi} cos [ﬁ(zk +HEn+ 1) =
M—

Wi, == Y Nelpd (<1)* sin [—(2k +1)@2n+ 1)] -0
k=0

M—1
. T c
Vi, = 3 Relpi (D sin[ @k + D@+ D] =1,
2 = aM
M
n:O,l,...,E—l. (7.80)

The data sequence {xif)} in (7.80) corresponds to an unnormalized M-point inverse

DCT-1V of Re{pi}. One can immediately see that the data sequence {y:ll )} has the
following local symmetries

o o) o) o M
y%ﬂ:yw; ) y;TM_l_n=—y , n=01,...,——1. (7.81)

S —1l-n 3TM+n ’ 2

Repeating exactly the same procedure for the second sum of (7.79) and using the
relation (C.14) from Appendix C.2 we have

M—1
Vi, = ;Tvm{pk} sin[%(Zk—f- 1)@2n + 1)] =1,
M—1
Ve == dmip sin[l(2k+ 1)2n + 1)] —_—

7—1-n prre aM "

o _ ¥ Smiped (—1)F cos[l(2k+ 1)(2n + 1)] =2
y3TM+” - s k aM - *M—1-n>
o~ Ny 1)k " 2k+DEn+1)| =

Hon = 2ot (U eos [ L0+ D@+ D] =
M
n=01... 51 (7.82)

where the data sequence {xi;)} in (7.82) corresponds to an unnormalized M-point

inverse DST-IV of Im{p;}, and the data sequence {yf)} has the following local
symmetries
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@ o @ o
y%-ﬁ-n - y%—l—n’ y%—l—n - y%—i—n’

—1. (7.83)

After the computation of M-point inverse DCT-IV of Re{p,;} and M-point inverse
DST-IV of Im{p;}, the final time domain data sequence {v,} is obtained by two
ways as follows: (a) creating the data sequence {y,(:)} using (7.80), then creating the
data sequence {yf)} using (7.82) followed by applying (7.78), or (b) by combining
Eqgs. (7.78), (7.80), and (7.82) the data sequence {v,} is directly obtained as

(c) (s) (c) (5)

v%-}-n =Xy X U%Jrn = = XM—1—n — *M—1—n>
CEC _© ®
v%—l—n =X + Xn s v‘%‘”—l—n = XM—1-n ~ XM—1-n>
M
n=01 2 1. (7.84)

The efficient implementation of the complex exponential-modulated LD synthesis
QMF bank requires 2M additions and the computation of two M-point unnormalized
inverse DCTs-IV.

Complex Exponential-Modulated LD Down-Sampled Synthesis QMF Bank

We recall that the complex exponential-modulated LD down-sampled synthesis
QMF bank given by (7.62) is the complex exponential-modulated LD synthesis
QMF bank given by (7.60) but for the size % Consequently, the efficient imple-
mentation of the complex exponential-modulated LD synthesis QMF bank defined
by (7.78), (7.80), (7.82), and (7.84) can be reused for the complex exponential-
modulated LD down-sampled synthesis QMF bank by taking %4 instead of M (M is
divisible by 4). The final time domain data sequence {v,} is obtained as

(c) (s) (c) (s)

Vi) =Xy =Xy s Vamy, = — x%—l—n _x%—l—n’
© ® © ®
v%—l—n =X, +x,, U3TM—l—n = x%flfn o Y_1—n
M
n=0,1,...,— —1, (7.85)
4
where
Y
© T
= N cos | ———2k+ 1)(2 D,
5= 3 Melpet cos | gk @+ |

k=0
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¥4
2
M

: ~ . i
x, = ;om{pk} 51n|:m(2k+l)(2n+l)i|, n:O,l,...,?—l_

(7.86)

This requires M additions and the computation of two %”—point unnormalized inverse
DCTs-1V.

7.3.4.3 LP-LD-SBR QMF Banks in the Decoder

The derivations of efficient implementations for real-valued cosine-modulated
LD QMF banks in the LP-LD-SBR core decoder closely follow those of the
corresponding complex exponential-modulated LD QMF banks in the HQ-LD-SBR
core decoder. They are exactly defined as their real parts.

Real-Valued Cosine-Modulated LD Analysis QMF Bank

The efficient implementation of the real-valued cosine-modulated LD analysis QMF
bank given by (7.65) is obtained from the real part (7.75) and mapping (7.76) by
taking ¥ instead of M (M is divisible by 4) as

¥
2 T M
= = YM—1—n 2k + 1)(2 |, k=01,...,——1,
et = L) eos| gy G+ DG+ 1) .
(7.87)
where
M}TM+n+MBTM_1_n, n=0,1, .,%—l,
Yn = YM—1-n = (7.88)
— Uy m U, n=4 %479 .. %1

It requires % additions and the computation of one %-point unnormalized forward
DCT-1V.

Real-Valued Cosine-Modulated LD Synthesis QMF Bank

The efficient implementation of the real-valued cosine-modulated LD synthesis
QMF bank given by (7.67) is obtained from (7.80) and (7.84). The time domain
aliased data sequence {v,} is given by



446 7 Spectral Band Replication Compression Technology: Efficient Implementations. . .

L © . ©
v%—l—n =X, U3TM+71 = = Xy—1-n>

(c) (©)

VU = Xy > UM _ |y = Xy—1—n

M
n=0,1,...,3—1, (7.89)

where

© M—1 e

- T ok+ 12 1], —0.1.... M—1. 7.90
%, ;ckcos[m( D@+ D], n (7.90)

It requires only the computation of one M-point unnormalized inverse DCT-IV.

Real-Valued Cosine-Modulated LD Down-Sampled Synthesis QMF Bank

The efficient implementation of the real-valued cosine-modulated LD down-
sampled synthesis QMF bank given by (7.69) is obtained directly from (7.89)
and (7.90) by taking % instead of M (M is divisible by 4). The time domain aliased
data sequence {v,} is given by

le’-ﬁ-n Xn s v%‘f’" = x%—l—n’
Y = xy 0,1 1, (791
VM, =X, VI, = Xu n=01...,——=1, (791)
where
-1 M
() v
= cos 2k+D@2n+ 1|, n=01,....,——1. (792
&= T eos| @ nens ] T a9

It requires the computation of one %’—point unnormalized inverse DCT-IV.

7.4 Comparison of the Efficient QMF Bank Implementations

The arithmetic complexity of the complex exponential-modulated (LD) QMF banks
in the HQ-SBR and HQ-LD-SBR encoder and decoder implemented using the direct
method as block transforms are summarized in Table 7.1, while the arithmetic
complexity of the real-valued cosine-modulated (LD) QMF banks in the LP-SBR
and LP-LD-SBR decoder implemented using the direct method as block transforms
are summarized in Table 7.2.
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Table 7.1 The arithmetic complexity of the complex exponential-modulated (LD) QMF banks in
the HQ-SBR and HQ-LD-SBR encoder and decoder implemented using the direct method as block
transforms (M—real multiplication, A—real addition)

Complex exponential-modulated (LD) QMF bank | Direct implementation

Analysis (LD) QMF in encoder 16,384 M+ 16,256 A
Analysis (LD) QMF in decoder 4096 M +4032 A
Synthesis (LD) QMF in decoder 16,384 M+ 16,512 A

Down-sampled synthesis (LD) QMF in decoder 4096 M +4032 A

Table 7.2 The arithmetic complexity of the real-valued cosine-modulated (LD) QMF banks in
the LP-SBR and LP-LD-SBR decoder implemented using the direct method as block transforms
(M—real multiplication, A—real addition)

Real-valued cosine-modulated (LD) QMF bank | Direct implementation

Analysis (LD) QMF 2048 M +2016 A
Synthesis (LD) QMF 8192 M + 8064 A
Down-sampled synthesis (LD) QMF 2048 M+ 1984 A

7.4.1 Efficient QMF Banks Implementations in the HE-AAC
7.4.1.1 HQ-SBR QMF Banks

The efficient implementations of all complex exponential-modulated QMF banks
in the HQ-SBR encoder and decoder rely on only one type of M-point forward
or inverse DCT-IV, where M = 64. In the cases when two M-point DCTs-IV are
needed to be computed, one for the real part and one for the imaginary part, they
can be realized in parallel. If the FFT-based fast DCT-IV computational structure
identical both for the forward and inverse DCT-IV computation is adopted (see
Appendix C.2.1), it results in the unified efficient implementation of all complex
QMF banks in the HQ-SBR encoder and decoder. Moreover, it can lead to a
very fast, compact, and low-cost hardware (VLSI) architecture in terms of the
regularity, structural simplicity, and minimal memory requirements without the need
to reconfigure the fast DCT-IV computational structure.

On the other hand, if the DCT-II-based fast DCT-IV computational structure
is adopted (see Appendix C.3), although it is more efficient in terms of the
multiplicative complexity, it has to be inverted for the inverse DCT-IV computation.
This fact results in two separate fast computational structures, one for the forward
and one for the inverse DCT-IV. Moreover, the windowing function has to be
modified too. The arithmetic complexity of the efficient implementations of the
complex exponential-modulated QMF banks in the HQ-SBR encoder and decoder
is summarized in Table 7.3.
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Table 7.3 The arithmetic complexity of the efficient implementations of the complex exponential-
modulated QMF banks in the HQ-SBR encoder and decoder

Complex exponential-modulated QMF Fast DCT-IV computational structure
banks in the HQ-SBR encoder/decoder FFT-based DCT-1I-based
Analysis QMF in encoder 512M+1280 A 384 M+1280 A
Analysis QMF in decoder 256 M+576 A 192M+576 A
Synthesis QMF in decoder 512M+1280 A 384 M+1280 A
Down-sampled synthesis QMF in decoder 256 M+576 A 192M+576 A

Table 7.4 The arithmetic complexity of the efficient implementations of the real-valued cosine-
modulated QMF banks in the LP-SBR decoder

Real-valued cosine-modulated QMF Fast DCT-II/III computational structure

banks in the LP-SBR decoder Classic algorithm DCT-IV-based
Analysis QMF 80 M+240 A 144 M +304 A
Synthesis QMF 192M+513 A 320M+639 A
Down-sampled synthesis QMF 80M+209 A 144 M+271 A

74.1.2 LP-SBR QMF Banks

The efficient implementations of the real-valued cosine-modulated QMF banks
in the LP-SBR decoder, although of much lower arithmetic complexity, require
the computation of one %-point DCT-III and one reconfigurable M-/ %-point
DCT-II, where M = 64. This fact indicates that one fast reconfigurable DCT-1I
computational structure is needed (see Appendix C.1.1) which has to be inverted for
the %I-point DCT-III computation. Thus, two separate fast computational structures
are required. The same is valid for the DCT-IV-based fast DCT-II/III computational
structures (see Appendix C.3), however, with the higher arithmetic complexity.

The FFT-based fast DCT-IV computational structure used in the HQ-SBR
may be also shared in the LP-SBR. The arithmetic complexity of the efficient
implementations of the real-valued cosine-modulated QMF banks in the LP-SBR
decoder is summarized in Table 7.4.

7.4.2 Efficient LD QMF Banks Implementations in AAC-ELD
7.4.2.1 HQ-LD-SBR QMF Banks

In contrast to the efficient implementations of the complex QMF banks in the HQ-
SBR encoder and decoder, where only one type of M-point forward and inverse
DCT-1V is required, the efficient implementations of all complex exponential-
modulated LD QMF banks in the HQ-LD-SBR encoder and decoder rely on one
reconfigurable M/%”—point forward or inverse DCT-IV, where M = 64. When
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two M-point or two %’-point DCTs-IV are needed to be computed, they can be

realized in parallel. Obviously, the FFT-based fast DCT-IV computational structure
(see Appendix C.2.1) or the DCT-II-based fast DCT-IV computational structure
may be adopted (see Appendix C.3) but in the reconfigurable form. Therefore, the
conclusions mentioned in subsection 7.4.1.1 are almost valid for the HQ-LD-SBR
encoder and decoder. The arithmetic complexity of the complex exponential-
modulated LD QMF banks efficient implementations in the HQ-LD-SBR encoder
and decoder is summarized in Table 7.5.

7.4.2.2 LP-LD-SBR QMF Banks

Since the real-valued cosine-modulated LD QMF banks in the LP-LD-SBR decoder
are defined as the real parts of corresponding complex exponential-modulated LD
QMF banks in the HQ-LD-SBR decoder, their efficient implementations are also
based on one reconfigurable M/ %-point forward or inverse DCT-1V, where M = 64.
Thus, the reconfigurable FFT-based or DCT-II-based fast DCT-IV computational
structures provide very compact systems for the unified efficient implementation
of all QMF banks both in the HQ-LD-SBR encoder and decoder and LP-LD-
SBR decoder. The arithmetic complexity of the real-valued cosine-modulated LD
QMF banks efficient implementations in the LP-LD-SBR decoder is summarized in
Table 7.6.

In summary, the reconfigurable FFT-based fast DCT-IV computational structure
provides a transform engine for the efficient implementations of all complex and
real-valued QMF banks in the HQ-SBR, LP-SBR, HQ-LD-SBR, and LP-LD-
SBR encoder and decoder. Since many commercial FFT software and hardware

Table 7.5 The arithmetic complexity of the complex exponential-modulated LD QMF banks
efficient implementations in the HQ-LD-SBR encoder and decoder

Complex exponential-modulated LD QMF Fast DCT-IV computational structure
banks in the HQ-LD-SBR encoder/decoder FFT-based DCT-1I-based
Analysis LD QMF in encoder 512M+1280 A 384 M+ 1280 A
Analysis LD QMEF in decoder 224 M +544 A 160 M +544 A
Synthesis LD QMF in decoder 512M+1280 A 384 M+1280 A
Down-sampled synthesis LD QMF in decoder 224 M+ 544 A 160 M+ 544 A

Table 7.6 The arithmetic complexity of the real-valued cosine-modulated LD QMF banks
efficient implementations in the LP-LD-SBR decoder

Real-valued cosine-modulated LD QMF Fast DCT-IV computational structure
banks in the LP-LD-SBR decoder FFT-based DCT-1I-based
Analysis QMF 112M+272 A 80 M+272 A
Synthesis QMF 256 M+576 A 192M+576 A

Down-sampled synthesis QMF 112M+240 A 80 M+240 A
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products are available on websites: S/W tools, chips, digital signal processors
(DSP), hardware/software implementations on DSP, VLSI, and FPGA [53], this fact
can result in a low-cost implementation of the QMF banks in the HQ-SBR, LP-SBR
HQ-LD-SBR, and LP-LD-SBR decoders.

7.5 Summary

The complete unified efficient low-cost implementations of the complex and real-
valued analysis/synthesis QMF banks used in the standard SBR encoder and decoder
(HQ-SBR and LP-SBR) and their low delay versions used in the LD-SBR encoder
and decoder (HQ-LD-SBR and LP-LD-SBR) have been presented. They are based
on the fast DCT-IV and DCT-II/DCT-III computational structures and are efficient
in terms of the computational complexity, regularity, and structural simplicity. The
efficient implementations of the QMF banks used in the standard SBR (HQ-SBR
and LP-SBR) as well as used in the LD-SBR encoder and decoder (HQ-LD-SBR
and LP-LD-SBR) are separately compared with respect to the arithmetic complexity.
In particular, all the fast algorithms have been analyzed in detail in terms of the
regularity and structural simplicity for a potential real-time low-cost implementation
in software or hardware.

Problems and Exercises

1. Verify the even symmetry property of sub-band coefficients {c;} given by (7.17)
of the real-valued cosine-modulated analysis QMF bank used in the standard
LP-SBR decoder.

2. Verify the even anti-symmetry property of sub-band coefficients {c;} given
by (7.64) of the real-valued cosine-modulated LD analysis QMF bank used
in the LP-LD-SBR decoder.

3. For the standard SBR in HE-AAC encoder, implement by a computer program
the fast algorithm for the computation of complex exponential-modulated
analysis QMF bank defined by (7.23), where M = 64. For the efficient
implementation, use both the FFT-based fast M-point DCT-IV computational
structure (see Appendix C.2.1), and the DCT-II-based fast M-point DCT-
IV computational structure (see Appendix C.3). Compare their arithmetic
complexity.

4. For the standard HQ-SBR in HE-AAC decoder, implement by a computer
program the unified fast computation of:

* Complex exponential-modulated analysis QMF bank defined by (7.24)
and (7.25),
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* Complex exponential-modulated synthesis QMF bank defined by (7.26)-
(7.28), and

* Complex exponential-modulated down-sampled synthesis QMF bank
defined by (7.35), (7.37), and (7.40),

using only one FFT-based fast M-point DCT-IV computational structure, where
M = 64.

. Verify the correctness of the first alternative method for the efficient imple-

mentation of complex exponential-modulated down-sampled synthesis QMF
bank defined by (7.29) via the efficient implementation of complex exponential-
modulated synthesis QMF bank defined by (7.26)—(7.28).

Verify the correctness of the second alternative method for the efficient imple-
mentation of complex exponential-modulated down-sampled synthesis QMF
bank defined by (7.30)—(7.32) via the efficient implementation of complex
exponential-modulated synthesis QMF bank defined by (7.26)—(7.28).

For the standard LP-SBR in HE-AAC decoder, implement by a computer
program the unified fast computation of:

* Real-valued cosine-modulated analysis QMF bank defined by (7.44)
and (7.45),

* Real-valued cosine-modulated synthesis QMF bank defined by (7.47)
and (7.48), and

* Real-valued cosine-modulated down-sampled synthesis QMF bank defined
by (7.49) and (7.50),

using one reconfigurable (M-point and %-point) fast DCT-II/IIT computational
structure, where M = 64.

For the LD-SBR in AAC-ELD encoder, implement by a computer program
the fast algorithm for the computation of complex exponential-modulated LD
analysis QMF bank defined by (7.72)—(7.74), where M = 64. For the efficient
implementation, use both the FFT-based fast M-point DCT-IV computational
structure (see Appendix C.2.1), and the DCT-II-based fast M-point DCT-
IV computational structure (see Appendix C.3). Compare their arithmetic
complexity.

For the HQ-LD-SBR in AAC-ELD decoder, implement by a computer program
the unified fast computation of:

* Complex exponential-modulated LD analysis QMF bank defined by (7.75)—
(7.77),

e Complex exponential-modulated LD synthesis QMF bank defined
by (7.80), (7.82), and (7.84), and

* Complex exponential-modulated LD down-sampled synthesis QMF bank
defined by (7.85) and (7.86),

using only reconfigurable (M-point and %-point) FFT-based fast DCT-IV
computational structure, where M = 64.
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Similarly, for the LP-LD-SBR in AAC-ELD decoder, implement by a computer
program the unified fast computation of:

¢ Real-valued cosine-modulated LD analysis QMF bank defined by (7.87)
and (7.88),

¢ Real-valued cosine-modulated LD synthesis QMF bank defined by (7.89)
and (7.90), and

* Real-valued cosine-modulated LD down-sampled synthesis QMF bank
defined by (7.91) and (7.92),

using only reconfigurable (M-point and %—point) FFT-based fast DCT-IV
computational structure, where M = 64.
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Chapter 8
Efficient Implementations of Perfect

Reconstruction Low Delay Cosine-Modulated
Filter Banks in the MPEG-4 AAC-ELD

8.1 Introduction

The MPEG committee has recently completed development of a new audio coding
standard, MPEG-4 Advanced Audio Coding-Enhanced Low Delay (AAC-ELD) [1],
targeted towards high-quality real-time (interactive) bidirectional communication
applications, such as audio and video conferencing. Common audio coding schemes
and state-of-the-art MPEG audio coding standards, such as MPEG-4 AAC Low
Complexity (AAC-LC), High Efficiency AAC (HE-AAC) [2, 3], and AAC Low
Delay (AAC-LD) [4-6], utilize for the time-to-frequency transformation of an
audio data block and vice versa, the well-known perfect reconstruction cosine-
modulated filter banks, the time domain aliasing cancellation modified discrete
cosine transform (TDAC-MDCT) [34]. In order to achieve the high coding effi-
ciency and low algorithmic delay, the AAC-ELD combines a low delay-optimized
Spectral Band Replication (SBR) compression technology (see Chap. 7) known
from the HE-AAC [2, 3] and a perfect reconstruction low delay cosine-modulated
filter bank, called the low delay MDCT (LD-MDCT) [8-10]. Very recently, MPEG
finished the standardization of a low delay MPEG surround as a parametric stereo
coding tool for the AAC-ELD codec. The combination of both technologies, the
parametric stereo coding tool and AAC-ELD, is also known as the AAC-ELD v2
[7, 11]. The applications of AAC-ELD v2 codec involve broadcasting and mobile
videoconferencing. Essentially, the AAC-LC, HE-AAC, and AAC-LD audio codecs
form the basis of AAC-ELD.

Although the use of LD-MDCT substantially reduces the algorithmic delays, the
transform operations in the AAC-ELD codec are still computationally intensive and
the LD-MDCT filter banks need to have fast algorithms, and in particular, when
the block length is a composite number. Therefore, this chapter is concentrated
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on the perfect reconstruction analysis/synthesis LD-MDCT filter banks used in the
AAC-ELD codec and mainly on their efficient implementations. Specifically, this
chapter presents:

Definitions of the analysis/synthesis LD-MDCT (and TDAC-MDCT) filter
banks, and general symmetry properties of LD-MDCT block transforms both in
the time and frequency domains.

Relations between the LD-MDCT and TDAC-MDCT block transforms in the
analytical forms as well as in the equivalent matrix representations. This fact
enables us to map the LD-MDCT into TDAC-MDCT block transform and
provides the basis for a unified approach to efficiently implement both the LD-
MDCT and TDAC-MDCT block transforms in the state-of-the-art MPEG audio
codecs.

Efficient implementations of the even-length analysis/synthesis LD-MDCT filter
banks based on the TDAC-MDCT as well as the efficient implementations
without mapping the LD-MDCT to TDAC-MDCT. For each fast LD-MDCT
algorithm all the complete formulae are derived.

All the fast even-length LD-MDCT algorithms are investigated and compared in
terms of arithmetic complexity and structural simplicity.

Finally, consequences of the fast even-length LD-MDCT algorithms to other exist-
ing audio broadcasting standards and speech communication codecs are discussed,
when the block sizes are composite numbers.

8.2 Definitions of the LD-MDCT and TDAC-MDCT Filter

Banks

8.2.1 Analysis/Synthesis LD-MDCT Filter Banks

The analysis and synthesis LD-MDCT filter banks are, respectively, defined as

(L,

Ck

8-10]

N—1

() —LD @ O T N N
=-2 —Q2k+1) | 2n+1—=) |, k=0,1,..., ——1,
Z w, X, cos|:2N( + )( n+ 2)} >

n=—N
(8.1)
g-1
B =2y [ e (ane1-7)].
n=0,1,...,2N—1, (8.2)
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where the superscript (i) denotes the data-block number, {x:)} is the input data
block of the length 2N (N is divisible by 4), {c, "} are LD-MDCT frequency

Al —L

coefficients, and {x, D} is the time domain aliased data sequence. {w:l)} represents

an asymmetric low delay analysis windowing function, while {wif)} represents
an asymmetric low delay synthesis windowing function which is simply time-
reversed replica of the low delay analysis windowing function, i.e., wr) = w(;;,_l_n,
n=0,1,...,2N — 1. The low delay analysis windowing functions for N = 1024
and 960 are tabulated in [1]. Plots of low delay analysis and synthesis windowing
functions for N = 960 are shown in [8-10]. Note that the first § values of W'y
both for N = 1024 and 960 are implicitly equal to zero [1].

The original data sequence {xi:)} is perfectly reconstructed by adding outputs of
the synthesis LD-MDCT filter banks of four succeeding data blocks (i — 3), (i — 2),
(i — 1), and (i) overlapped by %’ samples (the so-called overlap/add procedure) as
follows:

(i) A()—LD A(i—1)—LD A(i—2)—LD A(i—3)—LD

N
. - Xy g Xy in Yavy, o n=0,1,...,5—1. (8.3)

8.2.2 Analysis/Synthesis TDAC-MDCT Filter Banks

We recall that the analysis and synthesis TDAC-MDCT filter banks are, respectively,
defined as [34]

4 = b N
(i) — TDAC @)
Cr =3 Z:Ow,,xn cos[ﬁ(%%—l) (2n+1+5)]
N
k=0,1,...,——1, (8.4)
2
Y1
(i) — TDAC e (i) — TDAC T N
x, =w, ) ¢ cos| —2k+1D(2n+1+ =],
2N 2
k=0
n=0,1,....N—1, (8.5)

where the superscript (i) denotes the data-block number, {xx)} is the input data block
of the length N (N is divisible by 4), {cZ)_TDAC} are TDAC-MDCT frequency coef-
ficients, and {%ZFTDAC} is the time domain aliased data sequence. {w,} represents
a symmetric windowing function being identical both for analysis and synthesis
TDAC-MDCT filter banks.



460 8 Efficient Implementations of Perfect Reconstruction Low Delay. ..

The original data sequence {xz)} is perfectly reconstructed by adding outputs of
the synthesis TDAC-MDCT filter banks of two succeeding data blocks (i — 1) and
(i) overlapped by % samples (the overlap/add procedure) as follows:

(i) A(i—1)—TDAC (i) — TDAC N

n=0,1,...,——1. (8.6)

X =Xy, X, , 7

8.2.3 General Comments on LD-MDCT and TDAC-MDCT
Filter Banks

The purpose of low delay filter banks is to reduce their reconstruction delay
independently of the prototype filter length, while still maintaining the perfect
reconstruction property. The theory and methods for the design and implementation
of perfect reconstruction modulated filter banks with arbitrary system delay are
well described and analyzed in [31, 35, 36]. The resulting low delay filter banks
have the same cosine modulation function as the TDAC-MDCT, but they can have
longer windowing functions which can be nonsymmetric with a generalized or
low reconstruction delay. In fact, the LD-MDCT has a similar cosine modulation
kernel as TDAC-MDCT, but substantial delay reduction is achieved by utilizing
a nonsymmetric windowing function with a low reconstruction delay and with
multiple overlap. The asymmetric windowing function allows to reduce the overlap
towards future samples and at the same time its impulse response is extended
towards past samples. This cannot be accomplished with TDAC-MDCT which
employs a symmetric windowing function and thus has a system delay identical
to the block size minus one [8—10].

Obviously, when investigating and developing fast algorithms/computational
structures for an efficient implementation of (low delay) analysis and synthesis
filter banks, their complete analytical forms are frequently considered as the
forward/backward block transforms applied to a single data block. Without loss
of generality, we may omit the data-block number (i) and normalization factors
from the definitions of LD-MDCT filter banks given by (8.1) and (8.2), and
TDAC-MDCT filter banks given by (8.4) and (8.5). Similarly, assuming that the
input/output data sequences are windowed before/after their transformation, we may
omit the windowing functions too.

8.2.4 Forward/Backward LD-MDCT as the Block Transforms

The forward and backward LD-MDCT block transforms are, respectively, defined as

N—1

N N
== x cos[%(2k+l)(2n+1—3)], k=0.1....5—1

n=—N

8.7)
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[

2
LD LD b4 N
X & = — —R2k+1)(2 1—— =0,1,....,2N — 1.
X, kE:()Ck COS[ZN( + )( n—+ 2)] n N

(8.8)

The 2N-point forward LD-MDCT given by (8.7) can be reduced to N-point forward
LD-MDCT as follows. Splitting the summation (8.7) into two parts, we get [13, 14]

—1
LD /4 N
¢ = — E X, COS [f\’ak +1) (2n +1- 5)}

n=—N
_jgéxn cos [%(yﬁu 1) (2n+ 1 %’)}
_ _lgxn_,v cos [%(2“ ) (—2N+ 41— g)}
_I:g;x,, cos [%(Zk—i— 1) (2n +1- %v)}
= —[:X;é(xn — Xy—N) COS [%(2k+1) (2n+1—%v)i| ,
k:O,l,...,%v—l. (8.9)

However, the indexing x,—y in (8.9) can be changed to xy4,. In fact, substituting
n—N andthen N+nforn = 0,1, ..., N—1 into the cosine transform kernel in (8.9)
we find that it corresponds to — cos [%(Zk +1) (2n +1-— %)] This fact actually
explains the periodicity property of {x,}. Consequently, Eq. (8.9) may be rewritten
into a new form defined as
N—1

LD T N N
el n—XN+n —QCk+D | 2n+1——) |, k=0,1,...,——1.

o ’;)(x XN-n) COS[ZN( + )( n+ 2)} >
(8.10)

Thus, the 2N-point forward LD-MDCT given by (8.7) is reduced to N-point forward
LD-MDCT given by (8.10). Equation (8.10) implies that the forward LD-MDCT
block transform given by (8.7) can be written in an alternative useful form as
N—1
LD b N N
= " —2k+1)(2 I——=)|, k=0,1,...,=——1.
e n:X_:NXN+ COS[ZN( + )( n—+ 2)] >

8.11)
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8.2.4.1 Symmetry Properties of the Forward/Backward LD-MDCT Block
Transforms

Substituting N — 1 — & for k into (8.10) we get

—1, (8.12)

N
= a k=013

demonstrating that the {ciD} has the even anti-symmetry property. On the other
hand, substituting N + n for n into (8.8) we obtain

LD LD

XNtn = — Xy s n=01,..., N—-1. (8.13)

Consequently, only half the samples of {)?ZD} in (8.8) is sufficient to be computed.
Using the symmetry property (8.13) the backward LD-MDCT block transform is
defined as

N
¥

LD LD T N
X & =— —R2k+1)[2 1—— =0,1,...,N—1.
X, ;ck cos|:2N( + )( n+ 2):| n 1,000,

(8.14)

8.2.5 Forward/Backward TDAC-MDCT as the Block
Transforms

The forward and backward TDAC-MDCT block transforms are, respectively,
defined as [28]

N—1

TDAC b N N
= n —2k+1) (2 1+—=)|, k=0,1,...,=—1,
o ;x COS[2N( + )(n+ +2)} >
(8.15)
Y1
TDAC e TDAC T N
3, =Y ¢ cos|—Qk+(2n+1+=])|, n=0,1,....N—1.
2N 2
k=0
(8.16)

. TDAC ATDAC
The symmetry properties of data sequences {c¢, }and {x, } as well as the general
mathematical and special properties of the TDAC-MDCT block transforms are
presented in [28] (see also Chap. 3).
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It can be easily seen that the cosine transform kernels of the LD-MDCT in (8.10)
and (8.14), and those of the TDAC-MDCT in (8.15) and (8.16), differ only by the
shift factor :F%'.

8.2.6 TDAC-MDCT and LD-MDCT Transforms in the Current
Audio Codecs

We recall that the state-of-the-art MPEG-4 audio coding standards: AAC-LC, HE-
AAC [2, 3], and AAC-LD [4-6], utilize for the time-to-frequency transformation of
the audio data block and vice versa, the TDAC-MDCT transform. In order to adapt
to the signal characteristics, the AAC-LC and HE-AAC use the so-called block size
switching procedure. Specifically, when the audio signal is stationary, the long block
of size N = 2048 is used. When a transient signal is detected, then eight short
blocks of size N = 256 are used. The HE-AAC alternatively defines the long block
of size N = 1920 and short block of size N = 240. The advanced Digital Audio
Broadcasting (DAB+) system [20] for digital radio services as well as the Digital
Radio Mondiale (DRM) [19], universal openly standardized digital broadcasting
system for all broadcasting frequencies, have adopted the HE-AAC codec with the
TDAC-MDCT transform of the length N = 1920 (long block) or N = 240 (short
block). We note that these block sizes are composite numbers, i.e., they are of the
form 1920 = 27 x 15 and 240 = 2* x 15.

In general, the transform length influences the algorithmic delay (the theoretical
minimum delay allowed by an algorithm due to computational speed, or other
implementation circumstances). In order to reduce algorithmic delay, the AAC-
LD has deactivated the block size switching procedure and block sizes have been
reduced from N = 2048 to 1024 and from N = 1920 to 960 for the TDAC-MDCT
transform. Finally, for the time-to-frequency transformation of the audio block and
vice versa, AAC-ELD for the LD-MDCT transform defines the block of size 2N,
where N = 1024 or 960. Again, the block size N = 960 is a composite number,
i.e., it is of the form 960 = 2° x 15.

8.3 Relations Between the LD-MDCT and TDAC-MDCT
Block Transforms

In the following subsections, relations between the forward/backward LD-MDCT
and the forward/backward TDAC-MDCT block transforms are discussed. They
provide a unified approach to efficiently implement both the LD-MDCT and TDAC-
MDCT via a fast TDAC-MDCT computational structure.
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8.3.1 Relations Between the LD-MDCT and TDAC-MDCT

Consider the forward and backward LD-MDCT block transforms defined, respec-
tively, by (8.10) and (8.14). Relations between the forward/backward LD-MDCT
and forward/backward TDAC-MDCT block transforms have been discussed in
[13, 14]. Specifically, rewriting the argument of cosine transform kernel in the
forward/backward LD-MDCT given by (8.10)/(8.14) as

b4 N
cos[ﬁ(2k~l—1) (2n+1+5—N):|
— (—1) sin| = N
=(-1 sm|:2N(2k—|—l) (2n+1+ 2):|, (8.17)

leads to mapping the forward/backward LD-MDCT into the forward/backward
TDAC modified discrete sine transform (TDAC-MDST), respectively, as

N—1

&P o i ;(xn_x,v+n) sin[%(quL 1 (2n+ 1+ g)}
k=0,1,...,g—1, (8.18)
LD E r LD T N
i =— ;(—1) c sin[ﬁ(2k+l)(2n+l+5):|, n=0,1,....,N—1.
(8.19)

Based on the relation between the TDAC-MDST and TDAC-MDCT [28], the
TDAC-MDST may be subsequently converted to the TDAC-MDCT. Then, the
analytical expressions for the forward and backward LD-MDCT computation based
on the TDAC-MDCT are, respectively, given by [13, 14]

N—1
LD (L N_k _ N+n _ l IX
Cy_=(=1) ’;( D (%, — xngn) cos[ZN(2k+1) (2n—|—1+ 2)]
N
k=0.1,....2 -1, (8.20)

-1

LD N N LD T N
X = (=1)atin —1)21= —Qk+D(2n+1+=]],
%, = (=1) ;( ) Cy_yy 008 | o k4D (2n 41+ 5

IS

n=0,1,...,.N—1. (8.21)



8.3 Relations Between the LD-MDCT and TDAC-MDCT Block Transforms 465

Equation (8.21) is obtained simply by substituting %’ — 1 —k for k into (8.19). Since
the term %’ in Egs. (8.20) and (8.21) is always even, then both equations can be
rewritten, respectively, in the simplified forms as

N—1
LD N, b4 N
Cy 14 = (=D Z(_1)4+ (%n — XN4n) cOS [ﬁ(Zk +1) (2n +1+ 3)] ,
n=0
N
k=0,1, ,5—1, (8.22)
!
LD N \ LD v N
k) = (=1)* Z(—l)" Cy_,_, CO8 [—(Zk +1) (2n +1+ —)} ,
= 2 2N 2
n=0,1,...,N—1. (8.23)

It can be seen that this approach involves reverse operations and sign changes with
respect to both the time and frequency indices depending on whether % is either
even or odd.

8.3.2 Simplified Relations Between the LD-MDCT and
TDAC-MDCT

Again, consider the forward and backward LD-MDCT block transforms defined,
respectively, by (8.10) and (8.14). The key for derivation of simplified relations
between the forward/backward LD-MDCT and the forward/backward TDAC-
MDCT block transforms is an observation that by substituting N — 1 — n for n
into (8.10) we get [12]

N—1

LD T N
G = Z(XN—l—n — X2N—1—n) COS [ﬁ@k +1) (2’1 +1+ 5)] ,
n=0
N
k=015 -1, (8.24)

and the forward LD-MDCT given by (8.10) is immediately converted to the forward
TDAC-MDCT of {xy—1—n — Xay—1—n}- Similarly, by substituting N — 1 — n for n
into (8.14) we get [12]

N
Ny

N
Byaa= D ¢ cos [%(2k+ 1) (2n+ 1+ 5)} n=0,1,....,N—1,
k=0
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and the backward LD-MDCT given by (8.14) is also immediately converted to the
backward TDAC-MDCT of {czD }, but the time domain aliased data sequence {)ACZD}
is in reverse order. Equations (8.24) and (8.25) define simplified relations between
the forward/backward LD-MDCT and the forward/backward TDAC-MDCT.

Let us investigate the simplified relations between LD-MDCT and TDAC-MDCT
block transforms in their equivalent matrix forms. Let the cosine transform kernel
of the forward LD-MDCT in (8.10) be represented by an % x N matrix CL;X > and
the cosine transform kernel of the forward TDAC-MDCT in (8.15) be repzresented
by an § x N matrix CT%D)SV Then, CT%D:TV is related to CL%D>< v by

TDAC

LD
Cyyy = Cyyy X (SIN), (8.26)

where Jy is the reflection matrix of order N. Equation (8.26) implies that the
corresponding basis vectors (rows) of forward LD-MDCT and TDAC-MDCT
matrices are reverse to each other, and their elements have opposite signs. For
. . . . LD TDAC . .
clarity, in the following the matrices C Yon and C Yy TS respectively, shown in

explicit forms for N = 8:

3n b4 b4 3n St Tn I St

COS T6 Cos 16 Ccos 16 COS T6 CcoS 16 Ccos 16 — COS 16 — Ccos T6

1 3 3 1 b4 5 5 b4

o CcOS 16 Ccos T6 Ccos 16 COS 16 Ccos 16 Ccos 16 COS 16 CcOos 16

4x8 = )

bid S 5n b4 1 3n 3n 1

—COSE COSR COSE —COSE COSR COSE —COSE —COSE

5 T Tn 5 3n b g bid 3n

—COSE COSE COSE —COSE COSE —COSE COSW) —COSE

Sn In In Sn 3n bid big 3n
COSE COSE—COSE—COSE—COSW —COSR —COSE—COSK

big Sm 5n big In 3n 3n I
DAC — COS 16 — COS 16 COS T6 COS 16 COS 16 — COS 16 — COS T6 COS T6
C4x8 -

1 3n 3n I bid Sn 5n bid
COSE COSE —COSE —COSE COSE —COSE —COSE COSE

3 18 b1 3 S5 I 1 5
COSE —COSE COSE —COSK COSE —COSE —COSE COSK

By transposing (8.26) we obtain the relation between matrices of the backward
LD-MDCT given by (8.14) and backward TDAC-MDCT given by (8.16) as

TDAC
N
NX5

C.'y =—Jyx C;DX%. (8.27)
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Thus, by simple sign changes and order reversing applied to data sequences the
forward/backward LD-MDCT is converted to the forward/backward TDAC-MDCT.
The simplified relations between the forward/backward LD-MDCT and the
forward/backward TDAC-MDCT block transforms given by (8.24)/(8.25) are
simpler, more straightforward, and more transparent compared to (8.20)/(8.21)
or (8.22)/(8.23).

8.4 Efficient Implementations of the LD-MDCT

Although the use of LD-MDCT substantially reduces the algorithmic delays, the
transform operations in the AAC-ELD codec are still computationally intensive,
and as a motivation, the LD-MDCT filter banks need to have fast algorithms, and
in particular, when the block length is a composite number, i.e., N = 960. Several
efficient implementations of the analysis and synthesis LD-MDCT filter banks have
been developed up to now in [12—-14]. The fast LD-MDCT algorithms in [13, 14]
are exclusively based on the fast TDAC-MDCT. In [12], exploiting the simplified
relations between the forward/backward LD-MDCT and forward/backward TDAC-
MDCT, the improved fast TDAC-MDCT-based LD-MDCT algorithms as well as
fast LD-MDCT algorithms without mapping the LD-MDCT to TDAC-MDCT are
described. All these fast algorithms are just discussed and investigated in detail in
this section.

In general, the relations between the forward/backward LD-MDCT and the
forward/backward TDAC-MDCT block transforms provide the unified approach
to efficiently implement both the LD-MDCT and TDAC-MDCT via a fast TDAC-
MDCT computational structure. Moreover, since the AAC-LC, HE-AAC [2, 3], and
AAC-LD [4-6] audio codecs use the TDAC-MDCT, the TDAC-MDCT-based fast
LD-MDCT algorithms provide the unified efficient implementation of LD-MDCT
and TDAC-MDCT transforms in all four codecs: AAC-ELD, AAC-LD, HE-AAC,
and AAC-LC.

8.4.1 TDAC-MDCT-Based Fast LD-MDCT Algorithms

The relations between the forward/backward LD-MDCT and the forward/backward
TDAC-MDCT defined by (8.20)/(8.21) or (8.22)/(8.23) enable us to derive fast
algorithms for the LD-MDCT computation based on the TDAC-MDCT [13, 14].
They are presented in the following subsections.
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8.4.1.1 TDAC-MDCT-Based Fast Forward LD-MDCT Algorithm

Consider the forward LD-MDCT block transform given by (8.22) expressed in the
form:

N—1

LD _ « T N
o= D T cos| et 1 (414 7)),
N
k:O,l,...,——], (828)
2
where
Mn:(—l)%+” (xn_xN+n)’ n:O,l’_..’N_l. (829)

To eliminate the shift factor +%’ in (8.28), by applying the following permutation to
the data sequence {u,} [27]

—uwy,, n=01...5-1
Yn = (8.30)

Uy N, n=

and using a symmetry property of the cosine transform kernel, the forward LD-
MDCT given by (8.28) is reduced to

¥
LD ok _ T
Cy_14 = (=1 r;(yn YN—1-n) €OS |:4(N/2) 2k + 1)(2n + 1)] ,
N
k=0,1,...,5—1. (8.31)

The transform kernel in Eq. (8.31) is recognized as an %]-point forward type-IV DCT
(DCT-1V) [29] of {y,, — yy—1—»}. Combining Egs. (8.30) and (8.31) we obtain:

|
LD : b N
= (=t n —2k+1)(2 |, k=0,1,...,=—-—1,
ey =D ,?:oy 005[4(N/2)( + 1)(2n + )} 3

(8.32)
where

e on=0.1,... -1,
Yn = (8.33)

U, _N — U3N n =
n—g 5 —l-n

— U3N — U3N
T+Vl T_l
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and {u,} is defined by (8.29). However, the data sequence {y,} defined by (8.33)
in terms of {u,} can be derived in terms of the original data sequence {x,}. Indeed,
combining Egs. (8.29) and (8.33), the fast TDAC-MDCT-based algorithm for the
N-point forward LD-MDCT computation is defined as

4

CL%D—l_k = (-1 Z(—l)” Y COS[

n=0

e 2k+1)2n + 1)i|

k=0,1,...,

Ny (8.34)
5~ L. :

where

- X3TN+11 +‘x%+n + X3TN—1—n _x%—l

—n?

Yn = (8.35)

—n?

X,_N —X3N + X — XN
-7 G n G l-n -1

8.4.1.2 TDAC-MDCT-Based Fast Backward LD-MDCT Algorithm

Now, consider the backward LD-MDCT block transform given by (8 21). To
eliminate the shift factor + in (8.21), substituting subsequently & Ttn T —1—
3TN+n and 3TN—I—n forn = 0, 1,...,Y%—1,into (8.21), and using the relatlon (C.17)
from Appendix C.2 we, respectively, have

!

xL%'l = (=1)" Z( e "cLND L (D sin|: (2k+1)(2n+1):|

4(N/2)

4

= —(-1)" Z( nithey

cos [4(N/2) 2k+1)(2n + 1)i| ==V

By = (=1 Z( Hi-1- kcLND e D sin|: 2k + 1)(2n + 1)}

4(N/2)

¥
LD

= —(-1)" Z( DErey

cos [4(N/2) 2k+1D(2n + 1)i| — VN
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L

fawy, = 1 Z( DI Ry, cos [4(N/2)<2k+1><2n+1)} =,

)%L%"V_l_n = —(=1)" Z( 1)z-I* Lf_l_k c (2k+1)(2n+1):| ”

. [4(N/2)

n=20,1,...,

N
——1 8.36
1 (8.36)

where the data sequence {y,} actually corresponds to an %’—point inverse DCT-IV of
{(— 1)’_1 -k ci | k} as follows
Noj-

-1
ya= (=" Y (=DFR Y cos|: (2k+1)(2n+1):|
; 21k 4(N/2)
-1
= (—1)"*! ;(—1)" Cy_y_y €08 [4(N/2) 2k + 1)(2n + 1)]
=0,1 N 1 8.37
n=yu, ,...,E— . ( )

We note that considering the relation (C.17), in two expressions corresponding
to {x vy } and {x i } on the right-hand sides of (8.36) the following simple
trlgonometrlc 1dent1ty is valid:

(—l)ksin|: Qk +1)(2n + 1)} =cos[ Qk + 1)(2n + 1)}

4(N/2) 4(N/2)

N
for — —1—n.
2

Equation (8.36) also indicates that {SCZD}, n=0,1,...,N — 1, has the following
local symmetries:

ALD LD LD LD N
x%ﬂ = x%_l_n, x%ﬂ = — x%_l_n, n=0,1,..., i 1. (8.38)

. . . ALD S .
Then, the time domain aliased data sequence {X, } is recovered as

LD ALD

x%-f—n - xﬂ—l—n - y%_l_"’
ALD ALD N
x%_'_n = Yu, x%_l_n=—yn, n=0,1,...,z—1. (8.39)
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Equations (8.37) and (8.39) define the fast TDAC-MDCT-based algorithm for
the backward LD-MDCT computation, whereby N is divisible by 4. Finally, the
complete data sequence {)?ZD} with the length 2N is obtained according to (8.13).

We note that if we would alternatively consider the backward LD-MDCT block
transform given by (8.23), then in the derivation procedure of fast backward LD-
MDCT algorithm we can simply use the identity (—1)%_1_" = —(=1)*in (8.36). It
has been actually used in Eq. (8.37).

TDAC-MDCT-based fast algorithms for the forward N-point LD-MDCT com-
putation given by (8.34) and (8.35), and the backward LD-MDCT computation
given by (8.37) and (8.39) rely on a fast %-point DCT-1V computational structure,
and involve reverse operations and sign changes with respect to both the time and
frequency indices.

8.4.2 Improved TDAC-MDCT-Based Fast LD-MDCT
Algorithms

As an alternative, the simplified relations between the forward/backward LD-MDCT
and the forward/backward TDAC-MDCT defined by (8.24) and (8.25) enable us
to improve versions of fast TDAC-MDCT-based algorithms for the forward and
backward LD-MDCT computation presented in the previous subsections without
reverse operations and sign changes with respect to both the time and frequency
indices [12]. They are presented in the following subsections.

8.4.2.1 Improved TDAC-MDCT-Based Fast Forward LD-MDCT
Algorithm

Consider the forward LD-MDCT block transform given by (8.24) expressed in the
form:

= e N N
LD
Cp =Y ity COS [—(2k+1) (Zn—H +—)}, k=0,1,...,——1, (8.40)
= 2N 2 2
where
Uy = XN—1—n — X2N—1—n;> n = 0, 1, . ,N— 1. (841)

Following the same derivation procedure defined by (8.30)—(8.33), and finally
combining (8.33) and (8.41) we get

o = yncos|: il (2k+1)(2n+1)], k=0,1,...,~—1,

N
4(N/2) 2

(8.42)
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where

—

_ N
—XN g, xsy o —an g, Fasvy,, n=0,100, 5 —
Yo = (8.43)

— NN N _
XN _jy = XN, =Xy, FAsvy,, n=3. 7+ Lo s -

)

Equations (8.42) and (8.43) define the improved fast TDAC-MDCT-based algorithm
for the N-point forward LD-MDCT computation, whereby N is divisible by 4.

This DCT-IV-based fast algorithm is well known in the theory of fast TDAC-
MDCT algorithms, and it has been used for the efficient implementation of the
TDAC-MDCT in MP3 audio coding standard [27].

8.4.2.2 Improved TDAC-MDCT-Based Fast Backward LD-MDCT
Algorithm

Now, consider the backward LD-MDCT block transform given by (8.25). Again, to
eliminate the shift factor +%’ in (8.25), substituting subsequently % +n, % —1—n,
Ftnand X —1-nforn =0,1,...,5—1,into (8.25), and using the relation (C.12)
from Appendix C.2 we, respectively, have

¥

ALD . LD b/
x%+n = — ;Ck COoS [m(2k+l)(2n+l)i| = — Vn,
¥
ALD LD b/
Xy, =~ g ¢, cos [W(Zk + 1D(Q2n+ 1)i| == Y
¥
ALD 3 LD 0 b4
Ty, = 2 ¢, (=1)" sin [4(N/2) 2k+1)(2n + l)i| =N
[
ALD _ LD k- T _
F oy, == g ¢ (=D sin [4(1\/—/2)(% +1)(2n + 1)} = —Yy_iw
N
n=01..., -1 (8.44)

The data sequence {y,} in (8.44) corresponds to an %-point inverse DCT-1V of {czD}
as follows

|

X LD b/ N
= —F2k+ 1)(2 |, =0,1,....,=——1,
=2 os g 4+ e+ D] 2
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and the time domain aliased data sequence {fc;D} having the local symmetry
properties given by (8.38) is recovered as

LD LD
x%-ﬁ-n - x%—l—n ==

LD LD N

x%ﬂ =YY x%_l_n == V¥ jw n=0,1,..., i 1. (8.46)

Equations (8.45) and (8.46) define the improved fast TDAC-MDCT-based algorithm
for the backward LD-MDCT computation, whereby N is divisible by 4. The
complete data sequence {)?ZD} with the length 2N is obtained according to (8.13).

The improved TDAC-MDCT-based fast algorithms for the forward N-point LD-
MDCT computation given by (8.42) and (8.43), and the backward LD-MDCT
computation given by (8.45) and (8.46) rely again on a fast %’-point DCT-1V
computational structure, but without reverse operations and sign changes with
respect to both the time and frequency indices.

8.4.3 Fast LD-MDCT Algorithms Without Mapping to
TDAC-MDCT

Fast algorithms for the forward/backward LD-MDCT computation presented in
the previous subsections are based on relations between the forward/backward
LD-MDCT and forward/backward TDAC-MDCT. However, this assumption is
not necessary. In the following subsections fast algorithms for the forward and
backward LD-MDCT computation are presented without mapping the LD-MDCT
to TDAC-MDCT.

8.4.3.1 Fast Forward LD-MDCT Algorithm

Consider the forward LD-MDCT block transform given by (8.10) expressed in the
form:

N—1

LD T N N
c =;vn cos[ﬁ(2k+1)(zn+1—5)], k=0.1....2 -1

(8.47)

where

Vy = XN+n — Xn, n=0,1,...,N—1. (8.48)
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Obviously, to eliminate the shift factor —% in (8.47), by applying the following

2
permutation to the data sequence {v,}

— 3N
U s n—O,l,...,T—l,
YV = (8.49)
= U, HZ%,%{—FI, N —1,

and using a symmetry property of the cosine transform kernel, the forward LD-
MDCT given by (8.47) is reduced to

g-1
LD b4 N
= w — YN—l—n ——Q2k+1D)@2n+ 1|, k=01,...,——1.
o ;(y - )cos[4(N/2)< +1D@n+ )] >
(8.50)

The transform kernel in Eq. (8.50) is recognized as an %’—point forward DCT-IV of
{¥n — YN—1-n}. Combining Egs. (8.49) and (8.50) we obtain:

-1
& :Zoyn 00s|:4(;/2)(2k+ 1)(2n + 1)], k:O,l,...,%’_ 1.
(8.51)
where
UN o T VN, n=0,1,....%-1,
" (8.52)
Vi TV A= Rl S

and {v,} is defined by (8.48). Finally, combining Egs. (8.48) and (8.52) we get

_ N _
e on=01.. Y1,

Yn = (8.53)

X 5N — XN — XN X 5N
T-‘rl’l Z+n T—l—n + T_l

x%-ﬁ-n _x%-l-n +x%—l—n _X%—l

—n’

Equations (8.51) and (8.53) define the fast algorithm for the N-point forward
LD-MDCT computation (N is divisible by 4), but without mapping the forward
LD-MDCT to forward TDAC-MDCT.

8.4.3.2 Fast Backward LD-MDCT Algorithm

Now consider the backward LD-MDCT block transform given by (8.14). Then,
substituting subsequently %V + n, %’ —1—n, 3TN + n and 3TN — 1 — n into (8.14)
and using the relation (C.12) leads to exactly the same Eq. (8.44) and to the fast

backward LD-MDCT algorithm defined by Eqs. (8.45) and (8.46).
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The fast algorithms for the forward N-point LD-MDCT given by (8.51)
and (8.53), and the backward LD-MDCT computation given by (8.45) and (8.46) are
based on a fast %’-point DCT-1V computational structure with simple pre- and post-
processing of data sequences. Since the fast TDAC-MDCT-based algorithms are
also based on a fast %’-point DCT-1V computational structure, this fact provides the
unified approach for efficient implementation of both the even-length TDAC-MDCT
and LD-MDCT transforms via one identical fast DCT-IV computational structure.

8.5 Computational Complexity and Comparison of Fast
LD-MDCT Algorithms

For a given value of N being in general, an even integer (divisible by 4), the
computational complexity of fast analysis LD-MDCT filter bank is given by the
complexity of: Windowing procedure requiring % multiplications, converting the
N-point forward LD-MDCT (or forward TDAC-MDCT) block transform to the %]-
point DCT-IV by applying the permutation described in (8.35), (8.43) or (8.53)

requiring % additions (it is taken into account the fact that the low delay analysis

windowing function has the first % values implicitly equal to zero, i.e., wf:) =

0=x,=0,n=01,..., %’ — 1), and the complexity of a fast %’-point DCT-
IV computational structure. On the other hand, the computational complexity of fast
synthesis LD-MDCT filter bank is given by the complexity of: Fast %’—point DCT-1V
computational structure, windowing procedure requiring %’ multiplications, and
the complexity of overlapping/add procedure given by (8.3) requiring “TN additions.

Since the AAC-ELD defines the block length to be 2N with N = 1024 or
N = 960 [1], we need in general a fast even-length DCT-IV computational
structure. For the block length N = 1024 being a power of two, a 2"-length
fast DCT-IV computational structure which combines theoretical efficiency with a
very regular structure, and achieving the lowest multiplicative complexity is based
on the complex FFT of half size [30, 33]. It is presented in Appendix C.2.1. In
particular, for the block length N = 960 which is a composite number of the form
2" xq, m > 1, where g is an odd positive integer, we need an even-length fast DCT-
IV computational structure. Such even-length fast DCT-IV computational structure
[28] is presented in Appendix C.2.2. Because the block length 960 = 26 x 15,
q = 15 is the composite number we additionally need an efficient 15-point type-
I/ DCT (DCT-II/IIT) module. The required efficient 15-point PFA DCT-II/IIT
module is presented in Appendix D.7, or alternatively, the efficient 15-point WFTA
DCT-II/III module is presented in Appendix D.8.

8.5.1 DCT-1V-Based Fast LD-MDCT Algorithms

Essentially, all the fast LD-MDCT (and TDAC-MDCT too) algorithms rely on the
fast %’—point DCT-1V computational structure which is identical both for the analysis
and synthesis LD-MDCT (TDAC-MDCT) filter banks.
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When M = %V =2" m>1,(M = 512 = 2 for the LD-MDCT in AAC-
ELD), the arithmetic complexity of fast analysis/synthesis LD-MDCT filter banks
is given by

15M M 11M

M
Mzmzi(m—i-z)—}——, A2m=—m+

, 8.54
4 2 4 (8.54)

where M= denotes the number of multiplications and A~ denotes the number of
additions.

When M = % = 2" x 15, m > 1, is a composite number (M = 480 =
2> x 15 for the LD-MDCT in AAC-ELD), taking into account the arithmetic
complexity of efficient 15-point DCT-II/III module, the arithmetic complexity of
fast analysis/synthesis LD-MDCT filter banks is given by

M 15M
MZ’”XIS =" XMJIIS —+ E(In + 2) + T,
m I M m . 11M
AZ’”XIS =2 XA15+3(3m+2)—2 +T, (855)

where M;IS denotes the number of multiplications and Alll5 denotes the number of
additions of the efficient 15-point DCT-II/III module.

8.5.2 DCT-1V/DCT-II-Based Fast LD-MDCT Algorithms

We recall that the %’-point DCT-IV can be converted to the DCT-II of the same
size at the cost of & additional multiplications and & — 1 recursive additions [32].
These multiplications may be simply absorbed into the windowing operation, thus
further reducing the multiplicative complexity (saving % multiplications) of a fast
DCT-1V/DCT-II-based computational structure (see Appendix C.3). However, this
optimized approach requires modifying the low delay analysis/synthesis windowing
function and the fast DCT-IV/DCT-II-based computational structure has to be
inverted at the decoder.

When M = %’ = 2" m > 1, (M = 512 for the LD-MDCT in AAC-
ELD), assuming that the fast recursive DCT-II/III computational structure [32] (see
also Appendix C.1.1) achieving the lowest multiplicative complexity is used, the

arithmetic complexity of fast analysis/synthesis LD-MDCT filter banks is given by

M 15M M 1M
M2m=—m+_, Azm:—m“r‘_

8.56
2 4 2 4 (8.56)

When M = %’ = 2" x 15, m > 0 is a composite number (M = 480 for the
LD-MDCT in AAC-ELD), taking into account the arithmetic complexity of efficient
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15-point DCT-I/III module, the arithmetic complexity of fast analysis/synthesis
LD-MDCT filter banks is given by

" I M 15M
Msz]S:z XM15+—m~|——,
2 4
m Vi M m . 15M
Asz15 =2 XA15 + T m—2" + T (857)

8.5.3 Comparison of Fast LD-MDCT Algorithms

Comparison of fast LD-MDCT algorithms in terms of arithmetic complexity for
N = 1024 and 960 and structural simplicity are shown in Tables 8.1 and 8.2.
In Table 8.1 the fast LD-MDCT algorithms are implemented via the fast DCT-IV
computational structure, and in Table 8.2 the fast LD-MDCT algorithms are
implemented via the fast DCT-II/III computational structure. From Tables 8.1
and 8.2 one can see that all fast LD-MDCT algorithms have the same arithmetic
complexity, but improved TDAC-MDCT-based fast algorithms as well as ones
without mapping the LD-MDCT to TDAC-MDCT do not require reverse operations
and sign changes with respect to the time and frequency indices.

Table 8.1 Comparison of fast LD-MDCT algorithms based on the fast DCT-IV computational
structure in terms of arithmetic complexity for N = 1024 and 960 and structural simplicity
(M denotes multiplication, A denotes addition)

LD-MDCT algorithm | Fast analysis/synthesis LD-MDCT filter bank | Reverse operations

M = %) N = 1024 N = 960 and sign changes?
TDAC-MDCT-based |4736 M and 8320 A | 4024 M and 7512 A Yes

Improved

TDAC-MDCT-based |4736 M and 8320 A | 4024 M and 7512 A No

Without mapping

to TDAC-MDCT 4736 M and 8320 A | 4024 M and 7512 A No

Table 8.2 Comparison of fast LD-MDCT algorithms based on the fast DCT-II/III computational
structure in terms of arithmetic complexity for N = 1024 and 960 and structural simplicity (M
denotes multiplication, A denotes addition)

Algorithm Fast analysis/synthesis LD-MDCT filter bank | Reverse operations
M = %) N = 1024 N = 960 and sign changes?
TDAC-MDCT-based | 4224 M and 8320 A | 3544 M and 7512 A Yes

Improved

TDAC-MDCT-based | 4224 M and 8320 A | 3544 M and 7512 A No

Without mapping

to TDAC-MDCT 4224 M and 8320 A | 3544 M and 7512 A No
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The direct fast mixed-radix TDAC-MDCT algorithms for composite lengths 2" x
q", m, n > 0, with ¢ = 3,5 and 9 have been developed in [15, 16]. However, in
order to be used for the composite length 960 = 2° x 15 = 2° x 30, an efficient
30-point TDAC-MDCT module has to be derived.

8.6 Discussion and Consequences of Fast LD-MDCT
Algorithms

The fast even-length DCT-IV and DCT-IV/DCT-II fast computational structures
together with the efficient 15-point PFA or WFTA DCT-II/III modules (see Appen-
dices D.7 and D.8) discussed in this chapter and optimized efficient 5-point
DCT-II/III modules (see Appendix D.7) provide a compact, modular, and flexible
transform block building system which has an impact on an efficient implementation
of the even-length TDAC-MDCT filter banks used in other existing audio broad-
casting standards [19, 20] and speech communication codecs [17, 21-26], where
the length of data block is a composite number of the form 2™ x g, whereby g = 5
or 15. By a composition of proper regular fast computational structure/module(s),
the efficient implementation of the even-length TDAC-MDCT can be achieved as
follows:

* The advanced Digital Audio Broadcasting (DAB+) system [20] for digital radio
services as well as the Digital Radio Mondiale (DRM) [19], universal openly
standardized digital broadcasting system, have adopted the HE-AAC codec [2, 3]
which uses the TDAC-MDCT filter bank with the length N = 1920 (long block)
or with N = 240 (short block). Since both lengths are composite numbers, i.e.,
1920 = 27 x 15 and 240 = 2* x 15, the composition of fast even-length DCT-IV
computational structure with the permutation defined by (8.33) for x, = u,, and
15-point PFA or WFTA DCT-II/III module provides the efficient implementation
of forward/backward TDAC-MDCT in the DAB+ and DRM systems. According
0 (C32) withM = ¥ m = 6or3,¢q =15 M) = 17, and A5 = 67, the
arithmetic complexity of forward TDAC-MDCT computation is 4928 and 14,784
additions for the long block, and 436 multiplications and 1308 additions for the
short block.

When the fast even-length DCT-II/III computational structure is used, accord-
ing to (C.8) the arithmetic complexity of forward TDAC-MDCT computation is
3968 and 13,825 additions for the long block, and 316 multiplications and 1189
additions for the short block. In both cases, the backward TDAC-MDCT with
overlap/add operation requires exactly the same number of arithmetic operations.

e Issued ITU-T G.722.1 [21], ITU-T G.722.1C [25], G.719 [26], G.718 and
G.729.1 [23] speech codecs, 3GPP2 EVRC-WB [17] vocoder, and ITU-T G.EV-
VBR standard [22, 24] have adopted the TDAC-MDCT filter bank (actually the
modulated lapped transform with associated sine windowing function [33]) with
the length N = 640. Compared to ITU-T G.722.1, in the ITU-T G.722.1C speech
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codec the transform length is doubled to N = 1280. Since block lengths are again
composite numbers, i.e., 640 = 27 x 5 and 1280 = 2% x 5, the composition of
fast even-length DCT-IV computational structure with the permutation defined
by (8.33) for x, = u,, and efficient 5-point DCT-II/III modules provides the
efficient implementation of forward/backward TDAC-MDCT in speech commu-
nications codecs. The required efficient 5-point DCT-II/III modules are presented
in Appendix D.7. According to (C.32) with M = ¥, m = 6,q = 5, M;I = 4,
and AISI = 13, the arithmetic complexity of the forward 640-point TDAC-MDCT
is 1536 multiplications and 4288 additions. The arithmetic complexity of the
forward 1280-point TDAC-MDCT is 3392 multiplications and 9536 additions.

When the fast even-length DCT-II/III computational structure is used, accord-
ing to (C.8) the arithmetic complexity of forward TDAC-MDCT computation is
1216 multiplications and 3969 additions. In both cases, the backward TDAC-
MDCT with overlap/add operation requires exactly the same number of arith-
metic operations. The associated modified sine windowing function which is
piecewise symmetric is shown in [18].

8.7 Summary

Definitions of the analysis/synthesis LD-MDCT (and TDAC-MDCT) filter banks,
general symmetry properties of LD-MDCT block transforms both in the time and
frequency domains, relations between the LD-MDCT and TDAC-MDCT transforms
both in the analytical forms and in the equivalent matrix representations, and effi-
cient implementations of the even-length analysis/synthesis LD-MDCT filter banks
have been presented. For each fast LD-MDCT algorithm the complete formulae are
derived. Relations between the LD-MDCT and TDAC-MDCT transforms enable us
to map the LD-MDCT into TDAC-MDCT block transform. This fact provides the
unified approach to efficiently implement both the LD-MDCT and TDAC-MDCT
block transforms in state-of-the-art MPEG audio codecs. All the fast even-length
LD-MDCT algorithms, TDAC-MDCT-based and without mapping the LD-MDCT
to TDAC-MDCT, have been investigated and compared in terms of arithmetic
complexity and structural simplicity.

Problems and Exercises

1. Following the procedure used in Eq. (8.9), reduce the 2N-point forward
LD-MDCT block transform given by (8.11) to the N-point forward LD-MDCT.
2. Verify the even anti-symmetry property of LD-MDCT frequency coefficients

{c} given by (8.12).
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10.

11.

12.

13.
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. Verify the symmetry property of time domain aliased data sequence {)%:D} given

by (8.13).

. Consider the forward LD-MDCT block transform defined by (8.10). Verify the

simplified relation between the forward LD-MDCT and the forward TDAC-
MDCT block transforms given by (8.24).

. Consider the backward LD-MDCT block transform defined by (8.14). Verify

the simplified relation between the backward LD-MDCT and the backward
TDAC-MDCT block transforms given by (8.25).

. Following the procedure used in Eq. (8.36), derive the fast TDAC-MDCT-based

algorithm for backward LD-MDCT computation from Eq. (8.23).

. Implement by a computer program the TDAC-MDCT-based fast forward LD-

MDCT algorithm defined by (8.34) and (8.35), and TDAC-MDCT-based fast
backward LD-MDCT algorithm defined by (8.37) and (8.39) for N = 2", m >
2. Note that in the efficient implementation you can use either a fast 2"-
length DCT-IV computational structure or a fast 2”-length DCT-IV/DCT-II
computational structure.

. Implement by a computer program the improved TDAC-MDCT-based fast

forward LD-MDCT algorithm defined by (8.42) and (8.43), and improved
TDAC-MDCT-based fast backward LD-MDCT algorithm defined by (8.45)
and (8.46) for N = 2", m > 2.

. Implement by a computer program the fast forward LD-MDCT algorithm

defined by (8.51) and (8.53), and fast backward LD-MDCT algorithm defined
by (8.45) and (8.46) for N = 2™, m > 2.

Compare all fast LD-MDCT algorithms (see 7, 8, and 9 above) in terms of
structural simplicity.

Implement by a computer program the efficient 15-point PFA DCT-II/III
module represented by the signal flow graph shown in Fig. D.1 in Appendix D.7.
Thereby you can verify its correctness and also you will need it for the efficient
implementation of fast LD-MDCT algorithms for N = 960.

Implement by a computer program the efficient 15-point WFTA DCT-II/III
module represented by the signal flow graph shown in Fig. D.2 in Appendix D.8.
Similarly, you can verify its correctness and you will need it for the alternative
efficient implementation of fast LD-MDCT algorithms for N = 960.
Implement by a computer program the TDAC-MDCT-based fast forward
LD-MDCT algorithm defined by (8.34) and (8.35), and TDAC-MDCT-based
fast backward LD-MDCT algorithm defined by (8.37) and (8.39) for the
composite length N = 2" x 15, m > 0. In the efficient implementa-
tion you can use either a fast even-length DCT-IV computational structure
or a fast even-length DCT-IV/DCT-II computational structure. The required
efficient 15-point PFA DCT-II/IIT module is presented in Appendix D.7, or
alternatively, the efficient 15-point WFTA DCT-II/III module is presented in
Appendix D.8.
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14.

15.

16.

17.

18.

19.

20.

Implement by a computer program the improved TDAC-MDCT-based fast
forward LD-MDCT algorithm defined by (8.42) and (8.43), and improved
TDAC-MDCT-based fast backward LD-MDCT algorithm defined by (8.45)
and (8.46) for the composite length N = 2" x 15, m > 0. In the implementation
use the efficient 15-point PFA DCT-II/III module, or alternatively, the efficient
15-point WFTA DCT-II/III module.

Implement by a computer program the fast forward LD-MDCT algorithm
defined by (8.51) and (8.53), and fast backward LD-MDCT algorithm defined
by (8.45) and (8.46) for the composite length N = 2" x 15, m > 0.
In the implementation use the efficient 15-point PFA DCT-II/III module, or
alternatively, the efficient 15-point WFTA DCT-II/III module.

Compare all fast LD-MDCT algorithms (see 13, 14, and 15 above) in terms of
structural simplicity.

The direct fast mixed-radix TDAC-MDCT algorithms for composite lengths
2" x g", m, n > 0, with g = 3,5, and 9 have been developed in [15, 16].
In order to be used for the composite length 960 = 2° x 15 = 2° x 30, an
efficient 30-point TDAC-MDCT module has to be derived. Try to derive the
efficient 30-point TDAC-MDCT module. Then, the composition of 2"-length
fast TDAC-MDCT algorithm [16] and the efficient 30-point TDAC-MDCT
module provides the efficient implementation of the TDAC-MDCT (LD-
MDCT) for composite lengths N = 2" x 30, m > 0. Implement by a
computer program the improved TDAC-MDCT-based fast forward LD-MDCT
algorithm defined by (8.42) and (8.43) based on the fast mixed-radix TDAC-
MDCT algorithm. Finally, investigate its arithmetic complexity and compare
with previous efficient implementations.

Based on the fast even-length DCT-IV (or DCT-IV/DCT-II) computational
structure with permutation defined by (8.33) for x, = u,, and 15-point PFA
or WFTA DCT-II/III module, implement the forward/backward TDAC-MDCT
computation for the composite lengths N = 1920 and 240.

Implement by a computer program the efficient 5-point DCT-II/III modules
presented in Appendix D.7. You will need them for the efficient implementation
of fast TDAC-MDCT algorithms for N = 640.

Based on the fast even-length DCT-IV (or DCT-IV/DCT-II) computational
structure with permutation defined by (8.33) for x, = u,, and efficient 5-
point DCT-II/IIT modules (see Appendix D.7), implement the forward/backward
TDAC-MDCT computation for the composite length N = 640.
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Chapter 9
Integer Approximate Cosine/Sine-Modulated
Filter Banks

9.1 Introduction

Digital image/video/audio signals to be processed are quantized into M-bit rep-
resentations and hence, are integer-valued. Specifically, for digital audio signals
M = 16, 21 or M = 24 for high amplitude resolution signals. But the
perfect reconstruction cosine/sine-modulated filter banks and cosine-modulated
QMF banks are real-valued transforms which map integer signal into real-valued
spectral coefficients. Although their fast algorithms reduce the computational
complexity, due to floating-point finite-length representation and corresponding
rounding-off errors, they cannot be used for lossless audio coding. Indeed, almost
all modern perceptual audio coding schemes developed so far operate in floating-
point arithmetic and therefore, are lossy in nature [78]. However, some audio coding
applications require completely lossless preservation of the audio signal. In general,
there exist at least three approaches to lossless audio coding. The first approach is
using the linear (adaptive) prediction coding methods [2, 5, 32], and the second
is transform-based perceptual coding approach [4, 8]. Third approach to realize
the transform-based lossless audio coding is using a number theoretic transform
such as the discrete Mersenne and Fermat transforms which are inherently integer
transforms [1]. For large transform sizes, however, the number theoretic transforms
require a large number of bits to represent the spectral coefficients. Moreover, the
modulo arithmetic has to be employed [83].

Due to achieving the high compression ratios and relatively high-quality decoded
audio of lossy codecs, further research has been focused to design a transform-
based perceptual audio coding scheme extended to lossless coding. The basic
principles of transform-based perceptual lossless audio coding scheme have been
suggested in [4, 6-8]. Having a lossy perceptual audio codec as a core codec,
in the encoder the input audio signal is transformed into frequency domain by a
forward transform, and spectral coefficients are quantized (rounded to the nearest
integers). Duplicating the decompression steps at the decoder side, i.e., applying
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the inverse transform to integer spectral coefficients followed by dequantization
results in a residual error defined as the difference between the reconstructed and
original signal. This residual error is fed into a lossless bit-conversion module
for lossless coding, and finally is transmitted along with entropy coded integer
spectral coefficients. In the decoder, the original reconstructed signal is obtained
by adding signal reconstructed from lossy compression and lossless coded residual
error provided that the implementation of inverse transform and dequantization is
identical to that of the encoder.

All perfect reconstruction cosine/sine-modulated and cosine-modulated QMF
filter banks in the existing international audio/speech coding standards and pro-
prietary audio compression algorithms are used for larger transform sizes, typ-
ically N = 64, 128, 256, 512, 1024, 2048, 4096 for 2"-lengths, or N =
240, 640, 960, 1280, 1920 for mixed-radix (composite) lengths. In this book it
has been shown that the fast algorithms/computational structures for their efficient
implementation are based on the discrete sinusoidal unitary transforms of reduced
sizes, specifically, discrete cosine transforms of types I, III and IV (DCT-II, DCT-
III, DCT-IV), and discrete Fourier Transform (DFT) or its FFT algorithm. An
enabling technology for transform-based lossless audio coding is the integer trans-
form. Generally, integer transform is a transform which maps integers to integers by
a reversible (invertible) way so that it preserves all mathematical properties of the
original real-valued transform such as perfect reconstruction, energy compaction
property, and fast algorithm. Indeed, the integer modified discrete cosine transform
(IntMDCT) or integer modulated lapped transform (IntMLT) enabled to design and
implement this innovative coding technology for scalable lossy to lossless audio
coding [68, 71]. The latest emerged MPEG standards for lossless audio coding
support two formats: MPEG-4 Audio Lossless Coding (MPEG-4 ALS) [3, 5],
MPEG-4 Scalable Lossless Coding (MPEG-4 SLS) [63, 68], and MPEG-4 High-
Definition Scalable Advanced Audio Coding (MPEG-4 HD-AAC/SLS) [59]. ALS
based on linear predictive coding supports only lossless compression whereas SLS
and HD-AAC/SLS support a scalable to lossy compression in which the bit stream
includes an AAC lossy representation for fast transcoding [32].

In this chapter, the local and global methods to integer approximation of
perfect reconstruction cosine/sine-modulated filter banks and cosine-modulated
QMF banks are discussed in detail. They are based on computational methods
of linear algebra, matrix theory, and matrix computations, and in particular, on
(block) matrix decompositions. In fact, the scalar and block matrix decompositions
are powerful mathematical tools to construct the reversible (invertible) integer
transforms. Discussed approximation methods enable to construct the complete
integer analysis/synthesis filter banks for designing/building a transform-based
lossless audio coding scheme. In general, any integer filter bank can be constructed
as long as has a fast algorithm. Selected basic material from linear algebra and
matrix theory which is fundamental for understanding approximation methods is
presented in Appendix A.
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9.2 Integer Transforms and Integer Filter Banks

Basic theory and methods developed for the integer approximation of discrete
sinusoidal orthogonal (unitary) transforms, such as the DFT, the discrete Hartley
transform (DHT), discrete cosine, and sine transforms (DCT/DST), are well
described in [9, 12-14, 1618, 21, 23-27]. In general, the discrete sinusoidal trans-
form to be integer approximated is represented by the corresponding orthogonal
(unitary) matrix or alternatively, by a rotation-based (recursive) sparse block matrix
factorization of the transform matrix. Principally, there are two basic approaches to
construct the integer transform [9]:

» By directly replacing the real-valued elements of the transform matrix by M-bit
integers or by dyadic rational numbers so that all its mathematical properties are
preserved. However, this approach is rather suitable for small transform sizes,
typically for N = 4, 8 and 16. Indeed, the 8- point integer DCT (IntDCT) is
used in the state-of-the-art international image/video coding standards [11, 15].
For larger transform sizes when N > 16, which are typically used in the
international audio coding standards, the complexity of derivation of integer
transform increases significantly, and hence the transform size is the main
limiting factor of this approach to integer approximation.

* In the theory of fast algorithms a rotation-based (recursive) sparse block matrix
factorization of the transform matrix defines a fast computational structure
for its efficient implementation. Then a given transform can be approximated
and implemented by a reversible integer-to-integer mapping or by a reversible
integer transform as follows: Each 2 x 2 Givens—Jacobi rotation matrix is
factored into a product of the so-called Gauss elementary matrices being the
unit lower and upper triangular matrices (see Appendix F.2). The factored unit
triangular matrices define computational structures for the efficient computation
of 2 x 2 Givens—Jacobi rotations. For the reversible (invertible) integer approx-
imation of the Givens—Jacobi rotation all off-diagonal elements in the factored
unit triangular matrices are approximated by dyadic rational numbers (dyadic
approximation), or alternatively, the computation is realized in the floating-
point arithmetic followed immediately by the rounding operator (rounding
to the nearest integer) applied to components of a rotated vector. However,
the dyadic approximation as well as the approximation by rounding operator
introduce an approximation error in each step. Although this approach offers
simple and elegant solution to reversible (invertible) integer approximation of
the transform, the resulting approximation error accumulated through the stages
of fast computational structure becomes considerable for large transform sizes.
Again, this approach is rather suitable for small transform sizes.

A comprehensive overview of integer approximation methods for the short-
length DCT can be found in the book [9], for the short-length FFT in [23-27], and
an overview of the latest research results in the short-length DCT approximations
can be found in [11, 20].
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In general, there are three essential aspects which we must take into account to
the integer approximation of a complete analysis/synthesis filter bank in comparison
with the integer approximation of the discrete sinusoidal unitary (orthogonal)
transform:

* While the discrete sinusoidal transform is represented by the corresponding
unitary (orthogonal) matrix or alternatively, by a rotation-based (recursive) sparse
block matrix factorization of the transform matrix, the complete analysis and
synthesis filter banks consist of several procedures which have to be integer
approximated separately. Specifically, the analysis filter bank consists of the
windowing procedure (multiplying the original audio data block by a real-valued
windowing function), the time domain aliasing (TDA) procedure followed by a
forward orthogonal block transform to compute the frequency coefficients. On
the other hand, the synthesis filter bank consists of the inverse orthogonal block
transform, and the windowing and overlap and add procedure or the time domain
aliasing cancellation (TDAC) procedure to reconstruct the original audio data
block.

* Almost all perfect reconstruction cosine/sine-modulated and cosine-modulated
QMF filter banks in the existing international audio/speech coding standards and
proprietary audio compression algorithms are used for larger transform sizes,
typically N = 64, 128, 256, 512, 1024, 2048, 4096 for 2"-lengths, or N =
240, 640, 960, 1280, 1920 for mixed-radix (composite) lengths. Perhaps the
only exception is the MLT filter bank (or equivalently the MDCT filter bank
associated with the sine windowing function), which is used in the MP3 audio
coding standard with the mixed-radix lengths N = 12 (short block) or N = 36
(long block).

e All perfect reconstruction cosine/sine-modulated and cosine-modulated
QMF filter banks discussed in this book are always converted to the
orthogonal/orthonormal DCT-IV or DCT-II/IIl transforms of reduced sizes,
providing thus their efficient implementation. Therefore, the design of fast DCT-
IV and DCT-II/III computational structures for radix-2 and in particular, for
mixed-radix (composite) lengths is very important for the integer approximation
of filter banks in terms of the approximation accuracy and computational
efficiency for lossless audio coding.

9.2.1 Desired Properties of Integer Transforms

In order to develop a progressive to lossless audio codec from a conventional
lossy perceptual audio codec, in general, the key step is to replace the real-
valued filter bank with its reversible (invertible) integer counterpart followed by
replacing the entropy coding module with a lossless embedded entropy coding
module (the quantization step is eliminated) [37, 38, 45, 46]. An ideal or optimal
reversible (invertible) integer transform for lossless audio coding should preserve
all mathematical properties of the original real-valued transform and should have
the following properties [37, 38, 45, 46]:
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1. Integer-to-integer mapping: The integer transform maps integer signal to
integer frequency coefficients by one-to-one correspondence, i.e., each input
value is mapped into one and only one output value, and vice versa.

2. Perfect reconstruction: By applying the forward and backward integer trans-
forms the integer signal is exactly reconstructed from the integer frequency
coefficients without any error.

3. Constant data volume: The dynamic range of output data is the same as that of
the input data.

4. Energy compaction property: The integer transform compacts most of energy
to a low number of frequency coefficients.

5. Fast algorithm: The forward and backward integer transforms are efficiently
implemented by a fast computational structure.

6. Minimal difference between the exact and approximated spectral values:
The frequency coefficients of integer transform should be as close as possible to
those of the original real-valued transform.

Properties (1) and (2) ensure that the integer transform is indeed reversible. The
property (3) requires that the reversible integer transform be designed with reference
to a concept of normalized transform. The normalized transform is associated with
an orthogonal sparse (recursive) matrix factorization of a transform matrix 7', or
more exactly, it is associated with the unit determinant of transform matrix 7. A
valid reversible integer transform represented by the transform matrix 7' cannot
have determinant det(7T) < 1, because such a transform will compact the data,
i.e., multiple input integer values will be mapped to one output integer value,
which contradicts the reversibility property. On the other hand, a reversible integer
transform represented by the transform matrix T having determinant det(7') > 1
will expand the input data set by a factor of |det(T)| in the output data set.
Therefore, a desired property of the reversible integer transform is that det(7") = 1
[46]. The property (4) ensures the high coding gain for audio data compression.
The property (5) guarantees the minimal computational complexity of the integer
transform. Finally, the property (6) implies that the difference between the exact
and approximated frequency coefficients defined as a quantization noise is minimal.

As a summary, all properties (1)-(6) imply that the performance of integer
transform should be as close as possible to that of the original real-valued transform
[37, 46].

9.2.2 Normalized (Integer) Transform

When a transform is applied to a data block it has to be normalized to preserve the
energy of input signal in the frequency domain. In the case of DCT-II, DCT-III and
DCT-IV the normalization factor is y/2/N [9], and in the case of DFT the normal-
ization factor is 1/ /N, where N is order of the matrix [41]. Then such normalized
DCT-II, DCT-III, and DCT-IV matrices for N > 2 are orthonormal and their deter-
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minants are unity. Such matrices are also called the unit matrices [9]. The normal-
ized DFT matrix is symmetric and unitary and its determinant is a complex number
whose modulus is one [26]. The concept of normalized transform is based on an
orthogonal (recursive) sparse block matrix factorization of the transform matrix.
For the normalized transform all factored matrices including butterfly ones have to
be orthogonal. Orthogonal butterfly matrices are actually trivial rotation matrices
with the rotation angle 7. Consequently, no final normalization is needed and the
dynamic range of the output frequency coefficients is the same as for the input
signal. The orthogonal (recursive) sparse block matrix factorization of the transform
matrix implies that the determinant of transform matrix is one. However, the
existence of orthogonal butterflies in a corresponding fast computational structure
increases the total computational complexity of the normalized transform [27, 46].

Similarly, if the corresponding integer transform is used for lossless coding
applications, it has to be normalized. Naturally, the normalized integer transform is
also associated with the orthogonal (recursive) sparse block matrix factorization of
the transform matrix. Due to realization of orthogonal butterflies by trivial rotation
matrices with the rotation angle 7, the error caused by integer approximation
increases too. In the case of long transforms this approximation error, i.e., the
difference between exact and approximated transform derived in some measure such
as the minimum square error (MSE), becomes considerable. The total accumulated
approximation error propagated through the stages of fast computational structure
has a significant impact on the lossless coding efficiency [27, 46].

9.2.3 Quality Measures of Integer Transforms for Coding

The reversible (invertible) integer transforms for lossless audio coding have two
quality measures of coding [36, 41, 51]:

e The approximation error: Since integer transforms map the integer signal
to integer frequency coefficients they are only approximations of the original
real-valued transforms. The approximation error results from an accumulation
of rounding errors in the approximated trivial and Givens—Jacobi rotations. As
a result, the coding efficiency and hence compression ratio is limited by the
approximation error, especially at higher frequencies, where audio signal usually
has a very low energy.

e The computational complexity: This is a very important measure because
in audio coding applications large size transforms are used, and in general,
the computational complexity of integer transform is higher than that of the
corresponding original real-valued transform.

An important factor for the approximation error is the total number of round-
ing operations applied to approximated rotations in succeeding stages of a fast
computational structure. Every rounding operation introduces a rounding error
which is interpreted as an approximation error of integer transform. Even though
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this approximation error can be canceled out by the backward transform, the
approximation error is accumulated and spreads in the frequency domain. Since
all spectral coefficients have to be encoded this accumulated approximation error
has an impact on lossless coding efficiency. Specifically, for the high frequency
range, where audio signals usually contain a rather small amount of energy, the
approximation error can be larger than the actual signal. The impact is more critical
for larger transform sizes. Consequently, this fact becomes the main limiting factor
for lossless coding efficiency [41, 51].

We recall that the discrete transforms in their fast computational structures
contain butterflies being the trivial rotations with elements £+ 1. For integer
transforms these trivial rotations have to be modified since they result in an
expansion of range of data. They are, therefore realized by the rotations with angle
7 This is a reason, why the computational complexity of integer transforms is
higher than that of the corresponding original real-valued transforms. Therefore, in
order to improve the performance of reversible integer transform with the associated
fast computational structure it is desirable to minimize as much as possible [36]:

* The approximation error by minimizing the total number of rounding operations,
e Computational complexity.

9.2.4 Orthogonal Recursive Sparse Block Matrix
Factorizations

We mentioned that the normalized integer transform is associated with the orthog-
onal (recursive) sparse block matrix factorization of the transform matrix. Since
all perfect reconstruction cosine/sine-modulated and cosine-modulated QMF filter
banks discussed in this book are always converted to the orthogonal DCT-IV or
DCT-II/III transforms of reduced sizes, in the following subsections are presented
orthogonal (recursive) sparse block matrix factorizations of DCT-II, DCT-III, and
DCT-1V matrices which we will need for the integer approximation of complete
analysis/synthesis filter banks. In addition, since the DCT-IV of the length N can be
implemented via the complex DFT of half size with identical pre- and post-rotation
stages [82], the unitary recursive sparse block matrix factorization of the DFT matrix
is also included.

9.2.4.1 Orthogonal Recursive Sparse Block Factorization of DCT-II/IIL
Matrices

The orthogonal recursive sparse block matrix factorization of the DCT-II matrix of
order N denoted by C, ,(, with a scaling factor of +/2 has been reported in [84]. For

N = 2", m > 1, the scaled matrix CJZ(, can be factored into the following product of
orthogonal block matrices [9, 84], pp. 97-98:
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1dent1ty matrix, C y is the DCT II matrix, and C y is the DCT IV matrix, all of order

PN is a permutatlon matrix of order N Wthh when applied to a data vector
corresponds to the reordering

- - N
Xn = Xons XN 4, = Xonts n=0,1,...,5—1. 9.2)

Note that PIT\, = P_1 All factored block matrices on the right-hand side of (9.1)

11 .. . .
are orthogonal. Since [CN]T [CN] I = C,, by transposition or inversion of (9.1)
we obtain the orthogonal recursive sparse block matrix factorization of the inverse

scaled DCT-II matrix, the scaled DCT-III matrix Cl 1:,1

9.24.2 Orthogonal Recursive Sparse Block Factorizations of the DCT-IV
Matrix

Now we derive two simple and useful recursive fast DCT-IV algorithms. The first
algorithm is derived by the decimation-in-frequency (DIF) decomposition method,
and the second one is derived by the decimation-in-time (DIT) decomposition
method. Each fast algorithm defines a recursive sparse block matrix factorization
of the DCT-IV matrix and this fact enables us to construct the corresponding
orthogonal recursive sparse block matrix factorization of the DCT-IV matrix.

Let the unnormalized forward and inverse DCT-IV transforms be defined,
respectively, by Egs. (C.9) and (C.10) in Appendix C.2, and let N being the length
of transform be an even integer.

A. Fast DIF Recursive DCT-IV Algorithm

Following the DIF decomposition method used for the derivation of a mixed-radix
fast MDCT algorithm [87], consider the following two algebraic expressions:

v v v v N
Ay = Cop + Copaqs by = ¢y — Copu s k=0,1,...,3—1, 9.3)
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where
ax = I:Z;éxn (cos [%(4[( + )(2n + 1)] + cos [%(416 +3)2n + 1)]) .
by = :IX;;XH (cos [%(4]{ + 1)(2n + 1)] — cos [%(41{ +3)(2n + 1)]) ,
N
k=015~ ©.4)

Using the trigonometric identities for the sum and difference of cosines we get

N—
2 Z(xn M) cos [%(2k+ (2n + 1)],

- 4N
= 7(2n+1) b1
=2 ; (xn sin T) sin [ﬁ(2k+ (2n + 1)],
N
k=0,1,...,§—1. 9.5)

Substituting N — 1 — n for n into both equations of (9.5) we have

Y1

e ( 7(2n+ 1) . 7(2n+ 1))
ay =2 Xy COS —————= — Xy_|—p SIN ————=
= 4N 4N

cos |:4(N/2) 2k + 1)(2n + 1)]
. 7(2n+1) 7(2n+1)
by =2 ( n——i—x__ncos—)
k ; AN N—1 AN
sin [4(N/2) Qk + 1)2n + 1)]
k:O,l,...,%V—l. (9.6)

The cosine transform kernel in the first equation of (9.6) for {a;} corresponds to an
%V-point DCT-1V, while the sine transform kernel in the second equation of (9.6) for
{by} corresponds to an %’-point DST-IV. Exploiting the relation between the DST-IV
and the DCT-1V defined by (C.13) in Appendix C.2 we have
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N

Ny
n . t(2n+1) 7(2n+1)

by = Z(—l) (xn $in —— 7 + Xy—1n COS —

n=0

T
cos |:4(N/2) k+ DH(2n+ 1):| ,

N
k=0.1....0~1L 9.7)

Then the complete formulae of fast DIF recursive DCT-IV algorithm are defined as

-1
ax = ; u, cos [4(;/2) 2k+ 1)(2n + 1)i| ,
g ) N
by 4= ;(—1)"% cos [4(1\//2) (2k+ 1)(2n + 1)} k=01, o=,
(9.8)
where
U, = X, COS T@n+ D) — XN—]—p SID w
4N 4N

Up = Xy sin% + XN—1—n cos%, n=0,1,...,%’—1,(9,9)

and based on (9.3) the final DCT-IV coefficients are given by

O = +bi, ey =a—b,  k=0,1,...,=—1. (9.10)

N
2
Thus, the N-point DCT-IV is decomposed into the block of %’ Givens—Jacobi
rotations, two %’—point DCTs-1V, and the post-butterfly stage. The decomposition
may be performed recursively until the short-length DCTs-IV remain. The fast DCT-
IV computational structure derived by the DIF decomposition method for N = 6 is
shown in Fig.9.1.

The fast DCT-IV computational structure shown in Fig. 9.1 defines the recursive

. . . Vv
sparse block factorization of the matrix C, N as

v
v Iﬁ J Cﬁ 0
=P 2 2
=i (Jy -1 ) 0 Cl (
2

where Gy is the rotation matrix (Givens—Jacobi rotations) of order N given by

L]
S oz

0
A1
D’ZJEV) Gy, O.11)

[N
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Fig. 9.1 The fast DCT-IV computational structure derived by the DIF decomposition method for

N=6
T s T
oS 7y . 0 . —sin 75
U b JT
COs N — Sin N
WN=Dr _ . (N—Dm
COS 7 —sin ———
0 0
Gy = , (9.12)
. (N—Dr (N—Drx
sin =~ €08 5
- 31 3
sin 4% oS 1y
: T T
sin 75 0 cos 75

and D% = diag{(-1)*}, k = 0.1,..., %’ — 1 is the diagonal odd-sign changing
matrix of order % Py is a permutation matrix of order N which reorders the
transform coefficients such that the first half are even-indexed coefficients in natural
order, while the second half are odd-indexed coefficients but in reverse order. Then,
based on (9.11) and (9.12) the first orthogonal recursive sparse block factorization
of the DCT-IV matrix Cl,: is defined as

v V2 (Iy Ty dgvo Iy 0
dN_PN7 I 1, o ¢ |0, Gy. (9.13)

Nz NIz
|
~

©[z



496

9 Integer Approximate Cosine/Sine-Modulated Filter Banks

B. Fast DIT Recursive DCT-IV Algorithm

Dividing the input

data sequence {x,} into two parts, specifically into the even-

indexed and odd-indexed samples, we have [74]

v
¢ =

Y1
2
Z)Czn cos [l(Zk + 1)(4n + 1)]
n=0 AN

¥
+ go Xop41 COS [%v(ﬂc + 1)(4n + 3)]
- 3
Y X cos [—(Zk F DR+ 1) — 1]]
= 4N

-1

7

n ’;xw cos [m(zk FDRCa+1) + 1]] :

k=0,1,...,N—1. 9.14)

Using the trigonometric identities for cosines of sum and difference of angles after
some algebraic manipulation we get

2k + 1 2k + 1
v Suak_i_sinwb

c, = CO
k 4N

where

N
¥

, k=0,1,...,N—1, 9.15
v k (9.15)

a = Z(xzn + Xont1) cos [L(Zk + 1)(2n + 1)] ,

n=0

N
¥

4(N/2)

bi=Y (20— x2011) sin[ il (2k+1)(2n+1)]k:0,1,...,N—1.

n=0

4(N/2)
(9.16)

The cosine transform kernel in the first equation of (9.16) for {a;} corresponds to
an %—point DCT-1V of {x;, + x2,+1}, while the sine transform kernel in the second
equation of (9.16) for {b;} corresponds to an %-point DST-IV of {x2, — x2n+1}-
Similarly, exploiting the relation between the DST-IV and the DCT-1V defined by
(C.13) in Appendix C.2 we have
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N
¥

b%—l—k = ngo(—l)"(xzn — X2n+1) COS [4(]\7/2) 2k+ 1)(2n + 1)] ,

N
k=0,1,...,5—1. (9.17)

Substituting N — 1 —k for & into (9.16) we find that the data sequences {a;} and {b;}
have the following symmetry properties

N
ayp = —AN—1—k, bk = bN—l—ka k= 0, 1, ey 5 - 1, (918)

and substituting N — 1 — k for k into (9.15) and using (9.18), we finally obtain

2k + 1 2k + 1 N
v inuak+cosubk’ k=0’1""’5_1'

N—1—-k = AN AN
(9.19)

Then the complete formulae of fast DIT recursive DCT-IV algorithm are defined as

N
Uy = X2 + X241, Uy = (=1)" (%20 — X20+1), n=0,1,. g T 1,
(9.20)
and
g1 )
=Y u, X _@k+D@n+ 1.
ag nzou COS[4(N/2)( +1)(2n+ ):|
Y
b 2 " 2k+D@n+1) k=01, Y4
= v, COS n , =0,1,...,— —1.
Bk T 4(N/2) 2
9.21)

The final DCT-IV coefficients are given by

2k + 1 2k + 1
IV— Cosuak+sinﬂ——i_)b

“ = 4N N
2%k +1 2k +1 N
N —sinn(4—1\—7H ar +cosn(4—1\—7H b k=0.1.....2 —1.(922)
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Fig. 9.2 The fast DCT-IV computational structure derived by the DIT decomposition method for
N=6

Thus, the N-point DCT-1V is decomposed into the pre-butterfly stage, two %’—point
DCTs-1V, and the block of % Givens—Jacobi rotations. Again, the decomposition
may be performed recursively until the short-length DCTs-IV remain. The fast DCT-

IV computational structure derived by the DIT decomposition method for N = 6 is
shown in Fig. 9.2.

The fast DCT-IV computational structure shown in Fig. 9.2 defines the recursive
sparse block factorization of the DCT-IV matrix C, A‘,/ as

C]V_GT CI%VO I%O 1
VoML oe o )\ oDy )1

2

—I

[N ST

Iy
2 ) Py, (9.23)
N
3

where GIT\, is the transposed rotation matrix GJTv defined by (9.12). Note that Gy =
G;,l. Py is a permutation matrix of order N defined by (9.2). Then based on (9.23)
the second orthogonal recursive sparse block factorization of the matrix C;\‘,/ is

defined as
CW 0 Iv 0 V2
v T N N 2 (Inv In
= 2 2 X202 "3 Py 24
=l g (‘”’@) 2 (’r’@) v
2



9.2 Integer Transforms and Integer Filter Banks 499

Note 1: Since the DCT-IV matrix is symmetric and self-inverse, i.e., Cx = [Cx 1" =
[Cx]_l, by transposition or inversion of (9.13) and (9.24) we obtain alternative
orthogonal recursive sparse block factorization of the matrix C:,/.

Note 2: The fast DCT-IV computational structures derived by DIF and DIT
decomposition methods are identical both for the forward and inverse DCT-IV
computation. For the N-point DCT-IV computation their computational complexity
is given by

3N
R

5N
My =2 M)y + Ay =2A% + =,
2 2 2
where M'AY denotes the number of multiplications and A;\t denotes the number of
additions with the following initial values: For 2"-lengths M;V = 3 and AIZv = 3,
while generally if N is even, M;V = 1 and A;V = 6 and 1 shift for the scaled 3-point

DCT-1V (see Appendix D.6).

9.2.4.3 Unitary Recursive Sparse Block Factorization of the DFT Matrix

Let Fy be the DFT matrix of order N with elements {1/+/N e_i2ﬂT'1k}, where i =
v—landn, k=0,1,...,N—1[24,25]. Then Fy can be factored into the following
product of unitary block matrices [27, 41]:

Fy 0 In 0\ V2 [Iy Iy
= 2 2 B 2 2
e ( 0 F)(" W@) 2 (’@ —’y)’ o

where Py is the bit-reversal permutation matrix, F y is the DFT matrix of order

%V, and W% is a diagonal matrix of order % defined as Wy = diag{e_i%}, k =

0,1,..., %’ — 1. Complex multiplications by each complex twiddle factor in the

matrix W y can be converted to the Givens—Jacobi rotations (see Appendix F.4).
Note that the normalized DFT matrix is symmetric, i.e., FIT\, = Fy, and is unitary,

*

ie,Fy = F\, ,Fy Fy = Fy Fy = Iy, where the symbol * denotes complex
conjugation [26].

9.2.5 Fast MDCT and MLT Analysis and Synthesis Filter
Banks

The complete analysis and synthesis MDCT filter banks are, respectively, defined
as [85]
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c;(”_\/»Zw,,xn cos[N(2n+1+ )(2k+1)]

N
k=0,1,...,— —1, (9.26)
2
g
22):\/7%, ch cos[ (2n+1+ )(2k+1)i|
n=01,...,N—1, (9.27)

where {x } is the input data sequence, {ck } are the MDCT transform coefficients

and {x,Z } is the time domain aliased data sequence. The superscript () denotes
the data-block number, and {w,} is a symmetric windowing function. The anal-
ysis/synthesis MDCT filter bank implicitly associated with the sine windowing
function is the analysis/synthesis MLT filter bank [82]. In the analysis filter bank
given by (9.26), for the data block ¢, N windowed time domain samples {x:)} are

used to calculate % unique transform coefficients {cz)}. Vice versa, the rth data

block of % transform coefficients {c;:)} is used to calculate N windowed time domain

aliased samples {fci:)} with the synthesis filter bank given by (9.27).

In the analysis MDCT filter bank two succeeding data blocks ¢ and ¢ + 1
are overlapped by % samples so that for each data block % new time domain
samples are processed For a smooth block overlapping a windowing function {w,}
is applied to {x } and {x, o )} the so-called windowing and overlap procedure.
By applying analysis and synthesis MDCT filter banks, a time domain aliasing
error is introduced. The aliasing error is canceled out (or perfect reconstruction
is accomplished) by adding outputs of the synthesis MDCT filter bank of two
succeeding windowed data blocks 7 and ¢ + 1 in the overlapped part, the so-called
windowing and overlap and add procedure, or also called the time domain aliasing

cancellation (TDAC) procedure as follows:

t t NG Al N
G0 =3 1A a=01,. = L. (9.28)

N N ’
n N N n
5+n > +n

To ensure TDAC, the windowing functions of two succeeding data blocks have to
satisfy the so-called perfect reconstruction conditions in their overlapped part. A
sufficient condition for TDAC is given by Princen et al. [85]
2 2 _ 2 2 _
w, + Wy, = 1, or w,+ Wy, = 1,

N
W = WN—1—p, OF Wy, =Wy _j_, n=20,1,..., 3" 1. (9.29)
Thus, the analysis MDCT filter bank given by (9.26) in processing two adjacent

overlapped data blocks {xf;)} and {x:+l)} consists of the windowing and overlap
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procedure and transforming adjacent data blocks by the forward MDCT block
transform (realized by a fast DCT-IV computational structure). Vice versa, the
synthesis MDCT filter bank given by (9.27) in processing two adjacent blocks of
transform coefficients {cz)} and {CZH)} consists of the backward MDCT transfor-
mation of coefficients (realized by the fast DCT-IV computational structure) and the
windowing and overlap and add procedure to perfectly reconstruct the original data
sequence in the overlapped part.

In the following subsections we will present the fast analysis and synthesis
MDCT filter banks associated with an arbitrary symmetric windowing function {w, }
which satisfies the perfect reconstruction conditions given by (9.29).

9.2.5.1 Fast Analysis MDCT Filter Bank

The fast analysis MDCT filter bank for the data block ¢ with incorporated windowing
procedure is defined as [76]

¥

® o) T N
= cos| ——Q2n+1DRk+1) |, k=0,1,...,——1,
el = Lol eos| gy e D2+ ) i
(9.30)
where
G o o
N = Wy X, WY, x%_l_n,
® 0 0 N
y%_l_” =—wyg, x%ﬂ — WN—1—n XN—1—p> n=0,1,..., i 1.
(9.31)

Equations (9.30) and (9.31) define the fast analysis MDCT filter bank with
incorporated windowing procedure. The cosine transform kernel in (9.30) is the
%V-point forward DCT-IV of {y:) }. Equation (9.31) includes besides the windowing

also the permutation of input data sequence {xz) }, and frequently is called the TDA
procedure.

9.2.5.2 Efficient Implementation of the Windowing and Overlap
Procedure

In the analysis MDCT filter bank between two adjacent overlapped data blocks {x(,:)}

and {xzﬂ)} the following relations hold:
0 (+1) 0) (+1) N
%-}-n = ’ AN—1-n :x%—l—n’ n= 0»17-“72 — 1. (932)
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Using (9.32) and the symmetry property of windowing function, (9.31) is
rewritten as

(1) ) (1)

y%-ﬁ-n = W Xy Wi xN—l—n’
0} _ (+1) (t+1) — 01 N 1
y%—l—n__w%— —n *n - an%_l_n, n=20,1, ’Z_ .
(9.33)
For clarity, in processing the succeeding overlapped data blocks O, 1,...,¢, ¢+
. . 0 O
1, t+2,..., the associated %’—pomt data sub-sequences {yﬂﬂ} and {yy_, |} are,
4 4
respectively, given by
(0) T .
Yuy, =0, (initialization step),
Gt
© _ o )
y%—l—n - W%_l_” X Wn x%—l—n
Nin = Wk, — y 0. Vis ¥ sample delayed data sub-block
%+n = W X, WN_1_, 1;]717", y¥+n 18 4—sampe claye ata suo-bloCK,
0 _ s 0
Y40 — Wn % W%_l_” x%—l—n’
® _ wtn (+1)
Yy T TWE 1=t Wa Xy _—p
(G2 (+1) (t+1) “+n ) . E le delaved d b-block
. n X, wy_j_, x%*lfn’ y%Jrn is 4—sampe elayed data sub-block,
G+ _ CEE (+2)
Vo, = WYy X, Wh x%_l_n,
N = Wk, = v 2V is Y ample delayed data sub-block
y%-ﬁ-n = WpXx, WYy Xy y%-ﬁ-n is 4—sampe elayed data sub-block,

By introducing the %’-sample delay operator denoted by A%{.}, the windowing
and overlap procedure in the fast analysis MDCT filter bank can be represented in
the following matrix-vector form:

0 -+
%—l—n W%_ —n Wn n
t+1) (t+1)
Ay { %ﬂ} W WE—ion ) \ i
N
n=20,1, ,Z—l, (9.34)
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with initial condition y(g = 0. Since the windowing function satisfies the perfect
4

reconstruction conditions given by (9.29), the determinant of 2 x 2 matrix on the
right-hand side of (9.34) is unity. The windowing and overlap procedure including
the permutation (9.31) requires 3%’ multiplications and 3%’ additions.

9.2.5.3 Fast Synthesis MDCT Filter Bank

Since the DCT-IV matrix is self-inverse, the data sequence {y::)} is recovered by the

inverse %-point DCT-1V of {cz)} as [76]

Y
2
10} 0 b N

= 2 DERkE+1) |, =0,1,...,——1.
= Dl | g s e n]. 2

(9.35)
The time domain aliased data sequence {%f:)} is obtained from {yi:)} by applying the
inverse permutation to (9.31) as

A0 (1)

‘xn = Wn y%_;’_na
NO) o U]
Ry = W Ve,
A0 () [6)
x%+n =" Wi y%—l—n =T Wi y%—]—n’
NO) 0 0 N
XN—1—n = — WN—I1-n y%flin = — Wy y%ilin, n=0,1,..., Z —1.

Equations (9.35) and (9.36) define the fast synthesis MDCT filter bank.

9.2.5.4 Efficient Implementation of the Windowing and Overlap and Add
Procedure

Given two succeeding blocks of transform coefficients {cZ)} and {czﬂ)}. After

transforming each block of transform coefficients by the g—point inverse DCT-
IV transform, using the symmetry property of windowing function, from (9.36)
it follows that the time domain aliased data sequences {)Ac:)} and {)?ZH)} are,

respectively, given by

) - (1)
x%+n = W%_l_n y%_l_n»

A0 (1)

AN—1—n = ~Wn y¥_1_n’
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NG2)) _ (1+1)
X, = Wy y%+n’
NG (+1) N
x%_l_n =Wy, y%ﬂ, n:O,l,...,Z— 1. (9.37)

For two adjacent time domain aliased data blocks {)?Z)} and {)?ZH)} recovered by the

synthesis MDCT filter bank, the following relations hold in the overlapped part:

A+ A0 A1) +1) K0 A1) N
Xy = hy, HE Xy 1y = Aot F Ry n=0,1,---,z—1-
(9.38)

In order to perfectly reconstruct the original data sequence {x(fl)} in the overlapped
part, by substitution of the appropriate time domain aliased data sequences {%f;)}
from (9.37) into (9.38), and using %’-sample delay operator A% {.}, the windowing
and overlap and add procedure in the fast synthesis MDCT filter bank is expressed as

(1) (0 (t+1)
.Xn = _W%_l_" A% {y%—l—n} + Wa y%-}—n’
(t+1) ] (t+1) N
XNy = "W Ay {y%_l_n} WA YN n=0,1,..., i 1,
(9.39)
or equivalently, it can be represented in the matrix-vector form as
(t+1) (1)
= - )
(r+1)
Ga))
Yot Wa WY ¥t
N

n=0,1,...,z—1. (9.40)

Similarly, from the perfect reconstruction conditions given by (9.29) it follows that
the determinant of 2 x 2 matrix on the right-hand side of (9.40) is unity. The
windowing and overlap and add procedure including the permutation (9.31) requires
3%’ multiplications and 3% additions.

Note 3: For the fast analysis and synthesis MLT filter banks the sine windowing
function is defined by w, = sin % forn = 0,1,...,N — 1 [82]. Denoting
w, = §,, we have: WN_|_, = Cp = COS %
n=01..%5-1

Thus, the efficient implementation of complete analysis and synthesis MDCT
filter banks consists of the %’-point identical fast DCT-IV computational structure,

the windowing and overlap procedure (including the TDA procedure) and the

WYL,y = Cas and wy—1—, = s, for
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windowing and overlap and add procedure. Equations (9.34) and (9.40) provide the
compact computational structures, respectively, for the efficient implementation of
the analysis MDCT filter bank with incorporated windowing and overlap procedure,
and the synthesis MDCT filter bank with incorporated windowing and overlap and
add procedure for an arbitrary symmetric windowing function (for the fast analysis
and synthesis MLT filter banks see Fig. 9.11a, b, respectively).

Having prepared the desired properties of integer transforms, quality measures
of integer transforms for coding, having defined the concept of normalized (integer)
transform with the corresponding orthogonal (unitary) recursive sparse block matrix
factorizations of the DCT-II/III, DCT-IV, and DFT matrices, and having defined the
fast MDCT and MLT analysis and synthesis filter banks, in the following sections,
local and global methods to integer approximation of transforms and cosine/sine-
modulated filter banks are presented. The local as well as global methods to integer
approximation are based on the classical matrix theory and computational methods
of linear algebra, and in particular, on (block) matrix decompositions [80, 81, 86]
(see Appendices A.3—A.8).

9.3 Local Methods to Integer Approximation

The orthogonal (unitary) recursive sparse block matrix factorizations (9.1), (9.13),
(9.24), and (9.25) define the corresponding fast computational structures. Each
matrix factor is a block matrix with blocks being the orthogonal 2 x 2 rotation
matrix and/or orthogonal 2 x 2 trivial rotation matrix with unit determinants.
Thus, the construction of reversible (invertible) integer transform is reduced to
the construction of only integer transforms of the length 2. In order to construct
the reversible (invertible) integer transforms which map integers-to-integers, each
orthogonal 2 x 2 matrix has to be factored into a product of invertible elementary
matrices [12-14, 16, 17, 29-31, 35, 37-39, 45, 46, 48]. However, for large transform
sizes the number of orthogonal 2x2 matrices increases. Therefore, the local methods
to integer approximation are rather suitable for small transform sizes [54, 55].

9.3.1 LUL Matrix Factorizations of a 2-Point Block Transform

Let T, be a matrix of order 2 with scalar elements a, b, c,d € R representing a
2-point block transform as

T, = (“b), b#0, (9.41)
cd

with det(T;) = ad — bc = +1. We show that the matrix T, can be factored into a
product of the Gauss elementary matrices being unit lower and unit upper triangular
matrices. Indeed, since det (T2) = +1, according to PLUS factorization theorem
we can apply to the matrix 7', the PLUS factorization algorithm (see Appendix A.6).
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The permutation matrix P in this case corresponds to the identity matrix and we can
omit it. In the first step there must exist a number s; such that a —s; b = 1 and

a—1

hence s; = and we obtain the product of

b
-1 ab 10 I b
222 (cd)(—sll) (c—sldd)

. . e —1 .
The second step is Gaussian elimination of the first column of 7, S, , what is

equivalent to the pre-multiplication of T, S;l by the Gauss elementary matrix L2_1
as follows

_ - 1 0 10 1b
L lT Slz T = :U, 942
2 T2 (sld—cl) 2(—s11) (01) > ©42)

and we obtained the factorization of L, t'r, S;]. From algebra of unit triangular
matrices (see Appendix A.3) it follows that the inverse of a unit lower/unit upper
triangular matrix is also a unit lower/unit upper triangular matrix, and we easily find
their inverses as

(1) -0 67 -G

Pre-multiplying Eq. (9.42) by L, (whereby its off-diagonal element c —s; d = “%1)
followed by the post-multiplying by S, (whereby its off-diagonal element is s;), we
finally get the factorization of T, = LUS (and hence LUL matrix factorization)

given by
10 1b 10
T, = h . 4
2 (dgll)(OI)(“;ll)’ where b # 0 (9.43)

. —— .
For the inverse matrix T, we obtain

A O)(l—b)( I 0)
' =( ., ). (9.44)
’ (_Tl ANURIVAN

The LUL matrix factorization of T, defined by (9.43) has been presented in
[12, 14, 29, 30], however without any discussion to its origin. Note that the factored
matrices on the right-hand side of (9.43) and (9.44) are invertible. Thus, the
PLUS factorization of T, and Tz_1 into the product of Gauss elementary matrices
given by (9.43) and (9.44), respectively, define computational structures for the
efficient implementations of the forward and inverse 2-point block transforms. The
corresponding LUL computational structures of y = T» X and X = Tz_ly are,
respectively, shown in Fig.9.3a, b, where (xo,x;)” is the input data vector and
(y0,y1)T is the output data vector.
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Fig. 9.3 LUL computational X >
structures for the efficient 0 ‘ T@ ‘ Yo
implementation: (a) of
y =T, x, and (b) of a-1 b d-1
—1
x=T,y b b
. v® © L,y
(a)
S I R B
d-1 a-1
b b b
Y L © ‘ L © > X,
(b)

From the implementation point of view, to invert T, given by PLUS factorization,
we simply need to subtract out what was added in the forward computation. The
implementation of y = T, x given by PLUS factorization compared to its direct
implementation has the following advantages:

* The number of multiplications is reduced from four to three multiplications and
overall arithmetic complexity is three multiplications and three additions.

* Leads to in-place implementation, i.e., without the need of auxiliary memory,
which is the desired property in VLSI implementations.

* Multipliers in factor matrices can be quantized (using functions such as round,
floor or ceil) to obtain the reversible integer-to-integer mapping.

* The perfect reconstruction property.

Note 4: A general matrix factorization theory of an invertible linear transform
into a product of unit triangular matrices has been developed in [13, 18]. If a
real nonsingular matrix of order N has its determinant equal to 1, then it has the
PLUS factorization (for further details see Appendix A.6). As examples, the PLUS
factorizations of the 4-point DFT and 8-point DCT-II are presented in [13].

9.3.2 LUL (ULU) Matrix Factorizations of Givens—Jacobi
Rotations

A 2 x 2 orthogonal matrix G(;) is called Givens—Jacobi rotation by an angle ¢, if it
has the form [81]

cos @ —sing . - ~
GY = , [G(;)] = [G(;)] =Gy (9.45)
sing cos¢@
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0) =9 . . 0)
where G, and G, " are inverses to each other. It is clear that det (G, ) =

(=) . . . .
det (G, ! ) = 1. Orthogonal Givens—Jacobi rotations are also called the linear 2-
norm rotation transforms, because they preserve the 2-norm of the rotated vectors.
They play a central role in the least squares solutions of overdetermined systems of

linear equations as well as symmetric eigenvalue problem [80, 81].

Although LUL matrix factorizations of Givens—Jacobi rotations G(;) and G(Z_W)
be can obtained by applying the PLUS factorization algorithm to the matrix G(;),
without loss of generality, they are simply obtained by substituting a = d = cos ¢,

b = —sing and ¢ = sin g into (9.43) and (9.44). Then, the LUL factorizations of
(@) (—9) .
G, and G, " are given by

1 0 1 —sing I 0
Gy = , (9.46)
1—cos ¢ 1—cos ¢
sin g 1 0 1 sin ¢
and
I 0 1 sing I 0
G(2 Y= , where sing # 0.
1—cos 1—cos

- Si;(’w‘/’ 1 0 1 - si?lotp(p 1
(9.47)
We note that tan 4 = ];?;‘” = 1-?20(/; . Although the matrix G(;) is orthogonal, the

factored matrices on the right-hand sides of (9.46) and (9.47) are not longer orthog-
onal; however, they are still invertible. The corresponding LUL computational
structures for the efficient implementation of the forward and inverse Givens—Jacobi
rotations are, respectively, shown in Fig.9.4a, b, where (xo,xl)T is the input data
vector and (yg, y;)7 is the rotated vector.

Fig. 9.4 LUL computational X >y
structures for the efficient 0 ‘ T@ ‘ 0
implementation: (a) of
y = Gy'x, and (b) of 1—cos ¢ . 1-cos ¢
. _— sin @ .
X = G2 y sm @ sin @
X, LG_) ‘ L@ > Y
(a)
Yo ‘ T @ ‘ > X,
1—cos @ . 1-cos ¢
- sin @ -
sin @ sin @
o '
y} e > Xl

(b)
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Since G(;) = [G(Z_W)]T, by transposing (9.47) we obtain the alternative ULU
(—¢)

. . . (9)
matrix factorizations of G, and G, ~ as

_1—cosg 1 0 _ 1—cosg
© sin ¢ sin ¢ .
G, = , where sing # 0,
0 1 sing 1 0 1
(9.48)
and
1—cos ¢ 1—cos ¢
(—0) 1 sin g 1 0 1 sin g
G," = . (9.49)
0 1 —sing 1 0 1

The corresponding ULU computational structures for the alternative efficient
implementation of the forward and inverse Givens—Jacobi rotations can be simply
obtained by a minor modification of LUL ones shown in Fig.9.4. From the
computational point of view, the LUL and ULU structures are equivalent.

Note 5: All orthogonal (unitary) recursive sparse block matrix factoriza-
tions (9.1), (9.13), (9.24), and (9.25) contain also trivial 2 x 2 rotation matrices

of the form:
V2 (1 1
H, = — . .
> 5 (l _1) (9.50)

The matrix H, in (9.50) is recognized as the scaled 2 x 2 Hadamard matrix. If it is
applied to a 2-point vector x”, then we have:

T

big E 4 big :
Ccos 7 sin X0 COs 7 —SIn 7 X0
- . 9.51)
E 4 big L 4 g
s 7 Ccos by X1 sSin iy COS by —X1

From Eq.(9.51) it can be seen that the trivial rotation of the input vector x” (and
hence scaled Hadamard matrix H,) is converted to the forward Givens—Jacobi
T

rotation with the angle 7 of the modified input vector. Using (9.46) we get the

o &)
LUL factorization of G,"  as

(1) 1 0 1 —sin 7 1 0 .
G24 = ,  where tangzﬁ—l,
tan g 1 0 1 tan T 1
(9.52)
and using (9.48) we get the alternative ULU factorization of G(;) as
(5) 1 —tan g 1 0 1 —tan g
G, = (9.53)

0 1 sin% 1 0 1
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Note 6: The second quasi-diagonal matrix on the right-hand side of (9.25) includes
the diagonal matrix Wy = diag{e_"%k} fork=0,1,... ’\—’ — 1. We recall that the
complex mult1phcat10ns by each complex twiddle factor in the matrix WN can be
converted to the forward Givens—Jacobi and trivial rotations (see Append1x F4).

Principally, there are two approaches how to construct the reversible (invertible)
integer transforms from the corresponding factored matrices T, Tz_1 given
by (9.43), (9.44), respectively, and the reversible (invertible) integer rotations
from the corresponding factored matrices G(;) , G(Z_w) given by (9.46), (9.47)
or (9.48), (9.49), respectively, applied to the input vector x”:

* Including the nonlinear rounding operator in each factored unit triangular matrix
(integer approximation by the rounding operator). Thus, multiplying each by the
oft-diagonal floating-point multiplier is followed immediately by the rounding
operation, i.e., the result is rounded to the nearest integer [16].

¢ Replacing the off-diagonal floating-point multiplier in each factored unit trian-
gular matrix by an appropriate dyadic rational number (dyadic approximation)
[17].

Both approaches to integer approximation result in an approximation error in each
computational step and this accumulated approximation error has to be minimized.
The approximation error can be interpreted as the difference between results of the
exact transform and the related integer transform in terms of some vector norm (for
example, Euclidean or maximum).

In the following subsections each approach is investigated in detail separately,
and the corresponding explicit estimates of approximation errors are also discussed
as well as the optimization strategies to minimize the total approximation error.

9.3.2.1 Approximation by Rounding Operator and Estimate of
Approximation Error

One can see that the orthogonal (unitary) recursive sparse block matrix factor-
izations (9.1), (9.13), (9. 24) and . 25) are composed from blocks being 2 x 2

Givens—Jacobi rotations G2 and G2 Then, the first approach to construction
of an invertible integer transform of order N can be formulated simply as follows:

L . L Ee . .
For a given invertible matrix G, “ with rotation angles ¢ € (0, ) and for arbitrary

vector X € Z2, we need to find a suitable integer approximation of G2 'x such that

this process is invertible.

. . o ( =)
Due to practical reasons, consider the ULU factorizations of G; and G,

expressed, respectively, in more compact forms as
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1 —tan % 1 0 1 —tan %
Gy = , (9.54)
0 1 sing 1 0 1
1 tan ¢ 1 0 1 tan §
G, = ,where sing £ 0. (9.55)
0 1 —sing 1 0 1

and the ULU factorization of G(24) given by (9.53). The ULU factorizations consist
of nonorthogonal matrix factors which are still invertible, and they can be used for
the construction of invertible integer transform as follows.

Fora e Rlet |[a| = max{x <a: x € Z} and {a} = a— |a] € (0,1). Then {a}
is the noninteger part of a. Further, let round(a) = |a + %J be the integer closest

. . @ . .
to a. Consider the last matrix factor of G; on the right-hand side of (9.54). One
computational step in the matrix-vector form can be written as

y:((l)_f) X, SER,

where x = [xo,x;]" € Z% Then, § = [9.31]" can be approximated by y =
[y(),y]]T € 7% with

1
Yo = Xo — {sxl + EJ = xo —round(sx;), y; = x.

This transform is invertible with

1
Xo = Yo + {syl + EJ = yo + round(sy;), x; = yi.

Indeed, we have
Y1 = X1, Yo + round(sy;) = xo — round(sx;) + round(sx;) = xo.

The following theorem is fundamental for the integer approximation of the ULU

) . . S .
factored matrix G; by the rounding operator with explicit estimates of truncation
errors [16].

Theorem 9.1 (Integer Approximation of the ULU Factored Matrix G(;) by the

Rounding Operator and Explicit Truncation Error Estimates) Let G(;) with
@ € (0, T) be the Givens—Jacobi matrix represented by ULU factorization. Then for
arbitrary X = [xo,x1]" € Z2, a suitable integer approximation'y = [yy, y1]” € Z° of
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A @_ ..
y= G; X is given by yo = 22, Y1 = z1, where
_ 4 _ :
Z0 = Xo — round | x; tan 5) 71 = X1 + round (zo sing),
_ %
7y = zo0 — round | z; tan 5)
The procedure is invertible and its inverse is Xy = v, X] = V1, where
_ 4 _ -
vo = Yo + round |y, tanE , vy =y —round (vy sing),
_ %
vy = Vg + round (v tanE .

The truncation error can be estimated by

1y =yl = Vi), ¥ —¥leo = g(®). (9.56)

where functions h(¢) and g(@) are respectively given by

3 1 1 1
h(p) = Yl sing + 5 Cose + L—‘tam2 % g(p) = 3 (1 + tan% +cos<p).
The formulae for yy, y; and xy, x; (after inverse transform) directly follow
by applying the input vector x to three matrices in (9.54). The elegant proof of
truncation error estimates given by (9.56) can be found in [16]. Plot of the function
h(p) is shown in Fig. 9.5, while plot of the function g(¢) is shown in Fig. 9.6.

N @_ . . . .
Lety = G; x with arbitrary vector x € Z? be given and let y be its integer

approximation. The special values for truncation errors ||y — y||2 and ||§ — ¥|lco Via
the r(.)unfiing procedure .for rotation angles. ¢ €% % 1”—6, 31—2} can be obtained by
substituting values of ¢ into (9.56). In particular, we obtain [16]

Fig. 9.5 Plot of the function hle]
h(p)
1.35
1.3
1.25
®
2 0.4 0.6 0.8
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Fig. 9.6 Plot of the function gle]
g(®)
1.065
1.06
1.055
1.05
1.045
1.04
1.035
0.2 0.4 0.6 0.8”
1361453 for ¢ = 7, 1.060660 for ¢ = Z,
5—yl < 1266694 for ¢ = %. 15— yloo < 1.061396 for ¢ = Z,
1.199128 for ¢ = %, 1.039638 for ¢ = %,
1.320723 for ¢ = i, 1.067408 for ¢ = 3.

Further, for all ¢ € (0, Z) we have

15 = ¥lloo < max {g(qo): P e<0, %)} ~ 1.067442.

9.3.2.2 Dyadic Approximation and Estimate of Approximation Error

The second approach to construction of an invertible integer transform of order N
is based on the approximation of off-diagonal floating-point multipliers in factored
unit triangular matrices by appropriate dyadic rational numbers.

Definition 9.1 The dyadic rational number is a binary fractional one of the form
%, where k, b € N and k is an odd integer [9].

Multiplication by dyadic rational number can be implemented using only binary
arithmetic. The multiplicand is first multiplied by numerator k£ and the result is
shifted to the right by b bits. Neglecting shift operations, the minimum number
of additions required for implementing a given binary fraction is equal to that
for implementing its numerator k. An integer multiplication is equivalent to bit-
shifting the multiplicand to the left by different numbers of bits and summing up
these bit-shifted versions. The total numbers of shifts and additions required can
be counted from the binary representation of the integer multiplier. For example,
multiplication by 5 = (101), can be implemented by one addition and one shift.
Similarly, multiplication by 7 = (111), can be implemented by two additions and
two shifts, since 7 = 4+ 2 + 1 = (100), + (10); + (1),. However, this is not
the minimum number of additions needed to multiply a number by 7, because if we
express 7 = 8 — 1 = (1000), — (1), it is immediately clear that only one addition
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and one shift are required. This fact is related to minimum-adder representation of
integer multiplier k£ which is based on the concept of multiplicative irreducibility in
terms of adders (see p. 221 in [9]).

Ba

Replacing the trigonometric values tan £ and sin ¢ by the dyadic rationals a = 5t

and b = g—f, Ba, By, n € N, respectively, in the ULU factorization of G(;) given

by (9.54), and multiplying the factored matrices we obtain the approximation matrix
~ (@)
G, in the form:

) 1—ab —2a—da*b
~ (@)

~ (@)
G, = . det (G;) = 1. 9.57)
b 1—ab

The following theorem states how to estimate truncation errors caused by the dyadic
approximation of ULU factored matrix G(;) [17].

Theorem 9.2 (Dyadic Approximation of the ULU Factored Matrix G(;) and

Explicit Truncation Error Estimates) Let G(;) be the matrix represented by ULU
~ (@)
factorization, and G, be its approximation matrix with ¢ € (0, 5). Further, let

a= % >0andb = % >0, Ba, By, n € N be given with

‘tang —a’ <27 and |sing —b| <27

for some fixed j € N denoting the required approximation accuracy. Then for
arbitrary X = [xo,x1]7 € (=2%,2%) N Z2, a suitable integer approximation' y =

o, vi]T € Z% of § = é(;)x is given by yy = 22, y1 = z1, where
70 = xo — round(xy a), z; = x1 + round(zo b), 1z, = 7o — round(z; a).
The procedure is left-invertible and its left-inverse is xo = wa, x; = wy, where
wo = yo + round(yy a), wy =y, —round(wg b), wy = wg + round(w; a).
Further, the component-wise truncation error can be estimated by

1
[2+a+a2+sin(p(l+a+tan§)] 2k_f+§(2+a—ab),

IA

50 = yol

A

. , 1
91 —yil < (14 a+sing) 2"1+5(1+b), (9.58)

where k denotes the number of bits to represent X.
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The formulae for yy, y; and x¢, x; (after inverse transform) directly follow
by applying the input vector X to three matrices in (9.54). The elegant proof of
truncation error estimates (9.58) can be found in [17]. The component-wise error
estimates given by (9.58) depend on the range of input vector x (k is fixed) and
approximation quality. Improving the approximation (j is large) leads to arbitrary
small error estimates for the first two terms due to the fact that the terms within
brackets are bounded. On the other hand, in [17] it has been indicated that the
component-wise error estimates of integer approximated G(;)x by the rounding
operator [16] are given by (see also Theorem 9.1)

. 1 10 . 1 .
Yo — yo| < 3 <1+tan5+cos¢)>, P11 —y1] < 5(1+s1n<p).(9.59)

Note that the second terms, specifically % (2 + a— ab) and % (1 + b) in (9.58)
represent the component-wise error estimates in (9.59).

Note 7: The so-called SOPOT (Sum-Of-Powers-Of-Two) approximation of a
floating-point multiplier was introduced in [23, 28, 34]. The SOPOT approximation
is defined as

M
Yoa 2™ ae{-1.01}, beef-r....=1,0.1,....r}
k=1

where r is the range of multiplier and M is the number of terms. Thus, each floating-
point multiplier can be replaced by the limited number of additions and shifts.
However, the SOPOT approximation is actually a dyadic rational number after
summing up the terms.

9.3.2.3 Optimization Strategies to Minimize the Approximation Error

Practical implementations of the LUL as well as ULU computational structures of

@) &) . . o
G; and G, ’ by a rotation angle ¢ to integer approximation of transforms by

the rounding operator or by the dyadic approximation can be further optimized
to minimize the approximation error. There are two optimization strategies which

have been proposed, one in [25] for the dyadic approximation of G(;), and one
in [31, 45, 46] for the integer approximation by rounding operator. Again, due to

practical reasons, consider the ULU factorization of G(;) given by (9.54) with off-
diagonal elements denoted by ¢y = tan 4 = % = l‘j_i:—(;’;(p and c; = sing # 0.
The first optimization strategy is based on controlling the dynamic range of
off-diagonal floating-point multipliers in unit triangular matrices approximated
by dyadic rationals [25]. The value of multiplier ¢; can be arbitrarily small and
consequently, the dynamic range of multiplier ¢y can be arbitrarily large. Therefore,
we should control the range of the multipliers ¢y and c; as follows. If the rotation

angle ¢ € (=7%,0) U (0, 7), then the value of cos ¢ > 0 and
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1 —cosgp
lco| = ‘tan—‘: _—
sin ¢
sin @ .
_— — < = <1, 9.60
’HCOW‘ wl‘Hc S |sing| = e (9.60)

and multipliers ¢y and ¢ fall between —1 and +1. However, if the rotation angle
¢ € (=m, %) U (3, 7), then the value of cosp < 0 and [co| > 1 which is not

desirable. The absolute values of multipliers co and ¢ can be controlled to be always
less than or equal to 1 by replacing 62 with its alternative equivalent form G(;ﬂ")

as [25]

N —cosg sing 1 —co 10 1 —co
G(;) _ —G(; mo_ _ ’
—sing —cos ¢ 0 1 c 1 0 1
9.61)
where
_ 1 4+ cos 1 .
Co = LA q) , and ¢ =sing # 0.
sin ¢ ~ tan

When rotation angle ¢ € (—m, Z) U (£, ), then we have

_ 1+ cosg
tan % sin @
sing . .
= |————| = |sing| < |sing| = |ci| <1, (9.62)
1 —cosg 1

and new multipliers ¢y and c¢; fall again between —1 and +1. Consequently,
the number of required additions in a multiplier-less implementation of integer

transform is reduced. In order to obtain the corresponding ULU computational
(p+pi)

structure of —G, we need to modify the ULU structure of G(;) replacing the
multiplier ¢y by ¢y and changing signs of the result.

The second optimization strategy is based on modeling the approximation
error as a quantization noise introduced after each rounding operator in ULU
structure, whereby this quantization noise in each step is independent and identically
distributed. For improving the reversible integer rotation G(;) resulting in the smaller
quantization noise, three other ULU structures have been proposed defined as
[31, 45, 46]

_ sing+1 __sinp+1
@ 01 1 cos g 10 1 cos @

G, = , (9.63)
—10 0 1 cos g 1 0 1
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o (1o (1! e 1o\ (1% /01
G, = . (9.64)
01 0 1 cosg 1 0 1 10
cosp+1 cos p+1
(9) —10 1= sir(/:w 10 1 - Sil(f(p 10
G, = . (9.65)
01 0 1 sing 1 0 1 0-1

where also cos ¢ # 0. Compared to (9.54), additional ULU factored forms (9.63)—
(9.65) include pre/post-swapping and pre/post-sign changing operations applied to
the components of input and/or output vector, and they lead to different multipliers
co and ¢ for the same rotation angle ¢. Now, the problem is to select the optimal
ULU factored form for different rotation angle ¢ such that it achieves the lowest
quantization noise in the MSE sense [46].

Let [x,y]” be the input vector, [x',)']” be the output vector, and A be the

quantization noise of one rounding operator, i.e., round(a) = a + A. Then the
N2
reversible integer rotation G, applied to the vector [x, y]” is given by

z=x—round(cyy) = x—(co ¥y + Ay),
X =y+round(c; z) =y + (c1 2+ Ay),
y = z—round(cy x') = z— (co X + Ay). (9.66)

where A;, i = 0, 1,2 is the quantization noise of successive rounding operators.
Further, let e = [Ax/, Ay']” be the quantization noise of the reversible integer
rotation. The goal is to minimize the MSE, i.e., E [ee’] = E [(AX)?] + E [(AY')?]
has to be minimal, where E [.] is the expectation operator. Using Eq. (9.66) after
some algebraic manipulation we obtain the terms Ax’ and Ay, respectively, as

Ax = c1Ag— Ay, Ay, = (1 —coc1) Ao + coA1 + As. 9.67)
The MSE of the quantization noise of the reversible integer rotation is calculated as
E [(AX)] + E [(AY)] = {(1 — coc1)® + ¢y + ¢; + 2} E [AY], (9.68)

where E [A?] = % is the average energy of quantization noise of a single rounding
operator. If we plot the quantization noise versus the rotation angles for different
ULU factored forms (9.54), (9.63)—(9.65), we can observe the plots as parabolic
curves (see Fig. 2 in [46]) which indicate that for any single ULU factorization, the
quantization noise is fairly large at certain rotation angles [46].

This fact enables us to select the optimal ULU factored form for different rotation

angle ¢ as follows: When the rotation angle ¢ € (=7, 7), then the reversible integer
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rotation G(;) is realized by (9.54). ULU factored form (9.63) is used when ¢ €
(—37”, —7),(9.64) when ¢ € (7, 37”), and (9.65) is used when ¢ € (37”, %” .

Just discussed local methods have been used to integer approximation of the
DCT-II, the DCT-1V [9, 13, 14, 16, 17], the DFT or FFT [23-25, 27, 45, 48], the
lapped orthogonal transforms or the MLT [28-31, 33, 34, 54, 55], and of the MDCT
[36—40, 45, 46]. Although the DCT-II, DCT-IV and DFT are linear transforms which
are generated by the corresponding matrices, naturally, by introducing the nonlinear
rounding operator into computational steps, the invertible (reversible) DCTs and
DFTs are no longer linear mappings. Thus, such invertible integer transforms are
understood to be nonlinear invertible mappings which act on ZV (N-dimensional
vector space over Z) and approximate the classical original transforms [16].

9.3.3 Modulo Transforms

A nice elegant theory and construction of a class of scaled reversible (rotation)
transforms with integer elements and unit determinants has been developed in [19].
This class of integer transforms is built on a foundation of modulo arithmetic
and critical quantization of transform coefficients. Therefore, these transforms are
called the modulo transforms. Some interesting properties of modulo transforms in
modular arithmetic lead to reversible integer rotations which are critically quantized
without loss of information, as an alternative to LUL or ULU structures. The
modulo transforms are non-expansive, and therefore, are suitable for lossless signal
compression and digital image rotation [19].
A linear transform A € RV*N applied to the vector x € R is defined as

where y is the transform domain representation of x. For data compression, the
transform A is required to be orthonormal, i.e., AAT = ATA =1, oritis required to
be orthogonal, i.e., AAT = ATA = ) I, ) € R. When elements of A are integers, A
is an integer transform since it maps integers to integers. The original vector X can
be recovered from y by the inverse transformation as

x' =ATy", or x' = -ATy".

In general, any nontrivial linear transform A with integer elements results in an
expansion of the range (or more exactly, the volume) of transformed data compared
to the volume of the original data. In other words, the set of points located at integer
lattice transformed by A is mapped to the volume expanded transform domain
(or expanded bounding volume) increased by the expansion factor of vol(A) =
|det (A)|. Due to the volume expansion such integer linear transforms cannot be
used in lossless data compression. As an example, the expansion factor of non-
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scaled 2 x 2 Hadamard matrix H, given by (9.50) is vol(H;) = | det (H;,)| = 2. But,
by scaled factored H, with introduced rounding operator, the set of points located at
integer lattice transformed by the scaled H; is mapped back to the same transform
domain volume as the time domain volume (normalized transform). Thus, the scaled
H> has unit volume [19].

In the following are presented the definitions leading to the concept of the critical
quantization of transform space, a critically quantized transform, and modular
arithmetic [19].

Definition 9.2 The mapping F : x € Z¥ — y € ZV is said to be reversible if
F(xo) = F(x1) = xo = x1.

Definition 9.3 The quantization Q of space Y is a partition of Y into some number
K of discrete cells or quantization bins. K may be countably infinite.

Definition 9.4 A valid transform point is a point in the transform space Y that is
mapped by an element of the original domain X = ZV, and the transform A is
invertible, i.e., det(4) # 0.

Definition 9.5 Q is a critical quantization of the transform space Y if every
quantization bin contains one and only one valid transform point generated by
transforming the integer lattice X.

Definition 9.6 A is a critically quantized transform if a one-to-one mapping exists
between the integer lattice representing the domain of A and the integer lattice
representing the range of A, i.e., X — Y. Therefore, a critically quantized linear
transform A defines a reversible mapping with volume preservation, i.e., vol(4) =
det (A) = 1.

It is important to note that the cascades of transforms are critically quantized.
When quantization is separable and uniform scalar, the effect of quantization along
a certain dimension is basically a rounded division by the bin width along that
particular dimension, and this division can be incorporated into the transform
itself [19].

The simplest nontrivial linear transform is two-point transform. Let us now
consider a two-point transform or 2 x 2 rotation matrix R, given by

R, = (C _S) . cseR (9.69)
S C

If R, is orthonormal, then ¢ + s> = 1. Now, relax the restriction of orthonormality
of R, and instead restrict ¢ and s to be integers, i.e., R, is integer rotation matrix.
Such rotation may be derived from rational approximations to the desired rotation
angle of cosine and sine terms such that they have no common factors. Integers a
and b having no common factors other than 1, i.e., (a, b) = 1, are said to be mutually
prime or relatively prime [83]. The resulting rotation R, is scaled orthonormal and
it is an expansive transformation with an expansion factor of det (R;) = D =
2+ s* € Zt. However, integer rotation R, can be reformulated as a non-expansive
transformation as follows.
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Note 8: For understanding the basic elements of elementary number theory, such as
divisibility of integers and congruences (modulo relationships), the reader is referred
to the book [83].

R; is rank deficient (see Appendix A.1) in modular D = c? + s? arithmetic, i.e.,
det (R;) = ¢*> + s* = D is zero in modular D arithmetic. For the transformation
y' = R, x”, where [xy, x;]” and [yo, y;]” are input and output vectors, respectively,
the transform coefficients yy and y; are redundant in modular D arithmetic. Indeed,
considering the matrix-vector products y/ = R, x” and x” = R, y7, the quantity
¢ yo + s y; is evaluated as

cyo+syi=clexo—sx)+s(sxo+cx)=(+5)x+0x =0 modD.
(9.70)
Equation (9.70) is referred to as the modulo relationship. Since ¢ and s have no
common factors, ¢, s and D have no pairwise common factors. Then there exist
inverses ¢! and s~! in modular D arithmetic such that ¢! ¢ = s7! s = 1 mod D.
From Eq. (9.70) it follows that the modular relationship can also be expressed as

yo=c'sy mod D, or  yo=c sy modD, 9.71)

which implies that in modular D arithmetic one transform coefficient can be
recovered from the other, thus proving their redundancy. Referring to the second
equation in (9.71) it is noted that two integers a and b are congruent mod D denoted
by a = b mod D, if D/(a — b), or in other words, D divides (a — b) [83]. The
modulo relationship (9.70) also implies its dual one

cy1—syo =0 mod D, 9.72)

since ¢ yj—s yo = ¢~ (¢? y1—cs yo) = ¢ (82 yi+es yo) = ¢ s (s yi+eyo) =0
mod D. For a base D, any integer k can be represented in two parts corresponding
to its quotient and remainder with divisor D. When a consistent rounding is applied
for both positive and negative k, the remainder corresponds to k& mod D. Let the
quotient be written as k div D. Then,

k= (k div D) D + (k mod D). (9.73)

Definition 9.7 The rounded division sdiv is defined for integer @ and n as

sdiv(a, n) = L@J , (9.74)

where |.] denotes the rounding operator. When quantization bins are centered
around multiples of n, the quantized index of a is equal to |(a + |n/2])/n]. The
location of a within its quantization bin with respect to its center is given by the
signed modulus smod. The range of smod(a, n) is centered around zero for odd n.
For even n, a consistent rounding rule is chosen for V a: for instance rounding is
always toward —oo [19].



9.3 Local Methods to Integer Approximation 521

smod(a,n) = a —n sdiv(a,n) €

Definition 9.8 The sign modulo operatior{ smod is de[%eg 3s
J } (9.75)

“1A)

Thus, any scaled orthonormal two-point transform A can be reformulated as
a non-expansive or critically quantized by exploiting the modulo relationship,
although the resulting transform may be only orthogonal. Any transform domain
point satisfying modulo relationships (9.70) and (9.72) is a valid transform domain
point generated by a pair of integers in the spatial domain. As a result, the Givens—
Jacobi rotation given by (9.45) can be approximated arbitrarily closely by the integer
rotation matrix R, given by (9.69) such that ¢ and s being integers have no common
factors. Critically quantized transforms exploiting the modulo relationships are
referred to the modulo transforms [19].

In order to construct modulo transforms, the perfectly square quantization
partitions that guarantee the critical quantization are specific integer Pythagorean
triples (c, s, \/5), where D is a square.

2

9.3.3.1 Construction of Modulo Transforms

For the integer Pythagorean triples (c, s, ~/D), where D is the square, the effective
forward and inverse integer rotations with orthonormal matrix are, respectively,
defined as [19]

Ry= L (¢ R, =L (¢ ¢, s, DeZ. (9.76)
2_@sc’ 2 D \=sc)’ T S

The inverse integer rotation matrix recovers the original data without any error.
Thus, this construction can be used to generate integer rotation matrices for
all primitive Pythagorean triples (c,s, v/D) satisfying D = ¢ + s> with c,s
having no common factors. In the following is presented an essential theorem
claiming the Pythagorean triads which satisfy conditions of the uniform and critical
quantization [19].

Theorem 9.3 Any Pythagorean triad satisfying c = +(v/D—1) ors = +(~/D—1),
i.e., £+/D = c+1o0r /D = s+1, is critically quantized using uniform quantizers
with square bins of size /D x /D, when the quantization grid is arranged such that
the origin lies at the center of its bins.
O
Let n > 1 be an odd number. Theorem 9.3 is satisfied when the Pythagorean
triads (c, s, VD), s < ¢, sis odd and ¢ is even, are defined as [73]
1

s =n, c= % (nz—l), VD = 3 (n2+1), 9.77)

where /D = ¢ + 1, and hence the Pythagorean triads are simply given by
(c,s,c+1).
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Note 9: For n > 1 there are other Pythagorean triads which are defined by the
following formulae [73]

s = 4n, c=4n* -1, @:4n2+1.

Since /D = ¢ + 2, they do not satisfy the conditions of Theorem 9.3, and
consequently, they cannot be used to construct the modulo transforms. In fact, they
will generate a mapping which will not be one-to-one. Famous Greek mathematician
Euclid gave formulae however without a proof to generate all Pythagorean triads
as [73]

s = t(az—bz), ¢ = 2tab, VD = t(a2+b2),
where ¢, a and b are arbitrary positive integers such that @ > b, a and b have no

prime factors in common, and one of a or b is odd, the other even.
From definition of tan ¢ = 7 and the relation 2+ 5% = (c+ 1)> we have

s2—1
c= , s <c, 9.78)
2
which produces the rotation angles
2s
¢ = arctan | — . (9.79)
s —1

In general, s and ¢ may be interchanged to overcome the inherent constraints of odd
s and even c. For the integer rotations defined as modulo transforms only rotations
between zero and 7 are of interest, since other rotations can be realized by negating
the rotation angle or adding an arbitrary number of right angle rotations which are

trivial transforms of the form ( (1) i) , or a combination of both. As the value

of s increases, the angles get progressively smaller. There are countably infinite
permissible rotation angles corresponding to the odd values of s. Based on (9.77)—
(9.79) the first ten Pythagorean triads (c,s,c 4+ 1) with corresponding angles in
radians are shown in Table 9.1.

From Table 9.1 it can be inferred that there exist good approximations to
small rotation angles. Computational structures for the forward and inverse integer

—1

rotations 1}2, 1}2 based on the Pythagorean triads (c,s,c + 1), respectively, are
shown in Fig. 9.7a, b. Boxes labeled as div(c+ 1) perform the operations sdiv(a, c +
1) on the input a. The modulo transforms based on Pythagorean triads (c, s, ¢ + 1)
are implemented with integer multiplications and integer divisions.

Larger rotations may be realized as a finite-length cascade of smaller rotations
of the form (9.79). As an example, consider the scaled Hadamard matrix H, given

by (9.50). Based on (9.51) the matrix-vector product y’ = H, x” may be converted
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Table 9.1 Pythagorean

Index c D = c+1 Angle ¢ in radians

triads satisfying the .

conditions of Theorem 9.3 1 3 |4 > 0.643 501 109
2 5 |12 |13 0.394 791 120
3 7 |24 |25 0.283 794 109
4 9 |40 |41 0.221 314 442
5 11 |60 |61 0.181 319 774
6 13 |84 |85 0.153 543 783
7 15 | 112 | 113 0.133 136 328
8 17 | 144 | 145 0.117 511 645
9 19 | 180 | 181 0.105 166 123
10 21 220 | 221 0.095 166 207

—O—d div (ct]) — Y, div (c+1) —X,

div (c+1) —,

(2) (b)

div (c+1) — X,

Fig. 9.7 Computational structures for the integer rotations based on Pythagorean triads (c, s, ¢ +
1): (a) Forward, (b) Inverse

to the matrix-vector product y = G(;))A(T, where X = [xg, —x;], and G(;) is the

forward Givens—Jacobi rotation by the angle 7. The best two-stage approximation

of the desired rotation angle 7 = 2 % by two modulo transforms is obtained by

two successive rotations of ¢ = arctan ((2 x 5)/(5%> — 1)) = 0.394791. Thus,

each integer rotation is based on the Pythagorean triad (5, 12, 13) approximating
pg

the rotation angle T = 0.392699. The effective integer rotation is given by the

! 8
matrix
12-5\> _ (119-120
( 5 12) B (120 119)'
In Fig. 9.8 is shown the realization of approximation of y' = G(;)f( by the cascade
of two modulo transforms resulting in an orthonormal and reversible transform.

In general, the theory of modulo transforms can be extended to an N x N
orthonormal transform A. It is well known that based on QR factorization (see
Appendix A.6), A can be decomposed and implemented by a product of at most
N(N — 1)/2 Givens—Jacobi rotations GZ;). Thus, the transformation A = ]_[i‘j G:»?

is quantized critically if V G;? are quantized critically. It means that in the
theory of modulo transforms any higher order orthonormal integer transform can
be approximated by a cascade of modulo transforms which ensure the reversibility
property. As an example, the orthonormal 4-point DCT-II approximated by modulo
transforms is shown in [19].
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12 —O—» div (13) 12

—O—» div(13) — Yo

-X, el

div (13
12 v 12

div (13) — Y,

Fig. 9.8 Modulo transform approximation of y7 = G(;{)f(

9.3.3.2 Computational Aspects of Modulo Transforms

Modulo transforms based on Pythagorean triads (c, s, ¢ 4 1) satisfying Theorem 9.3
are implemented with integer multiplications and integer divisions. The forward
two-point modulo transform is generated by Srinivasan [19]

yo = sdiv(c xo — s x;, ¢+ 1),
y1 = sdiv(s xo + ¢ x1,¢c + 1), (9.80)
while the inverse two-point modulo transform is generated by

xo = sdiv(cyo + sy, c+ 1),

x; = sdiv(—s yo + cy1,c+ 1), (9.81)
where
a+ |t
sdiv(a,c + 1) = L#J , (9.82)
c+1

and the divisor ¢ 4 1 is always an odd number. A common method of realizing the
integer division by a constant is by doing a multiply and shift. The multiplier is
related to the reciprocal of the divisor ¢ + 1. An offset is added to prior shift to do
rounded division as required. The size of accumulator for multiply operation is the
bit range of dividend plus a constant. If the input range is = R in each dimension,
the dividend range in (9.80) and (9.81) is (¢ + s) R. The dividend range can be
reduced to £(s + 1) R because (9.80) is equivalent to

yo = xo — sdiv(xg + s x1,¢ + 1),
y1 = x1 + sdiv(s xo — xj,¢ + 1), (9.83)

and (9.81) is equivalent to [19]

Xo = Yo + sdiv(=yo + s y1, ¢ + 1),
x1 = y; —sdiv(s yo + y1, ¢+ 1). (9.84)
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Although (9.83) and (9.84) still involve two divisions, the multiply and shift division
can be implemented using a smaller accumulator. It is noted that in practical
implementations sdiv(a, ¢ + 1) operation may be replaced by the rounding operator
round (7).

It is interesting to compare modulo transforms with LUL or ULU structures from
computational point of view. The modulo transform components may be evaluated
quite independently in the corresponding computational structure, whereas in
LUL (ULU) structures a cascade of three multiplications must be implemented
subsequently and in high precision arithmetic for the desired rotation to obtain the
final accurate result. Moreover, intermediate integer approximations by the rounding
operator or dyadic approximation lead to an effective reversible transformation
which is not a pure rotation. On the other hand, the modulo transform always results
in a rotation, even when the rotation angle is only approximated [19].

In summary, the modulo transforms have interesting properties in modular
arithmetic. Based on these properties, certain integer rotations can be critically
quantized without loss of information. Thus, modulo transforms are very suitable
for lossless data compression as a viable alternative to the LUL or ULU structures
for realizing the reversible integer transforms and reversible integer rotations.

9.3.4 Infinity-Norm Rotation Transforms

A class of reversible dynamic-range preserving one-to-one mappings to integer
transform approximation, the so-called infinity-norm rotation transforms, has been
developed in [22]. They are analogous to the general linear 2-norm rotation
transforms such as the Givens—Jacobi rotations. While the linear 2-norm rotation
transforms preserve the 2-norm (Euclidean norm) of the rotated vectors, the
infinity-norm rotation transforms are piecewise linear ones preserving the infinity-
norm of vectors. Besides the advantages of perfect reversibility property and of
maintaining the constant dynamic range, the infinity-norm rotation transforms
have also good energy-compact ability. Their in-place implementation is based on
products of matrices being unit lower and unit upper triangular matrices with unit
determinants [22].

In the following the theory of infinity-norm rotations and their important
properties are discussed at first followed by their piecewise linear implementation
preserving the constant dynamic range for integer-to-integer approximation.

9.34.1 Infinity-Norm Rotation

In general, a linear orthogonal transform is a rotation in Euclidean space, which
preserves the 2-norm of the rotated vectors. Similarly, a rotation that preserves the
dynamic range is a rotation in the infinity-norm space, called the infinity-norm
rotation [22]. It is well known that the vector norms are derived from the general
class of the so-called p-norms (for more details, see Appendix A.3).
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Ay A y A y

(@ (b) (©)

Fig. 9.9 Unit p-norm rotations in 2-D space: (a) 1-norm rotation, (b) 2-norm rotation, (c) infinity-
norm rotation

Definition 9.9 (Notion of p-Norm Rotation That Preserves p-Norm of the
Vectors After the Rotation) p-norm isometry set SZ is the set of vectors x =
[x0, X1, ..., X,—1] such that the p-norms of all vectors are equal to d, i.e.,

S;={x:xel A|x|,=d}. (9.85)

In general, Ry :1 is called a p-norm circle, and Ry ; is called the unit circle of the
p-norm isometry set. For illustration, a 1-norm circle in 2-D space is a rhomboid, a
2-norm circle is a normal circle in 2-D and a sphere in 3-D, the infinity-norm circle
is a square in 2-D and a cube in 3-D (see Fig.9.9).

Definition 9.10 (p-Norm Rotation) p-norm rotation R” is the transform that
preserves the p-norm of the vectors, and geometrically moves the end points of
the vectors in the p-norm isometry set S, i.e.,

RV : S, - S, vVxeS,, |x|,=|R” x|, =d. (9.86)

Thus, a rotation transform that preserves 1-norm, 2-norm, or the infinity-norm
is a 1-norm rotation, 2-norm rotation, or an infinity-norm rotation, respectively. For
illustration, these types of rotations in 2-D space are shown in Fig.9.9. They are
performed along the unit circles of 1-norm (the set Sll), 2-norm (the set Si), and
infinity norm (the set S| ) counterclockwise with respect to the X axis.

Definition 9.11 (Angle of p-Norm Rotation) In 2-D space, the angle is the amount
of p-norm rotation between two vectors in S, which is measured by the ratio of the
runlength sweeping from the first vector to the second vector to the constant p-norm
radius:

_ runle.ngth 9.87)
radius

Thus, 6, = (arc length)/radius is the angle measure of a 2-norm rotation, and
Ooo = (runlength)/(side length)/2 is the angle measure of an infinity-norm rotation.
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After rotating a complete circle, 6, = 2w and 6, = 8. The equivalent relation
between 6o, and 6, for 6, € (0, 7) is defined as

oo = tan 6. (9.88)

Especially, 0o = 1 when 6, = 7, and 6 = 2 when 6, = 7. Other relations can
be found by combining the above rotations. These angle relations define the infinity-
norm rotations preserving constant dynamic range to approximate the corresponding
linear orthogonal transforms [22].

9.3.4.2 Properties of Infinity-Norm Rotations

Let R (6s0) denote the rotation from point A to point B along an infinity-
norm isometry set by an angle 6,. The infinity-norm rotations have the following
properties (some of them are also the properties of other p-norm rotations) [22]:

1. Composition: Composition of two infinity-norm rotations results in another
infinity-norm rotation.

2. Unique inverse: An infinity-norm rotation has a unique inverse rotation, if the
runlength is always the shortest.

3. Group of infinity-norm rotations: The set of all infinity-norm rotations of the
same center and radius forms a group.

4. Constant infinity norm:

Ixoo = IR (Boo) X co- (9.89)

5. Periodicity:

(c0)

R (6) x = R (b + T) x, (9.90)

where T is the period of the infinity rotation. In 2-D space, T = 8.
6. Reversibility property: For oo, B0 €< 0,T)

R (@o0) x = R (Boo) X © oo = Poo- (9.91)

7. Piecewise linearity: In general, all sides of a p-norm isometry set SZ are linear in
planes. Hence, the infinity-norm rotation from one point to another point on the
same plane of SZO can be expressed as a piece of linear transforms. The piecewise
linearity of infinity-norm rotation in 2-D plane is shown in Fig. 9.10.
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Fig. 9.10 The piecewise
linearity of infinity-norm 4 y
rotation in 2-D plane \
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9.3.4.3 Piecewise Linear Implementation of Infinity-Norm Rotations

All the infinity-norm rotations can be formulated as piecewise linear transforms in
Euclidean space. With respect to Fig. 9.10 the XY plane is divided into eight regions
by four dashed lines. In each region, the infinity-norm rotation is a linear transform.
Denoting the runlength by RL, the corresponding formula for 2-D infinity-norm
rotation of a vector (x, y)” is defined as [22]

(l—@oo)(x) y=a A x> —a+RL, region?2,
’ y=—a A x < —a—RL, region 6,
(0—1 1—900)(x) y=a A x <—a+RL, region3,

s (x)= 1 2)\o 1 " y=—a A x>—a—RL, region7,
¥ ( 1 0) (x) x=a A y>a+RL, region4,

1

x=—a A y<a—RL, region 8§,

6
2 —1 1 0 X x=a A y>a—RL, regionl,
1 0 foo 1 y)’ x=—a A y<a+RL, region5,

(9.92)

where a = ||(x,¥)]lcc = max {|x|, |y|}. Matrices on the right-hand side of (9.92)
are (unit and/or unit cross) lower and upper triangular, and using the algebra of (unit
and/or unit cross) triangular matrices their inverses are easily obtained to define
the inverse infinity-norm rotations. We note that the cross forms of (unit) triangular
matrices are obtained from their original (unit) triangular forms by reversing the
orders of their rows and columns [86].
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Although the infinity-norm rotation can result in generally a non-integer output
[see Eq.(9.88)], our interest is the reversible integer infinity-norm rotation. In this
case, for the 2-D vector (x, y) the value of runlength is defined as [22]

runlength = round (|| (x, ¥)]loo - fc0)s (9.93)

where round() is the rounding operator. Thus, the infinity-norm rotation on the
integer lattice can be formulated by (9.92) with runlength given by (9.93) [22].
To implement an infinity-norm rotation we need to find a proper rotation angle
corresponding to the linear orthogonal transform to be approximated. For example,
for the 2-norm rotation R by the angle 7, according to (9.88) we find a rotation

angle 0., = 1 for R, Then, the integer approximation of R” is obtained by R
with 8., implemented by (9.92) and (9.93).

In general, the theory of infinity-norm rotation transforms can be extended to a
N x N orthonormal transform. It is well known that based on QR factorization (see
Appendix A.6), the orthonormal transform can be decomposed and implemented by
a product of at most N(N — 1)/2 Givens—Jacobi rotations. It means that any higher
order orthonormal integer transform can be obtained by a cascade of 2-D integer
infinity-norm transforms which ensure the reversibility property. As an example,
the orthonormal 3-point DCT-II approximated by a product of two infinity-norm
rotations is shown in [22], where the orthonormal 3-point DCT-II is factored into
the following rotation-based product of two matrices

V2 N2 A2 0 3 A6 N2 N2

C” 2 j§2 \Zf 3 3 2 2
=3 L o -L|=[1 0o 01 0 (9.94)

i O 0—xo 3 )\ ¥2g A2

2 2 3 3 2 2

In summary, the infinity-norm rotation transforms enable us to construct the
reversible integer rotations. Thus, they are also very suitable for lossless data
compression as a viable alternative to the LUL or ULU structures, and to the
modulo transforms for realizing the reversible integer transforms and reversible
integer rotations.

9.3.5 Construction of the Analysis/Synthesis IntMLT Filter
Banks for MP3

In order to illustrate just discussed local methods to integer approximation, specif-
ically the reversible LUL or ULU computational structures, the reversible integer
modulo transform rotations, and the reversible integer infinity-norm transform
rotations, this subsection is focused on integer approximation of the complete
analysis/synthesis MLT for MP3, or equivalently, the complete analysis/synthesis
MDCT filter banks with the associated sine windowing function.
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As we mentioned the local methods to integer approximation are rather suitable
for the short transform sizes. Indeed, the MP3 audio coding standard [78] for the
time-to-frequency transformation of an audio signal and vice versa has adopted the
analysis and synthesis MLT filter banks [82] operating on the blocks of 12 samples
(the short blocks) or the blocks of 36 samples (the long blocks). From theory of
fast algorithms it is well known that using a permutation, the MLT or MDCT
block transforms can be always converted to the DCT-IV of half size. Although
many efficient implementations of the forward and backward MLT or MDCT
block transforms for MP3 have been developed up to now (see Chap.5 for more
details) for integer approximation of the complete analysis and synthesis MLT filter
banks, we will consider the fast analysis MDCT filter bank with the incorporated
windowing and overlap procedure given by (9.30) and (9.34), and the fast synthesis
MDCT filter bank with incorporated windowing and overlap and add procedure
given by (9.35) and (9.40). In particular, from the definition of sine windowing

. . _ _ wio w(@2n+1) _ _ w(2n+1)
function we have: w, = s, = sin =55, and WN_|_, = Cu = COS —5y—,
n=20,1,..., %’ — 1. The corresponding compact computational structures for the

efficient implementation of analysis MLT filter bank with incorporated windowing
and overlap procedure, and synthesis MLT filter bank with incorporated windowing
and overlap and add procedure are shown in Fig. 9.11a, b, respectively.

From Fig.9.11 it can be seen that the compact computational structures for the
efficient implementation of both the analysis and synthesis N-point MLT filter banks

(N/2)-point
DCT-1V o
computational > G
structure
/ pD-------- P
(N/2)-1-n A\
C (t+1)
" AN/4{Y(I\I/4)-%-n}
(a)
®
AN/4{Y(N/4)-]-n}; C, . (t+1)

(N/2)-point

& DCT-IV
k¥ computational

structure

(t+1)
» X1

(t+1)
Yy

(b)

Fig. 9.11 Compact computational structures for the efficient implementation of: (a) analysis MLT
filter bank with incorporated windowing and overlap procedure, (b) synthesis MLT filter bank with
incorporated windowing and overlap and add procedure
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consist of the regular cascade of %’ Givens—Jacobi rotations derived in matrix-vector
forms, respectively, as

(1) '
Vo1, (=) [ x " N
e =-G, (+1) , n=0,1,...,——1,
Ax y N_ - 4
r { ¥+n} i
(9.95)
and
(t+1) 7Q2n+1) A { (1) }
X o Ny N
<<,’+’1> ):—GE )[4 e B
%_1_” ¥+n
(9.96)

and the forward/inverse %’-point DCT-IV computational structure. Thus, for
the complete integer approximation of both analysis and synthesis MLT filter
banks for MP3 we still need a suitable regular rotation-based fast DCT-IV
algorithm/computational structure.

The fast even-length DCT-IV algorithm presented in Appendix C.2.2 has been
decomposed exclusively into sums of the Givens—Jacobi rotations [75]. Actually,
it has been derived from the fast analysis MLT filter bank with incorporated
windowing and overlap procedure given by (9.30) [76]. For N' = %’ being an odd
integer (when N = 12, N = 3, and when N = 36, N’ = 9), the Givens—Jacobi
rotation-based DCT-IV computational structure in the matrix-vector form is defined
as [75]

w 2/ 1
< Czk ) _ LZJ [1 ( 1)"+1 { ( Pk.n) ( ) +( l)k (‘Pkn) (‘W’—l—n)} ,
Nk by bn'—1-n

lf_zk LZJ: [( l)Vl 1] {G( @k,n) (b )+( 1)k (¢kn) (bN/—l—n)%
CZk—l 2 ay—1-n )}’

2+ Dk N N
oy = TR o Y aser Y
* 2N 2 2

(9.97)

where |.| denotes the lower integer part of an argument. The data sequences {a,}
and {b,} are given by

a _ 72nt+1) (1)
m) )( i

=G, © ), n=0,1,...,N —1, (9.98)
by
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where {y:)} is the time domain aliased data sequence given by (9.31). Finally, for
k = 0 the coefficients cg/ and cg_ | are given by

L J-1
Ry

Co —aN’ 1+ Z (an+aN’ l—n)
n=0

L= ED T b Y D Bt by, (9.99)

The vectors [1, (—1)"*!] and [(=1)", 1] under sums on the right-hand sides

of (9.97) change the signs of components of rotated vectors after summing their

corresponding components. Trivial rotations of the vector [ay—i,by—1] by the
2 2

angles —Zk are realized by initializing summators for the coefficients clz‘;( and
y follows [75
Cy gk as follows [75]

v

C Ty an’ —
<N * ) =g, L) o1 N1 (9.100)
Yo bz

Now, consider the analysis MLT filter bank with incorporated windowing and
overlap procedure for the short block when N = 12 (see Fig.9.11a). For the
windowing and overlap procedure given by (9.95) we have

@+
“+n |
X4

® . ®
y2<+n = - G(_24) (+l) yl(+n = - G(_%)
spi) = ) (a2

yg) (_7 (t+1)
r =-G a . 9.101
(A3 {y(5+1)}) 2 (x3+1)> ( )

The windowing and overlap procedure given by (9 101) includes three inverse
Givens—Jacobi rotations by three rotation angles — , and —2%. According
to (9.98) we have

(1) . 0) s 0)
(ao) ( 24) (611) _ G(—§) Y (a ) G 2% A2
bO yg) bl 2 yZ) ’ b2 2 y;) .

(9.102)

24’

Equation (9.102) includes again three inverse Givens—Jacobi rotations by three
rotation angles —3;, —%, and —Z—Z. According to (9.100) and (9.97) for k = 1
and n = 0, the rotation angle ¢y = %, and we have
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4

“ b %) (a (%) (a
=)o el () el (52}

C3

v

“ —a (-2) (bo () (b
. =(_bl)+{62 (ao)—62 (az)}. (9.103)

¢

Equation (9.103) includes four forward or inverse Givens—Jacobi rotations by one
rotation angle % or —%. Finally, according to (9.99) we have

¢y =ar+(ap+a). s =by—(by+ b). (9.104)

Thus, for the short block the fast analysis MLT filter bank represented by the
compact computational structure shown in Fig.9.11a includes totally ten Givens—
Jacobi rotations by four rotation angles, —%, —%, —52—’1, and :F%.

Formulae for the fast synthesis MLT filter bank represented by the compact
computational structure shown in Fig.9.11b can be easily obtained by following

the procedure indicated above.

9.3.5.1 IntMLT Implementation by the LUL or ULU Structures

For integer approximation of the analysis and synthesis MLT filter banks (IntMLT)

by the LUL or ULU computational structures we need to approximate inverse
=%
. G,
rotations G(zjE °’. We know that their integer approximation can be realized either
by introducing the rounding operator in subsequent computational steps, or alterna-
tively, the off-diagonal multipliers can be approximated by dyadic rationals. Using
the LUL or the ULU computational structure is left on a reader. For the rotation

angles 77, ¢ 3T and % the values of off-diagonal multipliers tan ¢ and sin¢ as

4° 80 24°
well as their relatively exact dyadic approximations are summarized in Table 9.2.

%)

. . . =3 . . .
Givens-Jacobi rotations G ,G , and forward/inverse Givens—Jacobi
2 2

Note 10: The first integer approximation of the MLT block transform for MP3 audio
coding standard using LUL structures has been reported in [54, 55]. It is based
on the fast MDCT algorithm [77]. The required orthonormal 3-point and 9-point
DCTs-1I are factored exclusively into Givens—Jacobi rotations. As an example, for
the short audio block the orthonormal 3-point DCT-II module is decomposed into
two Givens—Jacobi rotations according to (9.94). However, integer approximation of
the windowing operation for the complete analysis and synthesis MLT filter banks
was not considered.
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Table 9.2 Values of off-diagonal multipliers tan % and sin ¢ and their dyadic approximations for
LUL or ULU computational structures

Rotation angle Value Dyadic approximation Approximated value
tan 75 0.065 543 463 17/256 0.066 406 250
sin 7% 0.130 526 192 33/256 0.128 906 250
tan ¢ 0.198 912 367 51/256 0.199 218 750
sin § 0.382 683 432 49/128 0.382 812 500
tan i—’g’ 0.339 454 259 87/256 0.339 843 750
sin 52—’2 0.608 761 429 39/64 0.609 375 000
tan 75 0.267 949 192 69/256 0.269 531 250
sin £ 0.500 000 000 172 0.500 000 000

Table 9.3 Values of rotation angles in radians and their appropriate approximations by
Pythagorean triads (c, s, c+1)

Rotation angle Value in radians Approximation by (c, s, c+1)
o 0.130 899 694 (15, 112, 113)

3 0.392 699 082 (5,12, 13)

;—Z 0.654 498 469 (3,4,5)

z 0.523 598 776 (5,12, 13) + (15, 112, 113)

9.3.5.2 IntMLT Implementation by the Modulo Transform Rotations

For the implementation of analysis and synthesis IntMLT filter banks by the modulo
. . . . . =3 =%

transforms we need to approximate inverse Givens—Jacobi rotations G, >, G,

3D . . . . P .

G, *" and forward/inverse Givens—Jacobi rotations G, ° by Pythagorean triads
(c,s,c+ 1). With respect to Table 9.1, the values of rotation angles %, %, SZ—Z and %
in radians and their appropriate approximations by Pythagorean triads (c, s, ¢ + 1)
are shown in Table 9.3.

9.3.5.3 IntMLT Implementation by the Infinity-Norm Transform
Rotations

For the implementation of analysis and synthesis IntMLT filter banks by the infinity-
norm rotation transforms for each forward/inverse Givens—Jacobi rotation we need
to calculate the angle 6, according to (9.88), and then the value of parameter
RL according to (9.93). Values of angles 6y, are shown in Table 9.4. Integer
approximation is realized by Eq. (9.92) using the rounding operator.

Discussed local methods to integer approximation of the MLT block transform
(without integer approximation of the windowing and overlap procedure) for
MP3 audio coding standard have been evaluated and compared in terms of the
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Table 9.4 Values of angles

0 tan 0 0, foo = tan 6,
= lan
* ’ 20131652498
T 0414213562
10,767 326 988
= 10.577 350 269

computational speed and accuracy in [57] with the following conclusion: IntMLT
approximated by the modulo transforms has the highest computational speed, while
IntMLT approximated by the infinity-norm rotation transforms has the highest
accuracy.

9.4 Global Methods to Integer Approximation

The local methods to integer approximation of a transform are applied to local parts,
usually to the orthogonal/orthonormal transforms of length 2 being the Givens—
Jacobi rotations and/or trivial rotations by the angle 7 in the corresponding orthog-
onal (unitary) recursive sparse block matrix factorizations (9.1), (9.13), (9.24),
and (9.25). However, for long transform sizes the construction and computational
complexity as well as the number of rounding operations and approximation error
increase considerably.

In order to improve the integer transforms in terms of improved construc-
tion, computational complexity and improved approximation accuracy, the global
methods to integer approximation of a transform are used [15, 21, 36, 41-47, 49—
53, 56]. They are based on theory, algebra of block matrices, and block matrix
decompositions [80, 86] (see Appendix A.7). Essentially, in global approximation
methods large parts of transforms are calculated in floating-point arithmetic, only
output is component-wisely rounded and added/subtracted. In matrix terminology,
instead of multiplying by scalar elements (see LUL or ULU structures), block
matrix-vector multiplication is applied followed by component-wise rounding
operators. Consequently, the construction and computational complexity as well as
the number of rounding operations and approximation error are minimized. Thus,
global approximation methods are suitable not only for large transform sizes but
also for small transform sizes.

9.4.1 Generalized LUL and ULU Block Matrix Factorizations
of Windowing & Overlap and Windowing & Overlap &
Add Procedures

At first, in the following subsections the generalized LUL and ULU block matrix
factorizations of the windowing&overlap and windowing&overlap&add procedures
both for the fast analysis/synthesis MLT filter banks (see Fig.9.11a, b), and fast
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analysis/synthesis MDCT filter banks with an arbitrary symmetric windowing func-
tion given by (9.34) and (9.40) are derived. The generalized LUL and ULU block
matrix factorizations consisting of products of lower and upper block triangular
matrices with unit diagonal blocks are invertible, thus, they enable us to construct
the reversible integer transforms in compact block matrix-vector forms.

9.4.1.1 The Analysis and Synthesis MLT Filter Banks

With respect to Fig.9.11a the windowing and overlap procedure by the sine
windowing function in the fast analysis MLT filter bank is represented in the matrix-
vector form as

()
%—l—n

Cp Sp < x’(;‘i’]) ) o1 N |
(t+1) = - (t+1) , n=U1,...,——1,
A% {y%‘F”} —Sn Cn x%_l_n +
(9.105)

where ¢, = cos 22 and 5, = sin % We begin with a simple example.

Consider (9.105) for N = 16. Then, forn = 0, 1,2, 3 we have

® co So (t+1) (] c1 8 (t+1)
V3 X N X
A { (r+l)} = — =V A { ll+l)} = - +n |
X X,
4V —50 €0 7 45 —s1 ¢ 6
® Ccy $2 (t+1) (] c3 83 (t+1)
Y1 X, Yo X3
(1+1) = - w+n | (t+1) = - u+y |-
A} : A} :
4 Y6 —55 ¢ 5 4Y7 —53 3 4

The set of above equations for N = 16 may be represented in a compact matrix-
vector form as

or in the equivalent block matrix-vector form as

y(f) x(t+1)
y?o c 0 0 0]s5000 me
y%> 0 ¢, 0 0/0s00 x3,+n
b 0 0 ¢ 0/00s0 x%“’
S o 0 0 al000s 3
A { (1+1)} —3S0 0 0 0 | Co 000 (t+1)
s 0O—s; 0 0][0c 00 Ten
Aglys '}
S 0 0—s; 0]00c 0 6.,
Aglys '}
s 0 0 0—=s3]/00 0 c; S
A4{)’7 } Xy
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(3!) xg+])
yg) x(lt-‘rl)
y(lf) x;+1)
(1) (t+1)
Yo C4 S4 X3
_____ = - - T )
sty | el |
24{))5!-4-1)} x2+1)
4{ (1+1)} (St-‘rl)
A4{)’7 } Xy

where C4 and S, are diagonal matrices of order 4. The last equation indicates that
the windowing and overlap procedure in the fast analysis MLT filter bank may be
represented in a generalized block matrix-vector form as

(1) t
yﬁ 1—n Cﬂ Sﬁ XL-H)
1 1 1 0.1 N 1
—————— = — -0 0 n=9u1,...,——1,
) B +D 4
Ay by RV S
(9.106)

where Cy = diag{cos ”(ZZ'ZH)} and Sy = diag{sin ”(2"+1)} are diagonal matrices

of order %’. The first half of samples {xn } on the right-hand side of (9.106) is in
natural order while the second half of samples {x(g_l:_n} is in reverse order.

In order to obtain a reversible integer approximation of (9.106), the nonsingular
block matrix on the right-hand side of (9.106) is decomposed into the following
product of lower and upper block triangular matrices with unit diagonal blocks
as [51]

Cy S T Iy T

N Sy Iv Ty Iv Oy v Tw

4 ) Y 3 3 T 3
= , 9.107)

—Sv Cn Oy In —Sw~ In Oy In

54 F 3 R F 4

where 1 N is the identity matrix, ON is the null matrix, both of order ¥ T N =

diag{tan ”(2"+1)} =0,1,..., 4 — 1, is the diagonal matrix of order T Roundlng

operators are introduced after T y and S N matrix multiplications Wlth a vector.
Equation (9.107) defines the generahzed ULU block matrix factorization. The
corresponding generalized ULU computational structure is shown in Fig.9.12,

where {x,}, {xg —1—,y are input data sub- sequences and {yN en)s {yN ) are output

data sub-sequences for n = 0,1,..., 4 — 1. It requires % roundmg operators.

Explicit estimates of component-wise accumulated approximation errors caused by
the rounding operators we can obtain from Theorem 9.1.
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X,  Yap) Yo > {Youayin
T, Sy T,
2 7 3
y® .
{X(N’Z)-l-n} » {y(N/4)+n}
Fig. 9.12 Generalized ULU computational structure. {x,}, {x y _1—, are input data subsequences
and {yg_l_,,}, {yg 1} are output data subsequences forn = 0,1,..., % —1

On the other hand, with respect to Fig. 9.11b the windowing and overlap and add
procedure in the fast synthesis MLT filter bank using the similar approach may be
represented in the block matrix-vector form as

(+1) ©
%, cy sy ) (2 by N
—_— =y 1V - - - 5 n—Ovl’ 52_1'
(t+1) (1+1)
x%—l—n S% C% y%-‘rn
(9.108)

In order to obtain a reversible integer approximation of (9.108), transpos-
ing (9.107) and using the algebra of block triangular matrices we get the generalized
LUL block matrix factorization of nonsingular block matrix on the right-hand side
of (9.108) as

Cy —Sn Iy On Iv —S» Iy Oy

3 7} rl 3 7} r
= . (9.109)

Sy Cy Ty Iy Oy In Ty In

a v} ra T a3 T3

The corresponding generalized LUL computational structure can be obtained from
the generalized ULU computational structure shown in Fig.9.12 by reversing the
arrows.

Note 11: Inverting (9.107) and using the algebra of block triangular matrices we get
the alternative generalized ULU block matrix factorization of (9.109) defined as

C% —S% 1
= . 9.110)

=
|
~N
&=
P~
=
(—]
=
P~
w=
(=]
»=
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Similarly, inverting (9.109) and using the algebra of block triangular matrices we
get the alternative generalized LUL block matrix factorization of (9.107) defined as

Cy S

=
=

I% 0 Iy S I% 0
= . ©.111)
—Sy Cn —Tnv IN Oy In —Tn In

4 4 &4 R R

&=
=z
=z
=z

Note 12: Consider the rotation matrix Gy of order N given by (9.12) in the
orthogonal recursive sparse block matrix factorization (9.13) of the DCT-IV matrix
C, 1\‘// . Let us reorder the input data sequence {x,} such that samples in its first half
are in natural order while samples in its second half are in reverse order. Then the
reordered rotation matrix Gy will have the following block matrix form

Cy —-S

vy =Sy
A 2 2
Gy = , 9.112)
Sy Cuy
2 2
where C% = diag{cos %} and S% = diag{sin (2"+1)} =0,1,..., 2 -1,

are diagonal matrices of order % Consequently, it can be decomposed into the

generalized LUL block matrix form given by (9.109) or (9.110). Note that the
diagonal matrix Ty = dlag{tan ”(2"+1)} forn = 0,1,....% — 1. Similarly,

the reordered rotation matrix GN in the orthogonal recursive sparse block matrix

factorization (9.24) of the DCT-IV matrix C;:,/ will have the following block matrix
form

Cy Sy
AT 2 2
G, = , 9.113)
—Sx Cu
2 2

and it can be decomposed into the generalized ULU block matrix form given
by (9.107) or (9.111).

9.4.1.2 The Analysis and Synthesis MDCT Filter Banks

Just described approach for the analysis/synthesis MLT filter banks can be general-
ized for the fast analysis/synthesis MDCT filter banks with an arbitrary symmetric
windowing function {w,}. Consider the fast analysis MDCT filter bank with
incorporated windowing and overlap procedure given by (9.34) and fast synthesis
MDCT filter bank with incorporated windowing and overlap and add procedure
given by (9.40). The matrices on the right-hand sides of (9.34) and (9.40) have unit
determinant, and substituting a = d = WA, and b = w, into (9.42) and (9.43)
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we easily obtain their LUL matrix factorizations defined, respectively, as

W%*lfn Wn 1 0 1 Wy 1 0
= , wa £ 0,
(Wﬂ—l—n_l) (Wﬂ—l—n_l) ;é
—Wn WN_j, ZT 1 01 —2- " o 1
9.114)
and
WN_j_,  —Wn 1 0 1 —w, 1 0
= .(9.115
wy_,_,=D wy_,_,~D ( )
Wn W%—l—n 2T 0 1 _ZT 1

Note that alternative ULU and LUL matrix factorizations can be obtained by
transposing or by inverting (9.114) and (9.115).

Following the simple example from previous subsection consider Eq. (9.34) for
N = 16. Then, forn = 0, 1, 2, 3 the corresponding set of equations for N = 16 may

be represented in a compact matrix-vector form as

(t+1)
A4 y4

(r+1)
Ay (s

t+1)
Ay {yig l

(t+1
Ay {)’7 )

w, 0 0 O]
0 we 0 O]
0 0 ws O]
B 0 0 0 wyl
" l=we 0 0 o
0O—w; 0 O]
0 O0-w, O]
0 0 O—W3|

or in the equivalent block matrix-vector form as

(1)

(r+1)
Ay Y4

(++1)
Ay Vs

(1)
Ay {y6

au

W, W,

—W, W,

cocoo3I ococoZ

T clcococ ® o

[=)}

o O

S oo

o o o|lo
=

(t+1)
(1)
(t+1)

(t+1)

(t+1)
7
(1)
6
(+1)
5
(1)

cocoI coo

~

(1+1)
0
(t+1)
1
(t+1)
(1)
X
(t+1)
(t+1)
t+1)
(t+1)
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where W, and W4 are diagonal matrices of order 4. Similarly, the last equation
indicates that the windowing and overlap procedure in the fast analysis MDCT filter
bank may be represented in a generalized block matrix-vector form as

(t ~ t
Yei, Wy Wi\ (x5
4 4 4 N
______ = I RV PRPPRL i S
(+1) A =+
Aniyy,,t Wy Wy )\ Xy,
(9.116)
~ . wy__,=D . . .
where W¥ = diag { ———— and W% = diag{w,} are diagonal matrices of

order .

In order to obtain a reversible integer approximation of (9.116), we need a block
matrix factorization of nonsingular block matrix on the right-hand side of (9.116). In
fact, the block matrix on the right-hand side of (9.116) can be decomposed into the
following product of lower and upper block triangular matrices with unit diagonal
blocks as

Wy Wy Iy On In Wn In On
) vy T 1 1 r T4

= , 9.117)
—Wuw ‘A’Vg Wﬁ Iy Ov Iy Wﬂ Iy
7} 4 79 T 7 T3

where 1 y is the identity matrix, 0% is the null matrix, both of order %. VAV% =
wy_,_,=D

diag { zu—n} and VAV% = diag{w,},n = 0,1,... ,%’ — 1, are the diagonal

matrices of order ]ZV. Equation (9.117) is considered as the generalized LUL block
matrix factorization of (9.114).

Finally, the windowing and overlap and add procedure in the fast synthesis
MDCT filter bank given by (9.40) using the similar approach may be represented in

the block matrix-vector form as

(+1) o ©
X, Wy =Wy \ [Ay {y%flfn} N
_———— = -1 1V} - = B —0517 7__1'
t+1) ~ (t+1) " 4
N _1-n W% W% %-i—n
9.118)

In order to obtain a reversible integer approximation of (9.118), transposing (9.117)
and using the algebra of block triangular matrices we get the generalized ULU block
matrix factorization of nonsingular block matrix on the right-hand side of (9.118) as
w —W% In W 1 N 0 Iv W

= . (9.119)

=
=
=
=
+=
=
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Now, it remains for us only to construct reversible integer approximations of
i . . .
the DCT-I block transform C, v given by orthogonal sparse block matrix factoriza-

tion (9.1), the DCT-IV block transform c 1\‘// given by the orthogonal recursive sparse
block matrix factorizations (9.13) and (9.24), and the DFT block transform F given
by the unitary sparse block matrix factorization (9.25).

9.4.2 Integer Transforms with an Expansion Factor

A global method to derive integer transform from a given arbitrary invertible linear
transform has been proposed in [15]. Principally, the method can be seen as an
extension of integer transform with expansion factors [10]. The construction of
invertible integer DCT is illustrated for the 8-point DCT-II.

For a general linear mapping F:R' - RV given by F (x) = Hy x, where
H), is an invertible transform matrix, it can be found an invertible integer mapping
F : ZV — ZV approximating F by

F (x) = round(HyXx),

if Hy satisfies the expansion condition (—1,1)¥ < Hy((—1.1)"), where
Hy((—3.5)Y) = {Hy r : r € (-1, 4)V} is the image of unit cube (—1, 1)V
under the linear mapping F generated by Hy. However, the transform matrix Hy
frequently does not satisfy this condition. In this case we can apply to Hy a suitable
expansion factor ay > 1 such that ayHy satisfies the expansion condition, i.e.,
ay Hy((—3%.3)V) completely covers the unit cube (—1,1)". Then, an invertible

202
integer transform is simply given by
F(x) = round(ay HyX).

This nonlinear integer transform is very close to the exact (scaled) transform
ay Hyx and the error oy Hyx — F(X) is at most % in each component.

The idea is applied to the DCT-II matrix to derive invertible integer DCT-II.
Generally, we just need to apply a fast DCT-II algorithm to the input data vector
x and to compute in floating-point arithmetic ay C, 1:,x, where ay is a relatively small
constant depending on the value of N. Finally, each DCT-II coefficient is rounded to
the nearest integer. The proposed integer transform has two advantages:

e The fast algorithm being already implemented for the DCT-II can be directly
applied.

» The difference between integer transform and exact (scaled) linear transform is
controlled.

Now consider the discrete trigonometric transforms where DCT matrices are
obviously orthogonal. But orthogonal matrices do not satisfy the expansion con-
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dition and need to be multiplied with a suitable expansion factor. For a given
trigonometric transform matrix Hy generating the linear mapping F:x - Hyx
it is necessary to find a minimal expansion factor ¢ > 0 such that @ Hy satisfies
the expansion condition. In the following theorem is shown how to determine the
minimal expansion factor for trigonometric transform matrix [15].

Theorem 9.4 (The Nonlinear Integer Mapping for Trigonometric Transform
Matrix with the Mipimal Expansion Factor) Let Hy be an invertible matrix and
F : RN — RN with F(x) = Hyx be the linear mapping generated by Hy. Then the
nonlinear mapping F(x) : ZV — ZV given by

F(x) = round(a HyX). (9.120)

witha > ay = ||H;,1 lloo is an invertible mapping, and we have
| Q-
X =round | —Hy F(X) ). (9.121)
o
Moreover, it follows that the error is

laFx) — F(X®)|oo < =, 9.122)

N =

i.e., F is close to the scaled linear mapping o F.
O
The proof of Theorem 9.4 can be found in [15].
Specifically, for integer DCT-II the nonlinear invertible mapping F(x) : ZV —
ZN approximating the DCT-II is defined by

F(x) = round(« C],:,x) (9.123)
with
> L, 1 ( = 1) (9.124)
o>y =—=+ —|(cot— —1). .
TN VN VAN
The nonlinear mapping F is invertible, and we have
1 /| T 1 1
x = round | — [Cy]"F(x) | = round [ — CyF(x) ] . (9.125)
o o

. A~ 1 .
Moreover, comparing X = « C!Nx and y = F(x) component-wise, we find that

1
V=%l <3 j=01L. . N-1 (9.126)
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i.e., in all components, the nonlinear mapping F rounds the exact (scaled) DCT-II
coefficients to the next integer. In particular, the constants ay satisfy ay < \/]TJ,
i.e., we can replace the normalization factor \/% in the definition of C, 1\1, by +/2 and
apply a fast DCT-II algorithm to this scaled DCT-II.

Based on the above discussion, the algorithm for integer N-point DCT-II
computation is very simple. For integer input vector x € ZV the computation of
the forward integer N-point DCT-II consists of the following steps:

1. Compute X = « CI,:,X by a fast DCT-II algorithm, where @ > «y is chosen
suitably, for example, take ay = +/N.

2. Compute y = round(X), where y € Z" approximates o C, 1(,x

For example, when N = 8 we can just take the factor ¢ = 242 > oy and use a fast
8-point DCT-II algorithm for 2\/5 Cl A[,x.

The inverse integer N-point DCT-II algorithm is equivalently simple and consists
of the following steps:

1. Compute y = é[C]}(,]Ty = é Cl,f,l y by a fast inverse DCT-II algorithm, where « is
chosen as in the forward integer DCT-II algorithm.
2. Compute x = round(y), where x € ZV is the original input vector.

Using the Theorem 9.4 the integer transforms can be derived for other discrete
. . . Vv
trigonometric transforms analogously, i.e., also for the C N -

9.4.3 Multidimensional Computational Structure

The multidimensional computational structure (MDCS) is based on the factorization
of 2 x 2 diagonal scaling matrix with unit determinant into the product of three unit
lower and unit upper triangular matrices as follows [35]

d 0 -10 1—d 01

0d! a1 0 1 1d™!
-10 1 —d 10

Jo, deR, d#0.(9.127)
d'1 0 1 d'1

The factorization (9.127) provides the basic idea to derive the MDCS computational
structure. It can be extended to cases where each scalar element in the factored
matrices is a square nonsingular matrix. In fact, for an arbitrary invertible matrix
Ty of order M the following block matrix factorization is possible [36, 41, 51]
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Fig. 9.13 MDCS o [T »
computational structure
1 1
Ty Ty T,
@ CHEN
Ty Oy —Iy 0y \ (I =Tw\ [ On In
0y T, T, Iy ) \ow I,/ \1, T,

—IM OM IM —TM IM OM 0M IM
_ ., (9.128)

1

Ty, In ) \Ou I/ \ T, Li | \ 1y Oy

where I), is the identity matrix, 0y, is null matrix, both of order M. The MDCS
computational structure is defined exactly by the factorization of quasi-diagonal
matrix of order 2M into the product of lower and upper block triangular matrices of
order with unit diagonal blocks. It is shown in Fig. 9.13.

An alternative block matrix factorization but of a cross quasi-diagonal matrix
with opposite main diagonal is defined as [42]

OM TM IMOM —IM TM IM OM
= . (9.129)

—1 1

T, Oy T, Iy ) \ 0y I,/ \ T, I

A reversible integer-to-integer mapping is simply constructed by the imple-
mentation of matrix-vector multiplications in floating-point arithmetic with the
results rounded to the nearest integer. The MDCS computational structure defined
by (9.128) or (9.129) requires 3M rounding operations. If the integer input vector
is applied to a matrix on the right-hand side of (9.128), the first (second) half of
integer values is processed by the matrix T ;41 (T)y) and then rounded to integer
values before adding to the second (first) half of integer values. Hence, the large
parts of the transforms are computed without rounding operations, only the results
of matrix-vector multiplications are rounded and added. A detailed rounding error
analysis of the MDCS computational structure is presented in [49-51].

The MDCS computational structure defined by (9.128) can be used for invertible
integer approximations of a transform 7', or an invertible approximation of certain
scaling operations. Moreover, substituting the block factorization (9.128) into a
recursive sparse block matrix factorization of the transform matrix [for example,
C ,:,, see Egs. (9.13) and (9.24)] results in further reducing the overall computational
complexity compared to non-integer implementation of the transform. The MDCS
computational structure is especially suitable for large transform sizes because it
minimizes the total approximation error and the number of rounding operations.
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9.4.3.1 Integer Approximation of the DCT-IV (IntDCT-1V) via the MDCS

If the block matrix factorization (9.128) for M = %’ is applied to the DCT-IV matrix
CZ and taking into account that [Cz’]_1 = C’,‘V/, it becomes [36, 41]

2 2 2
cy 0 —Iy 0\ (Iy —Cy\ (Iy 0 0 Iy
2 5 2
— ’ . (9.130)
0 Ch Cols J\o 1)\Cily)\I1y 0
2 2 2 2 2 2 2

The integer approximation of the DCT-IV (IntDCT-1V) via the MDCS computa-
tional structure (9.130) is simply obtained by applying rounding operators after

each DCT-IV matrix multiplication. For the DCT-IV matrix C, ,: the block matrix
factorization (9.130) is substituted into the corresponding orthogonal recursive
sparse block matrix factorization (9.13) and (9.24). In order to construct the IntDCT-
IV via the MDCS computational structure, consider the orthogonal recursive sparse

. . AV .
block matrix factorization (9.24) of the matrix C, y written in more compact form as

Cy =G, = Py. 9.131)
0 Cy J\Dy -Dy
2

Now, for the construction of IntDCT-IV we need to factorize the first three (block)
matrices on the right-hand side of (9.131). According to (9.113) the reordered
T

rotation matrix GN can be factorized using the generalized ULU block matrix form
given by (9.107) or (9.111). The second scaled block quasi-diagonal matrix can be
factorized using the MDCS computational structure (9.130) taking into account the

: 2
scaling factor %= as
v
- V2 Y
21l o o iy J\vacv 1 J\ o 1,
2 2

x . (9.132)
V2Cy Iy Iy 0
2

Finally, the third block matrix on the right-hand side of (9.131) can be factorized
using the block LU decomposition (see the next subsection) as

~

y Iy Iy 0 In Iy
2 2 2 2 2
= . (9.133)
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Thus, the complete invertible factorization of the matrix Cx requires 3N rounding
operators. Note that the inversion of upper block triangular matrix on the right-hand
side of (9.133) is given by
~1
Iy Iv —
2 2

= . (9.134)

0 —ZD% 0 —

1

I

The most straightforward way of using the MDCS computational structure for
the implementation of IntMLT or integer MDCT (IntMDCT) is to apply the %—point
DCT-1V to two blocks of time domain aliased signal simultaneously. These blocks
can either be from two succeeding overlapped data blocks or from the left and right
channel of a stereo audio signal, the so-called Stereo IntMDCT. The construction
and implementation of Stereo IntMDCT is presented in detail in [36, 41, 51]. Stereo
IntMDCT consists of the windowing and overlap procedure by the sine windowing
function followed by the DCT-IV block transform. The windowing and overlap
procedure is approximated by the generalized ULU block matrix factorization
given by (9.107) while the DCT-IV block transform is approximated by the MDCS
computational structure given by (9.130). A detailed rounding error analysis of
Stereo IntMDCT can be found in [49-51].

9.4.3.2 Integer Approximation of the FFT (IntFFT) via the MDCS

It is well known that the %’-point DCT-1V can be implemented by a complex
DFT (FFT) of half size with identical pre- and post-rotation stages [82] (see also
Appendix C.2.1). Thus, the N-point MLT or the MDCT, if are converted to the %]-
point DCT-1IV, then they can be implemented alternatively by the %’-point complex
FFT.

Consider the unitary sparse block matrix factorization (9.25) of the DFT matrix
Fy, and in particular, the first quasi-diagonal matrix on the right-hand side of (9.25).
Since the forward DFT may be realized by its inverse by swapping the real and
imaginary part as both pre- and post-processing [79], the first quasi-diagonal matrix
in (9.25) can be written in the following form [41]

0 Iv 0 Fy 0 Iv 0

= , (9.135)
0 Fu 0ir; 0 F, 0ir,
2 2 2 2

F

I

I
DI
v[=

where I’y is such a matrix that all elements of the matrix which are multiplied
2
by Iy they become complex conjugate. If we substitute (9.135) into (9.25) we
2
obtain the modified unitary sparse block matrix factorization (9.25) of the DFT
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matrix Fy. Finally, substituting Ty, = Fy for M = % into the block matrix

factorization (9.128), the corresponding MDCS computational structure of the
middle quasi-diagonal matrix on the right-hand side of (9.135) is defined as [41]

Fy 0 —Ix 0 Iy —F Iv 0 0y I

N UN N UN N N N N N IN
2 2 2 2 2 2 2 2 7 7
= . (9.136)
—1 —1 —1
Oy F, Fy Iy Oy Iy Fy Iy Iy Oy
2 5 37 2 2 2 2 2 2 2

The integer approximation of the FFT (IntFFT) via the MDCS computational
structure (9.136) is obtained by applying rounding operators after each DFT matrix
multiplication. For the DFT matrix Fy the block matrix factorizations (9.135)
and (9.136) are substituted into the corresponding unitary recursive sparse block
matrix factorization (9.25). The block Wy in the second quasi-diagonal matrix
on the right-hand side of (9.25) corresponds to the Givens—Jacobi rotations (see
Appendix F.4), and consequently, its integer approximation can be obtained by
the local approximation methods (LUL computational structure given by (9.46)
or by the ULU computational structure given by (9.48)). Finally, the scaled block
butterfly matrix on the right-hand side of (9.25) can be factorized using the block
LU decomposition (see the next subsection) as

N
\/i I% I% I% 0 TI% 71%
= - . 9.137)
Iy —Iy Iy Iy 0 —2Iy
2 2 2 2 2

Thus, the complete invertible factorization of the matrix F requires 4N + % rounding
operators.

9.4.4 Block LU, LDU, LUD, and PLUS Matrix Decompositions

Through this chapter so far it has been demonstrated that the scalar and partially
block matrix decompositions are powerful mathematical tools to construct the
reversible (invertible) integer approximation of transforms. Several block matrix
decompositions of the d ,\I, matrix [21], of the C;\‘,/ matrix [43, 44], and of the Fy
matrix [45, 46] have been developed for their reversible integer approximation.
Although the block matrix decompositions proposed in [21, 43-46] are correct,
they have been presented almost without rigorous mathematical background except
for [18]. The theory and algebra of block matrices are discussed in detail in
Appendix A.7, while the block matrix decompositions are discussed in detail
in Appendix A.8. Block LU, LDU, LUD and PLUS matrix decompositions in
Appendix A.8 have been derived for a 2 x 2 block nonsingular matrix and are ready
to be used for the reversible (invertible) integer approximation of transforms.
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Consider a 2 x 2 block nonsingular matrix partitioned to four square blocks of

the same order as
AB
M = ,
(¢5)

and let det (A) # 0 and det (B) # 0, i.e., A and B are nonsingular. In the following
block LU, LUD, LDU and PLUS matrix decompositions of M are presented, where
P is a permutation matrix, L and S are lower block triangular with unit diagonal
blocks, U is an upper block triangular (with unit diagonal blocks), and D is a quasi-
diagonal matrix.

According to (A.55) in Appendix A.8, the block LU matrix decomposition of M

is defined by
AB I 0 AB
= .1
(CD) (CA"I)(O U)’ ©.138)

where U = D — CA™'B is the Schur complement of A in M.
According to (A.60) in Appendix A.8, the block LDU matrix decomposition of
M is defined by

AB I 0\(AO\(IA'B
= , 9.139
(CD) (CA“I)(O U) (0 I ) ( )
and according to (A.62) in Appendix A.8, the block LUD matrix decomposition of
M is defined by

AB I 0\(IBU'"\[(AO0
= . 9.140
(CD) (CA‘II) (0 I )(0 U) ( )
Finally, according to (A.63) in Appendix A.8, the block PLUS matrix decomposi-
tion of M is defined by

AB I 0\ (IB\(I0
(CD)Z(C—DHI)(OG)(HI)’ ©-141)

where H =B 'A—B ' and G = (DB™'A — C)B.

One can easily see that all block matrices on the right-hand sides of (9.138)-
(9.141) are invertible. Similarly, a reversible integer-to-integer mapping is simply
constructed by the implementation of matrix-vector multiplications in floating-point
arithmetic with the results rounded to the nearest integer. In general, to optimize
a block matrix factorization of a given block matrix, permutation matrices are
considered in the factorization to permute rows and columns of a factored block
matrix [18, 21, 45, 46]. However, this approach is suitable rather for low order block
matrices.
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9.4.4.1 IntDCT-IV via the Block Matrix Decompositions

In order to construct the IntDCT-IV via the block matrix decompositions, consider

the orthogonal recursive sparse block matrix factorization of the matrix Cx given
by (9.24). Multiplying all block matrices on the right-hand side of (9.24) we get

2c,  Ld,

2 2
Cy =G, ) Py. (9.142)
LYy —L CyDy

2

AT
At first, using (9.113) the reordered rotation matrix G, can be factorized using the
generalized ULU block matrix form given by (9.107) or (9.111). The block matrix
on the right-hand side of (9.142) is partitioned into four blocks A, B, C and D as
follows:

2 2
A=B=£C’§, C=£C’§ Dy, D=—£C1§DM.
2 2 2 2 2 2 2 2

According to (A.43) in Appendix A.8, the determinant of this block matrix is equal
to det(AD — ACA™'B) = det(—DN) where A™! = 2 CI v Now, in order to
obtain a specific block matrix decomposmon of the block matrlx on the right-
hand side of (9.142), it is sufficient to substitute directly the blocks A, B, C and
D into the appropriate block matrix decomposition (9.138)—(9.140) or (9.141), and
to calculate necessary block elements in factored block matrices. For the block LU
matrix decomposition we have

CA™' =CyDyCy, U=D-CA"'B=—V2C,Dy,
2 2 2

and the block LU matrix factorization is given by

v Cy Iy 0\ (L2c, Lc,
V2 2 2 2 27y 2 7y 0 143
= = . (9.1
2 v v v CIV v ( )
Cy\Dy —CyDy yDyCy Iy 0 —V2C,Dy
72 2 2 2 2 2 2 2 2 2

The block LU matrix factorization given by (9.143) requires 2N rounding operators,
and the complete block matrix factorization of C, ,: given by (9.142) requires 3N + %
rounding operators. Further, the block LDU matrix factorization is given by

& Lo 0\ (L o
2 2 2

D=

V2

2
C'Dy —C\Dw WDyCy Iy 0 —V2C.Dy
2 2 7 2 2 2 2 2 2 2
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~
=

I~
[S1=4

X , (9.144)
0 I%

whereas the block LUD matrix factorization is given by

Vv Vv 1 v v
2 B
\Dy ~C\Dy WDyCyly J\ 0 1y
52 3 2 5 2 3 2 >
ﬁ v
x . (9.145)

0 —V2 C&VD%
2

The block LDU matrix factorization given by (9.144) requires %N rounding opera-
tors, and the complete block matrix factorization of Cx given by (9.142) requires
3N rounding operators. On the other hand, The block LUD matrix factorization
given by (9.145) requires 2N rounding operators, and the complete block matrix
factorization of CIA‘,/ given by (9.142) requires 3N + %’ rounding operators. Finally,
the block PLUS matrix factorization is given by

|4 \%4 ﬁ v
ﬁ Cl% CI% I% 0 I% 5= CI%
2 -
"Dy —C"Dx CiDy («/EIE - CZ) v )\ o -c'p.C"
5 2 7 2 2 2 2 2 2 2 2 2
In 0
2
x . (9.146)

I%—ﬁdﬁvlg
2

The block PLUS matrix factorization given by (9.146) requires 2N rounding oper-

ators, and the complete block matrix factorization of C 1:7/ given by (9.142) requires
3N + % rounding operators. Note that the block PLUS matrix factorization (9.146)

of CIA‘,/ is quite similar to that of [43, 44].

9.4.4.2 IntFFT via the Block Matrix Decompositions

Consider the unitary sparse block matrix factorization (9.25) of the DFT matrix Fy.
Again, multiplying all block matrices on the right-hand side of (9.24) we get
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V2 NG
L F Y2 Fy

N
2
Fy=Py : (9.147)
L FyWy —2 FyWy
2 2 2 2

The corresponding block LU, LDU, LUD, and PLUS matrix factorizations of Fy
can be obtained following the same approach as for CZ matrix.

9.4.5 Rounding Error Shaping Method

There is a serious problem when a signal is transformed by an integer transform.
Every rounding operator introduces the rounding error which is accumulated and
spread in the transform domain. Typically, the signal being compressed has energy
concentrated near low frequencies and decays at high frequencies. The accumulated
error spectrum is interpreted as the approximation error of the integer transform
and limits the lossless coding performance. For the high frequency range, where
signals usually contain a rather small amount of energy, the approximation error
can be larger than the actual signal. The impact is more critical for larger transform
sizes. When the spectral energy of signal is concentrated at low frequencies, it is
possible to improve the coding efficiency by attenuating error spectrum at high
frequencies, where error spectrum is dominant. Specifically, the error spectrum at
high frequencies may be shaped towards the low frequencies.

A method for shaping the rounding error in the transform domain (error shaping
filter) is presented in [49-51, 59, 68]. This error shaping filter is applied to
the rounding operations so that the error spectrum is shaped towards the low
frequencies. Consequently, the error spectrum is below the spectral envelope of
the signal at high frequencies and the lossless coding performance is improved.
Detailed design and analysis of rounding error shaping method can be found in
[49-51, 59, 68].

9.5 MPEG-4 HD-AAC/SLS Scalable Lossless Audio Coding
Standard

Almost all modern perceptual audio coding schemes developed up to now are
based on the transform-based approach. Specifically, they employ sub-band analysis
and synthesis filter banks, such as the MDCT or MLT, to obtain a block-wise
representation of the audio signal in the frequency domain. They operate in floating-
point arithmetic, and therefore are lossy in nature [78]. Due to increasing demand of
delivery of high sampling rate and high resolution digital audio at lossless quality for
high-quality applications, such as audio archiving systems, the lossy compression
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became inappropriate since every bit in the original audio signal has to be preserved.
On the other hand, the transition from lossy to lossless coding by a scalable way
would facilitate the digital audio services to interchange compressed audio across
various application domains using scalable lossy to lossless compressed formats.
Thus, a scalable to lossless audio coding technology that will support both lossy
and lossless audio compression simultaneously is desirable [58, 66]. Responding to
these demands, the MPEG audio standardization group decided to start a new work
item to explore a new innovative technology for lossless and near-lossless coding
of audio signals by issuing a call for proposals for this relevant technology in 2002
[60-62].

As a response to this call two scalable lossy to lossless perceptual audio coders
have been developed and evaluated: Advanced Audio Zip (AAZ), a fine grain
scalable to lossless (SLS) audio coder [66, 67, 71, 72], and a scalable lossless
enhancement of MPEG-4 AAC audio coder [58]. In particular, the AAZ was
adopted as the Reference model for MPEG-4 audio SLS work [67, 71]. The enabling
technology is the IntMDCT, an integer approximation of the MDCT. Indeed, based
on the perfect reconstruction property and the close approximation of the MDCT,
the IntMDCT allows to build a scalable lossless enhancement of the MDCT-
based perceptual audio coding schemes. A general structure of the scalable lossless
enhancement of MDCT-based perceptual audio codec is the following [58]:

* Encoder: The structure of encoder is an extension of a general structure of a core
perceptual audio codec. In addition to the usual MDCT spectral coefficients, the
IntMDCT spectral coefficients are calculated. For the lossless enhancement, the
difference between the IntMDCT spectral coefficients and the inverse quantized
MDCT spectral coefficients is calculated. These difference values are entropy
coded and transmitted in the lossless enhancement bit stream.

* Decoder: To achieve lossless decoding, the transmitted difference values in the
lossless enhancement bit-stream are decoded and added to the usual MDCT
coefficients. In this way the IntMDCT spectral coefficients are reconstructed
exactly, hence, the bit-exact audio signal is recovered.

For the extension to lossless operation of a MDCT-based perceptual audio scheme
as the core codec, the lossy MPEG-4 AAC codec has been used [58, 67].

Research and standardization efforts of MPEG audio group led to the speci-
fication of SLS (scalable lossless coding) technology in the form of amendment
to the MPEG-4 audio standard [63, 68-70]. As the extension of MPEG-AAC
perceptual audio codec, the MPEG-4 SLS codec includes a scalable lossless audio
coding solution that integrates the functionalities of high-compression, lossless
audio coding, perceptual audio coding, and fine granular scalable audio coding
into a single coder, while simultaneously provides the backward compatibility to
existing MPEG-4 AAC codec at the bit-stream level [68, 70]. The scalability is
achieved in the frequency domain using the IntMDCT. In order to achieve backward
compatibility to the existing MPEG-4 AAC codec, the MPEG-4 SLS adopts two
layer structure to code IntMDCT spectral coefficients: the AAC core layer, and a
lossless enhancement layer working on the top of AAC architecture. These two
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layers in the encoder generate the core layer bit stream which is MPEG-4 AAC
compliant, and the lossless enhancement layer bit stream providing the scalability
from lossy to lossless coding. AAC compliant bit stream is embedded in the final bit
stream. Bit-exact reconstruction of the input original audio signal in the decoder
is independent to the implementation accuracy of the AAC core codec. Since
MPEG-4 SLS provides the fine granular bit rate scalability from lossy to lossless
coding, it becomes a universal compression system for digital audio applications
which up to now required different audio coding technologies. Moreover, the need
for any transcoding is completely eliminated [68, 70]. It is important to note that
for an efficient implementation of the IntMDCT, SLS technology combines local
and global approximation methods discussed in this chapter. Similarly, other AAC
coding tools, such as Mid/Side (M/S) stereo coding and Temporal Noise Shaping,
are considered and implemented in an invertible integer way on the IntMDCT
spectral coefficients. An interested reader can find an overview of the MPEG-4 SLS
standard, its application scenarios, structure, and description of coding tools in [68].

The MPEG-4 SLS published in June 2006 as an ISO standard [63] still employed
two filter banks, the MDCT filter bank which is inherent to AAC core codec, and the
IntMDCT filter bank to enable the SLS technology. However, the presence of two
filter banks has increased the implementation complexity of the codec. It is well
known that the IntMDCT algorithm introduces rounding errors during the whole
coding process. Therefore, it was of interest to study and analyze the effect of
rounding errors introduced by IntMDCT algorithm for the operation of MPEG-4
SLS in lossy mode, or other words, to investigate the performance of IntMDCT
filter bank under lossy operation [64]. Based on this analysis it was found that the
error introduced by rounding operations in IntMDCT algorithm does not affect the
perceptual quality of the coded audio signal under any circumstances. This fact
suggested that the MDCT and IntMDCT filter banks are interchangeable in SLS
codec at lossy bit rate. Consequently, the MPEG-4 SLS can use only IntMDCT
filter bank instead of both. On the other hand, the difference between MDCT
and IntMDCT in the frequency domain is visible as a small noise floor, however,
typically much lower than the error introduced by perceptual coding. Thus, the
IntMDCT allows for efficient coding of the quantization error in the frequency
domain [64, 65]. It was concluded that the IntMDCT is only filter bank to be used
in MPEG-4 SLS for both lossy and lossless operations.

In 2007 the MPEG audio group has successfully concluded the standardiza-
tion process on enhanced SLS technology for lossless coding of high-definition
(HD) audio signals—ISO/IEC MPEG-4 High-Definition Scalable Advanced Audio
Coding (MPEG-4 HD-AAC/SLS) [59]. HD-AAC/SLS audio coding technology
provides a fine grain scalable lossless extension of the MPEG-4 AAC perceptual
audio coder up to fully lossless reconstruction at word lengths and sampling rates
typically used for HD audio. Enhanced HD-AAC/SLS technology generates a
universal digital audio format for a variety of (HD) applications including digital
audio archiving, network audio streaming, portable audio players, digital VCD and
DVD media, consumer electronics, and digital broadcasting [59].
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9.6 Summary

The local and global methods to integer approximation of perfect reconstruction
cosine/sine-modulated filter banks and cosine-modulated QMF banks have been
discussed in detail. They are based on computational methods of linear algebra,
matrix theory, and matrix computations, and in particular, on the scalar and
block matrix decompositions. In fact, the scalar and block matrix decompositions
are powerful mathematical tools to construct the reversible (invertible) integer
transforms. In general, any integer filter bank can be constructed as long as it
has a fast algorithm. IntMDCT or IntMLT enabled to design and implement the
innovative coding technology for scalable lossy to lossless audio coding in the latest
emerged MPEG standards for lossless audio coding, MPEG-4 SLS, and MPEG-4
HD-AAC/SLS.

Problems and Exercises

For the matrix T, given by (9.41) find its inverse matrix.

Verify Egs. (9.52) and (9.53).

Verify Egs. (9.63)—(9.65).

Consider a two-dimensional integer lattice (grid) of size [—a : a,—b : D],
a, b € N, with regularly spaced array of points. In order to verify one-to-
one mapping, for a given rotation angle implement by a computer program the
integer rotations (both forward and inverse) via:

S

* LUL (ULU) computational structures,
¢ Modulo transforms,
* Infinity-norm rotation transforms,

and visualize the original integer lattice versus rotated one.

5. With respect to Fig.9.11, Egs. (9.95), (9.96), and using the fast even-length
DCT-IV algorithm defined by (9.97)—(9.100) implement by a computer pro-
gram the complete analysis/synthesis IntMLT filter banks in MP3 audio coding
standard for the short and long blocks via:

* LUL (ULU) computational structures,
¢ Modulo transforms,
* Infinity-norm rotation transforms,

and compare implementations in terms of computational speed and accuracy.

6. Repeat exercise 5 for the complete analysis/synthesis IntMDCT filter banks for
an arbitrary symmetric windowing function, and compare implementations in
terms of computational speed and accuracy.

7. Chapter 5 discusses the efficient implementations of the MLT in MP3 audio
coding standard. Among many DCT-IV-based (DCT-IV/DCT-II-based) algo-
rithms does(do) exist some algorithm(s) which would be suitable for the integer
approximation?
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Prove that the block matrices given by (9.107) and (9.109) are inverses to each
other.

. Implement by a computer program the IntDCT-IV by the global method with

an expansion factor described in Sect. 9.4.2.

Implement by a computer program the IntDCT-IV by the multidimensional
computational structure.

Implement by a computer program the IntFFT by the multidimensional compu-
tational structure.

Implement by a computer program the IntDCT-IV via the LU, LUD, LDU and
PLUS block matrix decompositions using (9.142), and compare implementa-
tions in terms of the number of rounding operators and accuracy.

Repeat exercise 12 using the orthogonal recursive sparse block matrix factor-
ization of the DCT-IV matrix given by (9.13).

Derive the LU, LUD, LDU and PLUS block matrix decompositions for the
IntFFT using (9.147), and implement them. Similarly, compare implementa-
tions in terms of the number of rounding operators and accuracy.

Implement by a computer program the complete analysis/synthesis IntMLT
filter bank in MP3 for the short and long blocks using the block matrix
decompositions. Then compare the best implementations obtained by local and
global approximation methods.

Implement by a computer program the complete analysis/synthesis IntMDCT
filter bank for an arbitrary symmetric windowing function using the block
matrix decompositions.

In this book, various perfect reconstruction cosine/sine-modulated filter banks
and cosine-modulated QMF banks are discussed in detail, and in particular,
their efficient algorithms. In general, any integer filter bank can be constructed
as long as it has a fast algorithm. Select a filter bank, design, and construct its
integer versions.
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Appendix A
Selected Mathematical Basics from Matrix
Theory and Linear Algebra

In this appendix the mathematical basics from classical matrix theory and
computational methods of linear algebra are summarized [17, 20-22, 24, 39, 43].

A.1 Generalized Inverse or Pseudoinverse Matrix

It is well known that if A is a real square nonsingular matrix, then there exists
its unique inverse matrix denoted by A~!. However in general, if A is an m x n
matrix (m # n), then the inverse matrix for A does not exist. Nevertheless,
for an arbitrary m x n matrix A exists a generalized inverse or pseudoinverse
matrix denoted by A™, which possesses some properties of the inverse matrix [22].
The pseudoinverse matrices are directly related to the minimum norm and they have
played an important role in solution of overdetermined systems of linear equations
(least squares problem) [21, 24].

Let A be a real mxn matrix of rank r (matrix A has the full rank if » = min (m, n),
and it is rank deficient if r < min (m, n)). For an arbitrary matrix A there exists
exactly one n x m matrix A" satisfying four Moore—Penrose conditions [21, 24]

(a) AATA=A,

(b) ATAAT =AT,

) ATA)T =ATA, ATA)? =ATA,

(d AANHT =AAT, (AAT)?=44T. (A.1)
The matrix A" is said to be the generalized inverse or pseudoinverse of A.
Conditions (c) and (d) emphasize the fact that the matrices ATA and AAT are

Hermitian and involutory, i.e., they are symmetric and their second power is equal
to the original matrix. In the case of m x n matrix A, m > n, if rank (A) = n, then
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the pseudoinverse matrix A™ is given by AT = (A"A)~'A”, while if rank (4) =
m=n,thenAt = A7, Generally, for an m x n matrix A of rank r we can perform
the so-called skeleton decomposition A = BC , where Bism x rand Cis r X n
matrix [22]. If such a decomposition is known, then the pseudoinverse matrix At
can be computed from the formula

AT =ctBT =cTcch)"'(B"B)"'B. (A.2)

The pseudoinverse matrix A™ can be alternatively obtained via the Singular Value
Decomposition (SVD) [24] or QR matrix factorization [21]. According to the SVD
for a real m x n matrix A of rank r there exists an orthogonal matrix U of order m, an
orthogonal matrix V of order n, and m x n diagonal matrix X of rank r with positive
diagonal elements that

U'AV =X, X =diag{0y,02,...,0,0,...,0}, (A.3)

where 0 > 0, > ... > 0, > 0 are called the singular values of A. Because U and
V are orthogonal matrices, U'U = UUT =1and V'V = VVT = I, where I is the
identity matrix, consequently

A=UXV!. (A4)

From the SVD decomposition it follows that the pseudoinverse matrix A is
given by

1 1 1
At =vETUT, Tt =diag %—,—,...,—,0,...,0}, (A.5)
o 0y Oy

and it satisfies four Moore—Penrose conditions. In particular, matrices AAT and
ATA are given by Fiedler [21]

AA+=U[(§8} U’ AM:V[éﬁ]VT, (A.6)

where 0 is the null matrix. The computational methods for the SVD decomposition
are presented in [24].

According to QR matrix factorization of a real m x n matrix A, m > n, with linear
independent columns there exists uniquely an m x n matrix Q and an n x n matrix R
so that @7 Q is diagonal matrix with positive diagonal elements d;, and R is the unit
upper triangular matrix [21], that is

A = OR, 070 = D = diag{d,, ... .d,}. (A7)
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If such QR factorization of the matrix A is known, then the pseudoinverse matrix
AT is given by

AT =R'D7'Q", 0’0 =D. (A.8)

The algorithm for computation of QR factorization is presented in [21].

A.2 Hankel Matrices and the Efficient Hankel Matrix-Vector
Products

A symmetric matrix Hy of order N, in general with complex-valued elements,
derived in the explicit form as [43]

ho hy hy ... hy—y hy—
hy hy hs ...hy—y hy

N—1 hy hy  hy ... hy hyg

Hy = {hi+j}iJ=0 = . . . . . s (A-9)
hv—o hy—1 hy ... hon—4 hoy—3
hn—1 hy hyyr ... hov—3 hoy—

is called the Hankel matrix. From the structure of Hy one can observe that
all elements on opposite diagonals are identical., i.e., it has a cyclic structure.
Addition/subtraction of two Hankel matrices of the same order is a Hankel matrix.
Algebraic theory and properties of Hankel matrices are presented in [43].

Hankel matrices have played key role in the representation of short-length cyclic
convolutions and their efficient implementations by the so-called bilinear algorithms
for the computation of N-point Hankel matrix-vector products (multiplications of
N x N Hankel matrices and N-point vectors) [33]. The simplest case 2-point Hankel
matrix-vector product is defined as [33]

(yO):(Zb) (XO), a.b.c€R. (A.10)
Vi C X1

and the corresponding bilinear algorithm for 2-point Hankel matrix-vector product
is shown in Fig. A.1. It consists of three sequential stages: The first and last stages of
additions and a middle stage of multiplications which are independent and therefore,
they can be realized concurrently (preferred in hardware implementations). A
bilinear algorithm for 3-point Hankel matrix-vector product can be found in [33].
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Fig. A.1 The bilinear
algorithm for 2-point Hankel
matrix-vector product

m,=a-b
m,=b
m,=c-b

A.3 Algebra of Real Square Matrices

Let A and B are square nonsingular matrices of order N. Then, the transposition and
inverse of the matrix product AB is, respectively, defined as [17, 20, 22, 24]

(AB)T — BTAT, (AB)—I — B_IA_I, (All)

i.e., the transposition/inverse of the matrix product AB is the reverse product of
the transposed/inverse matrices. Additionally, the transpose of the inverse matrix
(A™HT is the inverse of the transpose [17, 24]

A hH=@nH " (A.12)

A.3.1 The Determinant

If A = {a;} is a square nonsingular matrix of order N, then the determinant of A is
defined in terms of order N — 1 determinants [24]

N
det (4) = Y (=1y"! ay; det (4y)). (A.13)

J=1

where Aj; is an (N — 1) x (N — 1) matrix obtained by deleting the first row and jth
column of A. Useful properties of the determinant include [17, 24]:

e det (AB) = det (BA) = det (A)det (B), A and B are nonsingular matrices,
o det (A7) = det (A),

e det(cA) = cNdet (A), c€R,

o det (A) # 0if A is nonsingular,

A.3.2 Orthogonal/Orthonormal Matrices

Matrix A is called orthogonal, if AAT = ATA = I, where I is the identity matrix.
Additionally, if the norm of each row (basis vector) of the matrix is equal to 1,
then the matrix is orthonormal. The orthogonal/orthonormal matrices possess a few
useful properties [20]:
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* The identity matrix I is orthogonal/orthonormal.

* If A is orthogonal/orthonormal, then ATl =AT,

+ If A is orthogonal/orthonormal, then A is also orthogonal/orthonormal.

e The product of two orthogonal/orthonormal matrices is an orthogonal/
orthonormal matrix.

¢ The determinant of orthogonal/orthonormal matrix is equal to £1. If det (A) =
+1, then A is called to be eigenorthogonal/eigenorthonormal. Otherwise, if
det (A) = —1, then A is called to be non-eigenorthogonal/non-eigenorthonormal.

A.3.3 Algebra of Triangular Matrices

A matrix with all elements under/above the main diagonal equal to zero is called
an upper/lower triangular matrix. A unit triangular matrix is triangular matrix
with 1s on the main diagonal. There are a few useful properties about products,
determinants, and inverses of triangular matrices [24]:

e The product of two upper (lower) triangular matrices is upper (lower) triangular
matrix.

e The product of two unit upper (unit lower) triangular matrices is unit upper (unit
lower) triangular matrix.

e The determinant of upper or lower triangular matrix and in particular, the
determinant of a diagonal matrix, is equal to the product of its diagonal elements.

e The determinant of unit upper or unit lower triangular matrix is equal to 1.

¢ The inverse of upper (lower) triangular matrix is upper (lower) triangular.

¢ The inverse of unit upper (unit lower) triangular matrix is unit upper (unit lower)
triangular.

A.3.4 Matrix and Vector Norms

The matrix and vector norms are frequently used for the analysis of matrix
algorithms in linear algebra and matrix computations. They provide a measure
of distance on the space of matrices/vector space, or more precisely, the space
of matrices/vector space together with matrix/vector norms define a metric space
[17, 24]. In general, matrix norms are defined for an arbitrary matrix, i.e., also for
nonsquare matrices.

The norm of a matrix A = {a;;} is a real number [|A| satisfying the following
properties [17, 24]:

* Al =0, (Al =0iffA = 0),

e |laA| = |x|.]]|All, o € R, and in particular | —A| = ||A]],

* |lA+B| < Al + B,

* |AB]| < ||A||||IB]|, and in particular ||A"|| < ||A||", where r > O is integer.
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One important inequality between the norms of matrices A and B of the same type
is given by

A —B| = | |IB] - [All'l (A.14)

The matrix norm is called canonical, if satisfies additional properties:

* ayl < A,
e The inequality |A| < |B| implies that ||A|| < ||B].

Subscripts on ||.|| are used to distinguish between various norms. The most
frequently used and easily computed matrix norms are [17, 24]

Al = IZ Z |a,;,-|2, Frobenius norm, (A.15)
i
lAll, = m?XZ lajjl, 1-norm, (A.16)
J
Al = mjax; |, oo-norm, (A17)

It can be verified that matrix norms ||A||f, ||A]l; and ||A|,, are canonical. For a
vector X = [x1, X2, ...,xy]” these norms are defined as

Ixll, = x| = \/|x1 P+ ol +. .+ |l Euclidean norm or 2-norm, (A.18)

Ixlly = lxil + el + ..+ vl (A.19)
lIxll oo = max |x;], maximum norm. (A.20)
A unit vector with respect to the norm ||.| is a vector x that satisfies || x| = 1. We

note that vector norms are derived from the class of the so-called vector p-norms
defined as [24]

1
Ixll, = (il + el + ... + )2, p= L

A very important property concerning the vector norms is Cauchy—Schwartz
inequality:

Ixy"| < Ix1l5 1yl (A21)
Finally, for the identity matrix of order N we have

= VN, My = oo

Il
—_
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A.3.5 Well- and Ill-Conditioned Matrices

In linear algebra the analysis of numerical sensitivity of direct methods for solving
systems of linear equations represented by a square nonsingular matrix is associated
with the notion of well- and ill-conditioned systems or matrices [21, 24]. Let
a system of linear equations is represented by Ax = b, where A is a square
nonsingular matrix, x and b are vectors. Aim of the analysis of numerical sensitivity
is to examine how the relative errors in A and b affect the solution x.

We say that the system of linear equations or matrix A is well-conditioned if has
the following property: For some matrix norm ||A||, the number

K (A) = |lA] lA7H, (A22)
satisfying always « (A) > 1, is not substantially larger than 1 (for example 100x
or 1000x). Otherwise, the system of linear equations or matrix A is ill-conditioned.
The number x (A) is called the condition number of A with respect to the matrix

norm ||A||. Thus, the condition number « (A) quantifies the sensitivity of the Ax = b
problem. If the condition number k (A) = 1, then A is perfectly conditioned [24].

A.4 Elementary Rotation Matrices

Elementary rotation matrices G;; are defined as [20]

1 1
c...—§ c...s
.. . -1 _ T _ .. .
G, = S . G, =G = S . (A23)
s c —s...cC
1 1
where ¢> + s> = 1, ¢ = cosp, s = sing for some angle ¢. The subscript

indices i,j (i < j) indicate positions of elements ¢ and s in the matrix.
The elementary rotation matrices given by (A.23) differ from the identity matrix
only by four elements placed on crossing two rows and two columns. They are
orthogonal transformations playing a central role in the least squares solutions of
overdetermined systems of linear equations and symmetric eigenvalue problems
[24]. Elementary rotation matrices G;; are known as the Givens—Jacobi rotations.

They are eigenorthogonal, i.e., det (G;) = det (Gl[,) = +1, whereby G; and
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GZ-TJ- are inverses to each other. Through the pre-multiplications (multiplications on
the left) and/or post-multiplications (multiplications on the right) of a nonsingular
matrix by elementary rotation matrices we can reduce the given matrix into various
canonical forms introducing zero elements in the matrix by properly choosing the
rotation angle. For our purposes it is sufficient to consider the simplest case of 2 x 2
elementary rotation matrices.

A 2 x 2 orthogonal (eigenorthogonal) matrix is called Givens—Jacobi rotation, if
it has the form [24]

cos@ —sing
—1 T
G, = . G, =G, =G_,. (A.24)
sing cosg@

The computational structures for efficient implementations of Givens—Jacobi rota-
tions are presented in Appendices F.2 and F.3.

A.5 Elementary Transformations of Matrices

Elementary transformations are elementary matrices of a special form frequently
performed upon matrices as follows [20]:

1. Multiplication to the elements of some row by a number «

2. Adding to the elements of some row numbers proportional (¢ multiple) to the
elements of some preceding row

3. Adding to the elements of some row numbers proportional (¢ multiple) to the
elements of some following row

Sometimes such elementary transformations are made upon the columns of
the matrix. Any elementary transformation of the rows is equivalent to a pre-
multiplication of the matrix by a nonsingular matrix of a special form. Thus, the
operation (1) is equivalent to a pre-multiplication by the matrix

o . (A.25)
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Operation (2) is equivalent to a pre-multiplication by the matrix

1

1

and the operation (3) is equivalent to a pre-multiplication by the matrix

1

1

571

(A.26)

(A.27)

Operations (1), (2), and (3) can be performed alternatively upon the columns in
post-multiplications of the matrix. It can be seen that the elementary matrix of the
form (2) defined by (A.26) is unit lower triangular, and is called Gauss elementary
matrix. On the other hand, the elementary matrix of the form (3) defined by (A.27)
is unit upper triangular. The inverses of elementary matrices of the form (A.26)

and (A.27) are, respectively, defined as

1 1

1

1

(A.28)

Note: In general, the elementary rotation matrices can be thought of as the

elementary transformations, which are orthogonal.
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A.6 Matrix Decompositions

Matrix decompositions are factorizations of matrices into products of simpler
matrices. In linear algebra and matrix computations, a real nonsingular matrix
is reduced by elementary rotation matrices and elementary transformations into
various canonical forms in order to simplify subsequent computational steps of a
solved problem. Such procedures lead to various useful factorizations of the matrix
into the products of structurally simpler matrices.

A.6.1 QR Matrix Factorization

There exist two basic methods to reduce a real nonsingular matrix of order N into
equivalent upper triangular form. The first method is based on pre-multiplications
of the matrix by elementary rotation matrices. This procedure leads to the well-
known QR matrix factorization, where Q is an orthogonal matrix and R is an
upper triangular matrix. The following theorem and corollaries state the QR matrix
factorization [20].

Theorem 5 ([20], Chapter 1, p. 37) Arbitrary real square nonsingular matrix

© O 0)

(1” (112 e aln

© (0 (0)

A= | Gy Gy .- Gy,
©) () 0)

nl G - Ay

can be reduced through successive pre-multiplications by elementary rotation
matrices Gjj to an upper triangular matrix, whose all diagonal elements are positive
besides the last one, that is,

@ (1) 1)
aap, ... a

(n—1) 0 a2 2
A =Gy_1y ... G3 G A = Ay - Ay, ) (A.29)

Corollary 1 (QR Matrix Factorization) Arbitrary real nonsingular matrix A is
the product of an eigenorthogonal matrix Q and an upper triangular matrix R, i.e.,
A = QOR, where

0=G,1,...G3G)"" and R=A"Y, (A.30)
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. . . n(n—1)
Corollary 2 An).) elgenqrthogonal matrix A is the product of at most =——
elementary rotation matrices, 1.e.,

A=G, Gy, ... G A" where A"V =1T. (A31)

A.6.2 LU and LDU Matrix Factorizations

The second method to reduce a real nonsingular matrix to the upper triangular
form is based on pre-multiplications of the matrix by elementary transformations,
specifically, by elementary matrices of the form (2) defined by (A.26). The
procedure leads to the well-known LU matrix factorization, where L is a lower
triangular matrix and U is an upper triangular matrix. The following theorem states
LU matrix factorization [20, 22, 24, 39].

Theorem 6 ([20], Chapter 1, p. 20, and Its General Form in [22], Chapter 2,
p- 50) On condition that the principal minors of the matrix

ayp ayp ... ayp

A= G ax...an

anl A2 - .. Qpp

are not equal to zero, i.e., that a;y # 0,...,det (A) # 0, the matrix A may be
represented as the product of a lower triangular matrix and an upper triangular
matrix, that is

A=LU.

O
Note: LU factorization of a matrix A will be uniquely determined if we prescribe
values for the diagonal elements of one of the triangular matrices. It is convenient
to consider, for example, that elements of U are equal tou;; = 1, i = 1,2,...,N
[20, 22].

LU matrix factorization is actually originated from the method of Gaussian
elimination used for solving systems of linear equations [20, 22, 24, 39]. One
step of Gaussian elimination is equivalent to a pre-multiplication of the matrix by
elementary matrix of the form (2) defined by (A.26) which actually is the unit lower
triangular and it is called Gauss elementary matrix. Thus, the transition from original
matrix A to its upper triangular form can be written as

WuWypt ... WA=, (A.32)
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where W;, i = 1,2,..., m are Gauss elementary matrices. Then, we have
A=W, W, ... W) 'U=LU, (A.33)

whereby this LU factorization is unique [24]. From the algebra of triangular
matrices it follows that the matrix L is unit lower triangular because each W; ! is
unit lower triangular and det (A) = uy; . ..u,,. Moreover, if det (A) = +1, then
det (LU) = det (L)det (U) = +1, hence det (L) = +1 and det (U) = +1.
Generally, if we take into account interchanges of two rows in the matrix during
the factorization process (the so-called pivoting operation in Gaussian elimination),
then we should consider in LU factorization pre-multiplied or post-multiplied
permutation matrices P;.

In addition, according to the theorem ([22], Chapter 2, p. 53), an arbitrary matrix
A, whose all principal minors are not equal to zero, can be represented as the product
of A = LDU, where L is an unit lower triangular matrix, D is a diagonal matrix and
U is a unit upper triangular matrix.

A variant of Gaussian elimination is the Jordan elimination. Whereas the
Gaussian elimination leads to an upper triangular matrix, the Jordan elimination
leads to a diagonal matrix. One step of Jordan elimination is equivalent to a pre-
multiplication of the matrix by

10... oy ...0
01... o) i ..0
00...0[,'_1,'...0

' ) A34
00... 1 ..0 ( )
OO...aH_l,i...O
00... ap; ... 1

called the Gauss—Jordan elementary matrix. It can be easily verified that Gauss—
Jordan elementary matrix is the product of elementary matrices of the form (2)
defined by (A.26) and of form (3) defined by (A.27).

LU matrix factorization is the basic approach to factorize an invertible matrix
into the product of triangular matrices and possibly permutation matrices taking
into account row interchanges during the factorization process.

A.6.3 PLUS Matrix Factorization

In the special case, if a real nonsingular matrix A has its determinant equal to +1,
i.e., det (A) = +1, then it can be formulated theorem for the general PLUS matrix
factorization of A [27, 37] as follows.
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Theorem 7 (PLUS Matrix Factorization [27, 37]) A real square nonsingular
matrix A has a factorization of A = PLUS if and only if det (A) = det (P) = +1,
where P is a permutation matrix, L is an unit lower triangular, U is an unit upper
triangular, and S is an unit lower triangular matrix of the form

10... 00 1 0 ... 0 O
01 00 0 1 0 O
S=| i i ], whee ST =L 0
00... 10 0O o0 ... 1 O
S1 82 ... Sh—1 1 -85 —82 ... —Sp—1 1

O
Note: In general, any real square nonsingular matrix A can be customarily factorized
into three triangular matrices, A = PLUS customizable factorization, where P is a
permutation matrix (in some cases P may be the identity matrix), U is an upper
triangular matrix of which the diagonal elements d,d,,...,dy are customizable
and they can be given by all means as long as its determinant is equal to that of A
up to a possible sign adjustment, i.e., det (A) = det (U) =d; d, ... dy.S is a unit
lower or upper triangular matrix of which all but N — 1 off-diagonal elements are
also flexibly customizable such as a single-row, single-column, bidiagonal matrix
or other specially patterned matrices. Besides PLUS, a customizable factorization
also has other alternatives, LUSP, PSUL and SULP for unit lower triangular S, and
PULS, ULSP, PSLU, SLUP for unit upper triangular S [26].

We note that any nonsingular matrix A with det (A) = —1 can be scaled to have
its det (A) = +1. More insight into the structure of PLUS factorization gives its
factorization algorithm [27, 37]. Let A be a real nonsingular (invertible) matrix of
order N

©) () (0)
app Ay -+ Ay,

©) () (0)
A= ay| Qyy - .. Gy,
©) (O 0)
nl “n2 *** “nn

Then, there must exist a permutation matrix P, for row interchanges such that

o O )
Pit P12 -+ Pin

@ (@ 1)
PiA= PPy Pu

@O @ (1)
Put Pra + -+ Pun



576 A Selected Mathematical Basics from Matrix Theory and Linear Algebra

(1)
1n

. 1
and p(ll,)Z # 0, and hence there must exist a number s; such that p(ll) — 51 py, = L
M
-1 :
Then, we get s; = 2 57— and we obtain a product of

In

1) 1)

1 0...0 1 Dy -+ Pin

) o )

PiAS, =P A| 0 1...0 = | py —s1Py, Py - Pay
: | M o oo

_s10...1 pnl_slpnnan"‘pnn

The second step is Gaussian elimination of the first column and it is achieved by
pre-multiplication of the product P; A Sy ; by the Gauss elementary matrix L; as
follows

1 0...0 la(lzz)...a(z)

1n

o _ oW @ @
LlPIAS()YlZ S1P2, — P2y 1...0 PIASO,IZ Oazz...aZn

(O] (N

@ @
slpnn_pnlo~--1 Oanz...ann
Continuing the factorization process for k = 2,3,...,N — 1, where matrices Py

define the row interchanges among the kth through Nth rows to guarantee that the

. . ® .
kth element in the N-th column are not equal to zero, i.e., p,, # 0, matrices So
(k)
® . - .
convert elements a, into 1’s, where s, = p"kT, and matrices L; represent row
Pin

multipliers used for Gaussian elimination of column k. Completing the factorization
process we get the product:

(N=1) (N—1)
la, ...q,
0 1 ay
Ly—1Py—y ... LoP,LyP1AS) 1802 - - Son—1 = =U,
0 0 i

nn
where U is the upper triangular. Since det (A) = +1, a;ﬁl_l) = 1 and U is the
unit upper triangular. Having, respectively, multiplied all matrices So; together, all
permutation matrices P together, and all unit lower triangular matrices L; together,
we have one matrix § | , one pre-multiplying matrix P’ and one unit lower triangular
matrix L', From algebra of triangular matrices it follows that the inverse of a unit
lower triangular matrix is also a unit lower triangular matrix and we have
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1 0 0 0
o 1 ... 0 O
So.1 802 ... Son—1 = e s ) = S_l
0o 0 . 1 0
-5 —82 ... —8—1 1

and

LN—lPN—l ...L,P,L,P;

— Ly, (PN_ILN_ZP,TV_l) . (PN_1 ...PLiP ... P,T\,_l) (Py_i ... PoP))

— L—IPT
where

—1 T T T
L' = Ly, (PN_ILN_ZPN_I) . (PN_1 ...P,L,P, .. .PN_I)
and
P =P =Py_,...P,P,.

Hence, finally we obtain L™ 'P7'AS™! = U or A = PLUS matrix factorization.

A.7 Block Matrices and Algebra of Block Matrices

In linear algebra, matrix theory, and matrix computations the matrices with scalar
elements are frequently partitioned into sub-matrices or blocks [20-22, 24, 39]. Such
matrices are called block matrices. Although an m x n (non-square) matrix can be
partitioned, in general, into rectangular (non-square) sub-matrices or blocks [22],
pp- 55-64, for simplicity, we will consider square matrices only partitioned into
square sub-matrices all being of the same order.

Let A = {a;}, i, j = 1,2,...,n, be a square matrix with scalar elements. A
partitioning of A is a representation of A in the form

Al] A12 ...A]n
A=|AnAn... Ay |, (A.35)

Anl An2 S Ann
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where square sub-matrices A;; are called blocks. Thus, the square matrix A in (A.35)
is partitioned into n x n blocks, or equivalently, A is a square block matrix. The
power of partitioning lies in the fact that the algebra of block matrices (sum
and products) interacts nicely with the algebra of scalar matrices, as long as
in general, the dimensions of partitions allow the indicated sums and products.
Then, sums/products of block matrices are formed by treating the sub-matrices or
blocks as scalars performing an ordinary addition/multiplication of sub-matrices.
In this Appendix we will consider block matrices of the same order with the same
partitioning. Such block matrices are called to be conformal.

Various forms of scalar matrices such as diagonal, (unit) upper and lower
triangular have block analogues [22, 39]. A block matrix A is the quasi-diagonal,
if A; = 0 for i # j. A block matrix A is the upper block triangular or the upper
quasi-triangular, if all blocks A;; = 0 for i > j, and is the lower block triangular or
the lower quasi-triangular, if all blocks A; = 0 for i < j. The quasi-diagonal matrix
can be considered as a special form of the upper/lower block triangular matrix.
In particular, an upper/lower block triangular matrix having on main diagonal the
identity matrices then is the upper/lower block triangular with unit diagonal blocks.

A.7.1 Algebra of Block Triangular (Quasi-Diagonal) Matrices

There are a few useful properties about products, determinants, and inverses of block
triangular (quasi-diagonal) matrices [22]:

* The product of two upper (lower) block triangular matrices is upper (lower) block
triangular matrix.

e The product of two upper (lower) block triangular matrices with unit diagonal
blocks is upper (lower) block triangular matrix with unit diagonal blocks.

¢ The determinant of upper or lower block triangular matrix, and in particular the
determinant of quasi-diagonal matrix, is equal to the product of determinants of
diagonal blocks (Laplace decomposition).

e The determinant of upper or lower block triangular matrix with unit diagonal
blocks is equal to 1.

e The inverse of upper (lower) block triangular matrix is upper (lower) block
triangular.

* The inverse of upper (lower) block triangular matrix with unit diagonal blocks is
upper (lower) block triangular with unit diagonal blocks.

A.7.2 Block Elementary Transformations

Elementary transformations performed upon scalar matrices (see Appendix A.5)
have also block analogues [22], specifically, for block matrices the operation (1) is
equivalent to a pre-multiplication by the elementary block matrix
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X , (A.36)

1
operation (2) is equivalent to a pre-multiplication by the elementary block matrix

1

: (A.37)

1
and the operation (3) is equivalent to a pre-multiplication by the elementary block
matrix

(A.38)

1
where diagonal blocks I are identity matrices and X is a square sub-matrix or block,
all of the same order. Operations (1), (2), and (3) can be performed alternatively
upon the columns in post-multiplications of a block matrix.

It can be easily seen that the elementary block matrices are nonsingular. The
elementary block matrix defined by (A.36) is quasi-diagonal and its determinant
is equal to det (X). The elementary block matrix defined by (A.37) is the lower
block triangular with unit diagonal blocks and its determinant is equal to 1. It is
called the Gauss elementary block matrix. On the other hand, the elementary block
matrix defined by (A.38) is the upper block triangular with unit diagonal blocks
and its determinant is also equal to 1. Based on the algebra of block triangular
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matrices, the inverses of elementary block matrices of the form (A.37) and (A.38)
are, respectively, defined as

1 1

, T : (A.39)

A.7.3 Generalized Gauss Algorithm or Block Gaussian
Elimination

LetA = {A;},i, j=1,2,...,n, defined by (A.35) be a square block matrix whose
diagonal block A is a square nonsingular sub-matrix, i.e., det (A1) # 0.

Pre-multiplying the first row of A by —A;; Al_ll ,i=2,3,...,n,and subsequently
adding the product to the ith row of A we get the following block matrix

Ay Ap . Ay,
1 1
B=| 0 A% ... Al | (A.40)

040 ..al

nn

where
AV = -A AT A+ Ay Q=230 (A.41)

where 0s are null blocks. The transition from the block matrix A to the block matrix
B in (A.40) is equivalent to the successive pre-multiplications (multiplications on
the left) of A by the Gauss elementary block matrices defined by (A.37), where
X=-AsA7,i=2.3,....n

If the block Aglz) is again a square nonsingular sub-matrix, i.e., det (A;lz) ) #0,
then the above process can be repeated to eliminate blocks in the second column of
B under block Aglz). After n—1 steps the block matrix A is reduced to an upper block
triangular form. Just described procedure defines the generalized Gauss algorithm
for block matrices (block Gaussian elimination). Since the block matrix A is reduced
to the upper block triangular form, then its determinant is equal to the determinant
of the upper block triangular matrix.
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A.7.4 Schur Formulae for the Determinant Calculation of a
2 x 2 Block Matrix

Consider the simplest case of 2 x 2 block matrix M partitioned to four square blocks

of the same order n as
AB
M = ,
(¢5)

and let det (A) # O, i.e., A is nonsingular. Our aim is to derive the so-called Schur
formulae for the determinant calculation of block matrix M of order 2n via the
determinants of order n [22].

Apply to the block matrix M the generalized Gauss algorithm. Pre-multiplying
the first row of M by —CA™!, and adding the product to the second row of M
corresponds to pre-multiplication of M by the Gauss elementary block matrix
defined by (A.37), where X = —CA™!, and we have

1 0 A B
(—CA—1 1) M= (0 D- CA_IB) ‘ (A42)

Using the algebra of block triangular matrices from Eq. (A.42) we obtain

det (M) = det (A) det (D — CA™'B) = det (AD —ACA™'B), det (A) # 0.
(A.43)
Now let det (D) # O, i.e., D is nonsingular and apply to the block matrix
M the generalized Gauss algorithm again. Pre-multiplying the second row of M
by —BD™', and adding the product to the first row of M corresponds to pre-
multiplication of M by the Gauss elementary block matrix defined by (A.38), where
X = —-BD™! , we have

I -BD™! A—BD7'C 0
(0 . )M_( c D). (A.44)

Similarly, using the algebra of block triangular matrices from Eq. (A.44) we obtain

det (M) = det (A —BD™'C) det (D) = det (AD —BD™'CD), det (D) # 0.
(A.45)
Equations (A.43) and (A.45) define the Schur formulae for the determinant calcula-
tion of the block matrix M of order 2n via the determinants of order n. In particular,
if the blocks A and C are commuting, i.e., AC = CA, as well as the blocks C and D
are commuting, i.e., CD = DC, then the determinants of M are equal to [22]

det (M) = det (AD — CB), det (A) # 0,
det (M) = det (AD — BC), det (D) # 0. (A.46)

We can obtain additional six formulae by exchanging the roles of A and D, and then
the roles of B and C on the right-hand sides of (A.43), (A.45), and (A.46).
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A.7.5 Frobenius Formula for the Inverse of a 2 x 2 Block
Matrix

Consider a 2 x 2 block nonsingular matrix partitioned to four square blocks of the

same order n as
AB
M = ,
(¢5)

and let det (A) # 0, i.e., A is nonsingular. We need to derive the inverse of M, M~".

In the first step we apply to the block matrix M the generalized Gauss algorithm
pre-multiplying the first row of M by —CA ™!, and adding the product to the second
row of M. This operation corresponds to the pre-multiplication of M by the Gauss
elementary block matrix as follows

(Aet)u-(3)

where § = D — CA™'B. Since M is nonsingular, det (M) = det (A) det (S) # 0,
then det (S) # 0. Inverting Eq. (A.47) we get

—1 —1
. ( I 0\ _(AB
M (—CA—ll) = (0 s) . (A48)

Now, the inverse block matrix on the right-hand side of (A.48) we will look for in

the form
AT'U
0o s')°

(696 5)=(7)

we find that U = —A_IBS_I, and hence

—1
AB A7 —A7'BS™!
(os) =( 0 P ) (A.49)

Then from Eq. (A.48) we obtain

From the equality

-1

- - (AB I 0\ _ (A'-A"'BS! I 0
~\0sS -cA7'1) L0 s —-cA7'1)’

(A.50)
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Finally, performing all products of block matrices on the right-hand side of (A.50)
we get

M-l — (A_l +A7'BST'CAT! —A7'BS™!

— _ —1
ey ¢ ) S=D—-CA'B. (AS])

Equation (A.51) defines the Frobenius formula to obtain the inverse of block matrix
M. Alternatively, assuming that det (D) # O (instead of det (A) # 0), and
exchanging the roles of blocks A and D, we obtain the second form of Frobenius
formula as

-1

AB K! —K~'BD™! _
(CD) B (—D_ICK_I D! +D—ICK—IBD‘1) . K=A-BD7C
(A.52)

Additionally, the derivation of Frobenius formulae also nicely demonstrates how to
obtain the formulae for inverses of 2 x 2 upper and lower block triangular matrices.
The inverse of an upper block triangular matrix is defined by (A.49). The inverse of
a lower block triangular matrix can be obtained as follows. From equality

(555 5)-(2):

we find that U = —S_IBA_I, and hence

-1
A0 A~ 0
(B s) - (—S“BA‘I S—l) ‘ (A.33)

In particular, Egs. (A.49) and (A.53) imply (A = S = I) that the inverses of
2 x 2 upper and lower block triangular matrices with unit diagonal blocks are,
respectively, defined as

-1 -1

G- () aw

A.8 Block Matrix Decompositions

The block matrix decompositions are factorizations of block matrices into struc-
turally simpler block matrices [20, 21, 27, 37, 39]. Similarly as for scalar matrices,
in linear algebra and matrix computations a real nonsingular block matrix is reduced
by elementary block transformations into various canonical block forms in order to
simplify subsequent computational steps of a solved problem. Actually, the block
OR, LU, LDU, and PLUS matrix factorizations can be considered as generalized
analogues of those formulated for scalar matrices. The block matrix factorization
OR is discussed in [39], Chapter 4, p. 255.
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A.8.1 Schur Complement and Block LU Matrix Factorization

Schur complement plays an important role in matrix computations and leads to a
block LU matrix factorization [21, 39]. It has been heavily discussed in the previous
Appendix A.7, specifically in the generalized Gauss algorithm, the determinant
calculation and inverse of a 2 x 2 block matrix. In the following is generalized
the notion of Schur complement.

Definition (Schur Complement, [39], Chapter 3, p. 157) Let A be partitioned in

the form
A= (An A12) ’
Ag A
and suppose that A ; is nonsingular. Then the Schur complement of A in A is the
matrix § = Ay — A21A1_11A12.

O
The following theorem states the block LU matrix factorization of A [39].

Theorem 8 (Block LU Matrix Factorization, [39], Chapter 3, p. 158) Let

A= (An A12) ’
As Ay
where A1 is nonsingular, and let S be the Schur complement of A1; in A. Then A is
nonsingular if and only if S is nonsingular.

O
It is easy verified (see Eq. (A.42)) that A has a block LU matrix factorization of the
form
A]] A]2 1 0 All A12
= . A.55
(A21 Ay AnAT T 0 S (A.55)

The first factored matrix on the right-hand side of (A.55) is nonsingular, because it is
the lower block triangular with unit diagonal blocks. Hence, A is nonsingular if and
only if the second factored matrix is nonsingular. This factored matrix is the upper
block triangular and is nonsingular if and only if its diagonal blocks are nonsingular.
But by hypothesis the diagonal block A, is nonsingular. Therefore, A is nonsingular
if and only if the second diagonal block S, Schur complement, is nonsingular [39].
Equation (A.55) defines the block LU matrix factorization of A. If A is nonsingular
and has a block LU matrix factorization, then this factorization is unique.

It is clear that the generalized Gauss algorithm generates a block LU matrix
factorization for block matrices. Thus, the generalized Gauss algorithm or block
Gaussian elimination provides the block LU factorization algorithm of a block
matrix.
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Note: A slightly different block LU matrix factorization of a 2 x 2 block matrix A
whose determinant is equal to 1 has been presented in [27] in the following form

A Ap | _ I 0\ (A Ap
Az A AnAL'S 0 1)’
where det (A{;) = 1.

Note: From historical point of view the first block LU matrix factorization is due to
Schur who wrote it in the following form [39]

( Ayl 0) (A11 A12) _ (1 ATAp )

—AnAT T )\ Ay Ay 0Ay —AyATAp

Schur used the relation only to prove a theorem on determinants calculation (see
Appendix A.7.4) and he did not investigate it further.

A.8.2 Properties of Schur Complements

Schur complements have important properties which do not depend on the choice of
diagonal blocks in the block LU matrix factorization. They are summarized in the
following two theorems.

Theorem 9 ([39], Chapter 3, p. 165) In the partitioning

Aq A12)
A= ,
(A21 A

suppose that Ay, is nonsingular. Then A has a block LU factorization

A11A12) (Ln 0 )(Un U12)

= , (A.56)
(A21 Ay Ly Ly 0 Uxp

where L1y and Uy, are nonsingular. Moreover, for any such factorization

1. Ly /Uy =Ay,

2. LyyUy = Ay,

3. LyUp =Ajp, 1

4. L221U22 =Ap 1—A21A1_1 Ap =Ax»n—LyU,

5. Up'Up = AjlAn,

6. LyLy! = AyA7,.
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If in addition A is nonsingular, then so are Ly, Uy, and hence the Schur
complement Ay —A21A1_11A12 = Ly Uy. If we partition

ATl = (i@i 32) :
21 22

then
Ay =Us'Ly) = (An —AnATAp) ™.

O
Theorem shows that the Schur complement computed by a sequence of k steps of
classical Gaussian elimination is the same as the Schur complement of the leading
principal minor of order k [39].
The following theorem shows that any two sequences of scalar and block
elimination that terminate at the same leading principal sub-matrix compute the
same Schur complement. The proof of theorem can be found in [39].

Theorem 10 ([39], Chapter 3, p. 166) Let A be partitioned in the form

A1 Ap A
A=|AnAnAsxy |,
A3 Az Az

and assume that
A A .
Ay and ( a2 ) are nonsingular.

Let

St 512)
S —
(521 Sy

be the Schur complement of A1, in A. Then Sy, is nonsingular, and the Schur
complement of
(All Ap )
Az Ax

in A is equal to the Schur complement of S11 in S.
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A.8.3 Block LDU Matrix Factorization

Having defined the Schur complement, its properties, and the block LU factoriza-
tion, the following theorem states the existence and uniqueness of the block LDU
matrix factorization, where D is a quasi-diagonal matrix [21].

Theorem 11 (Block LDU Matrix Factorization [21], p. 29) LetA = {A;}, i,j =

1,2,...,r, is a block matrix whose blocks
All A12 oo Alk
Ar Ap ... Ay
A A ... A
are nonsingular for k = 1,2,...,r — 1. Then there exist a lower block triangular

matrix L with r unit diagonal blocks, an upper block diagonal matrix U with r unit
diagonal blocks, and a quasi-diagonal matrix D such that

A=LDU,

where the block matrices L, U and D are defined uniquely. The diagonal blocks
Dy,D,,...,D, of D satisfy the following relations:

D, =Ay,
Aj1Apn .. Ay A A ... A
AryAxn ... Ay / Ay Axn ... Ayp

A A . Ay Ap 11 A1 o  Apg g

D,

and diagonal blocks D1,D,, ...,D,_y are nonsingular. Dy = [(x)/(x)] for k =
2,3,...,r, are the Shur complements.

O
Although Theorem 11 does not give a factorization algorithm, in order to illustrate
the existence of block LDU factorization, consider the simplest case of a nonsingu-
lar 2 x 2 block matrix A (i.e., k = 2 in Theorem 11) partitioned as

A= (All Alz) .
Ay Ay
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Since A is nonsingular, based on (A.55) it has the unique block LU factorization
which is actually obtained by pre-multiplying A (multiplication on the left) by the
Gauss elementary block matrix being the upper block triangular with unit diagonal

blocks as
I 0\ (A A A Ay
= , A.57
(—AQIAH1 1) (A2, Azz) ( 0 s ) (A.57)

where § = Ay — A21A1_11A12 is the Schur complement of A;; in A. The factored
matrix on the right-hand side of (A.57) is the upper block diagonal with nonsingular
diagonal blocks A;; and S. It can be further reduced to a quasi-diagonal form by
post-multiplying (multiplication on the right) by the elementary block matrix as

Ay Ap ) (1 -A'An _(An 0
0 S 0 1 0SS/’

and equivalently, we have

Ay A A0\ (TA A
= . A.
( 0o S ) ( 0 S) (0 I (A-58)
Composing Eqgs. (A.57) and (A.58) we have
I 0\ (A Ap)\ [(I-AjAp A 0
= . A.59
(—A21A1_11 1) (A21 A22) (0 I 0S (A.59)

Finally, by pre-multiplying the lower block triangular matrix with unit diagonal
blocks by its inverse followed by post-multiplying the upper block triangular matrix
with unit diagonal blocks by its inverse on both sides of (A.59) we get

A A I 0\ (A, 0\ (IA A,

= . A.60

(A21 Azz) (1‘1211‘11_1l 1) ( 0 S) (0 I ( :

Equation (A.60) defines the block LDU factorization of the 2 x 2 block matrix A.
According to Theorem 11, the blocks D; = A} and D, = S.

Note: Now, consider the block LU matrix factorization of a nonsingular 2 x 2 block
matrix A defined by (A.55), and in particular, the upper block triangular matrix on

the right-hand side of (A.55)
Al A
0o s /)

It can be alternatively reduced to a quasi-diagonal form as follows: By pre-
multiplying the second row by —A,S™!, and adding the product to the first row
corresponds to the pre-multiplication by the Gauss elementary block matrix and
we have
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I-ApS™"\ (AnAn) _ (A1 O
0 1 0 S a 0Ss)/)’
A A TALRS ™"\ (A0
= . A.61
(0 ) =" ) (s) a6

Finally, substituting Eq. (A.61) into (A.55) we get
A Ap I 0\ [(IAS "\ (A0
= . A.62
(A21 Azz) (AZIAHI 1) (0 I 0SS (A.62)

Equation (A.62) defines a modification of the block LDU, the block LUD factoriza-
tion of the 2 x 2 block matrix A.

or equivalently

A.8.4 Block PLUS Matrix Factorization

The PLUS matrix factorization has also a block analogue. For any nonsingular block
matrix A with square diagonal blocks, in the block version of factorization A =
PLUS, P is still a permutation matrix at the scalar level (in some cases P may be the
identity matrix) while L is a lower block triangular matrix with unit diagonal blocks,
U is an upper block triangular matrix, and S is a lower block triangular matrix with
unit diagonal blocks [37].

More insight into the structure of block PLUS factorization gives its factorization
algorithm. Let A be a nonsingular square block matrix partitioned to n x n square
blocks as

0) 40 ()
AJA, .. A
0) 40 0
a=1Aa0aY . AP
iO) iO) '0)
AV AL LA
Then must exist a permutation matrix P, for row interchanges such that
1 4 ©}
AVA, . A

(1) 4 M) 1)
P1A = A21 A22 te A2n

RN
AlAl) . AD
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and the block A(lln) is nonsingular. In the first step, there must exist a nonsingular

-1 -1
matrix H; such thatA(lll) —H1A(11n) = I. Then, we get H| = [A&)] —A(lll) [A(IL)]
and obtain a product of

(1) 0

I 0...0 " 1 (I)A%%)...AHI)

0 1...0 AV —HAD AD Al

PAS| = P1A R o .22, :
~H\0... 1 AV —HADAY AD

The second step is the block Gaussian elimination of the first column by pre-
multiplication of the product P;AS| by the Gauss block elementary matrix L; as
follows:

1 0...0 142 ... AP
HAY —A) T 0 0A) ...AD
LPAS, = o pas, = | TR
HAD —A00.. .1 049 ... A®
Continuing the factorization process for k = 2,3,...,n — 1, where matrices Py

define the row interchanges among the kth through nth rows to guarantee that

the block A;{k,: is nonsingular, matrices S convert diagonal blocks A,(cl,? to the

- -1
L . ® WI,m .
identity matrix, where Hy = [Akn] — Ay [Akn] , and matrices Ly represent

row multipliers used for block Gaussian elimination of column k. Completing the
factorization process we get the product:

(n—1) (n—1)
14D A

0 1 ..AUY
L,\P,_y...L,P,LiP\AS,S; ...S, | = =U.

0 0 ... A"D

where U is the upper block triangular. If det (A) = 1, then det (Af,’,’l_l)) = 1.
Having, respectively, multiplied all matrices S together, all permutation matrices
P, together, and all L; being the lower block triangular matrices with unit diagonal
blocks together, we have one matrix $~', one pre-multiplying matrix P”, and one
lower block triangular matrix L™" with unit diagonal blocks. From algebra of block
triangular matrices it follows that the inverse of a lower block triangular matrix with
unit diagonal blocks is also a lower block triangular matrix with unit diagonal blocks

and we have
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I 0 0 0
0 I ... 0 0
$18 ... Se=| : . i]=§"
0 o0 I 0
—H,-H, ... —H,_, I
and
L,_1P,_; ... L,P,L,P,
T T T
— L, (Pn_an_an_l) . (P,,_1 ...P,L.P .. .Pn_l) (Poei...PoP))
=L—1PT
where
L' =L, (Pn_an_zPZ_l) (P,,_1 ...P,L,P, .. .P,f_l)
and

P! =P =Py_,...P,P,.

Hence, finally we obtain L™ 'P7'AS™! = U or A = PLUS block factorization.
In order to illustrate the existence of block PLUS factorization, consider the
simplest case of a nonsingular 2 x 2 block matrix M partitioned to square blocks as

AB
M = ,
( ¢D )
where the block B is nonsingular and P = 1.

According to the PLUS factorization algorithm must exist a nonsingular block
H such that A — BH = I. Then we get H = B~'A — B! and obtain a product of

_ AB 1 0 1 B
MS™ = = .
(CD) (—HI) (C—DHD)
To complete factorization process, we apply the block Gauss elimination by pre-

multiplying the product MS™' by the Gauss block elementary matrix L™', and we
finally get

el I 0\(AB 10\ (I B _
L—Ms5 _(DH—CI)(CD)(—HI)_(0(DH—C)B+D)_U’
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where L™! and S™! are lower block triangular with unit diagonal blocks, U is upper
block triangular, and

(DH—-C)B+D =DB 'AB—DB'B—CB+D = (DB"'A—C)B.
Using the algebra of block triangular matrices, pre-multiplying the product

L™'MS™! by L, and post-multiplying by S we obtain the block PLUS factorization
of M as

AB I 0\(1 B 10

where
H=B'A-B7"

If the blocks A and B are commuting, i.e., AB = BA, Eq. (A.63) can be simplified as

AB I 0\(I B 10
(CD)Z(C—DHI) (ODA—CB) (HI)’ (A.64)



Appendix B
Odd-Time Odd-Frequency Discrete Fourier
transform (O*DFT)

B.1 Definitions and Symmetry Properties

The odd-time odd-frequency discrete Fourier transform (O?DFT) has been
introduced in digital signal processing as an alternative method to efficiently
transform symmetric real-valued data sequences [1, 5]. Essentially, the fast O?DFT
algorithm for real-valued symmetric data sequences based on an %’—point complex-
valued DFT has played the key role in the efficient MDCT computation as well as
the efficient computation of DCT-IV/DST-1V [16, 23, 35].

An arbitrary real-valued data sequence {x,}, n = 0,1,...,N — 1, can be split
into its odd and even parts, respectively, as
1 1
n =75 (X0 — XN—1-n), Un =35 (X0 + XN—1-1), n=0.1....N—-1L
(B.1)

Then, odd part {u,} and even part {v,} have the corresponding odd and even
symmetry, respectively, given by

Up = —WN—1—n, Un = UN—1—n> n=0,1,..., E -1 (BZ)
It is obvious that x, = u,, + v,, n=0,1,...,N — 1.
Let {x,}, n = 0,1,...,N — 1, represent an input data sequence and {f;}, k =
0.1,...,N—1,represent O>DFT frequency coefficients, where N is an even integer.
Then, the forward and inverse O?DFT are, respectively, defined as [1, 5]

N—1
l —(Zn
fi = O'DFT{x} = S W T k=01 N=1, (B3)
=0

N—1
6= ODFT ' fid = Y fiwy 7 n=0,1,..,N=1, (B4
k=0
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Fnk ; 2mnk . . . .
where W," = 7% = cosbf\,—”k F i sin Z”T"k, and i = +/—1.If {x,} is real-

valued, then {f;} possesses the basic conjugate symmetry property given by
* N
Sv—i—k = —f k=0,1,---,5—1, (B.5)

where * denotes complex conjugate. Due to this basic symmetry property it is
sufficient to calculate the transform for even indices only [1, 5]. Similarly, if {f;}
is real-valued, then

XN—lon = —X, , n=0,1,...,%v—1. (B.6)
Additionally, when the input data sequence {x,} is real-valued and odd symmetric,
i€, XN—1—n=—X,, n=0,1,..., %’ — 1, then {f;} is purely real and odd symmetric.
When {x,} is even symmetric, i.e., xy—j—, = X, n = 0,1,..., %’ — 1, then {f;} is
purely imaginary and even symmetric. N is an integer multiple of 4.

The O?DFT is equivalent to the generalized discrete Fourier transform of type
IV (GDFT-IV) which is related to the generalized discrete Hartley transform of type
IV (GDHT-IV) of real-valued data sequences [10]. Additionally, the real/imaginary
parts of both the O>DFT and GDFT-1V of real-valued data sequences are intrinsi-
cally related to the DCT-IV/DST-IV of half sizes [10, 23, 35]. Consequently, the
DCT-IV/DST-1IV computation can be efficiently realized via the double length fast
O?DFT algorithm of odd/even extended real-valued data sequences [23].

B.2 The Fast O?DFT Algorithm

The following fast algorithm can be used for the efficient computation of the forward
O*DFT [5]

N
¥
. 2 . — () k1)
oot iy =y 3 (g ) Wil
n=0
2 i
—(8k+1) . —(8n+1) —nk
= N Wen Z [(x2n —IX%+2H) Wen ] W% ,
n=0
N
k=0,1,...,—— L (B.7)
4
—(4n+1)(4k+1 —(8k+ —nk .. —(8n+1) . . o s
The transform kernel W41\(/4 W = Wszx(/ l)WN Wy " is uniformly split into
4

two equal parts %-point forward complex-valued DFT (CDFT). The necessary
separation process in the above fast algorithm is given by

f2k=§Re {fk}, f%_'_z,(:ff?m {fk}, k=0,1,...,

N B.8
7L (B.8)
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This separation process is less obvious for real-valued even symmetric data
sequences because the corresponding transform is purely imaginary, and it is given
by Cramer and Gluth et al. [16]

fsziSm{fk}, ngk:—iERe{fk}, k=0,1,...,

N
i 1. (B.9)

Since for an arbitrary real-valued data sequence the following relation holds:
Ll:cﬂDFT—%ﬁ}z(ﬂDFT{ﬁj, (B.10)

the inverse O>DFT computation can be realized by the same algorithm as

N1
4 *
. . —(nt1)@k+1)
Xn = Xop +UXN 4o = Z (f2k + ’f%+2k> Wiy
k=0
4
—(@8n+1) . —(8k+1) —nk
= Wgy [(ka - ’fg+2k> Wey ] W% ,
k=0
N
n=0.1...,-1L (B.11)

The necessary separation process in the above fast algorithm is given by

N
Xon = Ne {x,}, XN oy = Sm {x,}, n=0,1,..., i 1. (B.12)
The fast O>DFT algorithm is not restricted to real-valued data sequences with the
odd/even symmetry but it is also valid for any purely imaginary data sequences with
the odd/even symmetry [16]. In this case {f;} has the basic conjugate symmetry
property given by

oo =f,.  k=0.1...>-1 (B.13)



Appendix C
Fast DCT/DST Computational Structures

C.1 Fast DCT-II/DCT-III Computational Structures

The unnormalized forward N-point DCT-II is defined by Malvar [32] and Britanak
etal. [11]

N—1
i w(2n + )k
=Yg, = - 7|, k=01,....N—1, C.1
=X cos | ZE2E DL cn

while unnormalized inverse DCT-1I, the DCT-III, is defined by Malvar [32] and
Britanak et al. [11]

N—1
I 7(2n + Dk
n = — | =0,1,....N—1, C2
X ;ck cos[ N ] n (C2)

where {x,} is an input data sequence and {CZ} are DCT-II transform coefficients.

Exchanging the roles of time and frequency indices n and & in (C.1), the DCT-II
can be equivalently written as

N—1
I 7 (2k 4+ Dn
n = — |, k=0,1,....N—1. C3
X ;ckcos[ N ] (C.3)

Substituting N —n forn = 1,2,...,N, into (C.3) we obtain the following useful
relation:

N—1
_ u ¢ . [7@2k+1)n _
Xvn = )¢ (=1) sm[T ., n=12,...,N, (C4
k=0
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where the sine transform kernel in (C.4) is recognized as that of corresponding
type-1I discrete sine transform (DST-II) [11]. In contrast to the DCT-1V, the DCT-
II is not symmetric transform. Indeed, representing the DCT-II defined by (C.1)

by the matrix CJ;, and the DCT-III defined by (C.2) by the matrix CIZ:,I we have:
—1 T —1 T

[CJ[(,] = Cl]f,l = [C],:,] or vice versa, [CZ[] = C;f, = [CJ,:,I] , where T denotes

matrix transposition. It means that the DCT-III computation can be realized by a fast

DCT-II computational structure which has to be inverted or performed in the reverse
direction.

C.1.1 Fast Recursive Even-Length DCT-11

Although many fast (recursive) DCT-II/DCT-III algorithms for the N = 2" lengths
are available in the literature [4, 6, 11, 13, 30, 32, 40], perhaps the most suitable
algorithm in terms of the generality and simplicity is the well known even-length
fast recursive DCT-II algorithm defined as [30]

!

< 2 Dk
Clzlk = Z(x,, + XN—1-n) €OS |:—n( 7+ 1) i|,

n=0

2(N/2)
!
u o T(2n+1) 7(2n + 1k u
Copg1 = Z ((xn — XN—1-n) 2 COS N )cos|: 2N/2) } — Co—1>
n=0
N
k=0,1,...,5—1. (C.5)

Denoting the sum in the second expression of (C.5) by yy+1, the odd-indexed DCT-
II frequency coefficients are obtained as

2¢, =, ifk =0,
1 N
Cott1 = Y2h+1 — Yok—1» k= 1,2,...,5—1. (C.6)

Thus, the even-length N-point DCT-II is decomposed into two %V-point DCTs-1I
given by (C.5) and the recursive post-addition stage given by (C.6). When N = 2"
(the so-called radix-2 algorithm), the decomposition defined by (C.5) and (C.6) is
repeated recursively until only 2-point DCTs-II remain. The arithmetic complexity
of computing 2"-point DCT-II is given by Kok [30]

N N
My, = Sn Ay = 5 Gn=2+1, (C.7)
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where M;In and Alzl,l denote, respectively, the number of multiplications and additions.
When N is a composite number, i.e., it is of the form N = 2" x g, n > 0, where ¢
is an odd positive integer (the so-called mixed-radix algorithm being a combination
of radix-2 and radix-¢g algorithms), the decomposition defined by (C.5) and (C.6)
is repeated recursively m times until only 2" odd g-length DCTs-II remain [3, 4].
The arithmetic complexity of computing the N-point DCT-II for composite lengths
is given by Kok [30]

1

. N i . I 3N .
M, 2 XMq—i—En, AZ”Xq=2 XAq—I—?n—Z +1, (C.8)

nXq =

where M;[ and AZ denote, respectively, the number of multiplications and additions
of an odd g-length DCT-II.

C.2 Fast DCT-IV/DST-IV Computational Structures

The unnormalized forward and inverse N-point DCT-IV transforms are, respec-
tively, defined by Malvar [32] and Britanak et al. [11]

v

N—1
o =3 x cos[%(2k+l)(2n+l)], k=0,1,....N—1, (C9)

n=0

N—1
() v v
- 2k + 12 1], —0.1,....N—1,(C.10
X ;ck cos[4N( + D@+ 1) n (C.10)

where {x,(:)} is an input data sequence and {civ} are DCT-IV transform coefficients.
Since the cosine transform kernel in (C.9) and (C.10) is symmetric with respect to
the time and frequency indices n and k, the DCT-IV is the symmetric transform.
Indeed, representing the forward and inverse DCT-IV respectively given by (C.9)

~1 T
and (C.10) by the matrix CJA‘,/ we have: [CZ] = Cx = [Cx] ,1.e., CJA‘,/ is self-
inverse. T denotes the matrix transposition. Consequently, the forward and inverse
DCT-IV can be realized by an identical fast computational structure.

On the other hand, the unnormalized forward and inverse N-point DST-IV
transforms are, respectively, defined by Britanak et al. [11]

w

N—1
5= Y sin[%(2k+l)(2n+1)], k=0,1,...,N—1, (C.11)
m=0

N—1
(s) v, T
= I 2k+1)2 1], —0.1,....N—1, (C.12
X, k=0sk sm[4N( +1D)(2n+1) n ( )
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where {xif)} is an input data sequence and {sg} are DST-1V transform coefficients.

There exists a close relation between the DCT-IV and DST-IV and vice versa.
Specifically, substituting N — 1 — & for k into Eq. (C.11) and then N — 1 — n for
n into (C.12) we, respectively, obtain:

Sy k_Z( 1y i cos[%(Zk—f—l)(Zn—f—l)], k=0,1,....N—1. (C.13)

N—1
Mt = s (=D cos[%(2k+l)(2n+l)], n=01,....N—1. (C.14)

k=0

Further, substituting N — 1 — k for k into Eq.(C.9) and then N — 1 — n for n
into (C.10) we, respectively, obtain:

N—1
v

ot = 3 (1) x sin[%(2k+ 1)(2n + 1)}, k=0,1,....N—1. (C.15)

N—1
Myt = 3 (=D sin[%@k—k 1)(2n + 1)], n=0,1,....N—1. (C.16)
k=0

Relations (C.13), (C.14), (C.15), and (C.16) imply that the forward and inverse DST-
IV can be realized via the corresponding DCT-1V, or vice versa. Finally, substituting
N — 1 — k for k into (C.16) we obtain

iy = (1) ZcN 1 (CD T cos [ Dk + DEn+ 1),

n=0,1,...,N—1. (C.17)

Relations (C.16) and (C.17) are very useful in the derivations of the fast algorithms
for cosine-modulated filter banks.

C.2.1 Fast2™-Length DCT-1V/DST-1V Computational
Structures

For the efficient DCT-IV computation various fast algorithms for N = 2" lengths
may be adopted [7, 9, 11, 13, 23, 32, 35]. However, the most suitable 2"-length fast
DCT-IV algorithm which combines the theoretical efficiency with a very regular
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computational structure and achieving the lowest multiplicative complexity [23, 32,
35] is based on a fast O?DFT algorithm derived for odd/even symmetric real-valued
data sequences [5]. For the forward N-point DCT-IV computation it is defined as
[23, 32]

fi = ex (—i 7 (8k + 1))
k = €Xp T8N

ol

-1

v

© . © m8n+1)
|:(x2n +1 xN—l—Zn) eXp (_l 8—N):|

ox . 2mnk
i ,
P\ N2

-1, (C.18)

0

n

N
k=0,1,..., =
2

where {fi} are complex-valued DFT transform coefficients, and i = ~/—1I
is the imaginary unit. Complex-valued twiddle factors exp (—i %) and
exp (—i %) in (C.18), correspond to the identical blocks of %’ Givens—Jacobi
pre- and post-rotations. The complex exponential transform kernel exp (—i ZN”—/”Z")
corresponds to the %’-point complex forward FFT. The final DCT-IV coefficients
are obtained as

N
o =Re i}, oy o = —3Im{fi}. k=0.1.....5 1 (C19

On the other hand, the fast FFT-based algorithm for the inverse N-point DCT-IV
computation is defined as [23, 32]

N

8n+ 1)\ <
f=ep (4 7 ) T

=0

(CIV Iy - ) exp [ —i w8k + 1)
2k N—1—2k p T8N
2mnk
exp | —i ,
P N2
N

n=0.1....2 -1 (C.20)

and the data sequence {x,(:)} is obtained as

C C N
Xo= Relfi).  Xyoyo =— Imifi), n=0.1.....5 — 12D

Comparing Egs. (C.18) and (C.20) for exchanged time and frequency indices n and
k results in the identical fast DCT-IV computational structure both for the forward
and inverse DCT-IV computation. Block diagram of the fast DCT-IV computational
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Multiplying by ) Multiplying by
Xt X0 oo ¢ 7 (8j+1)) | (N/2)-point . eXp(.i" |t
(CIZ\Ii +1 c;\\!il—zk) 8N forward SN
P20, 1, .. (N2)-1 FFT

j:

0,1,... (N/2)-1

Fig. C.1 Block diagram of the fast DCT-IV computational structure based on FFT
structure based on FFT is shown in Fig. C.1. Its arithmetic complexity for N = 2"
lengths is given by [32]

v N v 3N
Mf\,za(n—l—Z), Ay =

=—n, C.22
7 " (C.22)
where M;\,V and A;\‘,/ denote, respectively, the number of real multiplications and real
additions.

For completeness, the corresponding FFT-based fast algorithm for the forward
N-point DST-IV computation is defined as [23]
g1
( 8k + 1)
fi=exp | I ————

() L ©® . ]'((81’1 =+ 1)
)8 [ r) oo (0]
. 2mnk
xp | —i ,
P\ N2
N
k=0,1,.

=1,
2

(C.23)
and the final DST-IV coefficients are obtained as
v

w
S = = Im {fi}, Sy—1-2 = Ne i,

k=0,1, .,5—1. (C.24)
The fast FFT-based algorithm for the inverse N-point DST-IV computation is
defined as [23]

_ m8n+1)
fn = exp (—z T )

S

—1

i

v L w8k +1)
(SZk -1 sN—l—Zk) exp

- T)]
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m, = sin @, - cos ¢,
m,= Cos
m, = - sin @ - Cos @

Fig. C.2 Bilinear computational structure for the efficient implementation of complex multiplica-

tions by twiddle factors exp (—i ¢;) = cos ¢; — isin ¢;, where ¢; = %}tl),j =0,1,..., % —1
N
n=0.1....2-1, (C.25)

and the data sequence {xs)} is obtained as

S S N

X =—3mfl,  xy oy =Nelfyh, n=0,1,.... )
The fast DCT-IV computational structure shown in Fig. C.1 can easily be adopted
for the DST-IV computation.

Two identical blocks of twiddle factors in Egs. (C.18) and (C.20) are complex
7(8j+1)

numbers of the form: exp (—i ¢;) = cosg; — ising;, where ¢; = ==, ) =
0,1,..., %’ — 1. Multiplication of two complex numbers [a 4 ib] and [cos ¢;—i sin ¢;]
can be written in the equivalent matrix-vector notation as
Ne {.} _ Ccos @; sin g; a €27
Sm {.} —sing; cosg; ) \b )’ '

where the 2 x 2 matrix on the right-hand side of (C.27) is a Givens—Jacobi rotation
matrix [24]. Two identical blocks of twiddle factors in Egs.(C.18) and (C.20)
defining the fast DCT-IV computational structure which is shown in Fig. C.1 can be
replaced by the bilinear computational structures for the efficient implementation of
Givens—Jacobi rotations (see Appendix F.3). The bilinear computational structure
shown for efficient implementation of complex multiplications by twiddle factors is
shown in Fig. C.2.

C.2.2 Fast Even-Length DCT-1V Computational Structure

An even-length fast DCT-IV algorithm based on two DCTs-II of half sizes has been
proposed in [9]. The so-called N-point fast DCT-IV computational structure with
constant geometry is defined as
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2(N/2)

¥
; 2n + 1)k

szvk = Zan cos [M} + b, sin
n=0

C Fast DCT/DST Computational Structures

w(2n + 1)k
e

¥
3 2n + Dk 2n+ Dk N
=Y a [”(_H}_b [w] k=125 1
(C.28)
where
7(2n+ 1) N 7(2n + 1)
n = n COS ————— N_i_, SIN —————
a Yy AN yz;z l—n N
7(2n+1) 7(2n+ 1) N
bnz—)’n Sln—4N +y%—l—n COST, n:Ovl,__.’E_l.
(C.29)

Thus, the N-point DCT-IV is decomposed into the block of %’ Givens—Jacobi
rotations given by (C.29), an §-point DCT-II and a corresponding 5 -point type-
II discrete sine transform (DST-II), whose outputs are combined to obtain the final

DCT-1V frequency coefficients. For k = 0 in the first sum and for k = %’ in the
second sum of (C.28), we, respectively, get
¥ 4
v 1w
o =) an. ey =— Yy _(=D)"b (C.30)
n=0 n=0

Further, denoting the %’-point DCT-II of {a,} and %V-point DST-I of {b,} in
Eq. (C.28), respectively, by

N_q N_q
% 2n+ 1)k % 2n + )k
o =Y a, cos| T DKL 0§, o [ ZG2E DK
ar 2(N/2) ar 2(N/2)
N
k=1,2,...,——1,
2
and using the relation between the DCT-II and the DST-II [11], i.e.,
% — k for k into the second sum above we get

substituting

4

N\z

n=0

. 7(2n + 1)k
=Y [ 2/2)

! . 7(2n + Dk
] 2 be [wv/z) }

N
——1

k=1,2,...,
2
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v cos /40 v
Yo (Co) ! . G (yg)
\ sin /40
\
\ 31/40
% COS 3T v
C . ot %) (Y2)
Vi ( I) ‘\ \\ sin 3/40 p—
\ =
W 5m/40, 8
% cos 57 v
Y2 (Cz ) \\ \\ . ~— Cy (Y4)
\ \ sin 57t/40, =
\ o=
AR =3
W \cos 7/ n v
v \
¥y (65) % v Ce (¥6)
\\ \ \\ B /4

ys (€5)

vs (€9)

sin 5icM0\
cos 5n/40\ \\\

v, (&)

5-point DCT-II

v
C
Ys ( 8 ) cos 3n/40 \
\
sin /40 \

cos /40

yo ()

Fig. C.3 Regular 10-point fast DCT-IV computational structure [9]

Thus, the 5 -point DST-II of {b,} is converted to an %-point DCT-II of {&,}. Then
Egs. (C.28) and (C.30) can be rewritten in a simplified equivalent form as

v 1 11 v 1
Cok = G TSy ¢y =Cps

w I Vi w i N
Copt = Cp =Sy _p Cy_] = — Sy, k=1,2,...,—-—1. (C31)
2 2 2

Two unnormalized %’—point DCTs-II in (C.31) can be implemented by the fast
recursive DCT-II algorithm described in the Appendix C.1.1. As an example, the
regular 10-point fast DCT-IV computational structure consisting of three stages is
shown in Fig. C.3. The required efficient 5-point DCT-II/III modules additionally
optimized together with their arithmetic complexity are presented in Appendix D.7.
Note that the last butterfly stage in Fig. C.3 may be reorganized so that the DCT-
IV frequency coefficients are obtained in natural order [9]. When N = 2", using
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Eq. (C.7) the arithmetic complexity of the fast DCT-IV computational structure is
given by (C.22). When N is a composite number (N = 2" x g, n > 1, g is an
odd positive integer), using Eq. (C.8) the arithmetic complexity of the fast DCT-IV
computational structure is given by

N
My, = 2" x M, + —(n+2), A;:Xq=2”xAZ+E(3n~I—2)—2”. (C.32)

Since the DCT-IV is symmetric with respect to the time and frequency indices,
i.e., the DCT-IV matrix is self-inverse, the forward and inverse DCT-IV can be
realized by the identical fast computational structure.

C.3 Fast DCT-IV Algorithm Based on the DCT-II and Fast
DCT-1I/DCT-III Algorithm Based on DCT-IV

In general, for the computation of DCT-II/DCT-III we need two separate fast
computational structures, one for the DCT-II and one for the DCT-III [6]. In order
to minimize memory resources, it is possible to propose alternative fast DCT-II and
DCT-IIT computational structures based on a relation between the DCT-IV and the
DCT-II defined by a matrix product as follows. It is well known that the matrix C, 1\3

is related to C;:, matrix by Britanak et al. [11]

C, =Ly Cy Dy, (C.33)

n(2n+l) n=01

where Dy = diag {2 Ccos =5 ..,N — 1, is the diagonal matrix of

order N, and Ly is a lower trlangular matrix of order N given by

10 000
-1 1 000
1-1 100
Ly = R D RN (C.34)
1 : LT
—4 1111

Equation (C.33) has a twofold importance. Firstly, it provides an alternative
fast DCT-IV algorithm realized via the DCT-II of the same size at the cost of
additional N multiplications and N — 1 recursive additions. However, in the efficient
implementations of filter banks multiplications by the factors 2 cos % can
be simply absorbed into the windowing operations in the encoder/decoder, i.e.,

the windowing function is modified. On the other hand, for the inverse DCT-IV
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computation a fast DCT-II computational structure has to be inverted. With respect
to (C.7) the arithmetic complexity of fast forward/inverse DCT-IV computation via
DCT-1I/DCT-IIT is given by

N 3N
v 3 V="l (C.35)

n, Ay = 5

Secondly, Eq. (C.33) provides a basis to construct alternative fast DCT-II and
DCT-III computational structures via the DCT-IV of the same size. Matrices Dy and
Ly in (C.33) are nonsingular, and therefore their inverse matrices exist. Performing

matrix multiplications on both sides of (C.33), i.e., left-multiplying by L;,l, then
right-multiplying by inverse diagonal matrix D;,l, we get

Cy=L, CyD,. (C.36)

where D;,l = diag {1/(200s %)}, n=0,1,...,N—1, and L;,l is a lower

bidiagonal matrix of order N given by

200---000
110---000

o |ot1--000

Ly =\|.... ...] (C.37)
000---110
000---011

Equation (C.36) defines the fast DCT-II computational structure based on the DCT-
IV. Further, by transposing both sides of (C.36) we get

[d;]T -y =D, C\ [L;']T, (C.38)

T
where [LN ] is an upper bidiagonal matrix of order N given by

2100---00
0110---00

7 loor1-00

[LN]: SRR I (C.39)
0000---11

0000---01
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Equation (C.38) defines the fast DCT-III computational structure again based on the
DCT-1V. The diagonal matrix D;,l includes N pre- or post-multiplications. Both

band bidiagonal matrices [L;,l]T and L;,l include N — 1 pre- or post-additions
[22, 24, 39]. Hence, the DCT-III or DCT-II can be realized via the DCT-IV only
by simple pre- or post-processing of input and output data sequences. If we adopt
the fast DCT-IV computational structure defined by (C.18), according to (C.22) the
arithmetic complexity of proposed fast DCT-II/DCT-III computational structures via
the DCT-1V for N = 2" lengths is given by

1/

N N
Mjé/”’=5(n+4), Ay =5 Gnt2) -1 (C.40)

Although the fast DCT-II and DCT-III computational structures via the DCT-
IV require exactly 2N more multiplications and N more additions than classic fast
DCT-II and DCT-III algorithms (see the arithmetic complexity given by (C.7)),
nevertheless the composition of (C.18), (C.36), and (C.38) provides the elegant and
simple compact computational system for the efficient implementation of all the
discrete orthogonal transforms, DCT-IV, DCT-II, and DCT-III, in terms of structural
simplicity, regularity, and memory requirements.



Appendix D
Optimized Efficient Short Odd-Length Complex
DFT, Real-Valued DFT, and (S)DCT Modules

The optimized efficient odd-length modules represent the unscaled, unnormalized
version of the appropriate discrete sinusoidal unitary transform. For each efficient
odd-length module the corresponding total arithmetic complexity is also specified.
We note that in all odd-length efficient modules, additions and multiplications
(shifts) are sequenced and must be executed in the specified order. When there are
several expressions to a line, they are read left to right before proceeding to next line.

D.1 Table of Constants for All the Optimized Efficient Short
Odd-Length Modules

u= 27” dy = cos (u) dp = sin (u)

u= %” d; = cos (4u) dy = cos (2u) ds = cos (u)
de¢ = sin (4u) dy = sin (2u) dg = sin (u)

do=2d, dipo=2d; dy=2dy dip=2ds
dz=2ds diuu=2d; dis=2dg

dig = tan (5) di7 = tan (3) dig = tan (u)

D.2 Optimized Efficient 3/9-Point Complex-Valued DFT
(CDFT) Modules

The optimized efficient 3/9-point CDFT modules have been derived from short-
length Winograd Fourier transform algorithms for N = 3 and 9 [12, 19, 34]. The

© Springer International Publishing AG 2018 609
V. Britanak, K.R. Rao, Cosine-/Sine-Modulated Filter Banks,
DOI 10.1007/978-3-319-61080-1
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efficient 3/9-point CDFT modules represent fast algorithms for the forward 3/9-
point DFT computation. In general, if the inverse 3/9-point DFT computation is
required, then there exist two simple methods how to use a forward CDFT module
for the inverse CDFT computation:

* Substituting —u for u in the above table of constants and performing the forward
CDFT module [19].

* Exchanging the real and imaginary parts in the input complex-valued data
sequence, then performing the forward CDFT module and finally, exchanging
the real and imaginary parts of the result [18].

D.2.1 3-point CDFT Module: 2 Real Mults, 12 Real Adds,
and 2 Shifts

The input data sequence {xo,x;,x;} is complex-valued, the output data sequence
{Fy, F1, F»} is complex-valued and i = +/—1.

ap =X+ Xxa =X — X2 a3 =X+ a;

m1=—id2a2s1=d1a1=—%a1
as = xo + 1
Fo=ua;3
Fi=a4+m

F2=a4—m1

D.2.2 9-Point CDFT Module: 16 Real Mults, 84 Real Adds,
and 4 Shifts

The input data sequence {xg, x1, . .., xg} is complex-valued, the output data sequence
{Fo, F1, ..., Fg}is complex-valued, and i = +/—1.

a)=Xx1+Xxg ay=Xx1—Xx3 a3 =X+ Xx7 a4 =Xy — X7

as; = X3+ Xg ag =X3—Xg a7 = X4+ X5 dg = X4 — X5

ag =xo+as ayp=ay+aza =ay+ayar=a;—ay
a;3 =a;—ajy aiy =a; —az ajs =ay — a4 Adig = ajs +ag
a7 =as+agaig =a;—ag ayg =a, + a4
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my=—idyas my=—dyapn m3=—dya;z my=—dsay

ms = —idy ajg mg = —i dg ay; m; = —i dy a;g mg = —i dg ayg
1 1

S1 =3 4s S2 = 5 an

a0 = Xo —S1  Aa1 = A0 + My Az = Ar0 — My A3 = ap0 + M3
Qpq = M| + Mg Qs = M| — Mg Ay = My + M7 Ay = Az] — My
apg = Ay —M3 9 = dg — Sy A30 = dp3 + My A3 = A6 — Mg
azy = my —axs dzz = dyg + mg

Fy = a9 + an
Fi =ay; + a3
Fr = ayg + ax

F3 = ax + ms
Fy = az + a3
Fs5s = a3 — as;
F¢ = a9 —ms
F7; = ax —axn
Fg = ax —ass

D.3 Optimized Efficient 3/9-Point Real-Valued DFT (RDFT)
Modules

The optimized efficient 3/9-point forward and inverse RDFT modules are derived
from the corresponding 3/9-point CDFT modules simply using the conjugate
symmetry of DFT coefficients [38]. They are used to derive optimized efficient 3/9-
point DCT-II and DCT-IIT modules.

D.3.1 3-Point Forward RDFT Module: 1 Mult, 4 Adds,
and 1 Shift

The input data sequence {xo, x1,x2} is real-valued and the output data sequence
{Fo, F1, F} is real-valued.

ay =Xy +xa =x —Xx2

1
my = —dy ay s1 = —5 a
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Fo=x0+a
Fi =x90+ 51
F2=m1

D.3.2 3-Point Inverse RDFT Module: 1 Mult, 4 Adds,
and 1 Shift

The input data sequence {Fy, Fy, F,} is real-valued and the output data sequence
{x0, X1, X2} is real-valued.

m =—d2F2S1 Z—%Fl
ay=Fy+ Fya, =Fy+ 51

Xo = aq
ap + my
X = dx —m

X1

D.3.3 9-Point Forward RDFT Module: 8 Mults, 34 Adds,
and 2 Shifts

The input data sequence {xg, x1, . .., xg} is real-valued and the output data sequence
{Fy, F\, ..., Fg}isreal-valued.

a|=Xx1+Xxg ap=Xx1—Xx3 a3 =Xxp+Xx7 a4 =Xxp—Xx7

as = X3+ Xg g =X3—Xg a7 = X4 +X5 dag = X4 — X5

ag =Xxo+as ajp=ay+azan =ap+ayapn =a—as
a;3 =a;—ajy diy =a;—az ajs =a; — a4 dig = ajs +ag
a7 =astagaig =a;—as a9 =4a; +ay

my = —dy as my = —dy ap; m3 = —dy a;3 my = —ds a4

ms = —dy ajg mg = —dg ay; m; = —dq a;g mg = —dg ajg
1 1

§1 = 3 4s §2 = 5 dj

2 2

ax) = Xp — 81 G = Ay + My Ay = Ay — My A3 = Ay + M3
Q4 = my + Mg Ars = My — Mg Aae = My + My
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Fo = a9 +an
Fr=ay—my
Fr = axn —m;
F3 =dg — 85
Fy=ay +my
Fs = axs — mg
F6:m5

F; = m7 —ays
Fg = ayy + mg

D.3.4 9-Point Inverse RDFT Module: 8 Mults, 34 Adds, and 2

Shifts
The input data sequence {Fy, F1, .. ., Fg} is real-valued and the output data sequence
{x0,x1,...,xg} is real-valued.

ag=Fy+Fa=F+F ag=a+F, ag=F —F,
as=F  —Fy a6 =F,—F, ag =Fg—F; ag =a; + F;5
agy=F;+Fsag=Fys—Fsa; =Fs+F;

ny = —dz F6 mp = —d3 ag nsz = —d4 as my = —ds de

ms = —dp ag mg = —ds a9 m; = —d; ajg mg = —ds a;
1 1

si=3F ss=35a

ap = Fo—s1 a3 =ap +my ay = ap —my a5 = ap + m3
aie = my + mg ay; = my —mg ajg = my + my ajg = ajz — My
) = a4 —MmM3 Ay) =a; — Sy A = di5 + My A3 = ajg — Mg
pg = M7 — a7 Az5 = A1 + Mg

X0 =a; +as

X1 = ap + axs
Xy = ay + ax
X3 = az + ms
Xy = axp + ax
X5 = dp — dz3
X6 = a1 — M5
X7 = a0 — A4
Xg = dj9 — s
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D.4 Optimized Efficient 3/9-Point DCT-II and DCT-II1
Modules

The optimized efficient 3/9-point DCT-II and DCT-III modules are, respectively,
derived from the corresponding 3/9-point forward and inverse RDFT modules.
There exists a relation between any odd-length DFT and DCT-II of the same length
[28]. If N is an odd integer, then the DCT-II of length N can be computed by simply
permuting the input data sequence {x,} using the index mapping defined as

N—1
X (= 1y D/2H 1y MLy n=0,1,..., =
x(_l)n+(N+l)/2+l (N—n)—‘,—N;I s n= R R R A A )

and performing the identical-length DFT of {x,} with a DFT algorithm for real-
valued inputs or equivalently with a RDFT algorithm. Then, the DCT-II coefficients
can be extracted as

Co = (=1)F Re {F), k=0,1,...,—,

Chn—zi = (D' Sm {F}, k= 12NT1 (D.2)
This relation enables us to derive odd-length DCT-II algorithms from the corre-
sponding forward odd-length RDFT algorithms using the above equations. A similar
relation holds between an odd-length DCT-III, being inverse of the DCT-II, and the
inverse RDFT of the same length. Thus, the odd-length DCT-III algorithms can be
derived from the corresponding inverse odd-length RDFT algorithms by using the
inverse index mapping implied by above equations.

D.4.1 3-Point DCT-1I Module: 1 Mult, 4 Adds, and 1 Shift

The input data sequence is {xo, x1, x,} and the output data sequence is {Cy, Cy, C,}.

ay =Xxo+x2 ay = xp — X2

1
my =dyay sy =—5 a
Co =x1 +a

C1=m1

Cz = —X1 — 5
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D.4.2 9-point DCT-I1 Module: 8 Mults, 34 Adds, and 2 Shifts

The input data sequence is {xo,x;,...,xs} and the output data sequence is
{Co,Cy,...,Cs}.

ay=Xx3+XxX5 ay=X3—X5 a3 =X¢+ X2 a4 =X6—X2
as =X +XxX7 ag=Xx1—Xx7 a7 =Xx3+XxX9) dag = Xg—Xo
ag = x4+ as ayp=ay+azay =ap+ayapn =a—a;
a3 =ay—ay aiy =4a) —as ajs =d, — a4 djg = djs +ag
ayp =a4+agaig =a,—ag ayg = ax + as

my = —dy as my = —dz a;y m3 = —dy a;3 my = —ds ay

ms = —dp ajs mg = —dg ay; m; = —d; a;g mg = —dg ajg
_ 1 1

S1 =5 4s $2 = 5 dan

axy = X4 — S| Qa1 = A0 + My Az = Az — My A3 = Ao + M3
Ay = my + mg azs = My — Mg dag = My + Ny

Co = a9 + ay
Cy = mg — a
Co = my — ay
C3 = ms
Cy=axn—m
Cs = axs —my
Cs = 52 —ayg
C7 = ax +mg
Cs =ax +my

D.4.3 3-Point DCT-III Module: 1 Mult, 4 Adds, and 1 Shift

The input data sequence is {Cy, C;, C,} and the output data sequence is {xq, X, x2}.

m1=—d2C1S1=%C2
ar = Cy—Cyay = Cy + 51

Xo =dx —m
X1 = a
Xy = ay + my
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D.4.4 9-Point DCT-I1I1 Module: 8 Mults, 34 Adds, and 2 Shifts

The input data sequence is {Cy, Ci,...,Cs} and the output data sequence is
{Xo,xl, . ,xg}.

a=C—Cs ay=C4—Cy a3 =a,+Cg a4 =C4—Cg
as =—C,—Cgas =—C,—Csa7 =C7+Cs ag = a; — C;
ag:—Cs—C1a10:C7+C1 a11=C7—C5

m; = —dz C3 nmyp = —d3 as ms3 = —d4 as my = —ds dg

ms = —dy ag meg = —dg a9 m; = —dy ayg mg = —ds an
1 1

S = ) C6 Sy = 2 as

app = Co—s1 ai3 =ap +m ayy = ap —m a5 = ap + m3
aje = m) +meg a7 =mp —mg ajg =my +my djg = a3 —my
ax) = Ay —m3 ay = a; —Sy Ay = djs + My dy3 = dig — Mg
apq = m7 —ayy dps = dje + mg

Xo = d2 — a3
X1 = az; +ms
Xy = dpo — Az
X3 = ay + as
X4 =a1 + a3

X5 = d19 — azs
X6 = a0 t+ a4
X7 = dz1 —ms
Xg = axn + axp

D.S Optimized Efficient 3/9-Point Scaled DCT-1I (SDCT-II)
Modules

The optimized efficient 3/9-point SDCT-II modules are derived from the corre-
sponding 3/9-point DCT-II modules [31].

D.5.1 3-Point SDCT-II Module: 1 Mult, 4 Adds, and 1 Shift

The input data sequence is {x, x1, x2} and the output data sequence is {Cy, C1, C,}.

ay =X+ x2 ay = xp — X2

m; = dg ap
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Co=x1+a
C1=m1
C2=a1—2x1

D.5.2 9-Point SDCT-II Module: 8 Mults, 34 Adds, and 2 Shifts

The input data sequence is {xo,xj,...,xs} and the output data sequence is
{Co,Cy,...,Cs}.

ar=X3+X5 ap=X3—Xs5s a3 =2Xe+X2 a4 =X6—X2
as =X +XxX7 dg =X —X7 a7 =Xxg3+Xp dag=xX3—Xo
a9 =Xx4+as aj=ay+aza =ap+ayap=a3—a
a3 =a)—ay dig =dy—ds a5 =dy —as djg =dps +ag
a;7=as+agaig =a—ag dyg =ax +as ax =2 x4 —as

my = —dg as my = —djp ajp m3 = —dy a1z my = —dis as
ms = —dg a1 mg = —d13 a7 m; = —dy4 a;g mg = —dis ajg

az; = Ao + my ayp = axp — My Ar3 = Ay + M3 g = My + Mg
Qs = my — Mg dye = My + My

Co = a9 +an
C, = mg — as
Cr = my — ay
C3 = ms
Ciy=ay—m
Cs = ays —myg
Co =ay—2ay
C7 = ax + mg
Cg = ax +my

D.6 Optimized Efficient 3/9-Point Scaled DCT-1V (SDCT-1V)
Modules

Scaled DCT-1V (SDCT-1V) of an input data sequence {x,} is defined as [29]

N—1
v T
-V2 3 x [—2 1)(2k 1], k=01.....N—1.(D3
o mzox cos 4N( n+1)2k+1) (D.3)
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The optimized efficient 3/9-point SDCT-IV modules are derived from the radix-g
DCT-IV algorithm [8, 29], where ¢ is an odd positive integer. If the outputs of SDCT-

IV modules are scaled by ? the corresponding DCT-IV modules are obtained.
Since the DCT-IV matrix is symmetric and self-inverse, the forward and inverse
3/9-point DCT-IV computation can be realized by the identical efficient module.

D.6.1 3-Point SDCT-1V Module: 1 Mult, 6 Adds, and 1 Shift

The input data sequence is {xy, x1, x»} and the output data sequence is {Cy, Cy, C»}.

1
a1=xo+x2a2=x0—x2a3 =x1+§a2
m = dy ay

Co=m + a3
Ci=a—x
C,=m —az

D.6.2 9-Point SDCT-1V Module: 17 Mults, 53 Adds, and 3
Shifts

The input data sequence is {xg,x,...,xs} and the output data sequence is
{Co,Cy,...,Cs}.

ay =Xxg+xgay) =x9g—Xg3d3 =X +X7 a4 =X —X7
as = Xo + X6 Qg = Xp —Xg A7 = X3 + X5 dg = X3 — X5
m =dgar ay=m —ay m=dgag
ajo = a; —my m3 = dig ayo ap = ag +mj
_ _ 1 _ 1 _
my=dyas ap=my+ ;a5 =3an a3 = S;— a4
ms =di;as ayy=ms—as ms=dsd
ais =as—mgm; =di7 a5 aig = a4 +ny

mg =digag ap; =a;—mgmy=djay
aig = ag + mg myg = dig ajg aj9 = a7 —myo
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Ay = X4 +ap  ay =ap +as ap = ax; + aig dzz = X4 — 1
Ay = ajp—dais  Azs = dj — adig ax = aj; + ajg a7 = aie + ap
dyg = djl —aie a9 = dzg + dyy aszp = dz4 — dz5 A3z = dz7 — Az
myy = dy ax myy = ds ass miz = —dz azp My = dy ax
mis = dg az; mis = dg a7 my7 = ds ax
asm = ax + axn as = —dx; +my dasy = dsz + mpp azs = dyz +my3

1
36 = azs + Mz az; = —ax + 5 Ay Az = dz3 + M| Azg = dzg — M3
as = a3z +my  as = ag + ms Qg = a3 — M5 A43 = A4y — M6
Q44 = —a13 + M4 A45 = Aaq — Myg

Co = ax

Ci = az — ay
Cr = azs + ag
Cy = aze — aqs
Cy = aze + as
Cs = az; —myy
Cs = az7 + my7
C7 = azg — ass
Cs = azo + ass

D.7 Efficient 15-Point PFA DCT-II/III Module

The efficient 15-point DCT-II module was derived in [2, 4] by the prime factor
decomposition (PFA) method, and it is shown in Fig.D.1. Full lines represent
transfer factors 41 while dashed lines represent transfer factors —1. Symbol o
represents addition. The corresponding 15-point PFA DCT-III module can be
obtained by transposing the 15-point PFA DCT-1I module, i.e., by its reversing and
performing inverse operations.

The efficient 15-point PFA DCT-II module consists of the first stage of three
5-point DCT-II modules in parallel and the second stage of five 3-point DCT-II
modules in parallel followed by the post-butterfly stage. The outputs and inputs
between stages of 5-point and 3-point DCT-II modules are interconnected according
to the following relations:

(In)3n = (Out)n, (In)3n+1 = (Out)5+n, (In)3n+2 = (Out)10+n, n=20,1,2,3,4.

No twiddle factors are required among stages. The required efficient 3-point DCT-
I [3, 28] and DCT-III modules additionally optimized together with their arithmetic
complexity are presented in Appendix D.4. Similarly, the required efficient 5-point
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Fig. D.1 Efficient 15-point X Out In ) .
PFA DCT-II module [2, 4] ] . 3-point [
x| S-point DCT-I|
< _|DCT-II 1o
6
X5 —
3-point [
DCT-II
Xl(li
);' ~| 5-point 3-point
x| DCT-II DCT-II
X, —
3-point
DCT-II
Xy —
is ~| 5-point .
x. —|DCT-II 3-point
X,—| DCT-II

DCT-II [3, 28] and DCT-III modules additionally optimized together with their
arithmetic complexity are presented below. The arithmetic complexity of efficient
15-point PFA DCT-II/DCT-III module is given by 17 multiplications, 67 additions,
and 8 shift operations.

D.7.1 Optimized Efficient 5-Point DCT-1I Module: 4 Mults, 13
Adds, and 1 Shift

The input data sequence is {xo,x,Xs,x3,x4} and the output data sequence is

{cg, ¢l ey, cy, CZ}' Note that the multiplication factor 1 + cos 2 = ¥3,

3 5 4
a; = xg+ x4 a) = Xo — X4
az = x1 +x3 as = X1 — X3
as = aj + as ae = a; — as
1
a7 =ay + ay ag=x2—za5

my = as (3 + cos Z)

my = a; Cos {;
m3 = ay (cos 75 — cos 31—75)
My = a (cos 1o T cos 31—75)
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D.7.2 Optimized Efficient 5-Point DCT-111 Module: 4 Mults, 13
Adds, and 1 Shift

. . /4 1 /4 1 /4 d h d .
The mput data sequence 18 1¢,,C;,C,,C3,C4 ¢ and the output data sequence 1s

{Xo,xl,xz,xs,m}.

ay=c¢, +¢ a) =Cy) — ¢y
/4 )/ i
az =c¢; + ¢ a4=co+za2
1 2
m; = ay (Z+COS?JT)

¢y (cos & — cos 3%)

11
my = ¢, (cos & + cos 3%)

g
I

as = my) —msy ag = My — My
a7 = aq + my ag = aq —m

Xo = a7 + as
X1 = ag + ag

X3 = dg — de
X4 = a7 — A4s

D.8 Efficient 15-Point WFTA DCT-II/III Module

From Appendix D.4 it is known that the odd g-length DCT-II and DCT-III modules
can be derived, respectively, from the corresponding odd g-length forward and
inverse RDFT modules. We recall that there exists a relation between any odd g-
length DFT and DCT-II of the same length [28]. This relation enables us to derive
g-length DCT-II algorithms from the corresponding odd g-length forward RDFT
algorithms. If N is an odd integer, and hence when ¢ = 15, then a 15-point DCT-II
can be derived by simply permuting the input data sequence defined by (D.1) and
applying an identical-length RDFT algorithm for real-valued inputs. The DCT-II
coefficients are extracted according to (D.2).

A 15-point DFT can be efficiently implemented by the Winograd Fourier
transform algorithm (WFTA) [12] which uses efficient Winograd’s prime-length 3-
and 5-point DFT modules in a prime factor mapping. Combining the permutation
defined by (D.1) and 15-point WFTA DFT algorithm, an efficient 15-point WFTA
DCT-II module has been derived [14, 15, 36]. The corresponding sparse matrix
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Fig. D.2 Efficient 15-point WFTA DCT-II module [14, 15]

factorization of 15 x 15 DFT matrix in detail is presented in [15]. The corresponding
signal flow graph of efficient 15-point WFTA DCT-II module is shown in Fig. D.2.
Full lines represent transfer factors 41 while dashed lines represent transfer factors
—1. Symbol o represents addition. The arithmetic complexity of 15-point WFTA
DCT-II module is given by 17 multiplications and 67 additions. The 15-point WFTA
DCT-III module can be obtained by transposing the 15-point WFTA DCT-II module,
i.e., by its reversing and performing inverse operations.

Twiddle factors {d;}, i = 1,2,...,17 in the signal flow graph of efficient 15-
point WFTA DCT-II module in Fig. D.2 are defined as follows [14, 15]:

u=- 2, v,
di = %(cosu 4+ cos2u) —1,d, = %(cosu — cos2u), d3 = sinu + sin2u,
ds = sin2u, ds = sinu — sin 2u, dg = cosv — 1,

d7 = d, dg, dy = d, dg, dy = ds dg,

dio = dy ds, di1 = ds ds, dip = sinv,

diz = dy di2, diy = dy dh2, dis = — d3 di2,

dig = — dy d2, dy7 = —ds ds.
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In [36] it has been shown that among 17 twiddle factors {d;}, 3 are dyadic rational
numbers of the form

Thus, efficient 15-point WFTA DCT-II/III module requires 14 nontrivial irrational
multiplications and 67 additions. Multiplications by dyadic rationals can be imple-
mented only by addition and shift operations [11].



Appendix E
Optimized Efficient Short-Length
Forward/Backward MDCT Modules

E.1 Optimized Efficient 4/2-Point Forward/Backward
MDCT Modules

The optimized efficient 4 /2-point forward/backward MDCT modules are derived
from the DCT-IV-based fast MDCT algorithm [9]. Note that cos § + sing =

V2 cos%andcos%—sin% =42 sin%.

E.1.1 Forward 4-Point MDCT Module: 3 Mults and 5 Adds

The input data sequence is {xo, x1, X2, x3} and the output data sequence is {co, c1}-

ay = xo — X1 a) = —X— X3 a3z =a+a
my = —a; 2 sin%m2=a2\/§cos% my = as cos g
co =my +mj

Cl = nmy —nj

E.1.2 Backward 2-Point MDCT Module: 3 Mults and 3 Adds

The input data sequence is {cy, ¢; } and the output time domain aliased data sequence
is {'%03 '%l kl -3(\:27 -%3}'

© Springer International Publishing AG 2018 625
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ap = Ccp — (1

m; = —co V2 sin g my = —c) V2 COS g M3 = aj cos g
)AC() = m +m3
X1 = —Xo
Y= my—m;
3= X

E.2 Optimized Efficient 6/3-Point Forward/Backward
MDCT Modules

The optimized efficient 6/3-point forward/backward MDCT modules are derived
directly from the MDCT matrix-vector representation [42].

E.2.1 Forward 6-Point MDCT Module: 1 Mult, 6 Adds, and 1
Shift

The input data sequence is {xo,x1, X2, X3, X4, X5} and the output data sequence is
{co, c1, 2}

ar=xo—XxXy dy=Xx3+X5
1

s

a3=§a1—X4m1=a2 COS6
Co= az—m
Cl = —a) — X4
= az+m

E.2.2 Backward 3-Point MDCT Module: 1 Mult, 4 Adds, and 1
Shift

The input data sequence is {co, ¢, c2} and the output time domain aliased data
sequence is {Xo, X1, X2, X3, X4, X5}

611=C0+Cz a) = Cyp —C

mp = —a; cos g
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2 1
o= 5a—c

= 0

Xy = —Xo

)AC3 = m

)AC4 = —da; —C
Xs= X3

E.3 Optimized Efficient 18/9-Point Forward/Backward
MDCT Modules

Based on the generalized fast mixed—radix MDCT algorithm for composite lengths
2" x 9 [25], the correct optimized efficient 18/9-point forward/backward MDCT
modules are derived directly from the forward/backward MDCT matrix-vector
representation.

E.3.1 Forward 18-Point MDCT Module: 8 Mults, 42 Adds,

and 2 Shifts
The input data sequence is {xo,xi,...,x;7; and the output data sequence is
{co,c1,...,c8}.
ay = Xp — Xg ay = X1 — X7 az = X — Xg a4 = X3 — X5
as = X9 + X17 ae = X10 + X16 a; = xi1 + X5 ag = X12 + X4
ay = a + as ayp = ag +asg
ay = a4 —as ap =an +ar

1 1

ap = ax + xi3 aly = 5 ar —X13  a15 = 5 di2 + ais

T
6

s

nmp = dg COS nmy = dyp COS 6

ms = (a1 —a3) sin%” my = (a1 —ag) sin%” ms = (613 —ag) sin%
aje = my + ms —m ayy = m3 —mg —mia;g = mz + ms + m
mg = (ag + as) cos %T m; = (a4 — ay) cos %T mg = (as + ay) cos %

ayg = meg —mg + aiy axo = my +mg + ay ap| = mg + m7 —ayy
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co = dietap
1 = —myp —dajs
C = —ap7 + ax
C3 = dajg —da
C4 = dapp—as
Cs = —djg — ay|
Ce = a7+ ax
C7 = nmp—dais
cg = —aje + aiy

E.3.2 Backward 9-Point MDCT Module: 8 Mults, 34 Adds, and

2 Shifts
The input data sequence is {co, c1, . .., cs} and the output time domain aliased data
sequence is {Xo, X1, ..., X17}
a) = Ccp —Cg a =Cy —Cy as = Cy — Cgq ag = C3 — Cs
as = co + cg ag =c1 + ¢y a; = c2 + cs ag =c3+cs
ag = dady —as ajp = ag —ay
ajp =as+ag ap =aj +ag
1 1
a;z = ag + ¢4 aly = 5 de — C4 ais = 5 app — a3
mp = ap cos g my = — ay cos g
_ s 4m _ s 21 _ s T
m3 = (a; + a3) sin =~ my = (a1 + aq) sin - ms = (az —aq) sin §
ajg = my — ms ayy =m3 —my ajig = —mz + ms
— 4 _ 2 _ g
meg = (615 —a7) Cos 95 my = (615 —ag) COS <5 mg = (a7 —ag) Cos )
ayg = mes + mg apo = —my + mg ap| = —mg — my
Xo = ajg—m
X1 = 4ais
Xy = aypp—m
X3 = dj9—dai4
Xp= 0
X5 = —X3
X6 = —X»

X7 = —561
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Xg = —Xo
Xo=ax +au
310 = m
Xu= ay—ay
Yo = aig—m
X3 = —ap —ag
X4 = in

X5 =

X6 = X0

A A

X177 = X9



Appendix F
Efficient Implementations of Givens—Jacobi
Rotations

F.1 Definitions

A 2 x 2 orthogonal matrix denoted as G, is called Givens—Jacobi rotation, if it has
the form [24]:

cos @ —sing
—1 T
G, = . G, =G, =G, (F.1)
sing Ccos¢@

where G, and G_,, are inverses to each other. T denotes matrix transposition.

F.2 LUL and ULU Computational Structures

The first method for an efficient implementation of Givens—Jacobi rotations is based
on LUL matrix factorization of G,, where L is a unit lower triangular and U is a unit
upper triangular matrix. Provided that the determinant of G, and G, is unity, i.e.,
det (G,) = det (G—,) = +1, then applying the PLUS factorization algorithm (see
Appendix A.6) to G, (in this case P = I is the identity matrix) we get LUS and
hence LUL factorizations of G, and G, defined as [11]

1 0 1 —sing 1 0
G, = : (F.2)
% 4
tan 5 1 0 1 tan 7 1
© Springer International Publishing AG 2018 631
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1 0 1 sing 1 0
G_, = . sing # 0. (E.3)
—tan % 1 0 1 —tan ¥ 1

Since G, = GT_W from (F.2) and (F.3) we obtain the alternative ULU factorizations
of G, and G_, given by

1 —tan % 1 0 1 —tan %
G, = , sing # 0. (F4)
0 1 sing 1 0 1
1 tan ¢ 1 0 1 tan £
G, = . (E5)
0 1 —sing 1 0 1

Although G, and G_, are eigenorthogonal, the factored matrices on the right-
hand sides of (F.2), (F.3), (F.4), and (F.5), the so-called Gauss elementary matrices
being unit lower and unit upper triangular matrices, are not longer orthogonal;
however, they are still invertible. LUL and ULU factorizations of G, and G_, define
the corresponding LUL and ULU computational structures, respectively, for the
efficient implementation of forward and inverse Givens—Jacobi rotations. We note
that from computational point of view, LUL and ULU structures are equivalent.
The LUL computational structure for the efficient implementation of y = G, x and
x = G_, y, where x = [xg,x;]” is the input vector and y = [yo, 1] is rotated
vector, is shown in Fig. F.1.
The products of Givens—Jacobi rotations have the following useful properties

cos(a + B) —sin(a + B)

G, Gﬁ = Gﬁ G, = = Ga+ﬁ»
sin( + B) cos(a + B)

G_, G =Gg G_y = G_(4—p),

G G g=G_pG_, =G _(41p). (F.6)
Fig. K1 LUL computational  x(y,) > Vo(X,)
structure for the efficient ‘ T@ ‘
implementation of y = G, X
dx=G_
anax 0y tan ¢/2 sin @ tan @/2

X, () Yo | to > Vi(x)
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Fig. F.2 Bilinear m,
computational structure for X,(y)
the efficient implementation
ofy =G, xandx =G—, y

D yo(xo)

m, = - sin ¢ - cos @
m,= cos @
m,= sin @ - cos @

XU(yU) PO Y (XI)

F.3 Bilinear Computational Structure

An alternative method to efficiently implement G, and G, is to use the bilinear
algorithm for the computation of 2-point Hankel matrix-vector product [33].
Exchanging columns in the matrix G, in (F.1) it becomes the Hankel matrix (see
Appendix A.2) and therefore, the bilinear algorithm for 2-point Hankel matrix prod-
uct can be applied to the reordered matrix G,. The resulting bilinear computational
structure for the efficient implementation of y = G, x and x = G_,, y is shown in
Fig. F.2.

LUL (ULU) and bilinear computational structures require 3 multiplications and
3 additions. However, while in the LUL (ULU) computational structure all the
multiplications have to be performed sequentially, in the bilinear computational
structure all the multiplications are independent and can be realized concurrently.
Moreover, the LUL or ULU computational structure requires determinant of the
matrix to be unity. Therefore, the scaled Givens—Jacobi rotations of the form a G,
and o G_,, where o € R have to be realized by the bilinear computational structure.

F.4 Conversion of Complex Multiplication to the
Givens—Jacobi Rotation

All twiddle factors in FFT algorithms are complex numbers with the unit magnitude,
i.e., every twiddle factor can be expressed in the form:

et =cosg F ising =cFis, A+st=1,

where i = +/—1. The complex multiplication y = (¢ F is) x, where x = a + ib, can
be written in the equivalent matrix-vector notation as

yT=(c—is)x=(l i) (c—s) x!,
S C
v = (c+is)x = (1 i) (_iz) xI',  s#£0.

Thus, complex multiplications correspond to Givens—Jacobi rotations G, and G,
applied to the vector x.



Appendix G

Symmetry/Anti-Symmetry and
Periodicity/Anti-Periodicity of a Sequence
(Function)

Special kinds of data sequences (functions), the symmetric and anti-symmetric
sequences, the periodic and anti-periodic sequences, are fundamental notions in
harmonic analysis, convolution, and correlation of signals [41].

G.1 Symmetry and Anti-Symmetry of a Sequence

A data sequence (finite or infinite) may be treated as samples taken from a
continuous function. The symmetry or anti-symmetry of a data sequence reflects
the symmetry of the function from which these samples are taken. Importantly,
the symmetry or anti-symmetry of a data sequence depends on the choice of the
symmetry center [41].

If one of the sampling points is chosen to be the symmetry center, the symmetry
or anti-symmetry of a data sequence is referred to as odd symmetry or odd anti-
symmetry. This symmetry type is referred to as odd symmetry type. Let {x,}, n =
0,1,...,M — 1, be a data sequence of the length M.

Definition 1 Sequence {x,} is said to be odd symmetric if x_, = x,,.

Definition 2 Sequence {x,} is said to be odd anti-symmetric if x_, = —x,,.

In the odd symmetry type, all sampling points are integers. As an example, the
DFT is based on this symmetry type [41].

There is another symmetry type, called the even symmetry type. If the midpoint
between two adjacent sampling points is chosen to be the symmetry center, the
symmetry or anti-symmetry of a data sequence is referred to as even symmetry or
even anti-symmetry. This type of symmetry is referred to as even symmetry type.

Definition 3 Sequence {x,} is said to be even symmetric if x_,—; = x,,.

Definition 4 Sequence {x,} is said to be even anti-symmetric if x_,—; = —x,,.
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636 G Symmetry/Anti-Symmetry and Periodicity/Anti-Periodicity of a Sequence. ..

In the even symmetry type, all sampling points are half integers. A number is
called a half integer if it is the sum of an integer and % Thus, there are two choices
of symmetry type in both spatial and frequency domains [41].

G.2 Periodicity and Anti-Periodicity of a Sequence

Now, we recall the definitions of periodic and anti-periodic sequences. Let {x,},
n=20,1,...,M — 1, be a data sequence of the length M.

Definition 5 A data sequence {x,} is called a periodic sequence if x,+y = X,
where M > 0 is called the period of periodic sequence {x,}.

Definition 6 A data sequence {x,} is called an anti-periodic sequence if x, 45 =
—x,, where M > 0 is the period of anti-periodic sequence {x,}.

An anti-periodic sequence {x, } may be treated as a periodic sequence with period
2M because X,y = —X,4+m = X,. However, the properties of {x,} depend only
upon its values in one period M. The periodicity and anti-periodicity of sequences
are closely related to their symmetry and anti-symmetry properties, respectively.
Properties (sums and products) of periodic and anti-periodic sequences with a
common period can be found in [41].
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