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Chapter 11
MPEG-1 Audio

1. INTRODUCTION

After the introduction of digital video technologies and the CD format in
the mid eighties, a flurry of applications that involved digital audio/video
and multimedia technologies started to emerge. The need for
interoperability, high-quality picture accompanied by CD-quality audio at
lower data rates, and for a common file format led to the institution of a new
standardization group within the joint technical committee on information
technology (JTC 1) sponsored by the International Organization for
Standardization (ISO) and the International Electrotechnical Commission
(IEC). This group, the Moving Picture Experts Group (MPEG), was
established at the end of the eighties with the mandate to develop standards
for coded representation of moving pictures, associated audio, and their
combination [Chiariglione 95].

MPEG-1 was the initial milestone achieved by this committee after over
three years of concurrent work. MPEG-1 Audio represents the first
international standard that specifies the digital format for high quality audio,
where the aim is to reduce the data rate while maintaining CD-like quality.
Other compression algorithms standardized prior to MPEG-1 addressed
either speech-only applications or provided only medium-quality audio
performance. The success of the MPEG standard enabled the adoption of
compressed high-quality audio in a large range of applications from digital
broadcasting to internet applications. Everyone is now familiar with the
MP3 format (MPEG Layer III). The introduction of MPEG Audio
technology radically changed the perspective of digital distribution of music,
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266 Introduction to Digital Audio Coding and Standards

touching diverse aspects of it, including copyright protection, business
models, and ultimately our every-day life.

In this chapter and Chapters 12, 13, and 15, we discuss different audio
coding algorithms standardized by MPEG. In this chapter, after presenting a
brief history of the MPEG standards with emphasis on the MPEG Audio
goals and objectives, we discuss in depth the layered approach and attributes
of MPEG-1 Audio.

2. BRIEF HISTORY OF MPEG STANDARDS

The Moving Pictures Experts Group (MPEG) was established with the
mandate to develop standards for coded representation of moving pictures,
associated audio, and their combination. The original group of about 25
people met for the first time in 1988. Later MPEG become working group
11 of ISO/IEC JTC 1 sub-committee 29. Any official document of the
MPEG group can be recognized by the ISO/IEC JTC 1/SC 29/WG 11
header. There were originally three work items approved for MPEG:

e The MPEG-1 standard [ISO/IEC 11172] coding of synchronized
video and audio at a total data rate of about 1.5 Mb/s was
finalized in 1992.

e The MPEG-2 standard [ISO/IEC 13818] coding synchronized
video and audio at a total data rate of about 10 Mb/s was
finalized in 1994.

e The third work item, MPEG-3, addressing coding of
synchronized video and audio at a total data rate of about 40
Mb/s was dropped in July 1993, after being deemed redundant
since its attributes were incorporated in the MPEG-2
specifications.

After the initial work started, a proposal for audiovisual coding at very
low data rates with additional functionalities, such as scalability, 3-D,
synthetic/natural hybrid coding, was first discussed in 1991 and then
proposed in 1992 [ISO/IEC MPEG N271]. This phase of MPEG
standardization was called MPEG-4 giving origin to the somewhat
disconnected numbering of subsequent phases of MPEG. MPEG-4 was
finalized in 1998 as [ISO/IEC 14496]. The MPEG-1, 2, 4 standards address
video, audio compression as well as synchronization, compliance, and
reference software issues.  Although MPEG Audio is often utilized as a
stand-alone standard, it is one component of a multi-part standard, where
typically “part one” describes the system elements (i.e. synchronization of
video and audio stream, etc.) of the standard, “part two” the video coding
elements, and “part three” the audio coding elements. After MPEG-4 the
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Chapter 11: MPEG-1 Audio 267

work of MPEG started focusing more and more towards coding-related
technology rather than coding technology per se. MPEG-7, whose
completion was reached in July 2001 [ISO/IEC 15938], addresses the
description of multimedia content for multimedia database search. Currently
in the developmental stage (only three parts of the standard have been
approved), MPEG-21 is addressing the many elements needed to build an
infrastructure for the usage of multimedia content, see for example [ISO/IEC
MPEG N4318].

The goal of MPEG-1 Audio was originally to define the coded
representation of high quality audio for storage media and a method for
decoding high quality audio signals. Later the algorithms specified by
MPEG were tested within the work of ITU-R for broadcasting applications
and recommended for use in contribution, distribution, commentary, and
emission channels [ITU-R BS.1115]. Common to all phases of MPEG was
the standardization of the bitstream and decoder specifications only, but not
of the encoder. A sample encoder algorithm is described in an “informative”
part of the standard, but following the sample algorithm is not required to be
compliant with the standard.  This approach, while allowing for
interoperability between implementation from different manufacturers, also
allowed encoder manufactures to retain control on the core intellectual
property and know-how that contributed to the success of the coding system.
The input of the MPEG-1 audio encoder and the output of the decoder are
compatible with existing PCM standards such as the CD and the digital
audio tape, DAT, formats. MPEG-1 audio aimed to support one or two main
channels, depending on the configuration (see more details on channel
configuration in the next sections) and sampling frequencies of 32 kHz, 44.1
kHz, and 48 kHz.

In MPEG-2 Audio the initial goal was to define the multichannel
extension to MPEG-1 audio (MPEG-2 BC, backwards compatible) and to
define audio coding systems at lower sampling rates than MPEG-1, namely
at 16 kHz, 22.5 kHz and 24 kHz. This phase of the work of the MPEG
audio sub-group was partially motivated by the debut of multichannel de-
facto standards in the cinema industry such as Dolby AC-3 (currently known
also as Dolby Digital, see also Chapter 14) and the need for lower data rates
for the emerging internet applications. After a call for proposals in late
1993, the work on a new aspect of multichannel audio, the so-called MPEG-
2 non-backwards compatible, NBC (later renamed MPEG Advanced Audio
Coding, AAC), was started in 1994. The objective was to define a higher-
quality multichannel standard than achievable with MPEG-1 extensions. A
number of studies highlighted the burden in terms of quality, or equivalently
in terms of increased data rates demands, suffered by the design of a
multichannel audio system when the backwards compatibility requirement
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268 Introduction to Digital Audio Coding and Standards

was enforced (see for example [Bosi, Todd and Holman 93 and ISO/IEC
MPEG N1229] and see also next chapter for a detailed discussion on this
issue). As a result of this phase of work, MPEG-2 AAC was standardized in
1997 [ISO/IEC 13818-7]. In a number of subjective tests MPEG-2 AAC
shows comparable or better audio quality than MPEG-2 Layer II BC
operating at twice the data rate, see for example [ISO/IEC MPEG N1420].

The MPEG-4 Audio goals were to provide a high coding efficiency,
where the data rates introduced ranging from 200 b/s to 64 kb/s reach lower
values than the data rates defined in MPEG-1 or 2. In addition to general
audio coding technology MPEG-4 also accommodates:

— speech coding technology

— error protection

— content-based interactivity such as flexible access and manipulation, for
example pitch/speed modifications;

— universal access, for example access to a subset of data or scalability

— support for synthetic audio and speech, such as in structured audio, SA,
and text to speech, TTS, interfaces;

— additional effects such as post-processing (reverberation, 3D, etc.) and
scene composition.

From its onset, the MPEG standardization process played a very relevant
role in promoting technology across the boundaries of a single organization
or country. As a result, teams around the world joined forces and expertise
to design algorithms that incorporated the most advanced technology
available given a certain range of applications. In the first phases of the
MPEG work, the focus was centered on coding technologies. In this chapter
and in Chapters 12 , 13 and 15 a detailed description of the audio coding
algorithms developed during the MPEG-1 through 4 phases are presented.
In particular, the next sections of this chapter present the details of the
MPEG-1 Audio algorithms.

3. MPEG-1 AUDIO

MPEG-1 is a compression standard that addresses the compression of
synchronized video and audio at a total data rate of 1.5 Mb/s. It includes
systems, video, and audio specifications. MPEG-1 became a standard in
1992, and is also known as [ISO/IEC 11172]. [ISO/IEC 11172-3] specifies
the audio portion of the MPEG-1 standard. It includes the syntax of the
audio coded bitstream and a description of the decoding process. In
addition, reference software modules and a set of test vectors for assessing
the compliance of the decoder are also provided by the standard
specifications. The MPEG-1 audio encoder structure is not a mandatory part
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Chapter 11: MPEG-1 Audio 269

of the standard specifications and its description is an informative annex to
the standard. While the mandatory nature of the syntax and decoding
process ensures interoperability, the encoder implementation is left to the
designers of the system, leaving a large degree of differentiation within the
boundaries of the standard specifications. The MPEG-1 standard describes a
perceptual audio coding algorithm that is designed for general audio signals.
There is no specific source model applied as, for example, in speech codecs.
It is simply assumed that the statistics of the input signal are quasi-
stationary. The audio signal is then represented by its spectral components
on a frame-by-frame basis and encoded exploiting perceptual models. The
aim of the algorithm is to provide a perceptually lossless coding scheme.
The MPEG-1 Audio standard specifications were derived from two main
proposals: MUSICAM [Dehéry, Stoll and Kerkhof 91] presented by
CCETT, IRT and Philips, which is the basis for the low-complexity first two
layers (see also next sections), and ASPEC (see [Brandenburg and Johnston
90] and [Brandenburg et al. 91]) presented by AT&T, FhG, and Telefunken
which is the basis for layer IIl. The quality of the audio standard was tested
by extensive subjective listening tests during its development. The resulting
data, see for example [ISO/IEC MPEG 91/010], showed that, under strictly
controlled listening conditions, experts listeners were not able to distinguish
between coded and original sequences with statistical significance at typical
codec data rates. Typical data rates for the coded sequences were 192 kb/s
per channel for MPEG Layer I, 128 kb/s per channel for Layer II and Layer
IIT (see detailed description of the different MPEG-1 Audio Layers later in
this chapter and also the MPEG public documents at [MPEG]).

3.1 Main Features of MPEG-1 Audio

The sampling rates supported by MPEG-1 are 32, 44.1, and 48 kHz. The
channel configurations encompass one or two channels. In addition to a
monophonic mode for a single audio channel configuration, a dual
monophonic mode for two independent channels is included. A stereo mode
for stereophonic channels, which shares the available bit pool amongst the
two channels but does not exploit any other spatial perceptual model, is also
covered. Moreover, joint stereo modes that take advantage of correlation
and irrelevancies between the stereo channels are described in the standard.
The data rates vary between 32 and 224 kb/s per channel allowing for
compression ratios ranging from 2.7 to 24:1 depending on the sampling rate.
In addition to the pre-defined data rates, a free format mode can support
supplementary, fixed data rates.

MPEG-1 Audio specifies three layers. The different layers offer
increasingly higher audio quality at slightly increased complexity. While
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270 Introduction to Digital Audio Coding and Standards

Layers I and II share the basic structure of the encoding process having their
roots in an earlier algorithm also known as MUSICAM [Dehéry, Stoll and
Kerkhof 91], Layer III is substantially different. The Layer III algorithm
was derived from the merge of ASPEC [Brandenburg et al. 91] with the
Layer I and II filter bank, the idea being that a Layer III decoder should be
able to decode Layer I and II bitstreams. Layer I is the simplest layer and it
operates at data rates between 32 and 224 kb/s per channel. The preferred
range of operation is above 128 kb/s. Layer I finds an application, for
example, in the digital compact cassette, DCC, at 192 kb/s per channel.
Layer II is of medium complexity and it employs data rates between 32 and
192 kb/s per channel. At 128 kb/s per channel it provides very good audio
quality. A number of applications take advantage of Layer II including
digital audio broadcasting, DAB, [ETS 300 401 v2] and digital video
broadcasting, DVB [ETS 300 421, ETS 300 429, ETS 300 744]. Layer III
exhibits the highest quality of the three layers at an increased complexity.
The data rates for Layer III are lower than the rates for Layers I and II and
they vary between 32 and 160 kb/s per channel. Layer III displays very
good quality at rates below 128 kb/s per channel. Applications of Layer III
include transmission over ISDN lines and internet applications. A
modification of the MPEG Layer III format at lower sampling frequencies
gave origin to the ubiquitous MP3 file format.

In spite of the differences in complexity, single-chip, real-time decoder
implementations exist for all three layers. It should be noted that, in addition
to the main audio data, all three layers provide a means of including
auxiliary data within the bitstream syntax. Finally it should be mentioned
that, MPEG-1 Layers II and III were also selected by ITU-R task group, TG,
10/2 for broadcasting applications in recommendation BS.1115. In ITU-R
BS.1115, Layer II is recommended for emission at the data rate of 128 kb/s
per channel, and for distribution and contribution at data rates above 180
kb/s per channel. Layer IIl is also recommended in BS.1115 for
commentary broadcasting at data rates of about 60 kb/s per channel.

The main building blocks of the MPEG-1 audio coding scheme are
shown in Figure 1 and Figure 2. The basic building blocks include a time to
frequency mapping stage followed by a bit or noise allocation stage. The
input signal also feeds a psychoacoustic model block whose output
determines the precision of the allocation stage. The bitstream formatting
stage interleaves the representation of the quantized data with side
information and optional ancillary data. The decoder interprets the
bitstream, restores the quantized spectral components of the signal and
finally reconstructs the time domain representation of the audio signal from
its frequency representation.
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Figure 1. MPEG-1 Audio encoder basic building blocks
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Figure 2. MPEG-1 Audio decoder basic building blocks

3.2 Different Layers Coding Options

The general approach to the coded representation of audio signals is the
same for all layers. Based on the time to frequency mapping of the signals
with a source model design based on statistics of generic audio signals, they
share the basic building blocks and group the input PCM samples into
frames of samples for analysis/synthesis. There are, however, a number of
differences in the different layers’ algorithms going from the simple
approach of Layer I to the more sophisticated approach of Layer III at
increased complexity. In Figure 3 and Figure 4 the block diagrams of Layers
I, II, and III in single channel mode are shown.
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272 Introduction to Digital Audio Coding and Standards

3.2.1 Layers I and 11

For Layers I and II, the time to frequency mapping is performed by
applying a 32-band PQMF (see also Chapter 4) to the main audio path data.
The frequency representation of the signal is scaled and then quantized with
a uniform midtread quantizer (see also Chapter 2) whose precision is
determined by the output of the psychaocustic model.  Typically,
Psychoacoustic Model 1 (see also next sections) is applied,  where the
psychoacoustic analysis stage is performed with a 512-point FFT (Layer I)
or 1024-point FFT (Layer II). In order to further reduce the data rate, Layer
IT applies group coding of consecutive quantized samples certain levels (see
also next sections).

Q -—_—r—
Filter Bank : lUniﬁ)rm Midtrcad

(32 Sub-Bands) Quantizer

. Coded
»l Y Audio
Bitstream _Dgla
Formatting
DFT " . Coding of Side
512/1024 Hann »| Poychoacoustic | Information
Window ode

Figure 3. Block diagram of Layers I and II (single channel mode)

3.2.2 Layer I1I

For Layer III the output of the PQMEF is fed to an MDCT stage (see also
Chapter 5). In addition, the Layer III filter bank is not static as in Layers I
and II, but it is signal adaptive (see next sections). The output of this hybrid
filter bank is scaled and then non-uniformly quantized with a midtread
quantizer. Noiseless coding is also applied in Layer III. In an iterative loop
that performs the synthesis of the Huffman-encoded, quantized signal and
compares its relative error levels with the masked thresholds levels, the
quantizer step size is calculated for each spectral region. The quantizer step
is once again determined by the output of the psychoacoustic model,
however, the nature of the psychoacoustic model (Model 2, see next
sections) applied to Layer III is substantially different from the model
applied for Layers I and II. Figure 4 highlights one of the differences, the
analysis stage, which is performed by applying two, 1024-point FFTs. In all
layers the audio data together with the side information such as bit allocation
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and control parameters are multiplexed with the optional ancillary data and
then stored or transmitted.

Q

Q >
[—H Non-Uniform —>
Filter Bank : * Midtread Quantize} Huffinan Codin
(32 Sub-Bands) | MbCT * | Rate/istortion utimant-ocing Coded
31 S r P Audio
b Bitstream | Data
Formatting
DFT . . Coding of Side
2 * 1024Hann PSyc:::;:r stie »!  Information
Window

Figure 4. Block diagram of Layer IlI (single channel mode)

In the next sections, we describe the common characteristics of the audio
coding algorithms in the three layers.

4. TIME TO FREQUENCY MAPPING

A PQMF filter bank (see also Chapter 4) is part of the time to frequency
mapping stage for all three MPEG layers. This filter divides the frequency
spectrum into 32 equally spaced frequency sub-bands. For Layers I and II
the output of the PQMF represents the signal spectral data to be quantized.
The frequency resolution of the Layer I and II filterbank is 750 Hz at a 48
kHz sampling rate. For Layer III, the PQMF is cascaded with an 18
frequency-line MDCT for a total of 576 frequency channels in order to
increase the filter bank resolution.

4.1 Layer III Hybrid Filter Bank

The block diagram of Layer III filter bank analysis stage is shown in
Figure 5. After the 32-band PQMF filter, blocks of 36 sub-band samples
(for steady state conditions) are overlapped by 50 percent, multiplied by a
sine window and then processed by the MDCT transform (see also Chapter
5). It should be noted that, in addition to the potential frequency aliasing
introduced by the PQMF, the OTDAC transform introduces also time
aliasing that cancels out between adjacent time-blocks in absence of
quantization in the overlap-add stage of the decoder process. In order to
lessen some of the artifacts potentially introduced by the overlapping bands
of the PQMF, for long blocks (steady state conditions) the Layer III filter
bank multiplies the MDCT output by coefficients that reduce the signal
aliasing [Edler 92].
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Figure 5. MPEG Audio Layer III analysis filter bank structure

In the decoder, the inverse aliasing reduction process is applied prior to
the IMDCT in order to provide the correct sub-band samples for the PQMF
synthesis stage for aliasing cancellation (see Figure 6). A pure sine wave
signal processed by the hybrid PQMF/MDCT filter bank without aliasing
reduction can present a spurious component as high as —12 dB with respect
to the original signal. After the aliasing reduction process, the spurious
component magnitude is reduced significantly. It should be noted, however,
that, although the aliasing reduction process greatly improves the frequency
representation of the signal, residual aliasing components might still be
present. In the synthesis stage, the IMDCT is applied prior to the
reconstruction PQMF. After the de-quantization of the spectral components
and, when applicable, the joint stereo processing of the signal, the inverse
aliasing reduction is applied. Next, the IMDCT is employed followed by the
windowing process, where the windows applied are defined in the same
manner as the analysis windows. The first half of the current windowed
block is overlapped and added to the second half of the windowed samples
of the previous block. For the long block the output of the overlap and add
stage consists of 18 samples for each of the 32 synthesis PQMF sub-bands.
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Figure 6. MPEG Audio Layer III synthesis filter bank structure

4.1.1 Block Switching

The total block size processed by the Layer III filter bank is given by 32
* 36 = 1152 time-samples. This block length ensures a frequency resolution
of about 41.66 Hz at 48 kHz sampling rate. The increased frequency
resolution for Layer III is much better suited to accommodate allocation of
the bit pool based on psychoacoustic models. One drawback of this
approach is that quantization errors can now be spread over a block of 1152
time-samples. For signals containing transients, such as castanet excerpts,
this translates into unmasked temporal noise, specifically pre-echo. In the
case of transient signals, the Layer III filter bank can switch to a higher time
resolution in order to avoid pre-echo effects. Namely, during transients,
Layer III utilizes a shorter block size of 32 * 12 = 384 time samples,
reducing the temporal spreading of quantization noise for sharp attacks. The
short block size represents a third of the long block length. During
transients, a sequence of three short windows replaces the long window,
maintaining the same total number of samples per frame. In order to ensure
a smooth permutation between long and short blocks and vice versa, two
transition blocks, long-to-short and short-to-long, which have the same size
as the long block are employed. This approach was first presented by Edler
[Edler 89] and, based on the shape of the windows and overlap regions, it
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276 Introduction to Digital Audio Coding and Standards

maintains the time domain aliasing cancellation property of the MDCT (see
also Chapter 5). In addition, the frame size is kept constant during the
allowed window size sequences. This characteristic ensures the subsistence
of a simple overall structure of the algorithm and bitstream formatting
routines.

4.1.1.1 Window Sequence

In Figure 7 a typical window sequence from long to short windows and
from short to long windows is shown together with the corresponding
amount of overlapping between adjacent windows in order to maintain the
time-domain aliasing cancellation for the transform. The basic window,
w[n], utilized by Layer III is a sine widow. The different windows are
defined as follows:

w[n]= sin(%(n +%D n=0,..35 (long window)

w[n]= Sin(%(n +%D n=0,.,11 (short window)

sin| = n+L n=0,.17
36 2
w[n]= ! { n=18,..23 (start window)
sin| | n—-18+—|| n=24..29
12 2
0 n =30,...,35
0 n=0,..5
sin E-(n—6+l n=6,..11
[n]= 12 2 top window )
winl=1 n=12,..17 topwn
sin| = [n+L n=18,..35
36l 2

It should be noted that the Layer III filter bank allows for a mixed block
mode. In this mode, the two lower frequency PQMF sub-bands are always
processed with long blocks, while the remaining sub-bands are processed
with short blocks during transients. This mode ensures high frequency
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resolution at low frequencies where it is most needed and high time
resolution at high frequencies.

1.2

MIVAR I LN
VAR A\WA WA W/ \ A

0.2 f / v \ \
0
0 16 32 48 64 80 96
n
1.2
Lbng Start |Short |Stop Long

wl /1 X )
MYEVA /

T /

NWAVA! ITRVA
\
\
\

Figure 7. Typical Layer IIl window sequence: top for steady state signal, bottom for
transients occurring in the time region between n = 45 and n = 60

4.1.2 Hybrid Filter Bank Versus PQMF Characteristics

The Layer III hybrid filter bank provides much higher frequency
resolution than the Layers I and II PQMF. The time resolution, however, is
decreased. At 48 kHz sampling rate, the time resolution for Layers I and 1I
is 0.66 ms, for Layer III is 4 ms. The decreased time resolution renders
Layer III more prone to pre-echo. A number of measures to reduce pre-echo
are incorporated in Layer III including a detection mechanism in the
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278 Introduction to Digital Audio Coding and Standards

psychoacoustic model and the ability to “borrow” bits from the bit reservoir
(see also next sections) in addition to block switching. The inherent filter
bank structure with long impulse response of 384 + 512 = 896 samples even
in the short block mode, however, makes the encoding of transients a
challenge for Layer III.

In summary, the Layer III hybrid filter bank approach offers advantages
such as high frequency resolution, a dynamic, adaptive trade-off between
time and frequency resolution, and full compatibility with Layers I and IL
The shortcomings include potential aliasing effects exposed by the MDCT
stage and long impulse response filters. Both shortcomings are reduced in
the standard specifications by adopting procedures to mitigate them. The
complexity of the Layer III filter bank is increased with respect to the
complexity of Layers I and II. In addition to the PQMF, the MDCT stage
contributes to its complexity. In general, fast implementations of the MDCT
exploit the use of FFTs. It should be noted that the size of the MDCT is
non-power of two, therefore the implementation via FFT requires a
decomposition to a power-of-two length sequence if a radix-2 FFT is
utilized. Considering the different stages of the filter bank implementation
and assuming that the MDCT is implemented via an FFT, the complexity for
a long window is given by (18 + 9 + 18) additional complex multiplications
and additions per sub-band block with respect to the PQMF alone, or
equivalently a little over 1 additional multiplication and addition per sub-
band sample.

S. MPEG AUDIO PSYCHOA COUSTIC MODELS

The goal of MPEG Audio is to provide perceptually lossless quality. In
other words, the output of the MPEG coder should be a signal statistically
indistinguishable from its input. In order to achieve this objective at
relatively low data rates, MPEG Audio exploits the psychoacoustic
principles and models we discussed in Chapter 7. During the encoding
process, the input signal is analyzed on a frame-by-frame basis and the
masking ability of the signal components is determined. For each frame,
based on the computed masked thresholds, the bits available are distributed
through the signal spectrum in order to best represent the signal. Although
the encoder process is not a mandatory part of the MPEG standard, two
psychoacoustic models are described in the informative part of its
specifications. Either model works for all layers, but typically Model 1 is
applied to Layers I and II and Model 2 to Layer III. There is a large degree
of freedom in the psychoacoustic model implementation. At high data rates,
the psychoacoustic model can be completely bypassed, leaving the task of
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Chapter 11: MPEG-1 Audio 279

assigning the available resource to the iterative process in the allocation
routines simply based on the strength of the signal spectral components.

5.1 Psychoacoustic Models Analysis Stage

The input to the psychoacoustic model is the time representation of the
audio signal over a certain time interval and the corresponding outputs are
the signal to mask ratios (SMRs) for the coder’s frequency partitions. Based
on this information, the bit (Layers I and II) and noise (Layer III) allocation
is determined for each block of input data (see Chapter 8 for a discussion on
perceptual bit allocation). In order to provide accurate frequency
representation of the input signal, a discrete Fourier transform is computed
in parallel to the main audio path time to frequency mapping stage. One
might argue that the output of the PQMF or the hybrid filter bank could be
utilized for this purpose in order to simplify the structure of the algorithm.
In the case of the evaluation of the masking thresholds, the aim is to have
maximum accuracy in the signal representation. While issues like critical
sampling etc. play a fundamental role in the design of the time to frequency
mapping in the main audio path, they are irrelevant in the frequency
representation of the audio signal for analysis only purposes. On the other
hand, inadequate frequency resolution and potential aliasing can
irremediably confound the evaluations of the psychoacoustic model. It
should be noted that different approaches are found in the literature. For
example, in Dolby AC-3 [Fielder et al. 96] and PAC [Sinha, Johnston,
Dorward and Quackenbush 98] the output of the MDCT is employed for the
psychoacoustic analysis; in the advanced PEAQ version the DFT analysis is
employed along with a filter bank that mirrors the auditory peripheral filter
bank [Thiede et al. 00].

The first step in both MPEG psychoacoustic models is to time-align the
audio data used by the psychoacoustic model stage with the main path audio
data. This process must take into account the delay through the filter bank
and the time offset needed. so that the psychoacoustic analysis window is
centered on the current block of data to be coded. For example, in Layer I
the delay through the filter bank is 256 samples and the block of data to be
coded is 384 samples long (see also next section). The analysis window
applied to Layer I data in Psychoacoustic Model 1 is 512 samples long. The
offset to be applied for time alignment is therefore 256 + (512 — 384)/2 =
320 samples.
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5.2 Psychoacoustic Model 1

The block diagram for Psychoacoustic Model 1 is shown in Figure 8.
The first stage, the analysis stage, windows the input data and performs an
FFT. The analysis window is a Hanning window of length N equal to 512
samples for Layer I and 1024 for Layers II and III. The overlapping between
adjacent windows is N/16. Since Layers II and III utilize a 1152 sample
frame, the 1024 sample analysis window does not cover the entirety of the
audio data in a frame. If, for example, a transient occurs at the tail end of the
main path audio frame, the relative sudden energy change would be
undetected in the Psychoacoustic Model 1 analysis window. In general,
however, the 1024 sample analysis window proved to be a reasonable
compromise.

5.2.1 SPL Computation

After applying the FFT, the signal level is computed for each spectral
line k, Ly as follows

L, =96dB+10log,o(4/N? | X[k]|* 8/3) for k=0,...,N/2-1

where X[k] represents the FFT output of the time-aligned, windowed input
signal and N equals 512 for Layer I and 1024 for Layers II and III. The
signal level is normalized so that the level of an input sine wave that just
overloads the quantizers, here defined as being at x[n] = 1.0, has a level of
96 dB when integrated over the peak. In this equation, the factor of 1/N?
comes from Parseval’s theorem, one factor of 2 comes from only working
with positive frequency components, another factor of 2 comes from the
power of a unit amplitude sinusoid being equal to Y2, and the factor of 8/3
comes from the reduction in gain from the Hanning window (see also
Chapter 9). Since the description of Model 1 in the standard absorbs the
factor of 8/3 into the Hanning window definition, a natural way to take the
other factors into account is to include a factor of 2/N in the forward
transform of the FFT.

The sound pressure level in each sub-band m, Lg,[m] is then computed as
the greater of the SPL of the maximum amplitude FFT spectral line in sub-
band m and the lowest level that can be described with the maximum scale
factor for that frame in sub-band m as follows:

L, [m] = max{L,,20log;,(scf ;,, [m] 32,768) —10}dB
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where Ly represents the level of the kth line of the FFT in sub-band m with
the maximum amplitude and scf,,, is the maximum of the scale factors for
sub-band m (see the next section for a discussion on MPEG Layers I and II
“scale factors” which differ somewhat from the scale factors discussed in
Chapter 2 in that these “scale factors” represent the actual factor that the
signal is scaled by as opposed to the number of factors of 2 in the scaling).
In Layers I and II coders, the scale factors range from a very small number
up to 2.0 so the multiplication by 32,768 just normalizes the power of the
scale factor so that the largest possible scale factor corresponds to a level of
96 dB. The —-10 dB term is an adjustment to take into consideration the
difference between peak and average levels. The reason for taking the scale
factor into account in the above expression can be explained by closely
examining the block floating quantization process, since block floating point
quantization cannot scale the signal to lower amplitudes than can be
represented by the scale factors themselves. This implies that for low
amplitude frequency lines the quantization noise is of a size determined by
the maximum scale factor.

5.2.2 Separation of Tonal and Non-Tonal Components

Having found the sound pressure level in the sub-band, we next compute
the masking threshold in order to calculate the signal to mask ratio (SMR)
for the sub-band. Since noise is a better masker than tones, a search for tonal
maskers in the signal is performed in Model 1. This evaluation is based
upon the assumption that local maxima within a critical band represent the
tonal components of the signal. A local maximum Ly, is included in the list
of tonal components if Ly - Ly,; 2 7 dB where the index j varies with the
center frequency of the critical band examined. If Ly represents a tonal
component, then the index k, the sound pressure level derived from the sum
of three adjacent spectral components centered at k, Ly, and a tonal flag
define the tonal masker.
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Input Signal

FFT
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Compute SPL in each Band
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Threshold in Quiet
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Masking Thresholds
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To Bit Allocation

Figure 8. Block diagram of MPEG Psychoacoustic Model 1

The noise maskers in the signal are derived from the remaining spectral
lines. Within a critical band, the power of the spectral components
remaining after the tonal components are removed is summed to form the
sound pressure level of the noise masker, Ly, for that critical band. The
noise masker components for each critical band are centered at the geometric
mean of the FFT spectral line indices for each critical band.
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5.2.3 Maskers Decimation

Having defined the tonal and noise maskers in the signal, the number of
maskers is then reduced prior to computing the global masked threshold.
First, tonal and non-tonal maskers are eliminated if their levels do not exceed
the threshold in quiet. Second, maskers extremely close to stronger maskers
are eliminated. If two or more components are separated in frequency by
less than 0.5 bark, only the component with the highest power is retained.
The masking thresholds are then computed for the remaining maskers by
applying a spreading function and shifting the curves down by a certain
amount of dB which depends on whether the masker is tonal or noise-like
and the frequency position of the masker. To keep the calculation time
manageable, the masking thresholds are evaluated at only a sub-sampling of
the frequency lines. The number of sub-sample lines depends on which
layer is being implemented and on the sampling rate, ranging from 102 to
108 sub-sample lines in Layer I and ranging from 126 to 132 sub-sample
lines in Layer II.

524 Model 1 Spreading Function and Excitation Patterns
The spreading function used in Model 1 is defined as follows:

B(dz, L) =-17 dz + 0.15L (dz —1) 6(dz - 1) fordz=0

B(dz, L) = -(6 + 0.4L) |dz| - (11 - 0.4L) (|dz| 1) 6(|dz| - 1) for dz < 0

where 6(x) = 1 for x = 0 and O otherwise; L represents the sound pressure
level of the masker; dz represents the distance in bark between the maskee
and the masker. Notice that dz assumes positive values when the masker is
located at a lower frequency than the maskee and negative values when the
masker is located at a higher frequency than the maskee. The two-piece
linear spreading function for upper and lower frequencies in Model 1 seems
to be consistent with the masking data for tones masking tones (see also
Chapter 6). The excitation patterns for a signal positioned at 8 bark with
different sound pressure levels, L = 20, 40, 60, 80, 100 dB, is shown in
Figure 9. As shown in Figure 9 the excitation patterns are level dependent,
being nearly symmetrical for levels below 40 dB and increasingly spreading
towards high frequencies at higher levels.
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MPEG Psychoacoustic Model 1
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Figure 9. MPEG Psychoacoustic Model 1 excitation patterns for different SPLs

5.2.5 Masking Thresholds

In order to derive the masking threshold relative to the masker of level L,
one needs to shift the excitation pattern relative to the masker by an
appropriate amount. This shift depends on the tonal versus noise-like
characteristics of the masker, since we know from experimental data that
noise is a better masker than tones. In Model 1 the shift A is defined as
follows:

Ar(z) =-6.025-0.275z dB

AN(z) =-2.025-0.175z dB

where A represents the shift for tonal maskers and Ay represents the shift for
noise-like maskers, and z is the frequency index of the masker in the bark
scale. The masking threshold M relative to a masker of level L at a
frequency equal to bark z can be expressed as:

M (L, z;, z) = B(zi-z;,L) + Arn( zj)
Where z; is the bark index of the masker and z is the bark index of the
maskee, A = Ay for tonal maskers and A = Ay for noise-like maskers. In

Figure 10 the masking curve relative to a 70 dB noise-like masker céntered
at bark 8 is shown.
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Figure 10. MPEG Psychoacoustic Model 1 masking curve for a noise-like masker centered at
8 Bark with a sound pressure level of 70 dB

5.2.6 Masked Threshold

The global masked threshold Mg(z;) at the bark location z; of each sub-
sampled frequency line is then computed in Model 1 by summing the power
of the individual masking thresholds and the threshold in quiet as follows:

M, (z;) m MrLjziz) n My, (L, 12,2, )

Mg (z)=10log,o[10 0 +>'10 10 +>'10 10 ]
j=1 k=1

where M, represents the threshold in quiet at the bark location z;, My; the
masking threshold from the j‘h tonal masker, My, the masking threshold from
the k™ noise-like masker, m is the total number of tonal maskers, and n is the
total number of noise-like maskers.

5.2.7 SMR Computation

Since at low frequency some of the main path PQMF sub-bands span
more than one critical band, the masking level Mgnin(sb) in each sub-band,
sb, is determined based on the minimum masking level at the sub-sampled
lines in that sub-band and used to determine the signal to mask ratio
SMR(sb) to be transmitted to the bit allocation routine:

SMR(sb) = L(sb) - Mgmin(sb)
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where L(sb) is the signal level for sub-band sb.

5.2.8 An Example

To help clarify the Model 1 calculations, Figure 11 through Figure 13
give an example taken from [Pan 95]. Figure 11 shows the frequency
spectrum of an input signal consisting of a single tonal component
overlaying a shaped noise spectrum. The top part of Figure 12 shows the
signal level of each masker identified in the signal and its associated
frequency location (measured in terms of the k index in the N = 1024 FFT).
The tonal masker is clearly visible as are the noise maskers from each
critical band. The middle part of Figure 12 shows the maskers remaining
after eliminating maskers below the threshold in quiet or too close to
stronger maskers. The bottom part of Figure 12 shows the resulting global
masked threshold at each of the sub-sampled frequency locations. The top
of Figure 13 shows the resulting SMRs calculated for each of the 32 critical
bands from the input signal spectrum and the masked curve. The bottom of
Figure 13 shows the resulting decoded data after being quantized using bit

allocations determined by the SMRs in the top of the figure at a data rate of
64 kb/s.

' 28 55 82 109 136 163 190 217 244 271 298 325 352 379 406 433 460 487

Figure 11. Low-pass filtered noise plus 11.250 kHz sine wave at a sampling rate of 48kHz;
the abscissa represents the FFT frequency line indices, the ordinate the strength of the signal
indB. (From [Pan 95] © 1995 IEEE.)
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Figure 12. MPEG Psychoacoustic Model 1 processing from [Pan 95] © 1995 IEEE.
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Figure 13. MPEG Psychoacoustic Model 1 SMRs (top) and coded audio data (bottom) at 64
kb/s. (From [Pan 95] © 1995 IEEE.)

5.3 Psychoacoustic Model 2

Model 2’s process and calculations differ substantially from those of
Model 1. A block diagram of Model 2 is shown in Figure 14. Notice that
there are now two parallel calculation paths: that of the masking energy and
that of the tonality index. In addition, Model 2 does not have a masker
decimation stage.

5.3.1 Model 2 Analysis Stage

As discussed in Model 1, Model 2 also applies a Hanning-windowed FFT
to the time-aligned signal samples. The size of the FFT window is now 1024
for all Layers, however for Layers II and III this model computes two FFTs
for each frame. The centers of the FFT input blocks are aligned with the
center of the first and second half of the main data path input block. Model
2 uses the output of the FFT analysis to calculate the masking curves and
their associated signal to mask ratios for the coder sub-bands. The higher of
the two resulting signal to mask ratios, or the lower of the two masked
thresholds, are then selected per each sub-band.
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53.2 SPL Computation

In Model 2 the frequency-lines are grouped into “threshold calculation
partitions” whose widths are roughly 1/3 of a critical band or one FFT line,
whichever is wider at that frequency location. For each partition, one single
masker SPL is derived from the sum of energy densities in the partition.

The total masking energy for the signal frame is computed by first
convolving a spreading function with each of the maskers in the signal. This
process is equivalent to spreading in frequency the energy of each masker
and adding up the relative energies. The spreading function used in Model 2
differs from that used in Model 1 and is a variant of the Schroeder spreading
function we discussed in Chapter 7.

Input Signal

v

FFT
-

A 4

Unpredictability
Levels

* Signal Levels

Spread I
Unpredictability Spread Signal
Levels Levels

v

Tonality Indices

1

v

Masking Levels

v

SMR per subband

v

To Bit Allocation

Figure 14. Block diagram of MPEG Psychoacoustic Model 2
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533 Model 2 Spreading Function and Excitation Patterns

The basic spreading function B(dz) measured in dB used by Model 2 is
(see also Figure 15):

B(dz)v= 15.8111389 +7.5*(1.05 *dz + 0.474) -17.5* \/l 0+(1.05*dz +0.474)*
+8*MIN(0,(1.05 *dz ~ 0.5)2 — 2*(1.05 * dz — 0.5))

where dz is the bark distance between the maskee and the masker. Notice
that dz < 0 has the masker at a higher frequency than the maskee. Notice
also that, other than a minor factor of 1.05, the first line is exactly equalt to
Schroeder’s spreading function. The second line lowers the curve for values
of dz between 0.5 and 2.5, causing somewhat of a two-sloped shape for
positive dz (see Figure 15). Furthermore, notice that this spreading function
is not level dependent in contrast with the clear level dependence seen in
experimental data (see also Chapter 6).

In Model 2 the spreading function is modified by a normalization that
preserves power near zero frequency and the upper frequency limit.
Namely, a flat spectrum over the positive frequency range of the FFT is
convolved with B(dz). The power of the convolved flat spectrum drops at
the edges of the positive frequency range due to a lack of spectrum energy
outside this range. The spreading function B(dz) is adjusted to remove this
drop by dividing the convolved signal power by the power of the convolved
flat spectrum. Given the behavior of the threshold in quiet at the boundaries
of the human audible range (see Chapter 6), this normalization may not be
essential. In order to derive the global masked threshold, this convolved,
normalized signal energy is then lowered in each partition by an amount that
depends on the tonality of the spectrum in that partition.
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Model 2 Spreading Function
100 -
80 - _
60 - \ i w—— Schroeder
% —— Model 2
40 - : - ——Layer Il
20 - \ i
0 T T
0 3 6 9 12 15 18 21 24
Bark

Figure 15. Basic spreading function used by MPEG Psychoacoustic Model 2 compared with
the Schroeder spreading function and with the modified version utilized in Layer III.

534 Tonality Index

The tonality index in each partition is calculated based on how
predictable the signal is from the frequency lines in the two prior frames, see
also [Brandenburg and Johnston 90]. For each frame m and for each
frequency line k, the signal amplitude, A, (k], and phase, ¢, [k], are predicted
by linear extrapolation from the two prior values as follows:

Aplkl=A,  [kKI+{A,[KI-A  ,[k]}
Omlkl=0, _ [K1+{o, _ [kl-¢,_,[k]}

where A'y[k], and ¢'n[k] represent the predicted values. The predicted
values are then mapped into an “unpredictability measure” defined as:

J (A, [Klcos@,, [k]- A [k]cos@,[K]}? +{A[K]sing,, [k]- A, [K]sin@,, [k] }*

Cmlkl= ;
Am[k]+|Am[k]|

where c,[k] is equal to zero when the current value is exactly predicted and
equal to 1 when the power of either the predicted or actual signal is
dramatically higher than the other.

The unpredictability measure is first weighted with the energy in each
partition, deriving a partition unpredictability measure. This partition
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unpredictability measure is then convolved with the spreading function.
The result of this convolution is normalized using the signal energy
convolved with the spreading function and then mapped onto a tonality
index which is a function of the partition number and whose values vary
between zero and one. The tonality index has the property that high
unpredictability goes towards zero and low unpredictability goes towards
one. Notice that, since the unpredictability measure is convolved using the
spreading function that determines the masking energy at a certain frequency
location, the resulting tonality index at a frequency location reflects the
tonality of the dominant maskers at that frequency location.

5.3.5 Masking Thresholds

The tonality indices for each partition created by this calculation process
are utilized to determine the shift A(z) in dB of the re-normalized convolved
signal energy that converts it into the global masking level. The values for
A(z) are linearly interpolated based on the tonality index from the value of
5.5 dB for zero tonality (a noise masker) to a frequency-dependent value
defined in the standard for tonality index equal to one (a tonal masker). The
interpolated A(z) is then compared with a frequency-dependent minimum
value, also defined in the standard, that controls stereo unmasking effects
(see also Section 8 later in this chapter) and the larger value is used for the
shift.

5.3.6 SMR Computation

The masking levels in each threshold calculation partition are compared
with the threshold in quiet for that partition and the larger is used. Note that
this differs from the addition of masking power from the threshold in quiet to
that of the maskers in Model 1. This curve represents the masked threshold.
For each partition, the masking energy is evenly mapped to each frequency
line by dividing the partition masking threshold values by the number of
frequency lines in that partition. Finally, the masked threshold and the
corresponding power spectral densities are mapped onto the coder scale
factors sub-bands (see next section) to calculate the signal to mask ratios
(SMRs) for each sub-band. These SMRs are then sent to the allocation
routine to determine the number of bits allocated to each sub-band.

5.3.7 An Example

In Figure 16 and Figure 17, an example of Model 2 processing for the
signal shown in Figure 11 is illustrated from [Pan 95]. In Figure 16, the
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signal level and its spread level (top) and the tonality index (bottom) are
shown versus the 62, approximately one-third critical-band frequency
partitions. The masked threshold is plotted in Figure 17 (top) as derived
from the convolved energy and the tonality index versus the FFT frequency
lines. Figure 17 (center) shows the SMR values for each coder scale factor
band. Finally, in Figure 17 (bottom) the coded audio data at 64 kb/s is
shown. Note that the dB values shown differ by roughly 50 dB from those
in the Model 1 example due to a different choice of normalization in the SPL
calculations. This can be most easily seen by comparing the level of the
tonal peak in both cases.
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Figure 16. MPEG Psychoacoustic Model 2 processing: the abscissa represents the partition
index and the ordinate the signal energy and spread energy in dB (top) and the tonality index
(bottom). (From [Pan 95] © 1995 IEEE.)
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Figure 17. MPEG Psychoacoustic Model 2 processing: original signal and computed masking
thresholds (top); SMRs (center); coded signal at 64 kb/s. (From [Pan 95] © 1995 IEEE.)

5.3.8 Maodel 2 Applied to Layer I1I

Model 2 is slightly altered when applied to Layer III to take into account
the different nature of the Layer III algorithm including the hybrid filter
bank and the block-switching capability of Layer III. The main changes are:
— The model is calculated twice in parallel — once for using a long block

FFT and once using a short block FFT, where the short block consists of

256 samples.

— The results of both FFTs are combined in calculating the unpredictability
measures.

— The spreading function (see Figure 15) is changed to drop off faster.
Terms of 1.05*dz in the spreading function are replaced with terms of
1.5*dz for negative dz (masker frequency location lower than maskee
frequency location) and 3.0*dz for positive dz (masker frequency
location higher than maskee frequency location).
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— The noise-masking-tone drop has been changed from 5.5 dB to 6.0 dB
and the tone-masking-noise drop has been changed from a frequency-
dependent table lookup to a constant 29.0 dB.

— Pre-echoes are reduced by comparing the masking threshold with scaled
versions of the last 2 frames’ thresholds and setting the current masking
threshold to the smallest of these before comparing it with the threshold
in quiet. (Twice the previous frame’s value is used and 16 times the
value of the frame before that.) This serves to reduce the masking
thresholds following very quiet signals.

Attacks are detected based on a “psychoacoustic entropy” or perceptual
entropy, PE (see also Chapter 7), calculation [Johnston 88] equal to the
logarithm of a geometric mean of the threshold-weighted energy across the
block. The exact formula as described in the informative section of the
standard is

PE= D n log,(l.+ Jenergy, / threshold, )

partitionb

where n, is the number of frequency lines in partition b, energy, is the
aggregate signal energy in partition b and threshold, is the energy relative to
the masked threshold in partition b. The PE as described above measures the
minimum number of bits per block required to achieve transparency in a
signal given a masking curve. Psychoacoustic entropy above a certain
trigger (PE >1800 bits from [ISO/IEC 11172]) signals an attack. The PE is
effectively a measure of the perceptual flatness of the frequency spectrum
since it effectively measures the geometric mean of the spectral energy
(normalized by the masking threshold). Recall from Chapter 8 that a high
geometric mean signifies a flat spectrum. A flat spectrum is associated with
a sharp attack in this model since sudden changes lead to broad frequency
content. Detection of an attack determines which window-type is used
according to Figure 18. Signal-to-mask ratios are computed for each scale
factor partition, rather than for each PQMF sub-band, corresponding to the
chosen window-type.

Page 35 of 53



296 Introduction to Digital Audio Coding and Standards

attack

no attack
attack

no attack

Figure 18. Block switching state diagram for Layer III from [ISO/IEC 11172-3]

6. MPEG-1 AUDIO SYNTAX

The MPEG Audio bitstream provides periodically spaced frame headers
to identify the coded data. In Figure 19 the audio data frame structure is
shown for all Layers. For Layer I the frame size consists of 12 * 32 = 384
samples. For Layers II and III, three granules of 12 samples per sub-band
are grouped into a frame for a total of 1152 samples. The 32-bit MPEG
Audio header is shown in Figure 20. After a 12-bit string of 1 which
represents the synch word, there is an MPEG ID bit (=1 implies an MPEG-1
Audio bitstream) and the layer identification (two bits). The error protection
bit, the bitrate index (four bits), the sampling frequency bits (two), padding
and private bit and mode (stereo, joint stereo, dual channel, single channel),
mode extension, etc., follow. The frame format of the three layers is shown
in Figure 21. In order to understand the underlying structure of the MPEG
Audio layers syntax, we now examine the details of different coding options
adopted by the layers.
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12 Samples {12 Samples 12 Samples
___.[ Sub-band filter 0 I‘ >
12 Samples i12 Samples 12 Samples
—-——-{ Sub-band filter 1 lL >
12 Samples ;12 Samples 12 Samples
Audio
Samples ———r—-{ Sub-band filter 2 } >
In
° ° ° °
° ° ° °
° ° ° °
12 Samples {12 Samples 12 Samples
———| Sub-band filter 31 } >
Layer I
Layer ILIII Frame
Figure 19. Data frame structure for MPEG-1 Audio Layers I, II, and III
padding_bit empl-'asis
synchword layer bitrate_index mode copyright
— -
{1y frjrfefrj1|1
1
T;rror_;;tection ‘ private_bit original/copy
iD (1=MPEG) mode_extension
sampling_frequency
Figure 20. MPEG-1 Audio Header
Header CRC Bit Allocation | Scale Factors Samples Ancillary Data
LAYERI (32) 0,16) | (128-256) (0-384) P y
Header CRC Bit Allocation| SCFSI | Scale Factors .
LAYER I 62) ©.16) (26-188) (0-120) (0-1080) Samples Ancillary Data

LAYER I Header CRC Side Information

32) ©.16) (130-246) Main Data (May start at a previous frame)

Figure 21. MPEG-1 Audio frame format
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6.1 Layer I

Layer I encodes the audio samples in groups of 384 samples. The audio
data in each frame represent 8 ms of audio at a 48 kHz sampling rate. The
encoded audio data is described in terms of bit allocation information, scale
factors, and quantized samples. In addition to the header and the audio data,
each Layer I frame contains (see top part of Figure 21) a 16-bit optional
cyclic redundancy code (CRC) error check word, and optional ancillary data.

Input Data

e
Calculate masked
Calculate scale factors threshold and required

bit allocation

!

Determine which sub-

bands need to be
v transmitted

Code scale factors 1

Adjust to desired (fixed)
target bit rate

Quantize and code transmitted
subband samples

v

I Code bit allocation informatimj

!

| Format bitstream
v

Coded Bitstream

Figure 22. Basic structure of the encoding process for MPEG-1 Audio Layers I and II from
[ISO/IEC 11172-3]

6.1.1 Scale Factors Computation

The Layer I (and Layer II) encoding process is shown in Figure 22. The
analysis PQMF stage is followed by the computation of scale factors for
each sub-band. One scale factor is computed for each 12 sub-band
frequency samples (called a “granule”) and it is represented using 6 bits.
The maximum absolute value of the 12-sample granule is determined and
mapped to a scale factor value via a look up table defined in the standard and
shown in Table 1. The samples in the granule are divided by the scale factor
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prior to the quantization stage. The dynamic range covered by the scale

factors is 120 dB.

The scale factor is transmitted only if the bit allocation for that band is
non-zero. The maximum number of bits used in a Layer I frame to transmit
scale factors (in the case the where the bit allocation for each sub-band is
non-zero) is 6%¥32*2 = 384 bits for stereo mode and 6*32 = 192 bits for
mono mode.

Table 1. MPEG Audio Layers I and II Scale Factors [ISO/IEC 11172-3]

Scale Factor
Index

Scale Factor Value

Scale Factor
Index

Scale Factor Value

[« RN B NNV N O N S =

W W NN NN N e V=)
2EBRNREREBREBREBE I rmho—o

2.00000000000000
1.58740105196820
1.25992104989487
1.00000000000000
0.79370052598410
0.62996052494744
0.50000000000000
0.39685026299205
0.31498026247372
0.25000000000000
0.19842513149602
0.15749013123686
0.12500000000000
0.09921256574801
0.07874506561843
0.06250000000000
0.04960628287401
0.03937253280921
0.03125000000000
0.02480314143700
0.01968626640461
0.01562500000000
0.01240157071850
0.00984313320230
0.00781250000000
0.00620078535925
0.00492156660115
0.00390625000000
0.00310039267963
0.00246078330058
0.00195312500000
0.00155019633981

32
33
34
35
36
37
38
39
40
41
42
43
44
45
46
47
48
49
50
51
52
53
54
55
56
57
58
59
60
61
62

0.00123039165029
0.00097656250000
0.00077509816991
0.00061519582514
0.00048828125000
0.00038754908495
0.00030759791257
0.00024414062500
0.00019377454248
0.00015379895629
0.00012207031250
0.00009688727124
0.00007689947814
0.00006103515625
0.00004844363562
0.00003844973907
0.00003051757813
0.00002422181781
0.00001922486954
0.00001525878906
0.00001211090890
0.00000961243477
0.00000762939453
0.00000605545445
0.00000480621738
0.00000381469727
0.00000302772723
0.00000240310869
0.00000190734863
0.00000151386361
0.00000120155435
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6.1.2 Bit Allocation and Quantization

The number of bits available to quantize audio samples in each frame is
determined by the data rate less the bits needed to transmit the header, CRC,
bit allocations, scale factors, and any ancillary data.

The number of bits that can be used to quantize sub-band samples in
Layer I ranges between zero and 15, excluding the allocation of 1 bit
because of the nature of the midtread quantizer (see also Chapter 2). The bit
allocation for each sub-band of each channel is communicated through a
four-bit code where, other than a code of zero representing zero bits, the
value of the four-bit code is equal to one less than the number of allocated
bits. For example, a code of 5 indicates six bits for that sub-band. A code
value of 15 is forbidden. The number of bits used to transmit bit allocation
information is equal to 4*32 = 128 bits for single channel mode and 4*32%*2
= 256 bits for stereo mode.

The bit allocation routine is an iterative process where, after initializing
the process by setting all bit allocation codes to zero and assuming no bits
are needed to transmit scale factors, in each iteration additional bits are
allocated to the sub-band with the highest noise-to-mask ratio (NMR) until
there are not enough additional bits left for the next iteration pass.

The NMR for each sub-band is calculated as the difference between the
signal-to-mask ratio (calculated in the psychoacoustic model) and the signal-
to-noise ratio (estimated from a table lookup based on the number of bits
allocated to the sub-band). In each iteration, an additional quantization bit is
allocated to the sub-band with the highest NMR that can still accept an
additional bit (i.e. has less than 15 bits already). If a sub-band that has not
already been given any bits is the one with the highest NMR, that sub-band
is given two bits and bits are also set aside to transmit the scale factor for
that sub-band. ‘

Once the bit allocations are determined, each sub-band sample is divided
by its scale factor and quantized using a midtread uniform quantizer having a
number of steps determined by the bit allocation for that sub-band.

6.2 Layer II

The Layer II algorithm builds on the basic structure of Layer I (see
Figure 22). The frame size is increased for Layer II to 3 granules of 12 sub-
band samples corresponding to a total of 12*3*32 = 1152 input samples per
frame so that one can take advantage of commonality between consecutive
granules. The audio encoded data in each frame represent 24 ms of data at a
48 kHz sampling rate.
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6.2.1 Scale Factors and Scale Factors Select Information

The scale factors in Layer II can be shared among the three consecutive
granules. The scale factors are computed in the same manner as in Layer I
(see Table 1). When the values of the scale factors for the consecutive
granules are sufficiently close or when temporal post-masking can hide
distortion, only one or two scale factors need to be transmitted.

The scale factor select information, SCFSI (see mid portion of Figure
22), is coded with two bits and determines whether one, two, or three scale
factors will be transmitted for the three consecutive granules in the frame. A
SCSFI equal to zero corresponds to three scale factors, a SCSFI equal to one
corresponds to transmitting two scale factors (the first for the first two
granules and the second for the third granule), a SCSFI equal to two
corresponds to transmitting a single scale factor to be used for all granules,
and a SCSFI equal to three corresponds to transmitting two scale factors
(where the first is used for the first granule and the second is used for the last
two granules).

Both SCFSI and scale factors are transmitted only if the bit allocation is
different from zero for that sub-band. The bits used for SCFSI vary between
zero and 30 * 2 * 2 = 120 bits for each frame and the bits used for scale
factors vary between zero and 6 * 3 * 30 * 2 = 1080 bits per frame. (Note:
Layer II does not allow any bits to be allocated to the two highest sub-bands
so there are at most only 30 sub-bands that are allocated bits. See [ISO/IEC
11172-3])

6.2.2 Bit Allocation and Quantization

The psychoacoustic model and bit allocation process are computed in a
similar manner for Layer II as for Layer I, but they are now computed
relative to a frame of 36 sub-band samples. Also, bit allocation tables are
now specified in the standard that determine the possible quantization levels
that can be used to quantize the samples in any sub-band. As in Layer I,
quantization is carried out by dividing each sub-band sample by its scale
factor and then using a uniform mid-tread quantizer with the prescribed
number of steps.

Bit allocations are coded based on tables specified in the standard that
depend on the sample rate and the target data rate. Bit allocation codes
range from zero to four bits per sub-band, where a greater number of bits are
used to code the bit allocations of lower frequency sub-bands. In all cases,
no bits are allocated to the two highest frequency sub-bands in Layer II. In
other sub-bands, the number of quantization levels can reach that of 16-bit
quantization. The total number of bits employed to describe the bit
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allocation for one frame of the stereo signal varies between 26 and 188
depending on which table is applicable.

An example of a Layer II bit allocation table is shown in Table 2. This
particular table is valid for sample rates of 44.1 and 48 kHz when they are
running at data rates of 32 or 48 kb/s per channel. The first column
represents the sub-band number and the second column represents -the
number of bits used to transmit that sub-band’s bit allocation. The
successive columns in each row represent the possible number of
quantization levels that can be used to quantize the 36 samples in that
frame’s sub-band. The numbers in the top row indicate the bit allocation
code corresponding to that number of quantization steps. Notice that four
bits are used to encode the bit allocation for the first two sub-bands, three
bits are used to encode the bit allocation for the next six sub-bands, and no
bits are allocated to any higher frequency sub-bands in this particular bit
allocation table. For this bit allocation table, the total number of bits
employed to describe the bit allocation is equal to 26.

Table 2. Example of MPEG Audio Layer II bit allocation table [ISO/IEC 11172-3]

B N 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15
0 4 3.5 9 15 31 63 127 255 511 1023 2047 4095 8191 16383 32767
1 4 35 9 15 31 63 127 255 511 1023 2047 4095 8191 16383 32767
2 3 35 9 15 31 63 127

3 3 35 9 15 31 63 127

4 3 35 9 15 31 63 127

5 3 35 9 15 31 63 127

6 3 35 9 15 31 63 127

7 3 35 9 15 31 63 127

8 0

9 0

10 0

11 0

12 0

13 0

14 0

15 0

16 0

17 0

18 0

19 0

20 0

21 0

22 0

23 0

24 0

25 0
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27
28
29

o o o o of=z

31

Notice also that the bit allocation table shown in Table 2 has entries with
numbers of levels not usually seen in midtread quantizers. Recall that an N-
bit mid-tread quantizer usually has 2"-1 levels. For example, a 4-bit
quantizer would have 15 levels. In contrast, this table has cases with 5 and 9
levels. A 5-step midtread quantizer needs 3 bits to encode its values (2 bits
can only count up to 4 levels) while a 9-step quantizer needs 4 bits to encode
its values (3 bits can only count up to 8 levels). At first blush, it seems quite
wasteful of bits to allow such quantizers, however, grouping of consecutive
samples allows for quite efficient packing of the quantized data.

In the cases of 3, 5, and 9-step quantization, three consecutive samples
are (vector) coded with one single code word, v, consisting of 5, 7, 10 bits
respectively as follows:

vi= 92+ 3y +x
vs =25z + 5y + x
vo=81z+9y +x

where x, y, z, are the quantization levels corresponding to three consecutive
sub-band samples (counting from zero up to Niees-1). The result of this
vector coding is that quantization can be carried out with few quantizer
levels without wasting too many bits.

This vector coding approach saves bits by allocating bits to enumerate
possible triplets of coded values rather than allocating bits to each quantized
value individually. For example, 3 consecutive samples using a 3-step
quantizer would require 3*2 = 6 bits but are here encoded using only 5 bits.
This packing can be achieved since there are only 3*3*3 = 27 possible code
triplets for 3 samples — a number of possibilities that easily can be
enumerated with a 5-bit code (which can enumerate up to 32 items).
Similarly, 3 consecutive 5-step quantized values would require 3*3 = 9 bits
but the 5*5*5 = 125 possible code triplets can be enumerated with a 7-bit
code (which can enumerate up to 128 items). Finally, 3 consecutive 9-step
quantized values could require 3*4 = 12 bits while the 9¥*9*9 = 729 possible
triplets can be enumerated with a 10-bit code (which can enumerate up to
1024 items).

In general Layer II represents bit allocation, scale factors, and quantized
samples in a more compact way than Layer I, so that more bits are available
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to represent the coded audio data. In general, Layer II provides higher
quality than Layer I at any given data rate.

6.3 Layer III

In addition to the differences in the filter bank and psychoacoustic model
computation (see previous sections), Layer III core allocation/quantization
routines are more complex. Moreover, a locally variable data rate is
employed in Layer III to respond to the demand of difficult signals. The
mechanism employed to dynamically provide additional bits is defined in the
standard as a bit reservoir mechanism. The frame size for Layer III is 1152
samples as in Layer II, but the coded audio data may expand beyond the
current frame, their starting point being identified by a backwards pointer in
the bitstream.

6.3.1 Scale Factors

The basic Layer III algorithm (in the single channel mode) feeds the
output of the hybrid filter bank to the quantization and coding stage (see also
Figure 4). The spectrum is subdivided in 21 or 12 scale factor bands (rather
than the 32 PQMF sub-bands as in Layers I and II) for long blocks and short
block respectively, where the width of these bands loosely follows the
critical bandwidth rate and is specified in look-up tables in the standard. In
Table 3 and Table 4 an example of Layer III scale factors partition at 48 kHz
for long and short blocks is shown.

Table 3. MPEG Audio Layer III scale factors partition for long blocks, F, = 48 kHz [ISO/IEC
11172-3]

Scale factor band Width Start End
0 4 0 3

1 4 4 7

2 4 8 11
3 4 12 15
4 4 16 19
S 4 20 23
6 6 24 29
7 6 30 35
8 6 36 41
9 8 42 49
10 10 50 59
11 12 60 71
12 16 72 87
13 18 88 105
14 22 106 127
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Scale factor band Width Start End
15 28 128 155
16 34 156 189
17 40 190 229
18 46 230 275
19 54 276 329
20 54 330 383

Table 4. MPEG Audio Layer III scale factors partition for short blocks, Fs = 48 kHz
[ISO/IEC 11172-3]

Scale factor band Width Start End
0 4 0 3

1 4 4 7

2 4 8 11
3 4 12 15
4 6 16 21
5 6 22 27
6 10 28 37
7 12 38 49
8 14 50 63
9 16 64 79
10 20 80 99
11 26 100 125

The scale factors in Layer III are employed to modify the quantization
step size to ensure that the resulting quantization noise level falls below the
computed masked threshold [Brandenburg 87 and Johnston 89], see also
next section. Layer III scale factors differ from Layers I and II scale factors
in that they are not the result of a normalization process. A set of scale
factor select information is coded every two granules, where for Layer III a
granule is defined as 576 frequency lines. The SCFSI in Layer III is
represented by one bit for each sub-band, which is set to O if different scale
factors are transmitted for each granule, or to 1 if the scale factor transmitted
for the first granule is valid also for the second. If the coder operates in short
block mode, then different scale factors are always transmitted for each
granule. In addition to the sub-band scale factors, a global gain scale factor
for the entire granule determines the overall quantization step size.

6.3.2 Non-Uniform Quantization and Huffman Coding
A non-uniform midtread quantizer is used in Layer III. The quantizer
raises its input to the 3/4 power before applying a midtread quantizer (see

also Chapter 2). In the decoder before inverse quantizing, the quantized
values are re-linearized by raising them to the 4/3 power. In this fashion,
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bigger values are quantized with less accuracy than smaller values,
increasing the signal to noise ratio at low level input.

In addition, in Layer III static Huffman coding is also employed. The
encoder subdivides the quantized spectral values into three regions and each
region is coded with a different set of Huffman code tables tuned for the
statistics of that region. At high frequencies, the encoder identifies a region
of “all zeros’. The size of this region can be deduced from the size of the
other two regions and does not need to be coded, the only restriction being
that it must contain an even number of zeros since the other two regions
group their values in even numbered sequences. The second region, called
“count 1” region, contains a series of contiguous values consisting only of —
1, 0, +1. In this region, four consecutive values are Huffman encoded at the
same time and the size of this region is a multiple of four. Finally the third
and last region, the “big values” region, covers the remaining spectral values
which are encoded in pairs. This region is further subdivided in three parts
each covered by a separate Huffman table. A set of 16 different Huffman
code tables is utilized. For each partition, the Huffamn table which best
matches the signal statistics is selected during the encoder process. This
dynamic search allows for both an increased coding efficiency and a
decreased error sensitivity. The largest Huffman table carries 16 by 16
entries. Larger values are accommodated by using an escape mechanism.

The encoder iteratively quantizes the spectral values based on the data
rate available, computes the number of Huffman codes needed to represent
the quantized spectral values, and derives the distortion noise. If the
distortion noise in certain scale factor bands is above the masked threshold
values estimated in the psychoacoustic model, it varies the quantizer step
size for each scale factor band by amplifying the relative scale factor. The
quantization process is repeated until none of the scale factor bands have
more than the allowed distortion, or the amplification for any band exceeds
the maximum allowed value.

6.3.3 Bit Reservoir

The mechanism put in place in Layer III bitstream formatting routine
allows for donating bits to the bit reservoir when the signal analyzed at a
certain time requires less than the average number of bits to code a frame or
utilizing bits from the reservoir for peak demands. In this fashion, the
bitstream formatting routine is designed to support a locally-variable data
rate. This mechanism not only allows to respond to local variations in the bit
demand, but also is utilized to mitigate possible pre-echo effects. Although
the number of bits employed to code a frame of audio data is no longer
constant, its long term average is. The deviation from the target data rate is
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always negative, i.e. the channel capacity is never exceeded. The maximum
deviation from the target bit rate is fixed by the size of the maximum
allowed delay in the decoder. This value is fixed in the standard by defining
a code buffer limited to 7680 bits. For the data rate of 320 kb/s at 48 kHz
sampling rate the average number of bits per frame is

Number of bits per frame = 1152* 320/48 = 7680

In this case, no variation is allowed. The first element in the Layer III
audio data bitstream is a 9-bit pointer (main_data_begin) which indicates the
location of the starting byte of the audio data for that frame. In Figure 23 an
example of the Layer III frame structure is shown.

Frame 1 Frame 2

side info

main_data_begin main_data_begin main_data_begin
for Frame 1 for Frame 2 for Frame 3

LEGEND:
Frame 1 Data

teene 200 D00

Frame 3 Data if‘?&

Figure 23. Example of Layer III frame structure from [ISO/IEC 11172-3]

7. STEREO CODING

Spatial redundancies and irrelevancies are exploited in joint stereo coding
in order to further reduce the audio coding system data rates. While for most
stereo signals there is little correlation between the time representation of the
left and the right channels, typically for the signal power spectra strong
correlations exist [Brandenburg 98].  Regarding stereo irrelevancies, we
know that at high frequencies the ability of the human auditory system to
discriminate the exact source location is decreased [Blauert 83]. Above
about 2 kHz, for each critical band the human auditory system bases its
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perception of stereo imaging from power maxima in space rather than the
signal fine temporal structure.

In general, jointly coding the left and right channel provides higher
coding gains. There are instances, however, in which stereo coding data
rates may exceed twice the rate needed to transparently code one mono
signal. In other words, the artifacts masked in single channel coding may
become audible when presented as a stereo signal encoded as a dual mono.
This effect is related to differences between the masked threshold recorded
when the signal is presented as a single channel signal and the masked
threshold under binaural conditions. This difference is called the binaural
masking level difference (BMLD) [Blauert 83] and it is most pronounced at
low frequencies. An example of this effect is related to “the cocktail party
effect”, where a listener is capable to focus on a conversation in spite of the
louder background noise. If the listener plugs one ear, suddenly the same
level conversation becomes more difficult to understand. The conversation
is less effectively masked when the subject listens to it binaurally than when
the subject listens to it monaurally.  Applying these findings to stereo
coding, one may find that coding artifacts that are masked in single channel
mode can become unmasked when presented simultaneously in two
channels, i.e. in a dual mono system.

The basic idea in joint stereo coding is to appropriately rotate the stereo
plane for each critical band into the main axis direction of the input stereo
signal. Applying this idea in audio coding means transmitting side
information to convey the direction parameters. This sometimes translates
into a large amount of additional side information with no net coding gain.
Simplified approaches can be found in literature such as mid/sum, M/S, and
intensity stereo coding [Johnston and Ferreira 92 and van der Waal and
Veldhuis 91]. While these approaches have some overlapping, their main
focus is very different.

M/S stereo coding focuses mainly on redundancies removal and it is a
transparent process in absence of quantization and coding. In M/S stereo
coding only two directions are considered. Instead of transmitting separately
the left and the right signal, the normalized sum and difference signals are
transmitted. These signals are also referred to as the middle or mid (sum)
and side (difference) signals. The coding gain achieved by utilizing M/S
stereo coding is signal dependent. The maximum gain is reached when the
left and right signals are equal or phase shifted by m. M/S stereo processing
can be applied to the full signal spectrum since it is a lossless process and, in
particular, it preserves the spatial attributes of the signal. In some cases,
however, stereo irrelevancy effects can also be utilized in this approach.

Intensity stereo coding focuses mainly on irrelevancy removal, where at
high frequencies the signal is coded with reduced spatial resolution. This
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approach is based on the fact that the human auditory system detects
direction at high frequency primarily based upon relative intensity in each
ear rather than using phase cues. In intensity stereo coding, only one
channel resulting from the combination of the right and left channel is
transmitted for each critical band. The directional information is conveyed
with independent scale factors for the left and the right channels. While the
main spatial cues are retained in this method, some details may be missing.
Intensity stereo coding preserves the energy of the stereo signal, but some of
the signal components may not be properly transmitted, resulting in a
potential loss of spatial information. In general, the loss of spatial
information is considered less annoying than coding artifacts from bit
starvation. For this reason, intensity stereo coding is employed mainly at
low data rates. It is important to emphasize that intensity stereo coding is
applied for high frequency only. Extending this approach to low frequencies
may cause severe distortion such as a major loss in spatial information.
Assuming that intensity coding is applied to half of the signal spectrum, a
saving of about 20% in the system data rate can be achieved [Brandenburg
98]. Finally it should be mentioned that extensions to multichannel of the
general intensity coding technique were developed in more recent years and
different flavors are known as coupling channels [Davis 93], dynamic
crosstalk [Stoll et al. 94] or generalized intensity coding (see also next
chapter for more details).

7.1 MPEG Audio Stereo Coding

In MPEG-1 audio coding mid/sum, MS, stereo coding and intensity
stereo coding techniques are applied. M/S stereo coding is employed in
Layer III only, while intensity stereo coding is employed in all MPEG-1
Audio layers. In the joint stereo mode (bits 24 and 25 in the MPEG Audio
header) the sum of the left and right sub-band samples is transmitted with
scale factors for the left and the right channels for selected sub-bands. First
an estimate of the required data rate for the left and right channels is
performed. If the data rate exceeds the target data rate, a number of sub-
bands are set to intensity stereo mode. Depending on the data rate, the
allowed set of sub-bands for intensity coding is specified in the standard
(bits 26 and 27 in the MPEG Audio header). For the quantization of the
combined sub-bands, the higher of the bit allocation for the left and right
channel is used. The combined sub-bands are coded in the same fashion as
the independent sub-bands. In addition to the common scale factors,
directional scale factors are unique to the sub-bands coded in the joint stereo
mode and they are transmitted in the bitstream.

Page 49 of 53



310 Introduction to Digital Audio Coding and Standards

7.1.1 M/S Stereo Coding

M/S stereo coding is applied in Layer III when in joint stereo mode
when:

511 511

DG -r2)<08) (If +17)
k=0

k=0

Where i and r, correspond to the FFT spectral line amplitudes computed in
the psychoacoustic model. The values M; and S; are transmitted, instead of
the left and right channel values L; and R;, where L; and R; correspond to the
hybrid filter bank spectral line amplitudes as follows:

R. . -
M o=Ritli g JLi-R

b2 o2

i

In order to code the M/S signals, specially tuned thresholds are computed in
the psychoacoustic model and utilized in the allocation routines.

8. SUMMARY

In this chapter we reviewed the main features of MPEG-1 Audio.
MPEG-1 is the first international standard of high quality audio and opened
the door to a variety of applications from digital audio broadcasting to
internet distribution of music. Organized in three layers of increasing
sophistication and complexity design, the basic building blocks consist of a
time to frequency mapping stage, psychoacoustic model, quantization and
coding and bitstream formatting. MPEG-1 allows for audio coding between
32 and 448 kb/s per channel targeting perceptually lossless quality. In the
next chapters, we discuss further developments in MPEG Audio including
MPEG-2 and MPEG-4.
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