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Abstract

This paper presents a novel perceptual audio coding scheme which allows for scalable
coding of stereo signals. The system provides the capability to decode mono or stereo
output signals of various quality levels from specific sub-sets of the scalable bitstream.
This allows to fall back to a lower quality or 2 monophonic signal if the channel capacity
is too low to transmit the full information. The described system is part of the Final
Committee Draft of the upcoming MPEG-4 Audio standard.

1 Introduction

In the time of purely analog transmission chains linking different networks and distribution
channels was easy. Of course there were some constraints and limitations to consider like
noise and various other artifacts caused by less than perfect storage and transmission medias.
In principal, however, if the proper electrical connections were made, sound was delivered to
the final receiver. The situation is different in today’s digital audio world. While many of
the problems which are typically attached to analog techniques have disappeared others still
exist and new ones were introduced.

One of the most severe of these problems probably is the necessity for tandem coding if
different digital networks and medias have to be connected. The negative effects of tandem
coding have been reported in several papers [1] [2]. Unfortunately, tandem coding situations
are very likely to appear since, due to the high transmission band width which is required
for linear coded PCM signals, more and more low bit rate audio formats can be found in
the audio chain. Usually each specific service is invariably bound to a specific coding scheme
making direct connections impossible. A wide variety of low bit rate audio and speech coding
schemes is in use, like the codecs standardized by ISQO, or the ITU, or other company owned
algorithms. But even if the coding algorithm is the same throughout the whole transmission
chain, some of these offer a wide range of setup parameters. For example, even if the same



MPEG-1 Audio layer is used throughout the transmission chain most likely the coders don t
operate at the same bit rate, and therefore require recoding to make the connection possible.

The best solution is to avoid these problems altogether by coding a signal only once at
the very beginning of the transmission chain. If the coded bit stream allows to extract lower
bit rate versions directly out of the bit stream, it is possible to switch to a lower quality
signal without recoding whenever and wherever this is required. The audio quality is only
determined by a single encoding process, and therefore is completely under the control of the
provider of the original program. A scheme having this capability is called bit rate scalable.

Bit Rate Scalable Audio Coding While the term scalability is used in many different
meanings, here it is used to denote the capability to decode sub-sets of a scalable bit stream.
More specific the technology described here could also be called “layered coding”, since the
sub-sets are subject to a certain ranking. There is a base layer which determines the lowest
available bit rate. On top of this base layer additional coding stages are available which step
by step increase the signal quality.

For mono signals, or independently coded channels of a stereo program this type of bit
rate scalable audio coding has been presented before in [3] [4] [5]. The new coding scheme
which is introduced in this paper now adds a joint stereo coding capability. The coder is part
of the upcoming MPEG-4 Audio standard.

2 MPEG-4 Audio

In 1991 and 1994 world wide standards for perceptual audio coding were normalized in
ISO/IEC SC29 IS 11172-3 (MPEG-1 Audio) [6] and IS 13818-3 (MPEG-2 Audio) [7]. These
systems were capable to deliver high sound quality at rather low bit rates. As far as bit
rate efficiency is concerned, they may now be considered as the first generation of perceptual
audio coding. The second generation is now available in the MPEG-2 AAC extension and was
standardized in IS 13818-7 [8] in 1997. However, the next generation has already progressed
quite far. MPEG-4 Audio {9] will be quite different from the previous MPEG standards.
Although high quality audio is still supported by MPEG-4, as MPEG-2 AAC is an integral
component of the MPEG-4 standard, new functionalities are provided, one of these being the
above described bit rate scalability. Additionally, speech coding algorithms as well as methods
for synthetic sound generation are included. This makes MPEG-4 Audio the first standard
covering the complete range of today’s low bit rate audio coding applications. Therefore
it is hoped that MPEG-4 Audio will allow for a much improved inter-operability between
applications using low bit rate coding.

“Version 1”7 of the MPEG-4 standard which includes the scalable audio coding modes
as well as the speech coding and synthetic coding techniques is planned to be finalized in
December 1998. A second version which is planned to be available one year after MPEG-4
Version 1 will follow. MPEG-4 Version 2 will not contain improved algorithms of functional-



ities already covered in version 1, but will only contain supplements to add capabilities not
yet available in version 1.

3 The Scalable Stereo Codér

The new scalable stereo coder is an extension of the technology already presented before in
[5] for mono signals. In order to allow for a better understanding of the stereo add-ons a
short introduction to the basic principles of the scalable mono coder will be given first. More
details can be found in [5].

3.1 Basic principles of the scalable mono coder

Also for the scalable coder the basic block diagram of a perceptual coder (Fig. 1) applies. The
scalability functionality is added by either replacing the quantization and coding block with
a scalable module, or by adding a low bit rate coder which pre-processes the time domain
input signal of the MDCT filter bank. Furthermore, combinations of both of these techniques
are possible. The next two paragraphs briefly describe both possibilities:

The Scalable Quantization and Coding Module

The basic principle of a Multi-Stage Quantization and Coding Stage (MSQCS) scheme is
shown in fig. 2. The quantized output spectrum of the first stage is reconstructed immediately
and the residual error spectrum is calculated by subtracting the reconstructed signal from
the original spectrum. The coded quantized spectrum of this first stage is available in the
bit stream multiplex as a first possible representation of the coded signal. In the second,
and subsequent stages the residual error signal is quantized and coded instead of the original
spectrum and the corresponding coded representation is inserted into the bit stream. Each
additional stage which is available at the decoder side, therefore, provides a further refinement
of the decoded signal. Usually this refinement consists of a combination of increased SNR
or Noise to Mask Ratio [10] [11], respectively, together with an increased audio band width.
Practical implementations typically use two to four stages, although more are possible.

The complete coder based on this technique is shown in fig. 3. All coding stages are
controlled by the psychoacoustic module. Within MPEG-4 the individual stages can be
based on the AAC quantizer/huffman coding scheme, or on the TwinVQ vector quantizer.
Typically TwinVQ or AAC stages are used for the base layer with additional AAC modules in
the extension layers. The TwinVQ technology is the best solution for ultra low bit rate base
layers (6-8 kbit/s), while AAC gives better results at higher bit rates. The AAC/TwinVQ
combination is explained in detail in [12]. For the basic AAC technology see for example [13]
and for TwinVQ see [14].

Within MPEG-4 Audio a second alternative scalable quantization and coding stage is
available which is based on the BSAC noiseless coding algorithm. The details of this technol-
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ogy can be found in [15]. BSAC gives better audio quality if a large number of coding layers
is required especially at higher bit rates. At very low bit rates MSQCS currently shows the
better performance.

Integration of a Time Domain Core Coder

The techniques described in the previous paragraph achieve scalability by modifying the
coding of the MDCT output samples. An alternative way is to combine a time domain base
layer coder (called core coder from here on) with a perceptual coder. The encoder block
diagram of such a scheme is shown in fig. 4. Typically the core coder operates at a lower
sampling rate than the subsequent perceptual coder. Therefore a Down-Sampling Filter
(DSF) is applied to feed the core coder with the correct sampling rate. The reconstructed
core coder signal then is up-sampled again to the original sampling frequency. Since the actual
filtering is done via the MDCT filter bank in the core coder pass, the Up-Sampling Filter
(USF) only inserts the proper amount of zeroes but does no actual filtering. The subsequent
perceptual coder then encodes the residual signal which is calculated by subtracting the
MDCT spectrum of the core coder from the MDCT spectrum of the original signal.

The calculation of the difference signal in the frequency domain offers two advantages:

1. A Frequency Selective Switch (FSS) can be used to eliminate unwanted components
from the difference signal by switching C, which is the signal to be coded, between the
residual signal and the original spectrum.

2. For the combined system complete psychoacoustic control is available, even if a non-
perceptual core coder like a speech coder is used. For this purpose the FSS module
additionally generates the complimentary signal R which is used to fully reconstruct the
input signal in the second stage. This then allows the usual psychoacoustic evaluation
and quantization control in the subsequent stages.

The low bit rate core coder typically is a CELP speech coder operating at only a few
kbit/s. A CELP core coder is a good compromise, since it offers good quality for speech,
and shows a reasonable stability for music signals. Although the TwinVQ scheme offers a
similar ultra low bit rate capability for speech dominated material the combination with a
CELP coder is the better solution. Several CELP codecs have been tested successfully like
the ITU G.729 [16] and G.731.1 [17] recommendations, and the MPEG-4 CELP coder {9].
Within MPEG-4 only the MPEG-4 CELP coder is available, although the basic mechanisms
could be used e.g. for the ITU coders without any modifications. More details can be found
in [5].

Combination of Both Techniques

The quantization and coding module in fig. 4 can be replaced by any of the scalable quan-
tization and coding modules which were described above. The time domain core coder then
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provides the low bit rate end of the combined coder. All additional layers are implemented
via the multi-stage quantization and coding scheme.

3.2 Extension to Stereo

Joint stereo coding mechanisms are known [18][19] to allow for a higher coding efficiency
(lower bit rate) and better psychoacoustic control if stereo signals are to be compressed with
a perceptual coder. Therefore, it was a obvious step to add joint-stereo processing capabilities
to the scalable techniques described before. Both M/S, and Intensity stereo coding is possible.

MS-Stereo Coding The term M/S-Stereo Coding [20][18] is used to describe the coding
of a Mid (M) and Side (S) signal instead of the Left (L) and Right (R) channels of a stereo
program. Usually M is calculated as M = L + R and S is calculated as S = L, - R. In a practical
coder a decision mechanism is required to either select M/S or L/R coding depending on the
actual input signal. For example, if the input channels show a high correlation normally
M/S coding gives better results. If the channels are more or less independent L/R coding is
used. Newer coders, like AAC and the scalable coder described in this paper, can make this
decision independently for each scale factor band.

Intensity Stereo Coding An Intensity Stereo Coder [21][19] only transmits a mono mix
of the left and right channel signals, and additionally a direction information which is used
to determine the level of the transmitted single channel signal in the left and right channel
in the decoder. If this is done carefully, and only in the upper frequency bands, still a good
sound quality can be achieved. Intensity coding is usually used if the coder is operated below
its normally useful bit rate range. Since the upper spectrum is only transmitted in mono a
considerable bit rate saving can be achieved, and therefore the coder can be operated at bit
rates which normally wouldn 't be possible.

3.3 The Scalable Stereo Coding Modes

There are five different basic configurations for a scalable stereo coder. To avoid overloading
of the diagrams none of them includes the perceptual model or the bitstream multiplex
modules. Only the configuration of the various coding layers and the main signal flow is
shown. The following table lists these combinations and the corresponding block diagrams:

Mode S-JS1 and mode S-JS2 use pure stereo coding layers throughout. However, the
other three modes combine mono and stereo stages. Therfore, modes 5-JS3, S-JS4, and
S-JS5 allow to extract mono sub-sets out of the scalable bit stream.



[ Mode | Configuration Block Diagram
S-JS1 Stereo - Stereo Figure 6
S-JS2 StereoCore - Stereo Figure 7
S-JS3 Mono - Stereo Figure 8
S-JS4 MonoCore - Stereo Figure 9
S-JS5 MonoCore - Mono - Stereo | Figure 10

Table 1: Scalable stereo coding modes

3.3.1 The Stereo Base Layer plus Stereo Extension Layer Configuration

Mode S-JS1, the first of these combinations is the most obvious one, as this is the direct
evolution of the multi stage quantization and coding concept which is combined with the
conventional joint stereo coder. The only difference to a single step joint stereo coder is that
the quantization and coding is done in several subsequent stages, much in the same way
as described for the mono case above. Both M/S and Intensity stereo coding are available.
Depending on the selected mode either the left and right channel, or the mid and side channel,
or the intensity channel and the direction information is coded and transmitted.

3.3.2 The Stereo Core plus Stereo Extension Layer Configuration

The block diagram of this mode is shown in Fig. 7. It is an extension of the Time Domain
Core Coder integration technique described above for mono signals. Since the usually used
low bit rate speech coders don’t have joint stereo coding modes defined, the two channels
are coded independently. Exactly in the same way as described for the mono case for each
audio channel the residual spectrum is calculated by subtracting the core coder signals from
the spectra of the original left and right signals. From this point on the coding process is
identical to mode S-JS1. One or more stereo extension layers is/are possible.

3.3.3 The Mono Base Layer plus Stereo Extension Layer Configuration

Mode S-JS3 is an interesting combination which is only possible in a scalable coder. In a first
step the M-signal is coded with a mono stage. Then the signal M ” is calculated by subtracting
the output of this mono coding stage from the original M spectrum. A subsequent stereo
coding module then processes the M ” and the original S signal. However, if the input channels
are not correlated, L/R coding should be used to avoid cross talk artifacts between the audio
channels, and also for better coding efficiency. Therefore, two additional residual signals are
generated by subtracting the weighted M~ signal from the original left and right channel
spectra. The Frequency Selective Switches (FSS) allow to switch between the original L or R
spectrum, respectively, or the residual signals for each scale factor band. Thus, the L.” and
R’ signals either contain the original L and R spectrum, respectively, or the residual signals,
depending on what is more favorable for the next coding stages. From there on the coding
of the L/R” or M’/S signals is again identical to mode S-JS1.
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The mono coding module can be replaced by a multi stage quantization and coding mod-
ule. This then allows for example for mono-mono-stereo-stereo or other similar configurations.

3.3.4 The Mono Core plus Stereo Extension Layer Configuration

Mode S-JS-4 is similar to S-JS3. However, a time domain core coder replaces the frequency
domain mono coding stage.

3.3.5 The Mono Core plus Mono Extension plus Stereo Extension Layer Con-
figuration

Mode S-JS5 combines S-JS3 and S-JS4. This combination is the super-set of other modes and
may therefore be considered as the general block diagram of a bit rate scalable stereo coder.
Again both the mono, and the stereo coding modules can be implemented as multi-stage
modules to allow for more than one mono, or stereo layer, respectively.

4 Practical Implementations and Applications

The scalable stereo coder offers a wide range of possible configurations. Among these the
following combinations have been implemented, or are planned for the near future:

Stage 1 (mono) Stage 2 (mono) | Stage 3 (stereo) | Stage 4 (stereo)
CELP 6 kbit/s AAC 18 kbii/s | AAC 20 kbit/s | AAC 20 kbit/s
TwinVQ 6 kbit/s | AAC 18 kbit/s | AAC 20 kbit/s | AAC 20 kbit/s
— AAC 24 kbit/s | AAC 20 kbit/s | AAC 20 kbit/s

Table 2: Practical Implementations of the scalable stereo coder

These coders offer a 6kbit/s fall back solution if the channel capacity is very low e.g. on
the Internet. The next layers at a total bit rate of 24 kbit/s or 44 kbit/s, respectively, are
suitable e.g. for transmissions via analog modems, while stage four at a total bit rate of 64
kbit/s is useable for ISDN channels. Additional layers at higher bit rates can be added if
required.

Since the AAC coding quantization and coding stages can be operated at any bit rate,
variations of these schemes are easily possible. However, it is not recommended to make the
step sizes too small. At least 16 kbit/s per step or more should be used, since each stage
requires some overhead.



5 Results

Compared to single step coding a moderate quality degradation is experienced if the audio
quality is compared for the same total bit rate. However, bit rate efficiency is much better
for a scalable system compared to a simul-cast solution.

No results of a formal listening test are available for the mono/stereo and stereo/stereo
configurations so far. However, for the mono/mono case results of a formal test are available.
MPEG, together with the NADIB (Narrow Band Digital Broadcasting) consortium has con-
ducted a formal test in June/July 1998. The results will be available in [22]. This test did
include a scalable CELP core plus AAC extension layer combination, and a TwinV(Q plus
AAC extension layer combination.

6 Conclusions

Bit rate scalability offers many advantages if the same program is to be carried over transmis-
sion channels of different or varying capacity. ‘At any point or time during the transmission
phase it is possible to switch to a lower bit rate signal and therefore to avoid re-coding. The
new stereo extension now also allows efficient scalable coding of stereo signals. The availabil-
ity of mixed mono-/stereo combinations introduces a new dimension for the optimization of
scalable coding schemes, since for the individual layers there is now a choice of optimizing
the SNR and audio bandwidth as well as the number of coded channels. If low bit rate base
layers are required it is in many cases more desirable to switch back to a clean mono signal
instead to a bad stereo signal. Therefore, the mixed mono/stereo configurations are probably
most important.,
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