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Abstract
The Spectral Band Replication (SBR) technology is the latest advancement in low bit
rate audio coding research. By enhancing traditional perceptual audio codecs like
MPEG-2/-4 Advanced Audio Coding (AAC) or MPEG-1/-2 Layer-3 (mp3) with
SBR, coding efficiency is increased by up to 50%. This fact makes inclusion of SBR in
new broadcasting applications very attractive. XM Satellite Radio and Digital Radio
Mondiale (DRM) are two examples of newly developed broadcasting systems using
SBR in combination with AAC. This combination, referred to as aacPlus, represents
the most efficient audio coding scheme available today. Denoted High Efficiency AAC
Profile, aacPlus is now part of the MPEG-4 standard.
For DRM, SBR is also combined with speech codecs, enabling ultra low bit rate
wideband speech coding at 4 kbps. Already operational digital broadcasting systems like
DAB can be extended with SBR, offering significant increase in coding efficiency while
keeping back and forward compatibility.
In the area of video broadcasting and AV streaming, recent improvements in video
coding efficiency and the introduction of multi-channel audio put the need for a highly
efficient audio coding solution on the agenda.

Introduction
The main reasons for the transition from analogue broadcasting to digital
broadcasting are higher spectral efficiency and improved reception quality. Latest
modulation and channel coding technologies are elements to reach these goals. High
efficient source coding is the other key element for the success of digital broadcasting
systems. The latest development in audio source coding is the Spectral Band
Replication (SBR) technology. It allows to improve the coding efficiency of traditional
perceptual audio codecs by up to 50%. In combination with MPEG-4 Advanced
Audio Coding (AAC) it forms today’s most efficient audio codec, which is already in
use within the XM Satellite Radio system and Digital Radio Mondiale. The
combination of AAC and SBR is called aacPlus. It is now part of the MPEG-4 standard
where it is referred to as the High Efficiency AAC Profile.
The SBR technology can be combined with any perceptual audio codec in a back
and forward compatible way, thus offering the possibility to upgrade already
established broadcasting systems like the MPEG Layer-2 used in the Eureka DAB
system. SBR can also be combined with speech codecs to allow wide band speech at
ultra low bit rates.
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The SBR principle
When analyzing the capabilities of today’s leading waveform audio codecs it
becomes clear that for high compression ratios of for example 20:1 and above, the
resulting audio quality is not satisfactory. In this compression range, the
psychoacoustic demands to stay below the so-called masking threshold curve in the
frequency domain, can not be fulfilled due to bit-starvation. As a result the
quantization noise introduced during the encoding process will become audible and
annoying to the listener. One way to cope with this problem is to limit the audio
bandwidth, such that fewer spectral lines have to be encoded. This basic trade-off is
used for most waveform audio codecs. As an example, the typical bandwidth of the
latest MPEG waveform codec, AAC at a bit rate of 24 kbps, mono is limited to around
7 kHz, resulting in a reasonable clean, but dull impression.
The basic idea behind SBR is the observation that usually a strong correlation
between the characteristics of the high frequency range of a signal (further referred
to as ‘highband’) and the characteristics of the low frequency range (further referred
to as ‘lowband’) of the same signal is present. Thus, a good approximation for
the representation of the original input signal highband can be achieved by a
transposition from the lowband to the highband (see Figure 1).

Figure 1: Creation of high frequencies by transposition

Figure 2: Envelope adjustment of the highband

In addition to the transposition, the reconstruction of the highband incorporates
shaping of the spectral envelope as outlined in Figure 2. This process is controlled by
transmission of the highband spectral envelope of the original input signal. Further
guidance information sent from the encoder controls other synthesis means, such as
inverse filtering, noise and sine addition, in order to cope with program material
where transposition alone is insufficient. The guidance information is further
referred to as SBR data. Of course, means must be taken to code the SBR data as
efficient as possible to achieve a low overhead data rate.
The SBR process can be combined with any conventional waveform audio codec by
means of a pre-process at the encoder side, and a post-process at the decoder side as
shown in Figure 3. The SBR encodes the high frequency portion of an audio signal at
very low cost, whereas the conventional audio codec is still used to code the lower
frequency portion of the signal. Thus the main aim, to relax the conventional codec
by limiting its audio bandwidth while maintaining the full output audio bandwidth,
can be realized.
At the encoder side the original input signal is analyzed, the highband’s spectral
envelope and its characteristics in relation to the lowband are encoded and the
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For the highest coding efficiency
and to keep the computational
complexity low, SBR enhanced
codecs are implemented as dual
rate systems. Dual rate means that
the band limited core codec is
operating at half the external audio
sampling rate, while the SBR part is
processed at the full sampling
frequency.

authors

Figure 3: SBR acts as a pre-process at the encoder side,
and post-process at the decoder side.

A3.5 kHz

resulting SBR data is multiplexed
with the core codec bitstream. At
the decoder side the SBR data is
first de-multiplexed. The decoding
process is organized in two stages:
Firstly, the core decoder generates
the low band. Secondly, the SBR
decoder operates as a postprocessor,
using the decoded SBR data to
guide the spectral band replication
process. A full bandwidth output
signal is obtained. Non-SBR enhanced decoders would still be able
to decode the backward compatible
part of the bit stream, however
resulting in a band-limited output
signal only.
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Whereas the basic approach
seems to be simple, making it work
Figure 4: MUSHRA listening test result as taken from (2),
reasonably well is not. Obviously it
comparing the original full bandwidth reference, 3.5 and
7 kHz band limited anchors, aacPlus, AAC, mp3PRO, Real
is a non-trivial task to code the SBR
Audio 8, Real Audio 7, Windows Media 8 and mp3 – all
data in a way that all of the
codecs at a bit rate of 48 kbps, stereo.
following criteria are met:
• good spectral resolution is required
• sufficient time resolution on transients is needed to avoid pre-echoes
• cases with low correlation between lowband and highband characteristics need to
be taken care for since here transposition and envelope adjustment alone could
sound artificial
• a low overhead data rate is required in order to achieve a significant coding gain.

SBR combined with traditional audio codecs
As mentioned above, SBR can be combined with any waveform codec. When
combining AAC with SBR, the resulting codec is named aacPlus and has recently
been standardized within MPEG-4 (1). Another example is mp3PRO, where SBR has
been added to MPEG-1/2 Layer-3 (mp3) (3).
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For both aacPlus and mp3PRO significant improvements compared to the base
codecs have been demonstrated and verified by independent test sites. Figure 4
shows the test results of the most recent EBU test on low bit rate audio codecs.
The diagram shows the result for the case of stereo at 48 kbps. The MUSHRA scale
reaches from 0 to 100, where 0–20 means ‘bad’, 20–40 ‘poor’, 40–60 ‘fair’, 60–80 ‘good’
and 80–100 ‘excellent audio quality’. As seen in the Figure 4, the SBR-enhanced
codecs were ranked as number one and number two. Furthermore, it can be
concluded that aacPlus was the only audio codec reaching grades in the ‘excellent’
range and was clearly superior to the other audio codecs. The test also impressively
demonstrates the audio quality improvement, which can be achieved for low bit rates
by combining AAC and mp3 with SBR.

SBR combined with speech codecs
Parametric codecs such as HVXC (Harmonic Vector eXitation Coding) generally
reach a point where addition of more bits within the existing coding scheme does not
lead to any significant increase in subjective audio quality. However, the SBR method
has turned out to be useful also together with speech codecs. Today’s listeners are
used to the full audio bandwidths of CDs. Although the sound quality obtained from
SBR-enhanced speech codecs is far from transparent, an increase in bandwidth from
the 4 kHz or less typically offered by speech codecs to 10 kHz or more is generally
appreciated. Furthermore, the speech intelligibility under noisy listening conditions
increases, since reproduction of fricatives (‘s’, ‘f’ etc) improves once the bandwidth
is extended.
The SBR encoder- and decoder tools used in perceptual audio codecs can be
combined with speech codecs with very little modification. The major difference is
in the bit stream formats employed. In order to minimize the SBR data overhead in
aacPlus and mp3PRO, time- or frequency-direction delta values of the quantized
spectral envelopes are entropy coded. This leads to an SBR payload that varies from
frame to frame. The core codecs in those systems employ bit reservoirs, which allows
for a variation of the audio frame size over time, while keeping the channel bit rate
constant. However, typical speech codecs don’t have bit reservoirs, and in order to
ease integration with such codecs, SBR can operate at constant payloads as well.
Instead of the lossless entropy coding, a lossy coding of differences between the
spectral envelope and an average spectral level is employed. This difference, the
spectral shape, is quantized to a lower number of bits than the spectral level, and the
update rate can also be lower than that of the level. Both level and shape signals use
a fixed number of bits per sample. Furthermore, the speech format has a layered
syntax, such that some guidance signals can be excluded from the bit stream,
whereby the decoder relies on default values or decoder side estimation. Hence, a
multitude of tradeoffs between accuracy and guidance information overhead is
available. This SBR format has been implemented for both HVXC and CELP. As an
example, the HVXC plus SBR combination offers full broadcasting audio bandwidth
at bit rates below 4 kbps.
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Parametric stereo
Parametric stereo coding is a method to increase the coding efficiency in the low bit
rate range even further. While conceptually independent from SBR and combinable
with any codec, it integrates well with an existing SBR framework and introduces no
extra complexity to an SBR-enhanced stereo codec.
The basic principle behind the parametric stereo is similar to the SBR principle –
a guided reconstruction of a stereo signal based on a transmitted mono signal. In
addition to a coded mono mixdown of the stereo input signal, parameters describing
the stereo image are transmitted. The stereo parameters require a small fraction of
the total bit rate, ensuring a high quality of the mono signal at the given bit rate. Two
parameters are used to describe the stereo information, a panorama parameter and
an ambience parameter. The panorama parameter contains information about the
left to right level differences within different frequency bands. Similarly, the
ambience parameter depicts the stereo ambience for a set of frequency bands. The
encoding of both parameters uses the same principle of entropy coding of time- or
frequency-direction differences as is used for the SBR envelopes. In addition, the
quantization steps are frequency dependent.
When integrated in an SBR system, the parametric stereo decoder operates within
the native SBR QMF-bank used for transposition and envelope adjustment. The QMF
subband samples obtained by the transposition and envelope adjustment, together
with the subband samples obtained by analysis of the core decoder output, are taken
as the mono input signal to the parametric stereo decoder. The first step is to
reconstruct the ambience by means of decorrelation units implemented in the QMF
bands. The ratios of direct to processed signals are adjusted individually for the
different frequency bands as signalled by the ambience signal. Hereby a synthetical
stereo signal is generated. The second decoder step, now operating on stereo pairs of
QMF samples as generated by the ambience module, applies the information
conveyed by the panorama parameters by adjusting the levels of the left and right
QMF samples for each panorama frequency band. The ambience and panorama
parameters are interpolated in time, to get smooth transitions. After applying the
panorama information, the QMF synthesis is performed for both channels, which
yields the stereo output signal.
aacPlus in combination with parametric stereo offers a good stereo quality at
around 24 kbps as the first responses from listeners show. This makes it an interesting
tool to enhance the audio quality of broadcasting systems like DRM.

XM Satellite Radio
XM Satellite Radio started its regular operation in November 2001. It is one of the
two satellite radio systems in the US that received a license from the FCC for US
nationwide audio broadcasting in the S-Band. The system is based on two
geostationary satellites which are supplemented by local terrestrial repeater
networks for urban areas. XM Satellite Radio is a subscription service with a monthly
fee of US$9.95 (status May 2003). It offers 70 stereo music channels and 30 mono talk
and news channels. All channels are encoded with aacPlus. Receivers for XM
Satellite Radio are available from Pioneer, Sony, Alpine, Delphi. They are based on a
Conference Publication 2003

427

Å Æ

previous paper

next paper

print

authors

contents

chip set manufactured by STMicroelectronics. At the end of the first quarter 2003,
XM Satellite Radio had roughly 500,000 subscribers. This number made it the most
successful digital audio broadcasting system today.

Digital Radio Mondiale
The DRM broadcasting system was developed by a consortium (also called DRM) to
revitalize the broadcasting bands below 30 MHz: short-wave, medium-wave and
long-wave. To reach this goal the objective of the consortium was to significantly
improve the received sound quality of analogue AM. This could be achieved by
replacing the pure analogue transmission by a digital system with a robust channel
coding and the use of a high efficient audio coding scheme. After a careful evaluation
of different audio codecs operating at low bit rates, the MPEG-4 AAC in an error
resilient variant together with the SBR tool was chosen as main audio coding scheme.
The DRM System Specification is published as an European Telecommunications
Standards Institute (ETSI) Standard (ES) (4).
Daily live DRM broadcasts across the globe started on June 16 2003 at the International Telecommunications Union’s (ITU) World Radiocommunication Conference
(WRC 2003).
To reuse existing frequencies and bandwidth across the globe, six RF bandwidth
are possible: 4.5, 5, 9, 10, 18 and 20 kHz. This allows to simulcast alongside an
analogue SSB in a single channel or to combine two adjacent 9 or 10 kHz RF channels
to increase the available channel bit rate. The channel coding offers four different
robustness modes to adapt the signal to fundamentally different propagation
scenarios. Six combinations of code rates and constellations are allowed. This,
together with the fact that up to four services (audio or data) share the available
channel bit rate, leads to a high number of possible bit rates for one service. The
maximum available bit rate for one service ranges from 4.8 kbps to 72 kbps. Typical
bit rates are expected in the range from 14 kbps to 34 kbps.
Depending on the bit rate of the audio service, the sound quality can reach full
bandwidth near-CD quality (stereo) by the use of aacPlus. Typically, DRM reaches
near-FM quality in medium wave and FM mono quality in short wave. DRM also
includes the Parametric Stereo tool for use with the aacPlus codec. Two speech
codecs, HVXC and CELP, both of which can be used in conjunction with the SBR tool,
are available in the DRM system. They are intended for use together with ultra-robust
modes where the bit rate is too low for aacPlus or in multi-service transmissions,
e.g. to transmit speech content (news and the like) in different languages.

DVB
The latest developments in video coding and the increasing use of multi channel
audio in connection with video put higher priority on the use of highly efficient
audio coding for A/V applications. With MPEG-4 Advanced Video Coding (AVC) it
is possible to transmit high quality standard definition TV at a bit rate of 1.5 Mbps.
For streaming applications the resolution is often reduced to CIFF or QCIFF format.
Depending on the quality the bit rate is then reduced to a few hundred kbps. For
these applications, a high efficient audio codec is mandatory to get full advantage
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of the gains in video compression. The DVB consortium is currently in the process to
specify MPEG-4 AVC in connection with aacPlus for the use of DVB transmissions
over IP networks. The target is to issue the new specification in September 2003. The
specifications for broadcasting applications as well as contribution and primary
distribution will be updated to include MPEG-4 AVC and aacPlus as optional
annexes later on.

Eureka 147 DAB
The Eureka 147 DAB system is based on MPEG Layer-2 as source coding scheme.
During the development one of the goals was to achieve ‘CD quality’ audio quality.
Therefore the target bit rates for one audio program should be between 192 and
256 kbps. for broadcasting in the DAB system. The lack of frequency and the necessity
to offer additional audio services compared to the existing selection of services on
analogue FM broadcasting has led to a reduction of the average bit rate. In the UK,
which is currently the most successful DAB market, most services are today transmitted
with a bit rate of 128 kbps for a stereo service. And still the broadcasters and network
operators are looking for additional options to reduce the bit rate even further.
Since there is already a significant number of receivers available in the market,
only a backward compatible solution for a more efficient audio coding is acceptable.
The combination of Layer-2 with SBR is the only possible solution to achieve this
goal. The introduction could be done in two phases. During the first phase, in which
only a few SBR capable receivers are in the market, Layer-2 plus SBR will be operated
in a single rate mode. This means that both the Layer-2 core and the SBR codec are
based on the same sampling frequency. In this configuration the broadcaster can
freely select the cross over frequency between the Layer-2 encoded part of the
spectrum and the SBR encoded part. A higher cross over frequency means more
bandwidth for the legacy receivers (receivers without SBR), a lower cross over
frequency means higher coding efficiency and higher audio quality for the new SBR
enhanced receivers. Depending on the market penetration with new SBR enhanced
receivers the parameters can be adjusted. When the market penetration of SBR
enhanced receivers is nearly completed, the transmission can use a dual rate system
to reach the highest coding efficiency.
± 95% Vertrauensbereich

Mean value for all tested items (stereo)

100,00
80,00
60,00
40,00
20,00

t_
s

b
80 r
_h
js
80
_j
s_
s
b
80
r
_s
t_
sb
r
96
_
96 hjs
_j
s_
96 sbr
_s
t
11 _sb
r
2_
js_
sb
11
r
2_
st
_s
12 br
8_
hj
s
12
8
12
_j
s
8_
st
_s
br
16
16 0_j
s
0_
st
_s
br
19
2_
js

_j

s_

64

64

_s

sb
r

0,00

Figure 5: Layer-2 plus SBR MUSHRA test with stereo items (hjs = half sampling rate joint stereo, js = joint stereo,
st = stereo, sbr = Layer-2 plus SBR); Source: IRT
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First listening tests were performed by the Institut für Rundfunktechnik (IRT),
Germany, and are depicted in Figure 5. The results show that Layer-2 plus SBR at
96 kbps offers about an equivalent audio quality as Layer-2 at 128 kbps and Layer-2
plus SBR at 128 kbps is equivalent to Layer-2 at 160 kbps. The resulting increase in
coding efficiency can be used to add new services to the multiplex or to improve the
audio quality of the existing services.

Conclusions
With the introduction of SBR and parametric stereo a new generation of audio codecs
is now available for broadcast applications. In combination with AAC, SBR offers a
high audio quality a bit rates around 20 kbps for a mono signal. This allows short
wave transmission based on the DRM Standard with unprecedented audio quality.
The possibility to use it in a backward compatible way offers the opportunity to
upgrade already established broadcasting systems.
The use of aacPlus and other SBR enhanced waveform codecs is not limited to
broadcast applications. Other areas of interest are internet, mobile and portable
applications. Beside the adoption of SBR within MPEG and DRM, other consortia like
DVB, 3GPP and ISMA are now considering to add aacPlus to the respective
specifications.
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