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ABSTRACT 

MPEG Spectral Band Replication (SBR) is the newest compression technology available as part of the MPEG stan­
dards. It is combined with MPEG Advanced Audio Coding (AAC) and improves coding efficiency by more than 30%. 
The resulting scheme is called High-Efficiency AAC (HE AAC). 
This presentation explains MPEG SBR and its integration into the existing MPEG-4 bitstream format. The SBR 
technology itself as well as the implications on systems based on MPEG-4 technology are described. Signaling 
through MPEG-4 Systems and other transport formats is introduced and typical applications and usage scenarios are 
listed. 

1 INTRODUCTION 

MPEG-4 High Efficiency AAC (HE AAC) is not a re­
placement for AAC, but rather a superset which extends 
the reach of high-quality MPEG-4 Audio to much lower 
bitrates. High Efficiency AAC decoders will decode both 
plain AAC and the enhanced AAC plus SBR. The result 

is a backward compatible extension of the standard. Lis­
tening tests show that MPEG-4 HE AAC offers a signifi­
cant benefit over proprietary codecs and over AAC with­
out extensions, and place it clearly as the most efficient 
audio codec in existence. Coding Technologies and its 
customers have been using this technology for a number 
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of years under the aacPlus brand name. 

The technical specifications of HE AAC are now avail­
able as a final draft amendment (FDAM) [1] and official 
standardization is expected in September 2003. These 
specifications enable manufacturers to work on final im­
plementations and integrations. This paper provides 
an implementation guideline and provides an overview 
of the technologies and system integration aspects of 
HEAAC. 

2 INTRODUCTION INTO MPEG-4 

2.1 MPEG-4: A leading multimedia framework 

In the context of evolving multimedia applications, new 
demands for efficient and flexible representation of au­
diovisual content have arisen. Besides high coding effi­
ciency required to cope with the limited bandwidth of the 
internet or in mobile communication, new functionality 
like flexible access to coded data and manipulation by the 
recipient is also desired. To address these requirements 
and develop inter-operable solutions, ISO/IEC started its 
MPEG-4 standardization activities "Coding of audiovi­
sual objects" [2], [3], [4]. Part 3 of the MPEG-4 standard 
(Audio) [5] provides tools for coding of natural and syn­
thetic audio objects and composition of such objects into 
an "audio scene." Similarly, Part 2 (Visual) [6] provides 
tools for coding of natural video and synthetic 2D and 
3D objects, while Part 1 (Systems) [7] covers general 
tools for scene description, synchronization of objects, 
and multiplexing for transport and storage. 

2.2 MPEG-4 Audio Coding 

MPEG-4 is based on the notion that the audio part of 
the audiovisual scene presented at the receiver is com­
posed of one or more so-called audio objects. Differ­
ent audio compression tools (codecs) are available to en­
able an efficiently coded representation of the audio ob­
ject(s) in a scene. Natural audio objects, such as recorded 
speech and music, can be coded at bitrates typically rang­
ing from 2 kbit/s (for narrowband speech) to 64 kbit/s/ch 
(for CD quality music) using parametric speech coding 
(HVXC), CELP-based speech coding, parametric audio 
coding (HILN) or transform-based general audio coding 
(AAC, 1\vin VQ). The natural audio and speech coding 
tools support bitrate scalability, also known as embed­
ded coding. In addition, the parametric coding tools also 
provide speed and pitch change functionality in the de­
coder. Synthetic audio objects can be represented using 
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Figure 1: Block diagram of a complete MPEG-4 Audio decoder. 

a Text-To-Speech Interface (TISI) or the Structured Au­
dio (SA) synthesis tools. Other uses of the SA tools are 
adding effects, like reverberation, and mixing different 
audio objects to compose the final "audio scene" that is 
presented to the listener. 

Fig. 1 shows the block diagram of a complete MPEG-4 
Audio decoder. It includes the decoding tools for the 
audio objects defined in Part 3 (Audio) of the MPEG-4 
Standard [5] as well as bitstream demultiplexing and 
scene composition defined in the Systems part [7]. 

The information needed to decode an audio object at 
the decoder is conveyed by means of a so-called ele­
mentary stream (ES), as shown in Fig. 2. In case of 
bitrate scalable configurations, a base-layer ES and one 
or more enhancement-layers ES(s) are used. The ini­
tial ES.Descriptor contains an AudioSpecificConfig ele­
ment, which carries the audio object type (AOT) and fur­
ther information required to instantiate the required au­
dio decoder. Using the ES-1D, the ES.Descriptor points 
to the stream of the actual compressed audio data, which 
is a sequence of so-called access units (AU), i.e., decod­
able bitstream frames. 

A common audio object type is AAC LC, which indi­
cates that MPEG-4 Advanced Audio Coding (AAC) in . 
its low-complexity (LC) version is used. This is the pri­
mary general audio coder in MPEG-4, which is a com­
patible extension of the MPEG-2 AAC transform-based 
audio coder [8]. The principles of perceptual.audio cod-

AES 115TH CONVENTION, NEW YORK, NY, USA, 2003 OCTOBER 10-13 

2 

Google Exhibit No. 1041 
Page 002



WOLTERS ET AL. 

audioObjectT ype 
samplingFrequency 
channelConfiguration 

I GASpecificConfig I 

1· AAC raw_data_block ·1 

Figure 2: MPEG-4 Elementary Stream (ES) conveying an audio ob­
ject. 

ing and the specifics of the AAC are well documented 
in the literature, e.g. [9], [10], [11], [12], and hence not 
reviewed in this presentation. 

2.3 Storage and streaming of MPEG-4 

In order to allow flexible yet interoperable utilization 
of MPEG-4 coding technology for the largest possible 
range of application scenarios, MPEG-4 is designed as a 
transport-agnostic standard with an abstract interface to 
carry the compressed data, the so-called sync layer (SL). 
Basically, the SL adds mechanisms like time stamps for 
AUs to allow synchronization of several ESs, such as an 
audio and a video stream. 

Depending upon the requirements of the application and 
the characteristics of the transmission channel, different 
schemes can be used to store or convey MPEG-4 content 
(Fig. 3). MPEG defined the MP4 file format [7], [13] 
for storage, which can hold all data available at the SL 
interface. When MPEG-4 content is carried over a tran­
rnission channel, various techniques for multiplexing, 
synchronization, and for establishing a connection can 
be appropriate. For inherently packetized channels, like 
those using the internet protocol (IP), no syncwords are 
needed and AUs can often directly be mapped to pack­
ets. A fixed framing might be available from the modu­
lation scheme for radio channels, but random bit errors 
are possible. Serial channels might need some syncword 
mechanisms to establish basic synchronization. If the 
MPEG-4 content is carried in more than one ES, these 
streams need to be multiplexed, which can be done by 
the MPEG-4 FlexMux tool [7], [13]. 

To carry simple, audio-only MPEG-4 content with low 
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Figure 3: Storage and transmission of MPEG-4 Audio object with sin­
gle elementary stream (ES). 

overhead, the Part 3 (Audio) of the MPEG-4 standard 
defines a Low-overhead MPEG-4 Audio Transport Mul­
tiplex (LATM) to multiplex several MPEG-4 Audio pay­
loads and AudioSpecificConfig() elements [5, subclause 
1.7]. Based on LATM, it also defines a self-synchronized 
syntax of an MPEG-4 Audio transport stream which is 
called Low Overhead Audio Stream (LOAS). 

A simple scheme to carry MPEG-4 over IP based on the 
realtime transport protocol (RTP) [14] is defined in RFC 
3016 [15]. It is a subset of the general framwork defined 
in Part 8 (MPEG-4 over IP) of the MPEG-4 standard 
[16]. RFC 3016 uses LATM for audio and allows for 
conveying the AudioSpecificConfig either in-band using 
LATM or out-of-band, i.e., as a MIME parameter con­
veyed in the Session Description Protocol (SDP). 

Other schemes to convey MPEG-4 content include 
MPEG-4 over MPEG-2 transport streams, as defined in 
an amendement to the MPEG-2 Systems standard, or 
proprietary schemes which provide an SL compatible in­
terface. 

MPEG-4 AAC LC coded data can also be stored using 
the Audio Data Interchange Format (ADIF) or transmit­
ted using an Audio Data Transport Stream (ADTS), see 
Fig. 4. Both these formats are defined in the MPEG-2 
AAC standard [8] but are only informative in MPEG-4, 
i.e., an MPEG-4 decoder is not required to support ADIF 
or ADTS. 

2.4 Recent Developments: High-Efficiency Au-
dio Coding becomes part of MPEG-4 

Standardization of the technology submitted in response 
to the initial MPEG-4 Call for Proposals in July 1995 
was carried out using the core experiment procedure and 
finalized in two steps: Version 1 in October 1998 [ 17] 
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Figure 4: MPEG-2 Audio Data Transport Stream (ADTS). 

and Version 2 in December 1999 [18]. In 2001, both 
versions and their corrigenda were merged to form a 2nd 
edition of the standard [5]. 

In July 2000, MPEG issued a Call for Evidence [19] 
in order to find out whether there are new develop­
ments which may provide improvements over the exist­
ing MPEG-4 standard. Based on the responses received, 
a Call for Proposals [20] for new tools for audio cod­
ing was issued in January 2001. It specifically asked 
for technology in the field of MPEG-4 compatible band­
width extension and in the field of high quality paramet­
ric coding. 

Coding Technologies submitted its Spectral Band Repli­
cation (SBR) techniques used in combination with AAC 
as bandwith extension tool. Based on a listening test, it 
was selected as inital reference model (RMO) and refined 
in the course of MPEG's core experiment procedure. In 
March 2003, the standardization of the MPEG-4 SBR 
tool was finalized [1]. 

3 AT THE HEART OF HE AAC: MPEG SBA 

3.1 Fundamental Concept: High Frequency 
Reconstruction by Spectral Band Replica­
tion 

The basic principles of SBR have been elaborated on in 
several papers [21], [22], [23], [24]. For the convenience 
of the reader a short review is given below, and some 
aspects not previously discussed are explained in more 
detail. 

3.1.1 The SBA encoder 

The SBR principle stipulates that the missing high fre­
quency region of a lowpass filtered signal can be recov­
ered based on the existing lowpass signal and a small 
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amount of control data. The required control data is es­
timated in the encoder given the original wide-band sig­
nal. The HE AAC codec is a dual rate system, where 
the underlying AAC encoder/decoder is operated at half 
the sampling rate of the SBR encoder/decoder. The basic 
principle of the HE AAC encoder is depicted in Fig. 5. 

Down-sampler 

Figure 5: The HE AAC encoder. 

In the SBR encoder, where the wide band signal is avail­
able, control parameters are estimated in order to ensure 
that the high frequency reconstruction results in a recon­
structed highband that is perceptually as similar as possi­
ble to the original highband. The majority of the control 
data is used for a spectral envelope representation. The 
spectral envelope information has varying time and fre­
quency resolution to be able to control the SBR process 
as good as possible, with as little bitrate overhead as pos­
sible. The other control data mainly strives to control the 
tonal-to-noise ratio of the highband. Fig. 6, Fig. 7, and 
Fig. 8, illustrate some of the characteristics of the control 
data. 

In Fig. 6 the spectrum of the original signal at a given 
point in time is displayed at the top and the spectrum of 
the HF generated highband at the same point in time is 
displayed below. As is evident from the figure, the patch­
ing algorithm used to regenerate the highband was not 
successfull in generating all the strong tonal components 
of the original highband. The missing sinusoids in the 
regenerated highband are identified in the encoder and a 
parametric representation of them is incorporated in the 
SBR control data. 

In Fig. 7 the spectra of the original and the HF generated 
signal is once again displayed albeit at a different point in 
time. Here it is evident that the tonal-to-noise ratio of the 
regenerated high band is not similar to that of the original. 
The high band of the original signal constitutes mainly of 
noise, whilst the highband of the regenerated signal is 
very tonal. This information is also incorporated into the 
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Figure 6: The spectrum of the original signal (top) and the HF gener­
ated signal without any additional signal components (bot­
tom). The basic patching algorithm has not regenerated the 
strong tonal components of the original highband. 

SBR control data so that the decoder by means of inverse 
filtering and noise addition can achieve a highband with 
a tonal-to-noise ratio similar to that of the original. 

Finally, in Fig. 8, a spectrogram of the original signal 
is displayed with a superimposed time/frequency grid 
of the spectral envelope data transmitted to the decoder. 
Here it is evident that the time/frequency resolution of 
the spectral envelope varies over time, giving a higher 
time resolution for transient passages and a higher fre­
quency resolution for stationary passages. 

The bitrate of the control data varies depending on en­
coder tuning, but is in general somewhere in the region 
of 1-3 kbit/s per audio channel. This is far lower than the 
bitrate that would be required to code the highband with 
any conventional wave-form coding algorithm. The SBR 
data format is indicated in Fig. 13. A header flag indi­
cates that an SBR header part is present. The SBR header 
part contains fundamental information such as SBR fre­
quency range as well as control signals that do not re­
quire frequent changes. The sbr..data part can be subdi­
vided into side info and raw data, where side info is de­
fined as signals needed to decode the raw data and some 
decoder tuning signals. Raw data consists of Huffman 
coded envelope scalefactors and noise floor estimates. 

3.1.2 The SBR decoder 

The SBR enhanced decoder can be roughly divided into 
the modules depicted in Fig. 9. 
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Figure 7: The spectrum of the original signal (top) and the SBR sig­
nal without any additional signal components (bottom). The 
basic high frequency reconstruction algorithm has not main­
tained the original tonal-to-noise ratio. 

All SBR processing is done in the QMF domain. Hence, 
the output from the underlying AAC decoder is firstly an­
alyzed with a 32 channel QMF filterbank. Secondly, the 
HF generator module recreates the highband by patch­
ing QMF subbands from the existing lowband to the high 
band. Furthermore inverse filtering is done on a per QMF 
subband basis, based on the control data obtained from 
the bitstream. The envelope adjuster modifies the spec­
tral envelope of the regenerated highband, and adds ad­
ditional components such as noise and sinusoids, all ac­
cording to the control data in the bitstream. Since all 
operations are done in the QMF domain the final step of 
the decoder is a QMF synthesis to retain a time-domain 
signal. Given that the QMF analysis is done on 32 QMF 
subbands for 1024 time-domain samples, and the high 
frequency reconstruction results in 64 QMF subbands 
upon which the synthesis is done producing 2048 time­
domain samples, an up-sampling by a factor of two is 
obtained. 

The following Fig. 10 displays the spectrum of the SBR 
signal at different stages in the SBR process. In the upper 
figure the spectrum of the signal after the high frequency 
reconstruction, but prior to the envelope adjustment is 
displayed. In the middle figure the spectrum of the output 
signal is displayed, and in the bottom figure the spectrum 
of the original signal is displayed for reference. 
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Figure 8: The spectrogram of a part of the input signal with the enve­
lope time/frequency grid superimposed. 

3.2 Low power SBR 

Platforms with heavy constraints on the computational 
complexity such as portable devices can use Low power 
SBR. The main difference between High Quality SBR 
and Low power SBR is how the data is represented dur­
ing the SBR process. High Quality SBR uses a complex 
representation of the subband samples and subsequently 
all calculations are computed with complex values. Low 
power SBR simply requires a real-valued representation 
and hence the computational complexity is heavily re­
duced. 

The complex-valued filterbank is designed to prevent 
aliasing even in cases where modifications are performed 
[25]. However, the real-valued filterbank does not have 
that property. Therefore, an additional algorithm is in­
troduced to minimize the aliasing occurring due to the 
real-valued filterbank. The aliasing reduction algorithm 
is devised to avoid introducing aliasing for strong tonal 
components. 

The properties of the real-valued filterbank result in mir­
roring components (aliasing) in adjacent subbands if the 
adjacent subbands are given different gain-values in the 
envelope adjuster. This can occur if adjacent subbands 
are modified independently from each other. Hence, it 
is the objective of the aliasing reduction algorithm to 
identify the subbands where strong aliasing will be intro­
duced if the subbands are modified independently. This 
is accomplished by observing the reflection coefficients 
obtained for every subband by first order linear predic-
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Figure 9: The HE AAC decoder. 

tion. A sign is introduced for every subband indicating 
whether a strong tonal component is situated in the up­
per (a positive sign) or lower (a negative sign) part of 
the subband. The aliasing reduction algorithm identifies 
the cases where the signs of two adjacent subbands are 
opposite, the sign being positive for the lower subband 
and negative for the higher subband. These subbands are 
grouped together, meaning that they will not be modified 
independently, and hence no aliasing will be introduced 
by the envelope adjustment in the real-valued filterbank 
for this signal. However, there are many signals where 
there are no strong tonal components that can be identi­
fied by the above outlined algorithm, but where aliasing 
is introduced nevertheless. This aliasing is audible when 
compared to the High Quality SBR system, but not as of­
fensive as the aliasing that would opcur for a strong tonal 
component if the aliasing reduction algorithm was not in 
place. 

3.3 Down-sampled SBR 

Since the transform size in AAC is fixed to 1024 for long 
blocks and 128 for short blocks, it becomes evident that 
choosing the optimum sampling rate for a certain bitrate 
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Figure 10: The spectrum of the audio signal after the HF generator 
(top), the spectrum of the audio signal after envelope ad­
justment (middle), and the spectrum of the original signal 
(bottom). 

is crucial. In general, in the low-mid bitrate region, i.e., 
20 - 32 kbit/s per audio channel, a sampling rate in the 
22.05 - 32 kHz region is the best choice since the fre­
quency resolution at the lower sampling rate improves 
the coding gain, compared to using a higher sampling 
rate. However the lower sampling rate provides a slower 
time response of AAC, and at higher bitrates the best 
trade-off between time and frequency resolution for the 
AAC codec may be obtained by using a higher sampling­
rate. Furthermore, the low sampling rates naturally limits 
the highest frequency that can be covered by AAC. 

The HE AAC codec is always operated in a dual rate 
mode. This has mainly two advantages. Firstly, as out­
lined above, for lower bitrates it is generally beneficial 
to operate the core coder at a lower sampling rate than 
that of the original signal. Secondly, the HE AAC de­
coder can always assume that if SBR data is found in the 
bitstream the SBR Tool should be operated at twice the 
sampling rate of the core coder. 

There are however, scenarios where it is beneficial to 
have a system that, from the outside, displays the behav­
ior of a single-rate system. If the system is operated at 
a higher bitrate, the core coder may be operated at the 
sampling rate of the original signal, e.g. 44.1 kHz. How­
ever, since the HE AAC codec is always a dual rate sys­
tem, this implies that the signal has to be upsampled in 
the encoder prior to encoding. The result of this upsam­
pling is that the subsequent output from the decoder will 
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have a sampling rate twice that of the input, in this case 
88.2 kHz. In order to circumvent situations in which the 
output signals have a sampling rate twice that of the in­
put, a down-sampling capability is desirable on the de­
coder side. 

The down-sampling tool is integrated as a part of the 
synthesis QMF bank in the decoder. Hence, the SBR 
decoder operates as normal with the exception of the 
synthesis filterbank, which only performs a 32 subbands 
synthesis instead of the normal 64 subbands synthesis. 
The 32 subbands synthesis is done on the 32 lowest (in 
frequency) subbands out of the 64 available subbands, 
and hence a down-sampling by a factor of two is ob­
tained, or rather the inherent upsampling by a factor of 
two is avoided. By using the down-sampled SBR for the 
above outlined use-case scenario, the output sampling 
rate can be assured to be the same as that of the input sig­
nal even though the AAC coder is operated at the sam­
pling frequency of the original signal and the HE AAC 
codec is a dual rate system. 

Furthermore, by introducing the down-sampling capa­
bility, it is possible for hand-held devices to use down­
sampled SBR in order to reduce cost of DIA conver­
sion, and also reduce computational complexity by the 
reduced number of synthesis subbands in the QMF syn­
thesis. In this case the decoder might even generate an 
output sampling rate lower than the one of the orginial 
signal. 

3.4 Test results 

During the course of standardization within MPEG sev­
eral listening tests have been conducted in order to as­
sure the quality of the new algorithm. In Fig. 11 and 
Fig. 12 below, listening test results are displayed for SBR 
enhanced AAC and MPEG-4 AAC without SBR. The 
tests were done at the T-Nova test-site in Berlin, using 
the MUSHRA test method, and the items used were the 
twelve items commonly used within MPEG (castanets, 
pitchpipe, glockenspiel, plucked strings, speech, orches­
tra and pop music). 

From Fig. 11, where MPEG-4 AAC at 24 and 30kbit/s 
mono is compared with MPEG HE AAC at 24 kbit/s, it 
is evident that the new HE AAC profile decoder outper­
forms the MPEG-4 AAC by a wide margin. The absolute 
performance of the HE AAC profile codec is very good 
at this low bitrate. From Fig. 12, where MPEG-4 AAC at 
48 and 60 kbit/s stereo is compared with MPEG HE AAC 
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Figure 11: Listening test results for MPEG-4 AAC compared with 
MPEG-4 HE AAC, mono. 
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Figure 12: Listening test results for MPEG-4 AAC compared with 
MPEG-4 HE AAC, stereo. 

at 48 kbit/s, it is evident that the new HE AAC profile de­
coder once again outperforms the MPEG-4 AAC. 

Clearly, based on the above test results, HE AAC pro­
file codec has overtaken the leading position in audio­
compression efficiency from the previous technology 
leader MPEG-4 AAC. 

4 INTEGRATING MPEG SBR INTO THE 
MPEG-4 FRAMEWORK 

4.1 Embedding SBR data into AAC: Extension 
payload 

SBR data is embedded into the AAC bitstream by 
means of the extension_payload() element, as shown 
in Fig. 13, and can therefore be combined with vari­
ous AAC object type flavours (for example AAC LC, 
AAC Scalable, ER AAC LC). 1\vo types of SBR ex­
tension data can be signalled through the extension_type 
field of the extension_payload(): EXLSBR..DATA and 
EXT _SBR..DATA_CRC. The latter includes a 10 bit CRC 
in addition to the SBR data. 

SBR can also be used in combination with a bitrate scal­
able system: 
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Figure 13: Conveying SBR data as extension payload of an AAC bit­
stream frame (this example: Stereo AAC LC). 

MPEG-4 Audio is inherently scalable. If, 
for example, a transmission uses an error­
prone channel with limited bandwidth, an au­
dio stream consisting of a small base layer and 
a larger extension layer provides a robust solu­
tion. Strong error protection on the base layer 
(adding only little overhead to the overall bit­
rate) makes sure there is always a signal, even 
with difficult reception. The extension layer 
(with little error protection) and base layer to­
gether give excellent quality in normal condi­
tions. Any errors lead only to a subtle degrada­
tion of quality but never in a total interruption 
of the audio stream. [26] 

Scalable AAC example As an example Fig. 14 shows 
a possible three layer scalable system without the use of 
the new SBR tool, similar to the one used in the 1998 
MPEG-4 Audio verification test [27]. The base layer in­
cludes a 20 kbit/s single channel AAC AOT with a sam­
pling rate of 24 kHz, which covers an audio bandwidth 
of typically up to 8 kHz. The second layer implements 
a mono/stereo scalability and results in a stereo signal 
with 24 kHz sampling rate and 8 kHz bandwidth. Such a 
layer typically requires another 16 kbit/s. The third layer 
extends the bandwidth of both channels to about 12 kHz 
and requires approx. another 16 kbit/s. Depending on the 
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Figure 14: Example of a scalable system without the SBR tool. 

quality of the transmission channel, a decoder might be 
able to decode one or more layers. Specifically when 
switching between the second and third layer, the change 
in bandwidth will be clearly noticeable and unpleasant to 
the listener. 

Scalable HE AAC example With MPEG SBR a new 
tool is standardized that significantly increases the qual­
ity of such a scalable system. As indicated in Fig. 15, the 
SBR tool allows for maintaining a constant bandwidth 
of the audio signal of typically 16kHz. Therefore the 
perceived audio quality in each layer is increased and 
the artifacts when switching between bandwidth scalable 
layers of the AAC core codec are reduced. Note, that 
the bandwidth scalability of the AAC core now becomes 
a crossover frequency scalability between the AAC and 
SBR algorithms while the overall bandwidth remains 
constant. HE AAC also allows for reducing the bitrate 
in each of the layers while maintaining the same audio 
quality. This is achieved by lowering the crossover fre­
quency between the AAC and SBR algorithms. In real­
world applications often a two-layer scalable configura­
tion is used. Mono ->stereo scalability and crossover 
scalability are then combined into a single enhancement 
layer. 

MPEG-4 HIGH EFFICIENCY AAC 
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Figure 15: Example of a scalable system with the SBR tool. Con­
trary to a scalable system without SBR, it provides a con­
stant bandwidth and requires lower bitrates by reducing the 
crossover frequency between the AAC and SBR cores. 

Embedding SBR data into a scalable system The 
scalable SBR data is embedded into the MPEG-4 stream 
in the same way as for non-scalable SBR data elements, 
by means of using the extension_payload(). For core 
coder bandwidth scalability, the SBR data is transmit­
ted in the lowest AAC core coder layer and the SBR data 
covers the largest SBR frequency range used in the scal­
able system. In case mono/stereo scalability is chosen, 
the lowest stereo layer also carries an SBR data element. 
Note, that in the example above there is no additional 
SBR data being transmitted as part of the third layer. 
The SBR decoder will automatically adapt to the new 
crossover frequency used by the AAC core codec. 

4.2 Methods for signaling SBR 

The combination of AAC and SBR provides a signifi­
cant increase of audio compression efficiency. At the 
same time it enables compatibility with existing AAC­
only decoders. An AAC-only decoder will play only the 
AAC part of an HE AAC bitstream resulting in lower au­
dio quality. There are several ways to signal the presence 
ofSBRdata: 

1. implicit signaling: if SBR extension elements 
(EXT _SBR..DATA or EXT _SBR..DATA_CRC) are 

AES 115TH CONVENTION, NEW YORK, NY, USA, 2003 OCTOBER 10-13 

9 

Google Exhibit No. 1041 
Page 009



WOLTERS ET AL. 

detected in the bitstream, this implicitly means that 
SBR data is present. This mode provides easy back­
ward compatibility with MC-only decoders but 
can introduce challenges when operating the de­
coder in a complex system such as an embedded 
device. The decoder needs to parse the payload at 
least partially in order to detect SBR. Only then can 
the output sampling rate be determined. 

2. explicit signaling: the presence of SBR data is sig­
naled by means of the AOT SBR in the AudioSpeci­
ficConfig(). This permits to convey configuration 
data specific to the SBR decoder, which includes 
separate specifications of the sampling rates for the 
SBR and AAC decoders. These specifications are 
also used to implicetly signal the down-sampling 
mode described in 3.3. If the sampling rates for 
the SBR and AAC decoders are identical, the down­
sampled SBR tool is used. Two types of explicit 
signaling are available: 

(a) hierarchical signaling: if the first AOT is sig­
naled as SBR, a second AOT is signaled which 
indicates the underlying AOT, e.g. AAC LC. 
This is a non backward compatible signaling 
method. 

(b) backward compatible signaling: the exten­
sionAOT is signaled at the end of the Au­
dioSpecificConfig(). This signaling method 
can only be used in systems that convey the 
length of the AudioSpecificConfig(). Because 
of this restriction, backward compatible ex­
plicit signaling can for example not be used 
with most LATM configurations. This mode 
does allow to explicitely signal the absence of 
SBR data as well and thus to explicitely sig­
nal the absence of implicit signaling. This cir­
cumvents the challenges that can occur when 
the ~ecoder needs to check for implicit signal­
ing. 

To achieve backward compatibility with existing AAC­
only decoders, a profile containing AAC (except HE 
AAC Profile) should be indicated on MPEG-4 Systems 
level (see Section 4.3) and either signaling method 1 or 
2b shall be used. Method 1 can also be used in context 
with MPEG-2 AAC, where the MPEG-4 AudioSpecific­
Config() is not available. 

MPEG-4 HIGH EFFICIENCY AAC 

4.3 New Profiles & Levels 

MPEG-4 provides a large and rich set of tools for the 
coding of audio objects. In order to allow effective im­
plementations of the standard, subsets of the tool set have 
been identified that can be used for specific applications. 
The function of these subsets, called "Profiles," is to limit 
the tool set a conforming decoder must implement. For 
each of these Profiles, one or more Levels have been 
specified, thus restricting the computational complexity. 

The High Efficiency AAC Profile is introduced as a su­
perset of the AAC Profile. Besides the AOT AAC LC 
(which is present in the AAC Profile), it includes the 
AOT SBR. Levels are introduced within these Profiles 
in such a way, that a decoder supporting the High Effi­
ciency AAC Profile at a given level can decode an AAC 
Profile stream at the same or lower level. 

Level Max. Max. Max. Max. 
chan- AAC AAC SBR 
nels sampling sampling sampling 
/object rate, rate, rate, 

SBR not SBR [kHz] 
present present (in/out) 
[kHz] [kHz] 

1 NA NA NA NA 
2 2 48 24 24/48 
3 2 48 48 48/48 
4 5 48 24/48 48/48 
5 5 96 48 48/96 

Table 1: Levels within the HE AAC Profile 

4.4 HE AAC signaling: Use Scenarios 

Contrary to previous sections which described the techni­
cal specifications of HE AAC signaling from a MPEG-4 
point of view, this section will look at these meth­
ods from a system integrator's point of view. On 
a high level, it can be distinguished between content 
providers/creators, decoder manufacturers, and system 
designers (e.g. closed systems for digital broadcasting 
etc.). Whereas the first group is in control of the encod­
ing side only, and the second group is in control of the 
decoder only, the third group has the advantage of being 
in control over the complete signal chain. 

Choosing a format The combination of the different 
signaling methods, as described in Section 4.2, with 
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the different transport multiplexes as defined in Sec­
tion 2.3, results in a large variety of bitstream formats for 
HE AAC. It should be noted that these different trans­
port formats do not have any effect on the format of 

• AAC raw_data_block. Thus transforming content from 
one into another transport format is a rather simple pro­
cess. Therefore, as indicated in Fig. 3, a content provider 
might store data in the MPEG-4 file format (MP4FF) and 
then repackage it for the different distribution channels 
and configurations. On the other hand a decoder manu­
facturer needs to decide up-front which formats to sup­
port. It is conceivable that many MPEG-4 decoder man­
ufacturers will include support for the ADIF and ADTS 
formats in order to be able to play back the widest possi­
ble range of bitstream formats. 

4.4.1 HE AAC for content providers 

As a content provider/creator, one can decide who will 
be able to decode the bitstreams. In general, HE AAC 
is backward compatible to existing AAC-only decoders. 
However, using decoders without the SBR tool will of 
course result in lower audio quality. It is possible to 
use signaling such that only users with new HE AAC 
decoders can decode the content. This is useful in or­
der to guarantee the full audio quality for all listeners. 
In such a scenario, backwards compatibility to existing, 
older, AAC-only decoders is explicitely disabled. 

Supporting only HE AAC decoders This can be 
achieved by indicating the new HE AAC profile. Legacy 
AAC decoders will not play back such audio content. On 
the other hand new HE AAC decoders have to use both, 
AAC and SBR decoder tools. 

Supporting legacy MPEG-4 AAC-only decoders 
There are two signaling methods that will allow even 
legacy MPEG-4 AAC-only decoders to decode new 
HE AAC content. See Section 4.2 for details. In either 
case legacy AAC decoders will skip the SBR data, while 
new HE AAC decoders use that data to configure and call 
the SBR tool. 

Supporting MPEG-2 and MPEG-4 decoders As 
long as implicit signaling for the SBR tool and the 
AAC LC AOf without the PNS tool are used, HE AAC 
can be formatted such that both MPEG-2 and MPEG-4 

MPEG-4 HIGH EFFICIENCY AAC 

decoders can decode the content. MPEG is preparing a 
new release of the MPEG-2 standard to support this con­
figuration [28]. Thus it is possible to create HE AAC 
content which can be decoded by MPEG-2 and MPEG-4 
AAC decoders. Such HE AAC bitstreams will be de­
coded by AAC-only and HE AAC decoders, thus guar­
anteeing the largest number of compatible decoders. 

4.4.2 HE AAC for decoder manufacturers 

The MPEG standard defines profiles and levels to sup­
port interoperability between different encoder and de­
coder implementations. In general a decoder manufac­
turer is free to support any subset of tools as required. 
However, a MPEG conformant decoder needs to imple­
ment at least the subset of tools specified for a specific 
profile and level. Ultimately it will be important that 
the decoder can decode the desired content, which is de­
pendent on the settings used by the content creator. An 
MPEG conformant encoder will also take into account 
the different profiles and levels so that interoperability 
between encoders and decoders is guaranteed. However, ' 
one cannot foresee at this point, what kind oflevels might 
be used mostly by content creators. 

Computational complexity Specifically for manufac­
turers of embedded decoders the computational com­
plexity is a main concern. The MPEG standard allows for 
controling the computational complexity of a HE AAC 
decoder by means of the following three methods: 

1. In situations where the listening environment is not 
as demanding, a specific low-power decoder can be 
used. See Section 3.2 for details on this tool, and 
Section 5 .1 for detailed complexity assessments. 

2. In general the SBR decoder operates at double the 
sampling rate of the AAC core coder. (Dual-rate 
system). However, in situations where a lower out­
put sampling rate is sufficient (e.g. some portable 
devices) the SBR tool can run in a down-sampled 
mode, where the input and output sampling rate are 
identical. (See Section 3.3 for details.) 

3. As the complexity increases with increasing levels it 
is important to only support the required level. The 
different levels differ in the maximum number of 
channels as well as the maximum sampling rates of 
the AAC core and SBR tool as indicated in Table 1. 
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Following a few examples of how these options could be 
combined: 

• Basic configuration for cell phones: Since the lis­
tening environment is not very demanding but com­
putational resources might be extremely limited, a 
down-sampled, low-power HE AAC decoder sup­
porting level 2 of the HE AAC profile might be suit­
able. 

• Basic configuration of a portable flash player: The 
listening environment might be more demanding 
than in the case of a cell phone. A high quality 
HE AAC decoder supporting level 2 of the HE AAC 
profile might be suitable. 

• Basic configuration of a high-end hard-disk player: 
Assuming the player does not support multichan­
nel playback, a high quality HE AAC decoder sup­
porting level 2 and 3 of the HE AAC profile might 
be suitable. Level 3 will allow to play back high­
quality, high-bitrate files that utilize a samplerate of 
up to 48 kHz for the AAC core coder. 

• Basic configuration of a desktop decoder: A high­
quality HE AAC decoder supporting levels 2 to 5 of 
the HE AAC profile might be suitable for a state of 
the art desktop decoder. This will allow play back 
of up to 5 channels and an output sampling rate of 
up to 96kHz. 

4.4.3 HE AAC for digital broadcasting 

The category of digital broadcasting applications in­
cludes proprietary digital radio systems such as XM 
Satellite Radio [29], digital radio standards such as Dig­
ital Radio Mondiale (DRM) [30], Internet-radio appli­
cations, or standards such as HDTV, DVD etc. These 
scenarios are similar in that they describe closed sys­
tems where MPEG conformance is not of major concern. 
However, using tools that are described in the MPEG 
standard and combining them into a new system is not 
only possible, but is a major concept behind the complete 
MPEG-4 standard. Although conformance and thus spe­
cific profiles and levels are unimportant, computational 
complexity of the decoder continues to be an area of ma­
jor concern. So the same concepts as in the previous sec­
tion also apply here. 

A special case is digital broadcasting over noisy chan­
nels. For such a situation, a system that can adapt to the 

MPEG-4 HIGH EFFICIENCY AAC 

quality of service of the transmission channel is desire­
able. MPEG-4 introduces scalable audio codecs for such 
a scenario and the SBR tool supports and enhances this 
configuration as well. Section 4.1 includes an example 
for such a scalable system. 

5 IMPLEMENTATIONS AND APPLICATIONS 

With HE AAC, MPEG once more standardized a leading 
technology that is suitable for many existing and emerg­
ing markets and applications. The coding efficiency is 
high enough to support multichannel applications at low 
bitrates. A 5 .1 bitstream at 112 kbit/s has been demon­
strated and can support areas such as audio/video appli­
cations. 

MPEG-4 HE AAC is a proven technology which has 
been widely deployed and is ready for use today. Ref­
erence decoder source code will soon be made available 
through MPEG and optimized source code for both en­
coders and decoders is available for license from com­
panies such as Coding Technologies. Optimized binary 
implementations for Win32, Linux, MacOS X, ST Mi­
cro, ARM, Motorola, TI C64x & C55x, and Trimedia are 
presently available and other firmware implementations 
are being completed. 

This section will first list the computational requirements 
of HE AAC decoder implementations. It will be shown, 
that despite the fact that the quality of HE AAC com­
pared to plain AAC is significantly increased, the com­
putational complexity • of HE AAC is still comparable 
to a plain AAC decoder. In case of the already men­
tioned Low power decoder, the computational complex­
ity is even identical to that of a plain AAC decoder. Thus 
HE AAC can indeed be implemented on low-power de­
vices such as cell phones, enabling the delivery of full­
band audio signals at a quality level that was not conceiv­
able until today. 

Section 5.2 then lists a few examples of applications and 
use scenarios that are well suited for HE AAC. 

5.1 Computational complexity; 

The computational complexity of decoders is a major 
factor in deploying codecs in real-world applications. 
Specifically in mobile devices, computational complex- · 
ity and memory requirements are directly related to 
power consumption and implementation cost. HE AAC 
was specifically designed to minimize these resources. 
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Since HE AAC adds additional algorithms to the decod­
ing process compared to plain AAC, one might expect a 
significant increase in computational complexity. How­
ever, as described in Section 3.3, the AAC core typically 
runs at half the output sampling rate. Thus the AAC core 
only requires about 50 % of the computational complex­
ity compared to an AAC core running at the full sampling 
rate. The remaining.resources are then being used by the 
additional SBR tool. 

The MPEG standard indicates the computational com­
plexity of various profiles, levels, and decoders by means 
of an abstract assessment based on Processor Complex­
ity Units (PCU) and RAM Complexity Units (RCU). Al­
though these numbers are suitable as a general, platform 
independent indicator of the computational complexity, 
a set of real-world numbers for embedded implementa­
tions is often a better approach. The numbers published 
in this paper are derived from implementations based on 
Coding Technologies Fixed-Point Firmware Reference 
Code (FFR) [31] [32] which is optimized in terms of me­
mory usage and processing power. This code has been 
ported to various platforms so that the resulting perfor­
mance numbers provide a realistic overview of the com­
plexity. 

Table 2 indicates the distribution of processing power be­
tween the AAC and the SBR decoder for a 24-bit and a 
16-bit processor. All numbers given in this document re­
late to 44.1 kHz stereo operation. To achieve the superior 
audio quality of HE AAC a data width of at least 20 bits 
is required. Thus large parts of the SBR decoder need 
to be implemented using double precision arithmetic on 
devices with smaller data width, such as common 16-bit 
devices. Table 2 shows this difference in computational 
complexity. 

Low power decoder As already described in Sec­
tion 3.2, the MPEG SBR tool is available in two versions: 
High-quality (HQ) and Low power (LP). The difference 
only affects the decoding process. The encoder and the 
bitstream are identical and do not contain any informa­
tion regarding these two versions. Which decoding pro­
cess is used can be chosen depending on the application 
and the need to reduce power consumption and/or chip 
size. The high-quality version offers better audio quality 
at the cost of greater computational complexity. It should 
be used in situations where audio quality is most impor­
tant. The Low power version results in a reduced au­
dio quality but also requires less computational resources 

MPEG-4 HIGH EFFICIENCY AAC 

AAC SBR Total 
HE AAC @24 bit 5 3 8 
HE AAC @16 bit 9 4 13 

Table 3: Distribution of ROM usage in KWords between AAC decoder 
and SBR decoder 

for both memory and complexity. Typical scenarios for 
the Low power version are mobile devices where com­
plexity and thus power consumption is critical while the 
listening environment is usually not as demanding as in 
other applications. Table 2 shows that the computational 
complexity of the Low power decoder does not exceed 
the requirements of a plain AAC decoder. Thus better 
compression technology at the same computational cost 
is achieved. 

Memory requirements Tables 3 and 4 summarize the 
memory requirements of the different HE AAC decoder 
implementations. The total data memory required can be 
as low as 20 KWords depending on the target platform 
and the chosen decoder implementation. 

5.2 Applications and Use scenarios 

The unique capability of HE AAC to achieve high qual­
ity at very low bitrates not only enhances existing mar­
kets but also enables new markets for digital audio. 
Where transmission bandwidth is constrained, the value 
of "High-efficiency AAC" is magnified. It not only en­
hances audio-only services, but also video services like 
digital TV. By coupling HE AAC with MPEG-4 Video, 
more bits can be allocated to the video signal without 
degrading the quality of the audio signal. This is true 
for mono, stereo, and multichannel applications. Com­
bined with the new MPEG/ITU Advanced Video Coding 
(AVC) standard (included in MPEG-4 as part 10), even 
more significant gains in quality are possible. 

Licensing Licensing of the SBR technology follows 
the simple licensing model ofMPEG-4 AAC with annual 
caps for personal computer applications, per-unit fees for 
hardware devices and no additional fees for electronic 
music distribution. Licensing for HE AAC consists of 
two parts with schedules and details available from Cod­
ing Technologies [33] for the SBR object types and from 
Via Licensing [34] for the AAC object types. 
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AAC0 SBR Total 
HE AAC HQ @ 24-bit 10 15-20 25-30 
HE AAC LP @ 24-bit 10 ca. 10 ca.20 
HE AAC HQ@ 16-bit 20 30-40 50-60 
HE AAC LP @ 16-bit 20 ca.20 ca.40 
plain AAC (full sampling rate) @ 24-bit 20 - 20 
plain AAC (full sampling rate) @ 16-bit 40 - 40 

a runs at half sampling rate in HE AAC 

Table 2: Distribution of computational complexity in MIPS between the AAC and SBR decoder (stereo@ 44.1 kHz f , ). The complexity on 16-bit 
devices is largely dependent on the number of cycles needed to execute a double precision multiply-accumulate (MAC) instruction. Above 
estimates assume three cycles per double-precision MAC. 

input AAC SBR output Total 
static dynamic static dynamic 

HE AAC HQ @24 bit 0.7 2.5 2 4 3 4 ~ 15 
HE AAC LP @24 bit 0.7 2.5 2 ca.3 ca. 1 4 ~ 12 
HE AAC HQ @ 16 bit 0.7 4 4 7 8 4 ~24 
HE AAC LP @16 bit 0.7 4 4 ca. 6 ca.4 4 ~ 19 

Table 4: Distribution of RAM usage in KWords between the AAC core and SBR (stereo) 

Mobile streaming and download There is significant 
expectation for mobile multimedia services associated 
with the new 2.5G and 3G mobile service networks. 
Streaming video and other high-bandwidth services have 
been showcased as the ideal applications for this new in­
frastructure. The problem is that for much of the cov­
erage area the peak bandwidth in these networks is gen­
erally around 144 kbit/s with individual users sustaining 
connections of about 40 kbit/s [35]. Delivering quality 
video over this type of connection is problematic and 
may not meet the consumer expectation. HE AAC is 
well suited to solve this problem by being able to pro­
vide consumer-grade download and streaming audio ser­
vices within today's bandwidth. 48 kbit/s HE AAC pro­
vides CD-quality stereo programming while at 32 kbit/s, 
it provides excellent quality stereo programming. These 
bitrates combined with the growing market for subscrip­
tion audio services show a strong business opportunity 
starting in 2003 on into 2004 and beyond. 

Digital broadcast via satellite and cable aacPlus 
gained its first commercial success with XM Satellite Ra­
dio [29]. It allowed XM Radio to launch the most suc­
cessfull digital radio system in the US to date. aacPlus 
was also selected by the Digital Radio Mondiale [30] 

consortium as part of the standard for Shortwave and 
AM digital radio. This heritage has brought credibility 
for HE AAC in the open standards world of digital satel­
lite and cable broadcasting. As operators look to enhance 
their services with more channels or with high-definition, 
the efficiency of HE AAC gives them more options to 
either consolidate audio bandwidth to make room for 
more video or to layer more audio services like multilin­
gual and 5.1 surround. Since Spectral Band Replication 
(SBR) is being added to the MPEG-2 standard as well, 
operators have the flexibility to use HE AAC within the 
MPEG-2 or MPEG-4 context as desired. 

Internet distribution Video on demand and subscrip­
tion content services are continuing to grow on the In­
ternet. In these services, aggregate server bandwidth us­
age and last-mile bandwidth constraints make it difficult 
for operators and aggregators to provide high-quality, 
reliable services to consumers. By cutting the band­
width requirements for audio nearly in half, MPEG-4 
both reduces costs and increases reliability for Internet 
content services. In addition the flexible signaling of 
HE AAC within the MPEG-4 framework as described in 
Section 4.2 allows to control the user's listening expe­
rience. The content provider can for example decide if 
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the new HE AAC bitstreams can be played back on plain 
AAC decoders as well as on HE AAC decoders. This 
trade off between backward compatibility and guaran­
teed audio quality at the decoder can be chosen for in­
dividual bitstreams. 

6 CONCLUSIONS 

The flexible integration of the new MPEG SBR tool into 
the MPEG-4 framework allows to control the backwards 
compatibility of HE AAC. Audio content can be pack­
aged such that only HE AAC decoders can play back the 
audio streams or it can be packaged so that legacy AAC 
decoders can play back the new content as well, albeit 
at a lower audio quality. As such MPEG SBR integrates 
perfectly into MPEG-4 and enhances this open toolbox 
with an important audio coding method. 

MPEG-4 also provides several transport protocols that 
support streaming applications as well as file based stor­
age. The MPEG-4 framework guarantees the easy inte­
gration of HE AAC with MPEG video, thus combining 
state of the art video coding with state of the art audio 
coding. High quality multichannel and multilingual au­
dio content at low bitrates thus becomes available for de­
ployment in various audio/video application, enabling a 
whole new market for content storage and distribution. 

In addition MPEG standardized for the first time two au­
dio decoders that can both decode the same audio con­
tent: A high-quality version as well as a low power ver­
sion. The availability of both decoders for HE AAC en­
ables the standard to run on the widest possible range 
of processors in mobile and portable device applications. 
The flexibility in content creation as well as decoder 
implementation make HE AAC a highly effective yet 
generic MPEG-4 profile. This reflects the true spirit of 
the MPEG-4 standard: Providing a set of state of the art 
multimedia technologies that can be combined to support 
all multimedia applications. 
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