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1
UPSAMPLING USING OVERSAMPLED SBR

Matter enclosed in heavy brackets | ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue; a claim printed with strikethrough
indicates that the claim was canceled, disclaimed, or held
invalid by a prior post-patent action or proceeding.

10

CROSS-REFERENCE TO RELATED
APPLICATIONS

[This application] The present application is a reissue
application of U.S. application Sev. No. 14/357,188, which 15

was filed on May 8§, 2014, and issued as U.S. Pat. No.
9530424 on Dec. 27, 2016, which is the National Stage of
International Application No. PCI/EP2012/07239)5, filed on
Nov. 12, 2012, and which claims priority to U.S. Provisional
Application No. 61/558,519, filed Nov. 11, 2011], which is 20
hereby incorporated by reference in its entirety]. The entire
contents of each of the foregoing are incovporated herein by
reference.

TECHNICAL FIELD 25

The present document relates to audio encoding and
decoding. In particular, the present document relates to

audio encoding/decoding which involves spectral band rep-
lication (SBR) techniques. 30

BACKGROUND

HFR (High Frequency Reconstruction) techniques, such
as Spectral Band Replication (SBR), allow for a significant 35
improvement of the coding efliciency of traditional percep-
tual audio codecs. In combination with MPEG-4 Advanced
Audio Coding (AAC), HFR forms a very eflicient audio
codec, which 1s already 1n use within the XM Satellite Radio
system and Digital Radio Mondiale, and also standardized 40
within 3GPP, DVD Forum and others. The combination of
AAC and SBR 1s called aacPlus. It 1s part of the MPEG-4
standard where it 1s referred to as the High Efficiency AAC
Profile (HE-AAC). In general, HFR technologies can be
combined with any perceptual audio codec 1 a back and 45
forward compatible way, thus offering the possibility to
upgrade already established broadcasting systems like the
MPEG Laver-2 used in the Eureka DAB system. HFR
transposition methods can also be combined with speech
codecs to allow wide band speech at ultra low bit rates. 50

The basic 1dea behind HRF (or SBR 1n particular) 1s the
observation that there usually exists a strong correlation
between the characteristics of the high frequency range of a
signal (referred to as the high frequency component) and the
characteristics of the low frequency range of the same signal 55
(referred to as the low frequency component). Thus, a good
approximation for the representation of the original input
high frequency range of a signal can be achieved by a signal
transposition from the low frequency range to the high
frequency range. 60

Audio signals may be provided at diflerent sampling rates.
Users of an audio codec typically want to be able to encode
audio signals at various input sampling rates. In a similar
manner, users of an audio codec want to be able to select
various sampling rates at an output of the audio decoder. By 65
way of example, a user makes use of an audio codec to
encode uncompressed audio signals (e.g. from a compact

2

disk, from way-files, or from media libraries). These uncom-
pressed audio signals may be at various input sampling rates

such as 24, 32, 44.1 or 48 kHz which are supported by
various rendering devices (1V, mp3 players, smart phones,
etc.).

As such, the audio codec should be able to handle various
sampling rates at the input to the encoder and should be able
to provide various sampling rates at the output of the
decoder. In particular, the audio codec should be able to
convert the sampling rates of audio signals at the input and
at the output of the audio codec 1n a flexible and processor
cilicient manner. By way of example, a user may select an
output sampling rate of 48 kHz vs. and mput sampling rate
of 24 kHz. In this case, the audio codec should be able to
provide a sampling rate conversion (upsampling by a factor
of two) which requires low computational complexity. In
particular, the computational complexity related to the
upsampling should be reduced (or, if possible, the necessity
of explicit upsampling, using a conventional resampler,
should be removed completely).

The present document describes audio codecs which
make use of high frequency reconstruction, notably audio
codecs using SBR, which are configured to perform sam-
pling rate conversion of audio signals at reduced computa-
tional complexity.

SUMMARY

According to an aspect, an encoder for an audio signal at
a signal sampling rate 1s described. The encoder 1s an SBR
based encoder. As such, the encoder comprises a core
encoder adapted to encode a low frequency component of
the audio signal at the signal sampling rate, thereby gener-
ating a core encoded bitstream. In other words, the core
encoder operates directly on the audio signal at the signal
sampling rate without prior downsampling to a lower sam-
pling rate. The core encoder encodes the low frequency
component of the audio signal, wherein the low frequency
component typically comprises the frequencies of the audio
signal below an SBR start frequency. The core encoder may
be adapted to perform e.g. advanced audio encoding (AAC),
or MPEG-1 or MPEG-2 Audio Layer III (1.e. mp3) encod-
ng.

In addition, the encoder comprises a spectral band repli-
cation (SBR) encoding unit which 1s adapted to determine a
plurality of SBR parameters subject to one or more SBR
encoder settings. Typically, the plurality of SBR parameters
1s determined such that a high frequency component of the
audio signal at the signal sampling rate can be approximated
(or reconstructed) based on the low frequency component of
the audio signal and the plurality of SBR parameters. In
other words, the plurality of SBR parameters are determined
such that a corresponding SBR decoder 1s enabled to deter-
mined a reconstructed high frequency component from the
(reconstructed) low frequency component and the plurality
of SBR parameters. Typically, the high frequency compo-
nent comprises Ifrequencies of the audio signal above the
SBR start frequency.

The plurality of SBR parameters typically comprises
parametric data which describes a spectral envelope of the
high frequency component in conjunction with the low
frequency component. As such, the plurality of SBR param-
cters may allow to approximate a spectral envelope of the
high frequency component from spectral data comprised
within the low frequency component. The one or more SBR
encoder settings are typically provided to a corresponding

decoder 1n a so called SBR header.
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Furthermore, the encoder comprises a multiplexer
adapted to generate an overall bitstream comprising the core
encoded bitstream, the plurality of SBR parameters and an
indication of the one or more SBR encoder settings applied
by the SBR encoder. The overall bitstream may be trans-
mitted to a corresponding decoder (e.g. via a wireless or
wireline network) or the overall bitstream may be stored in
a data file. Typically, the overall bitstream 1s provided 1n an
appropriate data format, e.g. the overall bitstream may be
encoded 1n an MP4 format, a 3GP format, a 3G2 format, or
a Low-overhead MPEG-4 Audio Transport Multiplex
(LATM) format. In more general terms, the overall bitstream
may be encoded (by the encoder, e.g. by the multiplexer) in
a format which uses explicit SBR signaling. There may be
two types of explicit SBR signaling, a backward compatible
and a non-backward compatible explicit SBR signaling (as
described 1n ISO/IEC 14496-3, section 1.6.5.2 Implicit and
explicit signaling of SBR). The specification ISO/IEC
14496-3, section 1.6.5.2 Implicit and explicit signaling of
SBR, describes how SBR may be signaled. This specifica-
tion (in particular, the cited section) 1s incorporated by
reference. The relevant information indicating whether
Oversampled SBR 1s used or not may be stored in a data
entity of the overall bitstream, e.g. the AudioSpecific-
Config( ). In the AudioSpecificConfig( ), two different
sampling rate values may be conveyed, the samplingFre-
quency and the extensionSamplingFrequency. The ratio
between the two different sampling rates may indicate the
usage ol Oversampled SBR. For Oversampled SBR, the
extensionSamplingFrequency 1s typically twice the sam-
plingFrequency (wherein the sampling Frequency typically
corresponds to the sampling rate of the core encoder).

The multiplexer (or more generally, the encoder) may be
adapted to generate standard conform bitstreams (e.g. the
MP4FF 1n ISO/IEC 14496-12 which 1s incorporated by
reference).

The encoder may be adapted to ensure that the generated
overall bitstream does not indicate that the core encoded
bitstream has been determined by encoding the low fre-
quency component at the signal sampling rate. In other
words, the overall bitstream may be silent with regards to the
fact that the core encoder has not applied a downsampling
prior to encoding the audio signal, but has core encoded the
audio signal directly at the signal sampling rate. Alterna-
tively or 1n addition, the encoder may be adapted to ensure
that the generated overall bitstream indicates that the core
encoded bitstream has been determined by encoding the low
frequency component at a sampling rate lower than the
signal sampling rate, ¢.g. at half of the signal sampling rate.
In the context of explicit SBR signaling, this may be

achieved by providing appropriate information within the
AudioSpecificConfig( ) (as specified e.g. 1n ISO/IEC 14496-

3, Table 1.1.3-Syntax of AudioSpecificConfig( ) which 1s
incorporated by reference). In particular, the encoder (e.g.
the core encoder 1n conjunction with the SBR encoder which
together may be referred to as the high efliciency (HE)
encoder) may be adapted to ensure that the ratio of the value
extensionSamplingFrequency over the value of sampling-
Frequency 1s different to two, e.g. smaller than two, e.g.
equal to one. As such, the encoder may be adapted to
generate an overall bitstream which indicates that the
encoder operates 1 a dual-rate mode. The modification of
the extensionSamplingFrequency may be performed by the
core encoder in conjunction with the SBR encoder, As such,
in an embodiment, the HE encoder provides a particular
value for the extensionSamplingkrequency (e.g. an exten-
sionSamplingFrequency which 1s equal to the samplingFre-
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quency) to the multiplexer and the multiplexer includes this
value mto the AudioSpecificConfig( ) of the overall bit-
stream.

In the case of a high efliciency advanced audio coding
(HE-AAC) encoder, the encoder may be specified as
HE-AAC encoder operating in an oversampled SBR mode
In more general terms, one may refer to an SBR based
encoder operating i an oversampled SBR mode. This
encoder 1s adapted to generate an overall bitstream com-
prising the core encoded bitstream, the plurality of SBR
parameters and an indication of the one or more SBR
encoder settings used to determine the SBR parameters.
Furthermore, the encoder may be adapted to ensure that the
generated overall bitstream does not indicate (or is silent
about the fact) that the encoder operates 1n the oversampled
SBR mode. Alternatively or in addition, the encoder may be
adapted to ensure that the generated overall bitstream indi-
cates that the encoder operates 1n the dual-rate SBR mode.
As 1ndicated above, this may be achieved by providing
appropriate data within the AudioSpecificConfig( ).

The encoder may make use of a plurality of parameter
tuning tables to define the one or more SBR encoder settings
in dependence of one or more encoder constraints or con-
ditions (also referred to as criteria or mput parameters).
Typically, the plurality of parameter tuning tables 1s deter-
mined based on perceptual measurements, 1n order to enable
a perceptually optimized performance of the encoder under
the corresponding encoder condition.

As such, the SBR encoding unit may be adapted to
determine the one or more SBR encoder settings from one
of a plurality of parameter tuning tables. As indicated above,
cach of the plurality of parameter tuning tables may define
the one or more SBR encoder settings in dependence of one
or more encoder conditions. In other words, a parameter
tuning table (comprising the one or more SBR encoder
settings) may be defined for a particular combination of the
one or more encoder conditions. The one or more encoder
conditions may comprise any one or more of: a lower target
bit rate, a higher target bit rate, a sampling rate used by the
core encoder, a number of channels comprised within the
audio signal, an indication of the use of an oversampled
encoding mode instead of a dual-rate mode.

As outlined above, 1n the oversampled encoding mode,
the core encoder encodes the low frequency component of
the audio signal at the signal sampling rate. On the other
hand, i the dual-rate encoding mode, the core encoder
encodes the low frequency component of the audio signal at
a reduced sampling rate, e.g. at half the signal sampling rate.
The encoder may be adapted to ensure that the overall
bitstream does not indicate that the encoder has used the
oversampled encoding mode to generate the overall bait-
stream.

Furthermore, the encoder may be adapted to select an
appropriate parameter tuning table from the plurality of
parameter tuning tables, and to use the one or more SBR
encoder settings defined 1n the appropriate parameter tuning
table for determining the plurality of SBR parameters.
Typically, an encoder which operates 1mn an oversampled
encoding mode uses parameter tuning tables which are
defined for the encoder condition indicating the use of the
oversampled encoding mode. In order to ensure the deter-
mination of an approprlate plurality of SBR parameters in
the upsampling scenario described 1n the present document,
the encoder (and in particular, the SBR encoding unit) may
be adapted to use a dual-rate parameter tuning table from the
plurality of parameter tuning tables. The dual-rate parameter




US RE48,258 E

S

tuning table 1s defined for the encoder condition indicating,
the use of the dual-rate encoding mode.

In order to reduce the complexity of the encoder, the
encoder may be adapted to modily at least one of the one or
more SBR encoder settings defined by the dual-rate param-
cter tuning table. In particular, the dual-rate parameter
tuning table may be defined for the (further) encoder con-
dition that the sampling rate used by the core encoder
corresponds to the signal sampling rate. Furthermore, the
dual-rate parameter tuning table may define a dual-rate SBR
stop Irequency as one of the one or more SBR parameter
settings. The encoder (and in particular, the SBR encoding
unit) may be adapted to use an SBR stop frequency for
determining the plurality of SBR parameters, wherein the
SBR stop frequency 1s smaller than the dual-rate SBR stop
frequency. As such, the encoder 1s adapted to focus the SBR
encoding on frequency bands of the audio signal which
comprise signal energy.

In addition, the dual-rate parameter tuning table may
define a dual-rate SBR start frequency as one of the one or
more SBR encoder settings. The encoder (and in particular,
the SBR encoding unit) may be adapted to use an SBR start
frequency for determining the plurality of SBR encoder
settings, wherein the SBR start frequency corresponds to the
dual-rate SBR start frequency.

The encoder may further comprise an upsampling unit
adapted to upsample the audio signal at a first sampling rate
to provide the audio signal at the signal sampling rate,
wherein the first sampling rate 1s smaller than the signal
sampling rate. In other words, an upsampling unit may be
used to upsample the audio signal from a first sampling rate
to the signal sampling rate. The encoder may then be adapted
to determine the SBR stop frequency which 1s used to SBR
encode the audio signal based on the first sampling rate. In
particular, the encoder may select the SBR stop frequency to
be close to half of the first sampling rate.

It should be noted that the SBR stop frequency i1s typically
selected on a pre-determined frequency grid (e.g. a gnd
provided by a quadrature mirror filter bank). Furthermore,
there may be restrictions on the selection of the SBR stop
frequency with regards to the value of the SBR start fre-
quency. By way of example, it may be imposed by the SBR
encoder that the SBR stop frequency 1s at least a predeter-
mined number of frequency bands (e.g. three QMF bands)
above the SBR start frequency. In such cases, the encoder
may select the SBR stop frequency to be as close as possible
to half of the first sampling rate or to half of the signal
sampling rate (while taking into account the minimum
required distance to the SBR start frequency and/or while
taking 1nto account the pre-determined frequency grid).

The SBR encoding unit typically comprises an analysis
filter bank (e.g. a quadrature mirror filter bank, QMF)
adapted to provide a plurality of subband signals from the
audio signal. Furthermore, the SBR encoding unit may
comprise an SBR encoder adapted to assign a first subset of
the plurality of subband signals to the low frequency com-
ponent; assign a second subset of the plurality of subband
signals to the high frequency component; and determine the
plurality of SBR parameters from the first and second
subsets.

As indicated above, the one or more SBR encoder settings
typically comprise an SBR start frequency, wherein the SBR
encoding unit 1s restricted to determine the plurality of SBR
parameters for frequencies of the high frequency component
which are at or above the SBR start frequency. Furthermore,
the one or more SBR encoder settings typically comprise an
SBR stop frequency, wherein the SBR encoding unit 1s
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6

restricted to determine the plurality of SBR parameters for
frequencies of the high frequency component which are at or
below the SBR stop frequency.

According to a further aspect, an audio codec adapted to
upsample an audio signal at a signal sampling rate to a
higher sampling rate (e.g. to twice the signal sampling rate
or more) 1s described. The audio codec 1s an SBR audio
codec and comprises an encoder for the audio signal at the
signal sampling rate and a corresponding decoder. The
encoder comprises a core encoder adapted to encode a low
frequency component of the audio signal at the signal
sampling rate, thereby generating a core encoded bitstream.
Furthermore, the encoder comprises an SBR encoding unit
adapted to determine a plurality of SBR parameters subject
to one or more SBR encoder settings. The plurality of SBR
parameters 1s determined such that a high frequency com-
ponent of the audio signal at the signal sampling rate can be
approximated based on the low frequency component of the
audio signal and the plurality of SBR parameters. In addi-
tion, the encoder comprises a multiplexer adapted to gen-
crate an overall bitstream comprising the core encoded
bitstream, the plurality of SBR parameters and an indication
of the one or more SBR encoder settings.

The corresponding decoder 1s adapted to receive the
generated overall bitstream. The decoder comprises a core
decoder adapted to generate a reconstructed low frequency
component at the signal sampling rate from the core encoded
bitstream. The core decoder may be a corresponding decoder
to the core encoder (e.g. AAC or mp3). Furthermore, the
decoder comprises an analysis filter bank (e.g. a QMF filter
bank) adapted to generate N (e.g. N=32) subband signals of
the reconstructed low frequency component. In addition, the
decoder comprises an SBR decoder adapted to generate N
subband signals of a reconstructed high frequency compo-
nent based on the N subband signals of the reconstructed low
frequency component, based on the plurality of SBR param-
cters and based on the one or more SBR encoder settings.
The decoder makes use of a synthesis filter bank (e.g. a QMF
filter bank) comprising 2N frequency bands, to generate a
reconstructed audio signal at twice the signal sampling rate
from the N subband signals of the reconstructed low ire-
quency component and from the N subband signals of the
reconstructed high frequency component.

In other words, the SBR based codec (e.g. the HE-AAC
codec) may be adapted to upsample an audio signal at a
signal sampling rate. The SBR based codec comprises an
SBR based encoder (e.g. an HE-AAC encoder) operating 1n
an oversampled SBR mode. The SBR based encoder (e.g.
the HE-AAC encoder) 1s adapted to generate an overall
bitstream comprising a core encoded bitstream, a plurality of
SBR parameters and an indication of the one or more SBR
encoder settings used to determine the SBR parameters.
Furthermore, the codec comprises an SBR based decoder
(e.g. a HE-ACC decoder) operating 1n a dual-rate mode. The
SBR based decoder (e.g. the HE-ACC decoder) 1s adapted to
generate a reconstructed audio signal at twice the signal
sampling rate from the overall bitstream.

According to another aspect, a method for encoding an
audio signal at a signal sampling rate 1s described. The
method may comprise encoding a low frequency component
of the audio signal at the signal sampling rate, thereby
generating a core encoded bitstream. In addition, the method
may comprise determining a plurality of SBR parameters
subject to one or more SBR encoder settings. The plurality
of SBR parameters 1s determined such that a high frequency
component of the audio signal at the signal sampling rate can
be approximated based on the low frequency component of
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the audio signal and the plurality of SBR parameters.
Furthermore, the method comprises generating an overall

bitstream comprising the core encoded bitstream, the plu-
rality of SBR parameters and an indication of the one or
more SBR encoder settings. The method ensures that the
generated overall bitstream does not indicate that the core
encoded bitstream has been determined by encoding the low
frequency component at the signal sampling rate.

According to another aspect, a method for upsampling an
audio signal at a signal sampling rate 1s described. The
method may comprise encoding a low frequency component
of the audio signal at the signal sampling rate, thereby
generating a core encoded bitstream. The method may
proceed 1n determining a plurality of SBR parameters sub-
ject to one or more SBR encoder settings. The plurality of
SBR parameters 1s determined such that a high frequency
component of the audio signal at the signal sampling rate can
be approximated based on the low frequency component of
the audio signal and the plurality of SBR parameters. The
method may comprise generating a reconstructed low Ire-
quency component at the signal sampling rate from the core
encoded bitstream. In addition, the method may comprise
generating N subband signals of the reconstructed low
frequency component, and generating N subband signals of
a reconstructed high frequency component based on the N
subband signals of the reconstructed low frequency compo-
nent, based on the plurality of SBR parameters and based on
the one or more SBR encoder settings. Eventually, the
method generates a reconstructed audio signal at twice the
signal sampling rate from the N subband signals of the
reconstructed low frequency component and from the N
subband signals of the reconstructed high frequency com-
ponent.

According to a further aspect, a soltware program 1s
described. The software program may be adapted for execu-
tion on a processor and for performing the method steps
outlined in the present document when carried out on a
computing device.

According to another aspect, a storage medium 1s
described. The storage medium may comprise a soltware
program adapted for execution on a processor and for
performing the method steps outlined in the present docu-
ment when carried out on a computing device.

According to a further aspect, a computer program prod-
uct 1s described. The computer program may comprise
executable instructions for performing the method steps
outlined i the present document when executed on a
computer.

It should be noted that the methods and systems including
its preferred embodiments as outlined 1n the present docu-
ment may be used stand-alone or in combination with the
other methods and systems disclosed in this document.
Furthermore, all aspects of the methods and systems out-
lined 1n the present document may be arbitrarily combined.
In particular, the features of the claims may be combined
with one another 1n an arbitrary manner.

SHORT DESCRIPTION OF THE DRAWINGS

The mnvention 1s explained below 1n an exemplary manner
with reference to the accompanying drawings, wherein

FIG. 1a illustrates an example block diagram of an
HE-AAC codec 1n a dual-rate mode;

FIG. 1b illustrates an example block diagram of an
HE-AAC codec 1n an oversampled SBR mode;

FIG. 2 illustrates an example block diagram of an HE-
AAC codec providing for an mherent upsampling;
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FIG. 3 shows an example flow chart of a method for
selecting a parameter tuming table; and

FIG. 4 shows an example chart of possible combinations
of mput sampling rates and output sampling rates.

DETAILED DESCRIPTION

As outlined above, the present document relates to audio
codecs which make use of high frequency reconstruction
techniques such as SBR. FIGS. 1a and b illustrate two
example SBR based audio codecs used in HE-AAC version
1 and HE-AAC version 2 (1.e. HE-AAC comprising para-
metric stereo (PS) encoding/decoding of stereo signals).
FIG. 1a shows a block diagram of an HE-AAC codec 100
operating 1n the so called dual-rate mode, 1.e. 1n a mode
where the core encoder 112 1n the encoder 110 works at half
the sampling rate than the SBR encoder 114. At the input of
the encoder 110, an audio signal at the input sampling rate
fs=ts_1n 1s prowded The audio signal 1s then downsampled
by a factor two 1n the downsampling unit 111 1n order to
provide the low frequency component of the audio signal.
Typically, the downsampling unit 111 comprises a low pass
filter 1n order to remove the high frequency component prior
to downsampling (thereby avoiding aliasing). The down-
sampling unit 111 provides a low frequency component at a
reduced sampling rate is/2=fs_in/2. The low 1Irequency
component 1s encoded by a core encoder 112 (e.g. an AAC
encoder) to provide an encoded bitstream of the low ire-
quency component.

It should be noted that 1n the present document and the
corresponding Figures, a distinction 1s made between the
internal sampling rate (denoted 1s) as used by the encoder
and/or the decoder based on the sampling rate of the signal
or bitstream received at the iput of the encoder and/or
decoder, and the input/output sampling rates (denoted {s_1n/
fs_out, respectively) of the audio signal. In particular, the
internal sampling rate Is i1s typically set equal to the sam-
pling rate of the audio signal and/or the bitstream receirved
at the encoder and/or the decoder.

The high frequency component of the audio signal 1s
encoded using SBR parameters. For this purpose, the audio
signal 1s analyzed using an analysis filter bank 113 (e.g. a
quadrature mirror filter bank (QMF) having e.g. 64 ire-
quency bands). As a result, a plurality of subband signals of
the audio signal 1s obtained, wherein at each time instant t
(or at each sample n), the plurality of subband signals
provides an indication of the spectrum of the audio signal at
this time instant t. The plurality of subband signals 1s
provided to the SBR encoder 114. The SBR encoder 114
determines a plurality of SBR parameters, wherein the
plurality of SBR parameters enables the reconstruction of
the high frequency component of the audio signal from the
(reconstructed) low frequency component at the correspond-
ing decoder. The SBR encoder 114 typically determines the
plurality of SBR parameters such that a reconstructed high
frequency component which 1s determined based on the
plurality of SBR parameters and the (reconstructed) low
frequency component approximates the original high fre-
quency component. For this purpose, the SBR encoder 114
may make use of an error minimization criterion (e.g. a
mean square error criterion) based on the original high
frequency component and the reconstructed high frequency
component.

The plurality of SBR parameters and the encoded bit-
stream of the low frequency component are joined within a
multiplexer 115 to provide an overall bitstream, e.g. an
HE-AAC bitstream, which may be stored or which may be
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transmitted. As will be outlined below, the overall bitstream
also comprises information regarding SBR encoder settings
which were used by the SBR encoder 114 to determine the
plurality of SBR parameters.

A corresponding decoder 130 may generate an uncom-
pressed audio signal at the sampling rate Is_out=ts_in from
the overall bitstream. The core decoder 131 separates the
SBR parameters from the encoded bitstream of the low
frequency component. Furthermore, the core decoder 131
(e.g. an AAC decoder) decodes the encoded bitstream of the
low frequency component to provide a time domain signal
ol the reconstructed low frequency component at the internal
sampling rate fs of the decoder 130. The reconstructed low
frequency component 1s analyzed using an analysis filter
bank 132. It should be noted that 1n the dual-rate mode the
internal sampling rate fs 1s different at the decoder 130 from
the mput sampling rate fs_in and the output sampling rate
fs_out, due to the fact that the AAC decoder 131 works 1n
the downsampled domain, 1.¢. at an internal sampling rate 1s
which 1s half the input sampling rate fs_in and half the
output sampling rate Is_out.

The analysis filter bank 132 (e.g. a quadrature mirror filter
bank having e.g. 32 frequency bands) typically has only half
the number of frequency bands compared to the analysis
filter bank 113 used at the encoder 110. This 1s due to the fact
that only the reconstructed low frequency component and
not the entire audio signal has to be analyzed. The resulting
plurality of subband signals of the reconstructed low fre-
quency component are used i the SBR decoder 113 1n
conjunction with the received SBR parameters to generate a
plurality of subband signals of the reconstructed high fre-
quency component. Subsequently, a synthesis filter bank 134
(e.g. a quadrature mirror filter bank of e.g. 64 frequency
bands) 1s used to provide the reconstructed audio signal in
the time domain. Typically, the synthesis filter bank 134 has
a number of frequency bands which 1s double the number of
frequency bands of the analysis filter bank 132. The plurality
of subband signals of the reconstructed low 1frequency
component may be fed to the lower half of the frequency
bands of the synthesis filter bank 134 and the plurality of
subband signals of the reconstructed high frequency com-
ponent may be fed to the higher half of the frequency bands
of the synthesis filter bank 134. The reconstructed audio
signal at the output of the synthesis filter bank 134 has an
internal sampling rate of 21s which corresponds to the signal
sampling rates fs_out=fs_in.

FIG. 1b illustrates the block diagram of an HE-AAC
codec 140 used 1 an oversampled SBR mode. The HE-AAC
codec 140 1 an oversampled SBR mode operates largely 1n
the same manner as the HE-AAC codec 110 1n a dual-rate
mode, with the difference that the encoder 150 does not
comprise a downsampling unit 111. As a result, the core
encoder 152 1s enabled to operate on the entire bandwidth of
the audio signal, thereby providing additional flexibility
regarding the bandwidth of the low frequency component
encoded by the core decoder 152 and the bandwidth of the
high frequency component encoded using SBR encoder 154.
In other words, depending on the available bit rate of the
overall bitstream at the output of the encoder 150, the core
decoder 152 may select the bandwidth of the low frequency
component. The remaining bandwidth of the audio signal 1s
attributed to the high frequency component and encoded
using the SBR encoder 154. The transition frequency
between the low frequency component and the high fre-
quency component may be referred to as the cross over
frequency. Due to the lack of a downsampling unit 111, the
core encoder 152 works at a higher sampling rate, 1.e. at the
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internal sampling rate fs=fs_in, and 1s provided with an input
signal having a higher time resolution. This 1s beneficial for
encoding signal peaks or transients (e.g. caused by short
attacks).

On the other hand, the encoder 150 typically uses a lower
frequency resolution for determining the SBR parameters
than the encoder 110 of the HE-AAC codec in dual-rate
mode. This reduced frequency resolution may be suflicient
to process the high frequency component having a reduced
bandwidth (compared to the bandwidth of the high fre-
quency component 1n the case of the HE-AAC codec 1n
dual-rate mode). In the encoder 150 an analysis filter bank
153 (e.g. a quadrature mirror {ilter bank of e.g. 32 frequency
bands) 1s used to provide a plurality of subband signals of
the audio signal. The SBR encoder 154 uses the plurality of
subband signals to generate a plurality of SBR parameters
which—in conjunction with the plurality of subband signals
attributed to the low frequency components—approximates
the plurality of subband signals attributed to the high fre-
quency component. A multiplexer 155 1s used to combine
the encoded bitstream of the low frequency component
provided by the core encoder 152 and the plurality of SBR
parameters to provide an overall bitstream which may be
stored or transmitted. In addition, the overall bitstream may
comprise an indication of the SBR encoder settings which
have been used by the SBR encoder 154 to generate the
plurality of SBR parameters. In particular, the overall bit-
stream may comprise an indication that HE-AAC encoding
in oversampled SBR mode has been used.

At the decoder 170, the overall bitstream 1s split up into
the encoded bitstream of the low frequency component and
the plurality of SBR parameters. The encoded bitstream of
the low frequency component 1s decoded 1nto a time domain
reconstructed low Irequency component using a core
decoder 171 (e.g. an AAC decoder). The reconstructed low
frequency component 1s passed to an analysis filter bank 172
(e.g. a quadrature mirror filter bank having e.g. 32 frequency
bands) to provide a plurality of subband signals of the
reconstructed low 1Irequency component. Typically, the
analysis filter bank 172 has the same number of frequency
bands as the analysis filter bank 153 used at the encoder 150.
This 1s due to the fact that the decoder 170 does not know
a priort which fraction of the overall signal bandwidth has
been attributed to the low frequency component and which
fraction has been attributed to the high frequency compo-
nent.

The plurality of subband signals are passed to the SBR
decoder 173 where the plurality of SBR parameters are used
to generate a plurality of subband signals of the recon-
structed high frequency component. The plurality of sub-
band signals of the reconstructed low frequency component
and the plurality of subband signals of the reconstructed
high frequency component are assigned to respective ire-
quency bands of a synthesis filter bank 174 (e.g. a quadrature
mirror filter bank having e.g. 32 frequency bands) to provide
the time domain reconstructed audio signal having an inter-
nal sampling rate fs which corresponds to the signal sam-
pling rates Is_out=ts_in. The number of frequency bands of
the synthesis filter bank 174 typically corresponds to the
number of frequency bands of the analysis filter bank 1353
used at the encoder 150.

SBR based codecs 100 1n a dual-rate mode and SBR based
codecs 140 1n an oversampled SBR mode typically make use
of a plurality of parameter tuning tables which define a
number of SBR encoder settings as a function of input
parameters (or criteria or conditions). The mput parameters
or conditions typically comprise
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the type of core encoder used (AAC 1n case of a HE-AAC
codec, but when using mp3-pro, mp3 may be used as a
core encoder).

a lower bit rate limit (indicating a lower bit rate which
should not be undercut).

a higher bit rate limit (indicating a higher bit rate which
should not be exceeded).

a binary flag indicating the use of HE-AAC 1in the
oversampled SBR mode (or the use of HE-AAC 1n the
dual-rate mode) (also referred to as an indication for
bUse_downsampled mode).

a sampling rate used by the core encoder.

a number of audio channels of the audio signal to be
encoded (e.g. a stereo signal having two audio chan-
nels, or a 5.1 surround sound audio signal having 5
audio channels and an additional LFE (Low Frequency

Effect) channel).

Some or all of the above mentioned input parameters
define a particular parameter tuning table which comprises
and defines some or all of the following SBR encoder
settings:

SBR start frequency (also referred to as SBR startBand-
Frequency) (which indicates the lower frequency limait
or the lower frequency band of the high frequency
component). The SBR start frequency 1s part of the
SBR header transmitted to the corresponding decoder.
For details see ISO/IEC 14496-3, Table 4.63—Syntax
of sbr_header( ) wherein the SBR start frequency 1s
called bs_start_freq. This document 1s incorporated by
reference. The SBR start frequency specifies the upper
frequency limit up to which the audio signal 1s encoded
using the core encoder. The SBR start frequency
defines (1n conjunction with the xOverBand) a lower
frequency limit or the lower frequency band of the
audio signal at and above which the audio signal is
encoded using SBR encoding. More precisely, the
xOverBand (referred to as bs_xover_band 1n the above
mentioned standard) defines an offset to the SBR start
frequency and thereby determines the actual SBR
range. In the majority of cases the ofiset 1s O, such that
the SBR start frequency actually indicates the lower
frequency limit or the lower frequency band of the
audio signal at and above which the audio signal 1s
encoded using SBR encoding.

SBR start frequency for speech configurations (which
indicates the SBR start frequency for speech audio
signals). Typically, it 1s a user of the encoder which
informs the encoder that the audio signal which 1s to be
encoded 1s a speech audio signal. If so, the SBR
start/stop Irequencies for speech configurations are
chosen and conveyed inside the SBR header.

SBR stop frequency (also referred to as SBR stopBand-
Frequency) (which indicates the upper frequency or the
upper Ifrequency band for SBR encoding). The SBR
stop frequency 1s part of the SBR header (see ISO/IEC
14496-3, Table 4.63—Syntax of sbr_header( )) and
referred to as Bs_stop_1ireq. SBR parameters are only
determined for frequency bands of the high frequency
component which lie within the frequency interval
defined by the SBR start frequency and the SBR stop
frequency. Frequencies above the SBR stop frequency
are not considered 1n the SBR encoding.

SBR stop frequency for speech configurations (which
indicates the SBR stop frequency for speech audio
signals).

various noise related settings such as a number of noise
bands (Part of the SBR header (see ISO/IEC 14496-3,
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Table 4.63—Syntax of sbr_header( ), referred to as
bs_noise_bands)), a noiseFloorOflset, or a noiseMax-
Level. These noise related settings may be used to
specily the noise which 1s added to the reconstructed
high frequency component to improve the perceptual
quality of the high frequency component.

stereo mode (which e.g. indicates the use of PS encoding
of a stereo signal or the encoding of the leit and right
signal of the stereo audio signal). More specifically, the

“stereo mode” decides 1f stereo coupling for SBR 1is
used or not.

Scaling of the frequency band. This parameter 1s part of
the SBR header (see ISO/IEC 14496-3, Table 4.63—
Syntax of sbr_header( )) and referred to as bs_1Ireq_s-
cale. The scaling of the frequency band indicates the
number of bands per octave for SBR. This may be
necessary for generating the frequency band table 1n the
SBR encoder and decoder. These bands are used to
apply scaling operations, noise substitutions, missing,
harmonic insertion, mverse filtering etc. (see ISO/IEC
14496-3, Table 4.105—bs_Ireq_scale for further
details, which 1s incorporated by reference).xOverBand
(1.e. the SBR transition frequency) which 1s part of the
SBR header (see ISO/IEC 14496-3, Table 4.63—Syn-
tax of sbr_header( ), called bs_xover_band).

Typically, there are different parameter tuning tables for
the HE-AAC codec 100 in the dual-rate mode (the flag for

oversampled SBR 1s not set) and for the HE-AAC codec 140
in the oversampled SBR mode (the flag for oversampled
SBR 1s set). For the following reasons, this 1s particularly
relevant for the SBR start frequency and for the SBR stop
frequency. As can be seen in FIGS. 1a and b, the core
encoder 112 of the HE-AAC codec 100 1n dual-rate mode
works at half the sampling rate compared to the HE-AAC
codec 140 1n oversampled SBR mode (for identical audio
signals at the input). As such, a parameter tuning table which
has been defined for the dual-rate mode (i.e. the tlag for
oversampled SBR is not set) typically has a different ratio of
SBR start/stop frequencies over core encoder sampling rate
than a parameter tuning table which has been defined for the
oversampled SBR mode (i.e. the flag for oversampled SBR
1s set).

Some or all of the above mentioned SBR encoder settings
(or indications thereotf) are provided from the encoder 110,
150 to the respective decoder 130, 170, ¢.g. in a transmitted
bitstream or 1n an audio file. In particular, the encoders 110,
150 may provide indications of the SBR start frequency, the
SBR stop frequency, the number of noise bands, the noise-
FloorOflset, the noiseMaxl evel, the use of the stereoMode,
the scaling of the frequency bands (bs_1req_scale) and/or the
xOverBand to the corresponding decoder 130, 170. In
addition, an encoder 1350 operating 1 oversampled SBR
mode may provide an indication for bUse_downsampled
mode, 1.e. an indication that the encoder 150 has worked 1n
oversampled SBR mode, to the decoder such that at the
decoder side the approprniate decoder 170 in oversampled
SBR mode 1s selected. As previously mentioned, this may be
indicated via the extensionSamplingkrequency 1n the Audio-
SpecificConfig( ). As such, the respective decoder 130, 170
does not need to know all the details regarding the exact
parameter tuning tables and possibly other parameters which
were used at the encoder to encode an audio signal. The
decoder can be a generic, e.g. standardized, decoder which
decodes the received overall bitstream solely based on the
indications of a limited number of SBR encoder settings
received within the overall bitstream.




US RE48,258 E

13

As has been indicated above, it may be desirable to
provide conversions between the sampling rate fs_in of the
audio signal at the input and the sampling rate Is_out of the
audio signal at the output of a codec 100, 140 1n an eflicient
manner. It 1s proposed in the present document to provide an
upsampling by a factor two (or more) by combining an
encoder 150 of the HE-AAC codec 140 in oversampled SBR
mode with a decoder 130 of an HE-AAC codec 100 in
dual-rate mode. Such a configuration 200 which combines a
modified encoder 250 1n oversampled mode with a decoder
in dual-rate mode 1s illustrated 1n FIG. 2. As can be seen
from FIG. 2, the encoder 250 does not perform a downsam-
pling of the low frequency component and therefore pro-
vides an overall bitstream representative of a time domain
signal at a sampling rate of fs=fs_in. The decoder 130
receives the overall bitstream and inherently performs an
upsampling by the factor two. In particular, the decoder 130
receives the overall bitstream which 1s representative of a
time domain signal at a sampling rate of fs=fs_in and
generates a time domain signal at a sampling rate of 21s. As
a result, a reconstructed audio signal 1s obtained at the output
of the decoder 130, wherein the reconstructed audio signal
has an output sampling rate of fs_out=2x{s_in.

In other words, an upsampling of audio signals using
Oversampled SBR 1s proposed. In particular, the upsampling
of HE-AACv]1 and HE-AACv2 configurations in an audio
encoder (e.g. a Dolby Pulse encoder) by a factor of two
without the need of a conventional resampler 1s proposed.
For upsampling the audio signals using oversampled SBR,
an encoder 250 running in “oversampled SBR mode” (also
referred to as an encoder 250 1n “upsampled mode™) 1s
combined with a decoder 130 running 1n “dual-rate (normal)
SBR mode™).

In conventional audio codecs requiring an upsampling,
the input audio signal 1s upsampled (generally speaking, the
number of samples 1s increased) before SBR processing
takes place, thereby leading to an upsampled audio signal
comprising an increased number of samples. Thus, the SBR
encoder needs to perform a high number of additional
calculations, thereby increasing the computational complex-
ity of the audio encoder. However, this is not the case for the
proposed audio encoding/decoding schemes illustrated in
FIG. 2, since no upsampling 1s done prior to SBR process-
ing. This reduces the complexity of the encoder by at least
two measures: on the one hand by avoiding a resampling
unit, and on the other hand by performing SBR encoding at
a lower sampling rate.

The audio codec 200 provides an inherent upsampling by
a Tactor (or ratio) of two. If upsampling ratios of less than
two are required, these can be provided by using a conven-
tional resampler. For upsampling sample rate ratios higher
than a factor of two, a conventional resampler may be used
tor upsampling the audio signal to the next suitable sampling
rate (which 1s half the desired output sampling rate). Sub-
sequently, the audio codec 200 may be used to provide for
the remaining upsampling by a factor two. For instance
upsampling from 22.05 kHz to 48 kHz may be done by
conventionally upsampling from 22.05 Hz to 24 kHz fol-
lowed by using the audio codec 200 which results 1n an
audio signal having a 48 kHz output sampling rate.

HE-AAC v1 and v2 codecs typically comprise a stan-
dardized decoder which 1s configured to selectively perform
decoding 1n a dual-rate mode (as shown in decoder 130 of
FIGS. 1a and 2) or to perform decoding 1n an oversampled
SBR mode, 1.e. 1n a so called “downsampled mode” (as
shown 1 FIG. 1b). The “dual-rate mode” typically 1s the
default mode used by the encoder and the decoder. There-
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fore, for using a codec 140 in an oversampled SBR mode,
explicit SBR signaling 1s used, 1in order to tell the decoder to
operate 1n the “downsampled mode”. As such, the multi-
plexed bitstream at the output of the multiplexer 155 needs
to provide an indication to the corresponding decoder 170
that the “downsampled mode” 1s be used. By way of
example, MP4 files comprising the multiplexed bitstream
include an appropriate indication of the use of “oversampled
SBR”, e.g. via the parameter “extensionSamplingkre-
quency’ 1n the AudioSpecificConfig( ). In order to 1mple-
ment the audio codec 200 of FIG. 2, the encoder 250
(working 1n an “upsampled mode”) may be adapted to not
include such an indication of the use of “oversampled SBR”
into the multiplexed bitstream. By way of example, for MP4
files using explicit SBR signaling the explicit instruction to
the decoder to use “downsampled SBR” 1s not included or
removed. Instead, the encoder 250 (in particular the core
encoder 252 1n conjunction with the SBR encoder 254) may
be adapted to msert the indication that the “dual-rate mode™
has been used by the encoder 250. Such indication may be
provided by appropnately modifying the parameter “exten-
sionSamplingkrequency”. As a consequence, the decoder
uses (by default) the decoder 130 1n dual-rate mode.

As outlined above, the settings of the SBR encoder 254 at
the encoder 250 are specified within a parameter tuning
table. Typically, an encoder comprises a plurality of such
parameter tuning tables, e.g. a first plurality of parameter
tuning tables for an encoder 110 1n dual-rate mode and a
second plurality of parameter tuning tables for an encoder
140 1n an upsampled mode (i.e. for an audio codec 1n an
oversampled SBR mode). The parameter tuning tables
specily the one or more SBR encoder settings which are to
be used (under the one or more constraints defined by the
one or more criteria), mm order to achieve an optimum
encoding result of the audio codec under the one or more
constraints. The parameter tuning tables may e.g. be deter-
mined using perceptual measurements on a set of listeners.
By way of example, a parameter tuming table under the
constraints of a predetermined bit rate and the use of a
particular encoding mode. Perceptual measurements may be
used to determine the SBR encoder settings which achieve
the optimum results for a group of listeners. These SBR
encoder settings 1n conjunction with the constraints form a
parameter tuning table.

As such, each of the plurality of parameter tuning tables
1s 1dentified by one or more of the criteria (also referred to
as constraints or mput parameters): lower target bit rate,
higher target bit rate, sampling rate at the core decoder, flag
for oversampled SBR and number of channels. Each of the
plurality of parameter tuning tables defines a plurality of
SBR encoder settings for a corresponding combination of
criteria (or constraints). The audio codec 140 1n oversampled
SBR mode 1s typically used for relatively high bit rates
compared to the audio codec 100 1n dual-rate mode. Con-
sequently, the parameter tuning tables which are available
for the oversampled SBR mode (i.e. the second plurality of
parameter tuning tables) are defined for relatively higher
target bit rates than the parameter tuning tables which are
available for the dual-rate mode (1.e. the first plurality of
parameter tuning tables).

In order to be able to provide an audio codec 200 (which
inherently performs upsampling) for a large variety of bit
rates (and 1n particular for relatively low bit rates) and in
order to ensure backward compatibility with conventional
audio encoders, 1t 1s proposed to enable the encoder 150
(working 1n upsampled mode) to not only use the second
plurality of parameter tuming tables (1.e. the parameter
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tuning tables which are available for the oversampled SBR
mode), but to also use the first plurality of parameter tuning,
tables (1.e. the parameter tuning tables which are available
for the dual-rate mode) if—1for a given target bit rate—no
appropriate parameter tuning table can be found within the
second plurality of parameter tuning tables. In other words,
it 1s proposed to use a “dual-rate” SBR parameter tuning
table whenever an appropriate “oversampled” SBR param-
eter tuning table cannot be found. As such, it 1s ensured that
even at low bit rates (and low sampling rates), the SBR
parameters settings from the perceptually optimized param-
cter tuning tables can be used in the audio codec 200. In
other words, 1t 1s ensured that for additional combinations of
bit rate vs. sampling rate, appropriate SBR parameter tuning,
tables can be provided.

It should be noted that theoretically, new SBR parameter
tunings tables could be specifically designed for the audio
codec 200 described 1n the present document. However, 1f
new SBR parameter tuning tables are designed, the encoder
150 could use the new SBR parameter tuning tables for
conventional oversampled SBR. This 1s not desirable, since
oversampled SBR was not intended for the kinds of sam-
pling rate/bit rate combinations for which the proposed
audio codec 200 1s typically used.

The use of a “dual-rate” SBR parameter tuning table 1n the
context of an encoder 250 working 1n an upsampled mode
typically implies that the SBR stopBandFrequency (1.e. the
SBR stop frequency) lies around the bandwidth of the output
signal of the audio codec 200. Thus, the SBR stopBandFre-

quency should be adjusted to the bandwidth of the input
signal, as otherwise the SBR encoder 254 might operate on
empty signal parts, 1.e. the SBR encoder 254 might operate
on frequency bands which do not comprise any significant
energy.

By way of example, an mput stereo audio signal may be
encoded using a first sampling rate of 22050 Hz. It 1s
selected that an output (or reconstructed) audio signal should
have a sampling rate of 48 kHz. Furthermore, the encoded
signal should be an HE-AAC bitstream at a target bit rate of
128 kbit/s. In a first step, the encoder may comprise a
conventional resampler or upsampler which transforms the
input audio signal at 22050 Hz to an audio signal at the
signal sampling rate of 24 kHz (i.e. at half of the desired
output sampling rate). The remaining upsampling 1s inher-
ently provided by the codec 200 of FIG. 2.

The encoder 250 of codec 200 operates 1n an upsampled
mode and consequently initially looks for an “oversampled”
SBR parameter tuning table which meets the following
criteria or encoding conditions:

lower bit rate: <128 kbit/s

upper bit rate: >128 kbit/s

Flag for Oversampled SBR (yes/no?): yes

Sample Rate of the core encoder: 24 kHz

Number of channels: 2

Use of a particular core encoder: e.g. AAC or mp3

The encoder 250 may determine that such a parameter
tuning table does not exist (e.g. because the sampling rate 1s
too low for such high bit rates or vice versa for typical
applications of oversampled SBR). Consequently, the
encoder 250 looks for a “dual-rate” SBR parameter tuning
table which meets the above mentioned criteria, 1.e. for a
parameter tuming table with the same criteria (but without
the flag for Oversampled SBR):

lower bit rate: <128 kbit/s

upper bit rate: >128 kbit/s
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Flag for Oversampled SBR (yes/no?): no

Sample Rate of the core encoder: 24 kHz

Number of channels: 2

Use of a particular core encoder: e.g. AAC or mp3

This “dual-rate” SBR tuning table may provide a SBR
start frequency of 10125 Hz and a SBR stop frequency of
22125 Hz, which together define the frequency interval
which 1s covered by SBR encoding. However, 1n view of the
first sampling rate of 22050 Hz of the mnput audio signal (1.¢.
the sampling rate of the input audio signal prior to upsam-
pling), the bandwidth of the input audio signal 1s only 11025
Hz (=22050 Hz/2). In order to reduce the overall complexity
of the encoder 250, 1t 1s therefore beneficial to adapt the SBR
stop frequency according to the actual bandwidth of the
input audio signal. In particular, the SBR stop frequency
may be set equal to half the sampling rate of the core encoder
(1.e. to 12 kHz). If the encoder 250 1s aware of the first
sampling rate of the input audio signal (i.e. 1f the encoder
2350 15 aware of the upsampling of the input audio signal), the
encoder 250 may be adapted to set the SBR stop frequency
equal to half the first sampling rate (1.e. to 22050/2 Hz). If
the resulting SBR stop frequency would be lower than the
SBR start frequency, then the SBR stop frequency should be
set 1n dependence of the SBR start frequency (as outlined
above, the SBR stop frequency should be a predetermined
number of QMF bands higher than the SBR start frequency,
consequently, the SBR stop frequency could be selected to
be e.g. 3 QMF bands higher than the SBR start frequency).
It should be noted that, typically, the values for the SBR start
frequency and the SBR stop frequency can only be modified
on a pre-defined frequency grid. As such, the SBR stop
frequency 1s modified 1n accordance to the pre-defined
frequency grid, in order to best approximate (1f necessary to
higher frequencies) the above mentioned values (1.e. half of
the sampling rate of the core encoder, half of the first
sampling rate of the mput audio signal, or the SBR start

frequency).
FIG. 3 1llustrates an example tflow chart of a method 300

for selecting an appropriate parameter tuning table at the
encoder 250. In step 301, an appropriate parameter tuning
table 1s searched within the plurality of parameter tuning
tables for the oversampled SBR mode. An appropriate
parameter tuning table 1s determined such that 1t meets some
or all of the desired critena (e.g. lower bit rate limit, higher
bit rate limit, sampling rate of the core encoder, number of
channels) in addition to the criteria that the parameter tuning
table has been designed for the oversampled SBR mode. In
step 302, it 1s verified 1f an appropriate parameter tuning
table has been 1dentified. If yes, then this parameter tuning,
table 1s used 1n step 306 to encode the incoming audio signal.
If not, then an appropriate parameter tuning table 1s searched
within the plurality of parameter tuming tables for the
dual-rate mode (step 303). An appropriate parameter tuning
table 1s determined such that it meets some or all of the
desired criteria (e.g. lower bit rate limit, higher bit rate limiat,
sampling rate of the core encoder, number of channels) but
not the criteria that the parameter tuning table has been
designed for the oversampled SBR mode. In FIG. 3, 1t 1s
assumed that an approprnate parameter tuning table can be
identified, otherwise the method may enter an error proce-
dure (e.g. explicitly prompt the user for the SBR encoder
settings or use default SBR encoder settings). In the optional
step 304, 1t may be verified 11 the SBR stop frequency in the
appropriate parameter tuning table exceeds half of the mput
sampling rate of the audio signal (or exceeds half of the first
sampling rate of the audio signal, 1f the first sampling rate 1s
known). I no, then the SBR encoder settings of the appro-
priate parameter tuning table may be used in step 306 for
encoding the audio signal. If yes (or—if step 304 1s omiut-
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ted—in any case) 1n step 305, the SBR stop frequency may
be adapted to the bandwidth of the audio signal. In particu-
lar, the SBR stop frequency may be adapted to the smaller
of half of the input sampling rate of the audio signal or half
of the first sampling rate of the audio signal (i1 1t 15 known
that the audio signal has been submitted to prior upsam-
pling). As a further constraint, 1t may be ensured that the
modified SBR stop frequency is a predetermined number of
frequency bands higher than the SBR start frequency. It
should be noted that the modification to the SBR stop
frequency may be constrained to a predetermined frequency
orid (e.g. a grid given by QMF frequency bands). The SBR
encoder settings from the appropriate parameter tuning table
(incl. the modified SBR stop frequency) may be used in step
306 to encode the audio signal.

FI1G. 4 illustrates example mnput and output sampling rates

which may be handled by the audio codecs 100, 140 and 200
of FIGS. 1a, 1b, 2. In the chart of FIG. 4, the combinations
of input and output sampling rates which are marked as “X”
indicate no sampling rate modification or a downsampling.
The downsampling may be achieved by a downsampling
prior to the audio encoders 110 and 150 of FIGS. 1a and 1b.
The combinations of mput and output sampling rates which
are marked as “Y” indicate an upsampling by a ratio less
than two. This upsamling may be achieved by an upsampler
prior to the audio encoders 110 and 150 of FIGS. 1a and 1b.
The combinations of input and output sampling rates which
are marked as “(X)” indicate an upsampling by a ratio of two
or more. This upsamling may be achieved by using the audio
codec 200 of FIG. 2 which provides for an inherent upsam-
pling by a ratio of two. An additional upsampler may
provide for the remaining upsampling (exceeding the ratio
of two). As a result, the computational complexity which 1s
required for the total upsampling and for the audio coding/
decoding can be reduced.

In the present document, a method and system for audio
coding and/or decoding have been described. The method
and system allow for the resampling of audio signals at
reduced computational complexity. In particular, a modified
SBR based audio encoder 1s described which 1s based on an
SBR based audio encoder 1n an upsampled mode. A scheme
for selecting appropriate SBR encoder settings has been
described. The modified SBR based audio encoder 1is
adapted to suppress an indication that the SBR based audio
encoder 1s operating in an upsampled mode. As a result, the
corresponding SBR based audio decoder works in a dual-
rate mode, thereby providing an inherent upsampling of the
decoded audio signal by a factor of two with respect to the
input audio signal at the SBR based audio encoder. The
overall audio codec (and 1n particular the audio encoder)
may be combined with an upsampler to provide for upsam-
pling ratios greater than two. Overall, the use of inherent
upsampling allows reducing the overall computational com-
plexity which 1s typically required for providing upsampling,
in relation to audio coding/encoding.

It should be noted that the description and drawings
merely 1llustrate the principles of the proposed methods and
systems. It will thus be appreciated that those skilled 1n the
art will be able to devise various arrangements that, although
not explicitly described or shown herein, embody the prin-
ciples of the invention and are included within 1ts spirit and
scope. Furthermore, all examples recited herein are princi-
pally mntended expressly to be only for pedagogical purposes
to aid the reader in understanding the principles of the
proposed methods and systems and the concepts contributed
by the inventors to furthering the art, and are to be construed
as being without limitation to such specifically recited
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examples and conditions. Moreover, all statements herein
reciting principles, aspects, and embodiments of the mven-
tion, as well as specific examples thereof, are mtended to
encompass equivalents thereof.

The methods and systems described 1n the present docu-
ment may be mmplemented as solftware, firmware and/or
hardware. Certain components may e.g. be implemented as
soltware running on a digital signal processor or micropro-
cessor. Other components may e.g. be mmplemented as
hardware and or as application specific integrated circuits.
The signals encountered in the described methods and
systems may be stored on media such as random access
memory or optical storage media. They may be transierred
via networks, such as radio networks, satellite networks,
wireless networks or wireline networks, e.g. the internet.
Typical devices making use of the methods and systems
described 1n the present document are portable electronic
devices or other consumer equipment which are used to
store and/or render audio signals.

The mvention claimed 1s:

1. An encoder for an audio signal [at a signal sampling
rate], the encoder comprising

a core encoder adapted to encode a low frequency com-
ponent of the audio signal [at the signal sampling rate],
thereby generating a core encoded bitstream;

a spectral band replication|, referred to as SBR,] (SBR)
encoding unit adapted to determine a plurality of SBR
parameters subject to one or more SBR encoder set-
tings[;], wherein the plurality of SBR parameters is
determined such that a high frequency component of
the audio signal at [the] a signal sampling rate can be
approximated based on the low frequency component
of the audio signal and the plurality of SBR parameters;
and

a multiplexer [adapted to generate] that generates an
overall bitstream comprising the core encoded bait-
stream, the plurality of SBR parameters and an indi-
cation of the one or more SBR encoder settings applied
by [the] an SBR encoder; wherein the generated overall
bitstream [does not indicate] indicates that the core
encoded bitstream has been determined by encoding
the low frequency component at a first sampling rate
[ower than the signal sampling ratel;],

wherein at least one of the core encoder, the SBR encod-
ing unit, or the multiplexer 1s implemented 1n hardware
or implemented 1n software and performed by one or
more processors comprised in one or more computing
devices,

wherein the SBR encoding unit comprises:
an analysis filter bank adapted to provide a plurality of

subband signals from the audio signal, and

the SBR encoder adapted to:

assign a first subset of the plurality of subband
signals to the low frequency component,

assign a second subset of the plurality of subband
signals to the high frequency component, and

determine the plurality of SBR parameters from the
first and second subsets.

[2. The encoder of claim 1, wherein the generated overall
bitstream 1ndicates that the core encoded bitstream has been
determined by encoding the low frequency component at a
sampling rate lower than the signal sampling rate.]

3. The encoder of claim 1, wherein the encoder 1s adapted
to encode the overall bitstream 1n a format which uses
explicit SBR signaling.

4. The encoder of claim 3, wherein the explicit SBR
signaling 1s in accordance to ISO/IEC 14496-3.
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5. The encoder of claim 4, wherein an AudioSpecificCo-
nfig( ) in the overall bitstream does not indicate that the core
encoded bitstream has been determined by encoding the low
frequency component at the signal sampling rate.

6. The encoder of any of claim 1, wherein

the SBR encoding unit 1s adapted to determine the one or

more SBR encoder settings from one of a plurality of
parameter tuning tables;

cach of the plurality of parameter tuning tables defines the

one or more SBR encoder settings in dependence of
one or more encoder conditions;

the one or more conditions comprise any one or more of:

a lower target bit rate, a higher target bit rate, a
sampling rate used by the core encoder, a number of
channels comprised within the audio signal, an indica-
tion of the use of an oversampled encoding mode
instead of a dual-rate mode;

in the oversampled encoding mode, the core encoder

encodes the low frequency component of the audio
signal at the signal sampling rate; and

in the dual-rate encoding mode, the core encoder encodes

the low frequency component of the audio signal at half
the signal sampling rate.

7. The encoder of claim 6, wherein the overall bitstream
does not 1indicate that the encoder has used the oversampled
encoding mode to generate the overall bitstream.

8. The encoder of any of claim 6, wherein the overall
bitstream indicates that the encoder has used the dual-rate
encoding mode to generate the overall bitstream.

9. The encoder of claim 6, wherein

the SBR encoding unit 1s adapted to use a dual-rate

parameter tuning table from the plurality of parameter
tuning tables; and

the dual-rate parameter tuning table 1s defined for the

encoder condition indicating the use of the dual-rate
encoding mode.

10. The encoder of claim 9, wherein

the dual-rate parameter tuning table 1s defined for the

encoder condition that the sampling rate used by the
core encoder corresponds to the signal sampling rate;
the dual-rate parameter tuning table defines a dual-rate
SBR stop frequency; and
the one or more SBR encoder settings which are used to
determine the plurality of SBR parameters comprise a
SBR stop frequency which corresponds to a value
which 1s smaller than the dual-rate SBR stop frequency.
11. The encoder of claim 10, wherein
the dual-rate parameter tuning table defines a dual-rate

SBR start frequency; and
the one or more SBR encoder settings used to determine

the plurality of SBR parameters comprise a SBR start
frequency which corresponds to the dual-rate SBR start
frequency.

12. The encoder of claim 11, wherein

the low frequency component comprises frequencies of

the audio signal below the SBR start frequency; and
the high frequency component comprises frequencies of
the audio signal above the SBR start frequency.

13. The encoder of claim 1, further comprising;:

an upsampling unit adapted to upsample the audio signal

at [a] the first sampling rate to provide the audio signal
at the signal sampling rate[; wherein the first sampling
rate is smaller than the signal sampling rate].

14. The encoder of claim 13, wherein the one or more
SBR encoder settings comprise a SBR stop frequency deter-
mined based on the first sampling rate.
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15. The encoder of claim 14, wherein the SBR stop
frequency 1s
determined on a pre-determined frequency grid; and
equal to a frequency on the frequency grid.
[16. The encoder of claim 1, wherein the SBR encoding
unit comprises
an analysis filter bank adapted to provide a plurality of
subband signals from the audio signal; and
an SBR encoder adapted to
assign a lirst subset of the plurality of subband signals
to the low frequency component;
assign a second subset of the plurality of subband
signals to the high frequency component; and
determine the plurality of SBR parameters from the
first and second subsets.}
17. The encoder of claim 1, wherein the one or more SBR
encoder settings comprise any one or more of:
an SBR start frequency, wherein the SBR encoding unit 1s
restricted to determine the plurality of SBR parameters
for frequencies of the high frequency component which
are at or above the SBR start frequency; and
an SBR stop frequency, wherein the SBR encoding unit 1s
restricted to determine the plurality of SBR parameters
for frequencies of the high frequency component which
are at or below the SBR stop frequency.
18. The encoder of claim 1, wheremn the multiplexer
includes a value for an extension SamplingFrequency into
an AudioSpecificConfig( ) data entity of the bitstream and

joins the plurality of SBR parameters and the core encoded

bitstream of the low frequency component to provide the
overall bitstream, which 1s stored, 1n a non-transitory
medium, or which 1s transmitted.

19. A high efficiency advanced audio coding], referred to
as HE-AAC,] (HE-AAC) encoder operating in an over-
sampled spectral band replication|, referred to as SBR,]
(SBR) mode, wherein the HE-4CC encoder [is adapted to
generate] generates an overall bitstream comprising a core
encoded bitstream, a plurality of SBR parameters and an
indication of [the] one or more SBR encoder settings used to
determine the SBR parameters; and

the generated overall bitstream [does not indicate] indi-
cates that the encoder operates in the [oversampled
SBR] mode in which a low frequency component of an
audio signal is encoded at a first sampling rate that is
lower than a signal sampling rate associated with a
high frequency component of the audio signal, wherein
the encoder 1s 1mplemented 1n hardware or imple-
mented in software and performed by one or more
processors comprised 1n one or more computing
devices,

wherein the HE-AAC encoder comprises:

an analysis filter bank adapted to provide a plurality of
subband signals from the audio signal, and
an SBR encoder adapted to:
assign a first subset of the plurality of subband
signals to the low frequency component,
assign a second subset of the plurality of subband
signals to the high frequency component, and
determine the plurality of SBR parameters from the
first and second subsets.

20. The encoder of claam 19, wherein the generated
overall bitstream indicates that the encoder operates 1n a
dual-rate mode.

21. A method for encoding an audio signal [at a signal
sampling rate], the method comprising:
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encoding, at a core encoder, a low frequency component
of the audio signal [at the signal sampling rate], thereby
generating a core encoded bitstream:;
determining, at a spectral band replication (SBR) encod-
ing unit, a plurality of [spectral band replication,
referred to as SBR,] SBR parameters subject to one or
more SBR encoder settings|;], wherein the plurality of
SBR parameters 1s determined such that a high fre-
quency component of the audio signal at [the] a signal
sampling rate can be approximated based on the low
frequency component of the audio signal and the plu-
rality of SBR parameters; and
generating, at a multiplexer, an overall bitstream com-
prising the core encoded bitstream, the plurality of SBR
parameters and an indication of the one or more SBR
encoder settings; wherein the generated overall bit-
stream [does not indicate] indicates that the core
encoded bitstream has been determined by encoding
the low frequency component at a first sampling rate
[ower than the signal sampling ratel;],

wherein at least one of the core encoder, the SBR encod-
ing unit, or the multiplexer 1s implemented 1n hardware
or implemented 1n software and performed by one or
more processors comprised 1n one or more computing,
devices, and

wherein the SBR encoding unit comprises:

an analysis filter bank adapted to provide a plurality of
subband signals from the audio signal, and
an SBR encoder adapted to:
assign a first subset of the plurality of subband
signals to the low frequency component,
assign a second subset of the plurality of subband
signals to the high frequency component, and
determine the plurality of SBR parameters from the
first and second subsets.

22. A non-transitory computer readable medium config-
ured to store instructions corresponding to the method steps
of claim 21.

23. A method for upsampling an audio signal [at a signal
sampling rate], the method comprising:

encoding, at a core encoder, a low frequency component

of the audio signal [at the signal sampling rate], thereby
generating a core encoded bitstream:;

determining, at a spectral band replication (SBR) encod-

ing unit, a plurality of [spectral band replication,
referred to as SBR,] SBR parameters subject to one or
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more SBR encoder settings[;], wherein the plurality of
SBR parameters 1s determined such that a high fre-
quency component of the audio signal at [the signal
sampling rate] can be approximated based on the low
frequency component of the audio signal and the plu-
rality of SBR parameters;

generating, at a core decoder, a reconstructed low ire-
quency component at [the signal] a first sampling rate
from the core encoded bitstream:

generating, at an analysis filter bank, N subband signals of
the reconstructed low frequency component; generat-
ing, at a SBR decoder, N subband signals of a recon-
structed high frequency component based on the N
subband signals of the reconstructed low frequency
component, based on the plurality of SBR parameters
and based on the one or more SBR encoder settings;
and

generating, at a synthesis filter bank, a reconstructed
audio signal at [twice the signal] a secornd sampling
rate from the N subband signals of the reconstructed
low frequency component and from the N subband

signals of the reconstructed high frequency compo-
nent|:],

wherein at least one of the core encoder, the SBR encod-
ing unit, the core decoder, the analysis filter bank, the
SBR decoder or the synthesis filter bank 1s 1mple-
mented 1n hardware, wherein the method 1s performed
by one or more processors comprised 1n one or more
computing devices, and

wherein the SBR encoding unit comprises:

an analysis filter bank adapted to provide a plurality of
subband signals from the audio signal, and

an SBR encoder adapted to:
assign a first subset of the plurality of subband

signals to the low frequency component,

assign a second subset of the plurality of subband
signals to the high frequency component, and

determine the plurality of SBR parameters from the
first and second subsets.

24. A non-transitory computer readable medium config-
ured to store mnstructions corresponding to the method steps
of claim 23.
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