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Foreword

ISO (the International Organization for Standardization) and |IEC (the International Electrotechnical
Commission) form the specialized system for worldwide standardization. National bodies that are members of
ISO or IEC participate in the development of International Standards through technical committees
established by the respective organization to deal with particular fields of technical activity. ISO and IEC
technical committees collaborate in fields of mutual interest. Other international organizations, governmental
and non-goveérnmental, in liaison with 1ISO and IEC, also take part in the work. In the field of infermation
technology, I$O and IEC have established a joint technical committee, ISO/IEC JTC 1.

International Btandards are drafted in accordance with the rules given in the ISO/IEC Directives}-Part 2.
The main tagk of the joint technical committee is to prepare International Standards:Draft Interngtional
Standards adopted by the joint technical committee are circulated to national bodies for.yoting. Publicatjon as
an Internationjal Standard requires approval by at least 75 % of the national bodies gastihg a vote.

ISO/IEC 23003-3 was prepared by Joint Technical Committee ISO/IEC JIE™, Information technplogy,
Subcommittep SC 29, Coding of audio, picture, multimedia and hypermedia-ihformation.

ISO/IEC 23003 consists of the following parts, under the general title Inoformation technology — MPEG |audio
technologies:

— Part 1: MPEG Surround
— Part 2: Spatial Audio Object Coding (SAOC)

— Part 3: Unified speech and audio coding

iv © ISO/IEC 2012 — All rights reserved
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Introduction

As mobile appliances become multi-functional, multiple devices converge into a single device. Typically, a

wide variety of multimedia content is required to be played on or streamed to these mobile devi
audio data that consists of a mix of speech and music.

This part of ISO/IEC 23003 Unified Speech and Audio Coding (USAC) is a new _audio codin
allows$ for coding of speech, audio or any mixture of speech and audio with a consistent audio
sound material over a wide range of bitrates. It supports single and multi-channel coding at hig
provides perceptually transparent quality. At the same time, it enables very efficient coding at ve
while [retaining the full audio bandwidth.

Wherg previous audio codecs had specific strengths in coding either speech or aydio content, US

encode all content equally well, regardless of the content type.

In order to achieve equally good quality for coding audio and speech, thé developers of USAC

The Ipternational Organization for Standardization(/SO) and International Electrotechnical Com

draw pttention to the fact that it is claimed that compliance with this document may involve the us|

ISO 4nd the IEC take no position concerning’the evidence, validity and scope of this patent right.

The holder of this patent right has assured 1ISO and the IEC that he is willing to negotiate li

reasonable and non-discriminatory-terms and conditions with applicants throughout the world. In

the statement of the holder of this\patent right is registered with ISO and the IEC. Information ma
from {he companies listed in Annex G.

Atten
rights

or all puch patent rights.

ion is drawn to the possibility that some of the elements of this document may be the sub
other than those_identified in Annex G. ISO and the IEC shall not be held responsible for igentifying any

ces, including

standard that
quality for all
W bitrates and
'y low bitrates

AC is able to

employed the

MDCT-based transform coding techniques known from MPEG-4 audio and combingéd them with

spectral band
e codec. The

dia download
S, etc.

mission (IEC)
e of patents.

cences under
this respect,
ly be obtained

ject of patent

© ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c



https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

INTE

RNATIONAL STANDARD

ISO/IEC 23003-3:2012(E)

Information technology — MPEG audio technologies —

Part 3:

Uni

fied speech and audio coding

1

S
J

This
havin

than the best known coding technology that might be tailored specifically to coding of either speq

audio

jcope

part of ISO/IEC 23003 specifies a unfied speech and audio codec which is.capable of c
j an arbitrary mix of speech and audio content. The codec has a performance comparab

content. The codec supports single and multi-channel coding at high.bitrates and provide

pding signals
e to or better
ch or general
5 perceptually

transparent quality. At the same time, it enables very efficient coding at very low bitrates while refaining the full

audio

This
previd

region and parametric coding of the stereo sound stage. However, it combines these well-knoy

techn

2 Normative references

The f
refere

ISO/I

ISO/I

3 1

31

bandwidth.

part of ISO/IEC 23003 incorporates several perceptually-based compression techniques
us MPEG standards: perceptually shaped quantization’ noise, parametric coding of the up

ques with a source coding technique: a model of sound production, specifically that of hum

ollowing referenced documents are, “indispensible for the application of this document.
nces, the latest edition of the refefenced document (including any amendments) applies.

FC 14496-3, Information technology — Coding of audio-visual objects — Part 3: Audio

EC 23003-1, Information technology — MPEG audio technologies — Part 1: MPEG Surrour

erms, definitions, symbols and abbreviated terms

Terms and definitions

developed in
per spectrum
vn perceptual
AN speech.

For undated

d

For th

e plrpases aof this document, the terms and definitions given in ISO/IFC 14496-3 _1SQ/IEC

23003-1 and

the fo

3.141

llowing apply.

algebraic codebook
fixed codebook where an algebraic code is used to populate the excitation vectors (innovation vectors)

NOTE

associ

The excitation contains a small number of nonzero pulses with predefined interlaced sets of potential positions.
The amplitudes and positions of the pulses of the kth excitation codevector can be derived from its index k through a rule
requiring no or minimal physical storage, in contrast with stochastic codebooks whereby the path from the index to the

ated codevector involves look-up tables.

© ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

3.1.2
AVQ

Algebraic Vector Quantizer
process associating, to an input block of 8 coefficients, the nearest neighbour from an 8-dimensional lattice
and a set of binary indices to represent the selected lattice point

NOTE
received set of

3.1.3
closed-loop

binary indices, the 8-dimensional lattice point that was selected at the encoder.

pitch

The above definition describes the encoder. At the decoder, AVQ describes the process to obtain, from the

result of the adaptive codebook search, a process of estimating the pitch (lag) value from the weighted input

speech and

NOTE In
closed-loop pit

314

fractional pifch

set of pitch la

NOTE In

3.1.5
ZIR

zero input r¢sponse

output of a fi
applied

3.2 Symby

For the purp
following app

ACELP A
PVC F
uclbf y
NOTE "le

conventional u

USAC L

ne long-term filter state

he closed-loop search, the lag is searched using error minimization loop (analysis-by-synthesis); In
Ch search is performed for every subframe.

g values having sub-sample resolution

he LPD USAC, a sub-sample resolution of 1/4™ or 1/2"™ of a sample is use@:

ter due to past inputs, i.e. due to the present state of‘the filter, given that an input of ze

bls and abbreviated terms

bses of this document, the symbols and abbreviated terms given in ISO/IEC 14496-3 ar
y.

Igebraic Code-Excited Linear Predictor
redictive Vector Coding

nary code, left bit first

t bit first" refers Ao~the order in which the unary codes are received. The value is encoded u
hary code, where any decimal value d is represented by d ‘1’ bits followed by one ‘0’ stop-bit.

nified Speech and Audio Coding

4 TechnicallOverview

USAC,

ros is

d the

5ing a

41

Decoder block diagram

The block diagram of the USAC decoder as shown in Figure 1 reflects the general structure of MPEG-D
USAC which can be described as follows (from bottom to top): There is a common pre/postprocessing stage
consisting of an MPEG Surround functional unit to handle stereo processing (MPS212) and an enhanced SBR
(eSBR) unit which handles the parametric representation of the higher audio frequencies in the input signal.
Then there are two branches, one consisting of a modified Advanced Audio Coding (AAC) tool path
(frequency domain, "FD") and the other consisting of a linear prediction coding (LP or LPC domain, "LPD")
based path. The latter can use either a frequency domain representation or a time domain representation of
the LPC residual. All transmitted spectra for both FD and LPD path are represented in MDCT domain. The
quantized spectral coefficients are coded using a context adaptive arithmetic coder. The time domain
representation uses an ACELP excitation coding scheme.

© ISO/IEC 2012 — All rights reserved
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In case of transmitted spectral information the decoder shall reconstruct the quantized spectra, process the
reconstructed spectra through whatever tools are active in the bitstream payload in order to arrive at the
actual signal spectra as described by the input bitstream payload, and finally convert the frequency domain
spectra to the time domain. Following the initial reconstruction and scaling of the spectrum, there are optional
tools that modify one or more of the spectra in order to provide more efficient coding.

In case of transmitted time domain signal representation, the decoder shall reconstruct the quantized time
signal, process the reconstructed time signal through whatever tools are active in the bitstream payload in
order to arrive at the actual time domain signal as described by the input bitstream payload.

For each of the optional tools that operate on the signal data, the option to "pass through" is retained, and in
all cases where the pmmaccing is omitted the spectra ar time Qnmlnlpc at its inpuf are In:mcpd di'ectly through

the topl without modification.

In places where the bitstream changes its signal representation from time domain fo frequency domain
representation or from LP domain to non-LP domain or vice versa, the decoder shall facilitate |the transition
from pne domain to the other by means of an appropriate transition mechanism.

eSBHR and MPS212 processing is applied in the same manner to both coding paths after transition handling.

The WSAC specification offers in some instances multiple decoding options that serve to prgvide different
quality / complexity trade-offs.

© ISO/IEC 2012 — All rights reserved 3
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Arithm.

Decod.

Noise
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Figure 1 — Simplified block diagram of the typical USAC decoder configuration
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4.2 Overview of the decoder tools

The input to the bitstream payload demultiplexer tool is the MPEG-D USAC bitstream payload. The
demultiplexer separates the bitstream payload into the parts for each tool, and provides each of the tools with
the bitstream payload information related to that tool.

The outputs from the bitstream payload demultiplexer tool are:
— Depending on the core coding type in the current frame either:

— Tthe quantized and noiselessly coded spectra represented by

— Scalefactor information

— Arithmetically coded spectral lines
— or: linear prediction (LP) parameters together with an excitation signal represented by either:
— Quantized and arithmetically coded spectral lines (transform coded excitation, TCX) or

—  ACELP coded time domain excitation

— The spectral noise filling information (optional)

— The M/S decision information (optional)

— The temporal noise shaping (TNS) information (optional)

— Tlhe filterbank control information

— Tlhe time unwarping (TW) control information (optional)

— The enhanced spectral bandwidth replication (eSBR) control information (optional)

— The MPEG Surround 2-1-2 (MPS212) control information (optional)

The dcalefactor noiseless.decoding tool takes information from the bitstream payload demultiplexer, parses
that information, and decodes the Huffman and DPCM coded scalefactors.

The inpput to the sealefactor noiseless decoding tool is:
— Tlhe scalefactor information for the noiselessly coded spectra

The quiput of the scalefactor noiseless decoding tool is:

— The decoded integer representation of the scalefactors:

The spectral noiseless decoding tool takes information from the bitstream payload demultiplexer, parses that
information, decodes the arithmetically coded data, and reconstructs the quantized spectra.The input to this
noiseless decoding tool is:

— The noiselessly coded spectra
The output of this noiseless decoding tool is:

— The quantized values of the spectra

© ISO/IEC 2012 — All rights reserved 5
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The inverse quantizer tool takes the quantized values for the spectra, and converts the integer values to the
non-scaled, reconstructed spectra. This quantizer is a companding quantizer, whose companding factor
depends on the chosen core coding mode.

The input to the Inverse Quantizer tool is:
— The quantized values for the spectra
The output of the inverse quantizer tool is:

— The un-scaled, inversely quantized spectra

The noise filling tool is used to fill spectral gaps in the decoded spectra, which occur when spectral’valye are
quantized to gero e.g. due to a strong restriction on bit demand in the encoder. The use of the naise-filling tool
is optional.

The inputs to|the noise filling tool are:

— The un-gcaled, inversely quantized spectra

— Noise filling parameters

— The decgded integer representation of the scalefactors
The outputs tp the noise filling tool are:

— The un-dcaled, inversely quantized spectral values for spectral lines which were previously quantized to
zero.

— Modified|integer representation of the scalefactors

The rescaling tool converts the integer representation of the scalefactors to the actual values, and mulfiplies
the un-scaled inversely quantized spectra by the relevant scalefactors.

The inputs to|the scalefactors tool are:

— The decgded integer representation of the scalefactors
— The un-gcaled, inversely'quantized spectra

The output from the scalefactors tool is:

— The scalgd, inversely quantized spectra

For an overview over the M/S tool, please refer to ISO/IEC 14496-3:2009, 4.1.1.2.

For an overview over the temporal noise shaping (TNS) tool, please refer to ISO/IEC 14496-3:2009, 4.1.1.2.

The filterbank / block switching tool applies the inverse of the frequency mapping that was carried out in the
encoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterbank tool. The IMDCT
can be configured to support 120, 128, 240, 256, 480, 512, 960 or 1024 spectral coefficients.

6 © ISO/IEC 2012 — All rights reserved
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The inputs to the filterbank tool are:

— The (inversely quantized) spectra

— The filterbank control information

The output(s) from the filterbank tool is (are):

— The time domain reconstructed audio signal(s).

The time-warped filterbank / block switching tool replaces the normal filterbank / block switching tool when the
time warping mode is enabled. The filterbank is the same (IMDCT) as for the normal filterbank; but in addition
ndowed time domain samples are mapped from the warped time domain to the lineartime domain by
arying resampling.

he inversely quantized spectra

he filterbank control information

he time-warping control information
The qutput(s) from the filterbank tool is (are):

he linear time domain reconstructed audio signal(sy.

The gnhanced SBR (eSBR) tool regenerates the highband of the audio signal. It is based on replication of the
sequgnces of harmonics, truncated during encoding. It adjusts the spectral envelope of the geperated high-
band jand applies inverse filtering, and adds ngise and sinusoidal components in order to recreatg the spectral
charalteristics of the original signal.

The ipput to the eSBR tool is:

— The quantized envelope data
— (ontrol data

— A time domain signal from the frequency domain core decoder or the ACELP/TCX core decdder
The qutput of theeSBR tool is either:

— A timé domain signal or

— QIMF-domaln representation ot a signal, €.g. In case VMIFSZ1Z IS used.

The MPEG Surround 2-1-2 (MPS212) tool produces multiple signals from one input signal by applying a
sophisticated upmix procedure to the input signal controlled by appropriate spatial parameters. In the USAC
context MPS212 is used for coding a stereo signal, by transmitting parametric side information alongside a
transmitted downmixed signal.

The input to the MPS212 tool is:
— A downmixed time domain signal or

— A QMF-domain representation of a downmixed signal from the eSBR tool

© ISO/IEC 2012 — All rights reserved 7
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The output of

the MPS212 tool is:

— A two-channel time domain signal

The ACELP tool provides a way to efficiently represent a time domain excitation signal by combining a long
term predictor (adaptive codebook codeword) with a pulse-like sequence (innovation codebook codeword).
The reconstructed excitation is sent through an LP synthesis filter to form a time domain signal.

The input to the ACELP tool is:

Adaptive

and innovation codebook indices

Adaptive
Other co
Inversely
The output of

The time

The MDCT b

and innovation codes gain values

htrol data

quantized and interpolated LPC filter coefficients
the ACELP tool is:

domain reconstructed audio signal

hsed TCX decoding tool is used to turn the weighted LP residual representation from an M

domain back
been applied

The input to t

Inversely
The output of

The time

4.3 Comb

The output o
Spatial Audig
can typically

domain in the¢ same\way as it is described for HE-AAC in ISO/IEC 23003-1:2007, 4.4. If a connection

QMF domain

The (invgrsely quantized) MDCT spectra

to the time domain and outputs a time domain signal iniwhich weighted LP synthesis filterin
The IMDCT can be configured to support 256, 512,.6r 1024 spectral coefficients.

ne TCX tool is:

quantized and interpolated LPC filtercoefficients
the TCX tool is:

domain reconstructed audio-signal

nation of USAC with MPEG Surround and SAOC

the USAC decoder can be further processed by MPEG Surround (MPS) (ISO/IEC 23003
Object Coding (SAOC) (ISO/IEC 23003-2). If the SBR tool in USAC is active, a USAC dsg
be efficiently combined with a subsequent MPS/SAOC decoder by connecting them in the

DCT-
g has

-1) or
coder
QMF
in the

isthotpossible, they need to be connected in the time domain.

If MPS/SAOC side information is embedded into a USAC bitstream by means of the usacExtElement
mechanism (with usacExtElementType being ID_EXT_ELE_MPEGS or ID_EXT_ELE_SAOC), the time-
alignment between the USAC data and the MPS/SAOC data assumes the most efficient connection between
the USAC decoder and the MPS/SAOC decoder. If the SBR tool in USAC is active and if MPS/SAOC employs
a 64 band QMF domain representation (see ISO/IEC 23003-1:2007, 6.6.3), the most efficient connection is in
the QMF domain. Otherwise, the most efficient connection is in the time domain. This corresponds to the time-
alignment for the combination of HE-AAC and MPS as defined in ISO/IEC 23003-1:2007, 4.4, 4.5, and 7.2.1.

The additional delay introduced by adding MPS decoding after USAC decoding is given by ISO/IEC
23003-1:2007, 4.5 and depends on whether HQ MPS or LP MPS is used, and whether MPS is connected to
USAC in the QMF domain or in the time domain.

© ISO/IEC 2012 — All rights reserved
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4.4 Interface between USAC and Systems

This subclause clarifies the interface between USAC and MPEG Systems. Every access unit delivered to the
audio decoder from the systems interface shall result in a corresponding composition unit delivered from the
audio decoder to the systems interface, i.e., the compositor. This shall include start-up and shut-down
conditions, i.e., when the access unit is the first or the last in a finite sequence of access units.

For an audio composition unit, ISO/IEC 14496-1:2010, 7.1.3.5 Composition Time Stamp (CTS) specifies that
the composition time applies to the n-th audio sample within the composition unit. For USAC, the value of n is
always 1. Note that this applies to the output of the USAC decoder itself. In the case that a USAC decoder is,
for example, being combined with an MPS decoder as described in 4.3, the additional delay caused by the
MPS decoding—process—{see—4-3—andISOAEC 23003-1:2007 4.5) needs—to-be-taken-into—account for the
comppsition units delivered at the output of the MPS decoder.

4.5 |USAC Profiles and Levels

4.5.1| Introduction
This gubclause defines profiles and their levels for Unified Speech and Audie Cading.

Complexity units are defined to give an approximation of the decoder complexity in terms of prodessing power
and RAM usage required for the decoding process. The approximated processing powerl is given in
“Procgssor Complexity Units” (PCU), specified in MOPS. The approximated RAM usage is g|ven in “RAM
Complexity Units” (RCU), specified in kWords (1000 words).

4.5.2| MPEG-4 HE AACv2 Compatibility

Largg parts of the USAC codec are inherited from the.codec tools and structure subsumed in the MPEG-4 HE
AAC 12 profile. A few of these tools have been adopted into USAC as is. Many more have beer| adopted into
USAC and greatly enhanced in terms of performance, capability and flexibility. Others were supstituted with
tools which provide a range of advantages-over their MPEG-4 counterparts. As a result, USAC retains all
functipnalities and performance features that the AAC family of technologies — AAC, HE AAC, HE AAC v2 —
can pfovide. However, it does not adopt-all tools.

If a decoder is intended to provide full AAC family functionality, including the legacy MPEG-4 AAC tools, all
coding tools listed in Table 1 shallbe considered.

© ISO/IEC 2012 — All rights reserved 9
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The following tools listed in Table 1 are normatively referenced in USAC:

Table 1 — Summary of the Location of and Normative Reference to the Definitions of all AAC, HE-AAC
and USAC Coding Tools as employed in the Extended High Efficiency AAC profile

defined
Tool / Module in_ | b usac | A4C | ser | Ps
ISO/IEC
block switching 14496-3 | 4.6.11 X X
window AAC based 14496-3 | 4.6.11 X X
shapes additional JSAC 23603-3 X
filter bank standard 14496-3 | 4.6.11 X X
time-warped 23003-3 X
TNS 14496-3 4.6.9 X X
intensity 14496-3 | 4.6.8.2 | NOTE 1 X
coupling 14496-3 | 4.6.8.3 X
perceptudl PNS 14496-3 | 4.6.13 | NOTE2 X
noise noise filling 23003-3 X
synthesis
basic mid/side coding 14496-3 | 4.6.8.1 X X
MS MDCT based complex 23003-3 X
prediction
quantization no!'l-uniform 14496-3 | 4.6.1 X X
uniform 23003-3 X
Huffman 14496-3 46.3 | NOTE3 X
entropy cpding | context adaptive arithmetic 23003-3 X
coding
SBR base 14496-3 | 4.6.18 X X X
enhanced 23003-3 X
parametri Parametric Stereo 14496-3 8.:.;':/ NOTE 4 X
e o MPEG Surround 2-1-2 (incl- | 23003-3 N
residual coding)
ACELP 23003-3 X
frequency scale factor based 14496-3 4.6.2 X X
domain npise
shaping LPC based 23003-3 X
NOTE 1: | Functionality of the’ AAC LC intensity tool is fully provided by the MDCT based complex prediction tqol
of USAC
NOTE 2: | Functionality.of\the PNS tool is largely provided by the noise filling tool of USAC
NOTE 3: | Functionality.of the AAC LC Huffman coding tool is fully provided by the context adaptive arithmetic
coding too| of USAC
NOTE 4: | Functienality of the Parametric Stereo tool is fully provided by the MPEG Surround 2-1-2 tool of USAC

4.5.3 Baseline USAC Profile

In the Baseline USAC profile the following coding tools shall not be employed:

— Time warped filterbank

— DFT based harmonic transposer in enhanced spectral band replication

— Fractional delay decorrelator in MPEG Surround for mono to stereo upmixing (MPS212)

Four different hierarchical levels are defined with increasing number of audio channels and increasing
complexity. The definition of the four levels of the Baseline USAC profile is given in Table 2.

10 © ISO/IEC 2012 — All rights reserved
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Table 2 — Levels for the Baseline USAC profile

Level Max. sams’llianxgi rate Max. Max.
channels PCU RCU
[kHZz]
1 1 48 7 6
2 48 12 11
3 5.1 48 31 28
4 5.1 96 62 28

454

The H
as dd
imple

The
1ISO/I
profile

Four
comp
Exten

Extended High Efficiency AAC Profile

xtended HE AAC profile contains the audio object types 42 (USAC), 5 (SBR), 29 (RS) an
fined in ISO/IEC 14496-3. In order for a decoder to support the Extended HE ‘AAC
ment all modules listed in Table 1.

Extended HE AAC profile is compatible with the MPEG-4 High Efficiency -AAC v2 profile
FC 14496-3. It warrants decodability of HE AAC v2 profile compliant/bit streams by Exten
decoders.

1 2 (AAC LC)
rofile it shall

as defined in
ded HE AAC

different hierarchical levels are defined with increasing ndmber of audio channels angd increasing

ded HE AAC profile is given in Table 3. All notes in Table @and all restrictions listed in the

4, andl 5 (“Max. channels/object’, “Max. AAC sampling rate,~-SBR not present [kHz]”, “Max. AAC s

SBR

"«

present [kHz]”, “Max. SBR sampling rate [kHz] (in/out)%) of Table 3 apply only when decodin

exity. All four levels include Level 2 of the Baseline USACprofile. The definition of the fouf

levels of the
columns 2, 3,
ampling rate,
g HE AAC v2

profile compliant bit streams.
Table 3 — Levels forthe Extended HE AAC profile
Max “:::{pﬁg “:::{pﬁg Max. SBR Max. PCU | Max. RCU
Level channels/| rate, SBR | rate;-SBR sampling Max. PCU | Max. RCU HQ/LP HQ/LP
(NOTR1) object |not present| “present rate [kHz] SBR SBR
[kHz] [kHz] (infout) (NOTE 5) (NOTE 5)
1 NA NA NA NA NA NA NA NA
2 2 48 24 24/48 12 11 12 11
3 2 48 24/48 48/48 15 11 15 11
(NOTE 3) (NOTE 2)
4 5 48 24/48 48/48 25 28 20 23
(NOTE 4) (NOTE 2)
5 5} 96 48 48/96 49 28 39 23
NOTE 1:, ( Level 2, 3, and 4 Extended HE AAC profile decoders implement the baseline version of the parpmetric stereo
tool. 4

\ level 5 decoder shaII not be Ilmlted to the basellne version of the parametrlc stereo tooI

NOTE

NOTE 4:

NOTE &:

If Parametric Stereo data is present the maximum AAC sampling rate is 24kHz, if Parametric

ed mode if the

sampllng rate of the AAC core is hlgher than 24kHz Hence if the SBR tooI operates on a 48kHz S|gnal the internal
sampling rate of the SBR tool will be 96kHz, however, the output signal will be downsampled by the SBR tool to 48kHz.
NOTE 3:
not present the maximum AAC sampling rate is 48kHz.
For one or two channels the maximum AAC sampling rate, with SBR present, is 48kHz. For more than two
channels the maximum AAC sampling rate, with SBR present, is 24kHz.

The PCU/RCU number are given for a decoder operating the LP SBR tool whenever applicable.

Stereo data is

For the MPEG-4 audio object type 2 (AAC LC), mono or stereo mixdown elements are not permitted.

For MPEG-4 audio object types 2, 5, and 29 the following restrictions apply:

© ISO/IEC 2012 — All rights reserved
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5

5.1

An Extended HE AAC profile decoder shall operate the HQ SBR tool for bitstreams containing Parametric

Stereo data.

For bitstreams not containing Parametric Stereo data, the Extended HE AAC profile decoder may operate

the HQ SBR tool, or the LP SBR tool.

Only bitstreams consisting of exactly one AAC single channel element

may contain Parametric Stereo

data. Bitstreams containing more than one channel in the AAC part shall not contain Parametric Stereo

data.

Synta

Genergal

The bit strearn syntax shall be based on ISO/IEC 14496-3:2009, 4.4.

The USAC bif stream syntax is shown below:

5.2 Decoder configuration (UsacConfig)

12

Table 4 — Syntax of UsacConfig()

Syntax No. of bits  Mnemonic
UsacConfig()
{
usa¢SamplingFrequencyindex; 5 bslbf
if ( usacSamplingFrequencylndex == 0x1f) {
iIsacSamplingFrequency; 24 uimsbf
}
corISbrFrameLengthlndex; 3 uimsbf
chafpnelConfigurationindex; 5 uimsbf
if (channelConfigurationindex == Q) {
JsacChannelConfig();
}
Usag¢DecoderConfig();
if (usacConfigExtensionPresent==1) { 1 uimsbf
JsacConfigExtension();
1
}
Table 5 — Syntax of UsacChannelConfig()
Syntax No. of bits  Mnemonic
UsacChannelConfig()

{
numQutChannels = escapedValue(5,8,16);
for (i=0; iknumOutChannels; i++) {

bsOutputChannelPosJi];
}

5 uimsbf

© ISO/IEC 2012 — All rights reserved
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Table 6 — Syntax of UsacDecoderConfig()

Syntax No. of bits ~ Mnemonic
UsacDecoderConfig()
{
numElements = escapedValue(4,8,16) + 1;
for (elemldx=0; elemldx<numElements; ++elemldx) {
usacElementType[elemldx] 2 uimsbf

switch (usacElementType[elemldx]) {
case: ID_USAC_SCE
UsacSingleChannelElementConfig(sbrRatiolndex);

break;
case: ID_USAC_CPE
UsacChannelPairElementConfig(sbrRatiolndex);
break;
case: ID_USAC_LFE
UsacLfeElementConfig();
break;
case: ID_USAC_EXT
UsacExtElementConfig();
break;

}

lements in UsacFrame() at the respective position elemldx.

b

NOTE: UsacSingleChannelElementConfig(), UsacChannelPairElementConfig(), UsacLfeElement-
Config() and UsacExtElementConfig() signaled at position elemldx refer to the correspondingy

€

Table 7 — Syntax of UsacSingleChannelElementConfig()

Byntax No. of bits

Mng¢monic

g
WsacSingleChannelElementConfig(sbrRatiolndex)
{

UsacCoreConfig();

if (sbrRatiolndex > 0) {
SbrConfig();

}

Table 8 — Syntax of UsacChannelPairElementConfig()

byntax No. of bits

Mnemonic

JsacChannelPairElementConfig(sbrRatiolndex)

oo —len

UsacCoreConfig();
if (sbrRatiolndex > 0) {

SbrConfig();

stereoConfigindex; 2
}
else {

stereoConfigindex = 0;
}
if (stereoConfigindex > 0) {

Mps212Config(stereoConfigindex);

}

uimsbf

© ISO/IEC 2012 — All rights reserved
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Table 9 — Syntax of UsacLfeElementConfig()

Syntax No. of bits  Mnemonic
UsacLfeElementConfig()

tw_mdct = 0;
noiseFilling = 0;

Table 10 — Syntax of UsacCoreConfig()

Syntax No. of bits  Mnemonig
UsacCofeConfig()
{

tw_Jndct; 1 bslbf
noigeFilling; 1 bsbif

Table 11 — Syntax of SbrConfig()

Syntax No. of bits  Mnemonic

SbrConfjg()

{
harmonicSBR; 1 bsblif
bs_interTes; 1 bsblif
bs_pvc; 1 bsblif
SbripfltHeader();

!

Table 12 —<Syntax of SbrDfltHeader()

Syntax No. of bits Mnemonic
SbrDfltHeader()
{
dflt_|start_freq; 4 uimsbf
dflt_[stop_freq; 4 uimsbf
dflt_|header_extrai; 1 uimsbf
dflt_|header_extra2; 1 uimsbf
if (dfft_header—extra1 == 1) {
flt_freq: scale; 2 uimsbf
flt_alter_scale; 1 uimsbf
fit “hoise_bands; 2 uimsbf
1
if (dflt_header_extra2 == 1) {
dfit_limiter_bands; 2 uimsbf
dflt_limiter_gains; 2 uimsbf
dflt_interpol_freq; 1 uimsbf
dflt_smoothing_mode; 1 uimsbf
}
1
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Table 13 — Syntax of Mps212Config()

Syntax No. of bits Mnemonic
Mps212Config(stereoConfigindex)
{
bsFreqRes; 3 uimsbf
bsFixedGainDMX 3 uimsbf
bsTempShapeConfig; 2 uimsbf
bsDecorrConfig; 2 uimsbf
bsHighRateMode,; 1 uimsbf
bsPhaseCoding; 1 uimsbf
—bsOttBandsPhasePresent; 1 uimsbf
if (bsOttBandsPhasePresent) { NOJTE 1
bsOttBandsPhase; 5 uimsbf
}
if (bsResidualCoding) { NOJE 2
bsResidualBands; 5 uimsbf
bsOttBandsPhase = max(bsOttBandsPhase,bsResidualBands);
bsPseudolLr; 1 uimsbf
}
if (bsTempShapeConfig == 2) {
bsEnvQuantMode; 1 uinsbf
}
¥
NOTE 1: if bsOttBandsPhasePresent==0 bsOttBandsPhase is initialized according toTable 104.
NOTE 2: bsResidualCoding depends on stereoConfigindex according to Table 72
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Table 14 — Syntax of UsacExtElementConfig()

Syntax No. of bits Mnemonic

UsacExtElementConfig()
{

usacExtElementType = escapedValue(4,8,16);
usacExtElementConfigLength = escapedValue(4,8,16);

usacExtElementDefaultLengthPresent; 1 uimsbf
if (usacExtElementDefaultLengthPresent) {
usacExtElementDefauliLength = escapedValue(8,16,0) + 1;
} else {
ISacEXTElemeniDefauliCengin = U,
1

usa¢ExtElementPayloadFrag; 1 uimsbf

swit¢h (usacExtElementType) {

casg ID_EXT_ELE_FILL:

break;

casq ID_EXT_ELE_MPEGS:

SpatialSpecificConfig();

preak;

casg ID_EXT_ELE_SAOC:

SaocSpecificConfig();

break;

defapult: NOTE
hile (usacExtElementConfigLength--) {

tmp; 8 uimsbf

break;

}
}
NOTE: The default entry for the usacExtElementType is used for unknown extElementTypes so tha
legacy decoders can cope with future extensions.

Table 15=--Syntax of UsacConfigExtension()

Syntax No. of bits  Mnemonic
UsacConfigExtension()

{

numiConfigExtensions = escapedValue(2,4,8) + 1;

for (ponfExtldx=07 confExtldx<numConfigExtensions; confExtldx++) {
isacConfigExtType[confExtldx] = escapedValue(4,8,16);
IsacConfigExtLength[confExtldx] = escapedValue(4,8,16);

switch (1 lqar‘()nnfig ExiType[confExtldx]) {

case ID_CONFIG_EXT_FILL:
while (usacConfigExtLength[confExtldx]--) {

fill_byte[i]; /* should be '10100101" */ 8 uimsbf
1
break;
default:
while (usacConfigExtLength[confExtldx]--) {
tmp; 8 uimsbf
1
break;
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Table 16 — Syntax of escapedValue()

Syntax No. of bits Mnemonic
escapedValue(nBits1, nBits2, nBits3)
{
value; ‘ nBits1 uimsbf
if (value == 2™""-1) {
value += valueAdd; nBits2 uimsbf
if (valueAdd == 2""*-1) {
value += valueAdd; nBits3 uimsbf
1
}
return value;
1
USAC bitstream payloads
5.3.1| Payloads for audio object type USAC
Table 17 — Syntax of UsacFrame(),
top level payload for audio object type USAC
Jyntax No. of bits Mneémonic
UsacFrame()
{
usaclndependencyFlag; 1 uinsbf

for (elemldx=0; elemldx<numElements; ++elemldx) {

switch (usacElementType[elemtdx]) {

case: ID_USAC_SCE
UsacSingleChanne|Element(usacindependencyFlag);
break;

case: ID_USAC_CPE
UsacChannelPairElement(usacindependencyFlag);
break;

case: ID AJSAC_LFE
UsaclfeElement(usacindependencyFlag);
break;

case: ID_USAC_EXT
UsacExtElement(usacindependencyFlag);
break;

© ISO/IEC 2012 — All rights reserved
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Table 18 — Syntax of UsacSingleChannelElement()

Syntax No. of bits Mnemonic
UsacSingleChannelElement(indepFlag)
{

UsacCoreCoderData(1, indepFlag);

if (sbrRatiolndex > 0) {
UsacSbrData(1, indepFlag);

}
}
Table 19 — Syntax of UsacChannelPairElement()
Syntax No. of bits Mnemonic
UsacChannelPairElement(indepFlag)
{
if (stereoConfigindex == 1) {
nrCoreCoderChannels = 1;
}elsg {
nrCoreCoderChannels = 2;
}
Usa¢CoreCoderData(nrCoreCoderChannels, indepFlag);
if (shrRatiolndex > 0) {
if (stereoConfigindex == 0 || stereoConfigindex ==3) {
nrSbrChannels = 2;
Jelse {
nrSbrChannels = 1;
A
)
JsacSbrData(nrSbrChannels, indepFlag);
}
if (stereoConfigindex > 0) {
Mps212Data(indepFlag);
}
}
Table 20 — Syntax of UsacLfeElement()
Syntax No. of bits Mnemonic
UsacLfeElement(indepFlag)

fd_channel_stream(0,0,0,0, indepFlag);

18 © ISO/IEC 2012 — All rights reserved
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Syntax

No. of bits Mnemonic

UsacExtElement(indepFlag)
{
usacExtElementPresent
if (usacExtElementPresent==1) {
usacExtElementUseDefaultLength;
if (usacExtElementUseDefaultLength) {

}else {
usdal - ; i )

}

if (usacExtElementPayloadLength>0) {
if (usacExtElementPayloadFrag) {

1 uimsbf

1 uimsbf

usacExtElementPayloadLength = usacExtElementDefaultLength;

usacExtElementStart; 1 uimsbf
usacExtElementStop; 1 uimsbf
} else {
usacExtElementStart = 1;
usacExtElementStop = 1;
}
for (i=0; i<usacExtElementPayloadLength; i++) {
usacExtElementSegmentData(i]; 8 uimsbf
}
}
}
)
Table 22 — Syntax of ics_info()
Syntax No. of bits ~ Mngmonic
its_info()
{
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb; 4 uimsbf
scale_factor_grouping; 7 uimsbf
}
else{
max_sfb; 6 uirr15bf
}
}

© ISO/IEC 2012 — All rights reserved
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5.3.2 Subsidiary payloads

Table 23 — Syntax of UsacCoreCoderData()

Syntax No. of bits Mnemonic
UsacCoreCoderData(nrChannels, indepFlag)
d
for (ch=0; ch < nrChannels; ch++) {
core_mode[ch]; 1 uimsbf
}
if (nr€hannels == 2) {
StereoCoreToollnfo(core_mode);
}

for (ch=0; ch<nrChannels; ch++) {
ifl(core_mode[ch] == 1) {
Ipd_channel_stream(indepFlag);

}
else {
if ( (nrChannels == 1) || (core_mode[0] != core_mode[1]) ) {
tns_data_present|[ch]; 1 uimsbf
}
fd_channel_stream(common_window, common_tw,
tns_data_present[ch], noiseFilling, indepFlag),
}
}
}
Table 24 — Syntax of StereoCoreToollnfo()
Syntax No. of bits Mnemonic
StereoCpreToollnfo(core_mode)
{
if (cqre_mode[0] == 0 && core_mode[1] == 0) {
{ns_active; 1 uimsbf
common_window; 1 uimsbf
if (common_window) {
ics_info(),
common_max_sfb; 1 uimsbf
if (€ommon_max_sfb == 0) {
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb1; 4 uimsbf
}else {
max_sfb1; 6 uimsbf
}
}else {
max_sfb1 = max_sfb;
}
max_sfb_ste = max(max_sfb, max_sfb1);
ms_mask_present; 2 uimsbf

if (ms_mask_present ==1) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
ms_used[g][sfb]; 1 uimsbf
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}

if (ms_mask_present == 3) {
cplx_pred_data();

}else {
alpha_q_re[g][sfb] = O;
alpha_q_imI[g][sfb] = 0;

}
}
if (tw_mdct) {
COITITION_{W; f uimsbf
if (common_tw ) {
tw_data();
}
}

if (tns_active) {
if (common_window) {

common_tns; 1 uimsbf
}else {
common_tns = 0;
}
tns_on_lr; 1 uimsbf
if (common_tns) {
tns_data();
tns_data_present[0] = 0;
tns_data_present[1] = 0;
}else {
tns_present_both; 1 uimsbf
if (tns_present_both) {
tns_data_present[0]=1;
tns_data_presentf#] = 1;
}else {
tns_data_present[1]; 1 uimsbf
tns_data (present[0] = 1 - tns_data_present[1];
}
}
}else {

commor’ tns = 0;
tnsydata_present[0] = O;
tns data_present[1] = 0;

} elsey{
common_window = 0;
common _tw = 0;
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Table 25 — Syntax of fd_channel_stream()

Syntax

No. of bits Mnemonic

{
global_gain;
if (noiseFilling) {
noise_level;
noise_offset;

}

else {

fd_channel_stream(common_window, common_tw, tns_data_present, noiseFilling, indepFlag)

8 uimsbf

3 uimsbf
5 uimsbf

morse_tevet—=—=;
}
if (lcgmmon_window) {
i¢s_info();
}
if (tw] mdct) {
iff lcommon_tw) {
tw_data();
}
}

scal¢ factor_data ();

if (tnp_data_present) {
ins_data ();
ac_gpectral_data( indepFlag);

fac_data_present;
if (fap_data_present) {

fac_data(1, fac_length);

fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;

1 uimsbf

22
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Table 26 — Syntax of cplx_pred_data()

Syntax

No. of bits

Mnemonic

{

cplx_pred_data(max_sfb_ste, indepFlag)

cplx_pred_all; 1
if (cplx_pred_all == 0) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
cplx_pred_used[g][sfb]; 1
if ((sfb+1) < max_sfb_ste) {

uimsbf

uimsbf

cpix—pred—usediglfsto+ti—=—cpixpred—usedigiisof;

}

}
}

else {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sth++) {
cplx_pred_used[g][sfb] = 1;
}
}
}
pred_dir; 1
complex_coef; 1
if (complex_coef) {
if (indepFlag) {
use_prev_frame = 0;
} else {
use_prev_frame; 1
}
}
if (indepFlag) {
delta_code_time =0;
}else {
delta_code_time; 1
}
for (g = 0; g £ num_window_groups; g++) {
for (sfby=.0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
if-(cplx_pred_used[g][sfb]) {

hcod_sf[dpcm_alpha_q_re[g][sfb]]; 1..

if (complex_coef) {

hcod_sf{dpcm_alpha_q_im[g][sfb]]; 1..

1

19

19

ui

ui

vl

vl

uimsbf
ui[:sbf

msbf

msbf

Clbf

Clbf

J
else {

alpha_qg_imI[g][sfb] = 0;
dpcm_alpha_q_im[g][sfb] = 60;
}
}
else {
alpha_q_re[g][sfb] = O;
alpha_qg_imI[g][sfb] = 0;

© ISO/IEC 2012 — All rights reserved
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Table 27 — Syntax of tw_data()

Syntax No. of bits Mnemonic
tw_data( )
{
tw_data_present; 1 uimsbf
if (tw_data_present == 1) {
for(i=1;i<NUM_TW_NODES;i++){
tw_ratio|i ]; 3 uimsbf
}
}
}
Table 28 — Syntax of scale_factor_data()
Syntax No. of bits Mnemonic
scale_faftor_data()
{
dpcm_sf[0][0] = 60;
for (g = 0; g < num_window_groups; g++) {
{or (sfb = 0; sfb < max_sfb; sfb++) {
if (9> 0| sfb>0){
hcod_sf[dpcm_sf[g][sfb]]; 1..19 viclbf
1 }
)
}
1
Table 29 — Syntax of tns_data()
Syntax No. of bits Mnemonic
tns_data)()
{
for (yv = 0; w < num_windows; w++) {
n_filt[w]; 1.2 uimsbf
if (n_filtfw]) {
coef_res[w]; 1 uimsbf
A
j
for (filt = 0; filt « n—Tilt{w]; filt++) {
length[w][filt]; {4;6} uimsbf
order[w][filt]; {3;4} uimsbf
if (order[w][filt]) {
direction[w][filt]; 1 uimsbf
coef_compress[w][filt]; 1 uimsbf
for (i = 0; i < order[w][filt]; i++) {
coef[w][filt][i]; 2.4 uimsbf
1
}
}
1
1
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Table 30 — Syntax of ac_spectral_data()

© ISO/IEC 2012 — All rights reserved

Syntax No. of bits  Mnemonic
ac_spectral_data(indepFlag)
{
if (indepFlag) {
arith_reset_flag = 1;
}else {
arith_reset_flag; 1 uimsbf
}
for (win = 0U; win < nUM_wWiNndows; Win+¥){ NOTE 1
arith_data(lg, arith_reset_flag && (win==0));
}
}
NOTE 1: num_windows indicates the number of windows in the current window! sequence. In case
window_sequence is EIGHT_SHORT_SEQUENCE num_windows equals 8.cin-all other cases
num_windows equals 1
Table 31 — Syntax of Ipd_channel_(stream()
Syntax No. of bits Mng¢monic
Ipd_channel_stream(indepFlag)
{
acelp_core_mode; 3 uimsbf
Ipd_mode; 5 uimsbf,
NOJTE 1
bpf_control_info 1 uimsbf
core_mode_last; 1 uinsbf
fac_data_present; 1 uinsbf
first_Ipd_flag = !core_mode_ last;
first_tcx_flag=TRUE;
k=0;
if (first_Ipd_flag) { Jast_lpd_mode = -1; } NOJE 2
while (k < 4) {
if (k==0) £
if ((core_mode_last==1) && (fac_data_present==1) ) {
fac_data(0, ccfl/8);
!
Yelse {
if ( (last_Ipd_mode==0 && mod[k]>0) ||
(I:mt_lpd_mndn>ﬂ && mnd[k]:: ) ) {
fac_data(0, ccfl/8);
}
}
if (mod[k] == 0) {
acelp_coding(acelp_core_mode);
last_Ipd_mode=0;
k+=1;
}
else {
tex_coding( Ilg(mod[k]) , first_tcx_flag, indepFlag); NOTE 3
last_Ipd_mode=mod[K];
k += (1 << (mod[k]-1) );
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first_tcx_flag=FALSE;
}
Ipc_data(first_Ipd_flag);
if ( (core_mode_last==0) && (fac_data_present==1) ) {
short_fac_flag; 1 uimsbf

fac_length = short_fac_flag ? ccfl/16 : ccfl/8;
fac_data(1, fac_length);

}
}
NOTE 1] Ipd_mode defines the contents of the array mod[] as described in 6.2.10.2, Table 89:

NOTE 2jfirst_Ipd_flag is defined in 6.2.10.2.
NOTE 3] The number of spectral coefficients, Ig, depends on mod[k] according to Table 148!

Table 32 — Syntax of Ipc_data()

Syntax No? of bits  Mnemoni¢
Ipc_dataffirst_lpd_flag, mod[])
{
Ipc_set = 4;
mode_lpc = get_mode_lIpc(lpc_set);
Ipc_first_approximation_index[Ipc_set] 8 uimsbf
codg_book_indices(Ipc_set, nk_mode, 2); NOTE 1

if (first_Ipd_flag) {

pc_set=0;

ode_Ipc = get_ mode_Ipc(lpc_set);

if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
ode_book_indices(0, nk_mode, 2); NOTE 1

}
if (mpd[0] !=3){
lpc_set=2;
ode_Ipc = get_mode_Ipc(lpc_set);
if (mode_lIpc == 0) {Ipec_first_approximation_index[lpc_set] } 8 uimsbf
ode_book_indiges{ipc_set, nk_mode, 2); NOTE 1
}
if (mpd[0] < 2) {
Ipc_set =1;
ode-Ipc = get_mode_Ipc(lpc_set);
if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
if (tmode Inc =1\ {
code_book_indices(lpc_set, nk_mode, 2); NOTE 1
}
}
if (mod[2] < 2){
Ipc_set = 3;
mode_Ipc = get_mode_Ipc(lpc_set);
if (mode_Ipc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(Ipc_set, nk_mode, 2); NOTE 1
}

}
NOTE 1: nk_mode is determined by the number of the currently decoded LPC Filter set, Ipc_set, and
the LPC quantization mode, mode_Ipc, according to Table 143.

26 © ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Table 33 — Syntax of qn_data()

Syntax No. of bits Mnemonic
gn_data(nk_mode, no_gn)

{

switch (nk_mode) {
case 1:
for (k=0; k<no_gn; k++) {
qn[k] 1..n uclbf
if (an[k] > 0) {gn[k] += 1}
b
Oreak,
case 0O:
case 2:
case 3:
for (k=0; k<no_qn; k++) {
qn_base 2 uimsbf
gn[k] = gn_base + 2;

}
if (nk_mode == 2){
for (k=0; k<no_qn; k++) {

if (gqn[k] > 4) {
aqn[k] 1..n uglbf
if (qn[k] > 0) { an[k] += 4 }
}
}
}else {
for (k=0; k<no_qn; k++) {
if (an[k] > 4) {
qn_ext 1..n uglbf
switch (gqn_ext){
case 0: qn[k] = 5; break;
case 17 gn[k] = 6; break;
case 2: qn[k] = 0; break;
default: qn[k] = gn_ext + 4; break;
}
}
}
}
break;
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Table 34 — Syntax of get_mode_lpc()

Syntax No. of bits Mnemonic
get_mode_lpc(Ipc_set)
{
switch (Ipc_set) {
case 4: mode_Ipc=0; break;
case 0:
case 2:
mode_lpc = binary_code 1
break;
rase 1
switch (binary_code) { 1.2 viclbf
case ‘0" mode_Ipc = 2; break;
case ‘10" mode_Ipc =0; break;
case ‘115" mode_Ipc =1; break;
}
break;
tase 3.
switch (binary_code) { 1.3 viclbf
case ‘0, mode _Ipc =1; break;
case ‘10, mode Ipc =0; break;
case ‘110, mode _Ipc =2; break;
case ‘111, mode Ipc =3; break;
}
break;
}
retufn mode_lpc;
}
NOTE: Tlhe mapping of binary code to mode_Ipci¢an also be deduced from Table 143

Table 35 -~ Syntax code_book_indices ()

Syntax No. of bits ~ Mnemonic
code_bopk_indices(idx, nk_mode, no_qn) NOTE 1
{

for (k=0; k<no_qn; k#+){
gn_data(nk_mode, no_gn)
}
for (k=0; k<n@_gn; k++)
{
if (an[k] > 4) {

nk = (qn[l{]-?)/’);
n = gn[k] — nk*2;

}else {

nk = 0;

n = qnlk];
}
code_book_index[idx][Kk] 4*n uimsbf
kv[idx][k][0] nk uimsbf
kv[idx][k][1] nk uimsbf
kv[idx][k][2] nk uimsbf
kv[idx][k][3] nk uimsbf
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kv[idx][k][4] nk uimsbf
kv[idx][k][5] nk uimsbf
kv[idx][k][6] nk uimsbf
kv[idx][k][7] nk uimsbf

}
}

NOTE 1: idx can take values from 0 to 4 in case the syntax element is used in context of Ipc_data().
In case of the use in the context of fac_data() idx can take values from 0 to 7 or from 0 to 15
depending on fac_length.

Table 36 — Syntax of acelp_coding()

for (sfr=0; sfr<nb_subfr ; sfr++) {
if ((sfr==0) || ((nb_subfr==4) && (sfr==2))) {

acb_index]sfr]; 9 uimsbf
}else {
acb_index]sfr]; 6 uimsbf
}
Itp_filtering_flag[sfr]; 1 bmsbf
switch (acelp_core_mode) {
case 0
icb_index[sfr]; 20 uimsbf
break;
case 1
icb_index[sfr}; 28 uimsbf
break;
case 2
icb_index[sfr]; 36 uimsbf
break;
case(3
icb_index|sft]; 44 uimsbf
break;
case 4
icb_index[sfr]; 52 uimsbf
break;
Cdse o
icb_index[sfr]; 64 uimsbf
break;
}
gains[sfr]; 7 uimsbf

}

Syntax No. of bits"~ Mnemonic
gcelp_coding(acelp_core_mode)
{
mean_energy; 2 uimsbf
nb_subfr = coreCoderFramelLength/256 NOTE

NOTE: coreCoderFramelLength designates the core frame length in samples and is equal to either
1024 or 768. See also 6.1.1.2.
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Table 37 — Syntax of tcx_coding()

Syntax No. of bits  Mnemonic
tex_coding(lg, first_tcx_flag, indepFlag)
{

w

noise_factor; uimsbf
global_gain; 7 uimsbf

if (first_tcx_flag ) {
if (indepFlag) {
arith_reset_flag = 1;
Jefset
arith_reset_flag; 1 uimsbf

}
}
else|{
arith_reset_flag=0;
}
arith| data(lg, arith_reset_flag);

Table 38 — Syntax of arith_data()

Syntax No. of bits Mnemonic
arith_data(lg, arith_reset_flag)

¢ = grith_map_context(N, arith_reset_flag);

for (iF0; i<lg/2; i++) {
* MSB decoding */
C = arith_get_context (c,i,N);
for (lev=esc_nb=0;;) {
pki = arith_get_pk(c+esc (nb<<17)
acod_m|[pki][m]; 1..20 viclbf
if (m!= ARITH_ESCAPE)
break;
lev += 1;
if ( (esc_nb=lev)>7)
esenb=7;

1
4

D = M>=2;
T Fm< (b<<2);

/* ARITH_STOP symbol detection */
if (m==0 && lev>0)
break;

/* LSB decoding */
for (I=lev; 1>0; I--) {
Isbidx = (a==0)?1:((b==0)?0:2);
acod_r[Isbidx][r]; 1..20 viclbf
a=(a<<1)|(r&1);
b=(b<<1)[((r>>1)&1);
}

x_ac_dec[2*] = a;
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x_ac_dec[2*i+1] = b;
arith_update_context(i,a,b);

}
arith_finish(x_ac_dec, i,N);

/* Signs decoding */
for (i=0; i<Ig; i++) {
if (x_ac_dec]i] I= 0) {
s; 1 uimsbf
if (s==0) { x_ac_dec|i] *=-1:}

}
}
b
Table 39 — Syntax of fac_data()
Syntax No. of bits Mnemonic
fac_data(useGain, fac_length)
{
if (useGain) {
fac_gain; 7 uimsbf
}

for (i=0; i<fac_length/8; i++) {
code_book_indices (i, 1, 1);

}

IOTE 1: This value is encoded using a modified unary code, where gn=0 is represented by pne "0"
it, and any value gn greater or equal to-2'is represented by gn-1 "1" bits followed by one "01 stop
it.

lote that gn=1 cannot be signaled;because the codebook Q; is not defined.

- oo =

5.3.3| Payloads for enhanced-SBR

Table 40 — Syntax of UsacSbrData()

wn

yntax No. of bits Mngmonic
sacSbrData(humberSbrChannels, indepFlag)

-~ C

if (indepFlag) {
sbrinfoPresent = 1;
sbrHeaderPresent = 1;

}else {
sbrinfoPresent; 1 uimsbf
if (sbrinfoPresent) {
sbrHeaderPresent; 1 uimsbf
}else {
sbrHeaderPresent = 0;
}
}
if (sbrinfoPresent) {
Sbrinfo();
}
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if (sbrHeaderPresent) {
sbrUseDfltHeader; 1 uimsbf
if (sbrUseDfltHeader) {
/* copy all SbrDfltHeader() elements
dift_ xxx_yyy to bs_xxx_yyy */

}else {
SbrHeader();
}
}
sbr_data(bs_amp_res, numberSbrChannels, indepFlag);
}
Table 41 — Syntax of Sbrinfo
Syntax No. of bits Mnemonic
Sbrinfo(
{
bs_amp_res; 1 uimsbf
bs_}over_band; 4 uimsbf
bs_gbr_preprocessing; 1 uimsbf
if (bg_pvc) {
Ds_pvc_mode; 2 uimsbf
1
1
Table 42 — Syntax of,SbrHeader()
Syntax No. of bits Mnemonic
SbrHeader()
{
bs_start_freq; 4 uimsbf,
NOTE 1
bs_stop_freq; 4 uimsbf,
NOTE 1
bs_:l:eader_extra_1 ; 1 uimsbf
bs_header_extra_2; 1 uimsbf
if (bg_header_extra: 1) { NOTE 2
bs_freq_(Scale; 2 uimsbf
Ds_alter>scale; 1 uimsbf
bs  noise_bands; 2 uimsbf
}
if (bs_header_extra_2) { NOTE 2
bs_limiter_bands; 2 uimsbf
bs_limiter_gains; 2 uimsbf
bs_interpol_freq; 1 uimsbf
bs_smoothing_mode; 1 uimsbf
}
}
NOTE 1: bs_start_freq and bs_stop_freq shall define a frequency band that does not exceed the
limits defined in 7.5.5 and ISO/IEC 14496-3:2009, 4.6.18.3.6.
NOTE 2: If this bit is not set the default values for the underlying data elements shall be used
disregarded any previous value.
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Table 43 — Syntax of sbr_data()

Syntax No. of bits Mnemonic
sbr_data(bs_amp_res, numberSbrChannels, indepFlag)
{
switch (numberSbrChannels) {
case 1:
sbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFlag);
break;
case 2:
sbr_channel_pair_element(bs_amp_res, indepFlag);
break;
}
}
Table 44 — Syntax of sbr_single_channel_element()
Syntax Nolof bits Mnemonic
gbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFElag)
if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) { 1 uimsbf
sbrOversamplingFlag[0]; 1 uimsbf
if (sbrPitchinBinsFlag[0]) 1 uimsbf
sbrPitchinBins[0]; 7 uimsbf
else
sbrPitchInBins[0] = 0;
}else {
sbrOversamplingFlag[0] = O;
sbrPitchinBins[0] = 0;
}
}
sbr_grid(0, bs_pvc_mode);
sbr_dtdf(0, bs_pveimode, indepFlag);
sbr_invf(0);
if (bs_pvc_mode==0) {
sbrenvelope(0, 0, bs_amp_res);
} else{
pvc_envelope(indepFlag);
}
sbr_noise(0, 0);
if (bs_add_harmonic_flag[0]) { 1 uimsbf
sbr_sinusoidal_coding(0, bs_pvc_mode);
}
}
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Table 45 — Syntax of sbr_channel_pair_element()

Syntax

No. of bits  Mnemonic

sbr_channel_pair_element(bs_amp_res, indepFlag)

{

if (bs_coupling) {
if (harmonicSBR) {

}els

}

if (sbrPatchingMode[0,1] == 0) {
sbrOversamplingFlag[0,1];
if (sbrPitchinBinsFlag[0,1])
sbrPitchinBins[0,1];

1 uimsbf

uimsbf
uimsbf
uimsbf
uimsbf

N = =

e {

etse
sbrPitchInBins[0,1] = 0;
}else {
sbrOversamplingFlag[0,1] = 0;
sbrPitchInBins[0,1] = 0;
}

sbr_grid(0, 0);

sbr_dtdf(0, 0, indepFlag);
sbr_dtdf(1, 0, indepFlag);
5br_invf(0);

sbr_envelope(0,1, bs_amp_res);
sbr_noise(0,1);
bbr_envelope(1,1, bs_amp_res);
sbr_noise(1,1);

f (harmonicSBR) {

if (sbrPatchingMode[0] == 0) {
sbrOversamplingFlag[0];
if (sbrPitchinBinsFlag[0])
sbrPitchinBins[0];
else
sbrPitchInBins[Q] = O;
}else {
sbrOversamplingFlag[0] = 0;
sbrPitchinBins[0] = 0;
}
if (sbrRatchingMode[1] == 0) {
sbrOversamplingFlag[1];
if' (sbrPitchinBinsFlag[1])
sbrPitchinBins[1];

else

uimsbf
uimsbf
uimsbf
uimsbf

N = =

uimsbf
uimsbf
uimsbf
uimsbf

N = =

sbrPitchinBins[1] = 0;
}else {
sbrOversamplingFlag[1] = 0;
sbrPitchIinBins[1] = 0;
}

sbr_grid(0, 0);
sbr_grid(1, 0);
sbr_dtdf(0,0, indepFlag);
sbr_dtdf(1,0, indepFlag);
sbr_invf(0);

sbr_invf(1);
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}
if (bs_add_harmonic_flag[0]) { 1 uimsbf
sbr_sinusoidal_coding(0, 0);
}
if (bs add harmonic flag[1]) { 1 uimsbf
sbr_sinusoidal_coding(1, 0);
}
}
Table 46 — Syntax of sbr_grid()
Syptax No. of bits  Mnemonic
sb_grid(ch, bs_pvc_mode)
{
if (bs_pvc_mode == 0) {
switch (bs_frame_class) { 2 limsbf
case FIXFIX
bs_num_env[ch] = 2 tmp; 2 Limsbf,
NOTE 1
if (bs_num_env[ch] == 1)
bs amp_res =0;
bs_freq_res[ch][0]; 1 Limsbf
for (env = 1; env < bs_num:“env|[ch]; env++)
bs_freq_res[ch][env}= bs_freq_res[ch][0];
break;
case FIXVAR
bs_var_bord. 1{ch]; 2 Limsbf
bs_num_env|ch] = bs_num_rel_1[ch] + 1; 2 Limsbf
for (rel =\0; rel < bs_num_env[ch]-1; rel++)
bsyrel_bord_1[ch][rel] = 2* tmp + 2; 2 Limsbf
ptri bits = ceil (log (bs_num_env[ch] + 1) / log (2)); NOTE 2
bs_pointer[ch]; ptr_bits Limsbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[ch][bs_num_env[ch] — 1 —env]; 1 Limsbf
break;
case VARFIX
bs_var_bord_0[ch]; 2 uimsbf
bs_num_env[ch] = bs_num_rel_0[ch] + 1; 2 uimsbf
for (rel = 0; rel < bs_num_env[ch]-1; rel++)
bs rel bord_O[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log (bs_num_env[ch] + 1) / log (2)); NOTE 2
bs_pointer|ch]; ptr_bits uimsbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[ch] [env]; 1 uimsbf
break;
case VARVAR
bs_var_bord_0[ch]; 2 uimsbf
bs_var_bord_1[ch]; 2 uimsbf
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bs_num_rel_0[ch]; 2 uimsbf
bs_num_rel_1[ch]; 2 uimsbf
bs_num_env[ch] = bs_num_rel_0[ch] + bs_num_rel_1[ch] + 1; NOTE 1
for (rel = 0; rel < bs_num_rel_O[ch]; rel++)
bs_rel_bord_O[ch][rel] = 2* tmp + 2; 2 uimsbf
for (rel = 0; rel < bs_num_rel_1[ch]; rel++)
bs_rel_bord_1[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log(bs_num_env[ch] + 1) / log (2)); NOTE 2
bs_pointer|[ch]; ptr_bits uimsbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[chilenv]; 1 uimsbf
break;
}
if fos_num_env[ch] > 1) {bs_num_noise[ch] = 2; }
elge { bs_num_noise[ch] = 1; }
} else
bj_noise_position[ch]; 4 uimsbf
bs var_len_hf[ch]; 1,3 uimsbf

if (bs_noise_position[ch] == 0) {

bs _num_env[ch] = 1;

bs _num_noise[ch] = 1;

bs_freq_res[ch][0] = O;

} dlse {

bs_num_env[ch] = 2;

bs_num_noise[ch] = 2;

for (env = 0; env < bs_num_env|ch]; env++){
bs_freq_res[ch][env] = 0;

}

}
}
NOTE 1: bis_num_env is restricted aceording to 7.5.1.3
NOTE 2: the division (/) is a float division without rounding or truncation.

Table 47 — Syntax of sbr_envelope()

Syntax No. of bits  Mnemonic

sbr_envelopg(ch, bs>coupling, bs_amp_res)

{

if (bs_coypling) {
if (ch) {

if (bs_amp_res) {
t_huff =t_huffman_env_bal_3 0dB;
f_huff =f_huffman_env_bal_3 0dB;

}else {

t_huff = t_huffman_env_bal_1_5dB;
f_huff = f_huffman_env_bal_1_5dB;

}

}else {
if (bs_amp_res) {
t_huff =t_huffman_env_3 0dB;
f _huff =f_huffman_env_3 0dB;
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}else {
t_huff = t_huffman_env_1_5dB;
f_huff = f_huffman_env_1_5dB;

}

}else {
if (bs_amp_res) {
t_huff =t_huffman_env_3 0dB;
f_huff =f _huffman_env_3 0dB;
}else {
t huff =t huffman_env_1 5dB;

f_huff =f_huffman_env_1_5dB;
}
}
fer (env = 0; env < bs_num_env|ch]; env++) {
if (bs_df _env[ch][env] == 0) {
if (bs_coupling && ch) {
if (bs_amp_res)
bs_data_env[ch][env][0] = bs_env_start_value_balance; 5 uimsbf
else
bs data_env[ch][env][0] = bs_env_start_value_balance; 6 uimsbf
}else {
if (bs_amp_res)
bs_data_env[ch][env][0] = bs_env_start_value_level; 6 uimsbf
else
bs_data_env[ch][env][0] = bs_env: start_value_level; 7 uimsbf
}
for (band = 1; band < num_env_hands[bs_freq_res[ch][env]]; band++) NOTE 1
bs_data_env[ch][env][band};="sbr_huff dec(f_huff, bs_codeword); 1..18 NOTE 2
} else {
for (band = 0; band < num(env_bands[bs_freq_res[ch][env]]; band++) NOTE 1
bs_data_env[ch][eny][band] = sbr_huff_dec(t_huff, bs_codeword); 1..18 NOTE 2
}
if (bs_interTes) {
bs_temp_shape[ch][envV]; 1 uimsbf
If (bs_temp( shape[ch][env]) {
bs_inter_temp_shape_mode[ch][env]; 2 uimsbf
}
}
}
}
NOTE i num_env_bands[bs_freq_res[ch][env]] is derived from the header according to
ISO/IEC 14496-3:2009, 4.6.18.3 and is named n.

NOTE 2: sbr_huff_dec() is defined in ISO/IEC 14496-3:2009, 4.A.6.1.

© ISO/IEC 2012 — All rights reserved 37



https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Table 48 — Syntax of sbr_dtdf()

Syntax No. of bits Mnemonic
sbr_dtdf ( ch, bs_pvc_mode, indepFlag)

{

if (bs_pvc_mode == 0) {
if (indepFlag) {
bs_df env[ch][0] =0
}else {
bs_df_env[ch][0]; 1
}

~

L =1 [ okl )
1 \UIIV r, CITvV Vo_ ITUIrTi_CTTviorly, ©rrve '}

bs_df_env[ch][env]; 1

if (inflepFlag) {

bs_df noise[ch][0] = 0

}elsg {

bs_df _noise[ch][0]; 1
}
for (noise = 1; noise < bs_num_noise[ch]; noise++) {

bs_df _noise[ch][noise]; 1

}

Table 49 — Syntax of sbr_sinusoidal_coding()

Syntax No. of bits ~ Mnemonic
sbr_sinupoidal_coding(ch, bs_pvc_mode)

{

for (ip = 0; n < num_high_res[ch]; n++)

bs_add_harmonic [ch][n]; 1

if (bg_pvc_mode !=0) {

bs_sinusoidal_position = 31,

bs_sinusoidal_position_flag; 1

if (bs_sinusoidal_pasition_flag == 1)

bs_sinusoidal_position; 5 uimsbf
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Table 50 — Syntax of pvc_envelope

Syntax No. of bits  Mnemonic
pvc_envelope(indepFlag)
{
divMode; 3 uimsbf
nsMode; 1 uimsbf

if (divMode<=3) {
num_length = divMode;
if (indepFlag) {
reuse_pvclD = 0;

Feftse¥
reuse_pvclD; 1 uilstf
}
if (reuse_pvclID) {
pvclD[0]=pvcIDI[-1];
}else {
pvclD[0]; 7 uimsbf
}
k=1;
if (num_length) {
sum_length=0;
for (i=0; i<num_length; i++) {
if (sum_length >= 13) {

length; 1 uimsbf
} else if (sum_length >= 11) {

length; 2 uimsbf
} else if (sum_length >=7) {

length; 3 uimsbf
}else {

length; 4 uimsbf
}
length += 1;

sum_length-#=length;

for (j=1; j<length; j++, k++) {
pvclD[k] = pvclD[k-1];

}

pvciD[k++]; 7 uimsbf

}
}
for (; k<16; k++) {
pvclD[k]=pvcID[k-1];
}
}-else-{
switch (divMode) {
case 4:
num_grid_info=2;
fixed_length=8;
break;
case 5:
num_grid_info=4;
fixed_length=4;
break;
case 6:
num_grid_info=8;
fixed_length=2;
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}

break;

case 7:
num_grid_info=16;
fixed_length=1;
break;

for (i=0, k=0; i<num_grid_info; i++) {

if (indepFlag && i==0) {
grid_info = 1;
}else {
grid info; 1

uimsbf

}
if (grid_info) {
pvcID[k++]; 7
}else {
pvcID[k++] = pvcID[k-1];
}
for (j=1; j<fixed_length; j++, k++) {
pvclD[k] = pvcID[k-1];
}

uimsbf

Table 51 — References to SBR syntactic elements

Syntax pf

Please see

sbr_invf{)

ISO/IEC 14496-3:2009, 4.4.2.8, Table 4.71

sbr_noige()

ISO/IEC 14496-3:2009, 4.4.2.8, Table 4.73

5.3.4 Payldads for MPEG Surround

40

Table 52 — Syntax of Mps212Data()

Syntax

No. of bits

Mnemonic

Mps212I

{

Data(indepFlag)

Franpinglnfo();
if (inflepFlag){

} elsg{

}

bstndependencyfiag;

bsIndependencyFlag = 1;

—

OttData();

SmgData();

TempShapeData();

if (bsTsdEnable == 1) {
TsdData();

}

uimsbf—
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Table 53 — Syntax of Framinginfo()

Syntax No. of bits Mnemonic
Framinglnfo()
{
if (bsHighRateMode) {
bsFramingType; 1 uimsbf
bsNumParamSets; uimsbf
}else {

bsFramingType = 0;
bsNumParamSets = 1;

!
numParamSets = bsNumParamSets + 1;
nBitsParamSlot = ceil(log2(numSilots));
if (bsFramingType) {
for (ps=0; ps<numParamSets; ps++) {
bsParamSilot[ps]; nBitsParamsSlot uimsbf
}
}
}
Table 54 — Syntax of OttData()
Syntax No. of bits Mnemonic
OttData()
{
EcData(CLD, 0, 0, numBands); NOTE 1
EcData(ICC, 0, 0, numBands); NOTE 1
if (bsPhaseCoding) {
bsPhaseMode; 1 uimsbf
if (bsPhaseMode) {
bsOPDSmoothingMode; 1 uimsbf
EcData(IPD, @, 0; bsOttBandsPhase);
}
}
}
NOTE 1: numBands is defined in ISO/IEC 23003-1:2007, 5.2, Table 39 and depends on bsHreqRes.
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Table 55 — Syntax of SmgData()

Syntax No. of bits  Mnemonic
SmgData()
{
if (bsHighRateMode) {
for (ps=0; ps<numParamSets; ps++) { NOTE 1
bsSmoothMode[ps]; 2 uimsbf
if (bsSmoothMode[ps] >= 2) {
bsSmoothTime[ps]; 2 uimsbf
}
ibsSmoothiodefpsi—==3)%
bsFreqResStrideSmg[ps]; 2 uimsbf
dataBands = (humBands-1)/pbStride+1; NOTE)2
for (pg=0; pg<dataBands; pg++) {
bsSmgData[ps][pg]; 1 uimsbf
}
}
]
}else {

or (ps=0; ps<numParamSets; ps++) {
bsSmoothMode[ps] = 0;

}
}
NOTE 1] numParamSets is defined by numParamSets = hsNumParamSets + 1.
NOTE 21 pbStride is defined in ISO/IEC 23003-1:2007, 5.2, Table 70 and depends on
bsFreqResStrideSmg.
The division shall be interpreted as ANSI Cuinteger division. numBands is defined in
ISO/IEC 23003-1:2007, 5.2, Table 39 and depends on bsFreqRes.
Table 56.-— Syntax of TempShapeData()
Syntax No. of bits  Mnemonig
TempShapeData()
{
bsTgdEnable = 0;
if (bgTempShapeConfig == 3) {
bsTsdEnable; 1 uimsbf
} elsg if ( (bsTempShapeConfig == 1) || (bsTempShapeConfig == 2) ) {
bsTempShapeEnable; 1 uimsbf
if (psTempShapeEnable) {
for (ch=0; ch< numTempShapeChan; ch++) { NOTE 1
bsTempShapeEnableChannel[ch]; 1 uimsbf
}
if (bsTempShapeConfig == 2) {
EnvelopeReshapeHuff(bsTempShapeEnableChannel);
}
}
}
}
NOTE 1: numTempShapeChan is 2 as defined 6.2.13.2.
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Table 57 — Syntax of TsdData()

Syntax No. of bits Mnemonic
TsdData()
{
bsTsdNumTrSlots; nBitsTrSlots uimsbf
NOTE 1
TsdSepData = TsdTrPos_dec(bsTsdCodedPos); nBitsTsdCW  viclbf
NOTE 2,3
for (ts=0; ts< numSilots; ts++) {
if (TsdSepDatalts] == 1) {
— bsTsdTrPhaseDataits} 3 uimsbf
}else {
bsTsdTrPhaseData[ts] = 0:
}
}
}
NOTE 1: nBitsTrSlots depends on the frame length as defined in Table 105.
NOTE 2: nBitTsdCW is calculated according to the rule described in 7.41.274.
NOTE 3: TsdTrPos_dec() is defined in 7.11.2.4.
Table 58 — Syntax of EcData()
Syntax No. of bits ~ Mnemonic
BcData(dataType, paramldx, startBand, stopBand) NQTE 1
{
dataSets = 0;
for (ps=0; ps<numParamSets; ps++) { NOQTE 2
bsXXXdataMode[paramldx][ps]; 2 uimsbf
if (bsXXXdataMode[paramldx][ps]==3) {
dataSets++;
}
}
setldx = 0;
while (setldx < dataSets) {
bsDataPairXXX[paramldx][setldx]; 1 uimsbf
bsQuantCoarseXXX[paramldx][setldx]; 1 uimsbf
bsFreqResStrideXXX[paramldx][setldx]; 2 uimsbf
dataBands = (stopBand-startBand-1)/pbStride+1; NOQTE 3
EcDataPair(dataType, paramldx, setldx, dataBands,
bsDataPairXXX[paramldx][setldx] ,
bsQuantCoarseXXX[paramldx][setldx]);
if (bsDataPairXXX[paramldx][setldx]) {

}

bsQuantCoarseXXX[paramldx][setldx+1]

}
setldx += bsDataPairXXX[paramldx][setldx]+1;

}
startBandXXX[paramldx] = startBand;

stopBandXXX[paramldx] = stopBand;

= bsQuantCoarseXXX[paramldx][setldx];
bsFregResStrideXXX[paramldx][setldx+1] = bsFreqResStrideXXX[paramldx][setldx];

NOTE 1: XXX is to be replaced by the value of dataType (CLD, ICC, IPD).
NOTE 2: numParamSets is defined by numParamSets = bsNumParamSets + 1.
NOTE 3: pbStride is defined in ISO/IEC 23003-1:2007, Table 70 and depends on

bsFreqResStride[][]. Furthermore the division shall be interpreted as ANSI C integer division.
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Table 59 — Syntax of EcDataPair()

Syntax No. of bits  Mnemonic
EcDataPair(dataType, paramldx, setldx, dataBands, pairFlag, NOTE 1
coarseFlag)

{

mixedTimePair_flag = 0;
bsPcmCodingXXX[paramldx][setldx]; 1 uimsbf

if (bsPcmCoding[paramlidx][setldx]) {

L |l | L
\LUdlrotilTay)

numQuantSteps = numQuantStepsXXXCoarse; NOTE,2
Flse {
numQuantSteps = numQuantStepsXXXFine; NOTE 2

:

)
aaDataPair = GroupedPcmData(dataType, pairFlag,
numQuantSteps, dataBands );

}
else{
allowDiffTimeBack = (!bsIndependencyFlag) || (setldx>0);
aaDataPairMsbDiff, aPgOffset, mixedTimePair_flag) =
DiffHuffData( dataType, pairFlag,
allowDiffTimeBack, dataBands );
aaDataPairLsb[0] = LsbData( dataType, coarseFlag, dataBands );
if (pairFlag) {
aaDataPairLsb[1] = LsbData( dataType, coarseFlag, dataBands );
]
}

/* copy information read by EcDataPair().and*its subfunctions
into hon-ambiguous variables for later delta decoding etc. */

bsDiffTypeXXX[paramldx][setldx] =tbsDiffType[0];
bsDiffTimeDirectionXXX[paramldx][setldx] = bsDiffTimeDirection[0];

mixgdTimePairXXX[paramldx][setldx] = mixedTimePair_flag;

if (pairFlag) {

psDIiffTypeXXX[paramldx][setldx+1] = bsDiffType[1];
psDiffTimeDirectionXXX[paramldx][setldx+1] = bsDiffTimeDirection[1];
bsPcmCadingXXX[paramldx][setldx+1] = bsPcmCodingXXX[paramldx][setldx];
llnixedTimePairXXX[paramIdx][setldx+1] = mixedTimePair_flag;

}
for (pg=0; pg<dataBands; pg++) {

if (bsPcmCodingXXX[paramldx][setldx]) {
bsXXXpcm[paramldx][setldx][pg] = aaDataPair[0][pg];

else {
bsXXXmsbDiff[paramldx][setldx][pg] = aaDataPairMsbDiff[0][pg];
bsXXXlsb[paramldx][setldx][pg] = aaDataPairLsb[0][pg];

}
if (pairFlag) {
if (bsPcmCodingXXX[paramldx][setldx+1]) {
bsXXXpcm[paramldx][setldx+1][pg] = aaDataPair[1][pg];
}

else {
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bsXXXmsbDiff[paramldx][setldx+1][pg] =aaDataPairMsbDiff[1][pg];
bsXXXlsb[paramldx][setldx+1][pg] = aaDataPairLsb[1][pg];

}
}
NOTE 1: XXXis to be replaced by the value of dataType. (CLD, ICC, IPD).
NOTE 2: numQuantStepsXXXCoarse and numQuantStepsXXXFine are defined in Table 107 and
depend on dataType.

Table 60 — Syntax of DiffHuffData()

yntax No. of bits~ Mpemonic
iffHuffData(dataType, pairFlag, allowDiffTimeBackFlag, dataBands)

/= _lcn

mixedTimePair_flag = 0;

bsDiffType[0] = DIFF_FREQ;
bsDiffType[1] = DIFF_FREQ;

if ( pairFlag || allowDiffTimeBackFlag ) {
bsDiffType[0]; 1 uimsbf
}
if ( pairFlag && ( ( bsDiffType[0] == DIFF_FREQ.)|
allowDiffTimeBackFlag ) }{
bsDiffType[1]; 1 uimsbf
}

bsCodingScheme; 1 uimsbf
if ( bsCodingScheme == HUFF_1D9 {
(aaHuffData[0]) = HuffData4D( dataType, aDiffType[0], dataBands );
if ( pairFlag ) {
(aaHuffData[1])}='HuffData1D( dataType, aDiffType[1], dataBands );

}
}
else{ /* HUFF—2D */
if (pairFlag) {
bsPairing; 1 uimsbf
}
else {
bsPairing = FREQ_PAIR;
}
— if{bsPairng ==FREQ_PAIRY
(aaHuffData[0]) = HuffData2DFreqgPair( dataType, aDiffType[0],
dataBands );
if ( pairFlag ) {
(aaHuffData[1]) = HuffData2DFreqPair( dataType, aDiffType[1],
dataBands );
}
}

else{ /* TIME_PAIR */
(aaHuffData) = HuffData2DtimePair( dataType, aDiffType,
dataBands );
if ( bsDiffType[0] != bsDiffType[1] ) {
mixedTimePair_flag = 1;
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}

I* Inverse differential coding */

if ( (bsDiffType[0] == DIFF_TIME) || (bsDiffType[1] == DIFF_TIME) ) {
if ( lallowDiffTimeBackFlag && (bsDiffType[0] == DIFF_TIME) ) {

bsDiffTimeDirection[0] = FORWARDS;
}

else if (IpairFlag || (pairFlag && (bsDiffType[1] == DIFF_TIME)) ) {

bsDiffTimeDirection[0] = BACKWARDS;

else {
bsDiffTimeDirection[0];

if (pairFlag) {
bsDiffTimeDirection[1] = BACKWARDS;

1 uimsbf

}
retun (aaHuffData, aPgOffset, mixedTimePair_flag);
}
Table 61 — Syntax of HuffData1D()
Syntax No. of bits  Mnemoni¢
HuffDatg1D(dataType, diffType, dataBands)
{
pgOffset = 0;
if ( d|ffType == DIFF_FREQ) {
aHuffData1D[0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW);  1..x viclbf
NOTE1,3
hgOffset = 1;
}
for (j=pgOffset; i<dataBands; i++ ) {
aHuffData1D{i]\="1Dhuff_dec(hcod1D_ XXX YY, bsCodeW); 1..x viclbf
NOTE1,2
3
if (aHuffData1D]i] = 0 && dataType != IPD) {
bsSign; 1 uimsbf
if{osSign )<
aHuffData1D][i] = -aHuffData1DIi];
}
}
}
return (aHuffData1D);
}
NOTE 1: XXX s to be replaced by the value of dataType (CLD, ICC, IPD).
NOTE 2: YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.
NOTE 3:  1Dhuff_dec() is defined in ISO/IEC 23003-1:2007, A.1. For IPD tables, see A.3.
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Table 62 — Syntax of HuffData2DFreqPair()

Syntax No. of Mnemonic
bits
HuffData2DFreqPair(dataType, diffType, dataBands)
{
Lavldx = 1Dhuff_dec(hcodLavldx, bsCodeW); 1.3 viclbf
lav = lavTabXXX[Lavldx]; NOTE 1
pgOffset = 0;
if ehiffFype==bHH—FRE)<

aHuffData2D[0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf NOTE
6

pgOffset = 1;

}

epcapeCode = hcod2D_XXX_YY_FP_LL_escape; NOTE
2,345

I specific escape code belonging to this Huffman table */

epcCnir = 0;

fqr ( i=pgOffset; i<dataBands; i+=2 ) {

(aTmp[0], aTmp[1]) = 2Dhuff_dec(hcod2D_XXX_Y¥X<FP_LL, bsCodeW); 1..x viclbf,
NOTE
3,4,5,6

if (bsCodeWord != escapeCode ) {

aTmpSym = SymmetryData( aTmp, dataType );
aHuffData2DI[i] = aTmpSym[0];
aHuffData2DJ[i+1] = aTmpSym[}];
}
else {
aEsclList[escCntr++] =i
}
}
iff|( escCntr >0 ) {
aaEscData ='GroupedPcmData(dataType, 1, 2*lav+1, escCnitr);
for (i=0;,i<escCntr; i++ ) {
aHuffData2D[aEscList[i]] = aaEscData[0][i] - lav;
aHuffData2D[aEscList[i]+1] = aaEscData[1][i] - lav;
}
}
if ( (dataBands-pgOffset) % 2 ) { NOTE 7
aHuffData2D[dataBands-1] = 1Dhuff_dec(hcod1D_XXX_YY, bsCodeW); 1..x viclbf,
NOTE 3,4,6
if (aHuffData2D[dataBands-1] |= 0 && dataType != IPD) {
bsSign; 1 uimsbf
if ( bsSign ) {
aHuffData2D[dataBands-1] = -aHuffData2D[dataBands-1];
}
}
}

© ISO/IEC 2012 — All rights reserved 47



https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

return (aHuffData2D);
}

NOTE 1: lavTabXXX is defined in Table 108.

NOTE 2: The escape code tables are defined in Table A.4 for IPD and in ISO/IEC 23003-1:2007, Table A.8
and Table A.9 for CLD, ICC. For some Huffman tables no escape code is needed since all possible values
are covered by the huffman table.

NOTE 3: XXX s to be replaced by the value of dataType (CLD, ICC, IPD).

NOTE 4: YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.

NOTE 5: LL is to be replaced by the value of lav.

NOTE 6: 1Dhuff_dec() and 2Dhuff_dec() are defined in ISO/IEC 23003-1:2007, A.1. For IPD tables,

see A.3.

NOTE 7: % denotes the modulo operator (ANSI C integer math) and returns the remainder of the djvigion.

Table 63 — Syntax of HuffData2DTimePair()

Syntax No.fbits Mnemonic
HuffData2DTimePair(dataType, aDiffType, dataBands)
{
Lavldx = {Dhuff_dec(hcodLavldx, bsCodeW); 1.3 viclbf
lav = lavTlabXXX[Lavldx]; NOTE(1
pgOffset F 0;
if ( (aDiffTlype[0] == DIFF_FREQ) || (aDiffType[1] == DIFF_FREQ)") {
aaHuffData2D[0][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf,
NOTE|3,6
aaHuffData2D[1][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf,
NOTE|3,6
pgOffset = 1;
}
escapeCaqde = hcod2D XXX _YY_TP_LL “escape; NOTE
2,345

/* specifigescape code belonging to this Huffman table */
escCntr 40;

if ( (aDiffTlype[0] == DIFF_TIME) || (aDiffType[1] == DIFF_TIME) ) {
diffType = DIFF /TIME;

}
else {
diffType’= BPIFF_FREQ;
}
for (i=pgOffset; i<dataBands; i++ ) {
(aTmp[0], aTmp[1]) = 2Dhuff_dec(hcod2D_XXX_YY_TP_LL, bsCodeW); 1..x viclbf,
NOTE
3,456

if (bsCodeW != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType );
aaHuffData2D[0][i] = aTmpSym|[0];
aaHuffData2D[1][i] = aTmpSym[1];

}
else {

aEsclList[escCntr++] = i;
}
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}

}

if (escCntr>0){
aaEscData = GroupedPcmData(dataType, 1, 2*lav+1, escCntr);
for (i=0; i<escCntr; i++ ) {

}

aaHuffData2D[0][aEscList[i]] = aaEscData[0][i] - lav;
aaHuffData2D[1][aEscList[i]] = aaEscData[1][i] - lav;

return (aaHuffData2D);

ISO/IEC 23003-3:2012(E)

NOTH 1:
NOTH 2:
and T

lavTabXXX is defined in Table 108.

The escape code tables are defined in Table A.4 for IPD and in ISO/IEC 23003-1:20Q7, Table A.8

coveregd by the huffman table.

bble A.9 for CLD, ICC. For some Huffman tables no escape code is needed since all’'possible values are

NOTH 3: XXX s to be replaced by the value of dataType (CLD, ICC, IPD).
NOTH4: YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.
NOTH5: LL is to be replaced by the value of lav.
NOTH 6 1Dhuff_dec() and 2Dhuff_dec() are defined in ISO/IEC 23003x1:2007, A.1. For IPD tgbles,
see A|3.
Table 64 — Syntax of SymmetryData()
Syntax No. of bits Mnemonic
$ymmetryData(aDataPair, dataType)
{

sumVal = aDataPair[0] + aDataPair[1];
diffVal = aDataPair[0] - aDataPair[1];
if (sumVal > lav ) {
aDataPair[0] = (2*lav+1) - sumVal;
aDataPair[1] = - diffVal;

}
else {
aDataPair[0] =s.sumVal;
aDataPair[t}="diffVal;
}
if (aDataPair[0] + aDataPair[1] = 0 && dataType != IPD) {
bsSymBit[0]; 1 uimsbf
if\(bsSymBit[0] ) {
aDataPair[0] = - aDataPair[0];
aDataPair[1] = - aDataPair[1];
]
}
if (aDataPair[0] - aDataPair[1]!=0) {
bsSymBit[1]; 1 uimsbf
if (bsSymBit[1]) {
tmpVal = aDataPair[0];
aDataPair[0] = aDataPair[1];
aDataPair[1] = tmpVal,
}
}
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6

6.1

Table 65 — Syntax of LsbData()

Syntax No. of bits Mnemonic
LsbData(dataType, coarseFlag, dataBands)
{
for (i=0; i<dataBands; i++ ) {
bsLsb = 0;
if ((dataType == IPD) && !coarseFlag) {
bsLsb; 1 uimsbf
}

aDataOut[i] =bsLsb;

}
returln (aDataOut);

}

Table 66 — References to MPS syntactic elements
Syntax pf Please see
EnvelopgReshapeHuff() ISO/IEC 23003-1:2007, 5.1, Table 21
GroupedPcmbData() ISO/IEC 23003-1:2007, 5.1, Table 25

Data Structure

USAC|configuration

6.1.1 Terms$ and Definitions

6.1.1.1 Data Elements

UsacConfig()

UsacChanne|Config() This-element give information about the contained bitstream elements a

UsacDecoderConfig() This element contains all further information required by the decoder to
interpret the bit stream. In particular the SBR resampling ratio is signale
here and the structure of the bit stream is defined here by explicitly stating the

UsacConfigEktension() Configuration extension mechanism to extend the configuration for futur

as everything needed for the complete decoder set-up

their mapping to loudspeakers

number of elements and their order in the bitstream

This element contains information about the contained audio content as

well

hd

)

1Y%

copnfiorration aviancinane fAr | IQ A C
COMgouator SO0 oo o

UsacSingleChannelElementConfig()
contains all information needed for configuring the decoder to decode one
single channel. This is essentially the core coder related information and if

SBR is used the SBR related information.

UsacChannelPairElementConfig()
In analogy to the above this element configuration contains all information
needed for configuring the decoder to decode one channel pair. In addition to
the above mentioned core config and sbr configuration this includes stereo
specific configurations like the exact kind of stereo coding applied (with or
without MPS212, residual etc.). This element covers all kinds of stereo coding

50

options currently available in USAC.
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UsacLfeElementConfig()

UsacExtElementConfig()

UsacCoreConfig()

SbrConfig()

ISO/IEC 23003-3:2012(E)

The LFE element configuration does not contain configuration data as an LFE
element has a static configuration.

This element configuration can be used for configuring any kind of existing or
future extensions to the codec. Each extension element type has its own
dedicated type value. A length field is included in order to be able to skip over
configuration extensions unknown to the decoder.

contains configuration data which have impact on the core coder set-up.

contains default values for the configuration elements of eSBR that are
typically kept constant. Furthermore, static SBR configuration elements are

SbrDfltHeader()

Mps2[12Config()

escapedValue()

usacPamplingFrequencylndex

also carried in SbrConfig(). These static bits include flags for en{ or disabling
particular features of the enhanced SBR, like harmonic transposjtion or inter
TES.

This element carries a default version of the elements /of the SbrHeader() that
can be referred to if no differing values for these elements are dgsired.

All set-up parameters for the MPEG Surround 2-1-2 tools are asgembled in
this configuration.

this element implements a general method to transmit an integef value using
a varying number of bits. It featuresZa two level escape mechanism which

allows to extend the representable range of values by successive
transmission of additional bits.

This index determines.the sampling frequency of the audio signgl after
decoding. The value‘of usacSamplingFrequencylndex and their gssociated
sampling frequencies are described in Table 67.

© ISO/IEC 2012 — All rights reserved
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Table 67 — Value and meaning of usacSamplingFrequencylndex

usacSamplingFrequencylndex sampling frequency
0x00 96000
0x01 88200
0x02 64000
0x03 48000
0x04 44100
0x05 32000
0x06 24000
0x07 22050
0x08 16000
0x09 12000
0x0a 11025
0x0b 8000
0x0c 7350
0x0d reserved
0x0e reserved
0xOf 57600
0x10 51200
0x11 40000
0x12 38400
0x13 34150
0x14 28800
0x15 25600
0x16 20000
0x17 19200
0x18 17075
0x19 14400
Ox1a 12800
0x1b 9600
Ox1c reserved
Ox1d reserved
Ox1e reserved
Ox1f escape value
NOTE: The values-of UsacSamplingFrequencylndex 0x00 up to
0x0e are identical to those of the samplingFrequencylndex 0x0
up to Oxe contained in the AudioSpecificConfig() specified in
ISO/IEC(14496-3:2009
usacSamplingFrequency Output sampling frequency of the decoder coded as unsigned integer value in
case usacSamplingFrequencylndex equals zero.
channelConti Index
> (0 the index unambiguously defines the number of channels, channel
elements and associated loudspeaker mapping according to Table 68. The
names of the loudspeaker positions, the used abbreviations and the general
position of the available loudspeakers can be deduced from Table 69
and Figure 2.
52 © ISO/IEC 2012 — All rights reserved
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Table 68 — Channel Configurations,
meaning of channelConfigurationindex,
mapping of channel elements to loudspeaker positions

ISO/IEC 23003-3:2012(E)

© ISO/IEC 2012 — All rights reserved

val | audio syntactic elements, channel to speaker mapping Speaker | "Front/
ue listed in order received abbrev. Surr.
LFE"
notation
0 - defined in UsacChannelConfig() — -
1 UsacSingleChannelElement() center front speaker C 1/0.0
2 UsacChannelPairElement() left, right front speakers L,R 2/0.0
UsacSingleChannelElement() center front speaker C 3/0.0
UsacChannelPairElement() left, right front speakers LR
4 | UsacSingleChannelElement(), center front speaker, C 3/1.0
UsacChannelPairElement(), left, right center front speakers, LR
UsacSingleChannelElement() center rear speakers Cs
% | UsacSingleChannelElement(), center front speaker, C 3/2.0
UsacChannelPairElement(), left, right front speakers, L,R
UsacChannelPairElement() left surround, right surround speakers Ls, Rs
6 | UsacSingleChannelElement(), center front speaker, C 3/12.1
UsacChannelPairElement(), left, right front speakers; L,R
UsacChannelPairElement(), left surround, right surround.speakers, Ls, Rs
UsacLfeElement() center front LFE speaker LFE
T | UsacSingleChannelElement(), center front speaker C 5/2.1
UsacChannelPairElement(), left, right center front speakers, Lc, Rc
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left surround «fight surround speakers, Ls, Rs
UsacLfeElement() center. front LFE speaker LFE
UsacSingleChannelElement(), channel1 N.A. 1+1
T UsacSingleChannelElement() channel2 N.A.
9 UsacChannelPairElement(), left, right front speakers, L,R 2/1.0
UsacSingleChannelElement() center rear speaker Cs
10 UsacChannelPairElement(), left, right front speaker, L,R 2/2.0
UsacChannelPairElement() left, right rear speakers Ls, Rs
11 | UsacSingleChannelElement(), center front speaker, C 3/3.1
UsacChannelPairElemént(), left, right front speakers, L,R
UsacChannelPairElement(), left surround, right surround speakers, Ls, Rs
UsacSingleChannelElement(), center rear speaker, Cs
UsacLfeElement() center front LFE speaker LFE
12 | UsacSingleChannelElement(), center front speaker C 3/4.1
UsacChannelPairElement(), left, right front speakers, L,R
UsacCGhannelPairElement(), left surround, right surround speakers, Ls, Rs
UsacChannelPairElement(), left, right rear speakers, Lsr, Rsr
UsacLfeElement() center front LFE speaker LFE
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bsOutputChannelPos

54

13 | UsacSingleChannelElement(), center front speaker, C 11/11.2
UsacChannelPairElement(), left, right front speakers, Lc, Rc
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left, right side speakers, Lss, Rss
UsacChannelPairElement(), left, right back speakers, Lsr, Rsr

UsacSingleChannelElement(), back center speaker, Cs
UsacLfeElement(), left front low freq. effects speaker, LFE
UsacLfeElement(), right front low freq. effects speaker, LFE2

UsacSingleChannelElement(), top center front speaker, Cv

UsacChannelPairElement(), top left, right front speakers, Lv, Rv
UsacChannelPairElement(), top left, right side speakers, Lvss, Rvss
Usar-QingIp(‘.hananFlpmpnt() center of the room Ppiling speaker Ts
UsgacChannelPairElement(), top left, right back speakers, Lvr, Rvr
UsacSingleChannelElement(), top center back speaker, Cvr
UsacSingleChannelElement(), bottom center front speaker, Cb
UsacChannelPairElement() bottom left, right front speakers Lb, Rb

14 reserved reserved reserved

31

NOTE: The values of channelConfigurationlndex 1 up to 7 are identical to those of the

channelConfiguration 1 up to 7 contained in the MPEG-4 AudioSpecificCanfig().

reader.

Table 69 — bsOutputChannelPos

This index describes loudspeaker positions\which are associated to a giyen
channel according to Table 69. Figure Zindicates the loudspeaker positipn in
the 3D environment of the listener. Indorder to ease the understanding off
loudspeaker positions Table 69 alse’‘contains loudspeaker positions according
to IEC 100/1706/CDV which ate listed here for information to the interested

bsOutput- Loudspeaker position according
Channgl- Loudspeaker position to IEC 100/1706/CDV
Pos IEC 62574 (TC100)

Abbr. Name Abbr. Name

0 L Left Eront FL Front Left

1 R Right-Front FR Front Right

2 C Center Front FC Front Centre

3 LFE Low Frequency Enhancement LFE1 Low Frequency Effects-1

4 Ls Left Surround LS Left Surround

5 Rs Right Surround RS Right Surround

6 N Left Front Center FLc Front Left centre

7 Rc Right Front Center FRc Front Right centre

8 Lsr Rear Surround Left BL Back Left

9 Rsr Rear Surround Right BR Back Right

10 Cs Rear Center BC Back Centre

11 Lsd Left Surround Direct LSd Left Surround direct

12 Rsd Right Surround Direct RSd Right Surround direct

13 Lss Left Side Surround SL Side Left

14 Rss Right Side Surround SR Side Right

15 Lw Left Wide Front FLw Front Left wide

16 Rw Right Wide front FRw Front Right wide

17 Lv Left Front Vertical Height TpFL Top Front Left

18 Rv Right Front Vertical Height TpFR | Top Front Right

19 Cv Center Front Vertical Height TpFC | Top Front Centre

20 Lvr Left Surround Vertical Height Rear TpBL Top Back Left
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21 Rvr Right Surround Vertical Height Rear TpBR | Top Back Right

22 Cvr Center Vertical Height Rear TpBC | Top Back Centre

23 Lvss Left Vertical Height Side Surround TpSiL | Top Side Left

24 Rvss Right Vertical Height Side Surround TpSiR | Top Side Right

25 Ts Top Center Surround TpC Top Centre

26 LFE2 Low Frequency Enhancement 2 LFE2 Low Frequency Effects-2
27 Lb Left Front Vertical Bottom BtFL Bottom Front Left
28 Rb Right Front Vertical Bottom BtFR Bottom Front Right
29 Cb Center Front Vertical Bottom BtFC Bottom Front Centre
30 Lvs Left Vertical Height Surround TpLS Top Left Surround
31 Rvs Right Vertical Height Surround TpRS | Top Right Surround

s & &
b ooaa
B &S

LFE F\ RLFEZ

Q- o)
O X2 b,
=

Figure 2 — Loudspeaker positions

coreSbrFrameLengthindex

© ISO/IEC 2012 — All rights reserved

This index determines the output frame length of the decoder, the sbrRatio
and the sbrRatiolndex respectively, as well as the coreCoderFramelLength
(ccfl) and the value of numSlots which is used in Mps212. The exact mapping
can be found in the Table below:
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Table 70 — Values of coreCoderFrameLength, sbrRatio,
outputFrameLength and numSiots depending on coreSbrFrameLengthindex

Index coreCoder- sbrRatio output- Mps212
FramelLength | (sbrRatiolndex) | FrameLength numSilots
0 768 no SBR (0) 768 N.A.
1 1024 no SBR (0) 1024 N.A.
2 768 8:3(2) 2048 32
3 1024 2:1 (3) 2048 32
4 1024 44(1) 4096 64
5.7 reserved

usacConfiggxtensionPresent Indicates the presence of extensions to the configuration

numOutChannels If the value of channelConfigurationlndex indicates thatmone of the pre-
defined channel configurations is used then this element determines the
number of audio channels for which a specific loudspeaker position shall be
associated.

-

numElements This field contains the number of elements that will follow in the loop ove
element types in the UsacDecoderConfig()

usacElementType[elemldx] defines the USAC channel element type of the element at position elemlix in
the bit stream. Four element typés exist, one for each of the four basic bit
stream elements: UsacSingleChannelElement(), UsacChannelPairElemegnt(),
UsacLfeElement(),UsacExtElement(). These elements provide the necegsary
top level structure while.maintaining all needed flexibility. The meaning of
usacElementType is defined in Table 71.

Table 71 — Value of usacElementType

usacElementType Value
ID_USAC_SCE 0
ID_USAC_CPE 1
ID_USAC_LFE 2
ID_USAC_EXT 3
stereoConfigindex This element determines the inner structure of a UsacChannelPairElemgnt().

It indicates the use of a mono or stereo core, use of MPS212, whether stereo
SBR is applied, and whether residual coding is applied in MPS212 according
to Table 72. This element also defines the values of the helper elements
bsStereoSbr and bsResidualCoding.

Table 72 — Values of stereoConfigindex and its meaning and
implicit assignment of bsStereoSbr and bsResidualCoding

stereoConfigindex meaning bsStereoSbr bsResidualCoding
0 regular CPE (no MPS212) N/A 0
1 single channel + MPS212 N/A 0
2 two channels + MPS212 0 1
3 two channels + MPS212 1 1

56 © ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

tw_mdct

noiseFilling

harmonicSBR
bs_interTes

dflt_start_freq

ISO/IEC 23003-3:2012(E)

This flag signals the usage of the time-warped MDCT in this stream.

This flag signals the usage of the noise filling of spectral holes in the FD core
coder.

This flag signals the usage of the harmonic patching for the SBR.
This flag signals the usage of the inter-TES tool in SBR.

This is the default value for the bit stream element bs_start_freq, which is
applied in case the flag sbrUseDfltHeader indicates that default values for the

SbrHeader() elements shall be assumed.

det_Jtop_freq

dfit_t

dfit_H

dfit_f

dflt_sa

dflt_n

dfit_I

dfit_I

dfit_i

eader_extra1

eader_extra2

req_scale

Iter_scale

oise_bands

miter_bands

miter_gains

nterpol: freq

This is the default value for the bit stream element bs_stop _fireq;
applied in case the flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit stream elementbs header_ex
applied in case the flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit streafelement bs_header_ex
applied in case the flag sbrUseDfltHeader indicates that default \
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_freq_scale|
applied in case the flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_alter_scalg
applied in case the‘flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_noise_ban
appliediin case the flag sbrUseDfltHeader indicates that default \
SbrHeader() elements shall be assumed.

which is
alues for the

tra1, which is
alues for the

tra2, which is
alues for the

, which is
alues for the

, Which is
alues for the

ds, which is
alues for the

This is the default value for the bit stream element bs_limiter_bamds, which is

applied in case the flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_limiter_gai
applied in case the flag sbrUseDfltHeader indicates that default v
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_interpol_fr
applied in case the flag sbrUseDfltHeader indicates that default v

alues for the

ns, which is
alues for the

2, which is
alues for the

dflt_smoothing_mode

usacExtElementType

© ISO/IEC 2012 — All rights reserved
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This is the default value for the bit stream element bs_smoothing_mode,

which is applied in case the flag sbrUseDfltHeader indicates that
values for the SbrHeader() elements shall be assumed.

default

this element allows to signal bit stream extensions types. The meaning of

usacExtElementType is defined in Table 73
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Table 73 — Value of usacExtElementType

usacExtElementType Value
ID EXT ELE FILL 0
ID EXT ELE MPEGS 1
ID EXT ELE SAOC 2
/* reserved for ISO use */ 3-127
/* reserved for use outside of ISO scope */ 128 and higher
NOTE: Application-specific usacExtElementType values are mandated to be in the
space reserved for use outside of ISO scope. These are skipped by a decoder as a
minimum of structure is required by the decoder to skip these extensions.

usacExtEIe:[entConfigLength signals the length of the extension configuration in bytes (octéts).

usacExtEle

"2

entDefaultLengthPresent This flag signals whether a usacExtElementDefadltLength i
conveyed in the UsacExtElementConfig().

usacExtElementDefaultLength  signals the default length of the extension elementlinh bytes. Only if the
extension element in a given access unit deviates from this value, an
additional length needs to be transmitted in the \bit*stream. If this element is

not explicitly transmitted (usacExtElementDefaultLengthPresent==0) thep the
value of usacExtElementDefaultLength shall-be set to zero.

usacExtElementPayloadFrag This flag indicates whether the payload of this extension element may bs
fragmented and send as several segments in consecutive USAC frames

numConfigEXtensions If extensions to the configuration are present in the UsacConfig() this value
indicates the number of signaled configuration extensions.

confExtldx Index to the configuration extensions.

usacConfigExtType This element allows to signal configuration extension types. The meaning of
usacConfigExtType is defined in Table 74.

Table"74 — Value of usacConfigExtType

usacConfigExtType Value
ID_CONFIG_EXT FILL 0
/* reserved for ISO use */ 1-127
I=reserved for use outside of ISO scope */ | 128 and higher

usacConfigBxtLength signals the length of the configuration extension in bytes (octets).

bsPseudoLr This flag signals that an inverse mid/side rotation should be applied to the
core signal prior to Mps212 processing.

Table 75 — bsPseudoLr

bsPseudolLr Meaning
0 Core decoder output is DMX/RES
1 Core decoder output is Pseudo L/R

58 © ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

6.1.1.2

coreCoderFrameLength

bsStereoSbr

Helper Elements

ISO/IEC 23003-3:2012(E)

Frame length of core-coder, i.e. number of valid samples output by FD/LPD
core-decoder. coreCoderFramelLength is determined as outputFramelLength /

sbrRatio.

This flag signals the usage of the stereo SBR in combination with MPEG
Surround decoding.

Table 76 — bsStereoSbr

bsStereoSbr Meaning
0 Mono SBR
1 Stereo SBR

bsRepsidualCoding

indicates whether residual coding is applied according to the Table below.

The value of bsResidualCoding is defined by stereoConfigindex

Table 72).

Table 77 — bsResidualCoding

bsResidualCoding

Meaning

0

no residual eeding, core coder is mono

1

residual €oding, core coder is stereo

sbrRatiolndex

indicates the ratio between the core sampling rate and the samp]
eSBR processing: At the same time it indicates the number of QN
and synthesisibands used in SBR according to the Table below.

Table’78 — Definition of sbrRatiolndex

QMF band ratio

sbrRatiolndex sbrRatio . .
(analysis:synthesis)
0 no SBR -
1 4:1 16:64
2 8:3 24:64
3 21 32:64

elemldx

(see

ing rate after
UF analysis

Index to the elements present in the UsacDecoderConfig() and the

UsacFrame().

6.1.2 UsacConfig()

The UsacConfig() contains information about output sampling frequency and channel configuration. This
information shall be identical to the information signaled outside of this element, e.g. in an MPEG-4

AudioSpecificConfig().

© ISO/IEC 2012 — All rights reserved
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6.1.3 Usac Output Sampling Frequency

If the sampling rate is not one of the rates listed in the right column in Table 79, the sampling frequency
dependent tables (code tables, scale factor band tables etc.) must be deduced in order for the bitstream
payload to be parsed. Since a given sampling frequency is associated with only one sampling frequency table,
and since maximum flexibility is desired in the range of possible sampling frequencies, the following table shall
be used to associate an explicitly signaled sampling frequency (i.e. via usacSamplingFrequencylndex) with
the desired sampling frequency dependent tables.

Table 79 — Sampling frequency mapping

ErQQ| JSRCY-Fange (in |—|7) Use-tables for eampling ‘Froqnonr\y (in I—I7)
f>= 92017 96000
92017 > f>=75132 88200
75132 > f >= 55426 64000
55426 > f >= 46009 48000
46009 > f >= 37566 44100
37566 > f>= 27713 32000
27713 > f >= 23004 24000
23004 > f>= 18783 22050
18783 > f >= 13856 16000
13856 > f >= 11502 12000
11502 > f >= 9391 11025
9391 > f 8000

6.1.4 UsacChannelConfig()
The channel
can be mapq
various applig

configuration table covers most common loydspeaker positions. For further flexibility chgnnels
ed to an overall selection of 32 loudspeaker positions found in modern loudspeaker setlips in
ations (see Table 69)

For each chg
position to w
bsOutputCha
bsOutputCha
overview ove

More precise

nnel contained in the bitstream the~UsacChannelConfig() specifies the associated loudsp
hich this particular channel shalllbe mapped. The loudspeaker positions which are index
hnelPos are listed in Table69. In case of multiple channel elements the index
nhnelPosJi] indicates the position in which the channel appears in the bitstream. Figure 2 giV
[ the loudspeaker positions’in relation to the listener.

y the channels aré numbered in the sequence in which they appear in the bitstream startin

0 (zero). In the trivial case of Ja UsacSingleChannelElement() or UsacLfeElement() the channel num

assigned to t
the first chan
same elemern

It follows thg

nat channel and the channel count is increased by one. In case of a UsacChannelPairEler
nel in thatelement (with index ch==0) is numbered first, whereas the second channel i
t (with index ch==1) receives the next higher number and the channel count is increased by

eaker
ed by

i of
es an

y with
ber is
nent()
n that
two.

nnels

t. AumOutChannels shall be equal to or smaller than the accumulated sum of all cha

contained in

thebitstream-—Theaccumulatedsum—of all channelsis—equivalent tothe number

of all

UsacSingleChannelElement()s plus the number of all UsacLfeElement()s plus two times the number of all
UsacChannelPairElement()s.

All entries in the array bsOutputChannelPos shall be mutually distinct in order to avoid double assignment of
loudspeaker positions in the bitstream.

In the special case that channelConfigurationindex is 0 and numOutChannels is smaller than the accumulated
sum of all channels contained in the bitstream, then the handling of the non-assigned channels is outside of
the scope of this specification. Information about this can e.g. be conveyed by appropriate means in higher
application layers or by specifically designed (private) extension payloads.
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6.1.5 UsacDecoderConfig()

The UsacDecoderConfig() contains all further information required by the decoder to interpret the bit stream.
Firstly the value of sbrRatiolndex determines the ratio between core coder frame length (ccfl) and the output
frame length. Following the sbrRatiolndex is a loop over all channel elements in the present bit stream. For
each iteration the type of element is signaled in usacElementType[], immediately followed by its corresponding
configuration structure. The order in which the various elements are present in the UsacDecoderConfig() shall
be identical to the order of the corresponding payload in the UsacFrame().

Each instance of an element can be configured independently. When reading each channel element in
UsacFrame(), for each element the corresponding configuration of that instance, ie. with the same elemldx,
shall he_used

6.1.6 UsacSingleChannelElementConfig()

The UsacSingleChannelElementConfig() contains all information needed for configuring the decoder to
decode one single channel. SBR configuration data is only transmitted if SBR is actually employdd.

6.1.7| UsacChannelPairElementConfig()

The sacChannelPairElementConfig() contains core coder related \configuration data as well as SBR
configuration data depending on the use of SBR. The exact type of stereo coding algorithm is indlicated by the
sterepConfigindex. In USAC a channel pair can be encoded in various ways. These are:

a) Stereo core coder pair using traditional joint stereo coding techniques, extended by the|possibility of
complex prediction in the MDCT domain

b) ono core coder channel in combination with MPEG Surround based MPS212 for fully pargmetric stereo
doding. Mono SBR processing is applied on the ¢core signal.

c) SYtereo core coder pair in combination with MPEG Surround based MPS212, where the first core coder
channel carries a downmix signal and the second channel carries a residual signal. The regidual may be
hand limited to realize partial residual coding. Mono SBR processing is applied only on |the downmix

gnal before MPS212 processing.

d) SYtereo core coder pair in combination with MPEG Surround based MPS212, where the first core coder
channel carries a downmix-signal and the second channel carries a residual signal. The regidual may be
hand limited to realize‘partial residual coding. Stereo SBR is applied on the reconstructed|stereo signal
dfter MPS212 processing.

Optiop c¢) and d) can‘be further combined with a pseudo LR channel rotation after the core decoder.

6.1.8| UsaclfeElementConfig()

Sincel the' use of the time warped MDCT and noise filling is not allowed for LFE channels, therelis no need to
transrat ag-for-th —TFhey-sha oZero —Simitarty-the-Use of SBR is
not allowed nor meaningful in an LFE context. Thus, SBR configuration data is not transmitted.

6.1.9 UsacCoreConfig()
The UsacCoreConfig() only contains flags to en- or disable the use of the time warped MDCT and spectral

noise filling on a global bit stream level. If tw_mdct is set to zero, time warping shall not be applied. If
noiseFilling is set to zero the spectral noise filling shall not be applied.

6.1.10 SbrConfig()

The SbrConfig() bit stream element serves the purpose of signaling the exact eSBR setup parameters. On
one hand the SbrConfig() signals the general employment of eSBR tools. On the other hand it contains a
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default version of the SbrHeader(), the SbrDfltHeader(). The values of this default header shall be assumed if
no differing SbrHeader() is transmitted in the bit stream. The background of this mechanism is, that typically
only one set of SbrHeader() values are applied in one bit stream. The transmission of the SbrDfltHeader()
then allows to refer to this default set of values very efficiently by using only one bit in the bitstream. The
possibility to vary the values of the SbrHeader on the fly is still retained by allowing the in-band transmission
of a new SbrHeader in the bit stream itself.

6.1.11 SbrDfltHeader()

The SbrDfltHeader() is what may be called the basic SbrHeader() template and should contain the values for
the predominantly used eSBR configuration. In the bitstream this configuration can be referred to by setting
the sbrUseD ader—ftag—te re—structure—c =—ShrbfttHeader—is—identica rat-of-SbrHeader(). In
order to be able to distinguish between the values of the SbrDfltHeader() and SbrHeader(), the bit figlds|in the
SbrDfltHeaddr() are prefixed with "dflt_" instead of "bs_". If the use of the SbrDfltHeader() is indicated} then
the SbrHeadgr() bit fields shall assume the values of the corresponding SbrDfltHeader(), i.e.

adl Cl O i g, ad G v O

bs start frleq = dflt start freq;
bs_stop_freg = dflt_stop freq;
etc.
(continue flor all elements in SbrHeader (), like:
bs xxx yyy [ dflt xxx yyy;

6.1.12 Mps2[{i2Config()

The Mps212Config() resembles the SpatialSpecificConfig() of MPEG "Surround and was in large|parts
deduced from that. It is however reduced in extent to contain only<information relevant for mono to stereo
e USAC context. Consequently MPS212 configures)only one OTT box.

6.1.13 UsacExtElementConfig()

The UsacExtElementConfig() is a general container for-configuration data of extension elements for USAC.
Each USAC extension has a unique type identifier;-usacExtElementType, which is defined in Table 78. For
each UsacExtElementConfig() the length of the contained extension configuration is transmitted in the vdriable
usacExtElemgntConfigLength and allows .decoders to safely skip over extension elements whose
usacExtElementType is unknown.

For USAC extensions which typically haye a constant payload length, the UsacExtElementConfig() allows the
transmission jof a usacExtElementBefaultLength. Defining a default payload length in the configuration gllows
a highly effigient signaling of the“usacExtElementPayloadLength inside the UsacExtElement(), where bit
consumption [needs to be keptlow.

In case of UJAC extensions'where a larger amount of data is accumulated and transmitted not on a per frame
basis but only every(second frame or even more rarely, this data may be transmitted in fragments or
segments splead over several USAC frames. This can be helpful in order to keep the bit reservoir| more
equalized. The,usé of this mechanism is signaled by the flag usacExtElementPayloadFrag flagl The
fragmentation) mechanism is further explained in the description of the usacExtElement in 6.2.4.

6.1.14 UsacConfigExtension()

The UsacConfigExtension() is a general container for extensions of the UsacConfig(). It provides a convenient
way to amend or extend the information exchanged at the time of the decoder initialization or set-up. The
presence of config extensions is indicated by usacConfigExtensionPresent. If config extensions are present
(usacConfigExtensionPresent==1), the exact number of these extensions follows in the bit field
numConfigExtensions. Each configuration extension has a unique type identifier, usacConfigExtType, which is
defined in Table 74. For each UsacConfigExtension the length of the contained configuration extension is
transmitted in the variable usacConfigExtLength and allows the configuration bit stream parser to safely skip
over configuration extensions whose usacConfigExtType is unknown.
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6.2 USAC payload

6.2.1 Terms and definitions

6.2.1.1

UsacFrame()

Top level and subsidiary data elements

This block of data contains audio data for a time period of one USAC frame,

Usac

Usac

Usac

related information and other data. As signaled in UsacDecoderConfig(), the

UsacFrame() contains numElements elements. These elements

can contain

audio data, for one or two channels, audio data for low frequency

enhancement or extension payload.

| feElement()

BingleChannelElement()

ChannelPairElement()

Abbreviation SCE. Syntactic element of the bitstream containing
for a single audio channel. A single_channel_element() basically
the UsacCoreCoderData(), containing data for either FB.or’LPD
case SBR is active, the UsacSingleChannelElementralso contain

coded data
consists of
core coder. In
s SBR data.

Abbreviation CPE. Syntactic element of the bitstream payload containing data

for a pair of channels. The channel pair can_belachieved either b
two discrete channels or by one discrete channel and related Mp|
payload. This is signaled by means of thie‘stereoConfigindex. Th

y transmitting
5212

1

e

UsacChannelPairElement further contains SBR data in case SBR is active.

Abbreviation LFE. Syntactic elemient that contains a low samplin

y frequency

UsackxtElement()

usacIlndependencyFlag

enhancement channel. LFEssare“always encoded using the
fd_channel_stream() element.

Syntactic element that.contains extension payload. The length oflan extension
element is either sighaled as a default length in the configuration
(USACEXxtElementConfig()) or signaled in the UsacExtElement() fjtself. If

present, the extension payload is of type usacExtElementType, gs signaled in
the configuration.

indicates if the current UsacFrame() can be decoded entirely without the
knawledge of information from previous frames according to the Table below

Table 80 — Meaning of usacindependencyFlag

value of

usacindependencyFlag Meaning

Decoding of data conveyed in UsacFrame()

0 might require access to the previous
UsacFrame().
Decoding of data conveyed in UsacFrame()
1 is possible without access to the previous
UsacFrame().
NOTE Please refer to B.3 for recommendations on the use of the

usaclndependencyFlag.

usacExtElementUseDefaultLength

indicates whether the length of the extension element corresponds to
usacExtElementDefaultLength, which was defined in the
UsacExtElementConfig().
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usacExtElementPayloadLength shall contain the length of the extension element in bytes. This value should
only be explicitly transmitted in the bitstream if the length of the extension
element in the present access unit deviates from the default value,
usacExtElementDefaultLength.

usacExtElementStart Indicates if the present usacExtElementSegmentData begins a data block.
usacExtElementStop Indicates if the present usacExtElementSegmentData ends a data block.

usacExtElementSegmentData

The concatenation of all usacExtElementSegmentData from
UsacExtElement() of consecutive USAC frames, starting from the
UsacExtElement() with usacExtElementStart==1 up to and including the’L
UsacExtElement() with usacExtElementStop==1 forms one data block,"
case a complete data block is contained in one UsacExtElement();
usacExtElementStart and usacExtElementStop shall both be sét,to 1. The
data blocks are interpreted as a byte aligned extension payload depending on
usacExtElementType according to the following Table:

Table 81 — Interpretation of data blocks for USAC extension payload decoding

usacExtElementType The concatenated
usacExtElementSegmentData represents:

ID EXT ELE FIL Seriescof fill_byte

ID EXT ELE MPEGS SpatialFrame()
ID EXT ELE _SAOC SaocFrame()
unknown unknown data. The data block shall be
discarded.
fill_byte Octet of bits which may be used to pad the bit stream with bits that carry[no

information. The exact bit pattern used for fill_byte should be 10100101’

UsacCoreCoderData() This block of data contains the core-coder audio data. The payload element
contains_data for one or two core-coder channels, for either FD or LPD n'l:ode.

The specific mode is signaled per channel at the beginning of the element.

StereoCoreToolInfo() All'stereo related information is captured in this element. It deals with the
numerous dependencies of bits fields in the stereo coding modes.

Mps212Data() This block of data contains payload for the Mps212 stereo module. The
presence of this data is dependent on the stereoConfigindex.

6.2.1.2 HelpercElements

R . . : oo
nrCoreCoderEhannels r-the-context-of-a-channelpairelementthis-variable-indicates-the-rumber of

core coder channels which form the basis for stereo coding. Depending on the
value of stereoConfigindex this value shall be 1 or 2.

nrSbrChannels In the context of a channel pair element this variable indicates the number of
channels on which SBR processing is applied. Depending on the value of
stereoConfigindex this value shall be 1 or 2.

6.2.2 UsacFrame()

One UsacFrame() forms one access unit of the USAC bit stream. Each UsacFrame decodes into 768, 1024,
2048 or 4096 output samples according to the outputFrameLength determined from Table 70.
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The first bit in the UsacFrame() is the usaclndependencyFlag, which determines if a given frame can be
decoded without any knowledge of the previous frame. If the usaclndependencyFlag is set to 0, then
dependencies to the previous frame may be present in the payload of the current frame.

The UsacFrame() is further made up of one or more syntactic elements which shall appear in the bitstream in
the same order as their corresponding configuration elements in the UsacDecoderConfig(). The position of
each element in the series of all elements is indexed by elemldx. For each element the corresponding
configuration, as transmitted in the UsacDecoderConfig(), of that instance, ie. with the same elemldx, shall be
used.

These syntactic elements are of one of four types, which are listed in Table 71. The type of each of these
elements is determined by usacFElementType There may be multiple elements of the same type. Elements

occurfing at the same position elemldx in different frames shall belong to the same stream.

Table 82 — Examples of simple possible bit stream payloads

numElements elemldx | usacElementType[eleéemldx]
mono output signal 1 0 ID_USAC_SCE
stereo output signal 1 0 ID USAC CPE
0 ID_ USAC_SCE
. 1 ID_USAC_CPE
5.1 channel output signal 4 3 ID_USAC_CPE
3 ID USAC LFE

If these bit stream payloads are to be transmitted over'a constant rate channel then they might include an
extengion payload element with an usacExtElementType of ID_EXT_ELE_FILL to adjust the instantaneous bit
rate. In this case an example of a coded stereo signalis:

Table 83 — Example of simple stereo bit stream
with extension payload for writing fill bits

numElements elemldx | usacElementType[eléemldx]

0 ID USAC CPE
ID_USAC_EXT]
stereo output signal 2 with
usacExtElementTypge==
ID EXT ELE FILL

6.2.3| UsacSingleChannelElement()

The |simple structure of the UsacSingleChannelElement() is made up of one ingtance of a
UsacCoreCoderDatat) etement with ntCoreCoderChiannels setto - Depending on the sbrRkatiolndex of this
element a UsacSbrData() element follows with nrSbrChannels set to 1 as well.

6.2.4 UsacExtElement()

UsacExtElement() structures in a bitstream can be decoded or skipped by a USAC decoder. Every extension
is identified by a usacExtElementType, conveyed in the UsacExtElement()'s associated
UsacExtElementConfig(). For each usacExtElementType a specific decoder can be present.

If a decoder for the extension is available to the USAC decoder then the payload of the extension is forwarded
to the extension decoder immediately after the UsacExtElement() has been parsed by the USAC decoder.
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If no decoder for the extension is available to the USAC decoder, a minimum of structure is provided within
the bitstream, so that the extension can be ignored by the USAC decoder.

The length of an extension element is either specified by a default length in octets, which can be signaled
within the corresponding UsacExtElementConfig() and which can be overruled in the UsacExtElement(), or by
an explicitly provided length information in the UsacExtElement(), which is either one or three octets long,
using the syntactic element escapedValue().

Extension payloads that span one or more UsacFrame()s can be fragmented and their payload be distributed
among several UsacFrame()s. In this case the usacExtElementPayloadFlag flag is set to 1 and a decoder
must collect all fragments from the UsacFrame() with usacExtElementStart set to 1 up to and including the

ion is

UsacFrame() with uqarFthlpmpntQmP setto 1 \When ucaPFthlnmpntQmp is set to 1 then the extens
be complete and is passed to the extension decoder.

considered td

NOTE Int
should be useq

NOTE All

Each UsacEx
more explicitl
knowledge of

6.2.5 Usacl
6.2.5.1
6.2.5.1.1 [

Terms and definitions

ata elements

common_max_sfb

common_wi

ndow

bgrity protection for a fragmented extension payload is not provided by this specification and)other
to ensure completeness of extension payloads.

extension payload data is assumed to be byte-aligned.
tElement() shall obey the requirements resulting from the use of the usaclhdependencyFla

y, if the usaclndependencyFlag is set (==1) the UsacExtElement(),shall be decodable w
the previous frame (and the extension payload that may be contained in it).

ChannelPairElement()

Signals the use of a,gommon maximum scalefactor band for chanr
and 1

Table 84 — common_max_sfb

common:max_sfb Meaning

max_sfb1 determines the maximum

0 scalefactor band for channel 1
set max_sfb1 for channel 1 to the same
1 maximum scalefactor band as for

channel 0

indicates if channel 0 and channel 1 of a CPE use identical w|
parameters.

neans

0. Put
ithout

els 0

ndow

rs for

common_tw

max_sfb1

6.2.5.1.2

max_sfb_ste

66

Help elements

the time warped MDCT.

Defines the number of scalefactor bands transmitted per group for channel 1.

Maximum scalefactor bands transmitted for channels 0 and 1: max(max_sfb,

max_sfb1)
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2 Decoding Process

The stereoConfigindex, which is transmitted in the UsacChannelPairElementConfig(), determines the exact
type of stereo coding which is applied in the given CPE. Depending on this type of stereo coding either one or
two core coder channels are actually transmitted in the bit stream and the variable nrCoreCoderChannels
needs to be set accordingly. The syntax element UsacCoreCoderData() then provides the data for one or two
core coder channels.

Similarly the there may be data available for one or two channels depending on the type of stereo coding and
the use of eSBR (ie. if sbrRatiolndex>0). The value of nrSbrChannels needs to be set accordingly and the
syntax element UsacSbrData() provides the eSBR data for one or two channels.

Finall

6.2.6

y Mps212Data() is transmitted depending on the value of stereoConfigindex.

Low frequency enhancement (LFE) channel element, UsacLfeElement()

In ordler to maintain a regular structure in the decoder, the UsacLfeElement() is”defined a

fd_ch
coder
eleme

In ord
sever

annel_stream(0,0,0,0,x) element, i.e. it is equal to a UsacCoreCoderData():using the frequ
Thus, decoding can be done using the standard procedure for decoding a UsacCorg
nt.

er to accommodate a more bit rate and hardware efficient implementation of the LFE deco
bl restrictions apply to the options used for the encoding of this-element:

— Tlhe window_sequence field is always set to 0 (ONLY_LONG_SEQUENCE)

— (

— N

nly the lowest 24 spectral coefficients of any LFE may be non-zero

o Temporal Noise Shaping is used, i.e. tns_data_presentis setto 0

— Tlime warping is not active

— N

6.2.7

6.2.7.

core |

o noise filling is applied
UsacCoreCoderData()

1 Terms and definitions

Table 85 — Definition of core_mode

value of core_mode Meaning

5 a standard
ency domain
CoderData()-

der, however,

mode[ch] Indicates the core coding mode of the current frame for each channel.

0 FD core coder mode

6.2.7.

1 LPD core coder mode

2 Decoding Process

The UsacCoreCoderData() contains all information for decoding one or two core coder channels.

The order of decoding is:

— g

et the core_mode[] for each channel
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stereo re

each cha

lated parameters

nnel.

in case of two core coded channels (nrChannels==2), parse the StereoCoreToollnfo() and determine all

depending on the signaled core_modes transmit an Ipd_channel_stream() or an fd_channel_stream() for

As can be seen from the above list, the decoding of one core coder channel (nrChannels==1) results in
obtaining the core_mode bit followed by one Ipd_channel_stream or fd_channel_stream, depending on the

core_mode.

In the two core coder channel case, some signaling redundancies between channels can be exploited in

particular if t

6.2.8 Stere

The StereoC
coder channsg
following datd

acaore—modae-of-bhaoth-channaleic O Saoa 6.2 8 faor datallc
C-Corc—MmMoGC-or oot T Crar it oo Ot - O OO Gttt

bCoreToollnfo()

breToollnfo() allows to efficiently code parameters, whose values may be shared across
Is of a CPE in case both channels are coded in FD mode (core_mode[0,1]=50)- In particul
elements are shared, when the appropriate flag in the bit stream is set tor1.

core
ar the

Tahle 86 — Bit stream elements shared across channels of a core €oder channel pair
common_xxx flag is set to 1 channels 0 and 1share the following elements:
common_window ics_info()
comnpon_window && common_max_sfb max_sfb
common_tw tw_data()
common_tns tns_data()

If the approp
channel eithsg
StereoCoreT

In case of c

coding and cpmplex prediction data in the MDCT domain (see 7.7).

6.2.9 fd_channel_stream() and ics_info()

6.29.1 Te

6.2.9.1.1 [

fd_channel_g

Irms and definitions

riate flag is not set then the data eleméhnts are transmitted individually for each core
r in StereoCoreToollnfo() (max_sfb, max_sfb1) or in the fd_channel_stream() which follov
bolInfo() in the the UsacCoreCoderData() element.

bmmon_window==1 the StereoCoreToolInfo() also contains the information about M/S

ata elements

tream() contains data necessary to decode one frequency domain channel

fac_data_present Flag which indicates the presence of the fac_data() syntax element in the

68

coder
s the

stereo

bitstream, as used for transitions between two different core coding modes

(LPD core coding mode, FD core coding mode).
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value of
fac_data_present

Meaning

fac_data() data element as used for transitions
0 between two different core coding modes not
present in current frame

fac_data() data element as used for transitions
1 between two different core coding modes present
in current frame

ics_info() contains side information necessary to decode an fd_channel,_stfeam() for
SCE and CPE elements. The fd_channel_streams of a
UsacChannelPairElement() may share one common icsyinfo. If
common_max_sfb == 0, max_sfb1 determines the-maximum sgalefactor
band per group for channel 1 instead of max_sfh-in ics_info().
windpw_sequence indicates the sequence of windows as defined in Table 88.
Table 88 — Window Sequences and Transform windows
dependent of coreCoderFrameLength (ccfl)
Value Window #coeffs Window Shape (schematif)
0 ONLY_LONG_SEQUENCE 2 |
= LONG_WINDOW :
] LONG_START SEQUENGE ol |
= LONG_START_WINDOW ‘
EIGHT_SHORT SEQUENCE | ., |
2 = 8 ¥ SHORT”WINDOW 8"(ccfl/8)
3 LONG/STOP_SEQUENCE ol .
=LONG_STOP_WINDOW ! !
] STOP_START_SEQUENCE |
= STOP_START_WINDOW ‘
NOTE Dashed lines indicate window shape when the adjacent window sequence is LPD_SEQUENCE

window_shape

max_sfb

scale_factor_grouping

A 1 bit field that determines what window is used for the right hand part of this
analysis window

number of scalefactor bands per group. If common_window == 1, max_sfb
refers to channel 0 and max_sfb1 is the maximum scalefactor band for

channel 1.

© ISO/IEC 2012 — All rights reserved

a bit field that contains information about grouping of short spectral data

69


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

fac_data() Syntax element which contains all data for the forward aliasing cancellation
(FAC) tool, which is operated at transitions between ACELP and transform
coder.

6.2.9.1.2 Help elements

For the purpose of this clause, the definition of help elements given in ISO/IEC 14496-3:2009, 4.5.2.3.1.2, and
the following apply:

Ig Number of quantized spectral coefficients output by the arithmetic decoder.

last Ipd_mo see-defintton-eHasttpd—mede 62402

6.2.9.2 Decoding process

6.2.9.2.1 Decoding an fd_channel_stream (FCS)

In the fd_chapnel_stream, the order of decoding is:

— Get globgl_gain

— Get noisg filling, if present

— Getics_ipfo (parse bitstream payload if common information is not present)

— Get tw_data(parse bitstream payload if common informationjisnot present), if the time-warped filtgrbank
tool is agtive

— Get scal¢_factor_data, if present
— Get tns_gata, if present
— Get ac_gpectral_data, if present

The process|of recovering tns_data is.described in ISO/IEC 14496-3:2009, 4.6.9. An overview of hpw to
decode ics_info, scalefactor_data, and.ac” spectral_data will be in the following paragraphs.

6.2.9.2.2 Recovering ics_info()

For UsacSingleChannelElement()'s ics_info is located after the global gain and optional noiseFilling djata in
the fd_channgl_stream.<For a channel pair element there are two possible locations for the ics_info.

In case of UgacChannelPairElement() if the common_window flag is set to 1 both channels share the [same
ics_info() (i.e| both-have same window_sequence, same window_shape, same scale_factor_grouping, [same
max_sfb etc.). A exception to this occurs when common_max_sfb == 0. In this case max_sfb1 determines
the maximum scalefactor band per group for channel 1. Otherwise (i.e. common_window is set to 0) there is
an ics_info after the global_gain and optional noisefilling data for each of the two fd_channel_stream()s.

The ics_info() carries the window information associated with an FCS and thus permits channels in a
channel_pair to switch separately if desired. The variable max_sfb_ste determines the number of ms_used]]
bits that must be transmitted. If the window sequence is EIGHT_SHORT_SEQUENCE then
scale_factor_grouping is transmitted. If a set of short windows form a group then they share scalefactors as
well as M/S information. The first short window is always a new group so no grouping bit is transmitted.
Subsequent short windows are in the same group if the associated grouping bit is 1. A new group is started if
the associated grouping bit is 0. It is assumed that grouped short windows have similar signal statistics.
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6.2.9.2.3 scalefactor_data() parsing and decoding

Since there is no section_data() in the bitstream a standard sectioning has to be defined to e
scalefactor decoding as describes in Table 4.53 in ISO/IEC 14496-3:2009, Subpart 4:

{

section_data()

nsure correct

for (g =0 ; g < num window _groups; g++ ) {
k=0;
for (( k = 0 ; k < max_sfb ; k++ ) {
sfb _cblg] [k] = 11;
}
}
}
For channel 1, max_sfb is set equal to max_sfb1 if common_window == 1. For each.(scale

scalefactor is transmitted. global_gain, the first data element in an fd_channel_stream(), l€qualg
the finst scalefactor in that fd_channel_stream(). All scalefactors following the first scalefactor a
using| Huffman coded DPCM relative to the previous scalefactor. The DPCM value of the fir
(relative to the global_gain) always represents zero and is thus not transmitted:The actual de
scalelfactors remains identical to the description in ISO/IEC 14496-3. Once the scalefactors are
actua| values are found via a power function.

6.2.92.4 ac_spectral_data() parsing and decoding
The

fd_ch

alue Ig of quantized spectral coefficients is needed for parsing the spectral data synta
annelffeh_stream() Ig is determined by max_sfb according to the following formula:

swb_offset_short_window[max_sfb], in case of EIGHT_SHORT_SEQUENCE

Ig

swb_offset_long_window[max_sfb], otherwise
For fyrther details on parsing and decoding of.ac”spectral_data(), please refer to 7.4.
6.2.93 Windows and window sequences
Quantization and coding is done inthe frequency domain. For this purpose, the time signal is mg
frequéncy domain in the encoder,The decoder performs the inverse mapping as described in 7.

2*coreCoderFramelLength and 2*coreCoderFramelLength/8. To switch between windows,
LONG_START WINDOW, LONG _STOP_WINDOW, and STOP_START_WI

actor band a
5 the value of
e transmitted
5t scalefactor
coding of the
decoded, the

K element. In

pped into the
0. Depending
lows sizes of
the transition
NDOW are
shape of the

to as long

ontains data
indicates the

6.2.9.4

Scalefactor bands and grouping

See ISO/IEC 14496-3:2009, 4.5.2.3.4.

of individual

As explain in ISO/IEC 14496-3:2009, 4.5.2.3.4, the width of the scalefactor bands is built in imitation of the

critical bands of the human auditory system. For that reason the number of scalefactor bands i

n a spectrum

and their width depend on the transform length and the sampling frequency. Table 4.129 to Table 4.147, in
ISO/IEC 14496-3:2009, 4.5.4, list the offset to the beginning of each scalefactor band on the transform lengths

1024 (960) and 128 (120) and on the sampling frequencies.
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For a transform length of 768 samples, the scale factor bands at 4/ 3 - samplingfrequency are used. In

case

a shorter transform length (dependent on coreCoderFramelLength) is used, swb_offset_long_window and
swb_offset_short_window are limited to the size of the transform length, and num_swb_long_window and

num_swb_short_window is determined according to the following pseudo code:

for (swb=0; swb<num swb long window+1l; swb++) {
if (swb_offset long window[swb] > coreCoderFrameLength) {
swb_offset long window[swb] = coreCoderFrameLength;
break;

}
}

num_swb_long window = swb;

swb<num_swb_short window+1l; swb++) {
> coreCoderFrameLength/8) {
coreCoderFrameLength/8;

for (swb=0;
if (swb_gffset short window [swb]
swb_off|set short window[swb] =
break;

}
}

num_swb_shgrt_window = swb;

The tables ofliginally designed for LONG_WINDOW, LONG_START_WINDOW and/LONG_STOP_WIN
are used alsd for STOP_START_WINDOW.

6.2.10 Ipd_channel_stream()

6.2.10.1 Ggdneral

DOW

The Ipd_channel_stream() bitstream element contains all necessary information to decode one fraie of

“linear prediction domain” coded signal. It contains the payload for one frame of encoded signal whic

N was

coded in the LPC-domain, i.e. including an LPC filtering step. The residual of this filter (so-called “excitation”)

is then repregsented either with the help of an ACELR ‘module or in the MDCT transform domain (“tran
coded excitafion”, TCX). To allow close adaptation.te'the signal characteristics, one frame is broken dg
to four smallgr units of equal size, each of which is*coded either with ACELP or TCX coding scheme.

This processlis similar to the coding scheme ‘described in 3GPP TS 26.290 [10], which is recommend
background reading. Inherited from this.decument is a slightly different terminology, where one “superf]
signifies a signal segment of coreCoderFramelLength samples, whereas a “frame” is exactly one fourth o
i.e. coreCodgrFramelLength/4 samples. Each one of these frames is further subdivided into three o
“subframes” ¢f equal length. In_case of a coreCoderFramelLength of 768 samples, each frame is subd
into three sulpframes. For every-other coreCoderFrameLength, each frame is subdivided into four subfr.
Please note that this subchapter adopts this terminology.

6.2.10.2 Terms and definitions

acelp_core_mode This bitfield indicates the exact bit allocation scheme in case ACELP is u

sform
wn in

ed for
rame”
f that,
r four
vided
hmes.

sed

as a Ipd coding mode.

lpd_mode The bit-field Ipd_mode defines the coding modes for each of the four frames
within one superframe of the Ipd_channel_stream() (corresponds to one
USAC frame). The coding modes are stored in the array mod[] and can take
values from 0 to 3. The mapping from Ipd_mode to mod[] can be determined
from Table 89 below.
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Table 89 — Mapping of coding modes for Ipd_channel_stream()

ring (low

can also be

. e i b e remaining
meaning of bits in bit-field Ipd_mode mod[] entries
Ipd_mode bit 4 bit 3 bit 2 bit 1 bit 0
0..15 0 mod|[3] mod|[2] mod[1] mod[0]
16..19 1 0 0 mod[3] mod[2] mod[1]=2
mod[0]=2
20..23 1 0 1 mod[1] mod][0] mod[3]=2
mod[2]=2
24 1 1 0 0 0 mod[3]52
mod[2]=2
mod[1]=2
mod[0]=2
25 1 1 0 0 1 mod[3]=3
mod[2]=3
mod[1]=3
mod[0]=3
26..31 reserved
bpf_gontrol_info Bass-post filter control information*which defines if bass-post filtg
frequency enhancement) is enabled or disabled (see 7.17 and Table 90)
Table 90 — Bass-post filter modes
value of . .
bpf_control_ififo Bass-post filter operation
0 Bass-post filter disabled
1 Bass-post filter enabled
core_mode_last Indicates the core coding mode of the previous frame. This valug
determined from the history of the bitstream element core_mode
Table 91 — Definition of core_mode_last
value of Meanin
core_mode_last 9
0 FD core coder mode
used in previous frame
1 LPD core coder mode
uacd il I plcviuua fl dalllc
mod[0..3] The values in the array mod[] indicate the respective coding modes in each

frame:
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Table 92 — Coding modes indicated by mod][]

value of . . bitstream
coding mode in frame
mod|x] element
0 ACELP acelp_coding()
1 short TCX (ccfl/4) tcx_coding()
2 medium TCX (ccfl/2) tcx_coding()
3 longTCX (ccfl) tcx_coding()
acelp_coding() Syntax element which contains all data to decode one frame of ACELP
excitation.
tex_coding() Syntax element which contains all data to decode one frame of MDCT based
transform coded excitation (TCX).
first_tcx_flag Flag which indicates if the current processed TCX frame jis\the first in the
superframe.
arith_reset_{1lag see 6.2.11.2.
Ipc_data() Syntax element which contains all data to deCode all LPC filter parametdr sets
required to decode the current superframe,
first_lpd_flag Flag which indicates whether the current'superframe is the first of a seqyence

of superframes which are coded in'PC domain. This flag can also be
determined from the history of the’bitstream element core_mode
(core_mode0 and core_modelin case of a UsacChannelPairElement)
according to Table 93.

Table 93 — Definition of first_lpd_flag

core_mode core_mode
of previous frame of current frame first_lpd_flag
(superframe) (superframe)
0 1 1
1 1 0
last_Ipd_mode Indicates the value of mod[x] of the previously decoded ACELP frame or|TCX

frame respectively (see Table 31) for the currently considered channel. At the
beginning of the decoding process the value of this variable is assumed o be
initialized to last_Ipd_mode=—1. The variable is assumed to have a "static"
characteristic, meaning that it carries over its value to the next frame aftgr
decoding of the current frame is finished.

short_fac_flag Flag which indicates the length of the FAC transform fac_length for transitions
between two different core coding modes.

Table 94 — Definition of short_fac_flag

value of fac_length
short_fac_flag
0 coreCoderFramelLength/8
1 coreCoderFramelLength/16

74 © ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

6.2.10.3 Decoding Process

6.2.10.3.1 Decoding an Ipd_channel_stream

In the Ipd_channel_stream the order of decoding is:

Deco
Deco

Deco

6.2.10.3.2 ACELP/TCX coding mode combinations

Therg
paylogd. One of these 26 mode combinations is signaled in the bitstream element Ipd_mode. Th
Ipd_mode to actual coding modes of each frame in a subframe is\shown in Table 89 and Table 9

6.2.11
6.2.11.1

Spec
signa| are scalar quantized and then noiselessly coded by an adaptive context dependent arit
The
frequency to the highest-frequency. Each 2-tuple is split into the sign s, the concatenated 2 most
planeg m, and the remaining least significant bit-planes r. The value m is coded according to a g
is de
coded
here
the a
the signs s are coded outside the arithmetic coder using 1 bit per sign.

Detai
6.2.11
6.2.11

arith_data()
arith_reset_flag

acod _m[pki][m]

acod_r[Isbidx][r]

Get acelp_core_mode
Get Ipd_mode and determine from it the content of the helper variable mod[]

Get acelp_coding or tcx_coding data, depending on the content of the helper variable mod[]

betIpc_data
ing of acelp_coding is described in 7.14.
ing of tcx_coding is described in 7.15.

jing of Ipc_data is described in 7.13.

are 26 allowed combinations of ACELP or TCX within ope\superframe of an Ipd_ch

Spectral noiseless coder

General

ral coefficients from both the “linear prediction-domain” coded signal and the “frequency-d

annel_stream
e mapping of

NI

bmain” coded
hmetic coder.

uantized coefficients are gathered“together in 2-tuples before being transmitted fronmp the lowest-

ined by the neighboring spéctral coefficients. The remaining least significant bit-planes
one by one with the context that is determined by the significance of the upper bit planes

means the information whether the upper bit planes decoded so far are zero or not. By meg
plitude of the spectral coefficients can be reconstructed on the decoder-side. For all non

ed arithmetic'decoding procedure is described in the 7.4.3

.2 _Terms and definitions

significant bit
ontext, which
' are entropy

Significance
ns of mand r
-null symbols

.2.17 Data elements

Data element to decode the spectral noiseless coder data.

planes m of the quantized spectral coefficients of a 2-tuple.

bit-planes r of the quantized spectral coefficient of a 2-tuple.

The coded sign of the non-null spectral quantized coefficient.
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Flag which indicates if the spectral noiseless context must be reset.

Arithmetic codeword necessary for decoding of the 2 most significant bit

Arithmetic codeword necessary for decoding of the remaining least significant
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6.2.11.2.2 Helper elements

a,b 2-tuple corresponding to quantized spectral coefficients.

m The concatenated 2 most significant bit planes of the 2-tuple to decode.

r One of the least significant bit planes of the 2-tuple to decode.

Ig Number of quantized coefficients to decode.

N Window length. For FD mode it is deduced from the window_sequence
(see 7.9.3.1) and for TCX N=2*Ig.

i Index of 2-tuples to decode within the frame.

pki Index of the cumulative frequencies table used by the arithmetic-décoder for
decoding m, where 0<=pki<=63.

arith_get_pk () Function that returns the index pki of cumulative frequeneies table necessary
to decode the codeword acod _m[pki][m].

c State of context

Isbidx Index to the cumulative frequencies tables.used by the arithmetic decodeér for
decoding r, where 0<=Isbidx<=2.

lev Number of least significant bit-planés to decode.

ARITH_ESCAPE Escape symbol that indicates additional bit-planes to decode beyond the|two
most significant bit planes. ARITH_ESCAPE has the value 16.

esc_nb Number of ARITH_ESCAPE symbol already decoded for the present 2-tyuple.
The value is boundedito 7.
NOTE esc_nb-is equal to lev, but limited to a maximum value of [, i.e.
esc_nb = min(lev,7).

x_ac_dec]] Element holding the decoded spectral coefficients.

arith_map_cgntext() Initializes the contexts needed for decoding the present frame.

arith_get_context() Computes the context state for decoding the present 2-tuple m symbols.

arith_update |context() Updates the context for the next 2-tuple.

arith_finish () Finish the noiseless decoding.

6.2.12 Enhahced-SBR

6.2.12.1 General
The description of the bitstream elements for the SBR payload can be found in ISO/IEC 14496-3:2009, 4.5.2.8.

Deviations from these bitstream elements are listed below:

6.2.12.2 Terms and definitions

bs_xover_band Index to master frequency table. The index is coded with 4 bits allowing the
xover band to be variable over a range of 0-15 bands.
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Sbrin

fo()

SbrHeader()

sbr_single_channel_element()

ISO/IEC 23003-3:2012(E)

This block of data contains payload for the SBR bandwidth extension for one

or two channels. The presence of this data is dependent on the

sbrRatiolndex.

This element contains SBR control parameters which do not require a
decoder reset when changed.

This element contains SBR header data with SBR configuration parameters,
that typically do not change over the duration of a bit stream.

Syntactic element that contains data for an SBR single channel element.

sbr_channel_pair_element()

sbr_grid()

bs_n

bs_s

im_env

br_preprocessing

bs_header_extra3

bs_pvc_mode Indicates PVC mode according to:
Table 96 — bs_pvc_mode
bs_pvc_mode Meaning
0 no PVC data present
1 PVC mode 1
2 PVC mode 2
3 reserved
bs_var=|en Indicates the Irmeiﬁnn of the frniling variahle bhorder nr‘nnrding ta:

© ISO/IEC 2012 — All rights reserved

Syntactic element that contains data for an SBR channel pair element.

Syntactic element that contains the time frequency grid.

Indicates the number of SBR envelopes in the current.SBR fram¢. For USAC

a maximum of 8 envelopes are allowed in a class-FIXFIX frame.

Signals the use of the additional preprocessing|during HF generation

according to:

Table 95 — bs_sbr-preprocessing

bs_sbr_preprocessing

Meaning

0

No pre-processing

1

Application of HF pre-processing as
part of the MPEG-4 SBR HF gene
as outlined in 7.5.2.2

ration

Indicates if Optional header part3 is present.

Table 97 — bs_var_len

Length ?:;)‘(’:;EI;E—;:; bs_var_len
1 0x0 0
3 0x4 1
3 0x5 2
3 0x6 3
3 0x7 reserved
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bs_noise_position Indicates the time slot border for noise floors. A value of zero means that
there is one noise floor in the current SBR frame.

bs_sinusoidal_position_flag Indicates if bs_sinusoidal_position is present.

bs_sinusoidal_position Indicates the position of the starting time slot for sinusoidals. A value of 31
means that there is no sinusoid starting in the current SBR frame.

divMode Indicates the coding mode of the prediction coefficient matrix indices, pvcID.

nsMode Indicates the time-smoothing mode. The number of time slots for time-
smoothing of Esg(ksg.t), ns is derived from bs pvc mode and nsMode

according to:

Table 98 — nsMode

bs_pvc_mode nsMode ns
0 16
! 1 4
0 12
2 1 3
reuse_pvclD Indicates if pvcID of the last time slot in‘the previous SBR frame is reused

according to:

Table 99 “~reuse_pvcID

reuse_pvclD Meaning
0 pvcID[0] is unpacked from bitstream
1 pvclD[0] is copied from pvcID[-1]
pvciD Indicates-the prediction coefficient matrix index, pvcID . The pvcID[-1]

denotes pvcID of the last time slot in the previous SBR frame.

length Indicates the number of time slots in which the same prediction coefficient
matrix index, pvclD is used.

grid_info Indicates if pvcID of previous time slot is reused according to:

Table 100 — grid_info

grid_info Meaning

pvclD[K] is copied from pvclD[k-1]
1 pvclD[K] is unpacked from bitstream

6.2.12.3 SBR payload for USAC
In USAC the SBR payload is transmitted in UsacSbrData(), which is an integral part of each single channel

element or channel pair element. UsacSbrData() follows immediately after UsacCoreCoderData(). There is no
SBR payload for LFE channels.
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6.2.13 Definition of MPEG Surround 2-1-2 payloads

6.2.13.1 General

The basic bit stream syntax shall be based on ISO/IEC 23003-1:2007, 5.2. Any modifications and

amendments to the existing bit stream syntax are listed below:

6.2.13.2 Terms and definitions

bsTempShapeConfig Indicates operation mode of temporal shaping (STP or GES) or activation of

TSD in the decoder according to:

Table 101 — bsTempShapeConfig

bsTempShapeConfig Meaning
0 do not apply temperalshaping
1 apply STP
2 apply GES
3 apply TSD
bsHighRateMode indicates operation mode of Mps212Data() according to:

Table102 — bsHighRateMode

bsHighRateMode bit rate mode
0 LOW
1 HIGH
bsPhpaseCoding indicates whether IPD coding is applied in Mps212Config() acco

Table 103 — bsPhaseCoding

bsPhaseCoding Meaning
0 no IPD data present
1 IPD data present
bsOt{BandsPhasePresent indicates whether the number of IPD parameter bands is initiali

values using Table 104 or transmitted explicitly by bsOttBandsH

rding to:

ved to default
*hase.

bsOttBandsPhase defines the number of IPD parameter bands. If bsOttBandsPhasePresent==0,

the value of bsOttBandsPhase is to be initialized according to:

© ISO/IEC 2012 — All rights reserved

79


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Table 104 — Default value of bsOttBandsPhase

numBands bsOttBandsPhase
4 2
5 2
7 3
10 5
14 7
20 10
28 10
bsResidualBands defines the number of MPS parameter bands where residual coding'is ‘Used.
numSlots The number of time slots in an Mps212Data frame.
bsPhaseMode indicates whether IPD parameters are available for theceurrent Mps21PData
frame.
bsOPDSmoagthingMode indicates whether smoothing is applied to OPD parameters.
bsTsdEnabl¢ indicates that TSD is enabled in a frame.
numTempShapeChan indicates the number of channels on which a temporal shaping tool is
applied. This value is 2 in the USAC«<ontext.
bsTsdNumT{Slots defines the number of TSD, transients slots in a frame according to:
number_of TSD _transient¢slots = bsTsdNumTrSlots + 1.
nBitsTrSlots is defined according to:
Table 105 — nBitsTrSlots depending on MPS frame length
numSilots nBitsTrSlots
32 4
64 5
bsTsdCodedPos variable length code word containing position data for TSD transient slogs.
bsTsdTrPhageData phase data for the transient steering of TSD according to:
Table 106 — phase data for TSD
Index 0 1 2 3 4 5 6 7
TSD i i 3n St 3n Tn
phase 0 — - — T - - —
value 4 2 4 4 2 4
numQuantStepsXXX is defined according to:
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Table 107 — numQuantStepsXXX depending on dataType

XXX numQuantStepsXXX | numQuantStepsXXX
(dataType) Coarse Fine
CLD 15 31
ICC 4 8
IPD 8 16
hcodLavldx One-dimensional Huffman code (ISO/IEC 23003-1:2007, Table A.24) used

for coding of the Lavldx data. This determines the largest absolute value in
one or two data sets coded with two-dimensional Huffman codeg according to
Table 108.

Table 108 — lavTabXXX

Lavldx lavTabCLD lavTablCC lavTabCPC™ {avTablPD
[Lavidx] [Lavidx] [Lavidx] Lavidx]

0 3 1 3 7
1 5 3 6 1
2 7 5 9 3
3 9 7 12 5

6.2.14 Buffer requirements
If USAC is employed by means of MPEG-4 audio object type 42 the buffer requirements for the|USAC codec
are the same as stated in ISO/IEC 14496-3:2009,%4:5.3. In the USAC context the Number df Considered
Chanpels (NCC) is equal to once the number of SCEs plus two times the number of CPEs.

Furthermore, unless explicitly specified differently, the buffer requirements for the USAC codec fare the same
as stgted in ISO/IEC 14496-3:2009, 4.5.3.

7 Tool Descriptions
7.1 [Quantization

7.1.1| Tool description

For qlantizationyof the FD core spectral coefficients in the encoder a non uniform quantizer is uspd. Therefore
the decodersmust perform the inverse non uniform quantization after the Huffman decoding of th¢ scalefactors
(see T1.3) and'the noiseless decoding of the spectral data (see 7.1).

For the quantization of the TCX speciral coefficients, a uniform quantizer is used. No inverse quantization is
needed at the decoder after the noiseless decoding of the spectral data.

7.1.2 Terms and definitions
Help elements:

x_ac_quant[g][win][sfb][bin] quantized FD spectral coefficient for group g, window win, scalefactor band
sfb, coefficient bin.

x_ac_invquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, scalefactor band sfb,
coefficient bin after inverse quantization.
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x_tex_invquant[win][bin]

decoding of the spectral data

7.1.3 Decoding process

The inverse quantization of the FD spectral coefficients is described by the following formula:

4
X_ac_invquant = Sign(x_ac_quant)- |x_ac_quant|3

The inverse quantization is applied as follows:

TCX spectral coefficient for window win, and coefficient bin after noiseless

for (g = 0;

for (sfq
widt
for

fi

sign(x_ac_dg
}

}
}

For channel 1
7.2 Noise

7.21
In low bit ratg

Coarse @
inverse (
spectra

By repla
very obv

If there
these no

g < num _window_groups; g++) {

= 0; sfb < max_sfb; sfb++) {
h = (swb_offset [sfb+1l] - swb_offset [sfb]);
(win = 0; win < window group lenl[g]l; win++) {

(bin = 0; bin < width; bin++)
x_ac_invquant [g] [win] [sfb] [bin]
uant [g] [win] [sfb] [bin]) *abs (x_ac_quant [g] [win] [sfb] [bin])

{

oxr

S (43

, max_sfb is set equal to max_sfb1 if common_window ==.1.

Filling

Tool gescription

coding noise filling can be used for two ptitposes:

uantization of spectral values in low\bit rate audio coding might lead to very sparse spectrd
uantization, as many spectral lines might have been quantized to zero. The sparse pop

will  result in the decoded signal sounding sharp or instable
Cing the zeroed lines with ‘small” values in the decoder it is possible to mask or reduce t
ous artefacts without adding' obvious new noise artefacts.

bre noiselike signaliparts in the original spectrum, a perceptually equivalent representat
sy signal parts ean-be reproduced in the decoder based on only few parametric informatiq

the enengy of the noisy~signal part. The parametric information can be transmitted with fewe

compare

d to the number of bits needed to transmit the coded waveform.

7.2.2 Terms$ and definitions

7.2.2.1

noise_offset

noise_level

7.2.2.2

Xx_ac_invquant[g][win][sfb][bin]

noiseFillingStartOffset[win]

82

Data-Elements

after
ilated

(birdies).

heses

on of
n like
r bits

additional offset to modify the scale factor of bands quantized to zero.

integer representing the quantization noise to be added for every spectral line

quantized to zero.

Help Elements

FD spectral coefficient for group g, window win, scalefactor band sfb,
coefficient bin after inverse quantization.

a general offset or noise filling start frequency depending on
coreCoderFramelLength (ccfl) and window_sequence according to Table

109.
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Table 109 — Value of noiseFillingStartOffset[] as a function of
window_sequence and coreCoderFrameLength

coreCoderFrameLength window_sequence == other
EIGHT_SHORT_SEQUENCE | window_sequence
768 15 120
other 20 160

noiseVal

The absolute noise Value that replaces every bin quantized to zero.

randdmSign()

band]|quantized_to_zero

7.2.3| Decoding Process

Noisg Filling Process

if (joise_level != 0) {
npiseval = pow(2, (noise level-14)/3) ;
npise offset = noise offset - 16;
}
else |{
npiseval = 0;
npise offset = 0;
}
for {g = 0; g < num window_groups; g++) {
fpr (sfb = 0; sfb < max_sfb; sfb++) {
band quantized to zero = 1;
width = (swb_offset [sfb+1l] - swb_ooffset [sfb]);
if (swb_offset [sfb] >= noiseFillingStartOffset)
for (win = 0; win < window/group lenl[g]; win++)
for (bin = 0; bin < width; bin++) {
if (x_ac_invquaht [g] [win] [sfb] [bin] == 0) {
x_ac_invguant [g] [win] [sfb] [bin] = randomSign () *noiseVal;
else {

}
}

else {

!

band: quantized to zero = 0;

band{ quantized to zero = 0;

if~ (band_guantized to zero ) {
scf [g] [sfb] = scflg] [sfb] + noise offset;

Function which returns a (pseudo) random sign. The function is defined in
7.2.4.

flag to signal whether a sfb is completely quantized to zero-

For channel 1, max_sfb is set equal to max_sfb1 if common_window == 1.

7.2.4 Generation of random signs for spectral noise filling

The random signs for the purpose of noise filling shall be produced according to the following pseudo code:

float randomSign (unsigned int *seed)

{

float sign = 0.f;
*seed = ((*seed) * 69069) + 5;

© ISO/IEC 2012 — All rights reserved
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if ( ((*seed) & 0x10000) > 0) {

sign
} else
sign

return

}

-1.£;

=

+1.f;

sign;

The variable seed represents the "internal state" of the random sign generator. The seed shall be a 32 bit
value. It is updated on every call to the function. For channel pair elements two seeds shall be employed, one
for each channel. The seed for each channel is updated individually. Once at the beginning of the decoding
process the seed shall be initialized to 0x3039 for the left channel of a channel pair and for a single channel

element. The[Seed of the right channel of a channel pair shall be initialized t0 OX 1T0932-

7.3 Scalefiactors
For details or] decoding of scale factor data, please refer to ISO/IEC 14496-3:2009, 4.6.2 and4.6.3.
For scalefactpr band tables please refer to ISO/IEC 14496-3:2009, 4.5.4, Table 4.12940 Jable 4.147.

7.4 Spectral Noiseless coding

7.4.1 Tool description

Spectral noisgless coding is used to further reduce the redundancy of the quantized spectrum.

The spectral|noiseless coding scheme is based on an arithmetic coder in conjunction with a dynanpically
adapted context. The spectral noiseless coding scheme is based on 2-tuples, that is two neighboring sgectral
coefficients dre combined. Each 2-tuple {a,b} is split into_the sign, the 2 most significant bit planes, and the
remaining legst significant bit planes. The noiseless coding for the concatenated 2 most significant bit glanes
m uses context dependent cumulative frequencies tables derived from four previously decoded 2-tlples.
Neighborhood in both, time and frequency is takeninto account, as illustrated in Figure 3. The cumudlative
frequencies tables are then used by the arithmetic decoder to generate decoded values from the vgriable

length binary] code. The noiseless decoding for the remaining least significant bit planes r, uses cpntext
dependent cymulative frequencies tables defrived from the significance of the upper bit planes in the 2-tuple.
77777777 2-tuples decoded not
i considered for the context
( } 2-tuples not yet decoded
>‘ __ AN /
[&]
§ 2-tuples already decoded
g considered for the context
fra

84

<:::> 2-tuples to decode

-
Time

Figure 3 — Context for the state calculation
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The arithmetic encoder produces a binary code for a given set of symbols and their respective probabilities.
The binary code is generated by mapping a probability interval, where the set of symbols lies, to a codeword.

The relation between 2-tuple, the individual spectral values a and b of a 2-tuple, the most significant bit planes
m and the remaining least significant bit planes r are illustrated in the example in Figure 4.

and

7.4.2

a,b

lev

arith_|

arith_|

arith_|

Aé 2-tuple b a
;g- ° o e “ A 010
I ° 00
: O T10] | =
icé S (m = 1000,
_f:" 110 r=10,, Isbidx=1
T Freq. 0 111 r= 112 \ Isbidx=1
=5 0[1] r=01; Isbidx=2

Terms and definitions

hash_m[]

ookup_m[]

Cf mipKIl[17]

Figure 4 — Example of a coded pair (2-tuple) of spectral’'values a and b
their representation as m and r. In this example three ARITH_ESCAPE symbols are sent prior to
the actual value m, indicating three transmitted least significant bit planes

2-tuple to decode.

The concatenated(2, most significant bit planes of the quantized s
coefficient 2-tuple to decode.

A least significant bit plane of the quantized spectral coefficient 2|
decode.

Levelof the remaining bit-planes. It corresponds to the number o
significant bit planes.

pectral

Huple to

f least

Hash table mapping context states to a cumulative frequencies table index

pki.

Look-up table mapping group of context states to a cumulative fr
table index pki.

Models of the cumulative frequencies for the concatenated 2 mo;s
bit planes m and the ARITH_ESCAPE symbol.

bguencies

5t significant

arith_

al2]ll

cf_r[Isbidx][4]

Xx_ac_dec|]

arith_reset_flag

ARITH_STOP
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Models of the cumulative frequencies for the least significant bit planes

symbol r.
2-tuple context elements of the previous and current frame.

Array which holds the decoded quantized spectral coefficients.

Flag which indicates if the spectral noiseless context must be reset.

Stop symbol consisting of the succession of ARITH_ESCAPE sy

mbol and

m=0. When it occurs, the rest of the frame is decoded with zero values.
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previous_N

Window length. For FD mode it is deduced from the window_sequence (see

7.9.3.1) and for TCX N=2%|g.

Length of the previous window.

7.4.3 Decoding process

The quantized spectral coefficients x_ac_dec|[] are noiselessly decoded starting from the lowest-frequency
coefficient and progressing to the highest-frequency coefficient. They are decoded by groups of two
successive coefficients a and b gathering in a so-called 2-tuple {a,b}.

mlcfhllhi

The decoded
order of tran
received and
incrementing

The decoded
the order of {
order receive
incrementing

First, the flag

The decoding

copying and
elements with

If the context
arith_reset _fl
current arith_|

/*Input var]
N
arith reset

/*Global vd
previous N

c arith m
{

if (arif
for

}

} else
rati
for

g

K

oo d
A_OC_ITO]
smission of the noiseless coding codewords is such that when they are decoded in,the
stored in the array, bin is the most rapidly incrementing index and g is the most

index. Within a codeword the order of decoding is a, and then b.

coafficianta acll for ED _ara than ctorad in tha oreany v on ot ATha H=Y
CoOCTTCICTr o O Do Tt otoTrCO—m—triC—arra y— X aC Qoo it G vw i T [[oTo[otT

he transmission of the noiseless coding codewords is such that when they‘are decoded
d and stored in the array, bin is the most rapidly incrementing index andywin is the most
index. Within a codeword the order of decoding is a, and then b.

arith_reset_flag determines if the context must be reset.

mapping the context elements of the previous frame stored in g[7][] into q[0][]. The c
in q are stored on 4 bits per 2-tuple.

cannot be reliably determined, e.g. if the data ¢fithe previous frame is not available, and
hg is not set, then the decoding of spectral data cannot be continued and the reading
data() element should be skipped.

iables*/
/* Length of the currentywindow */
| flag /* Arithmetic coder reset flag */

riables*/
/* Length of thesprevious window */

ap context (N,arith treset flag)
h reset flag) ({

(j=0; Jj<N/4; J+3)
[0l [j1=0;

{

({float)previous N) / ((float) N);
P d<N/a; F4++) |
(int) ((float) j * ratio);

. The
order
slowly

coefficients x_ac_dec]] for the TCX are stored directly in the array x_tcx_invguant[win][bin[,, and

in the
Slowly

process starts with an initialization phase where the context element vector q is updated by

bntext

if the
bf the

[31 gl11[kl;

}
}

previous_N=N;

return (g

[0] [0]<<12);

The noiseless decoder outputs 2-tuples of unsigned quantized spectral coefficients. At first, the state ¢ of the
context is calculated based on the previously decoded spectral coefficients surrounding the 2-tuple to decode.
Therefore, the state is incrementally updated using the context state of the last decoded 2-tuple considering

only two new

86

2-tuples. The state is coded on 17 bits and is returned by the function arith_get context().
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/*Input variables*/

c /* old state context */
i /* Index of the 2-tuple to decode in the vector */
N /* Window Length */

/*Output value*/
¢ /*updated state context*/

¢ = arith get context (c,i,N) {
c = C>>4;
if (i<N/4-1)
c = c + (ql0] [i+1]<<12);
c = (c&0xXFFFO) ;
1E (i-0)
c =c + (ql1l[i-11);

if (1 > 3) {
if ((ql1]1[i-3] + gql1][i-2] + q[1][i-1]) < 5)
return (c+0x10000) ;

return (c);

The dontext state ¢ determines the cumulative frequency table used-for'decoding the most sigpificant 2-bits
wise plane m. The mapping from c to the corresponding cumulative_ffequency table index pki is [performed by
the function arith_get_pk():

/*Ingut variable*/
c /FState of the context*/

/*Ouflput value*/
pki /FIndex of the probability model */

pki 4 arith get pk(c) {

ijmin = -1;
i|= i min;
ilmax = (sizeof (ari lookup m)/Sizeof (ari lookup m[0]))-1;
while ((i_max-i min)>1)

i = 1 min+ ((i_max-i min)/2);

j = ari hash m[i];

if (c<(j>>8))

i max = i;

else 1f (c>(j>28MN
i min = 1if

else
return'(j &0xFF) ;

return_ari lookup m([i max];

The value m is decoded using the funclion arith_decode() called with the cumulative frequencies table,
arith_cf_m|pki][], where pki corresponds to the index returned by arith_get pk(). The arithmetic coder is an
integer implementation using the method of tag generation with scaling [1]. The following pseudo C-code
describes the used algorithm.

/*helper functions*/
bool arith first symbol (void) ;
/* Return TRUE if it is the first symbol of the sequence,
FALSE otherwise */
Ushort arith get next bit (void) ;
/* Get the next bit of the bitstream */

/* global variables */

low
high
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value

/* input variables */
cum_freqll; /* cumulative frequencies table */
cfl; /* length of cum freqgl[] */

symbol = arith decode (cum freq, cfl) {
if (arith first symbol()) {
value = 0;
for (i=1; i<=16; i++)
value = (val<<l) | arith get next bit();
}

low = 0;
high—= 65535

range = |high-low+1;
cum =((({(int) (value-low+1l))<<14)-((int) 1)) /range;
p = cum|freg-1;

g =P + (cfl>>1);
if ([*g > cum ) { p=qa; cfl++; }
cfl>p=1;

while (|cfl>1 );
symbol 3§ p-cum freg+l;
if (symiol)
high|= low + (range*cum freqg[symbol-1])>>14 - 1;
low += (range * cum_ freqg[symbol])>>14;
for (;;)

if (high<32768) { }
else|if (low>=32768) {

vlplue -= 32768;
llow -= 32768;
high -= 32768;
}
else|if (low>=16384 && high<49152) {
vielue -= 16384;
llow -= 16384;
high -= 16384;

else| break;

low = low;
high| += high+1}
valug = (valde<<l) | arith get next bit();

}

return gymbols

When the decoded value m is the escape symbol ARITH_ESCAPE, the variable lev and esc _nb are
incremented by one and another value m is decoded. In this case, the function get pk() is called once again
with the value c&esc_nb<<17 as input argument, where esc_nb is the number of escape symbols previously
decoded for the same 2-tuple and bounded to 7.

Once the value m is not the escape symbol ARITH_ESCAPE, the decoder checks if the successive m forms
an ARITH_STOP symbol. If the condition (esc_nb>0 && m==0) is true, the ARITH_STOP symbol is detected
and the decoding process is ended. The condition indicates that the rest of the spectral data is composed of
zero values. The decoder proceeds directly to the sign decoding described in a subsequent paragraph further
below.
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If the ARITH_STOP symbol is not met, the remaining bit planes are then decoded if any exists for the present
2-tuple. The remaining bit planes are decoded from the most significant to the lowest significant level by
calling arith_decode() lev number of times with the cumulative frequencies table arith_cf _rflsbidx][]. Isbidx is
derived from the information indicating whether a,b to be currently decoded are zero or not. The decoded bit
planes r permit to refine the previously decoded values a,b by the following way:

b = m>>2;
a = m- (b<<2);
for (j=0;j<lev;j++) {

lsbidx = (a==0) ? 1 : ((b==0)720:2);

r = arith decode(arith cf r([lsbidx],4);

a = (a<<l) | (r&l) ;

b= (becl) ! ((rs=1)sl)
}
At this point, the unsigned value of the 2-tuple {a,b} is completely decoded. It is saved to the arr3
spectfal coefficients:

x|ac_dec[2*i] = a

x|ac _dec[2*i+1] = Db
The dontext q is also updated for the next 2-tuple. Note that this context.update has also to be
the lapt 2-tuple. This context update is performed by the function arith._update context():
/*ingut variables*/
a,b/F Decoded unsigned quantized spectralcoefficients’ of the 2-tuple */
i /F Index of the quantized spectral coefficient\to decode */
arity update context (i, a, b) {

g1l [1] = a+b+1;

if (gql1] [1]>0xF)

gql1] [i] = OxF;

}
The rlext 2-tuple of the frame is then decoded by incrementing i by one and by redoing the san
descrjbed above starting from the funetion arith_get context(). When Ig/2 2-tuples are decod
framg or when the stop symbol ~ARITH_STOP occurs, the decoding process of the spect
terminates and the decoding of-the signs begins.
Once|all unsigned quantized spectral coefficients are decoded, their signs are decoded. For
quanfzed value of x_ad_dec a bit is read. If the read bit value is equal to one, the quantized val
nothing is done and (the signed value is equal to the previously decoded unsigned value. Q
decoded coefficientlis'negative and the two’s complement is taken from the unsigned value. The
read from low to‘high frequencies.
The decoding is finished by calling the function arith_finish(). The remaining spectral coefficie
zero. [The ' respective context states are updated correspondingly.

y holding the

berformed for

€ process as
ed within the
ral amplitude

pach non-null
e is positive,
therwise, the
sign bits are

hts are set to

/*input variables*/
offset /* number of decoded 2-tuples */

N

/* Window length */

x_ac_dec /* vector of decoded spectal coefficients */

arith finish(x ace dec,offset,N)

{

for (i=offset ;i<N/4;i++) {

x_ac_dec[2*i] = 0;
X ac_dec[2*i+1] = 0;
ql1] [i] = 1;
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7.5 enhanced SBR Tool (eSBR)

7.5.1

Modifications to SBR Tool

The general description of the SBR tool can be found in ISO/IEC 14496-3:2009, 4.6.18.

The above mentioned SBR tool shall be modified as described below.

7.51.1

Terms and definitions

For the purposes of this clause, the terms and definitions in ISO/IEC 14496-3:2009, 4.6.18, and the following

apply:

sbrPatching

sbrOversamplingFlag[ch]

sbrPitchinBinsFlag[ch]

Mode[ch]

sbrPitchinBins[ch]

7.5.1.2
The lower fi
46.18.3.2.1 4

k, = startMin

where offset i
to include a

Frequency Band Tables, offset

S

offset:

equency boundary of\ the master frequency table, k&, is defined in ISO/IEC 14496-3

+offset (bs.sstart_freq)

5 a sampling frequency dependent table of QMF subband indices. This table has been amg
bw,for an SBR sampling frequency of 40kHz by adding the following line to the definition of

Indicates the transposer type used in eSBR:
1 indicates patching as described in ISO/IEC 14496-3:2009, 4(6,18.
0 indicates harmonic sbr patching as described 7.5.3 or 7.5(4-

Indicates the use of signal adaptive frequency domain Oversampling usq
eSBR in combination with the DFT based harmonic.SBR patching as
described in 7.5.3. This flag controls the size of the-DFTs that are utilize
the transposer.

1 indicates signal adaptive frequency domain oversampling enabled as
described in 7.5.3.1.

0 indicates signal adaptive frequency demain oversampling disabled as
described in 7.5.3.1.

Controls the interpretation of thesbrPitchIinBins[ch] parameter:
1 indicates that the value in sbrPitchInBins[ch] is valid and greater than
0 indicates that the value of sbrPitchinBins[ch] is set to zero.

Controls the addition_of cross product terms in the SBR harmonic transp
sbrPitchinBins[ch] is;an integer value in the range [0,127] and represent
distance measured in frequency bins for a 1536-line DFT acting on the
sampling frequéncy of the core coder.

din

d in

rero.

oser.
5 the

2009,

ended
array

offset ={[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19], F ., = 40000

For all other sampling rates Fis,, , the mapping as defined in Table 110 should be applied to build the master
frequency table.
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7.518

Frequency range (in Hz) Use tables for sampling frequency (in Hz)

f>=92017 96000
92017 > f>=75132 88200
75132 > f >= 55426 64000
55426 > f >= 46009 48000
46009 > f >= 42000 44100
42000 > f >= 35777 40000
35777 > f>=27713 32000
27713 > f >= 23004 24000
23004 > f >= 18783 22050

18783 > f 16000

Envelopes, L

In eSBR the requirements for the maximum allowed number of envelopes for-bs_frame class ¥ FIXFIX has
been felaxed:

L, <B

7514

,bs _frame class = FIXFIX

HF adjustment of SBR envelope scalefactors

If bs_Jpvc_mode is zero the SBR envelope time bordereetor of the current SBR frame, tg(/),|is calculated
accorgding to:

wherg

absBordLead it =0
absBordTrail if l=L,

/-1

absBordLead + ZrelBordLead(i ) i 1<I<np.
i=0
Lp—1-1

absBordTrail - ) velBordTrail(i) if ny...<!<L;

i=0

0</<L, and. felBordLead(/) and relBordTrail(/) are vectors containing the relgtive borders
assodiated with the leading and trailing borders respectively. Both vectors are (if applicable) defined below.

NINT (MJ bs_frame_class = FIXFIX
E
relBordLead(/) =4 NA ,bs_frame_class = FIXVAR
bs_rel_bord_0(/) ,bs_frame_class =VARVAR or VARFIX

where 0</<ng, .4

relBordTrail (/) = {

© ISO/IEC 2012 — All rights reserved
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where 0</<

nRel Trail

If bs_pvc_mode in not zero, the SBR envelope time border vector of the current SBR frame, t¢ is calculated

according to:

te

where

{

[bs_var_len' , numTimeSlots + bs_var_len] ,bs num_env =1

[bs_var_len', bs_noise_position, numTimeSlots + bs_var_len] ,bs num_env =72

bs v
bs

The bs_var |
position of th
floors.

If bs_pvc_md
calculated ac

where

t first = {

where bs_va

the previous
borders are d

L

Q=bs

EPVC |~

| num _noise

ar_len' is bs_var_len of the previous SBR frame.

1
2

if bs_noise position =0
hum _env = .
otherwise

len and bs_noise_position are obtained from PVC bitstream. The bs_var_len indicatg
e trailing variable border, and the bs_noise_position indicates the timeslot border for

de is not zero, the PVC SBR envelope time border vector 6fthe current SBR frame, t
cording to:

[t irse» U T, imeSlots] , bs_num_env =1

[t Jirst» DS_T01SE_position, numT imeSlots] , bs_num_env =2

bs_var_bord I' , bs pvc_mode' =0 and bs_pvc _mode # 0

D ,(otherwise
 bord_I' is the trailing border of the previous frame andbs pvc mode' is the PVC mg

frame. Within one’ SBR frame there can be either one or two noise floors. The noise floo
erived from_the 'SBR envelope time border vector according to:

s the
noise

byc, IS

de of
r time

Q) ¢ ) S |
g5t =T

|l
0 [t

t

where middleBorder

(

E

SVE s ME

0
HH

Y ¢ (
J \
O) (middleBorder),tE (LE )] , Ly >1

ot

14496-3:2009, Table 4.174.

func(bs_frame_class, bs_pointer, L, ) is calculated according to ISO/IEC

If bs_pvc_mode is not zero, the noise floor time borders vectors of the current SBR frame, tq is calculated

according to:
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B [t (0),t,(D)] ,bs_num_noise =1
¢ [tE (0),t,(1),t, (2)] ,bs_num_noise =2

where

1
bs num_noise = {

7.5.1.

if bs_noise_position =0

otherwise

5 HF adjustment

3-3:2012(E)

7.51 .|5.1 Introduction

Samd

7.515.2 Mapping

Somd
repre
some
envel
adjac

The mapping of the envelope scalefactors and the noise)floor scalefactors is outlined beld

envel
scale
envel

If bs_|

lerigMapped (m _kx’l) = Eorig (Z’Z) )

as ISO/IEC 14496-3:2009, 4.6.18.7.5.

of the data extracted from the bitstream payload are vectors (or,matrices) containing d
Eenting a frequency range of several QMF subbands. In order to simplify the explanatio
limes out of necessity, this grouped data is mapped to the highést‘available frequency res
bpe adjustment, i.e. to the individual QMF subbands within‘the SBR range. This means
ent subbands in the mapped vectors (or matrices) will have'the same value.

ppe is mapped to the resolution of the QMF bank,<albeit with preserved time resolution. T
actors are also mapped to the frequency resolution of the filterbank, but with the time res
bpe scalefactors.

pvC_mode is zero,

F(i,r(l))<m<F(i+1x(7)),

ata elements
n below, and
blution for the
that several

w. The SBR
he noise floor
olution of the

0<i<n(r(l)),
0<I<L,

2Mapped (m _kxal) = QO,,»g (i,k(l)) ,
Baonoise (D) <1 <Erpon, (1),
0<i<N,,
0<I<L,

else, bs_pvc_mode is not zero,

E

© 180/

(m—k,,t)=E(m,1),

F@i,r()))<m<F(@+1,r()),
0<i<n(r()),

tEPVC (l) <t< tEPVC (l + 1)’
0<I<L,
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QPreMapped (m _kx’t) = QO”g (l’k(l)) ’

fTahleNoise (l) <m<f TableNoise (l + 1)
0<i< Ny,
t,()<t<t (I+1),
0<I<L,
0 . [Q premtapped (M — K, 8+ numTimeSlots) , 0 <t <t (L';)—numTimeSlots
anpe 77t — x 5 l}
Hopped IQPreMapped (m kv’ t) 2 tE (O) st< tE(LE)
fTableNuise (O) =m< fTableNoise (NQ)’
0<t<t.(L,),

where Q,PreM:

number of

RATE -t (1)

columni.e. K

NOTE Re

The mapping
matrices are
subbands sin
frequency ba
where there
indicated by
position indic
generated sin

Let,

Slnde)c (l)

If bs_pvc_mo

oped 1S the Qprerrgppes Matrix of the previous SBR frame and t’Eis the titne border vector, Lg
envelopes of the previous frame respectively and whefe k(l ) is define
> RATE -t, (k(1)),RATE -t (1+1) < RATE -t, (k(/)+1) , ;atd F(i,r(/)) is indexed as
(i,r(l)) gives £, (i) for r(/)=LO and frabierion (i)-or r(1)=HI .

member that t_(0) =t' (L', ) —numTimeSlots .

of the additional sinusoids is done as indicated below. In order to simplify the mappin
introduced, Spdexvappeds @A Spppea. The former is a binary matrix indicating in which
usoids should be added, the latter.is>a matrix used to compensate the energy-values f
nds where a sinusoid is added. If thebitstream payload indicates a sinusoid in a QMF sul
was none present in the previaus) SBR frame, the generated sine should start at the pg
/, (see Table 111) in the present SBR frame if PVC is not used (bs_pvc_mode=0) or
hted by bs_sinusoidal_position' in the present SBR frame if PVC is used (bs_pvc_mode # 0
usoid is placed in the middle of the high frequency resolution band, according to the below:

bs_add_harmionic(i) ,bs_add_harmonic_flag =1 0<i<N
= <i

0 ,bs_add_harmonic_flag=0 Hih
de’is-zero,

is the

] by

row,

g two
QMF
br the
bband
sition
at the
. The

S[ndexMapped (m - kX 4 l) =

with fTableHigh (

where

94

0 if m# INT TableHzgh (’ +1)+fTabchzgh ( )
2
ablefl, l+1 +fa7@ 1
Slndex( ) 5Sle(m k l) Upm:INT( Tl th( ; [ubletigh ( )J

i)<m<fp(i+1), 0Si<N,, ,0<I<L,
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o

Step

(m,l):{l lf(lZZA)OR (SgndExMapped (m,L'E—l):l)

0 otherwise

else, if bs_pvc_mode is not zero,

0 if m = INT [ fTubleHigh (l + 1) + fTableHigh (l)j
2

S]ndexPreMapped (m - kx b ZL) =

£ G+)+f,, . ())
LS,,,u-m(i\-Swy(m—kﬂ N if m=INT( Tablengh( ; TahleHzgh()J

fTableHigh (B<m< fTableHigh (i+1),
0<i<N

High»>

t,(0) <1<ty (L)

S sudexpremtapped (M — ks + numTimeSlots), 0 <& (L") —numTimeSlots
S[ndex Viapped (m - kx b t) =

S[ndexPreMapped (m - kx H t) > tE (0) st< tE (LE) ,

fTahleHigh (O) =m< fTahleHigh (NHigh )’

0<t<t.(L,)

NOTE Remember that t; (0) =t'. (L', ) — numTimeSlots

wherg

S’ indexpremapped 1S t€ Spiexprentappes Matrix of the previous SBR frame and t;s is the time bord
is the

er vector, L;,
number of envelopes of the previous frame respectively and where

o) 1 if (1 2 bs.sinusoidal_position) OR (S'} 1sappea(Mt (L' )=1)=1)
te m9t = :
e 0 otherwise

and where [, is defined aecording to Table 111,

Table 111 — Table for calculation of /,

. bs_frame_class
bs_pointer
FIXFIX FIXVAR VARVAR VARFIX
=0 -1 -1 -1
=1 -1 Lg+1-bs_pointer -1
>1 -1 Lg+1-bs_pointer bs_pointer-1
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and S;ndexMapped is S
larger for the current frame, the entries for the QMF subbands not covered by the previous S.iexyappes are

assumed to be zero. t,’ and L', are t, and L, of the previous SBR frame, respectively.

Indemappea OF the previous SBR frame for the same frequency range. If the frequency range is

If bs_pvc_mode is not zero, I, is defined as follows:
[, =-1

The frequency resolution of the transmitted information on additional sinusoids is constant, therefore the
varying frequency resolution of the envelope scalefactors needs to be considered. Since the frequency
resolution of the envelope scalefactors is always coarser or as fine as that of the additional sinusoid data, the
varying frequency resolution is handled according to the below:

If bs_pvc_mode is zero,

=Fli+Lr(!/
SM“"”E"(’”_kX’l)=5S(i>l)’Z,-Sm<ui’{ul (i Lr(7)

I, =F(i,r(l))
for 0<i<n(f(1)),0<I<L,

where

5.1 {1 e {S e (7 kool F(ir (1) <) <F@Le (1)}

0 ,otherwise
else, bs_pvc |mode is not zero,

i, =F(i+1,r(0))

S —k,,t)=08,(i,1),], < m <),
vapped (M =k 1) =8, (1,0), ; < m <l {ZFF(i,r(l))

for 0<i<n(r())t,()<t<t,((+D0<I<L,

where

e (8 ioioned = k) FGE(D) S j < B+ Lr(D), 8, () St <t, (1 +1),0<1< L}
s L =
‘ 0| ,othefwise

The & (i,/) TUNCHON TETUMS ONE 1T any entry N e S wextiapped MATIX 1S ONE Within the given boundaries, i.e. if

an additional sinusoid is present within the present frequency band. The S,,,.c Matrix is hence one for all
QMF subbands in the scalefactor bands where an additional sinusoid shall be added.

7.5.1.5.3 Estimation of current envelope

In order to adjust the envelope of the present SBR frame, the envelope of the current SBR signal needs to be
estimated. This is done as shown below, and depends on the value of the data element bs_interpol freq. The
SBR envelope is estimated by averaging the squared complex subband samples over different time and
frequency regions, given by the time/frequency grid represented by tz and r or tgpyc in case of bs_pve_mode #
0 respectively.
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If interpolation (bs_interpol_freq = 1) is used:

RATE . (I+1) =1+t 11 5
|XHigh (m + kx,z)|
i:RATE<tE(1)+IHFA(,/

E,, (m1)= , 0<m<M,0<I<L,,
an (m1) (RATE -t (1+1)— RATE -t (1)) "= G

if bs_pve mode =0
RATE-1+1,5 5
[X g (m + ke, RATE - + 1)

£ (mi)=—"2 TE 0<m<M,t,, ()<i<t, (+1),0<I1<L,,

| bs_pve_mode # 0
else, ho interpolation (bs_interpol_freq = 0):
RATEtg (I+1) =1+t yryy

Z Z XH[gh (j’i)|2

i=RATE A (D) +typag =k

(RATE -t (1+1)~ RATE -t (1)) (k, —k, +1)

{kz =F(p.r(1))

k<k
he k,=F(p+Lr(1))-1

K. (k - kx,l) =

L0<p<n(r(l).0sl<L,,

flbs_pve_mode =0

RATEN+typyg k,

DI

E. (k—-k ) = =ty J=k
Curr( x ) RATE(kh —kl +1)

X 0 s RATE - +1)

k, = F(p,r(1))

0< p <)), (D) <<t (I+1),0<I< L,
k,=F(p+1Lr())-1 p <)), tpyc (D) gove(U+1)

A, Skskh,{

ifl bs_pve_mode % 0.

If interpolation,isUsed, the energies are averaged over every QMF filterbank subband, else the| energies are
averaged over-every frequency band. In either case, the energies are stored with the frequency resolution of
the qQ/IF filterbank. Hence the Ec,,, matrix has Lg columns (one for every SBR envelope) and M rows (the

numbler‘ef, QMF subbands covered by the SBR range).

7.5.1.5.4 Calculation of levels of additional HF signal components

The noise floor scalefactor is the ratio between the energy of the noise to be added to the envelope adjusted
HF generated signal X4jgn and the energy of the same. Hence, in order to add the correct amount of noise, the
noise floor scalefactor needs to be converted to a proper amplitude value, according to the following.

If bs_pve_mode is zero,

Q vappea (M1
QM(m,Z)z\/EO”.gMapped(m,l)-1+g”pd((m)l) , 0<m<M,0<I<L,
Mapped b
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else, bs_pvc_mode is not zero,

QM (m’ t) = \/EOrigMapped (m’ t) '

Q Mgpped (mi‘ t)

1 + QMupped (m’ t)

O<m<M,t,()<t<t (I+1),0<I<L,

The level of the sinusoids are derived from the SBR envelope scalefactors according to the following.

If bs_pve_mode is zero,

[

Y|

SM (m,l - \/EorlgMapped (m’l) )

else, bs_pvc_mode is not zero,

S, (m,t

S
~ IndexMapped

3T

(
\
1 + QMapped (

m,l

)
) )

= \/EOrigMapped (m’ t)

7.5.1.5.5 (Qalculation of gain

The gain to be applied for the subband samples in order to retain the correct envelope is calculated as s
below. The Igvel of additional sinusoids, as well as the level of the. additional added noise, are take

account.

If bs_pvc_modp is zero,

\/ E()rigMapped ( m, Z )

G(m,l)

D

and where

. SIndexMapped (m9 t) 0
1+ QMapped (mat)

0<m<M,0<I<L,

(£+Eq,, (m.0))-(1+5()- Qs (m,l))

QMapped (m’l)

\/ E OrigMapped ( m, l )

(e+Eq,, (m.0)) (15Q0 0 (m1))

iJ( l = lA OR l = ZAPrev

otherwise

l..f SMapped (m’l) = 0

if SMappgd (m,l) #0

<m<Mt ()<t<t,(I+NDO<I<L,

,0<m<M,0<I<L,

hown
n into

7r, =L,

; 3 0
APy ) 1 otherwise

is introduced, derived from /', and L', , which are the /,and L, values of the previous SBR frame.

else, bs_pvc_mode is not zero,
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EOrigMapped (m,t) lf SMapped (m’ t) — O
(E + ECurr (m’ t)) ' (1 + QMapped (mﬁ t))

EOrigMapped (m’ t) . QMapped (m’ [) lf S
(E + ECur‘r (m5 t)) (1 + QMapped (m? t))

G(m,t) =

(m,t)# 0

Mapped

with O<m<M,t . ()<t<t,, (+]1),0<I<L,

In order to avoid unwanted noise substitution, the gain values are limited according to the following.
Furthgrmore;the-totattevetof= paﬁ.ibuial fimiter-band-s adjuatcu' morderto compensate forthe energy—loss
impoged by the limiter.

If bs_pvc_mode is zero,

80 + - o EOrigMapped (l’l)
6., (k,0)= fT;’:,dLL‘,:,(kJrl)x—l—k‘. -limGain (bs_limiter gains), 0<k<N, p<I<L,
80 + ECurr (l’l)
= Lim(k)’k

G (1) =min(G,, (k(m),1),10°), 0<m<M 0<% L,

else, bs _pvc_mode is not zero,

Frupterim (K+1)—1=k,
g+

i=f, im (K)—k . . . .
G MGXW( 1) = : fT;}ZZ:,((kLl)i ry -limGain(bs_limiter gains)

80 + Z ECurr (l’ t)
=K upterim (R)=k

EOrigMapped (l’ t)

with | 0<k<N,,t (&<t (+1),0<I<L,
G 1o (m,0) =min(G ., (k(m),0),10) ,0<m < Mty ()<t <ty (+1),0<1<
wherg k(m)is defined by f,,,,.,,, (k(m))<m+k <f,.,.. (k(m)+1),

and where-limGain =[0.70795, 1.0, 1.41254, 1010], and where g, = 10"*.

The additional noise added to the HF generated signal is limited in proportion to the energy lost due to the
limitation of the gain values, according to the following:

If bs_pve_mode is zero,

G,. (m,l)

QML:m (m’l)zmin(QM (m’l)’QM (m,l) G(m Z)

J , 0<sm<M,0<I<L,

else, bs_pvc_mode is not zero,
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Q,,, (m

The gain valu

Q,, (m,1),Q, (m,t)-GMax—(m’t)

) = min(
G(m,t)

j, 0<m<M,t,,, (DSt<t,, (+]),05]/<L,

es are limited according to the following:

If bs_pvc_mode is zero,

GLim (m’

1)=min(G(m,0),G,,, (m1)), 0<m<M 0<I<L,

ade is nat zero

else, bs_pvc_n
G Lim (m’

As mentioneq
to the lost en

If bs_pve_mod

G

Boosty,,,

for 0<k < N|

else, bs_pvc i

Boostr,,

for 0 <k <A

5(S

where

t)=min(G(m,1),G . (m,1)), 0<m<M,t . ()<t<tg, (+1),0<I<L,

above, the limiter is compensated for by adjusting the total gain for a limiter band;, in prop
brgy due to limitation. This is calculated according to the following:

b is zero,
Craierim (K+1)=1-k,
80 + Z EOrigMapped (l’ l )
k l ) — = rupterim (k)’]ﬂ
’ frapterim (K+1)=1=k,

2
' GLim

& + (ECW (i,l)

(i.0)+ 8} (1.0)+ (S, (i.0).1)- Q3. (i.1))
i=Fraptetin (k)_kr
0 .S, (&)%00RI=1,0RI=1,,,

,0< 1< L, where, 5(SM (i,l),l) ={1

, othérwise

node is not zero,

fTabIeLA‘m (k+l )_l_kx

€ + EOrigMapped (17 t)
— = rpierim () —ky
(k’ t) N frapterim (K+1)—1-k 5 ) ,
go+ _N(Eq,, (.0)-GL, (,0)+S3, (1,0 +8(S),(5,1),1)- Q3 (i,1))
i=Fpierim (K)—k
[t (DEE<t,,,-(I+]1),0<]< L,

0,8y G,0)#0

ortion

-]

1

otherwise
s RE

C

The compensation, or boost factor, is limited in order not to get too high energy values, according to:

If bs_pve_mode is zero,

G Boost ( m

1) =min(Gy,, (k(m),),1.584893192), 0<m<M ,0<I<L,

else, bs_pvc_mode is not zero,

GBaast (m’

100

t)=min(G,,,, (k(m),),1.584893192) ,  0<m <Mt ()St1<t,, (+1),0<I<L,

Boostre,
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where k(m)is defined by f,,,,,,,, (k(m))<m+k, <%, (k(m)+1), and where &, = 10™.

This compensation is applied to the gain, the noise floor scalefactors and the sinusoid levels, according to:

If bs_pve_mode is zero,

G isooy (M) =G, (m,1)-Gy, (m1), 0<m<M ,0<I<L,

QML,_mBmt(m,l) =QMM (m,l)-GBMt(m,l) , 0<m<M,0<I<L,

else,

»MBoost(m,l) =S, (m,l)-GBm,(m,l), 0<m<M,0<I<L,
bs_pvc_mode is not zero,

5 oot (M) =G (m,t) -Gy (myt), O0<m<M,t ,.()St<t,, (FD0<I<L,

Q1) oot (M) =Q (M, 1)-G g, (m, 1), O0<m<M,t . (D)<t<tlop(+1),0<I<L,

;MBoost(mﬂt) = SM (mﬁt) ' GB()()st (m7t)7 0 sm< M’tEPVC (Z) Sy tEPVC(l + 1)’0 5 l < LE

7.5.1.

.6 Assembling HF signals

Analggous to the mapping of SBR envelope data and noise floor data to a higher time aphd frequency

resolytion, the gain values, representing a time-span of-several QMF subsamples, are mapped

o the highest

time-fesolution available for the envelope adjustment;i.e. to the individual QMF subsamples witHin the current
SBR frame.

The g
is usHg

=

ain values to be applied to the subbad samples are smoothed using the filter h
d to control whether smoothing is-applied or not, according to:

Smooth *

3 {4 ,bs_smoothing made'=0
SL

0 ,bs smoothing ‘mode =1

and the filter used is defined as following:

B0 =] 0.21816949906249

[0.33333333333333 |
0.30150283239582

0.11516383427084

The variable A,

10.03183050093751

The smoothed gain values Gz, are calculated with the help of the temporary matrix Gr.,,, according to the
following equation:

If bs_pve_mode is zero,

GTemp (m’l + hSL ) = GLimBoost (m’l)
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0<m<M,
RATE -t (1) <i < RATE -t (I +1),
0<I<L,

else, bs_pvc_mode is not zero,

GTemp (m’l + hSL) = GLith)ast (I’I’l, (INT)(l / RATE))’
0<m<M,
RATE~ - th<t<RAFE~t 5+
0 <L,
The calculation of G itself and all further processing for assembling the HF signal shall*be dd

accordance W

7516 24

In case of c(
4.6.18.4.1is
domain signg

ith ISO/IEC 14496-3:2009, 4.6.18.7.6.

Band Analysis QMF Filterbank

reCoderFramelLength=768, the 32 band analysis QMF as specified-in ISO/IEC 14496-3
eplaced by a 24 band analysis filterbank in the SBR tool. This QMF bank is used to split th
| output from the core decoder into 24 subband signals. The-output from the filterbank, i.

subband sanpples, are complex-valued and thus oversampled by a faétor two compared to a regular

bank. The flo
array X consi
older sample

Shift the
samples

Multiply
by linear

c,(n)=

where £{(n) and p(n) are defined as the integer and fractional parts of 64-n/24, respectively.

window (

Sum the

Calculate 24

wchart of this operation is given in Figure 5. The filtering ‘involves the following steps, whe
sting of 240 time domain input samples is assumed. Ahigher index into the array correspo

h
D

samples in the array X by 24 positions. The.'oldest 24 samples are discarded and 24
are stored in positions 0 to 23.

he samples of array X by the coefficients of window c¢;. The window coefficients ¢; are ob
interpolation of the coefficients ¢, i.e\through the equation

p(n)c(u(n)+1)+ (- p(n))etu(n)), 0<n<240

oefficients of ¢ can-be found in Table 4.A.89 of ISO/IEC 14496-3:2009.
samples according to the formula in the flowchart to create the 24-element array u.

new subband samples by the matrix operation Mu, where

ne in

2009,
p time
e. the
QMF
re an
nds to

| new

ained

The

i-7-(k+05)-(2:n-0375)) [0<k<24

M(k,n)

P 48 J Tlo<n<e64

In the equation, exp() denotes the complex exponential function and i is the imaginary unit.

Every loop in the flowchart produces 24 complex-valued subband samples, each representing the output from
one filterbank subband. For every SBR frame the filterbank will produce numTimeSlots - RATE subband
samples for every subband, corresponding to a time domain signal of length numTimeSlots - RATE - 24
samples. In the flowchart W[k][I] corresponds to subband sample | in QMF subband k.
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< ( for QMF subsample 1)

Start

)

for(n =239; n >=24; n--) {
X[n] = x[n-24]

}

for(n=23;n>= 0; n--){

}

X[n] = nextinputAudioSample

for(n =0; n <= 239; n++) {
z[n] = x[n] * ci[n]
}

for(n=0;n<=47; n++){
uln] = z[n];
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j * 48];

}

}

v

for ( k = 0; k <= 23k*++) {

for( n = t.n<=47; n++){

WIKI[I] = u[0]*/8/3 * exp(i* /48 * (k + 0.5)* (- 0.375) )

WIKIfF= WK + uln] * 8/3 * exp(i *n /48 * (k + 0.5 ) * (2 * n - 0.375) )

-

Daone

\

Figure 5 — Flowchart of the 24 band system decoder analysis QMF bank
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7.5.2 Additional pre-processing in the MPEG-4 SBR within USAC

7.5.2.1 General

When the SBR QMF-patching algorithm as described in ISO/IEC 14496-3:2009, 4.6.18.6.3 is used, an
additional step is introduced aimed at avoiding discontinuities in the shape of the spectral envelope of the high
frequency signal being input to the subsequent envelope adjuster. This improves the operation of the
subsequent envelope adjustment stage, resulting in a highband signal that is perceived to be more stable.

The additional pre-processing shall be done when the bitstream element bs_sbr_preprocessing is set to one.
The additional pre-processing is described in the following clause.

7.5.22 Md

The SBR too
SBR, the HF

Xigh (k,l +1

[bwA
The above sh

X (Kol 1

[bw

where the pr

where lowEn

difications and additions to the MPEG-4 SBR tool

&rray(g(k)ﬂ2 yos (p)-XLow(p,l—2+tHFAdj),

FAdj) = preGain(p)- (XLOW (p,l + g ) + bwArray(g(k)) -a,(p)

2
Array(g(k))] ‘a (p).XLOW(p,l—ZHHFAdj)),
eGain( ) curve is calculated according to the following.

preGain (k) — 1O(meanNrg—lmvEnvSlnpe(k))/20 , 0 < k < ko

polyfit (3, ky,x _lowband ,lowEnv, ZowEnvSlope) ;

U,Ad/) = XLOW(p,l+tHFAd/)+bwArray(g(k))-a0 (P)‘XLW(Pal_l"'tHFAd,-)"'

all be replaced by the following, for the instances where bs_ sbr/preprocessing = 1:

vSlope is calculated by the'pseudo-code in Table 112, according to:

used in USAC, is defined in MPEG-4 SBR but modified according to the following.”In MREG-4
generated signal is derived by the following formula (ISO/IEC 14496-3:2009, 46.18.6.3):

-XLOW(p,Z—IHHFAdj)+

and where
0,0
lowEnv(k)=10log,, %.(0.0) ,0<k<k,
numTimeSlots - RATE + 6
and where x_lowband (k)=[0 ... k,—1],and
ko1
lowEnv(k)
meanNrg = +=2
g k.
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Table 112 — Pseudo-code for curve calculation, “polyfit()”

#define MAXDEG 3
void polyfit (int deg, int n, float x[], float y[], float pl[]) {
int i, j, k;
float A[MAXDEG+1] [MAXDEG+1] ;
float b [MAXDEG+1];
float v[2*MAXDEG+1];

for (i = 0; i <= deg; i++) {
b[i] = 0.0f;
for (§ = 0; j <= deg; j++) {
A[i]l [j] = 0.0f;
1
fof (k = 0; k < n; k++) {
v[0] = 1.0;
for (i = 1; i <= 2*deg; i++) {
v([i] = x[k]l*vI[i-1];
for (i = 0; i <= deg; i++) {

b[i] += vIdeg-il*y[k];
for (j = 0; j <= deg; j++) {
A[i] [j] += vI[2*deg -1 - jl;

gayssSolve(deg + 1, A, b, p);

static void gaussSolve (int n, float A[] [MAXDEG+1], float b[], float yI[1) {
ing i, j, k, imax;
flgat v;
foy (i i< n; i++) |
Jmax
for ( i+ 1; k <n; k++) 4 // find pivot
if (fabs(aA[k] [1]) > fabs(Afimax] [i])) {
imax = k;

}

I
7

I H- o

Ao

1f (imax != i) {~3A/ swap rows
v = blimax] ;
blimax] = b[diV;
bl[i] = v;
for (j &/4% J < n; j++) {
v =(Alimax] [§];
Afdmax] [§] = A[1][]];
A[A] [3] = v;

v = A[i] [1]; // normailize row
bli]l /= v;
for (j = 1; J < n; J++) {

A1l [3] /= v;

for (k =1 + 1; k < n; k++) { // subtract row i for row > 1
v = Afk] [1i];
blk] -= v*b[i];
for (j =1 + 1; J < n; j++) {
Alk] [§] -= v*A[il [§];
}
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for (i =n - 1; i >= 0; i--) { // back substitution
y[i]l = bl[i];
for (§ =1 + 1; J < n; j++) {
y[i]l -= A[i]1 [§1*y[j];

}
}
}

7.5.3 DFT based harmonic transposer

7.5.3.1  Topl Description
In case bitstream parameters sbrPatchingMode[ch] equals 1 or harmonicSBR equals 0, SBRpatching as
described in [ISO/IEC 14496-3:2009, 4.6.18.6.3 is performed. When the harmonicSBR flagrequals [ and

sbrPatching
a phase-vocdg

Mode[ch] equals 0, the above mentioned SBR standard QMF-patching algorithm’is replag
der frequency spreading as shown in Figure 6.

ed by

Phase Vacoder Decimation Bandpass filter

. . .

=
2
]
z Filtered
,_% Dec |
LF Time stretched O a)
Bandpass filter Phase Vocoder Decimatioh,
/"‘_“\‘ //’"—“-\‘ /‘ﬂ‘\‘ Generated
- HF-Part
>
@
g Dec
- LF Filtered ’\Tame stretched b)

—_— . . —
Time Timg Time Time

Figure 6 — Steps of harmonic bandwidth extension

The core coq
bandwidth ex
transposition
sbrRatio="2:1
which means

tension is~performed by time stretching followed by decimation, i.e. transposition, using s
factors\(¥ = 2, 3, 4) in a common analysis/synthesis transform stage. E.g. in the cg
" the output signal of the transposer will have a sampling rate twice that of the input g
that for a transposition factor of T=2, the signal will be time stretched but not decin

er time-domain-signal is bandwidth extended using a modified phase vocoder structurg.

The
pveral
se of
ignal,
nated,

efficiently pruduuillg a oiy||a= of cqucﬂ time—duration—as—the ;Ilput ai9||a= bt havilly twice—the—sat p||l']g
frequency (for sbrRatio="8:3": 8/3 the sampling frequency). The combined system may be interpreted as three
parallel transposers using transposition factors of 2, 3 and 4 respectively. To reduce complexity, the factor 3
and 4 transposers (3rd and 4" order transposers) are integrated into the factor 2 transposer (2"d order
transposer) by means of interpolation. Hence, the only analysis and synthesis transform stages are the stages
required for a 2" order transposer. Furthermore, to improve the transient response, a signal adaptive
frequency domain oversampling is applied controlled by a flag in the bitstream.

The frequency domain oversampling factor F' which is necessary and sufficient for adequate transient
response is determined by F =(Q+1)/2 where Q is the quotient (synthesis/analysis) of the physical
frequency bin spacing of the DFT filter banks. Due to the sampling rate changes described above it holds here
that =2 soF =1.5.
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For each frame (corresponding to coreCoderFramelLength core coder samples), the nominal “full size”

trans

respe

As

core(
core(
of siz
signa
factorn

phas

coeffi
=15
(corre

Let s

time

(neN,
transf

The Vi

The

pseud

4.6.1

creat

form size of the transposer is first determined by

coreCoderFrameLength, for sbrOversamplingFlag|ch] =0

[fftSize = {

1.5-coreCoderFrameLength, for sbrOversamplingFlag[ch] =1

1024, for sbrOversamplingFlag|[ch] =0

[ftSizeSyn =
1536, for sbrOversamplingFlag[ch] =1

hrQOve ~Taala -Ta a S_S lec a_hiisiream S \ALC alla
e transposer if critical sampling is deactivated, i.e. when Ms =
oderFramelLength of 768: Ms=24). The variables Ms and M, are defined in 7.5.3:3.2
ctively.

ritical sampling is active, blocks of 32-Ms windowed input samples (corre
oderFramelLength core coder samples), using a hop size (or stride) of 4-Mgysamples (cor!
oderFramelLength/8 core coder samples) are transformed to the frequency domain by me
e 32-Ms or 48-Ms=1.5-32-Ms depending on the signal adaptive frequency domain oversar
. The phases of the complex-valued DFT coefficients are modified.according to the three
s used. For 2™ order transposition the phases are doubled. f&or 3 and 4™ order trarn
s are either tripled or quadrupled or interpolated from two consecutive DFT coefficients.
Cients are subsequently transformed back to the time domain*by means of a DFT of size 16
16-M,, windowed and combined by means of overlap-add)using an output time stride of 4
sponding to 256 decoder output samples).

g

[n) be the input time domain data provided by the'sub-sampled synthesis QMF bank and o
Homain signal subsequently provided to the sub-sampled analysis QMF bank at sampl
). For each frame (32-Ms time domain input&amples), the analysis transform size S, and
prm size S used by the transposer is determined by

b = fftSize- M -32 / coreCoderFrameLength

b = [ftSizeSyn- M |/ 64

ariable transSamp speeifying the number of frequency domain transition samples is obtained

transSamp = 3 -(ffiSizeSyn / 256

Variable numPatches and the array xOverBin of maximum 4 elements are calculated acq
o code‘of Figure 7, where frapemign, fravierows NHign and Ni,, are defined in ISO/IEC 1
.3.2~For each transposition factor (T = 2, 3, 4), a frequency domain window of ffiSiz4

das

ansfc size-actually used
32 and MA) ¥

64 (for a
and 7.5.3.3.3

sponding to
esponding to
ans of a DFT
npling control
transposition
sposition the
The modified
'MA or 24MA
}-M, samples

n) the output
e positions n
the synthesis

from

ording to the
4496-3:20009,
» elements is

?
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0 0 < k < xOverBin(T —2) — transSamp / 2
0.5+ 0.5 -sin ( - (k — xOverBin(7T — 2))) xOverBin(7 — 2) — transSamp / 2 < k < xOverBin(T — 2) + transSamp / 2
transSamp
Q" (k)y=41 xOverBin(7T — 2) + transSamp / 2 < k < xOverBin(T — 1) — transSamp / 2
0.5-0.5- sin( - (k — xOverBin(T — 1))) xOverBin(7 — 1) — transSamp / 2 < k < xOverBin(7T — 1) + transSamp / 2
transSamp
0 xOverBin(T — 1) + transSamp / 2 < k < [fiSize

The time domain transform windows are given by

V4
w =[sin -(n+0.5)[,0<n<32-M
(1) (32_ TG )] n ;

for the analysis transform and

V4
w_(n) =[sin -(n+0.5),0<n<16-M

for the synthgsis transform. The following variables are set

p,=(S|-32-M;)/2
p,=(S|-16:M,)/2

501 = 4'1WS
é; = 4 .IMA
A, =k, | fftSize-32/ coreCoderFrameLength

A, =k, fftSizeSyn / 64

where p, andl ps are the<analysis and synthesis zero pad sizes, é; and é's are the input and outpu

lengths in sgmples, and*A_and A_ are analysis and synthesis transform offset variables respectively.

variables k; |and kju are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively. An input frame consists
granules (32{My)7 6, . The index u depicts the current granule (ueNy). One granule y, is calculated frg

input signal as

0 ,0<n<p,
7,(n)=4s(n+6,-u)-0,(n-p,) ,p,<n<p,+32-M;
0 ,p,+32- M <n<S§,

The granule is time-domain shifted S,/2 samples as

> () = y,(m+S,/2) ,0sn<S,/2
V.(n)= y,(n=S,/2) ,8,/2<n<S§,

t hop

The
of 8
m the
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The shifted granule is then transformed to the frequency domain by an S, -size DFT
Fu = F {};u}

and the DFT coefficients are converted to polar coordinates as

¢, (k)=r,(k)=0 L0<k <A,

(¢,()= 2{T (k—A)}
1) =[r, (k-a,)

N k<K, FS,

g, (k)=r,(k)=0 LA, +8, <k < ffiSize

For gach transposition factor 7'=2,3,4 for which T <numPatches+1,,a new granulg of spectral

coeffitients I:flT) is computed according to the formula

00 =00 ), (D ()™ e (o +1y

exp| j-T-((1= P (k) 4,7 () + p22)- 4,1 () + 1))
FQ ) 1, (D )™ O (R Ry

exp| J- (T = m™ (k) 4,7 )+ m™ () - 4, (" () )|

for0 < k < fftSizeSyn / 2

and
T (k) = conj {f;“( fiSizeSyn k)} , ffiSizeSyn/2 <k < ffiSizeSyn

wherg 1" (k) and p"'(k) are defined as the integer and fractional parts of 2k /T , resgectively, and
conj{X} denotes cormpléx conjugation of the argument x. The cross product gain Q(CT)(k) is set|to zero if the
cross|product pitch parameter p <1. p is determined from the bitstream parameter sbrPitchinBins[ch] as

p = sbrPitchInBins|ch]- fftSizeSyn /1536

If p>1, then Q! (k) and the integer parameters 1" (k), 1" (k), and m'" (k) are defined as follows:

Let M be the maximum of the at most 7'—1 values min{r, (n,),r,(n,)} , for which

2k—mp

1
— n, is the integer part of +E, and n, 20;

— n, istheinteger partof n,+p,and 0<n,<§,/2;
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Then

SR

Q(”(k), it M >4ru(,u(r)(k));}

0, otherwise.

In the first case, m'") (k) is defined to be the smallest m =1,...,T —1 for which min{ru (n,), ru(nz)} =M

and the integer pair (,ulm (k),,uéT)(k)) is defined as the corresponding maximizing pair (,,7, ) .

The granules are mapped and added to form the combined spectral granule

_ numPatches+1 _
L= > TIk+A), 0<k<S,.

T=2

The combinefl spectral granule is transformed by an S; -size inverse DFT to

77”=F'1{1_“u}

and the time flomain shift is reversed to form an output time granule as

_ 7.(n+8./2) ,0<n<Sh2
7.(n) =12
y,(n=S8./2) ,8 /239n<S,

The output grianules are finally windowed and superimposedcusing overlap-add:

775
o(0, -u+m)=277u_v+m O, v+tm+p) o (0, - v+m),0<m<35 ,Vu,ueN,
v=0

where 17, =16-M ,/ 6, —1=3. The output.time domain signal o(n) is subsequently fed to the sub-sa
analysis QMH bank.

110

dfbL=0, sfbH=0
br patch =110 4
while (sfbL <= Now) && (Fraperon(StbL) <= patch * fraperow(0))
sfbL =-sfbL+1
end
if (sfhh-<= Njop)
if (patch * frapierow(0) - Fravieon(sfbL-1)) <= 3)
xOverBin(patch-1) = NINT(fftSizeSyn* frapeLon(sfbL-1)/128)

—h

mpled

also
while (SfbH <= NHigh) && (fTableHigh(SfbH) <= patCh * fTableHigh(O))
sfbH = sfbH + 1
end
xOverBin(patch-1) = NINT(fftSizeSyn* frapjerign(sfoH-1)/128)
end
else
xOverBin(patch-1) = NINT(fftSizeSyn* frapeLon(NLow)/128)
numPatches = patch-1
break
end
end

Figure 7 — Calculation of xOverBin and numPatches
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7.5.3.2 Limiter frequency band table

The limiter frequency band table in the SBR tool (ISO/IEC 14496-3:2009, 4.6.18.3.2.3) contains indices of the
synthesis filterbank subbands which describe the borders of the limiter bands. The number of elements equals
the number of limiter bands plus one. The table is constructed to have either one limiter band over the entire
SBR range or approximately 1.2, 2 or 3 bands per octave, as signaled by bs_limiter_bands. In the latter case
additional band borders are installed which correspond to the HF generator patch borders. If
sbrPatchingMode==1 these HF generator patch borders are calculated according to the flowchart of Figure
4.48 in ISO/IEC 14496-3:2009, 4.6.18.6.3.

When Harmonic SBR is active, i.e. when sbrPatchingMode==0, the above-mentioned additional band borders
are instead determined by the bands created from the different transposition factors T of the Harmonic SBR
tool ap specified in Figure 7.

The exact process of constructing the limiter frequency band table is described below:

The first element is always k.. fr.p.1:m iS @ subset of the union of {71, and the patchy borders derived by the
varialhles numPatches and patchNumSubbands given below.

If bs_[imiter_bands is zero only one limiter band is used and f7,,..., is created as

[TableLim = |:fTab]eLow (O) H fTableLow (NLow ):|
N, =1

—2}

If bs]limiter_bands > 0 the limiter frequency resolution 4able is created according to the| flowchart of
Figur¢ 4.41 of ISO/IEC 14496-3:2009, for which the variables numPatches and patchNumSubbands are
calculated as follows:

numPatches calculated from pseudo code of*Figure 7 , for sbrPatchingMode=0
numBatches = numPatches calculated from Figure 448 of .
, for sbrPatchingMode=1
ISO/IEC 14496-3:2009, 4.6.18.6:3
128 .
RS xOverBin , for sbrPatchingMode=0
patchNumSubbands = jﬁSlzeSyn

patchNumSubbands calculated from Figure 4.48 in ISO/IEC 14496-3:2009, 4.6.18.6  , for sbrPatchingMode=1

wherg the array xOverBin-is calculated from the pseudo code of Figure 7 and ffiSizeSyn is determined from
sbrOversamplingFlag as outlined in 7.5.3.1.

7.5.3.3 Sub-sampled Filter Banks for HQ Critical Sampling Processing

7.5.3.3.1 /~ General

The '*frafnn\l behind critical eamnhnn nrnr\nemnn is to use the subband QI!‘!I”IQIQ from lthe 32-band

(coreCoderFrameLength of 768: 24- band) anaIyS|s QMF bank already present in the SBR tool. A subset of the
subbands, which cover the source range for the transposer, is synthesized in the time domain by a small sub-
sampled real-valued QMF bank. The time domain output from this filter bank is then fed to the transposer. The
transposer time domain input is now a bandwidth limited segment of the original core decoded lowband, which
is frequency modulated to the baseband. Consequently, the transform sizes of the transposer need to be
adjusted. After transposition, the likewise modulated time domain output is processed by a sub-sampled
complex-valued analysis QMF bank, and the resulting QMF subbands are mapped back to the appropriate
subbands in the 64-band QMF buffer.

This approach enables a substantial saving in computational complexity as only the relevant source range is
processed by the transposer. The small QMF banks are obtained by sub-sampling of the original 64-band
QMF bank, where the prototype filter coefficients are obtained by linear interpolation of the original prototype
filter.
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7.5.3.3.2

Real-valued Sub-sampled Ms-channel Synthesis Filter Bank

The processing of the sub-sampled real-valued synthesis QMF bank is described in the flowchart of Figure 8
and the processing steps below. First, the following variables are determined

M = 4-floor {(fTableLaw(O) +4)/8+ 1}
k, =startSubband2kL(f,,,,..(0))

where Ms is the size of the sub-sampled synthesis filter bank and k; represents the subband index of the first
channel from the 32-band (coreCoderFramelLength of 768: 24-band) QMF bank to enter the sub-sampled

synthesis filtgrbank—Thearmay startSubbamd2kt—stisted—imTabte 43— The—furctiomftoor{x}Toun

argument x tq the largest integer not greater than x, i.e. rounding towards —o.

When coreCqderFramelLength = 768 samples and k, + M ¢ > 24, k, is calculated as k, =24=M .

Table 113 — y = startSubband2kL(x)

Is the

2/3/4/5(6(7|8|9(10(11{12|13/14/15/16/17|18|19|20|21|22|23|24)25|26|27|28|29|30|31

32

D|0({0|0|0(2|2|2|4|/4|4|4|4|6|6|6|8|8|8|8]|8[10/10]|10({12(12|12|12{12|12

12

112

A set of

samplesfaccording to the first step of Figure 8 as
V(k _kl ) = Re{XLaw(k) ' exp(l%(kL _MJJ}ﬂkL < k < kL +MS

In the equation, exp() denotes the complex exponential function, J is the imaginary unit and k; is defi
as abovg.

Shift the

The Ms real-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector product N
computefl, where

N(k,n)

The output from this operation is stored in the positions 0 to 2Ms-1 of array v.

Vs real-valued subband samples are calculated from the, Ms new complex-valued subband

64

samples in the array v by 2Ms positions. The oldest 2Ms samples are discarded.

| 1 [ & E10.5)-(2-n- M) 0<k<M,
2M "10<n<2M,

S

hed

Vis

Extract samples Trom Vv according 1o the Tliowchart in Figure o 10 create the TUMg-element array g.

Multiply the samples of array g by window c; to produce array w. The window coefficients c; are obtained
by linear interpolation of the coefficients ¢, i.e. through the equation

c,(n

where u(n) and p(n) are defined as the integer and fractional parts of 64-n/M
window coefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

)=p(n) c(u(m)+1)+(1-p(n)) c(u(n)), 0<n<10M;

S

respectively. The

Calculate Ms new output samples by summation of samples from array w according to the last step in the
flowchart of in Figure 8.
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7.5.3.3.3 Complex-valued Sub-sampled M,-channel Analysis Filter Bank

The processing of the sub-sampled complex-valued analysis QMF bank is described in the flowchart
of Figure 9 and the processing steps below. First, the following variables are determined

M , =4-floor {(min {64, 8,110, (N,,) +1} =2+ floor {(£,,,,1,,,(0)—1)/2} 1) 4+ 1}

k, =2-floor{(f;,.1., (0)—1)/2} —max {0, 2- floor {(f;,;.;,,, (0) —1)/2} + M , — 64}

where M, is the size of the sub-sampled analysis filter bank and k, represents the index of the first band of the

nal ME ££,

64-b
min{x|
oryc

(7))

o=

P

(@s)

=

d

o iy rithat th nbbhanda feo o {1 b amalad—analuc filiar baonle o faod 4
T STVIT VUTITeolT aidau uic ouviudrivo 1mTuliT Uuiv  ouv OCAIII'JIUU allaly\)lo LLLAAZA LA 1R LAV = | AN A vV Buy A W
y} returns the argument x or y closest to minus infinity, and the function max{x,y} returns iR
osest to infinity.

hift the samples in the array x by M, positions according to the first step of Figure 9. Tl
amples are discarded and M, new samples are stored in positions 0 to M,-1.

lultiply the samples of array x by the coefficients of window c¢;. The window coefficients c;
y linear interpolation of the coefficients ¢, i.e. through the equation

¢;(n) = p(m)c(u(n) +1)+ (1= p(n))c(u(n), 0<n<10M,

here 1(n) and p(n) are defined as the integer and fractional parts of 64-n/M ,, resy
ndow coefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

alculate M, new complex-valued subbandsamples by the matrix-vector multiplication M-u,
/[(k,n)=exp lﬂ(k+05)(2n—MA/64)_lﬂ-kA ’ 0Sk<MA
2MG 32 J|o<n<2Mm,

efined as above.

The function
e argument x

he oldest M,

are obtained

ectively. The

um the samples according to the formula in the flowchart in Figure 9 to create the 2M,-element array u.

where

in the equation, exp() denotes'the complex exponential function, i is the imaginary unit and M, and k4 is
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114

Start
( for QMF subsample I)

.

for( k = ki; k < kit Ms; k++) {
VIk-ki] = Real{ X ow[K][I] *exp(i*n/2*(k.-(k+0.5)*191/64)}
}
for(n =20*Ms-1; n >= 2*Ms; n--) {
ol = L 2*xA4 1
v 1y VST
}
4
for(n =0;n <2*Ms; n++) {
v[n] = V[0]/ Ms* cos(n/(4*Ms)*(2*n-Ms))
for(k =1; k < Ms; k++) {
v[n] = v[n] + VIK] / Ms * cos(n /(2*Ms) * (k+0.5)*(2*n-Ms))

for(n =0;n <=4; n++) {

for(k = 0; k < Mg; k++) {
gl2 * Ms*n + K]
g[2* Ms*n + Ms + K]

}

V[4 * Ms*n + K]
V[4 * Ms * n + 3EMY+ K]

}

for(n =0;n < 10*Ms; n++) {
w[n] = g[n] * ci[n]

for(k = 0; k < Ms; k++) {

temp = wjk]

for(n FTyn <=9; n++) {
temp”= temp + w[Ms*n + K]

}
nextOutputAudioSample = temp

}

( Done

~

Figure 8 — Flowchart of real-valued sub-sampled Ms-ch synthesis QMF bank
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Start
( for QMF subsample 1)

for( n = 10*Mz-1; n >=My; n--) {
X[n] = x[n - My]

for(n= Ms1; n>=0; n--) {
x[n] = nextinputAudioSample
}

/
for(n =0; n < 10*Mjy; n++) {
z[n] = x[n] * ci[n]
\
for(n=0; n < 2*My; n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j * 2*Md;
}
) J

for( k = 0; k < Mj=k++) {
BIK][I] =uf0}™ exp( - i*7128*(k+0.5) - i*7 k4/32)
for( n =_1; n < 2*My; n++) {
BIKI[ = BLK][N +
uln] * exp( i*7(2*Ma)*(k+0.5)*(2*n-M4/64) - i**k4/32 )

( D

Figure 9 — Flowchart of complex-valued sub-sampled M,-ch analysis QMF bank
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7.5.4 QMF based harmonic transposer

7.5.41 Tool Description

The harmonic transposition scheme which is described in section 7.5.3 may be replaced by a QMF based
harmonic transposer. The bandwidth extension of the core coder time-domain-signal is carried out entirely in
the QMF domain, using a modified phase vocoder structure, performing decimation followed by time
stretching for every QMF subband. Transposition using several transpositions factors (T = 2, 3, 4) is carried
out in a common QMF analysis/synthesis transform stage. E.g. in the case of sbrRatio="2:1" the output signal
of the transposer will have a sampling rate twice that of the input signal (for sbrRatio="8:3": 8/3 the sampling
frequency), which means that, for a transposmon factor of T 2, the complex QMF subband S|gnals resultmg
from the comprte stretehre I ¢ QMF
synthesis bank of tW|ce the phyS|caI subband spacing as in the transposer QMF anaIyS|S bank. The conjbined
system may be interpreted as three parallel transposers usmg transposmon factors of 2, 3 and 4 réspedtively.
To reduce cqmplexity, the factor 3 and 4 transposers (3 and 4" order transposers) are integrated info the
factor 2 trangposer (2” order transposer) by means of mterpolatlon Hence, the only QMF’analysis and
synthesis trapsform stages are the stages required for a 2" order transposer. Since the QMF-based harmonic
transposer dpes not feature signal adaptive frequency domain oversampling, the corresponding flag jn the
bitstream is ignored.

In case of sbrPatchingMode[ch] == 1 or harmonicSBR == D/IEC

14496-3:2009, 4.6.18.6.3 is performed.

0 SBR patchingr as described in IS

o the
D and

The variable
pseudo code
according to:

numPatches and the array xOverQmf of maximum 4 elements are calculated according
of Figure 7, where frapenigh, Fravierows NHigh and Ny, are ‘defined in ISO/IEC 14496-3:200

128

—— - xOverBin.
[fftSizeSyn

xOver()mf =

A complex oytput gain value is defined for all synthesis subbands by

385

exp[ J7T5g
0.7071- exp[ jr
2. exp[ jrd

(k+9], 3OverQmf (0) < k < xOverQmf (1)
3 (k+3)] xOverQmf (1) < k < xOverQmf(2)

(k+H) ] xOverQmf(2) < k < xOverQmf (3)

Q(k) =

128

The core coder time-input-signalis transformed to the QMF domain, using blocks of coreCoderFrameljength

input samplg
sampling pro
of 768: 24-ba

Let the 32-b3g

s. To save computational complexity, the transform is implemented by applying a ¢
cessing (described in 7.5.4.2) on the subband signals from the 32-band (coreCoderFramel]
nd) analysis QMF bank that is already present in the SBR tool.

nd (coreCoderFrameLength of 768: 24-band) QMF domain signal for the current frame be

ritical
ength

given

by the matiix (m k) with time subband samples m =0.,1,---,31 and subbands k=0,1,{--,31
,23 ). The critical sampling processing transforms the matrix

/ OU

(coreCoderFramelLength of 768: £k =0,1,---
XLow(m,k) into new QMF submatrices I'(z,n) with doubled frequency resolution with the subband samples
u#=0,1,---,15 and subbands n=2%k,,--- 2%k, +2*M_—1 (see 7.5.4.2).

The given QMF submatrices ['(z,n) are operated by the subband block processing with time extent of

twelve subband samples at a subband sample stride equal to one. It performs linear extractions and nonlinear
operations on those submatrices and overlap-adds the modified submatrices at a subband sample stride
equal to two. The result is that the QMF output undergoes a subband domain stretch of a factor two and
subband domain transpositions of factors 7/2 = 1, 3/2, 2. Upon synthesis with a QMF bank of twice the
physical subband spacing as the transposer analysis bank, the required transposition with factors T =2, 3, 4
will result.
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In the following, the nonlinear processing of a single submatrix of samples will be described. The variable
u=0,1,2,... denotes the position of the submatrix. For notational purposes, this index will be omitted from
the variables as it is fixed and it is practical to use the following indexing of the submatrix.

B(m,n)=T'(m+6+u,n), m=-6,....5 n=0,....,2M¢ 1.

The output of the nonlinear modification is denoted by Y (m, k) where m =—6,...,5 and xOverQmf(0) < k <

xOverQmf(numPatches). Each synthesis subband with index k is the result of one transposition order and as
the processing is slightly different depending on this order, the three cases will be considered separately
below. A common feature is that analysis subbands with indices approximating 2k /T are chosen.

For x

A blo

The Q

The g

and ]
windd

For x

Defin
subba

A blo

OverQmf(0) < £ < xOverQmf(1), where 7=2

K (m,k)=B(m,k), m=-5,...,4
PMF samples are converted to polar coordinates as

¢(m, k)= L{ X (m,k)}
r(m, k) =|X(m,k)

utput is then defined for m =-35,...,4 by

(. k)= QK)- (0.5 rlm, k)T exply - (T =1)- (0.5) + plom. k)]

’(2)(m,k) is extended by zeros for gn e{—6,5} . This latter operation is equivalent tq

wing with a rectangular window of.length ten.
OverQmf(1) < k£ < xOverQmf(2), where 7=3

b the analysis subband.index 7 as the integer part of 2k/T =2k /3 and define and
nd index n = 7+ & Where

- —

where Z_ denotes the positive integer set.

1 kedZ: +1
0 else

Lk with’ time extent of eight subband samples is extracted for v =n, 71,

Lk with time extent of ten subband samples is extracted from the analysis band n=2k /T =

X(m,v)=B@Bm/2,v), m=-4,...,3.

Here the non-integer subband sample entries are obtained by a two tap interpolation of the form

B(u+0.5,v)=h,(vV)B(u,v)+hv)B(u+1,v)

with the filter coefficients defined for v =n,nand £ =0,1 by

h,(v) =0.56342741195967 -exp| j(-1)* (v +3) |.
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The QMF samples are converted to polar coordinates for v =n,n as

|

The output is

b

$(m,v)=2Z{X(m,v)}
r(m,v)=|X(m,v)

then defined for m =—4,...,3 by

J (2-x)-r(0,7) " - r(mn)" -eXp[j-((T—l)'¢(0,ﬁ)+¢(ma”))]+l

k)=Q(k)-

Y(3) (m

and Y(S)(m,k
windowing wi

For xOverQr

Define the 4
subband indqg

A block with ime extent of six subband samples is extracted.for'v = n, 71,

X(m,v

The QMF sar

|

The output is

p(m,v

r(m,v

Y(4)(m,}'

and Y(4)(m,}'

Lo (0,n) - r(m, i) -exply-((T—1)-#(0,n)+ ¢ (m,7))] |
) is extended by zeros for m € {—6, —5,4,5} . This latter operation is equivalent'to'a syn
th a rectangular window of length eight.
nf(2) < k < xOverQmf(3), where T=4

nalysis subband index 7 as the integer part of 2k /T =k/2~and define another an
X n according to

1,
1,

k even;
k odd.

=B(2m,v), m=-3,...,2

hples are converted to polar coordinates as
=Z{X(m,v)}

= |X(m,v)

then defined for.m=-3,...,2 by

)

) is\extended by zeros for m e{—6,—5,—4, 3, 4,5}. This latter operation is equivalen

Qk)50.7) " rm.n)"" -expl - (T =1)- §(0.7) + §(m.n))}

thesis

alysis

to a

synthesis wi

Next, the

owinag-with 2 ractanaularwindow of lanath six
SWHRG- W ctaRgHaWHRGOW-O8RGH-Sh&:

addition of cross products is considered. For

each k£ with xOverQmf(0) <k <

xOverQmf(numPatches), a unique transposition factor 7’ =2, 3,4, is defined by the rule xOverQmf(T-2)

< k <xOverQmf(T-7). A cross product gain €. (m,k) is set to zero if the cross product pitch parameter

satisfies p <1. p is determined from the bitstream parameter sbrPitchinBins[ch] as

118

p =sbrPitchInBins[ch]/12
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If p=1, then Q. (m,k) and the intermediate integer parameters (k) , u,(k), and t(k) are defined by
B(0,n,)}

b

the following procedure. Let M be the maximum of the at most 7 —1 values min {|B(O, n,)

where

2k+1—-tp

— n, is the integer part of and n, 20;

— n, istheinteger partof n, +p andn, <2M;

If MK |B(O, ,u(k))|, where u(k) is defined as the integer part of 2k /T , then the cross prodyct addition is
cancgled and €. (m,k) =0 . Otherwise, #(k) is defined to be the smallest\+=1,...,T +1 for which
min {{B(0,n,)

B(O,n2)|}:M and the integer pair (,ul(k),,uz(k)) is (defined as the dorresponding

b

maxirnizing pair (n,,n,). Two downsampling factors D, (k) and D,(k){ate determined from the values of

T angl t(k) as the particular solutions to the equation (7 —t(k))D, % t(k)D, =T/2 that are|given in the
followling Table:

Table 114 — Downsampling factors

T | 1(k) | BK) | Dy(k)
2 [ 1 0 1

3 1 0 15
3|2 | 15 0

49 1 0 2

3] 2 0 1

41 3 2 0

In thel cases where p >1 and-M > |B(0, ,u(k))| the cross product gain is then defined by

tk)(T -tk
p()(T ())(

(DR (m,k) = (7—T)-Q(k)exp[—i7r Dz(k)—Dl(k))m}, m=-1,0.

Two Blocks with time extent of two subband samples are extracted according to

X,(m) = B(D,(kym, u,(k)) } m=-1,0

X,(m)= B(Dz(k)maﬂz(k))

where the use of a downsampling factor equal to zero corresponds to repetition of a single subband sample
value and the use of a non-integer downsampling factor will require the computation of non-integer subband
sample entries. These are obtained as previously by a two tap interpolation of the form

B(u+0.5,v)=h,(v)B(u,v)+h)B(u+1,v)

with the filter coefficients defined for v = g, (k), 1, (k)and £ =0,1 by
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h,(v) =0.56342741195967 - exp| j(-1)* £(v + 1) |.

The extracted QMF samples are converted to polar coordinates

|

1;,(m)

¢,(m) =
= |Xi (m)|

L{X"(m)}}, i=1.2, m=-10

The cross product term is then computed as

YéT) (m,
and YéT) (m
The transpos

(m,k

and for X

The combine
0Q2-u+

and for X

7.54.2

75421 G

The strategy

(coreCoderFriameLength of,768. 24-band) analysis QMF bank already present in the SBR tool. A subset

subbands co
sampled real

analysis QMK

complexity a

, k) is extended by zeros for m € {—6, -5,-4, —3,—2,1,2,3,4,5} )

Sub-sampled Filter Banks for QMF Critical Sampling Processing

)= O (m, k)1 (m) " (m) " expl (T —0) i (m) + 1K) 6y (m)) ]

tion outputs are added to form the combined QMF output

numPatches+1

(Y(T) (m,k)+ YC(T) (m,k)) form =—6,-5,---,5,

T=2
OverQmf(0) < k <xOverQmf(numPatches), and Vu, u € Nj.
1 QMF outputs are finally superimposed using overlap-add:

>,

v=0

m+6,k)= (m+2-v,k), for <6 <m<-5,

—v+7],

wl»—

OverQmf(0) < k < xOverQmf(numPatches), andrp, =12/2-1=5.

eneral
behind critical-'sampling processing is to use the subband signals from the 32

vering the s@urce range for the transposer is synthesized to the time domain by a smal
valued QME bank. The time domain output from this filter bank is then fed to a complex-
bank_of‘twice the filter bank size. This approach enables a substantial saving in comput3
5 only the relevant source range is transformed to the QMF subband domain having dd

frequency resg

-1,0,

tband
of the

sub-
alued
tional
ubled

olution. The small QMF banks are obtained by sub- sampllng of the orlgmal 64-band QMF

bank,

where the pr

LULypU IIII.UI L;UCIIIL.;IUIILD dalcT UULGIIICU Uy IIIIUGI IIII.CI pUIdLIUII UI LI IS Ul IUIIIGI pIULUly}JC IIIlUI

The processing of the real-valued synthesis QMF bank is identical to the processing in the FFT based
transposer outlined in 7.5.3.3, but is repeated here for completeness.

The processing of the sub-sampled filter banks are described in the flowcharts of Figure 10 and Figure 11.

First, the follo

120

wing variables are determined

MS = 4 ’ ﬂOOI' {(fTahleLow(O) + 4)/8 + 1}
k, =startSubband2kL(f,,,,..(0))
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where Ms is the size of the sub-sampled synthesis filter bank and k; represents the subband index of the first
channel from the 32-band (coreCoderFramelLength of 768: 24-band) QMF bank to enter the sub-sampled
synthesis filter bank. The array startSubband2kL is listed in Table 115. The function floor{x} rounds the
argument x to the largest integer not greater than x, i.e. rounding towards —«. When

coreCoderFrameLength = 768 samples and k, + M > 24, k, is calculated as k, =24—-M ;.

Table 115 — y = startSubband2kL(x)

x|0({1|2|3|4|5|6|7|8|9/|10{11|12|13|14|15|16|17|18|19|20|21|22|23|24|25/26|27|28|29(30(31(32
y(0/0[0/0/0[0]/0]2]2]|2/4/4|4|4/4|6|6]6[8|8|8[8|8|10[10{10{12(12|12(12{12(12|12

7.5.42.2 Real-valued Sub-sampled MS-channel Synthesis Filter Bank

|
>

set of Ms real-valued subband samples are calculated from the Ms new complex-valued subband
amples according to the first step of Figure 10 as

(k—k,) = Re{xw(m - exp(i%(lﬁ —w}j}k <<k, + M,

w

==

64

the equation, exp() denotes the complex exponential fungtion, i is the imaginary unit and 4 is defined
7.54.21.

0

hift the samples in the array v by 2Ms positions. The oldest 2Mgs samples are discarded.

— Tlhe Ms real-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector product N-V is
computed, where

[e=—]

N(k,n)= -COS
M 20 0<n<2M,

N

1 [ﬁ-(k+0.5)-(2-n—MS)j {Osk<MS

Tlhe output from this operation'is stored in the positions 0 to 2Ms-1 of array v.

— Hxtract samples fromrviaccording to the flowchart in Figure 10 to create the 10Ms-element afray g.

=

lultiply the samples of array g by window c¢; to produce array w. The window coefficients ¢{ are obtained
y linear integpolation of the coefficients ¢, i.e. through the equation

o

cmy= p(n) c(u(n)+1)+(1- p(n)) c(u(n)), 0<n<10M;

rere—zz(rm)—and—p () are defimed—as theintegerandfractiomat partsof 6477} Tespectively. The
window coefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

— Calculate Ms new output samples by summation of samples from array w according to the last step in the
flowchart of in Figure 10.
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7.5.4.2.3 Complex-valued Sub-sampled 2M-channel Analysis Filter Bank

— Shift the samples in the array x by 2Ms positions according to the first step of Figure 11. The oldest 2Ms
samples are discarded and 2Ms new samples are stored in positions 0 to 2Ms-1.

— Multiply the samples of array x by the coefficients of window ¢,;. The window coefficients ¢,; are obtained
by linear interpolation of the coefficients ¢, i.e. through the equation

¢, (m) = p(n) c(p(n)+1)+(1-p(n)) c(u(n)), 0<n<20M;

where ﬂ 1/1) and I‘O(Vl) are definad as the ihfngar and fractional pgr{'e of Q’).vz / A/’b’ racpnr\fi\lal\ . The
window cpefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

— Sum the|samples according to the formula in the flowchart in Figure 11 to create the 4Ms-glement afray u.

— Calculat¢ 2Ms new complex-valued subband samples by the matrix-vector multiplication M-u, where

M(k,n)=exp(i'”'(k+0'5)'(2'”_4'Ms)}{0Sk<2MS

4M 0<n<4M;

In the equation, exp() denotes the complex exponential function, and fs‘the imaginary unit.
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Start
( for QMF subsample |)

for( k = ki; k < kp+Mg; k++) {
VIk-k ] = Real{ X ow[K][l] *exp(i*n/2*(k.-(k+0.5)*191/64 )}

l

0*Ms-1; n >= 2*Ms; n--) {

L 2xng 1
s Z—1vS]

—
o
=
=
h ]
Fou
N

v

for(n=0;n<2*Ms; n++) {
v[n] = V[0]/ Ms* cos(n/ (4*Ms)*(2*n-Ms))

for(k =1; k < Mg; k++) {
v[n] = v[n] + V[K] / Ms * cos(n / (2*Ms) * (k+0.5)*(2*n*-Ms))

for(n=0;n<=4;n++){
for( k = 0; k < Mg; k++) {

g[2 * Ms * n + K] v[4 * Mg ny+ k]

g[2 * Ms*n+ Ms + k] v[4 * Mg/ + 3 * Mg+ K]

}

}

for(n =0;n < 10*Ms; n+®),{
w[n] = g[n] * ci[n]

}

for( k.=90; k < Ms; k++) {
temp = wlk]
for(n=1;n<=9; n+t+){

temp = temp + w[Ms*n + K]

}
nextOutputAudioSample = temp

}

( Done

~

Figure 10 — Flowchart of real-valued sub-sampled Ms-ch synthesis QMF bank
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124

Start
( for QMF subsample | )

for( n = 20*Ms1; n >= 2*Ms; n--) {
X[n] = x[n - 2* M4
}

for(n=2*Ms1;n >=0; n--) {
x[n] = nextlnputAudioSample
}

A 4
for(n =0; n <20*Ms; n++) {
z[n] = x[n] * cziln]
4
for(n=0; n <4*Ms n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
uln] = uln] + z[n +j * 4*Md];
}
Y

for( k = 0; k < 2*Ms;, k++)¥
BIK][I] = u[0] * exp(~i™ 7(k+0.5) )
for(n=1; n <4%Ms, n++) {
BIKI[ = BIK][ +
uf}exp( i * 7(4*Ms)*(k+0.5)*(2*n-4*Ms) )

< Done

)

Figure 11 — Flowchart of complex-valued sub-sampled 2Mgs-ch analysis QMF bank
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7.5.5 4:1 Structure for SBR in USAC

7.5.5.1 General

When the core-decoder operates at low sampling rates, the SBR module as described in ISO/IEC
14496-3:2009, 4.6.18, which is designed as 2:1 system, i.e. SBR runs at twice the core-coder sampling rate,
can be operated as 4:1 system, i.e. SBR runs at fourfold the core-coder sampling rate. This overcomes the

inherent limitation of the 2:1 system concerning the flexibility of the output sampling rates so that
audio bandwidth can be achieved even at low sampling rates.

7.5.5.2 Modifications and additions to the MPEG-4 SBR tool

a high output

Whern the SBR tool operates in 4:1 mode, the definition of the constant rate found in ISO/IECH
4.6.18.2.5 is modified to the following:

RATE|=4 A constant indicating the number of QMF subband samples per {
The definition of the variable Fsggr found in ISO/IEC 14496-3:2009, 4.6.18.2.6.js-modified to the

Fsgpr internal sampling frequency of the SBR Tool-If the SBR tool is o
mode, Fssgr is four times the sampling. frequency of the core cod
sampling frequency mapping, Table-79). The sampling frequency
processed output signal is equal to\the internal sampling frequen
SBR Tool.

The master frequency band table for the 4:1 SBR system Jis calculated according to the instr
in 7.51.2 and ISO/IEC 14496-3:2009, 4.6.18.3.2. HowevVer, the boundaries of the table are deri
the SBR sampling frequency and half the number of. QMF subbands. Therefore, the subband req
lower|frequency boundary of the master frequency band table %, is determined by:

k, =startMin + offset(bs _start _ freq)

Fs g

[-8,-7,-6,-5,-4,-3,+2,-1,0,1,2,3,4,5,6,7] , =16000

Fsgpr

[-5,-4,-3,-2,+1,0,1,2,3,4,5,6,7,9,11,13] , 5 =22050

[-5,43,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16] , % = 24000

Fs g

4496-3:20009,

meslot
following:

berated in 4:1
er (after

of the SBR
cy of the

uctions given
ed using half
resenting the

offsgt = 1{-6,—-4,-2,-1,0,1,2,3,4,5,6,7,9,1,13,16] , ) =32000

Fs g

[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19] T 40000
[-4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16,20]  ,44100 < % < 64000

[-2,-1,0,1,2,3,4,5,6,7,9,11,13,16,20,24] ,% > 64000
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NINT| 3000 LSsr 39000
Fsgpe 2
2
startMin =4 NINT| 4000-—2* | 32000 < P52 < 64000
(FSSBR j
2
NINT]| 5000-—% | 64000 < FSso
Fs e 2
2

The upper frequency boundary of the master frequency band table k, is determined according to ISP/IEC
14496-3:2009, 4.6.18.3.2 as

bs _stop _ freq—1
min(( 4, stopMin + ZstopDkSort(i)j LO0<bs stop freq <14
i=0

k, =<min(64,2 - k) ,bs _stop{ freq =14
min(64,3 - k,) ,bs _stop  freq =15

but with the following modification to stopMin:

VINT] 6000 0% 5 EBsme 32000
Fsgpe 2
")
stopMin =<{[NINT 8000-L ,32000 < Fson < 64000
FS spr
2
A\
NINT| 10000- 2% | 64000 < Fse
Fs g
2
stopDkSort = sort(stopDk)
pHl ya
64 13 64 B
stopDk(p) = NINT| stopMin -| ————— — NINT| stopMin-| ——— | ,0< p<12
stopMin stopMin
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Fs
For all other sampling rates ZSBR , the mapping as defined in 7.5.1.2 shall be applied to build the master
frequency table.

In case bs_ freq scale>0 the master frequency band table, f,, . , is calculated according to the

flowchart in Figure 12.
< Start >

Input variables
temp1={12,10,8}
bands = temp1[bs_freq_scale-1]
temp2 ={1.0,1.3}
warp = temp2[bs_alter_scale]

i True (kO < bands )

False

bands = floor( k0 /2)* 2

e

( True (k2 / k0 >2:2449) False T

twoRegions = 1 twoRegions = 0
k1=2*k0 k1 =k2

%?Q

further processing according to instructions
from Figure 4.40 of ISO/IEC 14496-3:2009

:
( Dore )

Eigure 12 — Flowchart calculation of fMasterfor 4:1 system when bs_freq_scale 3 0

The following requirements found in ISO/IEC 14496-3:2009, 4.6.18.3.6 are adapted to the 4:1 system as
shown here:

— The number of QMF subbands covered by SBR, i.e. k, — k, shall satisfy

ky—ky <56 ,Fsg, < 64kH:z

Fs
— The start frequency border of the SBR range shall be within %, ie. k <16
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When the SBR module is operated in 4:1 mode, the 32 band QMF analysis filterbank from ISO/IEC
14496-3:2009, 4.6.18.4.1 is replaced by a 16 band QMF analysis filterbank. This QMF bank is used to split the
time domain signal output from the core decoder into 16 subband signals. The resulting subband samples are
complex-valued and thus oversampled by a factor of two compared to a regular QMF bank. The flowchart of
this operation is given in Figure 14. The filtering involves the following steps, where an array x consisting of
160 time domain input samples is assumed. A higher index into the array corresponds to older samples.

samples

found in

Sum the

In the eq

Every execut
representing

numTimeS!

length numT|
subband k.

Figure 13 (a)
thrGen subban
The resulting
calculates X4
The process
dashed block]

Due to the m
from ISO/IEG
to an upper li

Calculate

are stored in positions 0 to 15.

Shift the samples in the array x by 16 positions. The oldest 16 samples are discarded and 16 new

Multiply the samples of array X by every fourth coefficient of window ¢. The window coefficients can be

Tapte 4 A-890f TSSOHEC14496-372009-
samples according to the formula in the flowchart to create the 32-element array u.

16 new subband the Mu,

o

0<n
on in the flowchart from “Start” do “Done” produces 16 complex-valued subband samples
the output from one filterbank subband. For every SBR ‘frame, the filterbank will pr

ts- RATE subband samples for every subband, corre§ponding to a time domain sig
imeSlots - RATE -16 samples. In the flowchart W[k][i]\Corresponds to subband sample | in

samples matrix ~ operation

i--(k+0.5)-(2-n50.25)
32
uation, exp() denotes the complex exponential function and i is the imaginary unit.

by

M(k,n)=4- exp(

shows the timing of the analysis windowing. The output from the analysis QMF bank is dg
d samples, before being fed to the synthesis@MF bank. To achieve synchronization tyegen
subband samples are shown in Figure 13 (b) as the upper dashed block. The HF gen
ign given the matrix X,,, according tosthe scheme outlined in ISO/IEC 14496-3:2009, 4.6

in Figure 13 (b).

pdified buffer management incthe SBR 4:1 system, the calculation of the covariance matrix,
14496-3:2009, 4.6.18.6.2 shall be modified such that in the equation the index n of the sun
mit of numTimeSlots- RATE+12-1 (as opposed to numTimeSlots- RATE+6-1).

where
<16

<32

each
bduce

hal of
QMF

layed
=14,
erator
.18.6.

is guided by the SBR data contained in the current SBR frame. The result is illustrated by the

(i),

N runs
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160 samples
numTimeSlots - RATE - 1

N J

. 1'\ I core coder samples | \! core coder signal >
0 144 512 1024 1168 (frame size 1024)
(a) 4:1 system core coder signal QMF analysis windowing
e QMF analysis subband samples buffer, X{ ow

| numTimeSlots - RATE — 1 + 14

0 14 *

| | QMF filtered samples |

02

| | HF generated samples (FIX-FIX frame) | |

> - \

thiragj numTimeSlots - RATE — 1 +Q

HF generator subband samples buffer, XHigh

(b) 4:1 system subband samples buffers, X, and Xy;g;

Figure 13 — Synchronization and timing in the 4:1 system
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C

Start
( for QMF subsample | )

X[n] = X[n-16]

}

for(n =159; n >=16; n--) {

for(n=15;n>= 0; n--){

}

x[n] = nextlnputAudioSample

z[n] = x[n] * c[4*n]

}

for( n = 0; n <= 159; n++) {

uln] = z[n];
for(j=1;j<=4;j++){

}

}

for (n=0;n<=31; nt+) {

uln] =u[n] +z[n +j*

32];

v

for (k= 0; k <= 15; k++){
WIK][I] = u[0] * 4 * exp(

}
}

i*n/32*(k+05)*(-0.25))
for(n=1;n<=31; nt+) {
WIK][I] = WEK][] + u[n] *4 *exp(i*n/32*(k+05)*(2*n-0.25))

<

Daone

Figure 14 — Flowchart of 4:1 system decoder analysis QMF bank
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7.5.5.3 Modifications and additions to DFT based harmonic SBR

When the SBR 4:1 system is combined with harmonic transposition, the synthesis DFT size of the modified
phase vocoder structure as described in 7.5.3.1 is increased by a factor of 2 without altering the frequency bin
spacing of the DFT synthesis filterbank. This way the output signal of the transposer has a sampling rate
which is four times that of the input signal, enabling harmonic transposition beyond the Nyquist frequency of
the 2:1 system.

Therefore, for each frame (corresponding to coreCoderFramelLength core coder samples), the synthesis
transform size of the transposer is first determined by:

(AQ4Q L O a‘l‘ﬂ‘p‘h‘n’gf' lagIChI_e
- X LU'I‘O,JUI NV B VALY IN)

tSizeSyn =2 - fftSize = =
/L 32 S %072, for sbrOverSamplingFlag[ch] =1

wherg¢ sbrOversamplingFlag[ch] is signaled in the bitstream and fftSize is defined_in, 2.5.3.1. This would be
the transform size actually used in the transposer synthesis if critical sampling-is’ deactivatgd, i.e. when
M; =16 and M, = 64. The variables Ms and M, are defined in 7.5.3.3.2 and 7.5.3'3:3 respectively.

As critical sampling is active, blocks of 64-Ms windowed input samples  (Corresponding to 1044 core coder
samples), using a hop size (or stride) of 8-Ms samples (corresponding,to 128 core coder pamples) are
transformed to the frequency domain by means of a DFT of size 64*Ms or 96-Ms depending jon the signal
adapfjve frequency domain oversampling control signal. The phasés,of the complex-valued DF|T coefficients
are rondified as described in 7.5.3.1. The modified coefficients ate subsequently transformed bark to the time
domaln by means of a DFT of size 32:M, or 48-M, = 1,5:32’M,, windowed and combined [by means of
overlap-add using an output timestride of 8-M, samples (corrésponding to 512 decoder output sgmples).

For dach frame (64-Ms time domain input samples);. the analysis transform size S, and the synthesis
transform size S used by the transposer is determined’by

S .= fftSize- M ; /16
and
S = fftSizeSyn-M , /64
wherg fftSize is defined in 72.5.3.1.

The viariable numPatches’and the array xOverBin are calculated according to the pseudo code of Figure 15,
for the maximum wumber of patches, where fropenign, fraperows Nuign and Nio, are defined in ISO/IEC
14496-3:2009, 4:6.98.3.2. For each transposition factor (T = 2, 3, 4), a frequency domain window of fftSize
elements is créated according to the instructions given in 7.5.3.1.
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sfbL=0, sfbH=0, numPatches=3
for patch=1to 6
while (Sbe <= NLOW) && (fTableLow(Sbe) <= patch*frab,eLOW(O))
sfbL = sfbL+1
end
if (sfbL <= Niow)
if (patch*fTableLow(O)'fTabIt-:'LoW(SfbI—'1 )) <=3
xOverBin(patch-1) = NINT( ftSizeSyn*frapierow (STOL-1)/128 )
else
while (sfbH <= Nyign) && (Frapierign(sfoH) <= patch*frapierign(0))

SO =3sfoH+1
end
xOverBin(patch-1) = NINT( fftSize Syn*frapierign (sfoH-1)/128 )
end
else
xOverBin(patch-1) = NINT( fftSize Syn*frapieLow (NLow)/ 128 )
numpPatches = min(patch—1,3)
break
end
end

The time don

For the analy

For the synth

The following

Figure 15 — Calculation of xOverBin and numPatches for 4:1 system

ain transform windows are given by
. T
o (n)=sin| —(n+0.5) |,0<n<64-M
() {MMS( ﬂ s
5is transform and
: 4
o (n)=sinl —— - (n+0.5) ,0<n<32-M
() [”MA< ﬂ )
bsis transform)

variables from 7.5.3.1 are set

Ppa=(S,~64-M)/2

ps=(8,-32-M,)/2
0,=8-Mg

0, =8-M,

A, =k, - ffiSize/16
A =k, - fftSize/32

where p, and ps are the analysis and synthesis zero pad sizes, 0, and o, are the input and output hop

lengths in samples, and A and A_ are analysis and synthesis transform offset variables respectively. An

132

© ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

input frame consists of 8 granules (64-M)/0,. The index u depicts the current granule (ueNp). One

granule y, is calculated from the input signal as

0 0<n<p,
v,(n)=qs(n+6,-u)-w,(n-p,) ,p,<n<p,+64-M;
0 p,+64- M, <n<S,

The granule is processed according to 7.5.3.1, i.e. time-domain shifted S./2 samples, transformed to the
frequ ncy domain and caonversion of the DET coefficients to pnlnr coardinates

Subsg¢quently, for each transposition factor 7" =2,3,4 for which T < numPatches +1 (a new granule of

spectfal coefficients I''"is calculated according to the formula in 7.5.3.1 for 0 <#&-<"fftSizeSyn/2 and

=)

I (f)=conj {l:iT)(ﬁ’tSizeSyn - k)} , fitSizeSyn /2 <k < [ftSizeSyn .

The rémaining processing steps are carried out according to the instructions_given in 7.5.3.1.

If the [SBR stop frequency exceeds the maximum output bandwidth_af the harmonic transposer the remaining
bandyidth up to the SBR stop frequency is filled with copies of cenSecutive QMF subbands from the highest
order|harmonic patch starting with the highest QMF band. If necessary this operation is repegted to fill the
desirgd frequency range. These patches also need to be considered in the calculation of the lim{ter frequency
band fable.

7.5.5. Modifications and additions to Sub-sampled Filter Banks for HQ Critical Sampling
Procg¢ssing

The gritical sampling processing as outlined.in 7.5.3.3 in the SBR 4:1 system is adapted to|synthesize a
subsagt of the subband signals from the :16:band analysis QMF bank to the time domain by|a small sub-
sampled real-valued QMF bank.

The Jariables Ms and k; for the real=valued sub-sampled Mg -channel synthesis filter bank are determined as

described in 7.5.3.3.2, where Ms.is the size of the sub-sampled synthesis filter bank and k; r¢presents the
subband index of the first channel from the 16-band QMF bank to enter the sub-sampled synthedis filter bank.

If k, + M4 >16, when\Ms and k are calculated to these formulas, k; is calculated as k, =16 M.

Apart|from that, the-processing of the real-valued sub-sampled synthesis filter bank is carried ouf as described
in 7.5/3.3.2.

The grogessing of the complex-valued sub-sampled Ma-channel analysis filter bank is performed according to
the inptructions given in 7.5.3.3.3.

7.5.5.5 Modifications and additions to QMF based harmonic transposer

When the SBR 4:1 system is combined with the QMF based harmonic transposer as described in 7.5.4,
harmonic bandwidth extension of the core-coder time-domain-signal is carried out entirely in the QMF domain,
using a modified phase vocoder structure.

The variable nhumPatches and the array xOverQmf are calculated according to the pseudo code of Figure 16

for the maximum number of patches, where frapenign, fraerows Nuign and Ny, are defined in ISO/IEC
14496-3:2009.
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for

sfbL=0, sfbH=0, numPatches=3

patch=110 6
while (sfbL <= Nyow) && (Fraveron(SfOL) <= patch*Franeson(0))
sfbL = sfbL+1
end
if (sfoL <= Nyow)
if (patch*frapieLow(0) - Frapierow(sfbL-1)) <=3
xOverQmf(patch-1) = frapeLow (SfbL-1)
else
while (sfoH <= Nyign) && (Fraprerign(SfbH) <= patch*frapienion(0))

en

sfbH = sfbH+1

end

x0veerf(patch-1 ) = fTabIeHigh (SfbH-1 )
end
Blse
xOveerf(patCh-1) = frapleLow (NLOW)
numPatches = min(patch—1,3)
break
end
ol

A complex ou

The core cod
input sample
sampling pro
is already pre

Let the 16-b

subband sanpples m =0,1,---,63 and subbands k£ =0,1,---,15. The critical sampling processing trang

the matrix X

subband san

The given QWIF submatrices ['(1,n) are operated by the subband block processing according to the

instructions d
bitstream par

Figure 16 — Calculation of xOverQmf and numPatches for 4:1 system

tput gain value is defined for all synthesis subbands according to 7.5.4.1.
er time-input-signal is transformed to the @MF domain, using blocks of coreCoderFramell
5. To reduce computational complexity, the transform is implemented by applying a ¢

cessing (described in 7.5.4.2) on the 'subband signals from the 16-band analysis QMF ban
sent when the SBR tool is operated as 4:1 system.

bnd QMF domain signal for-the current frame be given by the matrix XLOW(m,k) with

ples £ = 0,1,+:* ;31 andsubbands n=2*k,,--- 2%k, +2*M_ -1 (see 7.5.4.2).

iven-in.7.5.4.1, whereupon the cross product pitch parameter is determined from the
bnieter sbrPitchinBins[ch] as

ength
ritical
k that

time
forms

Low(m,k) into new~QMF submatrices I'(x,n) with doubled frequency resolution, whefe the

p = sbrPitchInBins[ch]/24

If the SBR stop frequency exceeds the maximum output bandwidth of the harmonic transposer the remaining
bandwidth up to the SBR stop frequency is filled with copies of consecutive QMF subbands from the highest
order harmonic patch starting with the highest QMF band. If necessary this operation is repeated to fill the
desired frequency range. These patches also need to be considered in the calculation of the limiter frequency

band table.
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Modifications and additions to Sub-sampled Filter Banks for QMF Critical Sampling

The critical sampling processing as outlined in 7.5.4.2 in the SBR 4:1 system is adapted to synthesize a
subset of the subband signals from the 16-band analysis QMF bank to the time domain by a small sub-
sampled real-valued QMF bank.

The variables Ms and k; are determined as described in 7.5.4.2.1, where My is the size of the sub-sampled
synthesis filter bank and k; represents the subband index of the first channel from the 16-band QMF bank to

enter

the sub-sampled synthesis filter bank.

AL

Furth

The
comp
given

7.5.6

7.5.6.

In org
Predi
high
PVC
spect
mean

The b
synth
proce]
prediq

- AL h A Lo 1 [P | H 4 1. 14
EITTIVIG, 11 I\L TIVIS 10, UITTT AL TS LAILUIAITU aCLLUTUINTy tU ItL — 1V 1V1S .

rocessing of the real-valued sub-sampled Ms-channel synthesis filter bank and the.proc
ex-valued sub-sampled 2Ms -channel analysis filter bank are performed according to th
in 7.5.4.2.2 and 7.5.4.2.3 respectively.

Predictive Vector Coding (PVC) Decoding Process

1 Overview

er to improve the subjective quality of the eSBR tool, in pattictlar for speech content a
Ctive Vector Coding (PVC) is added to the eSBR tool. Generally, for speech signals, there
Correlation between the spectral envelopes of low frequency bands and high frequency
5cheme, this is exploited by the prediction of the spectral envelope in high frequency be
[al envelope in low frequency bands, where the €oefficient matrices for the prediction
s of vector quantization.

lock diagram of the eSBR decoder includingdhe PVC decoder is shown in Figure 17. The
bsis QMF banks and HF generator remain unchanged, but the HF envelope adjuster i
ss the envelopes generated by the PVC decoder. The indices of the coefficient ma

tion, pvclD(t),1t=0,1,2,...,15 are transmitted in the bitstream.

essing of the
e instructions

low bitrates,
is a relatively
bands. In the
nds from the
hre coded by

analysis and
5 modified to
rices for the
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7.5.6.2 Te

ksg
pvelD(t)

Coded Audio Stream

y

Bitstream
— Paylobad ——
Deformatter .
AAC Core Bitstream
Decoder Unpacked Parser
Data for PVC Predicted
A 4 Envelope

»| PVC Decoder Scalefactors

QMF subband
samples below

SBR range Huffman
Decoding &

Dequantization

| | )

Analysis Envelope ¢
QMF Bank Adjuster

4

» HF Generator >

Synthesis
QMF Bank

y

Output
PCM Samples

A,

Figure 17 — Block diagram of the decoder‘including PVC decoder

Irms and definitions, symbols and abbréviations

index of time slot
index of QMF subband

number of QMF subband samples per time slot
index of the first QMF subband in the SBR range
offset for the envelope adjuster module

offset for the HF-generation module

complex input QMF bank subband matrix to the HF generator

index of grouped QMF subband

prediction coefficient matrix index corresponding to ¢

H(ksg,kb, pvcID(t)) prediction coefficient matrix corresponding to pvelD(t)

E(k,t)
Esg(ksg,t)
Isb(ksg)
leb(ksg)

136

energy of QMF subband samples below the SBR range

subband-grouped energy below the SBR range
index of the start QMF subband in the grouped QMF subband below the SBR range

index of the stop QMF subband in the grouped QMF subband below the SBR range
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hsb(ksg)
heb(ksg)

Ibw
hbw
SC

ns

ISO/IEC 23003-3:2012(E)

index of the start QMF subband in the grouped QMF subband in the SBR range
index of the stop QMF subband in the grouped QMF subband in the SBR range

number of QMF subbands for a grouped QMF subband below the SBR range
number of QMF subbands for a grouped QMF subband in the SBR range

coefficients for time-smoothing of Esg(ksg,t)

number of time slots for time-smoothing of Esg(ksg,t)

SEsg(3g, 1)

Esg ksg,t)
E(k,})
nbLgw
nbHigh

7.5.6.3 Subband grouping in QMF subbands below SBR range

time-smoothed subband-grouped energy below the SBR range
predicted subband-grouped energy in the SBR range

predicted SBR envelope scalefactors in the SBR range

number of grouped QMF subbands below the SBR range

number of grouped QMF subbands in the SBR range

The energy of QMF subband samples below the SBR range, E(ib,t) is subband-group¢d along the

frequency axis as follows:

for

wherg

leb(ksg)
( ZE(ib,t)J
_ ib=Isb(ksg) .
Esg(ksg,t) =202 2 it sb(ksg) >0
Ibw
0.1 otherwise

0<ksg <nbLow-1

RATE -1+ yrGen
> X, (ib,RATE -1 +i)- X 100 (ib, RATE -1 +1)

= pGen

E@bi) =

RATE

Isb(ksg)=k_—Ibw-nbLow+Ibw-ksg,

leb(ksg) = Isb(ksg)+Ibw—1,

Ibw =8/ RATE , and

nbLow =3
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Then, the subband-grouped energy below the SBR range, Esg(ksg,t) is limited to a value not less than 0.1
as follows:

0.1 if Esg(ksg,t)<0.1

Esg(ksg,t) =
g(ksg.1) {Esg(ksg,t) otherwise

for

0<ksg <nbLow-1

7.5.6.4 TirLe domain smoothing of subband-grouped energy

The subband-grouped energy below the SBR range, Esg(ksg,t) is converted to log domain and then
smoothed algng the time axis as follows:

ns—l1
SEsg(kig,t) =Y (10-log,,(Esg(ksg.t,))-SC(ti)),  for 0 <ksg <nbLow"ll

ti=0
with

I =

c

{tEPVC (0) ,if t—ti <t,,,-(0) and ((bs_pvc _mode' =0 and bs) pvc_mode # 0) or (k. # k_))

tti ,otherwise

where t,,,.(P) is the first PVC time slot of the current PVG.SBR frame, bs_pvc_mode'is the PVC mgde of
the previous|frame and k; is the index of the first:’subband in the SBR range of the previous [frame

respectively gnd where SC is the smoothing window:as defined in D.1.

7.5.6.5 SHBR envelope scalefactor prediction

The predictiop coefficient matrix, H (ksgykb, pvclD(t)) that corresponds to the prediction coefficient matrix
index, pvclD(t) is applied to the time-smoothed subband-grouped energy below the SBR range,

SEsg(ksg,t) to get the predictéd subband-grouped energy in the SBR range, Esg(ksg,t) as follows:

n nbLow=1
Esg(ksg,t)= ( ZH (ksg,kb, pvcID(t)) - SEsg(kb, t)j + H (ksg,nbLow, pvclD(t))

kb=0

for

0<ksg <nbHigh—1
where
H (ksg, kb, pvcID(t)) is the prediction coefficient matrix as shown in D.2.

Then, the predicted subband-grouped energy in the SBR range is converted to the linear domain as follows:

- LiipGen — 1 HFAdj Bgllsgd)
E(kt+—= =) =10 °
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for
hsb(ksg) <k < heb(ksg), 0 < ksg < nbHigh—1
where

hsb(ksg) =k, +ksg-hbw,

heb(ksg) {63 if ksg > nbHigh —1
e S =
&7 sblkse) + hbw—1  otherwise

8/ RATE ,bs_pve_mode =1
hbw = - , and
12/RATE  ,bs_pvc mode =2

) 8 ,bs_pvc_mode =1
nbHigh = -
6 ,bs_pvc_mode =2

7.6 [Inter-subband-sample Temporal Envelope Shaping (inter-TES)
7.6.1| Tool Description

The inter-subband-sample Temporal Envelope Shaping (inter-TES) tool processes the QMF sublband samples
subsdgquent to the envelope adjuster. This module shapes the temporal envelope of the higher frequency
band |with a finer temporal granularity than that of the envelope adjuster. By applying a gain factor to each
QMF [subband sample in an SBR envelope, inter-TES shapes the temporal envelope amqgng the QMF
subbgnd samples. Figure 18 shows the inter-TES block diagram contained in eSBR.
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Bitstream
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‘ Deformatter l
AAC core Bitstream
Decoder Parser
Huffman
Decoding &
Dequantization
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! v
LFinter-TE | | inter-TE inter-TE
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H: Signal
I_l : Control
;f\:
. Synthesis ]
> QMF Bank |—1 - In/Out
Output
PCM samples
Figure 18 — inter-TES block diagram
7.6.2 Terms$ and definitions
bs_temp_shppe[ch][env] This flag signals the usage of inter-TES.
bs_inter_temp_shape_mode[ch][env] Indicates the values of the parameter y in inter-TES accord
Table 116.
Table 116 — bs_inter_temp_shape_mode
bs_inter_temp_shape_mode ¥
0 0
1 1.0
2 2.0
3 4.0

7.6.3

Inter-TES

ng to

Inter-TES consists of three modules: Lower Frequency Inter-subband-sample Temporal Envelope Calculator
(LF inter-TE Calculator), Inter-subband-sample Temporal Envelope Adjuster (inter-TE Adjuster), and Inter-
subband-sample Temporal Envelope Shaper (inter-TE Shaper).

140

© ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

The LF inter-TE Calculator computes the inter-subband-sample temporal envelope of the lower frequency

band

€romw (l) :

k-1

X

2
X, ow\ki+t,,., .
par LOW( : HFAM , RATE - tp(l) <i < RATE - tg(I+1), 0<[<Lg,

E o (Z)+glNV

€Low (l) =

where

X, ot is the complex QMF bank subband matrix that is input to the HF generator;-, is the first (

SBR range, tur4q is the offset for the envelope adjuster module, gnyis the relaxation parameter (gny =
tz(0) is the start time border for /-th SBR envelope, and L; is the number of SBR envelopes|.

in the
1E-6)

From
Table]

frequéncy band:

8

and s

In ord

RATE T (U T gy K =1

Z|XL0W(k’i12

I=RATE 4t (I}t k=0 . 0<I<Lg.

RATE -t (I +1)— RATE -t (1))

ELOW(I): (

116, the inter-TE Adjuster calculates the gains g;..(i) to‘shape the temporal envelope

inter(i) =1+ 'Y(l) (eLOW(i) - 1),
with RATE - tg(I) <i < RATE - tg(I+1),
0<I<Lg

Libject to the further constraint that g;,.,(7) > 0.2 .

er to maintain the total energy within each SBR envelope, the gains g;..,(i) are scaled as fo

RATEt; (I+1)—1 M -1

> 2 IW.m o)

’
N . E=RATEt;(I) m=0
Einter (l) = &inter (l) ’ RATE -ty (I+1)-1 M -1 ’

> g0 (O Wo(m, O + £,y

E=RATE -t (1) m=0

RATE -t,.(I)<i< RATE -t (I +1),0</< L,.

DMF subband

the temporal envelope of the lower frequency band ¢, (z) and the factor x), which is ¢pbtained from

of the higher

lowing:

The i

4 e QL L £ 3ol : IV | Wi I ! 1 £ oy
NET=TE ollaptl adpplics UIC SUAICU UdITTS iy (7)) TU UIC WIVITT SUDDUANTU SATTIPICS Ul UTC ITISTTT

from the HF adjuster W, which contains patched components and the additional noise:

W.

2,inter

!

(m,i)=g,., (i) W,(m,i), 0<m<M,RATE -t,(0)<i < RATE -t ,(L,),

where M is the number of QMF subbands in the SBR range.

ediate output

The higher frequency band of the input to the synthesis QMF bank Y(m+k,,i+tyr4;) is obtained by adding the
sinusoid W(m,/,i) to the output from inter-TES W, ;,..,(m,i):
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RATE -t,.(I)<i< RATE -t (I +1)

Y(m +k,\"i+tHFAdj)= W2,inter(m’i)+ \Il(m’l’i)ﬂ 0 S Z < LE
0<m<M

7.7 Joint Stereo Coding

7.71 M/S Stereo

The M/S stereo tool is defined in ISO/IEC 14496-3:2009, 4.6.8.1, but with the following modifications.

The interprethtion of the ms_mask_present syntax element (originally defined in ISO/IEC 14496-8j2009,

4.6.8.1.2) is modified as follows:

ms_mask_present Indicates stereo mode according to:

Table 117 — ms_mask_present

ms_mask_present Meaning

0 all zefos
1 a mask of maxtsfb_ste bands of
ms_used<ollows this field
2 all ones
3 M/S coding\s disabled, complex stereo
prediction is enabled

7.7.2 Complex Stereo Prediction

7.7.21 Tool Description

Complex steffeo prediction is a tool for efficient coding of channel pairs with level and/or phase differences
between the fhannels. Using a complex-valued parameter «, the left and right channels are reconstructed via

the following matrix. dmx,  denotes the MDST corresponding to the MDCT of the downmix channel dmx

dmxy,
[ I-ay, -a, (1
= dmx,
r I+ az, a1
res

This equation] can-be implemented via a sum/difference transform as shown in Figure 19 where first th

signal s is bdingreconstructed from the complex-valued coefficient ¢ and the downmix signals dmx A

dmx, .

s =res— (azRea’mee +a dmxlm)

Im

Re -

b side
and
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7.7.22 Terms and definitions

7.7.22.1 Data Elements

cplx_|pred_all

cplx_|pred_used[g][sfb]

pred | dir,

dmx g, /
> 07 * 1 > MDCT >
g R21
—> = TA
§ \Ldmxlm
res pe S r
S0 C——0 >

MDCT 'F—

Figure 19 — Block diagram of the decoder with complex stereo prediction

Indicates if all bands use compléx stereo prediction:

Table 118— cplx_pred_all

cplx_pred_all

Meaning

0

some bands use left/right coding, as
signaled by cplx_pred used[][]

1

all bands use complex stereo prediction

One-bitflag per window group g and scalefactor band sfb (after

prediction bands) indicating that

Table 119 — cplx_pred_used

mapping from

cplx_pred_used

Meaning

0

left/right coding is being used

1

complex stereo prediction is being used

Indicates the direction of prediction according to:

complex_coef

© ISO/IEC 2012 — All rights reserved

Table 120 — pred_dir

pred_dir

Meaning

0

prediction from mid to side channel

1

prediction from side to mid channel

Indicates whether real or complex coefficients are transmitted.
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use_prev_frame

Table 121 — complex_coef

complex_coef Meaning

0 a,,, = 0 for all prediction bands

1 a,,, is transmitted for all prediction

bands

Indicates the mode for MDST estimation according to:

delta_code_ti

hcod_alpha_

hcod_alpha_

7.7.222 H
|_spec]]
r_specl]
dmx_re]]

dmx_re_prev

q_re

q_im

elp Elements

Tabte 22— use_prev_frame

use_prev_frame Meaning

use only the current frame for MDST

0 estimation
1 use the current and previous frame for
MDST estimation

Indicates the coding scheme used for the prediction coefficients:

Table 123 — delta_code.time

delta_code_time Meaning

frequency differential coding of
prediction coefficients
time differential coding of prediction
coefficients

0

1

Huffman code of-a,,

Huffman code of ¢,

Array containing the left channel spectrum of the respective channel paif
Array containing the right channel spectrum of the respective channel pair
Array containing the current MDCT spectrum of the downmix channel

Array containing the previous MDCT spectrum of the downmix channel

dmx_im[]

SFB_PER_PRED_BAND

dpcm_alpha_q_re[g][sfb]

dpcm_alpha_q_im[g][sfb]

alpha_q[g][sfb]

alpha_q_prev_frame[g][sfb]

144

Array containing the MDST spectrum esiimate of the downmix channel
Number of scalefactor bands per complex prediction band, equal to 2

Differentially coded real part of prediction coefficient of group g, scalefactor
band sfb

Differentially coded imaginary part of prediction coefficient of group g,
scalefactor band sfb

real or imaginary parts of prediction coefficients

real or imaginary prediction coefficients of previous frame
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7.7.2.3 Decoding Process

7.7.2.31 Generate MDST spectrum of downmix

Complex stereo prediction requires the downmix MDCT spectrum of the current channel pair and, in case of
complex_coef == 1, an estimate of the downmix MDST spectrum of the current channel pair, i.e. the imaginary
counterpart of the MDCT spectrum. The downmix MDST estimate is computed from the current frame’s
MDCT downmix and, in case of use_prev_frame == 1, the previous frame’s MDCT downmix. The previous
frame’s MDCT downmix dmx_re_prev[g][b] of window group g and group window b is obtained from that
frame’s reconstructed left and right spectra and the current frame’s pred_dir indicator as follows:

for g = V7 9 uum_wiuduw_g;uuyo, 51-1-) {

fof (b = 0; b < window _group lengthl[g]; b++) {
for (sfb = 0; sfb < max_sfb ste; sfb++)
if (pred dir == 0) {

for (i = 0; 1 < swb offset[sfb+1]-swb offset [sfb]; i++) {

dmx_re prev[g] [b] [sfb] [i] =
0.5* (1 _spec (gl [b] [sfb] [i]1+r spec(g] [b] [sfb] [i]) ;

}

}

else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset [sfb]; i4+) {
dmx_re prev[g] [b] [sfb] [i] =
0.5* (1_speclgl [b] [sfb] [i] -r_spec (gl [b] [sfb] [i]));

}
}

The qurrent frame’s MDCT downmix dmx_re[g][b] is derived from the left/downmix and right spectra (prior to
inverge L/R TNS filtering if tns_on_Ir == 1), the pred_dir indicator, and the cplx_pred_used[][] magk:

for (g = g < num_window_groups; g++#) {

foy (b 0; b < window group lengthlgl; b++) {
for (sfb = 0; sfb < max_sfb sté» sfb++)
if (cplx_pred usedl[g] [sfb]rs= 1)

for (i = 0; 1 < swb _qffset[sfb+1]-swb offset [sfb]; i++) {

dmx_re[g] [b] [sfbl.[£]v= 1 speclg] [b] [sfb] [1];
/* 1 spec congains downmix */
}

}

else {
if (pred dir.2= 0)
for (i,=-0; i < swb offset[sfb+1]-swb offset [sfb]; i++) {
dmxeze (gl [b] [sfb] [1] =
0=5* (1_spec[g] [b] [sfb] [i]+r speclg] [b] [sfb] [i]) ;
}
}

else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset[sfb]; i++) {
dmx—Trefgtbftstbtiii—

0.5*(1_spec (gl [b] [sfb] [i] -r_spec[g] [b] [sfb] [i]) ;

0;

The computation of the downmix MDST spectrum dmx_im[g][b] from the MDCT data depends on

— use_prev_frame: If both the current and previous frame are to be used for the MDST estimation
(use_prev_frame == 1), the downmix spectra of the current and preceding frame are required. Otherwise
(use_prev_frame == 0), only the current frame’s downmix spectrum is needed, i.e. every MDCT
coefficient of the previous frame’s downmix spectrum is assumed to equal zero.
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A dmx_im[g]
coefficient a fjltered version of the corresponding MDCT coefficient(s) depending on use_prev_frame:

filterAndAdd (dmx_re[g] [b], dmx length, filter coefs, dmx im[g] [b], 1, 1);
(use prev_frame == 1) {
filterAndAdd (dmx_re prev[g] [b], dmx length, filter coefs prev,

if

window_sequence: Downmix MDST estimates are computed for each group window pair. In case of
window_sequence == EIGHT_SHORT_SEQUENCE, use_prev_frame is evaluated only for the first of the
eight short-window pairs. For each of the remaining seven window pairs, the preceding window pair is
always used in the MDST estimate, which implies use_prev_frame = 1. In case of transform length
switching (i.e window_sequence == EIGHT_SHORT_SEQUENCE preceded by window_sequence !=
EIGHT_SHORT_SEQUENCE, or vice versa), use_prev_frame must be 0.

Window shapes: The MDST estimation parameters for the current window, which are filter coefficients as
described below, depend on the shapes of the left and right window halves. For single-long window
sequences and the first window of an EIGHT _SHORT_SEQUENCE, this means that the filter parameters
are a function of the current and previous frames’ window_shape flags. The remaining seven windows in
a short seguence-are only affected by the current window—shape

b] estimate is obtained by initializing every coefficient of dmx_im to zero and adding*to| each

dmx_iml[g] [b], -1, 1);

dmx_length i$ the even-valued MDCT transform length, which depends on window_sequence. filter_coefs and
filter_coefs_prev are arrays containing the filter kernels and are derived aceording to Table 124 and Table 125.

Helper functign filterandadd () performs the actual filtering and addition*and is defined as follows:

filterAndAddfin, length, filter, out, factorEven, factor0Odd)

{

s = filter[6]l*in[2] + filter[5]1*in[1l] + filter[4]1*in [0} + filter[3]1*in[0] +

out [1] += g*factorEven;

i
s

out [1] += g*factor0Odd;

i
s

out [1] += g*factorEven;
for (i = 3} i < length-4; i +=\2)

s = filterf[6eW\*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +

= 0;

filter[2]*in[1l] + filter[1l]*in[2] + filter[0]*ini3];

= 1;
= filter[6]l*in[1l] + filter[5]1*in[0] + filte¥]4]*in[0] + filter[3]*in[1l] +
filter[2]*in[2] + filter[1l]*in[3] + filter[0]*in[4];

= 2;
= filter[6]1*in[0] + filter[5]1*in[0J\ 4+ filter[4]*in[1l] + filter[3]*in[2] +
filter[2]*in[3] + filter[1l]*in[4) + filter[0]*in([5];

{

s = filter[e]l*in[i-3] + fAlter([5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +
filter[2]*in[i+1] + faiTter[l]*in[i+2] + filter[O0]*in[i+3];

out [1] +§ s*factorOdd$

s = filter[6]*in[i2N% filter[5]*in[i-1] + filter[4]*in[i] + filter[3]*in[i+1] +
filter[2] *infdF2] + filter[l]l*in[i+3] + filter[O0] *in[i+4];

out [1+1] | += s*fac&OrEven;

r
r

lengthf3¢

filter([2]*in[i+1] + filter[1l]*in[i+2] + filter[O0]*in[i+2];

out [i] += s*factor0dd;

i
s

= length-2;
= filter[6]l*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]1*in[i] +
filter([2]*in[i+1] + filter[1l]*in[i+1] + filter[0]*in[i];

out [1] += s*factorEven;

i
s

= length-1;
= filter[6]l*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]1*in[i] +
filter([2] *in[i] + filter[1]*in[i-1] + filter[0]*in[i-2];

out [1] += s*factor0dd;
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Table 124 — MDST Filter Parameters for Current Window (filter_coefs)

Current Window Sequence Left Half: Sine Shape Left Half: KBD Shape
Right Half: Sine Shape Right Half: KBD Shape
[ 0.000000, 0.000000, 0.500000, [ 0.091497, 0.000000, 0.581427,
- - -0.500000, 0.000000, 0.000000 ] -0.581427, 0.000000, -0.091497 ]
[ 0.102658, 0.103791, 0.567149, [0.150512, 0.047969, 0.608574,
LONG_START_SEQUENCE 0.000000, 0.000000,
-0.567149, -0.103791, -0.102658 ] -0.608574, -0.047969, -0.150512 ]
[0.102658, -0.103791, 0.567149 [0.150512, -0.047969, 0.608574,
LONG_STOP_SEQUENCE 0.000000, 0.000000,
-0.567149, 0.103791, -0.102658 ] -0.608574, 0.047969,-0.150512 ]
[ 0.205316, 0.000000, 0.634298, [ 0.209526, 0.000000, 0.635722,
STOP_START_SEQUENCE 0.000000, 0.000000,
-0.634298, 0.000000, -0.205316 ] -0.635722,..0.000000, -0.209526 ]
Gurrent Window Sequence Left Half: Sine Shape LeftyHalf: KBD Shape
Right Half: KBD Shape Right Half: Sine Shape
[ 0.045748, 0.057238, 0.540714, [€©0-045748, -0.057238, 0.540714,
- - -0.540714, -0.057238, -0.045748] -0.540714, 0.057238, -0.p45748 ]
[ 0.104763, 0.105207, 0.567861, [ 0.148406, 0.046553, 0.607863,
LONG_START_SEQUENCE 0.000000, 0.000000,
-0.567861, -0.105207, <0°104763 ] -0.607863, -0.046553, -0./148406 ]
[ 0.148406, -0.046553y 0.607863, [0.104763, -0.105207, 0.567861,
LONG_STOP_SEQUENCE 0.000000, 0.000000,
-0.607863, 0.046553, -0.148406 ] -0.567861, 0.105207, -0.104763 ]
[ 0.207421,°0:001416, 0.635010, [ 0.207421, -0.001416, 0.635010,
STOP_START_SEQUENCE 0.000000, 0.000000,
-0.635010, -0.001416, -0.207421 ] -0.635010, 0.001416, -0.207421]

Table 125 — MDST Eilter Parameters for Previous Window (filter_coefs_prev)

Current Window Seatience Left Half of Current Window: Left Half of Current Window:
[ 9 Sine Shape KBD Shape
ONLY_LONG .SEQUENCE, [ 0.000000, 0.106103, 0.250000, [ 0.059509, 0.123714, 0.186579,
LONG_START.SEQUENCE, 0.318310, 0.213077,
EIGHT_SHORT_SEQUENCE 0.250000, 0.106103, 0.000000 ] 0.186579, 0.123714, 0.059509 ]
LONG=STOP_SEQUENCE, [0.038498, 0.039212, 0.039645, [0.026142, 0.026413, 0.026577,
STOR/START_SEQUENCE 0.039790, 0.026631,
- - 0.039645, 0.039212, 0.038498 ] 0.026577, 0.026413, 0.026142 ]

7.7.2.3.2 Decoding of prediction coefficients

For all prediction coefficients the difference to a preceding (in time or frequency) value is coded using the
Huffman code book specified in ISO/IEC 14496-3:2009, Table 4.A.1. See ISO/IEC 14496-3:2009, 4.6.3, for a
detailed description of the Huffman decoding process. Prediction coefficients are not transmitted for prediction
bands for which cpix_pred_used[g][sfb] = 0. The following pseudo code describes how to decode the
prediction coefficient alpha_q[g][sfb], alpha_q being either alpha_q_re or alpha_q_im.

for (g = 0; g < num window_groups; g++) {
for (sfb = 0; sfb < max sfb ste; sfb += SFB_PER PRED BAND) ({
if (delta_code_time == 1) {
if (g > 0) {
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last _alpha g = alpha glg-1] [sfb];
}
else {
last_alpha g = alpha g prev_frame[sfb];
}
}
else {
if (sfb > 0) {
last _alpha g = alpha qglgl] [sfb-1];
}
else {
last_alpha g = 0;
}
}
if (cplx_pred usedl[g] [sfb] == 1) {
dpcm falpha = -decode huffman() + 60; /* function returns dpcm_alpha glg] [sfb] *
alphal glgl [sfb] = dpcm _alpha + last _alpha g;
}
else {
alphal glgl [sfb] = 0;
}
/* Assijgn a prediction coefficient to each scalefactor band */
/* If max_sfb is odd, last prediction band covers only one scakefactor
band */
if ((sffp+l) < max_sfb ste) {
alphal glg] [sfb+1] = alpha glgl] [sfb];
}
}
}
alpha_q_pre\_frame[sfb] contains the decoded prediction coeffiCients of the last window group of the pre
frame. If no grediction was used for the previous frame or for.the respective scalefactor band in the prg
frame, alpha |q_prev_frame[sfb] is set to zero.

Both the real
of complex_c

7.7.2.3.3

The inverse @

alpha_re = al
alpha_im = a
77234 U

Reconstruct

Inverse quantization of prediction’ coefficients

and imaginary coefficient histories are reset to zero upon a transform length change, and ir
pef == 0, all imaginary coefficients up t6-hum_swb are set to zero.

uantized prediction coefficients alpha_re and alpha_im are given by
bha_q_re * 0.1
pha_q_im * 0.1
pmix process

the. spectral coefficients of the first (“left”) and second (“right”) channel as specified

vious
vious

case

y the

ms_mask_present, pred_dir, and cplx_pred_used[][] flags as follows:
if (ms_mask present == 3) {
for (g = 0; g < num window_groups; g++) {
for (b = 0; b < window group lengthlgl; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if (cplx_pred used[g] [sfb]) {
if (pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+1l]-swb offset[sfb]; i++) {
side = r spec(g] [b] [sfb] [i]
- alpha relgl] [b] [sfb] * 1 speclg] [b] [sfb] [i]
- alpha im[g] [b] [sfb] * dmx im[g] [b] [sfb] [i];
r speclg] [b] [sfb] [i] = 1 speclg] [b] [sfb] [i] - side;
1 _speclg] [b] [sfb] [i] = 1 _speclg] [b] [sfb] [i] + side;
}
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else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset[sfb]; i++) {
mid = r_ specl(g] [b] [sfb] [1]
- alpha relg] [b] [sfb] * 1 spec[g] [b] [sfb] [i]
- alpha im[g] [b] [sfb] * dmx_im([g] [b] [sfb] [i];
r spec[g] [b] [sfb] [1] = mid - 1 spec(g] [b] [sfb] [i];
1 spec(g] [b] [sfb] [i1] = mid + 1 speclg] [b] [sfb] [1i];

}

7.8 [TNS

7.8.1| General

The TINS tool is defined in ISO/IEC 14496-3:2009, 4.6.9, but with the following-modifications.

7.8.2| Terms and definitions

In addlition to ISO/IEC 14496-3:2009, 4.6.9.2, the following definitions apply:

tns_4dctive TNS is active on at least one channel
common_tns Use the same TNS filter for'both channels
tns_qn_Ir Indicates the mode 6f.operation for TNS filtering

Table 126 — tns_on_Ir

tnsion_Ir Meaning
TNS is applied after inverse
0 quantization of MDCT spectrum, prior to
upmix
TNS is applied on left/right MDCT
1 spectrum after upmix, prior to inverse
MDCT
tns_data_present[0] Indicates the presence of TNS data for channel 0

Table 127 — tns_data_present[0]

tns_data_present[0] Meaning
0 no TNS data transmitted for channel 0
y separate TNS data transmitted for
channel 0
tns_data_present[1] Indicates the presence of TNS data for channel 1
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Table 128 — tns_data_present[1]

tns_data_present[1] Meaning
0 no TNS data transmitted for channel 1
y separate TNS data transmitted for
channel 1
tns_present_both Indicates if both channels have separate TNS data transmitted
Fable129—tns—present—beth
tns_present_both Meaning
0 at least one channel has no individual
TNS data
1 separate TNS data transmitted for-both
channel 0 and channel'1

7.8.3 Decodling process

The decoding process in ISO/IEC 14496-3:2009, 4.6.9.3 is extended as follows:
The spectral [domain on which TNS is applied depends on the valug‘of tns_on_lIr. If ths_on_Ir == 0, TINS is
applied aftef inverse quantization and prior to any mid/side” or complex prediction processing. If
tns_on_Ir =51, TNS is applied to the spectral coefficients of left ‘and right channel after mid/side or complex
prediction prqcessing.

Depending gn the FD window sequence the size of>the following data elements and the definition of
TNS_MAX_QJRDER is adapted for each transform window according to its window size:

Table 130 — Definition of TNS_MAX_ORDER and size of data elements

Long window Short window
sequences sequence
TNS_MAX_ ORDER 15 7
size’of ‘n_filt’ 2 1
size of ‘order’ 4 3
size of ‘length’ 6 4

7.8.4 Maxihum TNS bandwidth

Based on the sampling rate in use the value for the constant TNS_MAX_BANDS is set according to Table 131.
For sampling frequencies not explicitly listed in the table, use the entry following the sampling frequency
mapping according to Table 79.
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Table 131 — Definition of TNS_MAX_BANDS
depending on windowing and sampling rate

Sampling | Long window Short window

Rate [Hz] sequences sequence
96000 31 9
88200 31 9
64000 34 10
48000 40 14
44100 42 14
32000 2 14
24000 47 15
22050 47 15
16000 43 15
12000 43 15
11025 43 15
8000 40 15

7.9 |Filterbank and block switching

7.9.1| Tool description

The fime/frequency representation of the signal is mapped onto the time domain by feeding it into the
filterbpnk module. This module consists of an inverse modified discrete cosine transform (IMDCT), and a
windgw and an overlap-add function. In order to adapt the time/frequency resolution of the filterbank to the
characteristics of the input signal, a block switching\tool is also adopted. N represents the wjndow length,
wherg N is a function of the window_sequence’(see 6.2.9.3). For each channel, the N/2 time-frequency
valueg X are transformed into the N time demain values x;, via the IMDCT. After applying the window
functipn, for each channel, the first half of the 'z, sequence is added to the second half of the previous block

windpw_sequence 2 bit indicating which window sequence (i.e. block size) is used.
window_shape 1 bit indicating which window function is selected.

Tablel88  shows¢ “‘the window_sequences based on the seven transforn windows.
(ONL)y_LONG_SEQUENCE, LONG_START_SEQUENCE, EIGHT_SHORT_[SEQUENCE,

the so called
nly important

LPD SEQUENCE Thrs is true regardless of the exact structure within the LPD SEQUENCE

7.9.3 Decoding process

7.93.1 IMDCT

The analytical expression of the IMDCT is:
3 27 1
Zspec[i][k]cos F(n+n0) k+; for 0<n< N
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where:

n = sample index

i = window index

k = spectral coefficient index

N = window length based on the window_ sequence value

n, = (N/2+1)/2

The synthesis window length N for the inverse transform is a function of the syntax element

window_seqtenceand-theatgorithmiccontexttisdefiredasfotows——

Table 132 — Value of synthesis window length N
depending on window_sequence and coreCoderFrameLength

window_sequence coreCoderFrameLength | coreCoderFrameLength
== 768 ==-1024

ONLY_LONG_SEQUENCE
I{lONG_START_SEQUENCE

| ONG_STOP SEQUENCE 1536 2048
$TOP_START SEQUENCE
HIGHT SHORT SEQUENCE 192 256

The meaningful block transitions are listed in the following Table 133. A tick mark (1) in a given table cell
indicates thafa window sequence listed in that particular row~may be followed by a window sequence ligted in
that particular column.

Table 133 — Allowed Window Sequences

w 8| w8
> P Z > pd
] w ]
L 35 ) L ) E)J
3 | o | @3] gz
, w u % w L w
Window Seguence 0, @, | o, @, )
o | k| k| d| 5|3
1218129
i 5| P o |U_)| o
212 512|858~
- Z O
From | To 5 o % < 5
ONLY_LONG_SEQUENCE | ™
LONG_START_SEQUENCE 4} M M 4}
EIGHT_SHORT_SEQUENCE M 4| ] |
LONG_STOP_SEQUENCE M M
STOP_START_SEQUENCE 4} M M 4}
LPD_SEQUENCE M | ] |
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7.9.3.2 Windowing and block switching

Depending on the window_sequence and window_shape element different transform windows are used. A
combination of the window halves described as follows offers all possible window_sequences. Window
lengths specified below are dependent on the core-coder frame length. Numbers are listed for
coreCoderFrameLength of 1024 (960, 768).

For window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived (KBD) window as
follows:

=0
KBD_LEFT,N(”): 2 for 0<n<—

[ (p.a)]

p=0

N—-n— |l:

W' p.a
=0 N
WKBD_RIGHT,N(n): ~,——— for ?Sn<N

wherq:

W', Haiser - Bessel kernel window function, see also [5], is definfed as follows:

I{ﬂa ’l,O—(n;Vé]‘:‘l) ] N
for 0<n S?

1,[7a]

W (n,a) =

4 for N =2048 (1920, 1536)
6 for N =256 (240, 192)

o = kernel'window alpha factor, a =

Othenwise, for window_shape == Q_a sine window is employed as follows:

( )_ in(— l fi 0< ﬁ
WSIN_LEFT,N " —Sm(N("+2)) or 0sn<—

. 1 N
WSIN_ RIGHT,N(n) = SIH(E (n +E)) for ? <n<N

The window length N can be 2048 (1920, 1536) or 256 (240, 192) for the KBD and the sine window.

How to obtain the possible window sequences is explained in the parts a)-e) of this subclause.
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For all kinds of window_sequences the window_shape of the left half of the first transform window is
determined by the window shape of the previous block. The following formula expresses this fact:

WLEFT,N(”) = {

where:

Wesp rerr.n (1), it window_shape_previous_block == 1

Wan 1err.n (1), if window_shape_previous_block == 0

window_shape_previous_block is equal to the window_shape of the previous block (i-1).

For the first 1
identical.

In the case th

at the previous block was coded using LPD mode, window_shape previous block issset'to 0.

a) ONLY_LONG_SEQUENCE:

The window|
length N [

For window |

W(n) =

| sequence == ONLY_LONG_SEQUENCE is equal to one LONG_WINDOW with a total w|
of 2048 (1920, 1536).

shape == 1 the window for ONLY_LONG_SEQUENCE is given as follows:

WLEFT,N_I(n)s
Wsp wmeur.y (1), for N_1/2<n<N* [

for 0<n< N _[/2

If window_shape == 0 the window for ONLY_LONG_SEQUENCE can be described as follows:

w(n) =

After window

Zn=
b) LONG_ST
The LONG_S

ONLY_LONG
(EIGHT_SH(

wn)- X .

WLEFT,N_I (n),

VVS[NfRIGHT,NJ (n),

ng, the time domain values)(z;,) can be expressed as:

1,n?

ART_SEQUENCE:

for 0sa< N _[/2

forsV_[/2<n< N _I

ndow

TART_SEQUENCE can be used to obtain a correct overlap and add for a block transition from a

_ SEQUENCE to any block with a low-overlap (short window slope) window half on th

RT, SEQUENCE,

LONG_STOP_SEQUENCE,

STOP_START_SEQUENCE

LPD_SEQUE

In case the following window sequence is not an LPD_SEQUENCE:

NGE)

Window lengths N /and N _s are set to 2048 (1920, 1536) and 256 (240, 192) respectively.

In case the following window sequence is an LPD_SEQUENCE:

Window lengths N /and N _s are set to 2048 (1920, 1536) and 512 (480, 384) respectively.
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If window_shape == 1 the window for LONG_START_SEQUENCE is given as follows:

Wiger v (1), for 0<n<N_[/2

w(n)=1 0 for N_I/2<n< 2

N_s 3N_I-N_s 3N_I-N_s 3N_I+N_s
WMD7MGHT,N75(n+ -5 ), for T Sn<—

00, for 2N <n< N |

If window_shape == 0 the window for LONG_START_SEQUENCE looks like:

WLEFT’N_,(n), for 0<n<N [/2
W(n) = 10, for N_1/2<n<®52
I/VSH\QRJGHT,N)(” + NES - 3NJ4—N,S), for %JTN?S <ng w
00, for 02 <nle N ]

The windowed time-domain values can be calculated with the formula explained in a).
c) EIGHT_SHORT

The \Iindow_sequence == EIGHT_SHORT comprises eight overlapped and added SHORT W
a len

followling zeros is 2048 (1920, 1536). Each of the eight short blocks are windowed separately fi
block[number is indexed with the variable j=0,..,,@ -1 (M =N _[/N _s).

The window_shape of the previous blocKk~influences the first of the eight short blocks (W
windpw_shape == 1 the window function§'can be given as follows:

VVLEFT,NJ (n), for 0<n<N s/2
Wisn ricury ()" for N s/2<n<N_s

Wo(n)={

m/j(n)z{WKBD‘LEFT,Ns(n): Jor0<n<N_s/2 0<j<M-1

WKBD_R]GHT,NJ(n)a for N s/2<n<N s

Othenwise, if window_shape == 0, the window functions can be described as:

NDOWSs with

th N s of 256 (240, 192) each. The total length“of the window_sequence together with leading and

rst. The short

o(n)) only. If

[ W, err v (1), for 0<n<N s/2

!

DE
oty 1W9[N_RIGHT,N_3 (n), forN s/2<n<N s

w. n), 0<n<N s/2
VV;(’Z):{ SINiLEFT,Nfs() for n _S 0<j<M-1

WS[NfRIGHT,Nﬁs (n), forN s/2<n<N s
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The overlap and add between the EIGHT _SHORT window_sequence resulting in the windowed time domain

values z;, is described as follows:

0, f0r0<n<Nle
Xy ot Wy(n—2E2, for LML <y < BN
X, e Wi — ) s W (n = LD sy
Zin = for 1< j< M, YECQENS <y o NIGIDN
1 NN s .WM—l(n_w),
for 2LRAEDNS < y  NICADN
D, for wgn<N_l

d) LONG_STOP_SEQUENCE

This window |sequence is needed to switch from an EIGHT_SHORT_SEQUENCE or LPD_SEQUENCH

to an ONLY_| ONG_SEQUENCE.

In case the previous window sequence is not an LPD_SEQUENCE:

Window lengths N _/and N _s are set to 2048 (1920, 1536) and-256 (240, 192) respectively.

In case the previous window sequence is an LPD_SEQUENCE:

Window lengths N [/ and N _s are set to 2048 (1920, 1536) and 512 (480, 384) respectively.

If window_shape == 1 the window for LONG_STOP_SEQUENCE is given as follows:

00, for 0<n<EM2

W(n) IWigrr oy (= S, for 5N << A
1.0, for N_IZN_S S n< N_l/2
Wisp_rigizn 1), for N [/2<n<N_|

If window_slrape == 0 the window for LONG_START_SEQUENCE is determined by:

rO.O’ fOI' O<n<Nle

W(n) _ Wi, v (= N—’;N-S), for NJZN‘S <n< N_l-;N_s
10, for N_ZZN_S <n<N 1/2
WS’INfRIGHT,NJ (n), for N [/2<n<N [

The windowed time domain values can be calculated with the formula explained in a).

back
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e) STOP_START_SEQUENCE:

The STOP_START_SEQUENCE can be used to obtain a correct overlap and add for a block transition from
any block with a low-overlap (short window slope) window half on the right to any block with a low-overlap
(short window slope) window half on the left and if a single long transform is desired for the current frame.

In case the following window sequence is not an LPD_SEQUENCE:
Window lengths N _/and N_sr are set to 2048 (1920, 1536) and 256 (240, 192) respectively.

In case the following window sequence is an LPD_SEQUENCE:

Window lengths N [/ and N _sr are set to 2048 (1920, 1536) and 512 (480, 384) respectively.
In cage the previous window sequence is not an LPD_SEQUENCE:

Window lengths N /and N _s/ are set to 2048 (1920, 1536) and 256 (240, 192) respectively.
In cage the previous window sequence is an LPD_SEQUENCE:

Window lengths N /and N sl are set to 2048 (1920, 1536) and 512 (480,°384) respectively.

If window_shape == 1 the window for STOP_START_SEQUENCE-.is given as follows:

Ry

If window_shape == 0 the ‘window for STOP_START_SEQUENCE looks like:

0.0, for0£n<w
N _[I-N_sl N I-N_sl N _I+N _sl
, n———m—m—") for —= = <p<c= —
LEFT,NJI( 4 ) 2 ;
Wom = 1.0, for W <n< L‘rN_sr
N _sr 3N I-N _sr for SN _I=N_sr <n< 3N_I+N_s
Wesp rigury o0+ > 2 ), 4 4
0.0; forwgnw_,

0.0, forOSn<—N—l_4A _s!
N [-N sl N [-N sl N| [+N sl
LEFT,N_s[( 4 ) Z ;
N [+N sl 3IM =N sr
W(n): IU, for ﬁ£n< — 4 _
N _sr 3N _I-N_sr for 3N_l—N_sr£n<3N_l+N_sr
WS[NﬁR[GHT,Nfsr (n+ > - 2 ), 4 4
0.0, for 3N—ZZN—SrSn<N_I

The windowed time-domain values can be calculated with the formula explained in a).
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7.9.3.3 Overlapping and adding with previous window sequence

Besides the overlap and add within the EIGHT_SHORT window_sequence, the first (left) part of every
window_sequence is overlapped and added with the second (right) part of the previous window_sequence

resulting in the final time domain values out;, . The mathematic expression for this operation can be

described as

In

case of

follows.

ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE,

LONG_STOP_SEQUENCE, STOP_START_SEQUENCE:

Lz YO pe N

EIGHT_SHORT_SEQUENCE,

out[i

out |

N _[is the siz

In case of LP,

If the previou
Otherwise, W

nl==z
4 n l‘*l,lH»iz’ 7 Z

of wriften samples.

D SEQUENCE:

5 decoded windowed signal was coded with ACELP, the tool FAC.is‘applied as described i
hen the previous decoded windowed signal z;;, was coded(with the MDCT based T

e of the window sequence. i,,, indexes the output buffer out and is incremented by)the nimber

h 7.16.
CX, a

conventional [overlap and add is performed for obtaining the final time“signal out. The overlap ang add
operation cdn be expressed by the following formula when ED mode window sequence |[is a
LONG_START_SEQUENCE or an EIGHT _SHORT_SEQUENCE:
N
Znns TZ sy v 5 VO0SnR——=
j ==t -1, ="
outli, , +n]= ! !
N s N [+N s

Z oyoN s Ve——<n<—= =

A= 4
N;.; corresponds to the size 2Ig of the previous’window applied in MDCT based TCX. i,,, indexes the ¢utput
buffer out anf is incremented by the number (N _/+N s)/4 of written samples. N _s/2 should be equal {o the
value L of thg previous MDCT based TE€X\defined in Table 148.
Fora STOP_START_SEQUENCE'the overlap and add operation between FD mode and MDCT based TCX is
performed according to the follagwing expression:

N sl
2N g TZ | INL=2N sl ; V0<sn< 5
) 1, P } i—1, 1 +n
out[i, , +n]=
N sl N [+N sl
Z NN o V——<n<—= =
A 2 4

4

\y <

N;.; corresponds to the size 2Ig of the previous window applied in MDCT based TCX. i,,, indexes the output
buffer out and is incremented by the number (N _/+N _sl)/4 of written samples. N _s//2 should be equal to the

value L of the
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previous MDCT based TCX defined in Table 148.
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7.10 Time-Warped Filterbank and Blockswitching

7.10.1 Tools description

When the time-warped MDCT is enabled for the stream (the twMdct flag is set in the UsacConfig()), this tool
replaces the standard Filterbank and Blockswitching (see 7.9). In addition to the IMDCT the tool contains a
time-domain to time-domain mapping from an arbitrarily spaced time grid to the normal linearly spaced time
grid and a corresponding adaptation of the window shapes.

7.10.2 Terms and definitions

7.10.2.1 Data elements

tw_d3gta() contains the side information necessary to decode and apply the|time warped
MDCT on an fd_channel_stream() for SCE and CPE elements. The
fd_channel_streams of a UsacChannelPairElement() “may sharelone
common tw_data().

tw_data_present 1 bit indicating that a non-flat warp contour is transmitted in this ffame.
tw_rItio[] codebook index of the warp ratio for node-T.

windpw_sequence 2 bit indicating which window sequence (i.e. block size) is used.
windpw shape 1 bit indicating which window_function is selected.

7.10.2.2 Help elements

warp_|node_values[] decoded warp contour node values

warp |value_tbl[] quantization table for the warp node ratio values, shown in Table|134.

Table 134 — warp_value_tbl

Index value

0 0.982857168

1 0.988571405

2 0.994285703

3 1

4 1.0057143

5 1.01142859

6 1.01714289

7 1.02285719
new_warp_contour(] decoded and interpolated warp contour for this frame (n_long samples)
past_warp_contour][] past warp contour (2*n_long samples)
norm_fac normalization factor for the past warp_contour
warp_contour(] complete warp contour (3*n_long samples)
last_ warp_sum sum of first part of the warp contour
cur_warp_sum sum of the middle part of the warp contour
next_warp_sum sum of the last part of the warp contour
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time_contourf]

sample_pos]]

complete time contour (3*n_long+1_samples)

positions of the warped samples on a linear time scale (2*n_long samples +
2*IP_LEN_2S)

X[wI[] output of the IMDCT for window w

Z(] windowed and (optionally) internally overlapped time vector for one frame in
the time warped domain

zp[] Z[] with zero padding

vl time vector for one frame in the linear time domain after resampling

Vi, time vector for frame i after postprocessing

out(] output vector for one frame

b[] impulse response of the resampling filter

N synthesis window length, see 7.9.3.1

N_f frame length, N_f = 2*coreCoderFrameLength

next_window| sequence following window sequence

prev_window| sequence previous window sequence

7.10.2.3 Cgnstants

NUM_TW_NODES 16

OS_FACTOR_WIN 16

OS_FACTOR_RESAMP 128

IP_LEN_2S 12

IP_LEN_2 OS\'FACTOR_RESAMP*IP_LEN_2S+1

IP_SIZE IP_LEN_2+0OS_FACTOR_RESAMP

n_long coreCoderFrameLength

n_short coreCoderFrameLength/8

interp_dist n_long/NUM TW NODES

NOTIME -100000

7.10.3 Decoding process

7.10.3.1 Warp contour

The codebook indices of the warp contour nodes are decoded as follows to warp values for the individual
nodes:
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—

warp _node _values[i]=11 fortw _data present=1, i=0

i

k=0

fortw_data _ present =0, 0<i<NUM _TW NODES

H warp _value _tbl[tw _ratio[k]] fortw_data _present =1, 0 <i<NUM TW NODES

To obtain the samplewise (n_long samples) new_warp_contour[], the warp_node_values[] are now
interpolated linearly between the equally spaced (interp_dist apart) nodes:

for i=0 -1 NUM _TW _NODES ; daa ) {
d|= (warp_node values[i+1l] - warp_node values[i] ) / interp dist;
for ( J = 0 ; J < interp dist; j++ ) {
new _warp contour [i*interp dist + j] = warp node values[i-1] + (Jj+1)¥d;
}
}
Beforg obtaining the full warp contour for this frame, the buffered values from théjpast have to bg¢ rescaled, so

that the last warp value of the past_warp_contour[] equals 1:

norm__ fac =

1
past _warp _contour[2-n_long —1]

past | warp _contourli]= past _warp _contour|i]- norm _ fac, fo¥ 0<i<2-n_long

last |warp sum=last _warp sum-norm__ fac

cur _

Now the full warp_contour(] is obtained by concatenating the past_warp_contour and the new_V

and

arp _sum =cur_warp_sum- norm__fac

new_warp_sum is calculated as sum over all'new_warp_contour[] values:

n_long-1

new | warp _sum = Znew _warp~ycontour|i]

i=0

7.10.3.2 Sample position and'window length adjustment

From|the warp_contour[l\a vector of the sample position of the warped samples on a linear
complted. For this, first the time contour is generated:

time | contour[i] =

where w,, =

—-Ww,, -last _warp _sum fori=0
i—1

W, (— last _warp _sum + Z warp _ contour[k]j for0<i<3-n _long
k=0

varp_contour,

time scale is

cur _warp _sum

With the helper functions warp_inv_vec() and warp_time_inv():

warp time inv(time contour[],t warp) {

i=0;
if ( t_warp < time contour[0] ) {
return NOTIME;

while ( t_warp > time_contour[i+1] ) {

14+;
}

return (i + (t_warp - time contour[i])/(time contour[i+1]-time contour[i])) ;
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warp_inv_vec (time contour[],t start,n_samples, sample pos[]) ({

t_warp = t_start;

j o= 0;

while (( i = floor(warp_time_inv(time_ contour,t warp-0.5))) == NOTIME) {
t_warp += 1;
J++i

while ( j < n_samples && (t_warp + 0.5) < time contour[3*n_longl ) {
while ( t_warp > time contour[i+1]) ({

i++;

sample pos[]j] =
i + (t_warp - time contour[i])/(time_contour[i+1] -
time contourfil) .

J++i B
t_warp += 1;

the sample pgsition vector and the transition lengths are computed:

t start = n long-3*N _f/4 - IP LEN 2S + 0.5

warp_inv vee (time contour,
t_start,

N f + 2*IP_LEN 2§,
sample pos[]);

if ( last_warp sum > cur_warp_sum ) {
warped frans len left = n long/2;

else {
warped frans len left = n long/2*last_warp sum/cur_warp_ sum;
}

if (new waypSum > cur warp sum ) {
warped frans len right = n long/2;

else {
warped frans len right = n long/2¥new_warp_ sum/cur_warp_ sum;
}

switch ( wihdow sequence ) {
case LONG START_ SEQUENCE:
if (|next window sequence == LPD_SEQUENCE ) ({
wlarped trans,len right /= 4;
}

elsel {
warped trans len right /
}

break;
case LONG, STOP_ SEQUENCE:

1]
[e0)

i f : ] EIE L -t ] L
1 Prev_wInoow_SeOuenCTe —— Or0_oLoQUnINCE T\

warped trans_len left /= 4;

else {
warped trans_len left /= 8;
}

break;

case EIGHT SHORT_ SEQUENCE:
warped_trans_len_right /= 8;
warped_trans_len left /= 8;
break;

case STOP_START_ SEQUENCE:
if ( prev_window_ sequence == LPD_SEQUENCE ) ({

warped trans_len left /= 4;

}

else {

162
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warped trans_len left /= 8;

}
if ( next window sequence == LPD_ SEQUENCE ) ({
warped trans_len right /= 4;

else {
warped trans_len right /= 8;
}

break;

}
first pos = ceil (N _f/4-0.5-warped trans_len left);
last_pos = floor (3*N_f/4-0.5+warped_trans_len right);

7.10.3.3 IMDCT
See 71.9.3.1.

7.10.3.4 Windowing and block switching

Depepding on the window_shape element different oversampled transform window prototypes [are used, the
length of the oversampled windows is

N,s £2-n_long-0S FACTOR WIN

For window_shape == 1, the window coefficients are given by(the Kaiser - Bessel derived (KBP) window as
follows:

Nog—n-1
N Z [W (p,a)]
WKBD(” B 205) - Ni:/oz for B <n <N
2 [ (p.a)]
p=0
where:

W' Kaiser-Besser kernel function is defined as follows:

I, ﬂa\/l.O—[WJ
o Nos

for 0<n<—*
1, [7] or n

w'(1,a)=

28l

Io[x]=z =22

o k!

o =kernel window alpha factor, o =4

Otherwise, for window_shape == 0, a sine window is employed as follows:

WS,N(n - NOSJ = sir(i(n + lj] for Nos <n <N,
2 N\ 2 2
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For all kinds of window_sequences the used protoype for the left window part is the determinded by the
window shape of the previous block. The following formula expresses this fact:

Wip[n] if window _shape _ previous _block ==

left window _shape[n]=

Wy [n] if window _shape _ previous _block ==

Likewise the prototype for the right window shape is determinded by the following formula:

right _window _shape[n]=

WKBD [n ], lf WlndOW _ shape ==

h® 94 L

Since the
EIGHT_SHO

a)EIGHT SH(

The following c-code like portion describes the windowing and internal’ overlap-add

EIGHT_SHO

tw_windowin
t,left wind

offset =

tr scale |
tr pos_1
tr scale |
tr pos r

for ( i 4

z[i] =
}

for (i=0;
z[i] =

for (i=n |
z[1] *5
tr_pos_|

}

for (i=0;
z [offsH

tr_pos_|

}

1 _.¢c (I | 1 o
LVV SIN I_ILJ, 1I WLILLLUW_DILU,}IB — VU

ransition lengths are already determined, it only has to be differentiated. be
RT_SEQUENCES and all other:

DRT SEQUENCE:

RT_SEQUENCE:

g_short (X[1[1,z[],first_pos,last_pos,warpe_trans_len\left,warped trans_len|
ow _shape [],right window shape[]) ({

n_long - 4*n_short - n_short/2;

1 = 0.5*n long/warped_trans_len left*0OS FACTOR WIN;

= warped_trans len left+ (first pos-n_long/2)+0.5)*tr scale 1;
r = 8*0S_FACTOR WIN;

= tr scale r/2;

0 ; 1 < n short ; i++ ) {
X [0] [1];

i<first pos;i++)
0.;

long-1-first pos;i>=first pos;i--) {
left window_shape [floor (tr pos 1)1;
1 += tr_scale 1;

i<n short;its) {

t+i+n_shontiy=

X [0] [i+m\short] *right window shape[floor (tr pos r)];
r += tk-scale r;

ween

|l righ

offset +4

1\ Short;

for ( k =
tr scal

tr pos_
tr pos_

for ( 1
z[1i +
z[off

tr po
tr_po

offset

164

1 ; k< 7 ; k++ ) {
e_1 = n_short*0S_FACTOR_WIN;
1 = tr_scale 1/2;
r = OS FACTOR WIN*n long-tr pos 1;

=0 ; i < n_short ; i++ ) {

offset] += X[k] [i]*right_window_shape [floor (tr_pos_r)];
set + n_short + i] =

X[k] [n_short + i]*right window_shape[floor (tr pos 1)1;

s_1 += tr_scale_1;
s r -= tr _scale_1;

+= n_short;
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tr scale 1 = n short*0S_ FACTOR WIN;
tr pos 1 = tr_scale 1/2;

for (1 =n short - 1 ; i >=0 ; i--) {
z[i + offset] += X[7] [1]*right window shape[ (int) floor(tr pos 1)];
tr pos 1 += tr scale 1;

}

for (1 =0 ; i < n short ; i++ ) {
z [offset + n_short + i] = X[7] [n_short + il;

}

tr scale r = 0.5*n_long/warpedTransLenRight*0S_ FACTOR WIN;

tr pos—x = Q0 S*xtp scale ra S

tr|pos r = (1.5*n_long- (float)wEnd-0.5+warpedTransLenRight) *tr_scale_r;
fof (i=3*n long-l-last pos ;i<=wEnd;i++) {

4 [i] *= right window_ shape[floor (tr pos r)];

fr pos_r += tr_scale_r;

foy (i=lsat pos+1l;i<2*n long;i++)
32[1i] = 0.;

b) all pthers:

tw_windowing long(X[] [],z[],first_pos,last pos,warpe(trans len left,warped trang len right
,lef window shape[],right window shapel[]) {

fof (i=0;i<first pos;i++)

3[i] = 0.;
foy (i=last pos+1;i<N f;i++)
3[i] = 0.;

tr|scale = 0.5*n_long/warped_ trans_len left*OS_FACTOR_WIN;

tr |pos = (warped trans len left+fiZst pos-N £/4)+0.5)*tr scale;
fof (i=N _f/2-1-first pos;i>=f£ifst pos;i--) ({
[i] = X[0] [1]*1left window_shape [floor (tr pos)]);

f= N

r pos += tr scale;

tr |scale = 0.5*n_longy/warped trans_len right*OS_FACTOR_WIN;

tr |pos = (3*N_f/4rlast pos-0.5+warped trans len right)*tr scale;
fof (i=3*N_f/2gl>last pos;i<=last pos;i++) {

[i] = X[0ol%a] *right window_ shape [floor (tr pos)]) ;
r pos +=T scale;

=

f= N

7.10.3.5 Time varying resampling

The windowed block z[] is now resampled according to the sample positions using the following impulse
response:

. n
sin
1 n’ OS FACTOR RESAMP
b[”]ZIo[OC] Iy a, 1= 7 : — . = for0<n<IP SIZE-1
IP LEN -

OS FACTOR RESAMP
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Before resampling, the windowed block is padded with zeros on both ends:

0, for 0<n<IP LEN 2S
zp|n|=4z[n—IP_LEN 2S], forIP LEN 2S<n<N_ f+IP LEN 2S
p[n]=4zln—IP_LEN_2S], forIP_LEN_ - _LEN_

0, for2-N _ f+IP LEN 2S<n<N_f+2-IP LEN 2S

The resampling itself is described in the following pseudo code section:

offset pos=0.5;
num_samples in = N _f+2*IP LEN 2S;
num_sample s—euvEt—=—3tn—l-ong
j_center = |0;
for (i=0;i<numSamplesOut;i++) ({
while (JJ_center<num samples_in && sample pos[j_ center]-offset pos<=i)
j_center++;

j_centegr--;
y[il = [0;
if (j_denter<num samples in-1 && j_center>0) {
frac |time = floor((i- (sample pos|[j center]-offset pos))

/ (sample pos[j center+l] -sample pos[j centef])
*os_factor) ;
j = IP_LEN_2S*os_factor+frac_time;

for (k=j center-IP LEN 2S;k<=j center+IP LEN 2S;k++) {
if |(k>=0 && k<num samples in)
y[il += blabs(j)]*zplk];
j - os_factor;

if (j_dgenter<0)
j_center++;

7.10.3.6 Overlapping and adding with previous window sequences

The overlapp|ng and adding is the same farall sequences and can be described mathematically as follows:

' ' '
out yi,n + yi—l,n+n710ng + yi—Z,n+2~n710ng for O S n<n _long /2

in

! !
Vil ¥ Yictnin iong forn_long/2<n<n_long

7.10.3.7 Memory update

The memory puffersineeded for decoding the next frame are updated as follows:

past_warp_f'nnmur[n] =warp r'nnfnur[n +n Inng]) forQ<m<?. n_ Inng

CUr _warp _Sum=new __warp _Sum

last _warp _sum=cur _warp _sum

Before decoding the first frame or if the last frame was encoded with the LPC domain coder, the memory
states are set as follows:

past _warp _contour[n]=1, for0<n<2-n_long
cur_warp _sum=n_long

last _warp _sum=n_long
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7.11 MPEG Surround for Mono to Stereo upmixing

7.11.1 Tool description

MPEG Surround uses a compact parametric representation of the human’s auditory cues for spatial
perception to allow for a bit-rate efficient representation of a multi-channel signal. Although the coding of
stereo signals based on a mono downmix is not explicitly specified in ISO/IEC 23003-1:2007, it is evident that
such a 2-1-2 configuration may be realized in an efficient manner. In addition to CLD and ICC parameters,
IPD parameters can be transmitted. The OPD parameters are estimated with given CLD and IPD parameters
for efficient representation of phase information. IPD and OPD parameters are used to synthesize the phase
difference to further improve stereo image.

A bagic element of MPEG Surround coding is the OTT box, which performs exactly the reqyired mono to
stere® upmixing on the decoder side as shown in Figure 20.

OTT box

MO |_eft

v

mix matrix
[M2]

O

Right

CLD ICC IPD

Figure 20 — OTT decoding block: two output signals with the correct spatial cues are generated by
miking a mono input signal M0 with the output of a decorrelator D that is fed with that mono input
signal

In addlition to the mede-outlined above, residual coding can be employed with a residual having g limited or full
bandwidth. This js'ittustrated in Figure 21.
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OTT box

MO Left

v

[M2]

v

res Right

| mix matrix

CLD ICC IPD

Figure 21 + OTT decoding block for residual coding: two output signals are generated by mixing a
mong@ input signal M0 and a residual signal res, using the CLD, ICC, and IPD parameters

7.11.2 Decodling process

7.11.21 Lossless Decoding of IPD parameters

The syntax element bsPhaseCoding in Mps212Config() indicates whether IPD coding is applied. In case that
the syntax element bsOttBandsPhasePresent is decoded as 1, the number of IPD parameter bands is
transmitted eiplicitly by bsOttBandsPhase. Otherwise,cthe number of IPD parameter bands is initialized to
their default alues using Table 104.

If residual cogling is employed (bsResidualCoding == 1), the number of IPD parameters transmitted is|equal
to the larger ¢f the two values bsOttBandsPhase and bsResidualBands.

In the followling text numBandsIPD refers to the number of IPD parameter bands, i.e. the number of
transmitted IRD parameters.

The syntax ¢lement, bsPhaseMode indicates whether the IPD parameters are available for the clrrent
Mps212Data|frame. If the value of bsPhaseMode is set to zero, the IPD parameters are set to|zero.
Otherwise, the quantized IPD indices are losslessly decoded from the bitstream.

If decoding the IPD parameters, the syntax element, bsQuantCoarseXXX[][] means bsQuantCoarselPDI][]

The quantized/,IPD parameters are decoded using the lossless coding scheme as specifigd in
ISO/IEC 23003232007, 6.1.2 but with following changes:

- Due to the wrapping property of the phase parameter, the IPD quantized index is calculated using a modulo
operation on the difference from the adjacent (either time or frequency axis) quantized IPD. The sign bit for
the difference value in 1D Huffman coding is not necessary because the difference value is always positive
after modulo operation. For the same reason, the sign information in 2D Huffman coding i.e. bsSymBit[0] in
SymmetryData() is not necessary.

- In case that the fine quantization is applied as indicated by bsQuantCoarselPD, the symbols are split into
3bit MSB and 1bit LSB. The upper symbol is decoded with 1D or 2D Huffman coding using coarse
quantization and the LSB symbol is decoded with the syntax LsbData(). If the quantization level of the
previous frame is not the same as that of current frame, the quantized index of the previous frame is
converted to the same precision as the current frame so that time differential coding can be done.
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The decoding of the Mps212Data() data results in the parameter indices idxIPD[][][] of the quantized IPD

parameters
idxIPD[pi][ps][pb] having values in the range 0 .. 15

where

pi = parameter instance which in the case of IPD decoding, used only in the 2-1-2 mode, has a value of 0.

ps = parameter set having values in the range 0 .. numParamSets-1,

R
P

pg = parameter group having values in the range 0 .. dataBands-1

In cage of IPD parameters, the syntax element, bsXXXdataMode[][] in Table 58 means bsIPDdataMode[][].

Decogle IPD parameter sets ps according to their bsIPDdataMode[][] as below,

whilg (ps=0; ps<numParamSet; ps++) {
switch (bsIPDdataMode [pi] [ps]) {
case 0: /* default */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = 0;
}

break;
case 1: /* keep */
case 2: /* interpolate */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = idxIPD [pillps-1] [pb];
}

break;
case 3: /* coded */
if (!paramHandled[ps]) {
DecodeDataPair () ;/* se&€’ISO/IEC 23003-1, 6.1.2.3%/
!

break;

}

First, the previous data is.pre-processed for time-differential decoding.

setIdxStart = dataSetIdx[ps];
starfjBand = startBandIPD[pil];

stopBand = stgpBandIPD [pi];

pbStfide = pbStrideTable [bsFreqResStrideIPD[pi] [setIdx]]; /* see ISO/IEC 23003f1 Table 70
*/

dataBandgé = (stopBand - startBand - 1)/pbStride + 1; /* ANSI C integer math */
aGroypTeBand = createMapping(startBand, stopBand, pbStride); /* see ISO/IEC 23p03-1

subclatse 6.1 .2 4%

for (pg=0; pg<dataBands; pg++) {
pb = aGroupToBand [pg] ;
tmp = idxIPD[pil] [ps-1] [pb];
if (bsQuantCoarseIPD[pi] [setIdx]) {
tmp = tmp/2; /* ANSI C integer math */

idxIPDmsb [pi] [setIdxStart-1] [pg] = tmp;
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Then, delta decoding is done in the following order

if (!bsPcmCodingIPD([pi] [setIdx])
if (bsDataPairIPD[pi] [setIdxStart])
if ((bsDiffTypeIPD[pi] [setIdx]==DIFF_TIME) &&
(bsDiffTimeDirectionIPD [pi] [setIdx] ==FORWARDS) ) {
decodeDeltaData (setIdxStart+1) ;
decodeDeltaData (setIdxStart) ;

else {
decodeDeltaData (setIdxStart) ;
decodeDeltaData (setIdxStart+1) ;

}

else {
decofleDeltaData (setIdxStart) ;
!

} else {
idxIPDngtMapped[pi] [setIdx] [pg] = bsIPDpcm([pi] [setIdx] [pg];
}

where the degodeDeltaData(setldx) process is carried out as follows

for (pg= 0;| pg< dataBands; pg++) {
switch (bsDiffTypeIPD[pi] [setIdx]) {
case DIYF_FREQ:
if (lpg > 0 ) {
idxIPDmsb [pi] [setIdx] [pg] =
(idxIPDmsb [pi] [setIdx] [pg-1] + bsIPDmsbDiff{pi] [setIdx] [pgl) %8;

} elge {
ijdxIPDmsb [pi] [setIdx] [pg]l = bsIPDmsbDiff [pilMsetIdx] [pgl;
}
break;
case DIHF TIME:
if (| (pg > 0) || (mixedTimePairIPD[pi] [setIdx]) ) {

switch (bsDiffTimeDirectionIPD [pilifsetIdx]) {
clase BACKWARDS:
1dxIPDmsb [pi] [setIdx] [pg]l =

(1dxIPDmsb [pi] [setIdx~1] [pg] + bsIPDmsbDiff [pi] [setIdx] [pg]l) %8 ;
break;
clase FORWARDS:
/* assert that idxIPDmsb[pi] [setIdx+1l] is already available */
idxIPDmsb [pi] [setTIdx] [pgl =

(1dxIPDmsb fpil [setIdx+1] [pg] + bsIPDmsbDiff [pi] [setIdx] [pgl) %8;
break;

} elge {
iJdxIPDmsb [pif [setIdx] [pg] = bsIPDmsbDiff [pi] [setIdx] [pb] ;

if (bsQlantCoarseIPD==1) ({
idxIPDhotMapped [pi] [setIdx] [pg] = idxIPDmsb [pi] [setIdx] [pg];

else {
idxIPDnotMapped [pi] [setIdx] [pg] =
2*idxIPDmsb [pi] [setIdx] [pg] + bsIPDlsb[pi] [setIdx] [pg] ;

Finally, the following post-process is applied to the decoded data.

for (i=0; i<=bsDataPairIPD[pi] [setIdxStart]; i++)
setIdx = setIdxStart+i;
ps = paramSet [setIdx];
paramHandled[ps] = 1;
for (pg=0; pg<dataBands; pg++) {
tmp = idxIPDnotMapped[pi] [setIdx] [pg];
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if (bsQuantCoarseIPD[pi] [setIdx]) {
tmp = tmp*2;
}

pbStart = aGroupToBand [pg] ;

pbStop = aGroupToBand [pg+1] ;

for (pb=pbStart; pb<pbStop; pb++) {
idxIPD[pi] [ps] [pb] = tmp;

}

}
}

All parameters types are dequantized for all parameter bands 0<m < M, and all parameter

sets 0</< L

accorfling to ISO/IEC 23003-1:2007, 6.1.8. For IPD parameters, the dequantization function uges Table 135

and will return a dequantized value according to chosen index.

Wherlever parameter interpolation is used as signaled by bsIPDdataMode(pi,/,m)

=2 for the

corre$ponding indices idxIPD(pi,/,m), the dequantization function will also use the paramgter time slot

vectof t and the previous and next parameter indices idxIPD(pi,l,
respectively, to calculate the interpolated IPD indices according to:

efore”

idxIHD,._(pi./ idxIPD(pi.l,..m) L if idXIPD(pil,,,,m) (WXIPD(pi . .m) <8
! v (P 1) = idxIPD(pi,1,,,..m)+16 .else
idxIPD(pi,L,;,,,m)  ,if idxIPD(pi, 1,z ‘m)—idxIPD(pi,L,.m)<8

e {idePD(pi !

after”’

m)+16 ,else

idxIPD ) —idxIPD ]
idxIP D(l)l, l’ m) = idXIPDbefore (pl, l’ m) +INT ( id after (an l’ m) id before (pl; l; m) (t(l) _ t(lbefore)
t(laﬁer ) - t(lbefore)
Z before Z < lafter
where

L,.sore lis the parameter set with theclargest value smaller than / for which bsIPDdataMode(pi,
and where

L. i$ the parameter setywith the smallest value larger than / for which bsIPDdataMode(p

and where

idxIPD(pi,- ;i) refers to the last parameter set in the previous frame and t(—l) is sg
parameter time slot in the current frame, hence equals zero.

i)~ and idxIPD(pi,l,..m)

Joe

lbefore ’ m) # 2
" laﬁer 4 m) * 2

t to the first

135=—1PDbdequantizatiomtablte————
Index 0 1 2 3 4 5 6 7

i Vs 3 b 5 RY/2 7
IPD value 0 — — —TT — — T — | =

8 4 8 2 8 4 8
Index 8 9 10 11 12 13 14 15

5 11 3 13 7 15

IPD value /4 —_n|\—n|—7mw | —T | —x | —T | —7T

8 4 8 2 8 4 8
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7.11.2.2 OPD parameter estimation

The OPD parameters represent the phase difference between left and downmixed mono signal. Unlike the
parametric stereo tool as defined in ISO/IEC 14496-3:2009 (HE-AAC v2), only the IPD parameters are
transmitted for efficient representation of phase information. With the given CLD and IPD parameters, the
OPD parameters are estimated as below:

0 if IPD"" == 7 & &CLD"" == 0)

OPD!" = wi" sin(IPD""
left arctan( CLZW ( )

L kwf”" 10 +w§”" cos(IPDl””) )

,otherwise

with
wl = (4~ VER™ | i = ER™

cLD"" cLp'
10 1 +1+2-cos(IPD'")- 1CC"" 10 2
cLp' cLD""

10  +1+2-ICC"™-10 2

where ER regresents the energy ratio between a phase aligned and-a.non-phase aligned downmix.
7.11.2.3 Calculation of pre-matrix M1 and mix-matrix M2
7.11.2.3.1 General

The calculatipn of pre-matrix M1 and mix-matrix\M2, which are interpolated versions of Ri’m G}’m H'" and

R;m, is don¢ according to ISO/IEC 23003-1:2007, 6.5, but with the modifications described in the follpwing
section. In capse that IPD parameters are.available, mix-matrix M2 is modified for phase synthesis.

7.11.2.3.2 UYpmix without IPD coding

For the 2-1-2|configuration Ri’m is defined according to:

I,m |:lj|
RI™ =
|

The Gi’m matrix 1S defined as for the b-1-5 configurafion according 1o ISO/IET Z3003-T:2007, e.g. if no
external downmix compensation is applied:

1,m
G"=[1 0]
The matrix Hi’m for the 2-1-2 configuration defaults to the unity matrix.

For the Rgm matrix, the elements are calculated from an equivalent model of one OTT box according to:

172 © ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

2

Rl [Hngf;ff legﬂ

2 H22Y,

7.11.2.3.3 Upmix with IPD/OPD coding

If bsPhaseCoding == 1 and bsResidualCoding == 0, then in the case that the IPD coding is enabled for the
current frame, the phase correction angles from the IPD and estimated OPD for the two output channels are

given

for all parameter sets / and processing bands m:

lm __ I,m
" = OPD

)" = OPD, ' —IPD""

left

Adaptive smoothing is applied to the phase correction angles. The smoothed correction-angles are calculated

as fol

wherg

and

Smod
decod
more

OoWwsS:
67;’” = SmoothAngle(Qi’”’, 1%71”” , 5(1))
x=1or2,
sa+(1-6)a,,, la-a,.|<7
smoothAngle(a,a ,,,,,0) =1 6a +(1 —5)(apm + 272) A=, >7r rmod2j
s(a+2z)¥(1-9)a,,, ,a-a,,<-7
(t(l)+1)/128 =0
o) =
(t(l)—t(l—l))/128 >0
thing can be disabled by the encoder using the bsOPDSmoothingMode flag or shall be di

er if the IPD resulting'from the smoothed phase correction angles deviates from the trans
than a defined thréshold, as shown here:

o ,(bsOPDSmoothingMode = 0) I (‘AIPD”’"‘ > 9)

|

sabled by the
mitted IPD by

wher

él,m —
o' else
50
—n bsQuantCoarselPD =1
9= 180
25
@7[ bsQuantCoarselPD =0

and AIPD"" is the difference between the transmitted IPD and the IPD resulting from the smoothed angles,
normalized to a range of *7 :
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AIPD"" = (IPD“" (O -0y )+ ;z) mod 277 — 7
To obtain the phase correction angles for all time slots, a linear interpolation with unwrapping is performed:

(1-a(n,0) 0" +a(n,1)0""

2

éjm - éj_l’m‘ <r
gxn,m = (l—a(l’l,l))(é)f‘l,m +27z')+a(n,[)é)i,m ’é)fm _é;—l,m > 7
(1—a(m,0)0 " +a(n,D (6" +27) 6" -0 <7

The phase synthesis is applied by modifying the mix-matrix M2 as follows:
féln',((k) 0 Mn,k Mn,k

M = € 1 12
ol o eIy My

7.11.2.3.4 Upmix with prediction-based IPD coding

If bsPhaseCoding == 1 and bsResidualCoding == 1, the R;m matrix‘is defined as following:

1 |[1-a" 1
H1 ll,m lel,m 7 Im |: Im :| ,m< resBands
R:™ _{ orr 0TT:|_ c l+a —1
2 - l,m I.m - Im !
21 H22k 1 [—g" :
. o 20l L N Z”m _ﬂﬂ,,m} ,otherwise
where
o — lin CLD;" +1 '
1 CLD[ll;lm +1+2.1CCl,m 'COS(]PDIjm)‘ [CLD[[ljnm ? ’

. -cLplr @25 sin(tpD")- 1cC™ - \JcLDL"

— lin
O LD T2 100 cos(1PD ) CLD

lin

" 2-JCLD - I={IcC™ T
CLDL" +1+2-cos(PD™" ). ICC™ -\[cLD}"

lin

using

CLD[’M

CLD!™ =10 '°

lin

Incase CLD"" =1, ICC"" =1 and IPD"" = r:

lin
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1 |1 1
,m < resBands

2¢.,. |1 -1
Rl,m_ clip
? 1|1 0 .
,otherwise
2cch.p -1 0
where ¢, =1.2

7.11.2.4 Transient Steering Decorrelator (TSD)

The decorrelator block D in the OTT decoding block (Figure 20) consists of a signal sJeparator, two
decorrelator structures, and a signal combiner as shown in Figure 22,

decorrelator block D

Vs

nk

VX nonTr D

> Uap ﬂ

. n,k
vk transient - dy
" | separation +
n,k

V1 ¥, Drr 4

A A
. J
TsdSepData bsTsdTrPhaseData

Figure 22'—Transient steering decorrelator block D

wherg

Dap : pll-pass decorrelator)as defined in subsection 7.11.2.5.

D+r : [Transient decorrelator.

If the|TSD toolis active in the current frame, i.e. if (bsTsdEnable==1), the input signal is separated into a
transient stream vf(’f‘T, and a non-transient stream v;’(’,knom according to:

Vyn =

o Vit if TsdSepData(n)=1,7<k
0 , otherwise

vX,nonTr -

e {0 ,if TsdSepData(n)=1,7 < k

nk .
vy" ,otherwise

The per-slot transient separation flag TsdSepData(n) is decoded from the variable length code word

bsTsdCodedPos by TsdTrPos_dec() as described below. The code word length of bsTsdCodedPos, i.e.
nBitsTsdCW, is calculated according to:
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. . numsSlots
nBitsTsdCW = ceil| log,
bsTsdNumTrSlots + 1

Decoding of the TSD transient slot separation data bsTsdCodedPos into TsdSepData(n), an array of length
numsSlots consisting of ‘1’s for coded transient positions and ‘0’s otherwise, is defined as follows:

Position decoding function TsdTrPos_dec(bsTsdCodedPos):

s = bsTsdCodedPos;

p = bsTsdNumTrSlots+1l;
N = numSlots;

for (k=0; Kk<N; k++)

TsdSepData [k] =0;
for (k=N-1;| k>=0; k--)
if (p 5 k)

for (;k>=0; k--)
TsdSepData [k]=1;

break;
}
c = k-p+1l;
for (h=2; h<=p; h++) {
c =k - p + h;
c /E h;
}
i (int)c) { /* c is long long for up to 32yslots */

i
Hh
0]
v

I

c;
TsdSepData [k] =1;

if |(p == 0)
break;

If the TSD topl is disabled in the current frame, i.e. if (bsTsdEnable==0), the input signal is processed as if
TsdSepData(n)=0 for all n.

Transient sighal components are processed in a transient decorrelator structure Dt as follows:

e/? .yt \if bsTsdEnable = 1

0 , otherwise

dn,k _

X,Tr

where

@r, = 7-0.25-bsTsaTrPhaseDaia(n) .

The non-transient signal components are processed in all-pass decorrelator Dap as defined in the next
subsection, yielding the decorrelator output for non-transient signal components,

n,k _ n,k
dX,nanTr - DAP {VX,mmTr } .

The decorrelator outputs are added to form the decorrelated signal containing both transient and non-transient
components,

d)n(,k — dn,k +dn,k

X,Tr X ,nonTr *
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7.11.2.5 All-Pass Decorrelator

As described in ISO/IEC 23003-1:2007, 6.6, the de-correlation filters consist of a frequency-dependent pre-

delay

followed by all-pass (IIR) sections.

For the 2-1-2 configuration, the frequency axis is divided into four different regions according to
bsDecorrConfig = 0 and only one decorrelator is used, X =0.

In each frequency region the length of the delay is defined as:

-11,k
(Vi kek,

The ¢
using

-1

For r
defing

For r

ik kel
X ,delay -
elay YISk ,kek2

n—2k
vy k ek,

elayed hybrid subband domain samples are then filtered according to/ISO/IEC 23003-1
the following lattice coefficients:

or region k,, the length of the coefficient vector is given by L =10, and the lattice coeffic
efined according to Table 136.

bgion k,, the length of the coefficient vector is givefirby L =8, and the lattice coeffic

d according to

able 137.

bgion k,, the length of the coefficient.vettor is given by L =3, and the lattice coeffic

defingd according to
— Tjable 138.
For region k,, the length of the coefficient vector is given by L =2, and the lattice coeffic
defingd according to
— Tjable 139.
Table 136 — Lattice coefficients [} ; for region &,
lattice coefficients for region £,
0 -0.6135
1 -0.3819
2 -0.2331
3 -0.1467
4 -0.0074
5 0.0281
6 0.1061
7 -0.2914
8 0.1576
9 0.0898
© ISO/IEC 2012 — All rights reserved
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Table 137 — Lattice coefficients /| , for region £,

lattice coefficients for region £,

-0.2874

-0.0732

0.1000

-0.1121

0.0822

0.0202

-0.0521

N|o|o|hwN|—~|O

-0.1221

Table 138 — Lattice coefficients /) , for region £,

lattice coefficients for region £,

0 0.1358
1 -0.0373
2 0.0357

Table 139 — Lattice coefficients /. for region £,

lattice coefficients for region £k,

000352

alo

-0.0130

The use of filactional delay in the decorrelatér-is optional. The filter coefficients are derived from the |attice
coefficients in a different manner, depending-on whether fractional delay is used or not. For a fractional|delay
decorrelator, |a fractional delay is applied by adding a frequency dependent phase-offset to the |attice

coefficients.

The lattice cpefficients @*

defined in Taple 92 and TableA.30 of ISO/IEC 23003-1:2007, respectively

Table 140 — Calculation of lattice coefficients

are_talculated as shown in Table 140 with ¢" and phase coefficients ¢| as

d Normal decorrelator Fractional delay decorrelator h
k, ;k _ln ;k —exp( Py 'qu'l)n(o 0,..9
k, )"(" =1y, (— -q"j Iy, 0,...,7
2 )
k nk __ ln nk _ J n k n
2 X =eXp 5 P q |1y, 0,1,2
n,k n _ J n k n
k, v =1y —exp(z oy q j-lm 0,1
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7.11.2.6 Modification of core decoder output

If bsResidualCoding == 1 and bsPseudoLr == 1, the time domain output from the decoded CPE is rotated
into the DMX/RES domain using a mid/side transform prior to any SBR or MPS processing block as described
by the following equation.

CPE, | 1 F 1} CPE,,
CPEright \/5 1 _l CPEright

7.11.27+—SBR-decoeding

If bsResidualCoding == 0, mono SBR decoding is invoked prior to MPS decoding (as shewn jn Figure 23).
The DMX input of the MPS decoder is fed by the 64 QMF band output from the SBR decoder.

DMX | Mono SBR L
USAC decoder » MPS Al=—
—»| core decoder
decoder R

Figure 23 — bsResidualCoding ==

If bsResidualCoding == 1 and bsStereoSbr == 0, mano*SBR decoding is invoked prior to MPS|decoding (as
showh in Figure 24). The DMX input to the MPS decoder is fed by the 64 QMF band output from the SBR
decoder. The RES input to the MPS decoder is fed,by the 32 QMF band analysis of the RES oditput from the
core flecoder, with the upper 32 QMF bands set to zero (as described in ISO/IEC 23003-1:2007, 6.3.3 for
downsampled MPS decoder operation).

DMX | Mono SBR L
USAE decoder Y MPS |—»
—p] ~'Core decoder
decoder | RES - L

Figure 24 — bsResidualCoding == 1, bsStereoSbr ==

If bsResidualCoding == 1 and bsStereoSbr == 1, MPS decoding is invoked prior to stereo §BR decoding
(as shown-in Flgure 25) so that SBR is applled to the Ieﬂ/rlght stereo signal. It is noted that this implies a
tuation when
bsStereoSbr =0, due to the 384 samples delay of the hybrid analysis filterbank in the MPS decoder which
cannot share the 6 QMF sample look-ahead with the SBR decoder in this configuration. The MPS decoder is
fed by the 32 QMF band analysis of the output of the core decoder, with the upper 32 QMF bands set to zero
(as described in ISO/IEC 23003-1:2007, 6.3.3 for downsampled MPS decoder operation).

DMX L
USAC » MPS »| Stereo —>
—»| core decoder SBR
decoder| RES decoder| R
> > —>

Figure 25 — bsResidualCoding == 1, bsStereoSbr ==
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MPS212 decoding in USAC is always done in combination with SBR decoding, using one of the three
configurations shown above. The output of this combined MPS212 and SBR decoding is always a 64 QMF
band representation of the stereo output signal, independent from the output sampling frequency of the USAC
decoder.

7.12 AVQ decoding

Algebraic Vector Quantization (AVQ) is used to quantize two sets of parameters in LPD mode: the coefficients
of the LPC filter (in the form of ISFs) and the DCT coefficients in the FAC correction at the junction between
an ACELP frame and an MDCT frame. AVQ quantizes blocks (or vectors) of 8 dimensions. So in LPC
quantization, two 8-dimensional blocks are quantized since the LPC filter has order 16. Alternatively, when
applied to quartti i i i TCi ized with
AVQ depend some
definitions.

5 on the size of the FAC, window. Before looking at the decoding steps we will first give

r used in the AVQ tool is based on the rotated Gosset lattice denoted by .REs a regular
of points in 8 dimensions. The RE;lattice is defined as follows:

The quantize
arrangement

RE{=2D,U{2D, +(1,1,1,1,1,1,1,1)}

where Djg is the 8-dimensional lattice with integer components whose sum is~even (or equal to 0 modylo 2).

Hence, 2Dy i
lattice 2Dg +
in 2Dg and in

Pointsinala

5 populated by 8-dimensional vectors with integer components-whose sum is 0 modulo 4.
1,1,1,1,1,1,1,1) is simply 2Dg shifted by vector (1,1,1,1,1,1¢1,9). So REgis the union of all
2Dg + (1,1,1,1,1,1,1,1). Two example vectors in REg are (1,1,-1,1,1,-1,-1,-1) and (0,2,0,0,0,

tice can be generated using the generator matrix fafjthat lattice. For a lattice in n dimensior

Also,
pboints
0,0,2).

s, the

generator maftrix is an nxn matrix. The generator matrix of lattice RE;g is given by:

— NN NN NN DS
_ 0 O O O O MO
—_ o O O O N O O
— O O O N O O O
=, O O N O O O O
—_O N O O O O O
— N, O O O O O
—_ O O © o o O

If k is an 8-dlmensional line wector with integer components, then the matric product k G is a lattice pgint in
REg. For example, using«-= (1,0,0,0,0,0,0,0), we get ¢ = k G = (4,0,0,0,0,0,0,0) which satisfies sum(k * ) = 0
modulo 4 so [t is a peint/in the lattice. Or if kK = (1,0,0,0,0,0,0,-1), then ¢ = k G = (3,-1,-1,-1,-1,-1,-1,-1) which is

also a point in latticenREg. An so on.

Any lattice as in all
dimensions of the lattice. In the AVQ tool of USAC, to form codebooks with finite rate usable for vector
quantization, the lattice is spherically limited and embedded in four so-called base codebooks: Qy, Q,, Q; and
Q4. Qo has only one entry (0-bit codebook) which is the origin vector (0,0,0,0,0,0,0,0) to indicate that the
vector is not quantized. Q, is the smallest codebook covering 256 vectors (8 bits) around the origin (Qp). Qs is
a larger codebook with 4096 vectors (12 bits) and is embedded with Q, meaning that Q, is a subset of Q;. Q4
is the biggest codebook covering 65536 vectors (16 bits) and is not embedded with Q; meaning that Q, and
Qs together cover all the base codebook space. Hence, a base codebook Q, is a 4n bit codebook, that is Q,
comprises exactly 2*" lattice vectors. Note that in the AVQ there is no Q; (considered not optimal). Instead of
adding many codebooks to cover a wide range of subsets in REg, an additional algebraic quantization is used
as an extension of Q; or Q4. This additional quantization, scalable with steps of 8 bits, replaces Qs, Q; and so
on up to Q35 when used on top of Q; and Qs, Qg and so on up to Qs when used on top of Q4. The extension,
called Voronoi extension, will be explained below.

the PI:o lattice has an infinite number of lattice pr\infc which fhonrnﬁr‘nlly extend to infinit
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According to the properties of REg, it can be shown that all points of the lattice lie on a succession of
concentric spheres with specific radii. As an example, two such concentric spheres are drawn in Figure 26
below using a 2-dimensional codebook for illustration.

Obvid
the cq
lie on
thus {
as an
of mg
signe
and (
signe
(2,0,0
leade
and (
signe

Deco
in the
finally

the emcoder.

Throy
8-dim
even

techn
outsid

regioms around each lattice point in the base codebook are shown):

Figure 26 — Concentric spheres in a 2-dimensional
AVQ codebook illustration

usly, all lattice points on one of those concentric spheres have the same length. Since psg
mponents of a given vector produce other vectors of same length, all permutations of som|

ransmitting) the lattice points in the base codebooks, and thus used in the AVQ tool. A lea
8-dimensional vector which is part of the lattice and whose componénts are sorted in des
gnitude. There will be two kinds of leaders: absolute leaders, with, all components positive
1 leaders, with components also taking positive and negative Sign. To take an example, (2

l leaders corresponding to the absolute leader ({2,2,0,0,0,0,0,0), namely (2,
,0,0,0,0,0,-2) and (0,0,0,0,0,0,0,-2,-2). And there are-5, signed leaders corresponding to
r (1,1,1,1,1,1,1,1), namely (1,1,1,1,1,1,1,1), (1,1,14M,-1,-1), (1,1,1,1,-1,-1,-1,-1), (1,1,-1
1,-1,-1,-1,-1,-1,-1,-1). It can be verified, with the definitions given above, that any permut
 leaders is a point in the lattice REs.

jing a vector in one of the base codebooks will thus require determining, from the receive
bitstream, the identity of the codeboek*(Q,, Q; or Q4) and then the absolute and signg
the permutation of the signed leader‘components to provide the identity of the lattice poi

gh adaptive bit allocation, thé,encoder can select larger or smaller lattice codebooks to er
ensional block of coefficiénts. The spherical enumeration and leader concept could be use
arger codebooks than the base codebooks Q,, Q; and Q4. However, beyond these base

e the largest base codebook as shown here in red (in this Figure, the Voronoi or nea

rmutations of
e lattice point

the same sphere. This gives rise to the notion of leader, a central contept used for enumnerating (and

der is defined
cending order

or zero, and
2,0,0,0,0,0,0)

1,1,1,1,1,1,1,1) are the two absolute leaders on the first sphere of the lattice. Furthermorg¢, there are 3

,0,0,0,0,0,0),
the absolute
-1,-1,-1,-1,-1)
htion of these

d parameters
d leader and
ht selected at

code a given
d to construct
codebooks a

que called the Voronoirextension is applied. Suppose that a vector x had to be quantized, and that x lied

rest-neighbor

Figure 27 — Vector x lies outside of the largest base codebook

Then, to allow quantization of vector x, the base codebook is first scaled up by a factor of m, like in the
following Figure with a scale factor of 2:

© ISO/IEC 2012 — All rights reserved
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Now vector X
scaled base
cover more t
4m=8 bits for
Voronoi regid
because of t
extended cod
in REs.

To decode th

from the recgived parameters in the bitstream, the identity of the.base codebook (Q., Q3 or Qg), the

scaling facton
codebook (W

Voronoi extemsion codebook, v. The decoded lattice point will then be obtained as

B=

Hence, the d
from the sca

extension is gpplied, a lattice point is simply“described as vector ¢, an element in one of the (unscaled)

codebooks Q
With these de

For each 8-d
the decoder:
a codebq

a vector

Figure 28 — Scaled base codebook with vector x
falling within the codebook space

lies “inside” the base codebook (actually inside the Voronoi region of one of the vectors
codebook). However the Voronoi regions have been enlarged so the expanded region wi
nan one lattice point, in the case of REg the Voronoi region will cover #67=256 points an
a scale factor of m = 2. Then, each time a base codebook is enlarged“by a factor of tw|
n needs 8 additional bits in order to cover all REg lattice points inside the codebook.
e regular structure of the lattice, the Voronoi extension retains, the lattice structure. That
ebook points and the additional codebook points from the Voronei extension are all lattice
e lattice point nearest to vector x selected at the encodeér, the decoder will require to dete
m for the base codebook (if the Voronoi extension is used), then the decoded point ¢ in thg
th the leader and permutation technique diseussed above), and finally the vector fro

mc + v

escription of any lattice point usjng the Voronoi extension method uses two components
led base codebook and the other from the Voronoi extension. Otherwise, when no V

h, Q2, Q3 or Q4 (with Qg used-only to indicate the all zero vector).
finitions we can now.{urn to the actual decoding steps for the AVQ tool.

mensional block_of coefficients quantized with the AVQ tool, three parameters are recei

ok number qn

ndéx /

of the
| now
d use
D, the
Also,
s, the
boints

mine,
n the
base
m the

, one
Dronoi
based

ed at

and possibly a Voronoi extension index k, depending on the value of gn (if gn > 4, a Voronoi index k is

received for the 8-dimensional block encoded, otherwise only the codebook number gn and the vector
index I are received and used for decoding that block of coefficients)

If gn < 4 (i.e. if no Voronoi extension index k is received) then decoding indices gn and / will produce an 8-
dimensional block of coefficients B = c¢. Otherwise, if gn > 4, then decoding gn, / and k will produce an 8-
dimensional block of coefficients B = m ¢ + v. The significance of m, y and v is as described above.

In a first step, if gn = 0 then ¢ = (0,0,0,0,0,0,0,0) that is the decoded 8-dimensional block of coefficients is set
to 0 in all its components. In this case, the following decoding steps are not applied.
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The scaling factor m is obtained as follows:

if gn < 4, no scaling factor is used (no Voronoi extension, use only base codebook c)

— ifgn >4, m = 2" with exponent r = 1 when gnis in {5,6}, r = 2 when gnis in {7,8}, r = 3 when gnis in {9,10},
and soon up to r=16 when gnis in {35,36}

Hence the scaling factors for the Voronoi extension, when applied, are integer powers of 2.

Next we describe how the indices / and k are decoded to produce, respectively, the 8-dimentional vectors ¢
(entry from base codebook) and v (Voronoi extension).

First,
qn as
— if

— if

Since
recall
[0,0,0
entrie)
base

1

)

a base codebook index n and the level of the Voronoi extension are computed from the‘co

follows:
gn <4, then n=qn and there is no Voronoi extension (k is not even present-in the bit
qn > 4, then n=3ifgnis odd and n =4 if gn is even (so only Qz or Qpis-used as base

tihe Voronoi extension)

qn is a positive integer (including 0 but excluding 1), the base cadebook index n is in {(
each base codebook Q, comprises 2*" entries (lattice points).'So Qp has 1 entry, nam
0,0,0,0,0] of the lattice. Q, has 256 entries (or 256 lattice points). Qs has 4096 entries and
5. Consequently, index | comprises 4n bits and uniquely identifies one lattice point in Q,,
codebook index n, the decoding of index I follows steps/1 to'6 below:

From the value of the received vector index /,“determine the absolute leader. This ab
identification is done by comparing index / to.the cardinality offset table for absolute le
codebook Q,. The absolute leader will be identified as the position in the cardinality offs
has the closest and lesser or equal valueco /. The cardinality offset table of base code
Q3 is 13 = {0, 128, 240, 256, 1376, 2400, 3744, 3856, 4080} - Q. uses only a subset

cardinality offset table of base codebook Q. is 14 = {0, 1792, 5376, 5632, 12800, 2
31744, 38912, 45632, 52800, 53248, 57728, 60416, 61440, 61552, 62896, 63120, 6
64480, 64704, 64720, 6494465056, 65280, 65504, 65520}. So for example if n = 3

467, the closest and lesser_or equal value in the cardinality offset table /13 is 256. So

absolute leader “number3”? since the value 256 is at position 3 (starting counting at pog
cardinality offset table.

Reconstruct the-absolute leader by a table lookup in the absolute leader table Da:

debook index

stream)

codebook for

,2,3,4}. To
ely the origin
), has 65536
Knowing the

solute leader
nders of base
bt table which
books Q, and
of these. The
1760, 22784,
1144, 64368,
and index [ =
we select the
ition Q) in the
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Table 141 — Absolute leader table, Da

G)ES(O OO |N|O|O|PR OO R|RWOAR[RWINARIWINIRWININ|—

10
12
12
10
14
12
16
20

Each line in table Daeontains the 8 components of an absolute leader.

oo a>h)E;-h OO IN|=|BINIOIO(A[(RINEARINWIEANW =~ h)rolv NIWINO= (NN~

OO0 O |0 |0 |O|IO(O(=[O|IN|IO|IO|=2 (NN O|I=ININ(W(=~ C)hJLDIv N|=|INO[=[N|O|—~

OOO|O|0O|0|0OIO(O|=O|0|0|IO|=ONOC|O|=ININW=OIN|=INIO(=[NO|=|N|O|=
OO0 |0 00|00 |00~ |O|0|C|0O | O|I0|OO|=[OIN|=2 [ OIN[~IN|O[~IN|O[~|Oo|O|—~
OO0 |I0 00|00 |00 |0|O|/O (OO |- (O|I0|C(O|=OIN|= 2 O|0|IN|IO[=|IN|O(m |00~
OO0 |I0 00|00 |00 |0O|—|O|0DIO |~ ([O|I0 OO |OIN|= [ O|I0~INO(m 0|0 |0|O0|—
OO0 |0 00|00 |O|0O|O0|~|O|00|0—r[O|I0|O(O|~O0|= [~ O|I0rIN|O|[~ o0~ |00~

For pxamplesifin step 1 we select the absolute leader “number 3”, then reconstructing the abgolute
leader means” selecting the third line of table Da, namely the 8-dimensional vector [ya =
[2,2)2,2,0,0,0,0].

3) Seafch forthe dentifrer of the signed feader by comparing ndex 1o the cardimatity offsettable of
signed leaders /s given below (table /s is a 1-dimensional table). The signed leader will be identified
as the position in table /s which has the closest and lesser or equal value to /.

Is = {
0, 1, 29, 99, 127, 128, 156, 212,
256, 326, 606, 1026, 1306, 1376, 1432, 1712,
1880, 1888, 1896, 2064, 2344, 240, 248, 0,
28, 196, 616, 1176, 1596, 1764, 1792, 1820,

2240, 2660, 2688, 3024, 4144, 4480, 4508, 4928,
5348, 2400, 2568, 2904, 3072, 3240, 3576, 5376,
5377, 5385, 5413, 5469, 5539, 5595, 5623, 5631,
5632, 5912, 6472, 6528, 6696, 8376, 9216, 10056,
11736, 11904, 11960, 12520, 12800, 13080, 14200, 15880,
17000, 17280, 17560, 18680, 20360, 21480, 3744, 3772,
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3828, 21760, 21768, 21936, 22216, 22272, 22328, 22608,
22776, 22784, 22854, 23274, 23344, 24464, 25584, 26004,
28524, 28944, 30064, 31184, 31254, 31674, 31744, 31800,
32136, 32976, 34096, 34936, 35272, 35328, 35384, 35720,
36560, 37680, 38520, 38856, 38912, 39332, 40172, 40592,
41432, 43112, 43952, 44372, 45212, 45632, 45968, 47088,
47424, 47480, 48320, 49160, 49216, 49272, 50112, 50952,
51008, 51344, 52464, 3856, 3912, 3968, 4024, 52800,
52856, 53024, 53192, 53248, 53528, 54368, 55208, 55488,
55768, 56608, 57448, 57728, 58064, 58400, 58736, 59072,
59408, 59744, 60080, 60416, 60472, 60752, 60920, 60928,
60936, 61104, 61384, 4080, 4088, 61440, 61468, 61524,
61552, 61720, 62056, 62224, 62392, 62728, 62896, 62952,
£3008 GQ(\GA’ £3120 GQ‘I’)Q’ £329048 GQI-'\'7G’ 83632 GQGQQ’
63968, 64136, 64144, 64200, 64256, 64312, 64368, 64396,
64452, 64480, 64536, 64592, 64648, 64704, 64712, 64720,
64776, 64832, 64888, 64944, 64972, 65028, 65056, 65112,
65168, 65224, 65280, 65336, 65392, 65448, 65504, 65512,
65520, 65528};

So taking again the example in Step 1 where codebook number n =.3’and vector inde
closest and lesser or equal entry in table Is is 326. This value of 326/is at position 9 i
know which signed leader this corresponds to, we have to know,/which absolute leaders
used to populate codebook Q, and we have look both\'at” tables Da and Is.

{0,1,4,2,3,7,11,17,22} indicates the position of the absolute leaders from table D4
codebook Q3. And table A4 ={5, 6, 8, 9, 10, 12, 13, 14, 15,16, 18, 19, 20, 21, 23, 24, 2
29, 30, 31, 32, 33, 34, 35, 36} indicates the position of the absolute leaders from table [
codebook Q4. So, to continue with the example using n = 3 and index | = 467, the
leader is [1,1,1,1,1,1,1,1], which has five signed Jeaders as given above. These firg
leaders map to the values 1, 29, 99, 127 and.128 respectively in table /s. We must cor|
Is up to the 9" element (with value 326). So,“according to table A3, the next absolute |
[3,1,1,1,1,1,1,1], which has 8 signed leaders: [3,1,1,1,1,1,1,-1], [3,1,1,1,1,-1,-1,-1], [3,1
11, [3,-1,-1,-1,-1,-1,-1,-1], 1, [1,1,1,1,1,154=3], [1,1,1,1,1,-1,-1, -3] and [1,1,1,-1,-1,-1,-1,

1,-1,-1,-1,-1, -3]. These eight signed.leaders map to the next 8 values in table /s, nam

X | = 467, the
n table Is. To
in order, are
Table A3

to populate
5, 26, 27, 28,
a to populate
first absolute
t five signed
tinue in table
pader in Qs is
1,-1,-1,-1,-1,-
3] and [1,-1,-
ely 156, 212,

256, 326, 606, 1026, 1306 and 1376. Since in our example we must advance to the nifgth position in

table Is and thus to the ninth sighed leader forming codebook Q3 we would pick the fq

urth of these

signed leaders, that is vector[3),-1,-1,-1,-1,-1,-1,-1]. It is a specific permutation of the el¢ments of this

signed leader that will form\the decoded lattice vector y (see Step 5).

Calculate the rank of the permutation, obtained as the difference between the received
and the value in table /s closest (but lesser or equal) to /. So, for example, if the receivg
= 467, then itscclosest (and lesser) value in table Is is 326 and therefore the rank of th
(for the signéd,leader identified in step 3) is 467 -326 = 101. The rank of permutation
value between 0 and Ptotal-1 where Ptotal is the total number of different permutations
leader selected in step 3.

Using the selected signed leader from Step 3 and the rank of permutation from Step
preper permutation to the elements of the signed leader to obtain the decoded lattice

vector index /
d index was /
b permutation
can take any
for the signed

4, apply the
vector ¢ from

the base codebook. To do this, the elements of the signed leader are seen as formin

an alphabet.

So first, the number g of different symbols in the alphabet is computed, along with the number of

occurences of each symbol in the signed leader. For example, for the signed leader [3,-

1,-1] we have q = 2, a = [3, -1] and w = [1,7], where vector a contains the alphabet

1 !-1 !-1 !-1 !-1 '
and vector w

contains the number of occurences of each element of a in the signed leader. The product B of the
elements in vector w is also calculated. So taking the same example as above we have B = 1*7 = 7.

If g = 1 then the signed leader is actually the decoded lattice point (since all elements

of the signed

leader are equal). Otherwise, the following algorithm is applied to position each element of alphabet

a into proper position (i.e. apply the correct permutation to the signed leader):

Set target = rank * B;

Setfac B=1;
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For i going from 0O to 7 inclusively do the following

— fac=fac_B * (7-i)!

I j:-']

— iteratively increment j by 1 and remove the value fac*w{j] from target as long as tar

positive or 0

— set element ¢[i] = a[j]

At the end of this loop, the 8-dimensional vector ¢ contains the properly permuted elements

sign

One]
cod
dim
factq
and
integ
appl

The
usin

— increment target by 1ac Wi
— multiply fac_B by w[j]

— decrement wij] by 1

bd leader to form the desired decoded base codebook vector.

last step is required if a Voronoi index k was also received (recallthat this happens only
book index gn > 4). The Voronoi index k is actually a set of-8.integers (can be seen as
nsional vector of integers), all in the range 0..m-1 where m = 2" is the Voronoi extension s
r. The exponent r = 1 when gn is in {5,6}, r = 2 when qn-is in {7,8}, r = 3 when gn is in {
so on up to r = 16 when gn is in {35,36}. Upon receiving the Voronoi index k, or actually
ers in vector k, and knowing the scaling factor ni; decoding the Voronoi extension re
ying the following four substeps:

Decode the lattice point corresponding to k using the generator matrix, i.e. calculate vectof
G where k is the 8-dimensional line vectorContaining the Voronoi extension indices and G
generator matric of the RE; lattice

Shift vector v by a = (2,0,0,0,0,0,0;0) and divide this shifted vector by the scaling factof
produce vector z = (v - a) / m. Nete that z will have integer components.

Find the nearest neighbour of vector z in the REg lattice. Call y this nearest neighbour. Be
of the construction of lattice REg this nearest neighbour is either in 2Dg or in J
(1,1,1,1,1,1,1,1).

Remove m y fream v to produce the Voronoi extension vector. So v=v — m y is the V
extension veetor.

complete-decoded lattice point for the 8-dimensional block of coefficients that was en
p the”AVQ tool is obtained as

get is

of the

if the
an 8-
caling
0,10},
the 8
uires

v=k
is the

m to

Cause
Dg +

Dronoi

coded

reca

i

I
LIAYZ ' \4

lling that the base codevector ¢ was obtained in step 5.

7.13 LPC-filter

7.13.1 Tool Description

In the ACELP mode, transmitted parameters include LPC filters, adaptive and fixed-codebook indices,
adaptive and fixed-codebook gains. In the TCX mode, transmitted parameters include LPC filters, energy
parameters, and quantization indices of MDCT coefficients. This section describes the decoding of the LPC

filters.
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7.13.2 Terms and definitions

Ipc_set LPC coefficient set index which goes from 0 (LPCO) up to 4 (LPC4)
correspondingly.

mode_lIpc Coding mode of the subsequent LPC parameters set.

qn[k] Binary code associated with the corresponding codebook numbers ny.

Ipc_first_approximation_index[lpc_set] A vector index for the first approximation of LPC filter parameters
of the LPC filter set Ipc_set.

/ The rank |, of a selected lattice point.

kv[lpe_set][k][8] The AVQ refinement voronoi extension indices for LPC coefficient set Ipc_set.

7.13.3 Number of LPC filters

The dctual number of LPC filters nb_Ipc which are encoded within the bitstream_depends on thg ACELP/TCX
mode| combination of the USAC frame. The ACELP/TCX mode combination is extracted ffom the field
Ipd_mode which in turn determines the coding modes, mod[k] for k=Q10”3, for each of the[4 subframes
comppsing the USAC frame. The mode value is 0 for ACELP, 1 forshort TCX (coreCoderframeLengthl4
samples), 2 for medium size TCX (coreCoderFrameLengthl2 samples);-3 for long TCX (coreCoddrFrameLength
samples). See also the definition of Ipd_mode and mod[] in 6.2.10.2.

In addlition to the 1 to 4 LPC filters of the superframe, an optignal LPCO is transmitted for the first super-frame
of eagh segment encoded using the LPD core codec. Thijs.is indicated to the LPC decoding procedure by a
flag first_Ilpd_flag set to 1.

The qrder in which the LPC filters are normally found in the bitstream is: LPC4, the optional [LPCO, LPC2,

LPC1[ and LPC3. The condition for the presence of a given LPC filter within the bitstream i summarized
in Talple 142.

Table 142 — Condition for the presence of a given LPC filter in the bitstream

LPC(filter Present if

LPCO first_Ipd_flag=1
LPC1 mod[0]<2

LPC2 mod[2]<3

LPC3 mod[2]<2

LPC4 Always

The bitstreanis parsed to extract the quantization indices corresponding to each of the LPC filtefs required by
the ACELP/TCX mode combination. The following subclauses describes the operations needed to decode
one of the’LPC filters.

7.13.4 General principle of the inverse quantizer

Inverse quantization of an LPC filter is performed as described in Figure 29. The LPC filters are quantized
using the line spectral frequency (LSF) representation. A first-stage approximation is computed as described
in 7.13.6. An optional algebraic vector quantized (AVQ) refinement is then calculated as described in 7.13.7.
The quantized LSF vector is reconstructed by adding the first-stage approximation and the inverse-weighted
AVQ contribution. The presence of an AVQ refinement depends on the actual quantization mode of the LPC
filter, as explained in 7.13.5.
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Figure 29 — Principle of the weighted algebraic LPC inverse quantizer

The inversequantized LSF vector is subsequently converted into a vector{ef“LSP (line spectral| pair)

parameters, then interpolated and converted again into LPC parameters.

7.13.5 Decogling of the LPC quantization mode

LPC4 is alwdys quantized using an absolute quantization approachThe other LPC filters can be quaptized
using either gn absolute quantization approach, or one of severalrelative quantization approaches. For|these
LPC filters, the first information extracted from the bitstreamyis the quantization mode. This information is
denoted modgle_Ipc and is signaled in the bitstream using-a variable-length binary code as indicated in

Table 143.
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Table 143 — Possible absolute and relative quantization modes,
corresponding bitstream signalling of mode_Ipc

and coding modes for codebook numbers

Pos. in . . o Binary ny
Bitstr. Present if Filter | Quantization mode mode_lpc Code mode
1. always LPC4 | Absolute (none) 0
Absolute 0 0 0
2. first_lpd_flag=1 | LPCO
Relative to LPC4 1 1 3
Absotute V) 0 0
3. mod[2]<3 LPC2
Relative to LPC4 1 1 3
Absolute 0 10 0
Relative to
4. mod[0]<2 LPC1 | (LPCO+LPC2)/2 (NOTE 1 11 1
1)
Relative to LPC2 0
Absolute 0 10 0
Relative fo 1 0 1
5. mod[2]<2 Lpc3 | (LPC2+LPC4)/2
Relative to LPC2 2 110
Relative to LPC4 3 111 2
NOTE 1: in this mode, there is no second-stage AYQ quantizer
7.13.6 First-stage approximation
For dach LPC filter, the quantization:mode determines how the first-stage approximation ofl Figure 29 is
complted.

For th
first s
simpl

b table look-up.

7.13.7 AVQ refinement

7.13.71

General

e absolute quantization-mode (mode_lpc=0), an 8-bit index corresponding to a stochastic
age approximation isextracted from the bitstream. The first-stage approximation is then ¢

¢lative quantization modes, the first-stage approximation is computed using already inve
ilters, as-indicated in the fourth column of Table 143. For example, for LPCO there is onl

VQ-quantized
bmputed by a

rse-quantized

one relative
Ximation. For
L2 constitutes
CO and LPC2

quantization,

The next information extracted from the bitstream is related to the AVQ refinement needed to build the
inverse-quantized LSF vector. The only exception is for LPC1: the bitstream contains no AVQ refinement
when this filter is encoded relatively to (LPCO+LPC2)/2.
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The AVQ is
decoding the

based on an 8-dimensional REjy lattice vector quantizer. Decoding the LPC filters involves
two 8-dimensional sub-vectors ék , k=1 and 2, of the weighted residual LSF vector.

The AVQ information for these two subvectors is extracted from the bitstream. It comprises two encoded
codebook numbers gqn1 and gn2, and the corresponding AVQ indices. These parameters are decoded as

follows.

713.7.2 De

coding of codebook numbers

The first parameters extracted from the bitstream in order to decode the AVQ refinement are the two

codebook nu
numbers are

relative). As s

ny are given below.

n;modes 0 a

The co

n; mode 1:

The co

Q3 — the code for n; is 01

0>, uhary code for ny is 10

mbers 7, k=1 and 2, for each of the two subvectors mentioned above. The way the codgbook
encoded depends on the LPC filter (LPCO to LPC4) and on its quantization mode (absolpte or

hown in Table 143, there are four different ways to encode ;. The details on the codes usged for

hd 3:

debook number ny is encoded as a variable length code qn[k], as follows:

), — the code for n; is 00

), — the code for n; is 10

Dthers: the code for iy is 11 followed by:
Os—>0

Qs —> 10

Qo — 110

07— 1110

Os —> 11110

etc.

debook numbeér, 7y is encoded as a unary code gn[k], as follows:

)y — unary code for ny is 0

o) = | for
|V} TOT

LN
-

) HAOS A HP=Y )
3 7 urary COuUC 1O 715 U

Q4 — unary code for niis 1110

etc.

n; mode 2:

The co

debook number #ny is encoded as a variable length code qn[k], as follows:

0, — the code for ny is 00

03 — the code for ny is 01

Q4 — the code for n;is 10

190

© ISO/IEC 2012 — All rights reserved


https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Others: the code for n; is 11 followed by:
Oy—0
Os —> 10
Os —> 110

etc.

7.13.7.3 Decoding of AVQ indices

LD

Deco
sub-v

7.13.7

At thd
are:

with:

wherg
mode

H 4l oS H Iy + 1 <l A H o AN LO + <l H | P o PN H H
JIIIH Uic LT O THCTo 1MIVUIVTC O UU\/UUIIIE’ urc MV palalllctclo UUOUllU"lH ocault UOTUNTITTIIony

ector l§k of the weighted residual LSF vectors. AVQ decoding is described in detail in 712’

[.4 Computation of the LSF weights

encoder, the weights applied to the components of the residual LSF vector before AVQ

wii)= L, 400 o5

W Jdd,

dy = LSF1st[0]
d,s = SF /2 — LSF1st[15]
d, = LSF1st[i]- L§F 1st[i—1]i=1...15

LSF1st is the 1% stage LSF approximation and ¥ is a scaling factor which depends on thg
(Table 144).

Table 144 ~=Normalization factor W for AVQ quantization

al quantized

quantization

b quantization

Filter Quantization mode w
PC4 Absolute 60
LPCO Absolute 60
Relative LPC4 63
LPC2 Absolute 60
Relative LPC4 63
LPCA Absglute 60
Relative (LPC0+LPC2)/2 65
Relative LPC2 64
LPC3 Absolute 60
Relative (LPC2+LPC4)/2 65
Relative LPC2 64
Relative LPC4 64

The corresponding inverse weighting must be applied at the decoder to retrieve the quantized residual LSF
vector.
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7.13.7.5 Reconstruction of the inverse-quantized LSF vector

The inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ refinement subvectors Z}l

and ZA32 decoded as explained in 7.13.7.2 and 7.13.7.3 to form one single weighted residual LSF vector, then,

applying to this weighted residual LSF vector the inverse of the weights computed as explained in 7.13.7.4 to
form the residual LSF vector, and then again, adding this residual LSF vector to the first-stage approximation

computed as

in 7.13.6.

7.13.8 Reordering of Quantized LSFs

Inverse-quan
before they a

7.13.9 Conv

The inverse (
The LSFs ar
being the ling

7.13.10 Inter

For each AC
linear interpo
per ACELP

previous fra
available LSH

N,

o subfram

LSP,

The interpola
conversion m

7.13.11LSP

For each suli
used for synt
are the roots

Flv(Z)Z

and

ized LSFs are reordered and a minimum distance between adjacent LSFs of 50 Hz is intro
re used.

brsion into LSP parameters

uantization procedure described so far results in the set of LPC parameters\in the LSF dd
e then converted to the cosine domain (LSPs) using the relation g; = cos(w), i=1,...,16 y
spectral frequencies (LSF).

bolation of LSP parameters

FLP frame, although only one LPC filter corresponding to‘the end of the frame is transn
ation is used to obtain a different filter in each subframe-(Ny,=coreCoderFrameLength/256
ame). The interpolation is performed between the L RC filter corresponding to the end

Huced

main.
ith ay

hitted,
filters
bf the

e and the LPC filter corresponding to the end of'the ACELP frame. Let LSP"") be th¢ new

P vector and LSP“Y) the previously available 1:SP vector. The interpolated LSP vectors f
es are given by

2N sfi

2N~\:fr

-1

_ [ (old) 1 L (new) P _
( N )LSP +(—2N- + ‘)LSP , for i=0,.,N, —1

sfir sfir sfrr

fed LSP vectors are used-to:compute a different LP filter at each subframe using the LSP
ethod described in below.

o LP Conversion

frame, the~interpolated LSP coefficients are converted into LP filter coefficients ay, whig
nesizing the reconstructed signal in the subframe. By definition, the LSPs of a 16" order L§
pf the two polynomials

br the

to LP

h are
P filter

Fy(2)=A(z)-z " 4(z™")

which can be
Fi(2)=(

and

192

expressed as

1+z7)F (2)
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Fy(2)=(1-z")F,(2)

LP domain is

acing ¢2i-1 by

1 -1
and 1z,

with
F@= []a-2qz +2)
i=1,3,..,15
and
F@= []a-2qz +z7)
i=2,4....16
where q;, i =1,..., 16 are the LSFs in the cosine domain also called LSPs. The conversion [to the
done Jas follows. The coefficients of F'1(z) and F(z) are found by expanding the equations abové knowing the
quantjized and interpolated LSPs. The following recursive relation is used to compute, #'1(2):
for i=1 to 8
H1(@D)==2g5, /1(-D+2/,(i-2)
for j=i-1 down to 1
SN =/ =240 /1G-D+ /1 -2)
end
end
with initial values £1(0) = 1 and fi(-1) = 0. The coefficients of F»(z) are computed similarly by repl
q2i-
Once| the coefficients of Fi(z) and F»(z) are“found, F(z) and F,(z) is multiplied by 1+z|
respegtively, to obtain F''1(z) and F’5(z); thabis
ﬂ’(l):fl (l)+fl (1_1)7 l:1598
L) =£0- -1, ~i=1..8
Finally, the LP coefficients are computed from f°1(7) and f"2(i) by
[0SR +0.575 ), i=1,..8
L R0 £ (1T-)-0.515 (17 i), i=9,..16
This is-directiy-derived-from-the-eguation—H= = (= +H (= 2—and-considering-the-fact-th

F2’ (z) are symmetric and asymmetric polynomials, respectively.

714

ACELP

7.14.1 General

at F(z) and

The following describes the decoding of one ACELP frame which comprises coreCoderFrameLength/4 samples.
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7.14.2 Terms and definitions

mean_energy Quantized mean excitation energy per frame.

Table 145 — Mean excitation energy E

mean_energy decoded mean excitation energy, £
0 18 dB
1 30 dB
2 42 dB
3 54 dB
acb_index[sfr] For each subframe indicates the adaptive codebook index.
Itp_filtering_{flag[sfr] Adaptive codebook excitation filtering flag
icb_index[sff] For each subframe indicates the innovation codebook.inhdex.
gains[sfr] Quantized gains of the adaptive codebook and innovation codebook

contribution to the excitation.

sfr denotes the number of subframes within one/ACELP frame and is equal fto
coreCoderFrameLength/256.

7.14.3 ACELP initialization at USAC decoder start-up

At the start-up of the USAC decoder, the ACELP internal state (which contains the set of all static varjables
used by ACELP and updated at every frame) is properly reset. Specifically, buffers used to store memories of
past signals [are set to zero. This includes the past.€xcitation buffer which is used to build the adaptive
codebook. Mg¢mories of gain values are also set to zero, and memories of pitch values are set to 64.

7.14.4 Setting of the ACELP excitation buffer, using the past FD synthesis and LPC0O

In case of a {ransition from FD to ACELR{.the past excitation buffer u'(n) and the buffer containing th¢ past

pre-emphasiged synthesis §(n) are updated using the past FD synthesis (including FAC) and LPCO pfior to
the decoding| of the ACELP excitation. For this the FD synthesis is pre-emphasized by applying the¢ pre-
emphasis filtgr (1—0.68z7"),-‘and the result is copied to §(n). The resulting pre-emphasized synthgsis is

then filtered Hy the analysisifilter A(z) using LPCO to obtain the excitation signal u'(n) .

7.14.5 Decogdling of CELP excitation

If the mode ip“a‘\ffame is a CELP mode, the excitation consists of the addition of scaled adaptive codgbook
and fixed codebook vectors. In each subframe, the excitation is constructed by repeating the following steps:

7.14.5.1 Decoding of adaptive codebook excitation, acb_index[]

The received pitch index (adaptive codebook index) is used to find the integer and fractional parts of the pitch
lag.

When the ACELP frame length is equal to 256, the pitch value is encoded on 9 bits for the first and third
subframes and on 6 bits for the second and fourth subframes. When the ACELP frame length is equal to 192,
the pitch value is encoded on 9 bits for the first subframe only and on 6 bits for the two other subframes.

The pitch value for a subframe is encoded using a multi-segment scalar quantizer, each segment having a
different fractional resolution.
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When the pitch value is encoded on 9 bits, a fractional pitch delay is used with resolutions % in the range
[TMIN, TFR2-%4], resolutions %2 in the range [TFR2, TFR1-7%], and integers only in the range [TFR1, TMAX].
TMIN, TFR2, TFR1 and TMAX are the boundaries of the segments of the quantizers which depend on the
sampling frequency Fs at which the ACELP coder operates according to the formula:

TMIN = round(34*Fs/12800)
TFR2 = 162-TMIN

TFR1 =160

TMAX = 27+6*TMIN

Wher
wherg

The i
pitch

The 4
the fil

The 1
codell

7.14.%

Ther
pulse
excits

wherg
code

the pitch value is encoded on 6 bits, a pitch resolution of 1/4 is always used in the range [1
T1 is nearest integer to the fractional pitch lag of the previous subframe.

nitial adaptive codebook excitation vector v’(n) is found by interpolating thepast excitatio
Helay and phase (fraction) using an FIR interpolation filter.

1-8, T1+7%],

n u’(n) at the

daptive codebook excitation is computed for the subframe size of 64 (Samples plus one exfra sample for

ering operation as described in the following sentence.

pceived adaptive filter index (Itp_filtering_flag[]) is then used,to0 decide whether the filtg
ook is v(n) =v’(n) or v(n) = 0.18v’(n + 1) + 0.64v’(n) + 0.18v " (A—"1).

.2 Decoding of innovation codebook excitationgicb_index|]
pceived algebraic codebook index is used to extract the positions and amplitudes (signs) of
5 and to find the algebraic codevector c¢(n) (also called fixed codebook excitation vector,

tion). That is

N,-1

c(n) = Zbi5(n —-m,)

The
deco

7.14.

The
positi

b, are the pulse amplitudés (1 or -1), m, are the pulse positions, and Np is the number
ector.
Igebraic codebook”structure and the pulse indexing procedures which will help unde

ing of the algebraic codebook excitation are given below.

.2.1 Algebraic codebook structure

positions in the codevector (subframe length) are divided into 4 tracks of interleaved pos

ered adaptive

the excitation
or innovative

of pulses in a

rstanding the

tions, with 16

ns¥in each track. The different codebooks at the different rates are constructed by plad

ing a certain

number of signed pulses in the tracks (from 1 to 4 pulses per track). The codebook index, or codeword,
represents the pulse positions and signs in each track.

The tracks and corresponding pulse positions are show in the Table below:
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Table 146 — Tracks and pulse positions

Track Positions
0 0,4, 8,12, 16, 20, 24, 28, 32 36, 40, 44, 48, 52, 56, 60
1 1,5,9, 13, 17, 21, 25, 29, 33, 37, 41, 45, 49, 53, 57, 61
2 2,6, 10, 14, 18, 22, 26, 30, 34, 38, 42, 46, 50, 54, 58, 62
3 3,7,11,15,19, 23, 27, 31, 35, 39, 43, 47, 51, 55, 59, 63

Since there are 16 positions in a track, the pulse position is encoded with 4 bits and the pulse sign is encoded

with 1 bit givi

g 5 bits for a single pulse per track. As it will be shown below, two signed pulses per tra

k are

encoded with
encoded with

Depending on the coding mode, the following codebooks are used:

20-bit co
28-bit co
36-bit co
44-bit co
52-bit co
64-bit co
Below, the pr
tracks per su

index is obtai
is obtained by

714522 L

The pulse po
pulse positior
track index. H
index 3.

The sign of th
pulse is nega

The index of

9 bits, 3 signed pulses per track are encoded with 13 bits, and 4 signed pulses per trag
16 bits.

Hebook with one pulse per track (5x4)

Hebook with 2 pulses in the first two tracks and 1 pulse in the other traCks (9x2 + 5x2)
Hebook with 2 pulses per track (9x4)

debook with 3 pulses in the first two tracks and 2 pulses in the other tracks (13x2 + 9x2)
debook with 3 pulses per track (13x4)

Hebook with 4 pulses per track (16x4)

bcedure to encode and decode 1 to 4 pulses.per track is described. In the description there
bframe, with 16 positions per track and pulse spacing of 4 as in the table above. The cod

hed by concatenating the indices of the pulses in the 4 tracks. For example, the 20-bit cod
concatenating the 5-bit indices of the' pulses in the 4 tracks.

ecoding 1 signed pulse pertrack

Sition index is encoded with' 4 bits and the sign index with 1 bit. The position index is given
in the subframe divided by the pulse spacing (integer division). The division remainder giv
or example, a pulse)at position 31 has a position index of 31/4 = 7 and it belong to the trac

e decodedpdlse is positive if the value of the sign index is 0, otherwise the sign of the de
live.

k are

are 4
ebook
bbook

by the
bs the
k with

coded

he_signed pulse is given by

lp=p +sx2M

where p is the position index (m/4), s is the sign index, and M=4 is the number of bits per track.

To decode the ACELP codevector, p and s are extracted from the received index. The pulse position is given
by m=px4+t where t is the track index (0 to 3). The pulse amplitude is given by b=1 if s=0 else b=-1.

7.14.5.2.3 Decoding 2 signed pulses per track

In case of two pulses per track of K=2M potential positions (here M=4), each pulse needs 1 bit for the sign and
M bits for the position, which gives a total of 2M+2 bits. However, some redundancy exists due to the
unimportance of the pulse ordering. For example, placing the first pulse at position p and the second pulse at
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position q is equivalent to placing the first pulse at position q and the second pulse at position p. One bit can
be saved by encoding only one sign and deducing the second sign from the ordering of the positions in the
index. Here the index is given by

=Pt P0><2M + spx2%"
where s is the sign index of the pulse at position index po. If the two signs are equal then the smaller position
is set to py and the larger position is set to p;. On the other hand, of the two signs are not equal then the larger

position is set to py and the smaller position is set to p;.

To decode the ACELP codevector Po- P1- and Sp.are extracted from the recelved |ndex l,. The pulse positions

sectig

be re
the p
pulse

the sgction that contains the two pulses is encoded with 1 bit. Thus’the total number of require

1)+1

Note
them
consi

The index of the 3 signed pulses is given by

wherg
of the

To dg
value
which
pulse
half).
pulse

7.14.%

-1 if 5p=0 else

3M+1 bits. A

e way of indexing the pulses is to divide the track positions in two sections (or halves) and identify a

n that contains at least two pulses. The number of positions in the section is K/2 = 2 M2 = 2

presented with M-1 bits. The two pulses in the section containing at'least two pulses are
ocedure for encoding 2 signed pulses (described above) which requirés 2(M-1)+1 bits and

F M+1 + 1 = 3M+1.

hat if the two pulses belong to the upper half, they n€ed*to be shifted to the range (0-7) be
using 2x3+1 bits. This can be done by masking/the M-1 least significant bits (LSB)
5ting of M-1 ones (which corresponds to the number 7 in this case).

I3p = Igp +k><22M-1+ /1pX22M
I, is the index of the two pulses.in the same section, k is the section index (0 or 1), and /

third pulse in the track.

code the ACELP codeveetor, the received index /3, is used to extract the values of I, /4
5 of my, my, by and _by.afe found using the procedure for decoding 2 pulses in a track wi
is 8 in this case/Note that before computing my and m, the section of the track conta
5 is taken into consideration by incrementing po and p4 by 8 if k=1 (which shifts the position
The third pulse. position and amplitude m, and b, are found by decoding /i, using the pr
per track described above.

.2.5 Decoding 4 signed pulses per track

which can be anywhere in the track (in either section) is encodédywith the M+1 bits. Finally,

, which can
encoded with
he remaining
the index of
d bits is 2(M-

fore encoding
with a mask

p is the index

b, and k. The
th length M/2
ining the two
5 to the upper
bcedure for 1

The

olrna Sotponl Af Lot fe—oM o i A0 Kt Hor o tha ~ocn ~f

d oo 1n d A
oTgct Hulouo o ook oTICTguaT vz arc- Corncoatcya uollly “rTvi ulLo Ottartethe-casSe-o1

3 pulses, the

K positions in the track are divided into 2 sections (two halves) where each section contains K/2=8 positions.
Here we denote the sections as Section A with positions 0 to K/2-1 and Section B with positions K/2 to K-1.
Each section can contain from 0 to 4 pulses. The Table below shows the 5 cases representing the possible
number of pulses in each section:
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Table 147 — Possible number of pulses in track Sections

case Pulses in Section A | Pulses in Section B | Bits needed
0 0 4 4M-3
1 1 3 4M-2
2 2 2 4M-2
3 3 1 4M-2
4 4 0 4M-3

In cases 0 or 4, the 4 pulses in a section of length K/2=2"" can be encoded using 4(M-1)+1=4M-3 bits (this

will be explaimed below).

In cases 1 0
pulses in the

In case 2, thq
sections, 4M-

Now the casg¢ index can be encoded with 2 bits (4 possible cases) assuming ¢ases 0 and 4 are com

Then for cas
cases 0 or 4,
in the section

The index of

|4p =
where K is thd

For cases 0 3

lag_o

where j is a
section (whic

For case 1, |4
IAB_1

where I3, g i
Section A (M

3, the 1 pulse in a section of length K/2=2"" can be encoded with M-1+1 = M bits-and
pther section can be encoded with 3(M-1)+1 = 3M-2 bits. This gives a total of 4M-2-bits.

pulses in a section of length K/2=2"" can be encoded with 2(M-1)+1 = 2M=1-bits. Thus fo
-2 bits are required.

bs 1, 2, or 3, the number of needed bits is 4M-2. This gives a total’of 4M-2 + 2 = 4M bit
one bit is needed for identifying either case, and 4M-3 bits are-needed for encoding the 4 ¢
Adding the 2 bits needed for the general case, this gives a total of 1+4M-3+2= 4M bits.

he 4 signed pulses is given by
g + kx2*2

b case index (2 bits), and |z is the index of the,pulses in both sections for each individual c3
nd 4, I is given by

+ J-X24M-3

4= I4p_section

-bit index identifying the section with 4 pulses and ls, secion i the index of the 4 pulses i
N requires 4M-3 bits).

5 is given by
— 3(M-1)+1
- |3p_B + |1p_A X2 ( )

the indexof the 3 pulses in Section B (3(M-1)+1 bits) and I, a is the index of the pu
-1)+1.bits).

the 3

I both

bined.
5. For
ulses

Se.

h that

Ise in

For case 2, |4

g\iS.given by

lag 2

— 2(M-1)+1
- |2p_B + |2p_A ><2

where I, g is the index of the 2 pulses in Section B (2(M-1)+1 bits) and I, 4 is the index of the two pulses in
Section A (2(M-1)+1 bits).

Finally, for ca

laB_3

se 3, Iag is given by

— M
= l']P,B + I3p7A x2

where |y, g is the index of the pulse in Section B ((M-1)+1 bits) and I3,  is the index of the 3 pulses in Section
A (3(M-1)+1 bits).
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For cases 0 and 4, it was mentioned that the 4 pulses in one section are encoded using 4(M-1)+1 bits. This is
done by further dividing the section into 2 subsections of length Kl4=2"2 (=4 in this case); identifying a
subsection that contains at least 2 pulses; coding the 2 pulses in that subsection using 2(M-2)+1=2M-3 bits;
coding the index of the subsection that contains at least 2 pulses using 1 bit; and coding the remaining 2
pulses, assuming that they can be anywhere in the section, using 2(M-1)+1=2M-1 bits. This gives a total of
(2M-3)+(1)+(2M-1) = 4M-3 bits.

To decode the ACELP codevector, the value of k extracted from the received index l4, is used to determine
the case to which belongs extracted value Iag. Then from the definitions of I x above, the procedures to
decode 1, 2, or 3 pulses in a track are used to find all pulse positions and signs.

7.14.5-2:6—Pitch-sharpening

Once| the pulse positions and signs are decoded, and the excitation codevector c(n) s  fgund, a pitch
sharpening procedure is performed. First c(n) is filtered by a pre-emphasis filter defined.as/follow

L

Foppi(2)=1-0.3 27

The gre-emphasis filter has the role of reducing the excitation energy at low fréquencies. Next| a periodicity
enhamncement is performed by means of an adaptive pre-filter with a transfer function defined as:

1 if n < min(T,64)
F (z2)=1 (1+0.85z77) if T < 64and T < n < min(27,64)
1/(1-0.85z")  if 2T < 64 and 2T << 64

wherg¢ n is the subframe index (n=0,..,63), and where T is a rounded version of the integef part 7, and
fractignal part 7 .. Of the pitch lag and is given by:

T,+1 if T, >2
T = ’
T, otherwise

The gdaptive pre-filter F,(z) colors the spectrum by damping inter-harmonic frequencies, which [are annoying
to thelhuman ear in the case of-vgiced signals.

7.14.5.3 Decoding of the adaptive and innovative codebook gains, gains[]

The feceived 7-bit_indéx per subframe directly provides the adaptive codebook gain g, and the fixed-
codeljook gain eorrection factor 7? The fixed codebook gain is then computed by multiplying the gain
corregtion factorby an estimated fixed codebook gain.

The gstimated fixed-codebook gain g'. is found as follows. First, the average innovation energy is|found by

1 N-1
E:ngﬂ—ZﬁUg
N =

Then the estimated gain G'. in dB is found by
G'.=E-E,

where E is the decoded mean excitation energy per frame. The mean innovative excitation energy in a frame,

E , is encoded with 2 bits per frame (18, 30, 42 or 54 dB) as mean_energy.
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The prediction gain in the linear domain is given by

g; —10°05G — 1 05(E-E)

The quantized fixed-codebook gain is given by

7.14.5.4 Computing the reconstructed excitation

The following
u'(n) =

where c(n) is
excitation sig
then post-pro
at the input o

steps are forn =0, ..., 63. The total excitation is constructed by:
2, v(n)+g.c(n)

the codevector from the fixed-codebook after filtering it through the adaptive.pre-filter F(z
hal u’(n) is used to update the content of the adaptive codebook. The ,€eXxcitation signal u
cessed as described in the next section to obtain the post-processed.excitation signal u(n
the synthesis filter 1/4(z).

7.14.6 Excitation Postprocessing

7.14.6.1 Ge

Before signal

7.14.6.2 G4
In ACELP frd
enhance exc

codebook ve
signals. This

A =0.5(1
with

rV: (Ev_

neral

synthesis, a post-processing of excitation elements.is performed as follows.

in Smoothing for Noise Enhancement

mes a nonlinear gain smoothing technique is applied to the fixed-codebook gain g. in or
tation in noise. Based on the stabilitycand voicing of the speech segment, the gain of the
ttor is smoothed in order to reduce fluctuation in the energy of the excitation in case of stat
mproves the performance in casé.of stationary background noise. The voicing factor is give

_rv)

E)(E, + E,),

where Ev a
respectively

d Ec arexthe energies of the scaled pitch codevector and scaled innovation codey
v givessa-measure of signal periodicity) . Note that since the value of r, is between —1 and

value of A is between 0 and 1. Note that the factor A is related to the amount of unvoicing with a value o
purely voiced ségments and a value of 1 for purely unvoiced segments.

. The
‘(n) is
used

Hder to
fixed-
onary
n by

ector,
1, the
f O for

A stability factor #is computed based on a distance measure between the adjacent LP filters. Here, the factor
@is related to the LSF distance measure. The LSF distance is given by

LSFdist =

> (-4

where f; are the LSFs in the present frame, and /i’ are the LSFs in the past frame. The stability factor ¢ is

given by

0 =1.25-LSF,,, /400000 , constrained by 0 < <1
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The LSF distance measure is smaller in case of stable signals. As the value of 4 is inversely related to the
LSF distance measure, then larger values of 6 correspond to more stable signals. The gain-smoothing factor
S,, is given by

The value of S,, approaches 1 for unvoiced and stable signals, which is the case of stationary background
noise signals. For purely voiced signals or for unstable signals, the value of S, approaches 0. An initial
modified gain g, is computed by comparing the fixed-codebook gain g. to a threshold given by the initial
modified gain from the previous subframe, g . If g. is larger or equal to g, then g, is computed by
decrementing g. by 1.5 dB bounded by g, > g ;. If . is smaller than g ;, then g, is computed by incrementing g.
by 1.% dB constrained by gy < g ;.

Finally, the gain is updated with the value of the smoothed gain as follows

é:sc :SmgO +(1_Sm)§c

7.14.6.3 Pitch Enhancer
A pitgh enhancer scheme modifies the total excitation u’(n) by filtering\the’ fixed-codebook excifation through
an inpovation filter whose frequency response emphasizes the higher frequencies and reduces the energy of
the low frequency portion of the innovative codevector, and whose.Coefficients are related to thg periodicity in
the signal. A filter of the form

s -1
Finno(2) = cpez+1 CpeZ

is usgd where c,.= 0.125(1 + r,), with », being a periodicity factor given by r,= (E, - E.)/(E, + E.)|as described
abovg. The filtered fixed-codebook codevector is@iven by

¢'(n)=c(n)— Cpe(c(n+1)+c(n—1))

and the updated post-processed exgitation is given by

#(n)=g,v(n)+g.c'(n)

The gbove procedure can)be done in one step by updating the excitation as follows
w(n) =g, v+ g . dn) = g,.c,.(c(n+1)+c(n-1))

7.14.7 Synthesis

The LR c\/nfhnele IS nnrfnrmnd h\/ 'FIH‘DI"Ihg the r\ncf nrnr\neend excitation elnnnl u/m\ throu |r1h thell P SyntheS|S

filter I/A(z) The mterpolated LP fllter per subframe is used in the LP syntheS|s f||ter|ng The reconstructed
signal in a subframe is given by

16
s(m)y=u(n)->Y asmn-i), n=0,.63
i=1

The synthesized signal is then de-emphasized by filtering through the filter
1/(1-0.68z™") (inverse of the pre-emphasis filter applied at the encoder input).
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7.14.8 Writing in the output buffer

At the output of the post-processing, the N=coreCoderFrameLengthl/4 synthesized coefficients from ACELP are
written in the output buffer out. In case the previous coding was either FD mode or MDCT-based TCX, the tool
FAC is applied first as described in 7.16. The output buffer is updated as follows:

outlioy+ n) = Sg[n]; V 0 £ n < N=coreCoderFrameLengthl4

i iIndexes the output buffer ouz and is incremented by the number N of written samples

7.15 MDCT

based TCX

7.15.1 Tool

When the co
prediction-do
is used. The
described in
based freque

7.15.2 Term

Ig

noise_factor

noise level
noise(]
global_gain
g

rms

X[l

Z[]

out(]

X_tex_invqua

Description

5 and definitions

ht[win][bin]

re_mode is equal to 1 and when one or more of the three TCX modes is selected)as the
main” coding, i.e. one of the 4 array entries of mod][] is greater than 0, the MDCTDbased TC
MDCT based TCX receives the quantized spectral coefficients from the\arithmetic de
7.4. First, any nulls or notches in the quantized coefficients are filled by @ comfort noise
ncy-domain noise shaping is then applied to the resulting spectral coefficients and an i
MDCT transfprmation is performed to obtain the time-domain synthesis signal.

Number of quantized spectral coefficients output by the arithmetic decod
Noise level quantization index

Level of noise injected in reconstructed spectrum

Vector of generated noise

Re-scaling gain quantization index

Re-scaling gain

Root mean square of the decoded spectrum, rr]].

output of the IMDCT

decoded windowed signal in time domain

synthesized time domain signal

TCX spectral coefficient for window win, and coefficient bin after noiseleg
decoding of the spectral data. See also 7.1

linear
X tool
coder
LPC
verse

S

]

7.15.3 Decoding Process

reconstructed spectral coefficients vector including synthetic comfort noise

The MDCT-based TCX requests from the arithmetic decoder a number of quantized spectral coefficients, Ig,
which is determined by the mod[] value. This value also defines the window length and shape which will be
applied in the inverse MDCT. The window is composed of three parts, a left side overlap of L samples, a
middle part of ones of M samples and a right overlap part of R samples. To obtain an MDCT window of length
2*lg, ZL zeros are added on the left and ZR zeros on the right side. In case of a transition from or to a
SHORT_WINDOW the corresponding overlap region L or R needs to be reduced to coreCoderFramelLengthl/8 in
order to adapt to the shorter window slope of the SHORT_WINDOW. Consequently the region M and the
corresponding zero region ZL or ZR need to be expanded by coreCoderFrameLengthi16 samples each.

202
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The

The

comfgrt noise. The level of the injected noise is determined by thé.decoded noise_factor as follow

The

vectof, r[], in a way that the runs of 8 consecutive zeros in x_tcx_invquant[] are replaced
comppnents. A run of 8 non-zeros are detected, according to the following pseudo code:

for (
rl

}

for (

int k, maxK = min(lg, i#8)\;

f1l

fo

if

}

}
}

One

ISO/IEC 23003-3:2012(E)

Table 148 — Number of Spectral Coefficients as a Function of mod[]
and coreCoderFrameLength (ccfl)

value Number Ig
of of spectral ZL L M R ZR
mod[x] | coefficients
1 ccfl/4 0 ccfl/4 0 ccfl/4 0
2 ccfl/2 ccfl/8 | ccfl/4 | ccfl/4d | ccfl/4 | ccfl/8
3 ccfl 3*ccfl/8 | ccfl/4 | 6*ccfl/8 | ccfl/4 | 3*ccfl/8
NIDCT window is given by
0 for 0<n<ZL
Won rger(n—ZL) for ZL<n<ZL+L
W(n) = 1 for ZL+L<n<ZL+LTM
WSINfRIGHT,R(n_ZL_L_M) for ZL+L+M <n<ZL+L+M+R
0 for ZL+L+M £R<n<2lg

duantized spectral coefficients, x_tcx_invquant[], delivered by.thé arithmetic decoder are cg

noise_level = 0.0625*(8-noise_factor)

_tex_invquant[] and the comfort noise are comibined to form the reconstructed spectra

1=0; i<lg/6; i++) {

il = 1;

1=1g/6; i<lg; i += 8) {
gat tmp = 0.f;

f(k=1; k<maxK; k+r)¥

gmp += x_tcx invguant (k] * x tcex invquant [k] ;

tmp != 0S5
for (k=ij K<maxK; k++) {

rl [KI—= 1;
glee/
fortk=r%k=maxK—k+F+F) {
rl[k] = 0;

}

obtains the reconstructed spectrum as follows:

(i {randomSign()-noise_level, if 7l[i]=0
rli]=

X_tex invquant(i], otherwise

A spectrum de-shaping is applied to the reconstructed spectrum according to the following steps:
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1. calculate the energy E,, of the 8-dimensional block at index m for each 8-dimensional block of the first
quarter of the spectrum

2. compute the ratio R,,=sqrt(E,/E,), where I is the block index with the maximum value of all E,,

3. if Ry<0.1, then set R,,=0.1

4. if Rp<R.1, then set R,=R.1

Each 8-dimensional block belonging to the first quarter of spectrum are then multiplying by the factor R,

Prior to applying the inverse MDCT, the two quantized LPC filters corresponding to both extremities of the
MDCT block (i.e. the left and right folding points) are retrieved, their weighted versions are computed, and the
corresponding decimated (64 points, regardless of the transform length) spectrums are computed. These
weighted LP i i ici
modulation i

applied to the LPC coefficients before computing the ODFT so that the ODFT frequenc

are perfectly pligned with the MDCT frequency bins. For example, the weighted LPC synthesis spectrurn of a
given LPC filfer A(z) is computed as follows
2M -1 _2mk
X, [k14 D x[nle 2
n=0
with
x[n]= 12/[71]@71%11 ,if 0<n<Ipc order+1
t

0 ,if Ipc_order +1<n<2M
where wWin],ln =0...Ipc _order +1, are the coefficients of the. weighted LPC filter given by:

W(z)= A(z/y,)<Cwith y, = 0.92
The gains g[K] can be calculated from the spectralrepresentation Xy[k] of the LPC coefficients according |to:

1

R S AT T

V kef0,..M-1}

where M=corgCoderFrameLength/16 is the number of bands in which the calculated gains are applied.
Let g1[k] and g2[k], k=0.,.M-1, be the decimated LPC spectrums corresponding respectively to the left and
right folding [points computed as explained above. The inverse FDNS operation consists in filtering the
reconstructed spectrum x[i] using the recursive filter:

rrfi] o afi} e} +b[i] 1rfi-1], i=0...1g-1,

where a[i] and b[i] are derived from the left and right gains g1[k], g2[k] using the formulas:
a[i] = 2-gl[k]-g2[k] / (g1 [k]+g2[k]),
bi] = (g2[k]-gl[k]) / (g1 [k]+g2[k]).

In the above, the variable k is equal to i/(Ig/M) to take into consideration the fact that the LPC spectrums are
decimated.

The reconstructed spectrum rr[] is fed into an inverse MDCT. The non-windowed output signal, x[], is re-
scaled by the gain, g, obtained by an inverse quantization of the decoded global_gain index:
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1 Oglobal _gain/28

g:

——rms

iz

Where rms is calculated as:

The synthesized time-domain signal is then rescaled and windowed as follows:

zln]=x[n]-Wn]-g;VO<n< N

N cortesponds to the MDCT window size, i.e. N=2lg.
Wher the previous coding mode was either FD mode or MDCT based TCX;-a conventional overlgp and add is
appligd between the current decoded windowed signal z;, and the previous decoded windowed signal z;, ,
wherg the index i counts the number of already decoded MDCT windews. The final time domain|synthesis out
is obthined by the following formulas.
In cage z..;,, comes from FD mode:
N L
zZ 5y, V0Sn<—7r——
i—l,——+n 2
2
) N [+ L N L
outli),, +nl=3z y.n, +z 5, ;V—r—-——<n<——+—
i, 1 —+n i—l,T*Jr 4 2 2
N | @ N I N R
Z NN I ,v —_ < = 4
Lyt 4 2 4 2 2
N [ i the size of the window sequence coming from FD mode. i,, indexes the output buffer out and is

N R ,
+— —— of written samples.
2 2

incremented by the number ——

In cage z;.;,, comgs from MDCT based TCX:
(Z.NL +Z. N L ,VOSI’Z<L
[ i =1 2 2"
out|i,, +n]= N
ou _+_L _R
]Z N VL<n
i,j—f-%—n 2

N, is the size of the previous MDCT window. i,, indexes the output buffer our and is incremented by the
number (N+L-R)/2 of written samples.

When the previous coding mode was ACELP, the FAC tool is applied as described in 7.16.

The reconstructed synthesis out/i,,+n] is then filtered through the pre-emphasis filter (1—0.682’1). The

resulting pre-emphasized signal is filtered by the analysis filter ;1(2) in order to obtain the excitation signal.
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The calculated excitation updates the ACELP adaptive codebook and allows switching from TCX to ACELP in
a subsequent frame. The signal is reconstructed by de-emphasizing the pre-emphasized signal by applying
the filter 1/(1-0.68z7") . Note that the analysis filter coefficients used are those that correspond to the end of

the given TCX frame.

Note also that the length of the TCX synthesis is given by the TCX frame length (without the overlap):
coreCoderFrameLengthl4, coreCoderFrameLengthl2 or coreCoderFrameLength samples for the mod[] of 1,2 or 3

respectively.

7.16 Forward Aliasing Cancellation (FAC) tool

7.16.1 Tool liescription

The following
between ACH

is to cancel t
preceding or
mode) as we

Figure 30 re
synthesis sig
the example
other cases (

followed by 4
is used to ind

TC frame wh

describes forward-aliasing cancellation (FAC) operations which are performed during trans
ELP and transform coded frames (TC) in order to get the final synthesis signal. The goal o
e time-domain aliasing and windowing introduced by TC and which cannot be_tancelled
following ACELP frame. Here the notion of TC includes MDCT over long andyshort blocks
| as MDCT-based TCX (in LPD mode).

presents the different intermediate signals which are computed<in order to obtain the
nal for the TC frame, which is positioned between the markers ERPC1 and LPC2 in the figu
shown, the TC frame is assumed to be both preceded and followed by an ACELP frame.
for example, an ACELP frame followed by more than one T.C'frame, or more than one TC
h ACELP frame) only the required signals are computed. In Figure 30, the term “FAC synt
icate the decoded FAC signal, which is added at the-boundary (beginning or end) of a de

bn it is adjacent to an ACELP frame.
LPC1 LPC2
: 1AWz IR :
/Ff;ﬂez) FAC synthesis
—_— a
L1 L |/ L1 @
N i
éa ACELP synthesis < TCI'meoutput b
11 1 I~ ] 1 1 (b)
+ Windowed and fold dl Wi AR R
e; + ACELHI:':mh lde ngl ACELP contiibution (C)
I IL/ | 1 I
. E Synthesisin the ongnal domain E (d)
N N S N [ A [ B B B

itions
f FAC
by the
in FD

final
re. In
In the
frame
hesis”
coded

7.16.2 Terms and definitions

fac_gain

an(i]
FACIi]

fac_length

206

7 bit gain index

codebook number in the AVQ tool
FAC data

length of the FAC transform (coreCoderFramelLength/16 for transitions fr

om

and to EIGHT_SHORT_SEQUENCES, coreCoderFramelLength/8 otherwise)
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kvl[i][0][8]

ISO/IEC 23003-3:2012(E)

indicates the use of explicit gain information

The AVQ refinement voronoi extension indices

7.16.3 Decoding Process

1.

Decode AVQ parameters
The FAC information is encoded in the transform (DCT) domain in 8-dimensional blocks using the
algebraic vector quantization (AVQ) tool of 7.12. In the following, this encoded FAC information is

pd

fi

'O

n

A

q

The AVQ refinement code book indices corresponding to each kv[i][0]

referred to as the “FAC spectral data”.
For i=0...FAC transform length:
o A codebook number gnli] is encoded using a modified unary code
o The corresponding FAC data FAC]i] is encoded with 4*gn[i] bits
After decoding the AVQ parameters of the FAC spectral data, a vector/FAC[i] (F
i=0,....fac_length is therefore extracted from the bitstream
pply a gain factor g to the FAC data
For transitions with MDCT-based TCX (so, in the case of ACELP to TCX or TC
transitions), the gain of the corresponding tcx_coding element is used
For other transitions (so, in the case of ACELP to FD mode TC frames and from FD mo
to ACELP), a gain information fac_gain has been retrieved from the bitstream (encoded
scalar quantizer). The gain g is calculated as g=107°-%*"?81ging that gain information.
the case of transitions between MDCT based TCX and ACGELP, a spectrum de-shaping is
st quarter of the FAC spectral data. The de-shaping gains are those computed for the ¢
DCT based TCX as explained in 7.15.3 so that the{quantization noise of FAC and MDC
bve the same shape.
ompute the inverse DCT-IV to the gain-scaled FAC data to obtain the equivalent time-domd
The FAC transform length, fac_length, is by default equal to coreCoderFrameLength/8
For transitions with short blocks, this length-is reduced to coreCoderFrameLength/16

the case of transition to and from MDCT-based TCX, apply the weighted synthesis filter 1
e decoded FAC signal, termed “FAC-synthesis” in Figure 30. The resulting signal is repres
) in Figure 30
The weighted synthesis filtervis based on the LPC filter which corresponds to the
(in Figure 30 it is identified* as LPC1 for transitions from ACELP to the TC frame 3§
transitions from the TC frame to ACELP; for transitions from TC frames in FD mode {q
weighted synthesis filter is based on the transmitted LPCO)
The same LPC weighting factor is used as for ACELP operations:

W(N=2A(z/ 7)) , where 7;=0.92

In this(filtering operation, the initial memory of the weighted synthesis filter I/W(z) is se|

As._shewn on line (c) of Figure 30, for transitions from ACELP to a TC frame, the window
response (ZIR) of the weighted synthesis filter (taking fac_length samples) is added to

FAC signal, the ZIR acting as a signal prediction for the beginning of the TC frame.

AC data) for

X to ACELP

He TC frames
using a 7-bits

applied to the
orresponding
T-based TCX

in samples.

W(z) to get
ented on line

folding point
nd LPC2 for
ACELP, the

tto O

ed zero-input
the decoded

Furthermore, in the case of transitions from ACELP to a TC frame, compute the windowed

past ACELP

synthesis (taking fac_length samples), fold it and add to it the windowed ZIR signal (also as shown on line
(c) of Figure 30). The ZIR response is computed using the LPC filter at LPC1 of Figure 30. The window
applied to the fac_length past ACELP synthesis samples is:

sine[n+fac_length]*sine[fac_length-1-n], = -fac_length ... -1,

and the window applied to the ZIR is:

w

2
1-sine[n + fac_length] , n=0... fac_length-1,
here sine[n] is a quarter of a sine cycle:

sine[n] = sin((n+0.5)*r/(4*fac_length)), n=0... 2*fac_length-1.
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The resulting signal is represented on line (c) in Figure 30 and denoted as the ACELP contribution (this
ACELP contribution being formed of the sum of the windowed ZIR and the folded ACELP synthesis from
the end of the previous frame).

Add the following three components

FAC synthesis (line (a) in Figure 30)

the TC frame (line (b) in Figure 30)

in the case of transitions from ACELP : the ACELP contribution (line (c) in Figure 30)
in order to obtain the synthesis signal (which is represented as line (d) in Figure 30)

7.16.4 Writing in the output buffer

The output synthesis buffer is updated differently according to the type of transitions. In case of trangitions
from FD modg to ACELP, the output buffer out is updated as follows:
N |
z y, sV0<n<—=— fac _length
i—1, 2* +n
out[i,, +nlE
N [ N | N
FAC[ fac _length———+nl+z , , ;VT——fac_length <n<—=
i—-1,——+n
2
N_[is the sizg of the previous window sequence. i,,, indexes the output)buffer out and is incremented by the
number N_I/4 of written samples.
In case of trapsitions from ACELP to FD mode, the output buffér out is updated as follows:
. N

outli,, +n]Fz y , +FAC[n]+ ACELP[n];V0 << —=

i,——+n

4
N, is the sige of the previous MDCT windows i,,, indexes the output buffer out and is incremented by the
number N_I/4 of written samples.
In case of trapsitions from MDCT-based T'CX to ACELP, the output buffer out is updated as follows:
outli,, + n]E FAC[n]+z 4 ; VO<n< fac length
i—leZ fac  length+n -

Ny, is the size of the ptevious MDCT window. i,, indexes the output buffer out and is incremented by the
number fac lgngth of written samples.
In case of trapsitions from ACELP to MDCT-based TCX, the output buffer out is updated as follows:

out[i , +nj

out

i, indexes th

N-R
2

=z y +FAC[n]+ ACELP[n];V0<n<
1,I+n

e output buffer our and is incremented by the number (N-R)/2 of written samples.

7.17 Post-processing of the synthesis signal

The described bass post filtering is applied to the synthesis signal after overlap-and-add and FAC operations
over all ACELP frames as well as for the duration of a FAC transform window in the places where this is
applied.
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After LP synthesis, the reconstructed signal can be post-processed using low-frequency pitch enhancement.
The received bass-post filter control information controls whether bass-post filtering which results in a pitch
enhancement in the low frequency range is enabled or not. For speech signals, the post processing filter
reduces inter-harmonic noise in the decoded signal, which leads to an improved quality. However, for music
signals, which are commonly of multi-pitch nature, the post filtering may suppress signal components that
reside below the dominating pitch frequency or between its harmonics. For the post filtering a two-band
decomposition is used and adaptive filtering is applied only to the lower band. This results in a total post-
processing that is mostly targeted at frequencies near the first harmonics of the synthesized signal.

The signal is processed in two branches. In the higher branch the decoded signal is filtered by a high-pass
filter to produce the higher band signal sy. In the lower branch, the decoded signal is first processed through

an a

signa
and t
decod

andd

wherd
S(n),
the pi
5/(2T]

the aftenuation between the harmonics produced by the filter decreases.

To cq
produ
synth

An al
filterir]

r

wherg

o

ptive pitch enhancer, and then filtered through a low-pass filter to obtain the lower band p
S.er. The post-processed decoded signal is obtained by adding the lower band post-pro

ed signal, which is achieved here by a time-varying linear filter with a transfer function
a a _
H.(z)=(l-a)+—z" +=z"
2 2
escribed by the following equation:
A a . (22N
s (n)=1-a)s(n)+ Es(n -7+ Es(n +7)

«a is a coefficient that controls the inter-harmonic attenuation, T is the pitch period of th
nd s;x(n) is the output signal of the pitch enhancer Parameters T and « vary with time and
[ch tracking module. With a value of « = 0.5, the gain of the filter is exactly 0 at frequencies
, etc.; i.e. at the mid-point between the harmonic frequencies 1/T, 2/T, 3/T, etc. When « &

nfine the post-processing to the low_frequency region, the enhanced signal s, is low p
ce the signal s which is added:to the high-pass filtered signal sy to obtain the pqg
bsis signal se.

ernative procedure equivalent to that described above is used which eliminates the need
g. This is achieved by representing the post-processed signal sg(n) in the z-domain as

b (2) =8(2)—@S(2) P, (2)H ,(2)
P, 1(2) is the transfer function of the long-term predictor filter given by

P (2)=1-0.5z" -0.5z7"

st-processed
cessed signal

ne higher band signal. The object of the pitch enhancer is to reduce the inter-harmonid noise in the

b input signal
are given by

1/27),3/(27),

pproaches 0,

hss filtered to
st-processed

of high-pass

naofar fiinat: £l |
T LILA%L U LY

and |

(=) o tha teo =Y A Sr filiaor
LP\L} 1o 1S Udariorc UuritvuuimT v NS TUW PYAo o et .

Thus, the post-processing is equivalent to subtracting the scaled low-pass filtered long-term error signal from
the synthesis signal $(n).

The value T is given by the received closed-loop pitch lag in each subframe (the fractional pitch lag rounded to
the nearest integer). A simple tracking for checking pitch doubling is performed. If the normalized pitch
correlation at delay T/2 is larger than 0.95 then the value T/2 is used as the new pitch lag for post-processing.

The factor « is given by

o =0.5g - constrainedto 0 <a <0.5
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where 8op
follows using

8pr =

the decoded pitch lag 7p:

63

Z(x "X Tp)

i=0

63
2
zxi—Tp
i=0

is a gain which is updated at every sub-frame and is computed from the synthesis signal x as

Note that in TCX mode and during frequency domain coding the value of o |s set to zero. Durlng transitions

between TCX-a 2 : -
N Iag (Tp) from the ACELP frame For transmons between FD mode to and from ACELP the

decoded pitc
area (either
coreCoderFrg
ACELP fram

coreCoderFramelLength=768, the FAC area is not an integer multiple of the subframe: It is equal

samples (0.7
(1.5 subfram
postfiltered in
one entire sy
subframes ar

A linear phas
filter delay is

coreCoderFramelLength/16 for transitions from and to EIGHT _SHORT_ SEQUENCE
meLength/8 for all other cases) is postfiltered using the nearest decoded pitch lag‘(Zp) fro
. The bass post-filter operates on an ACELP subframe grid (blocks of 64 samples).

b subframes) for transitions from and to EIGHT_SHORT_SEQUENCEs and equal to 96 sa
bs) otherwise. In these cases, subframes that are only partly included ih the FAC areg
their entirety using the same filtering parameters. Therefore, when coreCoderFramelLengt
bframe is postfiltered for transitions from and to EIGHT_SHORT_<EQUENCEs and two
b postfiltered in all other cases.

12 samples).

e FIR low-pass filter with 25 coefficients is used, with a cut:6ff frequency at 5Fs/256 kHE

FAC
s, or
m the
When
to 48
mples
a are
=768,
entire

(the
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Annex A
(normative)

Tables

A.1 Tables for frequency domain coding

Table A.1 — Frequency domain coding table references

Table Please see

Scalefactor Huffman Codebook ISO/IEC 14496-3:2009, 4.A.1) Table 4.A.1

Differential scalefactor to index tables ISO/IEC 14496-3:2009,\ 4A.3, Table 4.A17
and Table 4.A.18

A.2 [SBR tables

Pleasge refer to ISO/IEC 14496-3:2009, 4.A.6, Table 4.A.78 ta Table 4.A.89 and Table 4.A.91.

A.3 MPEG Surround IPD Tables

Table A:2 = hcodFirstBand_IPD

Index length codeword Index length codeword
(hexadecimal) (hexadecimal)

0 1 0x00 4 5 Ox1d

1 3 0x06 5 6 Ox3f

2 5 Ox1c 6 5 Ox1e

3 6 0x3e 7 2 0x02

Table A.3 — hcod1D_IPD_YY

Index DF DT
length codeword length codeword

V) 1 Ox6660 4 Ox66060
1 3 0x0006 2 0x0002
2 5 0x001e 4 0x000e
3 6 0x003a 6 0x003e
4 6 0x003b 7 0x007e
5 5 0x001c 7 0x007f
6 5 0x001f 5 0x001e
7 2 0x0002 3 0x0006
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Table A.4 — hcod2D_IPD_YY_ZZ LL_escape

LL DF/FP DF/TP DT/FP DT/TP
length codeword | length codeword | length codeword | length codeword

01 3 0x00007 3 0x00007 3 0x00007 3 0x00007

03 8 0x000ff 8 0x000ff 8 0x000bf 8 0x000bf

05 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff

07 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

Table A.5 —hcod2D_IPD_YY_ZZ 01
Idx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codepword
0 0 1 0x0 1 0x0 1 0x0 1 0x0
0 1 3 0x7 3 0x7 3 0x7 3 0x7
1 0 3 0x6 3 0x6 3 0x6 3 0x6
1 1 2 0x2 2 0x2 2 0x2 2 0x2
Table A.6 — hcod2D_IPD_YY_ZZ 03
Idx0 | Idx1 | DF/FP DF/TP DT/FR. DT/TP
length codeword | length codeword | length codeword | length codeword

0 0 1 0x000 1 0x000 q 0x000 1 0x00p
0 1 8 OxOff 8 OxOff 8 0xObf 8 0xObf
0 2 8 0xOff 8 OxOff 8 0x0bf 8 0xObf
0 3 8 0xOff 8 OxOff 8 0x0bf 8 0xObf
1 0 8 OxOff 8 OxOff 5 0x016 5 0x01p
1 1 3 0x006 3 0x006 3 0x006 3 0x00p
1 2 8 OxOff 8 OxOff 8 0x0bf 8 0xObf
1 3 8 0x0fe 8 Ox0fe 7 0x05e 7 0x05e
2 0 7 0x07c 7 0x07c 6 0x02e 6 0x02e
2 1 7 0x07e 1 0x07e 4 0x00e 4 0x00p
2 2 4 0x00e 4 0x00e 4 0x00a 4 0x00p
2 3 2 0x002 2 0x002 4 0x00f 4 0x00f
3 0 7 0x07d 7 0x07d 8 0xObe 8 0xObg
3 1 8 OxOff 8 OxOff 8 0x0bf 8 0xObf
3 2 8 OxOff 8 OxOff 8 0x0bf 8 OxObf
3 3 5 0x01e 5 0x01e 3 0x004 3 0x00¢
212 © ISO/IEC 2012 — All rights reserved



https://iecnorm.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

Table A.7 — hcod2D_IPD_YY_ZZ_05

ISO/IEC 23003-3:2012(E)

ldx0 | ldx1 | DF/FP DF/TP DT/FP DT/TP

length | codeword | length codeword | length codeword | length codeword
0 0 1 0x00000 1 0x00000 1 0x00000 1 0x00000
0 1 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 4 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 5 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 0 7 0x0006e 7 0x0006e 5 0x00016 5 0x00016
1 1 5 0x0001e 5 0x0001e 7 0x0005e 4 0x0005e
1 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 4 9 0x001bf 9 0x001bf 11 0x005ff 1 0x005ff
1 5 6 0x0002a 6 0x0002a 11 0x005fe 11 0x005fe
2 0 7 0x0007e 7 0x0007e 10 0x002fc 10 0x002fc
2 1 8 0x000fe 8 0x000fe 8 0x000ba 8 0x000ba
2 2 6 0x00036 6 0x00036 4 0xP000e 4 0x0000e
2 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
2 4 5 0x00018 5 0x00018 6 0x0003e 6 0x0003e
2 5 5 0x00014 5 0x00014 7 0x0007e 7 0x0007e
3 0 6 0x0002b 6 0x0002b 10 0x002fd 10 0x002fd
3 1 6 0x0002e 6 0x0002e 10 0x002fe 10 0x002fe
3 2 5 0x0001a 5 0x0001a 7 0x0005c 7 0x0005¢c
3 3 5 0x00019 5 0x00019 3 0x00006 3 0x00006
3 4 6 0x0003e 6 0x0003¢e 4 0x0000a 4 0x0000a
3 5 9 0x001be 9 0x001be 9 0x0017¢c 9 0x0017¢c
4 0 8 0x000ff 8 0xQ0O0ff 9 0x0017d 9 0x0017d
4 1 4 0x0000e 4 0x0000e 7 0x0007f 7 0x0007f
4 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
4 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
4 4 5 0x00016 5 0x00016 8 0x000bb 8 0x000bb
4 5 6 0x0002f 6 0x0002f 5 0x0001e 5 0x0001e
5 0 8 0x000de 8 0x000de 11 0x005ff 11 0x005ff
5 1 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
5 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
5 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
5 4 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
5 5 3 0x00004 3 0x00004 3 0x00004 3 0x00004
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Table A.8 — hcod2D_IPD_YY_ZZ_07

Idx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codeword

0 0 2 0x00000 2 0x00000 1 0x00000 1 0x00000
0 1 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 7 11 0x0057f 11 0x0057f 13 0Ox01fbf 13 Ox01fbf
1 0 5 0x0000c 5 0x0000c 6 0x0003e 6 0x00P3e
1 1 5 0x0001c 5 0x0001c 6 0x00030 6 0x00p30
1 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 5 11 0x0057f 11 0x0057f 13 0x01fbf a3 0x01fbf
1 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 7 6 0x0001e 6 0x0001e 6 0x00032 6 0x00Pp32
2 0 8 0x0007e 8 0x0007e 9 0x0019a 9 0x00[19a
2 1 8 0x000ae 8 0x000ae 9 0x001c 9 0x00[1fc
2 2 7 0x00056 7 0x00056 9 0x001fe 9 0x00[tfe
2 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 6 8 0x000ee 8 0x000ee 9 0x001f8 9 0x00[18
2 7 9 0x0017e 9 0x0017e 9 0x001fa 9 0x00f[1fa
3 0 10 0x002be 10 0x002be 13 0x01fbe 13 0x01fbe
3 1 8 0x000ef 8 0x000ef 11 0x0067e 11 0x00pB7e
3 2 6 0x0001a 6 0x000%a 9 0x0019b 9 0x00[19b
3 3 5 0x0001e 5 0x0001e 6 0x00036 6 0x00Pp36
3 4 11 0x0057f 11 0X0057f 13 0x01fbf 13 0x01fbf
3 5 5 0x0001f 5 0x0001f 7 0x00062 7 0x00p62
3 6 6 0x0001b 6 0x0001b 10 0x0033c 10 0x00B3c
3 7 8 0x000ba 8 0x000ba 11 0x007fe 11 0x00[7fe
4 0 9 0x0015e 9 0x0015e 12 0x00fde 12 0x00fde
4 1 7 0x0003e 7 0x0003e 11 0x0067f 11 0x00p7f
4 2 5 0x00014 5 0x00014 9 0x001f9 9 0x00[1f9
4 3 3 0x00002 3 0x00002 5 0x0001a 5 0x00p1a
4 4 3 0x00006 3 0x00006 2 0x00002 2 0x00p02
4 5 5 0x00016 5 0x00016 7 0x00063 7 0x00Pp63
4 6 7 0x0005e 7 0x0005e 11 0x007ff 11 0x00[7ff
4 7 8 0x000be 8 0x000be 11 0x007ee 1M 0x00fee
5 0 11 0x0057e 11 0x0057e 10 0x0033d 10 0x00B3d
5 1 8 0x000ec 8 0x000ec 10 0x0033e 10 0x00B3e
5 2 6 0x00023 6 0x0002a 8 0x000cc 8 0x000cc
5 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
5 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
5 5 7 0x0005¢c 7 0x0005¢ 8 0x000de 8 0x000de
5 6 8 0x000bb 8 0x000bb 10 0x003fe 10 0x003fe
5 7 8 0x0007f 8 0x0007f 10 0x003f6 10 0x003f6
6 0 9 0x0017f 9 0x0017f 8 0x000df 8 0x000df
6 1 8 0x000ed 8 0x000ed 9 0x001fd 9 0x001fd
6 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 6 6 0x0001c 6 0x0001c 8 0x000ce 8 0x000ce
6 7 6 0x0001d 6 0x0001d 7 0x0006e 7 0x0006e
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[dx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length codeword | length codeword | length codeword | length codeword
7 0 6 0x0003a 6 0x0003a 5 0x0001e 5 0x0001e
7 1 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
7 7 3 0x00004 3 0x00004 4 0x0000e 4 0x0000e
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Annex B
(informative)

Encoder Tools

B.1 Encoder Block Diagram

The block diggram of the USAC encoder reflects the structure of MPEG-D USAC as shown in Figure By1}
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Figure B.1 — Block diagram of the USAC encoder
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B.2 General Remarks

Most of the AAC related encoder tools are described in Annex 4.B of ISO/IEC 14496-3:2009. The description
of the ACELP encoder can be found in 3GPP TS 26.090 [7], 3GPP TS 26.190 [6] and 3GPP TS 26.290 [10].

The FDNS filtering process is described in the normative part of the document and can be applied similarly in
the encoder in order to arrive at an estimate for coding quality which can be achieved when choosing this
mode. The coding of the necessary LPC filter parameters is described in B.16.

The signal classifier tool analyses the original input signal and generates from it control information which
triggers the selection of the different coding modes. The analysis of the input signal is implementation
dependent a Fy 66 e e SF—aeHver— ; me—The ut of
the signal classifier can (optionally) also be used to influence the behaviour of other tools, for example| MPEG
Surround, enhanced SBR, time-warped filterbank and others.

The input to the Signal Classifier tool is:

— the original unmodified input signal

— additiongl implementation dependent parameters
The output ofithe Signal Classifier tool is:

— a control signal to control the selection of the core codec (non-LP-filtered frequency domain coding, LP
filtered frequency domain or LP filtered time domain coding)

B.3 Signaling of independently decodable frames

Various toolq in the USAC specification may exploitxinter-frame correlation to increase coding efficjency.
Though this flecreases bit demand for the individual-frames, it comes at the cost of introducing inter{rame
dependencie$. This means that a given frame can-be decoded only with the knowledge of the previous filame.

In certain usg case scenarios inter-frame dépendency can lead to problems. In particular in cases yhere
individual frames are transmitted over an error prone channel a frame loss may occur. Due to the depengency
on a previougly transmitted frame, frames which follow a lost frame are being rendered useless becausg they
cannot be prgperly or fully decoded.

In another scgnario it may be important for an application to start decoding in the middle of a stream. Thi|s can
be the case|in broadcasting.where a continuously transmitted stream is received and shall be degoded
starting with @ randomly recgived first frame. Similarly a USAC audio player may want to be able to seekf|into a
stored file andl play it starting from a specifically chosen point.

For the reasons listed above it is important that USAC audio streams contain frames that can be de¢oded
entirely indegendent of any previous frame (so called "I-frames"). The usacindependencyFlag was introfuced
to indicate frames-which-have-thisparticularcharacteristic—Frames-which-havethe-usaslndependeneyklag set

to TRUE (==1) are independent from previous frames. These I-frames then serve as safe starting points for
decoding, also after a frame loss.

It is strongly recommended for encoders which produce bit streams complying with this specification that
I-frames are inserted into the bit stream on a regular basis. Conceivably in a typical broadcast scenario
I-frames could be present in a stream or file at least once per 500ms or once per 1000ms.
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B.4 Signal Classifier for FD vs LPD Mode Decision

B.4.1 General

The signal classifier algorithm makes a coding mode decision for each frame of 1024 original input samples.
First a set of parametric features is extracted from the input signal and then the coding mode decision is made.

B.4.2 Parameter extraction

A sampling frequency of 48kHz is assumed. For each frame four parameters are calculated as follows:

— t||1e distribution of tonal components in the frequency domain;
— the running average of the numbers of tonal components;
— tihe mean square deviation of the spectral tilt;

— flll band (24kHz) energy.

B.4.2|1 Tonal feature analysis

The gower density spectrum is calculated by a 1024-point FFT, and’ tonal components are derjved from the
FFT |spectrum. For details on finding tonal components, please refer to ISO/IEC 11172-3:1993, D.1
(Psydhoacoustic model 1), Step 1 and Step 4.

In thel step of finding tonal components, the full frequency<and is divided into four regions:

fryo| OkHz < f <=3kHz
i | 3kHz < f <= 6kHz
fry | 6kHz < f <=12kHz
Sy | 12kHz < f <=24kHz

For the i-th frame, the number of tonal components in the j-th frequency region is| denoted by
num_tonal_fr(i,j)(ij,l,Zﬁ) . For example, if num_tonal_fr(i,O)=9 , there Jare 9 tonal
comppnents in the frequency region (0kHz,3kHz] ; if num_tonal_fr(i,Z):Z , there|are 2 tonal
comppnents in the frequency region (6kHz,12kHz] .

The distribution~of tonal components in the frequency domain is defined as the ratio of the tonal components
betwgen thej:th frequency region and the full band:

Ti‘ 2 [ AY
Lnum_lonal _Jrin, j)
n=i—N;-1

ratio_tonal_f”(isj): ; 3
{z num _tonal _ fr(n, j)

i
J=0

2

n=i—N;-1

The running average of the numbers of tonal components is the average of the full band tonal components
over the latest NV, frames:
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i {i num _tonal _ fr(n, j)}

n=i-N,-1| j=0

num_tonal(i)= N
1

B.4.2.2 Spectral tilt feature analysis
For the i-th frame, the spectral tilt is computed by:

N,-1

NC 200
: o \Il//
n=0

spec _tilt(i)=

where S(n) i$ the input signal and N, is the frame length.

The running gverage of the spectral tilt is the average of the spectral tilt over the latest N, frames:

i

z spec _tilt(n)

n=i—-N;-1

N,

spec _tilt(i)|=
The mean sqpare deviation of the spectral tilt is computed by:

Zi: [spec _tilt(n)- W(n)]z

n=i—N;3-1

msd spec | tilt =
_spec | N,

B.4.2.3 Full band energy

For the i-th frame, the full band (24kHz) energy is computed by:

ener(i)=10 logl{Lszlsz(n)}

N2 n=0

where S(n) i$ the\input signal and NV, is the frame length.

B.4.3 Coding mode decision

The coding mode of the i-th frame is denoted by coding_mode(i), and is set to FD_mode before the
decision is made. The mode decision is based on the following steps:

Step 1:

it num_tonal _fr(i,0)>=T and num _tonal _fr(i,2)<=T, ana ener(i)<=E,, then
coa’ing_mode(i ) = LPD mode
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if num_tonal _fr(i,0)>=T ana num tonal fr(i,2)<=T, ana ener(i)>E,, then

coding mode(i ) =coding _ mode(i — 1)

Step 2:

if msd _spec _ tilt(i) >=§, and ener(i) <=FE,, then coding_mode(i) = LPD mode

ISO/IEC 23003-3:2012(E)

if msd _spec _ tilt(i) >=S, and ener(i) >E,, then coding _ mode(i) = coding _ mode(i — 1)

if msd spec_tilt(i) <S,, then coding _ mode(i) =FD mode

Step B:

Step B is a smoothing stage. For the i-th frame and the previous (N4 —1) frames, a Cqunter ¢

count|the number of the frames which have been decided as FFD _mode .

if ¢j<=N,/2 and coding_mode(i ) =FD mode , then coding_mode(i ) = LPD mode

Step #:

if npm tonal(i) >T,, then coding_mode(i) =FD mode

The tlhreshold values are listed in Table B.1.

B.4.4

Table B.1 — Threshold values and.constants for FD vs LPD mode decision

Name Constant Name Constant
N, 40 T, 17
N, 1024 S, 0.0021
N, 80 S, 0.00012
N, 90 E, 10
1; 0.6 E, 21
T, 0.1459

Reference implementation

Refel cliLt illlpiclllclltdﬁullb Uf ﬁ I digUliﬁllll ditc ilbtcd ill TdIUiU 52

Table B.2 — Reference implementation of FD vs LPD mode decision

File name

Description

signal_classifier.c

FD vs LPD mode decision

signal_classifier.h

Prototype and constants
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B.5 Classification Based ACELP vs TCX Decision

B.5.1 General

Both parameters in time domain and frequency domain are exploited before ACELP or TCX. The very fast-
changing frames and very speech-like frames are committed to be encoded by ACELP, and other frames are
estimated by a close-loop selection by comparing the segmental SNR between different modes.

B.5.2 Algorithm Description

Input Signal - -
_|Time Domain
" |Classifier
Mode,
QMF Cogf. A Mode and Bit stream
. |Freq. Domain Mode, Close-Loop |Parameter: Encode
I &
"|Classifier ”[Selection

A

I—Reset flag AC Context
Reset

Figure B.2 — Structure of Classification based ACELP-TCX Selection

In Figure B.2| the QMF coefficients are from the SBR:\The closed-loop selection is just like the closed-loop
ACELP-TCX|selection in AMR-WB+ except the modes of sub-frames are pre-estimated and weighted

here. Mode,| denotes the estimated mode of subframe k.

In B.5.3 to B.5.5 the procedures of the key functions in Figure B.2 are described and the thresholds are
denoted as 7pr,. which can be found in B.5.6.

B.5.3 Time|domain classification

Figure B.3 shows a block diagram of time domain classification.
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