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Foreword

ISO (the International Organization for Standardization) and IEC (the International Elec

trotechnical

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 techn

ical activity.

ISO and IEC technical committees collaborate in fields of mutual interest. Other international

orgahizations, governmental and non-governmental, in liaison with ISO and IEC, also taks

rules of the ISO/IEC dird

.ec.ch/members experts/refdocs).

Directives, Part2 (see , Www.iso.or

nd IEC draw attention to the possibility that the implementation of this document may
f (a) patent(s). ISO and IEC take no position concerninghe  evidence, validity or apy
laimed patent rights in respect thereof. As of the date of publication of this document,
had hot received notice of (a) patent(s) which may be required to implement this documer
implementers are cautioned that this may not represefitythe latest information, which may
from

not e held responsible for identifying any or all such patent rights.

trade name used in this document is information given for the convenience of users a
titute an endorsement.

Any
cons|

For

expr
Wor
wWwy

an explanation of the voluntary nature of standards, the meaning of ISO specific
essions related to conformity “assessment, as well as information about ISO's adher
d Trade Organization (WTO) principles in the Technical Barriers to Trade

.iso.org/iso/foreword.html. In the IEC, see www.iec.ch/understanding-standards.

This
Subd

document was prepared by Joint Technical Committee ISO/IEC JTC 1, Information
ommittee SC 29, Coding of audio, picture, multimedia and hypermedia information.

This
tech
ISO

26:2

second edition cancels and replaces the first edition (ISO/IEC 14496-26:2010), whi
hically wevised. It also incorporates the Amendments ISO/IEC 14496-26:2010/A
[EC ( 14496-26:2010/Amd 3:2014, ISO/IEC 14496-26:2010/Amd 4:2016, 1SO/I
PD10/Amd 5:2018 and the Technical Corrigenda ISO/IEC 14496-26:2010/Cor 2:20

part in the

tenance are
bded for the
re with the
pctives  or

involve the
licability of
[SO and IEC
t. However,
be obtained

the patent database available at www.iso.org/pdtents and https://patents.iec.ch. ISO and IEC shall

nd does not

terms and
ence to the
(TBT) see

technology,

th has been
md 2:2010,

C 14496-
El, ISO/IEC

144

6-26:2010/Cor 3:201T, ISU/TEC 14496-26:2010/Cor 4:2011, ISO/TEC 14496-26:2010/ Cor 5:2012,

ISO/IEC 14496-26:2010/Cor 6:2013, ISO/IEC 14496-26:2010/Cor 7:2013 and ISO/IEC 14496-

26:2010/Cor 8:2015.

The main changes are as follows:

products

Correction according to bitstreams and wave files for BSAC
Correction according to channel_pair_element()

Correction for MPEG-4 ALS floating point bitstreams
Correction for MPEG-4 SLS test sequences

© ISO/IEC 2024 - All rights reserved
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- Correction for BSAC and HE-AAC V2 profile

- Correction for ER AAC test sequences

- New conformance bitstreams for Low Delay AAC V2 profile

- Correction for AAC block length parameter and test sequences

- Additional multichannel conformance data for AAC and HE-AAC

- Additional levels of ALS simple profile and SBR enhancements

- Additional levels of MPEG-4 ALS simple profile supporting high-resolution audio

Alist of all parts in the ISO/IEC 14496 series can be found on the ISO and IEC websites.

Any feedbagk or questions on this document should be directed to the user’s national standardsbogy. A
complete liting of these bodies can be found at www.iso.org/members.html and www.iec.ch/natiopnal-
committees

© ISO/IEC 2024 - All rights reserved
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Introduction

ISO/IEC 14496-3 specifies coded representations of audio information. ISO/IEC 14496-3 allows for large
flexibility, achieving suitability of ISO/IEC 14496 for many different applications. The flexibility is obtained by
including parameters in the bitstream that define the characteristics of coded bitstreams. Examples are the audio
sampling frequency bitrate parameters, synchronisation timestamps, the association of bitstreams and synthetic
objects within objects.

Char
charg
appli
and d
capa
subs
by a
deco

The

I

I}
I}

I

lests described in this document can be used for various purposes such.as:

hcteristics of compressed data and decoders are defined for ISO/IEC 14496-3. The com
cteristics define the subset of the standard that is exploited in the compressed data({Exan
ed values or range of the sampling rate and bitrate parameters. Decoder characteristics.define t
apabilities of the applied decoding process. An example of a property is the appliedrarithmetic §
bilities of a decoder specify which compressed data the decoder can decode and reconstruct, by
bt of the standard that may be exploited in the decodable compressed data. Conmipressed data ca
decoder if the characteristics of the compressed data are within the subset bfthe standard sp4
ler capabilities.

hanufacturers of encoders, and their customers, can use the tests to verify whether the enco
itstreams compliant with ISO/IEC 14496-3.

hanufacturers of decoders and their customers can use\the tests to verify whether the decod
equirements specified in ISO/IEC 14496-3 for the cldimed decoder capabilities.

hanufacturers and customers of terminals supporting interactive, broadcast and local ses

re compliant with ISO/IEC 14496-6.

hanufacturers of test equipments, and ¢their customers can use the tests to verify compliance
4496-3.

bressed data
ples are the
e properties
iccuracy. The
defining the
h be decoded
cified by the

ler produces

er meets the

kions over a

hultitude of transport protocols and networks(can use the tests to verify whether the claimed flinctionalities

vith ISO/IEC
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objects —
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1

This
requ
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in IS

This
confd
Some
anne

2

The following documents, in whole or in part, are normatively referenced in this document and are

for it
ther

IS0/
medi

1SO/
medi

IS0/
Part

1S0/

Part #: Conformanee\testing

ISO/
Part

Scope

document specifies how tests can be designed to verify whether compressed ddta and dd
rements specified by ISO/IEC 14496-3. Encoders are not addressed specifically. An ISO/IEC 14
Fates compressed data compliant with the syntactic and semantic bitstream payload requiremg
JIEC 14496-3.

document summarises the requirements, cross references them ,to jcharacteristics, and
rmance with them can be tested. Guidelines are given on constructingtests to verify decoder

examples of compressed data implemented according to these guidelines are provided as
Kk to this document usually together with their uncompressed ceumiterparts (reference waveform

Normative references
5 application. For dated references, only the editionycited applies. For undated references, the la
bferenced document (including any amendments)applies..

EC 11172-3, Information technology — €oding of moving pictures and associated audio for d
1 at up to about 1,5 Mbit/s — Part 3: Audio

EC 11172-4, Information technolegy — Coding of moving pictures and associated audio for d
1 at up to about 1,5 Mbit/s — Rart 4: Compliance testing

EC 13818-3, Information technology — Generic coding of moving pictures and associated audio i
B: Audio

EC 13818-4, Information technology — Generic coding of moving pictures and associated audio i

EC 13818-7, Information technology — Generic coding of moving pictures and associated audio i
/: Advanced Audio Coding (AAC)

coders meet
496 encoder
nts specified

defines how
ronformance.
hn electronic

5).

dispensable

i
tr::st edition of

gital storage

gital storage

iformation —

iformation —

iformation —

1S0/

EC 144961, Informuation technotogy — Coding of audio-visuat objects — Part 17 Systers

ISO/IEC 14496-3, Information technology — Coding of audio-visual objects — Part 3: Audio

ISO/IEC 14496-3:2019, Information technology — Coding of audio-visual objects — Part 3: Audio

ISO/IEC 14496-11, Information technology — Coding of audio-visual objects — Part 11: Scene description and
application engine

ISO/IEC 23003-1, Information technology — MPEG audio technologies — Part 1: MPEG Surround

ISO/IEC 23003-2:2018, Information technology — MPEG audio technologies — Part 2: Spatial Audio Object Coding
(SAOC)
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3 Terms and definitions

For the purposes of this document, the terms and definitions given in ISO/IEC 14496-1, ISO/IEC 14496-3 and the

following apply.
ISO and IEC maintain terminology databases for use in standardization at the following addresses:

— ISO Online browsing platform: available at https://www.iso.or

— IEC Electropedia: available at https://www.electropedia.org/

3.1
conformangce data

conformancetest sequences and conformance tools

3.2
conformar:re tools

tools which

3.3
conformange test sequences

set of compré¢ssed data and its reference waveforms

re provided within an electronic annex of this document to check certain conformance criteria

Note 1 to entyy: The conformance test sequences are provided as examples'at: https://standards.iso.org/iso

iec/14496/-26/ed-2/en/.

34
compressefl data

encoded datd according to ISO/IEC 14496-3

3.5
reference \Iraveforms
decoded counterparts of the compressed data

4 Conformance points

All audio decpders except the LATM-based decoders are part of the MPEG-4 framework. Table 1 gives an ovef

about the intprfaces that have\to be provided to test the audio decoders using the MPEG-4 System.

Table 1 — Conformance points

view

conformance pgint / data flow description / reference

interface direction

AudioSpecificCpnfig in audio related decoder specific information, see ISO/IEC 14496-3:2019, (1.6.2.1
AudioSpecificConfig)

audio access units in audio related bitstream payload, see ISO/IEC 14496-1:2004 (7.1.2.3 Access Units (AU))

BIFS/AudioSource node in see ISO/IEC 14496-11: 2005 (7.2.2.15 Audio Source)

private test info in to control some elements which are usually generated by random number generators

audio composition units out see ISO/IEC 14496-1: 2004 (7.2.8 Composition Units (CU))

Figure 1 gives an overview about the test bench (MPEG-4 System), the system under test (Audio decoder), and the
interfaces between them. Figure 2 gives a more detailed view on the audio decoder, consisting of error protection

(EP) decoder and audio core decoder.

© ISO/IEC 2024 - All rights reserved
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MPEG-4 System
AudioSpecificConfig private test info

- N ot e

Sunhin secoa ey

udioc composition umits
(incl. time stamps for SA, TTS)

Figure 1 — Audio conformance points

\ \\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\\@%5\\\

The donformance criteria of the audio core decoder.
The donformance criteria of the compressed data not requiring the EP decoder (epConfig == 0 || epConfig == 1).

The properties of the examples of compressed data with (epConfig == 0 || epConfig == 1).

Clauge 8 describes:

The qonformance'criteria of the EP decoder

The donformance criteria of the compressed data requiring the EP decoder (epConfig == 2 || epConfig|== 3).

The properties of the examples of compressed data with (epConfig == 2 || epConfig == 3).

Compressed data with different epConfig settings are available referring to the same reference waveforms. Here,
the output of a conforming decoder shall be equal, independently of the used epConfig setting.
m

For some of the compressed data containing scalable configurations, conformance points are defined at the PCM
output of the decoder for m layers being decoded from an n-layer input, where m is an integer in the range 0 (base
layer conformance) to n-1. The reference PCM decoder output signals corresponding to these conformance points
are listed in the respective conformance tables.
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5 Profiles

ISO/IEC 14496-3 defines several profiles and several levels within each profile. Conformance is always tested
against a certain level within a certain profile. Audio profiles always comprise a set of audio object types.
Nevertheless the conformance criteria as described within this document are based on audio object types. The
assignment of object types to profiles as well as the level definitions can be found in ISO/IEC 14496-3. The
conformance of a certain level within a certain profile is fulfilled, if the conformance of each object type belonging
to this profile is fulfilled. The assignment of the provided test sequences to profiles and levels can be found in
Clause 12.

6 Conformance data

6.1 File nar

For all confol

he conventions

mance test sequences, the file name convention given in Table 2 is used.

Table 2 — File name conventions

object type name/ tool name File Name (compressed) File Name (uncompressed)
AdvancedAudioBIFS aabper<coreSetup> -- not applicable --
- ppreeptual apporach
AdvancedAudioBIFS aabphy<coreSetup> -- not applicabley:
- physical approach
AudioBIFS ab<coreSetup>_<coder> ab<coréSetup>_<coder>
AudioBIFS v3 ABv3_<nodeAbbrev><coreSetup> -- not applicable --
AAC scalpble ac<coreSetup> acscoreSetup>[_lay<highestLay>]
AACLC al<coreSetup>_<fs> al<coreSetup>_<fs>[_cut<fac>_boost<facr>]
[_level<lvl>][_<chan>]
AAC maip am<coreSetup>_<fs> am<coreSetup>_<fs>[_cut<fac>_boost<facr>]
[_level<lvl>][_<chan>]
AACLTH ap<coreSetup>_<fs> ap<coreSetup>_<fs>
AAC SSR as<coreSetup>_<fs> as<coreSetup>_<fs>[_<chan>]
CELP ce<coreSetup> ce<coreSetup>[_lay<highestLay>]
ER AAC §calable er_ac<coreSetup>_ep<epConfig> er_ac<coreSetup>[_lay<highestLay>]
[<epSetup>]
ER AAC LD er_ad<coreSetup>_<fs>_ep<epConfig> |er_ad<coreSetup>_<fs>
[<epSetup>]
ERAACLC er_al<coreSetup>_<fs>_ep<epConfig> | er_al<coreSetup>_<fs>
[<epSetup>]
ER AACLTP er_ap<coreSetup>_<fs>_ep<epConfig> |er_ap<coreSetup>_<fs>
[<epSetup>]
SBR (+ARC LC) al_sbr_<tool>_<fs>_<nchan>[_fsaac<fs> [ al_sbr_<mode>_<tool>_<fs>_<nchan>
1[_sig<sig>] [_fsaac<fs>][_sig<sig>][_<chan>]
SBR (+AAC LC with al960_sbr_<tool>_<fs>_<nchan> al960_sbr_<mode>_<tool>_<fs>_<nchan>
96 samples per frame ) [_fsaac<fs>][_sig<sig>] [_fsaac<fs>][_sig<sig>][_<chan>]
PS (+SBR+AAC LC) al_sbr_ps_<coreSetup> al_sbr_ps_<coreSetup>[_<version>]
SSC ssc_<tool>_<nchan>[_sig<sig>] ssc_<mode>_<tool>_<nchan>[_sig<sig>][_<chan>]
DST dst_<tool>_<nchan>[_sig<sig>] dst_<mode>_<tool>_<nchan>[_sig<sig>][_<chan>]
Layer-3 13_<coreSetup> 13_<coreSetup>

© ISO/IEC 2024 - All rights reserved
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object type name/ tool name File Name (compressed) File Name (uncompressed)

ER BSAC er_bs<coreSetup>_<fs>_ep<epConfig> | er_bs<coreSetup>_<fs>[_lay<highestLay>]
[<epSetup>]

ER CELP er_ce<coreSetup>_ep<epConfig> er_ce<coreSetup>[_lay<highestLay>]
[<epSetup>]

ER HILN er_hi<coreSetup>_ep<epConfig> er_hi<coreSetup>[_lay<highestLay>]
[<epSetup>] [_s<speedFac>][_p<pitchFac]

ER HVXC er_hv<coreSetup>_ep<epConfig> er_hv<coreSetup>[_lay<highestLay>]_<delay>
[<epSetup>]

ER Parametric er_pa<coreSetup>_ep<epConfig> er_pa<coreSetup>[_lay<highestLay>]_<delay>
[<epSetup>]

ER T\/Vill ‘VYQ CI_LVSCUI CSCLUP _ClJ C}JCUllfis CI_tV=LUI CSCLUP [_‘ldy hig}lchLay ]
[<epSetup>]

HVXC hv<coreSetup> hv<coreSetup>[_lay<highestLay>] ref<d¢cCfg>

Algorithmic Synthesis sy<coreSetup> sy<coreSetup>

and Audio FX

TTSI tts<coreSetup> tts<coreSetup>

TwinVQ tv<coreSetup> tv<coreSetup>[_lay<highestLay>]

ALS als_<tool>_<coreSetup> als_<tool>_<coreSetup>

SLS sls<coreSetup>_<fs>_<bitres> sls<coreSetup>_<fs>_<bitres>

Layer-1 11_<coreSetup> 11_<coreSetup>

Layer-2 12_<coreSetup> 12_<coreSetup>

ER AAC ELD er_eld<coreSetup>_<fs>_ep<epConfig> |\er_eld<coreSetup>_<fs>
[<epSetup>]

LD MPEG Surround (+ER AACLD) |er_ad_ldmps_<coreSetup> er_ad_ldmps_<coreSetup>

LD MPEG Surround (+ER AAC ELD) | er_eld_ldmps_<coreSetup> er_eld_ldmps_<coreSetup>

<bitx

<ch
b<n
LSF d

<coder> indicates the coder used toencode the content (ce - CELP, sa - Structured Audio, pcm - PCM

<COor

<delay> refers to the decoder delay, it can become "1d" (low delay) or "nd" (normal delay).

<ep(

<epSetup>.dsirequired if (epConfig==2 || epConfig==3). It refers to a certain error protection setup.

<fs>

es> can be 16 or 24 and indicates the bit resolution of the coded wavefile

> indicates the channel for multi-channel sequences (f<number> - number of the frpnt channel,
ber>- number of the back channel,;s€humber> - number of the side channel, l<number> - number of the
hannel).

—

pSetup> refers to a certain audio coder setup. It is most likely a number, but may also contain chiaracters.

onfig> canbed, 1, 2 or 3, depending on epConfig (defined in AudioSpecificConfig).

sampling frequency (08, 11, 12, 16, 22, 24, 32, 44, 48, 64, 88 or 96).

_level<lvl> refers to the level with regard to DRC.

_cut<fac>_boost<fac> referes to the cut and boost factors with regard to DRC.

_lay<highestLay> is required for any scalable configuration. It marks the highest layer of the scalable
configuration used for decoding (starting with 0 for the core layer).

_p<pitchfac> is a number refering to the decoder configuration with regard to the pitch factor.

_ref<decCfg> is a number refering to the decoder configuration with regard to delay mode, speed and pitch
change.

© ISO/IEC 2024 - All rights reserved
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_s<speedfac> is a number refering to the decoder configuration with regard to the speed factor.

<tool> indicates the SBR module mainly targeted by the test sequence. Possible values are “e” for testing the
envelope adjuster “s” for testing sine addition, “gh” for testing time-grid transitions in combination with changes
of SBR header data, “i” for testing inverse filtering, “qmf” for testing the QMF implementation, “cm” and "gen" for
testing various channel modes, “sig” for testing SBR signalling, “twi” for QMF identification, “sr” for testing various

combinations of sampling rates, and "esbr" for testing SBR enhancements.

<nodeAbbrev> is the abbreviation of one of the AudioBIFS v3 node names.

<nchan> corresponds to the number of channels present in the conformance test sequence. It is either a single
integer, in which case it refers to the number of main audio channels, or two integers separated by a ‘., in which
case the firstlinteger equals the number of main audio channels, while the second number equals the dumber of
low frequendy enhancement channels.

fsaac<fs> cofresponds to the sampling rate of the underlying AAC-LC data. If it is omitted, it is half the samjpling
rate given asfoutput sampling rate.

<sig> is an imteger describing the kind of signalling used according to Table 3. If this value is omitted, backwards
compatible ekplicit signalling of SBR is used.

Table 3 - File name conventions for SBR signaling

sig Signalling method used

0 Implicit signalling of SBR

1 Hierarchical explicit signalling of SBR

2 Backwards compatible explicit signalling/of SBR

<mode> is gither "hq" or "lp" for the high quality or,the low power version of the SBR decoding algotithm
respectively.

<version> ig either “bl” or "ur” for the baseline™or the unrestricted version of the parametric stereo dec¢ding
algorithm regpectively.

With respectlto file extensions, the following rules are applied as shown in Table 4

Table 4 - File extensions

(ompressed MPEG-4 file format .mp4
(ompressed native MPEG-1/2 Audio storage format .mpg
(ompressed Audio data interchange format .adif
(ompressed Audio data transport stream .adts
(ompressed AudioSyncStream .ass
(ompressed EPAudioSyncStream €SS
Compressed AudioPointerStream .aps
Uncompressed HILN Conformance Test Parameters .ctp
Uncompressed WAVE format (uncompressed PCM format) .wav
Uncompressed TTSI decoded text and control digits txt
6.2 Content

The test set includes a set of sine sweeps, a set of musical/speech test sequences and a set of noise-like test
sequences. The supplied sine sweeps with an amplitude of -20dB relative to full scale have an absolute amplitude
of +/-0.1.

© ISO/IEC 2024 - All rights reserved
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7 Audio object types

7.1 General

This clause lists all audio object types. It starts with a general description, which may be related to more than one

objec

t type.

This clause contains general descriptions for conformance testing on compressed data and decoders. Unless
explicitly restricted, these descriptions are related to all object types.

7.1.1

Compressed data

7.1.1|

Charjcteristics of compressed data specify the constraints that are applied by the encoder in gd

comf]

parameters that are encoded directly or indirectly in the compressed data. The constraints applig

comy

Deco

deco

BIFS

audi

7.1.141.1

In ca

.1 Characteristics

ressed data. These syntactic and semantic constraints may, for example, restrict.the‘range or
ressed data may or may not be known a priori.

der relevant compressed data may consist of the following parts:

Her specific information (AudioSpecificConfig)

AudioSource node (field information)

access units (establishing the bitstream payload)

ESC instance configuration

se of epConfig=1, each instance of each sensitivity category belonging to one frame is store

nerating the
the values of
bd to a given

d separately

within a single access unit, i.e. there exist as_many elementary streams as instances defined within a frame as

show
Note

direg
accol

Tablg

n in Table 6.
In case of epConfig=3, the mapping between EP classes and ESC instances is signaled by the
tMapping. In case of directMapping=1, the restrictions regarding the ESC instance configy

dingly to the EP class configuration.
5 gives an overview_about the valid configurations:

Tablé 5— Number of ESC instances that build a frame in case of epConfig==1

data element
ration apply

Audio object type number of ESC instances to build a frame
ER AAC see Table 6
ER Twin VQ non-scalable or base layer: 2
any enhancement layer: 2
ERBSAC basetayer—2
any large-step enhancement layer: 1
ER CELP base layer: 5
any enhancement layer: 1
ER HVXC 2 kbit/s, non-scalable or base layer: 4
4 kbit/s, non-scalable: 5
any enhancement layer: 3
ER HILN base layer: 5
any enhancement/extension layer: 1
ER Parametric PARAmode==0,1 base layer: 5
PARAmode==2,3 base layer: 15
any enhancement/extension layer: 1
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an ER AAC frame in the case of epConfig==

Table 6 — Number of ESC instances that build elements/layers of

aacScalefactorDataResilienceFlag

0 1
single channel element (SCE) / mono layer 3 4
channel pair element (CPE) / stereo layer 7 9

extension payload (EPL)

Depending o

h the value of the data element channelConfiguration, an AAC frame may cover several instang

es of

SCE, CPE or HPL. This leads to the following valid configurations presented in Table 7.
Table T — Number of ESC instances that build an ER AAC frame/layer in the case of epConfig==
aacScalefactorDataResilienceFlag
AOT 0 1
17 | 19 | 20 23 channelConfiguration main payload N extension payloadls
X X X X 1 3 4
X X X X 2 7 9
X X X 3 3+7 4+9
X X X 4 3+7+3 4+9+4 +2*N
X X X 5 3+7+7 439+9
X X X 6 3+7+7+3 449+9+4
X X X 7 3+7+7+7+3 4+9+9+9+4
7.1.1.2 Test procedure

Each compre
audio object
the syntax is
tests it is asg
each test the
which the tes

ssed data shall meet the syntactic and\semantic requirements specified in ISO/IEC 14496-3. Forj
type a set of semantic tests to be performed on the compressed data is described. To verify wh
correct is straightforward and.therefore not defined herein after. In the description of the sem

umed that the tested compressed data contains no errors due to transmission or other causeg.

condition or conditions that shall be satisfied are given, as well as the prerequisites or conditid
t can be applied.

7.1.2 Decoders

Characteristics

characteristics are defined by the profiles and levels being tested.

7.1.2.1
The decoder
7.1.2.2 T

pst.procedure

each
ether
antic
For
ns in

To test audio decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of test sequences. Supplied sequences
cover all profile decoders. For a supplied test sequence, testing can be done by comparing the output of a decoder
under test with a reference output also supplied by ISO/IEC JTC 1/SC 29/WG 11. In cases where the decoder
under test is followed by additional operations (e.g. quantizing a signal to a 16 bit output signal) the conformance
point is prior to such additional operations, i.e. it is permitted to use the actual decoder output (e.g. with more
than 16 bit) for conformance testing.

Measurements are carried out relative to full scale where the output signals of the decoders are normalized to be
in the range between -1.0 and +1.0.

The following subclauses define a set of test methods. A particular test method for a certain test sequence is

specified in the object type specific subclauses.
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For elements producing output that cannot be tested with the methods described below, specific conformance
testing procedures are described in the object type specific subclauses.

7.1.2

.2.1 RMS/LSB measurement

To fulfill the “RMS/LSB Measurement” test at an accuracy level of “K bit”, an ISO/IEC 14496-3 decoder shall
provide an output waveform such that the RMS level of the difference signal between the output of the decoder

under test and the supplied reference output is less than 2'(K'1)/sqrt(12). In addition, the difference signal shall

have a maximum absolute value of at most 2-(K-2) relative to full-scale. The “RMS/LSB Measurement” test shall be
carried out for an accuracy level of K=16 bit unless a different accuracy level is explicitly stated.

7.1.2

sign

The
label
valud

The
the d
bit P

.2.1.1 Calculation of RMS

For Jhe calculation of the RMS level, all measurements are carried out relative to full scale,wher
1

s of the decoder and supplied test sequences are normalized to be in the range betwegen -1.0 anc

upplied reference waveforms have a precision (P) of 24 bits, where the most'significant bit

bd bit 0 and the least-significant bit (LSB) will be labeled bit 23. The most significant bit (bit 0) r
of -1, the second most significant bit (bit 1) represents the value of +1/2, ete.
. 1
value of bit 0 (MSB) = - S0 -1
lue of bit 1 1 :
value o1 D1 = — = -
2 2
lue of bit 2 ! 1
valu€ o1 D1 = — = —
2° 4
lue of bit 23 (LSB) 1 l
value o1 b1 = x = T
2% 8,388,608

utput waveform of the deCoder under test is required to be in the same format. In the case that
ecoder has a precision of P" bits and if P' is smaller than 24, then the output is extended to 24 b
through bit 23 to zero. In the next step, the difference (diff) of the samples of these signi

calculated. Every channel of a multichannel waveform shall be tested. The total number of sam

chan
diff

The Y

nel is N.
n) = 'oqutput signal of decoder under test (n) - 'supplied test sequence (n), forn =

Falues-of all difference samples shall be squared, summed, divided by N and then the square-

calcullated. This calculation finally gives the RMS level.

e the output
| +1.0.

MSB) will be
epresents the

the output of
its by setting
hls has to be
bles for each

1toN

root shall be

rms

R X4C

This test only verifies the computational accuracy of an implementation.

Software is provided for performing this verification procedure.
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7.1.2.2.2 Segmental SNR

This criterion is designed to test decoders decoding the object types CELP, ER CELP, HVXC, ER HVXC, TwinVQ, ER
TwinVQ and ER HILN.

Definition:
X, (i): i" sample of reference output signal (normalized in a range between -1.0 and 1.0).

th

X, (i) : i"™ sample of output signal of a decoder under test normalized in a range between -1.0 and 1.0.

L : the length of segment

N : the total[number of segments
SS(k): SNR|of k" segment

SSNR : segrhental SNR

L-1
D x,(kx L+
SS(k)=log,,| 1+ =0

L-1
107° L+ (x, (k x B4 1) = x, (k x L+1))’

i=0

N-1
> SS(k)/N

SSNR =10x logyy| 1077 -1.0

7.1.2.2.3 Frequency domain criterion based on cepstrum analysis

This criterion is designed to test decoders decoding the object types CELP, ER CELP, TwinVQ, ER TwinVQ arld ER
HILN.

The cepstkum analysis( procedure is defined by means of the functions lpc2cepstrum
and calculate lpc provided in pseudo C code below.

#define LHC ORDER 16 /* LPC order */

#define CHPSTRUM~ORDER 32 /* Cepstrum order */

#define B 0.0125F /* Bandwidth scalefactor */

void lpc2cepstrum (float lpc coef[], /* in: LPC coefficients (a-parameters) */
float Ccrl) /* out: LPC cepstrum *x/

float ss;

int i, m;
/* it is assumed that lpc coef[0] is 1 ! */
C[1] = -1lpc_coef[1l];

for (m = 2; m <= LPC_ORDER; m++)
{

ss= -lpc_coef[m] * m;

for (1 = 1; i < m; i++)

{

© ISO/IEC 2024 - All rights reserved
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ss —-= lpc coef[i] * C[m-i];

for (m = LPC ORDER + 1; m <= CEPSTRUM ORDER; m++)

ss = 0.0F;
for (i = 1; i<= LPC_ORDER; i++)
{

ss -= lpc coef[i] * C[m-i];

C[m] = ss;

for (m = 2; m <= CEPSTRUM_ORDER; m++)

Clm] /= m;
}
}
vold calculate_lpc (float *in, /* in: input PCM audio data
int frame size, /* in: analysis frame [hehgth in samples|
float *1pc_coef) /* out: LPC coefficients
{
int ip;
float wvpowfr, cor[LPC_ORDER + 1];
float wlag [LPC ORDER + 1];
float *wdw;
wdw = (float*) malloc (sizeof (float) * frame siz€);
if (wdw == NULL)

{

printf ("Memory allocation error in caléwlate lpc.\n");
exit (1);
}

hamwdw (wdw, frame size);

for (ip = 0; ip < frame size; ip%+)

{

nlip] *= wdwlip];
}

sigcor (in, frame size, }wvpowfr, cor, LPC ORDER);
lagwdw (wlag, LPC.ORDER, BW);

for (ip = 1; fp,<= LPC_ORDER; ip++)

{ cor [ipfst= wlagl[ip];

}

correfa (LPC_ORDER, cor, lpc coef);

free (wdw) ;

}

void hamwdw (float wdw([],
int n)
{
int i;
float d, pi = 3.141592653589793F;

d = (float) (2.0 * pi/n);

for (i = 0; 1 < n; 1i++)
{
wdw[i] = (float) (0.54 - 0.46 * cos (d * 1));
}
}
void lagwdw (float wdw [],
int n,

© ISO/IEC 2024 - All rights reserved
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float h)
{
int i;
float pi = 3.141592653589793F;
float a, b, w;
a = (float) (log (0.5) * 0.5 / log (cos (0.5 * pi * h)));
a = (float) ((int) a);
w = 1.0F;
b = a;
wdw[0] = 1.0F;
for (i = 1; i <= n; i++)
{
pot=1 0F-:
w|*= a / b;
wdw([i] = w;
al|-= 1.0F;
}
}
void sigeqr (float *sig,
int n,
float * _pow,
float corl[],
int P)
{
int k, ij;
float c, dsgsum;
float sgsum = 1.0e-35F;
if (n|> 0)
{
fqr (i3 = 0; 13 < n; ij++)
{
sgsum += (sig[ij] * sig[ij]):
}
ddqgsum = (float) (1.0 / sgsum);
fqr (k = 1; k <= p; k++)
{
c =0.0;
for(ij = k; 13 < n; ij++)
{
c += (siglij - k] * siglijl);
}
cor[k] = ¢ * dsgsum;
}
k|= p;
}
* pow|= (float) ((sgsum §v1.e-35) / (float)n);
cor[0)] = 1.0F;
}
void corrgf (int o, /* in: LPC analysis order */
float cor(], /* in: correlation coefficients */
float alf[]) /* out: linear predictive coefficients */
{
int i, 3, ks
float resid, r, a;
float ref [LPC_ORDER + 1];
ref[l] = cor[l];
alf[l] = -ref[l];
resid = (float) ((1.0 - ref[l]) * (1.0 + ref[l]1));
for (i = 2; i <= p; i++)
{
r = cor[i];
for (J = 1; J < i; J++)
{
r += alf[j] * cor[i-jI;

© ISO/IEC 2024 - All rights reserved
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}

alf[i] = -(ref[i] = (r /= resid ));
j =20;
k = 1i;
while (++3 <= --k)
{

a = alf[jl;

alfl[j] -= r * alflk];

if (3 < k)

{

alf[k] -=r * a;

Y
}
resid = (float) (resid * (1.0 - r) * (1.0 + r));

}
7.1.2.2.4 PNS conformance criteria

Two [tests based on spectral waveform analysis and one test based on temporal, waveform anal
applied.

Spectral PNS conformance analysis:

[PNS-1] Both the decoded output and the reference output signal.are analyzed by means of an
(N=2*number_of spectral_lines_per_frame, e. g. 2048-point*for AAC LC) with a Hann wind
overlap between subsequent windows. For both signals) the DFT lines are grouped corr
scalefactor bands and the accumulated squared abseldte values are computed for each scal
As the first test criterion, the ratio between the energies of both signals averaged over

within the interval [-0.4 dB; 0.4 dB] for each-scalefactor band. As the second test criteri
between the standard deviations (over time)<ofthe energies of both signals shall be within 4
0.8 dB; 0.8 dB] for each scalefactor band?; For this test, sequences are supplied contai

carries the same spectral "envelope"”,Jlong blocks only, no other codebooks).
[IPNS-2] The same type of analysis and the same thresholds are used as in test [PNS-1], but with a
of N/8 and grouping corresponding to scalefactor bands for a SHORT_WINDOW. For this te
are supplied containing a(periodic repetition of PNS and Null codebook sections within g

blocks ({1;1;1;1;2;2} gfouping with PNS switched on in subblocks 0,2,4).

Temporal PNS conformang¢e\analysis:

spectrum generated by a single PNS cedebook section covering all scalefactor bands (i.g.

ysis shall be

N-point DFT
w and 50 %
psponding to
efactor band.
ime shall be
on, the ratio
he interval [-
hing a static
each frame

window size
5t, sequences
rouped short

[IPNS-3] Starting at’the first available decoder frame boundary, the sum of the squared outp
referenice signal. As the test criterion, the ratio between the energies of both signals shall

Forithis test, the same sequences as provided for [PNS-2] shall be used.

t samples is

computed-for blocks of number_of spectral_lines_per_frame/16 samples for both decoded signal and

e within the

interval [-5 dB;5 dB] for 91 % of the blocks and within the interval [-10 dB;10 dB] for 99 % pf the blocks.

7.2 Null

The NULL object type provides the possibility to feed raw PCM data directly into the audio compositor. No
decoding is involved. The sampling rate and the audio channel configuration is specified by the

AudioSpecificConfig.
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7.3 AAC-based scalable configurations

7.3.1 Compressed data

7.3.1.1 Characteristics

Encoders may apply restrictions to the following parameters of the compressed data.

7.3.1.1.1 Layer configuration

number of non-AAC layers

number of A4
7.3.1.1.2 |
See descripti
7.3.1.1.3

See descripti
7.3.1.2 T

Each compre
subclause de
whether the
the semantic
causes. For ¢
conditions in|

7.3.1.2.1
The number

The number
AAC based sd

The number
within an AA|

\C layers

AudioSpecificConfig

bn for individual object types.

Bitstream payload

bn for individual object types.

st procedure

ssed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3.
scribes a set of semantic tests to be performed on deceder relevant data. The procedure to Y
Kyntax is correct is straightforward and therefore not/defined in this subclause. In the descripti
tests it is assumed that the tested compressed data.contains no errors due to transmission or
which the test can be applied.

Layer configuration

bf AAC layers shall not exceed 8 in any scalable configuration.

alable configuration.

of TwinVQ layers (ebject type 7 or 21) shall not exceed 1, if TwinVQ is used as base layer
C based scalable Configuration.

Only those object type combinations shown in Table 8 are valid.

This
rerify
on of
bther

ach test the condition or conditions that shall be'satisfied are given, as well as the prerequisitfes or

of CELP layers (object type8.or 24) shall not exceed 2, if CELP is used as base layer coder withfin an

oder
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Table 8 — Valid object type combinations within an AAC-based scalable configuration

audio object type for the audio object type for the
base layer coder AAC enhancement layers
6 (AAC scalable) 6 (AAC scalable)

8 (CELP) 6 (AAC scalable)

7 (TwinVQ) 6 (AAC scalable)

20 (ER AAT Scalable]) 20 (ER AAT Scalable])

24 (ER CELP) 20 (ER AAC scalable)

21 (ER TwinVQ) 20 (ER AAC scalable)

If CELP is used as base layer coder within an AAC based scalable configuration; its samplingFrequen

be 0xc (7350 Hz) or 0xb (8000 Hz).

7.3.:].2.2 AudioSpecificConfig

7.3.1.2.2.1 AudioSpecificConfig()

channelConfiguration: Shall be 1 in case of audioObjectType’7 (TwinVQ) or 21 (ER TwinVQ).
7.3.1.2.3 Bitstream payload

7.3.1.2.3.1 tvq_scalable_main_header()

tns_data_present: Shall be 0.

7.3.1.2.3.2 aac_scalable_maintheader()

max|]sfb: Shall not be smaller than last_max_sfb (helper variable specified in ISO/IEC 14496-3).

7.3.1.2.3.3 aac_scalable_extension_header()

max [sfb: Shall not be smaller than last_max_sfb (helper variable specified in ISO/IEC 14496-3).

7.4 AAC (main, LC, ERLC, SSR, LTP, ER LTP, ER LD, scalable, ER scalable)

7.4.11 Compressed data

cylndex shall

7.4.1.1  Characteristics
Encoders may apply restrictions to the following parameters of the compressed data:
7.4.1.1.1 AudioSpecificConfig

a) samplingFrequencylndex
b) samplingFrequency
c) channelConfiguration

d) program_config_element()

© ISO/IEC 2024 - All rights reserved

15


https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

frameLengthFlag
dependsOnCoreCoder
extensionFlag

epConfig

i) ErrorProtectionSpecificConfig()
aacSectionDataResilienceFlag

aacScalefactorDataResilienceFlag

]) aacSpectralDataResilienceFlag
r (=]

7.4.1.1.2  Bitstream payload
a) tise of prediction in main profile
b) pulse_data
c) window_shape
d) M/S stereo
e) Intensity stereo
f) TNS
g) (¢lata_stream_element()
h) ¢ependently switched coupling channel

i) Independently switched coupling channel
j)  LFE channel

matrix-downmix

74.1.2 Test procedure

Each comprgssed data shall meet the/syntactic and semantic requirements specified in ISO/IEC 14496-3.

This

subclause describes a set of semantic tests to be performed on decoder relevant data. The procedure to verify

whether the
the semantic

syntax is correct is straightforward and therefore not defined in this subclause. In the description of
tests it is assumed that the tested compressed data contains no errors due to transmission or

bther

causes. For dach test the condition or conditions that shall be satisfied are given, as well as the prerequisites or

conditions in|which the test.can be applied.
7.4.1.2.1 AudioSpecificConfig

74.1.2.1.1

AudioSpecificConfig()

audioObjectType: Shall be encoded according to the AAC object type (see Table 21 and Table 22).

samplingFrequencylndex: Shall be encoded with the values specified in Table 9, Table 10, Table 11, Table 12,

Table 13 and Table 14.

samplingFrequency: Shall be encoded with the values specified in Table 9.

extensionAudioObjectType: Shall be the Audio Object Type SBR (AOT ==15).

extensionSamplingFrequency: Shall be encoded with a value listed in Table 9, and the value shall be the same as
samplingFrequency, or twice the value of samplingFrequency.
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extensionSamplingFrequencylndex: Shall be encoded with a value listed in Table 9, and the value shall indicate
an extensionSamplingFrequency being the same as samplingFrequency as indicated by samplingFrequencylndex,
or the value shall indicate an extensionSamplingFrequency being twice the value of samplingFrequency.

sbrPresentFlag: Shall be encoded with the value zero if no SBR data is contained in the compressed MPEG-4 data.
If SBR data is present in the compressed MPEG-4 data the parameter shall be encoded with the value one.

Table 9 — Specification of samplingFrequencylndex and samplingFrequency for Scalable and Main Profile

-SamplingFrequeneylndext Levelt Level 2 Level 3 Level] 4
SamplingFrequency
Scalable Profile 0x6..0xc, Oxf / 0x3..0xc, 0xf /
<= 24000 <=48000
Main Profile 0x0..0xc, 0xf /
no limitation

TaBle 10 - Specification of samplingFrequencylndex and samplingFrequency for High Quality)Audio and

Low Delay Audio Profile

SamplingFrequencylndex / | Level 1,5 Level 2,6 Level 3,7 Leve] 4,8
SamplingFrequency
High Quality Audio Profile 0x7..0xc, 0xf | 0x3..0xc, 0xf /

/ £=48000

<=22050
Low Delay Audio Profile 0xb..0x¢; 0xf | 0x8..0xc, Oxf | 0x3..0xc 0xf /

/ / <= 48000

<= 8000 <=16000

T4ble 11 - Specification of samplingFrequencylndex and samplingFrequency for Natural Audio Profile

SamplingFrequencylndex/ Level 1,3 Level 2,6
SamplingFrequency
Natural Audio-Profile 0x3..0xc 0xf [ 0x0..0xc, 0xf
/ /
<=48000 <=96000

Taple 12 - Specification of samplingFrequencylndex and samplingFrequency for Mobile Audjo Internet

Working Profile
SamplingFrequencylndex/ Level 1,4 Level 2,5 Level 3,6
SamplingFrequency
Mobile Audio Internet Working Profile | 0x6..0xc, Oxf | 0x3..0xc, 0xf /
/ <=48000
<=24000

Table 13 - Specification of samplingFrequencyIndex and samplingFrequency for AAC Profile

SamplingFrequencylndex / Level 1 Level 2 Level 3 Level 4 Level 5

SamplingFrequency

AAC Profile 0x6..0xc, 0x3..0xc, NA 0x3..0xc, 0x0..0xc,
0xf / 0xf / 0xf / 0xf /
<=24000 <=48000 <=48000 <=96000
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Table 14 - Specification of samplingFrequencylndex and samplingFrequency for High Efficiency AAC

High

Profile
samplingFrequencylndex Level 1 | Level 2 Level 3 Level 4, Level 5,
/ samplingFrequency Level 6 Level 7
High Efficiency AAC | SBR NA 0x6..0xc, 0x3..0xc, 0x3..0xc, 0x3..0xc,
Profile present 0xf / Oxf / 0xf / 0xf /
<=24000 | <=48000 | <= <=48000
480002
SBR not NA 0x3..0xc, 0x3..0xc, 0x3..0xc, 0x0..0xc,
present 0xf / oxf / 0xf / 0xf /
<=48000 | <=48000 | <=48000 | <=96000
a For Lepel 4, for one or two channels the maximum AAC sampling rate, with SBR present, is 48 kHz, For
more than two channels the maximum AAC sampling rate, with SBR present, is 24 kHz. (0x6..0x¢, 0xf /
<=240(00)
Table 15 - §pecification of extensionSamplingFrequencylndex and extensionSamplingFrequency for }
Efficiency AAC Profile
extens:EnSamplingFrequencyIndex / Level 1 Level 2 Level3,4,6 | Level 5,7
extensionSamplingFrequency
High Efficiency AAC Profile NA 0x6..0xc, 0x3..0xc, 0x0..0xc,
0xf / 0xf / 0xf /
<= 24000 <=48000 <=96000
channelConfiguration: shall be encoded with the values specified in Table 16. In the cas
channelConfiguration=0, the following restrictions apply to“the number of syntactic elements specified i

program_conlffig_element():

the 1
spec

the

1444

umber of main audio channels (represented by SCE and CPE) shall not exceed the maximum nu
fied for a certain profile and level.

e of
h the

mber

mber of remaining audio channels (represented by LFE and CCE) shall not exceed the maximum

u
numlt)er specified for a certain-AudioObjectType and number of main audio channels (see IS(

6-3:2019, subclause 1.5.2(3).

Table 16 — Specification of ChannelConfiguration for Scalable and Main Profile

JIEC

ChanpelConfiguration Level 1 Level 2 Level 3 Level 4
Scalaple Profile 0,1 0.2 0.7
Main|Profile 0.7

Table|17>'Specification of ChannelConfiguration for High Quality and Low Delay Audio Profile
ChannelConfiguration Level 1,5 Level 2,6 Level 3,7 i Level 4,8
High Quality Audio Profile 0,1 0.2 0.6

Low Delay Audio Profile 0,1 | 0.2

Table 18 - Specification of ChannelConfiguration for Natural Audio Profile

ChannelConfiguration
Natural Audio Profile

Level 1, 2, 3, 4
0.7
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Table 19 - Specification of ChannelConfiguration for Mobile Audio Internet Working Profile

ChannelConfiguration Level 1,4 | Level 2,5 | Level 3,6
Mobile Audio Internet Working Profile | 0,1 0.2 0.6

Table 20 - Specification of ChannelConfiguration for AAC and High Efficiency AAC Profile

ChannelConfiguration Level 1 Level 2 Level 3 Level 4,5 Level 6,7

AAC Profile 0.2 0.2 NA 0.6 0.7,11,12,
14

High Efficiency AAC Profile | NA 0.2 0.2 0.6 0x1, 11, 12,
14

In addition to Table 16,Table 17, Table 18,Table 19 and Table 20 the following audioObjectType basefl restrictions

apply:

epCdnfig: No restrictions apply.
dire¢tMapping: Shall be 1.

7.4.1.2.1.2 GASpecificConfig()

channelConfiguration=0 is permitted only for the audioObjectTypes-1 (AAC main), 2 (AA({ LC), 3 (AAC
SSR) and 4 (AAC LTP), but not for the audioObjectTypes 6 (AAC Sealable), 17 (ER AAC LC)f 19 (ER AAC
LTP), 20 (ER AAC scalable) and 23 (ER AAC LD).

channelConfiguration>2 is not permitted for audioObjectTyp€s'6 (AAC scalable) and 20 (ER pAAC scalable).

frameLengthFlag: Shall be zero for the following.audio object types: 1, 2, 3, 4, 17, 19, when used in Sgalable Audio
Profile, Main Audio Profile, High Quality Audio® Profile, Natural Audio Profile or Mobile Audio Intefnet Working

Profile. No restrictions apply otherwise.

depgndsOnCoreCoder: Shall be encoded with the value 1 in the first AAC scalable coding layer (audjo object type
6 or P0) if a core coder is used in:the underlying base layer of a scalable AAC configuration; shall be ¢ncoded with

the vplue 0 otherwise.

coreloderDelay: no restrictions apply.

extensionFlag: shall be encoded with the value 0 in the case of the audioObjectTypes 1, 2, 3, 4, 6. Sha]l be encoded

with the value Lin the case of the audioObjectTypes 17, 19, 20, 23.

exteJlsionFlagB: Shall be encoded with the value 0.

7.4.1.2.13 ELDSpecificConfig()

frameLengthFlag: no restrictions apply.

aacSectionDataResilienceFlag: no restrictions apply

aacScalefactorDataResilienceFlag: no restrictions apply

aacSpectralDataResilienceFlag: no restrictions apply

1dSbrPresentFlag: no restrictions apply

1dSbrSamplingRate: no restrictions apply

© ISO/IEC 2024 - All rights reserved

19


https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

1dSbrCrcFlag: no restrictions apply

eldExtType:

no restrictions apply

eldExtLenAdd: no restrictions apply

eldExtLenAddAdd: no restrictions apply

other_byte: no restrictions apply

74.1.2.1.4

program_config_element()

No program
dependent cq

The followin
element_ins|
object_type:
sampling_fr

num_front_d

num_side_channel_elements: see restriction regarding the numberofichannels as stated above.

num_back_c|

num_lfe_channel_elements: see restriction regarding the-ndmber of channels as stated above.

num_assoc_¢lata_elements: no restrictions apply.

num_valid_d

mono_mixdgwn_present: shall be 0 forthe’audio object types 1 (AAC main), 2 (AAC LC), 3 (AAC SSR) and 4

LTP) when u

mono_mixd¢wn_element_number:

single_chann

stereo_mixdown_presént: shall be 0 for the audio object types 1 (AAC main), 2 (AAC LC), 3 (AAC SSR) and 4

LTP) when u

may contain more main audio channels, LFE channels, independent coupling_channel_elemefit()’
upling_channel_element()’s than specified by the profile and level.

b restrictions apply to the elements of program_config_element():

fance_tag: no restrictions

shall match the AudioObjectType within AudioSpecificConfig

pquency_index: shall match the samplingFrequencylndex within AudioSpecificConfig

hannel_elements: see restriction regarding the number of channels as stated above.

hannel_elements: see restriction regarding the number of channels as stated above.

c_elements: see restriction regarding the number of channels as stated above.

sed in Scalable Audio Profile/ Main Audio Profile, High Quality Audio Profile or Natural Audio Pro

shall be encoded with the element_instance_tag

e]_element().

bed in Scalable Audio Profile, Main Audio Profile, High Quality Audio Profile or Natural Audio Pro

stereo_mixﬂown_element_number: shall be encoded with the element_instance_tag of a channel_pair_elemjg

of

5 and

(AAC
file.

(AAC
file.

ent.

matrix_mixdown_idx_present: may only be encoded with a value of 1 if a 3 front/2 rear 5-channel program
(with or without LFE) is indicated for this PCE.

matrix_mixdown_idx: no restrictions apply.

pseudo_surround_enable: no restrictions apply.

front_element_is_cpe[i]: no restrictions apply.

front_element_tag_select: shall be encoded with the element_instance_tag of either a single_channel_element or a

channel_pair_

element.
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side_element_is_cpe[i]: no restrictions apply.

side_element_tag_select: shall be encoded with the element_instance_tag of either a single_channel_element or a

channel_pair_element.

back_element_is_cpe[i]: no restrictions apply.

back_element_tag_select: shall be encoded with the element_instance_tag of either a single_channel_element or a

channel_pair_element.

Ife_element_tag_select: shall be encoded with the element_instance_tag of a Ife_channel_element.

assof_data_element_tag_select: shall be encoded with the element_instance_tag of a data_stream) €lg

cc_element_is_ind_sw: shall be encoded with the same value as the ind_sw_cce'flag f
coupling_channel_element corresponding to valid_cc_element_tag_select.

valid_cce_element_tag_select: shall be encoded with the element_instance_tag of a 'coupling_channel
commment_field_bytes: no restrictions apply.

commment_field_data[i]: AAC, HE-AAC, HE-AACv2 and Extended HE-AA€\Profile decoders of Level
suppprt parsing the comment _field_data and interpret a height_extension_element() embedded
no restrictions apply.

7.4.1.2.1.5 ErrorProtectionSpecificConfig()

numper_of_concatenated_frame: Shall be one.

For details see also Clause 8.

7.4.:].2.2 Bitstream payload

7.4.1.2.2.1 raw_data_block()

id_syn_ele: if a program_config.element() (PCE) is present, it shall be the first syntactic e
raw_flata_block(), indicated by id/syn_ele encoded with a value of ID_PCE

7.4.1.2.2.2 Any syntactic element

ment.

ield of the

| element.

b and 7 shall
therein, else

lement in a

element_instance_tag: ensure that element_instance_tag numbers within each element type are unique within

each|frame. This.restriction does not apply to data_stream_element()'s (DSE), which may hay
elempnt_instance_tags.

7.4.11.2.2.3 channel_pair_element()

e duplicated

common_window: no restrictions apply.

ms_mask_present: shall not be encoded with the binary value 11. Shall not be encoded with the bina
intensity stereo is used, i.e,, if the Huffman codebook INTENSITY_HCB or INTENSITY_HCB2 is si
same channel pair of the same frame.

ms_used: no restrictions apply.

7.4.1.2.2.4 ics_info()

ics_reserved_bit: shall be set to zero.
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window_sequence: Shall be zero (ONLY_LONG_SEQUENCE) if audioObjectType == 23, no such restriction applies

for the remaining object types. The meaningful window_sequence transitions are as follows:

ONLY LONG SEQUENCE

from LONG_START_SEQUENCE to {Ez)GI\II—I(;F —SS%{C%REESQ%I{\%\ECE

from LONG_STOP SEQUENCE to (ONLY_LONG SEQUENCE

{EIGHT_SHORT_SEQUENCE

Other, non-nleaningful, window_sequence transitions are also possible:

fron] ONLY_LONG_SEQUENCE to {E%)GI\II{g _S%{(%Rgizlﬁ%lgcl\éCE

{ONLY LONG_SEQUENCE

from] LONG_START_SEQUENCE to LONG:ST ARf_SEQUENCE

EIGHT SHORT SEQUENCE

fron] LONG_STOP_SEQUENCE to {LONG STOP SEQUENCE
fron] EIGHT_SHORT_SEQUENCE to {Sg%—égfgfsgggggﬁ&

A conformarnt bitstream shall consist of only meaningful window_sequence transitions. However, decoder]
required to handle non-meaningful window_sequefice transitions as well. Test sequences al03 and asl

S are
/ are

provided respectively for AOT 2 (AAC LC) and AOT 3 (AAC SSR) to test decoder performance on non-meaningful

window seqyence transitions (AOT 1 (AAC Main) and AOT 4 (AAC LTP) decoders also shall fulfil conforman
AOT 2) (see 7.4.1.2.2.1). The performance requirements for non-meaningful window_sequence transitions a
same as for the meaningful transitions.

window_shape: no restrictions apply.

e for
e the

max_sfb: shall be <= num_swb_long or num_swb_short as appropriate for window_sequence and sampling

frequency.

scale_factor|grouping:no restrictions apply.

predictor_data<present: shall be encoded with the value 0 for the audioObjectTypes 2 (AAC LC), 3 (AAC SSR

and

17 (ER AAC LTCJ; shall be encoded with the value O when used in the Low Delay AAC protile; no restrictions
otherwise.

pply

predictor_reset: shall be encoded with the binary value of 1 sufficiently often so that normative behaviour is

achieved (AAC main).
predictor_reset_group_number: shall not be encoded with the binary values 00000 or 11111 (AAC main).
prediction_data_used: no restrictions apply.

Itp_data_present: No restrictions apply.
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7.4.1.2.2.5 pulse_data()
number_pulse: no restrictions apply.
pulse_start_sfb: shall be smaller than num_swb_long_window([fs_index].

pulse_offset[i]: swb_offset_long_window[pulse_start_sfb] + pulse_offset[0] + ... + pulse_offset[number_pulse] shall
not be greater than 1023.

pulse_ampli]: shall be encoded with a value small enough such that the compensated quantized spectral
coefficient is not greater than 8191.

7.4.1|.2.2.6 coupling_channel_element()
The gumber of dependently-switched and independently-switched coupling channel elements.shall npt exceed the
allowed numbers specified by the profile and level. No coupling channel® shall target a given
singlg_channel_element() or channel_pair_element() more than once per frame. Dependently switched coupling
chanhels are not permitted for audio object type 4 (AAC LTP).

ind_sw_cce_flag: shall not be encoded with the binary value of 1 if indep€ndently-switched coupling channel
elempnts are not specified by the level and profile.

num|coupled_elements: shall not be encoded with a valGe ~“greater than the total | number of
single_channel_elements and channel_pair_elements.

cc_target_is_cpe: shall be encoded with the binary value 1/fithe syntactic element with element_inistance_tag of
cc_tafget_tag_select is a channel_pair_element; otherwise, {Ushall be encoded with the binary value of/|0.

cc_target_tag select: shall only be encoded with*a’binary value equal to the element_ instahce_tag of a
singlg_channel_element or a channel_pair_element.6f'the current frame.

cc_l: ho restrictions apply.

cc_r:[no restrictions apply.

cc_domain: no restrictions apply.

gain)element_sign: no restrictions apply.
gain|element_scale: nio restrictions apply.
common_gain_€lement_present: no restrictions apply.

hcod _sf: see7:4.1.2.2.17.

7.4.1.2:277 Ife_channel element()

The number of LFEs shall not exceed the allowed number specified by the profile & level.

The window_shape field of any LFE shall always be encoded with a value of 0 (sine window).

The window_sequence field of any LFE shall always be encoded with a value of ONLY_LONG_SEQUENCE.
Only the lowest 12 spectral coefficients of any LFE may be non-zero.

The predictor_data_present_flag of any LFE shall be encoded with a value of 0.

Temporal noise shaping shall not be used in any LFE.
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data_stream_element()

data_byte_align_flag: no restrictions apply.

count: no restrictions apply.

esc_count: no restrictions apply.

dat_stream_byte: no restrictions apply.

7.4.1.2.2.9

fill_element()

count: no reg

esc_count: n

Fill elements
shall not co

trictions apply.
b restrictions apply.

containing an extension_payload with an extension_type of EXT_SBR_DATA orEXT_SBR_DATA
htain any other extension_payload of any other extension_type. For fill elements containir

extension_palyload with an extension_type of EXT_SBR_DATA or EXT_SBR_DATA_CRC, thefill_element count

shall be sete
7.4.1.2.2.10
For the audig
aloccode: sh

aloccode[ A

where B is th

No restrictio
7.4.1.2.2.11

ics_reserved

jual to the total length in bytes, including the SBR enhancement data plus the extension_type fiel
gain_control_data()

object type AAC SSR the following restrictions apply:

hll satisfy the following conditions:

1[w][m, ] <aloccode[B][w][m,], 1 <m, <my< adjust num[B][w]+1

e Band ID, an integer between 1 and 3, and w(is the Window ID, an integer from O to 7.

s apply for the remaining data elementsinside of gain_control_data().

aac_scalable_main_header()

_bit: see 7.4.1.2.2.4.

window_sequence: see 7.4.1.2.2.4.

window_shape: see 7.4.1.2.24.

max_sfb: se¢

scale_factor}]

7.4.1.2.2.4,

|grouping: see 7.4.1.2.2.4.

7

| CRC
lg an
field

==

ms_mask_pr

sent—sce 7~

tns_channel_mono_layer: no restrictions apply.

tns_data_present: see 7.4.1.2.2.13.

Itp_data_present: Shall be zero if audioObjectType == 20 (ER AAC scalable). No restrictions apply otherwise.

7.4.1.2.2.12

max_sfb: see

aac_scalable_extension_header()

7.4.1.2.2.4.

ms_mask_present: see 7.4.1.2.2.4.
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tns_data_present: see 7.4.1.2.2.13.

7.4.1

.2.2.13 diff_control_data()

diff_control: no restrictions apply.

7.4.1

2.2.14 diff_control_Ir()

diff_control_Ir: no restrictions apply.

7.4.1

.2.2.15 individual_channel_stream()

glob
puls
AAC
valud
tns_c

gain|

lengf
or LK

lengf
fram

7.4.1.2.2.16 section_data()

sect |
(aac§

Inten
chan
chan

Given that ms_used[g][sfb].is set to 1 or ms_mask_present equals the binary value 10, sfb_cb[g][3

equa

sect

al_gain: no restrictions apply.

p_data_present: shall be encoded with a value of 0 for the audioObjectTypes 6 (AAC-scalable
bcalable); shall be encoded with a value of 0 when used in the Low Delay AAC profile; shall be er
of 0 if window_sequence is EIGHT_SHORT_SEQUENCE; no restrictions apply otherwise.
ata_present: no restrictions apply.

control_data_present: no restrictions apply for AAC SSR; otherwise.it;shall be encoded with thg
h_of_reordered_spectral_data: Shall be equal to the length ofthereordered spectral data. In

E it shall be <= 6144. In case of CPE the sum of both values shall'be <= 12288.

. It shall be <= 48.

cb[g][i]: Shall not be encoded with-' the decimal value 12 (bit sequence eif
ectionDataResilienceFlag == 0) or “01100" (aacSectionDataResilienceFlag == 1)).

hel of a channel pair element, a coupling channel element, or an LFE. Intensity codebooks can o
hel_pair_element if the commion’ window field is set to 1.

NOISE_HCB in only-one channel of a channel pair element.

len_incr: The Sum of all sect_len_incr elements for a given window group shall equal max_sfb.

7.4.1.2.2.17 scale_factor_data()

hcod sff,]--Shall only be encoded with the values listed in the scalefactor Huffman table. Shall be g
that the.decoded scalefactors sf[g][sfb] are within the range of zero to 255, both inclusive.

and 20 (ER
coded with a

value 0.

case of a SCE

h_of_longest_codeword: Shall reflect the length of thelongest codeword transmitted withig the current

her “1100”

sity codebooks INTENSITY_HCB.afid INTENSITY_HCB2 shall not occur in a single_channel_elefnent, the left

hly occur in a

fb] shall not

ncoded such

dpcm_noise_nrg: No restrictions apply.

sf_co

ncealment: No restrictions apply.

rev_global_gain: Shall be encoded with the PCM value of the last scale factor.

length_of _rvlc_sf: Shall be equal to the length of the RVLC data part in bits.

rvlc_

sf es

cod_sf: Shall only be encoded with the values listed in the RVLC codebook table.

capes_present: No restrictions apply.
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Ic_escapes: Shall be equal to the length of the RVLC escape data part in bits.

rvlc_esc_sf: Shall only be encoded with the values listed in the Huffman codebook table for RVLC escape values.

dpcm_is_last_position: Shall be encoded with the last intensity stereo position.

dpcm_noise_last_position: Shall be encoded with the last noise energy value.

7.4.1.2.2.18

tns_data()

n_filt: no restrictions apply.

coef_res: no

length[w][fi
not exceed tH

order[w][fil

sampling frequency

direction: n
coef_compre
coef: no rest
7.4.1.2.2.19
No restrictio

7.4.1.2.2.20

hcod[sect_ch[g][i]l[w][x][y][z]: shall only be encoded with the values listed in Huffman codebooks 1, 2, 3, o
quad_sign_bjts: no restrictions apply.

hcod[sect_ch[g][ill[y][z]: shall only be.ehcoded with the values listed in Huffman codebooks 5 through 11.

pair_sign_bi

hcod_esc_y:
sequence cof

hcod_esc_z:
sequence cof

Festrictions apply.

t]: shall be small enough such that the lower bound of the filtered region, indicated by bottom’,
e start of the array containing the spectral coefficients (spec[w])

E]: shall not exceed the maximum permitted order depending on the specified object typq

restrictions apply.
SS: no restrictions apply.
ictions apply.
Itp_data()
s apply to any of the data elements inside ltp_data().

spectral_data()

s: no restrictions apply.

Ghall be encoded ‘with a value smaller or equal to 8191, i.e,, it shall be encoded with an initial e
sisting of motmore than nine ‘1’ bits followed by an escape separator of ‘0’.

thall be.encoded with a value smaller or equal to 8191, i.e,, it shall be encoded with an initial e;
sisting of not more than nine ‘1’ bits followed by an escape separator of ‘0’.

7.4.1.2.2.21

extension_payload()

extension_type: no restrictions apply.

fill_nibble: shall be ‘0000".

fill_byte: sha

11 be ‘10100107".

data_element_version: shall be ‘0000’.

dataElementLengthPart: no restrictions apply.
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data_element_byte: no restrictions apply.

other_bits: no restrictions apply.

7.4.1

.2.2.22 dynamic_range_info()

No restrictions apply to any of the data elements inside dynamic_range_info().

7.4.1

.2.2.23 excluded_channels()

No restrictions apply to any of the data elements inside excluded_channels().

7.4.1|.2.2.24 ms_data()

ms_\

7.4.1.2.2.25 channel_pair_element_eld()

max,

ms_1

ms_u

7.4.1.2.2.26 individual_channel_stream_eld()

glob
max|
tns_g

lengf
or LK

lengt
fram

7.4.2
7.4.2

The
Term
ISO/
diffey

sed: see 7.4.1.2.2.3.

sfb: shall be <= num_swb_long as appropriate for sampling frequency.
nask_present: shall not be encoded with the binary value 11

sed: no restrictions apply.

hl_gain: no restrictions apply
sfb: shall be <= num_swb_long as appropriate forsampling frequency.
ata_present: no restrictions apply
h_of reordered_spectral_data: Shall be equal to the length of the reordered spectral data. In
E it shall be <= 6144. In case of CPE the sum of both values shall be <= 12288.
. [t shall be <= 48.
Decoders
.1 Characteristics

bbject types 'AAC LC (Low Complexity), AAC main, AAC SSR (Scalable Sampling Rate) and AA

case of a SCE

h_of_longest_codeword: Shall reflect the length of the longest codeword transmitted within the current

C LTP (Long

Prediction) build the basic object types supporting AAC-based audio coding within MPEQ

ent“decoder structure, syntax and additional tools to provide large step scalability. The detail

-4 using the

E@ 13818-7 style syntax. The AAC Scalable Object type is built on top of the AAC LTP object tyﬂ)e, but uses a

are given in

Table 21.

The AAC LC, AAC main and AAC SSR object types correspond to the LC, Main, SSR profiles of ISO/IEC 13818-7,
with the inclusion of PNS as a mandatory tool in MPEG-4 AAC decoders. The AAC main and AAC LTP object types
are built on top of the AAC LC object type. The AAC SSR is identical to the AAC LC object type with the exception of
the filterbank, the additional gain control tool and some aspects of the TNS tool configuration. All these object
types have an ISO/IEC 13818-7 syntax style.
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Table 21 — AAC Object Types

Audio Object Type

GA Bitstream Syntax Type

Hierarchy

Object Type ID

AAC main ISO/IEC 13818-7 Style contains AAC LC 1
AACLC ISO/IEC 13818-7 Style 2
AAC SSR ISO/IEC 13818-7 Style 3
AACLTP ISO/IEC 13818-7 Style contains AAC LC 4
AAC scalable Scalable 6

R AAC object types have been defined in ISO/IEC 14496-5. Table 22 gives an overview.

Table 22 — Overview about the ER AAC object types

a ) e

3 o 2 8|8

2|2 2| 2|2

<] >~ p— [=] el

- cb | & [5)

© - (=N -
. . [ 7] o

Audio Object MEAEAR=18 el 3

M| Z| == ON=| ©

Type (=} B | | R -
ERAACLC 17 | X | X X
ER AAC LTP 19 | X | X | X X
ER AAC scalable 20 | X | X X X
ER AACLD 23 X1 X XX

ER AAC ELD 39 X XXX

pes ER AAC LC, ER AAC LTP, and ER)AAC scalable are based on the object types AAC LC, AAC LTH
respectively as defined in ISO/IEC 14496-3. The object type ER AAC LD is based on the object
but introduces some changesiin order to reduce the overall algorithmic delay. Table 23 shows

5.

, and

type
these
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Table 23 — AAC object type dependencies

ER Audio object type underlying Audio object type
ERAACLC AACLC

ER AACLTP AACLTP

ER AAC scalable AAC scalable

ER AACLD ER AAC LTP

All ER AAC object types use the error resilient bitstream payload syntax. This syntax is based on the syntax of the
undefrlying non-ER AAC object types. The error resilient bitstream payload can be derived by subdjvision of the
bitstfeam payload data elements into instances of error sensitivity classes.

The grror resilient bitstream payload is mandatory.

Beside the error resilient bitstream syntax, modified noiseless coding tools are introduced for secti¢gn data, scale
factof data, and spectral data. These tools are optional.

In gdneral, conformance criteria defined for the underlying object types are also valid for the Verpion 2 object
typeg and will not be repeated here. Thus, characteristics defined for asxnew object type have to be treated as

exterjsions or modifications with respect to the already defined charactéristics of the underlying obje¢t type.

A coppliant decoder may also support any of the modifications to.the parameters in an audio bitstream described
in Taple 24.

Table 24 — AAC Parameter

Bitskream Variation
Characteristic

program configuration any configuration of ‘compressed data containing more than one program (in the
sense of what is@pecified in a program_config_element()) is not allowed
if a program_config_element() is used, syntactic elements (other thar] ID_FILL or
ID_END) netreferenced by any program_config_element() are not allowefl

datdq stream_element a decoder is not required to store or present data recoyered from
data_stream_element()’s

morjo-mixdown element [va decoder conforming with one of the currently defined profiles is not|{ required to
support compressed data containing any mono-mixdown element

stergo-mixdown element | a decoder conforming with one of the currently defined profiles is not|{ required to
support compressed data containing any stereo-mixdown element

matrix-mixdown a decoder is not required to calculate a matrix-mixdown signal

The ¢hannel configuration information given in a program_config_element() inside an AAC payload| conveyed as
an MPEG-4 access unit shall be ignored. In this case, the channel configuration information is already available
from the MPEG-4 decoder configuration, specifically the GASpecificConfig(), which can include a
program_config_element(). The channel configuration information given in a program_config_element() inside an
AAC payload is only evaluated in case of an MPEG-4 ADTS bitstream with channel_configuration == 0, since such a
bitstream does not include a GASpecificConfig().

Next to channel configuration information, a program_config_element() can carry additional information, e.g.
coefficients for a matrix mixdown or a comment field. This additional information can be conveyed dynamically by
a program_config_element() inside an MPEG-4 access unit as well as by a program_config_element() included in
the GASpecificConfig(). Such information does not affect the normative behavior of a decoder and may hence be
ignored. However it may be utilized for non-normative decoder operation modes like matrix mixdown.
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7.4.2.1.1 AACmain

The MPEG-4 AAC main object type is the counterpart to the MPEG-2 AAC Main Profile, though also offering the
PNS tool. The AAC main object type bitstream syntax is compatible with the syntax defined in ISO/IEC 13818-7. All
the MPEG-2 AAC multi-channel capabilities are available. A decoder capable of decoding a MPEG-4 Main Access
Unit can also parse and decode an MPEG-2 AAC Main Profile raw_data_stream(). On the other hand, an MPEG-2
Main profile decoder will not be able to parse an MPEG-4 AAC Main stream if PNS has been used. The AAC main

Object Type is an extension of the AAC LC Object Type.

7.4.2.1.2

AACLC

The MPEG-4
though also

in ISO/IEC 1
an MPEG-4 1
hand, an MPH

74213 |
The MPEG-4
though also ¢
in ISO/IEC 1]
MPEG-4 SSR
an MPEG-2 S

74214 |
The AAC LTP
the MPEG-4

AAC predictq
significantly

syntax defing
an LTP decod

The decoder

74215 |
The scalable
decoder stru
combination
channel sterd

AAC-based s
AAC and Twi
CELP core cd

AAT Low Complexity (L) object type is the counterpart to the MPEG-Z AAC Low Complexity Pj
ffering the PNS tool. The AAC LC object type bitstream syntax is compatible with the syntax de
8818-7. All the MPEG-2 AAC multi-channel capabilities are available. A decoder capable-of'dec
C Access Unit can also parse and decode an MPEG-2 AAC LC Profile raw_data_stream(). On the
G-2 AAC LC profile decoder will not be able to parse an MPEG-4 AAC-LC stream if PNS has been

AAC SSR

AAC Scalable Sampling Rate (SSR) object type is the counterpart to the, MPEG-2 AAC SSR Pr
ffering the PNS tool. The AAC SSR object type bitstream syntax is comipatible with the syntax de
818-7. All the MPEG-2 SSR multi-channel capabilities are available: A*decoder capable of decod
Access Unit can also parse and decode a MPEG-2 SSR Main profil€raw data stream. On the other
bR profile decoder will not be able to parse an MPEG-4 AAC- SSR'stream if PNS has been used.

AACLTP

Object Type is an extension of the AAC LC Object Type with a long term predictor. At the same
AAC LTP object type is similar to the AAC main<object type. However, an LTP replaces the MH

lower implementation complexity. The bitstream syntax for this object type is very similar t
d in ISO/IEC 13818-7. An MPEG-2 AAC.LC profile bitstream can be decoded without restrictio
er.

chall use the MPEG-4 long term predictor.
AAC scalable

AAC object type is-built on top of the AAC LTP object type, but uses a different bitstream sy
cture and additional-tools to support bitrate- and bandwidth- scalability. A large number of scg

are available,sincluding combinations with TwinVQ and CELP coder tools. However, only mono
o objects are stipported.

ralableseonfigurations shall support all object type combinations specified in ISO/IEC 14496-
nVQ\layers and their enhancement layers shall operate at the same sampling rate. In case of ug
derthe ratio between CELP core and AAC enhancement layer sampling rates is restricted acco

ofile,
fined
ding
bther
1sed.

ofile,
fined
ing a
hand,

time,
EG-2

r and the PNS tool can be used in addition.The LTP achieves a similar coding gain, but requires

b the
s by

ntax,
lable
or 2-

B. All
ing a
rding

to the specification in the General Audio part of ISO/IEC 14496-3.

7.4.2.2

Test procedure

The test procedures specified in Table 28 has to be applied. The RMS test procedure always includes the LSB test.
Table 25 provides the references to the according test specifications.
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Table 25 — References to the test precedure descriptions

Reference to the test specification
7.1.2.2.1
7.1.2.2.4

Name of the test procedure as used in Table 28
RMS
PNS

If no test is specified, a check of conformance using appropriate measurements, e.g. the LSB criterion (for those
sequences that do not utilize PNS) or objective perceptual measurement systems, is not mandatory but highly
recommended. This also applies to bitstreams with non-meaningful window sequences.

7.4.2

Foct coanaoncoac

2
=4

To td
defin|
prog
22.0]
ERA
objeq
samy]
COrré

certalin sequence, the lower bitrate is to be used for sampling rates of 16\kHZz and below, and the hig

to be
All s¢
and |
only
Som¢
Dyn3

payld
sem

code

1n
Arithhmetic torture: This field indicates'that as many different Huffman codewords from the spect

o otquUTIICCS

st AAC decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of test sequences. The(test s
ed in Table 26, Table 27 and Table 28. In the case that the ChannelConfiguratiotr equ
fam_config_element() is defined in Table 29. Sequences are provided at sampling nates of 8, 1
, 24,32, 44.1, 48, 64, 88.2, and 96 kHz for the audio object types AAC main, AAGLC,"’AAC SSR,
AC LC, ER AAC LTP and ER AAC scalable and at sampling rates of 22.05, 24, 32;44.1 and 48 kHz
t type ER AAC LD and ER AAC ELD. The extension _fs is appended to the|s€équence name to
ling rate of the test sequence. Possible values of fs are 08, 11, 12, 16, 22; 24, 32, 44, 48, 64
sponding to the possibly non-integer sampling rates listed above. If two-bitrates are listed in t

used at sampling rates above 16 kHz.

quences for the object types AAC main, AAC LC, AAC SSR, AAC scalable, ER AAC LC, ER AAC LT
LR AAC ELD are supplied in all sampling rates (as indicated by extension _fs). For a specific prg
the sequences with the appropriate channel configuratien and sampling rate are applicable.
conformance test sequences have special properties as follows:

imic Range Control: This field indicates that.dynamic range control information is available in

ad of the compressed data. Conformant.decoders shall be able to parse these test sequences. H
tics is optional, making the result of decoding the DRC test sequences informative only.

books as possible are used within the bitstream payload of the compressed data. At least 95 9

num

Buffer test: This field indicates that the bitstream payload of the compressed data is intended
decofler’s input buffer.size. The number of remaining bits in the bit reservoir are first kept at a high 1

er of the individual codewords is processed.

bquences are
hls zero the
.025, 12, 16,
AAC scalable,
for the audio
indicate the
l, 88 and 96,
he table for a
her bitrate is

P, ER AAC LD
file and level

he bitstream

owever, DRC

um Huffman
o of the total

to check the
bvel and than

at onfe or several blocks within the stream all accumulated free bits are used by a single raw_data_llock(). Thus,

the resulting blockidengths for these raw_data_block()'s are similar to the total decoder input buffer s
can He difficultto.achieve, not more than 16 bit below that value.

Non

compressed data is intended to check the decoder’s behavior in case of a non-meaningful wind

eaningful window_sequence transitions: This field indicates that the bitstream pajy

ze, or, as this

rload of the
bw sequence

transttions (see 7-4-1-2:2- T for detatis):
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Table 26 — AAC test sequences
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—_ < 5|8 | > s |l=12 |8 s |E21° 2
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> =T =) o) s |®|laly T |2 |6 =
g £ 8|2 RN A ERERE £ |8 |5 2|z
2 S 2 |5 S|¥|% SlE |5 |85 SlelS|s g3
© . i) = o 1= 2> S & = S Q £ o 1o lg 12 S
g [15 2 RE =2 |8 |2 EREERRE ERERERERERES
a o 1] = = £ > = e=} v o | 215 « = s [T | LS
2 || = |5 Elsls (2le|E1c|E|g|2(2|E|2|5|5 |5 58 5% |8
= |8 5 < |3 S|le|8 |E|[=|z|=slz|5|lalala|lz|s || |S4ald |8
ac22 | |test mix 32 6 |3 210 - Jy Iy ly m [y ly Im |- |y In |- |- In |/ jn |n none
32 6 |3 2 10 |- y |y |- - - n n |- - n( A n |n
32 6 |3 2 (0 |- n |y - |- |- |- |n n [- |- In_,]- [n |n
32 6 |3 2 10 |- n |y |- - - - n n |- { n |- n |n
NOTE| With al22, two different signalling methodologies of channel configurations are available, denoted by _chCfg14 @r—chCfgOPce resp.
Key:
‘?: mfty be used
‘-’: nojt applicable
‘n’: no
Yy ye

Table 27 — AAC test sequences with a framelength 960 samples

3
i
[}
Q.
2
o
K]
1%
£
S
2
=
9 =i
2 8
= 3 2 © 5
2 |2 |82 512 | 2
@ e © = o & 0 = e
£ 218 |38 |8 E|E |5 |3
] © & o o) S ° to =t
= = = = oh =} 5 5 2
e o R - 3 |28 |¢
< 3 = 3 S = = 8 Q g
el = [ = = =] = =}
3 s z % | S £ = 5 s ]
= 3 2 = < A S 8 & 3
al00sf| sine sweep | 43 69 2 * 0 [aloo 1 RMS
al01sf|  music 43 69 2 * 0 alol 1 none
al02sf|  music 43 69 2 * 0 al02 1 none
al03sf|  music 43 69 2 * 0 alo3 1 none
al04sf|  music 43 69 2 * 0 alo4 1 none
alo5sf|  music 86 | 137 2 * 0 alos 1 none
al06sf|  test mix 128 | 205 2 [0.2,7.11] O alo6 1 none
OGS TeStmIX 05 1 205 4 376 0 a6 T TIOTE
al07sf[music, other| 256 | 410 2 * 0 alo7 1 none
al08sf|  music 2048(3277| 2 ]0.2,7.11| 0 alog 1 none
al08sf|  music 32773277 2 3.6 0 alog 1 none
all4sf|  music 69 | 137 2 * 0 all4 1 none
all15sf|  music 205 | 410 2 * 0 all5 1 none
all6sf|  music 103 | 410 2 * 0 all6 1 none
all7sf|  music 86 | 137 2 * 0 all7 1 none
al18sf| noise 43 69 2 * 1 all8 1 PNS-1
al19sf| noise 43 69 2 * 1 | all9 1 |PNS-2/3
Key:
“*”: variable
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Table 28 — ER AAC test sequences
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P £ EO0E|E |E|2IEIEIEIE|G B || E|gltlelg Ot
= 3 8 < | & S|elel8lg|g|g|le|=|2lslE|d|a|A ]
er_all0 sine sweep (40/64 (17 |* 1 1010 |- [0 |0 |0 |- |- [y |y [n |n [n |n RMS
er_all2 test mix 40/64 |17 |* 1 101{o [- |1 o |0 |- |- |17 [? [? |n [n. |fs® nond
er_all5 test mix 40/64 |17 |* 1 101{o [- 0 (o |1 |- |- |17 [? [? |n (|n~]|fs2 none
er_all8 test mix 40/64 |17 |* 1 (0,1]0 |- 1 (1 (12 |- |- 2 (7 [?7 MWmY|n |[fs1 nong
er_al21 test mix 80/128 |17 |* 2 10110 |- |10 |0 |10 |y |y |7 P A? In [n [fs2 none
er_al23 test mix 80/128 |17 |* 2 10110 |- |10 |1 |10 |y |y [? 42 [n [n |[fs] none
er_al26 test mix 80/128 |17 |* 2 (0,110 (- |1 (0 |11 |y |y 42N |? |n |n |[fs2 nong
er_apl0 sine sweep |40/64 |19 |* 1 (01{0 |- [0 |0 |0 |- |£AY |y |In |In |? |n RMS
er_apl4 test mix 40/64 |19 |* 1 (01({0 |- (1 |1 |0 |-%]|-> 1?7 |7 |? |n |7 |fsl none
er_ap27 test mix 80/128 |19 |* 2 10110 |- |10 |11 | |y ly |7 |7 [? [n [? |[fs2 nong
er_ad1000 sine sweep (64 23 |* 1 (0,1]0 |- 0 [0<|0*- |- [- |y [n |n [? |n RMS
er_ad1109 noise 64 23 |* 1 1011 |- jo.fec |0 |- [- |- [n |n |n |n PNSH{1
er_ad1102 sine sweep |64 23 |* 1 [0,1[1 |- ¢jONYO O |- |- |- |y In |n |? RMS
er_ad1103 test mix 64 23 |* 1 (01]1 |, 10 (0 O |- |- |- [? |2 In [|? |[fs2 nong
er_ad1111 test mix 64 23 |* 1 101{N- 0 (0o |1 |- |- |- [? [? In [? |fs1 nond
er_ad2040 test mix 128 23 |* 2 10430 |- |1 10 10 |y |y |- |7 [?7 [n [? |[fs] none
er_ad2050 test mix 128 23 |* 20110 |- |12 10 |11 |y |y |- |7 |7 [n [? |[fs2 none
er_ad2160 test mix 128 23 |* 2 10,11 |- 111 (0 |y [y |- [? |7 [n |7 |fsl nong
er_ad2170 test mix 128 23 |* 2 10111 |- |11 11 11 |y |y |- |7 |7 [n [? |[fs2 none
er_ad1000np sine sweep |64 23 & 1 1010 |- [0 [0 JO |- |- [- |y [n |n [n |n RMS
er_ad1020np test mix 64 23 |* 1 (0,10 |- o1 10 |- |- |- [? |17 [n |n |fsl nong
er_ad1030np test mix 64 23 |* 1 101{o [- j0 (1 |2 |- |- |- [? [? In [n |fs2 nond
er_ad1102np sine sweep |64 23 |* 1 (01f1 |- (0 |0 |0 |- |- |- |y |In |n |n |n RMS
er_ad1103np test mix 64 23 |* 1 101f1 |- (o |0 |0 |- |- [- |7 [? |n [n |fs2 nong
er_ad1111np test mix 64 23 |* 1 1011 [- 0 (o |1 |- |- |- [? [? In [n |fs1 nond
er_ad2040np test mix 128 23 |* 2 (0110 |- (1 JO [0 |- |- (- 1?7 [? In |n |[fs1 nond
er_ad2050np testimix 128 23 |* 2 10110 |- |12 10 |12 |- |- |- 17 [?7 [n [n [fs2 none
er_ad2160np test mix 128 23 |* 2 10,111 |- 1 (1 (o |- |- |- [? [? In |n |[fs1 nong
er_ad2170np testimix 128 23 [* 2 lgaly 1 1 Iy 2 12 In 1o leeo non
er_ad1100np_ep0 [sine sweep |64 23134567 |1 (0 |1 (- |0 (0 |O |- |- |- |7 [? In |n |n RMS
er_ad1009np_ep0 noise 64 23 13,4,5,6,7 |1 |0 |0 |- 0 (0 |0 |- - - 7 17 In [n |y PNS-1
er_ad1109np_ep0 |noise 64 23134567 |1 [0 [1 |- (0 [0 [0 [- |- |- [? [? |m |n |y PNS-1
er_ad1110np_ep0 |test mix 64 23134567 |1 (0 |1 |- [0 j0 (1 |- |- (- |17 [? In |n |n RMS
er_ad1120np_ep0 test mix 64 23 13,45,6,7 |1 (0 |1 |- o1 10 |- |- |- 127 1?7 In [n |n RMS
er_ad1140np_ep0 |test mix 64 23134567 |1 (0 |1 |- |12 JjO0 [0 |- |- |- |17 [? In |n |n RMS
er_ad1130np_ep0 |test mix 64 23134567 |1 (0 |1 |- [0 |1 (1 |- |- (- |17 [? In |n |[n RMS
er_ad1150np_ep0 |[test mix 64 23 13,4567 |1 (0 |1 |- |12 j0 (1 |- |- |- |17 [? |In |n |n RMS
er_ad1160np_ep0 test mix 64 23 13,45,6,7 |1 |0 |1 |- 1 (1 (o |- |- |- (2 [? In In |n RMS
er_ad1170np_ep0 |test mix 64 23134567 |1 (0 |1 |- 12 1 (1 |- |- |- 17 [? In |n |n RMS
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er_ad3+86np—ep6 FeSEHE 02 2317+ 3—0—1+ —16—0—2—12 22— A—Tr RMS
er_ad4000np_ep0  [test mix 256 23 |6 4 10 |0 |- [0 Jj0 (0 |17 (2 |- [2 1?7 |- |n fn RMS
er_ad$100np_ep0 |test mix 320 23 |5 510 (1 |- (0o jo 0o 12 17 |- |17 |7 |- o RMS
er_ad$000np_ep0 [test mix 384 23 |4 6 |10 10 |- |0 |0 |0 7 (7 [- [? [? || |n RMS
er_ad7100np_ep0 test mix 448 23 |3 7 |10 |1 |- o (o |0 |7 |7 |- ?7 01?7 |- n |[n RMS
er_ad?101np_ep0 test mix 128 23 10,1,2,3, 2 10 |1 |- 0 [0 [0 [y |In [- InOY>"]- [n |n RMS
4,5,6,7,
8,9,10,
11,12
er_eld1000np_ep0 [sine sweep |64 39 13,4567 |1 [0 |10 [- |0 [0 |0 [s\}¥ |- |- Imn |- |- |n RMS
er_eld1100np_ep0 [sine sweep |64 39 13,4,5,6,7 |1 |0 |1 |- 0 |0 JoN]F |- |- - In |- |- |[n RMS
er_eld1101np_ep0 |test mix 64 39 134567 |1 [0 [1 [- (0 [0Mo“ (- |- |- |- |y |- |- In none
er_eld1001np_ep0 [test mix 64 39 134567 |1 [0 10 (- |0 40|10 |- |- |- |- |y |- |- [n none
er_eld1102np_ep0 [noise 64 39 13,4,5,6,7 |1 |0 |1 |- 0 |0 |0 |- |- |- - In - |-y PNS-1
er_eld1002np_ep0 |noise 64 39 134,56,7 |1 [0 [0<” ™v0 [0 [0 |- |- |- [- Im |- |- |y PNS-1
er_eld2100np_ep0 |test mix 128 39 134,56,7 |2 [0 [bNf- (0 [0 [0 n |y |- |- |m |- |- |n RMS
k=TBD
er_eld2000np_ep0 |test mix 128 39 13,4,56,7 |2(\yO [0 |- [0 [0 [0 [n [y [- [- [n |- [- [n RMS
k=TBD
er_eldl1110np_ep0 |[test mix 64 39 13,4567 |1 [0 |1 |- o |0 |1 |- |- |- - In |- |- |[n RMS
k=TBD
er_eld1120np_ep0 |[test mix 64 39134567 |1 (0 |1 |- [0 Jj1 [0 |- |- |- |- [m |- |- |[n RMS
k=TBD
er_eld1140np_ep0 |test mix 64 39 134,56,7 |1 (0 |1 |- |2 j0 (0 |- |- |- |- [m |- |- |[n RMS
k=TBD
er_eld1130np_ep0 |test mix 64 39 134567 |1 (0 |1 |- [0 1 (1 |- |- |- |- [m |- |- |n RMS
k=TBD
er_eld2150np_ep0 |[testunix 128 39 134567 |12 ([0 |11 - |11 [0 |1 In |y |- |- In |- |- |n RMS
k=TBD
er_eld1160np_epQ_/ |test mix 64 39 13456,7 |1 (0 |11 |- |2 )1 (0o |- |- |- |- [m |- |- |[n RMS
k=TBD
er_eld1170np_ep0 |test mix 64 39 13456,7 |1 (0 |1 |- 2 1 (1 |- |- |- |- [m |- |- |n RMS
k=TBD
er_eld1010np_ep0 |[test mix 64 39 13,4,5,6,7 |1 |0 |0 |- o |0 |1 |- |- |- - In |- |- |[n RMS
er_eld1020np_ep0 |test mix 64 39134567 |1 (0 |0 |- [0 J12 (0o |- |- |- |- [m |- |- |n RMS
er_eld1040np_ep0 |test mix 64 39 134,56,7 |1 (0 10 |- |2 j0 (O |- |- |- |- [m |- |- |[n RMS
er_eld1030np_ep0 |[test mix 64 39 13,4,5,6,7 |1 |0 |0 |- o |1 |11 |- |- |- - In |- |- |[n RMS
er_eld1050np_ep0 |test mix 64 39 13456,7 |1 (0 |0 |- |2 j0 (1 |- |- |- |- [m |- |- |n RMS
er_eld1060np_ep0 |Test mix 64 39 13456,7 |1 (0 10 |- |2 1 (0o |- |- |- |- [m |- |- |[n RMS
er_eld2070np_ep0 [Test mix 128 39134567 |12 ([0 10 (- |1 (1 |11 In |y |- |- In |- |- [n RMS
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RMS
RMS
RMS
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0,110
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20 101 9 2

=4

39
39
39
39
39
20
20
20
20
20
20
20
20
20
20
20
20
20
20
20
20

24 |11
20
20

24 |12
20
20
21
20
20
21
20
20

(s/na) areniq

192
256
320
384
448
64

64

24
40

40

30
16
96
20
32
32
32
32
40

64
6

40

64
6.2

64

128
8

40

64
12
64
96

JU2U0D

fock ol
tESTRHX

test mix

test mix

test mix

test mix

test mix

test mix

sine sweep (40

sine sweep

music

test mix

test mix

test mix

test mix

test mix

aweu aseq a[y

fa)
A4

p_e

er_eld2101n

p_ep0

er_eld4100n

er_eld3000n

p_ep0

er_eld5000n

p_ep0

er_eld6100n

p_ep0

er_eld7000n

p_ep0

er_acl11

er_acl18

er_acl19

er_acl21

er_ac123

er_ac211

er_ac221

er_ac311

er_ac321

Key:

?: may be used

: not applicable

’

‘fs1’: yes if fs is one of the following: 08, 12, 22, 32, 48, 88; no otherwise
‘fs2”: yes if fs is one of the following: 11, 16, 24, 44, 64, 96; no otherwise

- no

-yes
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Table 29 — Specification of the program_config_element()
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slegl= 2|2 |22 ||
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2 Els |2 B (5|2 |d |58
] “::I 2 bl 3, < LS s
° Els[E |2 |E|T|E |E|
= ZlE(2 |3 |2 |5 |2 |28
&« L= w o
ap03 1 |n |0 0 - 0 0
ap04 1 n 0 0 - 0 0
ap05 2 In |0 - 0 |0
Key:
“*’: variable

‘?: may be used
‘-’: not applicable
‘n’: no

'y’ yes

7.5 TwinVQ and ER_TwinVQ

7.5.1 DecoderSpecificInfo characteristics

Encoders maly apply restrictions to the following parameters of the Objéct Descriptor Stream:
a) samplingFrequencylndex (descriptor element which indicatés sampling rate).

b) bitrhte (indicates bitrate).

c) nunpber of layers (indicates the number of scalablédayers).
d) nunpber of channels (indicates the number of ¢channels of input signal).
e) frameLength (indicate frame length is 1024%or 960).

7.5.2 Audip access unit characteristics

Encoders maly apply restrictions to the following parameters of the bitstream:
a) winfdow_sequence
b) winfdow_shape
c) LTH(Itp_present)
d) M/ stereo (msmask_present)
e) TN§ (tns_present)

f) quahtizer option (bandlimit, ppc, postprocess)

7.5.3 Procédure to test bitstream conformance

7.5.3.1  Parsing system layer parameters

The decoder shall get the information of the sampling frequency, number of layers, bitrate and number of
channels from the system layer.

7.5.3.2 Decoding of the payload
7.5.3.2.1 parsing tvq_scalable_main_header()

The syntax has the window_sequence, window_shape, ms_mask_present, scale_factor_grouping,
Itp_data_present, and tns_data_resent. These syntax elements are common to those for AAC.
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7.5.3.2.2  parsing tvq_scalable_extension_header()

The syntax has ms_mask_present common to AAC.

7.5.3.2.3  parsing vq_single_element()

The syntax has the flags for the quantizer option of band_limit, ppc, postprocess, as well as the main
quantization information. Detailed specification is described in ISO/IEC 14496-3 subpart 4.

7.5.4 Decoder characteristics

A cof

7.5.5

formant decoder shall support all characteristics given by the definition of level 1n the scaleable

Procedure to test decoder conformance

For the purpose of testing the processing at the decoder, number of bitstreams and the associat

outp
of sa
M/S

TV2(

it PCM signals are supplied as listed in Table 30, Table 31, Table 32 and Table 33}They cover th
mpling rate, bit rate, number of channels, number of scalable layers, AAC related’tools (windoy
stereo, TNS), and TwinVQ specific quantizer options (bandlimit, ppc, postprecess).

and TV24 contain the code to scan all codebook tables of the vector quantizors.

The fns_mode 1 means that the ms_mask_present == 1 or 0, ms_maode-present 2 means that ms_m

The 2

Two

A tw
accul

Full
Accu
enab
Fixed
Accu
may
Conf]
The |

Conf|

br 0.
ctual bit rate of the bitstreams may be slightly less than-tlie values listed due to the byte alignme
step accuracy criteria for conformance

h-step approach is used to distinguish betweentwo levels of accuracy, namely Fixed-Point accy
acy of accuracy for decoder conformance.

Accuracy: A decoder meeting the stronger Full Accuracy conformance requirements may be
Facy conformant decoder. This leyelof accuracy is intended for decoders running on floating-po
ing higher-precision mathematical operations.

-Point Accuracy: A decoder may be called conformant with Fixed-Point Accuracy in case thg
1se these conformance criteria to verify the validity of the decoder.

prmance critérion for Full Accuracy TwinVQ and ER_TwinVQ decoders

RMS/LSB(Measurement test procedure applies (see 7.1.2.2.1)

prmance criteria for Fixed-Point Accuracy TwinVQ and ER_TwinVQ decoders

profile.

ed reference

e wide range

y_shape, LTP,

ask_present

nt process.

racy and full

called a Full
nt platforms,

b Fixed-Point

Facy conformance criteria-are met. Decoders with a limited accuracy due to fixed-point internal calculations

The conformance criteria for Fixed-Point Accuracy decoders are based on measuring the segmental SNR and the
LPC cepstral distortion (CD) between the Reference decoder output and the output of the decoder to be tested.
The segment length to be used in the calculation of the SNR is equal to the general audio frame length, namely
1024 or 960. The SNR and the CD have to be calculated only for the segments of which the power of the Reference
signal is in the range [-50...-15] dB. CD is defined as

CD

__10 2D

ln(lO)
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D is the accumulated distortion of the LPC cepstrum Crer of the reference signal and Ciest of the output of the
decoder under test. D is defined as

D= i(cref [l] - Ctest [l])2

N is the LPC cepstrum order which equals 32. The LPC cepstrum C[i] is defined by means of the algorithm
lpc2cepstrum based on the LPC coefficients of a 16t order linear prediction filter. The computation of the LPC
filter coefficients Ipc_coef [j] is defined by the algorithm calculate lpc.

To be called an ISO/IEC 14496-3 TwinV(Q object type decoder with Fixed-Point Accuracy, the average value of the

segmental SNR shall exceed 30 dB and at the same time the average value of the CD shall not exceed 1 dB.
7.5.6 Descriptions of the audio test bitstreams

Table 30 — TwinVQ object type test bitstreams
File Name TV0O TVO01 TV02 TV03 TV04 TV05 TV06 TVY07
content music music music music music music music muyisic
level in scalable profile 1 1 1 1 1 1 1 i
bitrate [kbit/s] 8 16 16 16 16 16 16 16
sampling ratg [kHz] 8 16 16 16 16 16 16 16
frame length 1024 1024 1024 1024 960 1024 1024 1024
number of sdaleable layers 1 1 1 1 1 1 1 il
number of cjannels 1 1 1 1 1 1 1 il
long-term prediction (LTP) no no yes no no no no 1o
adaptive winfdow shape no yes no no no no no I|10
TNS no no no yes no no no fo
M/S stereo npode 2 - - - - - - - -
M/S stereo njode 1 - - - - - - - -
bandlimit_present no no no no no yes no 110
ppc_present no no no no no no yes o
postprocess_|present no no no no no no no yles

Table 31 — TwinVQ object type test bitstreams (continued)

File Name TV11 TV14 TV15 TV16 TV20 TV21
content music music music music music musid
level in scalpble profile 2 1 3 2 1 2
bitrate [kbif/s] 16+ 16 8+8+8 32+32+32 12*8 8 16
sampling rdte [kHz] 16 24 48 44.1 16 44.1
frame length 1024 1024 1024 1024 1024 1024
number of staleabtetayers t 3 3 8 t t
number of channels 2 1 2 1 1 1
long-term prediction (LTP) no no no no no no
adaptive window shape no no no no no yes
TNS no no no no no no
M/S stereo mode 2 yes - yes - - -
M/S stereo mode 1 yes - no - - -
bandlimit_present no no no no no yes
ppc_present no no no no no yes
postprocess_present no no no no no yes
yes no
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Table 32 — TwinVQ object type test bitstreams (continued)

File Name TV22 TV23 TV24 TV25 TV26 TV27
content music music music music music music
level in scalable profile 3 1 1 2 3 1
bitrate [kbit/s] 32 16 16+16 | 16+16+16 | 32+32 | 16+16+16
sampling rate [kKHz] 48 24 16 32 32 22.05
frame length 1024 1024 1024 1024 1024 1024
number of scaleable layers 1 1 2 3 2 3
number of channels 2 1 1 1 2 1
long-term prediction (LTP) no yes no no no yes
adaptive window shape no no no yes no nd
TNS no yes no no no yes
M/S stereo mode 2 yes - - - yes -
M/S stereo mode 1 yes - - - yes -
bandlimit_present no no no yes no ndg
ppc_present no no no yes no nd
postprocess_present no no no yes no nd
scan all codebook no no yes no no ng
Table 33 — ER_TwinVQ objecttype test bitstreams

File base name er tv0l er_tv02

level in scalable profile 2 3

Bitrate per channel [kbit/s] 16 16+16+16

Sampling rate [kHz] 32 48

Frame length 1024 1024

Number of scaleablelayers 1 3

Number of chanmnels 2 1

long-term prédiction (LTP) - -

Adaptive' window shape yes no

TNS no yes

M/S\stereo mode 2 yes -

M/S stereo mode 1 yes -

Bandlimit_present yes no

ppc_present yes no

Postprocess_present yes no

7.6 ER'BSAC

The ER Fine Granue Audio Object Type is an extension of the AAC LC Object Type with a new noiseless coding
scheme to support the fine grain scalability and error resilience. A Bit-sliced 45ulfil45tic coding replaces the
Huffman Coding of AAC. This object type uses different compressed data syntax. The multichannel ER BSAC object
is supported with BSAC channel extension payload.
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7.6.1 Compressed data

7.6.1.1

7.6.1.1.1

Characteristics

ISO/IEC 14496-26:2024(en)

AudioSpecificConfig

There are several constraints for the values of AudioSpecificConfig. An encoder may apply restrictions to the

following parameters of the AudioSpecificConfig:

AudioObjectType

SamplingFre
SamplingFre
ChannelConf
extensionFla
7.6.1.1.2

These charad

use of long te

window_shappe

M/S stereo

jjuencylndex

guration

=)

=]

intensity stefjeo

TNS

segmented a
7.6.1.2 T
7.6.1.2.1 |
The followin
AudioObject

SamplingFre¢

st procedure

Bitstream payload

rm prediction (LTP)

ithmetic coding(sba) mode

AudioSpecificConfig

huency (if SamplingFrequencylndex = 0xf)

b restrictions apply to AudioSpecificConfig:

Type: Shall be encoded with the value 22

tquencyIndex: Shall be encoded with the values shown in Table 34.

teristics specify the constraints that are applied by the encoder ingernerating the audio access finits.
Encoders maly apply restrictions to the following parameters of the audio accéss units:

Table 34 - Specification of SamplingFrequencyIndex

SamplingFrequencylndex Level 1 Level 2 Level 3 Level 4 Level 5 Level 6
Mobile Audio Internetworking [ >= 0x6 >=0x03 >=0x3 >= 0x6 >=0x03 >=0x03
Profile

Natural Audio Profile >=0x03 not used

SamplingFrequency (if SamplingFrequencylndex = 0xf): Shall be encoded with the values given in Table 35.
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Table 35 - Specification of SamplingFrequency

SamplingFrequency Level 1 Level 2 Level 3 Level 4 Level 5 Level 6
Mobile Audio Internetworking | <=24000 | <=48000 | <=48000 | <=24000 | <=48000 | <=48000
Profile

Natural Audio Profile <=48000 not used

Chanmet€onfiguration—Stattbeencoded withrthevatues presented i fabte 36—

Table 36 - Specification of ChannelConfiguration

ChahnelConfiguration Level 1 Level 2 Level 3 Level 4 Level 5 Level 6
Mobile Audio Internetworking | 1 1.2 1.2 1 1.2 1.2
Profile

Natyiral Audio Profile 1.2 not used

The fpllowing restrictions apply to GASpecificConfig:
FranjeLengthFlag: shall be encoded with the value 0
Depé¢ndsOnCoreCoder: shall be encoded with the valug.0
CorefCoderDelay: not applicable

ExtensionFlag: shall be encoded with the value 1
numpPfSubFrame: shall be encoded with the value larger than 0

layer_length: shall be encoded(Wwith the value larger than 3

extensionFlag3: shall be encoded with the value 0

7.6.1.2.2 Audio acess units

7.6.1.2.2.1 bsac_base_element ()

frame_length: shall be larger than or equal to 4

7.6.1.2.2.2 bsac_header ()

header_length: ((header_length+7)*8) shall be smaller than or equal to (frame_length*8)

top_layer: shall be larger than or equal to (bitrate/1000/nch).
Base_band: shall be larger than 0.
7.6.1.2.2.3 general_header ()

reserved_bit: shall be set to zero.

Window_sequence: The meaningful window_sequence transitions are as follows:
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from ONLY_LONG_SEQUENCE

from LONG_START_SEQUENCE to

from LONG_STOP_SEQUENCE

from EIGHT_

Other, non-ni

from ONLY_L

from LONG_S

from LONG_S

from EIGHT _|

A conforming
are required
non-meaning

Max_sfb: sh
frequency.

Ltp_data_pr¢

7.6.1.2.2.4

channel_conffiguration_indeX :'shall be encoded with the value which is less than 6

The restricti

7.6.2 Decoders

ISO/IEC 14496-26:2024(en)

ONLY LONG SEQUENCE

{LONG_START SEQUENCE

to

EIGHT SHORT SEQUENCE

{LONG STOP_SEQUENCE

ONLY LONG SEQUENCE

{LONG START SEQUENCE

to

EIGHT SHORT SEQUENCE

I ONC QT AOAD CLAOTTINT AT

SHORT_SEQUENCE to {

LUINU O TUL OV ULINCULY

eaningful, window_sequence transitions are also possible:

EIGHT SHORT SEQUENCE

ONG_SEQUENCE LONG STOP_SEQUENCE

{

to

ONLY_LONG_SEQUENCE
LONG_START SEQUENCE

{

TART_SEQUENCE to

EIGHT SHORT SEQUENCE

TOP_SEQUENCE to {[ NG STOP SEQUENCE

ONLY_LONG_SEQUENCE
LONG_START SEQUENCE

{

SHORT_SEQUENCE to

¥ compressed data shall consist of only meaningful*window_sequence transitions. However, dec
to handle non-meaningful window_sequence.transitions as well. The performance requiremen
ful window_sequence transitions are the same as for the meaningful transitions.

hll be <= num_swb_long or num_swb short as appropriate for window_sequence and sam|

psent[ch] : shall be set to zero:

extended_bsac_raw_data_block()

ns on the extended_bsac_raw_data_block() shall be applied as those of bsac_raw_data_block().

7.6.2.1

Characteristics

ders
s for

pling

A conforming decoder may also support any of the following modifications to the parameters in an audio
compressed data described in Table 37.

© ISO/IEC 2024 - All rights reserved

46


https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

Table 37 — BSAC Parameter

Compressed data
Characteristic

Variation

sampling rate

its profile and level

a decoder may support additional sampling rates beyond the minimums listed for

audio channels

for its profile and level

a decoder may support additional channel elements beyond the minimums listed

7.6.2

To te
samy]
sequ
relat
the s
to th|
Tablg
used

Fine

elem
curre
large
trans
BSA(
bitra
abov

In c4
confd
refer
(star
lowe
used

The
deco

desci

For t

.2  Test procedure

st audio decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of test sequences|which are

bnces, as listed in Table 38. They cover the wide range of sampling rate, bit raté;number of chan

hmpling rate of the test sequence. Possible values of fs are 8, 11, 12, 16,22, 24, 32, 44 and 48 ¢

e possibly non-integer sampling rates listed above. For each compfessed data, two bitrates
38. The lower bitrate is to be used for sampling rates of 16kHz and below, and the higher bi

at sampling rates above 16kHz.

grain scalability would create large overhead if one would_ try to transmit fine grain layers
entary streams (ES). So, in order to reduce overhead and implement the fine grain scalability

-step layers. Then the AU is transmitted over ES. For each compressed data, the number
mitted and the bitrates of each ES are listed in Table 38. In case of epConfig=1, the base layer is
common side information AU and the remaining base layer AU depending on the error categori

b 16kHz.

rmance point. The PCM output at the highest layer highestLayer of a decoder under test is co

at sampling rates above 16kHz.

ibed in 7/132.2.1. This test only verifies the computational accuracy of an implementation.

objeq

tive/perceptual measurement systems) is not mandatory, but highly recommended.

ling rates of 8, 11.025, 12, 16, 22.05, 24, 32, 44.1, 48 kHz. The test set includes a.Sihe sweep ang

bd tools (window_shape, M/S stereo). The extension _fs is appended to the gompressed data nan

nt MPEG-4 system, the server can organize the Access\Unit (AU) by grouping the fine grain la

e is to be used for sampling rates of 16kHz‘and below, and the higher bitrate is to be used at s§

se of a BSAC compressed data whose top layer is n, downscaled audio representations arg

provided for
musical test
hels and AAC
he to indicate
rresponding
are listed in
krate is to be

ver multiple
efficiently in
yres into the
of ES to be
split into the
es. The lower
mpling rates

b tested as a
pared with a

ence output, where highestLayer is the highest layer of the scalable configuration used for decoding
ring with O for the base layen): The highest layers used for the comformance testing are listed in Table 38. The
I highestLayer is to be used for sampling rates of 16kHz and below, and the higher highestLayer is to be

following test procedure applies to all sine sweep signals: Testing is done by comparing th¢ output of a
Her under test:with a reference output also supplied by ISO/IEC JTC 1/SC 29/WG 11 using the procedure

he reniaining test sequences, a check of conformance using the LSB criterion or other measufements (e.g.

A conforming decoder shall support all characteristics given by the definition of level in the Mobile Audio
Internetworking profile and the Natural Audio profile. Thus only compressed data belonging to the specific level &
profile have to be tested.

The conformance bitstreams corresponding to BSAC Extensions for the multichannel extension are the ‘er_bs09’ ~
‘er_bs11’ as listed in.Table 38 The conformance testing criterion for the multichannel extension is same as ER
BSAC.
The conformance bitstreams corresponding to BSAC Extensions for the SBR extension are listed in Table 39. The
conformance testing criterion for the SBR extension is specified in 7.17. The SBR conformance test method of
BSAC Extensions is different from that of HE-AAC in terms of parsing the SBR payload. In Figure 11, the ‘Read
store/input’ module is to parse the SBR payload from BSAC Extensions payload which can be realized by either
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decoding the whole BSAC Extensions payload or seeking the ‘sync_ word’ in the extensions payload.

The ‘coreSetup’ of naming convention for BSAC Extensions is the ‘xx_sbr_<nchan>_<fs>’ where the ‘nchan’
represents the number of channel and the ‘fs’ is the sampling rate of SBR tool. By comparing the decoded wave
with the reference wave for the different ‘highestLayer’, the ‘HF overlap’ decoding module specified in 4.5.2.11.1.4,
ISO/IEC 14496-3:2019 can be checked if it's implemented correctly. The testing criterion with ‘Diffmax’ and ‘RMS
max’ shall be applied only when the bitstream is decoded up to top layer.

7.6.2.3 Test sequences

Table 38 — ER BSAC object type test compressed data for Mobile Audio Internetworking Profile Level 1-3
and Natural Audio Profile Level 1-2

Q o o) 2 ) I ] B — [T} e
2 g 2 | 29w @ | € 5 5@ o3| 2 & HON 5
s = bt %] -
= = B | g2 &2 s z ° aZ | 58| E 2 £ - £
er_bs01_e sipe
oo | e | 16 | 40/64 | 24/48| 1 40/64 1 0 24/48 | RMS
D
. BLI,
erbsole| ' BL2,6/12
” swee | 16 | 40/64 |24/48 | 6 6/12, 1 1 24/48 | RMS
6/12,6/12
er_bs02_e BL,1 0,1,
o T |misic| 16 | 40/64 | 24748 | 25/49 | | ") 1 0 2,..,
P b 24/48
BLI, o1
erbs02e| [lic| 16 | 40/64 |24/48| 6 BL26 1 1 2.,
p1 /12,6/12, 24/48
6/12,6/12
er_bs03_e . BL,24 0,
o |misic| 32 | 80/128 |24/48 | 2 148 2 0 24/18
BLI,
BL2,
er-bsf?’-e mysic| 32 | 807128 | 24748 | 6 | 12724427 | 2 1 243'48
p 24,12024,1
2/24
0
BL,24 (48), '
erbs0de| lic| 32 | so/128 |24/48 | -4 12(24), 2 Yes | Yes 0 12/24,
po 12(24) 18/36,
24/48
o :
erbs0de| lsc| 32 | soji28 (248 | 6 |12/2412/| 2 Yes | Yes 1 12/24,
pl 18/36,
24,12/24,1 24/48
2/24
er_bs05_e BL,12/24, 01‘26//2142'
- = | mysic | 32 80/128 | 24/48 5 12/24,12/ 2 Yes | Yes | Yes 0 i
po 24,12/24 18/36,
: 24/48
BLL, 0,6/12,
BL2,
er_bs05_e - 12424
music | 32 80/128 | 24/48 6 12/24,12/ 2 Yes | Yes | Yes 1
p1 18/36,
24,12/24,1 24/48
2/24
0,
er-bsg6-e music| 32 | 80/128 | 24748 | 3 BLZ'Z;E{QB' 2 | Yes | Yes | Yes 0 | Yes | 12/24,
p 24/48
BLL, 0,6/12,
er_bs06_e BL2, 12/24
- " | music | 32 80/128 | 24/48 6 12/24,12/ 2 Yes | Yes | Yes 1 Yes i
p1 18/36,
24,12/24,1 24/48
2/24
er-b:37-e noise | 16 | 40/64 | 24748 | 1 40/64 1 Yes | 0 24/48 | PNS-1
er_bs07_e . BL1, BL2,
" noise | 16 | 40/64 |24/48| 6 o2, 1 Yes | 1 24/48 | PNS-1
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qv':’ + Eﬂ)ﬁ % —~ E = S~ ‘*5 ) > o0 + 8
) o 2 %) > 7] © w»n = = = v o - =
2 g g | 352 B2 | S| 28| =22 | ZE| Bl gl 2| 2| 5| 5| 28| 5%
2 g § |28 28 | == 5% &5 Es| 3 gl 21 g| & X
[ o |gF= &= S z. =" 27 k= 2 T g
6/12,
6/12,6/12
erbs08.e| el 16 | 40/64 |24/48| 1 40/64 1 Yes | 0 2448 | PNS
pO 2/3
BL1, BL2,
er_bs08_e . 6/12, PNS-
p1 noise 16 40/64 | 24/48 6 6/12, 1 Yes 1 24/48 2/3
eld2 6 l1
Xz 673z
er_bgq09_e . 5
music | 32 200/320 | 24/48 1 200/320 Yes | Yes 0 34/48
pp {1,0,3}
)
0J24/48
BL, 48/96, 5 /
er-b;;)g-e music | 32 |200/320 | 24/48 | 6 | BL,24/48, | {1,03} Yes | Yes 1 : Z‘t)/ 48
BL, 48/96 9 14/48
@)
3
er—";;“-e music | 32 |120/192 | 24748 | 1 120/192 | Yes\ Yes 0 14/48
)
0,
3 44/48,
erbq10.e | sic| 32 |120/192 | 24748 | 4 | BLA8/96 1 8 Yes | Yes 1 0,
piL BL, 24/48 ) 14/48
*
8
er_b;oll_e music| 32 |300/480 | 24/48 | 1 300/480 {é'g'}‘*' Yes | Yes 0 14/48
()
0,
44/48,
BL, 48/96, 8 0J24/48
BL, 24/48, ,
er-b’ﬂu-e music | 32 |300/480 | 24/48 N 9 120/32, {é'g'}‘*' Yes | Yes 1 014/16,
P BL, 48/96, | 2} 0j24/48
BL, 48/96 ,
0J24/48
®
Key
ES : Elementary-Stream
BL : BasejLayer Bitrate
BL1 : Bitrate of the BSAC common side information
BL2 “Bitrate of Base Layer except the BSAC common side information.
* : The definition.of, HighestLayer’ for this bitstream is the highest layer of each BSAC extension payloads.
** : Thie numbers in the bracket represent the ‘channel_configuration_index’ of each BSAC extension payload as defined in ISO/IEC 14496-3:2019, 4.5.2.6.2.1.1,
Table ft.106- channel_configuration_index.
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Table 39 — ER BSAC object type with SBR tool

oy
£
2 g 9| o o)
= ] 2] 7 o =]
<< pe) o 7] =
£ £ sl L] 8] el & E
_ = b= 2] 2| S| 2| 3 g
2 Q £ Elz| 2] 2| 2| 5|2 gl . g
£ 2 g S| E| 8| sl & 2|2 S <
= 2 ~ = = 5l =l F| = = @
2 = =3 s| 8| & €| Q| =| = x| B3 IS
2 £ 9 2 S|l El ol 8§l 5] 8] 8 El el 7 =
R — | = < ) = =] 2] ] 2| o & v | <
) S = =} = = >0 = o 2B el & o 2
= I 2 g S 5| 8| &| 5| 2| 2| 2|8|5|2|2 g
er_bs12_sbf [ twi| none 64 1 24/48kHz| yv | v | - - - y - - 0, 24, 48
er_bs13_sby |qmf| Sine 64 1 16/32kHz Y | - - - - 5 (14| 0,24, 48~ \maxDiff/RMS
Sweep 22/44kHz
24/48kHz
er_bsl4_sbf | e |rectangle 128 2 16/32kHz | - -y |- - - - yA 90 | 2.0 0724, 48 | maxDiff/RMS
*10Hz 22/44kHz
sine 24/48kHz
er_bs15_sbf | gh |rectangle 64/1%1/2|16/32kHz| - - - y |y - - - N1 15 0, 24,48 | maxDiff/RMS
*10Hz 22/44kHz
sine 24/48kHz
er_bs16_sb i |rectangle 64/1%1/2|16/32kHz | - - - - - VAN yA 36 | 34| 0,24,48 | maxDiff/RMS
+ noise 22/44kHz
24/48kHz
er_bs17_sb s noise 64/1%1/2|16/32kHz | - - - - - - y | - |120] 1.9 0, 24,48 | maxDiff/RMS
22/44kHz
24/48kHz
er_bs18_sbf | cm | music 64/1%1/2|16/32kHz | - 3 - - - - - - - - 0, 24,48
22/44kHz
24/48kHz
er_bs19_sbf | cm | music 320 5.1 24/48kHz | - - - - - - - - - - 24/48
er_bs20_sbf [sigd| music 128/320 2/5 24/48kHz | - - - - - - - - - - 24/48
er_bs21_sbf [sigl| music 128/320 245 24/48kHz| - - - - - - - - - - 24/48
er_bs22_sbf [sig2| music 128/320 2/5 24/48kHz| - - - - - - - - - - 24/48
er_bs23_sbf | sr | music 128 2 16/32kHz | - - - - - - - - - - 24/48
22/44kHz
24/48kHz
48/96kHz
A CRC ¢nabled for'32.JcHz testvectors
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Table 40 — ER BSAC object type for T-DMB
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5 53|z | & 5 > . 2
1% E > 8 S = E P = &= B o ;
22 g |32 22 5| £B | 2= 2 | 2| g2 |g| E| 5| &% | B
o 8 s 22 S 3 55 £ 8 2 = a9 7 e & = S
= ] 3w 53 a, Z 535 £ B = <
m 5 = S Z o
& =
er_bs24_ep0 music 16 64 48 Yes 0 No 48 none
er_bs25_ep0 noise 16 64 48 1 1 Yes |Yes| O No 48 none
sine
er_bs26_ep0 sweep 32 128 48 1 0 No 48 RMS
er bSZ' teval Sine 22 129 4.9 1 2 AYS AYS 0. N /18 RMS
- - sweep i - = i i i T B
er_bs2§_ep0 music 32 128 48 1 2 0 No 48 none
er_bs29_ep0 noise 32 128 48 1 2 Yes| 0 No 48 PNS-1
er_bs3(_ep0 noise 32 128 48 1 2 Yes| O No 48 PNS-2/3
er_bs31_ep0 music 32 128 48 1 2 Yes| O No 48 none
er_bs33_ep0 music 32 128 48 1 2 Yes 0 No 48 none
er_bs33_ep0 noise 32 128 48 1 2 Yes Yes 0 No 48 PNS-1
er_bs34_ep0 noise 32 128 48 1 2 Yes Yes 0 No 48 PNS-2/3
er_bs34_ep0 music 32 128 48 1 2 Yes 0 No 48 none
er_bs36_ep0 music 32 128 48 1 2 Yes Yes 0 No 48 none
er_bs37_ep0 noise 32 128 48 1 2 Yes Yes 0 No 48 none
er_bs3§_ep0 music 32 128 48 1 2 Yes Yes| O No 48 none
er_bs39_ep0 music 32 128 48 1 2 Yes Yes 0 No 48 none
er_bs4(_ep0 noise 32 128 48 1 2 Yes Yes |Yes| O No 48 none
er_bs41_ep0 music 32 128 48 1 2 Yes Yes |[Yes| O No 48 none
er_bs43_ep0 music 32 128 48 1 2 Yes 0 No 48 none
er_bs43_ep0 noise 32 128 48 1 2 Yes Yes| 0 No 48 none
er_bs44_ep0 music 32 128 48 1 2 Yes Yes 0 No 48 none
er_bs43_ep0 music 32 128 48 1 2 Yes Yes 0 No 48 none
er_bs44_ep0 noise 32 128 48 1 2 Yes Yes Yes 0 No 48 none
er_bs47_ep0 music 32 128 48 1, 2 Yes Yes Yes 0 No 48 none
er_bs48_ep0 music 32 128 48 1 2 Yes Yes Yes Yes 0 No 48 none
where, th¢ covered sampling rates are 24, 44.1 and 48 kHz.
7.7 CELP
7.7.1 DecoderSpecificinfo'characteristics
Bitstfeams provided may-apply restrictions to the following syntactic elements of the Object Descriptpr Stream:
h) AudioObjectType
b) samplingFrequencylndex
L) » samplingFrequency
H * channolCanfiouration
+—echRahhetcontHguration
e) SampleRateMode
f) RPE _Configuration
g) MPE _Configuration
h) NumEnhLayers
i) BandwidthScalabilityMode
j) isBaseLayer
k) isBWSLayer
1) CELP-BRS-id
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7.7.2 Audio access unit characteristics
Bitstream providers may apply restrictions to the following syntactic elements of the bitstream:

m) LPC_Present
n) interpolation_flag
0) gain_indices [1]
7.7.3 Procedure to test bitstream conformance

In case that p{‘nr‘lpr(‘nnfignpcr‘ripfnr() (cpp lQﬂI/IP(' 14496-1 MPEG4 chhﬂmc) is used for MPEG-4 CELP audio
decoders, thg Audio DecoderSpecificInfo shall comply with the semantic conditions described below:

AudioSpeciffjcConf-g - Scalable or Main Profile

When the CHLP object type is used as part of the Scalable Profile or the Main Profile, the following restrigtions
apply to the AudioSpecificConfig:

AudioObjec{Type: shall be set to 8 for CELP object types.
channelConfiguration: shall be set to 1.
AudioSpecifjcConfig - Speech Profile

When the CELP object type is used as part of the Speech Profile; the following restrictions apply t¢ the
AudioSpecifi¢Config:

AudioObjec{Type: shall be set to 8 for CELP object types.
samplingFrequencyIndex: shall be set to Oxb or 0x8.
channelConfiguration: shall be set to 1.

CELP bitstreagms shall comply with the semanticconditions described below.
CelpHeader |- Scalable or Main Profile

When the CHLP object type is used\as part of the Scalable Profile or the Main Profile, the following restridgtions
apply to the elpHeader fields:

SampleRateMode: Wheitthe CELP object type is used as a core codec in a CELP/AAC scalable bitstrean, the
SampleRateMode field-shall equal 8KHZ.

ExcitationMpde:(When SampleRateMode equals 8KHZ, the ExcitationMode field shall equal MPE.

RPE_Configuration: this unsigned integer element shait ot exceed 3.

MPE_Configuration: when the SampleRateMode field equals 8KHZ, the unsigned integer element shall not exceed
27. When the SampleRateMode field equals 16KHZ, this element shall not be encoded with 7 or 23.

NumEnhLayers: when MPE_Configuration equals 27 and SampleRateMode equals 8KHZ, this field shall equal 0.

BandwidthScalabilityMode: this field shall equal OFF when SampleRateMode equals 16KHZ. When
MPE_Configuration equals 27 and SampleRateMode equals 8KHZ, this field shall equal OFF.
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CelpHeader - Speech Profile

When the CELP object type is used as part of the Speech Profile, the following restrictions apply to the CelpHeader
fields:

SampleRateMode: in case DecoderConfigDescriptor() is used, the SampleRateMode field shall equal 8KHZ when
samplingFrequencylndex equals Oxb. This field shall equal 16KHZ when samplingFrequencylndex equals 0x8.

ExcitationMode: when SampleRateMode equals 8KHZ, the ExcitationMode field shall equal MPE.

RPE_Configuration: this unsigned integer element shall not exceed 3.

MPE|Configuration: when the SampleRateMode field equals 8KHZ, the unsigned integer element)shall not exceed
27. When the SampleRateMode field equals 16KHZ, this element shall not be encoded with 7 or23.

NumfEnhLayers: when MPE_Configuration equals 27 and SampleRateMode equals 8KHZ, this field shpll be 0.

BandwidthScalabilityMode: this field shall equal OFF when SampleRateMode equals 14KHZ. When
MPE|Configuration equals 27 and SampleRateMode equals 8KHZ, this field shalliequal OFF.

Celp|LPC
LPC_Present: when FineRateControl equals ON and interpolation_flagyequals 1, this bit shall not bg set to ‘0. In
the first frame in a CELP bitstream, directly following the CelpHeader, this field shall be set to ‘1’. If ffame number

n in 4 bitstream has LPC_Present set to ‘0’, frame n+1 shall have LRC_Present set to ‘1’.

interpolation_flag: if frame number n in a bitstream has_LPC_Present set to ‘1’ and interpolation_{flag set to ‘1’,
framg n+1 shall have interpolation_flag set to ‘0’.

RPE [frame
gain/indices [1]: for subframe 0 in every RRE-frame, this unsigned integer element shall not be encoled with 31.

isBaseLayer: shall be set to 1 when the audio data of the base layer is transmitted, and shall be set o 0 when the
audi¢ data of the enhancement layer s transmitted.

isBWSLayer: shall be set to 1 when the audio data of the bandwidth scalable enhancement layer i transmitted,
and ghall be set to 0 when the audio data of the bit-rate scalable enhancement layer is transmitted.

CELH-BRS-id: shall net be'set to 0.
7.7.4 Decoder characteristics

Main Profile

When the CELP decoder is used as a part of the Main Profile, the decoder shall meet the level requirements as
described in ISO/IEC 14496-3, subpart 1. In the case of a scalable decoder, the level complexity boundaries are
applicable to the entire decoder. No complexity bounds are defined for the CELP object type decoder separately.

Scalable Profile

When the CELP decoder is used as a part of the Scalable Profile, the decoder shall meet the level requirements as
described in ISO/IEC 14496-3, subpart 1. In the case of a scalable decoder, the level complexity boundaries for
level 4 are applicable to the entire decoder. No complexity bounds are defined for the CELP object type decoder
separately.
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Speech Profile

When the CELP decoder is used as a part of the Speech Profile, a conforming decoder shall support a minimum
number of Audio object types in the Speech profile. For level 1 in the Speech profile, a decoder has to support at
least one audio object. For level 2 in the Speech profile, a decoder has to support at least 20 audio objects

simultaneously.

7.7.5 Procedure to test decoder conformance

To test

audio

decoders, the test sequences listed in Table4l and Table42 are

available

https://standards.iso.org/iso-iec/14496/-26 /ed-2/en/. Supplied sequences cover CELP decoders and are

provided for
This test only

For a suppli
reference o

Sampling rates of 8 and 16 KHz. The test set covers an orthogonal subset of all MPEG-4 CELP m|
verifies the functionality and the computational accuracy of a CELP decoder implementation.

ed test sequence, testing can be done by comparing the output of a decoder under.'test w
ut available at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/. Any post{processing

p
pre-pitch filIring available in the decoder under test and in the Reference decoder shallbe disabled

compliance i
are normaliz

Two levels of
Full Accuracy
Full Accuracy

platforms.

Fixed-Point /
Accuracy con

b tested. Measurements are carried out relative to full scale where the output Signals of the dec
bd to be in the range between -1 and +1.

accuracy are defined for the CELP decoder conformance testing procédure.
i: A decoder meeting the Full Accuracy conformance requirements-as defined below may be ca

r conformant decoder. This level of accuracy is intended for GELP decoders running on floating-

Accuracy: A decoder may be called conformant with)Fixed-Point Accuracy in case the Fixed-
formance criteria are met, as defined below. This level of accuracy is targeted at CELP decoders

a limited accfiracy due to fixed-point internal calculations.

Conformand

e criterion for Full Accuracy CELP decoders

The RMS/LSB Measurement test procedure applies,(see 7.1.2.2.1)

Conformand

The conform
LPC cepstral
The segment
the CD have
50...-15] dB.

e criteria for Fixed-Point Accuracy CELP decoders

hnce criteria for Fixed-Point Accuracy decoders are based on measuring the segmental SNR an
distortion (CD) between the Reference decoder output and the output of the decoder to be te

Lo be calculated only for the segments of which the power of the Reference signal is in the rar
LD is defined a$§

/2D

bdes.

ith a
and
While
ders

led a

point

Point
with

d the
sted.

length to be used in-the calculation of the SNR and CD is equal to the CELP frame length. The SNR and

ge [-

D is the accumulated distortion of the LPC cepstrum Crer of the reference signal and Ciest of the output of the
decoder under test. D is defined as

D= i(cref [l] - Ctest [l])2

i=1

N is the LPC cepstrum order which equals 32. The LPC cepstrum C[i] is defined by means of the algorithm
lpc2cepstrum based on the LPC coefficients of a 16t order linear prediction filter. The computation of the LPC
filter coefficients Ipc_coef [j] is defined by the algorithm calculate lpc.
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To be called an ISO/IEC 14496-3 CELP decoder with Fixed-Point Accuracy the average value of the segmental SNR
shall exceed 30 dB and in addition, the average value of the CD shall not exceed 1 dB.

7.7.6 Descriptions of the audio test bitstreams

Table 41 — Test Bitstreams for the CELP object type: MPE modes

File Name CEO00 CEO1 CEO02 CEO03 CE04 CEO05 CE06
Bitrate [bps] 8300 17900 4250+ 16000 + 12000 5200 + 6000 +
3x2000 2x4000 10667 2000 +
12400
Sampling rate [kHz] 8 16 8 16 8 8/16 B/16
Excitation mode MPE MPE MPE MPE MPE MPE MPE
MPE_Configuration 14 11 1 20 25 4 7
FineRate control No No No No Yes No No
Bitrate scalability No No Yes Yes No No Yes
NumEnhLayers 0 0 3 2 0 0 1
Bandwidth scalability No No No No No Yes Yes
BWS_Configuration n.a. n.a. n.a. n.a. n.a. 1 2

Table 42 — Test Bitstreams for the CELP object type: RPE modes

File Name CEO07 CE08 CE09 CE10 CE11 CE12 CE13 CE14
Bitrate [bps] 14400 14000 16000 16000 18667 18000 22533 22000
Sampling rate [kHz] 16 16 16 16 16 16 16 16
Excitation mode RPE RPE RPE RPE RPE RPE RPE RPE
RPE_Configuration 0 0 1 1 2 2 3 3
FineRate control No Yes No Yes No Yes No Yes
Bitrate scalability No No No No No No No No
Bandwidth scalability No No No No No No No No
7.8 ER CELP

The ER CELP object is an extension of the CELP object and supports silence compression and ergor resilience
functionalities. The silence compression significantly reduces the average transmission bitrate of silent input
signdls.

7.8.1 Compressed data

7.8.1.1 Characteristics

7.8.1.1:1" AudioSpecificConfig

Compressed data provided may apply restrictions to the following syntactic elements of the Object Descriptor
Stream:

AudioObjectType
samplingFrequencylndex
samplingFrequency
channelConfiguration
SampleRateMode

RPE _Configuration
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MPE _Configuration

NumEnhLayers
BandwidthScalabilityMode

7.8.1.1.2

Bitstream payload

Compressed data providers may apply restrictions to the following syntactic elements of the compressed data:

LPC_Present

interpolation_flag

gain_indices]|
7.8.1.2 T

In case that
audio decodd

7.81.2.1 |
The followin
AudioObject
samplingFre
channelCon
ER CELP comnj
7.8.1.2.2

The followin

SampleRate

1]

st procedure

DecoderConfigDescriptor() (see ISO/IEC 14496-1 MPEG-4 Systems) is used for MPEG-4 V2
rs, the AudioSpecificConfig shall comply with the semantic conditions described-bélow:

AudioSpecificConfig

r restrictions apply to the AudioSpecificConfig:

Type: This field shall be set to 24 for ER CELP objects.

quencylndex: This field shall be set to 0xb or 0x8.

figuration: This field shall be set to 1.

pressed data shall comply with the semantic conditions described below.
ER_SC_CelpHeader

b restrictions apply to the ER_SC_CelpHeader fields:

Mode: In case DecoderConfigDéscriptor() is used, the SampleRateMode field shall equal 8KHZ

samplingFrequencylndex equals Oxb. This:field shall equal 16KHZ when samplingFrequencylndex equals 0x8

ExcitationM

RPE_Configy

pde: When SampleRateMode equals 8KHZ, the ExcitationMode field shall equal MPE.

ration: This unsigned integer element shall not exceed 3.

MPE_Configgiration: When'the SampleRateMode field equals 8KHZ, the unsigned integer element shall not e3

27. When thd

NumEnhLay

SampleRateMode field equals 16KHZ, this element shall not be encoded with 7 or 23.

ers» When MPE_Configuration equals 27 and SampleRateMode equals 8KHZ, this field shall be 0.

CELP

when

cceed

BandwidthScalabilityMode: This field shall equal OFF when SampleRateMode equals 16KHZ. When

MPE_Configu

7.8.1.2.3

ration equals 27 and SampleRateMode equals 8KHZ, this field shall equal OFF.

Celp_LPC

LPC_Present: When FineRateControl equals ON and interpolation_flag equals 1, this bit shall not be set to ‘0’. In
the first frame in an ER CELP compressed data, directly following the ER_SC_CelpHeader, this field shall be set to
‘1. If frame number n in a compressed data has LPC_Present set to ‘0’, frame n+1 shall have LPC_Present set to ‘1’.
When Fine Rate Control equals ON and SilenceCompression equals ON, in the first active frame (TX_flag=1)
following a non-active frame (TX_flag=0, 2 or 3), this field shall be set to ‘1".
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interpolation_flag: If frame number n in a compressed data has LPC_Present set to ‘1’ and interpol
to ‘1’, frame n+1 shall have interpolation_flag set to ‘0’.

7.8.1.2.4 RPE_frame

ation_flag set

gain_indices [1]: For subframe 0 in every RPE_frame, this unsigned integer element shall not be encoded with 31.

7.8.2 Decoders

7.8.2.1 Characteristics

7.8.41.T High Quality Audio Profile

When the ER CELP decoder is used in the High Quality Audio Profile, the decoder shall 'm
requirements as described in ISO/IEC 14496-3. The decoder shall support at least onecaudio obj
chanpel for Level 1. No complexity bounds are separately defined for the ER CELP object decoder.
7.8.21.2 Low Delay Audio Profile

When the ER CELP decoder is used in the Scalable Profile, the decoder shall meet the level req
desctibed in ISO/IEC 14496-3 . The decoder shall support one audio object for Levels 1 and 2. N
s are separately defined for the ER CELP object decoder.

7.8.2.1.3 Natural Audio Profile

the ER CELP decoder is used in the Main Profile, the decéder shall meet the level requirementsg
/IEC 14496-3. In the case of a scalable decoder, thedéevel complexity boundaries are applicable
er. No complexity bounds are separately defined for.the ER CELP object decoder.

.2  Test procedure
To tg
cove

subs
V2C

st audio decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of test sequences. Suppli

bt of all MPEG-4 ER CELP modes. This test only verifies the functionality and the computational
ELP decoder implementation.

For :
refer
avail
Meas
in th

| supplied test sequence/ testing can be done by comparing the output of a decoder unde
ence waveform, also supplied by ISO/IEC JTC 1/SC 29/WG 11. Any post-processing and pre-J
hble in the decoder-under test and in the Reference decoder shall be disabled while complia
urements are carried out relative to full scale where the output signals of the decoders are nor
e range between -1'and +1.

Two |evels of accuracy are defined for the ER CELP decoder conformance testing procedure (Table 43

Table 43 - ER CELP decoder levels of accuracy

et the level
ect with one

llirements as
0 complexity

as described
to the entire

bd sequences

ER CELP decoders and are provided for sampling rates of 8 and 16 kHz. The test set covers an orthogonal

accuracy of a

" test with a
itch filtering
nce is tested.
malized to be

Full

A A 1 .l 4] o1l A £ . 4 1L 11
Altuldly A UTLUUTT IHITTUIG UIT TTUIl ALCUL ALY CUIIIUTHIAIILT TCTUUITTIIITIILS 45 UCIIITU U

decoders running on floating-point platforms.

low may be

called a Full Accuracy conforming decoder. This level of accuracy is intended for ER CELP

Fixed-Point
Accuracy

A decoder may be called conforming with Fixed-Point Accuracy in case the

Fixed-Point

Accuracy conformance criteria are met, as defined below. This level of accuracy is targeted at
ER CELP decoders with a limited accuracy due to fixed-point internal calculations.

Conformance criteria for Full Accuracy ER CELP decoders

A Full Accuracy ER CELP decoder at an accuracy level of “K bit” has 60ulfilill the RMS/LSB criterion
7.1.2.2.1.
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Conformance criteria for Fixed-Point Accuracy CELP decoders

The conformance criteria for Fixed-Point Accuracy decoders are based on measuring the segmental SNR and the
LPC cepstral distortion (CD) between the reference waveform and the output of the decoder to be tested. The
segment length to be used in the calculation of the SNR is equal to the ER CELP frame length. The SNR has to be
calculated only for the segments of which the power of the reference waveform is in the range [-50...-15] dB. CD is
defined as

CD = 10 A2D

In(10)

D is the accumulated distortion of the LPC cepstrum Cref of the reference waveform and Ctest of the output‘of the
decoder undé¢r test. D is defined as

Dzﬁ(crg [i]-C,.,i)f

i=1
N is the LPQ cepstrum order that equals 32. The LPC cepstrum C[i] is defined/by means of the algotithm
Ipc2cepstrum based on the LPC coefficients of al6th order linear prediction filter The computation of the LPC

filter coefficignts lpc_coef [j] is defined by the algorithm calculate_lpc.

To be called pn ISO/IEC 14496-3 ER CELP decoder with Fixed-Point Accutracy the average value of the segmental
SNR shall exdeed 30 dB and in addition, the average value of the CD shall not exceed 1 dB.

7.8.2.3 Test sequences

The test seqyences for the ER CELP object type are described‘in-Table 44, Table 45, Table 46.
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Table 44 — Test sequences for the ER CELP object type: MPE modes

File base name

er_ce00_ep0,1

er_ce01_ep0,1

er_ce02_ep0,1

er_ce03_ep0,1

er_ce04_ep0,1

Reference signal er_ce00 er_ce01 er_ce02 er_ce03 er_ce04
Nominal bitrate [bps] | 3900 4967 6000 8400 11200
Sampling rate [kHz] 8 8 8 8 8
Excitation mode MPE MPE MPE MPE MPE
SilenceCompression ON ON OFF ON ON
MPE_Configuration 0 3 7 14 22
Fin¢Rate control No No No No No
Bitrpte scalability No No No No No
NurhEnhLayers 0 0 0 0 0
Bandwidth scalability | No No No No No
BWp_Configuration n.a. n.a. n.a. n.a. n.a.
epCpnfig 0,1 0,1 0,1 0,1 0,1
File|base name er_ce05_ep0,1 er_ce06_ep0,1 er_ce07_ep0,1 er_ce08_ep0,1 er_¢e09_ep0,1

er_ce06_lay0
Refg¢rence signal er_ce05 er_ce06_layl er_ce07 er_ce08 er_¢e09

er_ce06_lay2

er_ce06_lay3
Norhinal bitrate [bps] | 12200 ;(2)8(7) :120060607+ 18000 13800 16000
Sanjpling rate [kHz] 8 8/16 16 16 16
Excltation mode MPE MPE MPE MPE MPE
SilehceCompression ON ON ON ON ON
MPE_Configuration 25 4 11 16 21
Fin¢Rate control Yes No No No Yes
Bitrpte scalability No Yes No No No
NurhEnhLayers 0 2 0 0 0
Bandwidth scalability | Ne Yes No No No
BW§_Configuration na. 1 n.a. n.a. n.a.
epCpnfig 0,1 0,1 0,1 0,1 0,1

The nominal-bit rate represents the bit rate for the active frames (TX_flag = 1).
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Table 45 — Test sequences for the ER CELP object type: RPE modes

File base name

er_cel0_ep0,1

er_cell_ep0,1

er_cel2_ep0,1

er_cel3_ep0,1

er_cel4_ep0,1

Reference signal er_cel0 er_cell er_cel?2 er_cel3 er_cel4
Nominal bitrate [bps] | 14533 14000 16200 16000 16000
Sampling rate [kHz] 16 16 16 16 16
Excitation mode RPE RPE RPE RPE RPE
SilenceCompression ON ON ON OFF ON
RPE_Configuration 0 0 1 1 1
FineRate coptrol No Yes No Yes Yes
Bitrate scalability No No No No No
Bandwidth pcalability | No No No No Ne
epConfig 0,1 0,1 0,1 0,1 0r1

Table 46 - Test sequences for the ER CELP object type: RPE modes (continued)

File base name er_cel5_ep0,1 er_cel6_ep0,1 er_cel7_ep0,1 er_cel8_ep0,1
Reference sjgnal er_cel5 er_celé6 er_cel7 er_cel8
Nominal bil]rate [bps] | 18800 18000 22667 22000
Sampling rdte [kHz] | 16 16 16 16
Excitation mode RPE RPE RPE RPE
SilenceCompression ON ON ON ON
RPE_Configpration 2 2 3 3
FineRate coptrol No Yes No Yes
Bitrate scalability No No No No
Bandwidth pcalability | No No No No
epConfig 0,1 031 0,1 0,1

The nominal it rate represents theibit-rate for the active frames (TX_flag = 1).

7.9 HVXC

The HVXC object type iS)stipported by the parametric speech coding (HVXC) tools, which provide fixed bijtrate
modes (2.0-4.0kbit/s) ih a scalable and a non-scalable scheme, a variable bitrate mode (< 2.0kbit/s) ang the

functionalitigs of pitch and speed change. Only 8 kHz sampling rate and mono audio channel are supported.

7.9.1 DecoderSpecificinfo characteristics

Bitstream provider shall apply restrictions to the following parameters of the DecoderSpecificInfo:

a) AudioObjectType

b) samplingFrequencylndex

c) channelConfiguration
d) HVXCrateMode
e) HVXCvarMode

f) isBaseLayer
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7.9.2 Audio access unit characteristics

Bitstream provider may apply no restrictions to any parameters of the bitstream.

7.9.3 AudioSource fields information characteristics

A conforming decoder may support any of the following modification of some parameters:

a) speed change factor: A possible variation is from 0.5 to 2.0 (defined as spd in ISO/IEC 14496-3:2019,
2.5.5).

pifr‘h r‘hnngp factor: A pnccih]p variationisfrom 05t0 20 (dpﬁ'npd as pr‘h_mnd in IQﬂ/IF(‘ 14496-3:2019,
2.5.3).

Jo

) test_ mode: An interface to control some elements which are generated by random-ntumbejr generators.
Its configuration is described below. This control interface is only for decoder confoiuiance festing.

Table 47 — Description of test_mode

test_mode Description

0000 0000 0000 0000 Normal operation mode as described in the standard

XXXX XXXX XXXX XxXx1 post filter and post processing are skipped

XXXX XXXX XXXX XX1X Initial values of harmonic phase~are reset to zeros in Vgiced
Component Synthesizer

XXXX XXXX XXXX X1XX Noise component addition ¢s* disabled in Voiced Component
Synthesizer

XXXX XXXX XXXX 1XXX Noise component generation is disabled in speed change mode| and

variable rate mode.

XXXX XXXX XXX1 XXXX Reserved
(x: don'’t care)

It is [recommended to have a “Private Testinformation” input to set the test_mode (Table 47) to perform
confqrmance testing thoroughly. If the decodér does not have such a control interface, limited proceglures may be
applied.

7.9.4 Procedure to test bitstream» conformance

7.9.4.1 DecoderSpecificinfo

The Audio shall comply ‘with the semantic conditions described below.

AudiloObjectTypé:shall be set to 9 (HVXC object type).

SamplingFrequencylndex: shall be set to 0xb (8000Hz).

ChannelConfiguration: shall be set to 1.

HVXCrateMode: 2 bit identifier, which configures the bitrate of HVXC Object type shall not exceed 2. When
HVXCvarMode is set to 1(variable rate), HVXCrateMode shall be set to 0 (2kbps).

7.9.4.2 Audio access unit
No restrictions to the audio access unit.

isBaseLayer: shall be set to 1 when the audio data of the base layer is transmitted, and shall be set to 0 when the
audio data of the enhancement layer is transmitted.
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der characteristics

A conforming decoder may support any of the following modifications of some parameters in audio bitstreams.

a) bitrate

b) wvari

able rate(fixed rate/variable rate)

A conforming decoder shall support one or both of the delay mode (normal delay mode/low delay mode), where
the delay mode does not exist in audio bitstreams.

7.9.6 Procedure to test decoder conformance

HVXC decodd

e initialv

e noise co

e noise co

e noise co

For that reas
necessary.

In this subcld

1. Proceduy
1.1. AllY
1.2. Alll

2. Procedu

2.1. Dirg
2.2. Harn

Any post-filtg
because conf]

Transition fr
control inter

take “Proced

The softward

r uses independent random number generators for

hlues of harmonic phase in Voiced Component Synthesizer
mponent addition in Voiced Component Synthesizer
mponents in speed change decode

mponents in variable rate mode decode

pn, decoder conformance can not be tested by direct comparison and,specific testing procedurg

use, the following testing procedures are described:

es without a control interface

Voiced Bitstream

Jnvoiced Bitstream (direct comparison by measuring segmental SNR)

es with a control interface

ct Comparison by measuring segmental SNR (with random number generators disabled)
monic Phase Initialization (verification of phase randomness)

ring and post-processing in the decoder under test shall be disabled in testing decoder conforn
brmance point is placed before the informative post-filter and post-processing.

bm “Voiced” to,“Unvoiced” or from “Unvoiced” to “Voiced” can not be tested by “Procedures with
face”. To test'decoder conformance thoroughly, it is recommended to have a control interface a

ires withraséontrol interface” furthermore.

for calculating the comformance criteria is available together with the bitstreams.

S are

ance

out a
nd to

Figure 3 shows the decoder output signal timing for testing decoder conformarice.
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Figure 3 — Decoder output signal timing for testing decoder conformance

.1 Procedures without a control interface

he decoder which does not have a control interface tordisable random number generators, the sp
eams from Table 49 are used:

1l Voiced bitstream (HV01 and HV02)
|1l Unvoiced bitstream(HV03 and HV04)

he former bitstream specialized testing procedure is applied. For the latter bitstream out
iced in deterministic way and direct comparison by measuring segmental SNR with refere]
.1.1 Procedures by All'Voiced bitstream

s procedure, the following specialized bitstreams (HV01 and HV02) are supplied:

1l of frames are “Voiced”.
itch lag sweeping from 30 to 40 cyclically.

SP indices to provide almost “flat” response.

o A

ecialized test

put signal is
nce signal is

| fixéd set of indices of the spectral envelope shape and gain

Since harmonic phase initialization using random number generator occurs at the “Voiced” frame after two
successive “Unvoiced” frames, for this “All Voiced” bitstream, harmonic phase initialization never occurs and
“initial” phase values (all zeros) are used in harmonic synthesis.

This implies that for this test bitstream the output signal of decoder is produced in deterministic way except noise
component addition in Voiced Component Synthesizer.

7.9.6.1.2 Testing procedure

1. Both the output signal of a decoder under test and the reference output signal (without noise component
addition) are normalized to be in the range between -1.0 and +1.0.
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For each normalized signal, 256pt. Hanning windowing and 256pt.FFT are executed. Definition of Hanning
window:

hann(i) = L[ 1.0- COS[EJ (0<i<255)
2 255

The differential spectrum is calculated.
For obtained differential spectrum, 7-taps average filtering is executed to obtain smoother spectrum.

If all of amplitudes of the spectrum are within a certain range, it can be said that the decoder under the test
satisfies the conformance condition.

For each tesf bitstream, HV01 and HVO02, an acceptable range of differential spectrum is shown Figured and

Figure 2 respectively.

The output signals to be tested are the followings (Table 51, Table 52 and Table 53):

1

2)

2.0kbps fixed rate mode decode (HVO01)

a) normal speed/pitch decode

b) pitcH change decode (pitch change factors to be tested are 1.6 and 0.8)

c) speed change decode (speed change factors to be tested are 1.5 and 0.75)

4.0kbps fixed rate mode decode (HV02)
a) normal speed/pitch change decode

The above tpsting procedure is executed using dedicated softwaresprevided test sequences are availahle at

https://standards.iso.org/iso-iec/14496/-26 /ed-2/en/.

Norm window ¥ average f i

test signal O——H ' > & D filtor p| decision
FFT -
window
Norm.
o—b ¥ &

reference signal FFT
{yithout noise
cpmponent)

Figure 4 — Block Diagram of the Conformance Testing Procedure (All Voiced bitstream)
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Figure 5 — Acceptable range of differential spectrum (for bitstream HV01)
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Figure 6 — Acceptable range of differential spectrum (for bitstream HV02)
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7.9.6.1.3 Test procedure description using pseudo c-code

#define NF 256 /* FFT length */
#define NI 160 /* frame interval */

void average filter(

double *in, /* in: input array */

double *out, /* out: output array */

int size, /* in: size of average filter */

int tap /* in: tap number of average filter (odd number) */

)

{

for (i=0} i<tap/2; i++) {
s[11=0}0;

for (; ifsize+tap/2; i++) {
s[i]l=in[i-tap/2];:

for (; ifsize+tap-1; i++) {
s[1]=0}0;

for (i=0} i<size; 1i++) {
out[1]¥0.0;
for (3¥0; j<tap; j++) |
out[}L] += s[i+j-tap/2];

out[i]|/= (double)tap;

const double hann[NF]; /* Hanning *w¥ndow */
const double maxR[NF/2]; /* upperrbound of acceptable range */
const double minR[NF/2]; /* lowex® bound of acceptable range */

void main(
{
int i, k;
double x§[..]; /¥Nreference signal (normalized between -1.0 and 1.0) */
double xb[..]; /* test signal (normalized between -1.0 and 1.0) */
double r¢ a[NElyim a[NF],re b[NF],im b[NF]; /* arrays for FFT */
double r&[NF/2],rb[NF/2]; /* spectrum arrays */
double dLfy¥/2]; /* differential spectrum array */

for (k=0; k<.. ; k++) {
for (i=0; 1i<NF; i++) {
re alil=hann[i]*xa[NI*k+i];
[1]1=0.0;
re b[il=hann[i]*xb[NI*k+i];
im b[1]=0.0;

im a

fft(re a, im a, 8); /* 256pt.FFT */
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fft(re b, im b, 8); /* 256pt.FFT */

=0; 1<NF/2; i++) {

ali]=sqrt(re ali]l*re al[i]l+im a[i]l*im a[i]);
rb[l]—sqrt(re bli]*re b[i]+im b[i]*im b[i]);
dif[i]=fabs(ralil-rb[i])

for (i

average filter(dif, dif, NF/2, 7);

for (i=0; i<NF/2; i++) {
if (dif[il>maxR[i] || dif[i]<minR[i]) {
printf (“conformance condition is not satisfied.\n”);

}

7.9.4.1.4 Procedures by All Unvoiced bitstream

Using supplied test bitstreams (HV03 and HV04), testing can be done by~measuring segmantal SNR|between the
outpyit signal of a decoder under test and a reference output signal.

To bg called an ISO/IEC 14496-3 HVXC decoder, the segmental*SNR defined in 7.1.2.2.2, shall exceed 30[dB]
(L=1p0).

The gutput signals to be tested are the followings (Table 53):

1) 4.0kbps fixed rate mode decode (HV03)

) normal speed/pitch decode

2) 4.0kbps fixed rate mode decode (HV04)
d) normal speed/pitch decode

QD)

7.9.4.2 Procedures with a control interface
For the decoder which have a control interface to disable random number generators, the following procedures
are applied:

e Direct comparison by-rheasuring segmental SNR (defined in 7.1.2.2.2) with random number generators
disabled.

e Harmonic phaseiinitialization (verification of phase randomness)

7.9.4.2.1 Diréct comparison with random number generators disabled

Using supplied test bitstreams (HV05, HV06 and HV07), output signal of a decoder under the test is pfoduced with
the fgpllowing elements generated by random number generator disabled.

¢ initial values of harmonic phase are reset to zeros in Voiced Component Synthesizer.

e noise component addition is disabled in Voiced Component Synthesizer

e noise components is disabled in speed change decode

e noise components is disabled in variable rate mode decode

Testing can be done by measuring segmental SNR between the output signal of a decoder under test and a

reference output signal.

To be called an ISO/IEC 14496-3 HVXC decoder, the segmental SNR (defined in 7.1.2.2.2) shall exceed 30[dB]
(L=160).
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The output signals to be tested are the followings (Table 54, Table 55 and Table 56):

1) 2.0kbps fixed rate mode decode (HV05)
a) normal speed/pitch decode
b) pitch change decode (pitch change factors to be tested are 1.6 and 0.8)

c)
2)

speed change decode (pitch change factor to be tested are 1.5 and 0.75)
4.0kbps fixed rate mode decode (HV06)

a) normal speed/pitch change decode

3)

variable rate mode decode(HV07)

a) normal speed/pitch change decode

7.9.6.2.2

In “Harmoni
initialized us
2.5.6.3.2). In
measuring st|

For this proc
V/UV dec
successiv
e for Voiced
[ )

a fixed sef

e 3 fixed set

Harmonic phase initialization

c Excitation Synthesis” process of “Voiced Component Synthesizer”, harmonic phase|value
ing random phase values uniformly distributing between 0 and 0.5 7 (see ISO/IEE\14496-3:
this subclause, the specific testing procedure is presented to verify randomnesscof initial phas
htistics of “peak/rms” over one pitch period only for “Voiced” frame.

bdure, specialised conformance bitstream (HV08 from Table 50) are provided where

ision is repeated every two frames(phase initialization occurs_at\the “Voiced” frame after
e “Unvoiced” frames)

frame, pitch lag is 80 samples

of LSP indices to provide almost “flat” response (index of&¥Q without interframe prediction)

of indices of the spectral envelope shape and gain

A decoder under the test shall produce output signal without)noise component addition in Voiced Comp

Synthesizer
7.9.6.2.3

1. A segmer

test_mode = xxxx XxxX XxXxX x1x1).
[esting procedure

t of one pitch period (80 samples) is taken as shown in the timing Figure 7. For successive

“Voiced” frames, three segments are obtained.

2. Foreach
3. 1.and 2.4
4,

If the obtain
decoder und

The above te

egment, peak is searched, rivis-value and “peak/rms” value are computed.

re repeated for a whole decoder output signal.

Average dnd deviation of “peak/rms” value are computed.

bd average and deviation of “peak/rms” is within a range shown in Table 48, it can be said th4
r the test satisfies the conformance condition.

sting procedure is executed using dedicated software.

Table 48 — Acceptable range of average and deviation of “peak/rms” value

5 are
2019,
es by

two

nent

two

t the

test bitstream HVO08
bitrate[kbit/s] 2
Average [5.68, 5.88]
Deviation [0.32,0.50]
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(phase reset)
v

Figure 7 — An example decoder output signal and HVXC framing timing
7.9.7 Descriptions of the audio test bitstreams
Table 49 — HVXC object type test bitstream
File Name HVO01 HV02 HVO03 HVO04
Content All Voiced All Voiced All Unvoiced All Unvoicef
Sampling rate[kHz] 8 8 8 8
Bitrate[kbit/s] 2 4 2 4
Variable rate No No No No
Table 50 — HVXC gbject type test bitstream (continued)
File Name HV05 HV06 HV07 HV08
Content
Sampling rate[kHz] 8 8 8 8
Bitrate[kbit/s] 2 4 - 2
Variable rate No No Yes No
7.9.8 Descriptions of the audio reference output signal
Table 51 — HVXC object type reference output signal
File Name HVO01refl HVO01ref2 HVO01ref3 HVO1ref4 | HVO1ref5
test bitstream HVO01 HVO01 HVO01 HVO01 HVO01
Sampling rate[kHz] 8 8 8 8 8
Bitrate[kbit/s] 2 2 2 2 2
Variable rate No No No No No
Delay mode normal normal normal normal normal
Pitch_change_factor 1 1.6 0.8 1 1
Speed_change_factor 1 1 1 1.5 0.75
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Table 52 — HVXC object type reference output signal (continued)

File Name HVO1ref6 | HVO1lref7 | HVO1lref8 | HVO1lref9 HVO01ref10
test bitstream HVO01 HVO01 HVO01 HVO01 HVO01
Sampling rate[kHz] 8 8 8 8 8
Bitrate[kbit/s] 2 2 2 2 2
Variable rate No No No No No
Delay mode low low low low low
Pitch_change_factor 1.6 0.8 1
Speed_change_factor 1 1 1.5 0.75
Table 53 — HVXC object type reference output signal (continued)
File Name HVO2refl | HVO2ref2 | HVO3refl | HVO3ref2 | HVO4refl ‘|| HVO4ref2
test bitsfream HV02 HV02 HVO03 HVO03 HV04 HV04
Sampling rate[kHz] 8 8 8 8 8 8
Bitrate[kbit/s] 4 4 2 2 4 4
Variablg rate No No No No No No
Delay mpde normal low normal low normal low
Pitch_cﬂange_factor 1 1 1 1 1 1
Speed_change_factor 1 1 1 1 1 1
Table 54 — HVXC object type reference output signal (continued)
Fil¢ Name HVO5refl HVO5ref2 HVO5ref3 HVO05ref4 HVO5ref5
test bitstream HVO05 HVO5 HVO05 HVO05 HV05
Sampling rate[kHz] 8 8 8 8 8
Bitrate[kbit/s] 2 2 2 2 2
Vaijiable rate No No No No No
Dellay mode normal normal normal normal normal
Pit¢h_change_factor 1 1.6 0.8 1 1
Spded_change_factor 1 1 1 1.5 0.75
test_mode 7 15 15
Table 55 — HVXC object type reference output signal (continued)
Fil¢ Name HVO05ref6 HVO05ref7 HVO05ref8 HVO5ref9 | HVO5refl0
test bitstream HVO05 HVO05 HVO05 HVO05 HVO05
Sampling ratefkHz} 8 8 8 8 8
Bitrate[kbit/s] 2 2 2 2 2
Variable rate No No No No No
Delay mode low low low low low
Pitch_change_factor 1 1.6 0.8 1 1
Speed_change_factor 1 1 1 1.5 0.75
test_mode 7 7 7 15 15
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Table 56 — HVXC object type reference output signal (continued)

yntax, which
ate modes (<

File Name HVO06refl HVO06ref2 HVO07refl HVO07ref2
test bitstream HV06 HV06 HV07 HV07
Sampling rate[kHz] 8 8 8 8
Bitrate[kbit/s] 4 4 - -
Variable rate No No Yes Yes
Delay mode normal low normal low
Pitch_change_factor 1 1 1
Speed_change_factor 1 1 1
test_mode 7 15 15
7.10 ER HVXC
The ER HVXC object is supported by the parametric speech coding (HVXC) tools with-error resilient
provides fixed bitrate modes (2.0-4.0kbit/s) in a scalable and a non-scalable scheme, a variable bitr
2.0kbit/s, <4.0kbit/s) and the functionalities of pitch and speed change. Only 8 kHz sampling rate and mono audio

chan

7.10

7.10

Enco

7.10

Compressed data provider shall apply restrictions\to the following parameters of the AudioSpecificCol

Audi
samy
chan
exter
epCo

7.10

Nond.

hel are supported.

1 Compressed data

1.1 Characteristics

ers may apply restrictions to the following parametersof the compressed data.

1.1.1 AudioSpecificConfig

bObjectType
lingFrequencylndex
helConfiguration
sionFlag

nfig

1.1.2 Bitstream payload

nfig:

7.10.

1.1.5 BIF5/AudioSource node

A conform decoder may support any of the modification of the same parameters used in HVXC object type (see
7.9.3).

7.10.

1.2 Test procedure

The AudioSpecificConfig shall comply with the semantic conditions described in Table 57.
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Table 57 — AudioSpecificConfig characteristics

Syntactic element
AudioObjectType
SamplingFrequencylndex

Description
This field shall be 25(ER HVXC object type).
This field shall be 0xb(8000Hz).

ChannelConfiguration This field shall be 1 (mono).
extensionFlag This field shall be 1 (error resilient syntax).
epConfig No restrictions applay.

No restrictio

s apply to the audio access unit.

7.10.2 Decoders

7.10.2.1 Characteristics

A conforming
data.

bitrate
variable rate
var_Scalable}

A conforming
the delay mo

7.10.2.2 T¢

b decoder may support any of the following modifications of some parametérs’in audio compr

(fixed rate/variable rate)
lag (scalable/non-scalable mode in 4kbps variable rate)

r decoder shall support one or both of the delay mode{normal delay mode/short delay mode),
e does not exist in audio compressed data.

st procedure

Decoder conformance of the following modes is testéd.

L4 error res

HVXC 4K

1. Procedus
1.1. Al

1.2. Al
er_}

Procedul

ilient syntax(epConfig=0/1)
bps variable rate mode

es without a control interface
Voiced Compressed. data ...er_hv01_ep0(1) and er_hv02_ep0(1)

Jnvoiced Compressed data (Direct Comparison by measuring segmental SNR) ...er_hv03_ep0(1
v04_epOfL)

es with'a control interface

bssed

rhere

and

2.1. Dir

TC _ComparisSon by  Measuring — Segmentar — SNR{WIth— Trandom — number  gene

disabled)...er_hv05_ep0(1), er_hv06_ep0(1), er_hv07_ep0(1), er_hv09_ep0(1) and er_hv10_ep0(1)

2.2. Harmonic Phase Initialization (verification of phase randomness) ...er_hv08_ep0(1)

ators

Each test compressed data from er_hv01_ep0(1) to er_hv08_ep0(1) is identical to test compressed data of HVXC
object from HVO01 to HV08 except that they are error resilient syntax(re-ordered syntax). Therefore procedures to
test decoder conformance of ER HVXC object are same as those of HVXC object and the corresponding reference
waveforms are used. Details of procedures are referred in 7.9.6.

Regarding test compressed data er_hv09_ep0(1), newly added for HVXC 4kbps variable rate mode, er_hv09_nd
and er_hv09_ld are used as reference waveforms. er_hv10_ep0(1) is a (2+2)[kbps] scalable compressed data.
er_hv10_lay0_nd and er_hv10_lay0_ld are reference waveforms obtained by decoding only base layer and
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In Table 58, Table 59 andTable 60 test sequences are described.

Table 58 — ER HVXC Object Type test compressed data

File base name er_hv01_ep0(1) er_hv02_ep0(1) er_hv03_ep0(1) er_hv04_ep0(1)
Reference HVO1refl~ HVO02refl HVO03refl HVO04refl
waveforms HY04reflo HYQ2ref2 HY03ref2 HY.04xef2
Content All Voiced All Voiced All Unvoiced All Unvoiced
Sampling Rate[kHz] 8 8 8 8
Bit Rate[kbit/s] 2 4 2 4
Variable Rate No No No No
Bitrate scalability No No No No
Number of 0 0 0 0
enhancement layer
epConfig 0(1) 0(1) 0y 0(1)
Table 59 — ER HVXC Object Type test compressed data
File Hase name er_hv05_ep0 | er_hv06_ep0 | er_hv07_epO (Ner_hv08_ep0 | er_hv09_ep0 | er_hv10_ep0(1)
(1) (1) (1) (1) (1)
Refettence HVO5refl~ HVO06refl HVO0Znefl er_hv09_nd | er_hv10_lay0_nd
wavdforms HVO05ref10 HVO06ref2 HVOQ7ref2 er_hv09_1d | er_hv10_lay0_ld
er_hv10_layl_nd
er_hv10_lay1_ld
Contént
Sampling Rate 8 8 8 8 8 8
[kHz
Bit Rate[kbit/s] 2 4 2 2 4 242
Varigble Rate No No Yes No Yes No
Bitrafe scalability No No No No No Yes
Numbper of 0 0 0 0 0 1
enhahcement
layer]
epCohfig 0(1) 0(n) 0(1) 0 0 o)
Table 60 — ER HVXC Object Type reference waveforms
File'base name er_hv09_nd er_hv09_ld er_hv10_lay0_nd er_hv10_lay0_ld
er_hv10_layl_nd er_hv10_layl_1d
Content
Samping Rate[kHz] 8 8 8 8
Bit Rate[kbit/s] 4 4 242 242
Variable Rate Yes Yes No No
Delay mode Normal Low Normal Low
Pitch_change_factor 1 1 1 1
Speed_change_factor 1 1 1 1
test_mode 15 15 15 15
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7.11 ER HILN and ER Parametric
HILN tools are used in two object types: the Error Resilient HILN object type (ER-HILN) and the Error Resilient

Parametric object type (ER-Parametric). If not stated otherwise the conformance criteria apply to both object
types.

7.11.1 Compressed data
7.11.1.1 Characteristics

7.11.1.1.1 AudioSpecificConfig

For a conforlming compressed data, the restrictions given in Table 61,Table 62,Table 63Table 64Table 65 and
Table 66 apply to syntactic elements of AudioSpecificConfig:

Elements of AudioSpecificConfig for the ER-HILN object type:

Table 61 - Elements of AudioSpecificConfig for the ER-HILN object type

audlioObjectType =26

sampplingFrequencylndex |in Natural Audio profile Level 1 or 33{0x3 .. Oxc or =0xf
in Natural Audio profile Level 2 or 4: <0xc or =0xf

samplingFrequency in Natural Audio profile Level 1 or3:<48000

chgnnelConfiguration =1

Elements of AudioSpecificConfig for the ER-Parametric object typé:

Table 62 - Elements of AudioSpecificConfig for the ER-Parametric object type

audioObjectType =27

samplingFrequencylndex |=0xb

channelConfiguration =1

Elements of PARAconfig for the ER-HILN object type:

Table 63 - Elements of PARAconfig for the ER-HILN object type

PARAmode =1

extensionFlag =0

Elements of PARAconfig)for the ER-Parametric object type:

Table 64 - Elements of PARAconfig for the ER-Parametric object type

I
extensionriag | =0

Elements of HILNconfig for object type ER-HILN:

Table 65 - Elements of HILNconfig for object type ER-HILN

HILNsampleRateCode in Natural Audio profile Level 1 or 3: 3 .. 12
in Natural Audio profile Level 2 or 4: <12

HILNframeLength >16
HILNcontMode <2

Elements of HILNconfig for object type ER-Parametric:
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Table 66 - Elements of HILNconfig for object type ER-Parametric

HILNsampleRateCode =11
HILNframeLength =320
HILNcontMode <2

ents of ErHVXCconfig for object type ER-Parametric: see 7.10

The maximum number of HILN extension layers is 7.

7.11

1.1.2 Bitstream pnylnnd

For 4

The |
sinug
1.5.2
IS0/
If HII

The 1

Calcy

For f
deco

conforming compressed data, the following restrictions apply to syntactic elements of the;audio
PCU value for computational complexity, which depends on the sampling frequency-and the tof
oids to be synthesized, shall never exceed the value specified for a given profile. and level as

3 of ISO/IEC 14496-3:2019. The calculation of PCU values for HILN, (is)~“described i
EC 14496-3:2019. If HILN is used in HVXC/HILN mixed mode the HVXC PCU has'to be added to {

estrictions given in Table 67apply to elements of HILN audio access units.

Table 67 - The restrictions for elements of HILN audio access units

numlLine 0 ... HILNmaxNuwmLine

numHarmPhase 0 ... numHarmlineTable[numHarmLinelndex]

numLinePhase 0 ... maxNumiLinePhase (see calculation below)

lation of maxNumLinePhase:
maxNumLinePhase = 0;
for (i=0; i<numLine; i++)
if (!linePred[i])
maxNumLinePhaset++;
requency and amplitude parameters, which are transmitted relative to the previously decod¢
led values shall never exceed the limits given in Table 68.

access units:

al number of
described in
h 1.5.2.2 of
he HILN PCU.

LN is used in HVXC/HILN switched mode the HVXC PCU has to be added to the HILN PCU in all frames where
a trapsition to or from HVXC occurs.

d values, the

Table 68
ILFreqlndex 0 ... maxFIndex[HILNsampleRateCode]-1
IDAmplindex 0..127
HarmFreqIndex 0..2047
HarmAmplindex 0..127
NoiseAmplIndex 0. 127

7.11.1.2 Testprocedure

A conforming compressed data shall comply to the restrictions specified in 7.1.1.1. To test the conformance of a
compressed data, it has to be parsed, the parameters have to be decoded, and the criteria have to be checked in
every frame.

A modified version of the reference software allows to check for the described restrictions.
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7.11.2 Decoders
7.11.2.1 Characteristics
The specifications given in the level definitions shall be met. The output signal of the decoder under test shall meet

the criteria for accuracy of deterministic signal components and statistical properties of stochastic signal
components as described below. Two alternative accuracy classes for HILN decoders are defined:

Full Accuracy HILN decoder

Fixed Point Accuracy HILN decoder

The criteria ilor deterministic signal components depend on the accuracy class selected. The criteria for stoc}

signal compo
7.11.2.2 T

Test compre
criteria usin
procedures i

The ER-HILN
includes Lev|
decoder shal
Levels 1, 2, a

Since the conpformance of the HILN decoder tools can be checked with compressed data for the ER-HILN g

type and the
object type, (
decoder in it

To be called
all test comp
criteria for d

Note: Due to
small probak
repeated wit

7.11.2.2.1

A Full Accurd
7.1.2.2.1.

7.11.2.2.2

nents are the same for both accuracy classes.
st procedure

csed data and reference decoder output signals are provided to apply the different conforn
b the procedures described in the following subclauses. Software implementing the differen
available.

and the ER-Parametric object types are both used only in the “Natural Audio” Profile. Since Le
bl 1, a Level 2 conforming decoder shall also meet the criteria-for Level 1. A Level 3 confor
also meet the criteria for Level 1, and a Level 4 conformingidecoder shall also meet the criter
nd 3.

conformance of the HVXC decoder tools can be chécked with the compressed data for the ER-I
4 different modes.

h conforming ER-HILN or ER-Parametric-decoder, the required conformance criteria shall be m
ressed data listed in 7.11.2.3 that are applicable at the selected Profile and Level. The conforn
bterministic signal components depend on the selected accuracy class.
the stochastic nature of the'detoder characteristics tested in 7.11.2.2.3 to 7.11.2.2.5, there is a
ility (less than 0.01) that such a test fails for a conforming decoder. In this case, the test c3
h another initial state of the random number generator used in the decoder under test.

Conformance criterion for deterministic components of Full Accuracy HILN decoders

cy ER HILN)decoder at an accuracy level of “K bit” has to fulfill the RMS/LSB criterion as defin

Conformance criteria for deterministic components of Fixed-Point Accuracy HILN decode]

astic

ance
[ test

vel 2
ming
a for

bject
HVXC

ompressed data for the ER-Parametric object type’only tests operation of the integrated paranjetric

bt for
ance

very

In be

ed in

S

The conformance criteria for Fixed-Point Accuracy decoders are based on measuring the segmental SNR and the
LPC cepstral distortion (CD) between the reference decoder output and the output of the decoder to be tested. The
segment length to be used in the calculation of the SNR is equal to the audio frame length as given in the
compressed data tables below. The SNR and the CD have to be calculated only for the segments of which the
power of the reference waveform is in the range [-50...-15] dB. CD is defined as

2D

10

In(10)

D is the accumulated distortion of the LPC cepstrum Cref of the reference waveform and Ceest of the output of the
decoder under test. D is defined as

CD
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i(cref [[]=Cles [i])2

i=1

N is the LPC cepstrum order which equals 32. The LPC cepstrum C[i] is defined by means of the algorithm
lpc2cepstrum based on the LPC coefficients of a 16t order linear prediction filter. The computation of the LPC
filter coefficients Ipc_coef [j] is defined by the algorithm calculate lpc (as defined in ISO/IEC 14496-3).

For a Fixed-Point Accuracy HILN decoder, the average value of the segmental SNR shall exceed 30 dB. At the same

time,

the average value of the CD shall not exceed 1 dB.

7.11

Noisg
stati
enve

To p4
noise
comy
noise
The 3

In ad
refer

The detailed procedure is described in 7.11.2.2.6. The output signal of the decoder under test consist

secti

initigted by invoking the function

2.2.3 Conformance criteria for noise generators and spectral noise envelopes of HILN de

components shall not show a periodicity of less than one second. The average spéctral e
nary noise component shall meet a cepstral distance criterion when compared to(the refer
ope.

brform this test, the noise signal is re-whitened by a prediction filter which is inverse to the filtq
synthesis of the decoder. The required filter parameters are given in the parameter file accomy

coders
nvelope of a

ence spectral

r used in the
anying a test

ressed data. The autocorrelation function (ACF) of the re-whitened nojse is calculated over a sufficiently long

signal (e.g. 8 seconds, i.e. 256 frames) and normalized by dividing all\¢alues by the zero-th valy
bsolute values of this normalized ACF shall not exceed a limit of eg."0:1 in the range of e.g. 1...15

dition, the average power of the analyzed segment shall be in‘the range of e.g. +/- 0.5 dB relativ
Ence power.

bns. For each section, starting at sample startpes:and containing nframes*framelen sample

test noise(long nframes, long.framelen, double *h, long order, long
double aref, doublemax noiseacf, double max noiseadiff)

e of the ACF.
D99,

e to the given

s of different
5, the test is

acflen,

with [the function parameters set according to the values given in the corresponding section of the parameter file
accommpanying the test compressed data. An example of one section of a parameter file is given below
stagtpos 0

nfrgmes 256

framelen 512

ordgr 4

h[0] 0.78

hi1] -0.49

h{2] 0.13

h[3] -0.17

acflen 16000

aref 7550

max lperseaset o0t

max noiseadiff 0.5

The procedures described in this subclause are also used to test decoder output signals containing both
deterministic and stochastic signal components. To perform this test, first the reference waveform - which
contains only the deterministic signal components - is subtracted from the output of the decoder under test, and
then the residual signal is assessed using the criteria for noise generators and spectral noise envelope described
here.

© ISO/IEC 2024 - All rights reserved

77


https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

7.11.2.2.4 Conformance criteria for temporal noise envelopes of HILN decoders

The average of multiple instances of the same temporal envelope shall closely enough resemble the reference
temporal envelope.

To perform this test, the signal is cut into segments with a length of 2 frames. For every sample position in this set
of segments, the squares of the sample values of all segments are accumulated and afterwards divided by the
number of segments to calculate the average power for each sample position. The square roots of the resulting
values shall not differ from the reference temporal amplitude envelope by more than e.g. +/-20% of the nominal

noise amplitude.

sections. Fo

The detailed'l\p

rocedure is described in 7.11.2.2.6. The output signal of the decoder under test consists of diff
each section, starting at sample startpos and containing nframes*framelen samples, the\t

initiated by invoking the function

test

with the fund

noise temporal envelope (long nframes, long framelen,
double aref, long envcode, double max noise envdiff)

tion parameters set according to the values given in the corresponding segtion of the parametg

accompanyirg the test compressed data. An example of one section of a parameter file"is given below:
startpos 0

nframes 256

framelen 512

aref 7000

envcode 0x676

max noise|envdiff 20

7.11.2.2.5

The random
approximate
each other.

To perform ¢4
some (e.g. 16
a length of 2

Conformance criteria for random start phases of HILN decoders

start phases of individual lines and of the sinusoids in harmonic components shall closely en
a uniform distribution in the intervalh=pi ...pi and shall show sufficient statistical independen

his test, a signal that containS,in an alternating way frames with no components and frames
..64) new beginning individual or harmonic lines with random start phases, is cut into segments
frames. The first segmerit shall start at the center of the first frame, i.e. the sample where the fa

brent
bst is

r file

ough
ce of

with
with
de-in

of the synthepized sinusoids in thésecond frame starts.

ment, the amplitude and phase for every synthesized line is calculated. This is done by means of
ith a windowed complex harmonic reference waveform

For each seg
correlation w

ref[i](t) = exp(j*2*pi*f[i*t)*window(t)

at the frequencies’f[i] of the synthesized lines as given in the corresponding parameter file (*.ctp).

The range of the phases (-pi...pi) is partitioned into 16 intervals of equal width. For each interval the number of
phase parameters p[i] within this interval is determined. After e.g. 300 segments of 2 frames (i.e. 600 frames) the
number of phase occurrences for each area shall be in the range of e.g. 250...350.

Additionally a normalized ACF is calculated for all phases p[i] corresponding to 7.11.2.2.3. The absolute values of
this ACF shall not exceed a limit of e.g. 0.1 in the range of e.g. 1...499.

The detailed procedure is described in 7.11.2.2.6. The output signal of the decoder under test consists of different

sections. For each section, starting at sample startpos and containing nframes*framelen samples, the test is
initiated by invoking the function
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test startphase(long nframes, long framelen, double *fref, double *aref,
long numline, long acflen, double samrate,
long histmin, long histmax,
double max il amplerr, double min il snr, double max phaseacft)

with the function parameters set according to the values given in the corresponding section of the parameter file
accompanying the test compressed data. An example of one section of a parameter file is given below:

startpos 0
nframes 600
framelen 512
sampate EmeavAvAY;
numl]ine 4
freq([O0] 101.6
freqll] 201.6
freq[2] 298.4
freq[3] 398.4
areff[0] 950.5
areff[1] 950.5
areff[2] 950.5
areff[3] 950.5
acflen 500
histimin 250
histimax 350
max |il amplerr 4
min|il snr 30
max |phaseact 0.1

7.11{2.2.6 Implementation of test procedures for stochastic signal components

Beloyv the detailed description of the test procédures for stochastic signal components is given as pgeudo-C code.
The function get_next_sample() returns the value of the next sample of the output signal of the decoder under test.
The function fail() is called whenever a conformance test failed, the parameter indicates the reasgn of the test
failuge.

#deffine pi 3.1415926535897932
#deffine zpi 6.28318530%¥795865 /* two pi */

#deffine sqga (x) ((xvre*x.re)+(x.im*x.1im))
#deffine arc(x) (atan2(x.im, x.re)
#deffine abs (x)\-.sqrt (sga (x))

typgdef struct {double re, im;} complex;

voidq 4 place acf (double *x,long 1xp)

double *tmp;
long i,j,n,n2;
double h;

n=1<<1xp;

n2=n/2;

tmp=(double *) malloc(n2*sizeof (double));
for (i=0; 1i<n2; 1i++){

h=0.0;
for (3=0; j<n2; j++) h+=x[J]1*x[i+]];
tmp[i]=h;
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for (i=0; i<n2; i++) x[il=tmp[i]/tmp[0];
free (tmp) ;
}

/* this function finds the maximum absolute value in a given array
and returns it's index */

long findabsmax (double *x,long n)
{

long  i,3;

double h,max;

max=fabs (x[0]) ;
J=0;
for (f=1; i<n; i++){

hffabs (x[1i]);
if ( h>max ) { j=i; max= h; }

returh j;

}
/* PseudofC Algorithm for testing the noise spectral enveldpe */

void test|noise(long nframes, long framelen, double *h,ddng order, long acflgn,
double aref, double max noiseacf, double @max noiseadiff)

doublg *x;
long fx,fn,i,7;
doublg s,pwr,amp;

fn=nframes*framelen;
for (fx=1; (1<<fx)<2*fn; fx++);
fn=1<Kfx; /* calculate buffer length */

x=(dofible *) malloc (fn*sizeof (double));

pwr=0}0;
for (f=0; i<order; i++) {
k[11=0.0;
}
for (L=0; i<nframes*framelen; 1i++) {
s|= get next sdmpile();
pyr+=s*s;
x[i+torder]=sy
for (3=0;{A4<order; J++) s-=h[j]*x[order-1+i-7j]; /* re-whitening *|/
x[1i]=s;
}
for (} A<€én; i++) x[1]1=0.0; /* zero padding */
amp=sqrt (pwr/ ( (double) (framelen*nframes)));
in place acf(x, fx); /* calculate acf in place, len=1<<fx */

i=findabsmax (x+1,acflen-1)+1;

adiff=20.0*10gl0 (amp/aref) ;
fprintf (stderr, "noise ampl. diff: %$10.5f dB\n",adiff);

fprintf (stderr, "max. noise acf : %10.5f at %i\n\n",x[1],1);
if ( fabs(x[i]) > max noiseacf )

fail ("noise acf too big");
if ( fabs(adiff) > max noiseadiff )
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/* calculates the maximum difference between measured and reference envelope */

ISO/IEC 14496-26:2024(en)

fail("invalid noise amplitude");
free (X);

double env_diff (double *x, long env, long framelen)

{

double tO,ra,rd,t,y,d,dmax;

/* H

void

long i;
+0=((((donuble) (env 2) Y40 . BY /16 0) ¢
t0+=1.125;
ra=((((double) ((env>>4)&15))-0.5)/15.0);
if ( ra<0.0 ) ra=0.0; else ra=5.0*tan(0.5*pi*ra);
rd=((((double) ( env &15))-0.5)/15.0);
if ( rd<0.0 ) rd=0.0; else rd=5.0*tan(0.5*pi*rd);
dmax=0.0;
for (i=0; i<2*framelen; 1i++) {
t=(((double) 1)4+0.5)*(1.0/ ((double) framelen)):;
if ( t<0.25 ) y=sin(zpi*t); else /* fdde in */
if ( £t<1.00 ) y=1.0; else /* hold ¥/,
if ( t<1.25 ) y=sin(zpi*(1.25-t)); else /* fade out */
{ /* given envelopeCH7/

if ( t<t0 ) y=1.0-ra*(t0-t); else y&£l1%0-rd* (t-t0);
if ( y<0.0 ) y=0.0;
}
d=fabs (x[1]-y);
if ( d>dmax ) dmax=d;
}

return dmax;

seudo-C Algorithm for testing the noise temporal envelope */

test noise temporal enw%elope (long nframes, long framelen,
doubleftaref, long envcode, double max noise envdiff)

double *pwrhist;
long i,3,k;
double s,medifif;

pwrhist=(double *) malloc (2*framlen*sizeof (double));
fprintfq{stderr,"Testing %$1i frames of noise with envelope\n",nframes
for (i=0; i<2*framelen; i++) pwrhist[i]=0.0;
k=framelen/8;

fdrA(i=0; i<framelen*nframes; i++) {

s = get next sample();

pwrhist [k++]+=s*s;
if ( k==2*framelen ) k=0;
}
for (1i=0; i<2*framelen; i++) {
s=2.0*pwrhist[i]/ ((double) nframes);
pwrhist[i]=sqgrt(s)/aref; /* normalized amplitude curve */
}
mediff = 100.0 * env diff (pwrhist,envcode, framelen);
/* calculate max. difference to reference envelope */
fprintf (stderr, "max. env. diff : %$10.5f $%\n\n",mediff);

if ( mediff > max noise envdiff ) fail ("noise envelope difference too big");

free (pwrhist);
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void cs_
{
long
doub
doub

re=i
for

t=cc
c—->r
c—>1

}

ISO/IEC 14496-26:2024(en)

corr (complex *c,double *x,complex *s,long n)

i
le t,a,b,re,im;
le «cc,ss,cs;

m=cc=ss=cs=0.0;
(1=0; i<n; i++){
a=s[i] .re;
b=s[i].im;
ot—a*x[i]:

nt=b*x[1i];
C+=a*a;
5+=b*b;
E+=a*b;

Q n Q H B

*Es-cs*cs;
ef (re*ss-im*cs) /t;
(

mf (im*cc-re*cs) /t;

B

/* PseudofC Algorithm for testing the random start phaseg~%/

void tes

comp
doub
comp
doub
doub
int

comp
doub
long

camp
ibuf
sbuf
pact
pbuf

for

}

mda=
mins

for
for
for

t] startphase (long nframes, long framelen, double *fref, double *aref,
long numline, long acflen, double samrate,

long histmin, long histmax,

double max il amplerr, double minvil snr, double max phaseacf

1
1
1
1
1

b

*camp;
*ibuf;
*sbuf;
*pact;
*pbuf;
phist[1l6];
1ex cr;
l¢ f,a,p,h,ps,pn,mda,mintsnr;
i,3,k,ph0,phl, fynum, idx;

LY 2 Y 7 7 A 0 VA 1 V)

(complex *) malloc (numline*sizeof (complex));
=[double *) malXloc (2*framlen*sizeof (double));
=[(complex *) malloc(numline*2*framelen*sizeof (complex));
=|(double #*)\\malloc(acflen*sizeof (double));

=|(double < &) malloc(acflen*sizeof (double));
j=0;~3<numline; j++) {

-ffef[j]*zpi/samrate;

for(i=0; i<2*framelen; 1i++){

H —~

p=((double) (i-framelen))+0.5;
h=0.5+0.5*cos (p* (pi/ ( (double) framelen))):;
sbuf[2*framelen*j+i].re=h*cos (f*p);
sbuf[2*framelen*j+i] .im=h*sin (f*p);

0.0;

nr=1000.0;

(1=0; i<16; i++) phist[i]=0;

(i=0; i<acflen; i++) pacfl[il=pbuf[i]=0.0;
(i=0; i<framelen/2; i++) get next sample();
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for (frnum=idx=0; frnum<nframes-2; frnum+=2) {

for (i=0; i<2*framelen; i++) ibuf[i] = get next sample();
for (i=0,ps=0.0; i<2*framelen; i++) ps+=ibuf[i]*ibuf[i];

for (3j=0; j<numline; j++){
cs_corr (camp+j, ibuf, sbuf+2*framelen*j, 2*framelen) ;
cr=camp[]j];
for (i=0; i<2*framelen; 1i++) {
ibuf[i] -= cr.re*sbuf[2*framelen*j+i].re +
cr.im*sbuf[2*framelen*j+i].im;

}

for (4=0; j<numline; F44){
cr=camp[j];
cs_corr (camp+j, ibuf, sbuf+2*framelen*j, 2*framelen) ;
cr.ret=camp[j].re;
cr.im+=camp[j].im;
a=abs (cr); h=fabs(a-aref[j]); if ( h>mda ) mda=h;
p=arc(cr); phist[((long) (
pbuf[idx]=p;
for (i=0,k=idx; i<acflen; i++) {
pacfl[i]+=p*pbuflk];
if ( k==0 ) k=acflen;
k--;
}
cr=campl[j]l;
for (i=0; i<2*framelen; i++) {
ibuf[i] -= cr.re*sbuf[2*fram&len*j+i].re +
cr.im*sbuf[2*framelenfj+i] .im;
}
idx++;
if ( idx==acflen ) 1dx=0;

}

for (i=0,pn=0.0; i<2*framelen; i++) pnt=ibuf[i]*ibuf[i];

if ( (pn>0.0) && (ps>0.0Y ) {
h=10.0*10gl0 (ps/pn)*;
if ( h<minsnr )*“minsnr=h;
}
}
for (i=frnum*framel€en+framelen/2; i<nframes*framelen; i++)
free (sbuf) ;
free (camp) ;
i=findabsmaX (pacf+1l,acflen-1)+1;
a=pacf[il/pacf[0];
fprintf{stderr, "max. ampl. diff.: %10.5f 1lsb\n",mda);

fprintf (stderr, "min. SNR : %10.5f dB\n",minsnr) ;
fprantf (stderr, "max. startp. acf: %$10.5f at %i\n\n",a,i);
pHO=phl=0;

1=phist[0];

(p+pi) * (16.0/zpi))) &1B3%H;

get next [sample();

for (i=1; i<16; i++){
k=phist[i];

if ( k<phist[ph0] ) phO=i;
if ( k>phist([phl] ) phl=i;
Jj+=k;

}

fprintf (stderr, "min. norm. phist: $f at %i\n",
16.0* ((double) phist[ph0])/ ((double) 3J),ph0);

fprintf (stderr, "max. norm. phist: %f at %$i\n\n",
16.0* ((double) phist[phl])/ ((double) Jj),phl);

if ( phist[ph0O] < histmin || phist[phl] > histmax )
fail ("incorrect start phase distribution");

if ( mda > max_1il amplerr )
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fail ("incorrect individual line amplitude");
if ( minsnr < min il snr )
fail ("too much noise in individual line synthesis");
if ( fabs(a) > max phaseacft )
fail ("start phase periodicity detected");
free (pacft) ;
free (pbuf) ;
free (ibuf) ;
}

7.11.2.3 Test sequences

Table 69, Talple 70, Table 71, Table 72, Tabte 73, Table 74, Tabie 75, Table 76, Table 77, Table 78Table_79
Table 80Table 78 below describe the conformance test compressed data for ER-HILN and ER-Parametric’g
types for the|different levels of the Natural Audio Profile.

Conformancgq criteria abbreviations:

determin see 7.11.2.2.1 or 7.11.2.2.2 according to selected accuracy class

noise gen see 7.11.2.2.3 1)

noise env see 7.11.2.24 1)

start phase see7.11.2.251)

det+noise first the reference waveform (containing only the deterministic components) is subtr

and then test procedure described in 7.11.2.2.3 (is applied to the residual g
obtained by the subtraction

subjective no objective assessment necessary 1)

1) reference yaveforms are supplied for subjective assessment

The additionpl functionality of HILN speed change and pitch change is tested using the compressed data er
and er_hi21 ogether with the reference waveforms (*wav) / reference parameter files (*.ctp) given in Table

Table 69 — ER-HILN Object Type test sequences for Natural Audio Profile Level 1

and
bject

hcted

ignal

1 hi03
/8.

File basq name er_hi00_ep0 er_hi01_ep0 er_hi02_ep0 er_hi03_ep0
Descriptjon harmé&indi harm+indi harm+indi harm+indi
Conformlance Criterion determin determin determin determin
Referende Waveform er_hi00 er_hi01 er_hi02 er_hi03
Sampling Rate [kHz] 16 16 16 16

Frame Length [samples] 512 512 512 512
epConfig

HILNqugntMode

HILNcortMode

Enhancement Layer

Extension Layer(s)

Max. Bit Rate [kbit/s] 16 16 16 16
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Table 70 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continued)

File base name er_hi04_ep0 er_hi05_ep0 er_hi06_ep0 er_hi07_ep0

Description harm+indi harm+indi harm+indi harm+indi

Conformance Criterion determin determin determin determin

Reference Waveform er_hi04 er_hi05 er_hi06 er_hi07

Sampling Rate [kHz] 8 8 8 8

Frame Length [samples] 256 256 256 256

epConfig 0 0 0 0
HENquantiMode 6 v v t

HILNcontMode 0 1 2 2

Enhancement Layer

Extension Layer(s)

Max. Bit Rate [Kkbit/s] 6 6 6 6

Table 71 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continued)

File base name er_hil0_ep0 er_hill_epQ er_hil2_ep0
Description harm+indi harm+indi PCU =20
Conformance Criterion determin determin determin
Reference Waveform er_hil0 ér_hill er_hil2
Sampling Rate [kHz] 16 48 16
Frame Length [samples] 80 3072 1280
epConfig 0 0
HILNquantMode 1 1
HILNcontMode 2 2
Enhancement Layer

Extension Layer(s)

Max. Bit Rate [kbjt/s] 32 32 32
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Table 72 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continued)

File base name er_hil3_ep0 er_hil4_ep0 er_hil5_ep0 er_hil6_ep0
Description harm+indi harm+indi harm+indi harm+indi
Conformance Criterion lay0: subjective | layO: subjective | determin determin

lay1: determin

lay1: determin

Reference Waveform

er_hil3_lay0
er_hil3_layl

er_hil4_lay0
er_hil4_layl

er_hil5_lay0
er_hil5_layl

er_hil6_lay0
er_hil6_layl

er_hil6_lay2
er_hil6_lay3

et _11;1 (J_}a_y 4
er_hil6_lay5
er_hil6_lay6
er_hil6_lay7

Sampling Rate [kHz] 8 16 32 16
Frame Lerlgth [samples] 256 512 1024 512
epConfig 0 0 0 0
HILNquanfMode 1 1 1
HILNcontMode 2 2 2
Enhancement Layer 1 1
Extension [Layer(s) 1 7
Max. Bit Rate [kbit/s] 6+6 16+16 6+10 6424242424242+
Table 73 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continued)
File base name er_hi20_ep0 er_hi21_ep0 er_hi22_ep0
Description harm+indi noise noise
Conformance Criterion start phase noise gen noise env
Reference Waveform | er_hi20 er_hi21 er_hi22
Reference Parameter er_hi20 er_hi21 er_hi22
Sampling Rate [kHz] 16 16 16
Frame Length [samples] 512 512 512
epConfig 0 0 0
HILNquantMode 1 1 1
HILNcontMode 2 2 2
Enhancement Layer
Extension Layer(s)
Max.-Bit Rate [kbit/s] 6 6 6
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Table 74 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continued)

File base name er_hi23_ep0 er_hi24_ep0 er_hi25_ep0
Description harm+indi noise noise
Conformance Criterion start phase noise gen noise env
Reference Waveform | er_hi23 er_hi24 er_hi25
Reference Parameter er_hi23 er_hi24 er_hi25
Sampling Rate [kHz] 8 8 8
Frame Length [samples] 256 256 256
epConfig Q Q 0
HILNquantMode
HILNcontMode 2
Enhancement Layer
Extension Layer(s)
Max. Bit Rate [kbit/s] 6 6 6
Table 75 - ER-HILN Object Type test sequences for Natural Audio Profile Level 1 (continjued)
File base name er_hi26_ep0 er_hi27_ep0 er_hi28_ep0 er_hi29_¢p0
er_hi26_ep1l er_hi27_epl er_hi28_ep1l er_hi29_¢p1
¢pConfig 0,1 0,1 0,1 0,1
Description harm+indi+noise | harm+jndi+noise | music music
Lonformance Criterion det+noise det+noise subjective subjectivie
Eeference Waveform | er_hi26 er hi27 er_hi28 er_hi29
eference Parameter er_hi26 er_hi27
$ampling Rate [kHz] 16 8 16 8
Frame Length [samples] 512 256 512 256
HILNquantMode 0 0 0 0
HILNcontMode 0 0 0 0
Enhancement Layer
Extension Layer(s)
Max. Bit Rate [Kkbit/s] 16 6 16 6
Table 76— ER-HILN Object Type test compressed data for Natural Audio Profile Level 2
File base name er_hi30_ep0 er_hi31_ep0
Description harm+indi PCU =100
Conformance Criterion determin determin
Reference Waveform er_hi30 er_hi31
Sampling Rate [kHz] 96 48
Frame Length [samples] | 2048 3840
epConfig 0 0
HILNquantMode 1 1
HILNcontMode 2 2
Enhancement Layer
Extension Layer(s)
Max. Bit Rate [Kkbit/s] 32 32
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Table 77 — ER-Parametric Object Type test compressed data for Natural Audio Profile Level 1

File base name er_pa00_ep0 er_pa01_ep0 er_pa02_ep0 er_pa03_ep0

Description HVXC only HILN only switched mode mixed mode

Conformance Criterion determin (fixed | determin (fixed | determin (fixed | determin (fixed
pointaccuracy) | pointaccuracy) | pointaccuracy) | pointaccuracy)

Reference Waveform er_pa00 er_pa01 er_pa02 er_pa03

Sampling Rate [kHz] 8 8 8 8

Frame Length [samples] | 160 256 320 320

epConfig 0 0 0 0

PARAmpde 0 1 2 3

HlLNqu{thode 0 0 0

HILNcojtMode 0 0 0

Enhanc*ment Layer

Extensi¢n Layer(s)

Max. Bitj Rate [kbit/s] 4 6 4 8

Table 78 — ER-HILN reference waveforms / Parameters for test of-additional functionality
File bas¢ name er_hi03_ep0 er_hi03_ep0 er_hi03_ep0 er_hi03_ep0
Descripfion harm+indi harm+indi harm+indi harm+indi
Conforqlance Criterion determin determin determin determin
Referenke Waveform er_hi03_s08 er_hi03_s16 er_hi03_p07 er_hi03_p15
Samplirlg Rate [kHz] 16 16 16 16
Frame Liength [samples] | 512 512 512 512
epConfig 0 0 0
HILNquantMode 1 1
HILNcontMode 2 2
speedF3ctor 0.8 1.6 1
pitchFag¢tor 1 1 0.7 1.5
Max. Bit| Rate [Kbit/s] 16 16 16 16

Table 79 { ER-HILN reference waveforms / Parameters for test of additional functionality (continued)
File bas¢ name er_hi21_ep0 er_hi21_ep0 er_hi21_ep0 er_hi21_ep0
Descripfion noise noise noise noise
Conforqlance Criterion noise gen noise gen subjective subjective
Referenke Waveform | er hi21 <08 er hi21 <16 er hi?1 p07 er hi?1 p15
Reference Parameter er_hi21_s08 er_hi21_s16
Sampling Rate [kHz] 16 16 16 16
Frame Length [samples] | 512 512 512 512
epConfig 0 0 0
HILNquantMode 1 1
HILNcontMode 2 2
speedFactor 0.8 1.6 1
pitchFactor 1 0.7 1.5
Max. Bit Rate [kbit/s] 16 16 16 16
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File base name er_hi28_ep0 er_hi28_ep0 er_hi28_ep0 er_hi28_ep0
Description music music music music
Conformance Criterion subjective subjective subjective subjective
Reference Waveform er_hi28_s08 er_hi28_s16 er_hi28_p07 er_hi28_p15
Sampling Rate [kHz] 16 16 16 16

Frame Length [samples] | 512 512 512 512
epConfig 0 0 0 0
HENquantMode v v 6 6
HILNcontMode 0 0 0 0
§peedFactor 0.8 1.6 1 1
pitchFactor 1 0.7 1.5

Max. Bit Rate [Kbit/s] 16 16 16 16

7.12| TTSI

Confprmance testing of the TTSI shall be performed by comparing the decoded parameters to those §
the cprresponding bitstreams.

Sincqd the MPEG-4 Audio TTSI described in ISO/IEC 14496-3 restricts its standardization subject
interfaces as depicted in Figure 8 and the exact synthesis method is not standardized, the quality o
spee¢h will not be tested. Several interfaces should be tested.@mong the interfaces in Figure 8 are dis

upplied with

5 only to the
f synthesized
tinguished in

Tablg 81.
Table 81 — Interfaces of MPEG-4 Audio TTSI
Number Interface Name Test?
6.1 Interface between DEMUX(@nd the syntactic decoder Yes
6.2 Interface between thesyntactic decoder and the speech synthesizer Yes
6.3 Interface from the speech synthesizer to the compositor No
6.4 Interface from the-compositor to the speech synthesizer No
6.5 Interface between the speech synthesizer and the phoneme-to-FAP converter Yes
that is partoof the Face node in ISO/IEC 14496-1

7.12{1 Object descriptor characteristics

Encofers mayapply restrictions to the following parameters of the object descriptor:

b).Gender_Enable indicates the existence of gender information.

h) Language_Code indicates flag of language identification that should be supported by TTS engine.

c) Age_Enable indicates the existence of age information.

d) Speech_Rate_Enable indicates the existence of speech rate information.
e) Video_Enable Enable is set to ‘1’ when TTS decoder works with MP.

f) Lip_Shape_Enable indicates the existence of lip shape information.

g) Trick_Mode_Enable indicates that trick mode function is allowed.

7.12.2 Elementary stream characteristics

TTS Encoder may apply restrictions to the following parameters of the bitstream:
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a) language code and input text length
b) phoneme symbols

c) prosody information

d) lip shape pattern

e) gender and age of the speaker

7.12.3 Procedure to test bitstream conformance

Verify the test bitstream is conformant with the bitstream syntax described in ISO/IEC 14496-3 subpart 6.

7.12.4 Decoder characteristics

Decoder conformance test will be applied to several interfaces identified in Table 81. For interface 6:and p.2, a
number of tept bitstreams are available at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/ and it shoyld be
verified whether the syntax and semantics are correctly interpreted. For interface 6.5 it should be|tested whether
a speech synthesizer correctly generates defined data structure even if phoneme symbols and,additional prosodic
information pre not available from the input bitstreams. When the information is included~in input bitstream,
conformancel should be also tested whether the parameter values from the speech synthesizer tq the
Phoneme/Bdokmark-to-FAP converter are equivalent to those supplied with corresponding bit streams.

— M-TTS decoder * 6.4
Syntactic Speech
6.1 6.2 : 6.3 C
decoder > synthesizer >

D > 0
E

M m

U 6.5 p
X

0

Phoneme/bookmark- s

to-FAP converter

v t

Face 0

decoder ___’ r

Fighire 8 — MPEG-4.Audio TTS decoder architecture (Text-to-Speech in ISO/IEC 14496-3)

7.12.5 Procedure to testdecoder conformance

To test audip deCoders, test sequences are available at https://standards.iso.org/iso-iec/14496/-26 /ed-2)/en/.
Supplied sequénces cover Text with Language_Code only, and additional information such as Gender,| Age,
Speech_Rate, ete—Thetestsetincludesasetofadditionatinfor uwltiuu, astistedinTable 82-Theextenstormamber

is appended to the bitstream name to indicate the additional information of the test sequence.

For a supplied test sequence, testing of Syntactic decoder (6.2) can be done by comparing the output of a decoder
under test with a reference output also available at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/.
Interface between speech synthesizer and phoneme/bookmark-to-FAP converter (6.5) can be tested by
comparing the output of a speech synthesizer under test with a reference output of TTS2 test bitstream in
Table 82. The interface data includes phonemeSymbol, phonemeDuration, FOAverage, stress, and wordBegin
information for each phoneme in a sentence. At the beginning or end of words, a bookmark may be associated
with a phoneme. Especially, phonemeSymbol, phonemeDuration, FOAverage, bookmark, and wordBegin
information should be identical to the reference data; stress is TTS engine dependent. Software is provided for
performing this verification procedure. Measurements are carried out by the exactness of output data of decoder.
To be called an ISO/IEC 14496-3 audio decoder, the decoder shall provide an output such that accordance
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between the output of the decoder under test and the supplied reference output is achieved. This test only verifies
the computational accuracy of an implementation. The streams TTS7 and TTS8 contain a TTS stream and a BIFS
scenegraph with a Face node in order to evaluate the integration of face animation and TTSI verifying gender and
animation of the face. Conformance is tested at interface 7.2 and the parameters of the FAP node.

7.12.6 Descriptions of the test bitstreams

ISO/IEC 14496-3 audio test bitstreams are suggested as follows:

Table 82 — TTS Object type test bitstream

File- Name FFSH—+FFS2—+FFS3—+—FFS4—+FFS5—FFS6—+FFS7—| TTS8
Content

Language_Code Yes Yes Yes Yes Yes Yes |Yes Yes
Text Yes Yes Yes Yes Yes Yes\(| Yes Yes
Gender Yes Yes Yes
Age Yes

Speech_Rate Yes

Phoneme_Symbols Yes Yes Yes
Dur_each_Phonemes Yes Yes Yes
FO_Contour_each_Phoneme Yes Yes Yes
Energy_Contour_each_Phoneme Yes

Video_Enable Yes Yes

Lip_Shape_Enable Yes Yes

For the decoder conformance test for interface 6.2, all'the test bitstreams should be verified. Also tgst bitstream
TTS1|, TTS4, TTS6, TTS7, and TTS8 should be verified for the conformance test of the interface betiween speech
syntljesizer and Phoneme/Bookmark-to-FAP converter.
7.13] General MIDI

The [General MIDI object type supports General MIDI patch mappings. This object type providgs backward-
compatibility with existing MIDIsedntent and rendering devices. Normative and implementationiindependent
sounfl quality cannot be produced in this object type.
7.13]1 Procedure to testbitstream conformance

The bitstream syntax shall first comply with the description given in 5.14 of ISO/IEC 14496-3:2019.

7.13]1.1 DecoderSpecificinfo characteristics

AudiIOObiectType: Shall be encoded with the value 15

SamplingFrequencyIndex: Shall be encoded with the following values:
The following restrictions apply to StructuredAudioSpecificConfig:

Only the midi_file chunk shall occur in the StructuredAudioSpecificConfig.
7.13.1.2 Audio access unit characteristics

Any SMF and/or midi elements transmitted in audio access units shall comply with the Standard MIDIFIle Format
0 specification and MIDI protocol specification as normatively referenced in 5.5.2 of ISO/IEC 14496-3:2019.

Only the midi_event event shall occur in the audio access units.
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7.13.2 Conformance

The General MIDI object type is included only to provide interoperability with existing content. Normative sound
quality and decoder behaviour are not provided with the General MIDI object type. Refer “The Complete MIDI 1.0
Detailed Specification - Version 96.1” (c) 1996 MIDI Manufacturers Association for all aspects of bitstream and
decoder conformance testing.

7.14 Wavetable synthesis

This object type is used to describe music and sound-effects content in situations in which the full flexibility and
functionality of SAOL, including 3-D audio, is not required. The wavetable synthesis object type incorporates only
the SASBF fdrmat and MIDI tools. Tt allows the use of simple "sampling synthesis” in presentations wherf the
quality and flexibility of the full synthesis toolset is not required.

Refer the follpwing publications for all aspects of bitstream and decoder conformance testing:

e The Comjplete MIDI 1.0 Detailed Specification - Version 96.1 (c) 1996 MIDI ManufactureysyAssociation
e The Downloadable Sounds Level 2 Specification - (¢) 1999 MIDI Manufacturers Association
e The Downloadable Sounds Certification Test (exact title to be determined)

7.14.1 Procedure to test decoder conformance

7.14.1.1 DecoderSpecificInfo characteristics

AudioObjectType: Shall be encoded with the value 14

The following restrictions apply to StructuredAudioSpecificConfig:

Only the midi_file and sbf chunks shall occur in the StructuredAudioSpecificConfig.

7.14.1.2 Awudio access unit characteristics

The bitstrearp syntax shall comply with the description given in 5.13 of ISO/IEC 14496-3:2019. In addition:

Any sasbf elements transmitted in the audio access units shall comply with the DLS-2 syntax as normatively
referenced ir] 5.2 of that subpart.

Only the midii_event event shall geeur in the audio access units.
7.14.2 Conformance

To facilitate |[interoperability between MPEG-4 SASBF implementations, as well as between implementations
providing similar funetionality using the MIDI Manufacturers Association “DLS-2" file format and synthesis model
[DLS2], it is flesirable to have a series of conformance tests which will allow equipment vendors to self-test for
compliance with.the SASBF specification. Such conformance tests should ideally test all aspects of the design to
verify compliance with the specification. As a practical matter, it will not be possible to assure 100% compliance
with any finite series of tests, but a subset can be created which will provide a reasonable degree of certainty that
a particular device is in compliance. The terms SASBF and DLS-2 refer to the same standard and are used
interchangeably in this document and in the test materials. In particular, the abbreviation “dls” is more commonly
used in tables, file names and so forth.

Please see Annex A for detailed information about the test bitstreams and other materials.

Each test has been devised to exercise a particular function of the implementation. By isolating functions, it is
possible to identify specific failures easily. However there is a risk that interactions between functions within an
implementation can result in complex failure modes. Without an intimate knowledge of the architecture of a
specific implementation, it will be impossible to anticipate these complex failure modes. Therefore it is left to the
designer to anticipate and device specific test scenarios for such complex failure modes.
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The conformance tests comprise a SASBF instrument file, a corresponding MIDI file, and a sample output file
in .wav format from the reference implementation. The sample output file is intended to be used as a comparison
for correctness. The nature of MIDI and SASBF do not lend themselves to bit-for-bit comparisons, so more
sophisticated methods of signal analysis will be necessary when significant variations are encountered between

the implementation under test and the reference implementation.

7.15 Algorithmic synthesis and AudioFX

The Algorithmic Synthesis object type provides SAOL-based synthesis capabilities for very low-bitrate terminals.

It is also used to support the AudioBIFS AudioFX node when sound synthesis capability is not needed.

7.15]1 DecoderSpecificInfo characteristics

Bitstfeam provider may apply restrictions to the following parameters of the DecoderSpecificinfo:

a) grchestra block

7.15J2 Audio access unit characteristics

Bitstfeam provider may apply no restrictions to any parameters of the bitstream.

7.15)3 Procedure to test bitstream conformance

7.15]3.1 DecoderSpecificinfo characteristics

AudiloObjectType: Shall be encoded with the

value 16

SamplingFrequencylndex: Shall be encoded with the values given in Table 83.

Table 83 - SamplingFrequencylndex for AudioObjectType 16

SamplingFrequencylndex Level 1 Level 2 Level 3 Level 4
Synthetic Audio Profile >=6 >=3 0..0xc
Main Profile 0..0xc
SamplingFrequency: Shall be encoded with the values given in Table 84.
Table 84 - SamplingFrequency for AudioObjectType 16
SamplingFrequency Level 1 Level 2 Level 3 Level 4
Synthetic Audio Profile <=24000 <=48000 <=96000
Main Profile 0..96000
ChannelConfiguration: Shall be encoded with the values given in Table 85.
Table 85 - ChannelConfiguration for AudioObjectType 16
ChannelConfiguration Level 1 Level 2 Level 3 Level 4
Synthetic Audio Profile 1 1.2 1.7
Main Profile 1.7

The following restrictions apply to StructuredAudioSpecificConfig:

orchestra: shall comply with the SAOL syntax and rate rules.
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7.15.3.2 Audio access unit characteristics

score: any score lines transmitted in the access units shall comply with the SASL syntax.

7.15.4 Deco

All

signal variables

der characteristics

in SAOL shall be represented by a 32-bit floating-point value as define

d in

ISO/IEC 14496-3:2019, 5.8.3. Implementations are free to use any internal representation for variable values, so
long as the results calculated are identical to the results of the calculations using 32-bit floating-point values.

The order of execution of the Structured Audio primitives may be rearranged if it will have no effect on the output

of the decodi

Some of the
the decoding
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computation
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defined comy
overspecify t
as follows:
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Table 86 — Algorithmic Synthesis Complexity Values for Levels

Parameter Low Complexity Medium Complexity High Complexity
Total opcode calls 2M 8M 16M
Floating-point ops 12M 24M 60M

Multiplications 8M 16M 40M
Tests 2M 8M 16M

Math methods 4M 16M 16M
Noise generators 0.1 M 1M 1M
Interpolations 0.6 M 4M 12M
Multiply-and-add 2M 4M 12M
Filters 0.6M 2M 4M
Effects 0.2M 1M 2M
Allocated memory 64k 8M 16M

It is ot the case that in order to conform to one of the complexity levels in the table that a decoder

the a

mount of computation shown in the table for every element of the complexity vector at the same

a cofpforming decoder shall be able to normatively decode any bitstreai that is measured with

profi
with
per s

ing tool as requiring no more than that amount of computation. When a conforming decoder is
static optimization, it is usually possible to decode a bitstream that contains a certain number
econd as measured with the profiling tool by actually using.many fewer operations per seco

becagyise the calculation of the complexity vector is made i a ‘platform independent way on the
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urements shown in the table should be taken as.referencing a completely unoptimized SA imy
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utational power. Each implementor should be able to "map" these platform independent forma
vn implementation using Annex A, in order to calculate his actual complexity vectors.

bmentors are also advised that algorithmic synthetic bitstreams often require “bursty” procq
time portions of the bitstreamlrequire considerable amount of processing power. In situations
e the requirements of a bitstream exceed in rare spikes of time (granularity of the profiling is
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Table 87 — Complexity values for AudioFX node levels

Parameter Very Low Low Medium High
Complexity Complexity Complexity Complexity

Total opcode calls 1M 1M 4M 8M
Floating-point operations 0 4M 12M 20M
Multiplications 0 2M 8M 16M
Tests 0 1M 4M 8M

Math methods 0 2M 6M 12M

Noise generators 0 0.05M 0.2M 0.5M
Interpolations 0 0.3M 1.2M 2M
Multiply-and-add 2M 2M 4M 8M
Filters 0.2M 0.2M 1M 4M
Effects 96k 96k 0.4M 2M
Allocated memory 96k 96k 1M 16M

7.15.5 Proc

As with the n|
by RMS mea
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the decoding
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le 86. See also 7.154y'and 5.7.3.3.7 and 5.7.3.3.8 of ISO/IEC 14496-3:2019 for more details.
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e able to_decode bitstreams for which the associated complexity vector is, for each second d
below-the reference vector of the corresponding Level. Rare exceptions are admitted as explain
ecoding time of each second of the performance shall be executed in a time less or equal to a

ance
b this
re, or
B and

oder
o the
hents
ange
ders

ders
up of
ation

onformance to any of\the complexity levels within a profile shall have the minimum capacity as

dium
ional
f the
ed in
wall

clock second

Bitstreams SY005 through SY009 are available at https://standards.iso.org/iso-iec/14496/-2

b /ed-

2/en/ with their corresponding complexity vectors in function of time, in order to help the correct evaluation of
the computational complexity supported by the specific decoder.

Testing of the non-normative interpolation (interp equal to 1 in the global block of the SAOL orchestra) shall be

performed using test sequence SY010 and SY011. A reference output is available at https:

standards.iso.or

iso-

iec/14496/-26/ed-2/en/. To be called an ISO/IEC 14496-3 audio decoder, the decoder shall provide an output for

which the SNR between SY011 and the reference output is strictly less than the SNR between SY010 and the
reference output. To calculate the SNR, the difference shall be calculated between the specified sequence output

and the refer

ence, and this difference shall be used as noise of the reference output.
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Testing of the non-normative noise generators shall be performed using test sequence SY012. The output of the
decoder shall be divided into 5 groups of 40000 samples, in order to isolate the 5 different types of noise
generators, as described in 7.15.6. The sequence shall be repeated three times and the output analyzed separately.

To be called an ISO/IEC 14496-3 audio decoder, the decoder shall provide an output satisfying the following
conditions:

a) samples generated with linear distribution shall have a mean value m such that -2*10exp-3 < m < 2*exp-
03 and a variance v such that 0.3300 < v < 0.3366. These two constraints shall be met at least in two of the
three repetitions.

}‘) cnmp]pc gpnpr;\fr—\d with gmmd;m (nnrm:\l) distribution shall have a mean value m such that -5*10exp—3 <

m < 5*%exp-03 and a variance v such that 0.5 < v < 0.5170. These two constraints shall bé'\mjet at least in
two of the three repetitions.

d) samples generated with linearly-ramped distribution shall be converted to a linear-distributiion using the
formula: y = +-sqrt(x), where x is the generated vector and y is the resulting vector, obtained taking
alternatively a positive and a negative value. The resulting vector y shall be evaluated as in a)

d) samples generated with exponential distribution shall have a mean value' m such that 0}4300 < m <
0.4330. This constraint shall be met at least in two of the three repetitions.

d) binary samples generated with poissonian generators shall have . aiméan m value such that §.4900 < m <
0.5100. This constraint shall be met at least in two of the three repetitions.

Testing of the non-normative lopass, hipass, bandpass, bandstop core opcodes shall be performed using test
sequence SY013. The output of the sequence shall be divided in 4-sub-blocks of 16000 samples, corresponding to
the t¢st of the 4 filters above. The DFT of the four blocks shall be calculated, and the absolute value of|the resulting
specfrum shall be evaluated against the mask of Figure 9.

2. Transitionband
3. Maximum ripple

4

Y i wreseriesanese 0 dB
............... reeeenieeeee -6 dB

1. Band attenuation

Attentiation{dB)

AVAVAVAVAVAYAYVAYY

Fn Fs Freguency

Figure 9

The maximum ripple is the absolute difference between the greatest and least response in the region limited by
the -6 dB absolute value (pass band region). The filter’s stop band is defined to begin at either the first local
minimum in the magnitude response after the cutoff, or the first point of -60 dB attenuation, whichever frequency
is lower. The three parameters shall be set as follows:

1. Band attenuation -60 dB;

2. Fnis 15% of Fs;

3. Maximum ripple 10% of the pass band value.

To be called an ISO/IEC 14496-3 audio decoder, the decoder shall provide an output satisfying the above
conditions in the frequency domain for every filter (lopass, hipass, badpass, bandstop).
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Testing of the bus width calculation and send/route mechanism shall be performed using test sequence SY014
and SY015. A reference output is provided by ISO/IEC as example. To be called an ISO/IEC 14496-3 audio decoder,
the decoder shall provide two identical outputs for the two sequences, and in particular this output shall be
composed of two channels characterized by a reverberated sound in the first and a dry sound in the second.

Testing of non-normative effects (chorus, flange, reverb) and the spatialize statement cannot be performed on
objective constraints, since this functionality is implemented following many different and subjective criteria. As a
consequence there are not any defined procedure to test this functionality. Content authors who wish to have
normative effects processing such as reverberation should implement their own reverberation algorithms (for
example) out of the strictly-normative building blocks and include them in the content as user-defined opcodes."

7.15.6 Descfiptions of conformance bitstreams

All conformahce bitstreams whose memory requirements and processing level, as indicated in Table-88)Taljle 89
and Table 90| are less than or equal to that of a given level apply to that level.

Bitstream SY001 “math.mp4”

Math tests. Tlsts all “math” core opcode (5.9.4 in ISO/IEC 14496-3:2019). Produces a seundfile sampled at 20 Hz
(not 20 kHz) [for easy hand-checking. Heavy use of the instr statement.

Bitstream SY002 “buzz.mp4”
buzz test. Exprcises buzz core opcode. Also uses Kkline, cpsmidi, oscil, harim,'and a number of expressions.
Bitstream SY003 “pluck.mp4”

pluck test. Ekercises pluck core opcode. Also uses tableread, tablewrite, koscil, kline, a number of expregsion
types, and thg while statement.

Bitstream SY004 “grain.mp4”
grain test. Ejercises grain core opcode. Also uses. kexpon and expseg.

Bitstream SY005 “piano.mp4”

Sampled piamo. Uses bitstream samples, a bus, tablemaps, fracdelay, an opcode array, stereo output, and vector
operations. Ises a MIDI file. Implements a complex, high-quality Gardner reverb. The decoded output of this
bitstream is ot sample-exact due.to'use of the lopass() core opcode.

Bitstream SY006 “bass.mp4”

Waveguide HQass implementation. A complex algorithm integrating many functions. Uses core opcodes, filters,
loops, tests, dnd tables heavily.

Bitstream SY007 "mixer.mp4"

Two simple sinusoidal inputs and a good quality two-channel mixer with low- and high-shelving functions and
bell bandpass filters. Intense use of mathematical opcodes and iir filter. This bitstream is conceived expecially to
test processing capabilities, it can easily be converted into an AudioFX orchestra; synthesis computation is
minimal.

Bitstream SY008 "inmood.mp4"

Refrain of "In the mood": a multiple instrument orchestra with tables without SASBF, FM, physical models and
processing, several opcodes and table generators exercised. Complexity Level is Medium.

Bitstream SY009 "PC.mp4"
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Complex synthesis, different instruments with peaks of very high polyphony. Highly demanding for floating-point
operations, multiplications, mathematical methods In some seconds, it does not fit in any of the defined Levels. This
sequence is intended to stimulate implementers to design and to optimize advanced decoders, for complexity Levels
that will be supported by future versions of the standard.

Bitstream SY010 "sinel.mp4"

440 Hz sine, length 5 seconds + silence, length 1 second + 880 Hz sine, length 5 seconds + silence, length 1 second;
sampling rate 32000 kHz, implemented with interp equal to 0 in the orchestra global block.

Bitstream SY011 "sine2.mp4"

4401
samp

Bitst

Exer
1 sec
distr
grou
the v

Bitstream SY013 "filters.mp4"

Exer

second, in the order described above, with white noise as inptit.

Sequence SY014 "clarinetl.mp4"

Acla

width is not set in the send statement, instead-the sound is output twice to the bus, creating a two-ch

ther

Sequence SY015 "clarinet2.mp4"

Acla
wid
iden
isou

Sequence SY016) fir.mp4"

In th
filter

tJl is set to 2 in the send statement, the sound is output in mono to the bus, and then it shall

1z sine, length 5 seconds + silence, length 1 second + 880 Hz sine, length 5 seconds + silence;len
ling rate 32000 kHz, implemented with interp equal to 1 in the orchestra global block.

ream SY012 "noise.mp4"

ises the noise generators: sampling rate is 8 kHz. Each generator is activiecfor 5 seconds,
pnd of silence, in this order: linear distribution (-1,1), linearly-ramped ‘distribution (0,1)
bution (0.5), poissonian distribution (1/8000), gaussian (normal) distyibution (0, 1). The third

b contain saturated values, to 1 in the first case, to -1 and 1 in the secofnd. This is already taken in
hlues given in 7.15.5 for test.

fises the lopass, hipass, bandpass, bandstop filters for SNR: sampling rate is 16 kHz. Each filter §

Finet synthesized at 44.1 kHz in FM with linear interpolation is routed to a reverberation instrun

bverberation instrument only the first\cliannel is reverberated, the second is output as is.

Finet synthesized at 44.1 kHz in FM with linear interpolation is routed to a reverberation instrur

ical on the second ghannel. In the reverberation instrument only the first channel is reverberate
put as is.

s sequienice a sound synthesized at 32kHz is low pass filtered using both fir and firt core opco
5 have-16 coefficients and normalized cutoff frequency of 0.5 and 0.25 respectively. They are us¢

gth 1 second;

followed by
exponential
and the fifth
to account in

s active for 1

hent. The bus
annel bus. In

nent. The bus
be replicated
d, the second

des. The two
d to filter the

left (

fir).and right (firt) channels of the sound. This sequence also test pitch converters and other mathematical

operators.

Sequence SY017 "vtone.mp4”

A sequence of monophonic sinusoidal tones with sampling rate frequency at 44.1 kHz is shaped according to
attack and release time. This test sequence experiences mathematical operators, pitch converters and kline signal
generator. Interpolation is linear.

Sequence SY018 "ttone.mp4"

A sequence of monophonic sinusoidal tones with sampling rate frequency at 44.1 kHz is shaped according to
attack and release time. It is similar to SY017 but in this case tones are generated through tables instead that by
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mathematical functions. This test sequence experiences table generators, mathematical operators, table access
and oscillators. Interpolation is linear.

Sequence SY019 "otone.mp4"
A sine tone is played in the left channel, with its octave tone in the right channel. Interpolation is linear, sampling

rate is 44.1 kHz. This sequence especially experiences user defined core opcodes (including rate polymorphic),
parameter passing, array variables.

Table 88 — Algorithmic Synthesis and Audio Fx Object Type test bitstreams

File Name SY001 SY002 SY003 SY004 SY005 SY006 SY007
Conten{ math buzz pluck grain piano bass mixer
Procesding Level All All All All >Med High All
RCU - RAM (KB) <4 <4 <4 <4 3400 4 10

Taple 89 — Algorithmic Synthesis and Audio Fx Object Type test bitstreams(continued)

File Name SY008 SY009 SY010 SY011 SY012 SY013
Content mood PC sinl sin2 noise filters
Procesding level >Med > High All All All All
RCU - RAM (KB) 3520 40 <4 <4 <4 <4

Taple 90 — Algorithmic Synthesis and Audio Fx Object Type test sequences (continued)

File Name SY014 SY015 SYO16 SY017 SY018 SY019
Content clarinet1 clarinet2 fir vtone ttone otone
Processing level All All >Med All All All
RCU - RAM (KB) <4 <4 <4 <4 <4 <4

7.16 Main synthetic

The main synjthetic object type allows the use of all MPEG-4 Structured Audio tools (described in subpart 4 ¢f the
standard). It supports flexible,~high-quality algorithmic synthesis using the SAOL music-synthesis langhage;
efficient wavptable synthesis with the SASBF sample-bank format; and enables the use of high-quality mixing and
postproductipn in the Systéms AudioBIFS toolset. Sound can be described at 0 kbps (no continuous cost) tp 3-4
kbps for extrpmely expressive sounds in the MPEG-4 Structured Audio format.

and Audio Fj, and/Main Synthetic. Each of these object types corresponds to a particular set of application
requirements$. The default object type is the Main Synthetic Object type; when reference is made to MHEG-4
Structured Audio format without reference to a object type, it shall be understood that the reference is to the Main
Synthetic Object type.

There are forF audig-object types in Structured Audio: General MIDI, Wavetable Synthesis, Algorithmic Synthesis

7.16.1 DecoderSpecificInfo characteristics

Bitstream provider may apply restrictions to the following parameters of the DecoderSpecificInfo:

Any restrictions specified by the MIDI, Wavetable synthesis and Algorithmic synthesis and AudioFX apply.
7.16.2 Audio access unit characteristics

Bitstream provider may apply restrictions to the following parameters of the Access Units:
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Any restrictions specified by the MIDI, Wavetable synthesis and Algorithmic synthesis and AudioFX apply.

7.16.3 Procedure to test bitstream conformance

Bitstreams for the main synthetic profile shall conform to the description in ISO/IEC 14496-3 subpart 4 in both
syntax and complexity. Any other restrictions specified by the MIDI, Wavetable synthesis and Algorithmic
synthesis and AudioFX apply.

7.16.3.1 DecoderSpecificinfo characteristics

AudioObjectType: Shall be encoded with the value 13

SaleingFrequencyIndex: Shall be encoded with the value 0 to 0xc
SamplingFrequency: Shall be encoded with the value 0 to 96000.
ChannelConfiguration: Shall be encoded with the value 0 to 7.

The following restrictions apply to StructuredAudioSpecificConfig:
Any testrictions specified by the MIDI, Wavetable synthesis and Algorithmie/synthesis and AudioFX apply.
7.16§3.2 Audio access unit characteristics
Any restrictions specified by the MIDI, Wavetable synthesis and Algorithmic synthesis and AudioFX apply.
7.16{4 Procedure to test decoder conformance

All profiles that support the Main Synthetic audio object type shall conform to the procedures spefified for the
folloyving audio object types:

e MIDI
e Wavetable synthesis
e  Algorithmic synthesis and AudioEX

7.16]5 Descriptions of conformance bitstreams
See sections on the following'audio object types:

e MIDI
e Wavetable synthesis

e  Algorithmic synthesis and AudioFX

7.17 SBR

7.17.1 Compressed data

7.17.1.1 Characteristics

For all applicable Audio Object Types the SBR extension_payload() elements should be placed last among the
extension_payload() elements, i.e. if another type of extension_payload() element is present it should be placed
prior to the SBR extension_payload() elements.

If the Audio Object Type SBR is used in combination with either of the Audio Object Types AAC main, AAC LC, AAC
SSR or AAC LTP, the compressed data shall be stored as outlined in ISO/IEC 14496-3:2019, 4.5.2.8.2.2.
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If the Audio Object Type SBR is used in combination with either of the Audio Object Types ER AAC LC or ER AAC
LTP, the compressed data shall be stored as outlined in ISO/IEC 14496-3:2019, 4.5.2.8.2.3. For these AOTs, DRC
extension_payload() elements are not permitted simultaneously with SBR extension_payload() elements within
one er_raw_data_block(). Moreover, SBR extension_payload() elements of the type EXT_SBR_DATA_CRC shall not

be used with

these AOTs.

For the scalable AOTs (AAC scalable and ER AAC scalable), the SBR data should be transmitted and devised
according to ISO/IEC 14496-3:2019, 4.5.2.8.2.4. Restrictions are here put on the frequency range of the SBR data
and in what layers of the scalable stream the SBR data is stored. Furthermore, SBR extension_payload() elements
of the type EXT_SBR_DATA_CRC shall not be used with the audio object types ER AAC scalable.

If SBR enhan

7.17.1.2 Tq
Each compre
decoded datd
is not listed
value zero.

7.17.1.2.1

7.17.1.2.1.1

The followin|
number of nd

bs_start_

bs_stop_freq

bs_xover:
bs_alter_
bs_noise
bs_limite

The above p3

k2

ko

kx

M

No
numPatcH
numBand
numBand
vDkO

cements (eSBR) are used, eSER data shall be stored as outlined In ISO/IEC 14496-3:201%9, Annex

st procedure

ssed data shall meet the syntactic and semantic requirements specified in ISO/EC 14496-3
shall also meet the requirements defined in ISO/IEC 14496-3:2019, 4.6.18.3.6.1f a syntactic ele
below, no restrictions apply to that element. The bs_reserved elements shall be encoded wit
Compressed MPEG-4 data payload

sbr_header()

o parameters shall be encoded with values subsequéntly used in defining a frequency ran
ise bands, a number of limiter bands, and a number 6fpatches:

Teq

| band
scale
bands

r_bands

rameters are used (in ISO/IE€14496-3) to calculate the variables below:

50

8.A.

The
ment
h the

vDk1

Conformant compressed MPEG-4 data shall have values for the above parameters that subsequently evaluate to

values of the

7.17.1.2.1.2

bs_coupling:

above variables that satisfy the requirements outlined in ISO/IEC 14496-3:2019, 4.6.18.3.6.

sbr_channel_pair_base_element()

Shall be encoded with the value of 1
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1.2.1.3 sbr_grid()

The following compressed MPEG-4 data elements shall be encoded so that a value of the number of SBR envelopes
for a SBR frame, for a given frame class, is within the limits defined in ISO/IEC 14496-3:2019, 4.6.18.3.6:

bs_rel_bord_0
bs_rel_bord_1
bs_num_env
bs_var_bord
bs_num_rel_0
bs_var_bord_0

b
b
b

Conf
giver
boun|
of th
be ch

7.17

bs_d
MPE
has ¢
only

bs_d
MPE

7.17

5_var_bord_1
5_num_rel_0
5 num_rel_1

osen so that every SBR envelope within the SBR frame has a duration larger than zero.

1.2.1.4  sbr_dtdf()

(-4 data element bs_header_flag has the value one (i.e. a new.sbr_header is available), or if the a
hanged from the previous frame due to the rule specifying.amp_res = 0 for a frame of frame clas
bne envelope.

-4 data element bs_header_flag has the value éne, i.e. a new sbr_header is available.

1.2.1.5 sbr_envelope()

rmant compressed MPEG-4 data shall have the above parameters chosen so that the leading border of a
SBR frame (the frame boundary) coincides with the trailing border of the previous SBR franje (the frame
dary of the previous frame). Furthermore, the above parameters shall be chosen.so that the envdlope borders
e SBR envelopes in a given frame fall within the boundaries of the SBR frame, The above paramefers shall also

[ env[]: Shall be encoded with the value 0 for the first envelope of the present frame, if thg compressed

mp_res value
5 FIXFIX with

[ noise[]: Shall be encoded with the value 0 for*the first noise floor of the present frame, if thg compressed

bs_codeword: Shall be encoded with«the values listed in the corresponding Huffman table, defingdd in ISO/IEC

1449

Conf
scale

6-3, Annex 4.A.6.1

rmant compressed MPEG=4 data shall have coded envelope scalefactors based on quantiz
factors that satisfy the tequirements outlined in ISO/IEC 14496-3:2019, 4.6.18.3.6.

The quantised envelope'scale factors E for single channel elements and Eo and E1 for channel pair ¢

be en

coded with values that are within the following limits:

Forsingle channel elements: 0 < E(i,l) < QT amp_res

_ jo <E,(i,l) <27
For channel pair elements:

ed envelopes

lements shall

LUSILI(Z,I)<Z =TT

where

0 Jf bs _num _env=1and frame class = FIXFIX

amp _res = _
bs _amp res ,otherwise

where subscript zero indicates the firstly encoded channel in the channel pair element and subscript one indicates
the secondly encoded channel in the channel pair element.
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sbr_noise()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffman table, defined in ISO/IEC
14496-3, Annex 4.A.6.1

Conformant compressed MPEG-4 data shall have coded noise floor scalefactors based on quantised noise floor

scalefactors t

7.17.1.2.1.7

The top le

hat satisfy the requirements outlined in ISO/IEC 14496-3:2019, 4.6.18.3.6.

esbr_data()

el syntactic element for conveying SBR enhancement data to the decoder is defin

d in

ISO/IEC 144

If SBR enhan
compressed

7.17.2 Decoders

7.17.2.1 Characteristics

The object ty
14496-3. Thg
versions:

High

e Low

The different

The interna

samplingFrequency or samplingFrequencyIndex in the*AudioSpecificConfig().

A conformarn
upsampling 1

If no esbr_d
bs_sbr_prepr]
7.17.2.1.1
The ability to

A decoder c(

D6-3:2019, Annex 8.A- No restrictions apply to bitstream elements within esbr_data().

cements are used in combination with parametric stereo, ps_data() shall precede esbr_data() i
lata.

rpe SBR has the Object Type ID 5, and the compressed MPEG-4{data syntax is defined in IS(
Audio Object Type SBR contains the SBR Tool. The SBR Tooklcan be implemented in two diff]

-Quality SBR Tool
Power SBR Tool

versions can also be operated in down-sampled 'SBR-mode.

sampling rate of the SBR Tool shall~v'always be twice the sampling rate indicate
t implementation of the SBR teéD that receives an SBR enhanced data stream shall opera
node only, until an sbr_header is-received, ensuring that the SBR data can be decoded correctly.
ata() is present in the current frame the decoder shall resort to legacy SBR processing
pcessing = 0; sbrPatchingMode = 1).
HE-AAC
do down-sampled SBR is mandatory for levels 3 and 4 of the High Efficiency AAC Profile.

nforming to that profile and level shall operate the down-sampled SBR tool if one of the follo
i T61 o d

h the

JIEC
prent

| by

te in

(i.e.

wing

conditions is

o e,

extensionSamplingFrequency is the same as samplingFrequency, or
extensionSamplingFrequencylndex is the same as samplingFrequencylndex, or

the output sampling rate would otherwise exceed the maximum allowed output sample rate for the given level.

An HE-AAC p

An HE-AAC p

rofile decoder shall support implicit SBR signaling, as outlined in ISO/IEC 14496-3:2019, 1.6.5.3.

rofile decoder shall support explicit SBR signaling as outlined in ISO/IEC 14496-3:2019, 1.6.5.4.

7.17.2.2 SBR conformance test procedure

For the sake of simplicity, conformance testing of the AOT SBR is carried out in conjunction with AAC LC.
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The conformance test procedure for the SBR tool internally creates a reference for comparison, given an input
compressed MPEG-4 data file and the output from the decoder under test. In order to accomplish this, apart from
the *_twi_* and *_qmf_* types, every SBR conformance compressed MPEG-4 data file is divided into two parts as
outlined in Figure 10, where the AAC data for the two parts is identical but the SBR header does not arrive until
the second part. This ensures that in the case of implicit signaling a conformant decoder will recognise the SBR
extension element at the beginning of the compressed MPEG-4 data, or in the case of explicit signalling, by parsing
the audioSpecificConfig(). Since no SBR header is present it cannot start SBR decoding and will hence do up-
sampling using the SBR QMF filterbank in anticipation of the SBR header.

sbr_header =0 shr_header =1
SBR part 1st half SBR part 2nd half
AAC part 1st half AAC part 2nd half

Figure 10 — The disposition of the SBR conformance compressed MPEG-4 data files

The qonformance test procedure stipulate:
4 reading the compressed MPEG-4 data file;

4 while no SBR header is present taking the input decoded file (the)output from the decoder urlder test) and
down-sample the signal;

4 store the down-sampled signal.

Sincq this signal is just an up-sampled version of the outpuit-signal from the AAC and hence the inpuf signal to the
SBR {lecoder under test, it can be down-sampled, and by means of a polyphase correction filter, be dpproximated
to be|the same signal as was used by the SBR Tool in;the decoder under test.

In pqrallel to storing the signal it shall also be\fed to the reference SBR decoder where, since no SBR header is
availpble, up-sampling is performed. The, ‘if‘the reference SBR decoder, upsampled signal shall be |compared to
the ipput signal, i.e. the output from the decoder under test. This serves as a QMF test of the first half of the
confgrmance file.

When the SBR header arrives, a’SBR processed reference signal based on the stored lowband signal (fthat is a very
closelapproximation of the signal that the SBR Tool in the decoder under test used) shall be calculated.

This means that it is possible to test the accuracy of the SBR part of the implementation, without hpaving to deal
with| the differences._between the AAC implementation used in the decoder under test, and the AAC
impl¢mentation used for producing reference waveforms. Furthermore, the accuracy of the QMF implementation
of th¢ decoder-under test is tested separately for every conformance sequence.

If a cpmplex " QMF filter bank with a modified internal phase angle (hereinafter referred to as twiddlgs) is used in
the decdder under test, the al_sbr_twi_* sequences shall be tested first. Contrary to the other fl_sbr_* test-
sequertrces;thesesequences consist of zero sigmaAAC-dataamd-SBRetememntsthat trigger sime=addition in the
entire frequency range covered by SBR. The output-signal of this test sequence will contain sinusoids with phase
angles that depend on the implementation of the synthesis filterbank in the decoder under test. Based on the
obtained output signal from the decoder under test, the two parameters ¢ and /? describing the phase

characteristics of the filter banks in the decoder under test are identified. Since different phase characteristics
may be used, depending on whether downsampled SBR is used or not, both al_sbr_twi_* sequences shall be run
prior to conformance testing. The file sequence is only used to perform an examination and identification of the
filter bank. It does not test conformance of the QMF bank. The performance of the total QMF (analysis - synthesis)
shall be tested with the *_gmf_* sequences and the other informative QMF bank tests.

In order to ensure that the QMF is implemented correctly, the output from the QMF test specific sequences
* gqmf_* are compared to the internal reference without down-sampling and storing the first half of the test
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sequence. This is since it is possible, however very unlikely, to introduce errors in the QMF implementation that
from the SBR conformance test procedure point of view look like differences in the AAC implementation. By, for
the QMF specific sequences, omitting the parts of the tool that are designed to neglect differences in the AAC
implementation it is ensured that the QMF is implemented correctly.

If the decoder under test passes the conformance criteria for the dedicated QMF test sequences, this is a good
indication that the QMF implementation is accurate. However, it is no definite guarantee, and hence it can happen
that a QMF implementation that barely passes the conformance for the QMF test, does not pass conformance for
other parts of the system due to the QMF implementation. Therefore, it is useful to observe the result from the
QMEF test for the first half for any of the conformance sequences. This can give a good indication of the origin of a
potential error.

Figure 11 ouflines the SBR conformance test procedure.

Compressed __ Reference waveform _!
data | L Read Reference SBR '
store/ —#{Delay—»  decoder
: input ;

+_‘ i ] maxDiff /

Down- Store Comparison maxRMS

i | sample Twiddle- test ;
) estimation
Test flecoder | T
output —; > '

(wayeform)

Figure 11 — Block diagram of the SBR'conformance test procedure

The essential modules are:

e Read store/input: This module parses the SBR part of the compressed MPEG-4 data and searches fqr the
SBR header. When no SBR header is available, the downsampled Test decoder output is routed to both the
Storage Module and through the Delay’module to the Reference SBR decoder. When an SBR header is
available, the data stored in the Storage module is routed through the Delay module to the Referenc¢ SBR
decoder. The Test decoder outputisrouted to the comparison test module.

e Down-sample: This module downsamples the Test decoder output signal, by decimation, and applies a
polyphase filter that approximates the inverse of the equivalent polyphase filter of the QMF-upsampler.
The delay imposed by the downsampler is given by:

K=l
delpy = 32-(7) where K =25 is the length of the polyphase filter. If down-sampled SBR is jsed,

the dJown-sampler omits the decimation and does only the polyphase filtering. The polyphase filter matrix
H(A, /) of size 32 x K is tabulated in Table 91. The polyphase filtering step consists of the operfation

which Taps a Time stgmat x(rr) 0 (7r) ; here

K-1
y(k+32i)=> H(k,))x(k+32(-1)), k=0,1,...,31.

=0

e Twiddle-estimation: This module identifies the twiddles used in the synthesis filter bank in the codec
under test, and based on this computes the analysis filterbank twiddles in the codec under test. This
information is passed on to the reference SBR decoder where the QMF filter bank is given the same
distribution of the twiddle factors as used in the decoder under test.
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e Reference SBR decoder is a reference SBR decoder according to the ISO specification. It generates a
reference signal based on the stored low-band signal and the compressed MPEG-4 SBR data. The delay of
the reference SBR decoder (at the input sampling rate) is 481 samples.

e Comparison test, this module calculates the difference signals between the output from the decoder
under test and the internal reference. The maximum amplitude of the difference signal as well as the RMS
of the difference signal are calculated. These conformance criteria are specified with respect to PCM-
sample in the range -32768 .. 32767.

The process of identifying the QMF filter bank is outlined in the following steps:

d Decode the SBR compressed data so that the SBR start band A and number of SBR bands M are
determined.

4 Set the following variables:

Upsampling factor upS  =2-bDownSampledSbr ,
DFT analysis length fftLen =16384 upS,

Number of synthesis QMF channels L =32upS,

Prototype filter order N =320upS , and

SBR stop band k, =min(kx -I—M,L),

where bDownSampledSbr is 1 if down-sampled SBR is used, otherwise zero.

d Read atleast fftLen samples from the mono/leftchannel output of the decoder under test apd store

them in the array inputSignal (n)

d Compute DFT with frequency offset F1 (k ) as

ffiLen—1
H(k) = z inputSignal(n) exp(—i%(k + O.S)n} k,<k<k,

n=0

d Compute the scaled unwrapped phase P(k) according to the following pseudo code:
P(k-1)=0
for (k=Fk k<k ;k++) {
Py=ATAN2( IMAG(H (k)), REAL(H(k)))/ =
if(P(k) > P(k-1))
while(P(k) - P(k-1) > 1)
P =Pk) -2

else
while(P(k-1) - P(k) > 1)
Pk)=Pk)+2
J
where ATAN2( ) is the arc tangent in four quadrants, and REAL( ) and [MAG( )are operators to

extract the real and the imaginary parts of the argument respectively.

e Perform linear curve fitting using least square error minimization as
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f(k) =ak+b, where

(k—k)S—RT S _Ka
~ . and b=
K (k, —k,)-R®

a=

o Identification of the terms of the complex exponent
—j A f(k)z—jﬂ(aker) with
v/
—J z{(k + 0.5)(p + ﬂ} makes

-

p=41a

®»
=L b——
p 2

e Quantize @ in 1/L stepsand /3 in steps of one as

NINT (L
- L( ?)
B =|NINT (f3)

e The pynthesis QMF bank can subsegquently be identified as using the modulation matrix N(k,n) as

N(4.n) =6—ZeXp(i%{(k+o.5)¢+ﬁ}J exp(i%(mo.s)nj -

:éexp(i%{(k +0.5)(n +(p)+ﬂ}) {

0<k<L
0<n<?2L

e From the synthésis modulation expression, the analysis modulation matrix M (k,7) may be obtained as

{(k+0-5)(N+<0)+ﬁ}] exp(i,l(mo.s)n} -

< 4
0<k<L

=exp iz (k+0.5) n—NA—£ _ B , 4
L, upS ) upS 0<n<2L,

L, is the number of analysis QMF channels (32), and
N , is the prototype filter order for the analysis QMF bank (320).

T
——
L

M( c,n) =exp(

where

The above calculated analysis and synthesis matrices should be used when calculating the reference SBR decoded
signal that is to be compared with the output signal of the decoder under test.
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Table 91 — Filter coefficients for the polyphase downsample filter

H[32]1[25] = {

{3.
-1.
9.
-1
3.
{1.
-3.
9.

|
w

476697953131265e-008,
924219571106937e-004,
999940276586996e-001,

.924219571106937e-004,

476697953131265e-008},

396471916031115e-007,
865443699577471e-004,
999958594813760e-001,

.865443699577471e-004,

[eoNeNeNe) [eNeNeNe)
~ ~ 0~ ~ N 0~ 0~

~

-6.763157773587183e-008,
1.629822651831791e-004,
3.540528761884519e-004,

-6.974973600673098e-006,

~ ~

[eNeNeNe
~

~

-2.974245852183672e-007,
3.721410827846135e-004,
3.666791540864976e-004,

-1.318138373054617e-005,

~ ~

[eoNeNeNe]
~

~

.974973600673098e-0
.54052876188451%e-0
.629822651831791e-0
.763157773587183e-0

.318138373054617e-0
.666791540864976e-0
.721410827846135e-0
.974245852183672e-0

—~—

PR B o= 20 N OV I s s o L = VA A Ay
.224963549817200e-007,
.610222352290030e-004,
.000005611329237e+000,
.610222352290030e-004,
.224963549817200e-007},

.326399319916421e-007,
.735656036780282e-004,
.000010164947417e+000,
.735656036780282e-004,
.326399319916421e-007},

.522562232650754e-007,
.981722856143535e-004,
.000002336408856e+000,
.981722856143535e-004,
.522562232650754e-007},

.770077632287240e-007,
.269398602904086e-004,
.000002916620203e+000,
.269398602904086e-004,
.770077632287240e-007},

.068765829715687e-007,
.594357796680696e-004,
.000009380633999e+000,
.594357796680696e-004,
.068765829715687e-0071},

.421414005440356e-007;
.950706931314535e-004,
.000014455098329e+000,
.950706931314535e=004,
.421414005440356e-0071},

.788460966259362e-007,
.2960881421\%8838e-004,
.999940885015929e-001,
.296088142178838e-004,
.788460966259352e-007},

.261911779625002e-007,
20625765678906092e-004,

o O O o O O OO [eNeNeNe) o O O o o O O o [eoNeNeNe] [eoNeNeNe]
~ 0~ 0~ ~ N~ 0~ SN ~ N 0~ 0~ ~ N~ o~ N ~ N~ N~ 0~ ~ N 0~ 0~ ~ N 0~ 0~

~

-2.646404681011980e-007,
3.554111749102114e-004,
3.596349479868729%9e-004,

-1.108178601327391e-005,

~ ~

[eoNeNeNe]
~

~

-2.700352437567778e-007,
3.517646637852679e-004,
3.633285653067748e-004,

-9.882252437042349e-006,

~ ~

[eoNeNeNe]
~

~

-2.984765811933622e-007,
3.668277251617622e-004¢
3.652031799326229%9e-004%

-8.632246089961839%9e-006,

~ ~

[eNe e go]
~

~

-3.191765536892460e-007,
3.673910838620092e-004,
3.73988836324150e-004,

-7.252506589%625763e-006,

~ ~

o O O o
~

~

-3.511660788410439e-007,
3.746142052929487e-004,
3.4659398368134911e-004,

79.652904186405254e-006,

~ ~

[eNeNeNe)
~

~

-3.782805603719183e-007,
3.790387553154356e-004,
3.671113185055310e-004,

-3.994773586637473e-006,

~ ~

[eNeNeNe)
~

~

-4.079961401854086e-007,
3.835318699545681e-004,
3.763419839421675e-004,

-2.260958885598900e-006,

~ ~

o O O o
~

~

-4.313203422567221e-007, O,
3.829529676084116e-004, O,

.10817860132739%e+0
.596349479868729&-0
.5541117491021¥4e-0
.646404681001980e-0

.88225243704234%e-0
.633285653067748e-0
.5IN/646637852679%e-0
.500352437567778e-0

.63224608996183%e-0
.652031799326229%e-0
.668277251617622e-0
.984765811933622e-0

.252506589625763e-0
.739888363247150e-0
.673910838620092e-0
.191765536892460e-0

.652904186405254e-0
.659398368134911e-0
.776142052929487e-0
.51166078841043%e-0

.994773586637473e-0
.671113185055310e-0
.790387553154356e-0
.782805603719183e-0

.260958885598900e-0
.763419839421675e-0
.835318699545681e-0
.079961401854086e-0

.273303865290991e-0
.673391073119114e-0

*
WO OO OO FEFRFEN OEFESD FEETES PO RO0 R PO R0 R0 F o= /7

| I —~
w U U Ww

| I —~
w o — oy W

.999901084002900e-001,
.625765678906092e-004,
.161911779625002e-0071},

.543122532697675e-007,
.943681506843667e-004,
.999972692390483e-001,
.943681506843667e-004,
.543122532697675e-007},

.909402775633086e-007,
.234965573461278e-004,
.000002886171420e+000,
.234965573461278e-004,
.909402775633086e-0071},

~ ~

[eNeoNeNe]
~

~

3.0/733910/73119114e-004, U,
-5.273303865290991e-007, O,

.608625488256222e-007,
.884059372906167e-004,
.792552922175888e-004,
.184078570054111e-006,

~

~

P w Ww s
[eNeNeNe
~

~

.739340938681313e-007,
.816668617870812e-004,
.772857914767589e-004,
.706078490008691e-006,

~ ~

[eNeoNeNe]
~

~

N W Wb
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4.313203422567221e-0

.184078570054111e-0
.792552922175888e-0
.884059372906167e-0
.608625488256222e-0

.706078490008691e-0
.772857914767589e-0
.816668617870812e-0
.739340938681313e-0

06,
04,
04,
08,

05,
04,
04,
07,

05,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

07,
04,
04,
07,

06,
04,
04,
07,

06,
04,
04,
07,

[eNeNeNe] [eNeNeNe) [eNeNeNe) o O O o [eNeNeNe) [eNeNeNe) o O O o o O O o [eoNeNeNe] [eoNeNeNe] [eoNeNeNe)] O O O o
~ 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ 0~ 0~ 0~ ~ N~ 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~ ~ N 0~ 0~
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.222809367831911e-007, 0, -4.878510064125678e-007, 0, 4.036795191477909e-00¢6,
.473621895606138e-004, 0, 3.791705819779010e-004, 0, 3.847083857331159e-004,
.999969286735556e-001, 0, 3.847083857331159e-004, 0, 3.791705819779010e-004,
.473621895606138e-004, 0, 4.036795191477909e-006, 0, -4.878510064125678e-007,
.222809367831911e-007},

.502138847524999e-007, 0, -4.999326042535363e-007, 0, 5.135058417623972e-006,
.679743577822745e-004, 0, 3.771635262404024e-004, 0, 3.866181819880556e-004,
.999972973017242e-001, 0, 3.866181819880556e-004, 0, 3.771635262404024e-004,
.679743577822745e-004, 0, 5.135058417623972e-006, 0, -4.999326042535363e-007,

.502138847524999e-007},

.709334223508883e-007, 0, -
.828692913148293e-004, O,

.078830669590950e-007, O,
.751956167593989%9e-004, O,

.962080730857686e-006,
.827003698106720e-004,

[eoNeNeNe]
~ 0~ 0~

~

~ 0~ 0~

o O O o

~

P wu,
P wu,

.OOOO OJ3()1\JU5 U TUUU, Uy .« O '_’U\J:;O O‘J‘_\JU'_’ \VASH U\J‘/Il, Uy .'_’51 SU—‘J.U'_ISJ:;JOJC U\J‘/Il,
.8286p2913148293e-004, O, .962080730857686e-006, 0, -5.078830669590950e-007,
.7093B4223508883e-007},

.8431p9761574267e-007, 0, -5.062025248855524e-007, 0, 6.458113652318982e-00%, O,
.9238$#4198753944e-004, 0, 3.691031022061020e-004, 0, 3.826743784427686e%004, O,
.0000p7446899661e+000, 0, 3.826743784427686e-004, 0, 3.691031022061020e<004, O,
.9238$#4198753944e-004, 0, 6.458113652318982e-006, 0, -5.062025248855%24e-007, O,
.8431p9761574267e-0071},

.8817p0944646534e-007, 0, -5.091494784777248e-007, 0, 6.616136460265565e-006, O,
.9506$9516769845e-004, 0, 3.698758977096631e-004, 0, 3.826498196713532e-004, O,
.9998p0218829778e-001, 0, 3.826493196713532e-004, 0, 3.698758977096631e-004, O,
.9506$9516769845e-004, 0, 6.616136460265565e-006, 0, -5.091494784777248e-007, O,
.8817p0944646534e-0071},

.8431p9761574265e-007, 0, -5.062025248858790e-007, 0, ( 6,458113652319081e-006, O,
.9238$#4198753948e-004, 0, 3.691031022060960e-004, 0,\3.826743784426941e-004, O,
.0000P7446899662e+000, 0, 3.826743784426941e-004,<0, 3.691031022060960e-004, O,
.9238$#4198753948e-004, 0, 6.458113652319081e-006, Y0, -5.062025248858790e-007, O,
.8431p9761574265e-0071},

.7093B4223509752e-007, 0, -5.078830668471703e<007, 0, 5.962080730857398e-006, O,
.8286pP2913148301e-004, 0, 3.751956167594234e=004, 0, 3.827003698109648e-004, O,
.0000p8336100521e+000, 0, 3.827003698109648e-004, 0, 3.751956167594234e-004, O,
.8286pP2913148301e-004, 0, 5.962080730857898e-006, 0, -5.078830668471703e-007, O,
.7093B4223509752e-007},

.5021B8847525010e-007, 0, -4.999326042533778e-007, 0, 5.13505841762417%e-006, O,
.679743577822758e-004, 0, 3.771635262403889e-004, 0, 3.866181819878970e-004, O,
.999912973017255e-001, 0, 3.866L81819878970e-004, 0, 3.77163526240388%e-004, O,
.679743577822758e-004, 0, 5.4835058417624179e-006, 0, -4.999326042533778e-007, O,
.5021B8847525010e-007},

.2228P9367831921e-007, 0, =24.878510064126016e-007, 0, 4.03679519147767%9e-006, O,
.4736£1895606155e-004,_0, 3.791705819779300e-004, 0, 3.847083857334735e-004, O,
.9999p9286735594e-004\N\0, 3.847083857334735e-004, 0, 3.791705819779300e-004, O,
.4736£1895606155e-0047 0, 4.036795191477679e-006, 0, -4.878510064126016e-007, O,
.2228P9367831921e007},

.90949P2775633092¢6-007, 0, -4.739340938680947e-007, 0, 2.70607849000905%9e-006, O,
.2349p5573461287e-004, 0, 3.816668617870499e-004, 0, 3.772857914763712e-004, O,
.0000p2886471421e+000, 0O, 3.772857914763712e-004, 0, 3.81666861787049%9e-004, O,
.2349p5573461287e-004, 0, 2.706078490009059e-006, 0, -4.739340938680947e-007, O,
.9094P2%75633092e-007},

.5431 2326976 /75e=0UU7, U, —4.0Ud8bzo4cc£00UYZe=-UU7/, U, 1. 154U 76570054243e=-UUb, U,
.943681506843663e-004, 0, 3.884059372906052e-004, 0, 3.792552922174683e-004, O,
.999972692390470e-001, 0, 3.792552922174683e-004, 0, 3.884059372906052e-004, O,
.943681506843663e-004, 0, 1.184078570054243e-006, 0, -4.608625488256092e-007, O,
.543122532697675e-007},

.161911779624999e-007, 0, -4.313203422567522e-007, 0, -5.273303865294305e-007, O,
.625765678906092e-004, 0, 3.829529676084380e-004, 0, 3.673391073122271e-004, O,
.999951684002906e-001, 0, 3.673391073122271e-004, 0, 3.829529676084380e-004, O,
.625765678906092e-004, 0, -5.273303865294305e-007, 0, -4.313203422567522e-007, O,

.161911779624999e-007},
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2.788460966259361e-007, 0, -4.079961401853398e-007, O,
5.296088142178834e-004, 0, 3.835318699545062e-004, O,
9.999940885015904e-001, 0, 3.763419839414048e-004, O,
5.296088142178834e-004, 0, -2.260958885598140e-006, O,
2.788460966259361e-007},

2.421414005440362e-007, 0, -3.782805603718790e-007, O,
4.950706931314529%9e-004, 0, 3.790387553153991e-004, O,
1.000014455098326e+000, 0, 3.671113185050744e-004, O,
4.950706931314529%9e-004, 0, -3.994773586636954e-006, O,

2.421414005440362e-007},

2.068765829715683e-007, 0, -3.511660788410130e-007, O,
4.594357796680679e-004, 0, 3.776142052929195e-004,

.260958885598140e-0
.763419839414048e-0
.835318699545062e-0
.079961401853398e-0

.994773586636954e-0
.671113185050744e-0
.790387553153991e-0
.782805603718790e-0

.652904186404924e-0

3.659398368131350e-0

06,
04,
04,
07,

[eoNeNeNe]
~ 0~ 0~

~

06,
04,
04,
07,

o O O o
~ N~ 0~

~

06,
04,

~

2 Lo 2o arc 4
L . UUUUUZJOO0OUDOOTJIJOCETUUU, Uy D.0JJO0TJOO0VO0LOLOoIUTETUUT, Uy

4.594357796680679¢-004, 0, -5.652904186404924e-006, 0,
D .068765829715683e-007},

1.770077632288873e-007, 0, -3.191765536890821e-007, 0,
4.269398602904083¢-004, 0, 3.673910838620111e-004, 0,
1.000002916620202e+000, 0, 3.739888363247353e-004, 0,
4.269398602904083e-004, 0, -7.252506589403714e-006, 0,
1.770077632288873e-007},

1.522562232650743e-007, 0, -2.984765811933783e-007, 0,
3.981722856143523e-004, 0, 3.668277251617779e-004, 0,
1.000002336408854e+000, 0, 3.652031799328445e-004, 0,
3.981722856143523e-004, 0, -8.632246089962066e-006, 0,
1.522562232650743e-007},

1.326399319916421e-007, 0, -2.700352437567779e-007%-0,
3.735656036780283e-004, 0, 3.517646637852678e-Q04, 0,
1.000010164947417e+000, 0, 3.633285653067912&-004, 0,
3.735656036780283e-004, 0, -9.8822524370423508>006, 0,
1.326399319916421e-007},

1.224963549817213e-007, 0, -2.646404681008590e-007, 0,
3.610222352290024e-004, 0, 3.554111749101667e-004, 0,
1.000005611329234e+000, 0, 3.596349479863394e-004, 0,
3.610222352290024e-004, 0, -1.1081%8601327352e-005, 0,
1.224963549817213e-007},

1.396471916031121e-007, 0, -2.994245852182784e-007, 0,
3.865443699577474e-004, 0, ~3.721410827846046e-004, 0,
9.999958594813758e-001, 0,3.666791540863757e-004, O,
3.865443699577474e-004, Oy~ -1.318138373054608e-005, 0,
1.396471916031121e-007%y

ez c 2o
roLa2Ud 1L IO

.511660788410130e0

.2525065894037%k4e-0
.739888363247353e-0
.673910838620111e-0
.191765536890821e-0

.682246089962066e-0
.652031799328445e-0
.068277251617779%e-0
.984765811933783e-0

.882252437042350e-0
.633285653067912e-0
.517646637852678e-0
.70035243756777%e-0

.108178601327352e-0
.596349479863394e-0
.554111749101667e-0
.646404681008590e-0

.318138373054608e-0
.666791540863757e-0
.721410827846046e-0
.974245852182784e-0

est procedures specified in Table 92 have to be applied. The testing shall be done using the td
d above. The econformance of the underlying AAC decoder shall be tested before conformance te
e SBR Tool~The SBR Tool is based on a pseudo QMF filterbank. This is the most critical part of
ms of precision. Hence, in order to simplify conformance testing, it is recommended to fir
acy ofsthe QMF implementation, after proper identification of the filterbank twiddling in the d

04,
07,

o O O o
~ 0~

~

06,
04,
04,
07,

[eNeNeNe)
~

~ N~ 0~

06,
04,
04,
07,

[eNeNeNe)
~ 0~

~ 0~

06,
04,
04,
07,

[eNeNeNe)
~ 0~

~ 0~

05,
04,
04,
07,

[eoNeNeNe]
~ N 0~ 0~

05,
04,
04,
07,

[eoNeNeNe]
~ 0~ 0~

~

st procedure
sting is done
the SBR Tool
st check the
bcoder under

The Low Power SBR Tool has an aliasing detection algorithm that includes threshold binary decisions which can
give rise to large output differences due to small rounding errors. In the aliasing detection algorithm a decision is
made on how to modify gain calculation in the envelope adjuster. If potentially strong aliasing is detected, a clear
indication on how to modify the gain values will be obtained, and no rounding problems will occur. However, if no
strong aliasing is detected, the gain values will be modified anyway, albeit to a much smaller extent. Since no
strong aliasing is detected, the modification decision can vary due to rounding effects in the aliasing detection
algorithm. A small rounding error will then cause the gain calculation algorithm to modify different gain values,
and hence an inaudible, but clearly measurable difference is observed in the output. The conformance sequences
are designed to avoid the above problem, but differences can appear for other sequences.
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The inverse filtering in the HF generator is another module that is prone to give output differences due to
rounding effects. Similarly to the differences due to rounding in the aliasing detection, these are inaudible

differences.

Reference waveform output files from decoding the compressed MPEG-4 data conformance sequences with the
MPEG-4 reference software are also available. These files are available for reference only, and are not part of the

official conformance testing procedure.

NOTE The reference software implementation of the conformance test procedure will behave differently for the test sequences
named al_sbr_twi_*, since for these test sequences the QMF implementation is identified with respect to the twiddle factors
used on the analysis and synthesis side of the QMF.

The referenge software implementation of the conformance test procedure will behave differently for, the test
sequences ngmed al_sbr_gmf *, since for these test sequences only the QMF implementation is tested, @s outlined
above in the fool description. For these sequences only the output from the QMF test is displayed. This|QMF test is
not informatjve as for the other sequences, it is normative and shall be passed in order for the device’'under tg¢st to

be conformant.

7.17.2.3 Test sequences

Table 92 — SBR test sequences

>
Q -
I o |3
= o | = —
g D28 |= |5 3
7 o 5} o | 2 s
! g |l@le %5148 z
v = s > | 3 I =N T I A = 3 ®
E = £ (g2 ls|5|&8|2 |8 |E £ el
= 2 |2 |EEVIEIEIZ R |5 < 3
i~ = 2 D 2 |0 | = & v = ] o
o = - o S e = © v | = ] < )
@ = a =] <\ Sls|alE€|& |8 T = =
3 2 5 = =% |z |3lel5|=|E |4 2 =
= S 5 ox\Vo |8 |5l 521218 2|85 2 3
al_sbr_twi none 24 y y |- EE R N N CR EE PR - -
al_sbr_gmf Sine Sweep 24 . y |- LR e e O N N E I 1.4 maxDiff/RMS
al_sbr_e rectangle * 10Hz sine  [24/48~ |- -y - - - - - |- lya |90 2.0 maxDifff/RMS
al_sbr_gh rectangle * 10Hz sine «{24/48 |- - |- y ly |- - |- |- | 51 1.5 maxDiff/RMS
al_sbr_i® rectangle + noise 24/48 |- - - - -y - - |- ly® |36 3.4 maxDiff/RMS
al_sbr_s noise 24 - - - - - -y |- |- |- (120 1.9 maxDifff/RMS
al_sbr_cm music 24-128 |- - - - - - - - - - - - -
al_sbr_sig music 48 - - - L e o O i CE EE - -
al_sbr_sr musie 24-56 |- - |- S S R N EE C CE - -
al_sbr_gen sine 192-224 - -
al_sbr_esbr_00 synthetic 24/48 |- - - - - - - vy |- - 7.5 09 maxDiffl/RMS
al_sbr_esbr_01 synthetic 24/48 |- - - - - - - |- |y |- |142(QMF)|5.2(QMF) |maxDiff/RMS
20(DFT) ¢ |1.4(DFT)
al960_sbr_gqmf  |Sine Sweep 24 - y |- - 1 - - - |- |- |TBD TBD maxDiff/RMS
al960_sbr_e rectangle * 10Hz sine  {24/48 |- -y - - 1- |- |- |- |vyA |TBD TBD maxDiff/RMS
al960_sbr_gh rectangle * 10Hz sine  |24/48 |- - - y |y |- |- |- |- |- |TBD TBD maxDiff/RMS
al960_sbr_i rectangle + noise 24/48 |- - - - |- |y |- |- |- |vA |TBD TBD maxDiff/RMS
al960_sbr_s noise 24 - - - - - - y |- - - TBD TBD maxDiff/RMS
a CRC enabled for 32 kHz testvectors
b The following bitstreams also exist with the suffix _new: al_sbr_i_ 32_1, al_sbr_i 44_1, al_sbr_i_48_1. These are preferred for conformance
testing while the ones without this suffix are deprecated.
¢ Thresholds are provided for both QMF and DFT-based harmonic transposer implementations
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7.18.
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PS (Parametric Stereo)
1 Compressed data

1.1 Characteristics

The parametric stereo tool can be used in combination with (the combination of) the AAC LC AOT and the SBR

AOT,

or with the SSC AOT.

If the parametric stereo tool is used in combination with the AAC LC AOT and the SBR AQOT, the PS data shall be

storg
7.18
Each
deco
beloy

7.18

7.18

d as outlined in ISO/IEC 14496-3:2019, Annex 8.A.

1.2 Test procedure

compressed data shall meet the syntactic and semantic requirements specified in“ISO/IEC ]
led data shall also meet the requirements defined in ISO/IEC 14496-3. If a syntactic element]
vV, no restrictions apply to that element. The reserved_ps element shall be enecoded with the valu

1.2.1 Compressed MPEG-4 data payload

1.2.1.1 ps_data()

iid_npode: Shall be encoded with a value in the range of [0 5]. The ¥alues 6, 7 are reserved.

icc_mode: Shall be encoded with a value in the range of [0 _5].'The values 6, 7 are reserved.

border_position[e]: Shall be encoded with a value in the'range of [(border_position[e-1]+1) (numQ

e>0 (g

r a value in the range of [0 (numQMFSlots-1)] if e==0.

iid_dit[]: Shall be encoded with the value 0 if iid_mode of the current envelope e is different from iid

prev

ous envelope (e-1).

icc_dt[]:Shall be encoded with the value 0 if icc_mode of the current envelope e is different from icd

prev

ps_e

ous envelope (e-1).

ktension_id: Shall be encoded with the value of 0. The values 1, 2 and 3 are reserved. Only one

of type '00' (IPD/OPD data)unay be present in one stereo frame.

7.18

1.2.1.2 ps_extension()

ipd_dt[]:Shall b€ encoded with the value 0 if iid_mode of the current envelope e is different from iid

prev

opd_

ous envelope (e-1).

dt[]:Shall be encoded with the value 0 if iid_mode of the current envelope e is different from iid

prev

4496-3. The
is not listed
e Zero.

VIFSlots-1)] if

| mode of the

| mode of the

PS extension

| mode of the

_mode of the

ous’envelope (e-1)

7.18.

1.2.1.3  iid_data()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffman table, defined in ISO/IEC
14496-3, Table 8.B.17 or Table 8.B.18.

Conformant compressed MPEG-4 data shall have coded iid_par[e][b] IID indices that are in the range [-7 7] if
iid_quant==0 or in the range [-15 15] if iid_quant==1.
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icc_data()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffman table, defined in
ISO/IEC 14496-3, Table 8.B.19.

Conformant compressed MPEG-4 data shall have coded icc_par[e][b] ICC indices that are in the range [0 7].

7.18.1.2.1.5

ipd_data()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffman table, defined in
ISO/IEC 14496-3, Table 8.B.20.

7.18.1.2.1.6

bs_codewor
ISO/IEC 1444

7.18.1.2.1.7
The underlyi
7.181.3 H

if the SBR bit
icc_dt[0], ipd

with the valge 0. Only one SBR bitstream element of type EXTENSION_ID_PS may be present in an HE A4

profile strear

7.18.2 Decoders

7.18.2.1 Characteristics

The object
ISO/IEC 144

7.18.2.2 H

A conforman|
6.6.17.2.1.1 H

A conforman|
1.6.6.3.

A conformarn
1.6.6.4 HE A2

opd_data()

d: Shall be encoded with the values listed in the corresponding Huffman tablé,."defing
6-3, Table 8.B.21.

restrictions on underlying coders
hg core coder shall produce exactly one output channel.
E-AAC v2 profile

tream element bs_header _flag is 1, enable_ps_header shall bé.encoded with the value 1 and iid_
| dt[0], opd_dt[0] (if present) shall be encoded with the yalue 0 and num_env shall not be end

.

'ype PS has the Object Type ID 295and the compressed MPEG-4 data syntax is defing
6-3. The Audio Object Type PS contains the PS Tool.

E-AAC v2 profile

I HE-AAC v2 profile decoder shall support all the abilities of an HE-AAC profile decoder as outlin
E-AAC profile.

[ HE-AAC v2 profile decoder shall support implicit PS signaling, as outlined in ISO/IEC 14496-3:

t HE-AA€ v2 profile decoder shall support explicit PS signaling as outlined in ISO/IEC 144
Cv2\Profile Decoder Behavior in Case of Explicit Signaling.

d in

Ht[0],
oded
LC v2

d in

ed in

2019,

06-3,

A conformant HE-AAC v2 profile decoder that receives a PS enhanced data stream shall output the mono signal in
the two output channels until a first ps_data() element with enable_ps_header==1 is received, ensuring that the PS
data can be decoded correctly.

A conformant HE-AAC v2 profile decoder of Level 2 or higher, shall support the baseline version of the PS tool, as
outlined in ISO/IEC 14496-3:2019, 8.A.4.

A conformant HE-AAC v2 profile decoder of Level 5, shall support mixing mode Ra and Rb, IPD/OPD synthesis and
34 frequency bands resolution, as outlined in ISO/IEC 14496-3:2019, 8.6.5.
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A conformant HE-AAC v2 Profile decoder of a certain level shall always be able to operate the HQ SBR tool for
streams containing Parametric Stereo data. For streams not containing Parametric Stereo data, the HE-AAC v2
Profile decoder may operate the HQ SBR tool, or the LP SBR tool.

7.18.2.3 PS conformance test procedure
The conformance test procedure for the PS tool is the same test procedure as for the SBR tool, with the addition
that the reference SBR decoder used in the SBR tool test-procedure also includes the PS tool. Test sequences are

given in Table 93.

7.18.2.4 Testsequences

All bltstreams also exist with the suffix _new. These are preferred for conformance testing while'the ones without
this quffix are non-conformant and therefore deprecated.

Table 93 — PS test sequences

Il ~ q) oo

o < Z e § z £
g i 5l ol £ = -
= T 8| % wl| = B ENa| = 8| B
g 2 | 5| 8| 5| S| 5|8 2|¢E|l§8t2E 5%
o 3 | = = - S, = & < © £ T g B £ I
4 £ 9| o o 2| < & 2| %2 S| € €4 S| & &| £
= g s 2] 2| & & ¥ S| g 2| 2 NEVy 8| 2 2| &
) 5 - Sl = S\ e @ B B
= = X = & S\ g E 2 4]

o | a =
al_sbr_ps_00|sweep|32 |- - - - - - 8 1.7 8 1.7 RMS
al_sbr_ps_01|sweep|32 |y - - - - 4 12 1.8 12 1.8 RMS
al_sbr_ps_02|sweep|32 |- y - - Ra |+ 30 3.6 30 3.6 RMS
al_sbr_ps_03|sweep|32 |y y - - Rb |- 45 3.7 - - RMS
al_sbr_ps_04|sweep|32 |y - y v - - 12 1.8 - - RMS
al_sbr_ps_05|sweep|32 |y y - - Ra |- 40 3.6 - - RMS
al_sbr_ps_06|sweep|32 |y y - - Ra |y 40 3.7 - - RMS

7.19 SSC (SinuSoidal Coding)
7.19/1 Compressed data
7.1911.1 Characteristics

Confprmant SSC.compressed MPEG-4 data shall have the SSC data stored as outlined in ISO/IEC 14496-3, “Subpart
8: Tefrhnical description of Parametric coding for high quality audio”.

7.19]1.2/ ,/Test procedure

Each compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3. The
decoded data shall also meet the requirements defined in ISO/IEC 14496-3. If a syntactic element is not listed
below, no restrictions apply to that element. The reserved element shall be encoded with the value zero.
7.19.1.2.1 Compressed MPEG-4 data payload

AudioSpecificConfig

audioObjectType: Shall be encoded with the value 28.

samplingFrequencylndex: Shall be encoded with the value 4.
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channelConfiguration: Shall be encoded with a value in the range of [1 2].

SSCSpecificConfig

decoder_level: Shall be encoded with the value 1. The values 0, 2, 3 are reserved.

update_rate

synthesis_m

: Shall be encoded with the value 4. The values in the ranges [0 3] and [5 7] are reserved.

ethod: Shall be encoded with the value 0. The values 1, 2, 3 are reserved.

mode_ext: Shall be encoded with the value 0 or 1. The values 2, 3 are reserved.

ssc_audio_fere_header

s_nrof_conti
s_nrof_den:

subframe_trg
t_loc[sf][ch]
t_type[sf][ch

t_b_par[sf][c

huations: Shall be encoded with a value not exceeding max_nrof_sinusoids[decoder_leyel]:
bhall be encoded with a value not exceeding max_nrof_den[decoder_level].

nsients(sf,ch)

Shall be encoded with a value in the range of [0 S[Update_rate]-1].

]: Shall be encoded with a value in the range of [0 1]. The values-2;3 are reserved.

h]: Shall be encoded with a value in the range of [0 3]. The valties in the range of [4 7] are reserv|

t_chi_par[sf][[ch]: Shall be encoded with a value in the range of [0<3]. The values in the range of [4 7] are rese

]

t_freq[sf][c
reserved.

subframe_sin

bs_codewor
14496-3, Tal

s_nrof _birth
s_nrof_confin

subframe_no
n_laguerre|(

bs_codewor
14496-3, Tal

[1]: Shall be encoded with a value in the range"@f’[0 485]. The values in the range of [486 511

usoids(sf,ch)

1: Shall be encoded with the valués listed in the corresponding Huffman tables, defined in IS(
les 8.B.1 till 8.B.11, 8.B.15 and'8.B.16.

5[sf][ch]: Shall be encoded with a value not exceeding max_nrof sinusoids[decoder_levy
uations[sf][ch].

se(sf,ch)
h]: Shall b€ encoded with a value in the range of [0 2]. The value 3 is reserved.

l: Shallbe encoded with the values listed in the corresponding Huffman tables, defined in IS(
les’ 8:B.12 till 8.B.14.

ed.
rved.

] are

JIEC

ps_data()

iid_mode: Shall be encoded with a value in the range of [0 5]. The values 6, 7 are reserved.

icc_mode: Shall be encoded with a value in the range of [0 5]. The values 6, 7 are reserved.

border_position[e]: Shall be encoded with a value in the range of [(border_position[e-1]+1) (numQMFSlots-1)] if
e>0 or a value in the range of [0 (numQMFSlots-1)] if e==0.

iid_dt[]: Shall be encoded with the value 0 if iid_mode of the current envelope is different from iid_mode of the
previous envelope.
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icc_dt[]: Shall be encoded with the value 0 if icc_mode of the current envelope is different from icc_mode of the
previous envelope.

ps_extension_id: Shall be encoded with the value of 0. The values 1, 2 and 3 are reserved.
ps_extension()

ipd_dt[]: Shall be encoded with the value 0 if iid_mode of the current envelope is different from iid_mode of the
previous envelope.

opd_dt[]: Shall be encoded with the value 0 if iid_mode of the current envelope is different from iid_mode of the
previous envelope.

reserved_ps: Shall be encoded with the value of 0. The value 1 is reserved.
iid_data()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffiman table, defingdd in ISO/IEC
14496-3, Table 8.B.17 or Table 8.B.18.

Conf¢rmant compressed MPEG-4 data shall have coded iid_par[e][b] IIDfindices that are in the rapge [-7 7] if
iid_gpant==0 or in the range [-15 15] ifiid_quant==1.

icc_dhpta()

bs_cgodeword: Shall be encoded with the values listed in the‘corresponding Huffman table, defindd in ISO/IEC
14496-3, Table 8.B.19.

Conf¢prmant compressed MPEG-4 data shall have codedicc_par[e][b] ICC indices that are in the range ([0 7].
ipd_data()

bs_codeword: Shall be encoded with the\values listed in the corresponding Huffman table, defindd in ISO/IEC
14496-3, Table 8.B.20.

opd_¢ata()

bs_codeword: Shall be encoded with the values listed in the corresponding Huffman table, defindd in ISO/IEC
14496-3, Table 8.B.21.

7.19)2 Decoders
7.19)2.1 Characteristics

The pbjéct-type SSC has the Object Type ID 28, and the compressed MPEG-4 data syntax is defingd in ISO/IEC
14496-3The Audio Object Type SSC contains the SSC and PS tools.

7.19.2.2 SSClevels

A conformant decoder supporting the SSC Object Type of Level 2 or higher, shall support the baseline version of
the PS tool, as outlined in ISO/IEC 14496-3.

A conformant decoder supporting the SSC Object Type of Level 3 or higher, shall support IPD/OPD synthesis and
34 frequency bands resolution, as outlined in ISO/IEC 14496-3.

A conformant decoder supporting the SSC Object Type of a certain level shall always be able to operate the SSC

tool for streams containing Parametric Stereo data. For streams not containing Parametric Stereo data, the
decoder supporting the SSC Object Type shall operate the SSC tool.
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The specifications given in the level definitions shall be met. The output signal of the decoder under test shall meet
the criteria for accuracy of deterministic signal components and statistical properties of stochastic signal
components as described below. Two alternative accuracy classes for SSC decoders are defined:

Full Accuracy SSC decoder

Fixed Point Accuracy SSC decoder

The criteria for deterministic signal components depend on the accuracy class selected. The criteria for stochastic
signal components are the same for both accuracy classes.

7.19.2.3 S§C conformance test procedure
Test comprepsed data and reference decoder output signals are provided to apply the different eonfornjance
criteria using the procedures described in the following subclauses. Software implementing the-different test
procedures Will be made available.
Since Level 3 includes Level 1, a Level 2 conforming decoder shall also meet the criteria|for Level 1. A Level 3
conforming decoder shall also meet the criteria for Level 1.
The conformpance of the SSC decoder tools can be checked with compressed data fof.the SSC object type.
To be called 4 conforming SSC decoder, the required conformance criteria shdll-be met for all test compressed data
listed in 7.19.2.4, that are applicable at the selected Level. The conforiance criteria for deterministic gignal
components fepend on the selected accuracy class.
7.19.2.3.1 (Conformance criterion for deterministic components‘of Full Accuracy SSC decoders
A Full Accurpcy SSC decoder at an accuracy level of “K bit“ Has to fulfil the RMS/LSB criterion as definpd in
7.1.2.2.1.
7.19.2.3.2 (Conformance criteria for deterministic:components of Fixed-Point Accuracy SSC decoders
The conformpnce criteria for Fixed-Point Accuracy decoders are based on measuring the segmental SNR and the
LPC Cepstral| Distortion (CD) between the reference decoder output and the output of the decoder to be tgsted.
The segment] length to be used in the caleulation of the SNR is equal to the audio frame length (i.e. 8*384=3072
samples). The SNR and the CD have to belcalculated only for those segments for which the power of the reference
waveform is |n the range [-50...-5] dB. €D is defined as
10

CD= --4/2D .

In(10
D is the accumulated-distortion of the LPC cepstrum Cref of the reference waveform and Ceest of the output ¢f the
decoder undgr test.D is defined as

N
D= Z(Cref

i=1

[1]1-C i [11)"

N is the LPC cepstrum order which equals 32. The LPC cepstrum C[i] is defined by means of the algorithm
lpc2cepstrum based on the LPC coefficients of a 16t order linear prediction filter. The computation of the LPC
filter coefficients Ipc_coef [j] is defined by the algorithm calculate lpc (as defined in ISO/IEC 14496-3).

For a Fixed-Point Accuracy SSC decoder, the average value of the segmental SNR shall exceed 30 dB. At the same
time, the average value of the CD shall not exceed 1 dB.
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7.19.2.3.3 Conformance criteria for noise generators and spectral noise envelopes of SSC decoders

The applied noise generator shall not show a periodicity of less than one second. The average spectral envelope of
a stationary noise component shall meet a Cepstral Distance criterion when compared to the reference spectral
envelope.

To perform this test, the noise signal is re-whitened by a prediction filter, which is inverse to the filter used in the
noise synthesis of the decoder. The required filter parameters are given in the parameter file accompanying a test
compressed data. The autocorrelation function (ACF) of the re-whitened noise is calculated over a sufficiently long
noise signal (e.g. 20 seconds, i.e. 288 frames) and normalized by dividing all values by the zero-th value of the ACF.
The absolute values of this normalized ACF shall not exceed a limit of e.g. 0.1 in the range of e.g. 1...15999.

In ad
refer

dition, the average power of the analyzed segment shall be in the range of e.g. +/- 0.5 dB relative to the given

Fnce power.

S test stream
the following

Test
only
way:

stream ssc_n1 shall be used to perform the noise generator and spectral noise envelope test. Th
contains noise tool related information. The HILN conformance tool hilnconf shallbe applied in

hilncpnf'ssc_nl.ctp test.wav 2

Whete 'test.wav' is the decoded output of the decoder under test for teststream ssc_n1.

7.19/2.3.4 Conformance criteria for temporal noise envelopes of SSC decoders

The he reference

temp

hverage of multiple instances of the same temporal envelope shall closely enough resemble f{
oral envelope.

To p4
of se

number of segments to calculate the average power for each sample position. The square roots of

value
noisq

Test
tool 1

7.19

Test
four

scaling factor 0f/0.9. For test stream ssc_s2 the deterministic components tests apply. For the test st

and
corre
7.11.

rform this test, the signal is cut into segments with a length of 2 frames. For every sample posit
bments, the squares of the sample values of @ll segments are accumulated and afterwards di

s shall not differ from the reference temporal amplitude envelope by more than e.g. +/-20% o
amplitude.

stream ssc_n2 shall be used to perform the temporal noise envelope test. This test stream only ¢
elated information.

2.3.5 Conformancecriteria for tempo and pitch scaling of SSC decoders

streams ssc_s2, ssc.il, ssc_n2 and ssc_ps6 may be used to perform the tempo and pitch scaling t
fest streams réference decoded output signals are provided for a subframe size of 360 sample,

ssc_n2, the spectral and temporal noise envelope tests apply, respectively. For test stre
sponding ssc_n1_scaling_360_0.9.ctp test parameter file is provided and can be used as describ
D .23

on in this set
vided by the
the resulting
F the nominal

bntains noise

bst. For these
s and a pitch
reams ssc_nl
hm ssc_nl a
led in Section

7.19.

2.3.6 Conformance criteria for Parametric Stereo decoding of SSC decoders

For the test streams containing Parametric Stereo data also accompanying test streams containing only the mono
parameters are provided. Furthermore a modified version of the reference decoder is prepared that is able to
replace the SSC mono signal by a signal read from a file before processing the Parametric Stereo data.

To perform this test, the decoder output for the accompanying test stream is provided as the external input to the
modified reference decoder. The output of the modified reference decoder is compared with the output of the

decoder under test according to the conformance criteria for deterministic components.

This is illustrated in Figure 12.
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SSC reference decoder

. - —— = = I
Conformance | SSC PS l > Stereo
stream mona reference reference
|| decoder decoder [ > output
B o s o [
M ey R e ST ]
SSC PS | ! Stereo
mono » reference| | test
| | decoder decoder [ » output
-
Decoder under test
Figure 12 — Parametric stereo conformance setup
7.19.2.4 Proposed test sequences
SSC test sequences are described in Table 94.
Table 94 — SSC test sequences
=) k7 2 S k]
= S| & 8 Q o S| < 5| 2 % 8 %) =]
= A RIHEEEHEHEE R R <R
8 = S| 8l 8| & | 2| & E| o 5| E| E| 2| 2| 7 2 = @ Conformance criteria
S S 21| 8=l gl 8 2 2 £l 2 d| J B E|ENE|] 2| 2
o S © 3| E| © £ gl 2 g &| 9| =| =| A= 7 =}
= =2 = = Sl s 3| & = =) o
= ElE 1§ | Bl g2 = = £
£ -4 = g a S g
£ & 4 &
ssc_tl test fignal 12 1 |- - - 0 |- - - > - - y |y - Deterministic
ssc_t2 test pignal 6 1 |- - - 1 |- - - 5 - - y - Deterministic
ssc_s1 test fignal 18 1 |- - - - - - - - - y - Deterministic
ssc_s2 test pignal 3 1 |- y |y y |y |* - - - y - Deterministic
ssc_s3 test fignal 30 2 |0 |- - - b - - - - y - Deterministic
ssc_nl test pignal 4 1 (- |- |- |- |y |y - - - y Spectral noise envelope
ssc_n2 test fignal 5 E I R S N PR R 4 - - - y Temporal noise envelope
ssc_n3 test pignal 5 1 |- Ve \ - - y |y - - - y subjective
ssc_n4 test fignal 42 2 (0=t |- - - - - - |y |y y subjective
ssc_psl musjc 24 2\ L - - - - 0 |- - - y |y y y Deterministic
ssc_ps2 mus|c 24 2|1 - - - - 5 |- - - y |y y y Deterministic
ssc_ps3 musjc 24 2 |1 - - - - 1 |- - y |y y y Deterministic
ssc_ps4 mus|c 24 2 |1 - - - - 5 |- - y |y y y Deterministic
ssc_ps5 musjc 24 2 1 - - - - 4 (4 |- - vy |y y y Deterministic
ssc_ps6 music 24 2 |1 - - - - 2 12 |y |- y |y y y Deterministic
ssc_ps7 music 24 2 |1 - - - - y |y |y |y |y |y y y Deterministic

7.20 DST (Lossless coding of oversampled audio)

7.20.1 Compressed data

7.20.1.1 Characteristics

Conformant DST compressed MPEG-4 data shall have the DST data stored as outlined in ISO/IEC 14496-3.
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1.2 Test procedure

Each compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3. The
decoded data shall also meet the requirements defined in ISO/IEC 14496-3. If a syntactic element is not listed
below, no restrictions apply to that element. The reserved element shall be encoded with the value zero.

7.20.

7.20.

1.2.1 Compressed MPEG-4 data payload

1.2.1.1 AudioSpecificConfig

audioObjectType: Shall be encoded with the value 35.

samllingFrequencylndex: Shall be encoded with the value 0xf.

SamplingFrequency: Shall be encoded with the value 64*44100 or 128*44100 or 256*44100.

channelConfiguration: Shall be encoded with the value 0.

7.20
N_Ch
7.20
DST.
7.20

Nr_0O|
Filtes

1.2.1.2 DSTSpecificConfig

annels: Shall not be encoded with the value 0.
1.2.1.3 DST

X_Bit: Shall be encoded with the value '0'.
1.2.1.4 Channel_Segmentation

f Segments:  Shall not exceed the value” of 4 for the Filter_Segmentation
_And_Ptable_Segmentation, and shall not exceed the value of 8 for the Ptable_Segmentation.

Resdlution: Shall be encoded with a value in-the range of [1 Frame_length-MINSEGLEN], with MINSE

defin
Scald
IS0/
7.20
CC_M
CCM
7.20

PC_M

ed in [SO/IEC 14496-3:2019, 10.6.1.3:2:5.2.2.2.

d_Length[Nr_Of Segments]: Shall be encoded with a value in the range of [1 Range], with Range
EC 14496-3:2019,10.6.1.3.2.5:2.2.3.

1.2.1.5 Filter_Coef_Sets

ethod: Shall not be-encoded with the value '11".

Shall not be eficoded with the value 7.

1.2.1.6 Probability_Tables

ethod: Shall not be encoded with the value '11".

and the

GLEN as

as defined in

PCM: Shall be encoded with a value in the range of [0 4].

7.20.

7.20.

2 Decoders

2.1 Characteristics

The object type DST has the Object Type ID 35, and the compressed MPEG-4 data syntax is defined in
ISO/IEC 14496-3. The Audio Object Type DST contains the DST tool.
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7.20.2.2 DST conformance test procedure

Test compressed data and reference decoder output signals are provided to apply the conformance criterion using
the procedure described in the following subclause.

The conformance of the DST decoder tool can be checked with compressed data for the DST object type.

For lossless compressed data the conformance criterion is bit exact reproduction of the reference decoder output,
this means that all bits in the output of the test decoder are identical to the corresponding bits in the output of the
reference decoder.

To be called
data listed in

7.20.2.3 P13

7.20.2.3.

oposed test sequences

In Table 95 afe given proposed test sequences.

Table 95 — DST test sequences

a conforming DST decoder, the required conformance criterion shall be met for all test compr

=
- g
@ 20 3|5 8
E 5| % S5 | % 5
g £ ol el ol E|l=| 8] 5| 8|8 =
] ) S S| 2 S s | 2 2| 2 ! 3}
] = S = 3| 3| & | Bl & = [T o
g e | 32 S| o 2 & -3 S
g g 3 MNP S =
* * ]
2 8 5 el ol 2 | & SIE| D £
o o S| N w| El | & @NE = =
2 = N g & =8 )s | B £
= = 2 =vVea g =
z @ = 2| = S
-9 = ©
=
<
dst_00 | testsignal | 1,2,3,4,56, |y |y | V¥ Bit exact
8,16, 32, 64
dst_01 | testsignal 2,56 vy |y lhly Bit exact
dst_ 02 | testsignal 2,56 yLyly y Bit exact
dst_03 | test signal 2,56 y y Bit exact
dst_04 | testsignal 2,56 y y Bit exact
dst_05 | testsignal 2,56 y y Bit exact
dst_06 | testsignal 2,56 y y Bit exact

7.20.3 Encofders

In order to gllarantee that for an encoder implementation that the decoded output results in an exact replica
he follawing procedure should be followed:

input signal,

- Generate bi

[stréams using the target encoder for the conformance test item reference data

bssed

fthe

- Decode these bitstreams using the conformant reference SW decoder;

- Verify that the decoded outputs are identical to the inputs.
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7.21.
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Layer-3
1 Compressed data

1.1 Characteristics

Conformant Layer-3 compressed MPEG-4 data shall have the Layer-3 data stored as specified in ISO/IEC 14496-3,
subpart 9.

7.21.

1.2 Test procedure

Each
deco
elem
valug
7.21
audi

7.21

sync

main

mair
7.21
7.21

The

mult
IS0/
Laye

7.21

The {
checl
meag

7.21

compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC ]
led data shall also meet the requirements defined in ISO/IEC 11172-3 and ISO/IEC 13818} 3.
bnt is not listed below, no restrictions apply to that element. The reserved element shallbe enc
Zero.

1.2.1 AudioSpecificConfig

bObjectType: Shall be encoded with the value 34.

1.2.2 Bitstream payload

error_check, side_info and main data)in‘bytes

|_data_begin (9/8 bit): shall be set to the correct valuefor the corresponding MPEG-1/2 Laye
or to zero

_data(): shall be stored immediately following the side information

2 Decoders

2.1 Characteristics

MPEG-4 Layer-3 object type (“mp3on4”) is the counterpart to the MPEG-1/2 Layer-3, though
-channel support and support-for lower sampling rates. The compressed MPEG-4 data syntax
EC 14496-3. The Audio Object Type Layer-3 contains re-formatted ISO/IEC 11172-3 or ISO
" 3 compressed data.

2.2 Testprocedure

est procedures specified in ISO/IEC 11172-4 and ISO/IEC 13818-4 shall be applied. If no test

x of conformance using appropriate measurements (e.g. the LSB criterion or objectiv
uremént'systems) is not mandatory but highly recommended.

4496-3. The
[f a syntactic
ded with the

word: shall be set to the total length of the mp3_channel_element (consisting of header,

3 bitstream,

also offering
is defined in
IEC 13818-3

s specified, a
b perceptual

2.3Y Test sequences

To test MPEG-4 Layer-3 decoders, ISO/IEC]JTC 1/SC 29/WG 11 supplies a number of test sequences. The test
sequences are defined in Table 96.
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Table 96 — MPEG-1/2 Audio on MPEG-4 Layer-3 test sequences

file base name mnemonic origin content IDex| ID |bitrate_index|sampling rate| mode IS CRC test
procedure
13_test10101 he_32khz 11172-4 sine 1 1 0001 10 11 none X none
13_test10102 he_44khz 11172-4 sine 1 1 0001 00 11 none X none
13_test10103 he_48khz 11172-4 sine 1 1 0001 01 11 none X none
13_test10104 si 11172-4 noise 1 1 0101 00 11 none X none
13_test10105 si_block 11172-4 noise 1 1 0101 00 11 none X one
13_test10106 i_huff _patched derived noise 1 1 0101 00 11 none X none
from
si_huff
(11172-4)
13_test10107 mp3on4_1 new music 1 1 0101 01 11 none | none none
13_test10201 he_mode 11172-4 sine 1 1 1001 00 all MS, X none
IS

13_test10202 hecommon 11172-4 sine 1 1 1001 00 00 none none
13_test10203 intens new noise 1 1 1001 00 01 IS X none
13_test10204 sin1k0db 11172-4 sine 1 1 1001 00 01 none X none
13_test10205 worstcas new artificial 1 1 1110 00 01 none X none
13_test10206 compl 11172-4 sweep 1 1 0101 01 11 none X RMS

(10 Hz ...10 kHz, -20 dB)
13_test10207 mp3on4_2 new music 1 1 1001 01 01 MS none none
13_test10501 mp3on4_5 new music 1 1 1110 01 11,01,01 MS none none
13_test20140 bitrate_16_all 13818-4 tonal, sine 110 0001 10 11 none X none
13_test20141 bitrate_22_all 13818-4 tonal, sine 1 0 0001 00 11 none X rone
13_test20142 bitrate_24_all 13818-4 tondl, sine 1 0 0001 01 11 none X none
13_test20143 compl24 13818-4 sweep 1 0 1100 01 11 none X RMS

(10 Hz ...10 kHz, -20 dB)
13_test20244 noise 138184 white noise 1 0 1010 00 01 none X none
13_test20245 is2 13818-4 white noise 1 0 1110 00 01 IS X none
13_test20246 ms2 13818-4 white noise 1 0 1110 00 01 MS, X rlone

IS

13_test20247 Test, 20700 new sweep 1 0 1010 00 01 IS X none
13_test20248 Test_20_80 new sweep 1 0 1010 00 01 IS X none
13_test25101 compl12 new sweep 0 0 1000 01 11 none X RMS

(10 Hz ...5 kHz, -20 dB)
13_test25102 bitrate_8_all new sine 0 0 0000 10 11 none X none
13_test25103 bitrate_11_all new sine 0 0 0000 00 11 none X none
13_test25104 bitrate_12_all new sine 0 0 0000 01 11 none X none
13_test25201 noise new noise 0 0 1000 00 01 none X none
13_test25202 test20_00 new sweep (10 Hz ...5 kHz) 0 0 1000 00 01 none X none
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13_test25203 test20_80 new sweep (10 Hz ...5 kHz) 0 0 1000 00 01 none X none
13_test25204 bitrates_8i new noise 0 0 1000 10 01 IS X none
13_test25205 bitrates_11i new noise 0 0 1000 00 01 MS, X none
1S
13_test25206 bitrates_12i new noise 0 0 1000 01 01 MS, X none
I
13_test25207 sw_8i new sweep (550 Hz ... 5 kHz) 0 0 0100 10 01 IS X none
13_test25208 sw_11i new sweep (550 Hz ... 5 kHz) 0 0 0100 00 01 IS X none
13_tesf25209 sw_12i new sweep (550 Hz ... 5 kHz) 0 0 0100 01 01 IS X none
7.22 ALS (Audio Lossless Coding)
7.22]1 Compressed data
7.22]1.1 Characteristics
Confprmant ALS compressed MPEG-4 data shall have the ALS data stored as outlined in ISO/IEC 14496-3.
7.22]1.2 Test procedure
Each|compressed data shall meet the syntactic and semantie requirements specified in ISO/IEC 14496-3. The
decofled data shall also meet the requirements defined iny1SO/IEC 14496-3. If a syntactic element is not listed
below, no restrictions apply to that element. The reserved element shall be encoded with the value z¢ro.

7.22

7.22

audi

samplingFrequencyIndex: Shall bé,encoded with the value 0xf.

SamplingFrequency: Shall be encoded with the value samp_freq if samp_freq < 224, and with

othel

channelConfiguration: Shall be encoded with the value 0.

7.22

als_i

1.2.1 Compressed MPEG-4 data payload
1.2.1.1 AudioSpecificConfig

bObjectType: Shall be encoded with the value 36.

wise, with samp_freg:as'defined in ISO/IEC 14496-3.

1.2.1.2 ALSSpecificConfig

1: Shall be encoded with the value 1095521024 (0x414C5300 hex).

the value 0

file_type: Shall be encoded with a value in the range [0 3]. Other values are reserved.

resolution: Shall be encoded with a value in the range [0 3]. Other values are reserved.

frame_length: Shall be encoded with a value that is divisible by 2'evels without remainder, with levels as defined in
ISO/IEC 14496-3.

ra_flag: Shall be encoded with a value in the range [0 2]. The value 3 is reserved.

7.22.1.2.1.3 block_data

opt_order: Shall be encoded with a value in the range [0 Kmax], with Kmax as defined in ISO/IEC 14496-3.
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7.22.2 Decoders
7.22.2.1 Characteristics

The object type ALS has the Object Type ID 36, and the compressed MPEG-4 data syntax is defined in ISO/IEC
14496-3. The Audio Object Type ALS contains the ALS tools.

7.22.2.2 ALS conformance test procedure

Compressed data and reference decoder output signals are provided to apply the conformance criterion using the
procedure described in the following subclause.

The conformpnce of the ALS decoder can be checked with compressed data for the ALS object type.
For lossless gompressed data the conformance criterion is bit exact reproduction of the reference decoder oytput,
this means that all bits in the output of the test decoder are identical to the corresponding bits in‘the output ¢f the

reference de¢oder.

To be called p conforming ALS decoder, the required conformance criterion shall be met'for all compressed data
listed in 7.22|2.3.

7.22.2.3 Proposed test sequences
The test seqyences to test ALS decoder are defined in Table 97.

Table 97 — ALS test sequences

N
Z
5| % z z £
& = = é A ] %D % S
=] (@) 5] = SN Y| E = S
2 s & ) s|g |8 8 = g
2 = 5 g 5 2|2 2 % s E
< S Q ﬁ N =) S | x 1Z] o | = < 5
Q = g iy a |l o S | A 2w | = d = =
© g 5 % =) < =B =T I = I BT 2 o
= S Z 2 = gl Elo |l 1o | =1m |~ [y )
als_00 music 2 48,96,192 |N6,20,24 |y |y No indication |Bit exact
als_01 music 2 48,96,192 |16, 20,24 |y y y No indication |Bit exact
als_02 music 2 48,96,192 |16, 20, 24 y No indication |Bit exact
als_03 music 2 48,96,192 |16, 20, 24 y No indication |Bit exact
als_04 music 2 48,96,192 |16, 20, 24 y No indication |Bit exact
als_05 | |music 2 48,96,192 |16, 20, 24 y No indication |Bit exact
als_06 musié 2 48,96,192 |16, 20, 24 y |Noindication |Bitexact
als_07 | |music 2 192 32 float y No indication |Bit exact
als_08 music A 96 24 ¥4 V4 V4 74 ¥4 V4 V4 No indication |Rit exact
als_09 |biodata |512 2 16 y y ly |y |y |y No indication |Bit exact
als_102 |sine 1 48 16 y |y No indication |Bit exact
wave
als_11  |music 2 48 16 vy ly ly v |y |y Simple Profile|Bit exact
Level 1
als_.12  |music 2 48 24 vy oy ly |y v |y Simple Profile|Bit exact
Level 2
als_13  |music 6 48 16 y oy ly |y |y |y Simple Profile|Bit exact
Level 3
als_14 |music 6 48 24 y ly ly v v |y Simple Profile|Bit exact
Level 4
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7.22

In or
inpuf

- Gen
- Ded
- Ver
7.22

The
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=) ©
» o
3 ] 5 v [ 2P o S
£ S g S 2|8z 5 8
= s = B S| gL 8 g g
= = o | = = S
2 2 5 £ g Sle|Z g 2 g B
2] = ) = ) =} o o ©n o= = S
Q 3 = = B ol g |5 clo|=s |2 = <
— Q a9} [77) 1=}
o S 5 £ S Sls|e|E|E|C|o|B 2 S
=) S z g 2 s S8l alol= @ |& o O
als_15 |music 2 96 24 y oy ly |y |y |y Simple Profile|Bit exact
Level 5
als_.16  [music 2 192 24 y oy vy |y v |y Simple Profile|Bit exact
Level 6
als_17 music 8 192 24 vy oy |y |v |y |y Simple Profile|Bit exact
Level 7
a Test sequence 'als_10' is only necessary to check for conformant decoding of the OAFI box/(See 7.22.4).

3 Encoders

Her to guarantee for an encoder implementation that the decoded outputresults in an exact repli
signal, the following procedure should be followed:

erate bitstreams using the target encoder for the conformanceé.test item reference waveform dat
pde these bitstreams using the conformant reference sdftware decoder;

fy that the decoded outputs are identical to the inputs.

4 OAFI box

riginal Audio File Information Box penmits the storage of the ancillary (non-audio) data of an g

file ip an ISO Base Media File format file~This file would typically also contain the compressed aud

origil
the o

Ther

hal audio file. This box is particularly useful in combination with lossless audio coding when 1
riginal input audio file is of intérest.

bfore, the OAFI conformanee can be checked by means of compressed data for the ALS obj

ca of the

riginal audio
o data of the
estoration of

bct type that

additionally contains an OAFEI box. Such data is defined by test sequence 'als_10" in 7.22.2.3 above, Table 97.

7.23

7.23

SLS (Scalable Lossless Coding)

1 Comipressed data

7.23

117 ¢l -

Conformant SLS compressed MPEG-4 data shall have the SLS data stored as outlined in ISO/IEC 14496-3.

7.23.

1.2 Test procedure

Each compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3. The
decoded data shall also meet the requirements defined in ISO/IEC 14496-3. If a syntactic element is not listed
below, no restrictions apply to that element. The reserved element shall be encoded with the value zero.
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7.23.1.2.1 Compressed MPEG-4 data payload

7.23.1.2.1.1
audioObject

7.23.1.2.1.2

AudioSpecificConfig
Type: Shall be encoded with the value 37 (core mode) or 38 (non-core mode).

SLSSpecificConfig

pcmWordLength: Shall be encoded with a value in the range [0 3], as defined in ISO/IEC 14496-3. Other values

are reserved.

aac_core_p

frameLengt
reserved.

7.23.1.2.1.3

band_type_s
of 3 is reserv

7.23.2 Decoders

7.23.2.1 Characteristics

The object ty
MPEG-4 datal

7.23.2.2 T¢

Compressed
procedure dé
input signals

The conform

For lossless (
this means th
reference de

To be called :
compressed

To be called :
data with cor

resent: either O or 1 tor AOT 57/, 0 tor AOT s6.

|

fignaling: Shall be encoded with a value in the range [0 2], as defined in ISOMEC 14496-3. The

: Shall be encoded with a value in the range [0 3], as defined in ISO/IEC 14496-3. Other\value

lle_header()

bd.

pe SLS has either the Object Type ID 37 (core mode) o1“38 (non-core mode), and the compr
syntax is defined in ISO/IEC 14496-3. The Audio Objéc¢t Type SLS contains the SLS tools.

st procedure
data and reference decoder output signals are provided to apply the conformance criterion usin
scribed in the following subclause. For.the bitstreams providing lossless reconstruction the or
provide the reference for the decoder\output signal.

hnce of the SLS decoder can be-checked with compressed data for the SLS object type.
ompressed data the conformance criterion is bit exact reproduction of the reference decoder o
at all bits in the output of-the test decoder are identical to the corresponding bits in the output

oder.

i conforming AAC-LC+SLS decoder, the required conformance criterion shall be met for all
lata with cebe'coder AOT?2 listed in 7.23.2.3.

1 conforming BSAC+SLS decoder, the required conformance criterion shall be met for all compre
e coder AOT22 listed in 7.23.2.3.

S are

value

bssed

g the
ginal

tput,
f the

sed

To be called a conforming non-core SLS decoder, the required conformance criterion shall be met for all
compressed data with no core coder listed in 7.23.2.3.

7.23.2.3 Testsequences

The test sequences to test SLS decoder are defined in Table 98 and Table 99.
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Table 98 — SLS test sequences

file base

name

content

number of

channels

sampling frequency (kHz)/
word length (bit)

max. truncation bitrate
(kbit/s/ch)

core coder (kbit/s/ch)

BPGC

CBAC

conformance

criterion

sls2100

mixed

2

48/ 16,
48 /24
96 / 24,
192 /24

none (lossless)

AOT 2 (64)

bit exact

sls2101

mixed

48/ 16,
48 /24
96 / 24,

Y

none (lossless)

AOT 2 (64)

392 4
Tz

bit exact

sls2110

mixed

48/ 16,
48 /24
96 / 24,
192 /24

AOT 2 (64)

bit exact

sls2111

mixed

48/ 16,
48 /24
96 / 24,
192 /24

AOT 2 (64)

bit exact

sls2200

mixed

48/ 16,
48 /24
96 / 24,
192 /24

none (lossless)

AOT 22 (64)

bit exact

sls2201

mixed

48/ 16,
48 /24
96 / 24,
192 /24

none (lossless)

AOT 22 (64)

bit exact

sls2210

mixed

48/ 16,
48 /24
96 / 24,
192 /24

AOT 22 (64)

bit exact

sls2211

mixed

48/ 16,
48 /24
9624,
192 / 24

AOT 22 (64)

bit exact

sls2300

mixed

48/ 16,
48 /24
96 / 24,
192 /24

none (lossless)

no core

bit exact

sls2301

mixed

48/ 16,
48 /24
96 / 24,
192 /24

none (lossless)

no core

bit exact

sls2310

mixed

48/ 16,
48 /24

96124
7 7

no core

192 /24

bit exact

sls2311

mixed

48/ 16,
48 /24
96 / 24,
192 /24

256

no core

bit exact

sls6100

mixed

48 /24
96 / 24,

none (lossless)

AOT 2 (64)

bit exact

sls6101

mixed

48 /24
96 / 24,

none (lossless)

AOT 2 (64)

bit exact

sls6110

mixed

48 /24
96 / 24,

256

AOT 2 (64)

bit exact

© ISO/IEC 2024 - All rights reserved

129



https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

file base |content| number of sampling frequency (kHz)/ max. truncation bitrate | core coder (kbit/s/ch) |[BPGC[CBAC| conformance
name channels word length (bit) (kbit/s/ch) criterion
sls6111 | mixed 6 48 / 24 256 AOT 2 (64) X bit exact
96 / 24,
sls6200 | mixed 6 48 / 24 none (lossless) AOT 22 (64) X bit exact
96 / 24,
sls6201 | mixed 6 48 / 24 none (lossless) AOT 22 (64) X bit exact
96 / 24,
sls6210 | mixed 6 48 / 24 256 AOT 22 (64) X bit exact
96 / 24,
sls6211 Mixed 6 48 / 24 256 AOT 22 (64) X bit exact
96 / 24,
sls6300 | mixled 6 48 / 24 none (lossless) no core X bit exalct
96 / 24,
sls6301 mixed 6 48 / 24 none (lossless) no core X bit exalct
96 / 24,
sls_6310 | Mixed 6 48 / 24 256 no core X bit exalct
96 / 24,
sls_6311 | mixed 6 48 / 24 256 no core X bit exalct
96 / 24,

Table 99 — SLS test sequences for channelConfiguration 0

file base |conjtent| number of sampling frequency (kHz)/ max. truncation bitrate core coder BPGC|CBAC| conformfance
name channels word length (bit) (kbit/s/ch) criteripn
sls8100_pce | mixed 8 48 /16 none (lossless) AOT 2 (64 kbit/s) X bit exqct
s1s8300_pce | mixed 8 48 /16 none (lossless) no core X bit exqct

7.23.3 Encoders

In order to giarantee for an encoder implémentation that the decoded output results in an exact replica of thg
input signal, the following procedure should be followed:

- Generate bifstreams using the target encoder for the conformance test item reference waveform data
- Decode thege bitstreams.using the conformant reference software decoder;
- Verify that fhe decoded outputs are identical to the inputs.

7.24 Layertland Layer 2

7.24.1 Compressed data
7.24.1.1 Characteristics

Conformant Layer-1 and Layer 2 compressed MPEG-4 data shall have the Layer-1 and Layer 2 data stored as
specified in ISO/IEC 14496-3:2019, subpart 9.

7.24.1.2 Testprocedure

Each compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3. The
decoded data shall also meet the requirements defined in ISO/IEC 11172-3 and ISO/IEC 13818-3.If a syntactic
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element is not listed below, no restrictions apply to that element. The reserved element shall be encoded with the
value zero.

7.24.

1.2.1 AudioSpecificConfig

audioObjectType: Shall be encoded with the value 32 for Layer 1 and the value 33 for Layer 2.

7.24.

7.24.

2 Decoders

2.1 Characteristics

The

respq
and |
7.24
The

confd
syste
7.24

To tg

PEG-4 Layer-1 and Layer Z object types are the counterpart to the MPEG-1/Z Layer-1
ctively. The compressed MPEG-4 data syntax is defined in ISO/IEC/14496-3. The Audio Object]
ayer 2 contains ISO/IEC 11172-3 or ISO/IEC 13818-3 Layer 1 and Layer 2 compressed data.

2.2 Testprocedure
fest procedures specified in 11172-4 and 13818-4 shall be applied. If nojtest is specified
ms, is not mandatory but highly recommended.

2.3 Testsequences

st MPEG-4 Layer-1 and Layer 2 decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of te

The tlest sequences are defined in Table 100.

Table 100 — MPEG-1/2 Audio on MPEG#4 Layer-1 and Layer 2 test sequences

and Layer 2
ypes Layer-1

, a check of

rmance using appropriate measurements, e.g. the LSB criterion or objective perceptual measurement

5t sequences.

file base name | Layer Origin content bitrate_index | sampling rate | mode | CRC | testprocedlure
11_fl11 1 11172-4 sweep 1100 10 01 yes none
11_fl2 1 11172-4 sweep 1100 00 01 yes none
1113 1 11172-4 sweep 1100 01 01 yes none
11_f14 1 11172-4 sweep 0001 10 11 no none
11_fI15 1 11172-4 sine 1110 01 10 yes none
11_fl6 1 11172-4, noise 1100 00 00 yes none
11_f17 1 11192-4 special 1100 00 00 yes none
11_f18 1 11172-4 sweep 1100 00 00 no RMS
12_f110 11 11172-4 sweep 1010 10 00,01 yes none
12_fl11 IT 11172-4 sweep 1010 00 00,01 yes none
12_fl12 11 11172-4 sweep 1010 01 00,01 yes none
12_f113 11 11172-4 sweep 0001 10 11 no none
12_fl14 11 11172-4 sine 1110 01 10 yes none
12.f145 11 11172-4 noise 1110 01 00 yes none
12_fl16 11 11172-4 sine 1100 01 00 yes none
12_test24 11 13818-4 sweep 1010 10 01 yes none
12—test25 H 428484 seep 1646 86 o4 ¥
12_test26 11 13818-4 sweep 1010 01 01 yes none
12_test27 11 13818-4 sweep 0010 01 01 yes none
12_test28 11 13818-4 sweep 1010 01 01 yes none
12_test29 11 13818-4 sweep 1110 01 01 yes none
12_test30 11 13818-4 sweep 1010 01 11 yes none
12_test31 11 13818-4 sweep 1010 01 10 yes none
12_test32 11 13818-4 sweep 1010 01 00 no none
11_test33 1 13818-4 sweep 1100 00 01 yes none
12_test34 11 13818-4 sweep 1110 01 00 yes RMS
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7.25 Low Delay SBR

7.25.1 Compressed data

7.25.1.1 Compressed MPEG-4 data payload

The same data payload for compressed data as outlined in 7.17.1.2.1 for SBR applies for LD-SBR, apart from the
subsequent syntax elements:

7.25.1.1.1 Syntax of low_delay_sbr_data()

bs_sbr_crc_Hits: no restrictions apply

bs_header_f]
7.25.1.1.2
bs_frame_cl{
tmp: no resti
bs_amp_res:
bs_freq_res:

bs_transient

7.25.2 Decoders

7.25.2.1 Characteristics

The same ch4

7.25.2.1.1

The conform
4 data file an

The conform
e read
deco

e read

ing the compressed MPEG-4 data file;

ag: no restrictions apply
sbr_1d_grid()

ISs: no restrictions apply
ictions apply

no restrictions apply

no restrictions apply

|_position: no restrictions apply for a framelength of 512;for 480 shall not exceed 15.

racteristics of the decoder as outlined in;7.17.2.1 for SBR apply for LD-SBR.
.D-SBR conformance test procedure

hnce test procedure internallyereates a reference for comparison, given an input compressed M
 the output from the decoder under test.

hnce test procedurestipulate:

de the data/file and store it as the reference to be compared against;

the wave output from the decoder under test and compare it with the stored reference

PEG-

ising

maxi

mim :\mp]ihldn difference and RMS criteria (cnp Table 101 — FILD with IL.D-SBR test cpqnpnr‘pc)

If a complex QMF filter bank with a modified internal phase angle (hereinafter referred to as twiddles) is used in
the decoder under test, the er_eld_sbr_twi_* sequences shall be tested first. Contrary to the other er_eld_sbr_* test-
sequences, these sequences consist of zero signal AAC ELD core data plus SBR elements that trigger sine-addition
in the entire frequency range covered by LD-SBR. The output-signal of this test sequence will contain sinusoids
with phase angles that depend on the implementation of the synthesis filterbank in the decoder under test. Based
on the obtained output signal from the decoder under test, the two parameters () and /£ describing the phase

characteristics of the filter banks in the decoder under test are identified. Since different phase characteristics
may be used, depending on whether downsampled LD-SBR is used or not, both the er_eld_sbr_twi_24* and the
er_eld_sbr_twi_48* sequence shall be run prior to conformance testing. The file sequence is only used to perform
an examination and identification of the filter bank. The twiddle estimation is identical to that described in 7.17
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SBR with the exception that kO is incremented by two and k2 is decremented by two. Figure 13 — Block diagram
of the LD-SBR conformance test procedure outlines the LD-SBR conformance test procedure.

The ¢

The

[T i
i I
i I
Compressed ! Reference !
——+ 1
data ! decoder !

| i | maxDiff /

I ) i maxRMS

: Comtpal';lson :
! Twiddle es !
} estimation :
Test decoder ! T !
output : > :
{waveform) ! !
i |

Figure 13 — Block diagram of the LD-SBR conformance test procedure

ssential modules are:

Twiddle-estimation: This module identifies the twiddles used\in the synthesis filter bank

in the codec

under test, and based on this computes the analysis filterbank twiddles in the codec under test. This

information is passed on to the reference decoder where the QMF filter bank is giv
distribution of the twiddle factors as used in the decoder under test.

Reference decoder is a reference decoder according to the ISO specification. It generate
signal based on the stored low-band signal and-the compressed MPEG-4 LD-SBR data.

Comparison test, this module calculates-the difference signals between the output from|
under test and the internal reference. The maximum amplitude of the difference signal as we
of the difference signal are calculated. These conformance criteria are specified with res
sample in the range -32768 .. 32767.

est procedure criteria specified-in Table 101 — ELD with LD-SBR test sequences have to be

testig shall be done using the test"procedure defined above. The conformance of the underlying A

shall

Note
test s
respe

be tested before conformance testing is done for the LD-SBR Tool.

5: The reference software implementation of the conformance test procedure will behave diffe
equences named er_eld_sbr_twi_*, since for these test sequences the QMF implementation is id
ct to the twiddle factors used on the analysis and synthesis side of the QMF.

bn the same

5 a reference

the decoder
1l as the RMS
bect to PCM-

applied. The
IAC ELD core

Fently for the
entified with
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7.25.2.2 Test sequences

Table 101 — ELD with LD-SBR test sequences

% &
2 = g » 3 3 ™
— @ = -f—j 5 g2 @ ‘5 3 3 Ti
g Tl |E 2|85 ]|% g v
z - |5 | 5|81 8| ¢ s | =2 e | 2| 8| x 5 2
= = 2|3 |e|2|E|E|&|ES| 2|5 |&|E8|¢ g
g E S| 2| §| 5 = S 2 < s g | & £ 3
] 5 8 = S 5 < = g S = = ] = =
Q = =] = o = ] Qo © = = a
S © sl |3 |2 || |28 |5 | |8 |°|%& 2
= = < = = 29 = o ] 3 @ = g 2
& 2 3 = £ s 54 = =) 1 5 = ]
< |E| 5|5 S| | 2|2 |8 4
£ (=] g T = < =
«» £
=]
er_eld_gbr_twi None 48 39 | 47 1 y y y
er_eld]sbr_e [rectangle * 10Hz sine| 48 39 |567| 1,2 - - Y - - - - TBD | TBD |maxDiff/RMS
er_eld_pbr_gh [rectangle * 10Hz sine| 48 39 |567| 1,2 - - - y y - - TBD | TBD {maxDiff/RMS
er_eld]sbr_i rectangle + noise 48 39 |567| 1,2 - - - - - y - TBD |[(TBD-|maxDiff/RMS
er_eld]sbr_s Noise 48 39 |567| 1,2 - - - - - - y | TBD% TBD |maxDiff/RMS

7.26 Low Delay MPEG Surround

7.26.1 Compressed data

7.26.1.1 Characteristics

The Low Delpy MPEG Surround tool can be used in combinatien with the ER AAC LD AOT and the ER AAC

AOT.

The compregsed data shall be stored as outlined in ISQ/IEC 14496-3:2019, 4.5.2.13. The extension_type for
Delay MPS |s EXT_LDSAC_DATA. The transport @nd signalling of LD MPS in an MPEG-4 Audio/Sys
Environmen{ is done in the same way as for the SAOC object type, as described in 8.2.2 of ISO/IEC 23003-2:

ELD

Low
tems
P018.

LD MPS uses|the AOT 44. The ldsac_extension.data() is used to carry a LDSacDataFrame() as described in B.4 of
ISO/IEC 23003-2:2018.

7.26.1.2 Test procedure

Each comprgssed data shall meet the syntactic and semantic requirements specified in ISO/IEC 23003-2:

Annex B. If a pyntactic element.is not listed below, no restrictions apply to that element.

7.26.1.2.1 (Compressed MPEG-4 data payload

7.26.1.2.1.1

LDSpatialSpecificConfig()

p018,

bsSamplingFrequencyimdex

For further restrictions, see 7.26.1.2.2

bsSamplingFrequency For restrictions, see 7.26.1.2.2

bsFreqRes

bsFrameLength

bsTreeConfig

bsQuantMode

bsOnelcc

Shall not be encoded with a value of 0
For restrictions, see 7.26.1.2.2
For restrictions, see 7.26.1.2.2
Shall not be encoded with a value of 3

Not present if bsTreeConfig = 7. No further restrictions apply

bsArbitraryDownmix  No restrictions apply
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bsFixedGainsSur Not present if bsTreeConfig = 7. Shall be in the range 0...4

bsFixedGainsLFE Not present if bsTreeConfig = 7. Shall be in the range 0...4

bsFixedGainsDMX No restrictions apply

bsMatrixMode Not present if bsTreeConfig = 7. No further restrictions apply

bsTempShapeConfig Shall not be encoded with a value of 3

bsDecorrConfig Shall not be encoded with a value of 3

bs3DaudioMode Not present if bsTreeConfig = 7. No further restrictions apply

bsEnvQuantMode Shallbe 0

bs3DaudioHRTFset Shall be 0

7.261.2.1.2 OttConfig()

bsO#Bands Shall not be encoded with a value larger than numBands given'in Table B9 of ISO/IEC
23003-2:2018

7.26]1.2.1.3 TttConfig()

bsTtfDualMode No restrictions apply

bsTtfModeLow Shall be in the range of 0..5

bsTtfModeHigh Shall be in the range of 0..5

bsTtfBandsLow Shall not be encoded with a value larger than numBands given in Table B9 of ISO/IEC
23003-2:2018

7.26{1.2.1.4 ParamHRTFset()

bsHRTFfreqRes
bsHRTFasymmetric
bsHRTFlevelLeft
bsHRTFlevelRight
bsHRTFphase
bsHRTFphaseLR
bsHRTFicc
bsHRTFiccLR
7.261.2.1.5

bsSacExtType

SpatialExtensionConfig()

Shall not be encoded with'a value of 0
No restrictions apply:
No restrictions.apply
No restrictions apply
No restrictions apply
No.restrictions apply
No restrictions apply

No restrictions apply

Shall be in the range of 2..15. In the case of values indicated as “reserved” in Table 54 of
ISO/IEC 23003-1:2007, the parsing function
SpatialExtensionConfigData(bsSacExtType) shall return the value 0, such [that possibly

bsSacExtLen
bsSacExtLenAdd
bsSacExtLenAddAdd
bsFillBits

present data is read as bsFillBits (i.e., skipped) and correct parsing of the bitstream can
continue

No restrictions apply
No restrictions apply
No restrictions apply

No restrictions apply
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7.26.1.2.1.6 SpatialExtensionConfigData(0)

None

7.26.1.2.1.7 SpatialExtensionConfigData(1)

None

7.26.1.2.1.8 TreeConfig()

bsOttBoxPresent No restrictions apply

bsOttDefaultCld No restrictions apply

bsOttModeL|FE No restrictions apply

bsOttBands Shall not be encoded with a value larger than numBands given in Table B:9 of 1SC
23003-2:2018

bsOutputChannelPos  Shall be in the range 0..26

For restrictid

7.26.1.2.1.9

ldsacHeader
IdsacHeader
ldsacHeader
bsFillBits
ldsacTimeAl

ldsacTimeAl

7.26.1.2.1.10 LDSpatialFrame()

bsIndepend
7.26.1.2.1.1

bsFramingT]

ns, see 7.26.1.2.2

LDSacDataFrame()
Flag No restrictions apply
Len No restrictions apply
LenAdd No restrictions apply
No restrictions apply
ignFlag No restrictions apply
ign Shall be 0

ICC wvalues

(bsTTTDualMode=

encyFlag No restrictions apply
|  Framinglnfo()
ype No restrictions:apply
Sets For restrictions, see 7.26.1.2.2

Shall(be in the range 0..bsFrameLength

=1&&bsTTTModeHigh<2))

7.26.1.2.1.14 SmgData()

bsSmoothMode No restrictions apply
bsSmoothTime No restrictions apply
bsFreqResStrideSmg No restrictions apply
bsSmgData No restrictions apply
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7.26.1.2.1.15 TempShapeData()

bsTempShapeEnable  No restrictions apply
bsTempShapeEnableChannel[ch]
No restrictions apply
7.26.1.2.1.16  EnvelopeReshapeHuff()
Hcod2D_EnvRes bsCodeW shall have a value of a set of values as defined by column ‘codeword’ of Table

A.25 of ISO/IEC 23003-1:2007 and shall have a length as defined by the corresponding

entry in column ‘]phgfh’

7.26J1.2.1.17 ArbitraryDownmixData()
No rgstrictions apply

7.26[1.2.1.18 EcData()

bsXXXdataMode Shall fulfil the requirements outlined in ISO/IEC 23003-1:2007, 6.1.13
bsD4taPair Shall have the value 0 if setldx == datasets-1. No further restrictions apply
bsQuantCoarseXXX No restrictions apply

bsFreqResStrideXXX No restrictions apply
7.26]1.2.1.19 EcDataPair()

bsPcmCodingXXX No restrictions apply
7.26]1.2.1.20 GroupedPcmData()

bsPcmWord No restrictions apply
7.26{1.2.1.21 DiffHuffData()

bsDiffType No restrictions apply
bsCodingScheme No restrictions apply
7.26{1.2.1.22 HuffDatalD()

hcodFirstBand_XXX bsCodeW shall have a value out of a set of values as defined by column ‘codeword’ of
Tables A.2, A.3 or A.4 of ISO/IEC 23003-1:2007, respectively, and shall haye a length as
defined by the corresponding entry in column ‘length’

hcod|lD_XXX_YY bsCodeW shall have a value out of a set of values as defined by column ‘codeword’ of
Tables A.5, A.6 or A.7 of ISO/IEC 23003-1:2007, respectively, and shall haye a length as
defined by the corresponding entry in column ‘length’

bsSign No restrictions apply

7.26.1.2.1.23 HuffData2DFreqPair()

hcodLavldx bsCodeW shall have a value out of a set of values as defined by column ‘codeword’ of
Table A.24 of ISO/IEC 23003-1:2007, and shall have a length as defined by the
corresponding entry in column ‘length’

hcod2D_XXX_YY_FP_LL
bsCodeW shall have a value out of a set of values as defined by column ‘codeword’ of
the applicable table out of Tables A.8, A.9 or A.10 of ISO/IEC 23003-1:2007, and shall
have a length as defined by the corresponding entry in column ‘length’
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hcod1D_XXX_YY bsCodeW shall have a value out of a set of values as defined by column ‘codeword’ of
Tables A.5, A.6 or A.7 of ISO/IEC 23003-1:2007, respectively, and shall have a length as

defined by the corresponding entry in column ‘length’

bsSign No restrictions apply
7.26.1.2.1.24 SymmetryData()
bsSymBit[i] No restrictions apply

7.26.1.2.1.25 LsbData()

bsLsb For restrictions see ISO/IEC 23003-1:2007, 8.4.2.3.24

7.26.1.2.1.2¢ SpatialExtensionFrame()

Shall be in the range of 2...15. In the case of bsSacExtType having values indicated as “reserved” in Tab
ISO/IEC of 28003-1:2007, the parsing function SpatialExtensionFrameData(bsSacExtType), §hall return the

e 54
value

0, such that jpossibly present data is read as bsFillBits (i.e., skipped) and correct parsing of the bitstream can

continue
7.26.1.2.1.27 SpatialExtensionFrameData(0)
None
7.26.1.2.1.28 SpatialExtensionFrameData(1)
None
7.26.1.2.1.29 SpatialExtensionFrameData(2)

No further restrictions apply

7.26.1.2.1.30 ArbitraryTreeData()

No further restrictions apply

7.26.1.2.1.3]1 Restrictions applyingto decoded parameters

See ISO/IEC 23003-1:2007, 8.4.2.3.24
7.26.1.2.2 Low Delay AAC.v2 profile

For LD MPE( Surround in the Low Delay AAC v2 profile, the following further restrictions apply.

bsSamplingFrequencylndex
Shall be encoded with a value listed in Table 102.

bsSamplingFrequency Shall be encoded with a value listed in Table 102.
bsFrameLength Shall be in the range 3..31
bsTreeConfig Shall be encoded with a value listed in Table 102.

Table 102 — Restrictions for the Low Delay AAC v2 profile

Level 1 Level 2 Level 3 Level 4
bsSamplingFrequencylndex n/a 0x3..0xc, Oxf 0x3..0xc, 0xf 0x3..0xc, 0xf
bsSamplingFrequency n/a <=48000 <= 48000 <=48000
bsTreeConfig n/a 7 7 0,1,2,7
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TreeConfig() After decoding of the syntactic element TreeConfig(), the helper variable
numOutChanAT shall have a value not larger than 6

SpatialExtensionConfigData(0)

This syntactic element shall not be present
SpatialExtensionConfigData(1)

This syntactic element shall not be present

bsNumParameterSets Shall have a value not larger than 2

7.26.2 Decoders

7.26J2.1 Characteristics

The g¢bject type LD MPEG Surround has the Object Type ID 44, and the compressed MPEG-4_data syntax is defined
in ISP/IEC 14496-3:2019. The Audio Object Type LD MPEG Surround contains the LD.MPEG Surroynd tool. The
LD MPEG Surround decoder can only be implemented in one flavour, it does not allow.for Low Power|decoding.

7.26{2.2 Low Delay AAC v2 profile

According to the Low Delay AAC v2 profile as defined in ISO/IEC 14496:3:2019, LD MPEG Surrounf object type
can le used in combination with ER AAC LD, and ER AAC ELD object)types. In this case, the afgrementioned
downmix decoders shall fulfil the conformance criteria that are applicable to each of them.

7.26j2.3 LD MPEG Surround conformance test procedure

The fest sequences specified in Table 105 and Table 106 have to be applied. The conformance of the underlying
downmix decoder shall be tested before conformance\testing is done for the LD MPEG Surround Hdecoder. The
folloyving Figure 14 gives an overview of the conformance process:

Compressed data
without LDSBR
" mp4AuDec

——-l Downmix wave form

'

. - - ———
mpspayload.dat LD-MPS decoder RMS chmparison

-
i gmfdata.dat

—™  Id-twiddle.dat

Compressed data

with LDSBR |
——m»=| LOSBR conf tool

Test decoder output

Figure 14 — Conformance process of Low Delay AAC v2 bit streams including LD-MPS

The decoding process is separated into a downmix decoding step and a LD-MPS decoding step. Besides the
downmix data, the LD-MPS payload data shall be extracted from the bit stream. For all bit streams not using the
LD-SBR tool, the interface between downmix core coder and LD-MPS decoder is in the time domain. For stream
where LD-SBR is enabled, the interface is in the QMF domain.
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For those streams where LD-SBR is enabled, the twiddle factors of the QMF can vary depending on the
implementation. For analysing and testing the twiddle factors, the downmix shall be decoded using the LD-SBR
conformance tool according to 7.25.2.1.1. In order to analyse the QMF twiddle factors, the bit streams
er_eld_ldmps_ldgmf x have to be decoded first. These estimated twiddle factors will be used for the remaining bit
streams.

7.26.2.4 Testsequences

The naming convention for the test sequences is defined in Table 103 andTable 104. In Table 105 and Table 106
the test sequences are defined for ER AAC LD and ER AAC ELD downmix coders respectively.

Table 103 — Mapping between file p];e_fjx and downmix coder

File prefix Downmix coder

er_ad ER AACLD

er_eld ER AAC ELD

Table 104 — Mapping between third part of file name and bitstream properties

File bas¢name Bitstream Properties
ldqmf X Test the low delay gmf implementation; estimation of twiddle factors.
- - X=[1, 2 (downsampled SBR)]
_param_X Test various numbers of parameter bands. X=[4, 5;7,'9, 12, 15, 23]
X ts Test various numbers of time slots. X=[8, 15, 16]
Tests various sampling rates.
Xkhz X=[16, 22, 24, 32, 44]
_tree X Test various tree configurations. X=[5151,5152, 525]
_one_ICC Test one ICC mode.
_smooth Test smooth modes.
_arbDmx Test the arbitrary downmix functionality.
_quantX Test the different quantization schemes. X=[1, 2]
_shapeX Test the different shapirigimodes. X=[Ges, Stp]
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Table 105 — Test sequences using ER AAC LD

Downmix coder
g 3
= = [} ) [7) =} <
= (=] f=] = oo
gl .| 2 olgls|B] |E Bl E 5 IR EIEIEE AL
Sl o] Ef w 12| 8| g g gl § o s| g Sl e|m|[3|'Y
~| = & Eo = x| 8 @ o 2| 0| & 5 o | ao| © 2 ol dlel2le|l=][TB] 2
< 22| &l=1s5lEl2] 3] 8 o| @ = S| & ol @ - ol e a2 I
£ S| el BlEl S| 81| &S A= o El ol S| @ SIEIEEE R EEE
< Slz| |l sl & %8| 8|l E NESES x| ol =]l 8| ¢ 38 Slelols(g
= 2|l wm slel s8]l E|8 22 gl gl =l ool olelalw]lao|l @2 o|B]E
g b =1 B Bl B A A I A A A 5| E al ol x5S o|lc|lc| @ <
2 M EIEIEIEIEIE R || B[] 2|8 X = glol szl =lalgls
« Slalal gl Bl C|lel=]8l8l22E|l5|lala]X®f 2| 3 2 X g 3
P I - L T E = R R B P Rt L R st el = ) R =
= s|&|Z[S|E|S[S|8|5||8|5|&|a|S|c|E|8|S|8|w|E[E|E|E[E|E|2|28|38
er_ad_|dmps_param_4 64|13 |123]1]10|-18|417|10]|-10]- - -12l-1010}|O] - - - - - - 0|0
er_ad_|dmps_param_5 643 ([23]1]0|-[8|5]7]0 Of-|-1-12]-fofjojJo]|-1|-1|-1]~N- 0|0
er_ad_|dmps_param_7 6413|2310 -|8|7|7|0]-]10]|-1|- 2 -1010]O0f-|-4d]--1-1-]10fO0
er_ad_|dmps_param_9 643 (23110 -89 7)0|-fO)-|-|-2|-]J]O0JO|O|-|~k)-|-|-f-]-101]0O
er_ad_|dmps_param_12 6413|2310 -|8f12f7 )0 -JOf-|-)-12|-(OofOoJO & f*1|-1-1-1-l1-1-107]0
er_ad_|dmps_param_15 643 (23110 -(8|15]7 )0 -fO]|-|-|-|2|-]JO0o]JOo|M@Y-|-]--|-|-ff-]-101]0O
er_ad_|dmps_param_23 6413|2310 ) -|8(237|10]-]O0f-|-)-12|-(0 400 -f--1-1-1-lf-1-1071]0
er_ad_|dmps_15_ts 3216231 1] -15(23(7 |0 -|Of-|-]-|2]|-fNO~fOJO]|-|-|[-|-1-|-/1-f-]O0]O
er_ad_|dmps_16_ts 3216 (2310 -|16|23[7 |0 -|O|-|-]-|20~<1O0OfOjJO)-|-|[-|-1-|-/1-f-]O0]O
er_ad_|dmps_44khz 644 (23110 -(823]7 )0 -fO]|-|-|-p2|-]O0JO)O(f-f-]-)-|-|-ff-]-101]0O
er_ad_|dmps_32khz 645 (23110 -(823]7 )0 -(O0]|-|<A-2(|-]J]O0JO)JO(f(-f-]-)-|-|-Wf-]-101]°O
er_ad_|dmps_24khz 32162310 -|16|23[7 |0 -|O0|~HM™M]-12|-f(ofjojoOo])-|-|[-|-1-|-/1-|-]0O0]O
er_ad_|dmps_22khz 3217 (2310 -16(23[7 |0 -|O\DM-|-]-12-f(ofjojoO)-|-|[--1-|-/-f-]O0}]O
er_ad_|dmps_16khz 3218 (23110 - (16|23 7|0 [O)-]-|-(2]-10]JOfO|-)-]---1--1-10O01]0O
er_ad_|dmps_tree 5151 128 3 |23| 1|0 | - |8 23| 0 xO\fOJO|JO|2(1|2]|]O0|JOfOfO|O]-|-|-|-]-)1-12|0f0O
er_ad_|dmps_tree 5152 [128| 3 [23| 1|0 | - [8 |23 nfO0 OO fO|2|1f2|0]Oof2)o0]Of-|-]-f-|-1-12]0]0O
er_ad_|dmps_tree_525 128| 3 |23 2 (0| -|8M282|0f|0)JO0|JOf2|1]2]0fO0OfO]JO)JO|1|0(23]0]|23|23[(2|0]O
er_ad_|dmps_smooth 128 3 123|110 - \823]0fO0fO]JO]JO|2|1|2|0]JOfOfO|JO]-|-f--1-0-12f/]03]0
er_ad_|dmps_one_ICC 128| 3 |23 1 (04+|8|23l0fO0f1]|JO0|Of2|1]2]0fOfOjJOJO]|-|-f-]-|-/1-l2]0]O
er_ad_|dmps_arbDmx 128| 3 |23 10 | - |8 |23J0fO0fO)J1|Of2|1]2]|]0fOfOjJOJO]|-|-f-]-|-/1-2]0]O
er_ad_|dmps_quantl 128| 3 42341 (0| -8 |23l0f1|O0)JOo|Of2|1]2]0fOfOjJOJO]|-|-f-]-|-/1-l2]0]O
er_ad_|dmps_quant2 128482311 (0| -8 |23l0f2|0)JO0|Of2|1]2]|]0fOfOjJOJO]|-|-f-]-|-/1-2]0]O
er_ad_|dmps_shapeGes ™8| 3 (2310 -]|8|23]0j]O0O]J]O]JO]J]O]2]1]2]0]2]0])0]0] - - - - - -12101]0O0
er_ad_|dmps_shapeStp 128 3 |23|1(0|-|8|23l0fO0fO)JO|Of2|1]2]|]0f1fOjJOJO]|-|-f-]-|-/1-l2]0]O
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Table 106 — Test sequences using ER AAC ELD

Downmix coder
»
< <
=} = ) > [} S e
= 5] = = o0
&l |z olg|s|B E Bl< 5 2= E|E|8 S
S| o| E| w E|E| 32| g < g| g o c| § S|l &|m|I|9
~| 3| & 2| & S| | S 2| ol £ £ S| oo o 2l ale|lC|lolx|la|l
Q vl o 2 lelZlE]|ol 5| 2l o & A=) R I 3 o ©| a3 5
g Sl ol B E|l 581X 2| @ o S| 5| ol E| 8| E| @ Sl el 2E|R|SIS=]S
=) 2|z 8| 5|l B Lyl s|la|E N E=) x| ol & 5| ol 88| E[3|8|5|=5|g
= 2lwl S| gl B B|lRIE|T 22| EBle|E| S| E|S|e|o|lu|lB|B|le|2 B2
2 S eS|l 8lalal BlolRIS|cls| 3| GlEl x| = x5S S|lc|l<=| 3| 8| &
< g2l &S| || E|S|E|C|E|5|3| S c|E|alE|Bl2S|2|E|lelm > e [
8 g & 2| € || o| S S22 S| B Sl w|=|8|l8|=|=E|x5|E gl 3
o S| EIS| 2| 5| 8lE|&|8| 22|22\ 5|&|8|EEl8|2lalzlElE|2|EE|E|2|%
= 5| 3| =Z|S| &l 3|S|lalb|lo|o|las|&|a|ld|lc|E|l8|o|s|lm|BlEIEB|[E|E|E|S]|S|S
er_eld_ldmps_ldqipf_1 24 1 31|39(1|0]|1/|16(23]|7 -0 -|-|-12[-10]0|O0] - - -l - l-lkp | O
er_eld_ldmps_ldqipf_2 2416|391 (0| 1]16(23| 7|0 ofl-1-1-12 oO(o|O | -|--1-1-1-+- - p|oO
er_eld_ldmps_pargm_4 48 | 3 (39|10 (1164 |7 |0 -]0] - - -2 - 00| - - - - - - - - D| O
er_eld_ldmps_pargm_5 4813|3910 |1|16|5| 7|0 -|O|-|-|-(2-(O0JO|O)|-|-|-|-AA)V-|-|-|P|O
er_eld_ldmps_pargm_7 48 | 3 (39|10 (1167 |7 |10 -]0] - - -2 -10]0]0] - - - < - - - - D| O
er_eld_ldmps_pargm_9 4813|3910 |1|16|9 |7 |0 -|O|-|-|-|2[-]O0[]O]O]|-|-N“-|-|-|-/-/|p|o
er_eld_ldmps_pargm_12 48 (3 (39|11 |01 |16|12(7 |0 | -|O|-f-|-12-10]O0|O |-/ |-1-{-|-1-/-|1pP|O
er_eld_ldmps_pargm_15 4813|391 |0 |1|16|15|7 |0 -|O|-|-|-|2-[OJO[O™|-|-|-|-|-|-/-/p|oO
er_eld_ldmps_pargm_23 48 (3 (39|10 f1|16|23(7 |0 | -|O|-f-|-]|2-10}O0p0]|-(-|-1|-{-|-1-/-1P|O
er_eld_ldmps_8_ts 643 1(|39(1(0)0|8(23|7[0|-|0|-|-|-(2|-|%9(O0|JO]|-|-]-|{-|-1-{-1-1P|O
er_eld_ldmps_15_{s 4813|391 |1 |1|15|23|7 |0 -|O|-|-|-|2d-[0|O0|O)|-|-|-|-|-|-|-|-/p|oO
er_eld_ldmps_44khz 48 [ 4 (39|11 |0 (116|237 |0 | -|O0O|-|-|-AN2Sf-JOJO|O]|-f-|-|-f{-|-1--1P]|O
er_eld_ldmps_32khz 48 (539|110 (1)16]23(7 |0 |- |0 -|-N1|2(-]10jO0|O)-f-|-{-{-|-1-/-1pP|O
er_eld_ldmps_24khz 2416|391 (0| 1(16(23|7 [0 -0 -|S]-(2|-]0(O0O)JO)|-|-]-|{-|-1-{-1-1P|O
er_eld_ldmps_22khz 24 | 71391 (0| 1(16(23|7 [0 | -|Qf~|-|-(2]|-]0(O0O]JO)|-|-]-|-|-1-{-1-1]1pP|oO
er_eld_ldmps_16khz 2418|391 (0| 1(16(23|7 [0 | -0 -|-|-(2]|-]0f(O)JO)|-|-]-|{-|-1-{-1-1P|O
er_eld_ldmps_treg 5151 1281 3 |39 1|0 |1(16|23|0|O\NO|OfO|2|1)|2]|0fO0|O|OfO]|-|-|-|-|-]1-12(pP]|O
er_eld_ldmps_treg 5152 128 3 (39| 1|0 |1 |16|23(\ 0o |OfO|Of2(|1|2|0|0|2|O0|O|-|-|-|-|-1-([2|pP]|O
er_eld_ldmps_treq 525 1281 3 |39(2 0|1 (16|2342|0)0O|O0fO|2|1)|2]|0(0|O0O]|O0O[0O]|]1]|0|23]0(23|23]2(pP]|O
er_eld_ldmps_smdoth 128 3 (39| 1|0 |1 |1(23[{0|0|O0f(O0O|JO[2|1|2|0|0|O|O|O|-|-|-|-|-1-12]03]0
er_eld_ldmps_onelICC 128 3 |39 1| 0¢ 1416|230 0|1 |O0fO|2|1)|)2|0fO0|O|OfO]|-|-|-|-|-|-12(pP]|O
er_eld_ldmps_arbPmx 128 3 (39| 1|0 1 |16(|23[{0|O|Of1]|O|2(|1|2|0|O0OjO|O|O|-|-|-|-|-1-[2|pP]|O
er_eld_ldmps_quaptl 128 3 |39(\1/) 0 |1 (16|23 0|1 )|0O|OfO|2|1|2|0fO0|JO]|OfO]|-|-|-|-|-]1-12(pP]|O
er_eld_ldmps_quapt2 128|389 1 (0| 1|16(|23|]0|2|0|O0|O|2|1|2|0fO0Of|O|O|O]|-|-|-|-|-|-/2(|p|oO
er_eld_ldmps_shapeGes 12818313910 |1f16|23|0fO0|JO|OfO|2|1|2]|0(2|0]|O0(fO]|-|-|-|-|-|1-12(pP]|oO
er_eld_ldmps_shapeStp M8 3(39|1|0(|1(|16(|23[{0|0|O0OfO]|JO[2|1|2|0|1|O0|O|O|-|-|-|-|-1-[2|pP]|O
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8 Audio EP tool
8.1 Compressed data
8.1.1 Characteristics

Encoders may apply restrictions to the following parameters of the compressed datal:
8.1.1.1 AudioSpecificConfig

number_of predefined_set

inter|eave_type

bit_stuffing

numlber_of _concatenated_frame
numIer_of_class
length_escape

rate_pscape
crc_lén_escape
concatenate_flag

fec_type
termjnation_switch
inter]eave_switch
class|optional

number_of bits_for_length
class|length

class|rate

class| crclen
class|reordered_output
class|output_order
headpr_protection
headpr_rate

headpr_crclen

rs_fe¢_capability

8.1.1.2— Bitstreampaylead
None.
8.1.2 Testprocedure

Each compressed data shall meet the syntactic and semantic requirements specified in ISO/IEC 14496-3. This
subclause describes a set of semantic tests to be performed on decoder relevant data. The procedure to verify

T With respect to the AudioSpecificConfig, only parameters of ErrorProtectionSpecificConfig are mentioned. For all other
parameters please refer to the appropriate Clause 7.
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whether the syntax is correct is straightforward and therefore not defined in this subclause. In the description of
the semantic tests it is assumed that the tested compressed data contains no errors due to transmission or other
causes. For each test the condition or conditions that shall be satisfied are given, as well as the prerequisites or

conditions in

8.1.2.1

which the test can be applied.

AudioSpecificConfig

number_of predefined_set: Shall not be encoded with 0.

interleave_type: Shall not be encoded with 3.

bit_stuffing:

number_of
number_of ¢

number_of ¢

length_escape: No restrictions apply, as long as (number_of_concatenated_frame == 1)»0therwise length_es

shall be 0.

rate_escape
be 0.

crc_escape:
0.

concatenate

fec_type: Sh
either (fec_ty

termination|

interleave_s
by fec_type).

No restrictions apply.

oncatenated_frame: No restrictions apply, as long as no escape mechanism is used;"\Othe
bncatenate_frame shall be 1.

flass: No restrictions apply.

No restrictions apply, as long as (number_of_concatenated_frame==1). Otherwise rate_escape

No restrictions apply, as long as (number_of_concatenated, frame == 1). Otherwise crc_escape sh

| flag: No restrictions apply.

1l not be encoded with 3. Considering a class'with (fec_type == 2), the following class shall pr
pe == 2) or (fec_type == 1), but not (fec_type==0).

| switch: No restrictions apply.

witch: The same value shall be used for all classes that are protected by the same RS code (indi
No further restrictions apply:

class_optional: No restrictions apply.

number_of _bits_for_length: Norestrictions apply.

class_length|
class_rate: S

class_crclen

No restrictions apply.
hall be'less than 24 if (fec_type == 0). Otherwise no restrictions apply.

Shdall be in the range of 0 and 18.

'wise

cape

shall

a1l be

bvide

rated

class_output_order: shall be less than number_of class[i][j] element. Each value in the range of 0 and
number_of_class[i][j] shall occur exacly on times.

header_protection: No restrictions apply.

header_rate

: shall be less than 24 if (fec_type == 0). Otherwise no restrictions apply.

header_crclen: Shall be in the range of 0 and 18.

rs_fec_capability: No restrictions apply.
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8.1.2.2  Bitstream payload

rs_ep_frame(): The bit number shall be less than (1+ mux. Redundancy caused by FEC/100) x max. frame
length in the object including the profile and level.

rs_parity_bits: No restrictions apply.
interleaved_frame_mode1: No restrictions apply.

interleaved_frame_mode2: No restrictions apply.

stuffing_bits: No restrictions apply.
choige_of_pred: No restrictions apply.
choi¢e_of_pred_parity: No restrictions apply.
clasq attrib_parity: No restrictions apply.
clasg bit_count[j]: No restrictions apply.
clasq code_rate[j]: No restrictions apply.
clasg_crc_count[j]: No restrictions apply.

num| stuffing_bits: No restrictions apply.

(¢}

ep_ehcoded_class[j]: No restrictions apply.

8.2 ])ecoders
8.2. Characteristics

A conforming decoder may also support any of the modifications to the parameters in an audio compressed data
descyibed in Table 107.

Table 107 — EP tool parameter

Compressed data | Variation

Characteristic

Redundancy a decoder may support additional FEC beyond the minimums listel for its
profile and level

# stages'of interleaving a decoder may support additional # stages of interleaving beydnd the
minimums listed for its profile and level

8.2.2 Testprocedure

To test EP decoders, ISO/IEC JTC 1/SC 29/WG 11 supplies a number of test sequences. Supplied sequences cover
all object types defined in ISO/IEC 14496-3. Compressed data with (epConfig == 2 || epConfig == 3) is provided for
a subset of those test sequences used to test the individual audio object types. The test sequences are listed in
Table 108.

To be called an ISO/IEC 14496 EP decoder the same conformance criteria as described for the individual audio
object types have to be fulfilled. Furthermore, as already mentioned in Clause 4: The output of a conforming
decoder shall be similar independent of the used epConfig setting
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Table 108 — EP tool test sequences

Q
s | |E
403 g
s g g H
£ E 5 ?SI § 5 | =
HEHAE LSS B 4| 5| 2 Al : g | 3 < T B - -
= .| |d8egdddee 2| 5| S| E| | 2| g 2| G E g |5 £ |§E5
Sl 2|5 3Ea8s28 = | 8| 55 5| 22| 5| 2 p P R
R = o e e e o e R T B = : z e IR EE
8 Sl S 2|55 28] = g B 8 2 8 g G = S G G S| S |2 88
er_all |crcO1| -| 3| 1|1jt/| 1] O] 1| 1| 3 1,11 0,0,0 0,0,0 - 1,0,1 -,0,- - 0,1,0 10,10,14 - 0,0,0 152,0{ |0 - 0] -
0 7
er_all |crc02 3| 111p/| 1| 2| 1] 1{ 4| 1,1,1,1] 0,0,0,0| 0,0,0,0 -{ 0,101 0,,0,-|0,0,0,0| 0,0,1,0] 10,10,10,1 - 0,0,0,0 3,0,4,0( |0 -l 1] 2] 6
8 6 4 4
er_al2 |crc03| -| 3| 1|9¢5| 1) 2| 1{ 1| 7] 1,1,1,1,] 0,0,0,0,| 0,0,0,0, -{0,1,0,, 0,,0,-1]0,0,0,0]0,0,1,0,] 810,10,14, - 0,0,0,0, 5,6,7,0{]0 - o -] -
1 1,1,1 0,0,0 0,0,0 0,1,0 0,-,0 ,| 01,0 10,10,0 0,0,0 8,9,0
0,0,0
er_al2 |crc04| -| 3| 1|8f4| 1| 0| 1| 1{ 9{ 1,1,1,1,{ 0,0,0,0,| 0,0,0,0, -1 1,0,1,0,]-,0,-,0,-, -1 0,0,0,1,{ 8,10,10,10, -1 0,0,0,0,0,110,11,0,12,0] |0 - of -] -
3 1, 0, 0, 1,{ -0-0 0, 14, 0,0,0,0 13,0,14,0
1,1,1,1] 0,0,0,0| 0,0,0,0 1,0,1,0 0,0,1,0] 10,10:40,0
er_all |srcpc | -| 3| 1|1|t/| 1| 2| 1| 1| 3 1,11 0,0,0 0,0,0 - 0,0,0 0,00 20,1 0,1,0 10,10,0 - 8,0,0 15,16,0]|0 - of -] -
5 01 3
er_all |srcpc| -| 3| 1|1p/| 1| 2| 1| 1| 4| 1,1,1,1] 0,0,0,0] 0,0,0,0 - 0,0,0,0( 0,0,0,0(2,1,0,1{<0,0;1;0( 10,10,10,0 - 8,0,0,0 17,0,18,0( |0 -1 0] -] -
8 02 2
er_al2 |srcpc| -| 3| 1|9¥1| 1| 2| 1| 1{ 7{ 1,1,1,1,| 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,| 1,1,0,0,|2,2,0,3| 0,0,1,0,] 8,10,10,14, -1 11,10,0,0, 9,8,7,0]10 -l 11 1] 5
6 03 1,1,1f 0,0,0f 0,00 0,00 1,00 ,/] 01,0 10,10,0 9,0,0 6,5,0 7
2,0,1
er_ap2 |srcpc | -| 3| 1|8f0| 1| 2| 1| 1{ 9{ 1,1,1,1,{ 0,0,0,0,| 0,0,0,0, -1 0,0,0,0,} 1,0,0,0,|2,2,1,0 0,0,0,1,] 8,10,10,10, -l 7,6,5,0,0,/18,18,18,13/|0 - of -] -
7 04 1, 0, 0, 0, 0, ,3, 0, 14, 4,3,0,0 1
1,1,1,1) 0,0,0,0| 0,0,0,0 0,0,0,0( 0,0,0,0(2,1,0,1{ 0,0,1,0( 10,10,10,0 15,16,17,2,
er_adl|srsO1| -| 3| 1|7y4| 1| 2| 1| 1| 3 1,11 0,0,0 0,0,0 * 1,0,0 -0,0( 1,0,1 0,1,0 10,10,0 - 8,0,0 15,16,0| [0 - of -] -
15
er_apl|srs02 | -| 3| 1|9¢5| 1| 2| 1| 1| 4] 1,1,1,1] 0,0,0,0|(0,0,0,0 - 10,00 -1,1,0/1,1,0,1| 0,0,1,0] 10,10,10,0 - 8,0,0,0 17,0,18,0[ |0 - o -] -
4
er_ad2 |srs03 | -| 3| 1{ef3| 1| 2| 1| 1] 7| 1,1,1,1,].050;0,0,] 0,0,0,0, -[2,2,00, --0,0,]1,1,03]0,0,1,0,| 8,10,10,14, -l 9900, 9,8,7,0||1] 0,1,4,] of -| -
06 1,1514./0,0,0] 0,0,0 1,00 -0,0 | 010 10,10,0 9,0,0 650/ | 253,
1,0,1 6
er_ad2 |srs04 | -| 3| 1] |5| 1] 1| 1| 1}y9|11,1,1,] 0,0,0,0,| 0,0,0,0, -12,2,0,0, -{0,0,0,1,{ 8,10,10,10, -1 20,20,0,0,118,18,18,13|1| 0,1,5,[ 1| 1] 7
18 1, 0, 0, 0,] ,0,0,0, 0, 14, 0, 1) 2, 9
1,1,1,1] 0,0,0,0| 0,0,0,0 1,0,0,0] -0,0,0 0,0,1,0 10,10,10,0 20,0,0,0] 15,16,17,2 6,3,7,
4,8
er_acl |cplx0 | Of 3| 1 (NI 0] 1] 1] 3 1,1,1 0,0,0 0,0,0 - 0,0,0 1,1,1 - 0,1,0 10,10,0 - 24,23,0 1,2,3[]0 - of -] -
11 1
1 -{ 1{ 1} 1] 1y 7| 1,1,1,1,{ 0,0,0,0,{ 0,0,0,0, -12,2,0,0,] --1,0, -1 0,0,1,0,{ 8,10,10,14, -131,31,21,0 4,567 1|1 0,1,4,| Oof -| -
1,1,1f 0,0,0f 0,00 1,00 -0,1, 0,1,0 10,10,0 s 8,9,10 2,53,
31,19,0 6
er_acl |cplx0 | Of 3| 1 - 1{ 0] 1] 1] 9] 1,1,1,1,{ 0,0,0,0,{ 0,0,0,0, -1 0,0,0,0,] 0,0,0,0, -1 0,0,0,1,{ 8,10,10,10, -115,14,13,1|11,12,13,14) 1| 0,1,5,[ 0| -| -
23 2 1, 0, 0, 0, 0, 0, 14, 2,7, 15 2,
1,1,1,1| 0,0,0,0| 0,0,0,0 0,0,0,0] 0,0,0,0 0,0,1,0 10,10,10,0 10,9,11,2| 16,17,18,17 6,3,7,
4,8
1] 3] 1 -1 111191111, 0,00,0,] 0,0,0,0, -1 11,11, --m -1 0,0,0,1,{ 8,10,10,10, -l 0,1,2,3,4/16,15,14,13| 0 - 0] -] -
1, 0, 0, Ll -~ 0, 14, 56,78 12,
1,1,1,1) 0,0,0,0| 0,0,0,0 1,1,1,1 0,0,1,0| 10,10,10,1 11,10,9,8]
4
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er_ac2 |cplx0 | Of|3] 1 -1 1f 1} 1{ 1} 5/ 0,0,0,0,] 0,0,0,0,] 0,0,0,0, 0,0,0,0,{ 0,0,0,0, -10,0,0,0, -1 49,12,31,6 7,5,3,1,0 86,4,2,0 0 -1 0] -| -
11 3 0 0 0 0 0 0 4
11131 1 -1 1] 2] 1] 1] 4] 1,1,1,1| 0,0,0,0] 0,0,0,0 2,2,2,1 ----10,0,0,0{f 0,0,1,0] 10,10,10,1 -122,2222,2 7,6,5,4) 0 -1 0 -
4 2
21131 1 -1 10117111,/ 0,0,0,0,] 0,0,0,0, 2,2,2,2, -10,0,1,0,{ 8,10,10,14, - 0,0,0,0, ,1,2,3) 11 0,1,4,| Of -| -
1,1,1 0,0,0 0,0,0 2,21 0,1,0 10,10,14 0,0,0 4,5,6 2,5,3,
6
er_ac2 |cplx0 | 0]|3] 1 -1 1] 1] 1] 1] 5] 0,0,0,0,| 0,0,0,0,] 0,0,0,0, 1,1,1,1,] ----- -10,0,0,0, -1 6,13,20,49,| 7,5,3,1,0 9),531 0 -1 0] -| -
21 4 0 0 0 1 0 98
1(131 1 - 1f 1} 1f 19 7{ 1,1,1,1,] 0,0,0,0,] 0,0,0,0, 0,1,0,1,| 0,-,1,-, -10,0,0,1,] 8,10,10714, - 0,0,1,1, 789,10 1] 0,1,4,| Of -| -
1,11 0,0,0 0,0,0 0,1,0 1,-,0 0,1,0 10,10,0 22,34 13,14,15 2,5,3,
6
21131 1 -1 1] 211 9111,,/ 0,0,0,0,] 0,0,0,0, 2,211, -----11,1,1,3]0,0,0,1,] 8,10,10,10, -1 0,0,0,0,0,16,17J18,17) 1| 0,1,5,| O -| -
1, 0, 0, 1, 50, 0, 14, 0,0,0,0 16, 2,
1,1,1,1{ 0,0,0,0| 0,0,0,0 1,1,1,1 1,34,0| 0,0,1,0| 10,10,10,1 15,14,13,12 6,3,7,
4 4,8
er_ac3 |cplx0 | Of|2| 1 51 1 0] 1| 1] 2 0,0 0,0 0,0 0,0 0,0 - 0,0 - 64,192 0,0 8,0 0 -1 0] -| -
11 5
11131 1 51 1 0] 1 1] 3 1,1,1 0,0,0 0,0,0 2,1,0 -,-0 - 0,1,0 10,10,0 - 8,8,5 11,10,9 0 -1 0] -| -
21131 1 5] 1f 1| 1{ 1} 9| 1,1,1,1,] 0,0,0,0,| 0,0,0,0, 1,2,1,1,] - -10,0,0,1,{ 8,10,10,10, -111,11,17,1 8,1,6,50) 1| 8,7,6,] 0| -| -
1, 0, 0, 1, 0, 14, ,0, 11,2,3,4] 5,
1,1,1,1{ 0,0,0,0| 0,0,0,0 1,2,2,1 0,0,1,0] 10,10,10,1 19,19,19,2 4,3,2,
4 1 1,0
er_ac3 |cplx0 | Of|2| 1 6 1| 1| 1| 1| 2 0,0 Q0,0 0,0 0,0 0,0 - 0,0 - 80,400 6,6 8,8 0 -1 0] -| -
21 6
11131 1 6| 1| 2| 1] 1| 9] 1,1,154,] 0,0,0,0,| 0,0,0,0, 0,121,|1,-,--1,]3,3,1,1| 0,0,0,1,] 8,10,10,10, -1 6,6,1,1,1, 5,6,7,89/| 0 -1 0] -| -
1, 0, 0, 0, 0,--0 ,0, 0, 14, 8,3,3,0( 10,14,12,13
1,1,1,1] 0,0,0,0( 0,0,0,0 0,1,1,0 1,1,3,2] 0,0,1,0( 10,10,10,0
21131 1 6 1| O 4.1 7| 1,1,1,1,] 0,0,0,0,| 0,0,0,0, 2,1,1,2, -10,0,1,0,{ 8,10,10,14, -124,24,12,6(14,15|16,17) 1| 0,1,4,| O -| -
1,1,1 0,0,0 0,0,0 2,2,1 0,1,0 10,10,14 ) 18,6,0] 2,5,3,
12,6,6 6
er_tv0 -112| -1€ 5{*1| 0] 1| 1] 2 0,0 0,0 0,0 0,0 0,0 - 0,0 - 128,896 0,0 8,01 0 -l o] -] -
1
er_tv0 0| Z - SIITITIT I 2 0,0 0,0 0,0 0,0 0,0 - 0,0 - 156,200 6,0 8,0 0 -1 of -] -
2
11 2] -| 3| 1| 1| 1| 1|2 0,0 0,0 0,0 0,0 0,0 - 0,0 - 64,272 4,0 8,0 0 -1 0] -| -
21 21 -| 3] 1] 1] 1] 1|2 0,0 0,0 0,0 0,0 0,0 - 0,0 - 64,272 2,0 8,0 0 -1 0] -| -
er_ce0 3 -] -[4]o]1]1f1 0/ 0/ 0/ 0/ 0/ - 0/ - 2/ 8/ 5/ 0 ol -] -
0 /1 0,0,0,0,] 0,0,0,0,| 0,0,0,0, 0,0,0,0,{ 0,0,0,0, 0,0,0,0, 8,13,20,37,1 8,6,4,2,0 /| 5,6,7,8,0/
5 0/ 0/ 0/ 0/ 0/ 0/ 78/ 8/ 5
/ 0/ 0/ 0/ 0/ 0/ 0/ 23/ 8 5
1 0 0 0 0 0 0 8
/
1
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er_ce0 3 1| 1| 1 1} 5/ 0,0,0,0,] 0,0,0,0,| 0,0,0,0, -1 0,0,0,0,{ 0,0,0,0, -1 0,0,0,0, -| 4,9,12,31,6( 8,64,2,0 5,6,7,8,0[ |0 0
2 0 0 0 0 0 0 4
er_ce0 o3| -| |-]4|o|1|1f1 0/ 0/ 0/ - 0/ 0/ - 0/ - 2/ 8/ 5/
6 /10,0,0,0,] 0,0,0,0,| 0,0,0,0, 0,0,0,0,| 0,0,0,0, 0,0,0,0, 7,11,16,39,| 8,6,4,2,0./4)5,6,7,8,0 /|
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/
1
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/ 0 0 0 0 0 0 60 0 8
1
2| 3 20| 1| 1|0 - - -/ -/ -/ 0/ / -
/ 0 0 0 0 0 0 60 0 8
1
3| 3 310| 1| 1] 0 - - - - - 0/ -/
Y Y Y 'Y o/ o/ 0/ 320/ 0/ 10/
1 21 0 5
/
1
er_ce0 A3 - -5l o 11| 2] oy oyl oyl NGy 0y | oy - 2/ 8/ 5/
9 /10,000, 0,0,0,0,] 0,0,0,0, 0,0,0,0,] 0,0,0,0, 0,0,0,0, 21,14,19,39| 8,64,2,0 /| 567,80/
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/1 0,0,0,0,] 0,0,0,0,| 0,000, 0,0,0,0,] 0,0,0,0, 0,0,0,0, 6,8,9,26,75 8/ 5/
5| o/l oy|C oy o/ oy 0/ / 8 5
/N o/l w0/l oy o/ oy 0/ 40/
1 0, 0 0 0 0 0 8
/
1
er_cel - 3] - -l 2| 1] 1] 14 5}.0,0,0,0,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,{ 0,0,0,0, -1 0,0,0,0, 34,18,26,21| 8,6,4,2,0 /| 5,6,7,8,0 /|
3 / 0/ 0/ 0/ 0/ 0/ 0/ 63/ 86420 56,780
5] 0,0,0,0,| 0,0,0,0,] 0,0,0,0, 0,0,0,0,| 0,0,0,0, 0,0,0,0, 19,12,16,8,
0 0 0 0 0 0 61
er_cel -1 3] - 1410111111 0/ 0/ 0/ - 0/ 0/ - 0/ - 2/ 8/ 5/
5 /1 0,0,0,0,] 0,0,0,0,| 0,0,0,0, 0,0,0,0,| 0,0,0,0, 0,0,0,0, 50,30,42,29] 8,6,4,2,0 /| 5,6,7,8,0 /]
s| oy o/l oy o/ oy 0/ 131/ 8/ 5/
Y Y Y 'Y o/ oy 0/ 40/ 8 5
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er_cel -[I3] - sl of 1] 1| 1 0/ 0/ 0/ - 0/ 0/ - 0/ - 2/ 8/ 5/ 0 o| -| -
8 /1 0,0,0,0,] 0,0,0,0,| 0,0,0,0, 0,0,0,0,1 0,0,0,0, 0,0,0,0, 60,36,50,33| 8,6,4,2,0./] | 5,6/7,8,0/
5 0/ 0/ 0/ 0/ 0/ 0/ ,163 /| 8,6420 7 564,80/
/1 0,0,0,0,] 0,0,0,0,| 0,0,0,0, 0,0,0,0,1 0,0,0,0, 0,0,0,0, 45,30,40,20 8/ 5
5 0/ 0/ 0/ 0/ 0/ 0/ 161/ 8 5
/I o/l oyl oy 0o/l o/ 0/ 0.y
1 0 0 0 0 0 0 8
/
1
er_hv0 |crc -112| - 1| o] 1| 2{ 4] 0,0,0,0/ 0,0,0,0{ 0,0,0,0 1,0,] 0,0,0,0] 0,0,0,0 -1 0,0,0,0 - 22,44,10 0,0,0,0 b,1,1,0 0 o] -| -
3 0,1
er_hvO0 |crc -112| - 1| o 1} 2{ 5] 0,0,0,0,] 0,0,0,0,{ 0,0,0,0, 1,1,0,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0, -l 33,22,44,1| 0,0,0,0,0 6,6,1,1,0 0 o] -| -
4 0 0 0 0,1 0 0 0 7
er_hvO0 |fec -112| - 1| 2| 1| 2| 4] 0,0,0,0] 0,0,0,0| 0,0,0,0{ 1,0,0,| 0,0,0,0] 0,0,0,0{2,3,33| 0,0,0,0 - 22,4410 8,0,0,0 b,1,1,0[ 0 o] -| -
3 1
erhvo[fec | -||2| - 1| 2| 1| 2| 5] 0,0,0,0,| 0,0,0,0, 0,0,0,0,| 1,1,0,| 0,0,0,0,{ 0,0,6,0,[2,3,3,3] 0,0,0,0, -| 33,22,44,1| 80,000 651,10 0 of -| -
4 0 0 0 0,1 0 0 3 0 7
er_bs0 1,1,1,1,] 0,0,0,0,| 0,0,0,0, 0,0,007}0,0,0,0, 0,0,0,0,| 7,11,10,10, 20,168, 710,10,
1 -113[ 1 1 1] 1{ 11 6 1,1 0,0 0,0 - 0,0 0,0 - 0,0 10,0 - 0,0,0 14,10,10( 0 o -| -
er_bs0 1,1,1,1,] 0,0,0,0,] 0,0,0,0, 0,0,0,0,] 0,0,0,0, 0,0,0,0,1 7,11,10,10, 20,16,8, 7110,10)
2 -113 1 1{ 1] 1{ 11 6 1,1 0,0 0,0 - 0,0 0,0 - 0,0 10,0 - 0,0,0 14,10,10( 0 o] -| -
er_bs0
3
0113 1 1 1] 1f 11 2 1,1 050 0,0 - 0,0 0,0 - 0,0 8,0 - 20,16 7,10 0 o] -| -
(131 1 1| 1] 1| 1{ 4] 1,1,1,11,06,0,0,0{ 0,0,0,0 -1 0,0,0,0{ 0,0,0,0 -1 0,0,0,0] 11,11,11,0 8,0,0,0( 10,1d,10,10] O o] -| -
er_bs0
4
0113 1 1| 1] 1f 1[.2 1,1 0,0 0,0 - 0,0 0,0 - 0,0 10,0 - 20,16 7,10 0 o] -| -
(131 1 1 1] 4f 142 1,1 0,0 0,0 - 0,0 0,0 - 0,0 11,0 - 8,0 10,10 0 o] -| -
21131 1 NI 1] 1 1 0 0 - 0 0 - 0 0 - 0 10| 0 o] -| -
3(13] 1 1] 1] 1f 1 1 0 0 - 0 0 - 0 0 - 0 10[ 0 of -| -
er_bs0
5
0| 37T I I If If 2 1,1 0,0 0,0 - 0,0 0,0 - 0,0 10,0 - 20,16 7,101 0 o] -| -
11 311 111 1{ 111 1 0 0 - 0 0 - 0 0 - 8 10| 0 o] -| -
2131 111 1{ 111 1 0 0 - 0 0 - 0 0 - 0 10| 0 o] -| -
3131 111 1{ 111 1 0 0 - 0 0 - 0 0 - 0 10| 0 o] -| -
41 3] 1 111 1{ 111 1 0 0 - 0 0 - 0 0 - 0 10| 0 o] -| -
er_bs0
6
0] 31 1| 1] 1f 11 2 1,1 0,0 0,0 - 0,0 0,0 - 0,0 10,0 - 20,16 7,10 0 o] -| -
1| 31 1 1| 1] 1f 11 2 1,1 0,0 0,0 - 0,0 0,0 - 0,0 11,0 - 8,0 10,10 0 o] -| -
21 3|1 1| 1] 1 11 2 1,1 0,0 0,0 - 0,0 0,0 - 0,0 11,0 - 0,0 10,10[ 0 o -| -
er_bs0 131 1| 1| 1| 1{ 6| 1,1,1,1,| 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,| 0,0,0,0, -10,0,0,0,| 7,11,10,10, -] 20,16,8,0,|7,10,10,10,1| 0 of -| -
7 11 00| 00 00/ 00 0,0 10,0 0,0 0,10
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8 11 00| 00 00[ 00 0,0 10,0 0,0 0,10
er_bs0 31| || 1] 1| 1| 1] 6] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 10,14,9,13, -[ 200,16, ()10710,9)[0 o -| -
9 11 00| 00 00[ 00 0,0 10,0 0,80 *10,10,10
er_bsl 13 1| || 1] 1| 1| 1] 4| 1,1,1,1| 0,0,0,0] 0,0,0,0 -] 0,0,0,0{ 0,0,0,0 -] 0,0,00] 10,14,9,0 - 20026/ 10,109][0 o -| -
0 0 10
er_bsl 3] 1| || 1] 1] 1| 1] 9] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 10,14,9,13, +1120,0,16,0,| 10,10,9,10] [0 o -| -
1 1, 0, 0, 0, 0, 0, 9,10,13,10, 0,8,0,8,0(8,10,10,10,1
1,1,1,1| 0,0,0,0| 0,0,0,0 0,0,0,0| 0,0,0,0 0,0,0,0 0 0
erhi2 |erc | | 3| 1] | -| 1] of 1] 1| 5] 1,1,1,1,] 0,0,0,0,| 0,0,0,0, -1 0,0,0,0,| 0,0,0,0, -10,0,0,0, 6,8,12,12,0 -| 000,00| 69121240 o| | -
6 1 0 0 0 0 1
erhi2 |erc | | 3| 1] | -| 1] of 1] 1| 5] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,| 0,0,0,0, -1 0,0,0,0,] 6,812:12,0 -| 000,00| 69121240 o -| -
7 1 0 0 0 0 1
erhi2 [ere | - 3| 1] | -| 1| o] 1| 1| 5] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 0,0,0,0, -] 0,0,000,| 6,8,12,12,0 -| 0,0,0,0,0| 69,12,124][0 o -| -
8 1 0 0 0 0 1
erhi2 [ere | - 3| 1] | -| 1| o] 1| 1| 5] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 0,0,0,0, -1'0,0,0,0,] 6,8,12,12,0 -| 0,0,0,0,0| 69,12,124][0 o -| -
9 1 0 0 0 0 1
erhi2 [fec | -[ 3| 1| | -| 1| 1] 1| 1| 5] 1,1,1,1, 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 0,0,0:0! -1 0,0,0,0,] 6,8,12,12,0 -| 84200| 69,12,124][0 o -| -
6 1 0 0 0 0 1
erhi2 [fec | -[ 3| 1| | -| 1| 1] 1| 1| 5] 1,1,1,1, 0,0,0,0,] 0,0,0,0, -] 0,0:6,0%] 0,0,0,0, -1 0,0,0,0,] 6,8,12,12,0 -| 84200| 69,12,124][0 o -| -
7 1 0 0 0 0 1
erhi2 [fec | -[ 3| 1| |-| 1| 1] 1] 1| 5] 1,1,1,1,] 0,0,0,0,] 0,0,0,0, 21 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 6,8,12,12,0 -| 84200| 69,12,124[0 o -| -
8 1 0 0 0 0 1
erhi2 [fec | -[ 3| 1| | -| 1| 1] 1] 1| 5] 1,1,1,1,] 0,0,0,0,| 0,0:0:0; -1 0,0,0,0,] 0,0,0,0, -1 0,0,0,0,] 6,8,12,12,0 -| 84200| 69,12,124[0 o -| -
9 1 0 0 0 0 1
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9 Audio Composition
9.1 AudioBIFS v1
9.1.1 General

This Clause defines the conformance of audio composition using AudioBIFS nodes as defined in ISO/IEC 14496-11
(Scene description and application engine). The nodes that are related to audio composition in BIFS are:
AudioSource, Sound, Sound2D, AudioClip, AudioBuffer, AudioFX, AudioMix, AudioSwitch, AudioDelay,
TransformZD Transform3D and Listening Point. Nodes that have conformance pomts have to be tested with the
Null pbje ' IS5 de : shall be used
for tpsting Speech and Scalable Audio Profiles. The Structured Audio decoder shall be used, fof testing the
Syntlhetic and Main Audio Profiles. At least three identifiable test signals per decoder are neéded ih order to be
able to test the functionality of some nodes (e.g., AudioSwitch, AudioMix).

9.1.1.1 Complexity issues in AudioBIFS nodes

The following parameters have been identified to bound audio composition,_complexity. Table 109 gives an
overyiew of possible restrictions:

Table 109 — BIFS complexity restrictive-parameters

Audio Feature Restrictive parameters Remarks

BI|FS Field Update Maximum reaction time, until a BIFS field
update is achieved

AudioMix, Maximum width, maximum¢depth of the

AudioSwitch, sub-tree, click-free switching

AudioSource

AudioDelay, Total buffer memory,cli¢k-free delay

AydioClip,

AudioBuffer

Sdmple Rate Total conversion processing power, sample-

Cgnversion rate convefsion ratios.

AudioFX According to the restrictions of SA approved | According to SAOL level|definition
bythe*Audio group. based on the complexity metrics.

Sdund, Sound2D #spatialized

Parameter definitions:

e Depth of @n audio sub-tree: maximum number of consecutive nodes from the output of a AudioSource or
AudioClip:node to the input of a Sound/Sound2D node.

e Width of audio sub-tree: maximum number of parallel channels from the output of an AuflioSource or
uvdioClipnodetothe-inputofa Cn--nA/ICnunA')n node-

rroatroorr PTroat—ocapT =

e Total Memory Buffer: an amount of memory needed to store samples shared between the different
AudioDelay, AudioClip and AudioBuffer nodes present in a scene according to the formula:

Total Memory = SUM(NbChannels(j)*NbBufferedSamples(j))

where: jis the considered node,
NbChannels is the number of channels for this node
NbBufferedSamples = Delay(j)*SamplingFrequency(j)

e Reaction Time of a BIFS field update is the maximum time in msec. until the changes is audible .
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present in a scene according to 1.5.2.2 of ISO/IEC 14496-3: Complexity Units

e Spatializable Object types: number of possible spatialized channels

e AudioFX:see 7.15

e Reaction Time of a BIFS field update: the maximum time in msec. until the changes is audible.

9.1.1.2

Levels for Systems Audio Scene Graph Profile

Following these considerations, audio composition Levels are defined in Table 110.:

Table 110 — Systems Audio Scene Graph Profile Levels

Audio Pgrameter Level 1 Level 2 Level 3 Level 4
Reaction fime 64 32 32 16
[msec]

Width 8 32 64 128
Depth 1 4 6 8
Click free|fadings N Y Y HQ
Total memory 256 ksamples 512 ksamples 2 Megasamples 6 Megasamples
buffer (2s for 64 channels|at
48 kHz)
SR Conversion 1 INT any ‘allowed ratio any allowed ratip
ratio
Total Conyersion 0 16 PCU 64 PCU 128 PCU
Processing Power (sampling rate
conversion is

forbidden)
AudioFX Very Low Complexity | Low Cemplexity | Medium Complexity | High Complexity

(Table 87) (Table 87) (Table 87) (Table 87)
Spatialization 0 4 16 32

9.1.1.3 C¢mposition unit inputs
Table 111 — Composition unit inputs
Bitstream Type Bitstream Specification / Audio Profile
Main Speech Scalable Synthetic

Null Object Type (optienal)

CU1_Px-CU4_Px

CU1_Px-CU4_Px

CU1_Px-CU4_Px

CU1_Px-CU4_Px

CELP decdder

CU1_Cx-CU4_Cx

CU1_Cx-CU4_Cx

SA decodefr

CU1_Sx-CU4_Sx

CU1_Sx-CU4_Sx

The bitstream inputs described in Table 111 are defined as follows:

CU1_Px

Composition Unit Input PCM: 440 Hz sine, length 5 seconds + silence, length 1 second + 880 Hz sine,

length 5 seconds + silence, length 1 second; sampling rate CU1_Pa 8 kHz, CU1_Pb 16 kHz, CU1_Pc 22.050 kHz

CU2_Px

kHz, CU2_Pb 16 kHz, CU2_Pc 22.050 kHz

CU3_Px

length 1 second; sampling rate CU3_Pa 8 kHz, CU3_Pb 16 kHz, CU3_Pc 22.050 kHz
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CU4_Px

Composition Unit Input PCM: 440 Hz square wave, length 5 seconds + silence, length 1 second + 880

Hz square wave, length 5 seconds + silence, length 1 second, + 1760 Hz square wave, length 5 seconds + silence,

length 1 second; sampling rate CU4_Pa 8 kHz, CU4_Pb 16 kHz, CU4_Pc 22.050 kHz

CU1_Cx
length 5 seconds + silence, length 1 second; sampling rate CU1_Ca 8 kHz, CU1_Cb 16 kHz

CU2_Cx

Composition Unit Input CELP: 440 Hz sine, length 5 seconds + silence, length 1 second + 880 Hz sine,

Composition Unit Input CELP: 440 Hz to 880 Hz linear sinesweep, length 5 seconds + silence, length

1 second + 440 Hz to 1760 Hz linear sinesweep, length 5 seconds + silence, length 1 second; sampling rate CU2_Ca

8 kHz, CU2_Cb 16 kHz

CU3_[x
length 1 second; sampling rate CU3_Ca 8 kHz, CU3_Cb 16 kHz

CU4
Hz s
leng

X Composition Unit Input CELP: 440 Hz square wave, length 5 seconds + silence;length 1
1 second; sampling rate CU4_Ca 8 kHz, CU4_Cb 16 kHz

Cu1
leng

X Composition Unit Input SA: 440 Hz sine, length 5 seconds + silence,length 1 second +
5 seconds + silence, length 1 second; sampling rate CU1_Sa 8 kHz, CU1/Sb 16 kHz, CU1_Sc 22.0

Ccu2
seco
kHz,

X Composition Unit Input SA: 440 Hz to 880 Hz linear sinesweep, length 5 seconds + sile
d + 440 Hz to 1760 Hz linear sinesweep, length 5 seconds + silenie; length 1 second; sampling
CU2_Sb 16 kHz, CU2_Sc 22.050 kHz

CU3 |
lengt

Sx Composition Unit Input SA: 440 Hz to 880 Hz-legarithmic sinesweep, length 5 secor
h 1 second; sampling rate CU3_Sa 8 kHz, CU3_Sb 16 kHz,"CU3_Sc 22.050 kHz

CU4 |
Hz sq
lengt

Sx Composition Unit Input SA: 440 Hz square wave, length 5 seconds + silence, length 1
Juare wave, length 5 seconds + silence, length'd’ second, + 1760 Hz square wave, length 5 seco}
h 1 second; sampling rate CU4_Sa 8 kHz, CU4.Sb 16 kHz, CU4_Sc 22.050 kHz

CELR
with

composition units are encoded as in formats 0 and 14 of this standard, i.e. 8 kHz bitstreams
MPE, FRC set to off at 8300 bps, 16kHz bitstreams are encoded with RPE, FRC set to on at 22000

Audip bitstreams for the defined.cemposition units are test sequences available at https://standard

Composition Unit Input CELP: 440 Hz to 880 Hz logarithmic sinesweep, length 5 secohds + silence,

second + 880

uare wave, length 5 seconds + silence, length 1 second, + 1760 Hz square wave, length 5 secopds + silence,

880 Hz sine,
50 kHz

nce, length 1
ate CU2_Sa 8

ds + silence,

econd + 880
hds + silence,

are encoded
bps.

s.iso.org/iso-

iec/14496/-26/ed-2/en/.

9.1.144 Compositoreutput
The
PCM
of 24
label

utput of the audio compositor will be investigated for conformance, and shall be a single outp
audio streafn The test CU sequences have a precision of 32 bits, but they can be converted to a
bits, whene the most significant bit (MSB) will be labeled bit 0 and the least-significant bit
bd bit.23>The output signal of the decoder under test is required to be in the same format. In the
outptit of the decoder has a precision of P' bits and if P' is smaller than 24, then the output is extend

ut, N channel
precision (P)
[LSB) will be
case that the
ed to 24 bits

by sdtting bit P’ through bit 23 to zero. In the next step, the difference (diff) of the samples of these

ignals has to

be calculated. Every channel of a multichannel bitstream shall be tested. The total number of samples for each
channel is N. A more precise description of the output format is 7.2.2.116 (Sound) and 7.2.2.117 (Sound2D) of
ISO/IEC 14496-11.

Audio composition is tested for Conformance as described in the following 9.1.3 to 9.1.10. Test scenes are defined
using composition units described in 9.1.1.3 with identifiers like CUN_Yx. N is a specified number from 1 to 4; Y
and x, when not specified, shall be selected according to the Audio Profile@Level, Y as in 9.1.1.3, x according to the
maximum sampling-rate supported by the same Audio Profile@Level.

EXAMPLE — CU2_Yx: in Main Profile this means CU2_Sc (Structured Audio at 22.050 kHz) and (optionally) CU2_Pc.
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9.1.2 Common audio composition characteristic

Common audio manipulations are operations that occur when presenting or modifying single or multiple
elementary audio streams. Such operations are BIFS field changes, audio source switching, audio level changing,
sample rate conversion etc.

9.1.2.1 BIFS field change reaction time

Audio node fields like pitch or speed in the AudioSource node or intensity or location in the Sound node may be
changed interactively during the playback time. It is strongly recommended that these changes are audible at least

20 ms after the field has been changed. This time shall be measured from the instant when the change is detected
by the MPEG{4 Terminal unfil the instant when a change in the PCM output is measured.

9.1.2.2  Auyudio switching and level changes

Any hard sw
the broadbar
but is in gene

One solution
practice in p

tching or -level changing of audio signals will always cause perceived audible clicks and pops due to
d character of the step function. This effect may be tolerable in some low qualitygame applications,
ral not acceptable.

can be for implementations to smooth transitions by means of cross fade functions, which is co
rofessional audio workstations or digital mixing consoles. The duration is usually around (1

mon
.40)

msec.

without crossfade with crossfade

a) switch

Figure 15 — Click free switch and mix

The above explained cross fade ‘applies to the nodes AudioSource, AudioMix, AudioSwitch, and AudioClip.

d

9.1.2.3 S3mple rate conversion

If the variou
lengths of the
brought into
rate of the in

5 children-of a Sound/Sound2D node do not produce output at the same sampling rate, theh the
output buffers of the children do not match, and the sampling rates of the children's’ output sh
alignment in order to place their output buffers in the input buffer of the parent node. The sa

hll be

the children shall be resampled to be at this sampling rate. The particular method of resampling is non-normative,
but the quality shall be close in accuracy to the DAC that the signal is targeted for, i.e. according to the rule dB SNR
= 6 * (nbits -1), where nbits is the number of bits corresponding to the maximum bit depth of any of the signals
being so converted and/or composited. Aliasing artifacts may be at this level of signal-to-noise ratio. The noise
level due to arithmetic accuracy and other uncorrelated noise sources should be below the rule dB SNR = 6* nbits.

Content authors are advised that content which contains audio sources operating at many different sampling rates,
especially sampling rates which are not related by simple rational values, may produce scenes with a high

computational complexity.

The output sampling rate of a node shall be the output sampling rate of the input buffers after this resampling
procedure is applied.
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EXAMPLE — Suppose that node N has children M1 and M2, all three audio nodes, and that M1 and M2 produce output at S1
and S2 sampling rates respectively, where S1 > S2. Then if the decoding frame rate is F frames per second, then M1’s output
buffer will contain S1/F samples of data, and M2’s output buffer will contain S2/F samples of data. Then, since M1 is the faster
of the children, its output buffer values are placed in the input buffer of N. The output buffer of M2 is resampled by the factor
S1/S2 to be S1/F samples long, and these values are placed in the input buffer of N. The output sampling rate of N is S1.

9.1.3

9.1.3

AudioSource and Sound2D

Ad BIFS fields characteristic

The pitch and speed change factors are restricted, if the url points to an HVXC object descriptor type.

peed change factor: A possible variation is from 0.5 to 2.0 (defined as spd in ISO/IEC 14496-3)'s

ibpart 2, 5.5).

e pitch change factor: A possible variation is from 0.5 to 2.0 (defined as pch_mod in ISO/IEE,14494-3, subpart 2,
1.3).

9.1.3.2 Procedure to test AudioSource node

Testing the AudioSource+Sound2D Scene shall be performed:

by |comparing the output of a decoder under test with ,a'\-reference output available at

https://standards.iso.org/iso-iec/14496/-26 /ed-2/en/ using the procedure¢ RMS measurement (7.1.2.2.1). This

test qnly verifies the computational accuracy of an implementation (Test scenes AB0O01 to AB004);

by cdmparing the output of a decoder with the output of the samedecoder in different instants of titne along the

sequence. To be called an ISO/IEC 14496-1 audio systems decoder, the decoder shall produce an output that

changes in time according to position changes described in'the scene. In test scenes AB005 to ABOO$ measurable

changes shall be produced in the output of the decodertevery 0.5 seconds, the time interval among position

changes in the scene. This test verifies the spatial capabilities of the decoder.

9.1.3.3  Audio BIFS test scenes

ABO01 One AudioSource node connected4o one Sound2D node with default fields, except spatia

AB002, AB003, AB004 The same as;AB001, with CU2_Yx, CU3_Yx, CU4_Yx as inputs, respectively.

ABO005 One AudioSource node connected to one Sound2D node with default fields, except lo
CU1_Yx as input.The sound position describes a line in front of the listener, moving from
azimuth. The (location field is updated every 0.5 seconds and the source is moved by 15
right at eachapdate. The test stops 0.5 second after the 45° position has been reached.
ABO006 Thessame as AB0O5 using CU4_Yx as input.

Temjplate(tojcode BIFS scenes:

using CU1_Yx as input.

lize = FALSE,

cation, using
45° to 45° in
from left to
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Sound2D{
AudioSource{
url 2
pitch 1
speed 1
NumChan 1
PhaseGroup [0]
}
intensity 1.0
location 0,0
spatialize FALSE
}

Figure 16 — AB001: Sound2D has AudioSource as input.
Object descriptor with id 2 is referred to as the input audio stream (e.g. CU1).

For sequencgs AB0OO1 to AB0O6 as listed in Table 112 the URL:https://standards.iso.org/iso-iec/14496/-2¢/ed-
2/en/ provides both a normative MP4 file and a textual parametric source like in the template of Figure 16, [to be
encoded by the decoder provider using the specific input.€U and either the reference encoder or an equivalent.

For sequencdgs ABOO1 to AB004 https://standards.iso.org/iso-iec/14496/-26/ed-2 /en/ provides reference ofitput.

Table 112 — AudioBIFS test sequences

File Name ABO00Z AB002 AB003 AB004 AB005 AB006
Conterft BIFS BIFS BIFS BIFS BIFS BIFS
Bitstream from a source (url) Cu1 Cu2 CU3 CU4 Cu1 Cu4

9.1.4 AudipSource and sound

9.14.1 BIFS fields characteristic

The pitch and speed'change factors are restricted, if the url points to an HVXC object descriptor type.

,5.5).

e pitch change factor: A possible variation is from 0.5 to 2.0 (defined as pch_mod in ISO/IEC 14496-3, subpart 2,
5.3).

9.1.4.2 Procedure to test AudioSource node
Testing the AudioSource+Sound Scene shall be performed:
by comparing the output of a decoder under test with a reference output available at

https://standards.iso.org/iso-iec/14496/-26 /ed-2/en/ using the procedure RMS measurement (7.1.2.2.2). This

test only verifies the computational accuracy of an implementation (Test scenes AB011 to AB014);
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by comparing the output of a decoder with the output of the same decoder in different instants of time along the
sequence. To be called an ISO/IEC 14496-1 audio systems decoder, the decoder shall produce an output that
changes in time according to position changes described in the scene. In test scenes AB015 to ABO16 measurable
changes shall be produced in the output of the decoder every 0.5 seconds, the time interval among position
changes in the scene. This test verifies the spatial capabilities of the decoder.

9.14.3 Audio BIFS test scenes

AB011 One AudioSource node connected to one Sound node with default fields, except spatialize = FALSE, using
CU1_Yx as input.

ABO012Z,AB013, AB014 The same as ABUTT, with CUZ_Yx, CU3_Yx, CUZ_Yx as inputs, respectively.

ABO015 One AudioSource node connected to one Sound node with default fields, except loeation, fising CU1_Yx
as input. The sound position describes an arch at a distance of 2 meters from thedistener, moving from -
60° to 60° in azimuth. Heigth is constant at 2 meters for both, the Sound location and ListeningPoint.
The location field is updated every 0.5 seconds and the source is moved by 15%clockwise at|each update.

AB016 The same as AB005 using CU4_Yx as input.

For dequences AB011 to AB016 as listed in Table 113 the URL https://standards.iso.org/iso-iec/14496/-26/ed-
2/en provides both a normative MP4 file and a textual parametric souree, to be encoded by the decqder provider
using the specific input CU and either the reference encoder or an(equivalent. For sequences ABO11 to AB014

https://standards.iso.org/iso-iec/14496/-26 /ed-2/en/ provides reference output.

Table 113 — AudioBIES \test sequences

File Name ABO011 ABOQ12 ABO013 AB014 ABO015 ABO16
Content BIFS BIFS BIFS BIFS BIFS BIFS
Bitstream from a source (url) Cu1 Ccuz CU3 Cu4 CU1 CU4

9.1.5 AudioClip

9.1.5.1  BIFS fields characteristic
Nond.
9.1.5.2 Procedure totest AudioClip node
Testipg the AudioClip‘node shall be performed by comparing the output of a decoder under test with a reference
outpyit available~" at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/ using the prodedure RMS

meadqurement\(7.1.2.2.2). (Test scenes AB021 to AB024).

9.1.5.3 Audio BIFS test scenes

AB021 One AudioClip node, using CU1_Yx as input, connected to one Sound2D node with default fields, except
spatialize = FALSE.

AB022 The same as AB021, with CU2_Yx as input.

AB023 One AudioClip node, using CU3_Yx as input, connected to one Sound node with default fields, except
spatialize = FALSE.

AB024 The same as AB023, with CU4_Yx as input.
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For sequences AB021 to AB024 as listed in Table 114 the URL https://standards.iso.org/iso-iec/14496/-26/ed-
2/en/ provides a normative MP4 file, a reference output and a textual parametric source, to be encoded by the
decoder provider using the specific input CU and either the reference encoder or an equivalent.

Table 114 — AudioBIFS test sequences

File Name AB021 AB022 AB023 AB024
Content BIFS BIFS BIFS BIFS
Sequence from a source (url) CU1 Cuz CU3 CU4

9.1.6 Audi

See also 9.1.7
at Level 1 (se

9.1.6.1 B
None.
9.1.6.2 P

Testing the A

pSwitch

.2. Conformance Test of the click free capability of the AudioSwitch node is not requiredfordec
quence AB031).

FS fields characteristic

ocedure to test audio node

udioSwitch Scene for click free capability shall be performed by ealculating the absolute value

DFT of the o

frequency inferval between 400Hz and 1kHz. The full length DFT of the output samples is calculated ay

}

absolute val
component if
that the desd
380-400 Hz

Testing the
reference o

3

Awidio BIFS test scenes

tput sequence AB031 (second 7 to 8) described later. It is defined as the pass band of the sign

e is taken in the interval from 0-sampling rate/2, and‘the values are rescaled so that the
1. To be called an ISO/IEC 14496-1 audio systems dé€coder, the decoder shall provide an output
ribed absolute value is not greater than -20 dB imnthe two frequency intervals from 1-1.05 kH

AudioSwitch node shall be performed by“comparing the output of a decoder under test W
put available at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/ using the procedure
(7.1.2.2.2). (Test scenes AB032 to AB033).

0 AudioSource nodes conhetted to one AudioSwitch node with default fields and to a Sound2D,
ult fields (except spatialize at FALSE) using as inputs CU1 directly and CU1 followed H
ioDelay node inserting a delay of 7 seconds. Switching is performed at a rate of 40 Hz, for 1 se
I second 7 to second 8 in performance time. The resulting output has a number of saj
responding totheé sampling rate.

o AudioSource nodes connected to one AudioSwitch node with default fields, whichChoice ini
to [1.0}-and to a Sound2D with default fields (except spatialize at FALSE) using as inputs CU1_Y:
D_Yx:Switching whichChoice to [0 1] is performed after 5.5 seconds.

5% of the pass band extremities) and not greaterthan -40 dB outside these two transition bands.

ders

f the
] the
d its
peak
such
7. and

ith a
RMS

with
y an
rond,
nples

tially
k and

measureme
9.1.6.3
AB031 Tw
def
Au
fro
colf
AB032 Tw
set
(010
AB033

The same as AB032, with CU3_Yx and CU4_Yx as inputs.

For sequence AB031 as listed in Table 115 at the URL https://standards.iso.org/iso-iec/14496/-26/ed-2/en/
provides both a normative MP4 file and a textual parametric source, to be encoded by the decoder provider using
the specific input CU and either the reference encoder or an equivalent.

For sequences AB032 and AB033 as listed in Table 115 the URL https:

standards.iso.or

iso-iec/14496/-26/ed-

2/en/ provides a normative MP4 file, a reference output and a textual parametric source, to be encoded by the
decoder provider using the specific input CU and either the reference encoder or an equivalent.
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Table 115 — AudioBIFS test sequences

File Name ABO031 AB032 AB033
Content BIFS BIFS BIFS
Sequence 1 from a source (url) Cu1 CU1 CU3
Sequence 2 from a source (url) Cu1 cuz Cu4

9.1.7 AudioMix and sampling rate conversion

See also 9.1.2.2. Testing of the Sampling Rate conversion is not required for Level 1 decoders. Testing of non

integ

9.1.7

Nond.

9.1.7

Testi
test

proc
proc
the §
outp
= 6 *
being
integ

Sequ
9.1.7

ABO

ABO/

ABO

For 4

er ratios for Sampling Rate conversion is not required for Level 1 and Level 2 decoders

.1 BIFS fields characteristic

.2 Procedure to test AudioMix node and SR conversion

hg the AudioMix and SR conversion scene shall be performed by comparing the output of a d
with a reference output available at https://standards.iso.org/ise-iec/14496/-26/ed-2/en
bdure described in 9.1.2.3 “Sampling Rate conversion. Software isprovided for performing thi
bdure. To be called an ISO/IEC 14496-1 audio systems decoder, the decoder shall provide an out
NR level of the difference signal between the output of the ‘decoder under test and the suppl
it quality shall be close in accuracy to the DAC that the signal-is targeted for, i.e. according to thg
(nbits -1), where nbits is the number of bits corresponding to the maximum bit depth of any

so converted and/or composited. Close in accuracy/means that this value shall be guarantee

er ratios, and can be slightly less for non-integer ratios (like 16000 to 22050).

bnices to be used for test are AB041 to AB044.déscribed later.

.3  Audio BIFS test scenes

b1 Two AudioSource nodes confiected to one AudioMix node with default fields and to a S
default fields using CU2_Ya.(8 kHz) and CU2_Yb (16 kHz) as inputs. Output is expected at 1
are set to 1 and 0 respectively, i.e. only the 8 kHz source is audible. Performance stops after

L2 Three AudioSouree nodes connected to one AudioMix node with default fields and to a S
default fields using CU2_Ya (8 kHz), CU2_Yb (16 kHz) and CU2_Yc (22.05 kHz) as inpu
expected at(22:05 kHz. Levels are set to 0.5 for the first two channels, and to 0 for the t
allowed_ to. one of the two channels to terminate before the other, i.e. the two chan
synchronized on a sample per sample basis. Performance stops after 5 seconds.

13, AB044 The same as AB041, AB042 with CU3 as input.

equénces AB041 to AB044 as listed in Table 116 the URL https://standards.iso.org/iso-iec/14

ecoder under
|/ using the
5 verification
put such that
ed reference
rule dB SNR
bf the signals
d at least for

pbund2D with
b kHz. Levels
5 seconds.

bund2D with
ts. Output is
hird. It is not
hels shall be

496/-26/ed-

2/en/ provides both a normative MP4 file and a textual parametric source, to be encoded by the decoder provider
using the specific input CU and either the reference encoder or an equivalent. For sequences AB041 to AB044 the
URL also provides reference output.
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Table 116 — AudioBIFS test sequences

File Name AB041 | AB042 | AB043 | AB044
Content BIFS BIFS BIFS BIFS
Bitstream 1 from a source (url) Cu2 Cuz CU3 CU3
Bitstream 2 from a source (url) Ccu2 Ccu2 Ccu3 CU3
Bitstream 3 from a source (url) - Ccu2 - Ccu3
Accuracy of mixing among groups (phaseGroup) 0 0 0 0

9.1.8 Audi
9.1.8.1 B]
None.

9.1.8.2 Pi

ODeIay and AudioMix

FS fields characteristic

ocedure to test AudioDelay + AudioMix scenes

Testing the AudioDelay node shall be performed by comparing the output of a decoder under test with a refe

output ava

lable at https://standards.iso.org/iso-iec/14496/-26/ed-2/en/ <using the procedure

measuremenft (7.1.2.2.2). (Test scenes AB051 and AB052).

9.1.8.3  Auudio BIFS test scenes

AB051 Onp AudioSource node using CU1_Yx as input connected te-ah AudioDelay node with delay field se
sedond, feeding one AudioMix node with matrix elementsvequal to 0.5; the AudioMix node recei
sedond AudioSource, using CU4_Yx as input, and it\feeds a Sound node with default fields e
spdtialize = FALSE. The sources are stopped after 6 ‘seconds.

ABO052 Thgsame as AB051, with the delay field of the AudioDelay node set to 1.5 seconds.

For sequencd

2/en/ provig

decoder proy

s AB051 and AB052 as listed in Table 117 the URL https://standards.iso.org/iso-iec/14496/-2

rence
RMS

tto 1l
ves a
kKcept

b /ed-

es a normative MP4 file, a reference output and a textual parametric source, to be encoded b
ider using the specific input CU and either the reference encoder or an equivalent.

Table'117 — AudioBIFS test sequences

y the

File Name ABO051 ABO052
Content BIFS BIFS
Sequence from a source (url) CU1 Cu1
Ccu4 Ccu4

9.1.9 AudipBuffer

9.1.9.1 BIESfields characteristic

None.

9.1.9.2 Procedure to test AudioBuffer node

The AudioBuffer node, with pitch changes, implies an interpolation over the bufferized samples, with a normally
non integer pitch factor. Test procedure is in this case similar to non integer Sampling Rate conversion. The
decoder shall provide an output such that the SNR level of the difference signal between the output of the decoder
under test and the supplied reference output quality shall be as close as possible in accuracy to the rule dB SNR =
6 * (nbits -1), where nbits is the number of bits corresponding to the maximum bit depth of any of the signals
being so bufferized and/or composited. Close in accuracy means that this value shall be guaranteed at least for
integer pitch factors, and may be reasonably less for non-integer pitch factors. (Test scenes AB061 and AB062).
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9.1.9.3 Audio BIFS test scenes

AB061 One AudioSource node, using CU1_Yx as input, connected to an AudioBuffer node with startTime set to 5
seconds, length set to 12 seconds and loop set to FALSE, feeding one Sound node with default fields,
except spatialize = FALSE. The AudioBuffer pitch is changed to 0.5 after 11 seconds.

AB062 The same as AB061, but the pitch field of the AudioBuffer node is changed to 2 after 11 seconds.

For sequences AB061 and AB062 as listed in Table 118 the URL https://standards.iso.org/iso-iec/14496/-26/ed-
2/en/ provides a normative MP4 file, a reference output and a textual parametric source, to be encoded by the
decoder provider using the specific input CU and either the reference encoder or an equivalent.

Table 118 — AudioBIFS test sequences

File Name ABO61 AB062
Content BIFS BIFS
Sequence from a source (url) Cu1 CU1

9.1.10 AudioFX

See allso 7.15

9.1.j|‘0.1 BIFS fields characteristic
Resttictions on field values.

9.1.10.2 Procedure to test AudioFX node
The |decoder is tested on functionality by comparing its output with a reference output |available at

httpd://standards.iso.org/iso-iec/14496/-26 /ed=2/en/ using the procedure RMS measurement (7..2.2.2). This
test qnly verifies the computational accuracy of\art implementation.

9.1.110.3 Audio BIFS test scenes

AB101 One AudioSource node, using CU1, connected to one AudioFX node with Stripe orchestra ajnd Score and

to a Sound2D node with\default fields, except spatialize = FALSE.

AB102 One AudioSource'node, using CU4, connected to one AudioFX node with Stripe orchestra ajnd Score and
to a Sound2D node with default fields, except spatialize = FALSE.

AB103 One AudioSource node, using CU1, connected to one AudioFX node with AllComb orchestra and score
and to.a-Sound2D node with default fields, except spatialize = FALSE.

AB104 One AudioSource node, using CU4, connected to one AudioFX node with AllComb orchestra and score
and to a Sound2D node with default fields, except spatialize = FALSE.

For sequences AB101 to AB104 as listed in Table 119 the URL https://standards.iso.org/iso-iec/14496/-26/ed-
2/en/ provides the Orchestras and Scores for the AudioFX nodes in textual format, a normative MP4 file and a
textual parametric source, to be encoded by the decoder provider using the specific input CU and either the
reference encoder or an equivalent. A reference output is available at https://standards.iso.org/iso-iec/14496/-

26/ed-2/en/.
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Table 119 — AudioBIFS test sequences

File Name AB101 |[AB102 |[AB103 AB104
Content Stripe Stripe AllComb AllComb
Orchestra definition (orch) Stripe Stripe AllComb AllComb
Score definition (score) Stripe Stripe AllComb AllComb
Sequence 1 from a source (url) CU1 CU4 CU1 CU4

9.2 Advanced Audio BIFS nodes

9.2.1 General

Advanced AydioBIFS nodes are used for adding advanced 3-D audio processing functionalities for Virtiral R

rendering p

9.2.2 Composition unit inputs

The input au
Type decode

CU1_AAB_Px
Sampling rat

CU2_AAB_Px
zeros. Durati

CU3_AAB_Px
Sampling rat

CU4_AAB_Px

poses in 3-D scenes.

Hio streams used in the conformance testing of Advanced AudioBIFS shall be.outputs of a Null §
[, and they are monophonic sounds at 8 kHz or 22050 kHz sampling rate\. They are explained bel

Composition Unit Input PCM: Speech recorded in an anechoic chamber. Duration approximately
p 8000 Hz

Composition Unit Input PCM: An impulse sound with &, value 1.0 of the first sample, followg
bn approximately 20 s (160 000 samples). Sampling rate 8000 Hz

Composition Unit Input PCM: Speech recorded in an‘anechoic chamber. Duration approximately
b 22050 Hz

Composition Unit Input PCM: An impulse Sound with a value 1.0 of the first sample, follows¢

pality

bject
&

r 50 s.
ed by

r 50 s.

bd by

zeros. Duratipn approximately 20 s (441 000 samples). Sampling rate 22050 Hz

9.2.3 Compositor output

hnnel
s are
cene

The output of the audio compositor will ' be investigated for conformance, and shall be a single output, N ch
(depending dn the spatialization and reproduction method used) PCM audio stream. The input audio stream
at 16 bit signled integer sample format, and the processing defined by the Advanced Audio BIFS nodes in the
will be carrigd out at an accuracy of at least 16 bits.

late
ures
the
hand,
o the

Because of the non-normative nature of implementing many of the Advanced AudioBIFS features (e.g.
reverberatioh), no samplée=wise comparison is done to the output sound from the compositor. Some of the fea
can be evalugted in astatic situation (no dynamic changes, such as sound source or viewpoint movements, i
3-D environrhent) by measuring the impulse response of the compositor. Some functionalities, on the other

require testing<in,a dynamic situation where only subjective evaluation can be used (the user is listening t
sound compdsi vatchi he vi i i 2 en :

9.2.4 Physical approach

This Clause describes the conformance testing for the rendering (audio output) of Advanced AudioBIFS nodes
(physical approach, as described in 7.1.1.2.13.4 of ISO/IEC 14496-11:2005.

The BIFS nodes involved in the Advanced AudioBIFS (physical approach) are:

DirectiveSound, a node that is used as a topmost node of an AudioBIFS sub graph for attaching audio to 3-D scenes.
It may contain an AudioBIFS sub graph similarly as Sound or Sound2D nodes, allowing for example mixing of
decoded audio streams that are outputs of different audio decoders, to a single sound track, thereby associating
them with one physical source of sound in a 3-D scene.
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AcousticScene that is a node that is used for defining rectangular 3-D regions within which source sound of
DirectiveSound node is heard. It is also used for binding together reflective or sound obstructing surfaces that are
involved in the same auralization process (processing and rendering of sound according to physical description of
an acoustic environment), and adding common late reverberation characteristics to sounds that are positioned
inside the defined region.

AcousticMaterial, a node that is used for attaching visual and acoustic properties to IndexedFaceSet nodes that act
as sound reflecting and obstructing surfaces that are bound together by defining an AcousticScene. In order to be
involved in an auralization process these IndexedFaceSets have to be defined in Geometry nodes that are siblings
or exist in the sibling sub graphs of an AcousticScene node.

Somd Tuncfionalities of the Advanced AudioBIFS can be objectively tested (i.e, measured fronj an impulse
respgnse of a digital filter (DSP) structure used in the advanced audio rendering process), wheneag some of the
featulres can be verified only perceptually (by listening to the sound output of the system).

In thg following, the BIFS components needed for the conformance testing are listed, and then the| methods for
testing each functionality are explained.

Scengs are provided in a textual format (textual BIFS scene graphs) with the conformance bit streamq as mp4 files.
The fextual format scenes provide a detailed documentation of what sheuld be the compositor] output (the
decofled scene, including the perceived sound output or recorded impulse Tesponse characteristics), and the
corrgsponding .mp4 compressed data files should produce the described\scenes when they are conjposited with
the MPEG-4 decoder that is being tested.

9.2.4.1  BIFS components needed in the conformance testing

Advanced AudioBIFS nodes are used for advanced modglihg of sound sources and sound propagation in 3-D
Virtual Reality applications. These applications can beraudio only (for creating time varying 3-D rpom acoustic
effects, for example), or audiovisual applications where the Advanced AudioBIFS nodes can be used for creating
dynamic and synchronized modeling of sound propagation from the source to the listening point (defined by a
Viewpoint or a ListeningPoint node) which aims at enhanced and immersive perception of an augliovisual 3-D
spacg. In the conformance testing of the physical approach of the Advanced AudioBIFS, each sceme includes a
minimal set of nodes and behaviour that is'needed to test a certain functionality of the node or its fielltﬁ.

To tgst the conformance of all the functionalities of the Advanced AudioBIFS nodes, the following BIFS nodes in
additfion to the Advanced AudioBIFSnodes are needed:

Root|node that is used as aitop-most node in all the BIFS scenes for binding together all the scene information in
one BIFS session.

One ¢f the 3-D grouping nodes (Transform, Group, OrderedGroup, ...) for binding an AcousticScene nqde to a set of
acoustically responding surfaces (IndexedFaceSet nodes) when that functionality is needed.

Viewpoint er>ListeningPoint node that is used for defining the listening point according to which the spatial
propgrties.of sound are computed.

IndexedFaceSet, Geometry, and Appearance that form a visual polygonal surface to which acoustic (and visual)
properties can be attached with an AcousticMaterial node (node in the material field of Appearance).

AudioSource with a url pointing to an elementary audio stream. This node is used as the only AudioBIFS node in
the source field of the DirectiveSound node, and the sound it is pointing to is single-channel audio in conformance
testing of Advanced AudioBIFS nodes. This is done due to the fact that the main purpose of these nodes is to add
advanced features to the spatial processing of sound. And in the case of multichannel input sound, if the
phaseGroup flag of any of the input streams is set to TRUE, no spatialization is done, and if it is set to FALSE, the
input channels of DirectiveSound are first summed to form a single monophonic channel before any spatialization
is carried out.
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To perform tests for scenes in dynamic conditions (where either the DirectiveSound, the listening point
(Viewpoint or ListeningPoint node), or one or more of the polygons having acoustical relevance are moving
(IndexedFaceSets with AcousticMaterial, as explained in ISO/IEC 14496-1). In these tests the movement is
achieved by animating one of these components; The Viewpoint can typically be animated by user input (e.g.,
navigation with an input device such as mouse of a computer). However, in the conformance tests, dynamic
situations are caused by routing TimeSensor events to PositionInterpolator or OrientationInterpolator which
are again used to change values of the translation and rotation fields of a Transform node that is a parent node of
the animated objects. These additional scene components are thus:

TimeSensor (See 7.2.2.129 of ISO/IEC 14496-11:2005)

PositionInterfpolator (See 7.2.2.10Z2 of ISO/IEC 14496-11:2005] and/or OrientationInterpolator (7.Z]2.91,

ISO/IEC 14496-11:2005)

ROUTE syntgx (See 7.1.1.2.8.1.3 of ISO/IEC 14496-11:2005 is used to route the values of Positionlnterpolato
Orientationlnterpolator to the field values of the Transform node according to the time fractions of TimeSens

r and
e

Additionally,
geometry no

to give visual body to sound sources (for objective testing and audiovisual intésaction), the follg
les are used in the test scenes:

wing

Sphere
Box

Circle

And to give ¥
objects. Whe
composed of
node and thg
3-D scene.

9.2.4.2

Testing all th
subclause. N

Conformance testing procedure

isual appearance to the geometry objects, Appearan¢e’and Material nodes are associated to
h a visual sound source is formed, DirectiveSound.is bound to a geometry node (or a grouping
several Geometry nodes) with a Transform node that can be used to group the DirectiveS

e functionalities of the DirectiveSound requires the set of BIFS components listed in the pre
bvertheless, testing of some.stibsets of its functionalities does not require all those component;

these
node
bund

associated visual object together and to placé/them in an arbitrary (and time-varying) position in a

vious
. For

example, if the spatialization, distance\dependent attenuation, or air absorption is tested, no AcousticMaterial
(and IndexgdFaceSets), or animated dynamic movement (requiring TimeSensor, and Position- and/or
OrientationInterpolator + ROUTES) are needed.

In the follow
testing of Diy
carried out fg

hrate
also
es).

ng, the conformarnce testing of the physical approach of Advanced AudioBIFS is divided into sep|
ectiveSound, AcousticScene, and AcousticMaterial. For each of these nodes separate tests ar¢
r testing(all of their functionalities (i.e., those that are enabled by the different fields of these nod

The testing ¢f these nodes is divided to two categories. One is referred to as objective testing, meaning lising
impulse sourjd'as’an input signal that the AudioSource url points to, and calculating and comparing propertjes of
the response of the Advanced Audio compositor (by recording the output of the compositor digitally) to the values
given in the fields of the Advanced AudioBIFS nodes. This testing method is can only be done in a static situation
where the response to an excitation signal can be considered that of a LTI (linear time invariant) system. The
other test method gives subjective results (verified by listening to the compositor output), and it can also be done
in time-varying (dynamic) conditions where one of the scene components move, thus causing a time-variant effect
(e.g., in testing the Doppler effect, or a situation where the acoustic conditions change, for example when moving
from one room to another). All the different scene setups (static and dynamic) are tested with the latter method,
and a part of them (the static ones) with the former one, i.e.,, by measuring and evaluating the impulse response.
All the setups are also tested with two different sampling rates.

The tests are categorized into testing of DirectiveSound, AcousticScene, and AcousticMaterial. DirectiveSound
node is needed in all the tests to reveal the functionalities of the other two nodes. In the physical approach, the
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testing of DirectiveSound and AcousticMaterial always require also the presence of AcousticScene, and
AcousticMaterial has no effect without the presence of DirectiveSound and AcousticScene. In 9.2.4.3, 9.2.4.4,
and 9.2.4.5 the testing procedures are described for DirectiveSound, AcousticScene, and AcousticMaterial,
respectively, so that all the functionalities of these three nodes are covered.

9.2.4.3 Procedure to test DirectiveSound

Below is DirectiveSound node and its fields listed with their default values:

DirectiveSound {

apgles 0
djrectivity 1
ftequency [
speedOfSound 340
djstance 100
useAirabs FALSE
diirection 0,0,1
intensity 1
lgcation 0,00
spurce NULL
perceptualParameters NULL
rpomEffect FALSE
spatialize TRUE

}

This pubclause describes the testing of the following-fields:

angles

dire¢tivity

frequency

speedOfSound

distance

spatialize

useAirabs

direction

In testing these fields, the fields intensity, roomEffect, and perceptualParameters shall be set to their default
values.

The following nodes are involved in the testing of DirectiveSound:
Advanced AudioBIFS nodes:
DirectiveSound

AcousticScene
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Other nodes used in the scenes:

Root
Viewpoint
Transform

TimeSensor

OrientationInterpolator

Geometry

Geometry nofes: Box, IndexedFaceSet, Circle

Appearance
9.2.4.3.1

Of all fields g
directivity of]
9.24.3.1.1
In these tes|
speedOfSoun

towards the )

AcousticSce

[esting of directivity of a sound source

ts, DirectiveSound fields useAirabs and spatialize’ fields are set to FALSE, and distance
d fields are set to 0. The direction field is set to 0:20.1 (pointing to the direction of a positive zfaxis,
Viewpoint). The direction of the DirectiveSound.source is changed with Transform node.

f the DirectiveSound node, angles, directivity, frequency, and directief fields are used to define the
a 3-D source, i.e., the non-uniform radiation pattern to different directions with respect to the vector
defined by thle direction field of this sound.

Scene configuration and field characteristics of DirectiveSound and AcousticScene

and

he is included in the scene with the default values (infinite audibility region with no reverberatidn).

For testing this property, the directivity of the source is defined by the directivity and angles fields, and in some of
them the frequency field. In all the tests, the number of angles (length of the angles field) is 3. Objective test|ng is
done by meapuring and evaluating the impulse response of the Compositor output at each of the angles defined in
the angles fi¢ld. Subjective testing is carried out by rotating the DirectiveSound (and the associated visual sound
source object) node with a help of a Transform, TimeSensor, and OrientationInterpolator nodes.

A visual objeft composed of Geometry nodes is included in the scene to give a physical body to the sound sdurce.

The Transform node groups together the visual object and the DirectiveSound node.

9.2.4.3.1.2 Test scénes

Scenes for objectivétesting:

AABphy1-3 These scenes are used for testing of frequency independent directivity. The impulse responsge of
the system shall be measured at all three defined angles of directivity (one measurement
corresponding to one of these scenes). For each angle, it the response should only include the
delay of one update interval corresponding to the update rate of the audio scene parameters,
with respect to the direct sound, and after the delay the gain of the output should be the same as
the gain of the directivity field value for the angle being tested. The input sound for this scene is
CU2_AAB_Px.

AABphy4-6 These scenes are used for testing of frequency dependent directivity expressed in filter

coefficient form. The impulse response of the system shall be measured at all three defined
angles of directivity (one measurement corresponding to one of these scenes). For each angle, it
should include only the delay of one update interval corresponding to the update rate of the
audio scene parameters, with respect to the direct sound, after which the output should be that
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defined by the filter coefficient for that angle. The input sound for this scene is CU2_AAB_Px.

These scenes are used for testing of frequency dependent directivity expressed as gain-frequency
pairs. The impulse response of the system is measured at all three angles (one measurement
corresponding to one of these scenes), and the given frequency magnitude response should be
matched with an accuracy of 1 dB at the frequencies specified by the frequency field. The
magnitude response is computed from the measured impulse response after the delay
introduced by the update interval of the audio parameters. The input sound for this scene is

AABphy10-18

CUZ_AAB_Px.

Same as AABphy1-9, respectively, but with CU4_AAB_Px as input signal.

AABphy19

AABphy20

AABphy21

Scenes for subjective testing:

This scene is used for subjective evaluation of frequency independent directivity.
source is rotated, and the changes in frequency independent directivity should

smoothly changing, and it shall not produce audible artifacts (transitions when ch
one directivity angle to another). CU1_AAB_Px.

This scene is used for subjective evaluation of frequency depehdent directivity in filte
form. Audiovisual source is rotated, and the changes in frequency dependent direct
be heard as smoothly changing, and it shall produce~no audible artifacts (trans
changing from one directivity angle to another). Inputsequence is CU1_AAB_Px.

This scene is used for subjective evaluation of\frequency dependent directivity &

Audiovisual
be heard as
hnging from

r coefficient
ivity should
itions when

xpressed as

gain-frequency pairs. Audiovisual source is~rotated, and the changes in frequency dependent
directivity should be heard smoothly chianging but produce no audible artifacts |(transitions
when changing from one directivity angle.to another). CU1_AAB_Px.

AABphy22-24 Same as AABphy19-21, respectively, but with CU3_AAB_Px as input signal.

9.2.4.3.2 Testing of spatialize field

The ppatialize field indicates whether the incident angle of the arriving sound is rendered. Thg method for

spatiplizing sound is non-normative; therefore only subjective testing is performed.

9.24.3.2.1 Scene configuration and field characteristics of DirectiveSound and AcousticScene

In these tests, DirectiveSound field useAirabs is set to FALSE, spatialize field is set to TRUE, and the

speedlOfSound arid distance fields are set to 0.

Acou

sticScene is included in the scene with the default values (infinite audibility region with no reve

rberation).

A vis

ual Sphere node is associated to DirectiveSound node with a help of a Transform node. TimeSensor and

PositionInterpolator nodes are used for moving the source dynamically.

In these scenes the sound source moves from -60 to 60 degrees in azimuth, and it should sound like the source is
moving from left to right with respect to the listener orientation.
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Test scenes

Scenes for subjective testing:

AABphy25

In this scene an audiovisual source is first positioned to -60 degrees for five seconds in azimuth
angle with respect to the listener, after which it is moved to zero degrees, where it stays for 5
seconds, and then it is moved to +60 degrees. The movements from -60 to 0 degrees and from 0
to 60 degrees each last 5 seconds, and there should be no audible lag in the movement or
stopping of sound with respect to the visual source movement (or to the description of
movement, if visual parts are not implemented in a corresponding profile). The user should hear
these effects with no audible artifacts (transitions in the spatialization processing of sound). The

AABphy26

9.2.4.3.3 ['esting of distance field

Input sequence used 1n this test1s CULI_AAB_FPX.

The same scene and procedure of testing as above, but using CU3_AAB_Px as input seguence.

The value of the distance field defines the distance dependent attenuation of sound in a"scene. Both objective and
subjective tests are carried out for testing of this property, and the test is carried out for one value of the disfance
field. In the distance dependent attenuation the sound is attenuated linearly on a dB scale as a function of disfance
from one mefer to the defined value of distance field. Thus, the gain applied to’'sound when the distance betveen

the source arfd the listener locations is between one meter and the value of distance field in meters is given by:

g= 10—3-(5—1 N(dist-1)

’

where s is the current distance, and dist is the value of the.distance field. When the distance betweep the
Viewpoint ahd DirectiveSound is less than one meter, the gaiivg is one and beyond the distance dist, the soynd is

not audible.

9.2.4.3.3.1

Scene configuration and field characteristics of DirectiveSound and AcousticScene

In these testq, DirectiveSound field useAirabs,and spatialize fields are set to FALSE, the speedOfSound is sef to 0,

and distanceffield is set to 100.

AcousticScehe is included in the scene\with the default values (infinite audibility region with no reverberatign).

A visual Sphere node is associated to DirectiveSound node with a help of a Transform node. TimeSensor and
PositionIntdrpolator nodescare’used for moving the source dynamically in subjective tests. Objective |tests

measure the |evel of the impulse response at three different distances between the source and the listener.

9.2.4.3.3.2

Scenes for oljegtive’testing:

Test(scenes

AABphy27-29

AABphy30-32

In scenes 27-29 the source is positioned at 1.0 m, 50 m, and 100 m distances from the
Viewpoint. The response of the audio compositor is measured, and the initial delay before the
first compositor output should be no more than the update interval of the audio scene
parameters. The input sequence is CU2_AAB_Px, and the level of the compositor output signal is
compared to the first sample of the audio input signal, and the level of the output should match
the gain computed from the equation in 9.2.4.3.4.1, when s is 1.0, 50.0, and 100.0, respectively,
with an accuracy of 1 dB or better.

Same as the above test, but the input sequence is CU4_AAB_Px.

Scenes for subjective testing:
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AABphy33 In this test the source is first at 1.0 meter distance, where it stays for 5 seconds, then it is moved
to 50.0 m distance during 10 seconds, and stays there for 5 seconds, and finally it is moved to
100.1 meter distance during 10 seconds. The listener should hear the sound attenuating
smoothly during the source movements, and the level remaining the same during the stop at 50
meters, and being inaudible at 100.1 meters. CU1_AAB_Px.

AABphy34 Same as the above test, but with input signal CU3_AAB_Px.

9.2.4.3.4 Testing of speedOfSound field

Field speedOfSound defines the initial delay introduced to sound when the source and the viewpoint are in
different locations in the scene. The delay simulates the propagation delay of sound in a medium and is dependent

on th
is tes
posit]
giver

d=

wher
and ]

9.2.43.4.1

In th
the s

Acou

A vis
Posif

9.2.4.3.4.2

Obje

AAH

AAH

ted both objectively and subjectively. This test is carried out for two different values of speedOfS
oning the source at two different distances from the Viewpoint. The delay that should be@pplie
in seconds by:

s
speedOfSound’

e speedOfSound is the value given by the field of a same name, and s js,the distance between th
he DirectiveSound location.

Scene configuration and field characteristics of DirectiveSound and AcousticSc

bse tests, DirectiveSound fields useAirabs and spatializ€.are set to FALSE, the distance field is
beedOfSound field is set to 340 or 170 (depending on the test scene under consideration).

sticScene is included in the scene with the default'yalues (infinite audibility region with no reve

ionInterpolator nodes are used for moving the source dynamically in the subjective tests.
Test scenes
tive testing of speedOfSound:

phy35-36  The speedOfSound is given a value 340, and in these two scenes the delay it cause
from the compositor output when replacing the sound source at 0 and 100 meter
the Viewpoint. The 0 distance shall cause no delay to sound, and the delay

distance should match that calculated from the equation in 9.2.4.3.4. with an acc

or better. The delay is considered as the time lag (in addition to the lag intro

CU2Z_AAB_Px.

edistance-betweenrthesourceand-the tisterrer;arrd-thespeed-of sourrd-propagation i thenrediym. This field

ound, and by
d to sound is

e Viewpoint

ene

set to 0, and

rberation).

pal Sphere node is associated to DirectiveSound node with a help of a Transform node. TimleSensor and

5 is measured
distance from
at 100-meter
uracy of 10%
duced by the

update interval of audio scene updates) in the response of the composifor to sound

phy37-38

Same as the test above, but CU4_AAB_Px is used as an input sound to the composilior.

AABphy39-40

AABphy41-42

Same as AABphy35-36 but with a value 170 given to speedOfSound.

Same as above but for input sound CU4_AAB_Px.

Subjective testing of speedOfSound:

AABphy43-44

Value of speedOfSound is 340 and 170 in these scenes, respectively. The sound source is
moved from 100 distance to 0 distance and back to 100 distance. First the sound is at 100-
meter distance for 5 seconds. Then it moves to 0 distance and back to 100 distance (simulating
a source passing the listener) with a uniform speed during 10 s. The changing delay should be
heard as a Doppler effect causing a raise in the pitch of sound when the source is getting closer
to the listener, and a decrease in the pitch of sound when it is drawn away from the listener.
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The changing delay has to be interpolated between samples so that the Doppler effect is heard
and no artifacts such as clicks are audible. The change in the pitch should be heard twice as
strong in AABphy44 than in AABphy43. The input test signal is CU1_AAB_Px.

AABphy45-46 The same scenes as for AABphy43-44 but with input sound CU3_AAB_Px.

9.2.4.3.5 Testing of useAirabs field

The useAirabs field is used to enable distance dependent lowpass filtering caused by the stronger sound
absorption of air at high frequencies than at Tow frequencies. The testing of this field is done both objectively and
subjectively.

9.2.4.3.5.1 Scene configuration and field characteristics of DirectiveSound and AcousticScene

In these tests, DirectiveSound field useAirabs is set to TRUE, and spatialize field is.\Set to FALSH, the
speedOfSound and the distance fields are set to 0.

AcousticScene is included in the scene with the default values (infinite audibility region with no reverberatign).

A visual Sphere node is associated to DirectiveSound node with a help of a Fransform node. TimeSensof and
PositionIntdrpolator nodes are used for moving the source dynamically iit”subjective tests. Objective |tests
measure the Jevel of the impulse response at three different distances between the source and the listener.

9.2.4.3.5.2 Test scenes
Objective testing of useAirabs:

AABphy47-49 An impulse response of the compositor output is measured and a magnitude respoise is
computed from it at distances~10, 50, and 100 meters between the DirectiveSound s¢urce
and the Viewpoint in scenes AABphy47-49. The magnitude response shall match| that
computed from formula 5'in ISO 9613-1 at the given distance with an accuracy of 10% or
better. The parameéters concerning the atmospheric conditions are: humidity = [70%,
temperature = 20\dégrees centigrade, air pressure = 101325 Pa. The input sequence uged in
this test is CUZ2_AAB_Px.

AABphy50-p2 Same asthe-above test but with CU4_AAB_Px as the input source signal.

Subjective tefting ofuseAirabs:

AABphy53 In this test a DirectiveSound source is dynamically moving from a 1-meter distance to 100-
meter distance. The air absorption filtering should be heard as increased lowpass filtering as a
function of distance. No audible artifacts such as clicks should be heard as the filtering changes.
The input sound used in this test is CU1_AAB_Px

AABphy54 Same as the above test but with CU3_AAB_Px.

9.24.4 Procedure to test AcousticScene

Below is the node interface for AcousticScene node

AcousticScene {
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000
-1-1-1

reverbTime 0

reverbFreq 1000

reverbLevel 0.4

reverbDelay 0.5

This pubclause describes testing methods for testing all the fields of AcousticScene.
The following nodes are used in the testing of AcousticScene:

Advanced AudioBIFS nodes:

DiredtiveSound

AougsticScene

Othef nodes used in these scenes:

Root

Viewpoint

Trangform and Group

Geompetry

IndexedFaceSet

Appédarance

Matefial

9.2.4.4.1 Testing oflate reverberation

Late

reverberation properties are defined by the fields reverbTime, reverbFreq, reverbLevel, and rev

9.2.4].4.1.1 Scene configuration and field characteristics of DirectiveSound and AcousticSc
The DirectiveSound mnode 15 inciuded wi € default values of fleldS except that the spatalize

brbDelay.

ene

flag is set to

FALSE for the objective testing of late reverberation, and the roomEffect is set to TRUE in all the tests.

9.2.4.4.1.2

Test scenes

Objective testing of late reverberation:

AABphy55

In this scene the reverbLevel = 0.4, reverbDelay = 0.05, reverbFreq = 1000, and reverbTime = 1.5.
The impulse response of the compositor is recorded, and the delay and the level of the first
reverberator output after the direct sound shall be like indicated by the fields reverbDelay and
reverbLevel, respectively. The reverberation time of the response is calculated at the octave band
of the given frequency according to ISO 3382 using the integrated impulse method and shall
match the given reverbTime with an accuracy of 10% or better. The reverberation level is
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calculated by summing the squared magnitudes of all the samples in the late reverberation
response, and taking the square root of the result. The resulting value should match the
reverbLevel value with an accuracy of 1 dB or better. Input sound is CU2_AAB_Px.

In this scene the reverbLevel = 0.4, reverbDelay = 0.1, reverbFreq = [0 2000 4000], and
reverbTime = [2.5 2.2 0.7]. The measurement is done like in AABphy55 (according to ISO 3382).
The reverberation times measured at the frequencies given by reverbFreq should match the
values given by reverbTime with an accuracy of 10% or better., Input sound is CU2_AAB_Px.

Same procedure and field values as for AABphy55, but with input sound CU4_AAB_Px.

AABphy58

Subjective t¢

AABphy59

AABphy60

AABphy61

AABphy62

9.2.4.4.2

This test is
source in the

esting of late reverberation:

Same fileld values as ftor AAbphy56, except that the reverbkreq = [0 2000 10000]. Spme
procedure measuring and comparing the response as for AABphy55, but with input ‘sqund
CU4_AAB_Px.

The late reverberation characterizing fields have the same values as for“scene AABphy55.|The
compositor output is listened to and it should sound reverberafit. The input sequende is
CU1_AAB_Px.

The late reverberation characterizing fields have the same @alues as for scene AABphy56.|The
compositor output is listened and it should sound reverberating longer and with a larger delay
(with respect to the direct sound) than AABphy59. The input sequence is CU1_AAB_Px.
Same as AABphy59 but with input sequence CU3_AAB_Px.

Same as AABphy60 but with reverbFreq = [0 2000 10000], and input sequence CU3_AAB_Px.

['esting of the 3-D rendering region

nly carried out subjectively, and it involves two AcousticScene nodes with one DirectiveS
rendering region of each of.thém, and the Viewpoint movement from one AcousticScene regi

bund
on to

another. In these tests, DirectiveSound field useAirabs, roomEffect, are set to FALSE, and spatialize field is et to
TRUE, and the speedOfSound is set to 340, and the distance fields are set to 100.

9.24.4.2.1 Scene configuration and field characteristics of DirectiveSound and AcousticScene

The scenes ifvolve twoAcousticScene nodes and two DirectiveSound nodes. The 3-D rectangular regions ¢f the
AcousticScenes are (limited in space by the size and center fields, so that the regions overlap partly| The
reverberation characteristics are defined differently for each AcousticScene, so that in the first one there|is no
reverberation added to sound, and in the second there is reverberation defined by reverberation field vplues
reverbTime $ 1:8; reverbDelay = 0.05.

9.2.4.4.2.2 Test scenes

Subjective testing of 3-D rendering region

AABphy63

In this scene there are two visual rooms in the rendering region of each AcousticScene. When
the viewpoint is inside one room, one DirectiveSound source is heard, and when the Viewpoint
moves to the other room, two sources are heard simultaneously for a while in the overlapping
part of the AcousticScene regions, and finally in the rendering region of the second room, only
the second DirectiveSound is heard. When the Viewpoint moves outside of both rendering
regions, no sound is heard. The first DirectiveSound source is not reverberated, and the second
DirectiveSound source is reverberated according to the late reverberation characteristics given
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the same as in AABphy60. Input sounds for both sources are CU1_AAB_Px.

AABphy64 Same as the above, but with input sound CU3_AAB_Px, and late reverberation values same as in

scene AABphy62.

9.24.5 Procedure to test AcousticMaterial

Below is the node interface of AcousticMaterial

AcousticMaterial {

reffunc 0
transfunc 1
refFrequency [
transFrequency [
ambientIntensity 0.2
diffuseColor 0.8,0.8,0.8
emissiveColor 0,0,0
shininess 0.2
specularColor 0,0,0
transparency 0

}

This pubclause describes testing.efreffunc, transfunc, refFrequency, and transFrequency.

The following nodes are uséd in the testing of AcousticScene:
Advanced AudioBIFS fodes:
DiredtiveSound

AcoupticSeene

Acou

kticMaterial

Other nodes used in these scenes:

Root

Viewpoint

Tran

sform and Group

Geometry

IndexedFaceSet
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Appearance

In these tests the fields of the DirectiveSound are set to default values, except that the roomEffect is set to TRUE,
and spatialize field is set to FALSE for the objective tests. The AcousticScene field values are the default values for
all these scenes.

9.2.4.5.1 Testing of reflectivity

9.2.4.5.1.1 Scene configuration and field characteristics of DirectiveSound and AcousticScene

In these tests one reflective surface is included in a scene. It is positioned in x-z plane, and both the
DirectiveSofind and the Viewpoint are placed at a distance of 10 meters from the surface, with a distancé of 5

meters between the DirectiveSound and the Viewpoint. The sound is reflected specularily off the)surface,
producing arf image source whose distance from the Viewpoint is sqrt(425).

9.2.4.5.1.2 Test scenes
Objective testing of reflectivity:

AABphy65 This scene is used for testing of frequency independent reflectivity., The reflectivity fields of
AcousticMaterial are: reffunc = 1, refFrequency = []. The impulse’ response of the compositor
output is recorded, and the delays of the direct sound and the,reflection should match tq the
delay values computed according to the equation in 9.2.4.3@; setting the distance between the
source and the listener to 5, and between the (reflected) image sound source and the listengr to
sqrt(425). The attenuation of the direct sound and ‘the reflection should match to those
computed by the equation in 9.2.4.3.3. Input sound sigial used in this test is CU2_AAB_Px.

AABphy66 This scene is used for a frequency dependent reflectivity. The reflectivity is expressed in a filter
coefficient form. The delay of the reflection shotld be the same as in AABphy65, and the impulse
response of the reflection should match thab of the filter defined in the reffunc field, scaled py a
distance dependent attenuation identical*to that of AABphy65. Input sound signal used in|this
test is CU2_AAB_Px.

AABphy67 The scene is used for a frequency dependent reflectivity. The reflectivity is expressed as ggin -
frequency pairs defining a, magnitude response of a digital filter. The delay of the refledtion
should be like in AABphy65;°and the magnitude response of the reflection should match to [that
defined by the reffunc.and refFrequency fields with an accuracy of 1 dB, scaled by a distance
dependent attenuation identical to that of AABphy65. Input sound signal used in this tept is
CU2_AAB_Px.

AABphy68 The scene and testing procedure is the same as in AABphy65, but the input signal is CU4_AAB Px.
AABphy69 The s€ene and testing procedure is the same as in AABphy66, but the input signal is CU4_AAB Px.

AABphy70 The scene and testing procedure is the same as in AABphy67, but the input signal is CU4_AAB Px.

9.2.4.5.2 Testing of sound obstruction

9.2.4.5.2.1 Scene configuration and field characteristics of DirectiveSound and AcousticScene

This subclause describes the objective testing of transmission of sound through a sound obstructing surface. The
sound is positioned so that it is at a 10-meter distance from the Viewpoint, and a sound obstructing surface is in

the path between them. The delay of sound should match that computed according to the equation in 9.2.4.3.4,
and the attenuation should match that defined by the equation in 9.2.4.3.3.
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Test scenes

Objective testing of sound obstruction:

AABphy71

AABphy72

This scene is used for testing of frequency independent obstruction of sound (attenuation caused
by the surface). The sound should be attenuated with a gain that is a product of the distance
dependent gain and that defined by the transfunc field. Input sound signal used in this test is
CUZ_AAB_Px.

This scene is used for testing of frequency dependent sound obstruction. The transmission filter
is defined by the transfunc field (transFreq is set to []), and the impulse response at the

9.2.45.3

This
of so

AAH

compositor output should match the defined filter output, scaled by the same distanc
gain as that of AABphy71. Input sound signal used in this test is CU2_AAB_Px.

phy73

phy74 Same testing procedure as for AABphy71, but with input sequence CU4_AAB_Px.

phy75 Same testing procedure as for AABphy72, but with inputsequence CU4_AAB_Px.

phy76 Same testing procedure as for AABphy73, but with.input sequence CU4_AAB_Px.

Subjective testing of sound obstruction and reflectivity

subclause defines test scenes for subjective testing of the AcousticMaterial. In these tests the s
irce is set to TRUE.

phy77 This scene contains the same initial setup for positioning the DirectiveSound sou|
IndexedFaceSet surface, with AcousticMaterial associated with it, and Viewpoin
test scenes AABphy65-70. During the test the DirectiveSound source starts moving
edge of the IndexedFaceSet surface. The delay and gain, and the direction of a
reflection should/change according to current position of the DirectiveSound node

b dependent

This scene is used for testing of frequency dependent sound obstruction.'defingd as gain -
frequency pairs. The magnitude response of the compositor output should match thdt defined by
the transfunc and transFrequency fields with an accuracy of 1 dB, scaled by the same distance
dependent gain as that of AABphy71. Input sound signal used in thisitest is CU2_AAB |Px.

batialize field

Fce, a single
t node as in
towards the
rival of the
ith respect

to the surface and the viewpoint, and no clicks should be heard when the delay of the reflection
changes~The reflection becomes inaudible when the image source caused by the reflecting
surface becomes invisible to the Viewpoint. The DirectiveSound source moves to the other side

AABphy78

of the.Surface (with respect to the Viewpoint), and the transmission filtering shoyld be heard
when the surface appears between the source and the listening point. Input sequenceg used in this
scene is CU1_AAB_Px.

Same as AABphy77 but with input sound CU3_AAB_Px.

AABphy79

AABphy80

In this scene there are 7 sound reflecting and obstructing surfaces forming a simple room
configuration. The DirectiveSound source is positioned inside the room, and the Viewpoint can
move freely inside and outside of the room. Inside the room, the reflections should be heard
giving a slightly reverberating effect, and outside of the room the sound is attenuated according
to the transfunc and transFrequency definitions of the surfaces. Input sequence used in this
scene is CU1_AAB_Px.

Same as AABphy79 but with input sound CU3_AAB_Px.
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9.2.5 Perceptual approach

This subclause describes the conformance testing for the rendering (audio output) of Advanced AudioBIFS nodes
(perceptual approach), as described in 7.1.1.2.13.4 of ISO/IEC 14496-11:2005. The perceptual approach shall be
applied for all the DirectiveSound nodes that contain a PerceptualParameters node, i.e. for which the
PerceptualParameters field is different from NULL.

The BIFS nodes involved in the Advanced AudioBIFS (perceptual approach) are:

DirectiveSound, a node that is used as a topmost node of an AudioBIFS sub graph for attaching audio to 3-D scenes.
It may contain an AudioBIFS sub graph similarly as Sound or Sound2D nodes, allowing for example mixing of

decoded aud
them with on

PerceptualP3

o0 streams that are outpufs of different audio decoders, to a single sound track, thereby associ
e physical source of sound in a 3-D scene.

rameters, a node that is used for attaching perceptual properties to a directive;Sound s

(DirectiveSognd) in order to simulate virtual room effects that may not relate to the geometrical and/or ¥

BIFS scene.
Some functi
response of

features can

In the follow

nalities of the Advanced AudioBIFS can be objectively tested (i.e., meastred from an im
W digital filter (DSP) structure used in the advanced audio rendering process), whereas some (
be verified only perceptually (by listening to the sound output of the system).

ing, the BIFS components needed for the conformance testing @re-listed, and then the method

testing each functionality are explained.

Scenes are pj
The textual

decoded sce
correspondir
4 decoder th
9.2.5.1 BI
Advanced Au

D worlds and
D room acou

ovided in a textual format (textual BIFS scene graphs) with the conformance bit streams as mp4
format scenes provide a detailed documentation ef’what should be the compositor output
e, including the perceived sound output or recorded impulse response characteristics), an
g .mp4 bitstream files should produce the described scenes when they are composed with the M
it is being tested.

FS components needed in the conformance testing

immersive music or soundtracks. These applications can be audio only (for creating time varyi
stic effects, for example), or-audiovisual applications where the Advanced AudioBIFS nodes c

used for creating dynamic and synchronized modeling of sound propagation from the source to the listening

(defined by
audiovisual 3
scene includé
field.

To test the cg
approach, the

Root node th

h Viewpoint or a ListeningPoint node) which aims at enhanced and immersive perception
-D space. In the conformance testing of the perceptual approach of the Advanced AudioBIFS,
s a minimal set of nodes and behavior that is needed to test a certain functionality of the node

nformarce,of all the functionalities of the Advanced AudioBIFS nodes that are used in the perce
e following BIFS nodes in addition to these Advanced AudioBIFS nodes are needed:

dioBIFS nodes are used for advanced modeling of sound sources and sound propagation in virt:I;Ial 3-

ating

urce
isual

pulse
f the

s for

files.
(the
1 the
PEG-

g 3-
in be
point
of an
each
pr its

ptual

on in

at\s‘used as a top-most node in all the BIFS scenes for binding together all the scene informati

one BIFS session.

Viewpoint or ListeningPoint node that is used for defining the listening point according to which the spatial
properties of sound are computed.

AudioSource with a url pointing to an elementary audio stream. This node is used as the only AudioBIFS node in
the source field of the DirectiveSound node, and the sound it is pointing to is single-channel audio in conformance
testing of Advanced AudioBIFS nodes. This is done due to the fact that the main purpose of these nodes is to add
advanced features to the spatial processing of sound. And in the case of multichannel input sound, if the
phaseGroup flag of any of the input streams is set to TRUE, no spatialization is done, and if it is set to FALSE, the
input channels of DirectiveSound are first summed to form a single monophonic channel before any spatialization
is carried out.
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To perform tests for scenes in dynamic conditions (where either the DirectiveSound, the listening point
(Viewpoint or ListeningPoint nodes) are moving), the movement is achieved by animating one of these
components.The Viewpoint can typically be animated by user input (e.g., navigation with an input device such as
mouse of a computer). However, in the conformance tests, dynamic situations are caused by routing TimeSensor
events to PositionInterpolator or OrientationInterpolator which are again used to change values of the
translation and rotation fields of a Transform node that is a parent node of the animated objects. These additional
scene components are thus:

TimeSensor (See 7.2.2.129 of ISO/IEC 14496-11:2005)

PositionInterpolator (See 7.2.2.102 of ISO/IEC 14496-11:2005) and/or OrientationInterpolator (ISO/IEC 14496-1
sublduse 9.4.2.66)

ROUTE syntax (See 7.1.1.2.8.1.3 of ISO/IEC 14496-11:2005 is used to route the values of PosjtienIntg
OrientationInterpolator to the field values of the Transform node according to the time fractions of Ti

rpolator and
meSensor.

Additionally, to give visual body to sound sources (for objective testing and-atdiovisual int
following geometry nodes are used in the test scenes:

braction), the

Sphefe

Cylinder
And
objeq
comy
node
3-D ¥

ated to these
fouping node
ectiveSound
position in a

o give visual appearance to the geometry objects, Appearance and Material nodes are associ
ts. When a visual sound source is formed, DirectiveSound is\bound to a geometry node (ora g
osed of several Geometry nodes) with a Transform n¢de that can be used to group the Din
and the associated visual object together and to place‘them in an arbitrary (and time-varying)
cene.

9.2.5.2 Conformance testing procedure
Testi
subc
exan]
move

hg all the functionalities of the DirectiveSound requires the set of BIFS components listed in
ause. Nevertheless, testing of some subsets of its functionalities does not require all those comn
ple, if the spatialization, distance dependent attenuation, or air absorption is tested,) no anim
ment (requiring TimeSensor, and Position- and/or OrientationInterpolator + ROUTESs) are n|

the previous
ponents. For
ted dynamic
eeded.

In th
sepa

divided into
tests are also

e following, the conformange testing of the perceptual approach of Advanced AudioBIFS is
ate testing of DirectiveSound, and PerceptualParameters. For each of these nodes separate

carri

The

impu
ther
giver
wher
other

bd out for testing all ef their functionalities (i.e., those that are enabled by the different fields of t}

esting of these nodes is divided to two categories. One is referred to as objective testing, m|
lse sound as an input signal that the AudioSource url points to, and calculating and comparing
bsponse of the" Advanced Audio compositor (by recording the output of the compositor digitally)
in the fields of the Advanced AudioBIFS nodes. This testing method can only be done in a st
e thé response to an excitation signal can be considered that of a LTI (linear time invariant)
téstmethod gives subjective results (verified by listening to the compositor output), and it can

ese nodes).

eaning using
properties of
to the values
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ariant effect

(e.g., in testing the Doppler effect, or a situation where the acoustic conditions change, for example when moving
from one room to another). All the different scene setups (static and dynamic) are tested with the latter method,
and a part of them (the static ones) with the former one, i.e.,, by measuring and evaluating the impulse response.
All the setups are also tested with two different sampling rates.

The tests are categorized into testing of DirectiveSound and PerceptualParameters. In the perceptual approach,
the testing of DirectiveSound always require also the presence of PerceptualParameters, and vice-versa. In
9.2.5.3 and 9.2.5.4 the testing procedures are described for DirectiveSound, and PerceptualParameters
respectively.
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9.2.5.3 Procedure to test DirectiveSound

Below is DirectiveSound node

DirectiveSound {

and its fields listed with their default values:

angles 0
directivity 1
frequency 1
speedOfSound 340
distance 100
useAirahs FALSE
direction 0,01
intensity 1
location 0,0,0
source NULL
perceptualParameters NULL
roomEffect FALSE
spatializg TRUE

}

This subclauge describes the testing of the following fields:

angles
directivity
frequency
speedOfSound
distance
spatialize
useAirabs

direction

In testing these fields, the fields intensity and roomkEffect shall be set to their default values.
perceptualPqrameters field shall contain a reference to a PerceptualParameters node for which the param

fields are settotheir default values unless otherwise stated.

The
eters

The following nodes are involved in the testing of DirectiveSound:

Advanced AudioBIFS nodes:

e DirectiveSound

e PerceptualParameters

Other nodes used in the scenes:

e Group

e Viewpoint
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DirectionalLight
Transform
Shape
Appearence
Material

Sphere

Cylinder

[ TimeSensor
OrientationInterpolator

: the above mentioned fields are tested in the perceptual approach in a similar way as in the physical app
ndering is identical in the two approaches).

.3.1 Testing of directivity of a sound source

I fields of the DirectiveSound node, angles, directivity, frequency, and direction are used
tivity of a 3-D source, i.e., the non-uniform radiation pattern to different directions with respect
ed by the direction field of this sound.

.3.1.1 Scene configuration and field characteristics of DirectiveSound

bse tests, DirectiveSound fields useAirabs and spatialize/are set to FALSE, and distance and s
are set to 0. The direction field is set to 0 0 1 (pointing to the direction of a positive z-axis

roach (i.e. that

o define the
to the vector

beedOfSound
towards the

Viewpoint). The direction of the DirectiveSound source.is‘changed with Transform node.
For tpsting this property, the directivity of the source is defined by the directivity, the angles, and the frequency
fieldd. In all the tests, the number of angles (length of the angles field) is 3. Objective testing is done by measuring
and ¢valuating the impulse response of the Compositor output at each of the angles defined in thg angles field.
Subjéctive testing is carried out by rotatingthe DirectiveSound (and the associated visual sound spurce object)
node|with a help of a Transform, TimeSensor, and OrientationInterpolator nodes.
A vispal object composed of Geomeétry nodes is included in the scene to give a physical body to the Jound source.
The Transform node groups tagether the visual object and the DirectiveSound node.
9.2.5.3.1.2 Test scenes
Scenes for objective testing
AABper1-3 These scenes are used for testing of frequency independent directivity. In that dase, only one
frequency is defined in the frequency field. The impulse response of the system shall be
measured at all three defined angles of directivity (one measurement correspongling to one of
these scenes). For each angle, the response should only include the delay of one update interval
corresponding to the update rate of the audio scene parameters, with respectito the direct
sound, and after the delay the gain of the output should be the same as the gain of the
directivity field value for the angle being tested. The input sound for this scene is CU2_AAB_Px.
AABper4-6 These scenes are used for testing of frequency dependent directivity expressed as gain-

frequency pairs. The impulse response of the system is measured at all three angles (one
measurement corresponding to one of these scenes), and the given frequency magnitude
response should be matched with an accuracy of 1 dB at the frequencies specified by the
frequency field. The magnitude response is computed from the measured impulse response
after the delay introduced by the update interval of the audio parameters. The input sound for

this scene is CU2_AAB_Px.
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AABper7-12 Same as AABper1-6 but with CU4_AAB_Px as input signal.
Scenes for subjective testing

AABper13 This scene is used for subjective evaluation of frequency independent directivity. Audiovisual
source is rotated, and the changes in frequency independent directivity should be heard as
smoothly changing, and it shall not produce audible artifacts (transitions when changing from
one directivity angle to another). The input sound for this scene is CU1_AAB_Px.

AABper14 This scene is used for cnhjpr‘fivp evaluation of Frpr}npnr‘y dpppndpnf dirm‘fivify expres. ed as
gain-frequency pairs. Audiovisual source is rotated, and the changes in frequency depepdent
directivity should be heard smoothly changing but produce no audible artifacts (transftions
when changing from one directivity angle to another). The input sound for 'this scgne is
CU1_AAB_Px.

AABper15-16 Same as AABper 13-14 but with CU3_AAB_Px as input signal.

9.2.5.3.2 ['esting of spatialize field

The spatialige field indicates whether the incident angle of the arriving\sound is rendered. The methofd for

spatializing sound is non-normative; therefore only subjective testing is performed.

9.2.5.3.2.1 Scene configuration and field characteristics of DirectiveSound

In these tests, DirectiveSound field useAirabs is set to. .FALSE, spatialize field is set to TRUE, and the

speedOfSounld and distance fields are set to 0.

A visual objdct is associated to the DirectiveSound 1iode with a help of a Transform node. TimeSensor and

PositionIntdrpolator nodes are used for moving thé’source dynamically.

In these scenes the sound source moves from <60 to 60 degrees in azimuth, and it should sound like the soufce is

moving from|left to right with respect to the listener orientation.

9.2.5.3.2.2 Test scenes

Scenes for subjective testing
AABper17 In this scerie an audiovisual source is first positioned to -60 degrees for five seconds in azimuth

angle with'\respect to the listener, after which it is moved to zero degrees, where it stays for 5
seconds) and then it is moved to +60 degrees. The movements from -60 to 0 degrees and frgm 0
to-60*degrees each last 5 seconds, and there should be no audible lag in the movement or
stopping of sound with respect to the visual source movement (or to the descriptioh of
movement, if visual parts are not implemented in a corresponding profile). The user should hear
these effects with no audible artifacts (transitions in the spatialization processing of sound). The
input sequence used in this test is CU1_AAB_Px.

AABper18 The same scene and procedure of testing as above, but using CU3_AAB_Px as input sequence.

9.2.5.3.3 Testing of distance field

The value of the distance field defines the distance dependent attenuation of sound in a scene : Within distance
meters from the source, the sound is multiplied by the value of the intensity field before any spatial processing
(directivity filtering, spatialization, or room effect). Outside this distance from the sound source, the sound is not
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audible. Between 0 and distance, the distance attenuation is performed according to paragraph 9.4.2.78.1.1 of
ISO/IEC 14496-1 by modifying the source presence Es. If, however, the distance field is set to 0, no distance
dependent attenuation is applied.

9.2.5.3.3.1 Scene configuration and field characteristics of DirectiveSound

In these tests, DirectiveSound fields useAirabs,spatialize and roomeffects are set to FALSE, the speedOfSound is

set to 0, and distance field is set to 100. The directivity is uniform, both relative to the position of the source
(angle) and to the frequency.

A visual object is associated to the DirectiveSound node with a help of a Transform node. TimeSensor and

PosifionInterpolator nodes are used for moving the source dynamically in subjective tests. Objective tests
meadure the level of the impulse response at three different distances between the source and the)listener.
9.2.5.3.3.2 Test scenes
Scenes for objective testing
AABper19-21 In scenes 19-21 the source is positioned at 1.0 m, 50-m, 'and 100 m distances from the
Viewpoint. The response of the audio compositor is megasured, and the initial delay before the
first compositor output should be no more than_ the”update interval of the| audio scene
parameters. The input sequence is CU2_AAB_Px, and-the level of the compositor[output signal
is compared to the first sample of the audio input signal, and the level of the gqutput should
match the gain computed from the equation in'7.2.2.93.2.2 of ISO/IEC 14496-11}2005 when s
is 1.0, 50.0, and 100.0, respectively with ad\dccuracy of 1 dB or better.
AABper22-24 Same as the above test, but the input'sequence is CU4_AAB_Px.
Scenes for subjective testing
AABper25 In this test the sourcelis first at 1.0 meter distance, where it stays for 5 secornds, then it is
moved to 50.0 m distance during 10 seconds, and stays there for 5 seconds, and finally it is
moved to 100.1/meter distance during 10 seconds. The listener should hear the sound
attenuating,smoothly during the source movements, and the level remaining thg same during
the stop at 50/meters, and being inaudible at 100.1 meters. The input sequence is CU1_AAB_Px.
AABper26 Sameas the above test, but with input signal CU3_AAB_Px.
9.2.5.3.4 Testing of speedOfSound field
Field| speedOfSound defines the initial delay introduced to sound when the source and the viewpoint are in
diffetentlocations in the scene The delay simulates the prnpngnfinn delay of sound in a medium andlis dependent

on the distance between the source and the listener, and the speed of sound propagation in the medium. This field
is tested both objectively and subjectively. This test is carried out for two different values of speedOfSound, and by
positioning the source at two different distances from the Viewpoint. The delay that should be applied to sound is
given in seconds by:

J s
speedOfSound

where speedOfSound is the value given by the field of a same name, and s is the distance between the Viewpoint
and the DirectiveSound location.
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9.2.5.3.4.1 Scene configuration and field characteristics of DirectiveSound

In these tests, DirectiveSound fields useAirabs and spatialize are set to FALSE, the distance field is set to 0, and
the speedOfSound field is set to 340 or 170 (depending on the test scene under consideration).

A visual object is associated to the DirectiveSound node with a help of a Transform node. TimeSensor and
PositionInterpolator nodes are used for moving the source dynamically in the subjective tests.

9.2.5.3.4.2 Test scenes

Objective testing of speedOfSound

AABper27-28 The speedOfSound is given a value 340, and in these two scenes the delay it causes is measured
from the compositor output when replacing the sound source at 0 and 100 meter distanceg from
the Viewpoint. The 0 distance shall cause no delay to sound, and the delay.at,100-meter
distance should match that calculated from the equation in 9.2.5.3.4 with an-aécuracy of 10%
or better. The delay is considered as the time lag (in addition to the lag introduced Hy the
update interval of audio scene updates) in the response of the ,ompositor to gound
CU2_AAB_Px.

AABper29-30 Same as the test above, but CU4_AAB_Px is used as an input sound\td the compositor.
AABper31-32 Same as AABper27-28 but with a value 170 given to speedOfSound.

AABper33-34 Same as above but for input sound CU4_AAB_Px.

Subjective testing of speedOfSound

AABper35-36 Value of speedOfSound is 340 and 170’ in these scenes, respectively. The sound soufce is
moved from 100 distance to 0 distance and back to 100 distance. First the sound|is at
100-meter distance for 5 seconds." Then it moves to 0 distance and back to 100 distance
(simulating a source passing.the listener) with a uniform speed during 10 s. The changing
delay should be heard as a Doppler effect causing a raise in the pitch of sound when the spurce
is getting closer to the listener, and a decrease in the pitch of sound when it is drawn [away
from the listener. The'changing delay has to be interpolated between samples so th3t the
Doppler effect is heard and no artifacts such as clicks are audible. The change in the|pitch
should be heard twice as strong in AABper36 than in AABper35. The input test sighal is
CU1_AAB_Px«

AABper37-38 The sanie scenes as for AABper35-36 but with input sound CU3_AAB_Px.

9.2.5.3.5 Testing of useAirabs field

The useAirabs field is used to enable distance dependent lowpass filtering caused by the stronger sound
absorption of air at high frequencies than at low frequencies. The testing of this field is done both objectively and
subjectively.

9.2.5.3.5.1 Scene configuration and field characteristics of DirectiveSound

In these tests, DirectiveSound field useAirabs is set to TRUE, and spatialize field is set to FALSE, the
speedOfSound and the distance fields are set to 0.

A visual object is associated to DirectiveSound node with a help of a Transform node. TimeSensor and

PositionInterpolator nodes are used for moving the source dynamically in subjective tests. Objective tests
measure the level of the impulse response at three different distances between the source and the listener.
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Test scenes

Objective testing of useAirabs

An impulse response of the compositor output is measured and a magnitude response is
computed from it at distances 10, 50, and 100 meters between the DirectiveSound source and
the Viewpoint in scenes AABper39-41. The magnitude response shall match that computed
from formula 5 in ISO 9613-1 at the given distance with an accuracy of 1 dB or better. The
parameters concerning the atmospheric conditions are: humidity = 70%, temperature = 20
degrees centigrade, air pressure = 101325 Pa. The input sequence used in this test is
CUZ2_AAB_Px.

AARper42-44

AABper45

AABper46

Same as the above test but with CU4_AAB_Px as the input source signal.

Subjective testing of useAirabs

In this test a DirectiveSound source is dynamically moving(frem a 1-metef distance to
100-meter distance. The air absorption filtering should be heard’as increased lowpass filtering
as a function of distance. No audible artifacts such as clicks\should be heard a$ the filtering
changes. The input sound used in this test is CU1_AAB_Px

Same as the above test but with CU3_AAB_Px.

9.2.54 Procedure to test PerceptualParameters

Beloyv is the node interface of PerceptualParameters

PerceptualParameters {

spurcePresence 1.0
spurceWarmth 1.0
spurceBrilliance 1.0
rpomPresence 0.0
riinningReverberance 1.0
envelopment 0.0
dteReverberance 1.0

avyness 1.0

1.0

omniDirectivity 1.0
djrectFilterGains 1.0,1.0,1.0
inputFilterGains 1.0,1.0,1.0
refBistance 6
freqLow 250.0
freqHigh 4000.0
timeLimit1 0.02
timeLimit2 0.04
timeLimit3 0.1
modalDensity 0.8

The following nodes are used in the testing of PerceptualParameters:
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Advanced AudioBIFS nodes:

DirectiveSound

PerceptualParameters

Other nodes used in the scenes:

Group

Viewpoint

DirectionalLight

Transform
Shape
Appearence
Material
Sphere
Cylinder
TimeSensor

Orientation

9.2.5.4.1

This subclau
lateReverbe)

The percepty

nterpolator

['esting of the generic room response

se describes testing of sourcePresence, roomPresence, runningReverberance, envelopment,
rance, timeLimit1, timeLimit2, timeLimit3 and modalDensity fields.

al approach is based on the synthesis of a virtual room, the acoustic properties of which are bas¢d on

a generic impulse response model. The-time/frequency characteristics of the impulse response are derived |from

nine percept
of 7.2.2.93.2.

9.2.5.4.1.1

In these test{

1al parameters associated 'with explicit time and frequency limits according to tables and equations
| and 7.2.2.93.2.2 of ISQ/IEC 14496-11:2005.

Scene configuration and field characteristics of DirectiveSound and PerceptualParameters

the fields‘ef'the DirectiveSound node are set to default values, except that the roomEffect is et to

TRUE, and spatialize.field is set to FALSE for the objective tests. The fields the PerceptualParameters node are

set to the def

hult values except those that are tested (see list above).

9.2.5.4.1.2

AABper47

I es_t scenes

Objective testing of the room response

This scene simulates a small room with no frequency dependent effects. The impulse response
of the compositor is recorded. The delays and the levels of the recorded signal shall match the
corresponding values of the generic response according to the equations of 7.2.2.93.2.1 and
7.2.2.93.2.2 of ISO/IEC 14496-11:2005. The accuracy required for levels is 1 dB or better, and
the accuracy required for the time limits, the decay time and the modal density is 10% or
better. The levels R0, R1, R2 and R3, are calculated by summing the squared magnitudes of all
the samples in the corresponding sections of the recorded impulse response. The
reverberation time is measured (according to ISO 3382). The modal density is estimated by
visual inspection of the power spectrum computed for section R3 in the impulse response,
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limited to a narrow frequency range around 1000 Hz, so as to evaluate the number of peaks
per hertz in the frequency response. Input sound is CU2_AAB_Px.

This scene simulates a large room with no frequency dependent effects. The impulse response
of the compositor is recorded. The delays and the levels of the recorded signal shall match the
corresponding values of the generic response according to the equations of 7.2.2.93.2.1 and
7.2.2.93.2.2 of ISO/IEC 14496-11:2005 . Accuracy requirements and measurement methods
are identical to those of AABper47. Input sound is CUZ_AAB_Px.

Same procedure and field values as for AABper47 and AABper48, but with input sound
CU4_AAB_Px.

AABper51

AARper52

AABper53-54

9.2.54.2

This pubclause describes testing of sourceWarmth,sourceBrilliance, heaviness and liveness.

9.2.54.2.1

Testing of frequency-dependent effects

Subjective testing of the room response
This scene simulates a small room. The parameters setting are the sante as for AABper47. The
sound should be perceived as in a small room. Input sound is CU1.AAB_Px.

This scene simulates a large room. The parameters setting are the same as for AABper48. The
sound should be perceived as in a large room. Input sound.is CU1_AAB_Px.

Same procedure and field values as for AABper51 and AABper52, but with|input sound
CU3_AAB_Px.

Scene configuration and field characteristics of DirectiveSound and PerceptualParameters

In these tests the fields of the DirectiveSound node are set to default values, except that the roomHffect is set to
TRUE, and spatialize field is set to FALSE: The fields the PerceptualParameters node are set to the default values
except those that are tested (see list above) and the frequency limits which are modified according tofthe sampling

rate.

9.2.54.2.2

AARper55

Test scenes

Objective testing of frequency-dependent effects

This scene simulates a room with the same perceptual parameter values as
except that sourceWarmth is set to 10.0 and sourceBrilliance is set to 0.1.

n AABper48,
The impulse

response of the compositor is recorded and band-pass filtered around 1000 Hz with a

bandwith of approximately one octave. The levels R0, R1, R2, R3 and the rever

beration time

are calculated in the same manner as in AABper47. The levels R1, R2, R3 relatiye to RO shall

AABper56

match with an accuracy of 1 dB the corresponding values according to the equations of
7.2.2.93.2.1 and 7.2.2.93.2.2 of ISO/IEC 14496-11:2005. The decay time shall be matched with
an accuracy of 10%. For both RO and R1, the magnitudes at frequencies freqLow and freqHigh
relative to the magnitude at 1000 Hz shall match the sourceWarmth and sourceBrilliance
values within 1 dB. Input sound is CU4_AAB_Px.

This scene simulates a room with the same perceptual parameter values as in AABper55,
except that freqLow and freqHigh are set respectively at 100 and 6000 Hz. The procedure is
the same as for AABper55, except that the magnitude of RO and R1 are evaluated at 100 and
6000 Hz instead of the default freqLow and freqHigh.
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Same as AABper56, but with CU2_AAB_Px as the input signal and freqHigh set at 3000 Hz.

This scene simulates a room with the same perceptual parameter values as in AABper48,
except that heaviness is set to 10.0 and liveness is set to 0.1. The impulse response of the

compositor is recorded and band-pass filtered around 1000 Hz with a bandwi

th of

approximately one octave. The levels RO, R1, R2, R3 and the reverberation time are calculated
in the same manner as in AABper47. The levels R1, R2, R3 relative to RO shall match with an
accuracy of 1 dB the corresponding values according to the equations of 7.2.2.93.2.1 and
7.2.2.93.2.2 of ISO/IEC 14496-11:2005. The reverberation time at 1000 Hz, freqLow and

freqHigh shall be matched with an accuracy of 10%. Input sound is CU4_AAB_Px.

AABper59

AABper60

AABper61

AABper62

AABper63-¢

9.2.5.4.3
This subclau
9.2.5.4.3.1

In these testy
TRUE, and sp

This scene simulates a room with the same perceptual parameter values as in AAB]]
except that freqLow and freqHigh are set respectively at 100 and 6000 Hz. The proced
the same as for AABper55, except that the reverberation time is evaluated at 100and 60
instead of the default freqLow and freqHigh.

Same as AABper59, but with CU2_AAB_Px as the input signal and freqHigh-sét at 3000 Hz.

Subjective testing of the frequency-dependent effects

This scene simulates a small room. The parameters setting are the same as for AAB
except for the sourceWarmth and the sourceBrilliance thatvary along with the time : 5 se
with default values, 5 seconds with sourceWarmth=10.0 and sourceBrilliance=0.1 4
seconds with sourceWarmth=0.1 and sourceBrilliance=10. The frequency-dependent e

Input sound is CU1_AAB_Px.

This scene simulates a large room. The parameters setting are the same as for AAB
except for the heaviness and the livenéss that vary along with the time : 5 seconds with d
values, 5 seconds with heaviness=10.0 and liveness =0.1 and 5 seconds with heaviness=0.
liveness =1.0. The frequency-depéendent effects should be perceived and no artifact shoy

heard during the changes of parameter settings. Input sound is CU1_AAB_Px.

4 Same procedure and, field values as for AABper61 and AABper62, but with input s
CU3_AAB_Px.

['esting of inputFilterGains and directFilterGains
e describes testing of directFilterGains and inputFiltergains fields.
Scene-configuration and field characteristics of DirectiveSound and PerceptualParamg

thelfields of the DirectiveSound node are set to default values, except that the roomEffect is s
atialize field is set to FALSE. The fields the PerceptualParameters node are set to the default v

er58,
lire is
D0 Hz

ber47
ronds
nd 5
ffects

should be perceived and no artifact should be heard during the changes of parameter seftings.

per4 8
efault
1 and
1d be

ound

ters

et to
alues

except those
rate.

9.2.5.4.3.2

AABper65

hat are tested (see list above) and the frequency limits which are modified according to the sam

Test scenes

Objective testing of inputFiltergains and directFilterGains

pling

This scene is the same as for AABper47, except that inputFiltergains is set to [0.1,0.1,0.1]. The
impulse response of the compositor is recorded. The delays, the levels and the decay time of
the recorded signal shall be the same as in AABper47 except that the levels are reduced by 20

dB.
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This scene is the same as for AABper47, except that directFiltergains is set to [0.1,0.1,0.1].
The impulse response of the compositor is recorded. The delays, the levels and the decay time
of the recorded signal shall be the same as in AABper47 except that the level of RO (direct path)
shall be reduced by 20 dB.

Same procedure and field values as for AABper65 and AABper66, but with input sound
CU4_AAB_Px.

This scene is the same as for AABper47, except that inputFiltergains is set to [10.0,1.0,0.1].
The delays, the levels and the decay time of the recorded signal shall be the same as in
AABper47 except that the levels are increased by 20 dB at frequency freqLow and reduced by

AABper70

AABper71-72

9.2.54.4

This pubclause describes testing of omniDirectivity field.

9.2.54.4.1

Testing of omnidirectivity

20 dB at frequency freqHigh.

This scene is the same as for AABper47, except that directFiltergains is-set to [10.0,1.0,0.1].
The delays, the levels and the decay time of the recorded signal shall*be thg same as in
AABper47 except that the direct-path (R0O) levels are increased by 20' dB at frequency freqLow
and reduced by 20 dB at frequency freqHigh.

Same procedure and field values as for AABper69 and AABper70, but with|input sound
CU4_AAB_Px.

Scene configuration and field characteristics of DirectiveSound and PerceptualParameters

In these tests the fields of the DirectiveSound nodejare set to default values, except that the roomHffect is set to
TRUE, and spatialize field is set to FALSE. The fields the PerceptualParameters node are set to the default values
except those that are tested (see list above) and the frequency limits which are modified according tofthe sampling

rate.

9.2.54.4.2

Obje¢tive testing of omniDirectivity:

AARper73

AABper74

AABper75

Test scenes

This,scene is the same as for AABper47, except that omniDirectivity is set to 0.1
responise of the compositor is recorded. The delays, the levels and the decay
recorded signal shall be the same as in AABper47 except that the levels in the s

The impulse
F time of the
ection R1, R2

and R3 are reduced by 20 dB.

Same procedure and field values as for AABper73 but with input sound CU4_AAB |Px.

This scene is the same as for AABper47, except that omniDirectivity is frequenfy dependent

AABper76

(expressed as three gain-frequency pairs). The impulse response of the compositor is recorded.
The delays, the levels and the decay time of the recorded signal shall be the same as in
AABper47 except for the levels in the section R1, R2 and R3. The magnitude frequency
responses computed for each of these sections should differ from those obtained in AABper4?7,
by an amount matching, with an accuracy of 1 dB, the gain-frequency pairs in the
omniDirectivity field.

Same procedure and field values as for AABper75 but with input sound CU4_AAB_Px.
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9.3 AudioBIFS v3 nodes
9.3.1 General

This subclause describes the conformance testing for the rendering and output of AudioBIFS v3 nodes, which are
used for adding support for shaped sound sources (WideSound node), Ambisonics™ audio streams to two-and
three-dimensional BIFS scenes. Furthermore they allow 3D sound in 2D visual scenes (Transform3DAudio
node) and simplify the use of pre-defined audio effects (AudioFXProtos). With AudioBIFS v3 also a labelling
mechanism was introduced that transports the channel configuration information through the AudioBIFS sub-

graph and can be altered with the AudioChannelConfig node.

9.3.2 Composition unit inputs

The input ay
(AOT 2), and
below:

ABv3_CU01_
right channe

ABv3_CU02_
left, then for

ABv3_CUO03_
left, then for

ABv3_CU04_
Duration: 8 s

ABv3_CUO05_
Duration: 8 s

ABv3_CU06_
Duration: 3 s

ABv3_CUO07_
sinus tone o
channel, 0.49

silence, 1s white noise on LFE channel. Duration: 4 seconds, sampling rate 44100 Hz, 5.1 channels.

ABv3_CUO08_
44100 Hz, m

ABv3_CU09_
44100 Hz, m

dio streams used in the conformance testing of AudioBIFS v3 shall be outputs of an AAC de
they are monophonic, stereophonic, 5.1 (surround) and Ambisonics™ sounds. They-aré expl

. Duration: 8 seconds, sampling rate 44100 Hz, stereo.

bne second on right channel. Duration: 8 seconds, sampling rate 44100 Hz, stereo.

bne second on right channel. Duration: 8 seconds, sampling rate 44100 Hz, stereo.

| ch_AOT2_MS5: Composition Unit Input AAC: after 4/sé€conds silence white noise for one se
econds, sampling rate 44100 Hz, mono.

| ch_AOT2_M6: Composition Unit Input AAC:'after 5 seconds silence white noise for one se
econds, sampling rate 44100 Hz, mono.

| ch_AOT2_MO0-3: Composition Unit Input AAC: 3 seconds white noise starting from the begin
econds, sampling rate 44100 Hz, mono.

bch_AOT2_surround: Composition Unit Input AAC: 0.5 seconds silence, then for 0.2 seconds an 8
h center channel, 0.3s silence, 0.5s 440Hz sin on front left channel, 0.5s 440Hz sin on front
220Hz sin on left surround channel, 0.1s silence, 0.4s 220Hz sin on right surround channel

| ch_AOT2_onef\Composition Unit Input AAC: male voice ‘one’. Duration: 1 second,

no.

sampling

| ch_AOT2_two: Composition Unit Input AAC: male voice ‘two’. Duration: 1 second, sampling

ne.

oder
hined

Pch_AOT2_L1R2: Composition Unit Input AAC: white noise for one second on left, for one second on

Pch_AOT2_L3R4: Composition Unit Input AAC: after 2 seconds silencéwhite noise for one second on

Pch_AOT2_L5R6: Composition Unit Input AAC: after 4 seconds silence white noise for one secofd on

rond.

rond.

ning.

BOHz
right
0.1s

rate

rate

ABv3_CU10_1ch_AOT2_three: Composition Unit Input AAC: male voice ‘three’. Duration: 1 second

44100 Hz, mono.

ABv3_CU11_1ch_AOT2_four: Composition Unit Input AAC: male voice

‘four’. Duration: 1 second,

44100 Hz, mono.

ABv3_CU12_1ch_AOT2_five: Composition Unit Input AAC: male voice

‘five’. Duration: 1 second,

44100 Hz, mono.

, sampling rate

sampling rate

sampling rate

ABv3_CU13_1ch_AOT2_six: Composition Unit Input AAC: male voice ‘six’. Duration: 1 second, sampling rate 44100

Hz, mono.
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ABv3_CU14_2ch_AOT2_LCR_Binaural: Composition Unit Input AAC: male voices ‘left, center, right’, repeated 1 time.

Dura

tion: 10 seconds, sampling rate 44100 Hz, 2-channel binaural.

ABv3_CU15_2ch_AOT2_applause: Composition Unit Input AAC: applause. Duration: ~12 seconds, sampling rate

4410

0 Hz, 2-channel stereo.

ABv3_CU16_1ch_AOT2_applause_mono: Composition Unit Input AAC: applause. Duration: ~12 seconds, sampling
rate 44100 Hz, 1-channel mono.

ABv3_CU17_2ch_AOT2_orchestra: Composition Unit Input AAC: orchestra. Duration: ~12 seconds, sampling rate

4410

0 Hz, 2-channel stereo.

ABv3
rate 1

ABV3
a 3D
arou
speal
with
Hz, 1

ABV3
of th
2-cha

ABV3
ambi

ABV3
ambi

ABv3
recot
arraf

ABv3
playt

ABV3
the 5

Abv3
Dura

14100 Hz, 1-channel mono.
_CU19_1ch_AOT2_W: Composition Unit Input AAC: the omni-directional channel (0t order com

\d, splashes caused by stones thrown in the water first on the left then on)the right, a chil
xing on the front, slightly on the left. In the test sequences, it has to be deceded and played sy
the following audio streams (ABv3_CU20._... to ABv3_CU22_...). Durationy~14.3 seconds, samplin]
-channel.

e same ambisonic recording as ABv3_CU19_1ch_AOT2_W. Dutation: ~14.3 seconds, sampling r4
nnels.

_CU21_1ch_AOT2_Z: Composition Unit Input AAC: thé vettical bidirectional (15t order) channel
sonic recording as ABv3_CU19_1ch_AOT2_W. Duratien: ~14.3 seconds, sampling rate 44100 Hz,

_CU22_2ch_AOT2_UV: Composition Unit Input/AAC: the horizontal, 2 order channels U and
sonic recording as ABv3_CU19_1ch_AOT2_W-Duration: ~14.3 seconds, sampling rate 44100 Hz,

_CU23_1ch_AOT2_ambITU_C: Compasition Unit Input AAC: the center channel of a 5.0 playback ¥
ding described for ABv3_CU19.d¢h_AOT2_W that can be played over a standard ITU
gement. Duration: ~14.3 seconds, Sampling rate 44100 Hz, 1 channel.

_CU24_2ch_AOT2_ambITU_LR: Composition Unit Input AAC: the front left and front right cha
ack version describediaboeve. Duration: ~14.3 seconds, sampling rate 44100 Hz, 2 channels.

_CU25_2ch_AOTZ2-ambITU_SLSR: Composition Unit Input AAC: the surround left and surround r|
0 playback vefsion described above. Duration: ~14.3 seconds, sampling rate 44100 Hz, 2 chann

Fion: ~20seconds, sampling rate 48000 Hz, 2 channels.

Abv3

_CU18_1ch_AOT2_orchestra_mono: Composition Unit Input AAC: orchestra. Duration: ~12 seco:Lds, sampling

ponent W) of

ambisonic recording of an ambient sound field: a complex, mostly static, outdgor scene; birdls singing all

d and adults
rnchronously
g rate 44100

_CU20_2ch_AOT2_XY: Composition Unit Input AAC: the horizontal, bidirectional (15t order) channels X and Y

te 44100 Hz,
. of the same
1-channel.

[ of the same
2-channels.

rersion of the
loudspeaker

hnels the 5.0

ght channels
bls.

| CU26_2Ch)AOT2_seawash_cl.media: Composition Unit Input AAC: center channel and left chaniel ‘seawash’.

CU27 2ch AOT2 seawash _rs.media: Composition Unit Input AAC: right channel and surro

und channel

‘seawash’. Duration: ~20 seconds, sampling rate 48000 Hz, 2 channels.

Abv3_AudioNaturalReverb_ImpulseResponse.wav: Original impulse response for binary comparison for test scene

Abv3

9.3.3

_aFXP_aNaO1.

Compositor output

The output of the audio compositor will be investigated for conformance, and shall be a single output, N channel
(depending on the spatialization and reproduction method used) PCM audio stream. The input audio streams are
at 16 bit signed integer sample format, and the processing defined by the Advanced Audio BIFS nodes in the scene
will be carried out at an accuracy of at least 16 bits.
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Because of the non-normative nature of implementing many of the AudioBIFS features, no sample-wise
comparison is done to the output sound from the compositor. Some of the features can be evaluated in a static
situation (no dynamic changes, such as sound source or viewpoint movements, in the 3D environment) by
measuring certain parameters of the compositor's output. Some functionalities, on the other hand, require testing
in a dynamic situation where only subjective evaluation can be used (the user is listening to the sound compositor
output, and watching the visual compositor output if visual components are present).

In addition to objective and subjective testing a third on one is needed for AudioBIFS v3, the parameter printout.
Therefore the printout of certain parameters (like the absolute position of an audio source or the current channel
configuration of the audio data) can be compared with a given reference. the parameter printout does not print
the contents of a node’s field, but the status information like channel configuration that has to be passed through
the audio scefne graph along with the audio data or through the BIFS scene graph like the transform hierarchy. The
parameter pifintout should be ASCII text with the format

paramejterName value 1 .. value n

whereby valge should be in the format of the corresponding field and logged in the top-level saund nodes. I1] case
of a SFFloat/MFFloat field type the 1.16 float format should be used.

9.3.4 Confprmance tests for AudioBIFS v3 nodes
The followipg subclauses contain the detailed description of the conformance tests for the r1odes
AdvancedAudioBuffer, AudioChannelConfig, SurroundingSound, Transform3Daudio, WideSqund

and AudioFXProto effects.

9.3.4.1 Testing of AdvancedAudioBuffer node

The AdvancedAudioBuffer node provides an interface for stored sound. This node has corrected functionality
and enhancefl reload mechanism compared to the AudioBuffer node, e.g to accumulate snippets of sound in the
AdvancedAjudioBuffer. These snippets can be accessed.directly or as the full accumulated content.

9.3.4.1.1 BIFS components needed in the conformance testing

For testing the load and playback mechanism of the AdvancedAudioBuffer node a minimal set of BIFS nodles is
needed: Besifles the root node and one grouping node (Group, OrderedGroup) one top-level AudioBIFS jnode
(Sound, Soynd2D) as well as a node that.connects the AudioBIFS sub-graph with the decoder (AudioSoyrce)
is required.

9.3.4.1.2 (onformance testingprocedure

Conformancq testing of thetAdvancedAudioBuffer node requires the player to support the parameter priptout
of Advanced AudioBuffer node's fields. For subjective testing the listener has to check if playing back the scene
has the descifibed effect:

The basic behayiour of this node is determined by the loadMode field. For each of these five modes a test scene
shall be used te'check the functionalities. The read/write access to the different content blocks shall be verified
with the corresponding scene by a printout of the index of the content block. Additional subjective listening tests
shall be performed.

Test Scenes:

ABv3_AABO1 This scene is used for testing the compatibility mode (LoadMode=0) (compatible to
AudioBuffer, see functionality and semantics in the node definition) of the
AdvancedAudioBuffer node by loading ABv3_CU8_1ch_AOT2_one with the help of the
AudioSource node into the internal buffer of the AdvancedAudioBuffer node. After 10
seconds (t=10s) the ‘one’ will be repeated five times, which can be tested subjectively.
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This scene is used for testing the reload mode (LoadMode=1) by loading
ABv3_CU08_1ch_AOT2_one with the help of the AudioSource node into the internal buffer of
the AdvancedAudioBuffer node. The clip will be repeated five times with loop=enabled from
t=2s until t=7s. After 10 seconds the content will be replaced be clip
ABv3_CU08_1ch_AOT2_two, which will be repeated five times from t=12 until t=17. Clip
ABv3_CU08_1ch_AOT2_three will be loaded after 20 seconds and repeated five times from
t=22 until t=27. The playback should be tested subjectively.

This scene is used for testing the accumulate mode (LoadMode=2) by loading
ABv3_CU8_1ch_AOT2_one at t=0 with the help of the AudioSource node into the internal
buffer of the AdvancedAudioBuffer node. At t=3s ABv3_CU08_1ch_AOT2_two will be

ABvy3_AAB04

ABY3_AABO5

Toaded 1nto the bulfer and at t=6s ABvV3_CUUB_Ich_AUTZ_three will be loaded info the buffer.

At t=10s all three clips will be played contiuous (‘one, two, three’) two times’y
enabled. The loop mechanism will be tested by setting loop to false at t=19s)and
at t=20s for 6 seconds. Only one block (‘one, two, three’) should be heard .due to
loop mode. The playback should be tested subjectively.

This scene is used for testing the continuous accumulate mode,(LoadMode=3
ABv3_CU08_1ch_AOT2_one, ABv3_CU08_1ch_AOT2_two and. ABv3_CU08_1ch_A(
t=0, t=3s and t=6s into the internal buffer of the AdvancedAudioBuffer node V
of AudioSource. At t=10s all three clips will be played contiuous (‘one, two,
times while loop is enabled. At t=18s a fourth clip (ABv3_CU08_1ch_AOT?2_fi
appended and with the restriction of length = 3.seconds, the first clip shall b¢

vhile loop is
start replay
the disabled

by loading
T2_three at
vith the help
three’) two
bur) will be
e deleted. At

t=20s all three clips will be played contiuously (‘two, three, four’) two times. This sequence

will be repeated with appending ABv3_CU08_1ch_AOT2_five and playing back
five’) at t=30s and appending ABv3_CU08.1ch_AOT2_six and playing back (‘four
t=40s. The playback should be tested subjectively.

This scene is used for testing thé<accumulate mode with limited number of buf]
the AdvancedAudioBuffer node. In this mode the number of accumulaed bloch
instead of a maximum length. First a sequence ‘one, two, three' will be loaded

‘three, four,
five, six’) at

fer blocks of
ks will be set
and will be

played back two times at:£=10s. Then ‘four’ will be loaded into the buffer by replacing ‘one’,

played back two times att=20s. At t=27s the block in the middle (‘three’) will be
at t=29 ‘five’ will be-appended. This block (‘two, four, five’) will be played back
t=31s.

At t=40s the latest block (‘five”) is individually addressed and shall be played 3
loop is still enabled. At t=43s the block in the middle (‘four’) will be addressed
and played back 3 times. At t=46s the first block (‘two’) will be addressed indi
played back 3 times until t=49s. At t=48,5s loop will be set to false. The actual
wilt'be played until its end.

At t=50s, t=55s and t=60s clip ‘four’, ‘five’ and ‘two’ will be played only one time.

The playback should be tested subjectively.

deleted and
f'wo times at

times while
individually
vidually and
active block

9.3.4.2 Testing of AudioChannelConfig node

This node is used to label the audio data in the audio subtree to supply the audio presenter with the required
information for multi-channel or soundfield signals. The node has the standard audio node interfaces, but no
signal processing capability. The samples are passed through and get new channel configuration information.

9.3.4.2.1 BIFS components needed in the conformance testing

For testing the labelling mechanism of the AudioChannelConfig node a minimal set of BIFS nodes is needed:
Besides the root node and one grouping node (Group, OrderedGroup) one top-level AudioBIFS node that has a
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spatialize field (Sound, Sound2D, DirectiveSound) as well as a node that connects the AudioBIFS sub-graph

with the decoder (AudioSource) is required.

9.3.4.2.2 Conformance testing procedure

Conformance testing of the AudioChannelConfig node requires the player to support the parameter printout of
the channel configuration that reaches the top-level sound nodes. As the way this information is transported
through the AudioBIFS sub-graph is implementation-dependent the channel configuration should be printed in

the form of the AudioChannelConfig node's fields.

9.34.2.2.1 Unique generalChannelFormat

In this subflause the testing of the correct composition of one or more audio signal of the
generalChanpelFormat is described, i.e. all sources in the scene are channel-oriented presets (or subsets the
parametric channel oriented or Ambisonics™ oriented.

Pass through

Test scene fof parameter printout and subjective testing:
Abv3_ACCO[L This scene is used for testing whether the channel configuratien’ of the audio elemer

standard multi-channel configuration sound source will be used. The audio compositor
recognize the channel configurations of the elementarystream and map the channels tg
appropriate speaker(s). The 5.1 configuration shall be-recognizable in the parameter prir
of the channel configuration from the top level nodé:

For subjective testing the CU input used for.this scene result in a distinct scheme: On ¢
channel white noise is being played for .one second, starting with the front left cha
followed by the front right, surround left, surround right, center channel and finally the|
channel (5s<t<6s).

ABv3_CU07_6¢ch_AOT2_surroundds used as input sounds for this scene.

ChannelPreset

Abv3_ACCO

1)

passed correctly throtgh the AudioBIFS tree. Therefore generalChannelFormat will b
to the ‘ChannelPreset’ mode. A binaural recorded sequence will be used. After start-up thd
will be marked as ‘normal’ stereo. At t=12s the clip will be played again and marke
‘binaural’ ‘stereo. The configuration shall be recognizable in the parameter printout o
channel.configuration from the top level node.

For-subjective testing the properties of the audio presenter shall be taken into account.
presenter may have a crosstalk-canceller for loudspeaker playback or a HRTF ci
convolution for headphone playback. In this case the clip will be heard ‘spatialized’

same

reof),

tary

stream is correctly passed through the AudioBIFS tree. For\that purpose a 5.1-channel

hall
the
tout

very
hnel,
LFE

This scene is used for testing whether an alternative channel configuration stream will be

e set
clip
d as
the

The
0SS-
false

during tha fact 19 o ondeandforts=12ctha ocli xll o haosd rracthy dyaa o +ha i

dural

o 3L
oy ot T ST 2 SOt sSarttr1oT € TZ5 - Crp—vwinm ot TCar G CoTrT CCtry o C—tO—triC o1

marked content which should lead to the crosstalk-canceller being enabled for loudspe
listening or disabled HRTF cross-convolution in the headphone listening case.
ABv3_CU08_1ch_AOT2_LCR_Binaural is used as input sounds for this scene.

ChannelPresetSubset

Test scene for parameter printout and subjective testing:

aker

ABv3_ACCO03 This scene is used for testing the combination of two stereo and two mono sound sources to a
5.1-channel sound source. The audio compositor shall recognize the channel configurations of

the sound sources and map the channels to the appropriate speaker(s). It shal
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recognizable in the parameter printout of the channel configuration that each top-level sound
node addresses an individual subset of a 5.1 configuration (the values of fixedPreset are
000110b=6 for the front channels, 011000b=24 for the surround channels, 000001b=1 for

the center channel and 100000b=32 for the LFE channel).

For subjective testing the CU inputs used for this scene result in a distinct scheme: On every
channel white noise is being played for one second, starting with the front left channel,
followed by the front right, surround left, surround right, center channel and finally the LFE

channel (5s<t<6s).

ABv3_CU01_2ch_AOT2_LR12, ABv3_CU02_2ch_AOT2_LR34, ABv3_CU04_1ch_AOT2_M5 and

ABy3_ACCO04

Abv3_ACCO5

ABv3_CUU5_Tch_AUTZ_M6 are used as input sounds for this scene.

This scene is used for testing the combination of two mono sources to one,stereg
audio compositor shall recognize the channel configurations of the sound sour
the channels to the appropriate speaker. It shall be recognizable in the paramete
the channel configuration that each top-level sound node addresSes an indivic
(the values of fixedPreset are 01b=1 for the left channel and 10b=2 for the right]

For subjective testing the CU inputs used for this scene result in a distinct schem¢
channel white noise is being played for three seconds,.followed 1 second silence 3

second white noise on the right channel.

ABv2_CU06_1ch_AOT2_MO0-3 and ABv3_CU04_1ch: AOT2_MS5 are used as input so
scene.

This scene is used for testing whetlier*a dynamic changed channel configurs

(relabelled channels) will be passed, correctly through the AudioBIFS subtreg.

generalChannelFormat will be-set to the ‘ChannelPresetSubset’ mode. A s
(‘applause’) will be used. After.start-up the clip will be marked as L,R signal. At
will be marked as LS, RS. Thé\configuration shall be recognizable in the paramete
the channel configuration;ffom the top level node.

For subjective testingthe clip should be recognized from the left and right loudsp
start-up. After «6_seconds the clip should be heard from the left and rig

loudspeakers.

Abv3_Cul5. 2ch_Aot2_Applause is used as input sounds for this scene.

ParajmetricChannelOriented

P scenes.are u

sed for testing whether an alternative channel configuration stream will be pas

source. The
es and map
r printout of
Jual channel
channel).

b: On the left
nd then one

inds for this

tion stream
Therefore
tereo signal
[=6s the clip
r printout of

eakers after
ht surround

sed correctly

gh the AudioBIFS tree. Therefore generalChannelFormat will be set to the ‘ParametricChapnelOriented’

the channels

+/-30° (rlght/left)
configuration will be flipped to (0°, -/+30°, -/+110° and +15°azimuth/-21°elevation). The configuration shall be

recognizable in the

m, 0° (center),

+/ -110° (rlght/left surround) and +15°a21muth/ 21°e1evat10r1 (LFE)) At t=12s the

parameter printout of the channel configuration from the top level node.

For subjective testing the, the left/right and left/right surround channels will be swapped at t=12s.

ABv3_CU7_6ch_AOT2_surround is used as input sounds for scene Abv3_ACCO06a ...

Abv3_ACCO06a

Abv3_ACCO06b

origin = scene origin, Cartesian corrdinate system

origin = scene origin, Polar coordinate system
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origin = scene origin, Cylindric coordinate system
origin = user position, Cartesian corrdinate system
origin = user position, Polar coordinate system
origin = user position, Cylindric coordinate system

[C, Left, Right, Left Surround, Right Surround, LFE] =
[scene origin: Cartesian, Polar, Cylindric, user position: Cartesian, Polar, Cylindric]

Parametric(hannelOriented with directional loudspeaker

Abv3_ACC1p

ParametricAmbisonicsOriented

ABv3_ACC1jt

This scenes is wused for testing loudspeaker directional parameters. |The
generalChannelFormat will be set to the ‘ParametricChannelOriented’ .mode. [ The
audio presenter shall recognize the loudspeaker positions of the sound sources and [map
the channels to the appropriate speakers. A 4-channel subset of theITU 5.1 stanflard
configuration with only one surround channel will be addressed (r=2m;0° (center), +/4-30°
(right/left), -180° (dipole surround)), similar to a Dolby ProLegic® configuration.|The
surround channel will be set to dipole characteristic with channelDirectionalPatg§ern
= 1. The configuration shall be recognizable in the parafeter printout of the channel
configuration from the top level node.

For subjective testing, the surround channel should give a surround feeling, due td the
missing lobe from the surround loudspeaker.

origin = user position, Cartesian corrdindte ‘System; Abv3_CU26_2ch_AOT2_sea-wash_cl
and Abv3_CU26_2ch_AOT2_seawash_rs are used as input sounds for the scene. The two 2-
channel streams are combined to a 4-channel signal, whereby the 4t channel the surrgund
channel is.

This scene is used for testing the gathering of two stereo and two mono streams ifjto a
multi-channel audioflow labelled as a Higher Order Ambisonic sound field. In this s¢ene,
the input ambisonic channels are in the default order (W, X, Y, Z, U, V) regarding the
specification of the spatial resolution (ambResolution2D and ambResolution3D) and
therefore they follow an implicit indexing. The audio compositor shall recognizel the
channel configuration of the output multi-channel flow. It shall be recognizable ir| the
parameter printout of the channel configuration that the top-level SurroundingSound
sound* node addresses an Ambisonic sound field with a 2rd order 2D resolution| (i.e.
regarding the horizontal plane) and a 1st order 3D resolution (ie. regarding the vertical
dimension):

SurroundingSound: generalChannelFormat 4

SurroundingSound: ambResolution2D 2
SurroundingSound: ambResolution3D 1
SurroundingSound: ambEncodingConvention 2

For subjective testing: The 3D audio compositor should take into account the channel
configuration of the output multi-channel flow in the most appropriate way to process its
spatial decoding and render the sound field according to the reproduction setup (a
loudspeaker setup or headphones). The listener should perceive the same spatial scene
organization  as described ~ when  presenting  the Composition Unit
ABv3_CU19_1ch_AOT2_W in 9.3.2

ABv3_CU19_1ch_AOT2_W, ABv3_CU20_2ch_AOT2_ XY, ABv3_CU21_1ch AOT2_Z and
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ABv3_CU22_2ch_AOT2_UV are used as input sounds for this scene.

ABv3_ACC12 This scene is similar to ABv3_ACC11 and uses the same input sounds except that it changes
their order by permuting two children of the AudioChannelConfig node. Therefore an
explicit indexing of Ambisonic channels is necessary and done by using the
ambComponentIndex field. The parameter printout should make appear the following
lines:

SurroundingSound: generalChannelFormat 4

SurroundingSound: ambResolution2D 2

SUrToOUNdingSound: ampReSOIUCIon3D T

SurroundingSound: ambEncodingConvention 2

SurroundingSound: ambArrangementRule 1

SurroundingSound: ambComponentIndex [0 1 2 4 5 3l

For subjective testing: from the listener's point of view, thexrendered sound|field should
sound the same as with scene ABv3_ACC11.

For objective testing: output signals delivered by the€ atidio compositor for restitution over
loudspeakers or headphones should be the same.as with scene ABv3_ACC11.

ABY3_ACC13 This scene has similarities with ABv3_ACC12 except that the first [nput flows
(representing Ambisonic channels W, X,(¥,"U and V) are replaced with input streams
forming a 5.0 content that can be reconverted into the Ambisonic channels W, X, Y, U and V

of scenes ABv3_ACC11 (and ABv3_A€E412). This conversion is done by applyin
described by ambBackwardMatrix to the input channels. Mo

g the matrix
reover the

ambComponentIindex field\is used for explicit indexing of resulting Ambisonic
channels.
The parameter printoufishould make appear the following lines:
SurroundingSeund: ambResolution2D 2
SurroundingSound: ambResolution3D 1
SurroundingSound: ambEncodingConvention 2
SursoundingSound: ambArrangementRule 7
SurroundingSound: ambComponentIndex [0 1 2 4 5 3]
SurroundingSound: ambBackWardMatrix [6 6 0.1535 0.9047 0.9007
0.6796 0.6796 0 0.5075 1.4697 1.4697 -1.0610 -1.010 O O
0.5580 -0.5580 2.0493 -2.0493 0 8.4222 -4.1298 -4.1298 0.8123
0.8123 0 0 4.0084 -4.0084 -3.5519 3.5519 0 0 0 O 0 0 1]
For subjective testing: from the listener's point of view, the rendered sound|field should
sotrd buluatautiauy thesameas-with-scene ABv3ACCHHntermsof apatial organization.
ABv3_CU23_1ch_AOT2_ambITU_C, ABv3_CU24_2ch_AOT2_ambITU_LR,
ABv3_CU25_2ch_AOT2_ambITU_SLSR and ABv3_CU21_1ch_AOT2_Z are used as input
sounds for this scene.

9.3.4.2.2.2 Combination of different formats

To test the ability of the audio compositor to render several multi-channel formats in the same scene and at the
same time, use the scene ABv3_SS04, which combines the same ambisonic sound field as used in scene
ABv3_ACC11 and the same 5.1 sound field as used in scene ABv3_ACCO1.
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9.3.4.3 Testing of SurroundingSound node

The SurroundingSound node is used to attach sound to a scene. This causes spatial qualities and makes it
related to the visual content of the scene. This includes multi-channel signals that cannot be spatially transformed
with the other sound nodes due to their restrictions to the specification of the phaseGroup field and the
spatialize field. By using this node, sound may be attached to a group and spatialized or moved around as
appropriate for the spatial transforms above the node.

9.3.4.3.1 BIFS components needed in the conformance testing

Except from basic 3D nodes (Group, Transform, ViewPoint) the AdvancedAudioBuffer node is needed for

looped playb
Coordinate
ensure the cd

9.3.4.3.2

Conformancg
Surroundin
the describe(

Test Scenes:

ABv3_SS01

ABv3_SS01b Same as ABv3_SS01, except that ABv3_CU23_1ch_AOT2_amblT|

ABv3_S502

ACK of the audlio data. or subjective testing the scene has to be animated. The nodes Timedensor,

Interpolator and OrientationInterpolator are required as well as the ROUTE mechanis
rrect channel configuration an AudioChannelConfig node is used in the test scenes.

Conformance testing procedure

testing of the SurroundingSound node requires the player to support the|parameter printd
gSound node's fields. For subjective testing the listener has to check if playing back the scen

effect. The subjective listening tests shall be performed.

This scene is used for subjective testing of the SurreundingSound node. This is don

. To

ut of
e has

e by

rotating a 5.1 audio track around the listener by modifying the orientation field of the node

SurroundingSound via TimeSensor and OrientationInterpolator nodes. The list

shall perceive the clockwise rotation of the surfound panorama.
ABv3_CUO07_6ch_AOT2_surround is used as‘input sound for this scene.
ABv3_CU24_2ch_AOT2_ambITU_LR; ABv3_CU25_2ch_AOT2_ambITU_SLSR

ABv3_CU19_1ch_AOT1_W are_used as input sounds for this scene (recording of a na
sound scene).

This scene is used for’subjective testing of the effect of outer transformations on
SurroundingSound node. This is done by rotating a 5.1 audio track around the listene

modifying the rotation field of an "outer" Transform node via TimeSensor
Orientationlnterpolator nodes. The listener shall perceive the clockwise rotation o

surround panorama (similarly as with scene ABv3_SS01) as long as the isTransformz
field of the'SurroundSound node is set to TRUE, i.e. during the first 8 seconds. After
delay)the isTransformable field is set to FALSE so that the rotation field of
Transform node shall have no longer effect on the SurroundingSound node and

listener shall perceive a static surround panorama.

ABv3_CU07_6¢ch_AOT2_surround is used as input sound for this scene.

ener

U_C,
and
ural

the
r by
and
F the
ible
this
the
the

ABv3_SS02b Same as ABv3_SS02, except that ABv3_CU23_1ch_AOT2_ambITU_C,

ABv3_SS04

ABv3_CU24_2ch_AOT2_ambITU_LR, ABv3_CU25_2ch_AOT2_ambITU_SLSR

and

ABv3_CU19_1ch_AOT1_W are used as input sounds for this scene (recording of a natural

sound scene).

This scene is used for subjective testing of the distance attenuation, i.e. the decreasing (resp.
increasing) of the perceived surrounding sound field level as the ListeningPoint moves
away from (resp. gets closer to) its centre, as defined by the location field of the
SurroundingSound node. In this scene, two sound fields (and SurroundingSound
instances) are present and centered on distinct locations. The distance parameter of the two

SurroundingSound instances is chosen so that both sound fields are audible with a
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negligible level half-way between the two locations. As ListeningPoint moves from one
location to the other (during the first 10s), the listener shall first perceive the first
surrounding sound field (nature ambience) with a significantly higher level than the second
one, then a mix between both sound fields and finally mostly the second sound field (test
signals). Then ListeningPoint moves back to its initial position so that the listener shall
perceive the inverse effect (during the following 10 s). The kind of cross-fade effect implied by
the distance attenuation should be as smooth as possible. For the next rounds the distance
attenuation is deactivated for the first SurroundingSound instance (its distance
parameter is set to 0) so that only the second sound field shall be perceived with a varying

level as ListeningPoint continues its back-and-forth trajectory.

ABY

3.SS05

The sound field already used 1n scenes ABV3_AACIT (2@ order ambisonic record
ambience) and ABv3_AACO1 (5.1 test signals) are combined and respectivelycen
first and second location points. Therefore the present scene is also used fer.subje
of the combination of several formats.

This scene is used for subjective testing of the effect the angular distortion of the
as the ListeningPoint (or ViewPoint) moves in the virtdal scene ang
distortionFactor is not null. It is also used to test the ability’of the 3D audio c
appropriately combine several kinds of sound field/transformations, nam
distortion and rotation.

The same sound field as ABv3_AACI1I--is wused (ABv3_CU19_1
ABv3_CU20_2ch_AOT2_XY, ABv3_CU21_1ch_AQT2_Z and ABv3_CU22_2ch_AOT2]
used as input sounds). The sound field extractis 14.3 second long and played in 1
AdvancedAudioBuffer node. The scen€ is divided in 5 sequences that col

ng of nature
tered on the
ctive testing

sound scene
| when the
mpositor to
ely angular

ch_AOT2_W,
UV are also
bop using an
rrespond to

several kinds of ListeningPoint moyvements and induced sound field transformations. The

distortionFactor is set to 0.2, which' corresponds to a reference distance of
sounds positioned orthogonally téthe ListeningPoint's movement.

1st step (0>14.3 sec.): ListéningPoint is static, positioned and oriented acco

b meters for

rding to the

default parameter values.:As the sound field contains mostly static sources, the listener shall

be able to memorize itsspatial organization.

2nd step (14.3->28.6'sec.): ListeningPoint rotates by half-turn during the first
first 7.15s the listener should perceive that the sound scene rotates without d
relative angles between the sounds of the scene, nor their level. In the last 7.155
shall perceive that the front-back and left-right axes have been inverted with re
originalerientation.

3rdstep (28.6>42.9 sec.): ListeningPoint moves 5 meters towards its new fron
The listener shall perceive that the front part of the scene progressively enlarg
lateral sources move backward and the back part of the scene narrows. Changg
rendered as smoothly as possible.

7.15s. In the
hanging the
the listener
spect to the

tal direction.
es while the
bs should be

otation and

4th step (42.9->57.2 sec.): ListeningPoint's movement combines half-turn 1

diagonal trajectory so that its final position is 5m left to the initial position and its final
orientation is the original one. The listener should feel both rotation and angular distortion
effects. Changes should be rendered as smoothly as possible and without audible click.

5th step (57.2->71.5 sec.): During the first 7.15 s ListeningPoint moves to its right (like a
crab) to get its initial position. The listener should perceive that the front and back sound
sources move to left. He/she should finally retrieve the initial spatial organization.
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9.3.4.4  Testing of Transform3DAudio node

The Transform3DAudio node is used to integrate 3D audio in 2D visual scenes. Therefore coordinate
transformations can be applied so that movements in the x-y (visual) plane are transformed into movements in
the x-z plane for audio (which is the default behaviour of this node). Additionally it allows adding coordinates and
vectors to the incoming two-dimensional transform hierarchy to achieve a full 3D addressing.

9.3.4.4.1 BIFS components needed in the conformance testing

For testing the Transform3DAudio node a minimal set of BIFS nodes is needed: Besides the root node and a
node for 2D grouping (OrderedGroup) and transformations (Transform2D) one top-level 3D AudioBIFS node

having a spad
with the decq

9.3.4.4.2

Conformancq
the location
orientation g
also shall bd
coordinate

transformati
described eff|

Test Scenes:

der (AudioSource) is required.

Conformance testing procedure

lobalOrientation). the transformation produced by the locationrfield of the Sound

pct.

ABv3_T3DA01  This scene is used for testing the default functionality of the Transform3DAudio

(mapping the x-y position into the x-z plane)by modifying the translation field of an "o

coordinates of the Sound node arejnitially (-1,0,0), and after each BIFS update (each 50
(0.707,0,-0.707), (1,0,0), (0.707,0,0:707) and (0,0,1):

Sound: globalPositiofly -1.0000 0.0000 0.0000
Sound: globalPositdonh 0.7071 0.0000 -0.7071
Sound: globalPosditiion 1.0000 0.0000 0.0000
Sound: globalPosition 0.7071 0.0900 0.7071
Sound: globalRBosition 0.0000 0.0000 1.0000

remaining in the x-z plane (y=0).

tialize field (Sound, Directivedound) as well as a node that connects the AudioBIFS sub-g raph

testing of the Transform3DAudio node requires the player to support the parameter printqut of
and orientation of the respective Sound node in world coordinates (gldbalPositior] and

node

taken into account for parameter printout. With this method the default functionality (flipping
gystem), the coordinate transformation and the adding of coordinates and vectors t
bns can be tested. For subjective testing the listener has to checkTif\playing back the scene has the

2D

ode
ter"

Transform2D node via BIFS updates, which causes the sound source to move in the¢ x-z
plane. In the parameter printout it.shall be visible that the global position in 3D world

dms)

For subjective)testing the sound source shall describe a rough semicircle from its ipitial
position right in front of the listener over the right side up to the back of the listener

ABv3_T3DA02  This/scene is used for testing the extension of a 2D rotation to a 3D rotation by adding a

retation vector (0,0,-1) (field rotationVector) to the rotation angle obtained from th

Nopdne Moo farma 9N noada 1o a6 d by DIDC i datne vahioh coicn tha coylin d 1

e 2D

transform hierarchy in the Transform3DAudio node. The rotationAngle field df an

*e to

ABv3_T3DAO03

1Ak a oo
ooeCr o STo T = oottt ottt ooy DT o—aptatCS;— v intr—CaasC—tnC—So0unt—S0our

move in the x-z plane from the front of the listener to his right side (after the de

fault

coordinate transformation of the Transform3DAudio node is applied). In the parameter

printout this movement shall be visible; the absolute position of the sound node changes
500ms:

Sound: globalPosition 0.0000 0.0000 -1.0000

Sound: globalPosition 0.3827 0.0000 -0.9239

Sound: globalPosition 0.7071 0.0000 -0.7071

Sound: globalPosition 0.9239 0.0000 -0.3827

Sound: globalPosition 1.0000 0.0000 -0.0000

each

This scene is used for testing the extension of a 2D rotation center to a 3D rotation center by

adding a 3rd center coordinate 1 (field thirdCenterCoordinate) to the 2D rotation center
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(1,0) obtained from the 2D transform hierarchy in the Transform3DAudio node. The
rotationAngle field of an "outer” Transform2D node is modified by BIFS updates, which
cause the sound source to rotate around the transformed rotation center (after the default
coordinate transformation of the Transform3DAudio node is applied). Additionally the
rotationVector is (0,0,-1). In the parameter printout this circular movement shall be

visible; the absolute position of the sound node changes each 375ms:

ABvy3_T3DA04

ABY3_T3DAO05

ABy3_T3DA06

Sound: globalPosition 0.0000 1.0000 0.0000
Sound: globalPosition 1.0000 1.4142 0.0000
Sound: globalPosition 2.0000 1.0000 0.0000
Sound: globalPosition 2.4142 0.0000 0.0000
Sourmrd—gtobatPosttior 2000 0—1 006000660
Sound: globalPosition 1.0000 -1.4142 0.0000
Sound: globalPosition 0.0000 -1.0000 0.0000
Sound: globalPosition -0.4142 0.0000 0.0000
Sound: globalPosition 0.0000 1.0000 0.0000

This scene is used for testing the extension of a 2D scaling to a 3D-s¢aling by addipg a 3 scale

coordinate 3 (field thirdScaleCoordinate) to the 2D scalingx(1,0) obtained
transform hierarchy in the Transform3DAudio node: ‘After the default
transformation of the Transform3DAudio node is applied the location v
Sound node (1,1,1) shall be (2,3,-2), which can be seén,in the parameter print
updates are used, so only one value will be shown):

Sound: globalPosition 2.0000 3.00Q0%-2.0000

This scene is used for testing the extension of an angular 2D scale orientation t
orientation by adding the vector (0,1,0) (field scaleOrientationVector) to {
orientation obtained from the 2D transform hierarchy in the Transform3DAud
scaleOrientation field of an "guter" Transform2D node is modified by B
which cause the sound source to move in a plane parallel to the xy-plane (afte

from the 2D
coordinate
ector of the
ut (no BIFS

o a 3D scale
he 2D scale
o node. The
FS updates,
" the default

coordinate transformation of'the Transform3DAudio node is applied). A scaling of (2,2,3)

((2,2) from the 2D transform hierarchy and 3 as thirdScaleCoordinate) is app
to make the scale orientdtion effective. In the parameter printout this circular mo
be visible; the absoluteposition of the sound node changes each 750ms:

Sound: globaltPostion 2.0000 3.0000 -2.0000
Sound: gkrolkbalPostion 3.0000 3.0000 -2.0000
Sound: gldbalPostion 3.0000 2.0000 -2.0000
Sound:\globalPostion 2.0000 2.0000 -2.0000
Soufid® globalPostion 2.0000 3.0000 -2.0000

This scene is used for testing the extension of a 2D translation to a 3D translation
3rd translation coordinate (field thirdTranslationCoordinate) to the tran
obtained from the 2D transform hierarchy in the Transform3DAudio
thirdTranslationCoordinate field of the Transform3DAudio node is mod
updates, which cause the sound source to move from (1,0,-1) to (1,1,-1) (aftel

lied in order
rement shall

by adding a
slation (1,1)
node. The
fied by BIFS
the default

coordinate transformation of the Transform3DAudio node is applied). In th|

E parameter

ABv3_T3DA07

printout this movement shall be visible; the absolute position of the sound node changes each

500ms:

Sound: globalPosition 1.0000 0.0000 -1.0000

Sound: globalPosition 1.0000 0.2000 -1.0000

Sound: globalPosition 1.0000 0.4000 -1.0000

Sound: globalPosition 1.0000 0.6000 -1.0000

Sound: globalPosition 1.0000 0.8000 -1.0000

Sound: globalPosition 1.0000 1.0000 -1.0000

This scene is used for testing the coordinate transform functional

ity of the

Transform3DAudio node by modifying the axis of its coordinateTransform field via

BIFS updates each 500ms, which causes the sound source to move. In the param
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these position changes shall be visible:

Sound: globalPosition 0.0000 0.0000 1.0000

Sound: globalPosition -0.0073 0.0370 0.9993

Sound: globalPosition -0.0451 0.1212 0.9916

Sound: globalPosition -0.1087 0.2093 0.9718

Sound: globalPosition -0.1789 0.2807 0.9430

Sound: globalPosition -0.2440 0.3333 0.9107

This scene is wused for testing the coordinate transform functionality of

the

Transform3DAudio node by modifying the angle of its coordinateTransform field via
one BIFS update, which causes the sound source to flip from the xz-plane to the xy-plane. In

For all scene

9.3.4.5 Tq
The WideSa
widening for
scene. Addit
which will nd

9.3.4.5.1

For testing th
node (Gro
(AudioSou

9.3.4.5.2
Conformancg

WideSound
described eff

the parameter printout this position change shall be visible:

Sound: globalPosition 0.0000 0.0000 -1.0000
Sound: globalPosition 0.0000 1.0000 0.0000

ABv2_CU06_1ch_AOT2_MO0-3 is used as input sound.

psting of WideSound node

und node is used to attach sound to a scene, thereby giving it spatial qualities with a determi
non-phase-related signals from its descendant audio nodes and relating it to the visual content

onally the node has backward compatible functions of the Seund and DirectiveSound 1
t be tested here.

BIFS components needed in the conformance testing

p, OrderedGroup) one a node that connects’ the AudioBIFS sub-graph with the de
ce) is required.

Conformance testing procedure

testing of the WideSound node requires the player to support the parameter printo

node's fields. For subjective_testing the listener has to check if playing back the scene ha
Ju

Four different shapes of a sound can be selected: shuck, box, ellipsoid and cylinder. The printout of the nodes

a functional

hable
f the
odes

e WideSound node a minimal set of BIFS nodes is.needed: Besides the root node and one groyiping

oder

ut of
5 the

oives

hint. But the real function of the node can be tested subjectively only. Therefore it is a compmon

practice to glay back the same_sound (here the four shapes) with different behaviour consecutively without
disturbing nqgise. The subjective’listening tests shall be performed.

9.3.4.5.2.1 Testing'of all shapes

Test Scenes:

ABv3_WSO0 This scene 1S used for testing the dilferent shapes ol the widesound node, starting with a
stereo version of the clip: ABv3_CU14_2ch_AOT2_applause. At t=15s, t=30s, t=45s and t=60s
the clip ABv3_CU15_1ch_AOTZ2_applause_mono will be used with the four shapes
consecutively shuck, box, ellipsoid and cylinder. The size of the shape is {2m,1m,1m} for the
box, ellipsoid and cylinder in the location {0, 2, 0} and half/quarter sphere for the shuck.

ABv3_WS02 This scene is used for testing the different shapes of the WideSound node, starting with a

stereo version of the clip: ABv3_CU17_2ch_AOT2_orchestra. At t=15s, t=30s, t=45s and t=

60s

the clip ABv3_CU18_1ch_AOT2_orchestra_mono will be used with the four shapes
consecutively shuck, box, ellipsoid and cylinder. The size of the shape is {2Zm,1m,1m} for the

box, ellipsoid and cylinder in the location {0, 2, 0} and half/quarter sphere for the shuck.

© ISO/IEC 2024 - All rights reserved

200


https://iecnorm.com/api/?name=572582bd636e5958829c156e801d680b

ISO/IEC 14496-26:2024(en)

9.3.4.5.2.2 Testing of signalling plane waves

ABv3_WS03

9.3.

The AudioFXPROTO node provides an implementation of a tailored subset of functienality availablg
AudipFX node. The AudioFX node normally requires a Structured Audio implementation. The ta
allows players without Structured Audio capability to use these standard audio effects.

The i

The AudioFXxPROTO node interface is normative. The parameters shall-be‘verified with the corresp

by a

9.3.

For tpsting the AudioFXProto with the AudioFX node@minimal set of BIFS nodes is needed: Beq

Therefore a source emanating two-dimensional plane waves is positioned in

This scene is used for testing the signalling of plane waves with the WideSound node.

front of the

listener. If the playback system is capable of rendering plane waves the sound source shall be
perceived in infinite distance (meaning always from the front, independent from translation

in x-z plane, subjective testing). After three seconds the source is switched to em
dimensional plane waves. The listener shall perceive the source in infinite distanc
of any translation.

ABv3_CU18_1ch_AOT2_orchestra_mono is used as sound input for this scene.

.6  Testing of AudioFXProto mechanism

Intended effect of the AudioFxPROTO node is not normative, so that the effect can be tested subj

brintout of the audioFXParams field.

.6.1  BIFS components needed in the conformance testing

anate three-
e regardless

through the
lored subset

ectively only.
pnding scene

ides the root

node|and one grouping node (Group, OrderedGroup).one a node that connects the AudioBIFS sub-graph with

the decoder (AudioSource) is required. The effect ‘can be implemented in a loadable module, addi
PROTO’s name instead of a full AudioFX implemeuntation.

9.3.

Confi

parameter printout of the audioFXParams field. For subjective testing the listener has to check if]

the

Abv3 CU18_1ch_AOT2_orchestrajmono, depending on the effect. The effect parameters are change
playhack of the clip.

9.3.4.6.2.1 Testing-of audioChorus

Abw3_aFXP_aCh01 This scene is used for testing the audioChorus effect. At start-up the

.6.2  Conformance testing procedure
rmance testing of the AudioFXProto with the AudioFX node requires the player to

scene has the described:‘effect. The effects are tested with Abv3_CU17_1ch_AOT2_

disabled (bypass of the clip). At t=6s the parameters inside the audioFX
field are set to:

essed by the

support the
playing back
rchestra or
d during the

effect is
Params

rate=2.0, depth=0.5andmodulation=1.0 (Triangle modulation)

which addresses a moderate effect strength.

ABv3_CU18_1ch_AOT2_orchestra_mono is used as input for this scene. The output is

a 2-channel signal.

9.3.4.6.2.2 Testing of audioCompressor

Abv3_aFXP_aCo01 This scene is used for testing the audioCompressor effect. At start-up the
disabled (bypass of the clip). At t=6s the parameters inside the audioFXParams
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