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Foreword

ISO (the International Organlzatlon for Standardlzatlon) and IEC (the Internatlonal Electrotechnical

ISO or IEC participate in the development of International Standards through technical com
established by the respective organization to deal with particular fields of technical activity. ISO.an

and non-governmental, in liaison with 1ISO and IEC, also take part in the work. In the field ef infor
technology, ISO and IEC have established a joint technical committee, ISO/IEC JTC 1.

International Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part 2.

The main task of the joint technical committee is to prepare International Standards. Draft International
Standards adopted by the joint technical committee are circulated to national bodies for voting. Publicatipn as
an International Standard requires approval by at least 75 % of the national boedies casting a vote.

Attention is drawn to the possibility that some of the elements of this,document may be the subject of patent
rights. ISO and IEC shall not be held responsible for identifying any,er all such patent rights.

Amendment 3 to ISO/IEC 14496-3:2001 was prepared by \Joint Technical Committee ISO/IEC JTC 1,
Information technology, Subcommittee SC 29, Coding ,ef_audio, picture, multimedia and hypermedia
information.
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Information technology — Coding of audio-visual objects —

Part 3:
Audio

AMENDMENT 3: MPEG-1/2 Audio in MPEG-4

In subclause 1.2 (Normative references), add:
ISO/IEC 14496-1, Information technology - Coding of audio-visual objects - Part 1: Systems

ISO/IEC 14496-11, Information technology - Coding of audio-visual objects - Bart’11: Scene descriptio
application engine

In subclause 1.5.1.1 (Audio object type definition), replace the following line in Table 1.1:

n and

(reserved) 30

(reserved) 31

with:

(reserved) 30
(escape) 31
Layer-1 32
Layer-2 33
Layer-3 34

(reserved) 35

95
In‘subclause 1.5.1.1(Audio object type definition), Table 1.1 (Audio Object Type definition), add three tools as
additional columns:
e Layer-1, enter X in row for AOT 32
e Layer-2, enter X in row for AOT 33
e Layer-3, enter X in row for AOT 34
© ISO/IEC 2005 — Al rights reserved 1
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Add the following subclauses:

1.5.1.

2.26 Layer-1 Audio object type

The Layer-1 object is the counterpart of the audio coding scheme Layer-1 specified in ISO/IEC 11172-3 and
13818-3.

1.5.1

The |
I1SO/I

1.5.1

The

1ISO/I
“Lowd
perm

In su
appe

with:

In su
appe

2.27 Layer-2 Audio object type

Layer-2 object is the counterpart of the audio coding scheme Layer-2 specified in ISO/IEC 11172-3 |and
FC 13818-3.

2.28 Layer-3 Audio object type

L ayer-3 object is very similar to the audio coding scheme Layer-3 specified in ISO/#EC 11172-3 and
FC 13818-3. However, the use of Layer 3 encoded data as defined in ISO/IEC 13818-3 is limited to the
br Sampling Frequencies” case, i.e. the Layer 3 multi-channel syntax defined in 1SO/IEC 13818-3 is not
tted in this scope. Furthermore, additional sampling rates have been specified;

belause 1.6.2.1 (AudioSpecificConfig), Table 1.8 (Syntax of AudioSpecificConfig), replace (as often as it
ars):

audioObjectType; 5 bslbf

audioObjectType = GetAudioObjectType();

belause 1.6.2.1 (AudieSpecificConfig), Table 1.8 (Syntax of AudioSpecificConfig), replace (as often as it
ars):

extensionAudioObjectType; 5 bslbf |

with:

extensionAudioObjectType = GetAudioObjectType();

© ISO/IEC 2005 — Al rights reserved
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In subclause 1.6.2.1 (AudioSpecificConfig), add below Table 1.8 (Syntax of AudioSpecificConfig):

Table 1.8a — Syntax of GetAudioObjectType()

Syntax

No. of bits Mnemonic

GetAudioObjectType()

1

audioObjectType;
if (audioObjectType == 31) {
audioObjectType = 32 + audioObjectTypeEXxt; 6 uimsbf

return audioObjectType;

5 uimsbf

In subclause 1.6.2.1 (AudioSpecificConfig), Table 1.8 (Syntax of AudioSpegificConfig), add above of the
element epConfig:

Add the following subclause:

1.6.2.1.10 MPEG_1_2_SpecificConfig

Defined in ISO/IEC 14496-3 subpart 9.

In subclause 1.6.2.2.1 (Overview), add the following lines to Table 1.9:

Add after subclause 1.6.3.1 (AudioObjectType):

if ( audioObjectType == 32 || audioObjectType == 33|
audioObjectType == 34)
MPEG_1 2 SpecificConfig();

Layer-1 | 32 | ISO/IEC 14496-3 subpart 9
Layer-2 | 33 | ISO/IEC 14496-3 subpart 9
Layer-3 | 34 | ISO/IEC 14496-3 subpart 9

1.6.3.1a AudioObjectTypeExt

This data element extends the range of audio object types.

© ISO/IEC 2005 — Al rights reserved
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Create a new subpart, with the following content:

Subpart 9: MPEG-1/2 Audio in MPEG-4

9.1

The

AoBe
PCOoPe

MPEG-1/2 Audio in MPEG-4 subpart of MPEG-4 Audio specifies the usage of MPEG-1/2 Layer-1, 2.6n3

in an|MPEG-4 oriented way, i.e. such that signalling and access unit handling on Systems level is identical to
the other MPEG-4 audio object types.

In order to be carried in MPEG-4, the MPEG-1/2 Layer 1, 2 or 3 bitstream frames are re-formatted such that
they become self-contained MPEG-4 access units. This facilitates transport over packet-based networks,
randgm access, and editability. Those self-contained access units, as used in an MPEG-4(Systems compliant
transport or storage format, can be re-converted to MPEG-1/2 compliant bitstreames, and-then decoded with

any

The

MPEG-1/2 compliant decoder. Several methods of re-conversion are given in an.informative annex.

MPEG-4 Audio syntax is further extended to allow multi-channgl<configurations based on

ISO/IEC 11172-3 and ISO/IEC 13818-3 Layer 3. The multi-channel configurations are similar to the
configurations defined for the other multi-channel capable MPEG-4  audio object types. Note that for
MPE(-1/2 Layer 1 and 2 the format is not extended. The multi-channel.fermat for these layers is described in
ISO/IEC 13818-3.

Furthermore, the permitted sampling frequencies for Layer-3 are‘extended.

Assistance is furthermore provided in the use of decSpecificinfo and accessUnit as to utilize MPEG-1/2 Layer

1,2

ar 3 in the MPEG-4 world by means of the legacy MPEG-4 Systems interface using ObjectTypelndication

0x69 |or Ox6b.

9.2

MPEG_1_2_SpecificConfig

Table\9.1 — MPEG_1_2_SpecificConfig()

Syntax No. of bits Mnemonic
MPEG_ 1 2 SpecificConfig()
{
extension; 1 bslbf
}
extension shall be zero.

9.3
The

Channel Mapping

following rules apply:
single_channel_element()’s and Ife_element()’s are represented by mono audio frames.
channel_pair_element()’s are represented by stereo audio frames.

For Layer-1 and Layer-2, not more than one mono audio frame representing a single_channel_element()
or one stereo audio frame representing a channel_pair_element() is permitted.

© ISO/IEC 2005 — Al rights reserved
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9.4 Access Unit Format

9.4.1 Layer 1 and 2

One audio frame maps directly to one access unit.

9.4.2 Layer 3

One access unit consists of one or more mp3_channel_elements. An mp3_channel_element equals alka
audio frame with the following modifications compared to its definition in ISO/IEC 14472
ISO/IEC 13818-3:

syncword (12 bit) signals the total length in bytes of the mp3_channel_element (consisting of
header, error_check, side info and main data).

main_data_begin (9/8 bit) s either set to the correct value of the corresponding MRPEG-1/2 Layer 3
bitstream or to zero.

main_data() is generally stored after the side information.

All other data elements shall be set according to their specification in ISO/IEC 11172-3 or ISO/IEC 13§
All settings in the header shall correspond to the settings in the AudioSpecificConfig().

All mp3_channel_elements belonging to the same timestamp,\are stored sequentially into one acces

yer 3
3 or

18-3.

5 unit

according to the order given in subpart 1, subclause 1.6.3.4;-Fable 1.11 (Channel Configuration). An example

of a 5.1 channel configuration is given in Figure 9.1.

mp3_channel_element mp3_channel_element mp3_channel_element mp3_channel_element
center (mono) front (stereo) surround (stereo) LFE (mono)

H: Header, SI: SideInfo, MD: MainData

Figure 9.1 ='Access Unit containing mp3_channel_elements for a 5.1 channel configuration

9.5 Sampling rate extension for Layer 3

This_subsection provides specifications to allow the usage of Layer 3 with sampling rates not specif
ISO/IEC 11172-3 or ISO/IEC 13818-3.

ed in

The bitStrearm Syntax and description for the extension towards Sampiing frequencies fower than
specified in ISO/IEC 13818-3 are in accordance of ISO/IEC 13818-3 (one frame covers 576 samples).

The subsequent subclauses outline the necessary extensions.

9.5.1 Bitrates

Table 9.1 specifies the bitrate depending on the bitrate_index and sampling frequency.

© ISO/IEC 2005 — Al rights reserved
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Table 9.1 — Bitrate depending on bitrate_index and sampling frequency

bitrate_index bitrate specified (kbit/s)
8,11.025, 12 kHz 16, 22.05, 24 kHz 32,44.1, 48 kHz
(see ISO/IEC 13818-3) | (see ISO/IEC laa72-3)
‘0000 free free free
'0001" 8 8 32
'0010' 16 16 40
'0011! 24 24 48
'0100' 32 32 56
'0101" 40 40 64
'0110' 48 48 80
'0111' 56 56 96
'1000' 64 64 112
'1001' forbidden 80 128
'1010' forbidden 96 160
'1011" forbidden 112 192
'1100' forbidden 128 224
11071 forbidden 144 256
'1110' forbidden 160 320
1111 forbidden forbidden forbidden

9.5.2 Samping frequency

Depelnding on the sampling frequency signaled in the: AudioSpecificConfig, the data element
samgling_frequency in the header has to be set as specified in Table 9.2.

Taple 9.1 — Setting of the data element sampling.frequency depending on the sampling frequency
specified in the AudioSpecificconfig()

sampling_frequency. j,sampling frequency
00 11.025 kHz and multiples thereof
01 12 kHz and multiples thereof
10 8 kHz and multiples thereof
11 reserved

9.5.3 Padding

Paddjng is necessary,with a sampling frequency of 11.025 kHz and multiples thereof.

9.5.4 Scalefactor bands

The gubdivision of the spectrum into scalefactor bands is fixed for every block length and sampling frequency
and stored“in tables in the coder and decoder. The tables for the sampling frequencies not specified in
ISO/IEC11172-3:1993 or ISO/IEC 13818-3:1998 are specified in Annex 9.A. In accordance with

ISO/IEC 11172-3 or ISO/IEC 13818-3, the scale factor for frequency lines above the highest line in the tables
is zero, which means that the actual multiplication factor is 1.0.

9.5.5 Intensity stereo mode

Step 3 of the intensity stereo mode decoding (see ISO/IEC 11172-3, subclause 2.4.3.4.9.3) is clarified as
follows:

- if only the uppermost scalefactor band is in intensity stereo mode, then

6 © ISO/IEC 2005 — Al rights reserved
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is_ratio(20) =1 for long blocks
is_ratio(11) =1 for short blocks
- if at least the upper two scalefactor bands are in intensity stereo mode, then

is_ratio(20) = is_ratio(19) for long blocks

o ratinf44\ — o ratin/41N0) forchart hlacko
T TatOtT17 To—Tator Ty TOT—STOTToTOTKS
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Annex 9.A
(normative)

Scalefactor band tables

Table 9.A.1 — 8 kHz sampling rate, long blocks, number of lines 576

scalefactor band width of band index of start index of end
0 12 0 11
1 12 12 23
2 12 24 35
3 12 36 47
4 12 48 59
5 12 60 71
6 16 72 87
7 20 88 107
8 24 108 131
9 28 132 159
10 32 160 191
11 40 192 231
12 48 232 279
13 56 280 335
14 64 336 399
15 76 400 475
16 90 476 565
17 2 566 567
18 2 568 569
19 2 570 571
20 2 572 573

Table 9.A.2 — 8 kHz-sampling rate, short blocks, number of lines 192

scalefactor band width of band index of start index of end

0 8 0 7
1 8 8 15
2 8 16 23
3 12 24 35
4 16 36 51
5 20 52 71
6 24 72 95
7 28 96 123
8 36 124 159
9 2 160 161
10 2 162 163
11 2 164 165

8 © ISO/IEC 2005 — Al rights reserved


https://iecnorm.com/api/?name=53d7a7e8acedd4085aab5cd114bd61ca

ISO/IEC 14496-3:2001/Amd.3:2005(E)

Table 9.A.3 — 11.025 kHz sampling rate, long blocks, number of lines 576

scalefactor band width of band index_of start index_of end

0 6 0 5
1 6 6 11
2 6 12 17
3 6 18 23
4 6 24 29
[~ [~ 20 20
6 8 36 43
7 10 44 53
8 12 54 65
9 14 66 79
10 16 80 95
11 20 96 115
12 24 116 139
13 28 140 167
14 32 168 199
15 38 200 237
16 46 238 283
17 52 284 335
18 60 336 395
19 68 396 463
20 58 464 521

Table 9.A.4 — 11.025 kHz samplingate, short blocks, number of lines 192

scalefactor band width offband index_of start index_of end

0 4 0 3
1 4 4 7
2 4 8 11
3 6 12 17
4 8 18 25
5 10 26 35
6 12 36 47
7 14 48 61
8 18 62 79
9 24 80 103
10 30 104 133
11 40 134 173

© ISO/IEC 2005 — Al rights reserved 9
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10

Table 9.A.5 — 12 kHz sampling rate, long blocks, number of lines 576

scalefactor band width of band index_of start index_of end

0 6 0 5
1 6 6 11
2 6 12 17
3 6 18 23
4 6 24 29
[~ [~ 20 20
6 8 36 43
7 10 44 53
8 12 54 65
9 14 66 79
10 16 80 95
11 20 96 115
12 24 116 139
13 28 140 167
14 32 168 199
15 38 200 237
16 46 238 283
17 52 284 335
18 60 336 395
19 68 396 463
20 58 464 521

Table 9.A.6 — 12 kHz sampling rate, short blocks, number of lines 192

scalefactor band width of band index of start index_of end

0 4 0 3
1 4 4 7
2 4 8 11
3 6 12 17
4 8 18 25
5 10 26 35
6 12 36 47
7 14 48 61
8 18 62 79
9 24 80 103
10 30 104 133
11 40 134 173

© ISO/IEC 2005 — Al rights reserved
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Annex 9.B
(informative)

Converting MPEG-1/2 Layer 3 bitstreams into mp3_channel_elements

The use of the bit-reservoir usually causes the start of the main_data() to appear in a past bitstream_frame.
This needs to be modified by moving the main_data() immediately adjacent to its side informationy-This is
illustrated for one Layer 3 bitstream (mono or stereo) in Figure 9.B.1. Each resulting mp3_channel elemient is
mapped directly into an access unit. Resulting header and side info are indicated by H’ and SI’ respectively.

Layer3bitstream

|‘— layer 3 frame —’I

(constant length)

accessunitsconsistingofmp3_channel_elements

Sy 5777757 NN
|‘—mp3_channel_elemen!—’|
(variable length) H: Header, SI: Sidelnfo, MD: MainData

Figure 9.B.1 — Converting an MPEG-1/2 Layer 3 bitstream into mp3_channel_elements

All data elements of the header() shall be preserved. The data element main_data_begin might be set to|zero.
In that case the CRC has to be recalculated.

© ISO/IEC 2005 — Al rights reserved 11
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C

9.C.

Annex 9.C
(informative)

onverting mp3_channel_elements into MPEG-1/2 Layer 3 bitstreams

1 Overview

mp3_|channel_elements extracted from an access unit have to undergo the following conversion operatiohs in
order|to obtain MPEG-1/2 Layer 3 audio bitstreams compliant to ISO/IEC 11172-3 or ISO/IEC 13818-3:

e fpr each mp3_channel _element per access unit open a decoder instance or output stream

o fpreach mp3_channel_element in every access unit do

e restore syncword and IDex

e gorrect bitrate_index

e adjust main_data_begin

e recalculate crc_word

e reconstruct framing

9.C.

The |
rates

sync

IDex

The f

12

P Sampling rate signaling

bst bit of the syncword shall be used in axbackwards compatible way to allow the signalling of sampling

not specified in ISO/IEC 11172-3 or ISOAEC 13818-3. This leads to the following syntax modification:
Syntax No. of bits Mnemic
header()
{
syncword 11 bslbf
IDex 1 bslbf
word The bit string 1111 1111 111",

One bit to indicate the extended ID of the algorithm. Has the value '0' for
sampling rates not specified in ISO/IEC 11172-3 or ISO/IEC 13818-3.

ollowing table specifies the sampling rate depending on the values for IDex and ID:

IDex | ID | sampling rate

0 0 [8,11.025, 12 kHz
0
1

1 16, 22.05, 24 kHz (see ISO/IEC 13818-3)
1 32,44.1, 48 kHz (see ISO/IEC 11172-3)

© ISO/IEC 2005 — Al rights reserved
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9.C.3 Reconstruction instructions

This reconstruction process offers some degrees of freedom:

a) bitrate_index (stuffing might be required to adjust the bitstream frame length according to the new

bitrate_index, sampling frequency and padding_bit settings)

1) setto the maximum value allowed (signalling the maximum allowed bitstream frame length).

2) set to nearest higher value that matches the mp3_channel_element length.

3) set to nearest higher value that matches the mp3_channel_element length minus main ldata_|
of the current audio frame.

b) main_data_begin
1) setto zero.
2) set to the value pointing back to the end of main_data of the previous audio frame.
3) set to the correct value of the corresponding MPEG-1/2 Layer 3. bitstream.

c) location of stuffing

1) at end of main_data: preserves ancillary data wriften in forward direction, starting after th
Huffman code word.

2) at the end of the last Huffman codeword (location can be calculated using the part_2_3_le
preserves ancillary data written in reverse/direction starting before the main_data of the next fra

3) no stuffing required: preserves any angillary data.

Depending on bitrate requirements @nd ancillary data handling, these possibilities can be combined in s¢
ways:

The simplest method sets the.bitrate to the maximum size. This is the preferred method when feeding ex
MPEG-1/2 Layer 3 decoders. main_data_begin is set to zero. Stuffing bits are added either before of
ancillary data (see Figure 9.C.1, example A and B).

A more advanced,method can be derived from this simple method by setting the bitrate_index to the nd
higher value that’corresponds to the length of the mp3_channel_element. With this modification, the &
can be significantly reduced (see Figure 9.C.1, example C and D).

To avoid the necessity of stuffing, main_data_begin is set to the value pointing back to the end of main
of -the* previous frame. The bitrate_index is now set to the nearest higher value that matche

begin

b |ast

hgth):
me.

bveral

isting
after

arest
itrate

| data
5 the

mp3_channel_element length minus main_data_begin of the current audio frame (see Figure 9.C.1, eximple

Ein Figure 9.C.1). Only if main data begin would exceed the allowed value, stuffing has to be performe

The original Layer 3 bitstream can be reconstructed perfectly, if the correct main_data_begin value of the

corresponding MPEG-1/2 Layer 3 bitstream was preserved (see Figure 9.C.1, example F).
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