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add the following normative references

ISO/IEC, ”Information technology ​– MPEG audio technologies – Part 4: Dynamic range control,” ISO/IEC 23003-4 DIS 
ITU-R, “Recommendation ITU-R BS.1770-3. Algorithm to measure audio programme loudness and true-peak audio level,” 08/2012.
ITU-R, “Recommendation ITU-R BS.1771-1. Requirements for loudness and true-peak indicating meters”, 01/2012.
EBU, “Loudness Range: A measure to supplement loudness normalisation in accordance with EBU R 128,” EBU-Tech 3342, Geneva, August 2011

EBU, “Loudness Metering: EBU mode metering to supplement loudness normalization in accordance with EBU R128”, EBU – Tech 3341.

ETSI, “Digital Video Broadcasting (DVB); Specification for the use of Video and Audio Coding in Broadcasting Applications based on the MPEG-2 Transport Stream,” ETSI TS 101 154 V1.11.1, 2012-11.

ATSC “ATSC Recommended Practice: Techniques for Establishing and Maintaining Audio Loudness for Digital Television,” Document A/85:2011, 25 July 2011

ATSC, ATSC Standard: Digital Audio Compression (AC-3, E-AC-3), Doc. A/52:2012.
IETF RFC 5646, BCP 47, Tags for Identifying Languages, Phillips, A., et al, September 2009
in section 6.2.3, amend the first paragraph to read as follows

An overall view of the normal encapsulation structure is provided in the following informative table 1. In the event of a conflict between this table and the prose, the prose prevails. The order of boxes within its container is not necessarily indicated in the table.
Mark Table 1 as “(Informative)” in its caption
and in Table 1, after the rows for mvhd, the row for elst, the row for mfhd, the row for tfdt, and the row for mere, insert:
	
	meta
	
	
	
	
	
	8.11.1

	metadata


add the following as clause 8.4.6

12.2 Extended language tag 

12.2.6 Definition

Box Type:
‘elng’
Container:
Media Box (‘mdia’)
Mandatory:
No
Quantity:
Zero or one
The extended language tag box represents media language information, based on RFC 4646 (Best Common Practices – BCP – 47) industry standard. It is an optional peer of the media header box, and must occur after the media header box. 

The extended language tag can provide better language information than the language field in the Media Header, including information such as region, script, variation, and so on, as parts (or subtags).

The extended language tag box is optional, and if it is absent the media language should be used. The extended language tag overrides the media language if they are not consistent.

For best compatibility with earlier players, if an extended language tag is specified, the most compatible language code should be specified in the language field of the Media Header box (for example, "eng" if the extended language tag is "en-UK"). If there is no reasonably compatible tag, the packed form of 'und' can be used.

12.2.7 Syntax

aligned(8) class ExtendedLanguageBox extends FullBox(‘elng’, 0, 0) {

string
extended_language;
}

12.2.8 Semantics

extended_language is a NULL-terminated C string containing an RFC 4646 (BCP 47) compliant language tag string, such as "en-US", "fr-FR", or "zh-CN".

add to the end of 8.6.1.4.1

Version 1 of this box supports 64-bit timestamps and should only be used if needed (at least one value does not fit into 32 bits).

Replace 8.6.1.4.2 with
class CompositionToDecodeBox extends FullBox(‘cslg’, version, 0) {

if (version==0) {


signed int(32)
compositionToDTSShift;


signed int(32)
leastDecodeToDisplayDelta;


signed int(32)
greatestDecodeToDisplayDelta;


signed int(32)
compositionStartTime;


signed int(32)
compositionEndTime;

} else {


signed int(64)
compositionToDTSShift;


signed int(64)
leastDecodeToDisplayDelta;


signed int(64)
greatestDecodeToDisplayDelta;


signed int(64)
compositionStartTime;


signed int(64)
compositionEndTime;

}
}
add the following as 8.10.4

12.2.9 Track kind
12.2.10 Definition

Box Type:
‘kind’
Container:
User data box (‘udta’) in a track 
Mandatory:
No
Quantity:
Zero or more

The Kind box labels a track with its role or kind. 

It contains a URI, possibly followed by a value. If only a URI occurs, then the kind is defined by that URI; if a value follows, then the naming scheme for the value is identified by the URI. Both the URI and the value are null-terminated C strings.

More than one of these may occur in a track, with different contents but with appropriate semantics (e.g. two schemes that both define a kind that indicates sub-titles).

12.2.11 Syntax

aligned(8) class KindBox 

extends FullBox(‘kind’, version = 0, 0) {

string
schemeURI;

string
value;
}

12.2.12 Semantics

schemeURI is a NULL-terminated C string declaring either the identifier of the kind, if no value follows, or the identifier of the naming scheme for the following value.

value is a name from the declared scheme

add the following as clause 10.6

10.6
Stream access point sample group

10.6.1
Definition
A stream access point, as defined in Annex I
, enables random access into a container of media stream(s). The SAP sample grouping identifies samples (the first byte of which is the position ISAU for a SAP as specified in Annex I
) as being of the indicated SAP type.
The syntax and semantics of grouping_type_parameter are specified as follows. 
{

unsigned int(28)
target_layers;

unsigned int(4)
layer_id_method_idc;
}

target_layers specifies the target layers for the indicated SAPs according to Annex I
. The semantics of target_layers depends on the value of layer_id_method_idc. When layer_id_method_idc is equal to 0, target_layers is reserved.

layer_id_method_idc specifies the semantics of target_layers. layer_id_method_idc equal to 0 specifies that the target layers consist of all the layers represented by the track. layer_id_method_idc not equal to 0 is specified by derived media format specifications.
10.6.2
Syntax

class SAPEntry() extends  SampleGroupDescriptionEntry('sap ')
{

unsigned int(4) reserved;

unsigned int(1) dependent_flag;

unsigned int(3) SAP_type;
}


10.6.3
Semantics:

reserved shall be equal to 0. Parsers shall allow and ignore all values of reserved.

dependent_flag shall be 0 for non-layered media. dependent_flag equal to 1 specifies that the reference layers, if any, for predicting the target layers may have to be decoded for accessing a sample of this sample group. dependent_flag equal to 0 specifies that the reference layers, if any, for predicting the target layers need not be decoded for accessing any SAP of this sample group.
sap_type values equal to 0 and 7 are reserved; sap_type values in the range of 1 to 6, inclusive, specify the SAP type, as specified in Annex I
, of the associated samples (for which the first byte of a sample in this group is the position ISAU).
in 12.2.3.1 replace

ChannelCount is a value greater than zero that indicates the maximum number of channels that the audio could deliver.

with
When ChannelCount is a value greater than zero, it indicates the reference number of loudspeaker channels in the audio stream.
in 12.2.3.2 replace the definition of AudioSampleEntry and AudioSampleEntryV1 with

class AudioSampleEntry(codingname) extends SampleEntry (codingname){

const unsigned int(32)[2] reserved = 0;

template unsigned int(16) channelcount = 2;

template unsigned int(16) samplesize = 16;

unsigned int(16) pre_defined = 0;

const unsigned int(16) reserved = 0 ;

template unsigned int(32) samplerate = { default samplerate of media}<<16;

ChannelLayout();

// we permit any number of DownMix or DRC boxes:

DownMixInstructions() [];

DRCCoefficientsBasic() [];

DRCInstructionsBasic() [];

DRCCoefficientsUniDRC() [];

DRCInstructionsUniDRC() [];

Box ();

// further boxes as needed
}
class AudioSampleEntryV1(codingname) extends SampleEntry (codingname){

unsigned int(16) entry_version;
// must be 1, 










// and must be in an stsd with version ==1

const unsigned int(16)[3] reserved = 0;

template unsigned int(16) channelcount;
// must be correct

template unsigned int(16) samplesize = 16;

unsigned int(16) pre_defined = 0;

const unsigned int(16) reserved = 0 ;

template unsigned int(32) samplerate = 1<<16;

// optional boxes follow

SamplingRateBox();

ChannelLayout();

// we permit any number of DownMix or DRC boxes:

DownMixInstructions() [];

DRCCoefficientsBasic() [];

DRCInstructionsBasic() [];

DRCCoefficientsUniDRC() [];

DRCInstructionsUniDRC() [];

Box ();

// further boxes as needed
}

add the following clauses to 12.2 (Audio media), numbering sequentially from the existing clauses

12.2.13 Channel layout
12.2.13.1 Definition

Box Types:
‘chnl’ 
Container:
Audio sample entry
Mandatory:
No
Quantity:
Zero or more

This box may appear in an audio sample entry to document the assignment of channels in the audio stream.

The ChannelCount field in the AudioSampleEntry must be correct; an AudioSampleEntryV1 is therefore required to signal values other than 2. The channel layout can be all or part of a standard layout (from an enumerated list), or a custom layout (which also allows a track to contribute part of an overall layout).

A stream may contain channels, objects, neither, or both. A stream that is neither channel nor object structured can implicitly be rendered in a variety of ways.

12.2.13.2 Syntax

aligned(8) class ChannelLayout extends FullBox(‘chnl’) {

unsigned int(8)
stream_structure;

if (stream_structure & channelStructured) { 
// 1


unsigned int(8) definedLayout;
// from Coding-independent code points


if (definedLayout==0) {



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



{





//  channelCount comes from the sample entry




bit(1)
explicit_position;




if (explicit_position) {





unsigned int (7) elevation;





unsigned int (8) azimuth;




} else {





unsigned int(7) speaker_position; // also from CICP




}



}


} else {




unsigned int(64)
omittedChannelsMap; 





// a ‘1’ bit indicates ‘not in this track’


}

}

if (stream_structure & objectStructured) { 
// 2


unsigned int(8) object_count;

}
}
12.2.13.3 Semantics

stream_structure is a field of flags that define whether the stream has channel or object structure (or both, or neither); the following flags are defined, all other values are reserved:

1
the stream carries channels

2
the stream carries objects

definedLayout is a ChannelConfiguration from ISO/IEC 23001-8; 
explicit_position indicates whether a named position or an explicit position for the speaker is indicated
speaker_position is an OutputChannelPosition from ISO/IEC 23001-8. If an explicit position is used, then the azimuth and elevation are as defined as for speakers in ISO/IEC 23001-8.
omittedChannelsMap is a bit-map of omitted channels; the bits in the channel map are number from least-significant to most-significant, and correspond in that ordering with the order of the channels for the configuration as documented in ISO/IEC 23001-8 ChannelConfiguration. 1-bits in the channel map mean that a channel is absent. A zero value of the map therefore always means that the given standard layout is fully present.

12.2.14 Downmix Instructions

12.2.14.1 Definition

Box Types:
‘dmix’ 
Container:
Audio sample entry
Mandatory:
No
Quantity:
Zero or more

The downmix can be controlled by the production facility if necessary. For instance, some content may require more attenuation of the surround channels before downmixing to maintain intelligibility.

The downmix support is designed so that any downmix (e.g. from 7.1 to quad as well as to stereo) can be described; however, we expect initial support to be primarily for stereo downmixes.

It is possible to declare the loudness characteristics of the signal after downmix, and after DRC and downmix.

We allow expression of how to downmix to any configuration, but we only expect to see this box for mono or stereo for the time being.  If targetChannelCount*baseChannelCount is odd, the box is padded with 4 bits set to 0xF.  The targetChannelCount must be consistent with the targetLayout (if given).
Each downmix is uniquely identified by an ID; there are two reserved values for the ID, 0 and 0x7F, which must not be used.

12.2.14.2 Syntax

aligned(8) class DownMixInstructions extends FullBox(‘dmix’) {

unsigned int(8) targetLayout;


// from CICP

unsigned int(1) reserved = 0;

unsigned int(7) targetChannelCount;
// must be <= channelCount

bit(1) in_stream; 

unsigned int(7) downmix_ID;

// must not be 0, must be unique

if (in_stream==0) 

{
// downmix coefficients are out of stream and supplied here


int i, j;


for (i = 1 ; i <= targetChannelCount; i++){



for (j=1; j <= baseChannelCount; j++) {




bit(4) bs_downmix_coefficient;



}


}

}
}
12.2.14.3 Semantics

targetLayout is a ChannelConfiguration from ISO/IEC 23001-8 and defines the resulting layout after downmix

targetChannelCount is the count of channels in the resulting stream, and must correspond with the target layout

downmix_ID is an arbitrary non-zero value that identifies this downmix, and must be unique among the DownMixInstructions in a given sample entry

in_stream has a value of 1 when the downmix coefficients are in the stream. Otherwise, it is zero..

bs_downmix_coefficient is encoded as defined in the following tables:
	Value
	Hex Encoding (4 bits)

	0.00 dB
	0x0

	-0.50 dB
	0x1

	-1.00 dB
	0x2

	-1.50 dB
	0x3

	-2.00 dB
	0x4

	-2.50 dB
	0x5

	-3.00 dB
	0x6

	-3.50 dB
	0x7

	-4.00 dB
	0x8

	-4.50 dB
	0x9

	-5.00 dB
	0xA

	-5.50 dB
	0xB

	-6.00 dB
	0xC

	-7.50 dB
	0xD

	-9.00 dB
	0xE

	-∞ dB
	0xF


Table 1: Downmix Coefficient Encoding for non-LFE channels
	Value
	Hex Encoding (4 bits)

	10.00 dB
	0x0

	6.00 dB
	0x1

	4.5 dB
	0x2

	3.00 dB
	0x3

	1.50 dB
	0x4

	0.00 dB
	0x5

	-1.50 dB
	0x6

	-3.00 dB
	0x7

	-4.50 dB
	0x8

	-6.00 dB
	0x9

	-10.00 dB
	0xA

	-15.00 dB
	0xB

	-20.00 dB
	0xC

	-30.00 dB
	0xD

	-40.00 dB
	0xE

	-∞ dB
	0xF


Table 2: Downmix Coefficient Encoding for LFE channel


12.2.15 DRC Information

A DRC is used in the encoder to generate gain values using one of the pre-defined DRC characteristics as defined in ISO/IEC 23001-8; the coefficients are placed either in-stream or in an associated meta-data track. 

For some content, such as some multi-channel content, it may be advantageous to use different DRC characteristics in different channels. For instance, if speech is exclusively present in the center channel, this feature can be very useful. It is supported by the assignment of DRC characteristics to audio channels. 

It is possible to declare the loudness characteristics of the signal after DRC.

DRC support includes supporting in-stream DRC coefficients, and a separate track carrying them; the latter is particularly useful for legacy coding systems (including uncompressed audio) that have no provision for in-stream coefficients.
In the ISO base media file format, the audio content may be carried in multiple tracks where a base track contains the DRC metadata for all tracks. The additional tracks are referenced by the base track using a track reference of type ‘adda’ (additional audio). The channels processed by the DRC are all the channels in the base track, plus all the channels in track(s) referenced, in the order of the references. The DRC channel groups apply to all those channels (even if they are channels in a track that is disabled or not currently being played).
The boxes DRCCoefficientsBasic, DRCCoefficientsUniDRC, DRCInstructionsBasic, and DRCInstructionsUniDRC may occur in an AudioSampleEntry and are defined in ISO/IEC 23003-4.
12.2.16 Audio stream loudness
12.2.16.1 Introduction
Box Types:
‘ludt’
Container:
Track user-data ‘udta’
Mandatory:
No
Quantity:
Zero or more

Loudness declarations are placed in user-data boxes, to enable their presence and update in movie fragments. In particular, in live scenarios, user-data in the initial movie atom may be a ‘promise not to exceed’ or ‘best guess’, and then user-data updates give better (but still generally valid) values. Thus, for example, a loudness range in this user data that is associated with a particular set of DRC instructions constitutes a ‘promise’ rather than a measurement, under these circumstances.

Several metadata values are available that describe aspects of the dynamic range. The size of the dynamic range can be useful in adjusting the DRC characteristic, e.g. the DRC is less aggressive if the dynamic range is small or the DRC can even be turned off. 

True Peak and maximum loudness values can be useful for estimating the headroom, for instance when loudness normalization results in a positive gain [dB] or when headroom is needed to avoid clipping of the downmix. The DRC characteristic can then be adjusted to approach a headroom target. The peak level of the associated content is represented here in a coding-independent way.

The audio sound pressure level that the content was mixed to can also be documented. (If audio is listened to at a level other than the mixing level, this can affect the perceived tonal balance.)
The following measures may also be used:
· Maximum of the Loudness Range derived from EBU-Tech 3342
· Maximum Momentary Loudness derived from ITU-R BS.1771-1
· Maximum Short-Term Loudness derived from ITU-R BS.1771-1
· Short-Term Loudness defined in ITU-R BS.1771-1
· 
Under some circumstances it can be desirable to indicate the loudness characteristics of an album, in each song that the album contains. A separate box can be specified for that purpose. The TrackLoudnessInfo and  AlbumLoudnessInfo provide loudness information for the song, and for the entire album which contains the song, respectively.


	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	




	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	



	





The program loudness is measured using ITU-R BS.1770-3 over the associated content; the ‘anchor loudness’ is the loudness of the anchor content, where what that content is, is determined by the content author; one suitable value (especially for content for which the main content is speech) is ‘dialog normal level’ or DialNorm as defined in ATSC Doc. A/52:2012. ISO/IEC 23003-4 specifies the measurement systems, measurement methods and the coding of all loudness and peak-related values. 


	
	
	
	

	
	
	
	





	
	

	
	

	
	

	
	

	
	

	
	

	
	





12.2.16.2 Syntax
aligned(8) class LoudnessBaseBox extends FullBox(loudnessType) {

unsigned int(3) reserved = 0;

unsigned int(7) downmix_ID;

// from CICP, matching downmix

unsigned int(6) DRC_set_ID;

// to match a DRC box

signed int(12)  bs_sample_peak_level;

signed int(12)  bs_true_peak_level;

unsigned int(4) measurement_system_for_TP;

unsigned int(4) reliability_for_TP;

unsigned int(8) measurement_count;

int i;

for (i = 1 ; i <= measurement_count; i++){


unsigned int(8) method_definition;


unsigned int(8) method_value;


unsigned int(4) measurement_system;


unsigned int(4) reliability;

}
}
aligned(8) class TrackLoudnessInfo extends LoudnessBaseBox(‘tlou’) { }

aligned(8) class AlbumLoudnessInfo extends LoudnessBaseBox (‘alou’) { }

aligned(8) class LoudnessBox extends Box(‘ludt’)

loudness


TrackLoudnessInfo[];
// a set of one or more loudness boxes

albumLoudness
AlbumLoudnessInfo[];
// if applicable
}
12.2.16.3 Semantics
downmix_ID when zero, declares the loudness characteristics of the layout without downmix. If non-zero, this box declares the loudness after applying the downmix with the matching downmix_ID and must match a value in exactly one box in the the sample entry of this track
DRC_set_ID when zero, declares the characteristics without applying a DRC. If non-zero, this box declares the loudness after applying the DRC with the matching DRC_set_ID and must match a value in exactly one box in the the sample entry of this track
method_definition takes a value as defined above; all others are reserved;
measurement_system takes a value as defined above; all others are reserved: 

reliability takes one of the following values (all other values are reserved):
0: Reliability is unknown
1: Value is reported/imported but unverified
2: Value is a ‘not to exceed’ ceiling

3: Value is measured and accurate
[1] 
[2] 
In 12.3.3.2, replace

MPEG4BitRateBox ();

// optional
with

BitRateBox ();


// optional

Add a new section in Annex E 

The ‘iso9’ brand

The brand ‘iso9’ requires support for all features of the ‘iso8’ brand.
Support for the following boxes is required under this brand: 
	
	
	
	elng
	
	
	
	
	extended language tag 


Support for the following is required under this brand:

· Support for 64-bit values in ‘cslg’ box;
Add to the end of each E.7, E.8, E.9,E.10,E.11 in Annex E

The ‘iso4’, ‘iso5’, ‘iso6’, ‘iso7’, ‘iso8’brand

· Support for only 32-bit values in ‘cslg’ box is required. here; 64-bit values in ‘cslg’ box is not required.



In Annex I, add the following before the end of I.1

A SAP for layered media may apply to all the layers, a particular set of layers, or only a single layer in a media stream. When a SAP applies to a set of layers that use inter prediction from a layer that is not a member of the set, there may be an indication if the SAP requires the correct decoding of the reference layer. 

When SAPs are used with layered media, derived specifications should specify or provides means to indicate which layers SAPs apply to and whether SAPs require correct decoding of the reference layer.

Add the following at the beginning of I.2, so that the existing text becomes part of I.2.1
I.2.1
General
The following properties apply to single-layer media streams as well as layered media streams for which SAPs inform about random access points of all layers of the media stream collectively.

Add the following at the end of I.2

I.2.2
SAP properties for layers

The following properties apply to layered media streams for which SAPs are indicated for one or more layers, referred to as the target layers. In the following properties, an access-unit partition refers to a unit that contains the coded data of a single time instance for the target layers, and a media stream partition refers to a sequence of access-unit partition of the target layers in decoding order.

When the target layers cover all the layers of a media stream, the following properties are equivalent to those in I.2.1.


For each SAP the properties, ISAP, TSAP, ISAU, TDEC, TEPT, and TPTF are identified and defined as:

· TSAP is the earliest presentation time of any access-unit partitions of the target layers such that all access-unit partitions of target layers with presentation time greater than or equal to TSAP can be correctly decoded using data in the media stream partition starting at ISAP and no data before ISAP.
· ISAP is the greatest position in the container of the media stream partition such that all access-unit partition of the target layers with presentation time greater than or equal to TSAP can be correctly decoded using data of the media stream partition starting at ISAP and no data before ISAP.
· ISAU is the starting position, in the media stream partition, of the latest access-unit partition in decoding order such that all access-unit partition of the target layers with presentation time greater than or equal to TSAP can be correctly decoded using this latest access-unit partition and access-unit partitions following in decoding order and no access-unit partition earlier in decoding order. 
NOTE
ISAU is always greater than or equal to ISAP.
· TDEC is the earliest presentation time of any access-unit partition of the target layers that can be correctly decoded using data in the media stream partition starting at ISAU and no data before ISAU.
· TEPT is the earliest presentation time of any access-unit partition of the target layers starting at ISAU in the media stream partition.
· TPTF is the presentation time of the first access-unit partition of the target layers in decoding order in the media stream partition starting at ISAU.
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�no, reference the audio document and remove the tables


�this one?


�Huh?  where are these concepts used?


�‘kind’ box is under ‘udta’ box and is not needed to be listed in AnnexE 


�where should it point?


�Added the lost reference to I.2.1
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