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END OF FIRST CHANGE
SECOND CHANGE
3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

ALC
Asynchronous Layered Coding

APN
Access Point Name

AVC
Advanced Video Coding

BM-SC
Broadcast-Multicast - Service Centre

CC
Congestion Control
CPB
Coding Picture Buffer
CVS
Coded Video Sequence

DASH
Dynamic Adaptive Streaming over HTTP

DIMS
Dynamic and Interactive Multimedia Scenes
ERT
Expected Residual Time

ESI
Encoding Symbol ID

FDT
File Delivery Table

FEC
Forward Error Correction

FLUTE
File deLivery over Unidirectional Transport
FMT
Feedback Message Type
FQDN
Fully Qualified Domain Name
GGSN
Gateway GPRS Support Node

GPRS
General Packet Radio Service
HDTV
High-DefinitionTeleVision
HEVC
High Efficiency Video Coding

IANA
Internet Assigned Numbers Authority
IP
Internet Protocol

IRAP
Intra Random Access Point

LCT
Layered Coding Transport
LI
Leap Indicator
MBMS
Multimedia Broadcast/Multicast Service

MBSFN
MBMS over a Single Frequency Network
MIME
Multipurpose Internet Mail Extensions
MMS
Multimedia Messaging Service
MPD
Media Presentation Description

MS
Mobile Station

MSK
MBMS Service Key

MTK
MBMS Traffic Key

MUK
MBMS User Key
NTP
Network Time Protocol
PDP
Packet Data Protocol

PSS
Packet-switched Streaming Service
PTM
Point To Multipoint

PTP
Point To Point

RASL
Random Access Skipped Leading picture
RTP
Real-time Transport Protocol

SBN
Source Block Number

SCT
Sender Current Time
SDP
Session Description Protocol

SDU
Service Data Unit

SEI
Supplemental Enhancement Information

SGSN
Serving GPRS Support Node
SNTP
Simple Network Time Protocol
TMGI
Temporary Mobile Group Identity
TOI
Transport Object Identifier

TSI
Transport Session Identifier
UDP
User Datagram Protocol

UE
User Equipment

UML
Unified Modelling Language
URI
Uniform Resource Identifier

URL
Uniform Resource Locator
USD
User Service Description
UTC
Universal Time Coordinated
VCL
Video Coding Layer
XML
eXtensible Markup Language

END OF SECOND CHANGE
THIRD CHANGE
8.2.1
RTP payload formats for media

The RTP payload formats and corresponding MIME types are closely aligned with those defined in PSS [47] . For RTP/UDP/IP transport of continuous media the following RTP payload formats shall be used:

* AMR narrow-band speech codec (see sub-clause 10.2) RTP payload format according to RFC 4867 [33]. A MBMS client is not required to support multi-channel sessions.
* AMR wideband speech codec (see sub-clause 10.2) RTP payload format according to RFC 4867 [33]. A MBMS client is not required to support multi-channel sessions.
* Extended AMR-WB codec (see sub-clause 10.3) RTP payload format according to [34].
* Enhanced aacPlus codec (see sub-clause 10.3) RTP payload format and MIME types according to RFC 3640 [41], namely the Low Bit-Rate AAC or the High Bit-Rate AAC modes.
* H.264 (AVC) video codec (see sub-clause 10.5) RTP payload format according to [35]. An MBMS client supporting H.264 (AVC) is required to support all three packetization modes: single NAL unit mode, non-interleaved mode and interleaved mode. For the interleaved packetization mode, an MBMS client shall support streams for which the value of the "sprop-deint-buf-req" MIME parameter is less than or equal to MaxCPB * 1000 / 8, inclusive, in which "MaxCPB" is the value for Video Coding Layer (VCL) parameters of the H.264 (AVC) profile and level in use, as specified in [43].
* 
H.265 (HEVC) [112] video codec (see clause 10.5) RTP payload format according to [113].
* DIMS (see sub-clause 10.12) RTP payload format according to [89].
* Timed Text (see sub-clause 10.10) RTP payload format according to [93].
END OF THIRD CHANGE
FOURTH CHANGE
8.3.1.10
Buffer Requirement Signaling

Due to the variable bitrate nature of some media streams (especially video streams), initial buffering at the receiver becomes necessary to smooth out those variations. The initial buffering delay SHOULD be signaled to the receiver in the SDP using the following media level attribute:

· "a=X-initpredecbufperiod:<initial pre-decoder buffering period>"
For H.263 video streams, the “X-initpredecbufperiod” indicates the required initial pre-decoder buffering period specified according to Annex G of 3GPP TS 26.234 [47].
For H.264 video streams, the “X-initpredecbufperiod” indicates the nominal removal time of the first access unit from the coded picture buffer (CPB). 

For H.265 (HEVC) video streams, the “X-initpredecbufperiod” [47] indicates the nominal removal time of the first decoding unit from the coded picture buffer (CPB). 

Note that X-initpredecbufperiod is expressed as clock ticks of a 90-kHz clock. Hence, conversion may be required if the RTP timestamp clock frequency is not 90 kHz.

END OF FOURTH CHANGE
FIFTH CHANGE
10.5
Video

If video is supported, the following applies:

-
H.264 (AVC) Constrained Baseline Profile Level 1.3 decoder [43] shall be supported.
-
H.265 (HEVC) Main Profile, Main Tier, Level 3.1 decoder [112] should be supported.
When H.265 (HEVC) Main Profile decoder is supported, the client is only required to process H.265 (HEVC) Main Profile bitstreams that have general_progressive_source_flag equal to 1, general interlaced_source_flag equal to 0, general_non_packed_constraint_flag equal to 1, and general_frame_only_constraint_flag equal to 1.

If the MBMS client supports HDTV video content at a resolution of 1280x720 (720p) with progressive scan at 30 frames per second, the decoder shall support decoding any bitstream compliant to H.264 (AVC) Progressive High Profile Level 3.1 [43], wherein the maximum VCL Bit Rate is constrained to be 14Mbps with cpbBrVclFactor and cpbBrNalFactor being fixed to be 1000 and 1200, respectively.
NOTE: An H.264 (AVC) High Profile decoder is able to decode an H.264 (AVC) Main Profile stream that is progressively encoded.
If a MBMS client supports stereoscopic 3D video, it should support frame-packed stereoscopic 3D video with the following characteristics:

· The bitstream conforms to H.264 (AVC) Constrained Baseline Profile Level 1.3 decoder [43], or conforms to H.264 (AVC) Progressive High Profile Level 3.1 decoder [43]. The Maximum VCL Bit Rate shall be constrained to be 14Mbps with cpbBrVclFactor and cpbBrNalFactor being fixed to be 1000 and 1200, respectively. 

· Frame packing type is indicated by the frame packing arrangement SEI messages of H.264 (AVC) [43] as follows:

· The syntax element frame_packing_arrangement_type has one of the defined values: 3 for Side-by-Side, 4 for Top-and-Bottom.
· The syntax element quincunx_sampling_flag is equal to 0;

· The syntax element content_interpretation_type is equal to 1; 

· The syntax elements spatial_flipping_flag is equal to 0;

· The syntax element field_views_flag is equal to 0;

· The syntax element current_frame_is_frame0_flag is equal to 0;

· When an access unit contains a frame packing arrangement SEI message A and the access unit is neither an IDR access unit nor an access unit containing a recovery point SEI message, the following two constraints apply:

· There shall be another access unit that precedes the access unit in both decoding order and output order and that contains a frame packing arrangement SEI message B.

· The two frame packing arrangement SEI messages A and B shall have the same value for the syntax element frame_packing_arrangement_type.
If a MBMS client supports frame-packed stereoscopic 3D video, it shall support parsing of frame packing arrangement SEI messages as specified in H.264 (AVC) [43].
Note that MBMS does not offer dynamic negotiation of media codecs.
When H.264 (AVC) is in use in the MBMS streaming delivery method, it is recommended to transmit H.264 (AVC) parameter sets within the SDP description of a stream (using sprop-parameter-sets MIME/SDP parameter [35]), and it is not recommended to transmit parameter sets within the RTP stream. Moreover, it is not recommended to reuse any parameter set identifier value that appeared previously in the SDP description or in the RTP stream. However, if a sequence parameter set is taken into use or updated within the RTP stream, it shall be contained at least in each IDR access unit and each access unit including a recovery point SEI message in which the sequence parameter set is used in the decoding process. If a picture parameter set is taken into use or updated within the RTP stream, it shall be contained at the latest in the first such access unit in each entry sequence that uses the picture parameter set in the decoding process, in which an entry sequence is defined as the access units between an IDR access unit or an access unit containing a recovery point SEI message, inclusive, and the next access unit, exclusive, in decoding order, which is either an IDR access unit or contains a recovery point SEI message. 

When H.265 (HEVC) is in use in the MBMS streaming delivery method, it is recommended to transmit H.265 (HEVC) parameter sets within the SDP description of a stream (using the sprop-vps, sprop-sps, and sprop-pps MIME/SDP parameters [113]), and it is not recommended to transmit parameter sets within the RTP stream. Moreover, it is recommended not to reuse any parameter set identifier value that appeared previously in the SDP description or in the RTP stream, i.e., it is recommended that no_parameter_set_update_flag, if present, for each CVS in the stream is equal to 1. Also, it is required that self_contained_cvs_flag, if present, for each CVS in the stream is equal to 1, i.e., each parameter set that is (directly or indirectly) referenced by any VCL NAL unit of a CVS that is not a VCL NAL unit of a RASL picture is present within the CVS at a position that precedes, in decoding order, any NAL unit that (directly or indirectly) references the parameter set.

There are no requirements on output timing conformance (annex C of ITU-T Recommendation H.264 [43]) or for H.265 (HEVC) decoding (annex C of [112]) for MBMS clients.

The H.264 (AVC) decoder in an MBMS client shall start decoding immediately when it receives data (even if the stream does not start with an IDR access unit) or alternatively no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. Note that when the interleaved packetization mode of H.264 (AVC) is in use, de-interleaving is normally done before starting the decoding process. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bitstream. However, the client shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer.
END OF FIFTH CHANGE
SIXTH CHANGE
11.9
MBMS Feature Requirements

MBMS features enable the BM-SC to signal to the UE the set of capabilities that are required for the consumption of the MBMS user service. The required capability list is indicated in the MBMS User Service Description of the corresponding MBMS user service as defined in section 11.2.1.

The MBMS UE shall not attempt to receive the service if it detects that at least one required capability, indicated in the USD, is not supported or not understood. The introduction of new features is possible and assumes that unidentified features shall be interpreted by the UE as a requirement that cannot be fulfilled.

The following list of features is currently identified:

Table 2 - MBMS Feature Requirement List

	Service Capability
	References
	Recognized Feature Values (Integer)

	Speech
	as defined in clause 10.2
	0

	AMR-WB
	as defined in clause 10.2
	1

	Enhanced aacPlus 
	as defined in clause 10.3
	2

	Extended AMR-WB 
	as defined in clause 10.3
	3

	Synthetic audio 
	as defined in clause 10.4
	4

	H.263
	as mentioned in clause 10.5 
	5

	H.264 Constrained Baseline Profile Level 1b 
	as defined in clause 10.5 (of Release 6)
	6

	Still images 
	as defined in clause 10.6
	7

	Bitmap graphics 
	as defined in clause 10.7
	8

	Vector graphics 
	as defined in clause 10.8
	9

	Text 
	as defined in clause 10.9
	10

	Timed text 
	as defined in clause 10.10
	11

	3GPP file format 
	as defined in clause 10.11
	12

	H.264 Constrained Baseline Profile Level 1.2 
	as defined in clause 10.5 (of Release 7)
	13

	Scene Description 
	as defined in clause 10.12
	14

	MBSFN mode in UTRAN
	as defined in 3GPP TS 25.346 (of Release 7)
	15

	H.264 Constrained Baseline Profile Level 1.3
	as defined in clause 10.5 (of Release 9)
	16

	AHS
	as defined in clause 5.6 (of Release 9)
	17

	3GP-DASH
	as defined in clause 5.6 (of Release 10)
	18

	H.264 Progressive High Profile Level 3.1
	as defined in clause 10.5 (of Release 11)
	19

	Frame-packed stereoscopic 3D video
	as defined in clause 10.5 (of Release 11)
	20

	H.265 (HEVC) Main Profile, Main Tier, Level 3.1
	as defined in clause 10.5 (of Release 12)
	21


The list of features may be extended in the future.
END OF SIXTH CHANGE
SEVENTH CHANGE
Annex D (informative):
RTP packetization guidelines
This annex provides guidelines for MBMS senders to minimize initial buffering delay between starting of the reception and starting of rendering of media data in MBMS receivers.

When H.264 (AVC) video is in use, an MBMS sender should form FEC source blocks in which the first H.264 (AVC) access unit in decoding order is an IDR access unit. When H.265 (HEVC) video is in use, an MBMS sender should form FEC source blocks in which the first H.265 (HEVC) access unit in decoding order is an IRAP access unit.
MBMS senders should transmit all application data units for a given H.264 (AVC) or H.265 (HEVC) access unit, or audio frame within one FEC source block.

MBMS senders should set the min-buffer-time MIME/SDP parameter and the minimum buffering delay elements included in FEC source blocks to values that are sufficient to cover any required de-interleaving or de-packetization of application data units, such as H.264 (AVC) or H.265 (HEVC) NAL units and coded audio frames, from their transmission order to decoding order.
When RTP timestamps are converted to the wallclock time of the MBMS receiver, the smallest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the smallest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.

When RTP timestamps are converted to the wallclock time of the MBMS receiver, the greatest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the greatest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.

When DIMS content is used, suitable media level recovery (a random access point such as a replacement scene, redundant scene, etc.) should be present at the beginning of each FEC source block. This facilitates immediate rendering of the DIMS content after FEC decoding, thus reducing tune-in latency.
END OF SEVENTH CHANGE
