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3.2
Abbreviations

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

ALC
Asynchronous Layered Coding
AVC
Advanced Video Coding
BM-SC
Broadcast-Multicast Service Centre

CC
Congestion Control

ERT
Expected Residual Time

ESI
Encoding Symbol ID

GGSN
Gateway GPRS Serving Node

GPRS
General Packet Radio Service

FDT
File Delivery Table

FEC
Forward Error Correction

FLUTE
File deLivery over Unidirectional Transport

IP
Internet Protocol

LCT
Layered Coding Transport

MBMS
Multimedia Broadcast/Multicast Service 

MS
Mobile Station

RTP
Real-Time Transport Protocol

SBN
Source Block Number

SDP
Session Description Protocol

SCT
Sender Current TimeTOI
Transport Object Identifier

TSI
Transport Session Identifier
UDP
User Datagram Protocol

UE
User Equipment

XML
eXtensible Markup Language

[…]

8.2 
The Data Protocol

RTP is the transport protocol for MBMS streaming delivery. RTP provides means for sending real-time or streaming data over UDP and is already used for the transport of PSS in 3GPP. The RTP payload formats and corresponding MIME types should be aligned to the ones defined in PSS Rel-6 [26.234]. RTP provides RTCP for feedback about the transmission quality. The transmission of RTCP packets in the downlink (sender reports) is allowed. In the context of MBMS 3GPP Rel-6, RTCP RR shall be turned off by SDP RR bandwidth modifiers [Ref]. Note that in the context of MBMS detection of link aliveness is not necessary.

[Editor’s note: it was agreed that RTCP feedback could be useful in future releases]

8.2.1 
RTP payload formats for media

The following RTP payload formats shall be used for original RTP packets:

-
[Editor’s note: audio RTP payload formats to be defined];
-
H.264 (AVC) video codec (see clause 7.4) RTP payload format according to [32]. 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 VCL parameters of the H.264 (AVC) profile and level in use, as specified in [30]. 

8.2.2 
FEC mechanism for RTP

[…]

10.4
Video

This clause specifies the video coding formats and video decoding process for MBMS. The display behaviour of the MBMS client is out of scope of this specification. However, if the MBMS client infers an unintentional reference picture loss or missing macroblocks as specified below and displays the lost reference picture or pictures or the missing macroblocks, it should take appropriate display actions.
10.4.1 
H.264 (AVC)

H.264 (AVC) Baseline Profile Level 1b decoder [30][31] with constraint_set1_flag=1 should be supported. [Editor’s note: It is under discussion which are the requirements of a decoder to become mandatory in MBMS and whether H.264 (AVC) meets those requirements.]
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 [32]), 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. 
There are no requirements on output timing conformance (Annex C of [30]) 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 done normally 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. 

The H.264 (AVC) decoder in an MBMS client shall infer missing macroblocks in a coded picture. When gaps_in_frame_num_value_allowed_flag is equal to 0 in the active sequence parameter set and the value of frame_num syntax element in the current picture is invalid according to clause 7.4.3 of [30], the H.264 (AVC) decoder in an MBMS client shall infer an unintentional reference picture loss. When gaps_in_frame_num_value_allowed_flag is equal to 1 in the active sequence parameter set and any value of frame_num pertaining to “non-existing” pictures is referred to in the inter prediction process, is referred to in the reordering commands for reference picture lists for short-term pictures (clause 8.2.4.3.1 of [30]), or is referred to in the assignment process of a LongTermFrameIdx to a short-term picture (clause 8.2.5.4.3 of [30]), the H.264 (AVC) decoder in an MBMS client shall infer an unintentional reference picture loss. The H.264 (AVC) decoder in an MBMS client shall infer a syntax violation, when decoding causes any syntax or semantics violation other than specified above. 
When the H.264 (AVC) decoder in an MBMS client infers missing macroblocks in a non-reference picture, it shall continue decoding no later than from the next access unit in decoding order. When the H.264 (AVC) decoder in an MBMS client infers an unintentional reference picture loss or missing macroblocks in a reference picture, it may or may not continue decoding “immediately”, i.e. from the NAL unit in which the loss is inferred. If the H.264 (AVC) decoder in an MBMS client continues decoding “immediately”, it shall be aware that such a stream may contain references to macroblocks or pictures that are not available in the decoded picture buffer. The H.264 (AVC) decoder in an MBMS client shall continue decoding after an unintentional reference picture loss, missing macroblocks in a reference picture or a syntax violation no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. 
NOTE:
When the H.264 (AVC) decoder in an MBMS client continues decoding “immediately” after an inferred reference picture loss or missing macroblocks in a reference picture, it does not have to parse recovery point SEI messages to comply with the paragraph above.
An MBMS streaming client should ignore any picture timing SEI message in H.264 (AVC) streams. An MBMS streaming client shall use the RTP timestamp or NALU-time (as specified in [32]) of a picture as its presentation time, and, when the interleaved RTP packetization mode is in use, follow the "sprop-interleaving-depth", "sprop-deint-buf-req", "sprop-init-buf-time", and "sprop-max-don-diff" MIME/SDP parameters for the de-interleaving process. 

10.4.2 
H.263

[Editor’s note: No specification text for H.263 has been agreed.]  
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