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8.2.1 
RTP payload formats for media

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

-
H.263 RTP payload format according to [35]. 

[…]

10.4.2 
H.263

H.263 Baseline Profile Level 45 decoder [35] may be supported.

When the value of RTP sequence number of a packet is not equal to the value of the RTP sequence number of the previous packet (in RTP sequence number order) incremented by 1, an MBMS streaming client shall infer a packet loss. As a response to a packet loss, the H.263 decoder in an MBMS streaming client may or may not continue decoding “immediately”, i.e. from the packet in which the loss is inferred. If the H.263 decoder in an MBMS streaming client continues decoding “immediately”, it shall be aware that such a stream may result into prediction from a wrong reference picture or contain references to macroblocks that are incorrectly decoded. The H.263 decoder in an MBMS streaming client shall continue decoding after a packet loss no later than it receives the next intra picture in decoding order. 
If the H.263 decoder in an MBMS streaming client continues decoding “immediately” after an inferred packet loss, it should apply the following process to infer the potential impact of the packet loss.
A coded video picture segment is defined to start from a picture header or a non-empty GOB header, inclusive, and last until the next non-empty GOB header, exclusive, or the last macroblock of the picture, inclusive, whichever is earlier in decoding order. The H.263 depacketizer in an MBMS streaming client may choose to pass only complete coded video picture segments to the H.263 decoder. If the packet subsequent to an inferred packet loss is a follow-on packet as specified in [35], the H.263 depacketizer in an MBMS streaming client should continue passing data to the H.263 decoder from the start of the next coded video picture segment.
The MBMS streaming client should infer a new H.263 coded picture, when the value of the RTP timestamp of a packet is not equal to the value of the RTP timestamp in the previous packet in RTP sequence number order.
When the number of consecutively lost packets (according to RTP sequence numbers) is equal to 1, the H.263 decoder in an MBMS streaming client should infer the lost picture content as follows:

-
If there are missing macroblocks at the bottom of the previous picture or at the top of the current picture, the lost packet contained these macroblocks.

-
If there are no missing macroblocks at the bottom of the previous picture or at the top of the current picture, the lost packet contained a coded picture.

NOTE: 
If there are no missing macroblocks at the bottom of the previous picture or at the top of the current picture, the lost packet might also have contained EOS or EOSBS start codes, but sending EOS or EOSBS is discouraged in [35] and therefore not considered here.
When the number of consecutively lost packets (according to RTP sequence numbers) is equal to 2, the H.263 decoder in an MBMS streaming client should infer the lost picture content as follows:

-
If there are missing macroblocks at the bottom of the previous picture and at the top of the current picture, the lost packets contained these macroblocks.

-
Otherwise, the H.263 decoder in an MBMS streaming client should not infer which picture content was lost unless Picture Number Supplemental Enhancement Information (SEI) messages are present in the stream (see below).
When the pictures in the H.263 stream contain Picture Number Supplemental Enhancement Information (SEI) messages as specified in Annex W of H.263 [36] and the Picture Number SEI message for current picture is received, the H.263 decoded in an MBMS streaming client should infer an unintentional reference picture loss as follows. [Let picNum and prevPicNum be equal to the value of the Picture Number syntax element in the Picture Number SEI message in the current picture and in the previous received Picture Number SEI message, respectively. If picNum is greater than prevPicNum, let picNumDiff be equal to picNum – prevPicNum. Otherwise, when picNum is smaller than or equal to prevPicNum, let picNumDiff be equal to 2^10 – prevPicNum + picNum. Provided that a new coded picture is inferred as specified above, let numConcludedPics be equal to the number of coded pictures starting from the picture including the previous received Picture Number SEI message, exclusive. The H.263 decoder in an MBMS streaming client should infer an unintentional reference picture loss, when picNumDiff is greater than numConcludedPics.

The H.263 decoder in an MBMS streaming client should infer a picture header loss, when all of the following conditions are true:

-
A new coded picture is inferred as specified above.

-
The picture header is not present in the new coded picture.
-
The H.263 decoder in an MBMS streaming client inferred that no loss of complete pictures occurred immediately prior to the new coded picture.
-
There is no GOB Frame ID (GFID) syntax element present in the new coded picture, or the value of the GFID in the new coded picture is not equal to the value of the GFID in the previous picture.
NOTE: 
If a new coded picture is inferred, the picture header is not present, the GFID syntax element is present in the new coded picture, and the value of the GFID syntax element in the new coded picture is equal to the value of the GFID in the previous picture, the H.263 decoder in an MBMS streaming client can use the picture header of the previous picture to decode the new coded picture starting from the first GOB with a GOB header.
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