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	Second Change


8.2.2.0
General

The “MBMS FEC scheme” is the fully-specified FEC scheme defined in [106], section 6 with ID 1.  

The source flows for the MBMS FEC scheme are UDP flows including RTP, RTCP, SRTP and MIKEY packets. The payload of such UDP packets constitute an Application Data Unit (ADU) as defined in RFC6363 [107]. The source data flow with which the ADUs are associated is the UDP flow identity of the corresponding UDP flow.
A UE that supports MBMS User Services shall support a decoder for the “MBMS FEC scheme”. The use of MBMS FEC by the sender is recommended, but it is permitted not to use it. In the case where the FEC is not used by the sender, the FEC Layer should not be used (i.e. RTP is mapped onto UDP directly).
The mechanism does not place any restrictions on the source data which can be protected together, except that the source data is carried over UDP. The data may be from several different UDP flows that are protected jointly. 
A UE supporting the streaming delivery method shall support the packet format for FEC packets..
If any FEC source packets have been lost, but sufficient FEC source and FEC repair packets have been received, FEC decoding can be performed to recover the FEC source block. The original packets UDP payload and UDP flow identity can then be extracted from the source block and provided to the upper layer. If not enough FEC source and repair packets were received, only the original packets that were received as FEC source packets will be available. The rest of the original packets are lost.

If a UE that supports MBMS User Services receives a mathematically sufficient set of encoding symbols generated according to the encoder specification in RFC5053 [91], section 5.3, for reconstruction of a source block, then the decoder shall recover the entire source block. Note that the example decoder described in [91] clause 5.5 fulfils this requirement.
Note that the receiver must be able to buffer all the original packets and allow time for the FEC repair packets to arrive and FEC decoding to be performed before media playout begins. The min-buffer-time parameter specified in sub-clause 8.3.1.8 helps the receiver to determine a sufficient duration for initial start-up delay.
The protocol architecture is illustrated in figure 11.
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Figure 11: FEC mechanism for the streaming delivery method interaction diagram
Figure 11 depicts how one or more out of several possible packet flows of different types (Audio, video, text RTP and RTCP flows, MIKEY flow) are sent to the FEC layer for protection. The source packets are modified to carry the FEC payload ID and a new flow with repair data is generated. The receiver takes the source and repair packets and buffers them to perform, if necessary, the FEC decoding. After appropriate buffering received and recovered source packets are forwarded to the higher layers. The arrows in the figure indicate distinct data flows.

	Third  Change


10.12
Scene Description
If scene description is supported, MBMS clients shall support the 3GPP HTML5 profile [120] as the scene description format.

The HTML5 presentation shall be identified by the presence of an appService element in the USD with the attribute appServiceDescriptionURI set to point to the HTML5 document with the MIME type “text/html”. The resources referenced from the HTML5 document should be delivered on the same FLUTE session as the HTML5 document itself. Alternatively, the HTML5 document and related static resources may be delivered as part of the USD as metadata fragments.  

The HTML5 document may reference an MPD [98] or a progressive download file [98] as a source location for media playback using an HTML5 media element.
Scene updates are possible through the delivery of a scene update file that is referenced through a Javascript that periodically checks for these updates. The Javascript should detect new versions of the scene update file by checking the file version (provided e.g. as the Content-MD5 over FLUTE). 
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