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1. Introduction
In MBMS service, both download service and streaming service are considered. The streaming service has advantage for playing long contents without the limitation of the memory capacity in the UEs. In order to maintain media quality at UEs, it is important to provide reliable transport. The application level reliability mechanism, which has been discussed in the download service [1,2], is thought to be applied to MBMS streaming service.

This document describes a framework of the application level reliability which integrates various error resilient methods and applies to the MBMS streaming service.

2. Framework of the application level reliability for MBMS streaming service

2-1 Error resilient methods in the application level

FEC and packet-level repetition are representative error resilient methods. Both methods have advantage and disadvantage. It is better to choose a suitable one depending on the service, media characteristics and media quality to be guaranteed.
In FEC, a RTP payload format for the FEC is described in RFC 2733 [3].

RTP payload formats of the codec to be used can be applied, e.g. RFC 3016 for MPEG-4 visual, in packet-level repetition.

Double (or three times, more) bandwidth of MBMS bearer is consumed to send the same packets repeatedly.  Figure 1 shows relationship between original packets and repeated ones. RTP1 and RTP2 show original and repeated packets, respectively.
In order to reduce its bandwidth, the encode rate of the repeated packets (RTP2) can be of a lower rate than that of the original one (RTP1). By using this method, the efficiency of the network bandwidth is improved.

RTP2 of lower rate is generated at encoders or at transcoders in distribution servers though its quality becomes lower as well.

In the packet-level repetition , some kind of interleaving is required, since UMTS error is usually bursty.
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Figure 1: packet-level repetition

2-2 Signalling Method 

In order to signal usage of the FEC, RFC 2733 can be referred. To signal packet-level repetition, SDP (RFC 2327[4] and TS 26.234) can be applied. An example of SDP is:

v=0
o=- 2890844526 2890842807 IN IP4 126.16.64.4
s=An example of SDP
c=IN IP4 224.2.17.12/127
t=0 0
a=range:npt=now-
a=control:*
m=audio 0 RTP/AVP 97 122
a=rtpmap:97 AMR/8000
a=X-initpredecbufperiod:?????
a=rtpmap:122 AMR/8000
a=fmtp:122 sub-stream

m=video 0 RTP/AVP 96 121
a=rtpmap:96 MP4V-ES/90000
a=fmtp:96 profile-level-id=8;config=????????

a=X-initpredecbufperiod:?????
a=rtpmap:121 MP4V-ES/90000
a=fmtp:121 profile-level-id=8;config=????????;sub-stream

Underlined bold-italic parts are necessary  for RTP2.

(Description of “sub-stream” is not authorised)

This example means that the original MPEG-4 visual stream is encapsulated with 96 in RTP payload type and the repeated is encapsulated 121 as well. X-initpredecbuf indicates that a pre-decoder buffer of the UE is ready for stream2 delayed for ‘k’. 

This example also shows that the server sends both streams to the same UDP port. It is obvious that this method can send each stream to different UDP ports or to different multicast groups by describing in SDP.

UE can receive packets with either FEC or packet-level repetition by recognizing the SDP. 

2-3 Comparison 
FEC method [3] is able to entirely recover lost data as long as BER of a bearer is lower than a proper rate. However, it requires calculation power in UE to decode the FEC.

Packet-level repetition method reduces the efficiency of the bandwidth of the network. However, this can be improved, if repeated packets are encoded with lower rates than those of the original. For packet-level repetition, computation power required in UE is much less in comparison with FEC method.

If a part of the original stream (RTP1) is lost on the MBMS radio bearer, An UE can compensate there with a suitable part of the repeated one (RTP2). The UE needs to prepare a proper amount of reception buffer for delayed arrival of packets of RTP2. If the repeated packet is encoded with lower rate than that of the original, the quality of received content is slightly lower than that of the original, when the original packet is replaced by the repeated one.
A UE which doesn’t support these format can receive the original packets (RTP1) since these methods don’t change the original packets, and can decode them. However,  the resulting media quality is much more affected by packet loss of RTP1.

3. Discussion
The framework of the application level reliability which integrates various error resilient methods should be considered for MBMS streaming service. This document is presented to encourage the discussion on reliability transport for MBMS streaming service in application level as to:

· Is a packet-level repetition allowed for MBMS streaming service?

· Does 3GPP allow SDP description which indicates repeated packets with different (lower) rate as shown above? 
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