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" Multimedia codecs and protocols for conversational packet-switched services " 
1 Introduction

The Internet model (protocols choice and configuration) is well adapted for a wired network. In the case of wireless networks, noise and reliability problems are key questions.

This contribution is focussed on two different aspects of the new work item. The first intends to introduce an end-to-end protection scheme in the transport layers while the second one is oriented on video codec.

2 Transport protocol stack

2.1 RTP

RTP seems to be the obvious protocol choice for sending real-time audio/video bitstreams over UDP/IP.

2.2 End-to-end Protection scheme

Conversational packet-switched services sending real-time bitstream over a non-reliable UDP transport layer will experience frame erasures or packet losses. These losses could appear in several parts of the network:

· In the external Internet network, due to congestion in routers, which are typical Internet errors.

· In new IM sub-network if the QoS is not well adapted but cheaper for the end-user.

· In UTRAN, where mobile channel characteristics will introduce 3G typical errors.

So, we think that this kind of service should have the possibility to make use of an end-to-end protection scheme in order to be able to recover most of the lost packets. Several proposals on this subject are under development at IETF-AVT.

Two kinds of schemes can be envisaged: retransmission and forward error correction (FEC). 

The FEC scheme is very well suitable for conversational applications, which have strong delay constraints, and can not tolerate any additional delay due to retransmission. This is also the most advanced scheme with a status of proposed standard. It is described in RFC2733 "An RTP Payload Format for Generic Forward Error Correction". It involves only exclusive or (XOR) parity operations and does not require complex calculation. Redundant packets are built using parity operation combining several Media packets. The same operation allows the receiver to recover lost Media packet (both, header and payload) from received FEC and Media packets under certain conditions.

These FEC packets are sent as a separate stream, generally over a separate RTP session.

Here is the RFC2733 abstract:

" This document specifies a payload format for generic forward error correction of media encapsulated in RTP. It is engineered for FEC algorithms based on the exclusive-or (parity) operation. The payload format allows end systems to transmit using arbitrary block lengths and parity schemes. It also allows for the recovery of both the payload and critical RTP header fields. Since FEC is sent as a separate stream, it is backwards compatible with non-FEC capable hosts, so that receivers which do not wish to implement FEC can just ignore the extensions."

More advance protection schemes could be envisaged in the future with Unequal Error Protection (UEP) feature. Basic idea of UEP is to protect differently the partitions of media packets, depending on their importance. This allows reducing the bandwidth of the FEC stream. This is for further study.

Conclusion: 

We recommend that FEC (RFC2733) be mandatory as a tool in the mobile terminal for conversational packet-switched services. It means these services could set-up or not the FEC tool.
3 Video Codecs

TS26.911 specifies for 3G-324M terminals, H.263 as the mandatory video codec, and recommends to implement two optional codecs, which are MPEG-4 visual simple profile level 0 and ITU-T H.263 Ver.2 with I, J, K, T annexes.

H.263 has been chosen mandatory to get a good interoperability with H.324/M terminals. The video bitstream is transported and protected by the mean of the robust multiplexer H.223 with its mobile annexes.

For conversational packet-switched services, the transport layers will introduce some frame erasure due to congestion in the network (Internet typical errors) and to the UTRAN environment. MPEG-4 visual is very robust against this kind of errors thanks to its errors resilience tools. 

· The video packet feature enables the decoder to resynchronise easily. This means other tools to conceal the effects of errors is greatly enhanced. 

· Data partitioning enables unequal error protection (UEP). The use of this feature could be envisaged in the future when current work at IETF-AVT will be finalised.

· RVLC is more adapted in case of bit error than in case of packet loss

The definition of a payload format to transport MPEG-4 over RTP is currently on going. A joint group MPEG-4 and IETF-AVT will finalise this work before the end of this year.

The choice of MPEG-4 visual will allow potentially more powerful applications in the future thanks to the development of new profiles, like the Advanced Real-Time Simple profile (ARTS). ARTS is defined as the simple profile with the addition of two new tools, NEWPRED and Dynamic Resolution Conversion DRC.

Conclusion:

Philips and Bouygues Telecom strongly recommend the MPEG-4 visual simple profile level0 to be mandatory for conversational packet-switched services.
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