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1 Introduction

This contribution aims at defining the transport of MPEG-4 Audio-AAC over RTP.  A status of IETF proposals is first described and recommendations proposed.

3GPP-SA4 wants to use payload format specified by IETF to transport such a stream.

2 IETF Status

2.1  RFC3016:

IETF has promoted the RFC3016 as proposed standard. It allows to transport MPEG-4 audio bitstream without using MPEG-4 Systems. MPEG-4 Audio streams MUST be formatted by LATM (Low-overhead MPEG-4 Audio Transport Multiplex) tool, and the LATM-based streams are then mapped onto RTP packets.

2.2 Work in progress

The Audio/Video Transport working-group within the Internet Engineering Task Force and ISO/IEC MPEG-4 ad hoc group on MPEG-4 over Internet are working together to describe a payload format for transporting MPEG-4 encoded data using RTP. This is work in progress and can not be referenced within 3GPP specifications for the time being. This work is planned to reach a consensus soon (MPEG has reached a consensus last week at the Pisa meeting) and the RFC could be published before the June 2001. It will be referenced within MPEG-4 System specifications as a normative annex. This time schedule is expected to be not compatible with Rel-4!

2.2.1 " draft-gentric-avt-mpeg4-multisl-00.txt" 

This document describes a payload format for transporting MPEG-4 encoded data using RTP, including visual, audio and systems streams. MPEG-4 is a recent standard from ISO/IEC for the coding of natural and synthetic audio-visual data. Several services provided by RTP are beneficial for MPEG-4 encoded data transport over the Internet. Additionally, the use of RTP makes it possible to synchronise MPEG-4 data with other real-time data types. 

This draft proposes a general way to transport any kind of MPEG-4 streams using MPEG-4 system or not. 

MPEG-4 SL (Synchronization Layer) is a generic media agnostic (it does not depend on the type of stream it transports) and delivery agnostic (it does not depend on the actual transport network technology).

It is the MPEG-4 system way to transport any type of MPEG data, audio, video, scene description, encryption etc…

The best compromise is to map the MPEG-4 SL packets onto RTP packets, such that the common pieces of the headers reside in the RTP header that is followed by an optional reduced SL header providing the MPEG-4 specific information. 

The use of SL descriptor is signalled to the receiver by using an SDP a=fmtp field. By default, if it is not explicitly signalled in SDP, the SL descriptor is nor present and there is no reduced SL header in the RTP packet. 

2.3 Audio

In the case of audio streams, the solution envisaged by MPEG-IETF to transport multiple audio frames is not based on LATM. The solution is generic and applies to any type of SL packets. The envisaged solution is based on a more direct frame mapping onto RTP packets which will give a lower overhead. 

The goal of this contribution is not to present in detail the current draft. We have just extracted two examples for Audio streams:

In this example multiple SL packets are transported in each RTP packet.

   SLPayloadSizeLength is used to indicate multiple SL packets per RTP packets.

   In this example we will assume that this size never exceeds 31 bytes and 

   can therefore be encoded on 5 bits. This will be signalled in SDP using:

   a=fmtp:<format> SLPayloadSizeLength=5

   Therefore the structure of the RTP packet for MPEG-4 Audio will be:

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | RTP header                    |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SLPacketPayloadSize  (5 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SLPacketPayloadSize  (5 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | à as many times as SL packets |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | 0000 (byte alignment)         |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SL packet payload (N  bytes)  |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SL packet payload (N  bytes)  |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | à as many times as SL packets |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Interleaving for MPEG-4 Audio

   This example is the same as before with the addition of interleaving

   for error resilience.

   The SL configuration is the same as in the previous example except

   that packetSeqNumLength is not zero but 9 bits. We will also use

   SLPacketPayloadSizeLength to indicate multiple SL packets per RTP

   packets. Additionally we use packetSequenceNumberLength to signal

   the length of all packetSequenceNumber fields packetSequenceNumberDeltaLength

   is not used in this example)

   This will be signaled in SDP using:

   a=fmtp:<format> SLPayloadSizeLength=5;packetSequenceNumberLength=9

   The RTP packet structure is then:

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | RTP header                    |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | packetSequenceNumber (9 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SLPacketPayloadSize  (5 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | packetSequenceNumber (9 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SLPacketPayloadSize  (5 bits) |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | à as many times as SL packets |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | 000 (x bits to byte alignment)|

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SL packet payload (x  bytes)  |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | SL packet payload (x  bytes)  |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   | à as many times as SL packets |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

3 Proposal and discussion

Philips strongly recommends:

1. To transport MPEG-4 Audio following the results of the joint MPEG-4 and IETF work in progress in Rel-4 and later 

2. this group tries to minimise future backward compatibility problems

This will let the possibility to be MPEG-4 compatible, to transport the MPEG-4-AAC in a more optimized way and to set-up more powerful audio applications in the future.

We need a discussion to find how to introduce these recommendations into the TS26.234.

· Is it possible to delay the choice of an RFC and to write in the TS that  the definitive RFC number will be written in a few months, (eg.  by the mean of a change request)?
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