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1. Introduction

This contribution intends to clarify the problem of media synchronization in 3GPP services and proposes a mechanism to improve media synchronization for MBMS and PSC services.

2. Media synchronization and RTP Protocol

According to [1], each RTP packet carrying media contains a timestamp representing the sampling time of the first octet of the media data contains in the payload of the concerned RTP packet. The initial value of the timestamp should be random. This implies that, in case of a multimedia session, a mechanism is required to synchronize the playback of the different media transmitted.

A mechanism is proposed in [1]. It implies the use of Sender Reports (SR) in the RTCP streams of each media in order to retrieve the offset relative to a common reference clock: the wall clock.
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Figure 1: Mechanism for Media Synchronization in RTP

There are some constraints and drawbacks related to this mechanism.

· In case of Multimedia session SR shall be sent over RTCP stream in order to provide multimedia synchronization. Consequently bandwidth must be reserved to transport SR. If the bandwidth reserved is too low the frequency of appearance of SR can be low. The lower the frequency of appearance of SR is, the longer the delay of acquisition of the SR is. This can be of course reduced by increasing the frequency of appearance of the SR in the RTPC flows, but at the cost of more bandwidth usage.

· In order to provide full media synchronization, one SR from each media stream must be received before starting the playback of the media. Consequently, the first SR of each media stream must be received before providing playback with full synchronization.

· Information relevant to media synchronization cannot be known prior to the reception of the first RTP packets containing the media.

3. Media Synchronization in PSS

In the case of Packet Switched Streaming, the use of the RTSP protocol solves the issue describe in section 2. In this case 3GPP mandates the use of rtp-info in the server response to the RTSP PLAY command sent by the client. The rtp-info provides the timestamp in the reference clock of the different media in the session.

Consequently time offset are known prior to the reception of RTP packets and media synchronization can be guaranteed.
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Figure 2: Mechanism for Media Synchronization in PSS

4. Media Synchronization in MBMS

In MBMS no mechanism has been mandated to retrieve the offset required to ensure media synchronization.

5. Media Synchronization in PSC

In PSC it is specified a maximum bitrate for RTCP Sender Report in case audio and video is used. There is no requirement that will guarantee that the bitrate for SR is not null and therefore will not allow media synchronization according to the mechanism depicted in section 2.

The issue related to knowing the offset prior to the reception of the media remains.

6. Philips proposal

In the case of MBMS and PSC services it is highly probable that media will be originated from the same source. In that case Philips proposes that the server that streams these media set the same offset relative to the Wall clock for all media. In that case media synchronization is guaranteed since time difference between sampling times of media is null and known before the reception of media. More over it will then not be required to spend bandwidth for the transmission of SR reports dedicated to media synchronization.
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Figure 3: Proposal for Media Synchronization in MBMS and PSC

In order to ensure compatibility between servers and clients that do not support the proposed feature, Philips proposes to define and set a specific SDP attribute a=3GPP-fastmediasync:1: The behaviour of the client depending if the feature is supported or not shall be as follows:
· Feature neither supported by server or client: the client shall use the SR as described in [1] in order to ensure media synchronization. 

· Feature supported by the server but not by the client: the client shall disregard the SDP attribute and shall use the SR as described in [1] in order to ensure media synchronization.

· Feature supported by the client but not by the server: the client shall detect that the SDP attribute is not present and shall use the SR as described in [1] in order to ensure media synchronization.

· Feature supported by the client and the server: the client shall take into account the SDP attribute and perform fast media synchronization as depicted in previous sections.

In case Philips proposal is accepted the affected TS and TR are:

· 3GPP TS 26.346 Multimedia Broadcast/Multicast Service (MBMS);Protocols and codecs

· 3GPP TS 26.236 Packet switched conversational multimedia applications; Transport protocols

· 3GPP TR 26.914 Multimedia telephony over IP Multimedia Subsystem (IMS);Optimization opportunities
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