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1 Introduction 

The 3GPP Timed Text specified in [3GPPTT] is a media format that allows for time-lined decorated text contents.  Using this format, text can be displayed either as plain text or animated text using different fonts, colours, sizes and synchronised with other media. In the current releases of PSS, timed text may only be downloaded via HTTP. PSS Release 6 and earlier releases lack any means for streaming of timed text contents.  

Streaming of timed text opens a new range of applications, specially when used together with other streamed media like audio or video.  Examples of such use cases are karaoke programs, subtitled video clips or text-based guide information. 

This document presents a proposal for support of streaming timed text contents in 3GPP Release 6. 

In the next sections the motivation for including the streaming of timed text in Release 6 as well as the protocols for streaming of TT contents are provided.

2 Background and motivation for Streaming of Timed Text contents in Release 6

In 3GPP PSS Rel-5 timed text content is downloaded via HTTP/TCP and SMIL is required to present timed text contents synchronized with streaming contents (audio/video). These mechanisms have been recommended by SA4 because timed text was considered to have a similar nature as other static media types in PSS and because no other means to efficiently stream and synchronise timed text content were available at that time.

However the current restriction to support only download of timed text content leads to a number of severe drawbacks if it comes to current and future PSS and MBMS services:

· To download text content and present it synchronised with audio/video media SMIL needs to be supported at the client. This might be not always the case.

· If timed text content is delivered in a 3GP file, the granularity of content access (not content presentation) is limited.  I.e., even if a client wants to see some parts of the file, it has to fetch the entire 3GP file from the beginning.  On the other hand, a client can simply request the desired parts by RTSP range header if time text content is streamed. 
· A number of applications (e.g. live news and sports services)  require nearly realtime (i.e. “dynamic”) delivery and synchronisation of text content with other streamed media content.  However in a live streaming application it is not possible, even with the support of SMIL, to “synchronise” the presentation of timed text content with streamed media content, as timed text content always needs to be created well before the encoding of live media content to allow for downloading. Only streaming of timed text content enables “synchronization” with live streaming media contents.  
· In particular for future MBMS applications the distribution of live content (incl. timed text) will play an important role to provide compelling services.

The proposal in this document resolves above drawbacks of current PSS and provides a complete solution to support streaming of timed text in future PSS and MBMS services.  

We propose to adopt the solution provided in this document for 3GPP Rel-6. This schedule is motivated by the observation that the support of streaming of timed text content brings important additional value to the third release of PSS and should not be missed for successful deployment of the first release of MBMS. 

3 Protocols for Streaming of Timed Text contents

PSS continuous media types (e.g. speech, audio and video) are transported over RTP/UDP/IP and synchronized with other media by means of RTP. The packetisation in RTP is done by codec specific RTP payload formats. 

For the targeted applications (s. section 2) timed text contents will be continuously transmitted and synchronized with other media. Therefore it is proposed to use the same transport protocols as for continuous media types, i.e. RTP.  

In the following we discuss two issues which need to be considered, if RTP is used as transport protocol for timed text content:

3.1 RTP payload format for 3GPP Timed Text 

In the 57th IETF Meeting in Vienna, draft-rey-avt-3gpp-timed-text-00.txt presented a basic payload format for 3GPP timed text contents. This payload format describes the packetisation of 3GPP timed text contents into RTP and  allows for synchronisation with other media like audio and video. The latest version of this draft, draft-rey-avt-3gpp-timed-text-01.txt, presents more details on the same issue.  

Since the first presentation of the draft the AVT working group has shown interest to go ahead with this work.  There has been some discussion on other standardisation activities in MPEG and W3C defining timed text media formats and their requirements for RTP payload formats. It was concluded that the approach of  defining specific payload formats for each media format of the same media type has been proven to be beneficial if the requirements and characteristics of the media formats are different. Examples for this approach are the various payload formats for audio and video media formats.  

Additionally, the AVT group has acknowledged that this new payload format would be required to meet the Release 6 deadline of March 2004 and a number of AVT group participants indicated their support to contribute to this target. 

Therefore it is our firm belief, that the definition of this payload format in the IETF is feasible to be accomplished in time for 3GPP PSS Release 6  if the proposal to include the support for streaming of 3GPP timed text in PSS and MBMS is agreed at this meeting. 

3.2 Reliability

The aforementioned payload format described in draft-rey-avt-3gpp-timed-text-01.txt also provides packet loss resiliency.

The design of RTP payload formats is based on the application level framing principle, after which data shall be packetised in such a way that single packets shall be decodable also in the presence of moderate packet loss rate. For more information on this principle please refer to “Guidelines for Writers of RTP Payload Format Specifications” [GUIDE].  The draft-rey-avt-3gpp-timed-text-01.txt provides such mechanisms by defining fragmentation headers and specifying rules on how to split the original timed text samples for maximum packet loss resilience.  

Furthermore, the draft-rey-avt-3gpp-timed-text-01.txt enables the aggregation of timed text samples and the repetition of packets. The former comprises the inclusion of several timed text samples in a single RTP packet; the timestamp is used as an identifier for fragments belonging to the same original sample.  The latter is achieved by defining rules, such that if two packets have the same timestamp the one with the highest sequence number shall be used.
RTP-level FEC formats discussed in IETF AVT group may also worth considering for enhancing reliability, especially for MBMS streaming service.

4 Conclusion and recommendation

Streaming of timed text is a feature that adds value to the PSS and MBMS service by enabling the provision of new and interesting applications. A solution for efficient and reliable transport of 3GPP timed text in RTP is currently under discussion in the IETF AVT group. 

It is therefore proposed that streaming of 3GPP timed text is supported in PSS and MBMS Rel-6 and the technical solution provided by the 3GPP timed text specific payload format in draft-rey-avt-3gpp-timed-text-01.txt is considered as a starting point for this work..  
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