3GPP TSG CT WG1 Meeting #47
C1-070xyz
Beijing, China, 7th – 11th May 2007.
Source:
IAEI
Title:
CR to 24.880: Interface between MRFC and Streaming Server

Agenda item:
9.3
Document for:
Approval
Introduction:
MRFC may be provided with RTSP URL for streaming. However no definitions of such streaming are currently present in 24.880. This document proposes to add such definition. 
Proposal:

It is proposed that the information provided below is agreed and transferred to 3GPP TR 24.880.
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************ End of 1st Modification ************
************ 2nd Modification ************
4.3.1.1
New Interface: Sr
The delegation model requires a new MRFC interface, "Sr".

The 3GPP SA2 group would have to be consulted for the creation of this new interface.
The Sr interface enables the MRFC to fetch documents (scripts and other resources) from an entity on the application plane. 

The entity can provide these documents either from local storage or generated at runtime. The entity may be an AS if the AS supports the protocol requirements below.
The Sr interface is asymmetrical:  fetch requests are only initiated by the MRFC – the application plane entity can only respond to requests.
HTTP [8] is an asymmetrical protocol which is extensively deployed for document fetching. HTTP also provides a caching model which permits fetches optimization and can thereby reduce traffic on the network. For example, documents may be fetched only when they have expired in the local cache; and fetching can be configured so that documents are not fetched at all if there is an unexpired version in the local cache.    

The Sr interface shall support the HTTP [8] protocol (including full caching capabilities). Specifically, the MRFC shall support the HTTP client role and the application plane entity shall support the HTTP server role. The Sr interface should support HTTPS (where IMS network topology requires a secure connection is required). The Sr interface may support other protocols with an asymmetrical request-response model. 
4.3.1.1.1
Sr interface between MRFC and streaming server
One of the functions performed by AS is instructing MRFC to play a media resource specified by a URL, e.g. playing prompts specified in VoiceXML scripts, playing announcements in RFC4240 [3] or using the SIP control framework [9] [16]. Such media resource may be either local to the MRFC or located on an entity on the application plane. In the latter case the resource should be fetched by MRFC using Sr. 

In some scenarios the media resource can be completely downloaded to MRFC before it is played. However, there are also scenarios when the resource needs to be streamed to the MRFC, e.g. if download takes significant amount of time or if the resource is a live stream. 

Usage of HTTP [8] for media streaming to MRFC creates several issues:

· HTTP is not designed to deal with real time nature of media

· HTTP does not allow MRFC to specify the MRFP as the destination for the encoded media stream.

RTSP [30] is designed for media streaming and solves these issues. RTSP is extensively deployed for media streaming. It is an asymmetric protocol as it is required by Sr interface specification. RTSP uses RTP to stream media from the source to the destination which is consistent with MRFP requirements.

The Sr interface should support RTSP [30]. Specifically, the MRFC should support RTSP client role and the application plane should support the RTSP server role.
************ End of 2nd Modification ************
