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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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************ 2nd Modification ************
4.7
MRFC acting as an RTSP client
AS may instruct an MRFC to control playing of a media resource located on an external server. Such external media resource may be specified by an RTSP URL. Such RTSP URL may be provided either over Sr (e.g. playing prompts specified in VoiceXML scripts), over Mr (e.g. playing announcements in RFC4240 [3]) or over Cr (e.g. using the SIP control framework [9][16]). 

To access external media resources defined by RTSP URL MRFC performs the RTSP (RFC 2326 [xx]) client functionality.
************ End of 2nd Modification ************
