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___________________________________________________________________________

SA2 is currently investigating architectural solutions to facilitate the playing of tones and announcements to IM Subsystem subscribers. Attached is a discussion document S2-010184, which was presented at SA2#16 in Los Angeles, 22-26 January. SA2 would like T2 to comment on the feasibility of the solutions discussed, in particular those that require greater capabilities of the terminal than simply providing an audio path connection. A number of companies perceive that making greater use of the terminal’s capabilities will possibly lead to greater service opportunities and simplification of the core network. 

* Jeremy Fuller (Nortel Networks)


Email: jfuller@nortelnetworks.com
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1. Introduction



The purpose of this contribution is to initiate discussions on system level solutions for providing tones and announcements in the IM Subsystem which has been identified as an open issue in the Working Group. Some solution alternatives, and their usability and applicability are discussed below. Nokia's proposal is for TSG-SA WG2 to select favourable alternative(s) in order to guide the more detailed level contributions and discussions on this topic.  



2. Providing tones



In general, tones could be generated in the terminal based on e.g. SIP response codes.



In PSTN-terminated calls the tones may be generated inband by a far-end CS-switch. In case a one-way media stream is opened towards the originating UE in the progress/ringing state, then these tones may be conveyed on the media plane.



Note: There might be a need for additional QoS interaction in this case.



3. Providing announcements



There have been two main alternatives identified for providing announcements: 



· Conveying an announcement in the payload of SIP signaling messages (see chapter 3.1).



· Connecting the media plane to some external device (e.g. MRF) that provides the announcement as realtime RTP stream. There are several different options for establishing the connection itself (see chapter 3.2).  



3.1 Using the payload of SIP signaling messages



The payload of SIP signaling messages may be used to convey media. In principal, any suitable media data format can be used, e.g. MP3 audio. Possible user interaction may also use SIP signaling messages. The entity generating the audio data, the corresponding SIP messages, and also handling user interaction may reside in the SIP-based service execution environment (Applications&Services cloud).



Note: In this solution the terminal is responsible for playing the audio data.  



3.2 Connecting the media plane to an external device (e.g. MRF)



Announcements may be sent to the UE as regular RTP stream by an external device, e.g. MRF. By definition, this requires a one-way media plane connection (possibly two-way connection for voice-controlled interaction) between the UE and MRF. There are several alternatives to establish this connection, some alternative ways are shown below.



1. "Pre-connection" announcement to the originating UE. The description of the media endpoint generating the announcement may be sent to the originating UE in the payload of a provisional response (e.g. 183 Session Progress).  In practice, this would mean that the S-CSCF triggering the playing of the announcement could reserve a media endpoint (H.248 termination) in the MRF with H.248 procedures, and put the SDP description of this media endpoint into the provisional response. After the announcement has been played to the end, regular session setup to the called party may continue.



2. "Direct" announcement. The call may be fully connected to the announcement device according to regular session setup procedures. This device may reside in the Application&Services cloud, or in the IMS CN (S-CSCF acting as controller and SIP signaling end-point, MRF acting as announcement media generator)



3. SIP-based call-transfer methods (REFER method) may be used to instruct the UE to initiate a session to a possibly pre-reserved ID corresponding to the media endpoint generating the announcement. The subsequent session setup to this ID is similar to point 2. 



4. SIP signaling may return a URL as interactive web response giving a sophisticated User Interface to the UE for interactive multimedia announcements. The actual connection to the media endpoint may again be similar to point 2.        



5. In case CAMEL-based service control is in place for IMS, announcements may be given by CSE's (CAMEL Service Environment) SRF (Specialized Resource Function). Optionally, the respective CAMEL operations (ConnectToResource,...) may be mapped to H.248 procedures in the S-CSCF, thus the announcement could be generated by MRF. 



4. Proposal



Nokia's proposal is for TSG-SA WG2 to select favourable alternative(s) in order to guide the more detailed level contributions and discussions on this topic.






