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Situation:

TS 32.225 V1.6.0 does not have a consistent definition on how to handle SDP data in the context of the 3GPP Diameter accounting application and in the context of the CDR definition. In addition to that a couple of e-mails have been exchanged on how to deal with the SDP data in the context of charging. 

This contribution proposes a strategy how end-to-end SDP exchange shall be handled in the scope of 3GPP charging in the various network entities. The strategy is based on ref. [1] which principles are adopted by the 3GPP community. It furthermore aims to keep the switching network entities as simple as possible.

Proposal:

Ref. [1] defines the “SDP offer/answer model” which extents the capability of SDP. The existing SDP RFC (RFC2327) does not specify how to negotiate medias and their capabilities. Reference [1] introduces the possibility to negotiate medias and their capability during either session initiation or session modification. The SDP negotiation is carried out via the SIP session establishment/modification.
The below example is from ref. [1] and shows how SDP is negotiated between two UAs, Alice and Bob:

Start example:

Assume that the caller Alice, has included the following description in her offer. It includes a bi-directional audio stream and two bidirectional video streams, using H.261 (payload type 31) and MPEG (payload type 32). The offered SDP is:

   v=0

   o=alice 2890844526 2890844526 IN IP4 host.anywhere.com

   s=

   c=IN IP4 host.anywhere.com

   t=0 0

   m=audio 49170 RTP/AVP 0

   a=rtpmap:0 PCMU/8000

   m=video 51372 RTP/AVP 31

   a=rtpmap:31 H261/90000

   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

The callee, Bob, does not want to receive or send the first video stream, so he returns the SDP below as the answer:

   v=0

   o=bob 2890844730 2890844730 IN IP4 host.example.com

   s=

   c=IN IP4 host.example.com

   t=0 0

   m=audio 49920 RTP/AVP 0

   a=rtpmap:0 PCMU/8000

   m=video 0 RTP/AVP 31

   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

At some point later, Bob decides to change the port where he will receive the audio stream (from 49920 to 65422), and at the same time, add an additional audio stream as receive only, using the RTP payload format for events [9]. Bob offers the following SDP in the offer:

   v=0

   o=bob 2890844730 2890844731 IN IP4 host.example.com

   s=

   c=IN IP4 host.example.com

   t=0 0

   m=audio 65422 RTP/AVP 0

   a=rtpmap:0 PCMU/8000

   m=video 0 RTP/AVP 31

   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

   m=audio 51434 RTP/AVP 110

   a=rtpmap:110 telephone-events/8000

   a=recvonly

Alice accepts the additional media stream, and so generates the following answer:

   v=0

   o=alice 2890844526 2890844527 IN IP4 host.anywhere.com

   s=

   c=IN IP4 host.anywhere.com

   t=0 0

   m=audio 49170 RTP/AVP 0

   a=rtpmap:0 PCMU/8000

   m=video 51372 RTP/AVP 31   (we assume that the mentioned port # 51372 is a “copy and paste” deficiency in ref. 

                                                      [1], the port number should be 0)

   a=rtpmap:31 H261/90000

   m=video 53000 RTP/AVP 32

   a=rtpmap:32 MPV/90000

   m=audio 53122 RTP/AVP 110

   a=rtpmap:110 telephone-events/8000

   a=sendonly

End  example

Available medias in a SIP message starting a SIP transaction (I.e. Initial Invite) are repeated in all further SDP messages exchanged for this transaction. If a media is not supported or is not wanted by a UA the UA sets the related port number for this media to 0. 

During a session modification procedure (I.e. SIP transaction started with a Re-invite) the medias already installed during the initial SIP transaction must be repeated in the SDP messages in the session modification procedure. If a session modification procedure is about to remove a media the related port number is set to 0.

In accordance with ref. [1] the initiator of a media component is the one initiating a SIP transaction (The one appearing in the calling party AVP in the ACR message). In case of a session modification procedure (I.e. starting with a Re-Invite) it may be challenging for the SIP node to determine the added/removed media initiator since all existing medias are repeated in the SDP message exchange (see example above). If a media is added or removed may only be determined by the SIP node by comparing the modified SDP with the initial SDP before the modification procedure.

The “SDP-delta” between the initial and the modified SDP, which may be an added media, is the one associated with the initiator of a session modification procedure (I.e. with the one sending the Re-Invite). This corresponds to the “calling party” AVP of the ACR message triggered by the Re-Invite. Note that in an Interim ACR message the calling and called party may be exchanged in comparison with the initial start ACR message since the Re-invite initiator may be the initially called party. To handle this appropriately at CCF level, it is proposed that the CCF outputs partial CDRs for Interim ACRs issued due to a Re-Invite.

In order to keep the Network entities as simple as possible it is proposed to not determine the media initiator in the network entities itself. For the off-line charging part it is proposed to move this task towards either the CCF or the billing domain. Since the charged party is likely being associated with the media initiator it’s necessary to determine the media initiator in the OCF to apply appropriate on-line charging. 

When reading the SDP portion of TS 32.225 V1.6.0 the current principle is to report only changed media towards the CCF/OCF:

Start extract from TS 32.225 V1.6.0:


<Media-Component>::=<AVP Header: TBD >








{ Media-Id }







[ Media-Action ]







[ Media-Action-Timestamp ]







[ Media-Type ]







[ Media-Mode ]







[ Media-Component-Initiator ]







[ GPRS-Charging-Id ] 
[GGSN-Address]
End extract from TS 32.225 V1.6.0

Since this principle requires additional logic/states in the network entities it is proposed to simplify it in a way that the network entities do not report “deltas” but report always complete media descriptions.

Following rules are deducted from the above:
SDP/Diameter inter-working with the prerequisite that an ACR message is initiated after a 200 OK message:

· During a SIP transaction starting with an Invite or a Re-Invite message and ending with an ACK message the last SDP message crossing a network entity shall be reported via the ACR message towards the CCF/OCF. The last SDP message crossing a SIP node is the negotiated media and is the finally used one.

· It is assumed that in 3GPP IMS R5 scope a final ACK does not carry final SDP and that a final SDP is latest exchanged with the 200 OK message answering a SIP Invite. If an ACK message may carry final SDP data in 3GPP IMS R5 scope, interim ACR reporting may need to be envisaged at receipt of the ACK message containing final SDP.

· At least following information shall be posted towards the CCF/OCF, it is proposed to post this information in a transparent way by concatenating the below mentioned “m=” and “a=” lines into a simple “string” per available media (e.g. called “SDP-media-string”)
Media name and address: m=<media> <port> <transport> <fmt list>

All associated media attribute lines: a=rtpmap:<payload type> <encoding name> /<clock rate> or …

· It is not required to post additional time-stamps with the medias, since time-stamps are reported with each ACR message anyhow

· The proposed AVP definition is as follows:






<Media-Component>::=<AVP Header: TBD >







[ SDP-Media-String ]






[ GPRS-Charging-Id ] 
[ GGSN-Address ]
SDP in CDRs (off-line charging):

How the CCF handles/structures SDP entries in the final CDRs is still for further study. A pretty easy approach to handle session modification procedures via interim ACRs at CCF level would be to generate partial CDRs and to put the received SDP <Media-Component> AVP(s) “as they are” into the partial CDR. Alcatel proposes to discuss this further during SA5#29 and to modify the CDR portion of TS 32.225 in accordance with the reached conclusion.

It is proposed that the CCF outputs partial CDRs for Interim ACRs issued due to a Re-Invite in order to support the case where the re-invitee is the initially called party (calling/called party are different compared with the start ACR message !).
Determination of the media component initiator:

The initiator of a media component shall be determined by the OCF (on-line charging) and by the CCF or Billing domain (off-line charging).

Action:

If the above mentioned principle is accepted, Alcatel offers to add the above mentioned rules into TS 32.225 during SA5#29.

