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1. Introduction
An Editor's Note marks  additional cases for call clearing towards network side at S-MSC, detailing procedures when alternative responses are received by the Originating MSC-S during call establishment, as FFS.
2. Reason for Change
The current procedures are not covering all imaginable cases and in that are not 100 % percent correct SIP procedures (compare to Clause 15 of RFC 3261);
1. After a 1xx, (e.g. TRYING), but before an SDP answer has been receiced, only a CANCEL, but no BYE can be used.

2. In race conditions, the CANCEL may fail and a 2xx be received instead. This needs to be answered by BYE to terminate session.
3. Implications ogf multiple sessions due to SIP forking are not considered (While forking is probably not used in the SIP-I Cs network, this could be encountered when interacting with external networks unless the still outstanding interworking procedures prevent this): Due to forking, multiple dialogues may exist and require separate BYEs to be terminated, wheras a single CANCEL is usually sufficient to terminate all early dialogues.

However, all these issues are covered by existing SIP procedures in RFC 3261 and therefore detailed re-specification in TS 32.231 should be avoided.
3. Conclusions

It is proposed to simplify and complete the procedural description by using a reference to RFC 3261.
4. Proposal

It is proposed to agree the following changes to 3GPP TS 23.231 v1.0.0.
* * * First Change * * * *

7.2.3
Call Clearing received from UE
7.2.3.1
Procedures towards access side
Call clearing from the UE shall be performed in accordance with clause 7.2.2.1 in 3GPP TS 23.205 [7].

7.2.3.2
Procedures towards network side
7.2.3.2.1
Call Clearing during call establishment
7.2.3.2.1.1
Originating MSC-S

If the MSC server has sent an initial INVITE request to the succeeding node, the MSC server shall apply SIP procedures detailed in IETF RFC 3261 [15] to terminate the corresponding SIP dialogue(s) and session(s), making use of CANCEL and/or BYE request(s).  

The MSC server shall then perform the normal bearer release according to 7.2.6.


7.2.3.2.1.2
Terminating MSC-S

If the MSC server received an initial INVITE request from the preceding node and has not yet sent out a final response for the initial INVITE request, the MSC server shall send an appropriate failure response for the initial INVITE request to the preceding node. 

The MSC server shall then perform the normal bearer release according to 7.2.6.
7.2.3.2.2
Call Clearing after call established

7.2.3.2.2.1
Originating MSC-S

If the MSC server has sent an initial INVITE request to the succeeding node and has received a final 200 OK (INVITE) response for the initial INVITE request, the MSC server shall send a BYE request to the succeeding node to release the call. 
The MSC server shall then perform the normal bearer release according to 7.2.6.
7.2.3.2.2.2
Terminating MSC-S

If the MSC server received an initial INVITE request from the preceding node and a successful final response for the initial INVITE request has been sent out, the MSC server shall send a BYE request to release the call.

The MSC server shall then perform the normal bearer release according to 7.2.6.
7.2.3.3
Example Call Flow
Figure 7.2.3.3.1 shows the network model for a user initiated clearing of an established mobile call. The "squared" line represents the call control signalling. The "dotted" line represents the bearer control signalling (not applicable in A/Gb mode for the A-interface) and the bearer. The MSC server seizes one context with two bearer terminations in the MGW. Bearer termination T1 is used for the bearer towards RNC/BSC and bearer termination T2 is used for the bearer towards succeeding MGW.

