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1. Introduction

This contribution proposes some clarifications to the section on call clearing. 
2. Reason for Change

 

1) BYE can be used as replacement of CANCEL before confirmed dialog is established, this is allowed both in Q.1912.5 and 3261 but it is not clear if a BYE is used the call flow will be as per CANCEL, that means 487 shall be still generated for the initial INVITE.

 

2) RFC 3261 is not clear regarding the scenario where CANCEL and final response to INVITE cross each other (see scenario on ch. 3.1.2 http://www.ietf.org/internet-drafts/draft-ietf-sipping-race-examples-05.txt )

On the UAS side of the GMSC (i.e. towards the preceding node), GMSC should follow recommendation in the draft in case of race condition. On the UAC side of the GMSC (i.e. towards the preceding node), GMSC should be prepared to deal with the situation where 481 is received and act as described in the draft.

3. Conclusions

The current text under section 7.3 is not complete, the following changes are required:
1) Add a note which clarifies that if BYE is used on early dialog the call flow is as per CANCEL.
2) Add a note that the GMSC shall properly handle race condition as described in the above draft, Please note that handling of BYE during early dialog in race condition is not the same as CANCEL (see Ch. 3.1.2 in the draft).
4. Proposal

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

7.3
Gateway MSC Server Procedures
7.3.1
Call Clearing received from peer SIP-I node

If a release indication (CANCEL, BYE, final error response (4xx, 5xx or 6xx) for the initial INVITE request) is received from the preceding or succeeding node, the GMSC server shall:

a.
process those release indications according to SIP procedures for a user agent towards the preceding or succeeding side as specified in IETF RFC 3261 [15], and initiate a call release towards the succeeding or preceding node acting as user agent as specified in IETF RFC 3261 [15], or

b.
handle these release indications applying SIP proxy procedures, as specified in IETF RFC 3261 [15].

If a BYE is used on early dialogue the call flow shall follow the same steps as for the CANCEL.
The GMSC shall also perform the procedure described in Clause 7.3.4 to release seized MGW resources
The GMSC shall properly handle race condition as described in the IETF draft "Example calls flows of race conditions in the Session Initiation Protocol (SIP) draft-ietf-sipping-race-examples-05" [xx].
Editor's Note:
the above draft should perhaps be inserted to the specification (or into TS 29.231) as an Annex until approved as an RFC or referable draft ?
NOTE:
that handling of BYE during early dialog in race condition is not the same as CANCEL (see Ch. 3.1.2 in the draft).

7.3.2
Call Clearing initiated by G-MSC Server

7.3.2.1
Call clearing to the destination side

If the call is already established or under establishment towards the destination, call clearing to the destination side from the GMSC server is performed as described for the originating MSC server in clause 7.2.3.2.

7.3.2.2
Call clearing to the originating side

Call clearing to the originating side from the GMSC server is performed as described for the terminating MSC server in clause 7.2.3.2.
7.3.3
Call Clearing received from MGW
7.3.3.1
Bearer released on the destination side

After the GMSC server received the Bearer Released procedure from the MGW on the destination side, call clearing to the destination side and the originating side from the GMSC server is performed as described for the originating MSC server and for the terminating MSC server in clause 7.2.3.2 respectively.

7.3.3.2
Bearer released on the originating side

After the GMSC server received the Bearer Released procedure from the MGW on the originating side, call clearing to the originating side from the GMSC server is performed as described for the terminating MSC server in clause 7.2.3.2. If the call is already established or under establishment towards the destination side, call clearing to the destination side is performed as described for the originating MSC server in clause 7.2.3.2.
7.3.4
Call Clearing procedures towards MGW
The (G)MSC server shall release any MGW allocated resources reserved for the call. If any resources were seized in the MGW the MSC server shall use the Release Termination procedure to indicate to the MGW to remove the bearer termination.

