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Abstract

The basic SIP protocol as defined by RFC 3261 does not include a “keep alive” mechanism. As such, it is possible that one end of a session may fail and be unable to signalling the release of the session. 
One possible scenario where this may occur is in the case where an internal fault on a remote exchange results in the call instance being lost on the remote exchange. This would result in no further signalling from the remote exchange associated with that call instance. The local exchange would have no indication from the remote node should that party release the call.
The SIP Session Timer as described in IETF RFC 4028 provides a means to determine whether a SIP session is still active by attempting to perform a session refresh. 3GPP exchanges can take advantage of this mechanism to know when resources may be released when one end of the session fails.

The procedures negotiate the rate at which the session refresh occurs. The procedures are compatible and still operational should the far end or other SIP network not support the Session Timer procedures. 

It is proposed that the SIP Session Timer procedures as described in RFC 4028 be documented and further studied.
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5.2.1
SIP-I profile options

5.2.1.x
SIP session continuity
The basic SIP protocol as defined by IETF RFC 3261 [30] does not include a "keep alive" mechanism. As such, it is possible that one end of a session may fail and be unable to signal the release of the session.

One possible scenario where this may occur is in the cases where an internal fault on a remote node results in the call instance being lost on the remote node. This would result in no further signalling from the remote node associated with that call instance. The local node would have no indication from the remote node should that party release the call.

The SIP Session Timer as described in IETF RFC 4028 [xx] provides a means to determine whether a SIP session is still active by attempting to perform a session refresh. 3GPP nodes can take advantage of this mechanism to know when resources may be released if one end of the session fails.

The procedures negotiate the rate at which the session refresh occurs. The procedures are compatible and still operational should the far end or other SIP network not support the Session Timer procedures. 

Editor’s Note: Support for the SIP Session Timer is for further study.









































































































