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1 Introduction
The TR is missing from the profile options that the 100rel SIP extension (use of PRACK method) shall be supported.
2 Discussions
Reliable provisional responses are needed:

· To be able to transfer ISUP messages reliably from called part towards calling party

· To allow multiple SDP offer/answer exchange during the session establishment, necessary e.g. 
· For changing the media transport address used e.g. with the customized alerting tone service

· For allowing full interworking of mid-call codec modification/negotiation from CS side

· For using preconditions

· For separating of codec negotiation and bearer parameter exchange phases similarly to BICC (non fast forward tunneling cases)

In some very limited cases provisional responses or the PRACK method may be avoided but general lack of support would prevent SIP-I for Nc functioning as a BICC alternative and as a service enabler.
3 Proposal
Change the definition of the SIP-I profile with the proposal below.

5.2.1.1
Support for 100rel

Editor's Note: SIP-I based Nc support of 100rel needs to be investigated for inclusion 

SIP-I based Nc shall support the 100rel SIP extension [RFC3262]. SIP-I based Nc endpoints shall indicate the support of 100rel extension by including the 100rel option tag in the Supported SIP header of the INVITE request. 
SIP-I based Nc over SCTP transport may also interoperate with endpoints that do not support or wish to use 100rel if it can be assured that SIP messages never need to be transported over UDP in any part of the network.
Use of reliable transport or reliable provisional responses is required for transfer of encapsulated ISUP information and to facilitate the change of codec or bearer information with the help of the UPDATE method before the session is established (the call is answered).
Note: The use of UPDATE method may be required to interwork with BICC codec modification/negotiation before answer or enable optimisation of bearer resources in case of call forwarding or playing customized alerting tone. SIP [30] and the offer/answer model [RFC3264] requires that SDP answer shall be in reliable response and the INVITE transaction cannot be nested (re-INVITE cannot be sent while no final answer is received to INVITE). Thus sending of new SDP offer is during session establishment possible only via using a non-INVITE method and if the SDP answer is sent reliably before the call is answered.
