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1. 3GPP Requirements:

Based on requirements for the IM CN a user’s call signalling messages  are required to go through the P-CSCF and S-CSCF.  The S-CSCF can be in the Visited Network or the Home network.  The S-CSCF could also be hidden behind the home network, thus using a firewall I-CSCF.

The Outbound P-CSCF must forward the call through the I-CSCF or the S-CSCF before “normal” SIP routing can take place.  This means that the traversal path for call signalling has to be set in both inbound and outbound directions.  There was a simple solution for the setting the path for the inbound directions.  This contribution brings out the issues with setting the signalling path for outbound direction.

2. Issues to be solved

Listed below are some of the issues that have to be considered 

2.1. What does the UE get from the Registrar?

The “registrar” has to pass some information to the UE so that the outbound signalling messages can be routed through the proper nodes. 

2.2. How  does this information get sent to the UE? 

The information to setup future outbound signalling routes needs to be seend to the UE.  How is this information related to the UE?  Wher in the SIP message etc.

2.3. How does UE convey the Routing information in outgoing messages?

UE and or P-CSCF must use some mechanism to enable this pre-defined route to the S-CSCF.

3. Possible solutions

Some possible solutions for the issues noted above are described below.

3.1. What does the UE get from the Registrar?
This information could be the host address of the S-CSCF or a URL which will eventually resolve to the proper S-CSCF assigned to the caller.  This holds true for both cases, where the next hop from the P-CSCF is a S-CSCF or I-CSCF.
3.2. How  does this information get send to the UE? 

There are several methods to send this information to the UE.  This  information can be send as part of a new SIP header.  This would be an extension and might face some resistance from IETF.

It can be send  via the body in a SIP message.  For this 3GPP might need to suggest/agree on a format of how this information is send in the body.  This might involve defining a new MIME type which is much easier than the getting an extension approved.
3.3. How does UE convey the Routing information in outgoing messages?

This issue has come up in IETF and the SIP mailing lists.  Several proposals have been made each with advantages and disadvantages.  Listed below are some of those proposals.

3.3.1. Using SIP body to convey this routing information

This would require the P-CSCF to behave differently than normal SIP servers in that it will have t check in the body of  each request for preloaded routing information.

3.3.2. Using the Request URI

This requires the use of the maddr header in the request URI.

Hostnames that are used:

Firewall host:                   proxy.visited.net

Outgoing services proxy:  s-cscf.home.net

Destination of call:           sip:user@somewhere.net

Eamxple SIP message:

INVITE sip:user@somewhere.net;maddr=s-cscf.home.net SIP/2.0

3.3.3. Using the  Route header

This would involve a  preloaded Route header which will indicate how to send this message through the signalling nodes.

To illustrate this here is a an example of this might work.  Hostnames that are used are:

Proxy host:               proxy.visited.net

Serving CSCF host:  s-cscf.home.net

Destination of call:   sip:user@somewhere.net

Example SIP message.

INVITE sip:s-cscf.home.net SIP/2.0

Route: sip:user@somewhere.net

4. Proposal

As can be seen there are several possible solutions for these issues.  Work is needed to identify a workable option for the IM CN Subsystem. When the solution is decided upon, then CN1 experts should make a contribution to IETF with the possible solution so that this can be noted in the relevant SIP related standards document(s).

This needs to be addressed before the next IETF meeting in March 18-23 in Minneapolis.  A deadline for drafts to be discussed at this meeting is Feb 23.

