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1.
ABSTRACT

This document presents some of the issues related to the transport of PSTN phone number using SDP. The transport of PSTN phone numbers is required for ICS, and this document refers to ICS use-cases. The document also presents an issue (in subclause 3) if SDP is NOT used for transport of PSTN phone numbers.

2. 
ICS ORIGINATING: TRANSPORT OF PHONE NUMBER FROM AS TO ICS-UE

2.1. 
OFFER/ANSWER IMPACT
In the originating ICS case described in subclause 7 of 24.292, once the AS receives the initial INVITE request from the originating ICS-UE, the AS immediately needs to send the PSTN phone number back to the ICS-UE (subclause 7.4.2 of 24.292), in order for the ICS-UE to initiated the PSTN call setup. If SDP is used to carry the PSTN phone number, it means that the AS must send an SDP answer towards the ICS-UE – before it has received an SDP answer from the terminating UE.
Later, when the AS receives an SDP answer from the terminating UE, since new SDP answer is different from the one that the AS previously sent towards the ICS-IE, the new SDP answer cannot be simply forwarded towards the ICS-UE on the existing SIP dialog, due to the SDP offer/answer rules.

To solve this issue, the same methods which have been discussed for the CAT service can be used. If the forking model is used, the To tag would be changed when the response carrying the SDP answer from the terminating UE is sent towards the ICS-UE. If the early session model is used, two sets of SDPs (one being tagged as “early-session”) are used between the ICS-UE and the AS. Alternatively, the AS would send the SDP answer, received from the terminating UE, as a new SDP offer in an UPDATE request towards the ICS-IE.
2.2. 
PRECONDITION IMPACT
As described in sublcause 2.1 of this document, in the originating ICS case the AS needs to send the PSTN phone number towards the originating ICS-UE when the AS receives the initial INVITE request from the ICS-UE.

If the ICS-UE requires the usage of preconditions, the SDP answer sent by the AS must contain information about the local precondition status. It is currently indicated (subclause 7.4.2 of 24.292) that the AS indicates that the preconditions are fulfilled. However, the AS does not have any knowledge whether the local preconditions of the terminating UE are fulfilled or not, which may require updating of the preconditions status at the terminating UE.
3.
ICS TERMINATING: TRANSPORT OF PHONE NUMBER FROM AS TO ICS-UE

3.1. 
OFFER/ANSWER IMPACT
In the terminating ICS case described in subclause 8 of 24.292, the AS generates and sends an SDP offer towards the ICS-UE.

If SDP is used to transport the PSTN phone number, and if the AS chooses to only offer media over PSTN towards the ICS-UE, the SDP offer would not contain any IP media information.
If SDP is not used to transport the PSTN phone number, and if the AS chooses to only offer media over PSTN towards the ICS-UE, the question is what, if any, information the SDP offer would contain. Even if the AS sends an INVITE request without SDP towards the ICS-UE, the ICE-UE is still required to include an SDP offer in a reliable response. But, since no IP media is being used, the question is still what information that SDP offer would contain.

3.2. PRECONDITION IMPACT
Related to the issue described in subclause 3.1, if SDP is used to transport the PSTN phone number, and preconditions are used, the AS can use SDP to indicate whether preconditions are required, and the status of the preconditions, towards the ICS-UE. If SDP is not used to transport the PSTN phone number, the question is how the precondition status can be signalled between the AS and the ICS-UE.
4. SDP PSTN INFORMATION IN ADDITION TO THE PSTN PHONE NUMBER

The currently available draft for transporting PSTN information in SDP, draft-garcia-mmusic-sdp-cs-01, describes how SDP is used to transport the PSTN number, used to establish a PSTN call. However, one feature is missing from that draft.

4.1.
REMOVAL OF CS BEARER

In SDP, setting the media stream (m- line) port value to zero is used to indicate that a media stream is to be removed. 

draft-garcia-mmusic-sdp-cs-01 does not allow the usage of port zero for PSTN bearers. The draft says that a “-“ value must be used for the port.
In addition, in the PSTN case sending of port zero would most likely mean that the whole PSTN call is terminated (i.e. port zero triggers a PSTN RELEASE message).

5.
SEMANTICS OF SDP

SDP is used to describe bearer information. For IP, it contains IP address information on where to send media etc.
However, in the proposed usage of SDP for describing a PSTN bearer, it is important to know that the SDP information does not describe a bearer. Instead, it provides information (PSTN phone number) on how to establish a PSTN call. Then, as part of the establishment of the PSTN call, a PSTN bearer is established.
So, SDP is used in a little similar way as the Contact header is used in a 3xx response, or the Refer-To header in a REFER request – to trigger another session/dialog. But, in this case a PSTN call is established instead of a SIP session/dialog.

6.
PROPOSAL

We propose that the issues presented above are discussed. If SDP is to be used for the transport of the PSTN phone number solutions must be specified to the issues related to the SDP usage.

