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1. Introduction
This paper resolves the Editor’s note in section 12.

- Two editorial editor’s notes on what information is contained in the sections are removed as there are already texts.

- The editor’s note on content of SIP REGISTER is removed as the issue is already covered by the URI/Address assignment requirements in section 4.3.

- The editor’s note on CS call correlcation is removed and addressed with appropriate procedures.

2. Proposal

It is proposed to agree the following changes to 3GPP TS 24.237.
* * * 1st Change * * * *

12
Roles for media adding/deleting


12.1
Introduction

This clause specifies the procedures for adding or deleting media to an existing multimedia session. Procedures are specified for the SC UE and the SCC AS.
12.2
SC UE

12.2.1
Adding or removing media through Gm
If the SC UE wants to add or remove media to a session that was previously established using Gm, the SC UE shall follow the procedures defined in the 3GPP TS 24.229 [2] for adding/removing PS media and shall follow the procedures defined in the 3GPP TS 24.292 [4] for adding/removing CS media to the session.

If the SC UE receives a SIP INVITE request from the remote end to add or remove media to a session that was previously established using Gm, the SC UE shall follow the procedures defined in the 3GPP TS 24.229 [2] for adding or removing PS media and shall follow the procedures defined in the 3GPP TS 24.292 [4] for adding or removing CS media to the session.

12.2.2
Adding Gm control to existing CS session

The SC UE shall add Gm control to an existing CS session only when there is a single full-duplex speech session over CS. If there is more than one full-duplex speech session, the SC UE shall release all the ongoing sessions that are not currently active before attempting the procedures described in this section.

If the SC UE wants to add Gm control to an existing CS session that was established without Gm, after registering with the IM CN subsystem, the SC UE shall send an initial SIP INVITE request over the PS access in accordance with 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

-
set the Request-URI to the tel URI of static STI; and

-
set the SDP payload, in accordance with the procedures defined in 3GPP TS 24.292 [4], proposing an audio stream over a circuit switched bearer. The SC UE can optionally include additional PS media to the SDP in accordance to the procedures defined in 3GPP TS 24.229 [2].

Editor’s note:
The contents of the SIP REGISTER are FFS. In particular, it is FFS how the UE chooses the correct public user identity to register to ensure that the implicit registration set of this public user identity contains the tel URI.
Upon receiving a SIP 200 (OK) response, the SC UE shall treat the ongoing CS call as established using Gm and shall follow the "ICS UE using Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.

If the SC UE receives a new SIP INVITE request containing an audio stream over a circuit-switched bearer in the SDP and the PSI DN matches the B-party number of the ongoing CS call that was established without Gm, the SC UE shall:

-
respond to the SIP INVITE request in accordance with the procedures defined in 3GPP TS 24.292 [4]; and

-
treat the ongoing CS call as established using Gm and shall follow the "ICS UE using Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.
12.3
SCC AS

12.3.1
Adding or removing media through Gm

When the SCC AS receives a SIP reINVITE request from the SC UE or remote end to add/remove media to an existing session established using Gm, the SCC AS shall follow the procedures defined in 3GPP TS 24.229 [2] for adding or removing PS media and shall follow the procedures defined in 3GPP TS 24.292 [4] for adding or removing CS media to the session.

12.3.2
Adding Gm control to existing CS session

If the SCC AS receives a SIP INVITE request containing the STI in the Request-URI and the SC UE has an ongoing CS call, the SCC AS shall:

-
respond to the SIP INVITE request in accordance with the procedures defined in 3GPP TS 24.292 [4];

-
treat the ongoing CS call as established using Gm and shall follow the "SCC AS for service control over Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call; and

-
if the SIP INVITE request contains additional PS media, the SCC AS shall send a SIP reINVITE request towards the remote end, including the newly added PS media, in accordance with the procedures defined in 3GPP TS 24.229 [2].


The SCC AS shall add Gm control to an existing CS session only when there is a single full-duplex speech session over CS. If the SCC AS wants to add Gm control to an existing CS session that was established without Gm, the SCC AS shall send a new SIP INVITE request over the PS access in accordance with 3GPP TS 24.229 [2]. The SCC AS shall populate the SIP INVITE request as follows:

-
set the Request-URI to the public user identity of the UE; and

-
set the SDP payload, in accordance with the procedures defined in 3GPP TS 24.292 [4], proposing an audio stream over a circuit switched bearer. 

Upon receiving a SIP 200 (OK) response, the SCC AS shall treat the ongoing CS call as established using Gm and shall follow the "SCC AS for service control over Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.
