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Introduction
The follow figures describe the information flow for the originating and terminating multimedia session. It is possible to describe different type of originating and terminating multimedia session within identified scenarios in this TR. However, this paper describes only one case per each origination and termination. 
· Multimedia session origination: a MMSC user initiates multimedia session including speech and non-speech component. Depending on operator policy and user preferences, the MMSC user selects the CS domain for speech component while the PS domain for non-speech one. 
· Multimedia session termination: There is a session including speech and non-speech component for a MMSC user. According to the various factors the session is decided to be split into two separate sessions, one for speech component and the other for non-speech component. 
Proposal

This paper proposes to insert following text into the TR 23.893.
( FIRST CHANGE (
Figure X.1 describes the initial session setup of Mobile Originated Multimedia Session processing for a MMSC user.
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Figure X.1. Multimedia Session originating procedure for the MMSC user
1.
The MMSC user originates a voice call in the CS domain using a MMSC UE to party-B. This SETUP message includes SC information which notifies to the MMSC AS that there is a non-voice session and need to be combined into one. 
2.
Origination triggers at the VMSC are detected; VMSC sends an Initial DP message towards the gsmSCF.

3.
The gsmSCF invokes the MMSC AS' CAMEL Service which determines that the call needs to be rerouted to IMS for session continuity; thus, the CAMEL Service reroutes the call to the IMS by returning an IMRN to the gsmSCF; otherwise it responds with a CAP Continue.
4.
The gsmSCF responds with a CAP Connect message containing the Original Called party ID and Destination Routing Address. Destination Routing Address contains the IMRN to route the call to the CSAF. Handling of Destination Routing Address and Original Called party ID is as defined in TS 23.078 [xx].

5.
The VMSC routes the call towards the user's home IMS network using the IMRN via an MGCF in the home network.

6.
The MGCF initiates an INVITE towards the I-CSCF in the home IMS of the originating MMSC user. The calling party number and/or original called number are included in the INVITE if they are received from the PSTN call setup signalling (e.g., ISUP).
7.
The I-CSCF routes the INVITE based on one of the following standard procedures specified in "PSI based Application Server termination - direct and PSI based Application Server termination – indirect" procedures in TS 23.228 [xx].
8.
The I-CSCF forwards the INVITE to the CSAF via the S-CSCF that is assigned to the IMRN.

9.
If when the INVITE arrives at the MMSC AS, it is processed by the CSAF of the MMSC AS which may use the IMRN to retrieve the original called party number and the calling party number from the CAMEL Service. The CSAF uses the original called number and the calling party number to setup the outgoing call leg to party-B in accordance with the AS origination procedure defined in clause 5.6.5 of TS 23.228 [xx]
10.
The SSMF/eDTF analyzes the INVITE including the SC information and decides to wait another INVITE for non-speech component(s).
11.
The MMSC user originates a non-speech call in the IMS domain using a MMSC UE to party-B. This INVITE also includes SC information which notifies to the MMSC AS that there is a voice session and need to be combined into one. 
12.
The I-CSCF forwards the INVITE to the S-CSCF.
13.
The S-CSCF forwards the INVITE to the MMSC AS to handle originating session.
14.
The SSMF/eDTF of the MMSC AS combines the INVITE for the speech and INVITE for the non-speech component to send combined INVITE for the speech and non-speech towards the remote party. And the SSMF/eDTF anchors the originating combined session for enablement of session continuity execution.

15.
The SSMF/eDTF sends the combined INVITE back to the S-CSCF for completion of the session toward the remote end.

Standard originating session setup procedures as per TS 23.228 [xx] are followed to continue the session setup at the S-CSCF for the MMSC user.

Figure X.2 describes the terminating session setup of Mobile Terminated Multimedia Session processing for a MMSC user.
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Figure X.2. Multimedia Session terminating procedure for the MMSC user
1.
An INVITE arrives at the S-CSCF including a speech and non-speech media component.

2.
The S‑CSCF invokes the necessary service logic as appropriate.
3.
The S-CSCF forwards the initial INVITE to the MMSC AS over the ISC interface.
4. 
The SSMF/eDTF communicates with the NCSM for session control. 
5.
The NCSM decides to split the session based on various factors i.e. load balancing, radio signalling strength, etc. 
6. 
The SSMF/eDTF of the MMSC AS anchors the session depending on operator policy and split the session into two sessions. That is the MMSC AS creates two INVITE messages: one is for the speech and the other is for the non-speech media component.
7. 
The MMSC AS sends the INVITE message including the speech component to the S-CSCF.
8. 
The S-CSCF sends the INVITE message including the speech component to MGCF/MGW of terminating network to route the speech to CS domain of terminating domain.

9. 
The MGCF/MGW of the terminating network send the IAM message for the speech to the MSC. 

10.
The MSC sends the SETUP message towards the UE.
11.
The CS part of the UE sends the CONNECT message for the speech component to the MSC.
12.
The MSC sends the ANM message to the MGCF/MGW of the terminating network.
13.
The MGCF/MGW sends the 200 OK message for the speech component to the S-CSCF.
14.
The S-CSCF sends the 200 OK message for the speech component to the MMSC AS.
15.
The MMSC AS sends the INVITE message including the non-speech component to the S-CSCF.

16.
The S-CSCF sends the INVITE message including the non-speech component towards the PS part of the UE.

17. The PS part of the UE responds to the INVITE message for the non-speech component with the 200 OK message.
18.
The S-CSCF sends the 200 OK message to the MMSC AS.

19.
The MMSC AS merges the 200 OK message for the speech component and 200 OK message for the non-speech component to send the combined reply for the speech and non-speech component.

20.
The MMSC AS sends the 200 OK message for the speech and non-speech component to the S-CSCF.

( End Change (
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