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1 Introduction
This paper proposes some corrections/clarifications to ICM walkthroughs in TR 23.806. 
2 Details

Chapter 6.3.6.1, figure 6.3.6.1-1
1. The signals REL and RLC do not appear correctly in the figure.

Chaper 6.3.6.2, figure 6.3.6.2-1

2. The signals IAM and ANM do not appear correctly in the figure.

Chapter 6.3.7.1.3, figure 6.3.7.1-4

3. The first sentence in the first paragraph states that the UE “originates an IMS session”, when it actually originates a CS sessions (this is correctly stated in step 1 following the figure). 

4. The signals ACM and ANM do not appear correctly in the figure.  
Chapter 6.3.7.1.5, figure 6.3.7.1-6

5. Same as 3.
6. Same as 4.
Chapter 6.3.7.1.6, figure 6.3.7.1-7

7. The signals REL and RLC do not appear correctly in the figure.
Chapter 6.3.7.2.1, figure 6.3.7.2.1-2

8. The steps in the figure are 7-13 whilst the text following the figure is numbered 1 to 8. 
Chapter 6.9.4.2, figure 6.9.4.2-1
9. This chapter and figure should be renumbered to 6.5.4.2 and 6.5.4.2-1 respectively.
3 Proposed text
<<<<First modified section>>>>
6.3.6.1
Procedures for CS to IMS Voice Call Continuity

Figure 6.3.6.1-1 describes how signalling and bearer paths are established for execution of CS to IMS VCC procedures. IMS termination is assumed in this walk-through, whereas an MGCF function is involved in the control path for the termination in case of CS and PSTN terminations.
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Figure 6.3.6. 1-1: CS to IMS Voice Call Continuity walk-through
1. If the user is not registered with IMS at the time when the UE determines a need for VCC transition to IMS, the UE initiates Registration with IMS. It subsequently sends an INVITE including original session information to CCCF using CCCF PSI as a VCC indication requesting it to perform a VCC transition of the active CS call to IM Subsystem.

2. User’s S-CSCF routes the INVITE to CCCF application server assigned to the user upon execution of filter criteria.

3. CCCF performs the transfer of the user’s CS leg to IMS by using SIP Session Transfer procedures. It is an implementation option as to how the SIP Session Transfer is executed. Use of an UPDATE consisting of the SDP of the IMS leg is illustrated here; however, other options such as a ReINVITE can also be used to implement Session Transfer. Minor bearer path interruption, estimated to be about 100-200 milliseconds, is expected due to the switchover. 
4. The CS bearer and signalling legs are released upon successful execution of SIP Transfer. 

Note: CCCF initiates the release of signalling and bearer in the handing-out domain as release from the UE cannot always be guaranteed due to possibility of loss of coverage in the handing-out domain during the VCC procedure. The UE may also initiate the release of the bearer and signalling in the handing-out domain, in which case, CCCF processes the release appropriately.
<<<<Next modified section>>>>
6.3.6.2
Subsequent VCC Transition Back to CS

Figure 6.3.6.2-1 describes how signalling and bearer paths are established for execution of subsequent VCC transition to CS Domain.
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Figure 6.3.6.2-1: Subsequent VCC transition to CS walk-through

5. The UE registers with the Visited MSC when it determines a need for VCC transitions to CS. It subsequently initiates a CS call to CCCF using CCCF PSI requesting it to perform VCC transition of the active CS call to CS Domain. The CS call is routed via the MGCF and I/S-CSCF to CCCF application server.

Note: See TS 29.163 for MGCF behavior.
6. CCCF performs the transfer of the user’s IMS leg to the CS Domain by using SIP Session Transfer procedures as described in the CS to IMS Voice Call Continuity walk-through. 

7. The IMS bearer and signalling legs are released upon successful execution of SIP Transfer. 

<<<<Next modified section>>>>
6.3.7.1.3
Anchoring of CS Held and Active sessions at CCCF with active IMS Registration

Figure 6.3.7.1-4 below provides a walkthrough of a scenario in which the UE originates a CS session to the other end A, holds the session toward other end A, and originates a CS session toward the other end B. It is assumed that the CS-IMS user has active IMS Registration at the time it establishes the CS calls for this walkthrough.
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Figure 6.3.7.1-4: Anchoring of CS Held and Active sessions at CCCF

1.
As part of IMS registration, CCCF and the UE subscribe to each other for the Mobility Event package. The UE subsequently initiates a CS session.

2.
Upon successful execution of a Routing B2BUA function for CS session to the other end A at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogue. It also assigns a SIP URI which can be used for VCC of this session to IMS. These new identifiers are communicated to the UE via a Notify with Mobility Event package.

3.
The UE puts session toward the other end A on hold and originates a new CS session towards the other end B. 

4.
Upon successful execution of a Routing B2BUA function for session to the other end B at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogue. It also assigns a SIP URI which can be used for VCC of this session to CS Domain.  These new identifiers are communicated to the UE via a Notify with Mobility Event package.

<<<<Next modified section>>>>

6.3.7.1.5
Anchoring of CS Held and Active sessions at CCCF without IMS Registration

Figure 6.3.7.1-6 below provides a walkthrough of a scenario in which the UE originates a CS session to the other end A, holds the session toward other end A, and originates a CS session toward the other end B. It’s assumed that the CS-IMS user is not registered in IMS at the time it establishes the CS calls.
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Figure 6.3.7.1-6: Anchoring of CS Held and Active sessions at CCCF

Since the user is not registered in IMS, exchange of session identifier is not possible with the UE. However, CCCF assigns and maintains these session identifiers for communication to the UE upon subsequent IMS Registration.

The rest of the procedure is similar to the procedure described for CS session anchoring with IMS Registration.
<<<<Next modified section>>>>

6.3.7.1.6
CS to IMS VCC of CS Held and Active sessions; IMS not active at the time of CS Anchoring

Figure 6.3.7.1-7 below provides a walkthrough of VCC of CS Held and Active sessions established as described in previous section.
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Figure 6.3.7.1-7: CS to IMS VCC of Held and Active sessions; IMS not active at CS anchoring

1.
Upon detection of border conditions, the UE performs IMS Registration and updates CCCF with the current session state information to be used during the VCC procedure. Session Hold, Active states are passed to CCCF in a Notify with Mobility Event package. Since the session anchor reference could not be communicated to the UE upon CS anchoring as the IMS Registration was not active at the time of anchoring of CS sessions, the UE uses the connected party addresses to identify individual CS sessions to CCCF.

2.
CCCF communicates SIP URIs to be used for VCC to IMS for individual sessions using connected address to identify individual CS sessions to the UE.

The rest of the procedure is same as described in CS to IMS VCC of Held/Active sessions with IMS Registration.

<<<<Next modified section>>>>
6.3.7.2.1
Transition of a Multi-party CS Call Session to an IMS-based Service Session 

The following diagrams present an example call flows for the 2-step VCC procedure transferring an active multi-party call session in the CS domain to an AS/MRF based Service Session in the IMS domain. 

 The method used to invoke the multi-party conferencing of the transitioned call legs is the same method for initiating a multi-party call in the IMS domain, such that, after the transfer of the multi-party call session to the IMS domain, the UE continues to have full control of the newly established service session in the AS/MRF.
Pre-VCC Conditions: UE controls conference session in CS domain, UE moves into IMS domain, registers and  receives NOTIFY with VCC information from  CCCF
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Figure 6.3.7.2.1-1: VCC – Step 1

Walkthrough:

1.
UE initiates VCC for the connection with PSTN Phone – A by sending a SIP INVITE to CCCF/NeDS.

2.
CCCF/NeDS sends a SIP 200 OK to the UE to place the RTP Bearer (1’) on hold.

3.
UE initiates VCC for the connection with PSTN Phone – B by sending a SIP INVITE to CCCF/NeDS.

4.
CCCF/NeDS sends a SIP 200 OK to the UE to place the RTP Bearer (2’) in the Active state.

5.
UE and AS/MRF establish ad-hoc conference for the call legs established in steps 1-4 using standard IMS conferencing procedures [15].


[image: image7.emf]V-MSC CCCF/NeDS UE-C (CS mode) PSTN Phone -B

BGCF/MGCF

S-CSCF UE-C (I-WLAN mode)

PSTN Phone -A

AS/MRF

6. SIP NOTIFY (Call Session Information)

7. SIP (re)INVITE/200OK (MRF(1')-MGW(1'))

8. SIP (re)INVITE/200OK (MRF(2')-MGW(2'))

TDM B

earer (1)

TDM

 Bear

er (2)

RTP Bea

rer (1') – Active state

RTP Bea

rer (2') – Active state

RT

P Bearer

 

(3'')

 

– Act

ive state

TDM B

earer (1')

TDM B

earer (2')

TDM Bearer (3)

9. SIP BYE (MGC -TDM Bearer (1'))

10. ISUP REL (TDM Bearer (1'))

11. SIP BYE (MGC -TDM  Bearer (2'))

12. ISUP REL (TDM Bearer (2'))

13. Disconnect

X

X

X

Switch TDM Bearer (1') to RTP Bearer (1').

Switch TDM Bearer (2') to RTP Bearer (2'). Steps 7 and 8 take place at the same time.

Disconnect TDM Bearer (1').

Disconnect TDM Bearer (2').

Steps 9 and 11 take place at the same time.


Figure 6.3.7.2.1-2: VCC- Second Step 

Walkthrough:

6.
Upon conference establishment UE instructs CCCF/NeDS to proceed to the Second Step of VCC 

7.
CCCF/NeDS (re)INVITEs  MGCF and MRF to switch the connection associated with the TDM Bearer (1’) to RTP Bearer (1’)

8.
CCCF/NeDS (re)INVITEs MGCF and MRF to switch the connection associated with the TDM Bearer (2’) to RTP Bearer (2’)

9.
CCCF/NeDS sends a SIP BYE to release the connection associated with TDM Bearer (1’)

10.
MGCF maps the SIP BYE message to an ISUP REL message.

11.
CCCF/NeDS sends a SIP BYE to release the connection associated with TDM Bearer (2’)

12.
MGCF maps the SIP BYE message to an ISUP REL message, and with other connection with CS side of the UE

13.
 VMSC sends Disconnect to the UE.

<<<<Last modified section>>>>
6.5.4.2
GSM/UMTS CS origination
This section describes CS-IMS subscriber originate a voice call from CS domain firstly. The procedure of the voice call establishment is the same as the one described in TS 23.018.
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Figure 6.5.4.2-1: Call flow of CS origination

1.
The user A originates a CS call to the user B through the MSC Server in visiting CS PLMN. User B is a PSTN user. 

2.
The MSC Server trigger a CAP dialogue to CCCF according to the camel criteria in the MSC Server.

3.
The CCCF sends a CAP(Continue) to the MSC Server to continue the CS call to the PSTN user.

4.
The MSC Server send an IAM message to the PSTN user.

5.
When the PSTN user rings the PSTN shall send an ACM message to the MSC Server.

6.
The MSC Server sends a Alert to the user A.

7.
When the PSTN user answers the CS call the PSTN shall send an ANM message to the MSC Server. 
8.
The MSC Server sends a Connect to the user A.

So the CS call between the user A and PSTN user is established. There are two bearer paths: one is based on CS Rab between the user A and MSC Server/MGW , the other is based on TDM between the MSC Server/MGW and PSTN, as described in Figure 6.5.6.1.2-1. During the CS call procedure the MSC Server establishes a CAP dialogue to CCCF.
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�Figure modified in line with point 1.


�Figure modified in line with point 2.


�Figure modified in line with piont 4.


�Figure modified in line with piont 6.


�Figure modified in line with point 7.
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