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1. Introduction

The paper describes the impact on existing ECT service within the SIP-I based CS core network.
2. Discussion

It is proposed to update the following text into the draft TR 211.802 v0.2.0.
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Editor's Note:
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Second Change
11.1
Supplementary Services

Editor's note: The section is to define the interworking with supplementary services.

11.1.x
Explicit Call Transfer (ECT)
Party B is the subscriber controlling the Explicit Call Transfer Call (served mobile subscriber). Party A is the first remote called party (held party). Party C is the second remote called party. MSC-A, MSC-B and MSC-C is the MSC server served for Party A, Party B and Party C respectively.

After a call between Party A with Party B has been established successfully and Party A is held, a new call between party B with Party C is established successfully. After getting the ECT request, MSC-B initiates the ECT service procedure by changing through the connection between Party A with Party C.
For the Explicit Call Transfer in SIP-I based Nc interface, two possible approaches are considered:
1.
After receiving an ECT request from Party B UE, MSC-B sends a REFER request to MSC-A with Refer-To header with the identifier of Party C and the dialog ID with the call between Party B and Party C to request MSC-A place a new call to Party C with replace the ongoing call between Party B and Party C. Additionally, MSC-B sends ECT notifications to MSC-A and MSC-C. Figure XX is an example service flow diagram for this approach.

[image: image1]
Figure XX: ECT service flow diagram

2. After receiving an ECT request from Party B UE, MSC-B shall retrieve Party A from hold by using a re-INVITE request and through-connection the bearer terminations between Party A and Party C. Additionally, MSC-B sends ECT notifications to MSC-A and MSC-C using INFO requests. Figure YY is an example service flow diagram for this approach.

[image: image2]
Figure YY: ECT service flow diagram

Editor's Note:
The approach for ECT service applied in a SIP-I network is FFS.
The procedures specified in 3GPP TS 23.091 [xx] for the Explicit Call Transfer supplementary service shall be followed. The following clauses describe the additional requirements for the SIP based CS core network.
11.1.x.1
Connection of remote parties

If the result of the ECT checks is successful the MSC server will order the MGW to connect the bearer termination of the Party C to the bearer termination of the Party A. As a result of this action the held party will be retrieved.

If the call towards the Party C has not been answered, the MSC server requests the MGW to both-way through-connect the bearer termination towards the Party C.

11.1.x.2
IU/A-interface release

The served party is disconnected after a successful transfer request. The call towards the served mobile subscriber shall be released as described in the clause for call clearing.

11.1.x.3
Failure handling in MSC server

If the bearer terminations for the remote parties can not be connected successfully, the MSC server shall reject the ECT request.
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