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Abstract of the contribution: A local anchoring solution without impacting the SRVCC architecture…
1. Introduction

In the local anchoring proposals, alt 6 and 7, S4 based (GTP) tunnelling is proposed to MGW for media anchoring. In addition, IMS procedure is also modified to allow Codec info to be transferred during Session Continuity procedure. Getting the IMS codec info during SRVCC procedure can contribute to the overall delay in Handover, which may be harmful for fast moving mobile. 

The proposal suggests a way to avoid SRVCC architecture impact (i.e,. avoid S4 based interface to MGW) and delaying the HO procedure due to IMS procedure (i.e., delay due to getting codec info). This procedure also avoids impact to S-GW relocation procedure.

2. Discussion

The main functions required for this alternative are:

1. IMS voice codec info is retrieved via PCC:

Selected codec could be delivered to MME from AF on the path of Policy Control procedures. That is, AF shall send the selected codec to PCRF and PCRF sends not only Policy and Charging control information over Gx/Gxx but delivers the selected codec as well. PDN-GW and S-GW sends the information transparently to MME, and MME stores that to the given subscriber’s session/bearer.

2. SRVCC MSC allocates the MGW to interwork between 2G CS with (CS speech) and IMS with (RTP speech)

3. MME instructs the PDN-GW to bi-cast the RTP streams to the designated MGW via SGi interface.

4. After Session Continuity procedure is performed, MGW and PDN GW is returned to normal state.

This enhancement can be totally contained within the serving PLMN so it can benefit all visited roamers (I,e., no dependency with home IMS). It requires local PDN-GW and P-CSCF allocation for VoIMS traffice. 

Proposed Changes

To be added in the appropriate place in the TR. 23.856 for evaluation. 

X.Y Alternatives Y - eSRVCC with PDN bi-casting

X.Y.1 Architecture Reference Model

This alternative does not change the reference architecture of original SRVCC, i.e. the architecture reference model is the same as 3GPP TS 23.216[3].
X.Y.2 Functional Requirements

1. IMS voice codec info is retrieved via PCC:

Selected codec could be delivered to MME from AF on the path of Policy Control procedures. That is, AF shall send the selected codec to PCRF and PCRF sends not only Policy and Charging control information over Gx/Gxx but delivers the selected codec as well. PDN-GW and S-GW sends the information transparently to MME, and MME stores that to the given subscriber’s session/bearer.

To minimize the changes due to roaming, this alternative assumes that the P-CSCF is allocated at the serving network (i.e., when roaming, P-CSCF is located at the serving network) via on local configuration and roaming agreement.
Editor’s note: Need to include call flow to illustrate the above PCC mechanism. 
2. SRVCC MSC allocates the MGW to interwork between 2G CS with (CS speech) and IMS with (RTP speech)

3. MME instructs the PDN-GW to bi-cast the RTP streams to the designated MGW via SGi interface.

4. After Session Continuity procedure is performed, MGW and PDN GW is returned to normal state.
X.Y.3 Media plane handling

In order to allow seamless voice handling for SRVCC, the local end prepares a bridging mechanism such that the switching of the RTP voice in LTE to CS voice over 2/3G is not noticeable at the remote end. The following figure shows how this is done from the media perspective:
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Editor’s note: How UL RTP traffic from MGW is handled (e.g., so the remote end is unaware) in step 3 is FFS. 
Editor’s note: How DL RTP traffic from PDN GW to eNb is handled in step 3 needs further elaboration. 
Step-1: this is prior to SRVCC where an IMS voice call over LTE is established with the remote end. The RTP stream is going between UE-PDN-GW and remote end.

Step -2: E-UTRAN triggers an SRVCC operation by requesting the MME to perform an SRVCC. MME then invokes the SRVCC MSC. During this MME-SRVCC MSC interaction, the PDN GW is instructed to replicate UL and DL RTP packet to a designated MGW address/port#s. This DL RTP packet in the MGW is converted to CS voice in step 3 for connection to the 2/3G access. The idea is that when UE switched over the access to 2/3G then it can receive CS voice immediately on the downlink direction. The DL RTP stream from the remote end is continuously sent to the PDN GW; hence, no change on the remote end. The MGW also requires some conference bridge function as first leg is connected to 2/3G access, 2nd leg is from the PDN GW, 3rd leg is toward the IMS for session continuity. 

Step-3: UE receives the HO command and connected to 2/3G using CS voice. The DL CS voice is already connected at this point due to step 2. The UE starts sending UL CS voice traffic to MGW. MGW then transcodes this to an RTP stream and forwards it to remote end. The MGW aware of the RTP stream codec being used based on the IMS codec information received from MME. The UL sequence number and timestamp of the UL RTP stream is maintained toward the remote end by the MGW. 

Step 4. Session continuity procedure is successfully executed in the remote end. The remote end is sending CS voice directly to the MGW. The CS to RTP stream transcoding resource and the PDN GW resources are released.

X.Y.4 Signalling Message Flows

The following figure shows the signalling aspect:
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Step 2 consists of procedure to 

· MME indicates to the SRVCC MSC that EPC supports eSRVCC procedure, and the IMS codec information.

· MSC allocates designated MGW resource to receive UL/DL RTP streams from PDN GW

· MSC indicates to MME the MGW address to which those UL/DL RTP streams to be sent

· MME to instruct PDN GW to replicate UL/DL RTP to MGW

· MSC to instruct MGW to transcode DL RTP stream to CS voice toward the 2/3G access

Step 3 consists of procedure to connect UL CS traffic to RTP media stream. DL RTP stream to CS traffic can be thru connected at step 2. This allows the UE to receive DL CS traffic immediate after switch over to 2/3G access. The UL CS traffic to RTP stream cut over is done when HO complete indication is received from 2/3G BSS/RNC.

Step 4 consists of procedure to release the PDN GW resource, RTP to CS transcoding resource and conferencing resources in MGW. This step is triggered when 200 OK is received by the SRVCC MSC.
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