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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

Editor’s note:
 This clause will define the scope of the Stage 2 

This TR describes various alternatives to enhance the SRVCC procedures to enable Transcoder free operation (TrFO) where possible and ensure that the proper CS radio resources are reserved for optimal RAN codec.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TR 41.001: "GSM Release Specifications".
3
Definitions and abbreviations
3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. 
A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

4
Assumptions and Architectural Requirements
4.1
Assumptions
Editor’s note:
This clause will define the underlying assumptions of the work.

4.2
Architectural Requirements
Editor’s note:
This clause will define the architectural requirements if any.
5
Key Issues
Editor’s note:
For each key issue identified, this clause will provide a general description including underlying assumptions. Different architecture solutions to address the key issues will be documented in clause 6.

5.X
Key Issue #1: <Title of Key Issue>
5.X.1
General Description

6
Solutions
Editor’s note:
This clause is intended to document architecture solutions. Each solution should clearly describe which of the key issues it covers and how. 
6.1
Solution 1: CS/IMS Bi-directional Codec List Exchange SRVCC enhancement for transcoding avoidance
6.1.1
Functional Description
This solution is based on the MSC and ATCF exchanging codec capabilities during SRVCC to enable TrFO if possible.

Prior to allocating radio resources in the Target RAN, the MSC shall send a PS to CS SRVCC preparation request to the ATCF that includes the MSC Supported Codec Configuration List (MSC-SCL). The ATCF shall send a PS to CS SRVCC preparation response that includes the IMS Selected Codec Configuration negotiated between ATGW and the remote UE, as well as the prioritized list of Codec Configurations preferred by the ATGW (IMS Preferred Codec Configuration List, IMS-PCL), if it supports the SRVCC TrFO enhancement. Otherwise the ATCF sends an error response.
The MSC-SCL may enable the ATCF to perform media adaptation, if needed, with the remote UE. This would be the case, if the MSC-SCL included the same codec type as used by the ATCF towards the remote UE (called IMS Selected Codec Configuration), but with a different mode-set (e.g. different codec rates). If the MSC-SCL did not include the same codec type as used by the ATCF towards the remote UE, or if it is included but the codec mode-sets are not TrFO compatible, no media adaptation can be performed. Instead transcoding will be required after SRVCC. Transcoding is also required if the final codec selected by the MSC is different than the codec currently in use by the ATCF towards the remote end; in this case the media adaptation request is sent at first, but transcoding must be initiated after that during the domain transfer. Media adaptation may ensure the remote UE starts sending media using codec modes (eg. Codec Rates) supported by MSC and thus rendering the SRVCC break not audible, while ensuring TrFO.

Finally transcoding will also be required if media adaptation can occur (same codec used by MSC and ATCF towards remote UE, and codec-mode sets are TrFO compatible), as described above, but is not supported. In this instance transcoding can be removed, enabling TrFO, through a session update to the remote UE to update the codec mode.   
NOTE: RFC 4867 sets only a recommendation for the receiver to follow the codec mode request sent via RTP. 

Example 1: the IMS Selected Codec Configuration used towards the remote UE is “AMR-WB (mode-set=0,1,2,3,4,5,6,7,8)” and the MSC-SCL contains the Codec “AMR-WB(mode-set=0,1,2)” as one supported candidate. Then media adaptation will restrict the mode to mode=2 as maximum codec mode.  However, if the MSC selects a different codec than AMR-WB (e.g. the local UE is in GERAN that does not support AMR-WB) then transcoding must be initiated during the domain transfer. 

Example 2: the IMS Selected Codec Configuration used towards the remote UE is “AMR-WB (mode-set=0,1,2,3,4,5,6,7,8)” and the MSC-SCL contains the Codec “AMR-WB (mode-set=0,1,4)” as one supported candidate. In this case the media adaptation can be used if the mode-set is restricted to mode=2 as maximum codec mode. Media adaptation cannot be used if the mode-set is restricted to mode=4 as maximum codec mode since mode-sets are not TrFO compatible; the remote end could still send with mode=3 which is not supported by the other end. In this case transcoding must be initiated instead.
To perform media adaptation, the ATCF triggers the ATGW to initiate any needed media adaptation as described above. 

Editor’s Note: How the ATCF triggers the ATGW to generate the media adaptation requests is FFS.

 To that effect, the ATGW sends any needed media adaptation command towards the remote UE using RTP or RTCP. This step has no impact on the SRVCC session transfer procedure as it happens at the media level towards the remote UE in parallel with other steps.
NOTE: When media adaptation request is used to limit the used codec mode-sets, this does not change the negotiated QoS parameters towards the remote end, therefore e.g. the reserved GBR value in remote PCRF, PCEF and RAN is still based on the maximum bit rate in the highest mode-set.  
After receiving the PS to CS SRVCC preparation response from the ATCF, the MSC determines the optimal Target RAN Codec Configuration in RAB Assignment (3G) or Assignment Request (2G) and continues with the normal SRVCC procedure. 
The MSC shall ensure that it initiates SRVCC session transfer using existing procedures, in case the ATCF does not support SRVCC TrFO enhancement. 
The delay in initiating the SRVCC procedure is insignificant, because the ATCF and the MSC server are in the same domain.

In the scenarios where the media adaptation can be used and therefore the initiation of transcoding can be avoided there are no negative impacts on the SRVCC speech break. The media adaptation, started by ATCF immediately after the PS to CS SRVCC preparation request, allows optimizing the Codec Mode in the remote UE in case the IMS Selected Codec Configuration is of AMR, AMR-WB or the forthcoming EVS.
Note that in this case, if the Target MSC is different, the MSC server, the MSC server conveys all pertinent codec information to the Target MSC during the HO preparation request (step 6 in Figure 6.1.2-1)
6.1.2
Procedures

The call flow in Figure 6.1.2-1 illustrates the above principles. The red messages depict the exchanges described in the previous section.

This solution applies to an active SRVCC call as well as an SRVCC call in other call phases (alerting, pre-altering, etc.)
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Figure 6.1.2-1: SRVCC from E-UTRAN to GERAN without DTM support with pre- SRVCC TrFO enhancement
The following is a brief description of the steps in the call flow:
1. Steps 1 to 5 are identical to steps 1 to 5 in Ref [3],  section 6.2.2.1 SRVCC from E-UTRAN to GERAN without DTM support
2. In step 5a, the MSC shall send a PS to CS SRVCC preparation request including the MSC Supported Codec Configuration List (MSC-SCL) to the ATCF
3. In step 5b, if the ATCF supports SRVCC TrFO enhancements it returns a PS to CS SRVCC preparation response that includes the IMS preferred codec configuration list (IMS-PCL) with the IMS Selected Codec Configuration on first place

4. Step 5c, which is optional, the ATCF instructs the ATGW to perform media adaptation, if the MSC-SCL included the same codec type used by the ATFC/ATGW towards the remote UE, but with a different mode-set (eg. Different Codec Rate), and mode-sets are TrFO compatible. 
5. Steps 6 to 24 are identical to steps 6 to 24 in Ref [3], section 6.2.2.1 SRVCC from E-UTRAN to GERAN without DTM support.

Editor’s note: It is left to stage 3 whether step 5a, and step 5b are independent or whether they are merged with step 10 
6.1.3
Impact on Existing Entities and Interfaces
The ATFC and the MSC are the impacted nodes.  The ATGW is only impacted if the optional media adaptation is implemented.
6.2
Solution 2: Re-negotiation method after eSRVCC
6.2.1
Functional Description
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Figure 6.2.1-1: re-negotiation method after eSRVCC
1.
eSRVCC is performed. The session between UE and MSC, MSC and ATCF/ATGW uses the codec-B. The session between ATCF/ATGW and remote end uses the codec-A. The enhancement is when the MSC send the supported codec list toward ATCF, it use the codec selected in the RAN as the first codec in the supported list. When the ATCF receives the session transfer, it knows the first codec in the supported list is the codec selected in the RAN.
2, 3. If the codec_A is different with codec_B, ATCF/ATGW sends the Re-INVITE to remote end using codec-B via SCC AS.

4, 5. The remote end accepts the offer.

NOTE1:
If the remote end rejects the new offer with codec-B, the session will still use the codec-A between ATCF/ATGW and remote end. In this case, the transcoding is still required in the ATGW.
NOTE2:
There is impact on user experience due to interruption of delivery of media during media switch after step 5.
Editor’s Note: It is FFS whether re-negotiation with remote end is allowed in current specification.
6.3
Solution 3:  Codec renegotiation procedure after SRVCC (SCC AS Initiates codec negotiation)
6.3.1
Functional Description
The solution has the following principles:

1 The principle of this solution is to allow the UE and network to complete SRVCC procedure as soon as possible. If the ATCF finds that the codec on the access leg side is different from the codec on the remote side, then the ATCF sends an Access Transfer Update message to the SCC AS including a “Transcoding Indication” during the normal SRVCC/eSRVCC procedure. The SCC AS analyses the Access Transfer Update message, if it contain a Transcoding Indication, then after a specific time (the timer is configurable), the SCC AS initiates a codec re-negotiation procedure by invoking third party call control, acting as an initiating B2BUA. . 
2 This procedure will happen after SRVCC procedures, and thus will not cause additional handover time delay, and it is a end-to-end codec re-negotiation procedure that can remove the transcoder located in the media path as far as possible. 
6.3.2
Procedures
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Figure 6.3.2-1: Codec re-negotiation procedure after SRVCC
Procedure description：
1. After the normal SRVCC/eSRVCC procedure, the SCC AS can initiate a codec re-negotiation procedure. The SCC AS can send a re-invite/update message to access leg side without any SDP to ATCF, then the SCC AS can retrieve the supported codec list of access leg side third party call control, acting as an initiating B2BUA.

2. The ATCF forward the Re-Invite message to MSC Server without SDP.

3. When the MSC Server received a Re-Invite message without SDP , it should take its supported codec list for this session as SDP Offer and response 200 OK to ATCF as specified in RFC 3725.

4. ATCF send 200 OK with SDP offer to SCC AS after taking MSC Server supported codec list into account.

5.
The SCC AS sends a re-invite/update message to remote side. This re-invite/update message includes the supported codec list of access leg side as SDP offer
6.
The Remote side sends a 200 OK response with SDP answer.

7-10.
The access leg side completes the codec modification procedure.

6.3.3
Impact on Existing Entities and Interfaces

The solution implies: 

· The ATCF should send carry a Transcoding Indication in Access Transfer Update message to SCC AS if the ATCF find the codec in the access leg side is different from the remote side during the normal SRVCC procedure, then the SCC AS can  initial codec re-negotiation procedure after SRVCC procedure by invoking 3pcc (third party call control) procedure 
NOTE:
If the entities such as CS MGW, ATGW, etc are located in the media path support receiving media on both the old and new ports as specified in RFC3264, then no speech interruption introduced, else the codec re-negotiation procedure can cause speech interruption for a short period of time. 
6.4
Solution 4: TrFo based on preferred codec.

6.4.1
Functional Description
The following figure (Fig 6.4.1-1) shows various assumptions made for this solution where:

· Home IMS may prefer a particular codec to be used when UE is establishing an IP-CAN over LTE (e.g, EVS), or Home IMS may aware of the actual codec in used.

· Home IMS may have to perform transcoding to other end-point to maintain the prefer codec with the UE.

· TrFo is possible if SRVCC MSC selects the same codec that IMS is using. Otherwise, transcoding is required like it is today.
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Figure 6.4.1-1: Various transcoding points illustration.

The following figure (Fig 6.4.1-2) uses the architecture from TS 23.216 to depict the principle for this solution.

1. The prefer codec is indicated to MME as part of the subscription data or push to MME from HSS.

2. During SRVCC, MME indicates to MSS the preferred codec (i.e, the one received from HSS). MSS can check with IMS to find the real codec in used or just try to setup CS voice using this preferred codec.
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Figure 6.4.1-2: Principles applied to this solution.

6.4.2
Procedures

On the EPS side, no new procedure is required (e.g, call flows remain the same as existing SRVCC features). Only new information and decision logic are required. The following call flow is copied from TS 23.216 section 6.2.2.1 as an example to highlight the enhancement required for this proposal. 
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Fix 6.4.2-1: illustration of this proposal

NOTE 1: Please refer to TS 23.216 section 6.2.2.1 on details of the call flows. The following steps are only showing the required new details for this proposal.

Before the procedure, the MME received the “preferred codec for SRVCC” from HSS (e.g, from Attach or TAU).

Step 5. MME includes the “preferred codec for SRVCC” to MSC in PS to CS request message.

Step 10. MSC, based on the UE supported codecs list for CS domain, the preferred codec received from MME, and local policy and capabilities, determines a codec to be used for session transfer with IMS.

On the MSC side, it is FFS on how to find out the real codec in use and whether this is necessary (benefits vs. extra efforts required).

The effectiveness of this Solution is highly dependent on whether the “preferred codec” given from HPLMN is the actual speech codec used.
6.5
Solution 5: MSS initiated re-negotiation after eSRVCC
6.5.1
Functional Description

In this solution, immediately after the eSRVCC session transfer, the MSC server can update the codec towards the remote end, or towards the RAN and SRVCC UE, in order to achieve e2e TrFo.   

Although the flows show a scenario where the codec type is changed towards the remote end, the same procedure can also be used to change the codec mode-set only, e.g. when AMR-WB modes 0-8 are used in the original IMS session but AMR-WB modes 0,1,2 are used in CS RAN. If the codec mode-set is changed, there is no additional interruption to the speech. If the codec type needs to be changed in order to avoid transcoding, this causes a short interruption.
6.5.2
Procedures

6.5.2.1
Codec re-negotiation towards the remote end
This flow is applicable when the remote end supports the offered codec in the Re-INVITE. 
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Figure 6.5.2.1-1: Re-negotiation method towards the remote end
1.
eSRVCC is performed. MSS has included all supported codecs into the session transfer request to the ATCF. In this flow the codec list includes the codec that is currently used in the ongoing IMS session and ATCF has selected this codec, therefore there is no transcoding in ATGW but there may be transcoding in CS-MGW. The session between UE and CS-MGW uses the codec-B. The session between CS-MGW, ATGW and remote end uses the codec-A. 

NOTE: If the codec list from MSC does not include the codec that is currently used in the ongoing session, ATCF initiates transcoding.

2. 
The MSC server sends a Re-INVITE to remote end with list of supported codecs in MSC server to ATCF, codec B is the most preferred codec in the list.   

3. 
ATCF passes the Re-INVITE towards the SCC AS with the codec list. 

4.
SCC AS performs a remote leg update towards the remote end. 

5-7.The remote end accepts the offer and selects the most preferred codec it can support, in this case codec B was selected. From now on the codec B is used e2e in TrFO manner.

6.5.2.2
Codec re-negotiation towards the SRVCC UE
This flow is applicable when the remote end does not support any of the offered codec in the Re-INVITE, or the remote end selects a codec that was not in use in RAN and SRVCC UE. 
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Figure 6.5.2.2-1: Re-negotiation method towards the SRVCC UE
1-4.As in flow in 6.5.2.1-1

5-7.The remote end does not support the codec B in the re-INVITE. Remote end may accept some other codec in the list, or does not accept the codec change. 

8.
MSC server determines TrFO was not achieved yet, and it decides to update the codec towards RAN and SRVCC UE by RAB assignment modification procedure. UE and RAN accept the codec. Codec A is used e2e in TrFO manner.

6.5.3
Impact on Existing Entities and Interfaces

No changes are needed in specifications.  

6.5.4
Solution Evaluation

This solution increases the likelihood the e2e TrFO can be achieved. 

The remote leg update from MSC server towards the remote end is not causing interruption to the speech as long as only the codec mode-set is changed; this is because the ATGW can anchor the media path, and thus the IP address and port of the ATGW are not updated to the remote end.  If the codec type needs to be changed in order to avoid transcoding, a short interruption to speech is caused due to initialization of the codec. 

The RAB assignment modification from MSC server towards the RAN and SRVCC UE is expected to last in maximum of 100 ms, therefore it does not cause significant interruption to the speech.

6.6
Solution 6: MSS initiated codec inquiry

6.6.1
Functional Description

In this solution the MSC server queries the codec information from the ATCF. The ATCF responds with the codec that is currently in use with the ongoing IMS session. MSC server can then proceed with rest of the eSRVCC procedures by reserving the same codec from the RAN, in order to achieve e2e TrFo.   

6.6.2
Procedures
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Figure 6.6.2-1: Codec inquiry by MSC server

1. 
The ongoing IMS session uses codec A. eSRVCC is started. MSC server receives the SRVCC PS to CS request from MME as defined in TS 23.216.  

2. 
The MSC server sends codec query to ATCF.   

3. 
ATCF responds with the codec details that are currently in use with the ongoing IMS session. 

NOTE: for example SIP OPTIONS could be used for this purpose, but the protocol details are up to 3GPP CT WG1.

4.
The eSRVCC procedure continues as in TS 23.216. The MSC server can use the received codec from ATCF towards the RAN in order to reserve the same codec. 

6.6.3
Impact on Existing Entities and Interfaces

MSC server must be modified to 

-
support the new procedure for codec query towards the ATCF

-
take the received codec information into account when deciding the codec to be used towards RAN 


ATCF must be modified to  

-
support the new procedure for codec query from MSC server

6.6.4
Solution Evaluation

This solution increases the likelihood the e2e TrFO can be achieved. For example, when the SRVCC UE and RAN support a preferred codec (e.g. AMR-WB) that is not supported by the remote end (e.g. the remote UE is in 2G/3G CS access that does not support AMR-WB), this procedure can achieve e2e TrFO  during the eSRVCC procedure. 

The solution does not increase the SRVCC delay or speech interruption as MSC server and ATCF are in the same network.

7
Evaluation

Editor's note:
This clause contains the overall evaluation of various solutions.

8
Conclusions

Editor’s note:
This clause will capture agreed conclusions from the Key Issues, Architecture Solutions, and Evaluation clauses and any normative solution(s) decisions.
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