3GPP TSG CT WG1 Meeting #83





C1-132162
Chengdu, P.R. China, 20 - 24 May 2013



rev of C1-132007
Source:
Samsung
Title:
DISCUSSION: Compliancy statement for SCC AS
Agenda item:
8.1
Document for:
DISCUSSION AND AGREEMENT
Abstract: This document discusses the need to correct the compliancy statement for SCC AS to remove the mandate that the SCC AS has to support all service continuity features specified in TS 24.237.
1 BACKGROUND
At CT1#82, tdoc C1-130913 (CR#0814) was agreed and subsequently revised at CT#59 in tdoc CP-130087 and approved into specification. Specifically the text agreed into TS 24.237 subclause 4.1 indicated the optionality 

Network equipment conforming with this specification is detailed in subclause 5.3 through subclause 5.7, with additional optional procedures specified in subclause 7 onwards, but may be summarised as follows:

1)
conforming networks support at least one of the following core functionalities:
a)
procedures for PS to CS dual radio access transfer, for a session with an active speech media component;

b)
procedures for PS-PS access transfer, for a session with an active speech media component; or

c)
procedures for PS to CS SRVCC for a session with an active speech media component;
d)
procedures for CS to PS dual radio access transfer, for a session with an active speech media component;

...........etc
However, subclause 5.3 states the following:
5.3
Application Server (AS)

To be compliant with access transfer in this document, an AS shall implement the role of an SCC AS according to subclause 6.3, subclause 6A.4, subclause 6A.4.4, subclause 7.3, subclause 8.3, subclause 9.3, subclause 10.3, subclause 11.3, subclause 12.3, subclause 13.3 and subclause 20.1.
The SCC AS also handles SDP media description conflicts according to subclause 6A.5.
Note that the subclauses specified in subclause 5.3 for SCC AS relate to the following:
· The SCC AS procedures for registration that are used to support the service continuity features in TS 24.237 are specified in subclause 6.3, 6.A.4 and 6.A.4.4.
· The SCC AS call origination procedures in support of the service continuity features in TS 24.237 are specified in subclause 7.3.
· The SCC AS call termination procedures in support of the service continuity features in TS 24.237 are specified in subclause 8.3.
· SCC AS procedures for PS-CS access transfer are specified in clause 9.3
· SCC AS procedures for PS-PS access transfer are specified in clause 10.3

· SCC AS procedures for PS-PS access transfer in conjunction with PS-CS access transfer, specified in subclause 11.3.

· SCC AS procedures for PS-CS access transfer for Single Radio are specified in clause 12.3
· SCC AS procedures for media adding/deleting for access transfer, specified in clause 13.3
· SCC AS procedures for service continuity and MMTEL interactions, specified in clause 20.1
So clearly there is an inequity between subclause 4.1 and subclause 5.3. At CT1#82-bis, tdocs C1-131134 to C1-131138 were presented to modify subclause 5.3 to be in line with optionality specified in subclause 4.1. It was stated originally that TS 24.237 was not supposed to be designed to mandate that all features should be implemented. Rather that the features are dependent on the operator need to deploy that feature and are negotiated via the RFI/RFQ process. However, some UE vendors had concerns that the design of some of these features assumed that the network was mandated to support these features.

This document provides the analyses of the features specified to illustrate that the UE support of certain features is matched with the network support based on the use of configuration and signalling indications. 
2 DISCUSSION
2.1
ICS capabilities 

If the SC UE supports ICS capabilities as defined in 3GPP TS 24.292, ICS capabilities can be used for access transfer if the functionality is enabled in the ICS MO as defined in 3GPP TS 24.286. If ICS is enabled for the UE then the ICS UE registers to IMS by including the "g.3gpp.ics media feature tag" set to "principal" in the Contact Header of the SIP REGISTER.

2.2
PS to CS single radio VCC

PS to CS single radio VCC was initially specified in Rel-8 with IMS session continuity procedures specified in TS 24.237 and NAS procedures specified in TS 24.008.
The support of PS to CS SRVCC from E-UTRAN/HSPA to UTRAN/GERAN is indicated by the NAS and AS layers in EPS/GPRS attach and Tracking Area Update/Routing Area Update, in the "MS network capability" information element. The bit is specified as:
SRVCC to GERAN/UTRAN capability
0
SRVCC from UTRAN HSPA or E-UTRAN to GERAN/UTRAN not supported
1
SRVCC from UTRAN HSPA or E-UTRAN to GERAN/UTRAN supported

This NAS indication is an indication to the network that the UE supports all the relevant IMS and NAS procedures that are required for SRVCC to work. When this indication is received by the MME and the MME supports SRVCC, then the MME indicates "SRVCC operation possible" to the eNB. The eNB understands this indication as "the UE and MME are able to support SRVCC if I decide to trigger it". 
At the AS layer, there are feature group indicators (FGIs) specified for the more detailed source RAT to target RAT support of SRVCC. The eNB is allowed to trigger SRVCC if the relevant FGI is set.

The NAS/AS indications allow support for transfer of at least one session.
Additionally, the SCC AS indicates to the UE that a session is anchored in the SCC AS by inclusion of the "g.3gpp.srvcc" feature capability indicator in the feature caps header of an INVITE request and in a SIP 1xx or 2xx response to the SIP INVITE request towards the served user. This feature was first introduced into Rel-10 TS 24.237.
Support for the MSC assisted mid-call feature was added into Rel-9 TS 24.237. Support for SRVCC in the alerting phase was added into Rel-10 TS 24.237 and TS 24.008. Support for SRVCC in the pre-alerting stage was added into Rel-12 TS 24.237 and TS 24.008.
To support the transfer of a single alerting or pre-alerting session and for support of additional sessions to the active session, indications are provided in SIP signalling for support of the MSC assisted mid-call (MAM) feature, PS to CS SRVCC for calls in alerting phase and PS to CS SRVCC for originating calls in pre-alerting phase. Specifically, TS 24.237 specifies the media feature tags and feature capability indicators:

· "g.3gpp.mid-call" 
· "g.3gpp.srvcc-alerting" 
· "g.3gpp.ps2cs-srvcc-orig-pre-alerting" 
The UE includes these media feature tags in the Contact header of a SIP INVITE request and in a SIP 2xx response to a SIP INVITE request. The SCC AS includes these feature capability indicators in the feature caps header field of the SIP 2xx response to a SIP INVITE request due to originating filter criteria and in the feature caps header field of a SIP INVITE request due to terminating filter criteria.
If the UE and SCC AS supports SRVCC pre-alerting feature, then the UE and SCC AS must support the SRVCC alerting feature.

2.3
CS to PS single radio VCC

CS to PS single radio VCC from UTRAN/GERAN to E-UTRAN/HSPA was introduced into TS 24.237, TS 24.008 and TS 24.301 in Rel-11.
The support of CS to PS SRVCC from UTRAN/GERAN to E-UTRAN/HSPA is provided via IMS registration. A pre-requisite for CS to PS SRVCC is for the UE to be IMS registered. If the UE supports the CS to PS SRVCC, it includes the "g.3gpp.cs2ps-srvcc" media feature tag in the Contact header field of the SIP REGISTER request. The ATCF and SCC AS include feature capability indicators in the SIP 2xx response to the REGISTER request.

To support the transfer of a single alerting session and additional sessions to the active session:

· For support of CS to PS SRVCC with the assisted mid-call feature, the UE includes an Accept header in the SIP INVITE request for STI-rSR containing the application/vnd.3gpp.mid-call+xml MIME type for support of the additional session transfer.
· For support of CS to PS SRVCC for calls in alerting phase, the UE includes the media feature tag "g.3gpp.cs2ps-srvcc-alerting" in the Contact header field of the SIP REGISTER request. Additionally, the UE includes an Accept header in the SIP INVITE request for STI-rSR containing the application/vnd.3gpp.state-and-event-info+xml MIME type.
Note: NAS indications are provided for CS to PS SRVCC from GERAN in the Mobile Station Classmark 3 (which is sent from the UE to the BSS).
2.4
PS to CS dual radio access transfer
The support of PS to CS dual radio access transfer requires the configuration of a static STN (if the UE is not using ICS capabilities). This is configured by the operator and is defined in the Communication Continuity Management Object (MO) as specified in 3GPP Rel-8 TS 24.216:
5.12
/<X>/STN/

The STN leaf is the SC Transfer Number that the user includes in a circuit switched call setup to initiate session transfer.

-
Occurrence: One

-
Format: chr

-
Access Types: Get, Replace
-
Values: < A SC STN >
The format of the SC STN is defined by 3GPP TS 23.003 [2].

EXAMPLE:
+12125555555

Support for MSC server assisted mid-call feature was provided in Rel-9 of TS 24.237. Support for dynamic STN. PS to CS DRVCC in the alerting state and PS to CS DRVCC of an originating call in the pre-alerting state were provided in Rel-12 of TS 24.237.
The UE and network support of the additional features: "MSC server assisted mid-call feature", "dynamic STN", "PS to CS DRVCC in the alerting phase" and "PS to CS DRVCC of an originating session in the pre-alerting phase", are provided as indications in SIP signalling. 
Specifically, TS 24.237 specifies the media feature tags and feature capability indicators:

· "g.3gpp.mid-call" 
· "g.3gpp.dynamic-stn"
· "g.3gpp.drvcc-alerting"
· "g.3gpp.ps2cs-drvcc-orig-pre-alerting"
For mid-call, the UE includes the mid-call media feature tag in the contact header of the SIP INVITE transfer request and also include an Accept header containing the MSC server assisted mid-call feature MIME type. The SCC AS uses this to information to decide if the UE is able to support the additional session transfer. 
For dynamic-STN, the UE includes the media feature tags in the contact header of a SIP INVITE request and in the contact header of SIP 1xx and SIP 2xx responses to a SIP INVITE request. For the alerting and pre-alerting features, the UE includes the media feature tags in the contact header of a SIP INVITE request and in the contact header of all SIP 18x responses.
For dynamic STN, the SCC AS includes the dynamic STN feature capability indicator with the dynamic STN in the feature caps header of SIP INVITE requests and in SIP 1xx and SIP 2xx responses toward the UE. For alerting and pre-alerting features, the SCC AS includes the feature capability indicators in the feature caps header of SIP INVITE requests due to terminating filter criteria and in SIP 1xx response to the SIP INVITE request due to originating filter criteria (assuming the contact header in the incoming INVITE included the media feature tag).
If the UE and SCC AS supports DRVCC pre-alerting feature, then the UE and SCC AS must support the DRVCC alerting feature.

2.5
CS to PS dual radio access transfer
The support of PS to CS dual radio access transfer requires the configuration of a static STI when no dynamically assigned STI is provided to the UE over the CS domain (e.g. when the SC UE does not support ICS capabilities). This is configured by the operator and is defined in the Communication Continuity Management Object (MO) as specified in 3GPP Rel-8 TS 24.216:
5.11
/<X>/STI/

The STI leaf is the SC Transfer URI that the user includes in SIP INVITE requests to initiate session transfer.

-
Occurrence: One

-
Format: chr

-
Access Types: Get, Replace
-
Values: < A SC STI >
The format of the SC STI is defined by 3GPP TS 23.003 [2].

EXAMPLE:
sip:domain.xfer@dtf1.home1.net
Support for CS to PS DRVCC in the alerting state and CS to PS DRVCC of an originating call in the pre-alerting state were provided in Rel-12 of TS 24.237.
The UE and network support of the additional features: "CS to PS dual radio access transfer for calls in alerting phase" and "CS to PS dual radio access transfer for originating calls in pre-alerting phase" is provided by indications in SIP signalling. Specifically, TS 24.237 specifies the use of the media feature tags and feature capability indicators:

· "g.3gpp.cs2ps-drvcc-alerting"
· "g.3gpp.cs2ps.drvcc-orig-pre-alerting"
These media feature tags are included by the SC UE when populating the SIP INVITE for transferring the session. The feature capability indicators are included by the SCC AS in the SIP 200 (OK) response to the SIP INVITE request due to static STI upon receiving the 2xx response to the SIP re-INVITE request (that was sent to the remote UE).
2.6
PS to PS access transfer
The support of PS to PS access transfer was first introduced into TS 24.237 in Rel-8. However, no statically configured STI is required to be inserted into the R-URI of the PS-PS access transfer INVITE request. Instead, the UE inserts the UE inserts the contact address of the remote UE of the source access leg into Request-URI of PS-PS access transfer INVITE request.
However in Rel-11, the support of PS to PS access transfer requires the configuration of a PS to PS STI. This is configured by the operator and is defined in the Communication Continuity Management Object (MO) as specified in TS 24.216. This functionality was introduced by the CRs C1-124773 (TS 24.237) and C1-124870 (TS 24.216)
5.30
/<X>/PStoPSSTIURI/

This leaf contains the PS to PS STI URI used in 3GPP TS 24.237 [5].

-
Occurrence: One

-
Format: chr

-
Access Types: Get, Replace
-
Value: <A SIP URI>

If the UE supports the PS to PS access transfer and the PS to PS STI URI is configured in the SC UE, the SC UE includes the "g.3gpp.pstop-sti" media feature tag in the Contact header field of the SIP REGISTER request.

The reason for introducing the PS to PS STI was to avoid the issue where the SC UE wanted to establish a new session with the remote UE and used a URI containing the GRUU and a Replaces (or Target Dialog) header field. In this case, the SCC AS will interprete that as an PS to PS transfer request.
The use of the PS to PS STI was introduced into TS 24.237 in a backwards compatible manner to allow support for pre-Rel11 UEs and UEs not configured with the PS to PS STI, meaning that the SCC AS was always required to support the existing mechanism.
However, without the PS to PS STI configured, there is a risk that the SCC AS interprets new sessions as transfer requests.
If the SCC AS cannot support PS-PS access transfer requests, then the PS-PS access transfer INVITE request will be delivered to remote UE and another call will be established (instead of performing PS-PS access transfer of the old call).
The following solutions are possible ways forward:
· Solution 1: Include the PS to PS STI into Rel-8 to Rel-10 TS 24,237 and make availability of PS to PS STI mandatory precondition for PS-PS access transfer
· Solution 2: Control the feature at the iFC level. If the operator deploys SCC AS with features other than PS-PS access transfer, the operator needs to configure iFC so that any SIP request matching the PS-PS access transfer INVITE request is rejected.
· Solution 3: Mandate SCC AS to support PS-PS access transfer
Solution 1 would require modifications to both the UE and SCC AS. The SCC AS would now only take requests with R-URI set to PS-to-PS STI as being for PS-PS access transfer,
Solution 2 would require little or no standardisation. The behaviour when the UE receives a SIP 4xx-6xx response is already clearly defined in TS 24.237 subclauses 10.2.1 and 10.2.2:
If the dialog on the Source Access Leg is a confirmed dialog and if the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request due to PS to PS STI sent on the Target Access Leg, then PS-PS access transfer has not completed successfully and the call will continue in the Source Access Leg.

Solution 3 would require no standardisation, but the impact on the SCC AS implementations is significant given that SCC AS vendors have never assumed that the SCC AS is mandated to support PS-PS access transfer.
2.7
PS to PS access transfer in conjunction with PS to CS access transfer
Different procedures exists for PS to PS access transfer in conjunction with PS to CS access transfer depending on whether the UE uses ICS capabilities or not. For example: for a UE that does not use ICS capabilities, a PS to PS+CS session transfer requires the UE to use the send a CS SETUP using the static STN to the IMS core interworked into a SIP INVITE for speech media. The UE also sends an SIP INVITE using the Static STI containing non-speech media to the SCC AS. 
One should assume that as a natural consequence of supporting PS-PS access transfer (static STI configured) and PS-CS access transfer (static STN configured), then the SCC AS should support PS-PS access transfer in conjunction with PS-CS access transfer. However the static STI for PS-PS access transfer was introduced in Rel-11.
2.7.1
PS to PS+CS
2.7.1.1
Non-ICS UEs.
The UE will initiate transfer of the CS media sending CS SETUP to the static STN (assuming configured) and will initiate transfer on PS domain by sending an INVITE for the non-voice media (using PS-PS partial media access transfer procedures). If the SCC AS only supports PS to CS access transfer, and PS-PS access transfer not using the configured PS to PS STI is controlled through iFC (as mentioned in Solution 2 of clause 2.6 above) then the following behaviour will apply as documented in TS 24.237 subclause 11.2.1.3
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request for the PS Target Access Leg and receives CS call setup confirmation message for the CS Target Access Leg, then the session transfer is only successful for part of the media components. The SC UE shall update the Source Access leg by following the procedures specified for PS-PS access transfer with partial media transfer in subclause 10.2.2 to indicate that all media components other than the speech media component are still maintained on the Source Access Leg.

2.7.1.2
ICS UEs.
The UE will populate a SIP INVITE in accordance with PS to PS full media access transfer procedures and will also include CS audio media description as described in TS 24.292. 
However, it is not clear that if the SCC AS does not support the PS to PS access transfer, whether the network can elect to only transfer the voice media to CS access. Then the UE could elect to retain the PS media on the source access by doing a source leg update.
2.7.2
PS+CS to PS
2.7.2.1
Non-ICS UEs.
The UE sends two STIs: SIP INVITE requests routed to the SCC AS containing a static STI in the Request-URI and a STI in the Replaces or Target-Dialog header field. 
Subclause 11.3.3 in TS 24.237 states:

if the SCC AS is unable to associate the SIP INVITE request with either one of the above two dialogs, send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not process the remaining steps;
However, it is not clear whether the SCC AS can elect to only transfer the CS voice media to PS access if it does not support PS to PS access transfer. Then the UE could elect to retain the PS media flows that were not transferred in the source access by doing a source access leg update.
2.7.2.2
ICS UEs.
The UE populates the SIP INVITE in accordance with the PS to PS full media access transfer procedures with speech media component using PS media. If the PS to PS transfer not using the configured PS to PS STI is controlled iFC (if the SCC AS does not support PS-PS access transfer), then the access transfer will not take place. The ICS UE would then follow the procedures in subclause 10.2.1:

If the dialog on the Source Access Leg is a confirmed dialog and if the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request due to PS to PS STI sent on the Target Access Leg, then PS-PS access transfer has not completed successfully and the call will continue in the Source Access Leg.
2.8
Media addition/deletion
For PS media, the UE simply follows the procedures in TS 24.229 for media deletion/addition.

If ICS is enabled for the UE, then for CS media addition/deletion the UE follows the procedures in TS 24.292. Gm control can only be added to an existing CS session if ICS is enabled for the UE.

2.9
Service Continuity and MMTel interactions
Subclause 20.1.1 of TS 24.237 describes the SCC AS and SC UE procedures for interaction of access transfer when executing supplementary service as described in 3GPP TS 22.173. The interactions apply to scenarios when the media components for the UE are split into multiple Access Legs due to IMS Service Continuity procedures. For the access leg where CS media is used, the interaction depends on the mechanism for controlling the access leg (e.g. Gm).
3 CONCLUSION
In the majority of cases there exists through operator configuration and the use of media feature tags and feature capability indicators the ability to control deployment of the features in TS 24.237. There is an anomaly for PS-PS session transfer and PS-PS in conjunction with PS-CS session transfer. For those cases, it is assumed that if PS-PS session transfer is not configured through the use of the "PS to PS STI", then the PS to PS access transfer request can be rejected at the iFC level through configuration of iFC.

The author of this paper asks CT1 to agree the accompanying CRs to remove the mandate that the SCC AS must support all features in TS 24.237. Some further clarifications may be required to TS 24.237 for PS-PS session transfer, and for PS-PS in conjunction with PS-CS session transfer to allow the SCC AS to perform a partial media transfer and for the UE to keep the media not transferred on the source access.

