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Coverpage copy of  C1-202837:
Observation-1: When a UE registers with 5GCN in 5GS, registers with IMS in 5GS, establishes an IMS voice call in 5GS, and moves from 5GS to EPS while still having the IMS voice call, then SRVCC handover from E-UTRAN to GERAN/UTRAN can be performed.

Observation-2: In the discussed use case, in order for SRVCC handover from E-UTRAN to GERAN/UTRAN to be successful:

Precondition-1: the IMS voice call needs to be anchored in the SCC AS specified in TS 24.237;

Precondition-2: if the ATCF decides that it wants to include itself for access transfer of sessions, the IMS voice call needs to be anchored in the ATCF;

Precondition-3: if the ATCF decides that it wants to include itself for access transfer of sessions, the ATCF needs to have SRVCC information; and

Recommendation-1: if the ATCF decides that it wants to include itself for access transfer of sessions, the ATGW should anchor media of the IMS voice call.

Observation-3: Precondition-1 is fulfilled in TS baselines - IMS voice calls routed via SCC AS specified in TS 24.237 are always anchored in the SCC AS.

Observation-4: Precondition-2 is fulfilled in TS baselines - the ATCF decides during registration with IMS whether it wants to include itself for access transfer of sessions and if so, IMS voice calls are always anchored in the ATCF.

Observation-5: Precondition-3 is NOT fulfilled in TS baselines - the UE provides the UE SRVCC capability only during 5GS to EPS handover. The SCC AS provides the ATCF with SRVCC information only when the SCC AS pulls from the HSS the UE's SRVCC capability and only if the UE's SRVCC capability indicates support of SRVCC. Thus, it is possible that the SCC AS does not provide the SRVCC information to the ATCF in time of SRVCC handover from E-UTRAN to GERAN/UTRAN.

Observation-6: Recommendation-1 is NOT fulfilled in TS baselines - the UE provides the UE SRVCC capability only during 5GS to EPS handover. The SCC AS provides the ATCF with SRVCC information only when the SCC AS pulls from the HSS the UE's SRVCC capability and only if the UE's SRVCC capability indicates support of SRVCC. However, the ATCF needs the SRVCC information already at the time of establishment of the IMS voice call in 5GS, to anchor media of the IMS voice call in the ATGW.

Proposal: The SCC AS provides the ATCF with SRVCC information if g.3gpp.accesstype media feature tag is present in a Contact header field of the SIP REGISTER request, as all UEs compliant to TS 24.237 (i.e. including those supporting SRVCC) provide it according to 24.237:

-------------

5.2
User Equipment (UE)

To be compliant with access transfer in this document, a UE shall implement the role of an SC UE:
-
acting as an UA as defined in 3GPP TS 24.229 [2];

-
according to subclause 6.2 for registration of the UE in the IM CN subsystem; and
-
dependent on the desired functionality, one or more of the procedures according to subclause 6A.2, subclause 7.2, subclause 8.2, subclause 9.2, subclause 10.2, subclause 11.2, subclause 12.2, subclause 13.2 and subclause 20.1.

...
-------------

and

-------------

6.2.2
General
...

The SC UE shall include the g.3gpp.accesstype media feature tag as described in clause B.3 of 3GPP TS 24.292 [4] in the Contact header field of the SIP REGISTER request.
...

-------------

NOTE:
The g.3gpp.accesstype media feature tag can also be provided by a UE compliant to TS 24.237 that does not support PS to CS SRVCC and supports PS to CS DRVCC or by a non-SC ICS UE. If the SCC AS provides the SRVCC information to the ATCF for such a UE, IMS voice calls of such UE would be anchored in an ATGW unnecessarily.However, this is considered as a small cost in comparison to not providing SRVCC from E-UTRAN to UTRAN/GERAN in scenarios described in Observation-1, performed for Rel-15 UEs or in a Rel-15 complaint 5GCN.
Furthermore, TS 29.562 allows the SCC AS to learn whether the UE is "UE_4G_SRVCC_CAPABLE" or "UE_5G_SRVCC_CAPABLE" (as introduced during the February meeting via C4-201110).

Addition since C1-202837:
Furthermore, TS 29.328 CR#0632 adds the abiliy to learn whether the UE is "UE-5G-SRVCC-CAPABILITY-SUPPORTED".

	
	

	Summary of change:
	SCC AS provides ATCF with SRVCC information if g.3gpp.accesstype media feature tag is present in a Contact header field of the SIP REGISTER request..
Furthermore, the SCC AS is enabled to use the ueSrvccCapabilities attribute specified in TS 29.562 and the UE 5G SRVCC Capability (see 3GPP TS 29.328).
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***** change *****
6.3.2
Triggers for the SCC AS providing information to ATCF

This subclause applies for a contact address (or a registration flow, if multiple registration mechanism is used) in the registration state information obtained by SCC AS:

1)
which is registered by the UE:

A)
in NG-RAN, E-UTRAN, UTRAN or GERAN; and

NOTE:
The access network where the UE performed registration can be found in the P-Access-Network-Info header field of the SIP REGISTER request.

B)
for a private user identity associated with a C-MSISDN; and

2)
where the SIP REGISTER request contained a Feature-Caps header field containing the g.3gpp.atcf feature-capability indicator.

The SCC AS shall identify the ATCF URI for terminating requests of the related ATCF as the URI in the g.3gpp.atcf-path feature-capability indicator included in a Feature-Caps header field of the SIP REGISTER request that created the binding.

The SCC AS shall store the feature-capability indicators indicated in the Feature-Caps header field containing the g.3gpp.atcf feature-capability indicator until the binding is removed.

The SCC AS shall determine that PS to CS SRVCC is usable for the UE if the private user identity of the UE has an associated STN-SR (see 3GPP TS 29.328 [6]) and:

-
the UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) of the UE has value UE-SRVCC-CAPABILITY-SUPPORTED;

-
the UE 5G SRVCC Capability (see 3GPP TS 29.328 [6]) of the UE has value UE-5G-SRVCC-CAPABILITY-SUPPORTED;
-
the g.3gpp.accesstype media feature tag is present in a Contact header field of the SIP REGISTER request from the UE; or
-
the SRVCC data for the UE (see 3GPP TS 29.562 [xx]) contains the ueSrvccCapabilities attribute set to:
1)
"UE_4G_SRVCC_CAPABLE", 

2)
"UE_5G_SRVCC_CAPABLE"; or 

3)
"UE_4G_SRVCC_CAPABLE" and "UE_5G_SRVCC_CAPABLE".

If SCC AS supports CS to PS SRVCC, the SCC AS shall also determine whether the CS to PS SRVCC is usable for the private user identity of the UE as described in subclause 6.3.4.

When the SCC AS becomes aware of a new contact address (or new registration flow, if multiple registration mechanism is used) that fulfils the above criteria and:

-
PS to CS SRVCC is usable for the UE; or

-
the SCC AS supports CS to PS SRVCC and CS to PS SRVCC is usable for the UE;

the SCC AS shall perform actions as described in subclause 6.3.3 with the related ATCF.

When the SCC AS becomes aware that, for a UE which registered the contact address (or registered the registration flow, if multiple registration mechanism is used) that fulfils the above criteria that:

1)
PS to CS SRVCC was usable and PS to CS SRVCC is not usable now;

2)
PS to CS SRVCC was not usable and PS to CS SRVCC is usable now; or

3)
the SCC AS supports CS to PS SRVCC and:

A)
CS to PS SRVCC was usable and CS to PS SRVCC is not usable now; or

B)
CS to PS SRVCC was not usable and CS to PS SRVCC is usable now;

then the SCC AS shall provide the PS to CS SRVCC related information to the related ATCF as described in subclause 6.3.3.

***** change *****
D.3.3
Semantic

The <SRVCC-infos> element is the root element of the XML document and contains one or more <SRVCC-info> elements.

Each <SRVCC-info> element contains SRVCC-related information related to one registration path (or registration flow, if multiple registration mechanism is used) of a UE with IM CN subsystem. The SRVCC-related information in the <SRVCC-info> element consists of:

1)
if the PS to CS SRVCC is usable for the UE (see subclause 6.3.2):

a)
<ATU-STI> element containing the ATU-STI for PS to CS SRVCC of the SCC AS; and

b)
<C-MSISDN> element containing the Correlation MSISDN of the UE; and
NOTE 1:
<ATU-STI> element and <C-MSISDN> element are not included unless the PS to CS SRVCC is usable for the UE (see subclause 6.3.2).
2)
if CS to PS SRVCC is supported by SCC AS and enabled for the UE:

a)
<anyExt> element containing <CS2PS-ATU-STI> element containing the ATU-STI for CS to PS SRVCC of the SCC AS; and

NOTE 2:
The subelements of the <anyExt> are validated by the <xs:any namespace="##any" processContents="lax" minOccurs="0" maxOccurs="unbounded"/> particle of the <anyExt> element.

b)
<C-MSISDN> element containing the C-MSISDN of the UE.

NOTE 3:
If information for both CS to PS SRVCC and PS to CS SRVCC are included, <C-MSISDN> element is included only once.

The "ATCF-Path-URI" attribute of the <SRVCC-info> element contains the ATCF URI for terminating calls of the registration path (or registration flow, if multiple registration mechanism is used).  

<anyExt> element contains optional elements defined by future version of this document. 

Recipient of the XML ignores any unknown element and any unknown attribute.

