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1. Abstract
This paper discusses issues in SRVCC handover from E-UTRAN to GERAN/UTRAN when a UE establishes an IMS voice call in 5GS, performs 5GS to EPS handover to EPS while having the IMS voice call, and then performs SRVCC handover from E-UTRAN to GERAN/UTRAN. 
For this use case, this paper proposes an IMS-only network-only solution enabling success of the SRVCC handover from E-UTRAN to GERAN/UTRAN:

-
without requiring changes in Rel-15 UEs; and

-
without requiring changes in Rel-15 EPS and 5GS core network entities, neither in HPLMN nor in VPLMN.
The proposed solution is an alternative to C1ah-200012 submitted to Jan 2020 CT1 e-meeting (revision of C1-198700 revision of C1-198014 submitted to Nov 2019 CT1 meeting) + related 29.503 CR required to propagate the SRVCC capability bit changed in C1ah-200012 to the UDM.
2. Discussion
2.1 Use case

Use case:
step-1: the UE registers with 5GCN via NG-RAN;

step-2: the UE establishes an IMS PDU session, while the UE is still in 5GS;

step-3: the UE registers with IMS via the IMS PDU session, while the UE is still in 5GS;

step-4: the UE establishes an IMS voice call using the registration path established by the registration with IMS, while the UE is still in 5GS;

step-5: 5GS to EPS handover using N26 interface is performed for the UE; and

step-6: SRVCC handover from E-UTRAN to GERAN/UTRAN is performed for the UE.

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.

2.2 Preconditions for success of the use case
If the ATCF is deployed, in order for step-6 to be successfully performed:

-
the IMS voice call needs to be anchored in the SCC AS as specified in TS 24.237 in step-4 (as the SCC AS needs to connect dialog created by INVITE due to ATU-STI for PS to CS SRVCC with the remote leg in step-6);

-
the IMS voice call needs to be anchored in the ATCF in step-4 (as the ATCF needs to forward the INVITE due to STN-SR from MSC server towards ATU-STI for PS to CS SRVCC associated with the IMS voice call, in step-6); and

-
the ATCF needs to be provided with SRVCC information until step-6 (as the ATCF needs to forward the INVITE due to STN-SR from MSC server towards ATU-STI for PS to CS SRVCC associated with the IMS voice call, in step-6).

Furthermore, to ensure short voice break in step-6, media of the IMS voice call needs to be anchored in the ATGW in step-4 (as the ATCF responds to the MSC server without waiting for the SCC AS only if the media are anchored in the ATGW, in step 6).

NOTE:
If the voice media of the IMS voice call are NOT anchored in the ATGW in step-4, step-6 succeeds with a longer voice break as the ATCF waits for the SCC AS's response before responding to the MSC server.
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.
2.3 Analyzes of current state
2.3.1 Analyzes for precondition-1: the IMS voice call needs to be anchored in the SCC AS
According to 23.237 and 24.229 (see quotes in annex A.1), the SCC AS specified in TS 24.237 acts as a routeing B2BUA. Given that the SCC AS acts as a routeing B2BUA, and given that a routeing B2BUA terminates a received request and generates a new request based on the received request, the SCC AS anchors all the IMS voice calls routed via the SCC AS.
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.
2.3.2 Analyzes for 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
If the ATCF is invoked by the P-CSCF when REGISTER request from the UE is handled and the ATCF decides to include itself for access transfer of sessions according to operator policy, the ATCF inserts a Path header field in REGISTER request and inserts a Feature-Caps header field with the g.3gpp.atcf feature-capability indicator in 2xx response to REGISTER request (see quotes in annex A.2.1).

NOTE:
At the time of the ATCF decision to include itself for access transfer of sessions according to operator policy, the ATCF is never aware of whether the SRVCC being usable for the UE, as the SCC AS informs the ATCF only after the ATCF forwards the REGISTER request received from the UE.
The Feature-Caps header field with the g.3gpp.atcf feature-capability indicator in the 2xx response to the REGISTER request ensures that the P-CSCF invokes the ATCF for originating IMS voice call and the ATCF always anchors the originating IMS voice call (see quotes in annex A.2.2).

The Path header field in the REGISTER request ensures that ATCF is always invoked for terminating IMS voice calls and, if the SCC AS anchors the terminating IMS voice call, ATCF also anchors the terminating IMS voice call (see quotes in annex A.2.3).
Thus, given that the SCC AS specified in TS 24.237 anchors all the IMS voice calls routed via SCC AS, if the ATCF is deployed and the ATCF decides to include itself for access transfer of sessions according to operator policy when handling REGISTER request, then the ATCF will also anchor all the IMS voice calls.

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.
2.3.3 Analyzes for precondition-3: if the ATCF decides that it wants to include itself for access transfer of sessions, the ATCF needs to have SRVCC information
The SCC AS sends SRVCC information to the ATCF only if the UE SRVCC capability received from the HSS indicates that the UE supports the SRVCC to GERAN/UTRAN (see quotes in annex A.3.1).
However, the UE indicates its SRVCC capabity only in step-5, when the UE provides the SRVCC to GERAN/UTRAN capability bit set to "SRVCC from UTRAN HSPA or E-UTRAN to GERAN/UTRAN supported" in the MS network capability IE included in the TRACKING AREA UPDATE REQUEST message, sent according to TS 23.502 subclause 4.11.1.2.1 "5GS to EPS handover using N26 interface" step 18. Based on the UE's indication (and other information), the MME provides UE SRVCC capability to the HSS, as specified in 23.401 subclause 5.3.3.0.
Furthemore, the SCC AS pulls the information from the HSS (rather than the HSS pushing the UE SRVCC capability to the SCC AS whenever the UE changes it) so the SCC AS might NOT become aware of change of the UE SRVCC capability immediately (see quotes in annex A.3.2).
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.
2.3.4 Analyzes for 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
The ATCF anchors media of an IMS voice call in the ATGW if the ATCF has SRVCC information from the SCC AS at the time of establishment of the IMS voice call (see quotes in annex A.4). I.e. the ATCF needs the SRVCC information already at beginning of step-4, while the ATCF receives the SRVCC information from SCC AS earliest in step-5 (see analyzes in subclause 2.3.3)
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.
2.4 Proposed solution

It is proposed to enable the SCC AS to provide the ATCF with SRVCC information in step-3 if the SCC AS analyzes IMS signalling sent by the UE and determines that g.3gpp.accesstype media feature tag is included in the Contact header field of the REGISTER request from the UE, as g.3gpp.accesstype media feature tag is included by a UE compliant to TS 24.237 (see annex A.5 of this document) and a UE supporting PS to CS SRVCC is compliant to TS 24.237.
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.

Proposal: The SCC AS provides the ATCF with SRVCC information if g.3gpp.accesstype media feature tag is included in the Contact header field of the REGISTER request from the UE.

This solution ensures that precondition-3 and recommendation-1 are fulfilled since the SCC AS provides the ATCF with SRVCC information in step-3.
2.5 Comparison of the solution proposed in this paper and solution proposed in C1ah-200012 + related 29.503 changes
	Criteria
	Solution proposed in this paper
	Solution proposed in C1ah-200012 + related 29.503 changes

	Fulfills Precondition-1
	Yes
	Yes

	Fulfills Precondition-2
	Yes
	Yes

	Fulfills Precondition-3
	Yes
	Yes

	Fulfills Recommendation-1
	Yes
	Yes

	Works with Rel-15 compliant UEs without any changes
	Yes
	No (requires the UE to indicate the SRVCC capability to the AMF, even if the UE does not support 5G-SRVCC)

	Works with Rel-15 compliant 5GS core networks in VPLMN without any changes
	Yes
	No (requires the AMF to receive the SRVCC capability from the UE and provide it to the UDM, even if the AMF does not support 5G-SRVCC)

	Works with Rel-15 compliant 5GS core networks in HPLMN without any changes
	Yes
	No (requires the UDM to receive the SRVCC capability from the AMF and provide it to the HSS, even if the UDM does not support 5G-SRVCC)

	Works with Rel-15 compliant EPS core networks in VPLMN without any changes
	Yes
	Yes

	Works with Rel-15 compliant EPS core networks in HPLMN without any changes
	Yes
	No (requires the HSS to receive the SRVCC capability from the UDM)

	Works with Rel-15 compliant SCC AS without any changes
	No
	Yes

	Works with Rel-15 compliant ATCF without any changes
	Yes
	Yes


Observation-7: The proposal ensures success of SRVCC handover from E-UTRAN to GERAN/UTRAN without modifying Rel-15 UEs and without modifying Rel-15 EPS and 5GS core network entities.


The proposal has smaller impact than the solution proposed in C1ah-200012 + related 29.503 changes which requires modifying UEs, 5GS core network entities in both VPLMN and HPLMN and EPS core network entities in HPLMN.
3. Conclusions

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 included in the Contact header field of the REGISTER request from the UE.

Observation-7: The proposal ensures success of SRVCC handover from E-UTRAN to GERAN/UTRAN without modifying Rel-15 UEs and without modifying Rel-15 EPS and 5GS core network entities.


The proposal has smaller impact than the solution proposed in C1ah-200012 + related 29.503 changes which requires modifying UEs, 5GS core network entities in both VPLMN and HPLMN and EPS core network entities in HPLMN.
4. Proposal

It is proposed to discuss the above and agree CR C1-200674.
Annex A quotes from TSs

A.1 Quotes related to precondition-1

23.237 states:

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

To be compliant with access transfer in this document, an AS shall implement the role of:

1)
an AS performing 3rd party call control acting as an routeing B2BUA as defined in 3GPP TS 24.229 [2]; and

2)
an SCC AS as follows: dependent on the desired functionality, one or more of the procedures according to subclause 6.3, subclause 6A.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.
------------
and 24.229 states:

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

The AS performing 3rd party call control acts as a B2BUA. There are two kinds of 3rd party call control:

-
Routeing B2BUA: an AS receives a request, terminates it and generates a new request, which is based on the received request.

...

When transparently forwarding a received Contact header field of a dialog-forming request, the AS shall include its own URI in a Record-Route header field in order to ensure that it is included on the route of subsequent requests.
------------

A.2 Quotes related to precondition-2

A.2.1 Registration

24.237 states:

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

Upon receiving a SIP REGISTER request originated by a UE, the ATCF shall:

1.
if ATCF decides to include itself for access transfer of sessions according to operator policy: 

NOTE 1:
An example of the operator policy is that the ATCF is included in the signalling path only when the UE registers over the NG-RAN, E-UTRAN, UTRAN or GERAN.

B.
insert a Path header field with the generated ATCF URI for terminating requests;

...

Upon receiving a SIP 2xx response to the SIP REGISTER request originated by a served UE and if ATCF decided to include itself for access transfer of sessions according to operator policy, the ATCF shall:

...

3)
insert a Feature-Caps header field with:

A)
the g.3gpp.atcf feature-capability indicator containing the STN-SR allocated to ATCF included as described in IETF RFC 6809 [60]; and

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

A.2.2 Originating call

24.229 states:

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

When the P-CSCF receives from the UE an initial request for a dialog, and a service route value list exists for the served user of the request, the P-CSCF shall:

...

3A)
if the 200 (OK) response to the last REGISTER request, which created or refreshed the binding of the contact address from which the request is received, contained a Feature-Caps header field with a "+g.3gpp.atcf" header field parameter, then:

a)
add the ATCF URI for originating requests that the P-CSCF used to forward the last REGISTER request which created or refreshed the binding of the contact address from which the request is received, to the topmost Route header field;

...

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

and 24.237 states:

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

Upon receiving the originating SIP INVITE request from SC UE, the ATCF shall:

...
0)
insert a Record-Route header field containing the SIP URI of the ATCF;

....

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

A.2.3 Terminating call

24.237 states:

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

When sending SIP INVITE request towards the served user and if the session being established is anchored in SCC AS as described in subclause 4.2.2 then the SCC AS shall populate the SIP INVITE request with:

1)
a Feature-Caps header field according to IETF RFC 6809 [60]:

A)
including the g.3gpp.srvcc feature-capability indicator as described in annex C; and
...

Upon receiving the terminating SIP INVITE request for PS, the ATCF shall:

NOTE 1:
Since the ATCF acts as proxy, the dialog identifier of the SIP INVITE request is not modified by procedures of the subclause.

1)
if a Feature-Caps header field containing the g.3gpp.srvcc feature-capability indicator is contained in the SIP INVITE request:

A)
insert a Record-Route header field containing the SIP URI of the ATCF; and

...

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

A.3 Quotes related to precondition-3

A.3.1 SCC AS sending SRVCC information to ATCF

24.237 states:

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

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 UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) has value UE-SRVCC-CAPABILITY-SUPPORTED and if the private user identity of the UE has associated STN-SR (see 3GPP TS 29.328 [6]):

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.

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

A.3.2 SCC AS fetching UE SRVCC information from HSS

23.237 states:

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

The SCC AS informs the UE SRVCC capability to ATCF during IMS registration by addressing the ATCF using the ATCF management URI. The SCC AS is able to retrieve the updated UE SRVCC capability status by sending Sh-Pull message to the UDM/HSS at any point. If SCC AS detects the UE SRVCC capability change, SCC AS then informs the ATCF about the updated SRVCC capability of the UE and the ATCF stores this information for deciding whether anchoring IMS voice originating sessions at the ATGW or not.

NOTE 7:
The trigger for SCC AS to poll the UDM/HSS for the updated UE SRVCC capability status is not specified in this release of the specification.

NOTE 8:
If the UE switches on/off its SRVCC capability during the lifetime of IMS registration, and the SCC AS has not polled the UDM/HSS in the meantime, the SCC AS and ATCF will not have the updated value of SRVCC capability.

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

A.4 Quotes related to recommendation-1
24.237 states:

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

Upon receiving the originating SIP INVITE request from SC UE, the ATCF shall:

...
1)
if the latest SRVCC-related information received for the registration path which the session being established, contains ATU-STI for PS to CS SRVCC and C-MSISDN:
A)
associate the session being established with the C-MSISDN and the ATU-STI for PS to CS SRVCC bound to the registration path (see subclause 6A.3.1); and

B)
if the originating SIP INVITE request from SC UE contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], replace the SDP offer in the originating SIP INVITE request from SC UE with an updated SDP offer using media parameters provided by the ATGW; and

NOTE 2:
ATCF interacts with ATGW to provide the needed media related information. The details of interaction between ATCF and ATGW are out of scope of this document.

...
Upon receiving the terminating SIP INVITE request for PS, the ATCF shall:

NOTE 1:
Since the ATCF acts as proxy, the dialog identifier of the SIP INVITE request is not modified by procedures of the subclause.

1)
if a Feature-Caps header field containing the g.3gpp.srvcc feature-capability indicator is contained in the SIP INVITE request:

A)
insert a Record-Route header field containing the SIP URI of the ATCF; and

B)
if the latest SRVCC-related information received for the registration path which the session being established, is using contains ATU-STI for PS to CS SRVCC and C-MSISDN:

a)
associate the session being established with the C-MSISDN and the ATU-STI for PS to CS SRVCC bound to the registration path (see subclause 6A.3.1); and

b)
if the terminating SIP INVITE request for PS contains an SDP offer and if the ATCF decided to anchor the media according to operator policy as specified in 3GPP TS 23.237 [9], replace the SDP offer in the terminating SIP INVITE request with an updated SDP offer using media parameters provided by ATGW;

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

A.5 Quotes related to SC UE providing the g.3ggp.accesstype media feature tag
24.237 states:

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

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.

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

