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1. Task management and
2. Avoidance of overlapped work.
Please notify us if there is anything that should be corrected or added. 
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		No.		Issue		Detail		Spec		Status (open/close etc)		Possible contributor on the issue

		1		Does E-UTRAN have to be aware that UE and NW supports vSRVCC?		In current spec, Initial context setup message includes "SRVCC operation possible" IE.
But this is for normal SRVCC.
Does E-UTRAN have to distinguish vSRVCC from normal SRVCC?

Stgae2 says,
"NOTE 1: If the target is GERAN, E-UTRAN will not trigger vSRVCC." in 6.2.2.3 of TS23.216.
From reading above, E-UTRAN shall l distinguish vSRVCC from SRVCC.		S1-AP(RAN3)		Close(?)

SA2 send LS to RAN2 and RAN3 and they replied to it.
Also Samsung is planning to provide SA2 CR into next SA2.

If agreed, "vSRVCC operation possible IE" and Handover indication for vSRVCC will be used between eNB and MME.

Conclusion after the conf(9th July): 
Issue 1 is not directly related to CT1. We can rely on RAN3/SA2 about way forward.  So proposed action is "closed" for this topic. If something pop-up (e.g. LS from RAN3 or SA2), then we re-open this issue again.

		2		Does MME have to distinguish vSRVCC from normal SRVCC?		In current spec, Handover required message includes "SRVCC HO Indication".

Do we need to change it so that eNB can indicate vSRVCC to MME.

23.216 says.
"3. The source E-UTRAN sends a Handover Required (Target ID, generic Source to Target Transparent Container, SRVCC HO indication) message to the source MME. SRVCC HO indication indicates to MME that this is for CS+PS HO and for vSRVCC."		S1-AP(RAN3)		Close(?)
The same with above.



Conclusion after the conf(9th July):
Yes, MME have to distinguish vSRVCC from normal SRVCC.
But there is no issue for CT1. So we can close this issue now. If something pop-up (e.g. LS from RAN3 or SA2), then we re-open this issue again.

		3		Is vSRVCC meant to support emergency case?		For normal (audio) SRVCC, emergency case is also already considered.
vSRVCC itself is audio + video. In this case should we touch something in E-SRVCC?

E-SRVCC means Emergency SRVCC.
This issue is not clear and it should be updated.
-> Is vSRVCC meant to support emergency case?		whole work		Close(?)

No impacts foreseen for E-SRVCC by introducing vSRVCC.

Conclusion after the conf(9th July):
Two possible options (interpretations) were raised by Chen.
Alt1 No emergency support for IMS video call. So that there is no vSRVCC for emergency video call.
Al2: emergency for IMS video call is supported. But IMS video call is not subject to vSRVCC. In this case, only voice part is transferred to CS domain.

Many participants preferred Alt1. vSRVCC isn't meant to support emergency case. There is no emergency video call in the first place in stage1/2.

		4		What is the relationship between vSRVCC and aSRVCC?		Though 23.216 does not mention, aSRVCC exists from REL10 stage3 spec.
Should we assume vSRVCC is related to aSRVCC?		whole work (especially TS 23.237)		open

No impacts foreseen for aSRVCC by introducing vSRVCC.

Conclusion after the conf(9th July):
Somehow skipped in discussion in conference call on 9th June.

		5		"Video only" case is allowed in vSRVCC?		Stage2 spec looks assuming "audio" is always comes together with "video".

But is it correct?
Are there any case when "video" exists without "audio"?
(In the market, such kind of service exists)		whole work(CT1/3/4)		Close(?)

There exists two approach for this issue.

Alt1: fake "audio" with QCI=1 and "video" marked bearer.
Alt2: "video" marked bearer without requiring QCI=1 bearer (audio)

One problem is that CS domain looks assuming "audio" is always there. Are there any solution as Andreas pointing out?

In addition, when implementers develops "video only" services, there exists much more easier way (e.g. web browser based).  In this case, it looks no IMS involvement necessary.  So right now, we can stick what stage2 describes ("audio+video").

										Conclusion after the conf(9th July):
Two possible interpretations are provided by Chen.
Alt1: IMS UE which support vSRVCC shall NOT start IMS video session (video only)
Alt2: "Video session" can be initiated by IMS capable UEs but it is not subject to vSRVCC.

All participants thought we can NOT assume Alt1. 
Rather we go Alt2. Video only sessions will not be subject to vSRVCC Stage2 only describes this combined case (audio + video) and we should better stick this case.

		6		About adding a new bit into MS network capability for vSRVCC
(and dependencies between two bits if exists)		Is SRVCC indicator in MS network capability and vSRVCC indicator in MS network capability completely independent?

If yes, no restriction exists when UE indicates vSRVCC is supported in NAS signalling message.
This means there is a case that certain UE
  - indicates vSRVCC is supported
  - indicates SRVCC is NOT supported

If no, some dependency between two indicators shall be clarified in our specification.
(like when vSRVCC is indicated as "supported" then SRVCC indication shall be always "supported")		whole work(CT1/3/4)		open

Conclusion after the conf(9th July):
Many participants preferred the following two points:
    1) Introducing new bit for vSRVCC
    2) vSRVCC bit and SRVCC bit is independent
About 1), no other way for UE/MME to know whether certain UE is capable of vSRVCC.
About 2), use case (combination) of vSRVCC bit and SRVCC bit. About this point stage2 does NOT mention about dependency between two indications and no point stage3 start discussing it.
But if this discussion continues, then 2) can be discussed separately with 1) (possibly?) via email.
Thread: "vSRVCC / capability indicators"		Gottfried has been provided material for this with regard to "how to encode vSRVCC indicator in MS NW capability in 24.008"

		7		Notification procedure in TS24.301/TS24.237 shall be modified with regard to vSRVCC?		Current TS24.301 specifies Notification procedure upon receiving HANDOVER_CANCEL.
The question here is "Do we need to add something here with regard to vSRVCC?"		24.301 and TS24.237		Close(?)

It looks existing texts in TS24.301 and TS24.237 covers the vSRVCC case also in generic way. 

Note that notification procedure in TS24.008 is not affected because for vSRVCC, HANDOVER_CANCEL only happens in E-UTRAN

Conclusion after the conf(9th July):
The current text on Notification procedure covers the vSRVCC case as well in very generic way.  So many people (at least NEC, SAMSUNG, DOCOMO) did not see necessity to change current text.

Existing text in 24.301/24.237 as follows:

1)24.301 

#1:                          SRVCC handover cancelled, IMS session re-establishment required.

2) 24.237
12.2.4    Abnormal cases
12.2.4.1          Confirmed dialog
If the SC UE engaged in one or more ongoing IMS sessions and:
-     receives a SM NOTIFICATION message containing an "SRVCC handover cancelled, IMS session re-establishment required" as described in 3GPP TS 24.008 [8] or 3GPP TS 24.301 [52] depending on the access in use; or

										-     does not successfully retune to the 3GPP UTRAN or 3GPP GERAN after it receives the handover command from the eNodeB (as described in 3GPP TS 36.331 [62]) or from the NodeB (as described in 3GPP TS 25.331 [61]);
then the SC UE shall send a SIP re-INVITE request containing:

1)   an SDP offer, including the media characteristics as used in the existing dialog; and
2)   a Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" as specified in IETF RFC 3326 [57] and with reason-text text set to either "handover cancelled" or "failure to transition to CS domain";

by following the rules of 3GPP TS 24.229 [2] in each transferred session.

										12.2.4.2          Early dialog
If the SC UE is engaged in a session in early dialog state and:

-     receives a SM NOTIFICATION message containing an "SRVCC handover cancelled, IMS session re-establishment required" as described in 3GPP TS 24.008 [8] or 3GPP TS 24.301 [52] depending on the access in use; or
-     does not successfully retune to the 3GPP UTRAN or 3GPP GERAN after it receives the handover command from the eNodeB (as described in 3GPP TS 36.331 [62]) or from the NodeB (as described in 3GPP TS 25.331 [61]);
then if the SC UE the SC UE shall send a SIP UPDATE request containing:

1)   an SDP offer, including the media characteristics as used in the existing dialog; and
2)   a Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" as specified in IETF RFC 3326 [57], and with reason-text set to either "handover cancelled" or "failure to transition to CS domain";

by following the rules of 3GPP TS 24.229 [2] in each transferred session.

		8		Allocation of TI value in CS domain		About allocation of TI (Transaction Identifier) several rule exist until REL10 as follows.
·         Rel-8 for active voice – static allocation of TI of 000 (no information from IMS required to set to TI)

·         Rel-9 for active/held voice sessions – rules for TI allocation in TS 24.008/24.237 (information required from IMS to set the TI)

·         Rel-10 for active/alerting/held sessions - rules for TI allocation in TS 24.008/24.237 (information required from IMS to set the TI)


Do we go with the rule specified in REL-8 active voice in REL10 active "voice+video"?
Or change the direction from REL11?		TS24.008		open

It is sufficient enough to clearly mention that vSRVCC follows the rule specified in REL8 as SRVCC for audio do.
(TI=000 is allocated with static manner in both MS/NW)

The background here:
In vSRVCC only session transferred from E-UTRAN->UTRAN is ACTIVE "audio+voice" session.
Transfer of HELD session is not supported in case of vSRVCC(SA2 decision).

Conclusion after the conf(9th July):
The draft CR on 24.008 included related to this topic. But no major concern was raised during the conf.		Gottfried has been provided material for this.

		9		How to describe vSRVCC description into our specifications?		vSRVCC re-uses mechanism for SRVCC (voice) as much as possible.

In that case, which is preferable when we describe procedure (or IE) into our specifications?
The problem is that even in the latest spec, it looks there exist two usage (1.general SRVCC, 2. specific to SRVCC with "audio").
Note that in the current specification, text like "... voice media stream ..."exists and we should think about this also .
(we should better change it when "voice+video" case is also to be handled in that section)

a.      understand “SRVCC” also as a generic term, which can be used wherever descriptions do not differ between the voice-only and the voice-plus-video case, and use the “vSRVCC” for those parts specific to video. 
b.      use “SRVCC” only for the  “voice-only” case and “vSRVCC” for the voice-and-video case (in which case we would have to use phrases like “… SRVCC and vSRVCC …” for common portions of descriptions). A variant could be the stage 2 notation “(v)SRVCC” for common descriptions.		Whole work(CT1/3/4)		Open 

Maybe a) is better because many part is common for SRVCC and vSRVCC.
Or just we repeat exact the same wording in case of vSRVCC?
We can take approach a) and if we have problem with a), then change course to b) is possible.

One tricky thing we can find in 23.216, definition of "SRVCC" is as follows and it looks SRVCC only says "audio" case. (not including "audio+video" case. Instead 23.216 has definition of vSRVCC separately..)

Single Radio Voice Call Continuity (SRVCC): Voice call continuity between IMS over PS access and CS access for calls that are anchored in IMS when the UE is capable of transmitting/receiving on only one of those access networks at a given time.

Single Radio Video Call Continuity (vSRVCC): Video call continuity from E-UTRAN to UTRAN-CS for calls that are anchored in the IMS when the UE is capable of transmitting/receiving on only one of those access networks at a given time. In this specification, the term vSRVCC is introduced for Single Radio Video Call Continuity to differentiate it from Single Radio Voice Call Continuity (SRVCC).		Gottfried has been provided  material for this wrt TS24.008.

						(not discussed in discussion in conference call on 9th June.)				Conclusion after the conf(9th July):
The draft CR on 24.008 included related to this topic. But no major concern was raised during the conf.

		10		Codec (re-?)negotiation about video		Codec (re-)negotiation about video looks transparent to CC layer.
(it looks up to upper layer who handles video.  CC layer only handles about call status wrt "audio")		TS24.008(?)		Open

Conclusion after the conf(9th July):
The draft CR on 24.008 included related to this topic. But no major concern was raised during the conf.		Gottfried has been provided material for this wrt TS24.008.

		11		Can UE distinguish HO due to SRVCC for voice from HO due to vSRVCC?		Related to issue No.3 (SRVCC for emergency).

Here is the snip from NEC CR on TS24.008(v6)
- the MM connection was established locally due to the SRVCC voice call handover of a PDN connection for emergency bearer services for which the "null integrity protection algorithm" EIA0 has been used while in S1 mode or for which integrity protection has not been activated while in Iu mode.

To achieve following two assumptions are needed.
1. SRVCC for emergency is only applicable for SRVCC for audio case . 
2. UE can distinguish HO due to SRVCC for voice from HO due to vSRVCC		TS24.008		Close(?)

Conclusion after the conf(9th July):
Not discussed in detail during conf.

About 1, it should be clarified in open issue 3.
About 2, the following is information from Kundan to CT1-ML which says UE (AS layer) can distinguish those two type of SRVCC.

"Before SRVCC handover the RRC will have no CS RAB in E-UTRAN, after SRVCC handover the RRC will get CS RAB to be established in the HANDOVER TO UTRAN command. The AS will know that this SRVCC handover as the CS RAB is being established through handover from E-UTRAN.

Second question was how to distinguish between vSRVCC and SRVCC. For vSRVCC the RAB for video telephony is different then AMR RAB. Hope this clarifies the point."

If we can confirm both of two assumptions, then we can close this topic.

										Stage 2 is clear in TS 23.216 and TS 23.237 what is meant by SRVCC for IMS Emergency in the context of Release 11 (same as Rel-9 and Rel-10). If there is a PDN connection for emergency bearer services established and the UE receives the SRVCC command, surely then the UE knows why it is establishing the MM connection locally, and also, there is no specification of video emergency, so of course it is assumed it is for voice.

		12		Does UE have to distinct HANDOVER CANCEL in case of vSRVCC?		Related to issue No.7 (Notification procedure when UE encounter HANDOVER CANCEL).

During the conf, it was questioned by Chen that "whether UE have to be aware that it is for vSRVCC in case HANDOVER is cancelled?"		TS24.301?		Close(?)

Conclusion after the conf(9th July):
This is not discussed in detail during the conf (just question is raised by Chen).

But if existing Notification procedure (see detail in open issue 7) is generic enough and can cover vSRVCC case also, then no need to add something specific to vSRVCC on the first place.

Also RIM said there is no differentiation on the type of HO, it is the same when cancelling it.

		13
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24301

		

		No.		Existing section		Existing text		Consideration		Note

		1		5.5.3.2.2 Normal and periodic tracking area updating procedure initiation		m) when the UE supports SRVCC to GERAN or UTRAN and changes the mobile station classmark 2 or the supported codecs, or the UE supports SRVCC to GERAN and changes the mobile station classmark 3;		Trigger of TAU.
MS classmark 2, MS classmark 3 or Supported codec change will initiate TAU.
But this is for normal SRVCC.
Do we need to add something from vSRVCC point of view?

		2		5.5.3.3.2 Combined tracking area updating procedure initiation
Combined procedure		d) when the UE performs an intersystem change from A/Gb or Iu mode to S1 mode, and the UE previously either performed a location area update procedure or a combined routing area update procedure in A/Gb or Iu mode, or moved to A/Gb or Iu mode from S1 mode through an SRVCC handover, in order to re-establish the SGs association. In this case the EPS update type IE shall be set to "combined TA/LA updating with IMSI attach";

m) when the UE supports SRVCC to GERAN or UTRAN and changes the mobile station classmark 2 or the supported codecs, or the UE supports SRVCC to GERAN and changes the mobile station classmark 3;		The same with above

		3		6.6.2.3 Notification procedure in the UE		When the UE receives a NOTIFICATION message, the ESM protocol entity in the UE shall provide the notification indicator to the upper layer.
The notification indicator can have the following value:
#1:  SRVCC handover cancelled, IMS session re-establishment required.		Notification procedure for SRVCC cancel.
Can we re-use this or newly introduce new value for vSRVCC specific?

		4		8.2.4 Attach request		8.2.4.9 Mobile station classmark 2
This IE shall be included if the UE supports SRVCC to GERAN or UTRAN (see 3GPP TS 23.216 [8]), or if the UE is performing a combined attach procedure.
8.2.4.10 Mobile station classmark 3
This IE shall be included if the UE supports SRVCC to GERAN.
8.2.4.11 Supported Codecs
This IE shall be included if the UE supports SRVCC to GERAN or UTRAN to indicate its supported speech codecs for CS speech calls.		At first, MS classmark2 and 3 is for GERAN use. But vSRVCC is only for UTRAN. No change?
Can we assume below?
If certain UE is capable of vSRVCC, then the UE shall support SRVCC always.

		5		8.2.29 Tracking area update request		8.2.29.15 Mobile station classmark 2
This IE shall be included if the UE supports SRVCC to GERAN or UTRAN (see 3GPP TS 23.216 [8]), or if the UE is performing a combined tracking area updating procedure.
8.2.29.16 Mobile station classmark 3
This IE shall be included if the UE supports SRVCC to GERAN.
8.2.29.17 Supported Codecs
This IE shall be included if the UE supports SRVCC to GERAN or UTRAN to indicate its supported speech codecs for CS speech calls.		The same with above

		6		9.9.4.7A Notification indicator		SRVCC handover cancelled, IMS session re-establishment required (see 3GPP TS 23.216 [8])		Up to conclusion on 6.6.2.3. But anyway something shall be clarified.
(e.g. this also applicable also for vSRVCC case)
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24008

		

		No.		Existing section		Existing text		Consideration		Note

		1		4.1.1.1.1 Integrity Checking of Signalling Messages in the Mobile Station (Iu mode only)		the MM connection was established locally due to the SRVCC handover of a PDN connection for emergency bearer services for which the "null integrity protection algorithm" EIA0 has been used while in S1 mode or for which integrity protection has not been activated while in Iu mode.		SRVCC emergency.
vSRVCC is used in emergency case?

		2		4.1.1.1.1a Integrity protection for emergency call (Iu mode only)		If the MM connection was established locally due to the SRVCC handover of a PDN connection for emergency bearer services for which the "null integrity protection algorithm" EIA0 has been used while in S1 mode or for which integrity protection has not been activated while in Iu mode, the network need not apply the security procedures for this call.		The same with above.

		3		4.3.2.10.1 PDN connection with integrity protection				Can re-use this with additional note?

		4		4.3.2.10.2 PDN connection without integrity protection		At PS to CS domain change from S1 mode due to SRVCC handover of a PDN connection for emergency bearer services for which the "null integrity protection algorithm" EIA0 has been used while in S1 mode, the MS and the network shall not perform key derivation.		emergency vSRVCC needed?

		5		4.5.1.8 MM connection establishment due to SRVCC handover		An MM connection can be established locally in the MS due to an SRVCC handover (see 3GPP TS 23.216 [126]), i.e. without dedicated MM signalling. That is the case when the MS has a voice media stream carried over the PS domain that is handed over to the CS domain in A/Gb mode or Iu mode via SRVCC.
An MS in MM state MM IDLE shall establish the MM connection locally when it receives an indication from lower layers that a SRVCC handover was completed successfully.
After completing MM connection establishment, MM layer shall indicate "MM connection establishment due to SRVCC handover" to upper layer and shall enter state MM CONNECTION ACTIVE.		At lease for vSRVCC, right now GERAN is not target RAT. (S1->Iu is only use case)

		6		4.7.5 Routing area updating procedure		indicating to the network that the mobile station classmark 2, mobile station classmark 3 or the supported codecs have changed for a MS supporting SRVCC; or		This is for normal SRVCC. Do we need to change something for vSRVCC?

		7		4.7.5.1 Normal and periodic routing area updating procedure		when the MS supports SRVCC and changes the mobile station classmark 2, mobile station classmark 3 or the supported codecs;		The same with above.

		8		4.7.5.2.1 Combined routing area updating procedure initiation		when the MS supports SRVCC and changes the mobile station classmark 2, mobile station classmark 3 or the supported codecs;		The same with above.

		9		5.2.4 Call establishment for SRVCC
(5.2.4.1,5.2.4.2,5.2.4.3)				Something new better added?

		10		6.1.3.5a.3 Notification procedure in the MS		When the MS receives a NOTIFICATION message, the SM protocol entity in the MS shall provide the notification indicator to the upper layer.
The notification indicator can have the following value:
#1:  SRVCC handover cancelled, IMS session re-establishment required		Because vSRVCC is only applicable in S1->Iu, so there is no chance that Notification procedure run for vSRVCC case?

		11		9.4.1 Attach request		9.4.1.6 Mobile station classmark 2
This IE shall be included if the MS supports SRVCC to GERAN or UTRAN.
9.4.1.7 Mobile station classmark 3
This IE shall be included if the MS supports SRVCC to GERAN.
9.4.1.8 Supported Codecs
This IE shall be included if the MS supports SRVCC to GERAN or UTRAN to indicate its supported speech codecs for CS speech calls.		The reason why GPRS Attach message includes parameters (MS classmark2,3, supported codecs) is that Iu->A/Gb, Iu-Iu SRVCC is allowed.
But what we are discussing is vSRVCC and vSRVCC takes place only for S1->Iu.
So no need to change this.

		12		9.4.14 Routing area update request		9.4.14.13 Mobile station classmark 2
This IE shall be included if the MS supports SRVCC to GERAN or UTRAN.
9.4.14.14 Mobile station classmark 3
This IE shall be included if the MS supports SRVCC to GERAN.
9.4.14.15 Supported Codecs
This IE shall be included if the MS supports SRVCC to GERAN or UTRAN to indicate its supported speech codecs for CS speech calls.		The same with above.

		13		10.5.5.12 MS network capability		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		New Indicator for vSRVCC is needed.
Dependancy for SRVCC capability shall be discussed. 
For example, if vSRVCC capability is on, then SRVCC capability is always ON also.

		14		10.5.6.18 Notification indicator		cause for IMS session re-establishment due to SRVCC cancel		New cause for vSRVCC needed or not?
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23009

		

		No.		Existing section		Existing text		Consideration		Note

		1		1 Scope		For the circuit switched handover functionality related to SRVCC, it is based on the service requirements in 3GPP TS 23.216 [26].


The MSC Server enhanced for SRVCC as specified in 3GPP TS 23.216 [26] follows the procedures defined for 3G_MSC-A in the present specification with the exceptions and additions as specified in subclause 4.5.		Do we need to add something special for vSRVCC?

		2		3.1 Abbreviations		STN-SR Session Transfer Number for SR-VCC		The same with above

		3		4.5 MSC Server enhanced for SRVCC		Many places using "SRVCC"		The same with above.
One concern, if we do not say anything about vSRVCC, then it leads to mis-understanding of the reader.
So at least, some clarification is essential like, this is also applicable for voice+video SRVCC case also.
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24237

		

		No.		Existing section		Existing text		Consideration		Note

		1		3.2 Abbreviations		E-SR-VCC Emergency Single Radio Voice Call Continuity

SR-VCC Single Radio VCC

		2		5.4 MSC server

		3		6.3.2 Triggers for the SCC AS providing information to ATCF		The SCC AS shall determine that SRVCC is usable for the UE if the UE SRVCC Capability (see 3GPP TS 29.328 [6]) of the UE 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]).
When the SCC AS becomes aware of new such contact address (or new such registration flow, if multiple registration mechanism is used) and SRVCC is usable for the UE, the SCC AS shall provide the SRVCC related information to the related ATCF as described in subclause 6.3.3.
When the SCC AS becomes aware that UE which registered such contact address (or such registration flow, if multiple registration mechanism is used):
- and SRVCC was usable for the UE and SRVCC is not usable for the UE now; or
- and SRVCC was not usable for the UE and SRVCC is usable for the UE now;
then the SCC AS shall provide the SRVCC related information to the related ATCF as described in subclause 6.3.3.

		4		6.3.3 SCC AS providing the SRVCC related information to the ATCF

		5		6.5.1 Distinction of requests

		6		6.5.2 Registation related procedures in the ATCF		Editor's note [eSRVCC, CR#0417]: it is FFS whether the ATCF URI for terminating requests and the public service identity where SRVCC infomation are sent can be the same URI or whether two different URIs can be provided

		7		6.5.3 ATCF receiving the SRVCC related information

		8		6A.3.1 SRVCC information bound to the registration		The ATCF shall keep track of existing registrations of the served UEs. Each registration is identified by the P-CSCF Path URI. 
The ATCF shall bind the following information to the registration:
- the S-CSCF Service-Route URI;
- the ATU-STI; and
- the C-MSISDN.
When a registration of a served UE expires or is deregistered, the ATCF can remove any SRVCC information bound to the registration.		What is SRVCC information?

		9		7.2.1 General		If the SC UE supports single radio PS to CS access transfer for calls in alerting state, the SC UE shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Contact header field of the SIP INVITE request.		vSRVCC is independent with aSRVCC?

		10		7.3.2 Call origination procedures at the SCC AS		3. the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the MSC Server assisted mid-call feature;

1. the SCC AS supports SRVCC for calls in alerting phase according to operator policy;

3. the SCC AS is aware that all MSC servers in the network where the UE is registered which can be involved in SRVCC procedures support the SRVCC for calls in alerting phase;		The description here is related to aSRVCC. Any consideration needed for aSRVCC?

		11		7.5.2 Call origination procedures in the ATCF		if the latest SRVCC related information (as defined in subclause 6A.3.1) received for the IMS registration with the S-CSCF Service-Route URI matching the URI in the most bottom Route header field of the originating SIP INVITE request contain ATU-STI and C-MSISDN:

		12		8.2 SC UE		1a) If the SC UE supports single radio PS to CS access transfer for calls in alerting state, and the receiving SIP INVITE request includes g.3gpp.srvcc-alerting feature tag as described in annex C in the Contact header field, the SC UE shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Contact header field of the SIP 180 (Ringing) response to the SIP INVITE request.		aSRVCC related

		13		8.3.2 Call termination procedures in the SCC AS		2. the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the MSC Server assisted mid-call feature;

1. the SCC AS supports SRVCC for calls in alerting phase according to operator policy; and
2. the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support SRVCC for calls in alerting phase;

If the SCC AS supports SRVCC for calls in alerting phase according to operator policy, the SCC AS shall remove the g.3gpp.srvcc-alerting media feature tag as described in annex C from SIP 1xx and 2xx responses to the SIP INVITE request due to terminating filter criteria before forwarding the SIP 1xx and 2xx responses towards the remote UE.		aSRVCC related

		14		8.4.2 Call termination procedures in the ATCF		1) if the latest SRVCC related information (as defined in subclause 6A.3.1) received for the IMS registration with the P-CSCF Path URI matching the URI in the most bottom Route header field of the originating SIP INVITE request contain ATU-STI and C-MSISDN:		aSRVCC related

		15		9.3.2A SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature		the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the MSC Server assisted mid-call feature.		aSRVCC related

		16		9.3.4 SCC AS procedures for CS to PS access transfer with MSC server assisted mid-call feature		the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the MSC Server assisted mid-call feature.		aSRVCC related

		17		10.3.3 Additional SCC AS procedures for PS to PS access transfer when MSC server assisted mid-call feature is supported		3. the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the MSC Server assisted mid-call feature;		aSRVCC related

		18		12.1 Introduction		This clause specifies the procedures for PS-CS access transfer in Single Radio VCC. Procedures are specified for the SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-CS access transfer in SR-VCC is only possible when SC is enabled, the UE is active in a single session with full-duplex speech i.e. support of session transfer with more than one session containing full-duplex speech component is not provided.
In order to fulfil the requirements for PS-CS access transfer in SR-VCC for calls in alerting state, the SC UE needs to be engaged in a session in early dialog state according to the following conditions before SR-VCC access transfer is performed:		general description on PS-CS transfer in SRVCC. Also includes description on aSRVCC case.

		19		12.2.1 General		The SC UE may be engaged in one or more ongoing sessions before SR-VCC access transfer is performed. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

		20		12.2.2 ICS-based		SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

NOTE: Within SR-VCC the handover is performed on PS level. Due to this, the SIP dialog established over the source PS access network stays the same after SR-VCC procedures, e.g. the IP address of the UE, the Call-ID, the P-CSCF do not change. Therefore in this case a re-INVITE needs to be sent to add ICS-control for the CS bearer.

		21		12.2.3 Not based on ICS		After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if the SC UE is not using ICS capabilities and the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 12.2.3A, the SC UE shall replace the most recently active PS audio session with the newly established CS voice call.

SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

		22		12.2.3A Not based on ICS with MSC Server assisted mid-call feature		After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if:

		23		12.2.3B.1 General

		24		12.2.3B.1A Considerations for MSC server assisted mid-call feature

		25		12.2.4.1 Confirmed dialog		receives a SM NOTIFICATION message containing an "SRVCC handover cancelled, IMS session re-establishment required" as described in 3GPP TS 24.008 [8] or 3GPP TS 24.301 [52] depending on the access in use; or		Handover cancel

		26		12.2.4.2 Early dialog		receives a SM NOTIFICATION message containing an "SRVCC handover cancelled, IMS session re-establishment required" as described in 3GPP TS 24.008 [8] or 3GPP TS 24.301 [52] depending on the access in use; or		Handover cancel

		27		12.3.1 SCC AS procedures for PS to CS access transfer, SR-VCC		The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

if the SCC AS supports SRVCC for calls in alerting phase than follow the PS-CS access transfer procedures specified in subclause 12.3.4 for the session with active full duplex speech component and the related dialog is in early state.

		28		12.3.2 SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC		If the SCC AS also supports SRVCC for calls in alerting phase then after finishing the procedures of this subclause, the SCC AS shall perform the procedures in subclause 12.3.4.

		29		12.3.3.1 SR-VCC cancelled by MME/SGSN or failure by UE to transition to CS domain for ongoing session		NOTE:  The SCC AS assigns an operator specific timer to delay the release of the Source Access Leg for SR-VCC access transfer.

		30		12.3.3.1A SR-VCC cancelled by MME/SGSN or failure by UE to transition to CS domain for session in early dialog state

		31		12.3.3.2 P-CSCF releasing the source access leg during SR-VCC

		32		12.3.4 SCC AS procedures for PS to CS access transfer when call is in alerting phase		Editor’s Note: [TEI10] It is currently not decided yet as to whether SRVCC in alerting phase can be supported as a standalone feature or whether in addition to the procedures specified in this subclause it requires support for MSC-server-assisted mid call feature. Based on that decision, the documentation in subclause 12.3.4 may need to be restructured so that it is only applicable as part of the MSC-server-assisted-mid-call feature.

		33		12.3.4.1 General

		34		12.3.4.2 SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using SRVCC procedure		NOTE 2: Delaying the SIP CANCEL request as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.

		35		12.3.4.3 SCC AS procedures for PS to CS access transfer for originating call in alerting phase using SRVCC procedure		NOTE: Delaying the SIP 404 (Not Found) response as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.

		36		12.3.4.4 SCC AS procedures for PS to CS access transfer of waiting call		A. the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of an early dialog supporting the SRVCC transferable session of the SC UE;

		37		12.3.5 SCC AS procedures for PS to CS access transfer: SRVCC enhancement using ATCF		A) determine transferable session set which are all the SRVCC transferable sessions of the SC UE whose private user identity is associated with Correlation MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to ATU-STI;
Editor's note [eSRVCC, CR#0435]: the term SRVCC transferable session is to be defined.

		38		12.4 MSC server enhanced for ICS		When an MSC server enhanced for ICS supporting SRVCC receives an indication for a session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for ICS shall initiate a SIP INVITE request and shall:

		39		12.4.1 MSC server enhanced for ICS procedures for PS to CS access transfer for alerting calls		The MSC Server shall perform the procedures described in subclause 12.6.3 for the MSC server enhanced for SRVCC using SIP interface.

		40		12.4A MSC server assisted mid-call feature		NOTE 1: The MSC server assisted mid-call feature can only be supported by an MSC server enhanced for ICS (subclause 12.4) or an MSC server enhanced for SRVCC using SIP interface (subclause 12.6.1).

NOTE 3: For an MSC server enhanced for SRVCC using SIP interface, following access transfer, the procedures for the handling of transferred conference participants are implementation dependent.

		41		12.5.1 EATF procedures for PS to CS session continuity, E-SR-VCC		The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality for E-SR-VCC:		related to emergency SRVCC. Relationship between vSRVCC and E-SRVCC shall be made.
Normaly, people will place a call using audio. Any use-case that people use also video in emergency case?

		42		12.6.1 Session transfer from MSC server enhanced for SRVCC using SIP interface		When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

If the MSC server enhanced for SRVCC using SIP interface supports the MSC server assisted mid-call feature then in addition to the procedures in this subclause it shall apply the procedures defined in subclause 12.4a.

		43		12.6.2 Emergency session transfer from MSC server enhanced for SRVCC using SIP interface		When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer for an emergency session as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

		44		12.6.3 MSC server enhanced for SRVCC using SIP interface procedures for PS to CS access transfer for alerting calls				aSRVCC related

		45		12.7.2.1 General		1) determine transferable session set which are all the SRVCC transferable sessions associated with C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and
Editor's note (WID eSRVCC): it is FFS how to determine whether a session is SRVCC transferable session.

		46		A.3.3 Signalling flows for registration with SRVCC enhancements

		47		A.4.2 Session origination with SRVCC enhancements

		48		A.15.4 PS to CS access transfer with MSC server assisted mid-call feature with an incoming waiting call in alerting phase				aSRVCC related

		49		A.16.1 Introduction		The signalling flows for SRVCC session transfer for IMS emergency session demonstrate how an IMS emergency session is transferred from PS network to CS network using SRVCC procedure. The following signalling flow is included:
- subclause A.16.2 shows an example when a UE initiating an emergency session in IMS for the case that the UE is not in limited service mode ;and 
- subclause A.16.3 shows an example when the emergency session need to transfer from PS to CS using SRVCC procedure for the case that the UE is not in limited service mode.		emergency SRVCC

		50		A.16.3 Session transfer for emergency session using SRVCC procedure: PS-CS

		51		A.17.1 Introduction

		52		A.17.2 Session transfer for incoming call is in alerting phase using SRVCC procedure: PS to CS

		53		A.17.3 Session transfer for originating call is in alerting phase using SRVCC procedure: PS to CS

		54		A.17.4 User answers in PS domain; Handover to CS successful

		55		A.17.5 User answers in PS domain; Handover to CS not successful

		56		A.17.6 Session transfer for originating call is in alerting phase with forked responses using SRVCC procedure: PS to CS

		57		A.18 Signalling flows for PS to CS Access Transfer: SRVCC enhancements using ATCF

		58		C.1 General

		59		D.2 state-and-event-info XML schema

		60		D.3 SRVCC enhancement releated XML schema

		61		E.2 INFO package for transfer of state-and-event info
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