Page 4
Draft prETS 300 ???: Month YYYY


3GPP TSG-RAN WG2 Meeting #95 
R2-165508
Gothenburg, Sweden, 22nd – 26th August 2016
Agenda Item:
8.3.3
Source: 
Huawei  (Rapporteur)
Title:  
Report and summary of email discussion [94#33][LTE/eVoLTE] Identify the potential problems from signalling aspect (Huawei)
Document for:
Discussion
1 Introduction
In last RAN2 meeting, RAN2 had short discussion on [1], and agreed to continue the official email discussion to address the issues and agreed views for the TR:
[94#33][LTE/eVoLTE] (Huawei)


Continue the email discussion until next meeting.


Use the observations and report we have achieved in R2-164263.

Intended outcome: Try to address the requirements and agreed views into the TR.


Deadline: Thursday 04/08/2016

We plan to have two phases email discussion:

Phase 1: discuss open issues, by the end of July 28;

Phase 2: capture agreed view into TR, by the end of Aug 4;

This contribution summarizes the outcome of this email discussion.
2 Discussion
In [1], we discussed three issues on VoLTE/video enhancements to improve access and signalling. Based on the company views in [1], we have following statements and questions:
Topic 1: prioritize the access of Voice/Video call:

Statement on prioritization of voice call:
In network congestion situation (maximum connected user number or radio condition, etc), the operators may want to allow Voice/Video access, but not allow other services. It is beneficial to prioritize the MO/MT Voice/Video access for some deployments.
Regarding the access of Voice call:

· MO voice call: one new cause value “mo-VoiceCall-v1280” was introduced from rel-12 for “mobile originating MMTEL voice calls”;
· MT voice call: suitable network implementation can handle the access of MT VoLTE call well, e.g. by paging priority.
In view of above there is no need for additional mechanisms for prioritization of MO/MT voice call access.
Question 1: Do companies agree with above statement?
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSilicon
	
	For MO voice call, existing solution is sufficient. 
For MT voice cal, we would like to have cause value for it, but we could accept to leave it to suitable network implementation.  

	Ericsson
	Yes
	

	Kyocera
	Yes
	

	Intel
	Yes
	Our understanding is that if any prioritization of MT call needs to be done, this would be done by MME.

	Panasonic
	Yes
	

	ZTE
	Yes
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	There are fewer standardized solutions for MT voice call handling, but we share the opinion that suitable implementation can serve a solution.

	
	
	


Proposal 1: agree and capture Statement on prioritization of voice call in the TR.
Statement on prioritization of MO Video call:
· There are following options for prioritizing the access of MO Video call:

· Option 1: reuse MO voice cause value in MSG3 for MO video call; Some clarifications are needed in RAN2 and CT1 if MO voice cause value for MO video call can be allowed.
Pros: no ASN.1 impact;

Cons: cannot distinguish access for Voice and Video in AS;

· Option 2: introduce one new cause value for MO video call, e.g. in MSG3 or MSG5; Some clarifications are needed in RAN2/CT1 and SA2 on the usage of MO video call value.
Pros: can distinguish access for Voice and Video in AS;

Cons: ASN.1 impact;

Question 2: which option do companies prefer?
	Company 
	

	
	Option1 or 2?
	Remark

	Huawei, HiSilicon
	Option 2
	Since the load/cost contributed by Voice is different from the Video, we prefer to give the network the means to distinguish the access of Voice and Video. How to distinguish it, e.g. in MSG3 or MSG5 can be discussed in WID stage.

	Ericsson
	Option 1
	The use of option 1 or 2 depends on how an operator will position the video call service. If setting up a voice call is prerequisite for setting up the video call, prioritization of voice calls during connection establishment, e.g. via establishment cause, would be enough. One can also assume that that a video call may be “downgraded” on the application level to a voice-only call in case there are no system resources available for providing the video component in the call. Due to lack of use case description for when it is desirable to prioritize voice and video calls, we are currently not in favour of introducing a new MO cause value.

	Kyocera
	Option 1
	Option 1 is sufficient, as we don’t think the need to support MO video call is really needed if the UE will likely establish a voice call first.

	Intel
	Option 1
	If companies want to prioritize MO video call, we have slightly preference to treat it with the same establishment cause for video and voice call. Moreover, SA1 and CT1's input might be desirable before taking a final decision on the need for this new requirement as well as the preferred solution space.

	Panasonic
	Option 1
	We share the same view with Ericsson.

	ZTE
	No strong view
	From the NAS as specified in 24.301, it seems that we have “originating MMTEL video” for the establishment cause.

	Nokia, Alcatel-Lucent Shanghai Bell
	Option 1
	We share the Ericsson’s understanding. I.e. IMS requirements for video call origin from the assumption that video session is established on top of a default/voice service. If a bearer for voice is established at first, MO video cause might not bring a remedy in congestion. See also Q5, where MO voice cause value seems to be agreeably considered as sufficient priority mechanism.

	
	
	


Based on the discussion, seems most companies prefer option 1, therefore, we propose:

Proposal 2: capture Statement on prioritization of voice video in the TR, and agree option 1 as the solution for prioritization of voice video. 

Statement on prioritization of MT Video call:
· Further discussion is needed whether the same solution as MT voice call can be used, i.e. whether suitable network implementation can handle the access of MT Video call, e.g. by paging priority.
Question 3: Do companies agree that the suitable network implementation can handle the access of MT Video calls, e.g. by paging priority? If not, please describe the solution you prefer.
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSilicon
	
	Prefer the same way as MT voice call as we expressed in question 1.

	Ericsson
	Yes
	

	Kyocera
	Yes
	We can leave it to network implementation.  In case of congestion, the network can always choose not to page the UE for MT video call.  This is perhaps more critical than the control for MT voice call due to the high-BW requirements of video calls. 

	Intel
	Yes
	Our understanding is that existing mechanism can be reused (considering also that enhancements on these areas are already under discussion by SA2/CT1).

	Panasonic
	Yes
	

	ZTE
	Yes
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	We also believe network implementation can handle appropriate prioritization, depending on specific overload situations. 


	
	
	


Proposal 3: prioritization of MT video call can be handled by suitable network implementation. 

Topic 2: Prioritize the signalling of VoLTE:

In [1], prioritization of SIP signalling for VoLTE was discussed. There are two scenarios:
Statement on scenario 1: 
· Option 1: Prioritize the SIP signalling of VoLTE from other SIP signalling, e.g. SMS and RCS; 
· Option 2: No strong need is identified to distinguish the usage of SIP signalling;
Question 4: which option do companies prefer?
	Company 
	

	
	Option1 or 2?
	Remark

	Huawei, HiSilicon
	Option 1
	We see the motivation to enhance the handling on SIP signalling for VoLTE, i.e. option 1. 

	Ericsson
	Option 2
	Prioritization of traffic on the default IMS bearer (e.g. SIP call control signalling vs other traffic for IMS services) are best handled by the application layer of the existing RAN and EPC network.

	Kyocera
	Option 1
	It is reasonable to consider ways to prioritize SIP signaling associated with VoLTE to prevent call failures.

	Intel
	Option 2
	

	Panasonic
	Option 2
	We are not so sure how beneficial it is to distinguish the usage of SIP signaling. We prefer Option 2 as use case is unclear.

	ZTE
	No strong view
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Option 2
	Handling distinguished signaling for different IMS services go beyond RAN2 expertise and we should no consult relevant groups in this context.

	
	
	


Proposal 4: No strong need is identified to distinguish the usage of SIP signalling. 

Statement on scenario 2: prioritize the SIP signalling for VoLTE call setup procedure.  

For initial VoLTE call setup in IDLE mode, the UE should indicate “MO Voice” cause value; SIP signalling is already prioritised. 
For initial VoLTE call setup in connected mode, SR/BSR will be used to indicate the data available if there is no UL grant. However, the SR/BSR signalling can be handled by eNB with existing legacy scheduling prioritization mechanism. 

Question 5: Do companies agree with statement above?
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSilicon
	Yes
	If the network always guarantees the high priority for SR, and if SIP signalling can have different LCG from other services, then the network can identify the SIP signalling in BSR. That is suitable network implementation can handle it. 

	Ericsson
	Yes
	The MO Voice cause shall only be used for SIP call setup signalling and not for other IMS traffic. In connected mode, this can be handled by the existing legacy scheduling mechanism.

	Kyocera
	Yes 
	

	Intel 
	Yes
	

	Panasonic
	Yes
	

	ZTE
	Yes
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	We agree that for initial VoLTE call setup, the UE indicates MO voice cause and SIP is already prioritized. Connected UEs are also handled by the existing mechanisms 

	
	
	


Proposal 5: existing solution or suitable network implementation can prioritize the SIP signalling for VoLTE call setup procedure. 

Topic 3: Mobility issues:

Three mobility scenarios were discussed in [1], based on companies views, we have following statements and questions:
Statement on scenario 1: When an IMS voice call for the terminating UE is under establishment or established, and the terminating UE moves to 2G/3G which cannot support IMS voice, the terminating UE may be kept in LTE if SRVCC cannot be triggered in 2G/3G or the calling UE may redial to establish the IMS voice call.
Question 6: Do companies agree with the statement on scenario 1?
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSIlicon
	Yes
	Scenario 1 can be handled by suitable network implementation or UE error handling, seems no enhancement is needed.

	Ericsson
	Yes
	We agree that existing SRVCC mechanism or CSFB can address the problem. No further need for any RAN enhancement.

	Kyocera
	Yes
	

	Intel
	Yes
	We share the view that RAN enhancements are not needed and enhancements could be considered as UE implementation.

	Panasonic
	Yes
	Currently SA2 studies similar issue in RoVoLTE SI. RAN enhancement will not be necessary unless SA2 requires.

	ZTE
	Yes
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	

	
	
	


Proposal 6: agree and capture Statement on scenario 1 in the TR.
Statement on scenario 2: During an ongoing call, as part of intra-LTE handover the UE may be moved by source eNB from a tracking area with IMS voice support to a tracking area without IMS support.  For such situations, if the persistent EPS bearer is established, the UE shall keep the call or multi-media session and delay subsequent NAS actions (related to disabling the E-UTRAN capability and performing inter-system change, as indicated in 24.301) until the persistent bearer  is normally or abnormally released as agreed in [2].
Question 7: Do companies agree with the statement on scenario 2?
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSilicon
	Yes
	The issue has been discussed in CT1, and concluded that “if the multi-media bearer is available, the UE shall keep the call or multi-media session and delay subsequent NAS actions until the bearers are normally or abnormally released”. No additional enhancement is needed. 

	Ericsson
	Yes
	

	Kyocera
	Yes
	

	Intel
	Yes (with suggested clarification changes)
	Latest CT1 final agreements used the terminology of “persistent EPS bearer context” (in relation to QC1) which should also be referred by us when defining this scenario 2 instead of multi-media bear. Therefore we suggest considering the following changes shown in red: 
"For such situations, if the persistent EPS multi-media bearer is available, the UE shall keep the call or multi-media session and delay subsequent NAS actions (related to disabling the E-UTRAN capability and performing inter-system change, as indicated in 24.301) until the bearers are normally or abnormally released as agreed in [2]."

	Panasonic
	Yes
	

	ZTE
	Yes
	

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	

	
	
	


Proposal 7: agree and capture Statement on scenario 2 in the TR.
Statement on scenario 3:
One frequency is used as coverage layer, and supports VoLTE; another frequency is only used as throughput layer, and does not support VoLTE. The UE suffers RLF on coverage layer when VoLTE call is ongoing, and performs reestablishment on throughput layer. The final reestablishment of the VoLTE call on coverage layer results in increase of the interruption time and call setup delay as well. Since this scenario is only caused by specific deployment in one region, it does not need to be addressed in this study.
Question 8: Do companies agree with the statement on scenario 3?
	Company 
	

	
	Yes or no
	Remark

	Huawei, HiSilicon
	Yes
	The scenario is only happen for specific deployment, it can be solved by avoiding such deployment, and no enhancement is needed.

	Ericsson
	Yes
	It would be good to find out how common such scenarios are, where “throughput layers” for which VoLTE service is not supported, and whether this is up to operators’ deployment strategy. This can be addressed in a separate study.

	Intel
	Yes
	

	Panasonic
	Conditional Yes
	If some operators in the region want to study, it may need to be studied.

	Nokia, Alcatel-Lucent Shanghai Bell
	Yes
	More details on the scenario would be needed to properly assess the problem, if needed.

	
	
	

	
	
	


Proposal 8: agree and capture Statement on scenario 3 in the TR.
3 Summary
In this email discussion, we discussed signalling optimization related issues, and based on the input from companies, we have following proposals:

Proposal 1: agree and capture Statement on prioritization of voice call in the TR.
Proposal 2: capture Statement on prioritization of voice video in the TR, and agree option 1 as the solution for prioritization of voice video. 

Proposal 3: prioritization of MT video call can be handled by suitable network implementation. 

Proposal 4: No strong need is identified to distinguish the usage of SIP signalling. 
Proposal 5: existing solution or suitable network implementation can prioritize the SIP signalling for VoLTE call setup procedure. 

Proposal 6: agree and capture Statement on scenario 1 in the TR.
Proposal 7: agree and capture Statement on scenario 2 in the TR.
Proposal 8: agree and capture Statement on scenario 3 in the TR.
Proposal on WID stage:

According to the study, following aspects can be further discussed/solved in WID stage:
Prioritization of MO Video call:
· Option 1: use MO voice cause value in MSG3 for MO video calls; In WID stage, additional clarifications are needed in RAN2 and CT1.
4 Text proposal for the TR
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VoLTE/video enhancements to improve access and signalling
6.1
Identified problems of existing mechanisms
This section describes the potential issues/scenarios discussed in this study.
6.1.1
Prioritise the access of Voice/Video call
In case of network congestion (e.g. maximum number of users that can be connected, poor radio conditions, etc), an operator may want to allow Voice/Video access, but not any other services. It may be beneficial to prioritise Voice/Video access in such cases.
6.1.2
Prioritise the signalling of Voice/Video call

During the study, the following scenarios have been discussed:
Scenario 1: Voice/Video call, SMS and RCS may all use SIP signalling, so the eNB has no idea about what is the purpose of the SIP signalling. In congestion conditions, it may be beneficial for the network to handle SIP signalling for Voice/video with higher priority than the SIP signalling for SMS and RCS.
However, during the study, it is unclear whether SMS or RCS blocking the SIP signalling for voice/video is a frequent scenario. 
Scenario 2: For uplink transmission, if there is no UL resources, the UE will send SR first, and then BSR. Based on the current mechanism, the eNB cannot know whether SR/BSR is for voice/video SIP signalling.
During the study, RAN agreed:

For initial voice call setup in IDLE mode, the UE shall indicate “MO Voice” cause value; SIP signalling is already prioritised. 

For initial voice call setup in connected mode, SR/BSR is used to indicate that the data is available if there is no UL grant. However, SR/BSR signalling can be handled by eNB with the existing legacy scheduling prioritization mechanism, i.e. this can be handled with a suitable network implementation.
6.1.3
Mobility related issues
During the study, following scenarios have been discussed:

Scenario 1: When an IMS voice call for the terminating UE is under establishment or established, and the terminating UE moves to 2G/3G which cannot support IMS voice. 

For this scenario, the terminating UE may be kept in LTE if SRVCC or CSFB cannot be triggered in 2G/3G or the calling UE may redial to establish the IMS voice call.
Scenario 2: During an ongoing call, as part of intra-LTE handover the UE may be moved by source eNB from a tracking area with IMS voice support to a tracking area without IMS support. 
This scenario has been discussed in CT1 and it was agreed that if the persistent EPS bearer is established, the UE shall keep the call or multi-media session and delay subsequent NAS actions (related to disabling the E-UTRAN capability and performing inter-system change, as indicated in [x] until the persistent EPS bearer is normally or abnormally released;
Scenario 3: One frequency is used as coverage layer, and supports VoLTE; another frequency is only used as throughput layer, and does not support VoLTE. The UE suffers RLF on coverage layer when VoLTE call is ongoing, and performs reestablishment on throughput layer. The final reestablishment of the VoLTE call on coverage layer results in increase of the interruption time and call setup delay as well. 
Since this scenario is only caused by specific deployment in one region, it does not need to be addressed in this study;
6.2
Potential solutions
6.2.1
Prioritise the access of Voice/Video call

Regarding the access of Voice call:

-
MO voice call: RRC establishment cause value “mo-VoiceCall-v1280” was introduced from rel-12 for “mobile originating MMTEL voice calls”;

-
MT voice call: suitable network implementation can handle the access of MT VoLTE call, e.g. by paging priority as:

-
The MME needs to identify the MT call, and only marks the paging for VoLTE as high priority;
-
In congestion situation, the eNB may only send high priority paging;
-
The consequence is that all MT accesses are for VoLTE;
In view of above there is no need for additional mechanisms for prioritisation of MO/MT voice call access.

Regarding the access of Video call:
-
The following options have been considered for prioritizing the access of MO Video calls:

Option 1: use MO voice cause value in MSG3 for MO video calls; Some clarifications are needed in RAN2 and CT1 if MO voice cause value for MO video call can be allowed.
Pros: no ASN.1 impact;

Cons: cannot distinguish access for Voice and Video in AS;

Option 2: introduce a new cause value for MO video call, e.g. in MSG3 or MSG5; Some clarifications are needed in CT1 and SA1 on the usage of MO video call value.
Pros: can distinguish access for Voice and Video in AS;

Cons: ASN.1 impact;
-
MT video call: suitable network implementation can handle the access of MT Video call, e.g. by paging priority.
6.3
Evaluations and Conclusions
During the study of the signalling enhancement, following conclusions were achieved:
Prioritisation of the access for Voice/Video call:
-
MO/MT voice call and MT video call: these can be handled with the existing solutions and a suitable network implementation;

-  MO video call: use MO voice cause value in MSG3 for MO video calls. Additional clarifications in RAN2 and CT1 are needed;
Prioritisation of the signalling for Voice/Video calls
-
Prioritisation of SIP signalling: no additional work is identified;
Enhancements on mobility related issues: 
-
Scenarios 1-2 described in 6.1.3: these can be handled with the existing solutions and a suitable network implementation;

-  Scenario 3 described in 6.1.3: it does not need to be addressed in this study;
Editor’s note: RAN3 conclusion on redirection will be captured later;
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Conclusions and Recommendations
Regarding the signalling optimization, based on the discussion in the study item, following aspects can be further study and solved in WID stage:
Prioritization of MO Video call:

· Use MO voice cause value in MSG3 for MO video calls; In WID stage, additional clarifications are needed in RAN2 and CT1.
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