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1.
Introduction

At SA1#65, service requirements under the Smart Congestion Mitigation (SCM) SI were agreed,  specifying that the UE can skip ACB if the attempt from upper layer is for MMTEL voice, MMTEL video or SMS, subject to control from the network. At RAN2#85, RAN2 agreed to adopt ACB skip mechanism as a solution to prioritize MMTEL voice, MMTEL video and SMS, and that the network controls whether the UE shall perform the skipping of ACB by broadcasting new bits in the SIB2. Moreover RAN2 sent CT1 an LS [1] asking CT1 to investigate the necessary changes (if any) as part of Release 12 CT1 specification in order to realize the ACB skip mechanism for MMTEL voice/video and SMS, and to inform RAN2 about CT1’s preferred solution. 
The topic was discussed at CT1#86bis but no consensus was reached on CT1’s preferred solution.The purpose of this document is to further evaluate the possible options in light of the discussion at CT1#86bis as well as the email discussion that followed on the CT1 reflector, and to propose a way forward.
2.
Options evaluation
2.1 Overview
The discussion papers presented during CT1#86bis ([2], [3], [4], [5] and [6]) had in common the fact that CT1 needs to make a decision on the following 4 questions:

1) For MMTEL voice/video and SMSoIP, does the MMTEL layer/SMoIP layer need to provide both a “start call” and a “stop call” indications, or is a single indication sufficient?

2) Should the indication(s) from the MMTEL layer/SMSoIP layer be sent to NAS, or be sent directly to RRC?
3) Which layer determines whether ACB shall be skipped for a particular access attempt, i.e. in which layer do we put the ACB skip “logic”?

4) How to address the scenario in which NAS has been notified by RRC that access is barred because of access class barring, and an attempt for MMTEL voice, MMTEL video or SMS is made? 
During the email discussion on SCM that took place on the CT1 reflector after CT1#86bis, it has been established that the answer to question 1) is: YES, both a “start call” and a “stop call” indications are needed if all re-transmissions scenarios are to be covered (it is to note that this will come at the cost of increased UE complexity). We will therefore consider that question as settled and will not discuss it further in the rest of this paper. Instead we will focus on questions 2), 3) and 4),  describe the possible alternatives for each of them, and compare theirr pros and cons. 
2.2 Should the indications from the MMTEL layer/SMSoIP layer be sent to NAS, or be sent directly to RRC?
In the case of “NAS-based” SMS, the only alternative is for NAS to pass an indication to RRC that the access is for SMS. This can be done via the creation of a new call type in Annex D.1 of TS 24.301, or via the creation of a new indication passed to RRC by NAS when initiating a service request. The former option has the advantage of re-using an existing interface (call type) between NAS and RRC and seems thus preferable (it has already been proposed at CT1#86 in [8]).
Proposal 1: Add a new call type for “NAS-based” SMS to TS 24.301 Annex D.1
In the case of MMTEL voice/video and SMSoIP, there are 2 possible alternatives:

2.a) The MMTEL layer/SMSoIP layer pass the start/stop indications directly to the RRC layer
2.b) The MMTEL layer/SMSoIP layer pass the start/stop indication to the NAS layer, then the NAS layer passes an indication to RRC when initiating a service request
2.a)  has the advantage of not impacting the NAS. However the NAS will need to be impacted anyway to handle the case of “NAS-based” SMS. Moreover, the NAS is already required to be made aware of certain MMTEL call types for instance in the case of an IMS emergency call, or even in the case of a VoLTE call with the introduction of persistent EPS bearer context at CT1#86 [7], so from a UE implementation point view, 2.b) is closer to what is already implemented. Furthermore, 2.b) allows the re-use of existing interface for the interaction between NAS and RRC (call type) and allows a unified handling of calls eligible for ACB skip in NAS.
As result, we propose to use alternative 2.b) with new call types for MMTEL voice, MMTEL video and SMSoIP added to TS 24.301 Annex D.1

Proposal 2: The MMTEL layer/SMSoIP layer pass start/stop indications to the NAS layer.
Proposal 3: Add 3 new call types to TS 24.301 Annex D.1 for, respectively, MMTEL voice, MMTEL video and SMSoIP.

2.3 Which layer determines whether ACB shall be skipped for a particular access attempt?
2 alternatives have been considered in previous discussions:
3.a) The upper layer responsible for initiating the access attempt (ie MMTEL layer for MMTEL voice/video, SMSoIP layer for SMSoIP, or NAS layer for “NAS-based” SMS) determines whether ACB shall be skipped
3.b) The RRC layer determines whether ACB shall be skipped
3.a) requires the upper layer responsible for initiating the access attempt to be aware of the ACB skip info broadcast in the SIB, which means the RRC layer has to pass the info to the upper layer. With 3.b) this is not needed, but RRC needs to be aware of the call type (MMTEL voice/video, SMSoIP or SMS) for the access attempt. 3.a) also requires the ACB skip “logic” to be replicated in multiple entities (MMTEL layer, SMSoIP layer, NAS), which is more complex and more difficult to maintain. In constrast, with 3.b) the ACB skip “logic” is centralized in one place (RRC). Moreover, 3.a) is problematic for the case when the network changes the ACB skip info in the SIB while an access attempt is on-going. Consider for instance the following scenario pointed out by Intel during the email discussion after CT1#86:
1)      The user initiates an MMTEL voice session. The info broadcast in SIB2 by the network at that point indicates “no skip ACB”, i.e. ACB skipping bit for MMTEL voice is NOT set. If alternative 3.a) above is used, this results in the MMTEL layer determining that ACB shall not be skipped.
2)      MMTEL proceeds with session-setup and this results in a trigger to RRC for an RRC connection.
3)      RRC checks ACB in SIBs and is allowed to access the network, so RRC attempts to establish an RRC connection.

4)      The RRC connection is established. User Plane is up and so TCP layer starts sending the packets that make up the SIP INVITE.

5)      In the meantime, congestion is building up. The network starts ACB but also indicates “skip ACB for MMTEL voice” in the SIBs.
6)      The RRC connection is lost (e.g. due to RLF) and RRC connection re-establishment fails (this is before the QCI 1 bearer is established).
7)      NAS-level recovery takes place, so NAS triggers RRC to establish a new RRC connection. This is transparent to the MMTEL layer, so there is no re-evaluation of whether ACB shall be skipped.
8)   RRC checks ACB in SIB, and finds that the UE is access class barred so RRC rejects NAS’s request for an RRC connection. Consequently the MMTEL voice session fails due to access class barring even though the SIB info indicates that ACB should be skipped for MMTEL voice.
As a result, we propose to use alternative 3.b).
Proposal 3: The ACB skip logic is put in the RRC layer.
2.4 How to address the scenario in which NAS has been notified by RRC that access is barred because of access class barring
There are 2 possible alternatives for this, with dependencies on the alternative chosen for question 2):
4.a) If alternative 2.a) above is used (MMTEL layer/SMSoIP layer pass the start/stop indications directly to the RRC layer), RRC can notify NAS that access class barring was lifted when RRC receives an start indication from MMTEL layer/SMSoIP layer
4.b) If alternative 2.b) above is used (MMTEL layer/SMSoIP layer pass the start/stop indication to the NAS layer, then the NAS layer passes an indication to RRC when initiating a service request), NAS can initiate the service request procedure even if it has been notified by RRC that access is barred because of access class barring if the service request is for MMTEL voice/video, SMSoIP or SMS.
4.a) will require changes in RRC but will not require any change to access barring alleviation handling in NAS. 4.b) will impact the NAS but will not require any change to access barring alleviation handling in RRC. With 4.b) a request for an MMTEL voice/video, SMSoIP or SMS will always be passed by NAS to RRC even if access class barring is active and ACB skip is OFF. This is however considered acceptable because it will not result in any OTA signalling, as RRC will not send any connection request in this scenario.
Proposal 4: NAS always initiate the service request procedure for MMTEL voice/video, SMSoIP or SMS, even when it has been notified by RRC that access is barred because of access class barring.
3.
Proposed way foward
As a result of the analysis in the previous section, our proposed way forward to enable SCM is as follows:

· MMTEL layer, resp. SMSoIP layer, sends a “start call”l indication and a “stop call” indication to NAS in case of MMTEL voice or video session, resp. SMSoIP submission.
· 4 new call types are added to TS 24.301 Annex D.1 for MMTEL voice, MMTEL video, SMSoIP and SMS. NAS sets these new call types when initiating a service request based on the indications from upper layers.
· RRC determines whether ACB should be skipped based on the call type received from NAS and on the SIB info.
· NAS always initiates the service request procedure for an MMTEL voice/video session, SMSoIP or SMS, even when it has been notified by RRC that access is barred because of access class barring.
This solution is implemented in CRs C1-141850 (for TS 24.173), C1-141851 (for TS 24.341) and C1-141852 (for TS 24.301). The corresponding call flow for an MMTEL voice session is provided as an example in Annex A.
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Annex A: Example call flow for MMTEL voice session
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