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1
Introduction

The content of this document is identical to R2-081847 which was submitted to RAN2#61bis, except that section 2.1 is added. Section 2.1 studies the issue of HFN de-synchronization in relation to the proposal to allocate PDCP SN to PDCP SDUs discarded before being mapped to RLC PDUs, which was raised as a possible concern during the discussion related to R2-081847 during RAN2#61bis.
In operator networks, call admission control (CAC) must be executed according to the congestion level in a cell. How the congestion level should be estimated depends on the Quality of Service (QoS). For example, the congestion level for best effort services would be estimated based on the ratio of users who could not achieve the minimum target rate, and for real time services, such as conversational voice and video, would be estimated based on the ratio of users who could not achieve the minimum requirements on the packet delivery delay / packet loss rate. The congestion level for both the DL and UL need to be taken into account.

This contribution proposes information to assist CAC for real time services could be obtained by the LTE UL scheduler at the eNB.
2
Discussion

The QoS of real time services is based on the packet delivery delay / packet loss rate, i.e. the congestion level for real time services could be estimated based on the SDU sojourn time or the SDU discard rate. eNB can be aware of them for the DL, but may not completely be aware of them for the UL. The UL buffer status reports may be used for this purpose, but it would be difficult to estimate them accurately as the granularity of UL buffer status report may not be adequate and packet sizes will be different depending on the header compression states. It is noted that since target packet loss rates are quite low (i.e. in the order of 10^-2 to 10^-3 for conversational voice/video), not being able to detect one packet loss affects the estimate of the packet loss rate greatly (e.g. if 1 out of 100 SDUs are discareded, the actual packet error rate is 1%, but if this single occasion of SDU discard is not detected, the eNB will assume that the packet error rate is 0%).
To address this issue the following options are considered:

· Option A. Detecting PDCP SN discontinuity
If PDCP SN is also allocated for discarded PDCP SDUs, the eNB can easily determine the SDU discard rate by detecting PDCP SN gaps. If this approach could be agreed, such UE behaviour should be specified. It is noted that few gaps in the PDCP SN will not result in HFN de-synchronization.
· Option B. Define UE measurement reports on the SDU discard rate or sojourn time
The eNB can estimate the congestion level more directly using this approach. A drawback is that this approach introduces reporting overhead, but it could be mitigated by introducing parameters such as “Time to trigger” and “Pending time after trigger”.
We slightly prefer Option A because it would be simpler.
Proposal:
Some mechanism to support detecting the UL SDU discard rate should be specified (mainly for services mapped on RLC UM). It is proposed for RAN2 to discuss the Option A and Option B raised in this document among with other possible solutions in order to provide accurate means for the eNB to estimate UL SDU discard rates.
2.1 HFN de-synchronization related to Option A

When R2-081847 was discussed during RAN2#61bis, some companies raised concerns on the possible negative impact of HFN de-synchronization. This issue is addressed here.

With the current PDCP specification text, the state variable RX_HFN at the receiver is incremented when the receiver receives a PDCP PDU whose PDCP SN is less than the state variable Next_PDCP_RX_SN. This means that only when a whole SN range is lost, there will be de-synchronization. For example, if a 7bit PDCP SN is configured and if Next_PDCP_RX_SN = 5, only when PDCP SN from 5 to 127 and 0 to 4 are lost consecutively, there will be HFN de-synchronization.

This consecutive loss of a whole range of PDCP SN can occur even if Option A is not adopted. Specifically, it will happen if (for a 7bit PDCP SN) 128 consecutive PDCP SDUs mapped to RLC PDUs are lost over the air interface. If Option A is adopted, it can be argued that this probability would increase since also discarded SDUs that are not mapped to RLC PDUs will add to the consecutive PDCP SN loss.

Now, the question is, “how probable is such consecutive loss of a whole range of PDCP SN”?
The question is analyzed for VoIP assuming a 7bit PDCP SN:

Case 1: when radio link problem has not been detected

For VoIP, eNB should be allocating resources (either by dynamic or persistent scheduling) for each/most of the VoIP packets. Then, SDUs should be mapped to RLC PDUs, and there should be little difference in HFN de-synchronization probability on whether or not SN is allocated to discarded SDUs not mapped to RLC PDUs.

Case 1: when radio link problem has been detected

Here, there would be a difference in HFN de-synchronization probability on whether or not SN is allocated to discarded SDUs not mapped to RLC PDUs. But considering that T310 is in the order of few hundred milliseconds, HFN de-synchronization should not really occur. Take T310 of 1 sec for example. This means that 50 RTP packets can be discarded when T310 is running (assuming 20ms inter-packet arrival time) which is way less than the PDCP SN range (128 for 7bit PDCP SN). Note that after T310 expiry, UE performs RRC re-establishment in which case the HFN and PDCP SN is reset to 0 for RLC-UM bearers.

For services such as streaming, similar analysis can be made as above, and it is doubtful if HFN de-sychronization will really be an issue due to adopting Option A. Furthermore, the use of a 12bit PDCP SN will further reduce the probability HFN de-synchronization.

However, if there are concerns that Option A will increase the probability of the consecutive loss of a whole range of PDCP SN, a simple solution would be for the UEs to stop allocating PDCP SNs to discarded SDUs not mapped to RLC PDUs after discarding N consecutive PDCP SDUs (e.g. N could be 1/4 the SN range). This is okay from the viewpoint of SDU error rate estimation required for UL VoIP CAC, since any SDU error rate higher than 10% is already showing bad quality for the VoIP connection.

3
Conclusion
This contribution addressed the necessary features to support reliable CAC for real time services in LTE UL and proposes the following:
Proposal:
Some mechanism to support detecting the UL SDU discard rate should be specified (mainly for services mapped on RLC UM). It is proposed for RAN2 to discuss the Option A and Option B raised in this document among with other possible solutions in order to provide accurate means for the eNB to estimate UL SDU discard rates.


































































