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1. Introduction
For the WI: LTE Carrier Aggregation Enhancement Beyond 5 Carriers, RAN2 made following agreements to support high data rates in the last RAN2 meeting (RAN2#91) [1].
	L2 header extension
L, SOstart, SOend = 16bit
AM RLC SN = 18bit, 16bit, 13bit
UM RLC SN = 18bit, 13bit
PDCP SN = 23bit
R2-153171
L2 enhancements for eCA
SAMSUNG Electronics Co., Ltd.
discussion
Discussion: PDCP SN size
-
Nokia think that if we increase PDCP SN size, it should be informed to other related WGs, e.g. RAN3, CT4. Nokia think increasing PDCP SN to 23 bits are too much. 
=>
Take 23bits PDCP SN as a baseline
=>
Send LS to RAN3, CT4, SA3 to inform that PDCP SN size is increased to 23 bits in R2-153866 (Nokia).
Discussion: L, SOstart, SOend size
=>
16bits L, SOstart, SOend
Discussion: AM RLC SN size
-
Nokia think 16 bits fit to two full bytes, and looks nice for AMD PDU segment.
=>
16bits AM RLC SN
Discussion: UM RLC SN size
-
Samsung think we don’t need to extend UM RLC SN. Huawei, Ericsson think it is good to extend UM RLC as well to cope with multiple HARQ operation. Samsung think UM RLC is mostly used for VoIP, which does not have large amount of data.
=>
The need for extending UM RLC SN size is FFS.


This contribution discusses whether RLC SN should be extended for RLC UM.
2. Discussion
The main (and probably only) use case of RLC UM is conversational services having too strict delay requirements to run ARQ. Hence RLC SN in UM only deals with out-of-sequence reception due to HARQ operation. 

An UM RLC entity is configured by RRC to use either a 5 bit SN or a 10 bit SN. 10 bit SN can handle out-of-sequence reception up to 512 UMD PDUs, which seems more than enough for existing conversational services (e.g. VoLTE or Video telephony).

The problem arises in 10 bit RLC SN only when following occurs;
· While UMD PDU (x) is processed in a HARQ process, UMD PDU (x+y, y > 512) is successfully processed and delivered to the RLC entity.

· After then, UMD PDU (x) is successfully processed and delivered to the RLC entity.
In VoLTE, at most 50 IP packets are generated per second. The e2e delay requirement is usually less than 200 ms. In such traffic pattern and delay requirement, aforementioned case (i.e. UMD PDU (x+512) arrives to RLC entity earlier than UMD PDU (x)) shall not happen. The time distance between UMD PDU (x) and UMD PDU (x+512) is at least 10 second. It does not make sense that transmitter keep trying HARQ retransmissions for 10 seconds especially when its delay requirement is much shorter. 

Video telephony has much higher data rate than VoLTE. Data rate of concurrent video telephony services can be up to 400 kbps. It can be go up to tens of Mbps for high definition codec. But it is unlikely that HDTV like quality is required for video telephony even in the future. 

Except data rate, other QoS requirements and traffic pattern is similar to VoLTE. 20 ~ 30 IP packets are generated per second and e2e delay requirement is shorter than 200 ms. Then the same argument is applicable here. Assuming that one IP packet is mapped to couple of UMD PDUs, out-of-reception more than 512 UMD PDUs is unlikely. The time distance between UMD PDU (x) and UMD PDU (x+512) in video telephony would be shorter than that in VoLTE, but it would still be in the order of seconds. Then performing HARQ retransmission for such long time period does not make sense.
In the light of above discussion, we propose;

Proposa1: To not extend RLC SN for RLC UM.

3. Conclusion
Proposa1: To not extend RLC SN for RLC UM.
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