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Discussion and Decision
1      Introduction
In RAN2#94 meeting, user plane functions were discussed and the agreement was “LTE L2 functions are consider as a baseline for NR. Order, allocation to sublayers, possible merger of functions needs to be considered on a case by case basis.” Following aspects will be studied further.
1 
Study whether a single packet reordering function is possible

2
Study whether segmentation function can be configured (enabled/disabled) to support different services

3
Study whether concatenation function can be moved to lowest L2 sublayer. 

4
Study whether retransmission of PDU segments can be removed (i.e. only complete PDU level retransmission)

In this contribution, we investigate NR user plane architecture.
2      Design goals

In this section, we discuss several design goals for user plane architecture. 
In NR, there is significant increase of peak data rate requirement compared with what can be achieved by LTE today: the target for peak data rate should be 20Gbps for downlink and 10Gbps for uplink [8]. There is also tightened requirement for the processing time. For example for eMBB, the target for user plane latency should be 4ms for UL, and 4ms for DL, where user plane latency is defined as the time it takes to successfully deliver an application layer packet/message from the radio protocol layer 2/3 SDU ingress point to the radio protocol layer 2/3 SDU egress point via the radio interface in both uplink and downlink directions [8]. In RAN1#85 meeting, there were agreements related to processing time as below [9]: 
	· NR design should strive at least to enable the possibility for

· Corresponding acknowledgement reporting shortly (in the order of X µs) after the end of the DL data transmission

· Corresponding uplink data transmission shortly (in the order of Y µs) after reception of UL assignment

· Note: may depend on e.g. UE capability/category, payload size, etc

· FFS: X and Y in the order of a few tens of or hundreds of micro sec is feasible


Although the exact timing requirements is not finazlied, even a few hundres of µs Tx and Rx timing requirement is much shorter compared with LTE (3 ms in case of FDD). Supporting very high peak data rate and very stringent Tx/Rx processing time is a great challenge for implementation. Therefore it is proposed to consider some design goals to fulfill the requirements.
Currently in LTE, encryption and header compression is done offline, i.e. before UL grant. Since these tasks are computation-intensive, it is proposed to keep the current principle in NR.
Design Goal 1: It should be possible to do encryption and header compression offline before UL grant.
In current LTE, upon reception of UL grant, RLC and MAC layer are interacted to finally generate the MAC PDU. To cope with the tight Tx processing requirement, it should be easier for UE to generate the MAC PDU after receving UL grant, compared with LTE.
Design Goal 2: It should be less complicated for UE to generate the MAC PDU after receiving UL grant, compared with LTE.
Deciphering
From layer 2 receiver perspective, deciphering is one of the most computation-intensive tasks. Current LTE has the drawback that PDCP layer needs to handle very large amount of data after receiving an out-of-order packet. This is based on the requirement that RLC provides in-sequence delivery to PDCP layer. If there is a missing RLC PDU, all the successfully received RLC SDUs cannot be passed to PDCP layer for processing e.g. deciphering. After the missing RLC PDU is successfully received, all the in-sequence RLC SDUs are passed to PDCP layer, which incurs high latency due to deciphering. Detailed analysis is shown in Annex A.
Another aspect is regarding PDU segment. Very big IP packet (e.g. super jumbo frame with 64 kbytes) can be transmitted with multiple segments. In current LTE PDCP/RLC design, it is only possible to decipher the 1st segment since PDCP SN (as part of PDCP header) is only transmitted in the 1st segment, from RLC layer perspective. From PDCP layer, deciphering can only be performed after RLC layer re-assembles a PDCP PDU. This may also impose some requirements on Rx processing.
To enable on-the-fly deciphering of PDU (including PDU segments), following is required:

· There is no reordering delay in layers lower than the layer performing security (e.g. PDCP in LTE).

· Both the SN and segmentation offset is needed to enable the on-the-fly deciphering. It should be noted that current AES CTR mode is very friendly for such deciphering since deciphering can be performed in 128 bit block granularity, without dependency on previous or next ciphertext. Such discussion might be more related to SA3.
· HFN desync should not happen.

Design Goal 3: It should be possible to decipher PDU (including PDU segment)s out of order (i.e. on-the-fly deciphering).
Proposal 1: RAN2 to agree on above design goals.
3      Function allocation to layers
In [1], we investigate function split and evaluation criteria for NR user plane architecture, and investigate user plane architecture options in [2]. In this contribution, we first investigate how functions are allocated to layers, based on the three layer model shown below. We then investigate whether we can merge three layers into two layers. As shown in Figure 1 below, for three layers approach, we denote the layers as upper/middle/low with upper referring to the layer close to RRC or user data (i.e. similar to LTE PDCP), and low referring to the layer close to physical layer (i.e. similar to LTE MAC), and middle layer in between (i.e. similar to LTE RLC). Since LTE PDCP/RLC/MAC layers are frequently mentioned in the contribution, sometimes we also use PDCP/RLC/MAC layers interchangeably with upper/middle/low layers.
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Figure 1: Three layer approach for UP
Header compression and security
Firstly, it is prefer to keep header compression and security functions in the upper layer, same as current LTE. The reason for header compression is straightforward: header compression is operating on IP data flows, it is obvious that this function belongs to the highest user plane protocol. Regarding security, although it might be possible to put security into middle or low layers, it should be noted that this comes at the cost that non-real-time processing of security functions. To which extent Tx processing time is impacted might be implementation specific. Another benefit of putting security function in upper layer is that it is friendly for DC architecture (e.g. one example is that data forwarding is security protected). With these considerations and design gola 1, it is proposed that:
Proposal 2: Header compression and security function are located at the highest user plane layer.
In the sections below, we analyze other functions in more detail.

3.1     Segmentation and Concatenation
Segmentation is used to handle the mismatch between the SDU size and the available resources for transmission. For example, if the available resource size is smaller than the SDU size (one example is that jumbo (9 kbytes) or super jumbo IP (64 kbytes) packets might not fit into physical layer resources), then the SDU cannot be transmitted without segmentation. Another example is that if the available resource size is between the size of one SDU and two SDUs, then without segmentation, only one SDU is transmitted and padding should be used for remaining space. Both examples show that without segmentation, there is waste of radio resource. There are several reasons that there are mismatch between the SDU/PDU size and available resources for transmission. 

· TBS size: currently LTE TBS size is only in granularity of 1 byte for small TBS size (<= 512 bits). This is due to Turbo code QPP interleaver, as well as the need to reduce the number of TB size values that need to be signaled in L1 signalling (i.e. PDCCH). It might be possible to design for other TBS sizes, but this may increase hardware cost. In general, this depends on RAN1 design on channel coding and L1 signalling.
· In UL, TBS is selected by the network, which might not know UE status. In addition, LCP is performed in MAC layer, which may also result in the mismatch between the packet size and available resources.
Therefore segmentation is necessary to guarantee efficient resource utilization.
Proposal 3: Segmentation functionality should be supported in NR user plane.
We then discuss how to place segmentation in the protocol layers. It should be noted that for different services, segmentation might be disabled. For example, for high data rate with smaller PDCP SDU size (i.e. the TBS is much larger than PDCP SDU size), disabling segmentation might be beneficial from processing perspective, with little resource waste. However we don’t think this affect the current discussion as it can be seen as the special case: i.e. even with the support of segmentation, it is also possible to transmit a PDU without segmentation.
Proposal 4: Disabling segmentation in specific cases is FFS.
Currently in LTE, both concatenation and segmentation are done in RLC layer while MAC layer performs multiplexing for different logical channels (including MAC CEs). Putting concatenation at RLC layers results in rather complicated RLC PDU formats. For example, in a RLC PDU, the relevant information for each RLC SDU is indicated. In addition, when an RLC PDU needs to be retransmitted, if the available resource is less compared with original RLC PDU size, re-segmentation is performed in RLC layer, which requires another RLC PDU format. Concatenation in RLC layer also means that no RLC PDU can be generated in advance (i.e. in non-real timer manner). 
One possibility is to move concatenation to MAC layer, i.e. RLC SDUs are concatenated in MAC layer, instead of RLC layer. The benefits are as follows:

· Except for the potentially last segment, all the RLC PDUs can be generated in advance. This simplifies RLC layer operation in the transmitter side.
· RLC PDU format is simplified. There is no need to indicate the frame info or the LI field. Also the segmentation and re-segmentation operation is unified. The reason is that when concatenation is moved down to MAC layer, in RLC layer, the RLC PDU is either an RLC SDU (PDCP PDU), or a segment of RLC SDU. Then if there is a need to segment a RLC PDU, it simply results in segments of RLC SDU (even if original RLC PDU is a segment of RLC SDU). For example, in Figure 2 below, RLC PDU with SN=0 is a PDU without segmentation, while RLC PDU with SN=1 and 2 are segmented. Suppose for SN=1, segment with SO=400 is not correctly received and retransmission is needed. If the radio resource cannot accommodate the PDU segment, further segmentation is needed (which is called re-segmentation in LTE). In the example, the segment is further segmented into two PDU segments, with SO equal to 400 and 600 respectively. However, all the PDU segments have the same PDU format, which means that the segmentation and re-segmentation operation and format are unified.
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Figure 2: Unified segmentation and re-segmentation
There is no impact to the MAC layer and even MAC layer PDU format can be reused without changes. The reason is that moving concatenation from RLC layer to MAC layer can be seen as handled by existing MAC layer multiplexing functionality.
There are some drawbacks. The main drawback is that there is now more RLC PDUs compared with LTE. Consequently, there is more overhead associated with header and status report.

Considering the various tradeoffs, it is proposed to move concatenation to MAC layer.

Proposal 5: Concatenation function is moved to lowest user plane layer.
3.2     Reordering

In LTE DC, reordering is performed in both PDCP and RLC layer. In the email discussion [94#38][NR] U plane aspects, there were proposals to perform dual reordering in the following manner: one is in PDU level, another is for the segments within same PDU. Yet another option is to have single reordering in the upper L2 layer. As summarized in the email discussion, the benefits of single reordering is less buffer overhead, less processing and latency. The potential drawback is that cross layer operation might be involved as discussed below.
In RAN2#94 meeting, regarding user plane architecture for LTE-NR interworking, it was agreed to “Study both split bearer (3C bearers) and direct routing (1A bearers) for LTE-NR multi-RAT”. Therefore to support DC split bearer, reordering in upper L2 is anyway needed.
The question is now whether we need reordering function in middle layer. Firstly it should be noted that the main purpose of reordering is to provide in-sequence delivery to upper layers. As discussed in section 2 on deciphering, if we allow PDU segment level deciphering, there is no need to perform reordering in middle layer since the PDU segment is anyway already deciphered by upper layer.
Proposal 6: Reordering is only performed in the highest user plane layer.

3.3     Retransmission

Before further discussion of retransmission approaches, it is nevertheless useful to review the differences compared with LTE regarding the RLC PDU, based on the discussion in section 3.1 on concatenation. In LTE, in RLC layer, there are two types of RLC PDUs, the normal RLC PDU which contains complete RLC SDUs and/or segment of RLC SDUs, and PDU segment which is a portion of normal RLC PDU. When concatenation is moved to MAC layer, there are also two types of RLC PDUs: RLC PDU corresponding to a complete RLC SDU (which will be abbreviated as PDU in this section), or RLC PDU corresponding to a segment of RLC SDU (which will be abbreviated as PDU segment in this section. Note that the meaning of PDU segment is not exactly same as that in LTE where RLC PDU segment is a result of re-segmentation). In the following discussion, we only assume the latter case, i.e. concatenation function is moved to MAC layer.
We consider two approaches for retransmissions here. 
Option A: similar to current LTE approach, where there is retransmission in both PDCP and RLC layers. In case of RLC layer retransmission, both PDU and PDU segment level retransmission is supported. In case of PDCP layer retransmission, only PDCP SDU level retransmission is performed (segment is below PDCP), and retransmission is only done during PDCP re-establishment, e.g. handover and PDCP Data Recovery. Considering DC split bearer, for RLC retransmission in PDU level, SN in RLC is needed (just as in current LTE).
Option B: Another approach is that retransmission is mainly performed in PDCP layer, in the granularity of PDCP SDU level. In this approach, there is no need to perform RLC PDU level retransmission, therefore SN is not transmitted in RLC layer. RLC PDU segment level retransmission might be still needed since it is more resource-efficient. Detailed analysis is shown in Annex B. 
Following we compared the two options.
Impact on packet delay
For a split bearer in option B, there is impact on the packet delay assuming the same number of HARQ retransmissions. The reason is that ARQ retransmission is mainly performed in PDCP layer in option B. In a split bearer with non-ideal backhaul, there is X2 latency due to data forwarding. Therefore larger reordering timer should be configure for option B compared with Option A. The impact depends on deployment etc. For example, backhaul/fronthaul latency in NR might be reduced compared with LTE, e.g. due to higher data rate and smaller TTI. 
Impact from PDCP SDU discard

PDCP SDU discard ([4]

 REF Ref_Notes_Discard \h 
[5]) is a LTE feature to guarantee the transmission delay limit for individual SDUs (for GBR flows). When the discard timer expires, corresponding PDCP SDU/PDU and RLC SDU (if no segment of the RLC SDU has been mapped to a RLC data PDU yet) are discarded. PDCP SDU discard causes increased delay if PDCP reordering is used, e.g. in LTE split bearer. For both option A and B, since reordering is performed in PDCP layer, there might be some additional PDCP reordering delay due to PDCP SDU discard.
One difference between option A and B is the target of PDCP level retransmission. Option A is similar to LTE, where PDCP retransmission is only used during re-establishment, with the underlying assumption that RLC AM guarantees every RLC PDU is eventually delivered unless re-establishment. For Option B, since PDU level retransmission is only performed in PDCP layer, PDCP PDU discard cannot be performed otherwise there is SN gap in PDCP layer. This implies that the transmitter should postpone the SN allocation as late as possible. Therefore it is difficult to perform offline encryption in PDCP layer, which is very challenging for uplink Tx processing. 
Impact due to SDU duplication
In [7], SDU duplication in multi-connectivity was proposed to support ultra-reliability and low latency. When SDU duplication is used, it might not be desirable to perform retransmission of RLC PDUs as in option A, since the same RLC PDU might be correctly received in another branch. Therefore it is preferable to use option B when SDU duplication is supported. However, the question is whether there is a need to perform retransmission in PDCP and RLC at all for low latency services? 
Impact on LTE-NR interworking
With LTE-NR interworking with LTE as MeNB, there is impact from option B on the legacy LTE PDCP operation.
Comparison between option A and B is shown in Table 3 below.
Table 3: Comparison of option A and B
	
	Option A
	Option B

	Retransmission
	PDCP
	Only during HO and PDCP Data Recovery
	Yes

	
	RLC
	For RLC PDU and RLC PDU segment
	Only for RLC PDU segment

	SN
	PDCP
	Yes
	Yes

	
	RLC
	Yes (
	No (

	Packet delay
	Not affected by backhaul latency for retransmission (
	Increased due tobackhaul latency (

	PDCP SDU discard
	No impact (
	Impact Tx processing as it is difficult to perform encryption offline  (

	SDU duplication
	Might not be efficient to support SDU duplication (
	Efficient to support SDU duplication (

	LTE-NR interworking
	Friendly (
	Not friendly (


Consiering about comparison, it is proposed to use LTE model (Option A) for retransmission.
Proposal 7: LTE model for retransmission is used, i.e. both PDU and PDU segment level retransmission is supported in RLC layer, and PDCP level retransmission is done during PDCP re-establishment, e.g. handover and PDCP Data Recovery.
3.4     Three layer vs. two layer?
Given about discussion, the next question is whether we can merge three layers into two layers. It should be noted that simply gluing two layers together might not be desirable. We may merge layers if there are some obvious benefits:

· There is only very few functions to be performed in one layer.

· Some functions are duplicated between layers.
· Some header overhead can be saved when merging layers.

As operations in PDCP layer can be performed in non-real time manner, while RLC and MAC layers are performed in realtime manner, if layers are to be merged, one natural way is to merging the functionalities of RLC and MAC into a single layer. Compared with LTE, following functions are removed from RLC layer: concatenation, and reordering of RLC data PDUs. One additional function is added to RLC layer: insert PDCP SN for the 2nd or later PDU segments. There are still several functions in RLC layer: segmentation/re-segmentation, ARQ (for option A, and for option B if PDU segment level retransmission should be supported), SDU discard etc. It is obvious that there is no duplicated functions between MAC and RLC. It seems that the only benefit of merging RLC and MAC is to save some header overhead. In current LTE principle, all the header/sub-header should be in the granularity of octets. Therefore, if MAC and RLC are merged together, potentially maximum one octet can be save for each sub-header.  
Considering the above discussion, it is proposed to keep current three layer approach for user plane protocol.
Proposal 8: Three layer approach is used for NR user plane.
4      Conclusion
In this contribution, we investigate NR user plane architecture, and propose the following design goals:

Design Goal 1: It should be possible to do encryption and header compression offline before UL grant.
Design Goal 2: It should be less complicated for UE to generate the MAC PDU after receiving UL grant, compared with LTE.
Design Goal 3: It should be possible to decipher PDU (including PDU segment)s out of order (i.e. on-the-fly deciphering).
Further, we have the proposals below:
Proposal 1: RAN2 to agree on above design goals.
Proposal 2: Header compression and security function are located at the highest user plane layer.
Proposal 3: Segmentation functionality should be supported in NR user plane.
Proposal 4: Disabling segmentation in specific cases is FFS.
Proposal 5: Concatenation function is moved to lowest user plane layer.
Proposal 6: Reordering is only performed in the highest user plane layer.
Proposal 7: LTE model for retransmission is used, i.e. both PDU and PDU segment level retransmission is supported in RLC layer, and PDCP level retransmission is done during PDCP re-establishment, e.g. handover and PDCP Data Recovery.
Proposal 8: Three layer approach is used for NR user plane.
It should be note that this document does not preclude discussion of other functionalities for the different protocol layers.
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Annex A 
Analysis of deciphering latency
For example, considering LTE DL Category 12, which is targeted for 600 Mbps peak data rate. The corresponding layer 2 buffer size is 7.1 Mbytes [3]. According to the methodology in [6], required DL buffer size is “Maximum number of DL-SCH transport block bits received within a TTI” * 75ms = 603008 bits * 75 = = 45225600 bits = 5653200 bytes. In the worst case, when the 1st out of order packet is successfully received, all the packets in L2 buffer should be deciphered. Assuming deciphering is performed according to 600 Mbps peak data rate, the amount L2 buffer can only be deciphered within 45225600 / 600*106 = 0.075 s = 75 ms (of course this is exactly the RLC round trip time when calculating the L2 buffer size since we assume the deciphering rate is the same as peak data rate). Such large latency might not be desirable. If on-the-fly deciphering is enabled, every successfully received RLC PDU is directly delivered to PDCP layer for deciphering. Comparison of the latency for current LTE and on-the-fly deciphering is shown below in Figure 4. Here the latency is defined as the time difference between the instance when PDCP SDU is firstly transmitted in the air interface and the instance when it is successfully deciphered (which is the time the PDCP SDU is delivered to upper layer e.g. IP layer). Suppose PDCP SDU transmitted at time instant t is not correctly received until time instant t+75 (here we just assume that the missing PDCP SDU is successfully received after RLC round trip time). Then with current LTE approach, there is a constant deciphering latency of 75 ms for all the PDCP SDUs starting from the 1st missing SDU (assuming eNB is transmitting to the UE in full rate). To avoid such constant deciphering latency due to backlog, it is necessary to increase the deciphering rate at the cost of additional processing requirement. In Figure 4 below, the deciphering latency is also shown for the case that deciphering rate is twice the peak data rate under current LTE approach. For example the deciphering latency is 75/2=37.5 ms for the PDCP SDU transmitted at time instant t+75. With on-the-fly deciphering (assuming that deciphering rate is same as peak data rate), all the PDCP SDUs transmitted between time t and t+75 can be deciphered and delivered to upper layers around time instant t+75 (PHY and other layer 2 latencies are not considered here). Therefore, only for the 1st PDCP SDU transmitted in t, the latency is 75 ms. For later SDUs, the latency continuously decreases, and ultimately the latency is 0 ms. It can be seen that significant improvement for latency can be achieved with on-the-fly deciphering. Although potentially shorter TTI in NR might result in shorter RLC round trip time, the relative saving from on-the-fly deciphering is similar.
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Figure 4: Latency for deciphering

Another angle to illustrate the deciphering isuse is the deciphering processing, which is shown in Figure 5 below for the above example. Before time instant t, all the options are deciphering in the peak data rate. Between time instants t and t+75, deciphering is performed in on-the-fly deciphering approach, but not performed in current LTE approach. After time instant t+75, current LTE approach is operating with the maximum deciphering rate. Therefore with current LTE approach, when there is outstanding RLC PDU, deciphering capability is not utilized.
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Figure 5: Deciphering processing
Annex B 
Analysis of resource efficiency with PDU segment level retransmission

RLC PDU segment level retransmission might be still needed since it is more resource-efficient. The reason is that there might be need to support much larger IP packet size (e.g. super jumbo frame which is 64 kbytes, compared with around 8188 bytes LTE PDCP SDU size limit). With large SDU size, there could be multiple PDU segments. Another use case is that for low SINR, there might be many segments with smaller TBS. Therefore if only PDU level retransmission is supported, there might be a huge impact on the radio resource. For example, assuming typical HARQ residue error rate as p = 1%, one PDU has N segments. Then the ratio of retransmission resource relative to the resource for PDU is 
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for segment retransmission and PDU retransmission, respectively. Figure 6 is a comparison of the resource utilization. Of course, the above analysis is based on the assumption of large IP packet size and current LTE HARQ design, which needs further study (e.g. RAN1’s decision on HARQ performance).
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Figure 6: Comparison of retransmission based on PDU vs. PDU segment
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