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1. Introduction
At the 3GPP TSG RAN #71 meeting, the Study Item of “Study on New Radio Access Technology " was approved [1]. Several channel coding related KPIs have been proposed in [2] as follows:

· the target for peak data rate should be 20 Gbps for downlink and 10 Gbps for uplink,

·  the target for peak spectral efficiency should be 30 bps/Hz for downlink and 15 bps/Hz for uplink,

· for URLLC the target for user plane latency should be 0.5 ms for UL, and 0.5 ms for DL,
· the target for reliability should be 1-10-5 within 1 ms,

· the target for UE battery life should be [15 years].
These KPIs are supposed to meet various requirements of usage scenarios for IMT 2020 and beyond. The major scenarios are eMBB (enhanced Mobile Broadband), mMTC (massive Machine Type Communications) and URLLC (Ultra-Reliable and Low Latency Communications).

Obviously, legacy LTE channel coding schemes face great challenge to meet the above demands of new RAT. In this contribution, the motivation of introducing outer code is discussed, and an outer code referred to as “packet coding” is presented. 

2. Motivation of introducing outer code
· Bursty interference handling
It has been envisioned that there may be different frame structure designs for different usage scenarios. For instance, a short transmission time interval has been identified to be a way to meet the latency target for URLLC. Considering the diverse usage scenarios of NR, it is quite possible to have one deployment covering multiple scenarios. For example, an eNB may need to support eMBB and URLLC service at the same time. In another example, an eMBB eNB may have multiple neighbour cells providing URLLC service. 
In RAN1#86 meeting, several potential options to support URLLC and eMBB multiplexing in NR have been agreed as follows.

· At least the following potential options should be considered

· At least for shorter transmission UL, semi-static resource sharing between URLLC and eMBB

· FDM and/or TDM manner

· UL grant-free transmission for URLLC

· Other schemes are not precluded

· Dynamic resource sharing between URLLC and eMBB

· For DL, mechanisms to schedule a transmission where the resources of it can overlap with resources of ongoing/scheduled longer transmission at least from network perspective

· FFS: A similar or same mechanism applicability to UL

· Preemption or superposition
· Other schemes are not precluded 

· Scheduling based approaches (e.g., by adapting transmission duration or by using different subbands) to allow multiplexing of different durations of transmission

· UL grant-free transmission for URLLC

· Other schemes are not precluded

· Other mechanisms are not precluded

At RAN1#86bis meeting, the following is agreed.

· From network perspective, multiplexing of transmissions with different latency and/or reliability requirements for eMBB/URLLC in DL is supported by  

· Using the same sub-carrier spacing with the same CP overhead

· FFS: different CP overhead
· Using different sub-carrier spacing 

· FFS: CP overhead
· NR supports both approaches by specification
· NR should support dynamic resource sharing between different latency and/or reliability requirements for eMBB/URLLC in DL
Obviously, semi-static resource sharing between URLLC and eMBB may not be able to match the URLLC traffic as it likely be varying quickly in time and then unpredictable. Therefore, resource waste may happen if over provision or unable to support URLLC traffic if under provision. For dynamic resource sharing based on scheduling, there is also an issue where eMBB efficiency will be limited if the transmission duration or subband has to be adapted to align with URLLC traffic. Dynamic resource sharing based on preemption or superposition of eMBB/URLLC traffic would have high efficiency. However, there would a challenge to support this due to the burst interference caused by such coexistence of different usage scenarios. The reason is that short transmission of URLLC packets may appear as bursty interference to eMBB transmission. 
The bursty interference may erase a portion of transmission and hence cause the code block uncorrectable even at high SNR. The falsely decoding of such CB leads to a decoding failure of the whole TB. Figure 1 shows the BLER performance of LTE turbo code, with data located on 50 resource blocks. 10 out of the 50 RBs, and 4 out of 14 OFDM symbols in every subframes are assumed suffering from interference with different power, where 0 dB interference indicates the same power as normalized transmitted signal. It is observed that bursty interference cause the curves decline more slowly and exhibit error floor phenomenon. For example, with code rate of 2/3, interference of 3 dB and 0 dB can cause error floors at BLER of 3e-2 and 0.4, respectively.
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Figure 1 Performance degradation caused by busty interference, ETU 3km/h, ideal channel estimation, with code rate 2/3, QPSK 
Although there’re several interference handling and error correction mechanisms exist in LTE such as HARQ and interleaving, these mechanisms are not designed to handle bursty interference at all. For instance, interleaving may spread bit errors such that FEC coding can correct them. However, in the case of erasure channel caused by bursty interference, this is beyond the error correction capability of interleaving and channel coding. On the other hand, transmission efficiency is much lower due to HARQ re-transmission, especially since all code blocks corresponding to a transport block need to be re-transmitted in current LTE design. Therefore, LTE coding and HARQ schemes should be improved to cope with bursty interference. By introducing correlation among bits in code blocks (CB) or transport block (TB), outer code such as RS code or packet code would improve BLER performance and mitigate degradation caused by bursty interference. 

Observation 1: Bursty interference in NR scenarios would cause significant performance degradation.

· Spectrum efficiency and throughput enhancement
For eMBB with huge amount of traffic, very large packet sizes are more common. According to TS 36.212, for TB size more than 6120, TB segment would be performed and some CBs with smaller size are generated. From the TBS table (Table 7.1.7.2.1-1 with ITBS ranging from 0~26) in TS 36.213, it is observed that TBSs over 6120 occupy a proportion of 64.14% (1905/2970). Unfortunately, a long TB for a single transmitted packet consisting of a number of CBs would suffer from performance degradation due to the independence among CBs. By introducing correlation among bits of the original CBs, outer code such as packet coding would improve BLER performance.
Here, four cases are considered below.
Case 1 (A single smaller packet): A single TB with TBS of N is transmitted. BLER for this case is denoted by BLER1.
Case 2 (A single large packet): A single TB with TBS of around 10*N is transmitted. BLER for this case is denoted by BLER2. In general, BLER2 < BLER1.

Case 3 (Several smaller packets): Ten CBs, all with size of N are transmitted. In this case, BLER3 = 1- (1- BLER1)N, with N = 10. Due to the independence of these ten CBs, BLER3 increases with N and BLER1. Assume BLER1 = 0.01, then BLER3 = 0.096. Thus, it is observed that BLER3 increases by nearly one order of magnitude. Figure 2 shows LDPC performance curves for 1/10/100 CBs with code rate of 1/2 and 3/4 in AWGN channel. It is shown that BLER for 10/100 CBs are one and two magnitude higher than that of 1 CB, respectively. 
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Figure 2 Performance degradation caused by independent multi-CBs, AWGN, QPSK.

Even in fading channel, the eNodeB schedules a proper MCS (Modulation and coding scheme) targeting at a certain BLER, e.g. 0.1, to match the channel quality. Therefore, we believe that a large number of code block error would not happen together even in fading channel. To verify this, some link level simulations are performed. In Figure 3, SNR vs. BLER curves are shown, where BLER1 is the target BLER at the moment of CQI calculation, BLER2 denotes the actual block error rate by counting the number of falsely decoded transport block, and BLER3 is the block error rate calculated from code block error rates (BCER) assuming independent error for different code blocks. Based on Figure 3, it is observed that error events for different code blocks are very much independent with scheduling. Note that the SNR offset between BLER1 and BLER2/BLER3 is due to 8 ms CQI report delay between the moment of CQI calculation and data transmission. In Table 1, the probability distribution of the number of erroneous code blocks are shown. It can be seen that transmission failure is mainly accounted for simultaneous error events of small number of CBs, e.g. 1 to 2. Thus, by introducing outer code such as packet coding, performance loss due to independent CBs can be alleviated.
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Figure 3 BLER performances, ETU 3km/h, 64 QAM, code rate of 1/2
Table 1 Probability distribution of number of erroneous code blocks at different SNR
	SNR（dB）
	BLER
	Number of erroneous CBs

	
	
	0
	1
	2
	3
	4
	5
	6
	7
	8
	9
	

	11.9
	0.9450
	0.0550
	0.4913
	0.3877
	0.0637
	0.0023
	0
	0
	0
	0
	0
	

	12.0
	0.7543
	0.2457
	0.6073
	0.1433
	0.0037
	0
	0
	0
	0
	0
	0
	

	12.2
	0.2100
	0.7900
	0.2083
	0.0017
	0
	0
	0
	0
	0
	0
	0
	

	12.4
	0.0128
	0.9872
	0.0128
	0
	0
	0
	0
	0
	0
	0
	0
	

	12.5
	0.0019
	0.9981
	0.0019
	0
	0
	0
	0
	0
	0
	0
	0
	


Case 4 (Outer code): Ten CBs, including one parity CB is transmitted. In this case, outer code such as packet coding is applied. Due to constraint among different CBs, it is expected that BLER4 can approach BLER2. It is noted that code rates for outer code and conventional coding schemes can be the same.
In summary, BLER4 (outer code) ≈ BLER2 (a single large packet) < BLER1 (a single smaller packet) < BLER3 (several smaller packets). Furthermore, it is possible that only parity bits of outer code are sent in HARQ retransmission so that coding redundancy is reduced. Thus, outer coder can enhance spectrum efficiency and system throughput.
Observation 2: In NR scenario such as eMBB, transmission of a number of independent coded blocks would cause significant performance degradation.
· Latency and complexity
By using outer code, a single CB or TB with much smaller size than that in LTE can be transmitted in a TTI (e.g., one OFDM symbol in the extreme case) while keeping the BLER performance. Decoding a previous CB/TB and receiving/demodulating the subsequent one are able to be performed simultaneously at the receiver. Furthermore, due to better performance and less retransmission bits, HARQ may be finalized in fewer retransmission times. Therefore outer code is of advantage to lower transmission latency.
Short codeword (e.g., maximum information size is less than 1000 bits) corresponds to low complexity and/or low power consumption. For example, less logic gate and smaller buffer size is required in hardware implementation. A large packet can be divided into several short packets and outer code such as packet coding can be applied to enhance the BLER performance.
Observation 3: In NR scenario such as URLLC and mMTC, LTE coding and HARQ schemes may not be suitable to reduce latency and complexity.
Proposal 1: Outer code should be considered for new RAT.

3. Packet coding

Packet coding is one example of outer code. Packet coding [3]

 REF _Ref446949693 \n \h 
 \* MERGEFORMAT [4] used in physical layer allows simple XOR relationship established among independent FEC codewords to enhance the packet error rate performance. Appendix A in [5] shows the encoder & decoder of packet coding. In this section, we show some usage benefits for packet coding.
Scenario 1: Bursty interference handling

As discussed in section 2, bursty interference handling needs to be addressed in NR. A number of schemes for bursty interference handling are considered and their performance are presented. 
· Outer code

Packet coding is used as outer code. FEC codewords are sent in the first transmission and parity block(s) can be transmitted when initial transmission fails. Aother alternative, parity block(s) can be also transmitted in the first transmission.
· Conventional HARQ

One redundancy version of TB is retransmitted when the initial transmission fails. In our simulation, Chase Combination is used.
· Interleaving

Interleaving the modulated symbols across several OFDM symbols are applied. Generally speaking, increasing the interleaving depth may reduce the impact of bursty interference. However, decoding delay would rise. In our simulation, interleaving across 2/4 OFDM symbols are considered. The whole TB is retransmitted if initial transmission fails.
· Puncturing
The transmitter would avoid the resource where bursty interference occurs when mapping the symbols to the radio resource. Puncturing would increase the code rate of corresponding code blocks. The whole TB is retransmitted if initial transmission fails.
· Rate matching

The transmitter would perform rate matching taking into account the resource occupied by bursty interference. The interfered resource is not used when mapping. Thus code rates of CBs would be adjusted. For downlink, the transmitter should know when the interference happens at the moment rate matching is performed. For eMBB and URLLC coexistence, this would be impractical due to different frame numerology of eMBB and URLLC. The transmitter may not begin to schedule an URLLC subframe when rate matching for eMBB transmission is carried out. Similarly, for uplink, it is difficult for the eNodeB to rate matching eMBB transmission. The whole TB is retransmitted if initial transmission fails.
Poisson model is used to generate URLLC interference packets. In our simulation, one URLLC interference packet occupies 2 OFDM symbols and 50 RBs. If two interference packets arrive at the same time, the interference would span over 100 RBs. Lamda denotes the number of interference packets averaged over the number of arrivals (two OFDM symbols are defined as one arrival). Number of simultaneously arriving interference packets is constrained as two if it exceeds two. The power of interference is defined as signal power divided by interference power. 
Figure 4 shows relative throughputs for different schemes in AWGN channel with QPSK 1/3 code rate and 64 QAM 1/2 code rate, respectively. It can be seen that packet coding can improve the throughput comparing with other schemes. Especially for high modulation and high code rate, packet coding achieves high throughput at high SNR region.
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Figure 4 Relative throughputs for different schemes handling URLLC interference, AWGN
Scenario 2: To improve spectrum efficiency and throughput for multi-CB case
· Packet Coding for Initial transmission

In Figure 5, BLER curves for transmission of ten code blocks are showed. Packet coding and traditional Turbo code are considered. The detailed simulation assumption can be found in [6].
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Figure 5 Performance of Packet Coding for initial transmission

As shown in Figure 5, packet coding which introduces constraint among the ten blocks outperforms traditional Turbo code. For packet coding, all FEC codewords are decoded as a whole and each FEC codeword make use of others' information to update its own LLRs during iterative decoding. 
· Packet Coding for Retransmission
For packet coding, only parity block is transmitted in many cases for HARQ retransmission thus transmission efficiency is higher. Also, better code performance leads to higher throughput than traditional HARQ. Figure 6 shows the comparison of throughput between traditional/packet coding related HARQ.
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Figure 6 HARQ performance for packet coding 
Scenario 3: To reduce latency/complexity 
In general, code performance gets better at the cost of higher complexity and larger latency as code length increases. In scenarios such as mMTC, performance and complexity should be balanced. Packet coding with a number of smaller packets has similar performance as that of larger packet. Meanwhile it reduces the complexity and delay caused by large code length. Figure 7 compares BLER of packet coding of 8 small blocks with traditional turbo code of large TB size. The sum of information bit lengths of these 8 blocks is 6080 and for turbo code TB size is 6120. Code rate for packet coding and turbo coding are both 1/2.
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Figure 7 Performance of packet coding with small blocks
· Latency
For packet coding, each related codeword is decoded immediately after it is received. This so called “on-the-fly decoding” helps to reduce the latency. In Figure 8, each codeword occupies a single OFDM symbol and is transmitted in order. When code block c0 is decoded at the receiver, OFDM symbol corresponding to code block c1 is received and demodulated simultaneously. Comparing with traditional decoding for TBs with large size, decoding latency for packet coding is significantly reduced.
· Complexity
For encoding of packet coding, one additional XOR operation is required to generate the parity block. On the other hand, the number of logic gates is reduced due to smaller size of each code blocks. Also, considering the on-the-fly decoding, hardware implementation can be simplified.
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Figure 8 On-the-fly decoding based on packet coding
Observation 4: Packet coding can improve spectrum efficiency and throughput, as well as reduce the latency and complexity of encoder & decoder, while keeps similar performance with a long codeword. Furthermore, packet coding enables on-the-fly decoding which is critical for NR scenarios with tight complexity and latency targets. 
Proposal 2: Packet coding should be considered for 5G new RAT, to improve the error correction and HARQ performance and reduce complexity/ latency.

4. Conclusion
In this contribution, we discuss the motivation of introducing outer code for 5G new RAT, a new outer code referred to as “packet coding” is presented.  In summary, we have the following observations:
Observation 1: Bursty interference in NR scenarios would cause significant performance degradation.

Observation 2: In NR scenario such as eMBB, transmission of a number of independent coded blocks would cause significant performance degradation.
Observation 3: In NR scenario such as URLLC and mMTC, LTE coding and HARQ schemes may not be suitable to reduce latency and complexity.
Observation 4: Packet coding can improve spectrum efficiency and throughput, as well as reduce the latency and complexity of encoder & decoder, while keeps similar performance with a long codeword. Furthermore, packet coding enables on-the-fly decoding which is critical for NR scenarios with tight complexity and latency targets.
Based on the above observations, we have the following proposals:
Proposal 1: Outer code should be considered for new RAT.

Proposal 2: Packet coding should be considered for 5G new RAT, to improve the error correction and HARQ performance and reduce complexity/ latency.
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