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1 Introduction

This paper is a submission to RAN1 of a paper mainly intended for RAN2 (R2-074196). It is submitted to RAN1 as some of its parts are also relevant for RAN1. More specifically it, among other things, discusses means to provide time diversity for the dynamic part of the system information (“D-BCH”) and the application of “autonomous” retransmissions and corresponding soft combining for the D-BCH transmission. 
During RAN2#58bis, question was raised on transmission mode for BCCH (transmitted on DL-SCH).

Few documents were submitted to RAN2#59 but subject was not treated due to time constraints. 

In order to further progress it was decided to have an offline e-mail discussion where different companies should come forward with the arguments supporting one of the alternatives listed bellow:

· RLC TM used for BCCH transmission, implying that RRC performs the segmentation of system information messages
· RLC UM used for BCCH transmission, implying RLC segmentation of system information messages

On the course of the discussion yet another proposal was added to the above list. This document discusses that proposal and its merits.
2 Discussion
Today in UTRAN, segmentation is performed in RRC which makes the segmentation very BCCH specific.
In case of E-UTRAN, the issue of segmentation is still open. 
Independent whether segmentation is done in RRC or RLC, both solutions introduce additional overhead due to either a header in RLC or segment counting in RRC. There is also an issue when it comes to the impact of dynamic scheduling on the segmentation and the possibility to combine, in case of loss, different segments.
Therefore, we would like to propose an alternative solution for BCCH transmission which minimizes the overhead and removes the need for segmentation. 

2.1 Outline of the proposal

As already stated in the e-mail discussion D-BCH (dynamic-BCH part transmitted on DL-SCH) transmission is extended by an arbitrary number of transmissions depending on the amount of information and more arbitrary transport format thus D-BCH “soft combining” (as we will temporary call this solution) is very similar to normal DL-SCH transmission (HARQ) soft combining with some slight modifications:

· Use of Incremental redundancy without HARQ explicit feedback. Rather, “retransmissions” are carried out the number of times (e.g. in consecutive subframes) estimated to be needed to ensure coverage over the entire cell area with the required reliability
· Possibility for initial code rate Rinit > 1 in order to allow for arbitrarily large transport block in a limited per-sub-frame resource. The coding rate then decreases as the number of transmissions increases (just as for normal HARQ re-transmissions.

The need for higher layer segmentation is removed since we assume transport-block sizes up to several thousand bits can be handled. From a modelling perspective, this approach can be seen as segmentation moved to L1.
Clearly, in case of the transmission of a large transport block corresponding to a large SU payload, especially in a limited per-sub-frame resource, the transport block will, due to received  not be decodable after one transmission (one subframe), i.e. multiple transmissions (“retransmissions”) are needed. However, the same (i.e. transmission of an SU using multiple subframes) would in this case obviously be needed also with higher-layer segmentation (the SU would need to be segmented into multiple segments that are then transmitted as different transport blocks in different subframes.

The difference with the proposed approach compared to segmenting SU/SIB into multiple transport blocks is that UEs with relatively good coverage (the majority of the UEs) need to receive fewer subframes to decode the information, thus leading to a power saving for these UEs (see Annex in section 5). It can as well be argued that, with this approach, the overall link performance, also for UEs at the cell border, will be somewhat improved, due to in general larger code blocks, typically leading to less transmissions for a given SU. 

As an example:
· There are N information bits including CRC in the transport block to be transmitted. Referring to specific number mentioned in e-mail discussion these bits could e.g. correspond to 2 SIBs of the size of 800 bits and 600 bits. Furthermore within a subframe there are resources (resource elements) available for the transmission of M coded bits. 
· The N information bits to transmit these are coded into ~3*N bits (1/3 rate Turbo code). If all these coded bits do not fit into the subframe, we can take as many bits as fits into a subframe (M according to the above) and transmit these bits in the first subframe. In the second subframe then, we transmit a second set of M bits (which differs from the first set, i.e. different redundancy version). This continues until all (approximately) 3*N coded bits have been transmitted. Typically there is still not sufficient amount transmitted for the users at the cell border to decode the information properly. To achieve sufficient energy transmission continues in the following subframes. However, these bits are then copies of already transmitted coded bits. They do not improve the coding gain but just provide additional energy.
In many respect the transmission is identical to the repeated transmissions and the soft combining of HARQ. One difference is that current HARQ implicitly assumes that the first transmission always include at least N coded bits, i.e. initial code rate is always <1. This is done by adapting transport block to the available resource. Here it will not necessarily be the case.

· Thus, we can multiplex the two SIBs into a 1400 bits transport block. Information about all 1400 information bits are then transmitted in every subframe in which SU is transmitted. It is just a question how many subframes that needs to be used to allow for the 1400 bits to be properly decoded by the cell edge UEs.
The following tries to illustrate the principle described for some different transport block sizes corresponding to different initial code rates (Rinit = 2/3, 1, 2)
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The above, as stated, means that there is never a need for segmentation at higher layers but rather the entire SU is coded.
It is worth mentioning that the number of redundancy versions will be somewhat higher than for the “normal” HARQ operation. In essence in the order of 3*max{Rinit} where max{Rinit} = max{SU size}/min{resource} where min{resource} is in the order of 1500 bits (6 RBs)
RLC would be operated in transparent mode for system information whereas tasks of RRC are reduced to simply creating SIB and possibly map them into SUs (repetition interval for the SU could be either provided by RRC or fixed in the specification.

We believe that use of this in essence simple approach has a number of advantages:

· Reduced power consumption and latency for UEs in good radio coverage (since System Information transmission is designed for worst case scenario.

· Reduced signalling cost for BCCC (by minimizing the number of subframes needed

· Less overhead from CRC (one CRC for the entire SU)
· No L2 segmentation overhead

· Improved coding efficiency (larger code block)

· Increased diversity (coded block spread out in time)
3 Summary
This document proposes the following method for transmission of dynamic part of BCCH:
· Use of Incremental redundancy without HARQ explicit feedback. “Retransmissions” are carried out the number of times (e.g. in consecutive subframes) estimated to be needed to ensure coverage over the entire cell area with the required reliability
· Possibility for initial code rate Rinit > 1 in order to allow for arbitrarily large transport block in a limited per-sub-frame resource. The coding rate decreases as the number of transmissions increases (just as for normal HARQ re-transmissions.
4 References

[1] R2-073088 RLC mode for BCCH mapped on DL-SCH, NEC
[2] R2-073237 Transmission mode for BCCH, Ericsson

[3] R2-073277 System Information delivery using RLC UM, Panasonic

[4] R2-073469 RLC mode for RRC, Alcatel-Lucent
5 Annex

Number of segments / HARQ “(re)transmissions” due to CRC overhead

Assumptions:

· SU size: 2000 information bits

· Efficient code rate required to reach cell border: 1/10 (note: picked as an example)
· CRC: 24 bits for HARQ re-transmission. And 16 bits for RRC segmentation.

· No MAC or RLC header for either case

The number of coded bits that can be transmitted per subframe is:

((14-3) * 12 - 12) * 6 * 2 = 1440 coded bits

Assuming

· 6 RB/subframe available for BCCH

· 3 OFDM symbols reserved for L1/L2 control

· QPSK modulation

· Reference signals: 3*4 = 12 resource elements per RB (excluding the RS in OFDM symbol 0, slot 0, where there is L1/L2 control anyway)


RRC segmentation:

For this case, the number of information bits per RRC segment is (approximately) given by

TrBlk size = number of coded bits * code rate - CRC = 1440 / 10 -16 = 128

(Tail bits in the turbo code have been disregarded, but would reduce even further...)

With 2000 information bits we will thus need

2000 / 128 = 15.6 = 16 RRC segments
HARQ re-transmission:

For this case, the transport block size is 2000 bits. Together with CRC, the number of coded bits is

(2000 + 24) * 10 = 20240 coded bits

Since the effective number of coded bits increases linearly with the number of re-transmissions, we need

20240 / 1440 = 15 HARQ transmissions (rounded)
With these assumptions, the code rate after x transmissions is:

x=1:
cr = 2000/1440 = 1.39
(not possible to decode)

x=2:
cr = 2000/2880 = 0.69

x=3:
cr = 2000/4320 = 0.46

x=4:
cr = 2000/5670 = 0.35

...

x=14:
cr = 2000/20160 = 0.10

BLER operating point:

Assume a BLER target = 1% for each segment in the RRC segmentation. With 16 segments, the probability that at least one is incorrect is 1 - (1 - 0.01)^16 = 15% roughly (assuming an AWGN channel).

This indicates that we can probably use a higher BLER operating point with the HARQ re-transmission approach for the same latency. And,
· higher BLER operating point => means higher code rate => less air interface resources needed!
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