
TSG-RAN WG1 #50bis
R1-074840
Jeju, South Korea, November 5-9, 2007
Source:
Ericsson

Title:
Transmission mode for BCCH
Agenda Item:
4
Document for:
Decision
1. Introduction
In [1], RAN2 has provided RAN1 with some information about the current RAN2 discussion on transmission of the dynamic system information (here referred to as “D-BCCH”). RAN2 has also, in the LS, provided a set of questions, the response to which is vital for the continued RAN2 work on the transmission of D-BCCH.
This paper discusses Layer-1 related aspects of D-BCCH transmission, with an aim to arrive at possible answers to the questions stated by RAN2.

2. Discussion

It has been decided that D-BCCH, i.e. the dynamic part of the system information, is to be transmitted using the DL-SCH transport channel, i.e. it is currently assumed that no new transport-channel type is defined for the transmission of D-BCCH. As a consequence, the transmission of D-BCCH should rely on the physical-layer characteristics and mechanisms in generally defined for DL-SCH transmission. However, it thus also needs to be considered if some additional mechanisms and features have to be adopted for DL-SCH in order to support transmission of D-BCCH with sufficient efficiency.
Part of the questions provided by RAN2 relates to the number of information bits that can fit into a single transport block in case of D-BCCH transmission.
According to [1], the basic system information blocks (the SIBs) may, at least in some cases, be relatively large, e.g. up to 1000 bits. The information corresponding to a given SU, i.e. the full set of system information to be transmitted with a given period, could then obviously be even larger as each SU may correspond to multiple SIBs.
At the same time, it is clear that, in the worst case scenario, (large cells, limited downlink system bandwidth, etc.) only a relatively limited amount of D-BCCH information can be transmitted within a single subframe. The eventual factor limiting the amount of information that can be provided within a single subframe is the simple fact that a certain amount of energy needs to be received by all UEs, including e.g. UEs at the cell border, for each information bit to be detected. Within a subframe there is only a limited amount of energy available due to the limited downlink transmit power and thus, within a subframe, only a limited amount of information can be transmitted.
In case of relatively large system information blocks, there are then two possibilities: 

· Apply higher-layer segmentation into smaller blocks, corresponding to separate transport blocks. Each such relatively small transport block can then be transmitted within a single subframe. 
· Extending DL-SCH transmission with mechanisms that allows for a single transport block carrying system information to be transmitted over multiple subframes, together with some kind of receiver-side sub-frame “soft combining” that  accumulates the energy received over the multiple subframes before receiver-side decoding. One proposal for such a transmission scheme has been submitted to RAN2 [2] as well as to RAN1 [3] and is also attached below. The basic principles of this proposal are outlined in Section 2.1 below. A proposal with somewhat similar properties has been outlined in [4]. This paper discusses the capabilities of such schemes and the differences between the scheme of [2,3] and the scheme of [4]. 
According to [1], the use of higher-layer segmentation introduces additional overhead which is obviously undesirable. Schemes that allow for larger transport blocks and thus avoid the need for segmentation are thus highly attractive.

2.1. Summary of proposal in [2, 3]
The proposal in [2,3] can be seen as similar to normal DL-SCH HARQ mechanism with the following modifications:
· No explicit Ack/Nack signaling. Instead the transport block is simply “retransmitted” a pre-determined number of times (depending on payload, bandwidth, expected radio conditions for the worst-cast UEs, etc.). These retransmissions can, but do not have to, take place in consecutive subframes, see also below. 
· Possibility for initial code rate Rinit > 1. This allows for larger transport blocks and may thus avoid the need for higher-layer segmentation even in case of a limited available resource within a subframe (e.g. narrowband system bandwidth).
In more details, the proposal can be described as follows:

· A transport block (of size NTrBlk) consisting of system information is channel coded with the basic rate 1/3 Turbo code into Nc = 3(NTrBlk + 12 coded bits.
· Within the first subframe in which system information is to be transmitted, N coded bits are transmitted where N corresponds to the number of resources available in the, for the D-BCCH transmission, assigned resource blocks
. N may be larger than NTrBlk (Rinit < 1) or smaller than NTrBlk (Rinit > 1) where the later case may happen in case of very small system bandwidths in combination with large transport-block sizes. 
· In subsequent subframes assigned for the D-BCCH transmission, additional coded bits are transmitted. Initially, different sets coded bits are transmitted, leading to a reduced coding rate and thus an increased coding gain (improved link performance). When all coded bits have been transmitted (overall code rate = 1/3), previously coded bits are transmitted (i.e. repetition coding) similar to normal Hybrid ARQ retransmissions. 

· This continues for a pre-determined number of subframes. In general, the number of subframes over which the transport block will be transmitted is determined by the number of subframes that is estimated to be needed in order to reach the cell border with sufficient energy and can thus vary for different environments (cell size, etc.), deployment scenarios (e.g. system bandwidth), and DL-BCCH payload.
As already mentioned, in general the subframes in which the D-BCCH is transmitted may not be consecutive. RAN2 has decided on dynamic scheduling of D-BCCH transmissions [4], implying that PDCCH of each subframe indicates if system information is present in the subframe or not. From a UE power consumption point-of-view, it is obviously beneficial to keep a given D-BCCH transmission as much as possible concentrated in time, which has also been recognized by RAN2. However, the dynamic scheduling allows for avoiding D-BCCH transmission in certain subframes, e.g. if these subframes are needed for transmission of some other, critical information. 
2.2. Proposal in [4]

The proposal in [4] is similar to that of [2, 3] in that it allows for the transmission of a single transport block over multiple subframes, thus increasing the amount of energy per transport block and, consequently, increasing the transport-block size that can be used for reliable D-BCCH transmission. However, according to our understanding, the proposal in [4] assumes that identical copies (the same set of coded bits) are transmitted in each subframe. Thus the coding rate will not be reduced for each transmission. In contrast, with the proposal in [2, 3] the coding rate can be reduced with additional retransmissions, allowing for an improved coding gain for large transport blocks.
2.3. Maximum transport-block size
A main issue for RAN2 is whether or not it can be assumed that a sufficient number of information bits can fit into a single transport block so that higher-layer segmentation of system-information blocks is not needed. Understanding of this is critical for RAN2 to be able to continue its work on the transmission of system information. 
In principle, with the proposal in [2,3] an arbitrary transport-block size can be supported by assuming sufficiently many retransmissions. However, in practice the payload size will be limited for two reasons: 
· There will not be possible to signal an arbitrary number of redundancy versions

· For optimal power usage, the final code rate should reach R=1/3

In the worst case situation, (four TX antennas, 6 RB bandwidth, and three OFDM symbols assigned for PDCCH) there will be a total of 696 resource elements, corresponding to 1392 bits (QPSK modulation), available for DL-SCH mapping per subframe. With the proposal in [2, 3], the maximum number of different coded bits that can be transmitted would then be Nc = 1392×NRV where NRV is the number of redundancy versions. Assuming one wants to arrive at an eventual coding rate R=1/3 (to fully benefit from the Turbo-coder coding gain), the maximum number of information bits (maximum transport-block size including CRC) is Nmax = (1392×NRV – 12)/3. As an example, assuming NRV = 8, the maximum transport-block size would then be Nmax =3708 bits. 

It should be noted that even larger transport-block sizes are possible if one can accept the reduced power-efficiency of higher final rate coding. As an example, if one can accept a final code rate of 1/2, the maximum transport block size would equal Nmax = 5562 bits.

Another way to further increase the maximum payload size would be to increase the number of redundancy versions. As an example, with 16 redundancy versions, the maximum transport-block size equals Nmax = 7420.

In contrast, with the proposal in [4], the same set of coded bits is repeated in all subframes. Thus, clearly no more than 1392 information bits can be transmitted. However, this would imply coding rate R=1. For maximum coding gain, leading to maximum power efficiency, coding rate R=1/3 should be used implying that the number of information bits are limited to Nmax = 480
.

2.4. Number of subframes needed to transmit a certain payload
The fundamental aim of both the proposal of [2, 3] and the proposal [4] is to be able to spread a transport block over multiple subframes in order to ensure sufficient amount of energy also for large payloads. An interesting, and important question is how many subframes may be needed to transmit a certain amount of system information in a worst-case scenario. 
One can, obviously, carry out specific simulations with specific simulation assumptions to estimate the maximum number of subframes needed to transmit a given D-BCCH payload for that specific scenario. The problem with such an approach is that it provides an answer only for that specific scenario. A better approach to estimate the number of bits that can be carried on the D-BCCH is to compare with other physical channels that also need to reach the cell border. More specifically, as a system where the PDCCH does not reach the cell border is a broken system, one can estimate the maximum number of D-BCCH bits that can reach the cell border based on knowledge of the PDCCH structure.

As a rough assumption one can assume that the PDCCH consists of at least 30 bits. In the worst case coverage scenario, clearly at least one PDCCH, transmitted over three OFDM symbols, should be able to reach the cell border.
In the same scenario, there would be 11 OFDM symbols available for DL-SCH transmission per subframe
,. Assuming that roughly the same amount of energy would be needed per information bit, this would imply that, for the same scenario, roughly 110 DL-SCH information bits could be provided to the cell border per subframe transmitted.  This can then be used to estimate what number of subframes would be needed to reach the cell border with a given payload size, assuming the soft-combining schemes described above.  As an example, for a 1600 bits payload, a rough estimate is that 1600/110 = 15 subframes would be needed.  

It should be noted that the above estimates are pessimistic for several reasons

· Clearly, a system with only a single PDCCH in the first three OFDM symbols is also a broken system. As a minimum, the first three OFDM symbols will also include PHICH, PCFICH, and most likely also a PDCCH for uplink scheduling grants. Thus the full energy of the first three OFDM symbols would not be available for PDCCH transmission. In contrast, the energy of the remaining eleven OFDM symbols would be fully available for DL-SCH transmission. 

· The DL-SCH transport block is clearly much larger than the PDCCH code blocks, leading to larger coding gains and thus reduced required energy per information bit. 

3. Possible responses to RAN2 questions [1]
Q1a) 
Assuming maximum size of SIB to be transmitted being a) 1000 bits, b) 1300 bits, c) 1600 bits. By utilizing soft combining is it possible to assume that the above stated number of bits can be transmitted by means of a single transport block? 
Answer: 
By utilizing soft combining, e.g. according to R2-074196, a single transport block can have a size of more than 3500 bits, well beyond the number given above. Even larger transport blocks would be possible, assuming additional (more than eight) redundancy versions or by sacrificing some power efficiency. For the numbers given above, in the worst case scenario, transmission would need to “spread out” over roughly a) 9 subframes, b) 12 subframes c) 15 subframes. 

Q1b) 
If any of the schemes above is adopted what is the limit in terms of number of bits that RAN2 could assume when further evaluating the size of the SIBs.
Answer: 
By utilizing soft combining, e.g. according to R2-074196, a single transport block can have a size of more than 3500 bits. Even larger transport blocks would be possible, assuming additional (more than eight) redundancy versions or by sacrificing some power efficiency. In the worst-case scenario, transmission of a transport-block of size 3500 bits would need to be “spread out” over roughly 30 subframes. 
Q2a 
RAN2 assumes the usage of transmission window, i.e. combining is performed during subset of sub-frames during 80 ms (corresponding to periodicity of SU1 transmission). RAN2 would like to understand whether RAN1 considers combining across different transmission windows (e.g. SU1 is combined over 80 ms whereas SU4 is combined across 640 ms). This would imply that transmission windows for multiple SUs would overlap requiring multiple processes. 
Answer: 
The soft combining schemes discussed e.g. in R1-074196 and R1073686 deals with the transmission of a single transport block. RAN1 has not considered how this relates to the transmission of different SUs. On a more general level one can say that, from a UE power-consumption point-of-view, it is beneficial if the UE can acquire the full set of system information during as short time as possible. Thus, the full set of system information, the SUs, should preferably be concentrated as much as possible in time. From this point-of-view, transmission corresponding to Figure 1 below, is preferred over transmission according to Figure 2.Note that the figure is very schematic and should just indicate that it would be beneficial, from a UE power-consumption point-of-view, to transmit also less frequent SUs during a limited time, e.g. with a 80 ms window.  

[image: image1.emf] 

SU1

SU2

SU3

SU1 SU1

SU2

SU1 SU1

SU2

SU3

SU1 SU1

SU2

SU1

SU4

80 ms

160 ms

320 ms

640 ms

SU1

SU2

SU3

SU1 SU1

SU2

SU1 SU1

SU2

SU3

SU1 SU1

SU2

SU1

SU4

80 ms

160 ms

320 ms

640 ms


Figure 1
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Figure 2
Q2a 
Does RAN1 assume that “combinable” blocks can come in consecutive subframes?

Combinable transmissions may very well come in consecutive subframes. However, this is no requirement inline with the RAN2 decision on dynamic scheduling of D-BCCH. However, as stated above from a UE power-consumption point-of-view the transmission of a certain block of system information should be as concentrated in time as possible.
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� As an example, in case of a 6 RB bandwidth, 4 TX antennas, and QPSK modulation, Nc = 1392.


� 3*480 + 12 = 1392


� We are ignoring the subframe with BCH


� We are ignoring the energy needed for reference symbols. However, as the relative reference-symbol energy is larger for the first three OFDM symbols, compared to the remaining eleven OFDM symbols, this oly makes the estimation further pessimistic.





_1255274878.doc
[image: image1.emf]SU1


SU2


SU3


SU1


SU1


SU2


SU1


SU1


SU2


SU3


SU1 SU1


SU2


SU1


SU4


80 ms


160 ms


320 ms


640 ms


SU1


SU2


SU3


SU1


SU1


SU2


SU1


SU1


SU2


SU3


SU1 SU1


SU2


SU1


SU4


80 ms


160 ms


320 ms


640 ms





_1255274977.doc
[image: image1.emf]SU1


SU2


SU3


SU1


SU1


SU2


SU1


SU1


SU2


SU3


SU1 SU1


SU2


SU1


SU4


80 ms


160 ms


320 ms


640 ms


SU1


SU2


SU3


SU1


SU1


SU2


SU1


SU1


SU2


SU3


SU1 SU1


SU2


SU1


SU4


80 ms


160 ms


320 ms


640 ms





_1255274774/R1-074476.zip


R1-074476 {BCCH transmission}.doc

Page 4
Draft prETS 300 ???: Month YYYY






3GPP TSG-RAN WG1 Meeting #51bis
R1-074476


Shanghai, China, 8-12 October 2007 





Agenda Item:
6.45.


Source: 
Ericsson 



Title:  
Transmission mode for BCCH


Document for:
 Discussion



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.
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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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