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On MBMS bearer definition

1 Introduction

Figure 1, taken from TS 23.246 [9], shows the reference architecture to support MBMS:
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Figure 1 – Reference architecture for MBMS

The QoS requirements for MBMS services (including SDU error rate requirements) are those given in TS 23.107 [8], which are repeated for convenience in Annex B. Note that MBMS is considered limited to the Streaming and Background QoS classes.

Figure 2 shows the segmentation (and concatenation) of MBMS SDUs across the different protocol layers:
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Figure 2 – Segmentation of MBMS SDUs (an application using RTP is considered in this example)

In order to keep the analysis simple, in the present document it is assumed that the LLC does not segment the higher layer SDUs; in other words, the SDU size is such that one SDU can fit into one LLC frame. This assumption should be realistic for a p-t-m service that is sent using unacknowledged mode, because in this case there is an interest in keeping the size of the SDUs small in order to reduce the SDU error rate.

2 Bearers for p-t-m and p-t-p services

At present, only two types of logical traffic channels are defined: dedicated channels and packet switched channels. As MBMS is a service provided over the PS domain, dedicated channels are not suitable for it. The only packet switched channel is the PDTCH. However, it is unlikely that the PDTCH will be suitable for MBMS p-t-m transmission, for the following reasons:

· A PDTCH is defined as “the resource allocated to a single MS on one physical channel for user data transmission” (TS 45.002, subclause 3.2.4); a channel carrying MBMS traffic data, on the other hand, is not allocated to any single mobile;

· On the PDTCH, only CS-1 to CS-4 or MCS-1 to MCS-9 can be used; if new coding schemes are introduced for MBMS (see section 5), a new channel needs to be defined
.

Siemens’ proposal is to introduce a new logical channel, called MDTCH
 (Multicast Data Traffic CHannel). This is a downlink only channel and, on this channel, the RLC would operate in unacknowledged mode. 

If the introduction of this new logical channel is agreed, then the following bearers will be used for MBMS:

1. The bearer for MBMS p-t-p transmission will use the PDTCH

2. The bearer for MBMS p-t-m transmission will use the MDTCH

For p-t-p data transmission, no new procedures need to be defined: the current procedures for (E)GPRS would continue to apply, and the bearer would be in all respects a normal PDTCH carrying a TBF.

An MDTCH will be mapped on one PDCH (it will have the same multiframe structure as the PDTCH)
. For transmission on multiple timeslots, one MBMS service will be mapped on multiple MDTCHs. The parameters of the multicast channel(s) will be signalled to the MSs in the notification message.

It may even be possible to introduce a new type of logical traffic channels, the “multicast traffic channels”. The reason for this is that all logical traffic channels currently defined in the specifications (whether circuit switched or packet switched) are, in fact, dedicated resources (i.e. channels allocated to a single user). The MDTCH would be the only multicast traffic channel defined in the specifications, at least for the time being.

As far as physical channels are concerned, in addition to the Dedicated Basic Physical SubCHannel (DBPSCH) and to the Shared Basic Physical SubCHannel (SBPSCH), it would be possible to introduce a third type of basic physical subchannel, the Multicast Basic Physical SubCHannel (MBPSCH). This terminology would only be relevant for Iu mode.

3 Repetition of MBMS data

Given that, for MBMS p-t-m streams, data is sent in unacknowledged mode as no feedback from the users is possible, one of the methods that have been proposed to reduce the SDU error rate is to use “repetition redundancy”. Several options are possible for the addition of repetition redundancy. One method could be to add the redundancy at the BM-SC: each SDU would be repeated K times. This is clearly described in subclause 6.7 of TR 23.846 [10], which states that one of the BM-SC functions is:

“MBMS data repetition and error resilient schemes to cope with possible transmission loss”.

This is the solution that has the lowest possible impact on the GPRS core network and on the GERAN.

An alternative option would be to add the redundancy in the RAN: each RLC/MAC block is repeated k times in the BSC
. For example, in [2] and [3], a scheme for the UTRAN is investigated whereby the Node B repeats each transport block a specified number of times, and the receiver performs soft combining of the received replicas of each block. A similar scheme could also be used in the GERAN, with or without soft combining. Without soft combining, the receiver would just decode each replica of a block independently of all the others, and the block is correctly received if at least one of the replicas is received correctly.

One advantage of adding the redundancy in the RAN is that the BM-SC needs to provide only one data stream to the RAN for both p-t-p and p-t-m services (as for p-t-p services no redundancy need to be provided at the application layer). However, one aspect that needs to be clarified is whether adding redundancy in the RAN breaks the principle that the RAN should be service-agnostic. Also, the technical complexity of adding the redundancy in the RAN and the impact on all the network elements needs to be carefully evaluated (e.g. need for additional buffering in the RAN, modifications to the RLC protocol, etc.).

Instead of repeating the same RLC/MAC block k times, one possible alternative could be to use Incremental Redundancy (this is suitable only in situation where puncturing is performed, see [1]). For example, instead of using a rate 1/n convolutional code to encode the blocks and then send the same block k times (i.e. k exact replicas of the same encoded block), it may be possible to use a rate 1/(k·n) code, and use k different puncturing patterns to produce k different redundancy versions of the same block. These k different redundancy versions could then be either sent sequentially, or each RV could be sent a certain number of blocks after the previous one. The receiver would then combine as many redundancy versions as required to perform a correct decoding of the block. This option is left FFS. It certainly requires significant additional complexity both in the network and in the MS.

In subclause 6.8 of TS 43.064 [12], the retransmission procedure for the PTM-M
 service is described as follows:

PTM-M data, in the form of individual LLC frames, is mapped into RLC/MAC-PTM_DATA primitive and distributed from SGSN to the BSS representing the cells that are defined by a geographical area parameter.

[…]

Transfer of PTM-M data is carried out without any ARQ on the RLC/MAC and LLC layers. Instead, each LLC frame is retransmitted a specified number of times. For each retransmission, the above procedure is performed.  The PTM-M notification (resource assignment) includes the unique LLC frame identifier as in the first transmission but a new allocation of TFI.

An MS accumulates correctly received RLC blocks from each transmission to assemble an LLC frame.

It is left for further investigation whether some of the ideas contained in that subclause can be reused for MBMS.

For MBMS, only the Background and Streaming QoS classes will be supported [9]. “Repetition redundancy” is a technique that may not be suitable for a streaming (i.e. a real-time) service using MBMS but only for a background service. For example, a video clip could be sent to the users, and only when the all the SDUs that make up the clip have been received, the clip would be played (similarly to what happens with MMS).

Note that other methods than repetition of the data have been proposed in order to reduce the SDU error rate. One of this is the use of coding at the application layer (“outer coding”). This is described, for example, in [4].

4 Calculation of SDU error rate

In this section, the performance of some of the “repetition redundancy” options described in section 3 is studied.

4.1 Redundancy added in the BM-SC

First we investigate the resulting SDU error rate when the redundancy is added at the BM-SC (each SDU is repeated K times). For RLC-UM, the error rate for each repetition of an SDU is given by the formula:
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where:

PREP = error rate for each repetition of the SDU

PBLER = BLER for each RLC/MAC block

N = number of RLC/MAC blocks per SDU (LLC frame)

If each SDU is repeated K times, then the SDU error rate (i.e. the probability of receiving an SDU incorrectly) is given by the formula:


[image: image4.wmf](

)

[

]

K

N

BLER

K

REP

SER

P

P

P

)

1

(

1

-

-

=

=


This is because an SDU is received incorrectly if and only if all the repetitions are received incorrectly.

The following table gives an idea of the numbers. To derive the values, PBLER = 1% has been assumed. 

	
	N = 10
	N = 30
	N = 50

	K = 1
	0.095617925
	0.260299627
	0.394993933

	K = 2
	0.009142788
	0.067755896
	0.156020207

	K = 3
	0.000874214
	0.017636834
	0.061627035

	K = 4
	8.35906E-05
	0.004590861
	0.024342305


4.2 Redundancy added in the RAN

In this sub-section, the case in which each RLC/MAC block is repeated k times is studied (no soft combining of the received blocks is assumed: each block is decoded independently of the others). In this case, the SDU error rate is given by the formula:
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Assuming again that PBLER = 1%, in this case the numbers become:

	
	N = 10
	N = 30
	N = 50

	k = 1
	0.095617925
	0.260299627
	0.394993933

	k = 2
	0.00099955
	0.002995654
	0.00498777

	k = 3
	9.99996E-06
	2.99996E-05
	4.99988E-05


4.3 Discussion of the results

It can be seen from the values calculated in the two cases that, from a performance point of view, the best solution would be to add the redundancy in the RAN, i.e. at the BSC. It is worth noting that in the analysis it is assumed that all error events are uncorrelated; in certain network scenarios this may not be true, especially when Frequency Hopping is not used [5]. The values given in the tables above will therefore need to be confirmed by link layer simulations.

5 Calculation of required BLER

In this section, only the case in which repetitions are added at the BM-SC is studied. From the formula given in section 4.1, it is possible to calculate the BLER required to achieve a certain target SDU error rate. If the target SDU error rate is equal to PSER, the required BLER is given by:


[image: image6.wmf]N

K

SER

BLER

P

P

-

-

=

1

1


We have considered a particular value of the target SDU error rate of PSER = 10-3, and we have calculated the BLER required to achieve this SDU error rate
, as a function of N (the number of RLC/MAC blocks that an SDU is made up of). The results are shown in Figure 3.
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Figure 3 – BLER required to achieve a target SDU error rate of 10-3
Once the particular application for MBMS is known, and therefore the size of the SDUs and hence N, it is possible to calculate the required BLER to achieve the target SDU error rate.

For CS-1, the most robust coding scheme available on the PDTCH, the BLER at a reference C/I of 9 dBs obtained from Siemens simulations is 0.14135 for TU3nFH and 0.03376 for TU50iFH [1] (this latter value is the reference shown with dashed line in Figure 3). These values are very close to the ones given in Annex P of TR 45.050 [13] (about 0.15 for TU3nFH and about 0.028 for TU50iFH). From Figure 3 it can be seen that for K = 1 (no repetition of the SDUs) or K = 2 (each SDU is sent 2 times by the BM-SC), it would be impossible to achieve an SDU error rate of 10-3 using CS-1. For K = 3 and K = 4, it would be possible to achieve that value of the SDU error rate only if the SDUs were made up of a very small number of RLC/MAC blocks
.

From what has been shown, it can be concluded that it may be either not possible or very difficult to achieve a target SDU error rate of 10-3 using CS-1 coding. In [1], alternative coding schemes to be used for MBMS in the GERAN are studied.

Note that the analysis carried out in this document is a simplified. For example, the impact on the SDU error rate of erroneous RLC/MAC blocks not being detected by the CRC check [6] is not taken into account. This will have the effect of increasing the SDU error rate further. However, given the very low value of Pue (the probability of undetected error), the effect will be noticed only at very low values of the BLER. In order to reduce Pue, the size of the CRC could be increased from12 bits to 16 or 18 bits (see Annex C).

In Figure 4, the BLER required at the RLC/MAC layer to achieve an SDU error rate of 10-2 is shown.
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Figure 4 - BLER required to achieve a target SDU error rate of 10-2
6 Conclusions

In this contribution, Siemens has presented a proposal to introduce a new logical channel (MDTCH) for MBMS p-t-m data transmission. It has also been shown that with the existing (E)GPRS coding schemes it would be difficult to fulfil the SDU error rate requirements for MBMS. One possibility to improve the performance is to introduce new channel coding schemes for MBMS, more robust than those currently available on the PDTCH. This is investigated in [1]. Another option to improve the performance could be to introduce a new RLC/MAC block structure to be used on the MDTCH. This is further discussed in Annex C.

7 References

[1] GMBMS-030008, “New channel coding schemes for MBMS”, Siemens, TSG GERAN MBMS Workshop, Espoo (Finland), 12-13 May 2003

[2] R1-021233, “Consideration of Time Diversity Gain for MBMS”, NTT DoCoMo, RAN1#28bis, Espoo (Finland), 8-9 October 2002

[3] R1-021407, “Time diversity gain for MBMS”, NTT DoCoMo, RAN1#29, Shanghai (China), 5-8 November 2002

[4] R1-02-1410, “On support for Outer coding”, Qualcomm, RAN1#29, Shanghai (China), 5-8 November 2002

[5] M. Zorzi, R. R. Rao, “Perspectives on the impact of error statistics on protocols for wireless networks”, IEEE Personal Communications, volume 6, no 5, October 1999, pages 32 –40

[6] GP-030784, “SDU error ratio for streaming when using unacknowledged LLC”, Ericsson, GERAN #14, Munich (Germany), 7-11 April 2003

[7] 3GPP TS 22.146, “Multimedia Broadcast/Multicast Service; Stage 1”

[8] 3GPP TS 23.107, “Quality of Service (QoS) concept and architecture”

[9] 3GPP TS 23.246, “Multimedia Broadcast/Multicast Service (MBMS); Architecture and Functional Description”

[10] 3GPP TR 23.846 “Multimedia Broadcast/Multicast Service (MBMS); Architecture and functional description”

[11] 3GPP TS 25.346 “Introduction of the Multimedia Broadcast Multicast Service (MBMS) in the Radio Access Network (Stage-2)”, version 0.5.0 (March 2003)

[12] 3GPP TS 43.064, “General Packet Radio Service (GPRS); Overall description of the GPRS radio interface; Stage 2”

[13] 3GPP TR 45.050 “Background for Radio Frequency (RF) requirements”

[14] 3GPP TR 45.902, “Flexible Layer One”
8 Annex A - MBMS bit rates

The following table, taken from TS 22.146 [7], contains a non-exhaustive list of some applications with typical bit rates that may be suitable for MBMS.

	Application
	Media type(s)
	Typical

Bit rate

	
	
	

	Traffic telematics
	Text, audio, pictograms, video
	8kb/s ~ 64kb/s

	Weather 
	Text, video, pictograms
	8kb/s ~ 64kb/s

	Advertising
	Text, video, pictograms
	8kb/s ~ 64kb/s

	News broadcast
	Audio, video
	8kb/s ~ 256kb/s

	Music streaming, 

(Web radio)
	Audio
	8kb/s ~ 64kb/s

	Video concert
	Audio/Video
	32kb/s ~ 256kb/s

	Sports replay
	Video
	32kb/s ~ 256kb/s

	File sharing
	Binary data
	8kb/s ~ 256kb/s


For example, a bit rate of 8 kbps could be provided over one timeslot using CS-1 coding.

9 Annex B - Ranges of Radio Access Bearer Service Attributes

The following table, which is an excerpt from Table 5 of TS 23.107 [8], lists the value ranges of the radio access bearer service attributes for the two traffic classes supported by MBMS (Streaming and Background). The value ranges reflect the capability of UTRAN. The values in the GERAN are still under discussion and may be different.

	Traffic class
	Streaming class
	Background class

	Maximum bitrate (kbps)
	<= 2 048 (1) (2)
	<= 2 048 - overhead (2) (3)

	Delivery order
	Yes/No
	Yes/No

	Maximum SDU size (octets)
	<=1 500 or 1 502 (4)
	<=1 500 or 1 502 (4)

	SDU format information
	(5)
	

	Delivery of erroneous SDUs
	Yes/No/-
	Yes/No/-

	Residual BER
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-5, 10-6 
	4*10-3, 10-5, 6*10-8 (6)

	SDU error ratio
	10-1, 10-2, 7*10-3, 10-3, 10-4, 10-5 
	10-3, 10-4, 10-6 

	Transfer delay (ms)
	250 – maximum value 
	

	Guaranteed bit rate (kbps)
	<= 2 048 (1) (2)
	

	Traffic handling priority
	
	

	Allocation/Retention priority
	1,2,3
	1,2,3

	Source statistic descriptor
	Speech/unknown
	

	Signalling Indication
	
	


1)
Bitrate of 2 048 kbps requires that UTRAN operates in transparent RLC protocol mode, in this case the overhead from layer 2 protocols is negligible.

2)
The granularity of the bit rate attributes shall be studied. Although the UMTS network has capability to support a large number of different bitrate values, the number of possible values shall be limited not to unnecessarily increase the complexity of for example terminals, charging and interworking functions. Exact list of supported values shall be defined together with S1, N1, N3 and R2.

3)
Impact from layer 2 protocols on maximum bitrate in non-transparent RLC protocol mode shall be estimated.

4)
In case of PDP type = PPP, maximum SDU size is 1502 octets. In other cases, maximum SDU size is 1 500 octets.
5)
Definition of possible values of exact SDU sizes for which UTRAN can support transparent RLC protocol mode, is the task of RAN WG3.

6)
Values are derived from CRC lengths of 8, 16 and 24 bits on layer 1.

10 Annex C - Possible new RLC/MAC block structure

For MBMS, the RLC/MAC header can be reduced, as most of the fields present in the RLC/MAC header for (E)GPRS are no longer needed. Although the MBMS stream is downlink only, the uplink part of a timeslot on which MBMS is transmitted could be used by other mobiles for uplink transmission (using a normal PDTCH/U). Therefore, the USF field may still be needed, in order to schedule mobiles in the uplink.

The USF is coded as specified in TS 45.003, and summarised in subclause 6.5.5.1 of TS 43.064 [12]. Whatever the (E)GPRS coding scheme (using the same modulation), after interleaving the encoded USF bits will always be located at the same positions within a radio block. It is proposed that even when MBMS data is transmitted the USF encoded bits will continue to occupy the same positions as they currently do. The rest of the bits in each radio block would be used for MBMS specific coding schemes. So even if diagonal interleaving is used for MBMS (as for some of the coding schemes investigated in [1]), legacy mobiles will still be able to operate properly. This aspect is further discussed in [1].

Figure 5 shows a proposed RLC/MAC block structure to be used for MBMS p-t-m transmission (not including the USF).

	Bit
	

	8
	7
	6
	5
	4
	3
	2
	1
	

	PT
	TFI (=RB Id)
	BSN
	Octet 1

	BSN
	E
	Length Indicator
	Octet 2

	Length Indicator
	E
	...
	Octet 3

	...
	E
	Length Indicator
	...

	Length Indicator
	E
	
	Octet M

	RLC data
	Octet M + 1

	
	.

	
	.

	
	.

	
	
	Octet N


Figure 5 – Proposed RLC/MAC block for MBMS p-t-m data transfer

This block structure is similar to the RLC/MAC block structure for data transfer in RLC unacknowledged mode with the Flexible Layer One (see subclause 8.3.3.1.1 of TR 45.902 [14]). However, the Polling (P) bit has been removed, as it is not needed for MBMS (no measurement reports are sent by the MS). It is not clear whether the Payload Type (PT) field is needed, so it has been left in for the time being. Also, it is FFS whether a 4-bit BSN field is enough for MBMS. However, if the structure shown in Figure 5 is confirmed, the header could be reduced to only 10 bits (plus the USF).

The benefit of reducing the header is that it would be possible either to increase the number of RLC data bits while keeping the block size constant (and therefore increase the throughput while keeping the BLER constant), or decrease the block size if the number of RLC data bits is kept unchanged (and therefore decrease the BLER while keeping the throughput constant). Alternatively, the bits saved in the header could be used to increase the size of the CRC field (e.g. from 12 bits to 16 or 18 bits).

11 Annex D - Throughput for a p-t-m bearer

In this Annex, a simplified analysis of the performance of an MBMS p-t-m bearer is presented. The goal is to estimate the maximum throughput (as seen by the higher layers) that can be obtained in p-t-m mode using EGPRS coding schemes in RLC UM in several scenarios. A possible method to calculate the throughput is shown. However, the results provided in the Tables require further verification, and for this reason the analysis is presented in an Annex. If the values need revision, new values may be presented at a future meeting. But even though the final values might change, we believe that the conclusions that can be reached from them would still be valid.

Note that the values of the throughput given in the tables of this Annex include the overhead due to the header(s) in the SDUs.

11.4 Transmission without IR

Considering the case in which redundancy is added in the RAN (each RLC/MAC block is repeated k times), the relationship between the SDU error rate (PSER) and the Block Erasure Rate (PBLER) is given by the formula in section 4.2 (with the assumption that all error events are uncorrelated):
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N is the number of RLC/MAC blocks per SDU (LLC frame):
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The value of k determines the maximum throughput that can be achieved:
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Given as inputs the SDU size, the required PSER, the number of allocated Timeslots (#TS) and the reference PBLER, the achievable throughput is therefore given by:
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To evaluate the PBLER for each coding scheme, we need to decide a reference value for the C/I. Assuming, for instance, to provide the MBMS service on a BCCH carrier with 4/12 reuse (see the corresponding C/I CDF in Figure 6) and to design the service in order to have 95% of satisfied users, a reference value C/Iref of around 11.6 dB can be derived
.
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Figure 6 - CDF of Mean C/I (C/I averaged over the radio block)

Knowing C/Iref, the reference PBLER for each MCS can be derived from Figure 7 (where TU3iFH with no IR is assumed). Note that this is only a simplified approach (for instance the relation between C/I and BLER in Figure 7 is handled as a deterministic one, which is not the case).
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Figure 7 - BLER vs C/I for different MCSs (TU3iFH, no IR)

In the rest of the Annex, we will consider the following scenarios:

· PSER= 10-2 (1%) or 10-3 (0.1%)

· SDU sizes of 74
 (i.e. payload of MCS-6), 148 or 296 bytes 

The values of N for each coding scheme in this case are
:

	
	SDU size = 74
	SDU size = 148
	SDU size = 296

	MCS-1
	4
	7
	14

	MCS-2
	3
	6
	11

	MCS-3
	2
	4
	8

	MCS-4
	2
	4
	7

	MCS-5
	2
	3
	6

	MCS-6
	1
	2
	4

	MCS-7
	2
	3
	6

	MCS-8
	2
	3
	5

	MCS-9
	1
	2
	4


Table 1
Using the formula above, the following values for the maximum throughput per timeslot can be derived:

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	5.60
	3.70
	1.96
	5.60
	4.23
	0.95
	0.39
	0.43

	148
	4.40
	5.60
	2.96
	1.76
	4.48
	3.70
	0.88
	0.37
	0.37

	296
	4.40
	5.60
	2.96
	1.60
	4.48
	3.29
	0.79
	0.34
	0.33


Table 2 - Maximum throughput for PSER = 10-2 (no IR, redundancy added in the RAN)

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	3.73
	2.47
	1.47
	3.73
	2.96
	0.67
	0.27
	0.28

	148
	4.40
	3.73
	2.47
	1.26
	3.73
	2.69
	0.63
	0.26
	0.26

	296
	4.40
	3.73
	2.11
	1.26
	3.20
	2.47
	0.58
	0.25
	0.24


Table 3 - Maximum throughput for PSER = 10-3 (no IR, redundancy added in the RAN)

If redundancy is added in the BM-SC, the throughput per timeslot will be even lower. In this case, the formula for PSER is:
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while the maximum throughput is given by:
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The throughput for the different coding schemes becomes:

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	5.60
	2.47
	0.93
	3.73
	4.23
	0.11
	0.02
	0.43

	148
	4.40
	3.73
	1.35
	0.19
	2.24
	1.97
	0.01
	0
	0.01

	296
	2.93
	2.80
	0.41
	0.02
	0.83
	0.46
	0
	0
	0


Table 4 - Maximum throughput for PSER = 10-2 (no IR, redundancy added in the BM-SC)

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	2.93
	3.73
	1.85
	0.63
	2.49
	2.96
	0.08
	0.01
	0.28

	148
	2.93
	2.80
	0.87
	0.13
	1.60
	1.29
	0.01
	0
	0.01

	296
	2.20
	1.87
	0.27
	0.01
	0.56
	0.31
	0
	0
	0


Table 5 - Maximum throughput for PSER = 10-3 (no IR, redundancy added in the BM-SC)

Although the values should be considered as indicative only (due to the assumptions made), the following conclusions can be reached:

· With some reasonable settings for number of timeslots, PSER and SDU sizes, only limited performance (in terms of maximum throughput) can be provided in p-t-m mode, if current EGPRS coding schemes are used.

· The most protected coding scheme (MCS-1) is not necessarily the best solution: in some cases, other MCSs seem to provide better results (because despite PBLER being higher, N is lower), although, as the size of the SDU increases, it seems that MCS-1 becomes the best choice.

11.5 Transmission with IR

In this subsection, we repeat the analysis for the case in which Incremental Redundancy is used. The curves giving the BLER as a function of C/I are shown in Figure 8:
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Figure 8 - BLER vs C/I for different MCSs (TU3iFH, with IR)

Repeating the analysis carried out in the previous subsection, in case of redundancy added in the RAN the following values for the throughput can be derived:

	 SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	5.60
	3.70
	3.52
	5.60
	5.92
	4.98
	4.53
	5.38

	148
	4.40
	5.60
	3.70
	2.93
	5.60
	5.92
	4.48
	4.18
	4.93

	296
	4.40
	5.60
	3.70
	2.51
	4.48
	4.93
	4.07
	3.89
	4.23


Table 6 - Maximum throughput for PSER = 10-2 (with IR, redundancy added in the RAN)

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	3.73
	2.96
	2.20
	4.48
	4.23
	3.45
	3.20
	3.70

	148
	4.40
	3.73
	2.96
	2.20
	3.73
	3.70
	3.20
	3.02
	3.48

	296
	4.40
	3.73
	2.47
	1.96
	3.73
	3.70
	2.99
	2.86
	3.12


Table 7 - Maximum throughput for PSER = 10-3 (with IR, redundancy added in the RAN)

If, on the other hand, redundancy is added in the BM-SC, the following values are derived:

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	4.40
	5.60
	2.96
	1.96
	4.48
	5.92
	2.13
	1.70
	5.38

	148
	4.40
	3.73
	1.85
	0.77
	2.80
	3.29
	0.93
	0.60
	1.85

	296
	2.93
	2.8
	0.67
	0.21
	1.24
	1.29
	0.08
	0.08
	0.24


Table 8 - Maximum throughput for PSER = 10-2 (with IR, redundancy added in the BM-SC)

	SDU size
	MCS1
	MCS2
	MCS3
	MCS4
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	74
	2.93
	3.73
	2.11
	1.35
	2.80
	4.23
	1.45
	1.13
	3.70

	148
	2.93
	2.80
	1.23
	0.52
	2.04
	2.28
	0.63
	0.40
	1.23

	296
	2.20
	1.87
	0.45
	0.14
	0.83
	0.87
	0.06
	0.05
	0.16


Table 9 - Maximum throughput with PSER = 10-3 (with IR, redundancy added in the BM-SC)







� Without FLO, there is a very tight relationship between logical channel and channel coding scheme at the physical layer.


� In the UTRAN, a similar logical channel, the MTCH (“MBMS Traffic Channel”) has also been defined, see � REF _Ref39388943 \w \h ��[11]�.


� Whether the PTCCH needs to be kept in the multiframe structure is for further investigation.


� These k replicas could then be either sent sequentially, or each replica could be sent a certain number of blocks after the previous one (and in between, replicas of other blocks would be sent). This would provide additional time diversity gain.


� The PTM-M (Point-to-Multipoint Multicast) service bears a striking similarity with the Multicast service of MBMS. However, the PTM-M service has been removed from the Stage 1 specification for GPRS (TS 22.060) from Release 99 onwards, although the Stage 2 specifications have not been updated accordingly.


� During GERAN#14 it has been concluded that an SDU error rate of 10-3 (0.1%) is achievable for a Streaming service when using RLC acknowledged mode and LLC unacknowledged mode, with a 12-bit CRC � REF _Ref40067317 \w \h ��[6]�. Also, this is the maximum allowed SDU error rate for a Background service.


� Note that, if the SDUs are RTP/UDP/IP packets, then 40 octets are needed just for the header. Unless RoHC (Robust Header Compression) is used, in which case the header could be reduced to around 4 octets.


� Note that the assumptions made may not be consistent with some of the conclusions derived in this paper and other papers, e.g. � REF _Ref39228222 \w \h ��[1]�. Different assumptions would have the effect of changing the shape of the curve and therefore the value of C/Iref.


� As mentioned in footnote #� NOTEREF _Ref40270730 \h ��7�, if not header compression is not used, up 40 of these octets will be needed for the headers at the application layer. So this value of the SDU size may not be a realistic one.


� Note that in the case of MCS-7 to MCS-9, one radio block contains two RLC/MAC blocks.
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