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Data rate capabilities for MBMS over GERAN

1 Introduction

In this contribution, simulation results showing the data rates that can be achieved in the GERAN for the support of MBMS services are presented. Some of these results had already been presented at the recent 3GPP Joint Meeting on MBMS [1]. However some of them have been revised with respect to the ones presented in [1], and also new simulation results are provided. Please note that the results presented in this document assume no feedback from the receiving MSs: each RLC/MAC block is transmitted a predefined number of times.

In general, there are four parameters that need to be considered to characterise the performance of the MBMS bearer: SDU size, target SDU error rate, throughput and C/I; keeping two of the four parameters constant, the other two will vary one as a function of the other.

2 Simulation results for EGPRS coding schemes

In Figure 1 and Figure 2, the throughput that can be achieved as a function of C/I is shown, for two different values of the target SDU error rate: 10-2 and 10-3 respectively
. The results have been derived under the assumption that the MBMS SDUs have a size of 500 octets
.

[image: image1.emf]SDU FER = 1%

0

2

4

6

8

10

12

14

16

18

20

5 7 9 11 13 15 17

C/I (dB)

Throughput per TS (kbps)

New MBMS coding schemes

(GMSK)

New MBMS coding schemes

(8PSK)

MCS-1 (algorithm 1)

MCS-1 (algorithm 2)

MCS-2

MCS-3 (algorithm 1)

MCS-3 (algorithm 2)

MCS-4

MCS-5 (2 repetitions)

MCS-5 (3 repetitions)

MCS-6 (2 repetitions)

MCS-6 (3 repetitions)

MCS-7

MCS-8


 Figure 1 – Throughput per timeslot as a function of C/I for target SDU error rate = 1%
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Figure 2 – Throughput per timeslot as a function of C/I for target SDU error rate = 0.1%

The new MBMS specific coding schemes simulated are those proposed in [4]. For both the existing and the new coding schemes, the results have been obtained using repetition redundancy with Incremental Redundancy
. “Algorithm 1” means that blocks whose header is not decoded correctly are discarded and are not combined with previous/subsequent repetitions. Under certain assumptions, it may be possible to combine also blocks whose header has been received in error; this is referred to as “algorithm 2” (see [2] for further details). The results for the new coding schemes have been derived using “algorithm 1”.

For MCS-5 and MCS-6, for which only two puncturing patterns are defined, when 3 repetitions are simulated, puncturing pattern P1 is used in the third repetition.

Some conclusions can be drawn from these figures:

· For MCS-1 to MCS-4 (the EGPRS coding schemes that use GMSK), the performance is limited by the header error rate (due to puncturing). The use of decoding schemes that do not rely on the header being decoded correctly could be beneficial. However, this imposes some constraints on the design of the MBMS bearer (for example, it would not be possible to use a shared channel, but exclusive allocation would be required). One of the advantages of the new coding schemes is the reduced size of the header and the fact that the header is not punctured, which contribute to reducing the header error rate.

· MCS-3 provides highest throughput (4.93 kbps/timeslot) at C/I ( 7 dB (if “algorithm 2” is used), and would therefore be the best choice to provide service across a whole cell (assuming reference C/I = 9 dB and a 2 dB implementation margin).

· An SDU error rate of 10-3 can be provided by the GERAN, however the throughput that can be obtained is lower; this means that there is a tradeoff between SDU error rate and throughput. As a general rules, it can be seen from the graph that the difference between the C/I required to provide a certain throughput at SDU FER = 10-2 and SDU FER = 10-3 is about 1 to 2 dB.

In the following, a summary of the throughput achievable over the GERAN is given.

· Throughput per timeslot for target SDU error rate = 10-2:

· 4.93 kbps at C/I = 9.5 dB using MCS-3 (and “algorithm 1”)

· 6.1 kbps at C/I = 7 dB using new coding schemes

· Throughput per timeslot for target SDU error rate = 10-3:

· 4.93 kbps at C/I = 10.9 dB using MCS-3 (and “algorithm 1”)

· 4.4 kbps at C/I = 7.8 dB using new coding schemes

These values give the throughput per timeslot. The current working assumption is that up to 6 coding timeslots can be simultaneously allocated to one MBMS service which, for example in the case of new coding schemes, brings the total data rate for one MBMS service to 36.6 kbps at C/I = 7 dB for a target SDU error rate of 1%.

It is worth noting that the values given above indicate the raw throughput at the RLC/MAC level. It does not include the overhead of RLC/MAC headers, but it is inclusive of the overhead of LLC headers, SNDCP headers and RTP/UDP/IP headers.

As stated above, the values quoted apply in the case of C/I ( 7 dB. If the C/I that can be guaranteed to all the users that wish to receive the MBMS service is higher, then the throughput that can be obtained will be higher. This could be in the cases in which an operator plans the network so as to guarantee a higher value of the C/I across a whole cell, or if it the MBMS service is provided only over a portion of a cell (the “football stadium” scenario). For example, from Figure 1 it can be seen that, using 6 timeslots and MCS-6 (with 2 repetitions), a throughput of around 90 kbps can be achieved at about 12.7 dB (plus an implementation margin).

Please note that further validation of these results is required before final conclusions can be drawn from them. 

3 Service example – Audio transmission

In this paragraph, an example of a possible service will be studied, audio streaming using VoIP. It is assumed that AMR frames are transmitted over the RTP/UDP/IP protocol; the codec mode with rate 12.2 kbit/s is selected, so that each AMR frame is made up of 224 bits. It is assumed that one IP packet, i.e. an SDU, contains 10 AMR frames. As described in Annex A of [5], in this case an SDU is made up of 362 octets (this values had been previously calculated in [6]). As explained in footnote 2, if the service is provided over GERAN A/Gb mode, 10 octets need to be added due to the overhead of the SNDCP and LLC protocols. When calculating the number of RLC/MAC blocks required to transmit an SDU, therefore, the number of octets to consider is 372.

If a streaming audio service needs to be provided, this data need to be transmitted to the users over 10 AMR frame periods, i.e. 200 ms. The data rate required, inclusive of the overhead due to the RTP/UDP/IP headers and of the SNDCP/LLC headers is therefore 14.88 kbps. This value will be used to determine the number of timeslots required.

Figure 3 and Figure 4 show the results for this value of the SDU size.
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Figure 3 – Throughput per timeslot as a function of C/I for target SDU error rate = 1%
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Figure 4 – Throughput per timeslot as a function of C/I for target SDU error rate = 0.1%

Comparing the results for this value of the SDU size and the results provided in section 2 it can be noticed that the difference is very little (in most cases less than 0.5 dB).

In order to provide the service with an SDU error rate of 1% at C/I ≈ 7 dB, MCS-3 should be used. With 3 timeslots, a data rate of 3 ∙ 4.93 kbit/s = 14.8 kbit/s would be achieved, which may be just sufficient to provide the service; if not, 4 timeslots should be used. With the new coding schemes, 3 ∙ 6.1 kbit/s = 18.3 kbit/s can be achieved at C/I ≈ 7 dB using 3 timeslots, which allows the provision of the service quite comfortably.

4 Results for GPRS coding schemes

During the discussion of [1] at the MBMS Joint Meeting, some operators remarked that MBMS should not require the mandatory support of EDGE, and requested that results for transmission using the GPRS coding schemes be provided alongside with the results for the EGPRS coding schemes. The analysis is carried out in this section. As in section 2, it has been assumed that the size of each SDU is 500 octets.

For the GPRS coding schemes, Incremental Redundancy is not available; redundancy is therefore achieved through simple repetition of the RLC/MAC blocks. At the receiver, the simplest option is to consider each repetition separately, i.e. no soft combining (such as Chase combining, etc.) of the repetitions of each block is performed. By doing so, assuming that the block errors are independent for each repetition
, the following formula for the SDU error rate applies (see [3]):
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where N is the number of RLC/MAC blocks that an SDU is made up of and k is the number of times an RLC/MAC block is repeated. Inverting this formula, it is possible to calculate the required BLER to achieve a certain target SDU as a function of N and k:
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In Figure 5 and Figure 6 the results for the GPRS coding schemes are provided. It is assumed that each RLC/MAC block is repeated 3 times. Figure 5 shows the results for the case in which the transmissions are independent (no combination of the blocks is performed); the results have been derived through an analytical approach using the formula above with k = 3 and the BLER curves for a single transmission. Figure 6, on the other hand, shows the results for the case in which the bits of the blocks received during the three transmissions are soft combined in the receiver; these results have been obtained through simulation.
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Figure 5 – Throughput per timeslot as a function of C/I for target SDU error rate = 1%
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Figure 6 – Throughput per timeslot as a function of C/I for target SDU error rate = 0.1%

As can be seen from the figures, the gain from soft combining is about 2 to 3 dB.

From Figure 5 it can be seen that the only coding scheme for which an SDU error rate of 1% can be achieved at C/I = 7 dB is CS-1 (both with and without soft combining). With CS-2, the target SDU error rate could be achieved at C/I ≈ 7.5 dB only if soft combining of the received blocks is performed in the receiver. The throughput that can be achieved is 2.66 kbit/s for CS-1 and 4 kbit/s for CS-2.

For an SDU error rate of 0.1%, the only coding scheme capable of achieving the target error rate at C/I = 7 dB is CS-1 with soft combining.

5 Conclusions

In this contribution, Siemens has presented simulation results to illustrate the throughput per timeslot that can be obtained for MBMS over the GERAN with a required QoS. Once reviewed by TSG GERAN, these results can be used to obtain realistic data rates achievable for MBMS over the GERAN, which could be used by other working groups when setting the requirements for the MBMS User Service.
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� As can be seen from Table 4 and Table 5 of 3GPP TS 23.107, 10-3 (or 0.1%) is the maximum SDU FER tolerable for the Background traffic class.


� When calculating the number of RLC/MAC blocks required to transmit an SDU, the overhead due to the SNDCP and LLC layers has been added to the SDU size. For acknowledged mode, this is calculated to be 10 octets: 4 octets for the SNDCP header, 1 octet for the LLC address field, 2 octets for the LLC control field and 3 octets for the LLC Frame Check Sequence. This overhead is present only for transmission over GERAN A/Gb mode.


� Unless otherwise indicated, for the existing coding schemes the number of transmissions of the same RLC/MAC block is equal to the number of different puncturing patterns defined for those coding schemes (2 for MCS-1, MCS-2, MCS-5 and MCS-6; 3 for MCS-3, MCS-4, MCS-7 and MCS-8); for the new coding schemes, the number of transmissions is equal to 3. The channel model used in the simulations is TU50 ideal FH.


� This assumption is realistic if Frequency Hopping is used.
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