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Outer Coding on RLC Layer for MBMS over GERAN

1. Introduction

In Document 3GPP TR 25.992-200 “Multimedia Broadcast/Multicast Service (MBMS); UTRAN/GERAN requirements” [1] requirements relating to the radio access network for the provision of MBMS services are listed in Section 5. According to requirement 10, individual retransmission will not be supported which disables the support of the widely used and accepted acknowledged mode for data services within GERAN. Requirement 17 states that MBMS solutions to be adopted should minimise the impact on the RAN physical layer and maximise reuse of existing physical layer and other RAN functionality.
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 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
. Without soft combining, the receiver would just decode each replica of a block independent of all others, and the block is correctly received if at least one of the replicas is received correctly. For proposals and results see [1], [3], and [4]. 
Instead of repeating the same RLC/MAC block K times, one possible alternative could be to use Incremental Redundancy
 (see [5]). Instead of using a rate 1/n convolutional code to encode the RLC/MAC 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 either be sent sequentially, or each of them 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. It certainly requires significant additional complexity both in the network and in the MS and therefore contradicts with Rec. 2. In addition, the actual performance has not been shown yet.

Therefore, we propose an outer coding scheme based on Reed-Solomon (RS) codes and a convolutional interleaver at RLC layer. This coding scheme provides simplicity with respect to Rec. 2 of [1], as well as extraordinary performance. In addition, in contrast to the repetition scheme, the flexibility of RS codes also allows significant flexibility in the definition of an appropriate MDTCH. The basic idea of this proposal is to obtain a reliable service at RLC layer for p-t-m services, which is equivalent to the RLC retransmissions in the acknowledged mode for p-t-p services. With this proposal we increase the throughput by about 110% at the same RLC-SDU error rate for the best scheme presented up to now. Therefore, we expect data rates of about 26 kbit/s in a multislot scenario. 

2. Outer Coding: Reed-Solomon codes and convolutional interleaving at RLC layer

2.1. Basic Idea: Outer Coding with RS codes for RLC-SDU segments

We propose to use outer coding based on Reed-Solomon codes for RLC-SDU segments. A similar scheme has been proposed in [6] and evaluated in [7] for UTRAN. We propose to adapt and extend this scheme to the GERAN constraints and to define an MDTCH (Multicast Data Traffic CHannel) to support a point-to-multipoint (p-t-m) transmission appropriately. 

Figure 1 shows an overview of the basic principle: The RLC-SDUs are split into RLC-SDU segments of length k  [bytes]. In order to avoid stuffing in the final segment of an RLC-SDU, the remaining byte positions could be filled up with data from the next RLC-SDU similar to the acknowledged mode in p-t-p transmission. Now let a Reed-Solomon (RS) code with block length n be defined over Galois field (GF) 
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 bits or one byte. Each of the RLC-SDU segments can therefore be viewed as an information word of exactly k symbols, which is RS encoded into blocks of length n symbols (bytes). The generation of the redundancy symbols for a RS code with parameters (n,k,q) is, for example, explained in [9]. With the parameter n delay can be traded versus coding gain
. 
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Figure 1 System Overview: Outer Coding with Reed-Solomon Codes and generic interleaver.
Since RS codes belong to the class of maximum distance separable codes, the following property holds: If at least any k of the n symbols in a code word are received correctly, all erased positions within the code word can be reconstructed, i.e. the contained information word of length k can be recovered. For the reconstruction procedure based on, for example, the Berlekamp-Massey algorithm we also refer to [9]. The crucial part is now to map the encoded blocks of length n [bytes] onto RLC/MAC blocks of equal (payload) size N=n [bytes], such that the loss of one RLC/MAC block only affects one symbol (byte) within a code word. For this reason, an interleaving strategy has to be applied, which assigns each byte in an encoded RLC-SDU segment to one of n different RLC/MAC blocks. Furthermore, the n RLC/MAC blocks containing a byte from the same codeword should be chosen in such a way that their loss at the physical layer is as independent as possible from each other.  The choice of the interleaver determines the maximum delay, the storage requirements, the achievable coding gain, or the possibility to reuse existing schemes. In [7], a block interleaver was used which typically needs twice the memory and the delay of a convolutional interleaver.

2.2. Minimum Delay Interleaving

Basically any kind of interleaving can be performed which distributes the symbols such that each RLC/MAC block only contains a single symbol (byte) of a RS code word. However, it is obviously beneficial to minimize the required memory in both the base station and the mobile terminal. In addition, it is also advantageous to minimize the delay which a single RLC-SDU segment experiences to minimize playback delay for real-time services
. The best interleaver in this case is a convolutional interleaver [10], which spreads the symbols within a code word over n RLC/MAC blocks such that the each code word and therefore each RLC-SDU experience a constant delay.
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Figure 2 Reed-Solomon coding with convolutional interleaving shown for n=N
Figure 2 shows the principle algorithm of the convolutional interleaver, which can be summarized as follows:

1. The first symbol (byte) of the RS code word generated at time i is placed in RLC/MAC block j at position N.

2. The second symbol (byte) of the RS code word generated at time i is placed in RLC/MAC block j+1 at position N-1.

3. …

4. The N-th symbol (byte) of the RS code word generated at time i is placed in RLC/MAC block i+N-1 at position 1.

5. The (N+1)-th symbol (byte) of the RS code word generated at time i is placed in RLC/MAC block j+N at position N.

6. …

Obviously variants of this algorithm are possible where byte positions within RLC/MAC blocks might be exchanged without altering the basic algorithm.

Although this requires some overhead in the setup or closing down phase, this is irrelevant as MBMS is likely to be a continuous broadcast service, where setup and closing phases have negligible time. The structure of the convolutional interleaver only depends on the code word length n of the RS code. Therefore, a change in the RLC-SDU segment size equivalent to the RS information size k does not require a change in the structure of the convolutional interleaver. 

2.3. Multislot solution

Finally, we want to mention that our proposal can be extended in a straightforward way to incorporate multislot transmission: If an MBMS service can use a total of M MDTCHs (each mapped onto a different time slot), M successive RLC/MAC blocks are usually transmitted in parallel. If we perform interleaving of a specific RS codeword only over RLC/MAC blocks on the same MDTCH, we achieve M times the throughput of the single slot case while yielding the same RLC-SDU error rate target. In document [11] a variant of the multislot scheme mentioned above is proposed, which extends this proposal in a way that the throughput is increased.

3. Performance characterization at RLC layer

In the following we present an estimation of the performance gains achieved by our proposals and compare it to the repetition schemes as presented in Tdoc GMBMS-030007.

3.1. Definitions

Let us define the following symbols:

S 
RLC-SDU size (in bytes)

M
number of parallel MDTCHs (or time slots used at the physical layer) 

N 
payload size of RLC/MAC blocks (in bytes); depends on coding scheme

n
RS code word length (in symbols or bytes),

p
RLC/MAC block loss rate

k 
size of RLC-SDU segments (in bytes), 
corresponds to RS information word length (in symbol or bytes)

ps
RLC-SDU segment loss rate

K 
number of replica for repetition schemes, i.e. original and K-1 repetitions

Ps
residual RLC-SDU error rate

T
transmission time interval of RLC/MAC blocks (20 ms in GSM-GPRS)

Z
throughput of the applied coding scheme (in bit/s)

D
minimum delay of an RLC-SDU assuming immediate transmission

3.2. SDU Error Rate Estimation

We estimate the performance of RLC-SDU error rates and compare the results to existing proposals. The RLC-SDU error rate estimation is very similar to the computations presented in Tdoc GMBMS-030007. We assume statistically independent RLC/MAC block losses. We will briefly review those as we also use them for comparison purpose. For the K-times repetition of RLC-SDUs the resulting error rate can be estimated as 
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For K-times repetition of RLC/MAC blocks the residual error rate can be estimated as
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For the scheme with outer RS coding a similar estimation can be used. In this case, however, we first derive the loss rate of an RLC-SDU segment corresponding to a RS code word. This can be estimated as
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Then, assuming statistical independent losses of the segments
 the residual RLC-SDU error rate can be estimated as
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3.3. Throughput Estimation

The throughput is defined as the maximum transmission data rate which is supported by a specific coding scheme in bit/second. The throughput for both repetition schemes can be estimated as 
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For the RS scheme the throughput can be estimated as
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3.4. Delay Estimation

We define the delay as the maximum algorithmic delay necessary to transmit a RLC-SDU over one of the presented schemes, i.e. the time difference between transmitting the first byte of this RLC-SDU and the last byte of this RLC-SDU.

For both repetition schemes we obtain the following delay:
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For the RS code scheme with convolutional interleaver the delay can be estimated as:
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4. Performance Estimation and Discussion

4.1. GPRS Parameters

In the following we will present performance estimations for typical scenarios. For this, we have gathered RLC frame loss rates for all four GPRS coding schemes over a TU03 channel with and without frequency hopping at C/I=7dB
. This is summarized in Table 1 along with the used payload size N for each GPRS coding scheme (CS).
 In addition, we assume in the following that the code word length n is equivalent to the payload size N of the GPRS coding scheme in use, i.e. n=N. Hence, for CS1 the code word length would be n=20, for CS2 n=30, etc.

Table 1 Payload size and RLC/MAC block loss rates at C/I=7dB, different coding schemes with and without frequency hopping. 

	
	Payload size N
	7dB FH
	7 dB nFH

	CS 1
	20 bytes
	0.133680
	0.252568

	CS 2
	30 bytes
	0.410720
	0.337416

	CS 3
	36 bytes
	0.595024
	0.397168

	CS 4
	50 bytes
	0.929472
	0.568128


4.2. SDU Error Rate versus Throughput

The presented results show the residual RLC-SDU error rate versus throughput for different parameter settings and coding schemes. The equations according to the previous sections have been applied. For the repetition scheme the parameter K, the number of repetitions, is varied to trade off throughput versus error rate. K is selected as K=1,2,3, …. In case of the RS code scheme the parameter k, the RLC-SDU segment size (corresponding to the RS information word size) is varied accordingly. k is selected as k=1,2,3,…n. In a first set of experiments we apply frequency hopping, single slot transmission (M=1), assume n=N and a constant SDU size of S=500 bytes. The results for C/I=7dB are shown in Figure 3. Note that only each dot is realizable, the connecting lines are just for illustration purposes. More results are provided in the Appendix.

[image: image13.wmf]
Figure 3 RLC-SDU error rate vs. throughput for TU03 with FH, S=500, M=1, and C/I = 7dB.

We will focus on C/I=7dB in the following: Assuming a target RLC-SDU error rate of about 1%, for the repetition schemes only the RLC/MAC block repetition scheme for coding scheme 1 with K=4 seems to be appropriate. All other repetition schemes either do not provide sufficient error rate or sufficient throughput. The throughput for K=4 with CS1 is 2 kbit/s (with the assumption that the payload size for CS 1 is 20 bytes, i.e. N=20). For the outer coding scheme and a target RLC-SDU error rate of 1% a throughput of 4.3 kbit/s can be supported using CS1 and k=11, which is 115% more. 

In case of multislot transmission, we expect that the achievable throughput of all the schemes contained in Figure 3 is simply increased by a factor of M, the number of parallel MDTCHs.

These initial results just show the basic improvements possible with our proposal. A verification of the results is provided in Section 5 with an implementation of major parts of the system on top of a GPRS system.

4.3. Delay Estimations

The previous results show the benefits of the proposal in terms of throughput and RLC-SDU error rate compared to the repetition schemes. Another issue might be the introduced delay of a RLC-SDU for different schemes, which is also related to the required memory in the base station and the mobile. The parameters providing a sufficient error rate according to Figure 3 are as follows:

For the repetition code: 



K=4 with CS1
For the RS code with convolutional interleaver: 
k=11 with CS1

Figure 4 shows delay D versus RLC-SDU size S for the repetition scheme and the scheme with RS codes and convolutional interleaving for single slot transmission (M=1) and multislot transmission (M=6). Let us first focus on the single slot transmission. The proposed scheme with RS code and convolutional interleaver adds some constant delay. However, with increasing SDU size the delay for the convolutional interleaver increases slower than for the repetition case. Assuming a maximum RLC-SDU size of S=1500 bytes, the maximum delay D is about 3.2 seconds, whereas for the repetition the delay is about 6 seconds resulting in less required memory for the proposed scheme.

For the multislot transmission the delay for the RLC-SDU repetition obviously decreases by M. For the proposed scheme, the delay also decreases with increasing number of slots. However, a constant delay term nT is always present.

[image: image14.wmf]
Figure 4 Delay versus RLC-SDU size for transmission with repetition code with K=4 and RS code with k=11, both for CS1, and single slot (M=1), as well as multislot transmission (M=6). 

5. Initial Simulation Results

To verify the results of our proposed scheme we have implemented the major parts of the algorithms and tested it on realistic GPRS error patterns. Therefore, the assumption of statistically independent RLC/MAC block losses in case of no frequency hopping and statistically independent RLC-SDU segment losses is abandoned and the effects of the interleaver will get more obvious. In addition the effects of block concatenation with respect to RLC-SDUs are considered. 

[image: image15.wmf]
Figure 5 simulated RLC-SDU error rate vs. throughput for TU03 with FH, S=500, M=1, and C/I = 7dB.

Figure 5 shows the simulated performance results for the same set of parameters that have been used for the estimation depicted in Figure 3. As one can see, the achievable throughput of the RS coding scheme is slightly increased, since already a value of k=12 is sufficient to yield a RLC-SDU error rate target of 1%. However, the repetition scheme stays the same, and the performance improvement when using RS coding with convolutional interleaving has been proven also by simulation.

The results for an RLC-SDU size of 1500 bytes are given in Figure 6 in the Appendix: While the performance of the RS coding scheme stays the same, the throughput of the repetition scheme is further reduced since now a value of K=5 is required to yield a target RLC-SDU error rate of 1%.

Furthermore, Figure 7 in the Appendix shows that in case of multislot transmission, the achievable throughput of all strategies is simply M times the value of the single slot case, as predicted in the previous section.

Finally, we have also performed simulations without frequency hopping enabled. The respective results are contained in Figure 8 in the Appendix and show catastrophic results for all strategies. 

6. Implementation aspects

The proposed RS coding scheme with convolutional interleaver is applied at the RLC layer and does not influence other parts of the system stack. Thus, simple software update in existing BSCs should be possible. 

The RS decoding effort in the MS is definitely manageable: A similar technology is already part of the ECSD extension of GSM at the physical layer, hence, the technology is well-known. Furthermore, the decoding operation is greatly simplified compared to ECSD, since only erasure decoding has to be performed (location of erased symbols is known!).

A major advantage of using a convolutional interleaver compared to a block interleaver (besides the delay) is the fact that decoding is continuously performed with every incoming RLC/MAC block, thus avoiding peaks in the data processing at the MS. In addition, the required number of memory elements for such an interleaver is only 
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7. Summary and conclusion

RS coding in combination with convolutional interleaving seems to be a promising solution for MBMS over GERAN. The flexibility of this scheme allows adaptation of parameters such as GPRS coding scheme selection with optimal RS code parameters even during active MBMS sessions, if adequate signaling is available. Furthermore, the extension to multislot transmission is straightforward and may be improved, as stated in [11].

The achievable throughput in case of single and multislot transmission is more than doubled compared to the best strategies (i.e. repetition of RLC/MAC blocks) up to now. At the same time, the introduced algorithmic delay is kept at a minimum due to the use of a convolutional interleaver.
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Appendix – Further Results

We present further results on the RLC-SDU error rate versus the throughput of the system.  


[image: image17.wmf]
Figure 6 simulated RLC-SDU error rate vs. throughput for TU03 with FH, S=1500, M=1, and C/I = 7dB.

[image: image18.wmf]
Figure 7 simulated RLC-SDU error rate vs. throughput for TU03 with FH, S=500, M=6, and C/I = 7dB.

[image: image19.wmf]
Figure 8 simulated RLC-SDU error rate vs. throughput for TU03 w/o FH, S=500, M=1, and C/I = 7dB.

� 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.


� Although within the standardization this scheme is denoted as incremental redundancy, this terminology is misleading: The proposal is identical to use a new channel coding scheme with a specific interleaver.


� Note: Although the primary definition of an RS code requires � EMBED Equation.3  ���,  any block length � EMBED Equation.3  ���can be yielded by means of shortening (see � REF _Ref47764152 \w \h ��[9]�).


� Note that this playback delay is defined by the maximum delay an RLC-SDU experiences, which should be kept as low as possible.


� Note that this assumption is probably not true. However, the estimation on the SDU error rate is therefore an upper bound to the real error rate.


� Due to imperfections in the RF part of the transmitter and receiver, a 2dB margin has to be obeyed when stating simulated performance results. Hence, for the MBMS target of 9dB, discrete-time simulations at baseband have to be performed at 7dB.


� We have assumed a minimum RLC header of length 2 octets for each RLC/MAC block.


� Note that it is also possible to use any integer multiple of the GPRS payload size. The drawback is an increased delay.
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