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1 Introduction

EGPRS R’99 Radio Link Control (RLC) procedures allow full recovery (i.e., there is no limit on the maximum number of retransmissions) and data is delivered in-sequence to the higher layer [1]. It does not guarantee a delivery rate or a maximum delivery delay.  This scheme is best suited to the support of best effort data services over wireless links, and not to applications such as streaming. For streaming, a selective ARQ scheme with limited retransmission capability (i.e., partial recovery) is required. 

A receiver driven limited retransmission scheme has been proposed for streaming [2]. The proposed scheme reuses EGPRS R’99 RLC/MAC block formats, modulation and coding schemes (MCS), and incremental redundancy retransmission procedures to a large extent. The receiver moves its window if the data is not received within a certain time, and updates the transmitter in a subsequent Ack/Nack message. This technique does not require additional messaging on either the uplink or downlink. 

In the following, we provide simulation results comparing the performance of unlimited retransmission with the limited retransmission scheme proposed in [2].

2 RLC Performance

2.1 Simulation Assumptions

Simulations were carried out to determine the performance of the proposed RLC for streaming applications, and to compare the performance with unlimited retransmission. The simulation assumptions are as follows:

· Single slot simulation
· SDU (i.e.,  PDCP PDU) arrival pattern at transmitter RLC

1. Different SDU sizes are assumed 

2. The arrival pattern has 80 ms time period. 

3. Unless otherwise stated, the deadline for each SDU is 100*20 ms = 2 seconds from the time it arrives in the RLC.

· Play out rate at receiver RLC is assumed to be equal to the arrival rate of data at the transmitter RLC

· MCS-6 and MCS-9 (P1 sent on initial transmission, P2 on first retransmission, …)

· Channel Model: TU3, ideal frequency hopping

· 80ms and 120 ms Round Trip Delay

· 60 ms Polling Period

· Window size = 192

· IR soft combining assumed.

The transmitter RLC buffer size is assumed to be 400 RLC blocks. If a new SDU arrives when the buffer is full, the new SDU is dropped. For limited retransmission, an absolute time reference is assumed, and an RLC block is dropped if it misses its associated SDU deadline. If part of the SDU is lost in the RLC layer due to limited retransmission or dropping at the transmitter RLC, the SDU is counted as dropped; if a complete SDU arrives at the RLC receiver but misses the deadline, it is counted as deadline-missing.  Only complete SDUs that meet the deadline at the receiver RLC are counted as successfully received. The SDU loss rate is the summation of SDU drop rate and deadline-missing rate.

For limited retransmission, the deadline-missing rate is zero. For unlimited retransmission, SDU dropping occurs as a result of RLC transmit buffer overflow. For limited retransmission, SDU dropping occurs if a complete SDU is not received by the deadline.

2.2 Simulation Results

Figures 1 and 2 show results obtained with MCS-9. Figure 1 shows the overall SDU loss rate (including both dropping and missed deadlines). At higher C/I, the loss rate with limited and unlimited retransmission is similar. However, at C/I < 21 dB, the SDU loss rate with limited retransmission is significantly lower than unlimited retransmission. 

Figure 2 shows the SDU loss rate as a function of the streaming (play out) rate at C/I =20 dB.  The results show that for a fixed loss rate, the streaming rate achievable with limited retransmission is higher than that with unlimited retransmission. 

Figures 3 and 4 show the SDU loss rate as a function of C/I for different SDU sizes when MCS-6 is used. Significant gain is observed with limited retransmission in all the cases considered. For a fixed streaming rate, the loss rate increases with SDU size in the case of limited retransmission (see Figure 4). Note, however, that the unlimited retransmission RLC is not even stable at this operating point. 
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Figure 1: Overall SDU loss rate for limited and unlimited retransmission as a function of C/I (MCS-9, RTD = 80 ms, SDU size = 148 octets, streaming rate = 44.4 kb/s, SDU delivery delay = 6 seconds).
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Figure 2: Overall SDU loss rate for limited and unlimited retransmission as a function of streaming rate (MCS-9, RTD = 80 ms, SDU size = 148 octets, C/I = 20 dB, SDU delivery delay = 6 seconds).
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Figure 3: Overall SDU loss rate for limited and unlimited retransmission as a function of C/I (MCS-6, SDU size = 592 bits, RTD = 120 ms, streaming rate = 22.2 kb/s).
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Figure 4: Overall SDU loss rate for limited and unlimited retransmission as a function of C/I (MCS-6, RTD = 120 ms, streaming rate = 29.6 kb/s).

3 Protocol Issues

It is possible to realize a limited retransmission protocol where partial recovery is either transmitter driven or receiver driven as proposed in [2]. The receiver driven scheme reuses EGPRS R’99 RLC/MAC block formats, modulation and coding schemes (MCS), and incremental redundancy retransmission procedures to a large extent and can be realized through some minor modifications.  Moreover, unlike a transmitter driven scheme, the receiver driven scheme does not require any additional signaling overhead. The 2 bit RRBP field carried in every RLC/MAC header does not serve any useful purpose for streaming, and can be redefined as proposed in [2] for carrying out precise time reference adjustments. 

4 Conclusions

The delay requirements for streaming services are typically more relaxed than for voice services and allow the use of selective ARQ for error recovery. However, the QoS requirements for streaming cannot be met with full recovery. Simulation results in Section 2 show better performance with partial recovery (i.e., limited retransmission) under a wide range of operating conditions. With limited retransmission, the RLC is more resilient to errors because outstanding RLC blocks do not hold up the RLC transmission window indefinitely. Note that the RLC delay is dominated by queuing due to retransmission. Under these conditions, limited retransmission provides an effective congestion control mechanism, and allows higher streaming rates to be achieved under the loss and delay constraints applicable to a streaming service. 

We recommend that the limited retransmission RLC procedures proposed in [2] be adopted for the support of streaming services in Release 4. 
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