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Introduction


Delay requirements for streaming services are typically more relaxed than packet voice. Therefore, it is not necessary to limit the achievable efficiency by using a fixed amount of redundancy, independent of the actual delay  requirements and the prevailing channel quality. Higher streaming rates can be supported if error recovery is carried out using a selective ARQ scheme with limited retransmission capability. 





A streaming service places the following requirements on the RLC protocol:


Play out rate (R) at receiver RLC. 


Maximum delivery delay (D) where the delivery delay is defined as the time between arrival of data at the transmitter RLC and play out by the receiver RLC to the higher layer.


Maximum residual loss rate, L





EGPRS R’99 Radio Link Control (RLC) block segmentation and retransmission procedures have already been specified in order to allow the following [1]: 


Dynamic link adaptation between nine different coding and modulation schemes (MCS-1 to MCS-9) to achieve the best delay/throughput tradeoff under prevailing channel conditions 


Incremental Redundancy (IR) operation where the amount of redundant information sent with the initial transmission or subsequent retransmissions of an RLC block depends on the prevailing MCS.


For the support of streaming services in R2000, it is possible to reuse EGPRS R’99 RLC/MAC block formats,  modulation and coding schemes (MCS), and retransmission procedures to a large extent. A few minor enhancements to current retransmission procedures are needed, however, in order to satisfy the above streaming requirements. In the following, we describe these enhancements and provide simulation results showing the streaming rates that can be supported with a particular scheme.





Limited Retransmission RLC


The physical layer offers a choice of modulation and coding schemes whose link performance is a function of the channel quality. However, R’99 does not specify any limit on the number of retransmissions since it is intended primarily to support a best effort data service. For a particular choice of MCS, a limited retransmission scheme may be defined as follows. Given the maximum delivery delay (D), and the round trip delay (T), it is possible to allow D/T round-trips at the RLC layer before the delay budget is exceeded. This places a limit on the maximum number of retransmissions allowed for each RLC block. The RLC procedures required at the transmitter and receiver are now described in more detail. 


Transmitter RLC Operation 


At the initial transmission of an RLC block, m1 copies are simultaneously transmitted. Note that multiple copies of the block are not identical, but are derived from the coded block through different puncturing schemes (P1/P2/P3 for MCS-4, MCS-7 to MCS-9, and P1/P2 for MCS-5, MCS-6, MCS1 to MCS-3). At the initial transmission of each RLC block, a timer is started. An RLC block can be retransmitted only if the timer corresponding to that block expires and the block is negatively acknowledged�. At each subsequent retransmission, a number of copies (m2, m3, …) of the RLC block are transmitted. The copies are chosen by cycling through the puncturing schemes, P1, P2 and P3 so that the redundant information provided has minimal overlap with previous transmissions. This improves performance when the receiver has the ability to store and combine soft information (i.e., if IR operation is possible). Depending on the choice of m1, m2, …, multiple realizations that satisfy the desired requirements are possible. It is desirable to choose the realization that maximizes the achieved streaming rate. This also minimizes the channel occupancy and allows other applications from the same user or applications from other users to share the channel. The transmitter RLC operation is identical to R’99 in the special case when m1=m2=…=1.





If the amount of new data available to the transmitter RLC is less than the total number of bits that can fit into the space within a Radio Block, then there are 2 possible options:


The transmitter RLC can wait till enough data becomes available. This reduces the channel occupancy.


Alternatively, the transmitter RLC can use a more robust modulation and coding scheme.


For a particular loss and delay requirement, the streaming rates that can be supported by each of these approaches depend on the prevailing channel conditions.  





New data may not be provided at a constant rate to the transmitter RLC since jitter and losses occur over the IP network. When there are variations in the data interarrival time at the transmitter RLC on account of jitter in the network, the receiver RLC should be informed so that it may update its play out time reference. This ensures that all RLC blocks are provided with the same number of retransmission opportunities, as permitted by the delay budget. Time reference adjustment may be carried out by adding a UTR (Update Time Reference) bit to the RLC/MAC header�. At each initial transmission of an RLC block, the transmitter RLC may set UTR=1. The transmitter should set UTR=1 only for blocks that see a short (or no) queuing delay at the transmitter RLC since these blocks will reflect the true RLC transmitter time reference to the RLC receiver. In the case when multiple copies are transmitted initially, UTR is set to 1 in the header corresponding to the first copy. The transmitter RLC sets UTR = 0 for all retransmissions. The corresponding receiver update procedures are described in Section 2.2.


Receiver RLC Operation


The receiver RLC is responsible for in-sequence delivery of data within the delay budget, D. It also has to meet certain play out rate and loss requirements. This requires slightly more complex procedures than R’99, as described below.  





The receiver RLC establishes a play out time, p, for the delivery of  the data contained in each RLC block to the higher layer. The play out time is determined with respect to a rolling time reference, t. The play out time for RLC block with sequence number, n,  is set to  


p(n) = t(k) + D + [(n-k) mod N]*(B/R), where


R is the play out rate (in kbps),


D is the delay budget in seconds,


B is the amount of data contained in each RLC block (in kbits),


N is the size of the sequence number space,


t(k) is the time of receipt of a header with UTR = 1, and sequence number k. The receiver may alternately use a moving average value of t(k).





Initialization is carried out by setting t(0)  as the time of receipt of a header indicating the transmission of the first RLC block, and p(0) = t(0) + D. If an RLC block is not received at least one round trip delay, T, prior to the play out time, then its receipt status is set to ‘1 ’ (acknowledged). This means that it will be acknowledged the next time the receiver is polled for feedback and the transmitter will not attempt further recovery for the block. If the RLC block is not received by the play out time, the receiver RLC indicates a loss to the higher layer. If the RLC block is received (i.e., decoded successfully) by the corresponding play out time, then it is provided to the higher layer at the play out time. 





RLC Performance


Simulation Assumptions


Simulations were carried out to determine the performance of the proposed RLC for streaming applications. The simulation assumptions are as follows:


Single slot simulation


Periodic arrivals of data at the transmitter RLC 


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


MCS-9 (P1 sent on initial transmission, P2 on first retransmission, P3 on second retransmission, …)


0.5 seconds delay budget


Channel Model: TU3, ideal frequency hopping


80ms Round Trip Delay


60 ms Polling Period


Window size = 192


IR soft combining assumed (memory size limited to soft information for 40 RLC blocks)





Simulation Results


The loss rate and channel occupancy results for the limited retransmission RLC are shown as a function of the play out (i.e., streaming) rate in Figures 1-6. Figures 1 and 2 show the results for MCS-9 at C/I = 20 dB. We observe that a streaming rate of approximately 37 kbps can be supported at a loss rate of 0.7%. At the same C/I, MCS-6 (without any retransmissions) achieves a similar Block Error (loss) rate but only allows a streaming rate of 29.6 kbps. Figures 3 and 4 show the results for MCS-7 at C/I = 15 dB. In this case, a streaming rate of 28 kbps is achieved with a loss rate of 0.6% (see Figure 3). A similar loss rate is achieved with rate 1/3 coded 8-PSK interleaved over 6 bursts but the streaming rate in this case is only around 20 kbps [2]. Similar results are shown in Figures 5 and 6 for MCS-6 at C/I = 10 dB. In this case, a streaming rate of 14.8 kbps is achieved with a loss rate of 1.5%. At the same C/I, the loss rate for MCS-2 (without any retransmissions) is higher and the streaming rate is lower (i.e., limited to 11.2 kbps). 








The streaming rate obtained through the limited retransmission IR RLC is approximately 25-40% higher in all the cases considered. Furthermore, the limited retransmission RLC allows operation at lower channel occupancies if lower play out rates are sufficient. More detailed studies are currently in progress.


�


Figure 1: Loss rate as a function of play out rate (MCS-9, C/I = 20 dB).


�


Figure 2: Channel occupancy as a function of play out rate (MCS-9, C/I = 20 dB).





�


Figure 3: Loss rate as a function of play out rate (MCS-7, C/I = 15 dB).


�


Figure 4: Channel occupancy as a function of play out rate (MCS-7, C/I = 15 dB).


�


Figure 5: Loss rate as a function of play out rate (MCS-6, C/I = 10 dB).


�


Figure 6: Channel occupancy as a function of play out rate (MCS-6, C/I = 10 dB).








Conclusions


The delay requirements for streaming services are typically more relaxed than for voice services. Instead of limiting the efficiency by transmitting a fixed amount of redundancy, higher streaming rates can be achieved under loss and delay constraints if error recovery is carried out using a selective ARQ scheme with limited retransmission capability. 





Section 2 describes limited retransmission RLC procedures in detail. EGPRS R’99 RLC/MAC block formats, modulation and coding schemes (MCS), and incremental redundancy retransmission procedures have been reused to a large extent. Preliminary results show that with a delay budget of 0.5 seconds and loss rate under 1%, the limited retransmission RLC achieves approximately 25-40% higher streaming rate than alternative fixed coding approaches that does not use ARQ.





We recommend that the proposed limited retransmission RLC procedures be adopted for the support of streaming services in R2000. 
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� The per-block timers and retransmission procedure is identical to the R’99 RLC. The network polls the mobile station for ARQ bitmap feedback. The polling period is determined by the network. 


� One of the spare bits available in the RLC/MAC header may be used for this purpose.
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