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On the Application of ‘Limited Retransmission’ for the realisation of a streaming bearer

1 Introduction

GERAN R4 will provide four different bearer types including one to support streaming applications. Although streaming services are not very delay sensitive a maximum delay has to be guaranteed. This allows to apply an acknowledged bearer, i.e. the re-transmission of erroneous PDUs.

If the maximum delay is exceeded, i.e. an SDU has not arrived before the play out time, further (re-)transmissions of any of the belonging PDUs are useless. To save resources and to ensure the in-time delivery of following SDUs all corresponding PDUs should be removed from both transmitter and receiver window.

2 Mechanisms for limited (re)transmission

There are two different mechanisms available to control the delay of transmitted SDUs.

SDUs, which had been queued at the sender can be checked before the first transmission attempt. In the first case, if the packet experienced already too much queuing delay and its timely delivery will not be possible, it should be immediately discarded at the sender. Such function can be realized without any changes to the standards.

In another approach, if a certain SDU is selected for transmission, but its timely delivery becomes impossible due to a long transmission delay caused by a high number of re-transmissions, the corresponding RLC PDUs should no longer be (re)transmitted and removed from the ARQ window. The latter functions requires changes to the standard, either in the RLC header [1] or due to the introduction of new signaling messages [2].

3 Simulations

In order to investigate the necessity for a limited retransmission scheme and an SDU discard function, simulations have been performed. The following assumptions have been made:

· Single Sot Mobile Station

· MCS-9 is used

· An SDU streaming rate of 44.4 kb/s is assumed

· The application packet size is 109 bytes

· The RLC roundtrip delay is 40 ms

· A polling for acknowledgements is made when the ARQ window exceeds 10 elements, which corresponds to a polling period of 100 ms in the error free case.

· The delay budget for the application layer packets is 6 s

· The SDU discard mechanisms at the sender discards packets that are older than 4 s

· The RLC buffer size is 1600 elementary blocks of 37 bytes payload in MCS9

· Window Size is 192
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Figure 1: SDU loss rate vs. C/I, SDU size 109 bytes, polling threshold 10

Figure 1 shows the results obtained for the loss rate on application layer for unlimited re-transmission and unlimited re-transmission with SDU discard. As can be seen, the loss rate in the case of unlimited re-transmissions rapidly changes from no losses to 100% loss, which is reached if the channel capacity is no longer big enough to cope with the data rate generated by the application.

In such situations SDU discard improves the situation and a graceful degradation of the loss rate can be observed with decreasing channel quality.

Thus, SDU discard should be regarded as mandatory if one decides to operate in those conditions.

The behavior of the unlimited re-transmission scheme and the SDU discard function in the case of a degraded channel can be understood by studying Figure 2, where the packet delay is measured over time. As long as the channel capacity is high enough to carry the data of the streaming application the delay is rather low. Even multiple re-transmissions do not increase the delay such that the delay budget is exceeded.

For worse channel conditions more link capacity is spent on re-transmissions. If the remaining capacity drops below the application data rate, the packets start to queue up at the sender, until the packets are dropped due to queue overflows. In such cases the delay is dominated by queuing. If the queue is large enough, the overall delay will be higher than the delay budget and all packets will be dropped at the receiver side, which results in 100% packet loss.

The SDU discard function guarantees that in those situations only packets having a high enough remaining delay budget are selected for transmission, which ensures that the packets transmitted usually meet the delay requirements. Packet loss is only introduced at the sender and depends on the remaining channel capacity. The SDU function thus guarantees that all packets selected for transmission are still valuable for the receiver.
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Figure 2: Delay vs. simulation run-time for unlimited re-transmission and unlimited re-transmission with SDU discard

In order to judge about the possible gain of introducing an additional limited re-transmission scheme, which allows to abort the re-transmission attempts in cases where the transmission is delayed too much by ongoing re-transmissions, consider the simulations presented in Figure 3. As can be seen, the SDU discard function allows the transmission of SDUs only, if they experienced less than 4s queuing delay. Additional delay is introduced by the re-transmissions due to packet losses. This pure transmission delay is even for multiple re-transmissions much lower than the queuing delay and never adds up that much that the delay budget of 6s is exceeded. Thus, limiting the re-transmissions is not necessary in this scenario and the scheme would usually never be invoked.
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Figure 3: Delay vs. simulation run-time for unlimited re-transmission with SDU discard

4 Conclusions

For controlling the end-2-end delay of streaming data, an SDU discard function is strongly recommended. For the scenarios considered in this contribution, no further gain is expected for an additional limited re-transmission functionality.

The maximum delay can be controlled by the SDU discard function and appropriate settings for the polling interval.

Nevertheless, there might exist situations, which have not been considered here, where re-transmission attempts should be terminated. Such situations are however believed to be rare. Accordingly, it is believed appropriate that such a scheme should be based on additional signaling messages issued by the sender, which take capacity only in such rare situations, instead of using space in every RLC header.
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