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1. Introduction

In this proposal, we discuss the key remaining issues on LTE MBMS synchronization transmission, which mainly involve consecutive packet loss, muting period and flow shaping.
2. Background
It has been discussed how to ensure MBMS contents synchronization even when RLC SDUs are lost over the M1 link between BM-SC and eNB. The special requirement on RLC UM for MBSFN transmission is discussed in RAN2#66 meeting, and for content synchronization “one LI per SDU” principle [1] is mentioned. 

In RAN2#66bis, the contribution [2] analyses the probability of the two or more consecutive packet loss, and suggests that no change is needed to RLC and MAC for content synchronization. But if consecutive RLC SDUs are lost, the eNB stops transmitting MAC PDUs for the remaining SYNC period and resumes at the next SYNC period. The calculation in [2] is however based on a synchronization period which is 320~1280ms and the packet loss rate only considered in the instance of one hop between eNB and MBMS GW. But in fact the value range in TS25.446 allows for a synchronization period of 600s. And the packet transfer from MBMS GW to eNB could typically include multiple hops throughout the whole network. 
According to our analysis, the suitable synchronization period is typically required to be more than ten seconds [7]. Muting such a long synchronization period would lead to serious QoS problem of service, i.e. 3.7% interruptions probability each during a typical SYNC period of 12.8s [3].
In RAN3#65 meeting, muting instead only until the end of the dynamic scheduling period is proposed in [4]. In order to do that, the MBMS data in a synchronization sequence should be transmitted in one dynamic scheduling period or dropped by the eNB otherwise. 

To guarantee that none of the packets in a synchronization sequence would exceed the radio resource allocation of one dynamic scheduling period, the flow shaping and buffering in BM-SC becomes necessary otherwise the dropping is egregious [5][6].
Some analysis has however been done to show that the flow shaping and buffering in BM-SC could not always be done well in some scenarios of the BMSC-RAN deployments, in which it would increase the complexity of BM-SC and lose the dynamic scheduling gains in RAN [7].

The current work assumption is muting until the end of dynamic scheduling period after consecutive packet loss happens, but some related open issues are still leftover.
3. Discussion
3.1 The probability of two or more consecutive packet loss during one scheduling period
In [2], it calculates the probability of the two or more consecutive packet loss during 320ms~1280ms in case of BLER equal to 10-4. It shows that in case of a packet size equal to 400 byte and a SYNC period equal to 640 msec, the probability that 2 or more consecutive packet loss during a SYNC period is 1.1245E-05.

In [3], the analysis is based on the average packet loss rate in a backbone network, which considers a typical a 0.1% loss rate in a full IP provider backbone. Therefore, in case of packet size equals to 400 byte and synchronization period equal to 640 msec, the probability that 2 or more consecutive packet loss during a SYNC period is 0.28%.
Anyhow, the event of two or more consecutive packet loss during one scheduling period is an abnormal case, which is less than 0.3% or even more.
3.2 Some open issues of muting until the dynamic scheduling period

In the last RAN3#65bis meeting, flow shaping in BM-SC is discussed in RAN3 WG. The conclusion in RAN3 for flow shaping is that [8],

· Working Assumption: No Radio awareness in BM-SC rel-9 (implementation)
Since the flow shaping is an implementation issue, it may be taken into account in BM-SC or maybe not.
1) If flow shaping is not implemented
When RAN2 decided that the eNB mutes until the end of the scheduling period in order to allow resuming synchronized transmission after consecutive packet loss happen (leading to de-synchronization), the equivalent is that it does resynchronization per scheduling period.
It is decided by SA2 that only GBR is used for MBMS. However, GBR, MBR are just the parameters of a bearer which does not mean the MBMS user service can only be encoded as constant bit rate. A video stream may contain fast-changing scenes and slow changing scenes, so the optimal encoding is VBR. A video stream is often carried by GBR bearer, but the stream can be encoded by CBR
 encoder or VBR (proved to be more efficient) up to the choice of the operator.

In [7], it pointed out that the instantaneous bit rate of video codecs varies greatly depending on the video sequence complexity. And by analysis, In the 320ms interval of re-synchronization, one should allocate 130% bandwidth for the mean services requirement so that the data dropping becomes less than 1% even when there are 10 services being multiplexed.
If we limit the radio resource over-allocation, for example the radio resource allocation is now limited to 110% of the mean of transmission rate, the probability of the dropping during the MBMS data transmission is more than 10% in the 320ms interval of re-synchronization.
In summary, the two or more consecutive packet loss during one scheduling period is an abnormal case and small probability event. To resolve such abnormal case which is less than 0.3% probability, the current work assumption leads to waste at least 10% radio resource or leads to more than 10% data dropping. This is believed unacceptable.
2) If flow shaping is implemented

In [4], it proposed that “the MBMS data in a synchronization sequence should be transmitted in one Dynamic scheduling period or dropped by the eNB.” To avoid data overflow issue in RAN, Flow shaping and buffering in BM-SC is suggested in the MBSFN transmission [9]. Furthermore, it proposed that “it is sufficient to shape each flow separately. Buffering/dropping is performed per flow, with the goal to smooth its rate close to the GBR”, and “Radio-aware flow shaping is not considered in Rel-9 MBMS” in [10].
It should be noted that once the flow shaping is performed in BM-SC, the dynamic scheduling is insignificant, because all data delivered from BM-SC is limited in the GBR. Therefore the segmentation & concatenation is meaningless between the two subframes of two consecutive services, since the data in one scheduling period is less than the allocated resource (GBR). 
Now we analyse the impact of flow shaping on the radio resource efficiency.

Based on the requirement of LTE MBMS in 25.912: “In Broadcast mode E-UTRA MBMS should aim the cell edge spectrum efficiency of [1 bit/s/Hz] equivalent to the support at least [16] Mobile TV channels at around [300 kbps] per channel in a 5 MHz carrier in an urban or suburban environment”, therefore the bits transmitted in one subframe for 5 MHz carrier is about,


1 bit/s/Hz * 5 MHz * 1 ms = 5 kbits
But for one 1500 bytes IP packet, the total number is 12kbits in one packet. The purpose of the flow shaping in BM-SC is to judge whether it can deliver one packet more or not to avoid data overflow issue in RAN, because it already mentioned “the need for flow shaping in BMSC and ask SA2 to enable BMSC with that feature to avoid data overflow issue in RAN” [4]. 

But indeed, the one more packet needs 3 suframes to transmit in air interface. Since No Radio awareness in BM-SC is approved [1] and the buffering/dropping should be performed per flow [4], the dynamic scheduling and multiplexing also is ineffective in MBSFN transmission. For supporting at least 16 Mobile TV channels in a 5 MHz carrier, the average wasted radio resource assuming the distribution probability is evenly distributed is,


The wasted subframe per flow: 12 kbits / 5kbits / 2 = 1.2 subframe

The wasted subframe for 16 channels: 1.2 subframe * 16 ( 20 ms
Since in RAN1 last meeting, RAN1 did not agree the unicast transmission in MBSFN subframes in Rel9 [11], these subframes will not be reused by other service anymore. We can see that the figure is up to 6% radio resource wasting! 
In summary, the flow shaping and buffering in BM-SC has serious issues as follows:

1) remove the gains of statistics multiplexing of service transmission;
2) Up to egregious 20 ms radio resource wasting per scheduling period i.e. 6%;
3) Extra complexity in BM-SC.

The two or more consecutive packet loss during one scheduling period is an abnormal case and small probability event. To resolve such abnormal case which is less than 0.3% probability, we waste 6% of air interface resource which is felt unacceptable.
4. Conclusion

In this contribution we discuss the key remaining issue of muting until the end of dynamic scheduling period, and the flow shaping in BM-SC. We also analyze the resulting radio resource wasting and the data dropping. In conclusion, we propose

Proposal: Reverse the work assumption of muting until the end of dynamic scheduling period to resolve consecutive packet loss resynchronization issue.
There are only 2 choices for us to resolve the consecutive packet loss resynchronization issue:
1) mute until the end of SYNC period

2) select another solution to mute accurate MAC PDU impacted by the lost packets. 
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� Note that there may be 15% fluctuation in bit rate even for the CBR encoders.
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