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Threshold for p-t-m MBMS delivery

Introduction

During discussions on MBMS in GERAN, a point has been raised regarding the need (or not) to count the number of users receiving (or wishing to receive) a specific MBMS data transmission.  

Data delivery over a p-t-p channel can make use of a number of mechanisms to reduce the number of radio resources used to carry the MBMS data when compared to the p-t-m bearer.  Also, additional redundancy such as blind retransmission will be added to the p-t-m data which is not required in the p-t-p case due to acknowledged mode transmission.

Background

Data which is sent as part of an MBMS data session is provided to the BSC by the BM-SC.  Although there are a number of points outstanding [4] from other TSGs in the MBMS concept, the following can be assumed:

· The p-t-m channel will be sent in RLC unacknowledged mode

· Additional redundancy will be provided to the data sent on the p-t-m channel to provide a higher probability of correct reception of this data by the MS
.

The current form of this redundancy and the channel coding are still ffs.  A number of proposals have been put forward, including introducing an MBMS specific coding scheme and using some form of incremental redundancy in RLC UM [1], [2].

On a p-t-p channel, other mechanisms are available to improve the likelihood of data delivery.  For example, link adaptation could be performed, which would result in an increased throughput, and IR can be used.  

Currently, it is being considered whether it is possible/necessary to provide separate streams for p-t-p and p-t-m channels.  This can be done in one of two ways, 

· separate data sets from the BM-SC with redundancy added to the p-t-m data set at the BM-SC (see [4])

· One data set provided from the BM-SC to the GERAN with redundancy added by the BSC

For this paper we only consider the addition of redundancy at the RANs. 

Threshold calculation

The calculation of the threshold is not a simple one, and is based upon balancing the radio resources used to deliver p-t-m services to a number of MS on a single channel and p-t-p services to each MS on separate channels.

This calculation is based on the number of users in a cell at the point in time at which the counting was done.  However, users are mobile and hence the number of users registered for a specific MBMS in a cell may go up or down.  We can make the rough assumption that the exit and entry probabilities for users are the same so that we get a static population within a cell and we can assume that the results obtained at the beginning are valid for the lifetime of the session.

The users position in the cell will also have an impact on the individual throughput, since serving a user at the cell boundary via a ptp is more demanding than serving a user below the antenna.  However, the calculation of the average throughput will take this into consideration. 

At the end, MBMS threshold calculations should be performed across an average of radio conditions and not on the instantaneous value.

The p-t-m throughput will be static based upon the coding schemes available and also the level of redundancy added to the data stream.  Hence the inputs to the threshold definition algorithm can be determined to be:

· throughput of p-t-m service.

· Average p-t-p radio channel conditions (from which can be extrapolated the average throughput on a given channel)

Investigation assumptions

In order to perform this kind of analysis, a certain number of assumptions must be made:   

· The channel definition and redundancy model is that used in [3]
.  This provides a throughput per timeslot on the p-t-m channel of 4.5 kbps
.  

· The redundancy added for RLC unacknowledged mode allows correct reception of the payload at the required RBER and SDUER
.

· The calculations have been performed assuming an average p-t-p data rate for all MS in the cell.

· The p-t-m channel is a PDTCH like channel operating in the downlink only

· There is no consideration of higher layer protocol control information, and the overhead is assumed to be the same for AM and UM delivery

Results
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Figure 1. Indication of threshold between ptp and ptm channels

The threshold is, as expected, dependent upon the average throughput which can be reached by all MS requiring the MBMS data delivery in the cell in p-t-p mode. As the expected average throughput in the cell improves, the threshold in the cell increases.

For instance, making the conservative assumption that the throughput (per timeslot) over a ptp connection will hardly be lower than 10-15 kbps, a maximum threshold of 3 can be estimated. More “aggressive” thresholds can be derived by estimating higher ptp data rates. This may lead to higher average efficiency even if it increases the risk to occasionally take the wrong decision (i.e. when the instantaneous ptp throughput is lower than expected).

The threshold value also is highly dependant upon the difference in redundancy provided in the p-t-m and p-t-p data.  As the redundancy increases, it becomes more efficient to send the MBMS data across a number of p-t-p channels than to use the p-t-m delivery system.  

Figure 1 shows the threshold value for a given average p-t-p throughout on a single TS.  This threshold is calculated for a number of different p-t-m throughputs, in order to give an impression of how the throughout changes based upon the redundancy in p-t-m.  The highlighted section shows the range of the average throughput seen in Siemens simulations of EDGE MS, with 4/12 re-use in the network and FH PDCH for ftp download of a 300kbyte file. 

Efficiency gains

When using a variable threshold in each cell, although the efficiency gains seen during a single MBMS session will be low for most MBMS service,  when averaged across the network, these gains may become significant.

These efficiency gains should be balanced against both the complexity of maintaining the synchronisation between p-t-p and p-t-m,  as well as the overhead introduced by signalling the need for ptp or ptm.

Open Issues

The use of RLC acknowledged mode for p-t-p MBMS data distribution is expected to have significant impact on both standardisation and implementation.  It is not clear how the link between a single PFC and multiple RLC instances will be made, nor how the 

A mechanism has been proposed to aid in maintaining synchronicity between multiple data streams across p-t-p and p-t-m, potentially using different coding schemes and different RLC modes.  In order for this mechanism to work effectively it requires identical IP streams. 

If RLC AM is not used, then the benefits shown above are not as dramatic, but the efficiency of radio resource usage is also reduced in GERAN.  

Conclusion

This paper shows that due to the high levels of additional coding and redundancy added to the ptm bearer the threshold of efficiency between p-t-p and p-t-m can be significantly higher than one.    Although the efficiency gain in the majority of cases will be low, when averaged over time and the whole network these cost savings can be seen to be large. 

It is proposed that TSG GERAN adopt as a working assumption that a counting mechanism be a feature of any MBMS solution to optionally allow network operators the capability to efficiently provide MBMS services using either point to point and point to multipoint channels data delivery as network conditions dictate.

This threshold should not be standardised, but left to the network operators to calculate, since it will vary given the circumstances in which the MBMS data is to be provided. As seen in the document, the threshold could vary from cell to cell, depending on the average throughput measured in each cell. 
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� The current assumption in GERAN is that in order to meet the QoS requirements for MBMS data delivery, the redundancy will be added at the RAN, although this is ffs.


� This uses 2 times blind transmission at RLC and IR (IR mechanism not detailed in the contribution)


� Various other mechanisms are under investigation � REF _Ref43024445 \r \h ��[1]�, and any changes to the assumptions will change the value of the threshold calculated here.


� How this will be achieved should be discussed in WG1





