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1. Introduction

In the RAN WG1 Rel6 ad hoc meeting, in Korpilampi, the LS from SA WG4 ([1]) was discussed. The LS referred to QoS information listed in TR 26.937 that was not readily accessible during the meeting. This contribution discusses the SA WG4 working assumption on QoS parameters and proposes a reply to be sent clarifying RAN WG1 view. 

2. Discussion

In [1], the following request is included:

2.1.5 QoS parameters

Q: What is the range of QoS parameters (compared to 3GPP TS 23.107) GERAN needs to support for MBMS services? 

A : Joint meeting conclusion - no conclusion other than download is not required to be 100% error free in all cases.

From the SA4 point of view the QoS information listed in TR 26.937 are also valid for MBMS services. SA4 is currently working on higher layer error protection (e.g. FEC) mechanisms for MBMS. SA4 would like to know from both RAN and GERAN what are the typical ranges of SDU error rates anticipated in the access network.  

The TR 26.937 mentioned above contains the following use case for QoS profile settings that seems to be comparable to the 64kbps reference case that has been studied in RAN WG1:

7.4.4
Voice and video streaming QoS profile

The video codec in this case has a bitrate of 44 kbps, with RTP payload packets of 500 bytes (including payload header). The total video bit rate is 47.7 kbps (including RTP/UDP/IPv4 headers). In the same bearer there is an AMR stream at 7.95 kbps with 10 frames encapsulated per RTP packet. The total voice bit rate is 10.1 kbps (including RTP/UDP/IP headers). The total user bit rate is 57.8 kbps. A ~7.3% bearer capacity (4.7 kbps) has been left for RLC Acknowledeged mode retransmissions. The total user bit rate has been computed from the video encoding bit rate, supposed this is an average bit rate calculated over the sequence length. In case the video encoding bit rate is extracted from the Max_Bitrate in the BitrateBox field of the file format, there might be bearer capacity unused if the difference between such maximum bit rate and the average bit rate of the video stream is large.

Table 5: QoS profile for voice and video streaming at an aggregate bit rate of 57.8 kbps
	QoS parameter
	Parameter value
	Comment

	Delivery of erroneous SDUs
	No
	

	Delivery order
	No
	

	Traffic class
	Streaming
	

	Maximum SDU size
	1400 bytes
	

	Guaranteed bitrate for downlink
	Ceil(59.3)=60 kbps
	Including 2.5% for RTCP

	Maximum bit rate for downlink
	Equal or higher than guaranteed bit rate
	

	Guaranteed bitrate for uplink
	[Ceil(0.12)=1] <= x <= [Ceil(1.5)=2] kbps 


	Used for RTCP feedback. The full rate is used for 2.5% feedback. The smaller rate is used for feedback every (at least) 5 seconds.

	Maximum bit rate for uplink
	Equal or higher than guaranteed bit rate
	used for RTCP feedback. 

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	2 s
	


The SDU error ratio and maximum SDU size discussed here are taken above RLC layer as mentioned in Section 6.3 of TR 26.937. 

The SDU error ratio and residual BER given above clearly require the use of AM-RLC or some other similar acknowledgement mechanism at the radio layer. However, the current working assumption is not to have such acknowledgements. This implies that the SDU error ratio given in TR 26.937 cannot be obtained. In the light of the current RAN WG1 working assumption, the existence of uplink used for RTCP feedback is also incorrect. To avoid further confusion, these two points should be clearly indicated to SA WG4.

The value for the maximum SDU size is also worth some discussion. Given a constant BLER, increasing the SDU size naturally increases the resulting SDU error rate (unless the block errors are strongly correlated), as the SDU is segmented. At 64 kbps, the SDU of size 1400 bytes needs to be segmented to several transport blocks. A rough calculation not taking into account the L2 overhead gives that one SDU is segmented into 4-5 (resp. 2-3) transport block for 40ms (resp. 80ms) TTI length. If the block errors are assumed independent, a SDU error ratio of approximately 4-5% (resp. 2-3%) results from 1% BLER. Thus it is proposed, that SA WG4 is requested to define what is the smallest SDU size that is still usable for MBMS.
3. Proposal

RAN WG1 should notify SA WG4 that it has different understanding regarding the above question and state that: 

1. There are currently no acknowledgements at the radio layer and thus SDU error ratio of 10-4 cannot be achieved with MBMS bearer. The achievable SDU error rate depends on the SDU size.

2. SA WG4 is requested to indicate what is the minimum SDU size that is still usable for MBMS

3. Under the current working assumptions, there is no uplink for RTCP feedback available
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