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Streaming Requirements for GERAN A/Gb mode

1. Introduction

A proposal for Streaming Requirements (G2-030175) was introduced in GERAN #13bis in Winchester, UK. The objective of the proposal was to introduce for GERAN realistic parameter values for the Streaming Use cases proposed by SA4. A few issues were raised that this paper aims to answer to. This document discusses the feasibility of QoS Streaming requirements for packet-switched networks in GERAN A/Gb mode.

2. Background

Streaming parameter values introduced in this TR 26.937document are basically dealing with UTRAN capabilities and therefore may not be applicable into the GERAN A/Gb mode bearer. This may give wrong indications to the application developers.

3. Proposed UTRAN requirement

The following table contains some of these parameter requirements that could be hard for GERAN to support. This document proposes new values for this table to comply with the GERAN A/Gb capabilities.

	QoS parameters
	Selected Parameter values
	Comment

	
	Voice only
	High-quality voice / low quality music
	Music only
	Voice and video
	

	Residual BER
	10-5
	10-5
	10-5
	10-5
	

	SDU error ratio
	10-4
	10-4
	10-4
	10-4
	

	Transfer delay
	2 s
	2 s
	2 s
	2 s
	 


Table1.  Selected part of the requirement table. The whole table was earlier presented in G2-020775

3. Proposed changes

The following table is the outline of the proposed changes:

	QoS parameters
	Selected Parameter values
	Comment

	
	Voice only
	High-quality voice / low quality music
	Music only
	Voice and video
	

	Residual BER
	10-5
	10-5
	10-5
	10-5
	 

	SDU error ratio
	10-3
	10-3
	10-3
	10-3
	

	Transfer delay
	3-10 s
	3-10 s
	3-10 s
	3-10 s
	 


3.1 Residual BER

Today GERAN A/Gb uses the CRC length of 24 bits on LLC protocol, and can therefore comply with the UMTS requirements mentioned in table 1. 

3.2 SDU Error Ratio

Similar to the Residual BER parameter, today GERAN can support the required UMTS parameter values mentioned in table 1, but probably only if the LLC acknowledge mode is used. 

For the LLC in Unacknowledged Mode even assuming no Cell changes, it is possible that frames that contain un-detected errors (at lower layers) will get discarded by the LLC layer. The 12 bits CRC on the RLC layer for EGPRS may let erroneous blocks be delivered to the LLC layer. This will cause a higher SDU error ratio due to the residual RLC errors in streaming packet transfer.

With reference to GP-030784 (Probability of CRC miss-detection
Ericsson) an SDU error ratio of 10-3 is proposed as an appropriate value for this parameter. 

3.3 Transfer Delay

The proposal is a range of delay time with 3s-10s.Transfer Delay of 2 s mentioned in UMTS parameter values in Table 1 does not look realistic and cannot be supported in GERAN due to long link interruptions at cell changes.  The lower limit of the proposal (3 sec.) is based on the analysis and the calculations done for the delay during cell change. This is the shortest delay based on the theoretical calculations performed for estimation of cell reselection without Handover [G2-020778, GP-022452]. If shorter transfer delays than this is required, PS Handover needs to be introduced.

The upper limit of the proposal (10 sec.) is based on the both calculation and also the probabilities of the network behaviour at worst case scenario (e.g. Inter-SGSN cell changes) assuming all Rel-5 enhancements are introduced.

It is important to mention that according to the definition for transfer Delay in 3GPP TS 23.107:

Transfer delay is defined as maximum delay for 95th percentile of the distribution of delay for all delivered SDUs during the lifetime of a bearer service, where delay for an SDU is defined as the time from a request to transfer an SDU at one SAP to its delivery at the other SAP. For A/Gb mode an N-SAPI is viewed as being a SAP (i.e. the point in the protocol stack where SDU performance is measured).

This definition should not be interpreted as that a Transfer Delay QoS parameter could be supported if 95% of the packets in the system can be delivered within the Transfer Delay. Instead it needs to be studied for a given user/bearer. With this in mind, a Transfer Delay value of 2 seconds cannot be supported in GERAN if simulations show that the MS needs to buffer 10-15 seconds in order to with 95%-98% probability see a whole streaming clip without interruptions.

In addition, when it comes to all QoS parameters related to late or lost packets, it is probably preferred from a end-user service point of view, if the lost or late packets are spread out over the session instead of all of them happening at the same time (as during a RA change). This is illustrated by the fact that voice and video codecs might be able to cope with a single packet loss without noticeable service degradation. However when multiple packets are lost in a row this will not be possible. 

4. Conclusion

It shall be possible for Streaming bearers to be realized in GERAN having reasonable parameter values for requirements as proposed in this paper. It is therefore necessary to coordinate with 3GPP SA4 to revise the requirements stated in TR 26.937 to capture streaming service attribute values and ranges not only specific to UTRAN but also feasible for GERAN as well. 

This means that most of the QoS parameters for Streaming, will be equally supported both in GERAN and UTRAN however for some parameters like bit-rate and transfer delays GERAN will only support a subset of the range UTRAN support. The gain of adapting streaming service QoS parameters for use with GERAN A/Gb gives us the opportunity to harmonize with streaming services that make use of different access technologies.
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