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1 Introduction

During the last GERAN meetings discussions related to the QoS model for GERAN eGb in general and QoS requirements for streaming services took place [5], [7]. In the GERAN/SA2 meeting it was proposed to have a generic QoS architecture [1], [2] for UMTS independent of the used RAN, i.e. the proposed QoS architecture is applicable for UTRAN as well as for GERAN and is not related to a specific RAN (see Annex).  

In the proposed QoS architecture the RAB service is generalized but to support the different RAN types a differentiation of the value ranges of the RAB service attributes specific for UTRAN and GERAN is needed, which reflects the characteristics of the individual RAN. The UTRAN values are already defined in [6] but the specific values for GERAN needs to be defined. This GERAN specific value ranges for Radio Access Bearer Service attributes are proposed in this contribution. 
2 Discussion

The proposed RAB Service value ranges for GERAN take the physical capabilities provided in GERAN into account. The maximum bitrate (MBR), the guaranteed bitrate (GBR) as well as the transfer delay are different compared to the UMTS architecture. GERAN offers a lower range of the MBR and GBR due to the restrictions on the Um interface compared to the Uu interface. The achievable data rate in GERAN depends on the number of allocated time slots and depends on the modulation and coding scheme in the timeslot (MCS). 

In [3] QoS profile settings for different packet streaming services use cases are given there (see Annex). 

For all the use cases of [3] the transfer delay is given with 2 seconds as end-to-end delay for streaming applications. The portion of the RAB Service only is given with 1500ms, which takes the delay of the LLC and SNDCP layer into account. More details about the QoS settings of the above listed use cases can be found in the Annex of this contribution and in [3].

Therefore it is sensible to define the value ranges which are realistic and which can be provided by GERAN [2], [5].  

The following table lists the value ranges of the Radio Access Bearer service attributes for GERAN. Initial agreements on streaming characteristics were deleted from the FS, now focused on conversational services. 
Value ranges for Radio Access Bearer Service Attributes for GERAN for streaming

	Traffic class
	Streaming class

	Maximum bitrate (kbps)
	< 474 (2)

	Delivery order
	Yes/No

	Maximum SDU size (octets)
	<=1 500 or 1 502 (3)

	SDU format information
	

	Delivery of erroneous SDUs
	Yes/No/-

	Residual BER
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-5, 10-6 

	SDU error ratio
	10-1, 10-2, 7*10-3, 10-3, 10-4, 10-5 

	Transfer delay (ms)
	1500 – maximum value (1) 

	Guaranteed bit rate (kbps)
	< 474 (2)

	Traffic handling priority
	

	Allocation/Retention priority
	1,2,3

	Source statistic descriptor
	Speech/unknown


1) This value includes the transfer delay caused by the RAB Service including the LLC and SNDCP and contributes to the end-to-end transfer delay for streaming services of 2000ms [3]. 

2) Due to the reduced bandwidth of the GERAN carrier the maximum and guaranteed bit rate the RAB in GERAN has to be reduced compared to UMTS.  Therefore it is proposed to reduce the maximum and the guaranteed bit rate for streaming services to 474 kbps. 

3) In case of PDP type = PPP, maximum SDU size is 1502 octets. In other cases, maximum SDU size is 1 500 octets. 

A further requirement to support seamless streaming services is the maximal buffer size in the MS, which stores packets of a streaming service first before the streaming application appears for a user. The buffer size seems to be an important requirement especially for seamless streaming services in order to avoid interruptions during a streaming session due to cell changes. So in case of a cell change the packets buffered in the MS should compensate the service interruption time and further provide the streaming application with streaming packets without that the buffer in the MS runs empty. This buffer should compensate cell changes independent of the duration and how often a cell change may happen during the entire streaming session. A first assumption regarding the duration of a streaming service is two up to three minutes. Therefore it is important to estimate or calculate the maximal buffer size in the MS to avoid that a streaming session is interrupted due to cell changes. Further considerations related to this issue can be found in [4]. Considerations to buffer requirements regarding streaming services can be found in [3] in section 7.1, which includes a comparison between different rate control strategies and the resulting initial buffering delay and the buffer size. 

3 Conclusion

It is proposed to have a generic QoS architecture, which is not dedicated to a specific RAN type and which is derived by generalizing the UMTS QoS architecture defined in [6]. In addition to this value ranges the RAB Service attributes should be defined for each RAN Type UTRAN and GERAN for the RAB Service. The former ones are already defined in [6] and for the latter ones it is proposed to adopt the value ranges proposed in this contribution. 
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5 Annex 

5.1 QoS profile settings for streaming services

This table is extracted from [8].

	UMTS bearer QoS parameters
	Selected Parameter values
	Comment

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

	Delivery of erroneous SDUs
	No
	No
	No
	No
	

	Delivery order
	No
	No
	No
	No
	

	Traffic class
	Streaming
	Streaming
	Streaming
	Streaming
	

	Maximum SDU size
	1500 bytes
	1500 bytes
	1500 bytes
	1500 bytes
	Note 26.937 has not considered the actual SDU size.

	Guaranteed bit-rate for downlink
	30.0 kbps (1 frame/packet) 

14.9 kbps (10 frames/packet)
	41.6 kbps (1 frame/packet) 

26.5 kbps (10 frames/packet)
	59.9 kbps
	59.9 kbps
	Further studies are needed in order to translate UMTS QoS to PFC QoS due to unknown ROHC efficiency. 

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

	Guaranteed bit-rate for uplink
	<=1.5 kbps (1 frame/packet) 

<=0.8 kbps (10 frames/packet)
	<=2.1 kbps (1 frame/packet) 

<=1.3 kbps (10 frames/packet)


	<=3.0 kbps (1 frame/packet) 
	<=3.0 kbps (1 frame/packet) 


	Used for RTCP feedback. 

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

	Residual BER
	10-5
	10-5
	10-5
	10-5
	16 bit CRC

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

	Transfer delay
	2 s
	2 s
	2 s
	2 s
	


5.2 Generic QoS architecture: 

The following figure is from [2] and shows the proposed QoS architecture.
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5.3 RAB Service for GERAN

Copied from [1]. 
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1 Introduction

For the discussion of the evolution of GERAN it is useful to have a generic QoS architectur, which is not dedicated to a specific RAN. The proposed QoS architecture is derived by generalizing the UMTS QoS architecture defined in TS 23.107. Furthermore, this paper discusses the QoS characteristics of the services provided by GERAN in detail.

2 Discussion

UMTS originally started with solely one RAN, the UTRAN. Consequently, the QoS model, parameters and value descriptions in TS 23.107 are for UMTS with UTRAN radio access only. During that time GSM RAN was not part of UMTS and therefore not considered.

The addition of GERAN to UMTS Release 5 should have resulted in an update of TS 23.107. This wasn’t done up to now. For the discussion of the Gb enhancements it is also useful to have a generic QoS architectural model for all supported RAN types. Although, the current QoS model is mostly generic, some parts should be more general to cover all RAN types:

· the RAB Service needs to be generalized

· the Iu Bearer service has to be replaced by a generic RAN Access Bearer Service

· the UTRA FDD/TDD Service has to be replaced by a generic Physical Radio Bearer Service 

· for specific RAN types the QoS attribute value ranges of the RAB Service can then be defined (RAB Service for UTRAN and RAB Service for GERAN)

With these modifications a generic model is achievable for all supported RAN types within UMTS. The value ranges for the specific RAB Services (for UTRAN and GERAN) can be specified. This allows to take the QoS characteristics of the GERAN radio access into account.

3 Proposal

A generic QoS architectur, which is not dedicated to a specific RAN, is proposed as basis for the discussion of the GERAN evolution. Some attribute value ranges of the RAB Service for GERAN are proposed which take into account the limitations of GERAN radio access.


The corresponding CR against TS 23.107 v5.6.0 includes the above mentioned modifications.
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