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1 Introduction

The specification of the transfer delay values is still an open issue for UMTS release 99. Until now the topic has only been discussed in the QoS session and no consensus has been reached. Therefore as it is a very critical issue for an operator in terms of service definition and because it has a very big impact on what an operator will be able to offer to UMTS subscribers, the discussion must occur in the plenary meeting. 

The transfer delay is defined in the TS 23.107  “QoS concept and architecture”. It is an attribute of the UMTS Bearer Service (UMTS BS) and the Radio Access Bearer Service. The aim of the contribution is to specify the range of the transfer delay for the conversational class and the streaming class of the UMTS BS and the RAB BS – respectively table 4 and 5 of TS 23.107. The transfer delay is not applicable for the two other classes : interactive and background.

2 Discussion

The transfer delay is a very important parameter that gives an overall evaluation of  the quality perceived by the end user in terms of interactivity and audio/video perception. Conversational applications highly depend on a good interactivity and a good human perception of video and audio conversation, the transfer delay for this particular class shall not exceed a certain limit. The goal of this contribution is too define this upper limit acceptable for conversational class type of traffic for the UMTS BS and the RAB BS. After that, in order to ensure service continuity between the different class of traffic, the lower limits for the streaming class are aligned with the upper limits of the conversational class.

· Conversational Class

According to TS 22.105 v3.10.0 section 5.5 table 1 (See Annex), the end to end one way delay (TE to TE) objectives for conversational services shall be <150 ms (preferred) to <400 ms (limit) for audio and video applications.  The 150 ms transfer delay objective, and 400 ms upper limit is also consistent with ITU-T G.114 recommendations.

In the TS 23.107 we are defining the UMT BS and RAB transfer delay for the conversational and streaming class which is NOT the end to end one way delay (TE to TE). The UMTS BS is only defined between the MT and the Core Network Gateway.

For instance in a mobile to mobile communication involving two different networks, the end to end one way delay is at least twice the UMTS BS transfer delay if we don’t take into account the transmission time induced by the inter backbone. 

Thus as the end to end one way delay shall not exceed 400ms which is the limit of the transmission time acceptable for all type of conversational applications according to TSG-SA1 specifications (22.105), this implies that the UMTS BS transfer delay shall not exceed 200ms (maximum acceptable value). A larger value will not fulfill the given requirements of conversational services (e.g. speech, video telephony,…) ; indeed the perception and interactivity will be too much degraded. 

Remark : Beyond that value the service is not anymore conversational but it is only streaming.

Besides the UMTS BS and RAB transfer delay are bound, the RAB transfer delay directly follows what it is set at the UMTS BS level. So for a maximum transfer delay of the 200ms for the UMTS BS we have a maximum transfer delay value of 175ms for the RAB. This value takes into account the transmission time is the Core Network which is evaluated at 25ms.

· Streaming Class

For the streaming class the lower limits have also been modified to have a continuous spectrum of values between the conversational class and the streaming class, this way we ensure the service continuity. Thus the lower limits for the streaming class must be aligned with the upper limits of the conversational class, that is to say 200ms for the UMTS BS and 175ms for the RAB.

Regarding the upper limits of the streaming class a transfer delay of 2500ms (2,5 s) has been agreed by the QoS group to be a fair value. Indeed streaming services are very less demanding regarding the transfer delay, the user doesn’t except so much interactivity, we may have a buffering time, nonetheless we shall preserve the time relation (variation) between information entities of the stream.

3 Proposal

The proposal is summarized in the table below. The CR below aligns tables 4 and 5 of 23.107 sections 6.5.1 and 6.5.2 to this stage 1 requirement.
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Tableau 1 : Transfer delay values
	
	Conversational Class
	Streaming Class

	UMTS Bearer Service
	100ms up to 200ms
	200ms up to 2500ms

	Radio Access Bearer Service
	80ms up 175ms
	175ms up to 2475ms


ANNEX - Extract from TS 22.105 v3.10.0
5.5
Supported End User QoS
This section outlines the QoS requirements that shall be provided to the end user / applications and describes them as requirements between communicating entities (i.e. end to end). The QoS values in the tables represent end to end performance, including mobile to mobile calls and satellite components.  Delay values represent one -way delay (i.e. from originating entity to terminating entity). The values included in the following tables are commonly accepted values from an end-user viewpoint [12]. The delay contribution within the mobile network should be kept to minimum since there may be additional delay contributions from external networks. 

Figure 2 below summarizes the major groups of application in terms of QoS requirements. Applications and new applications may be applicable to one more groups.
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Figure 2: Summary of applications in terms of QoS requirements 

The following tables further elaborate end user / application QoS requirements.

Table 1: End-user Performance Expectations - Conversational / Real-time Services

	Medium
	Application
	Degree of symmetry
	Data rate
	Key performance parameters and target values



	
	
	
	
	End-to-end One-way

Delay
	Delay

Variation within a call
	Information loss

	Audio


	Conversational voice


	Two-way
	4-25 kb/s
	<150 msec

preferred

<400 msec limit Note 1
	< 1 msec 
	< 3% FER 

	Video


	Videophone
	Two-way
	32-384 kb/s
	< 150 msec preferred

<400 msec limit

Lip-synch : < 100 msec 
	
	< 1% FER 



	Data 


	Telemetry

- two-way control
	Two-way
	<28.8 kb/s
	< 250 msec 
	N.A
	Zero

	Data
	Interactive games
	Two-way
	< 1 KB
	< 250 msec 
	N.A
	Zero

	Data
	Telnet
	Two-way

(asymmetric)
	< 1 KB
	< 250 msec 
	N.A
	Zero


Note 1: 
The overall one way delay in the mobile network (from UE to PLMN border) is approximately 100msec.
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6.5
Attribute Value Ranges



For UMTS Bearer service and Radio Access Bearer services a list of finite attribute values or the allowed value range is defined for each attribute. The value list/value range define the values that are possible to be used for an attribute considering every possible service condition for release 1999. When a service is defined as a combination of attributes, further limitations may apply; for example the shortest possible delay may not be possible to use together with the lowest possible SDU error ratio. Service requirements, i.e. required QoS and performance for a given UMTS service is defined in the service requirement specifications (22.1xx). The aspect of future proof coding (beyond release 1999) of attributes in protocol specifications is not considered in the defined value list/value range tables.



6.5.1
Values of UMTS Bearer Service Attributes



The following table lists the value ranges of the UMTS bearer service attributes. The value ranges reflect the capability of UMTS network.



Table 4: Values for UMTS Bearer Service Attributes



			Traffic class


			Conversational class


			Streaming class


			Interactive class


			Background class





			Maximum bitrate (kbps)


			< 2 048 (1) (2)


			< 2 048 (1) (2)


			< 2 048 - overhead (2) (3)


			< 2 048 - overhead (2) (3)





			Delivery order


			Yes/No


			Yes/No


			Yes/No


			Yes/No





			Maximum SDU size (octets)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)





			SDU format information


			(5)


			(5)


			


			





			Delivery of erroneous SDUs


			Yes/No/- (6) 


			Yes/No/- (6)


			Yes/No/- (6)


			Yes/No/- (6)





			Residual BER


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


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


			4*10-3, 10-5, 6*10-8 (7) 


			4*10-3, 10-5, 6*10-8 (7) 





			SDU error ratio


			10-2, 7*10-3, 10-3, 10-4, 10-5 


			10-1, 10-2, 7*10-3, 10-3, 10-4, 10-5 


			10-3, 10-4, 10-6 


			10-3, 10-4, 10-6 





			Transfer delay (ms)


			100 up to 200 


			 200 up to 2500


			


			





			Guaranteed bit rate (kbps)


			< 2 048 (1) (2)


			< 2 048 (1) (2)


			


			





			Traffic handling priority


			


			


			1,2,3 (8)


			





			Allocation/Retention priority


			1,2,3 (8)


			1,2,3 (8)


			1,2,3 (8)


			1,2,3 (8)








1)
Bitrate of 2 048 kbps requires that UTRAN operates in transparent RLC protocol mode, in this case the overhead from layer 2 protocols is negligible.



2)
The granularity of the bit rate attributes shall be studied. Although the UMTS network has capability to support a large number of different bitrate values, the number of possible values shall be limited not to unnecessarily increase the complexity of for example terminals, charging and interworking functions. Exact list of supported values shall be defined together with S1, N1, N3 and R2.



3)
Impact from layer 2 protocols on maximum bitrate in non-transparent RLC protocol mode shall be estimated.



4)
In case of PDP type = PPP, maximum SDU size is 1502 octets. In other cases, maximum SDU size is 1 500 octets.


5)
Definition of possible values of exact SDU sizes for which UTRAN can support transparent RLC protocol mode, is the task of RAN WG3.



6)
If Delivery of erroneous SDUs is set to 'Yes' error indications can only be provided on the MT/TE side of the UMTS bearer. On the CN Gateway side error indications can not be signalled outside of UMTS network in release 1999.



7)
Values are derived from CRC lengths of 8, 16 and 24 bits on layer 1.



8) Number of priority levels shall be further analysed by S1, N1 and N3.



9) 


6.5.2
Values of Radio Access Bearer Service Attributes



The following table lists the value ranges of the radio access bearer service attributes. The value ranges reflect the capability of UTRAN. 



Table 5: Values for Radio Access Bearer Service Attributes



			Traffic class


			Conversational class


			Streaming class


			Interactive class


			Background class





			Maximum bitrate (kbps)


			< 2 048 (1) (2)


			< 2 048 (1) (2)


			< 2 048 - overhead (2) (3)


			< 2 048 - overhead (2) (3)





			Delivery order


			Yes/No


			Yes/No


			Yes/No


			Yes/No





			Maximum SDU size (octets)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)


			<=1 500 or 1 502 (4)





			SDU format information


			(5)


			(5)


			


			





			Delivery of erroneous SDUs


			Yes/No/-


			Yes/No/-


			Yes/No/-


			Yes/No/-





			Residual BER


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


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


			4*10-3, 10-5, 6*10-8  (6)


			4*10-3, 10-5, 6*10-8 (6)





			SDU error ratio


			10-2, 7*10-3, 10-3, 10-4, 10-5 


			10-1, 10-2, 7*10-3, 10-3, 10-4, 10-5 


			10-3, 10-4, 10-6 


			10-3, 10-4, 10-6 





			Transfer delay (ms)


			80 up to 175


			175 up to 2475


			


			





			Guaranteed bit rate (kbps)


			< 2 048 (1) (2)


			< 2 048 (1) (2)


			


			





			Traffic handling priority


			


			


			1,2,3 (7)


			





			Allocation/Retention priority


			1,2,3 (7)


			1,2,3 (7)


			1,2,3 (7)


			1,2,3 (7)





			Source statistic descriptor


			Speech/unknown


			Speech/unknown


			


			








1)
Bitrate of 2 048 kbps requires that UTRAN operates in transparent RLC protocol mode, in this case the overhead from layer 2 protocols is negligible.



2)
The granularity of the bit rate attributes shall be studied. Although the UMTS network has capability to support a large number of different bitrate values, the number of possible values shall be limited not to unnecessarily increase the complexity of for example terminals, charging and interworking functions. Exact list of supported values shall be defined together with S1, N1, N3 and R2.



3)
Impact from layer 2 protocols on maximum bitrate in non-transparent RLC protocol mode shall be estimated.



4)
In case of PDP type = PPP, maximum SDU size is 1502 octets. In other cases, maximum SDU size is 1 500 octets.


5)
Definition of possible values of exact SDU sizes for which UTRAN can support transparent RLC protocol mode, is the task of RAN WG3.



6)
Values are derived from CRC lengths of 8, 16 and 24 bits on layer 1.



7) Number of priority levels shall be further analysed by S1, N1 and N3.



8) 






Appendix 22.105 v3.10.0



5.5
Supported End User QoS



This section outlines the QoS requirements that shall be provided to the end user / applications and describes them as requirements between communicating entities (i.e. end to end). The QoS values in the tables represent end to end performance, including mobile to mobile calls and satellite components.  Delay values represent one -way delay (i.e. from originating entity to terminating entity). The values included in the following tables are commonly accepted values from an end-user viewpoint [12]. The delay contribution within the mobile network should be kept to minimum since there may be additional delay contributions from external networks. 



Figure 2 below summarises the major groups of application in terms of QoS requirements. Applications and new applications may be applicable to one more groups.
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Figure 2: Summary of applications in terms of QoS requirements 



The following tables further elaborate end user / application QoS requirements.



Table 1: End-user Performance Expectations - Conversational / Real-time Services



			Medium


			Application


			Degree of symmetry


			Data rate


			Key performance parameters and target values









			


			


			


			


			End-to-end One-way



Delay


			Delay



Variation within a call


			Information loss





			Audio






			Conversational voice






			Two-way


			4-25 kb/s


			<150 msec



preferred



<400 msec limit Note 1


			< 1 msec 


			< 3% FER 





			Video






			Videophone


			Two-way


			32-384 kb/s


			< 150 msec preferred



<400 msec limit



Lip-synch : < 100 msec 


			


			< 1% FER 









			Data 






			Telemetry



- two-way control


			Two-way


			<28.8 kb/s


			< 250 msec 


			N.A


			Zero





			Data


			Interactive games


			Two-way


			< 1 KB


			< 250 msec 


			N.A


			Zero





			Data


			Telnet


			Two-way



(asymmetric)


			< 1 KB


			< 250 msec 


			N.A


			Zero








Note 1: 
The overall one way delay in the mobile network (from UE to PLMN border) is approximately 100msec.



�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.




�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.




�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".




�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR will be applied if it is approved. Make sure that the lastest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��http://www.3gpp.org/3G_Specs/3G_Specs.htm�




�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.




�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.




�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line.




�PAGE \# "'Page: '#'�'"  �� Enter the source of the CR. This is either (a) one or several companies or, (b) if a (sub)working group has already reviewed and agreed the CR, then list the group as the source.




�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, B & C CRs for release 4 and later. Work item acronyms are listed in the 3GPP work plan. See � HYPERLINK "http://www.3gpp.org/ftp/information/work_plan/" ��http://www.3gpp.org/ftp/information/work_plan/�




�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.




�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed below. For more detailed help on interpreting these categories, see the Technical Report 21.900 "3GPP working methods".




�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.




�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.




�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.




�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR was to be rejected. It is necessary to complete this section only if the CR is of category "F" (i.e. essential correction).




�PAGE \# "'Page: '#'�'"  �� Enter each the number of each clause which contains changes.




�PAGE \# "'Page: '#'�'"  �� Enter an X in the box if any other specifications are affected by this change.




�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.




�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.









_989752100.doc






Error











tolerant











Error











intolerant











Conversational











(delay <<1 sec)











Interactive











(delay











 approx











.1 sec)











Streaming











(delay <10 sec)











Background











(delay >10 sec)











Conversational











voice and video











Voice messaging











Streaming audio











and video











Fax











E-mail arrival notification











FTP, still image,











paging











E-commerce,











WWW browsing,

















Telnet,











interactive games

















































































































_989752100.doc


Error







tolerant







Error







intolerant







Conversational







(delay <<1 sec)







Interactive







(delay







 approx







.1 sec)







Streaming







(delay <10 sec)







Background







(delay >10 sec)







Conversational







voice and video







Voice messaging







Streaming audio







and video







Fax







E-mail arrival notification







FTP, still image,







paging







E-commerce,







WWW browsing,











Telnet,







interactive games








































































