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Proposed Conversational Transfer Delay Values
TS 22.105 defines the one-way end to end (TE to TE) transfer delay objectives for conversational services to 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.  It is highly desirable to meet the 150 ms end-to-end objective for high quality conversational voice services. TS 22.105 specifies an end-to-end delay of <250 ms for telemetry, interactive games, etc.

Of the end-to-end transfer delay objective, the portion that can be allocated to the UMTS bearer service depends heavily on the nature of the external bearer service. In addition, the allocation of delay to the UMTS bearer service is also dependent on the level of functionality that must be provided by the bearer service.  For example, if the bearer service requires codec functionality (e.g. for voice services), the delay allocation must be accordingly increased (TS 23.107 section 8.2).

A representative minimum delay for the UMTS bearer service is approximately 80-100 ms, depending on soft handoff, coding, TTI, etc. (see also TR 25.932 v.2.0.0).  When codec delays are included, the minimum delay is on the order of 110-140 ms.  If additional queuing delays at the RNC/NodeB and ATM backhaul are allowed, and/or higher latency codecs (for VoIP) are included, then one-way transfer delay could grow to 150 ms or more over the UMTS bearer service.

A recommended representative range of values for the UMTS bearer service is 100 - 500 ms for the conversational traffic class.  Lower delay values may be requested, but will not necessarily be supported by the UMTS bearer service (conversational traffic class).  The lower value of 100 ms may only be supportable under specific conditions (e.g. no codec functionality required, etc.).

For the radio access bearer service, a transfer delay value range of 80 - 475 ms is suggested.  Lower values may be requested but will not necessarily be supported.  The lower value of 80 ms may only be supportable under specific conditions (See also TR 25.932).

Proposed Streaming Transfer Delay Values
TS 22.105 defines the one-way end to end transfer delay objectives for streaming services to be <10 seconds. This is a direct result of the non-conversational nature of streaming services, which can tolerate a large transfer delay with imperceptible impact on the end-user’s perception of service quality, but which cannot tolerate a large delay variation.

The amount of buffer space available at the endpoints (within a TE e.g.) may be limited, however, for streaming services.  The buffer space is required to dejitter the data at the application/endpoint.  It is therefore important to enable the application to request a smaller (or larger) delay for a streaming service - in order to accommodate any buffer size limitations in the TE/MT.  A relatively small transfer delay should be requestable and supportable (substantially less than 10 s) over the UMTS bearer service for the streaming traffic class.  At the same time, a larger transfer delay would allow more efficient queuing and scheduling, as well as retransmission of data via RLC, over the error-prone air interface (retransmission via RLC is more efficient for PDUs requiring segmentation at RLC). The larger delay value is applicable for those TE/MTs that can provide a large buffer space, and can tolerate a larger delay, and greater delay variation, over the bearer service.

6.5
Parameter Values 
  . 
When requesting a bearer only the values listed in the tables 4 and 5 shall be used.  The values in the tables reflect all possible service conditions. When a service is defined as a combination of attributes, further limitations may apply; for example the shortest delay may not be possible to use together with the lowest SDU error ratio. Service requirements, i.e. required QoS and performance for a given UMTS service, is defined in [5].
6.5.1
Values for UMTS Bearer Service Attributes

The following table lists values for  UMTS bearer service attributes. The values 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) (9)
100 up to 500
 500   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 parameters 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) The minimum transfer delay values may only be achievable under certain circumstances, e.g. no vocoding or retransmission.
 
6.5.2
Values  for Radio Access Bearer Service Attributes

The following table lists values for the radio access bearer service attributes. The values 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) (8)

80 up to 475
 250 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 parameters 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) The minimum transfer delay values may only be achievable under certain circumstances, e.g. no vocoding or retransmission.
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