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Reason for change:
(

For streaming services, the “amount of throughput reserved on radio” is likely to be higher than the accepted guaranteed bit rate in order to cope with retransmission on radio and with service interruption at cell change. The extra amount of throughput reserved on radio depends on the MS de-jittering buffer capacity: if the MS de-jittering buffer capacity is high, then less extra throughput needs to be reserved on the radio to make up for service interruption at cell change.

Hence, in order to allow optimising the throughput reserved on the radio interface for the support of streaming services, the SGSN and the RAN need to know the time alignment (buffer) capability of the MS:

· for the RAN to optimise the radio resource reservation to the benefit of an increased cell capacity;

· to set the PDU lifetime consistently (e.g. for SGSN to set LLC PDU lifetime accordingly)

This information might be transferred from UE to network using any of both following alternatives:

1. Use of the transfer delay attribute

One way to achieve this would be to use the transfer delay attribute and specify that for a streaming bearer it is a function the de-jittering buffer size at application level, used to ensure time alignment of the streaming flow.

2. Addition of a new field in the QoS IE defined in 24.008

An alternative would therefore be to instead introduce a new QoS parameter, valid only for streaming class bearers, corresponding to the size of the “time alignment function of the application”  

This CR proposes to use the former alternative: it does not require adding extra parameter (no backward compatibility issue) and clarifies the use of the transfer delay attribute.




Summary of change:
(

Clarify that for the streaming class, transfer delay gives the maximum PDU delivery duration allowed by the “time alignment function of the application”.  It is determined by the UE using the guaranteed bandwidth and the size of the de-jittering buffer in the UE used to absorb transfer jitter (induced e.g. by transmission gaps at radio cell mobility or by repetition due to bad radio conditions). 

· 




Consequences if 
(

not approved:
The network would not be aware of the higher buffering capacity of a given  UE and would not be able to adapt radio resources accordingly. This would lead to useless waste of radio resources an induced reduction of cell capacity. 
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6.4.3.2
Attributes discussed per traffic class

Conversational class 

If the UMTS bearer carries speech service, Source statistics descriptor can be set, which allows UMTS to calculate a statistical multiplexing gain in core network, UTRAN and UE and use that for admission control.

Although the bitrate of a conversational source codec may vary, conversational traffic is assumed to be relatively non‑bursty. Maximum bitrate specifies the upper limit of the bitrate with which the UMTS bearer delivers SDUs at the SAPs. The UMTS bearer is not required to transfer traffic exceeding the Guaranteed bitrate. Maximum and guaranteed bitrate attributes are used for resource allocation within UMTS. Minimum resource requirement is determined by guaranteed bitrate (When a conversational source generates less traffic than allocated for the bearer, the unused resources can of course be used by other bearers.)

Since the traffic is non-bursty, it is meaningful to guarantee a transfer delay of an arbitrary SDU.

Conversational bearers are likely to be realised in UTRAN without RLC re-transmissions. Hence, UTRAN transport is more efficient and thereby cheaper if RLC PDU size is adapted to UMTS bearer SDU size (RLC transparent mode). This motivates the use of SDU format information. The SDU periodicity knowledge needed to operate in RLC transparent mode is obtained through dividing the largest defined SDU format by Maximum bitrate. This shall be considered when setting the attribute values in a service request.

The Maximum SDU size is only applicable if SDU format information is not specified and is used for admission control and policing. If Maximum SDU size is specified the SDU size is variable. If SDU format information is specified, with one or several possible sizes, each SDU shall exactly conform to one of the specified sizes. By using the SDU error ratio, Residual bit error ratio and Delivery of erroneous SDUs attribute, the application requirement on error rate can be specified, as well as whether the application wants UMTS to detect and discard SDUs containing errors and an adequate forward error correction means can be selected.

Streaming class 

If the UMTS bearer carries streaming speech service, Source statistics descriptor can be set, which allows UMTS to calculate a statistical multiplexing gain in core network, UTRAN and UE and use that for admission control.

As for conversational class, streaming traffic is assumed to be rather non-bursty. Maximum bitrate specifies the upper limit of the bitrate the UMTS bearer delivers SDUs at the SAPs. The UMTS bearer is not required to transfer traffic exceeding the Guaranteed bitrate. Maximum and guaranteed bitrate attributes are used for resource allocation within UMTS. Minimum resource requirement is determined by guaranteed bitrate. (When a streaming source generates less traffic than allocated for the bearer, the unused resources can of course be used by other bearers.)

Since the traffic is non-bursty, it is meaningful to guarantee a transfer delay of an arbitrary SDU. 
The transfer delay requirements for streaming are typically in a range where at least in a part of this range RLC re‑transmission may be used. It is assumed that the application's requirement on delay variation is expressed through the transfer delay attribute, which implies that there is no need for an explicit delay variation attribute. For the streaming class, transfer delay gives the maximum PDU delivery duration allowed by the “time alignment function of the application”.  It is determined by the UE using the guaranteed bandwidth and the size of the de-jittering buffer in the UE used to absorb transfer jitter (induced e.g. by transmission gaps at radio cell mobility or by repetition due to bad radio conditions). 

This information may be used: 

· by the RAN  to optimise the radio resource reservation to the benefit of an increased cell capacity;
· to set the PDU lifetime consistently (e.g. for SGSN to set LLC PDU lifetime accordingly in case of GERAN A/Gb mode)
It shall be possible for Streaming bearers to be realised in UTRAN without RLC re-transmissions. Hence, UTRAN transport is more efficient and thereby cheaper if RLC PDU size is adapted to UMTS bearer SDU size (RLC transparent mode). This motivates the use of SDU format information. The SDU periodicity knowledge needed to operate in RLC transparent mode is obtained through dividing the largest defined SDU format by Maximum bitrate. This shall be considered when setting the attribute values in a service request.

The Maximum SDU size is only applicable if SDU format information is not specified and is used for admission control and policing. If Maximum SDU size is specified the SDU size is variable. If SDU format information is specified, with one or several possible sizes, each SDU shall exactly conform to one of the specified sizes.

By using the SDU error ratio, Residual bit error ratio and Delivery of erroneous SDUs attribute, the application requirement on error rate can be specified, as well as whether the application wants UMTS to detect and discard SDUs containing errors.

Interactive class

This bearer class is optimised for transport of human or machine interaction with remote equipment, such as web browsing. The source characteristics are unknown but may be bursty.

To be able to limit the delivered data rate for applications and external networks by traffic conditioning, maximum bitrate is included.

There is a definite need to differentiate between quality for bearers within the interactive class. One alternative would be to set absolute guarantees on delay, bitrate etc, which however at present seems complex to implement within UTRAN/CN. Instead, traffic handling priority is used. SDUs of a UMTS bearer with higher traffic handling priority is given priority over SDUs of other bearers within the interactive class, through UMTS-internal scheduling.

It is principally impossible to combine this relative approach with attributes specifying delay, bitrate, packet loss etc, so an interactive bearer gives no quality guarantees, and the actual bearer quality will depend on the load of the system and the admission control policy of the network operator.

The only additional attribute that is reasonable to specify is the bit integrity of the delivered data, which is given by SDU error ratio, Residual bit error ratio and Delivery of erroneous SDUs. Because there are no reserved resources for interactive class, SDU error ratio should be used as a target value. SDU error ratio cannot be guaranteed under abnormal load conditions.

Background class

The background class is optimised for machine-to-machine communication that is not delay sensitive, such as messaging services. Background applications tolerate a higher delay than applications using the interactive class, which is the main difference between the background and interactive classes.

UMTS only transfers background class SDUs when there is definite spare capacity in the network. To be able to limit the delivered data rate for applications and external networks by traffic conditioning, maximum bitrate is included.

No other guarantee than bit integrity in the delivered data, given by SDU error ratio, Residual bit error ratio and Delivery of erroneous SDUs , is needed. Because there are no reserved resources for background class, SDU error ratio should be used as a target value. SDU error ratio cannot be guaranteed under abnormal load conditions.

---------------------------------- next modified section ----------------------------------

6.4.4.2
Attributes discussed per traffic class

Conversational class
If the RAB carries a speech service, Source statistics descriptor can be set, which allows UTRAN to calculate a statistical multiplexing gain on radio and Iu interfaces and use that for admission control.

Unequal error protection can be supported in conversational class. In case unequal error protection is requested for a given RAB, the attributes Delivery of erroneous SDUs, Residual bit error ratio and SDU error ratio are specified per subflow. Delivery of erroneous SDUs determines whether error detection shall be used and, if so, whether SDUs with error in a certain subflow shall be delivered or not. Residual bit error ratio specifies the bit error ratio for undetected delivered bits. SDU error ratio specifies the fraction of SDUs with detected error in each subflow. It is only set for subflows for which error detection is requested.

In case of unequal error protection the payload of the user data SDU, transported by the Radio Access Bearer Service, shall conform to a SDU format defined with possible exact sizes. The payload bits are statically structured into subflows. The SDU format information attribute defines the exact subflow format of SDU payload.

UTRAN includes a rate control protocol, making it able of controlling the rate of sources requesting this, provided that they are periodic and that SDU format information is specified. UTRAN is allowed to control the rate between Guaranteed bitrate and Maximum bitrate. Each of these two rates shall correspond to an SDU format specified in SDU format information. For the case the SDU size is constant, as is the case for CS data, SDU format information may include a list of possible bitrates per subflow, to allow rate control of the subflows by change of inter PDU transmission interval (IPTI).

Streaming class
If the RAB carries streaming speech, Source statistics descriptor can be set, which allows UTRAN to calculate a statistical multiplexing gain on radio and Iu interfaces and use that for admission control.

Unequal error protection can be supported in streaming class. In case unequal error protection is requested for a given RAB, the attributes Delivery of erroneous SDUs, Residual bit error ratio and SDU error ratio are specified per subflow. Delivery of erroneous SDUs determines whether error detection shall be used and, if so, whether SDUs with error in a certain subflow shall be delivered or not. Residual bit error ratio specifies the bit error ratio for undetected delivered bits. SDU error ratio specifies the fraction of SDUs with detected error in each subflow. It is only set for subflows for which error detection is requested.

In case of unequal error protection the payload of the user data SDU, transported by the Radio Access Bearer Service, shall conform to a SDU format defined with possible exact sizes. The payload bits are statically structured into subflows. The SDU format information attribute defines the exact subflow format of SDU payload.

UTRAN includes a rate control protocol, making it able of controlling the rate of sources requesting this, provided that they are periodic and that SDU format information is specified. UTRAN is allowed to control the rate between Guaranteed bitrate and Maximum bitrate. Each of these two rates shall correspond to an SDU format specified in SDU format information. For the case the SDU size is constant, as is the case for CS data, SDU format information may include a list of possible bitrates per subflow, to allow rate control of the subflows by change of inter PDU transmission interval (IPTI).
For the streaming class, Transfer delay gives the maximum PDU delivery duration allowed by the “time alignment function of the application”. 

This information may be used: 

· by the RAN  to optimise the radio resource reservation to the benefit of an increased cell capacity;

· to set the PDU lifetime consistently (in case of RAN working in Iu mode)

Other classes

The RAB attribute sets and their use in, interactive and background classes are identical to those of UMTS bearer services (clause 6.4.2.2).
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