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1 Introduction

In the LS from SA2 “Unequal Error Protection for PS conversational multimedia services”, SA2 asks RAN3 to provide our view on the topic. This contribution is intended to study the issues and to propose a response LS.

2 Discussion

SA2 states that they study different locations where subflow differentiation can be done. SA2 agreed that the UTRAN is most suitable for subflow differentiation. The rationale is given in the Nortel contribution S2-012753 “Architectural study for Unequal Error Protection” in table in section 4 of S2-012753: 

1- It is feared in Nortel’s contribution that introducing subflow differentiation in the SGSN or GGSN will make them not transparent to packet transfer (SGSN and GGSN currently act as relays for packets).

But today in R99/R4, all the subflows of a given RAB are sent in one single Iu UP frame. The structure of the Iu UP frame is known by the UTRAN via the RAB Assignment message, and it is already the responsibility of the RNC to separate the bits of the Iu UP frame to get the different subflows on which different channel coding schemes will apply. So, there is no need of user plane processing in the SGSN or in the GGSN.

This could have be misunderstood by SA2 since the Nortel contribution shows different subflows and introduce some requirements in the SGSN that are not needed.

Hence the same principle can be applied to voice traffic carried on top of PS domain: the entity at the far end of the RTP flow (other UE, MGW, MRF..) sends voice traffic in a frame whose structure is known by UTRAN via the RAB Assignment message, and it is already the responsibility of the RNC to separate the bits of the frame received from CN to get the different subflows on which different channel coding schemes will apply. The fact that this framing protocol may be different from IU UP (i.e. ietf-avt-rtp-amr framing /RTP/UDP/IP stack) does not change anything on the fact that the same basic principles apply. 

2- It is also feared in Nortel’s contribution that SIP codec needs to be known by SGSN/GGSN while SGSN/GGSN is currently independent from the SIP service.

Alcatel view is that there are solutions allowing to keep that principle intact: for example, when the UE, after SIP negotiation, sends an “Activate PDP Context Request” to the SGSN containing the subflows characteristics, the SGSN has only to map those parameters to the RAB parameters to be included in the RAB Assignment message. 

This is not clear whether SA2 thinks that the UTRAN is also responsible to define the number of subflows and their characteristics by interpreting the SIP signalling. If it is the case, there are several drawbacks:

1- SIP signalling is clearly at NAS level and should not be known by the UTRAN. If, in the future, another IMS signalling is adopted, the UTRAN interfaces would have to be updated once again.

2- If an RNC decides that a given RAB should be split in three subflows, while another RNC would have decided four subflows, what happens at handover or SRNS relocation between those two RNCs?

So, it is clearly the CN responsibility to signal the characteristics of those subflows requested by the UE after SIP negotiation.

SA2 mentions that the information needed in the UTRAN to provide subflow differentiation has also been discussed. Two proposals have been addressed but no conclusion has been reached yet:  

· The SIP negotiated codec is provided to the UTRAN, or 

· The UTRAN knows only the internal flow structure but not the actual SIP negotiated codec for differentiating a single flow into subflows.

It is Alcatel understanding that the first proposal goes against the strong principles SA WG2 and RAN WG3 took in the past, by which the UTRAN has not to know the codecs, but only the required QoS for each of the subflows (mainly SDU error ratio and residual BER), in order to provide the adapted channel coding schemes. In GSM, the BTS has one channel coding combination per codec and each time a new codec in introduced, all BTS have to be changed. The principle in UMTS have been modified in order to avoid these problems.

The codec knowledge is more a GERAN matter since it is based on GSM principles.

The information needed in the UTRAN to provide subflow differentiation already exists in RANAP RAB Assignment message via the RAB parameters IE. So, the UTRAN already knows the internal flow structure.

As said above, a possible solution is that the UE can provide the information during Activate PDP Context Request message, then this information can be relayed (possibly transparently) to the UTRAN via the RAB Assignment Request message over the Iu. The SGSN is therefore transparent to the subflow characteristics.

2.1 How can subflow  definition be sent to UTRAN with neither SGSN nor UTRAN knowing the codecs

Three possible methods are described to show how subflow  definition can be sent to UTRAN with neither SGSN nor UTRAN knowing the codecs:

· Direct transfer of the subflow from UE to RAN

· Transfer of the subflow definition in QoS parameter of 24.008 Activate PDP Context Request message and of RANAP

· Transparent Transfer of the subflow definition

2.1.1 Direct transfer of the subflow from UE to RAN

This section describes a solution in which the subflows definition is not sent by the CN at RAB Assignment, but only afterwards: The subflow definition could be sent directly on radio from UE to RAN within the answer to the RB (Radio Bearer) establishment request. 

After codec… negotiation at application (e.g. SIP) level the process to establish the radio bearer would be the following:

1. UE maps the media component definition, without media parameters, onto PDP context to be established and activates the relevant PDP context

2. SGSN upon reception of the 24.008 SM message requests from RAN the RANAP RAB assignment

3. RAN requests from UE the activation of the radio bearer (RB) using relevant RRC message

4. UE answers back with indication of media parameters, including subflows definition, for RAN to be associated with the radio bearer
5. RAN has to change the RB according to this information.

But this solution raises synchronization issues: the RB is first established without knowing the subflows/UEP parameters. Then, the Radio Bearer needs to be changed after the RAB is established. 

Hence this solution shall be avoided.
2.1.2 Transfer of the subflow definition in QoS parameter of 24.008 Activate PDP Context Request message and of RANAP

In the Activate PDP Context Request message, it is possible to modify the Requested QoS IE, which is composed of following parameters, extracted from TS24.008 section 10.5.6.5, in order to allow several subflows. It is the responsibility of the UE to build that message from the parameters negotiated with the remote user via SIP protocol.
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Quality of service IEI
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Length of quality of service IE
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Traffic Class
Delivery order
Delivery of erroneous SDU
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Maximum SDU size
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Maximum bit rate for uplink
Octet 8

Maximum bit rate for downlink
Octet 9

Residual BER
SDU error ratio
Octet 10

Transfer delay
Traffic Handling priority
Octet 11


Guaranteed bit rate for uplink
Octet 12

Guaranteed bit rate for downlink
Octet 13

The parameters related to RAB subflows in RANAP protocol are Residual Bit Error Rate IE and SDU Error Ratio IE. All other parameters are common to all subflows as specified in RANAP specification.

It can be noticed that, in Activate PDP Context Request message,  there is only one Residual Bit Error Rate IE and one SDU Error Ratio IE, which is not on a per subflow basis: it is needed to determine the QoS required for the segment RNC-SGSN-GGSN. 

For UEP in the RAN, there is a need to define one set of Residual Bit Error Rate and SDU Error Ratio IEs per subflow in an additional set of parameters. Furthermore,  the SDU Format Information Parameter IE (one per RAB subflow combination) is also needed for the definition of the RAB subflows in RANAP, as described in the following table extracted from RANAP specification.

IE/Group Name
Presence
Range
IE type and reference
Semantics description

SDU Format Information Parameter



At least one of the Subflow SDU size IE and the RAB Subflow Combination bit rate IE shall be present when SDU format information Parameter IE is present.

>Subflow SDU Size
O

INTEGER (0..4095)
Desc.: This IE indicates the exact size of the SDU.

The unit is: bit.

Usage:

This IE is only used for RABs that have predefined SDU size(s). It shall be present for RABs having more than one subflow.

When this IE is not present and SDU format information Parameter is present, then the Subflow SDU size for the only existing subflow takes the value of the IE Maximum SDU size.


>RAB Subflow Combination Bit Rate
O

INTEGER (0..16,000,000)
Desc.: This IE indicates the RAB Subflow Combination bit rate.

The unit is: bit/s.

Usage:

This IE is only present for RABs that have predefined rate controllable bit rates.

When this IE is not present and SDU format information parameter is present then all Subflow SDUs are transmitted (when there is data to be transmitted) at a constant time interval.  
The value of this IE shall not exceed the maximum value of the IEs ‘Maximum Bit Rate’.
The value 0 of RAB Subflow Combination bitrate indicates that the RAB uses discontinuous transfer of the SDUs.

A drawback of this solution is that QoS IE is normally transfer to the GGSN with Gn messages.

2.1.3 Transparent Transfer of the subflow definition 

In order 

· Not to modify GPRS QoS definition and not to propagate the subflow definition up to GGSN

· Provide an unified way for UE to send to the RAN (UTRAN, GERAN) the NAS level parameters needed by the NAS level media features provided by RAN : UEP, RoHC; Header stripping). Such parameters are e.g.
· 'may/should  header stripping apply to this bearer
· 'may/should  header compression apply to this bearer 
· parameters needed by UEP: (codec definition in GERAN case, sub-flow definition in UTRAN case)
These parameters are transferred from UE to RAN via a transparent container attached to the PDP context activation / modification sent by UE to SGSN and transparently copied from  this message to another transparent container in the associated RANAP RAB ASSIGNEMENT request message. 

2.1.4 Proposal from Alcatel

It is proposed to choose the alternative  “ Transparent Transfer of the subflow definition” as 

· It does not raise any synchronization issue

· It does not imply to propagate sub-flow definition up to GGSN

· It provides a common solution for different radio access technologies (UTRAN , GERAN) and for different functions such as UEP, Header stripping and Header Compression.

3 Conclusion

It is proposed to send a response LS back to SA2 with the following text:

“

RAN WG3 thanks SA WG2 for their LS on Unequal Error Protection for PS conversational multimedia services. RAN WG3 would like to inform SA WG2 on their opinion to that topic with regards to user plane and signalling aspects:

1- RAN WG3 would like to remind SA WG2 that the RANAP specifications in R99 and R4 are based on a strong principle, by which the UTRAN has not to know the codecs, but only the required QoS for each of the subflows (mainly SDU error ratio and residual BER), in order to provide the adapted channel coding schemes. The codec knowledge is more a GERAN matter since GERAN is based on GSM principles.

2- About subflows: in R99 and R4, all the subflows of a given RAB are sent in one single Iu frame (Iu UP for CS domain). The structure of the Iu frame is known by the UTRAN via the RAB Assignment message, and it is already the responsibility of the RNC to separate the bits of the Iu UP frame to get the different subflows on which different channel coding schemes will apply. Although another framing protocol might be used on PS domain the same principle should apply. So, there is no need of user plane processing in the SGSN or in the GGSN, which remain independent from the subflow differentiation in the User Plane.

3- RAN WG3 believes that there may be solutions that satisfy the principle that the SGSN, GGSN, UTRAN remains independent from the SIP service in the Control Plane and that UTRAN remains unaware of the codec being used. A possible solution would consists in having a transparent container  IE in the Activate PDP Context Request message in order to take into account the subflow characteristics. When the UE, after SIP negotiation, sends a Activate PDP Context Request to the SGSN, the SGSN would only have to map those parameters to the RAB parameters to be included in the RAB Assignment message. 

RAN WG3 would like SA WG2 to consider these above mentioned aspects before agreeing on a solution that would be against the main principles of Iu interfaces and that would make Iu-ps basically different from Iu-cs.

“
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