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Dedicated channel combinations for eGb
Introduction

This paper looks at the need for a new dedicated radio channel combination to support the new real-time services over the Gb interface.  This paper does not discuss which services in particular would benefit most from a dedicated channel; it merely examines the alternatives for providing a dedicated channel for services using the Gb interface as such a channel was previously not available.

General assumptions

· It is assumed that these services are using IMS, i.e. using the SIP control protocol and an IP type payload (RTP/UDP/IP)

· Error protection requirements are not yet decided for r-t services, the current options are:

i) if UEP is required ( “optimised conversational” TCH-based solution

ii) if EEP is sufficient ( “generic conversational” PDTCH-based solution

· FLO is not considered in this paper (this is a new solution providing UEP)

Alternative Channel Combinations

Companies are currently discussing the requirements for real-time services, to determine what is required to support conversational, and streaming services (the main types of real-time service in GERAN).

Assuming that at least one of these real-time services requires a dedicated channel, the two alternatives currently put forward are compared in this paper.

1.
“Generic conversational” solution
· New channel combination, PDTCH + PACCH + SACCH

· Uses GPRS and EGPRS coding schemes

· Provides equal error protection

2.
“Optimised conversational” solution

· Reuses TCH and “transparently” reroutes traffic to the Gb interface in BSS (instead of A interface)

· Uses AMR coding

· Provides unequal error protection
“Generic conversational” solution PDTCH + PACCH + SACCH [3] 
Characteristics
· PDTCH uses EEP, 52 multiframe and GMSK, CS-1 as default

· SACCH obtains and reports measurements for handover purposes

· New RR messages are layer 3 messages (reuse message IDs and add a protocol discriminator)

· This channel can be full rate (FR) or half rate (HR)

Advantages
Multiple TBFs on this channel could support multiple asynchronous bearers, RTCP for example, would be sent on one TBF and RTP payload on another.

Drawbacks
· PCU to process measurement reports and implement handover algorithms

· New “connected transfer mode” in addition to packet transfer and packet idle modes at RLC/MAC layer (similar to MAC-Dedicated for Iu mode).

· Variable bit rate due to link adaptation in coding schemes
Open Issues

This solution does not currently address how RTCP could be sent synchronously with the payload.  In the case of a “simple” multimedia service, how could two streams (e.g. audio +video) be best sent on a single “bearer” (i.e. if there is no UEP)? It is also not clear if SACCH would use LAPDm and PACCH would use RLC/MAC and if this might cause problems.

Other questions include:

· How is the new handover functionality introduced into the PCU (via G-RR, or eRLC, or new entity? – see AHAGB-019)?

· What is the effect of the interleaving depth of the HR PDTCH channel on the service interruption time?
In the case where a half rate PDTCH is used, the biggest concern is whether
 this approach really can meet the QoS and delay requirements for a real-time service.
“Optimised conversational” solution TCH + FACCH + SACCH [1] 
Characteristics

· TCH uses UEP, 51-multiframe and AMR coding (as default)

· SACCH obtains and reports measurements for handover purposes
· This channel could support multi-media applications which have multiple synchronous/asynchronous bearers.
Advantages

· DTM mobiles can do this with very few changes (only PDP context assigned to dedicated flow needs to be additionally signalled to MS) – but with associated nrt bearers this amounts to “Enhanced DTM” which is not currently considered

· RR above LAPDm can be used for signalling (but this mixes A and Gb i/f control)

Drawbacks
· E-TCH only allows up to 43kbps per timeslot and is not even widely deployed

· Codecs are limited to common codecs used in IMS and for TCH channels (e.g. AMR)

· Rerouting is required in the BSS of these dedicated channels to Gb interface, this is not completely transparent.
· The IMS / other terminal has to support the codecs defined for the TCH (i.e. AMR) because there is no transcoding function.
· RTP/UDP/IP header removal may be required
Open Issues

· Is each flow limited to one timeslot or can an HSCSD-type multi-slot approach be used?

· How (and where) is header removal performed?

· How can the content of IP packets (AMR/RTP/UDP/IP) be signalled to the RAN (for UEP)?

· What exactly are the changes needed on the Gb (RTP/UDP/IP header removal or ‘Iu UP- like’ interworking and tunnelling?) and could they be supported by existing hardware (CN and RAN)?

Is this approach really going to “draw on existing protocols and architectures” or are the changes needed considered too great?
Areas for further study

The following areas are also related:
· What are the requirements for synchronisation between multi-media flows and the RTCP / SIP flows?

· Is rate adaptation considered for Iu-PS (as well as for Iu-CS)?  
Conclusion

The TCH-based solution does not solve the task of supporting most IMS services that require conversational class QoS, because only the codecs simultaneously supported by IMS and today’s A interface would be allowed and the bitrates achievable on a TCH are considerably lower than on a PDTCH channel using EGPRS coding schemes. This approach therefore is limited in its usefulness.

The half rate PDTCH solution is also not considered to be useful for most real time services due to the interleaving depth of 40ms. It is questionable whether this approach could meet the QoS and delay requirements for a real-time service.  

As the TCH solution cannot be relied upon to be the sole solution, and the half rate PDTCH is also limited in its applicability, the full rate PDTCH solution 
is preferred and is proposed as the solution for providing a dedicated channel for real time Gb services (leaving FLO aside in this instance).
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