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1. Introduction

The work to standardise the RT PS data services with SIP signalling  in CN has been going on in SA working groups over a year by now, however no similar type of discussion has been started in RAN working groups, even though the support of e.g. the VoIP service has been seen to be one of the most discussed IP service from the PS domain.

Due to fact that no RT PS data service whether it is VoIP or something else RT service can be established at CN side by using only one PDP context, and therefore it is quite clear that the support of such services in UTRAN means an assignment more than one RAB with different traffic class and QoS requirements. In practise all assigned RABs for RT PS data service are always logically linked together the whole life time of the service in UTRAN and therefore some gain should be possible to achieve from this linkage instead of loosing capacity due to over dimensioned separate RABs / RBs 

The aim of this paper is to initiate the discussion how RT PS data is possible to optimise in UTRAN and to start to work to define the required changes to the TS 25.413. 

2. Discussions

SIP (Session Initiation Protocol) is an application-layer control (signalling) protocol for establishing, modifying and terminating multimedia sessions or calls, e.g. IP telephony, with one or more participants. It is designed to be independent of the lower layer transport protocol and it can be extended with additional capabilities. These services are very delay-sensitive requiring high level quality of service from the network. Therefore, network should be able to guarantee SIP transmission the grade of service higher than PS domain NRT packet data.

Signalling PDP contexts will benefit from specific QoS handling in the RNC, SGSN and GGSN. The handling of the SIP signalling cannot be fully optimised in the network unless the identification is possible and reliable. The lack of identification will also lead to the inadequate QoS support for the services, which utilise SIP signalling, e.g. VoIP call.

SIP signalling should be identified in the network due to the following reasons:

· SIP handling should differ from Interactive PS domain NRT data
SIP signalling is treated as Interactive PS domain NRT data in Rel-4. NRT packet data with Interactive traffic class does not have any guaranteed bit rate and thus capacity is offered on the best effort basis only. This may cause delays to the PS domain NRT data traffic, which is not acceptable in terms of QoS required by VoIP applications.

· SIP should be multiplexed with either SRB or RTP/RTCP
IP telephony multimedia calls tend to lead to several PDP contexts activated from UE; at least there is no standard way in UMTS to ensure this would not happen. The L2 multiplexing of the SIP signaling with either RTP/RTCP or SRB bearer in user plane would be beneficial providing internal flexibility for lower layer optimization in the network.

In Rel-4 no information is available to recognise RAB requests, which are sent to reserve resources either for SIP, RTP or RTCP data flows. This complicates the mapping of these flows into the same transport channel or defining the optimal TFCS for various transport channels. Without the knowledge of the contents of the flows, the mapping on L2 is based on the presently available QoS parameters. This is not, however, an unambiguous and reliable method and there is always a risk that, instead of the SIP signalling, another PS domain NRT data bearer is mapped into same flow with the RTP/RTCP data.

· SIP should be associated with RTP/RTCP
SIP signalling session is established before RTP/RTCP connection. It must remain active during the whole VoIP session, even if inactivity were detected. SIP connection must not be released until corresponding VoIP connection is terminated either.

In Rel-4 such information is not available, which would allow the network to combine the SIP signalling and the corresponding RTP/RTCP connections under the same logical control (e.g. upon SRNS relocation). This problem occurs when RTP/RTCP and SIP have different traffic classes, QoS, different RABs, RBs and especially because SIP radio bearer is not established simultaneously with RTP/RTCP related bearers. The lack of the common logical control between RTP/RTCP/SIP on L3 complicates the controlling of the VoIP call.

The required bit rates for AMR VoIP call are presented in the attach appendix.

3. conclusion

Our proposal is that the based on the arguments presented in this paper RAN WG3 starts the work to define the required changes to TS 25.413, and prepare LS to SA2 and RAN2 to explain the status and the understanding of RAN WG3 on this matter.  

Appendix 

In the following the calculations of the bit rates required by AMR VoIP are presented.

 RTP RAB

AMR payload (12.2 kbps, 20 ms TTI)
244 bits

RTP/UDP/IP header (IPv6)
60 bytes = 480 bits

AMR payload + IP header

724 bits

Bit rate at Iu-PS interface

724 bits / 20 ms = 36.2 kbps

RLC SDU after ROCH:

Note that 6 extra bytes are added on top of the IPv6 header at the most. Four bytes are required by UDP checksum and two additional bytes are for ROHC feedback frames. The second order header can be compressed to 4 bytes at its best.

- Full header state

772 bits

- First order (7 bytes)

300 bits

- Second order (4 bytes)

276 bits

Note that also other RLC PDU sizes are possible if the number of bytes or compressed header varies.

Max. possible RLC PDU (UM RLC)
772 + 8 bits = 780 bits = 39.0 kbps in the Uu
RTCP RAB

Payload


140 bytes = 1120 bits

RTP/UDP/IP header (IPv6)
60 bytes = 480 bits

Payload + IP header

200 bytes = 1600 bits

Avg. packet interval

5 seconds

The 1 kbps guaranteed bit rate is assumed to RTCP RAB.

RLC SDU after ROCH:

Note that 6 extra bytes are added on top of the IPv6 header the most. Four bytes are required by ROHC and two additional bytes are for ROHC feedback frames. The second order header can be compressed to 4 bytes at its best.

- Full header state

1648 bits

- First order (7 bytes)

1176 bits

- Second order (4 bytes)

1152 bits

RLC PDU (1 kbps, 20 ms TTI, UM RLC) = 20 bits 

20 bits is not reasonable size for RLC PDU. In practice, more than 1 kbps peak bit rate is

needed in Uu to have feasible RLC PDU size. Here it is assumed that 3.7 kbps is allocated to RTCP (corresponds with SRB, 148 bits/40 ms TTI).

SIP

Maximum bit rate 16 kbps, 1500 octets 

32.8 RLC PDU (320 bits payload + UM header) / 20 ms TTI = 16.4 kbps in the Uu
SRBs

148 bits / 40 ms TTI = 3.7 kbps
In total

The assumption is that L2 MAC multiplexing is not used:

RTP (39.0 kbps) + RTCP (3.7 kbps) + SRB (3.7 kbps) + SIP (16.4 kbps) = 62.8 kbps
Therefore, SF 32 is required if all the RABs are multiplexed to the one physical channel.

With these figures a VoIP channel requires code capacity of 4 CS speech channels and approximately the Tx power of 2 CS speech channels. 

In the following table the different ROHC header sizes versus different multiplexing alternatives for AMR 12.2 kbps VoIP utilising IPv6 are introduced. The L1 user bit rates express the required user bit rate in the Uu interface. The average header size is an estimation and one has to notice that it requires a rather optimal header compression function.

Table 1.
Possible RAB combinations and bit rates of AMR 12.2 VoIP (IPv6)

	ROHC header
	RAB combinations

	
	RTP
	RTP + RTCP + SRB
	RTP + RTCP + SRB + SIP

	Full header (66 bytes)
	39 kbps
	46.4 kbps
	62.8 kbps

	FO header (7 bytes)
	15.4 kbps
	22.8 kbps
	39.2 kbps

	SO header (4 bytes)
	14.2 kbps
	21.6 kbps
	38 kbps

	Average header (5 bytes)
	14.6 kbps
	22 kbps
	38.4 kbps


