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1. Introduction

At the Ran1#38bis meeting Ran1 discussed the proposals relating to the use of the secondary scrambling code for the RABs supporting VoIMS, and a further proposal that does not have an impact on the physical layer.

To finalize evaluation of the physical layer implications of introducing an SSC based solution, RAN1 has identified the following concerns that would need to be resolved before an SSC based solution could be recommended to RAN2:

· Impact at system level of the VoIMS users on other channels in the cell using the primary scrambling code, and on power control 

· Impact of receiving PSC and SSC in parallel on terminal complexity and power consumption

In order to progress with evaluation of SSC physical layer impacts, RAN1 requests RAN2 to provide information on the following aspects of VoIMS traffic:

· How often uncompressed RTP and SIP frames occur

· At the start of a session

· During a session

In addition, RAN1 would be grateful if RAN2 would be able to provide information on expected numbers of VoIMS users in a cell.

This document discusses the issues raised in the Ran1 LS.

2. Discussion

2.1 Uncompressed RTP headers at session start

At session start uncompressed RTP packets (IR packets) must be sent in order to create a  ROHC context in the decompressor.

The size of these IR packets is about 100byte (full header, some ROHC signalling and the RTP payload). Since the compressor must start in U-Mode and the compressor can not expect feedback in this mode it would not realize that an IR packet packet has been lost due to bad transmission conditions. Therefore to make sure that the decompressor received the IR packet the compressor must send more than one IR packet. This number of IR packets depends on the ROHC parameter Upward transition interval. Since a feedback channel is available for VoIMS, the decompressor is allowed to send feedback to the compressor. Upon reception of an ACK the compressor may decide to change the compression state to achieve compressed packets. However, due to the delays on the Iub interface, an according number of IR packets has to be sent.

Therefore with a proper ROHC functionality uncompressed RTP frames occur at seesion start for not longer than the RNC-> UE RTT.
2.2 Uncompressed RTP headers during a session

When talking about uncompressed headers we need to take into account also RTP header updates, which are a kind of uncompressed headers, but are of lower size.

Following reasons for header updates can be identified:

· Changes in the RTP/UDP/IP header:
Although we do not expect IR headers during the session we should expect header updates. In the RFC 3095 the header fields that are subject of changes are analysed. From this analysis we can conclude that unpredictable header changes will occur, e.g. the change of Hop Limits or RTP timestamp. Note that RTP timestamp will be a linear function of time and can therefore not be decompressed by the RTP sequence number only, since the latter increases per packet.

It is obvious that the frequency of such header updates can not be pre-estimated.

· SRNS relocation:

In case of SRNS Relocation the upper layer indicates to PDCP to perform either the re-initialisation or the context relocation of compression protocols of an RB.

In case of re-initialisation the header compression context is initialised. Therefore, the first 'compressed' packet type after SRNS Relocation is a full header (IR header). For number of IR packets see 2.1.

In case of context relocation of a given compression protocol IR headers are not required.

· Damaged contexts (unlikely since CRC is applied on L1)
From this it can be concluded that updates of RTP headers are rare events. Uncompressed RTP headers (IR headers) during the session are also unlikely. 

How many physical channel bits on the SSC are used for small header updates depends on the definition of the RAB combination.
2.3 (Uncompressed) SIP frames at session start

SIP frames are required at session start and session end. The session setup procedure consists of 12 SIP messages with a total traffic volume of about 7500 bytes. With SIP compression it can be assumed that the size can be reduced by up to 50%. This compression rate depends on the compression algorithm.

2.4 (Uncompressed) SIP frames during session

SIP frames can be used also for transmission of information which is not needed for session handling. This information can be messages which occur asynchronely to the SIP session. Such messages can occur for example due to variations in the CN or session modification.

Since the contents of theses mid-call SIP packets can be messages for CN signalling of unknown size and furthermore the compression efficiency, if applied at all, is unknown, it is impossible to pre-estimate the frequency and the size of such midcall SIP packets.

Therefore it can be concluded that SIP packets during a session way occur, however, this is not the normal case.

2.5 Impact at system level

In [1] and [2] Siemens presented simulation results showing the effect of SSC transmissions on VoIMS users on other channels in the cell using the primary scrambling code. These results show that the additional power on the PSC in order to obtain the same SIR as without SSC transmissions is between 0.3 and 0.7 dB, depending on the geometry. Therefore the impact of SSC transmission can be expected to be low.

In fact the interference will also increase if a few users enter the cell or setup a call with higher data rate, since also the PSCs are not perfectly orthogonal in a multipath channel and cause interference among each other.

However the impact at system level due to interference and power control need to be analysed by simulations in Ran1.

It is important to note that the system inpact is not only a question of time the SSC is used for transmissions but also to which amount the SSC is used. The RAB combination presented in [4] should only be seen as a proposal. It allows for transmission of compressed RTP packets on the PSC alone, but for header updates the SSC is needed.

Of course the RAB combination can be refined by defining a third TB size, which is a bit higher than the TB size for the compressed RTP packet.

In case of compressed RTP packets still no SSC transmission would occur.

In case that RTP header updates occur, and they do not completely fit into the PSC only a part of the SSC is needed.

Finally, only in the case of header updates that do not fit into the mid-size TB size, like uncompressed headers, the complete SSC would be needed.

Therefore, if Ran1 has concerns about the interference and power control it should be taken into account that by proper RAB combinations the part of the SSC which is needed for header updates can be adopted.

2.6 Terminal complexity

For decoding of SRB and uncompressed RTP packets a UE class 64kbps would be required. However, support for simultaneous reception of 2 DPCHs is currently specified for UE classes 384kbps and higher, see [3]. Assuming that the 2-code capability for DPCH & PDSCH can be easily adapted to 2-code capability for DPCH, the 64 kbps UE class might be sufficient.
3. Conclusion

Ran1 asked for information on how often uncompressed RTP and SIP frames occur at session start and during a session.

· Uncompressed RTP headers (IR headers) will occur at session start for not longer than the RTT.

· Uncompressed RTP headers during a session will occur in case of SRNS relocation and the unlikely cases of ROHC context damage.

· RTP header updates during a session will occur due to changes in the RTP/UDP/IP header. However, header updates requiring more then few packets are rare events.

· SIP packet transmission is required at session start and session end. It may also occur during a session. The frequency of mid-call SIP packets depends on what extra information will be transmitted, however, it can not be seen as a normal case.
The impact of SSC transmission on system level is expected to be low. However this needs to be confirmed by simulations in Ran1.

For the evaluation of the system impact it must be taken into accout that not all bits of the SSC are necessarely required for all RTP header updates. To what amount the SSC is used depends on the used RAB combination.

On the terminal complexity we can conclude that the UE class needed to support 2 DPCHs for VoIMS is currently 384kbps. The effort of adaption of  64kbps class UEs for 2 DPCHs needs to be discussed. 

It is proposed to agree on the answers provided above and to submit an appropriate answer on the frequency of packet size variations to Ran1.

4. References:

[1] ... R2-0401064, IMS-Secondary Scrambling Code Simulations

[2] … R1-040935, Secondary Scrambling Code for IMS
[3] … TS 25.306-580

[4] … R2-040531, Optimized RAB for Conversational IMS with Secondary Scrambling Code


