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1. Overall Description:

RAN2 thanks RAN1 for their LS [1] on the usage of the secondary scrambling code for VoIMS.
RAN2 has discussed how often uncompressed RTP and SIP frames occur at the start of a session and during a session, as well as how many VoIMS users can be expected in a cell, and came to the following conclusion:
Uncompressed RTP headers at session start

The number of uncompressed RTP packets (IR packets) at session start depends either on the ROHC parameter “Upward transition interval” or on the round trip time between RNC and UE.

Therefore with a proper ROHC functionality uncompressed RTP frames occur at session start for not longer than the round trip time between RNC and UE.
(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. However only 1 message is required in downlink after the conversational (voice) Radio Bearer has been established so this is all that has to be looked at in the context of the VoIMS optimization. Also some SIP compression is applied (it is mandatory) called SIGCOMP, and it can be assumed that the size can be reduced by up to 90%. However, this compression rate depends on the messages on which it is applied and the algorithm used.

Hence we can assume that SIP traffic at the start of the call will be a single message after the bearer has been established.
Uncompressed RTP headers during a session
Uncompressed RTP headers during a session will occur infrequently. The time these uncompressed headers are sent is not longer than one round trip time. Unfortunately, a more precise pre-estimation cannot be given by Ran2.

RTP header updates during a session
RTP header updates during a session will occur due to changes in the RTP/UDP/IP header. A number of RTP/UDP/IP headers with different sizes and different frequency of occurrence are defined.

Ran2 expects 12 additional bytes in less than 1% of the time, 4 additional bytes in 1% of the time and 2 additional bytes in 6% of the time, [2]. The time these header updates are sent is not longer than one round trip time.
Both for uncompressed RTP headers and for RTP header updates the probability of bit errors in the ROHC header under the assumption of a 3 bit CRC can be approximated by:

BERROHC_header = RBER*(Compressed header size/Overall PDU size)*7/8

These bit errors will cause the sending of uncompressed RTP headers as described above.

(Uncompressed) SIP frames during session
Since SIP frames can carry CN signalling information which is of unpredictable size it is impossible to pre-estimate the frequency and the size of such midcall SIP packets. Therefore it can only be concluded that SIP packets during a session occur infrequently.
General remarks

RAN2 understands that the sending uncompressed RTP and RTP header updates needs to be taken into account for the evaluation of the system impact of secondary scrambling code transmissions.

However, regarding SIP signalling, RAN2 would like to highlight that it will be carried on an I/B Radio Bearer which can be reconfigured when there is traffic i.e. the UTRAN could, in case SIP signalling takes place, configure the radio interface appropriately so that it does not overflow the secondary scrambling code.. 

Therefore RAN WG2 believes that simulating only uncompressed RTP and RTP header updates would be sufficient, although of course testing SIP signalling impacts when using a SSC would also be useful information.

RAN1 asked also for information on the expected numbers of VoIMS users in a cell. Unfortunately RAN2 cannot provide an appropriate answer.
2. Actions:

To RAN1:
RAN2 kindly ask RAN1 to take the above points into account for their evaluation of SSC physical layer impacts.
3. Date of Next TSG RAN2 Meetings:

3GPP TSG-RAN WG2 meeting #45
15-19 November
Shin-yokohama, Japan

3GPP TSG-RAN WG2 meeting #45bis
10-14 January

Sophia Antipolis
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