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1. Introduction

At the last meeting Siemens presented several contributions to VoIMS. We proposed the use of a secondary scrambling code in order to optimise the transmission of conversational IMS services.

[1] shows the physical layer bevavior related to SSC transmissions. A RAB combination that allowes the bandwidth efficient transmission of conversational services was presented in [2]. Finally the influence of SSC transmissions in terms of interference was simulated and presented in [3].

It is the aim of this document to summarize the key points of the SSC proposal. It shall serve as a basis for discussions and help to reach a conclusion.

2. Requirements

For the transmission of conversational services over IP a solution is required that allows for efficient transmission of RTP, RTCP, SRB and SIP packets. Therefore a RAB needs to be defined which is optimised for this type of packet transmission. The RAB should not require more bandwidth than for corresponding transmissions in the CS domain, which is about 16kbps. Furthermore the QoS requirements must be fulfilled, what means that the solution should focus also on lowest delay for RTP packets and avoidance of packet stealing.

The main issue to be solved for downlink is the handling of the variable data rates caused by ROHC, RTCP and SIP, and in this context the shortage of channelization codes, which could lead to hard blocking.

The size of RTCP packets can be a multiple of the RTP packet sizes. However, the transmission of RTCP packets is not time critical and a transmission delay of up to 5 consecutive reporting intervals (2.5 … 7.5 sec) is allowed [4]. Furthermore, for point-to-point voice calls it is recommended that UEs do not send RTCP packets, see [5]. For other applications the RTCP transmission needs to be taken into account when defining the RAB.

SIP packets can be quite large (approx. 7500 byte for session set-up, [6]). They are mainly transmitted at session set-up and session release. However, SIP messages of in principle unknown size might also occur within a session. The delay of SIP packets should be as low as possible.

In order to keep the bandwidth as low as possible RTP packets should be compressed by ROHC. Depending on the compression efficiency the RTP packets sizes vary between 40 and 99 bytes. It shall be possible to transmit RTP packets undelayed while the number of allocated resources is kept low.

3. SSC Solution
The requirements discussed above show that the solution shall provide immediate bandwidth for RTP packets of varying size and SIP packets in order to avoid delaying or stealing speech frames and without contributing to code shortage.

In [7] Siemens presented the principles on the physical layer that allow to allocate this instantaneous bandwidth in downlink by means of additional resources on the secondary scrambling code.
The proposed solution maps the CCTrCH onto two physical channels, where DPCH1 uses a primary scrambling code (PSC) and DPCH2 a secondary scrambling code (SSC).

In the case of uncompressed RTP packets or SIP signalling the transport blocks will fit into both physical channels. However, if the maximum data rate is not required, which is the frequent case, the transport blocks will not fill the available 2 PCHs on the PSC and SSC. DTX bits are added at the end of the transport blocks in order to fill both PCHs. The sequence of data bits and DTX bits is sequentially filled into the two PCHs beginning with the PSC. In the normal case of an RTP packet with a compressed header, all data bits will fit into DPCH1, while DPCH2 will be filled with DTX bits.
A proper RAB combination shall support the transmission only the primary scrambling code for most of the time, while on the secondary scrambling code nothing shall be transmitted by using DTX. The usage of the SSC is limited to the rare cases of uncompressed headers and mid-call SIP signalling.

According to the requirements above we propose to transmit RTCP packets on a separate RB in RTP silence periods by standard priority handling in MAC and defining a proper transport format combination set. This solution avoids RTP delay and the allocation of additional bandwidth for RTCP.

Furthermore, we propose to transmit RTCP packets on a separate 16kbps RAB. However this is not a precondition for the SSC solution. 

For the transmission of SIP packets a RAB of 16kbps is proposed to keep the transmission time low.

Following RAB combination was proposed in [2]:

Conversational UL:39.2 kbps DL:39.2 kbps PS RAB for RTP + I/B UL: 16kbps DL: 16kbps PS RAB for RTCP + I/B UL:16 kbps DL:16 kbps PS RAB for SIP + UL:3,4 kbps DL:3,4 kbps SRBs for DCCH.

With this RAB combination a SF of 128 in DL both on the PSC and SSC is sufficient. In UL a minimum SF of 32 and a puncturing limit of 0.88 is needed.
This benefit of immediately available bandwidth however is payed by an increase of interference for the short time of transmission on the SSC. In order to evaluate the influence of SSC transmissions in terms of interference Siemens has performed link level simulations, [3]. Caused by transmissions on the PSCs in the cell, the physical channel under the SSC will experience a high level of intracell interference. To overcome this problem, it is proposed to use a power offset between DPCH2 and DPCH1, which is set by the Node B.
The simulation results in [3] show that the additional power on the PSC in order to obtain the same SIR as without SSC is between 0.3 and 0.7 dB. The additional power on the SSC required to obtain the same SIR on the SSC like for the reference case without SSC, is between 0.7 and 4 dB. The total power increase, caused by SSC transmissions, calculated over both physical channels is between ~0.6 and 3 dB.
4. Benefits/Costs

The use of the SSC in downlink provides immediate bandwidth for infrequent packets of varying size without delaying or stealing speech frames and without contributing to code shortage. This solution allows transmission of SIP signalling with high data rate and low delay in parallel to compressed RTP packets without affecting speech transmission. Furthermore uncompressed RTP packets can be transmitted without delaying subsequent RTP packets.

A spreading factor of 128 on the PSC is sufficient for RTP/UPD/Ipv6 transmission and comparable to the resource allocation for CS voice.

It should be mentioned that the concept of transmissions on the SSC is not new. It is also possible for compressed mode in FDD. However, in contrast to the regular usage of SSC for CM, for VoIMS the SSC can be seen as a fallback solution for rare events.

By this solution most of the time only the DPCH under the PSC will be used. On the DPCH under the SSC nothing will be transmitted, by using DTX. Since the usage of the SSC is restricted to few RAB combinations that in addition are not very frequent/likely during a call, the additional interference can be kept to a minimum. The power penalty, set by NodeB, can be used to improve the SIR on the SSC. 

Furthermore it should be mentioned that due to multipath propagation, which reduces orthogonality among PSCs, the interference caused by the SSC is only a part of the overall interference in the cell.

In our opinion the SSC solution is best suited to fulfil the requirements for VoIMS transmissions. It is based on well know and defined mechanisms on Layer1. The only arising costs are a slightly increased interference for very short time.

5. Conclusion

This paper summarizes the Siemens proposal on using a secondary scrambling code to handle the variable packet sizes for VoIMS transmission while QoS requirements are fulfilled.

Since the details of this proposal have been presented in several past meetings, this document should serve as a basis for possible further discussions, and finally to come to an agreement on this proposal.

It should also be noted that recent work on optimised VoIMS transmission has been focused on the SSC solution.
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