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1.  Introduction

In TR 25.862 on RAB support for IMS, a number of realisation alternatives for IMS voice are listed. The captured proposals all require various level of changes to existing specifications. The proposals are currently described at a relatively high level and it is possible that more unresolved issues are identified when the solutions are investigated in more detail.

In this document, an alternative solution is outlined that is mainly based on existing Rel-5 functionality. We feel that such an alternative should be introduced in the TR to highlight what can be achieved with minimum changes to the core specifications.

2.  Proposed solution for IMS Voice in Rel-6

Handling of RTCP

As discussed in the TR, RTCP may either be multiplexed together with the RTP payload on the same radio bearer or transmitted on two separate radio bearers. Since the RB realisation is significantly more difficult when RTCP is multiplexed together with voice, it is here assumed that RTCP and RTP payload are transmitted on two separate RBs.  This can be achieved either by using two separate RABs (and consequently two PDP contexts) or by using a single RAB and perform splitting of the RAB into two RBs in the PDCP layer in the RNC. Both alternatives seem feasible and the main difference is whether the splitting is done in the CN or in UTRAN. If separate RBs are used for RTCP and RTP data, the RB carrying RTCP can be realised e.g. by a RB multiplexed together with the existing SRBs or together with the RB used for SIP signalling.  

Since the usage of two PDP contexts is listed in the TR the RTCP handling is not discussed further in this document. 

Handling of RTP payload size variations

As outlined in the TR the size of the RTP/UDP/IP header varies depending on the operation of the ROHC header compression leading to a variation in the necessary RB rate from around 16 kbps to 40 kbps.  Since an allocation of a RB rate that handles transmission of uncompressed headers is inefficient solutions are needed to handle the varying payload size. 

In the following it is assumed that UM RLC is used. TM RLC may be considered but requires some further studies.

Downlink RB realisation

At RAB setup, the RAB data rate is configured to accommodate the transmission of RTP packets with uncompressed ROHC headers (e.g. 36,8 kbps). This RAB rate is used in the initial phase until ROHC can compress the headers. At that point the RAB data rate is reconfigured to a rate suitable for transmission of RTP packets with compressed ROHC headers (e.g. 16 kbps). The reconfiguration is may take a few hundred ms and during the reconfiguration data is transmitted with the previous RAB data rate, i.e. there is no interruption in the speech. 

Since ROHC is very robust against packet losses, the transmission of full headers is typically not needed in normal operation. In the unlikely event where ROHC must send uncompressed headers, for example as a result of several (15-30) consecutive packet losses over the air, the call is anyway likely to be dropped due to those losses. In the case where uncompressed headers  need to be transmitted, the RAB data rate is again reconfigured and adapted to the transmission of uncompressed headers. During the reconfiguration, data can only be transmitted with the lower data rate (16 kbps) which leads to that some RTP data needs to be either buffered or discarded in the transmitter. Potentially a combination can be used where the RLC discard functionality is used to buffer data until a max delay is reached. If the delay exceeds the max delay it is discarded. 

The needed functionality is already supported in Rel-5 specifications (with exception for the splitting of RTCP and RTP payload in CN or in UTRAN) and reuses existing radio bearers as much as possible.  Note that the reduction in the rate that occurs after the ROHC contexts have been initialised, is only needed in case there is a code limitation. Otherwise the higher data rate can be used during a longer time.

It should be noted that except for the minimum size header and the maximum size header there is sometimes a need to transmit intermediate header sizes (if the context in the UE is only slightly damaged). In this case UTRAN can decide either to perform a reconfiguration to a higher rate or transmit the larger header at the expense of RTP payload. This means that the RNC has some freedom to optimise the performance.

Uplink RB realisation

Since the UE selects the spreading factor according to the transmitted transport format, separate transport formats can be configured adapted to a number of RTP payload sizes, including the minimum and maximum size of the packets. The UE autonomously selects the necessary TF to transmit the payload size and reduces the SF if an uncompressed header needs to be transmitted.

3.  Conclusion /Recommendation

We propose to capture the described solution in TR 25.862 for IMS Voice, a text proposal is available in section 4 below.

Further it may be beneficial to make some clarifications on the existing proposals in the TR. At present there is no separation for uplink and downlink in the captured proposals although most text is probably applicable for the downlink only. Also it is unclear if the captured solutions are intended to handle bandwidth variations due to RTCP signalling only or also for variations in the RTP header size. According to the current structure of the TR, only one of the captured solutions is applicable for the handling of RTP payload variations, namely the allocation of a secondary scrambling code.

4.  TR Text Proposal 

--- Start of Text proposal ----

5.5 Variable size RTP header handling

ROHC acc. to [6] is used for RTP packets in order to reduce the overhead due to large headers. Only a small compressed header of 1..3 bytes is required for regular packets. However, at the beginning of a connection and in case of severe errors on the air interface uncompressed headers have to be transmitted.

This means a large variation of the RTP data rate with an approx. packet size of 40…100 bytes.

Following solution is envisaged for an efficient transport of these data rates:

· Allocation of Secondary scrambling code
For this solution resources are allocated on the primary and on the secondary scrambling code.

Two physical channels are allocated. The TFCS is chosen in a way, that compressed headers fit onto the primary SC with DTX bits carried on the secondary SC. So regular transmissions are done on the primary SC only. In the rare case of an uncompressed header, a large transport block is transmitted by means of both physical channels on the primary and secondary SC. 

This means, that for the typical case of a compressed header the second DPDCH remains empty and will not be transmitted. In the unlikely case of an uncompressed header both DPDCHs will be filled with data.

This method has the advantage of immediately available extra bandwidth. The increase in interference may be relatively low, since uncompressed headers only occur during call set up and in very rare error situations. 

This method is allowed in R99/R5 specifications with the two channelization codes having the same SF. The support of multiple DPCH channelization codes to be received simultaneously is a UE capability (e.g. in 25.306 the Maximum number of DPCH/PDSCH codes to be simultaneously received is 1 or 2 for UE class 32-128 kbps and 3 for UE class above 384kbps).

· Reconfiguration of RAB data rate

It is here assumed that the radio bearer is operated in RLC UM mode. RLC TM mode may also be considered  if the inbuilt segmentation capabilities of ROHC is used instead of the RLC segmentation. The use of RLC TM however requires futher work and the difference in overhead of the two variants is expected to be small.

The needed functionality is already supported in Rel-5 specifications and reuses existing radio bearers as much as possible.
Downlink RB realisation

At RAB setup, the RAB data rate is configured to accommodate the transmission of RTP packets with uncompressed ROHC headers. This RAB rate is used in the initial phase until ROHC can compress the headers. At that point the RAB data rate is reconfigured to a rate suitable for transmission of RTP packets with compressed ROHC headers. The reconfiguration may take a few hundred ms and during the reconfiguration data is transmitted with the previous RAB data rate, i.e. there is no interruption in the speech. 

Since ROHC is very robust against packet losses, the transmission of full headers is typically not needed in normal operation. In the unlikely event where ROHC must send uncompressed headers, for example as a result of several (15-30) consecutive packet losses over the air, the call is anyway likely to be dropped due to those losses. In the case uncompressed headers need to be transmitted, the RAB data rate is again reconfigured and adapted to the transmission of uncompressed headers. During the reconfiguration, data can only be transmitted with the lower data rate which leads to that some RTP data needs to be either buffered or discarded in the transmitter. Potentially a combination can be used where the RLC discard functionality is used to buffer data until a max delay is reached. If the delay exceeds the max delay it is discarded. Instead of performing a reconfiguration to increase the data rate one of the other methods described in this document could be applied to transmit the full header.
The needed functionality is already supported in Rel-5 specifications (in case the reconfiguration alternative is used to achieve higher data rates) and reuses existing radio bearers as much as possible.  Note that the reduction in the rate that occurs after the ROHC contexts have been initialised, is only needed in case there is a code limitation. Otherwise the higher data rate can be used during a longer time.

Uplink RB realisation

Since the UE selects the spreading factor according to the transmitted transport format, separate transport formats can be configured adapted to a number of  RTP payload sizes, including the minimum and maximum size of the packets. The UE autonomously selects the necessary TF to transmit the payload size and reduces the SF if an uncompressed header needs to be transmitted.
--- End of text proposal ----
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