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1 Introduction

In their “LS on Optimisation of Voice over IMS” [1], SA2 asked RAN2, RAN3 and SA4 for their view on the different solutions for RTCP for voice over IMS and their impacts on UTRAN. The handling of downlink RTCP was a central point of the discussions. 

There is an ongoing discussion in RAN2 and SA2 about how to transport RTCP packets in an efficient way. However, it is within the scope of SA4 to discuss the purpose and necessity of RTCP.

This document is organized as such: section 2 presents the RTCP characteristics, section 3 explains some reasons for the removal of the RTCP reports. A comparison of different solutions is made in the Annex. Some of the comments are going beyond the scope of SA 4 and it is why they are not part of the core of this document. We also explain in the Annex why the other proposed solutions for RTCP handling all require additional resources. 

2 RTCP characteristics

RTCP information is used as control information accompanying RTP flows. It is based on the periodic transmission of control packets to all participants in a session.

RTP packets vary in size depending on their contents. For certain applications the packet length can be up to several hundred bytes, which is a critical issue for an optimised VoIMS solutions. 

However, RTCP packets are insensitive to delay. This is exploited in RAN 2 contributions [2] in order in order to assign lower QoS to RTCP than to RTP.

A general guidance for the bandwidth necessary for RTCP is given in RFC 3550 [3] as 5% of the RTP bandwidth. However, RFC 3556, which is mandated for the IMS (see TS 24.229 [5]), allows negotiating the bandwidth for RTCP sender and receiver reports.

RTCP provides several functions:

· Feedback about the quality of the data transmission. This may be used for application level adaptation to varying transmission conditions. However, the UTRAN provides much quicker feedback about varying conditions at the critical air interface

· If audio and video are transmitted together, RTCP is used to correlate the timestamps of the RTP streams to allow e. g. lip synchronisation.

· In a conferencing situation, it may be desirable to display the name of the current speaker. RTCP links the RTP SSRC parameter to a user and domain name to allow such functionality.

· Applications may define RTCP extensions. (For the AMT RTP profile, RFC 3267, no extensions are defined.). 

· Furthermore, RTCP may be used for liveliness information from the other parties. However, conversational delay requirements are almost certainly linked to bi-directional communication. Here, the incoming RTP packets provide much quicker liveliness information for a point-to-point communication.

3 RTCP removal

The optimisation of conversational IMS focuses on conversational point-to-point services. The scenarios above show that only for exceptional cases RTCP is required for this type of service.

RTCP is not mandatory. RFC 3550 [3] states, that RTCP ‘…SHOULD be used in all environments, but particularly in the IP multicast environment’. However, this is a recommendation only, that does not take into account the special services, applications and environments in 3GPP. It further means implicitly, that applications complying with RFC 3550 should also work without RTCP.

RFC 3556 [4] allows signalling in SIP/SDP that no RTCP shall be used (by setting the SDP bandwidth modifiers for RTCP defined there to zero). Applications may therefore negotiate the usage of RTCP and activate it only when required. Note that the support of RFC 3556 is mandated for the IMS (see TS 24.229 [5]). Therefore, RTCP removal is in-line with IETF.

The solutions for optimised RTCP transport, that are currently discussed in RAN2 [2], either require new functionality in the UTRAN (RTP/RTCP multiplexing) or increase the resources needed in the core network (separate RAB/PDP context for RTCP):

· For RTP/RTCP multiplexing, it may not be possible to take into account the absence of RTCP transmission. That means, that there is an overhead due to RTCP in UTRAN and some of this overhead is always present, with or without RTCP transmission.

· When using a separate RAB/PDP context for RTCP, extra resources are needed in the core network. However, if there is no RTCP transmission then the UE will not request these resources and there will be no RTCP overhead. 

As a conclusion, in either case, the most efficient way for VoIMS in terms of resources is to remove RTCP. As an optimisation, it would therefore be beneficial to apply RTCP only in scenarios where it is required.

Taking into account all these issues and arguments and keeping in mind the optimisation of VoIMS, it is be beneficial and possible to remove RTCP. It is proposed that 3GPP recommends that UEs try to negotiate that RTCP is not used for conversational speech unless the application requires RTCP (e.g. for lipsynch).

However, it cannot be ruled out, that certain applications outside the reach of 3GPP do use RTCP. Furthermore, for certain applications and services RTCP is required. Therefore, a solution supporting RTCP is also necessary. RTCP removal might be considered as a short term-solution. In this case, all RTP end-points should support RTCP for future compatibility.

Furthermore, RTCP removal is also beneficial for resource savings when a solution supporting RTCP is available.

Based on the SA4 recommendation to remove RTCP, a solution for VoIMS can be defined that on the one hand is optimised for ‘no RTCP’ but on the other hand does provide efficient means for RTCP transport if required.

4 Conclusion

We propose, that 3GPP and especially SA4 recommends to negotiate the removal of RTCP for suitable applications. In its specification TS 26.236“Packet-switched conversational multimedia applications; Transport protocols” [6], SA4 should recommend that RTCP is not used for conversational speech unless required.

It is proposed, that S4 sends appropriate liaison statements to S2, R2 and R3 and answers the S2 LS [1] accordingly.
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ANNEX

6 Comparison of Different Solutions
6.1  Non-optimised solution: One Radio Bearer and RAB for RTCP and RTP without special RTCP handling
If no special handling for RTCP is provided, as in Rel.5, the speech RTP packets and the RTCP packets would be transported on the same PDP Context, RAB and radio bearer. It is assumed that sufficient bandwidth is granted for RTP and RTCP, following the QoS mapping rules defined for Rel.5 [1].
Due to the large size of RTCP packets the transmission of one single RTCP packet may lead to a substantial delay of RTP packets arriving during this time, which is not acceptable for conversational speech. Audible distortion would be the result. To minimise the outlined negative impacts on speech quality, a significant over-provisioning of bandwidth at the air interface would be required.  This is probably not a viable business case.
6.2  Use separate Radio Bearers for RTCP and RTP
The use of separate radio bearers allows avoiding the central problem outlined in Clause 2.1: RTP and RTCP packets are transmitted without interfering with each other. RTCP packets would no longer delay the transmission of RTP packets.
The different radio bearers are configured according to the distinct QoS requirements of RTP (conversational, i.e. minimal delay) and RTCP (interactive, delays in the order of seconds are acceptable). The existing RLC/MAC layer provides a separate segmentation and re-assembly for separate radio bearers, and a scheduling according to the QoS classes (on the MAC layer and below, the required functionality is already available in Rel.5).
6.2.1 Two separate RABs and PDP contexts for RTCP and RTP
The UE requests separate PDP contexts for RTP and RTCP. The GGSN separates downlink RTCP packets and RTP packets using the different destination UDP ports. If no Service based local policy and no Go interface is applied, the UE configures the GGSN accordingly using TFTs. If Service based local policy and the Go interface is applied, the PDF supplies suitable filters.
In Rel.5, RTP and RTCP are carried in the same PDP context. This rule needs to be altered in Rel.6. However, only relatively minor impacts in the specifications are anticipated. Those modifications would affect the UE and the PDF.
No new functionality compared to Rel.5 is required in the UTRAN.
The RNC does not need to know that RTCP is carried in a particular RAB, but only the QoS requirements of the RABs. Therefore, no signalling extensions between UE, RNC and possibly SGSN, as described in Section 1.2.2 below are required.
The separate PDP context for RTCP results in additional signalling load. However, the GGSN and SGSN user plane processing load depends more significantly on the processed bandwidth and number of packets than on the number of PDP contexts and is therefore not increased to a large extent.
In case of a session set-up and handover, it is desirable that the separate PDP contexts are both handled together. However, a similar correlation exists between the PDP context used to carry SIP signalling and the PDP context(s) for RTP and RTCP, even if RTP and RTCP are carried in the same PDP context.
6.2.2 One RAB and PDP context for RTCP and RTP
Downlink RTP and RTCP packets arrive at the RNC in one RAB. The RNC separates them using the different destination UDP ports. 
Two possibilities to configure this behaviour at the RNC may be considered:
1. The RNC considers the bandwidth (e.g. 12.2 kbit/s), QoS class (conversational) and source statistics descriptor of the RAB, as signalled over the Iu interface. If those values are typical for speech, the RNC assumes that RTP and RTCP are to be conveyed in this bearer, and that a predefined bandwidth is required for RTCP. The RNC uses the RFC 2327 [8] rule that "only the even ports are used for data and the corresponding one-higher odd port is used for RTCP" as a criterion to separate RTP and RTCP.
2. Signalling extensions are added to the standard to configure the RNC. The information provided may include:
RTP is / is not used.

RTCP is /is not used.

bandwidth for RTCP

Destination UDP Ports for RTCP and RTP

The SGSN is currently not able to provide this information, because it needs to be derived from the SIP/SDP signalling transported transparently and in compressed form through the SGSN (and the RNC). Hence, the UE is the most suitable source of this information. Several solutions to transport the information from the UE to the RNC may be considered, among them a transport from UE to SGSN via extensions in the PDP context signalling together with extensions of the RANAP signalling for the transport between SGSN and RNC.
Although Possibility 1 is sufficient to support a basic speech service for IMS, it is less generic and future compatible than possibility 2:
· Possibility 1 rules out that other transport protocols, e.g. UDP without RTP, are used for a certain RANAP parameter combination. However, currently all conversational PS services use RTP as transport protocol, as specified by 3GPP TS 26.236 [8].
· Possibility 1 rules out that the RTCP bandwidth deviates from the default values. RFC 3556 [5] allows negotiating the RTCP bandwidth. 3GPP is using this RFC since Rel.5.
· RFC 3605 [6] allows that arbitrary ports are used for RTCP. 3GPP did not yet decide to use this RFC, but it is useful for firewall traversal and may also be encountered when interworking with SIP clients outside the IMS.
The splitting of RTP and RTCP is new functionality for the RNC. Apart from the possibly required signalling extensions, the core network is not impacted by this solution. No additional load in the core network is to be expected.
6.3 Use silence periods to Multiplex RTCP and RTP on the same Radio Bearer 
Not the entire bandwidth reserved for speech is used all the time with a typical conversational pattern. The AMR codec uses VAD and DTX to switch off speech frame transmission in silence periods. RTCP can be buffered and transmitted in these speech pauses. No additional bandwidth would be required and the probability that the transmission of RTCP interferes with the transmission of RTP is also reduced (however, speech may resume while an RTCP packet is being transmitted.)
This solution is restricted to conversational speech. Similar concepts may not be applied to other services, such as video transmission, where no silence periods exist. The solution also assumes that there are in fact silence periods This behaviour is indeed to be expected from an UE. However there is no mandate on network entities encoding speech (e.g. IM-MGW, MRF, AS, SIP telephones outside the IMS) to detect silence periods and use DTX. Furthermore silence periods and their statistics heavily depend on the speaker and the language. This could lead to long delays for RTCP. 
6.3.1  Multiplexing at Application Level
The network entities encoding speech (e.g. UE, IM-MGW, MRF, AS, SIP telephones outside the IMS) defer the sending of RTCP packages to silence periods.
It is problematic how to standardise this behaviour. An updated version of the AMR RTP payload, RFC 3267 [3], would be best suited, as this would also be mandatory for non-3GPP applications. Unfortunately, there are currently no activities to update RFC 3267. Furthermore, IETF may be reluctant to mandate functionality which is only required for particular 3GPP scenarios.
Significant new functionality in a large number of different network entities would be required. Current RTP implementations do not link RTCP transmission intervals with application-level control. Voice Activity Detection is also required.
It can be anticipated that not all applications will support such functionality. It may therefore be desirable to negotiate if the extension is supported, but SIP/SDP does not provide suitable parameters. (If the peer does not support application level multiplexing, the UE may want to provide a radio bearer with additional bandwidth.)
If the IMS transport network induces significant jitter, application level multiplexing may not be suitable.
6.3.2 Multiplexing in RNC
The RNC defers downlink RTCP packets until silence periods are encountered.
The RNC has to identify RTP and RTCP flows at PDCP level by means of UDP ports. The RNC has also to perform the Frame Stealing functionality in co-ordination with VAD, which requires the identification of RTP packets carrying SID AMR frames. A drawback of this solution is that the RNC needs to be aware of the NAS level (IP/UDP/RTP/AMR protocol stack), which is not a proper radio access network functionality.
The RNC needs to be configured by suitable signalling to behave accordingly. Thus, similar considerations as outlined in Section 1.2.2 apply.
This solution has the advantage that the impacts are limited to UE, RNC and possibly SGSN (for signalling extensions), rather than affecting applications in various network entities, which may not implement 3GPP standards.
However, significant new functionality is required in the RNC, to separate RTCP and RTP, to buffer and multiplex RTCP and to perform Frame Stealing. Furthermore, significant signalling extensions are anticipated, which affect UE, RNC and possibly SGSN.
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