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1 Introduction

IMS Multimedia Telephony, MTSI, is a service which targets telephony-grade quality, reliability, predictability and interoperability. Hence, the service will use standardized codecs operating in order to maximize interoperability and give well-characterized media quality. The codecs for video and speech are both available in the equivalent CS service and their performance is well known. However, for packet-switched real-time services, the respective codec faces new challenges to which new measures needs to be introduced. 

The speech codecs used in MTSI, AMR-NB and AMR-WB, have a core component in the actual design of the codec which so far has not been targeted for use in MTSI, at least not in a standardized manner. The adaptive feature of the codec, enabling rate changes and transmission of rate requests, is supported by the RTP payload format for AMR although no scenario or control mechanism has so far been discussed within the scope of MTSI. In this document, we propose such a discussion and further, we also propose to expand the adaptation space of the speech component in MTSI.

The video codecs in MTSI, on the other hand, H.263, H.264 and MPEG-4 Visual,, do not have the same adaptive heritage as their speech counterpart. Although some aspects of adaptation are perfectly feasible also for video, no such adaptive mechanism is in place for MTSI. In this document, we propose to start a discussion regarding such a feature.

Overall, this document serves as Ericssons starting point for the discussion on media layer run-time adaptation in MTSI.

2 Adaptation scenarios

Adaptation by itself should always be treated as a way to adapt to the current conditions for the data transport. In the ideal case, the session starts using the negotiated codec and codec rate and stays that way throughout the session; no adaptive measure is used at all. Fortunately this case will be the common case in the large majority of MTSI use cases, especially when using HSPA systems. However, due to the telephony-grade demands on the service, scenarios which change the transport characteristics in a way that threatens the targeted media quality needs to be managed in order to keep service performance and reliability. The scenarios in question will mostly manifest themselves as an increase in packet loss, jitter (where applicable) and re-bufferings. In the following discussion, we will assume that an adaptive jitter buffer takes care about changing jitter characteristics.

A basic scenario where adaptation can come into play consists of an increase of measured packet losses at the receiver. The source of these losses can vary, examples include:

· Transport network congestion. Too much traffic is trying to pass a bandwidth limited link. Losses can occur, mainly due to packet drops in routers.

· Radio link failure. Harsh radio conditions either due to coverage or capacity.

· Handover to another RAT that can not sustain the current media bit rates or packet rates.

· Other sources, e.g. late losses due to late arrival to the receiver.

It cannot be assumed that the receiver, or the sender after receiving receiver feedback, can know what causes the packet loss, hence any adaptive measure must be valid no matter what the source of the problem is. 

If the loss rate increases, the overall problem is that the sender cannot rely on the transport network to successfully deliver the data sent. Another way to view the problem is that the bit-rate transmitted from the sender is too high for the current transport link. Note that this might not always be the case when it comes to real-time traffic. E.g., if the delivery is too late, the packet is treated as a loss even if it got through. The obvious solution to this problem is of course to reduce the bit-rate used by the sender. Hence, rate reduction is one adaptive measure which the sender can resort to.

Now, will bit-rate reduction improve the situation? That depends on the current source of the problem, but bit-rate reduction will not increase the risk of additional losses. The only consequence might be that the intrinsic media quality decreases due to reduced coding bit-rate, without a measured decrease of the packet loss rate. Other measures might be needed. 

3 Adaptation, technical solutions

Media layer adaptation in packet-switched networks can be performed in a number of different dimensions.

· Bit-rate, the source bit-rate is varied during the session

· Packetization, e.g. the frame aggregation is varied throughout the session

· Error resilience, the sender may turn on resilience measures on the source data, e.g. application layer redundancy (speech), redundant slices (H.264) etc.

· Frame rate adaptation, changing the video frame rate on the fly

· …

However, support for all possible adaptation dimensions is not feasible or preferred. Only the adaptation dimensions which use will benefit the service the most should be used, taking into account complexity, interoperability and efficiency. In this document, we would like to highlight three dimensions for speech and one dimension for video; bit-rate adaptation (video, speech), frame aggregation (speech) and error resilience adaptation (speech).

In order for any adaptive measure to work in a predictable way, three different areas need to be addressed in the standard: signalling, triggering and measures. This is valid for both speech and video.

3.1 Speech

Our proposal for adaptation for speech media consists of three areas, bit-rate adaptation, packetization adaptation and error resilience adaptation. The rate adaptation of the AMR family of codecs used in MTSI is well known; in fact the RTP payload format for AMR supports rate requests and rate changes on-the-fly so no new signalling mechanism is needed for the signalling of rate requests. The only thing that is lacking is a specification of what triggers to use and what thresholds to set for adaptation to occur. In [1], such triggers and thresholds are proposed. It can be noted that for certain RATs and certain conditions it may be required to lower the bit-rate (or the packet rate) further than what is possible with only AMR codec mode changes. The solution to this would be a changed packetization (frame aggregation) which would require a new signalling mechanism. This is further elaborated on in [1]. It is important to keep in mind that frame aggregation is actually an adaptive mechanism in two domains at the same time, packet rate and bit-rate. Although robust header compression (RoHC) will make the IP header shrink to only a few bytes over the radio link, RoHC is a feature only available over the radio link, the transport network will see the full IP header which in comparison with the actual speech data is of considerable size. Hence, aggregating e.g. two frames in one packet instead of one frame will remove 40-60 bytes every second speech frame. This is a considerable rate reduction in the transport network.

The third adaptation dimension proposed is error resilience adaptation. In [2], application level redundancy for speech has been proposed for MTSI usage. In [3], subjective listening test data are shown indicating the gain in media quality when such techniques are used on lossy channels and inclusion of such an adaptive measure in MTSI would make the speech component of the service more robust and further strengthen the service performance in terms of reliability and quality. However, since the use of application level redundancy decreases the intrinsic media quality, it should only be used when the packet loss rate is above a certain threshold; hence it is best suited as a last resort adaptive measure when the only option is to continue the session with very poor media quality or to drop the session completely. Error resilience in the form of application layer redundancy is best used as an adaptive measure. Today, the payload format for AMR supports the use of application layer redundancy, but there are no mechanisms available which will enable the signalling of error resilience adaptation requests. Hence, a new signalling mechanism for the use of application layer redundancy is needed in addition to a specification of triggers and adaptation thresholds. A detailed technical proposal how to achieve this is presented in [1]. 

3.2 Video

The video adaptation proposal is only in one dimension; bit-rate adaptation. For video, adaptive measures might be even more critical since there are scenarios where the ability to adapt the bit-rate consumption will save a session in which both the voice and the video are threatened due to lack of transmission capacity. This is especially true if both voice and video are multiplexed onto the same RAB sharing the radio resources without any differentiation between the two. Hence, if losses occur over the radio link, the speech media will suffer in the same way as video even though the bit-rate demands for speech is much lower than for video. Hence, adaptive measures for video will not only increase the current session quality for video, it will also, under certain conditions, increase the session quality also for voice.

Currently, no provisions have been made in the current specifications for rate adaptation for video in conversational services in 3GPP. The design of the video codecs used in MTSI, allow on the fly changes of the target encoding bit-rate. Hence, no changes are needed to the actual codecs, but signalling of adaptation requests as well as a proper definition of adaptation triggers and thresholds needs to be specified.

Ericsson is currently testing internally a technical solution for this and a technical proposal will be submitted to the next 3GPP SA4 meeting (possibly the proposed ad-hoc meeting in October). The solution is based on already existing standardized protocols using the avpf profile of RTCP which enables transmission of codec control messages. This is described in [4].
4 Conclusion

These proposals are all based on our view that media layer adaptation is needed for MTSI in order to secure the reliability, predictability, quality and interoperability of the service. For speech, this analysis has been done before in CS services, where the adaptive feature of AMR enabled run-time changes of both the bit-rate but also error resilience (e.g. enhanced channel coding at lower rates). The flexibility of IP allows us to further enhance the possible use cases for speech for very bad conditions where the application layer redundancy significantly increase the tolerance to packet losses, and this at a very low cost. In addition, frame aggregation also provides another possibility to reduce the IP layer bit-rate in the transport network. All-in-all, expanding the scope of the environments where a successful real-time communication still can be achieved would clearly benefit the service.

Further, video rate adaptation is a key component when trying to better fit the video transport to the telephony-grade criteria the service description states. Experiences from the CS version of video telephony show that the cross-media dependency of the available bit-rate does degrade the service experience since loss of video previously has meant also loss of the speech component in the call. Further development has been done in order to mediate this (SCUDIF). These experiences should be taken into account in the MTSI standard from the start. Video rate adaptation would also in other cases, where no such cross media dependency is present, still benefit the service since lowering the video bit-rate with reduced packet losses will give the user a better user experience of the real-time communication session.

For more technical details on how these adaptive measures can be realized, we refer the reader to [1] as well as to our upcoming proposal for video.
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