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1 Introduction

This document includes some comments to document [1] submitted at the current SA4 meeting. The comments included are presented in written format, rather than just orally at the meeting, in order to enable a more focused discussion on the topic. Section 2 includes comments related to sections 2-5 of [1]. Section 3 presents a set of evaluation metrics to assess rate adaptation mechanisms, and can be considered a counter-proposal to what is included in document [1], sec. 6.1. 

2 Comments to S4-080165
2.1 Cell loading variation
We recommend not to perform system level simulations with an arbitrary number of users, in order to keep the complexity of the problem low, and guarantee that the simulations are repeatable. In rate adaptation the key elements needed are FER and throughput patterns. If these are going to be provided by the RAN groups, these are sufficient to correctly simulate rate adaptation scenario. In fact, a throughput pattern itself embeds the notion of cell load and other notions.

2.2 Scheduler
For the same reason mentioned above, we recommend to keep low the complexity of the simulation system. By making use of throughput patterns (as it will be provided by the RAN groups) it will be possible to avoid entering into network implementation details that may even be misleading if not correctly taken into account. Network schedulers are implementation dependent, and any possible assumption on schedulers (even a simple one) may be incorrect. 

2.3 Multi-flow QoS

It is not proved that giving different priorities to RTCP and RTP speech and video traffic offers the best performance. In addition, this kind of prioritized treatment of IP flows disturbs the correct calculation of RTCP statistics, where it is normally assumed that all the flows have the same priority. Therefore, we recommend not to use any multi-flow QoS for evaluating rate adaptation algorithms.

2.4 Operation of the evaluation platform

We recommend not to use an adaptive speech de-jitter buffer in these simulations (as opposed to what recommended in [1] sec 5.5.1), in order to simplify the simulation system. The simplest assumption is that speech is played out in a synchronous manner, and this provides the synchronization clock anchor for the video stream. 

Furthermore, we see no reason for simulating a system with an inherent synchronization skew of 150ms as suggested by [1] in sec 5.5.2. If audio and video and used in this simulation system, they shall be played in synch as much as possible.
3 Performance Evaluation Metrics for Rate Adaptation
With reference to Figure 1 which schematically shows the instant per-packet delay over time, we define rate adaptation to mean the reaction of a sender to the changes in the available path bit rate.  Exceeding the available path bit rate may lead to a temporary increase in per-packet delay until the rate adaptation measures take effect and, optionally, to packet losses if the network queue capacity is exceeded.

For the delay, we define three values:

· Threshold 1 refers to the mean one-way delay observed under normal operating conditions; this value may be defined statically according to expectations for a certain environment or determined dynamically.  This reflects the mouth-to-ear or camera-to-eye delay. Threshold 1 may be, e.g., 150 ms.
· Threshold 2 defines the maximum acceptable one-way delay for a certain scenario after which rendering of the received packets is no longer meaningful—and packets arriving later than threshold 2 will be considered lost.  Threshold 2 may be, e.g., 300ms.
· The short term delay peak reflects the maximum delay peak encountered during a rate adaptation operation. 
For losses, we consider two values:

· Packets lost in the network due to bit errors and/or increased queue lengths or overflows (e.g., caused by drop-tail or RED queue management).

· Packets considered lost at the receiver because their arrival delay violated threshold 2 above.
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Figure 1: Performance Metrics

We reflect these aspects in six metrics for performance evaluation defined in the following as also shown in figure 1:

· Metric 1: Time period of excessive delay

The period of time for which two or more successive media packets experience a delay which is higher than threshold 2.

· Metric 2: Delay peak value

The maximum delay during the time period according to metric 1.

· Metric 3: Artificial loss due to delay larger than threshold 2
The total number of packets lost during the time period according to metric 1.

· Metric 4: Integral under the non-normal delay curve

The integral under the delay curve during the either the time period according to metric 1 (not shown in figure 1) or during the time of deviation from threshold 1 with enclosing a period according to metric 1 (as depicted in figure 1).  This metric will reflect reaction delay and reaction intensity.

· Metric 5: Packets lost in the network

The total fraction of packets lost in the network, i.e., not including those considered lost according to metric 3.

· Metric 6: Instant and average encoder rate

The rate measure at the encoder before passing packets to the network interface, instantly at any point in time as well as the mean + standard deviation.
These metrics are to be augmented by media-specific ones such as instant and mean PSNR for video (which are already well known).
4 Conclusions

It is proposed that if document [1] is agreed by SA4, then all the amendments to document [1], as described in this contribution, are adopted.
5 References

[1]  “MTSI Dynamic Rate Adaptation: Evaluation Framework ver 1.0”, Tdoc S4-080165, Qualcomm, 3GPP SA4#48 

meeting, 7-11 April 2008, Jeju Island, South Korea.








































































� Contact: Igor D.D. Curcio, Nokia Research Center, P.O. Box 1000, 33721 Tampere, Finland, Email: igor.curcio@nokia.com.





_1268484960.ppt






Time

Instant per packet delay

Threshold 2

Threshold 1

(2) Short-term delay peak

(1) Time period of excessive delay

(5) Integral under

      the delay curve








