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1 Introduction

The Work Item Description for MTSI Video [1] required identification of operating conditions which should benefit from dynamic video rate adaptation.  This contribution identifies such operating conditions and then determines the necessary simulation framework for evaluating the performance of proposals under these operating conditions.

2 Operating Conditions

Following are operating conditions that the dynamic rate adaptation protocol should address to improve the performance of the MTSI video session.

2.1 Variation in packet transfer delay due to link conditions

The rate adaptation solution should demonstrate performance improvement when the packet transfer delays vary due to dynamically changing link conditions.  These dynamics can be caused by,

· Changes in the relative location of the UE in the cell
· UE mobility

The improvement shall be demonstrable even when the network does not explicitly signal any of these variations to the UE.    
2.2 Variation in packet transfer delay due to loading conditions

The rate adaptation solution should demonstrate performance improvement when the packet transfer delays vary due to dynamically changing loading conditions.  These dynamics can be caused by,

· UE’s starting and ending video telephony sessions in the cell
· Handover of UE’s into, and out of, the cell
· Variations in link conditions of other UE’s in the cell
The improvement shall be demonstrable even when the network does not explicitly signal any of these variations to the UE.    
2.3 Operation within low-latency requirements for MTSI

The low-latency requirement of MTSI video requires that the receiving terminal maintains de-jitter buffers with short depths, i.e., low buffer occupancy levels.  At the same time, to adapt to the variations in the wireless link and loading conditions requires that the terminals use an adaptive de-jitter buffer to maintain such low buffer occupancy levels while minimizing buffer under-runs.

The solution should be able to work well with such low buffer-occupancy, adaptive de-jitter buffers.
2.4 Different QoS treatment for speech and video flows
The QoS treatment for the video and speech flows of a packet-switched video telephony session will generally be different.  Within the acceptable audio-visual synchronization (lip-sync) requirements, the network can target different packet delivery delays to optimize network performance.  For example, to improve cell capacity, the scheduler may prioritize speech over video.  Excessive end-to-end latency in speech conversations is more noticeable and longer acceptable delivery delays on the video flow can improve scheduler throughput by providing a larger scheduling window for this higher-rate traffic.
The dynamic video rate adaptation mechanism should show benefit under conditions where the video and speech flows are given different QoS/latency treatments.  The rate adaptation mechanism should allow the UE’s to dynamically control the arrival of video packets to meet audio-video synchronization targets.

2.5 LTE systems

Since one of the key focuses of Release 8 is the LTE system, the feature must show benefit over LTE radio interface.

3 Simulation/Evaluation Framework
3.1 System

At a minimum, the simulation shall simulate the LTE downlink with a QoS scheduler.  The downlink is necessary since a key function of the end-to-end rate adaptation feedback is to provide congestion status of the downlink of the receiver to the far-end encoder.  The simulation shall also include at least a simple simulation model of the LTE uplink to transport feedback signalling for the rate adaptation loop.
The simulations shall operate over at least 21 cells with wrap-around to provide good statistics.  The minimum bandwidth of the simulated system shall be 5MHz.

3.2 Loading Dynamics
The simulation shall introduce loading dynamics into the system by having UE’s start and end video telephony sessions during the simulation run.  The simulation may also introduce loading dynamics by simulating handover between cells in the system.
3.3 Link Dynamics
The system shall introduce link dynamics by simulating mobility of the UE’s within the cell using the Spatial Channel Model specified in [3].  The simulation should also introduce link dynamics by simulating time-varying shadowing 
3.4 QoS Scheduler 

A delay-sensitive downlink QoS scheduler shall be used to transport the media packets for both speech and video flows according to their selected latency targets .  The system shall be able to support different latency targets for the speech and video flows.

The system shall also provide a separate low-latency QoS treatment for RTCP traffic.  This will enable timely delivery of RTCP feedback messages and avoid them being stalled behind larger video packets which would happen if delivered on the same bearer as the media.
3.5 Codecs & Source Input
The simulations shall use the mandatory codecs (H.263 for video and AMR for speech) and may provide additional results for the optional codecs as specified in [2].
Video Input: 
Video file (e.g., foreman clip).

Speech Input: 
AMR markov model
3.6 Adaptive De-jitter Buffers

The simulations shall implement adaptive speech and video de-jitter buffering in the UE receiver to enable adaptive selection between reducing the packet drop rate and reducing the de-jitter latency.

3.7 Audio-Video Synchronization

The simulations shall implement procedures for the terminals to target a selected lip-sync target (e.g., between 150-200ms).  For evaluation purposes the speech and video streams shall be rendered/displayed within this target.  Otherwise, packet shall be dropped.

3.8 Performance Metrics
The dynamic video rate adaptation simulation results shall be evaluated using the following performance metrics: 

· Cumulative Distribution Function (CDF) of PSNR quality
· Cumulative Distribution Function (CDF) of packet transfer delay
· Cumulative Distribution Function (CDF) of average video throughput

The dynamic video rate adaptation simulation results should be evaluated using the following performance metrics: 

· Cumulative Distribution Function (CDF) of pDVD

· Video clips of UE’s in representative (excellent, good, poor) locations

3.9 Capacity Metrics

The simulations shall evaluate how the rate adaptation mechanism improves the capacity of the system.  The following scenarios should be investigated:

· Capacity for transporting best-effort traffic in fixed # of video telephony + best-effort traffic scenarios

· Video telephony capacity in video telephony-only scenarios

3.10 Protocol Metrics
The simulations shall measure the amount of signalling bandwidth (e.g., RTCP throughput) at the IP layer.  The simulations shall also provide a histogram of the intervals between the transmission of adaptation signalling messages.

4 Conclusion
The contribution identifies the operating conditions that should be addressed by the dynamic video rate adaptation mechanism.  The contribution then determines the necessary framework for the simulation and evaluation of proposed dynamic rate adaptation solutions for such operating conditions.
We propose that this contribution be accepted as the framework for evaluating solutions to the dynamic video rate adaptation feature.
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