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1 Introduction
The Video Telephony Robustness Improvements Extensions (VTRI_EXT) work item is targeting the study of the benefits of the additional error resiliency (ER) tools that could improve the performance of the Multimedia Telephony Service for IMS under different channel conditions. Particular ER tools under study are the support for NACK based selective retransmission, block based forward error correction (FEC) and the complementary error correction scheme based on RFC 4585 RPSI feedback message. In order to evaluate the benefits of these tools under different channel conditions, test conditions and evaluation criteria have to be determined. This document proposes an initial testing and evaluation scheme and solicits for inputs in this area in order to perform sufficient evaluation of the benefits of the proposed ER tools.
2 Test Conditions
Proposed ER tools in VTRI_EXT WID [2] provide alternative error correction mechanisms to the already supported schemes in TS.26.114 [1] that offer different performance trade-offs. The performance of error correction schemes varies with end-to-end delay, channel bandwidth and packet loss rate.

Retransmission (NACK) [4] scheme provides efficient error correction in terms of bandwidth under short round-trip-time (RTT) cases with low packet loss rates. The efficiency of retransmission scheme becomes more pronounced at higher bitrates since selective retransmission of lost packets instead of entire pictures needs to be transmitted. Under low RTT scenarios it can provide low video rendering jitter.

Forward Error Correction (FEC) [5], [6] schemes provide a mechanism that balances video quality and end-to-end delay. FEC is suitable for high RTT channels with high packet loss rates where retransmission leads to high video rendering delay and codec based recovery mechanisms like RPSI, PLI lead to frequent video freezes and/or corruptions. 

Reference picture selection indication (RPSI) feedback message in AVPF [3] provides error correction by providing greater certainty on establishing common reference point for recovery between the sender and the receiver.  RPSI can complement FEC schemes in FEC failure cases.

Error profiles for different operating conditions should be defined for evaluation of proposed tools. Error profiles representing guaranteed QoS and best effort cases should be used. They can be from real channel capture logs or from simulated channel conditions [TBD]. 
2.1 Simulated channel

For simulated channel conditions, it should be assumed that the channel conditions do not vary for the transmission duration. This would mean that the channel bandwidth, end-to-end delay and packet loss rate would stay nearly constant. For testing, bandwidth ranging from 200kbps to 1Mbps [TBD] should be sufficient to cover beneficial operating range of the proposed tools. End-to-end delay ranging from 50ms to 400ms [TBD] should be sufficient to test the tools under study. In terms of packet loss rates, 0.01% to 5% [TBD] packet loss should be sufficient to evaluate the tools. The loss patterns can range random loss to different length burst losses according to a model such as simplified Gilbert Elliott model [TBD].

2.2 Real channel capture logs
In order to test the proposed tools under real channel capture logs, channel logs (throughput, arrival time, RTP packet loss) of VT calls at bitrates specified for the simulated channel case. The packet traffic can be generated from a VT terminal or generated artificially from a traffic generator like Iperf [6] [TBD]. Logs from guaranteed QoS LTE, best effort LTE and Wifi channels should be collected that are representative of typical use case (stationary, mobile). Ideally the bandwidth of the traffic should be lower than the available bandwidth to eliminate excessive congestion related losses or delays that could bias the experimental results.
3 Error robustness tools evaluation

In order to evaluate the performance of proposed tools under various channel conditions metrics for video quality have to be defined. In order to simplify the evaluation process, it will be assumed that corrupted video frames will not be rendered. When an error occurs, corrective action based on retransmission, RPSI or FEC will be taken. These proposed tools can be used alone or in combination. For example FEC and RPSI or FEC and NACK can be used in combination to complement each other (i.e. when FEC fails, NACK or RPSI can achieve recovery).

NACK based retransmission may result in larger end to end rendering delay, retransmission overhead, or video freezes. Rendering logic for NACK is highly dependent on the client implementation. A client may choose to modulate the de-jitter buffer and/or rendering delay to achieve smooth playback in the expense of added rendering delay. Alternatively, it can keep the de-jitter buffer and rendering delay constant and freeze the video until video rendering catches up the rendering time. In this evaluation, it is recommended that the former approach is used for evaluation of NACK based retransmission [TBD].
FEC schemes have additional bitrate overhead for FEC packets. They have to be used in combination with NACK or RPSI message. If NACK is used to complement the FEC scheme, then the above criteria defined for NACK should be used. For the RPSI complementary case, video freezing until arrival of recovery frame will be used.

Assuming that there will no corrupted pictures will be rendered, then parameters that effect perceived video quality are:

1. Bitrate overhead

2. End-to-end rendering delay

3. Number of frames not rendered

4. Rendering smoothness measure (standard deviation of rendering time from the target rendering time)

In terms of video content, the parameters that have impact on the evaluation are bitrate and frame rate. Suitable video resolutions (320x240 – 1280x720) can be derived from these two parameters [TBD]. Frame rates of 15-30 fps would be suitable for evaluating the proposed tools.
Audio content should not be part of the target bandwidth. The feedback channel should be error free for evaluation of the tools.

It would be desirable to evaluate the proposed tools in a simulation environment similar to described in [7] where given a bitstream and error pattern, the resulting video can be derived in an offline simulation environment. Given the nature of the proposed ER tools, e.g. feedback, varying FEC overhead, rendering delay, re-encoding (RPSI), it is not a trivial task to provide such a simulation environment. Instead conducting the tests on an end-to-end VT system with an emulator and pre-captured input content could be more practical [TBD].  
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