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1 Introduction

Good progress was made at SA4#48 on the Evaluation Framework for MTSI Video Dynamic Rate Adaptation and was captured in [1].  Following the work plan [3], SA4 is scheduled to complete the evaluation at these meetings.

To complete the work Qualcomm has proposed an update to the evaluation framework in contribution [2].  The background for the proposed updates in [2] are provided in the rest of this contribution.

2 Consistent and Reproducible Results

To help guarantee that the results are consistent, requirements have been included to ensure that results for one candidate can be reproduced by other companies.  This will prevent any misunderstanding of the evaluation framework or mistakes in its implementation from producing inconsistent and unreliable results.

These requirements are providing logs of the following:

1. Video packet sizes, transmission time, and reception time

2. Target encode rate determined by the rate adaptation module and sent to the video encoder model

3. Values, packet sizes, and transmission times of rate adaptation signalling/RTCP messages

These logs would allow companies to confirm the performance of the candidate proposals (e.g., that a certain rate and delay are indeed achievable) and identify any inconsistent results.

3 Common Reference Codec Model

A common reference codec model is proposed in [2] to ensure that the differences in performance of the candidate proposals focus on the rate adaptation mechanisms.  Different codec implementations will have different rate control algorithms, error-concealment procedures, and other options implemented.  Allowing such differences will not make it possible to make a fair and conclusive comparison of the rate adaptation mechanisms.

A codec model with simplified rate control is proposed in [2] to reduce the complexity of the evaluation framework and allow a straightforward comparison of the rate adaptation mechanisms.  This is consistent with the MTSI SWG’s efforts to reduce the full system-level simulations to a more simplified evaluation framework that all candidates can use to compare their proposals in a fair and consistent manner.

VIDEO ENCODER MODEL

The video encoder model illustrated in Figure 1 separates the video rate adaptation module from the actual video encoder which is common for all the candidates.  The rate adaptation module calculates the target_encode_rate (in bps) and communicates this to the video encoder across interface 7.
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Figure 1 Video Encoder Model
The video encoder produces video frames at a constant 15 fps.  Each video frame is transported in exactly one RTP packet.  The size of the video frame including RTP/UDP/IP overhead is determined by the target_encode_rate as follows:

Video packet size (in octets) = target_encode_rate x (1 octet/8 bits) /(15fps)

While a more elaborate model which encodes true video packets might be desirable, it has the following disadvantages:

1. Video clips can not be used with an objective video quality metric to compare the candidate proposals.  There is currently no agreed upon means for objectively comparing video quality results when video frames are delayed or dropped (as is the case for the rate adaptation problem).  So the complexity of implementing a full common codec implementation would not provide any value to the selection process.

2. Using a true codec implementation requires agreement on which codec(s) to use.  While H.264 is the latest codec specified for MTSI, H.263 is the default baseline codec and also needs to be considered in the evaluation.  Using a simplified common codec which abstracts the video codec details avoids this need to select one or more codecs for the evaluation.

3. Using true codec implementations would require that SA4 agree on a common reference code for the selected codec(s).  For many reasons and given the history of previous such efforts in SA4, it would be difficult to achieve such agreement in SA4.

4 Simplification of Multi-flow QoS Handling

An open issue at SA4#48 was determining how the evaluation framework should handle the prioritization and scheduling of the different traffic types (video, voice, rate adaptation signalling/RTCP).  Concerns were raised about the complexity of the prioritization scheme in [1].

To progress this work we have proposed a simpler implementation in the evaluation framework that would still capture the effects of link and loading conditions on the video media.  In this model, the voice and rate adaptation signalling/RTCP traffic are transported with fixed delays.  The link throughput and scheduling assignments are devoted only to the video media.

5 Simplification of De-jitter Buffer Models
Based on the simplification of the multi-flow QoS handling described in clause 4, a speech de-jitter buffer is not needed in the evaluation framework since the speech is modelled to be delivered with fixed transport delay.  This also provides a fixed reference point for determining when video packets must arrive in time for their properly scheduled playout.

6 Selection Criteria

There are a number of performance metrics that can be used to evaluate the performance of the candidate adaptation mechanisms.  While all of these are useful to understand how the mechanisms perform, SA4 also needs to identify a set of criteria that will be used to select the best candidate for the MTSI specification.

A good rate adaptation mechanism should be able to maximize the video quality while keeping the transport delay and adaptation signalling overhead at an acceptable level for the service.

6.1 Video Quality

There is currently no agreed means of objectively measuring the video quality of a video stream when there are delayed or dropped frames.  For such testing, video standards groups establish extensive subjective quality tests (e.g., MPEG Test is dedicated to subjective video quality testing).  A tractable objective video quality metric needs to be specified for the SA4 Evaluation Framework.

Furthermore, since there are different approaches by which a video codec standard or implementation can translate a certain encoding rate into video quality, a generic metric is required to avoid choosing a candidate whose performance is very implementation- or codec-specific.

The above requirements for a tractable and generic metric of video quality can be achieved by noting that video quality is monotonically increasing with data rate.  Any video codec standard and good implementation will be able to improve the video quality when given more bandwidth.

Therefore, to evaluate the best video quality, it is proposed that the selection criteria choose the mechanism that achieves the best throughput subject to the delay and signalling overhead constraints described below. 

6.2 Transport Delay

For a candidate proposal to be eligible for selection it must be able to limit the transport delay of the video frames to an acceptable level.  The proposed requirement is that 95% of the video packets transmitted arrive within 200ms of their transmission time.

The 200ms limit comes from the 55ms voice transmission delay in the evaluation framework and allowing an additional ~150ms of delay in the reception of video. 
6.3 Overhead of Rate Adaptation Signalling

For a candidate to be eligible for selection it must have an acceptable level of signalling overhead.  The proposed requirement is that the minimum interval between sending signalling messages shall be 500ms.

The limit is based on requiring that the minimum interval be larger than the round-trip time (RTT) between the sender and receiver plus a delay allowance for the receiver to process the rate-adapted video packets.  Sending signalling messages in any shorter interval unnecessarily increases signalling overhead with no value since not enough time has passed for the receiver to reliably detect the adaptation response to the previously sent information.  The 500ms value comes from the following calculations:

55ms feedback path delay + 200ms video transmission delay target + reception of 4 video frames at 15fps
6.4 Performance Across All Link Condition Scenarios

The evaluation framework provides five test scenarios corresponding to the excellent, good, fair, poor, and elevator link conditions.  The selected candidate will have the best throughput over all these link conditions.


To help illustrate how the calculations will be done, the following table lists sample results for three candidates.  

	Link Scenario
	Candidate A
	Candidate B
	Candidate C
	Mean Rate

	Excellent
	Avg rate_A1
	Avg rate_B1
	Avg rate_C1
	Mean_Avg_Rate_1 = 

mean (Avg rate_A1, Avg rate_B1, Avg rate_C1)

	Good
	Avg rate_A2
	Avg rate_B2
	Avg rate_C2
	Mean_Avg_Rate_2 = 

mean (Avg rate_A2, Avg rate_B2, Avg rate_C2)

	Fair
	Avg rate_A3
	Avg rate_B3
	Avg rate_C3
	Mean_Avg_Rate_3 = 

mean (Avg rate_A3, Avg rate_B3, Avg rate_C3)

	Poor
	Avg rate_A4
	Avg rate_B4
	Avg rate_C4
	Mean_Avg_Rate_4 = 

mean (Avg rate_A4, Avg rate_B4, Avg rate_C4)

	Elevator
	Avg rate_A5
	Avg rate_B5
	Avg rate_C5
	Mean_AVg_Rate_5 = 

mean (Avg rate_A5, Avg rate_B5, Avg rate_C5)


For each link condition, the achieved throughput of a candidate will be compared with the mean throughput achieved by all the candidates for that link condition.  The percentage improvement will be calculated as (e.g., the Excellent link condition):

(Avg rate_A1 - Mean_Avg_Rate_1)/Mean_Avg_Rate_1
Then the total performance across all the link conditions will be calculated by adding the percentage improvement for all the five link conditions as follows:

(Avg rate_A1 - Mean_Avg_Rate_1)/Mean_Avg_Rate_1 +
 (Avg rate_A2 - Mean_Avg_Rate_2)/Mean_Avg_Rate_2 + 
(Avg rate_A3 - Mean_Avg_Rate_3)/Mean_Avg_Rate_3 + 
(Avg rate_A4 - Mean_Avg_Rate_4)/Mean_Avg_Rate_4 + 
(Avg rate_A5 - Mean_Avg_Rate_5)/Mean_Avg_Rate_5 

The selected candidate shall be the candidate that achieves the highest overall percentage improvement as described above and meets the delay limit defined in clause 6.2 and the minimum signalling interval limit defined in clause 6.3 for all the link conditions.

7 Conclusion

This document explains the proposed updates to the Dynamic Video Rate Adaptation Evaluation Framework [1] that are captured in contribution [2].  Qualcomm requests that SA4 discuss these proposals and their explanations to evaluate the changes proposed in [2].
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