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1.Introduction

In determining the HRCs for multimedia tests, it is a prerequisite that all the proponents agree upon the type and extent of degradation that objective models should handle. This contribution is an attempt to categorize quality degradations caused by packet loss and to clarify the rough range of packet loss rate in our subjective and objective tests.
2. Classification of degradation caused by packet loss
The kind and extent of quality degradation caused by packet loss depend on the coding scheme, transport protocol, and application implementation, as well as packet loss rate. Therefore, we generated images with various combinations of these parameters and tried to categorize them. For detailed experimental conditions and results, see Appendix I.

Table 1 demonstrates the results of our investigation. In this document, we define the terms "skipping" and "freezing" as follows: skipping means some video frames are lost; freezing means no video frames are lost, but playback stops just like the "pause" function of a VCR.
2.1 Balance of temporal and spatial distortion
Although WMT9 (Windows Media Video 9) and MS Messenger suffer only from temporal distortion such as skipping and freezing, other media players suffer from both temporal and spatial distortion simultaneously. Therefore, we should treat HRCs that suffer from temporal distortion only, spatial distortion only, AND both.
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2.2 Severe temporal distortion (long-term freezing)
As shown in Table 1, the quality degradation caused by packet loss is often "clearly unacceptable" for users. We think that our tests should avoid these conditions because the goal of objective quality assessment, especially in the full-reference approach, is not to capture quite trivial quality degradation (MOS = 1), but to quantify the amount of quality degradation (1 < MOS < 5). Therefore, we propose to exclude HRCs having freezing of more than 4 s due to re-buffering. We came up with this number based on the subjective quality experiments described in Appendix II.
3. Conclusion

In this contribution, we proposed two points:

- we should include possible combinations of spatial and temporal distortion in HRCs, and

- we should exclude severe temporal distortion due to re-buffering.
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Appendix I      Subjective quality assessment for various codecs with packet loss
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Appendix II     Subjective quality assessment for various skipping distortion

Fig. 4. Testbed 





Table 1. Classification of degradation in each coding scheme.





Fig. 2. Subjective results for Real degraded by packet loss.





Fig. 1. Subjective results for WMT degraded by packet loss.





Fig. 3. Subjective results for MPEG-4 degraded by packet loss.





Fig. 5. Subjective results for degradation caused by skipping





























Table 2. Experimental conditions 








