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1 Introduction

This document describes briefly the performance of AVPF [1] for RTCP feedback.

RTCP reports sent by a PSS client back to a PSS server allow the latter to take decisions in order to adjust the error resilience properties of the transmitted data flow appropriately.

2 Simulation results

We implemented the algorithm for the early RTCP feedback as described in [1]. The experiments were performed for a video streaming session using a 1-minute concatenated Glasgow video sequence. The video was encoded at 48 kbps. The average packet size was 115 bytes (including headers). This size was chosen in accordance with the results shown in [2] (one video slice per packet). We injected packet losses during the transmission of the video stream. The loss rates were 2.9%, 4.6% and 10%.  

The main measurement metrics were:

· MWT_early (minimum waiting time for early RTCP packets). It is the time between the detection of an error (a packet lost) and reporting the error (sending an early RTCP report).

· MWT_next (minimum waiting time for the next RTCP packet). It is the time between when an early packet to be sent is discarded and the time the next RTCP report can be really sent.

For comparison, we have also run a case using a constant RTCP transmission interval, with no early feedback. All the results follow in the next table:

PLR (%)
RTCP BW (%)
Total # of RTCP packets
# of early RTCP packets
# of discarded early RTCP packets
% of discarded early RTCP packets
Avg. MWT_early (ms)
Avg. MWT_next (ms)
Max. MWT_next (ms)

2.9
2.0
120
59
114
66
300
455
1070

4.6
2.2
134
60
213
78
365
468
1050

10.0
2.1
120
58
470
89
458
514
1051




Constant RTCP transmission interval




Any
2.2
145
N/A
N/A
N/A
277
277
277

Table 1  - Results for AVPF and constant RTCP transmission interval
In the case of constant RTCP transmission interval, the packet loss rate is independent on the number of RTCP packets sent and its frequency. 
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