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1 Introduction

Guaranteeing Quality of Service (QoS) of conversational multimedia applications is a challenging issue for several reasons:

· First of all, the lossy nature of mobile channels makes transmission unreliable and subject to errors. This results into packet losses in speech/video streams, which are sensitive to errors. 

· Mobile packet switched networks are subject to congestion in core network and backbone routers. Congestion produces packet losses or delay that are variable over time, and this translates to variable QoS at the receiver.

One way for mobile terminals to fight against the two problems above is by making network quality monitoring using RTCP reports and by implementing smart QoS managers that help maintaining the best received quality at any instant. 

RTCP reports sent by a receiver back to the sender allow the latter to take decisions, such as changing codec modes, parameters, bit rate, packet size, etc, in order to adjust the error resilience properties of the transmitted data flow appropriately.

The RTP protocol [1] recommends implementers to use a default value of RTCP transmission interval of 5 seconds.  [1] States also that this interval may depend on the bit rate of the session. Examples of transmission intervals are shown in the following:

< 72 kbps session, >= 5 sec transmission interval

   72 kbps session,       5 sec transmission interval

 128 kbps session,  2.81 sec transmission interval

 256 kbps session,  1.41 sec transmission interval

 512 kbps session,   0.7 sec transmission interval.

Upon network quality measurements, a mobile terminal may want to react more quickly than described in [1] for at least a couple of reasons:

· A fast reaction of the transmitter means that the receiver will experience a lower QoS for a shorter period of time, since the sender is able to adjust the error resilience properties of the data flow in a shorter time (for example by immediately detecting a higher packet loss rate experienced at the receiver, and changing some codec parameters to provide better quality).

· The time window for repairing the media stream has past. In other words, it is useless to react too late (for example, during a 5 seconds transmission, the first 4 seconds could be subject to high packet loss rate, but the last second could be error free. In this case it would be too late for the reaction to be of any positive use in terms of quality).

While the RTCP transmission intervals suggested in [1] could be acceptable for bit rates of 128 kbps and higher, for bit rates < 128 kbps the RTCP transmission interval could not be adequate for providing good media QoS.

The objective of this document is to show, by mean of simulation results, that overriding the 5 seconds RTCP transmission interval with lower values, brings clear improvements in received media quality. A similar, but more elaborated idea is also described in [2].

2 Simulation results

We have run a set of simulations using H.263+ video. To simulate error conditions, we have injected a packet loss pattern [4] with average packet loss rate of 5.6%. The selected video sequence was Claire  in QCIF format, encoded at 48 kbps and 10 fps. The length of the sequence was 16.5 seconds.

A simple QoS manager was built in the sender terminal. The idea here is not to show the efficiency of the QoS manager algorithm itself, but rather the improvements in received quality. The basic skeleton of the QoS manager is described hereafter and makes use of the fraction lost field contained in RTCP reports and a different number of Adaptive Intra Refresh (AIR) macroblocks per frame (5 for normal conditions, and 11 for high packet loss rate to improve error resilience) (for further information about AIR, please refer to [5], Annex E.1.5).

QoS manager ();

  
  If packet loss rate > Threshold then



Condition A

      Use 11 AIR MB/frame.

            Else



Condition B

    
      Use 5 AIR MB/frame.

We have compared three different RTCP transmission intervals. For instance, we used 5, 3 and 2 seconds values. In each case we run 20 simulations and averaged the PSNR results of the decoded frames. The packet loss pattern was injected always starting from the same position, to allow a fair comparison of the results. The observed average packet loss rate during the entire video sequence was actually higher than the loss rate of the entire pattern, and it was ranging between 7.0 and 7.1% (the threshold in the algorithm was set to 7%). To allow fair comparison of the results, we made sure that the encoding time spent under condition A was roughly equal in all the three cases (see the fourth column of Table 1). Results follow in the next table:

RTCP transmission interval (sec)
PSNR (dB)
ΔPSNR (dB)
Time spent in Condition A (%)
Number of decoded frames

5
36.74
-
54
229

3
37.27
0.53
53
224

2
37.43
0.16
50
222

Table 1 - Results for different RTCP transmission intervals
The ΔPSNR column shows the difference (gain) between adjacent cases (top to bottom). For instance, the PSNR gain of using a RTCP transmission interval of 3 seconds compared to an interval of 5 seconds is 0.53 dB, and the gain of using a RTCP transmission interval of 2 seconds compared to an interval of 3 seconds is 0.16 dB. Summing up these values makes a total PSNR gain of 0.69 dB, when using a RTCP transmission interval of 2 seconds instead of 5 seconds. This improvement could have been slightly higher, if the time spent in Condition A in case of 2 seconds interval would have been equal to 54% as in the 5 seconds interval case.

Figure 1 shows the instantaneous ΔPSNR between the case with transmission interval of 2 seconds and the case with transmission interval of 5 seconds. The two runs compared (among the 20 runs per case) were the ones where the PSNR was the closest to the average PSNR over all the runs.
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Since the decoded frames in different runs can be different (as they really were in our tests), the figure shows only ΔPSNR values of matching frames (i.e., with the same temporal reference). There were 113 matching frames that were considered for fair comparison. For these frames the ΔPSNR can be zero (as the figure shows in the beginning of the sequence, from frame 1 to 7), negative indicating a loss (in red), or positive indicating a gain in quality (in blue). The figure shows that the blue area is considerably larger than the red area. This proves the improvement, but it also shows some limitations in the efficiency of the simple QoS manager we have built (we remind once again that the main goal here is not to prove the efficiency of a QoS manager algorithm). 

Considering only the matching frames, the average gain in terms of PSNR is 1.04 dB, a remarkable improvement in video quality that is achieved just by increasing the RTCP transmission interval.

3 Proposal

We propose to mention in [3] that the RTCP transmission interval could be set to a value lower than 5 seconds. In particular a value >= 2 seconds can bring clear improvements in QoS of conversational multimedia applications.

4 References

[1]
IETF, RTP: A Transport Protocol for Real-Time Applications, RFC 1889, January 1996.

[2]
IETF, Extended RTP Profile for RTCP-based Feedback, draft-ietf-avt-rtcp-feedback-00.txt, July 2001.

[3] 
3GPP, Packet Switched Conversational Multimedia Applications. Protocols (Release 5), S4-010524 (TS 26.xyz v.0.0.3).
[4]
ITU-T, Error Patterns for Internet Experiments, Q.15/SG 16, Document Q15-I-16r1, October 1999.

[5]   ISO, Information Technology – Coding of Audio-Visual Objects – Part 2: Visual, ISO/IEC FDIS 14496-2, 1999.




Figure � SEQ Figure \* ARABIC �1� - Instantaneous ΔPSNR for RTCP interval 2 sec. Vs. 5 sec.











