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Utilizând  sistemul de monitorizare a traficului de re ea pe care l-am 
conceput úi implementat, am evaluat performan ele unei aplica ii de transmisie 
video MPEG-4. Pentru a m VXUD�într-un mod obiectiv calitatea perceput �GH�F WUH�
utilizator, am definit urm WRDUHOH�dou �PHWULFL��QXP UXO�GH�FDGUH�YLGHR�SLHUGXWH úi 
num UXO� GH� FDGUH� YLGHR� DOWHUDWH�� ([SHULPHQWDO�� DP� GHWHUPLQDW� GHSHQGHQ a dintre 
calitatea perceput �GH�F WUH�XWilizator úi degradarea calit ii la nivelul re elei prin 
pierdere de pachete. 

Using the network traffic monitoring system we designed and implemented, 
we evaluated the performance of an MPEG-4 video streaming application. In order 
to objectively assess the user-perceived quality, we defined two metrics: the number 
of dropped video frames and the number of altered video frames. We determined 
experimentally the dependence of the user-perceived quality for an MPEG-4 video 
streaming application on the quality degradation–through packet loss–at network 
level. 
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quality, MPEG-4, video streaming.  
 

Introduction  

Video streaming, or video over IP, is a widely-used application in today’s 
Internet. Its real-time characteristics make it a very demanding application, in 
terms of network services. The amount of bandwidth it requires depends on the 
compression rate, and implicitly on the quality of the video signal.  Video 
streaming also requires high reliability for the data transfer between the streaming 
server and the client.  

The MPEG standards [1] describe the most frequently used compression 
algorithms for video sequences. The purpose of the MPEG-4 standard is to 
establish a compression system for extremely low bit rate transmission. The high 
compression rate it achieves reduces the required bandwidth for a video streaming 
application, with respect to that of previous standards. However, this also makes 
the application vulnerable to any packet loss at network level.  
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Network applications usually require a minimum Quality of Service (QoS) 
level in order to run according to user expectations [2], [3]. Knowing the 
application requirements makes it possible to predict whether a certain connection 
is valid for a certain application and what will be the user-perceived quality 
(UPQ) for that application.  

A survey on QoS application needs was published by the Internet2 QoS 
Working Group [4], but their approach is not objective and the conclusions are 
vague. TF-STREAM reported on best-practice guidelines for deploying real-time 
multimedia applications [5]. ITU-T defined network performance objectives for 
IP-based services in [6]. HEAnet reviewed several aspects of perceived 
quantitative quality of applications [7]. Most of these approaches are qualitative, 
whereas we aim at creating a quantitative representation of UPQ that can be 
related to QoS parameters. 

There are two types of metrics used to quantify the quality of a video 
sequence: subjective and objective. Subjective video quality measurements are 
time consuming and must meet complex requirements. ITU recommendations [8], 
[9], [10], [11] formalise the procedure for subjective measurements, by specifying 
the conditions of the experiments—like viewing distance and room lighting—as 
well as data analysis methods. The objective metrics can be implemented as 
algorithms and are human error free. They are either based on the human vision 
system or on distance measures, like root mean squared error (RMSE) or peak 
signal noise ration (PSNR). These simple measures do not capture the user-
perceived degradation in the video signal—image attributes like sharpness and 
colorfulness should be taken into account [12], [13]. The metrics can also be with 
reference—the sequence at receiver is compared to the original sequence at 
transmitter—or without reference, when only the sequence at receiver is analysed.  

The Video Quality Experts Group (VQEG) [14] reported on the perceptual 
video quality measurement algorithms [15]. A survey of video quality metrics 
based on models of the human vision system can be found in [16]. Several no-
reference blockiness metrics are studied and compared in [17]. Most of the 
existing metrics for the video quality quantify the degradation introduced by the 
compression algorithm itself or by the frame rate that is used. There are no 
metrics or studies that objectively assess the degradation in video quality caused 
by the packet loss at network level. 

1   Experimental setup 

The test setup we used is depicted in Figure 1. A detailed description of 
the monitoring system is available in [1]. The application traffic flowing from the 
server to the client is analysed; based on the traffic traces, we quantify the quality 



degradation induced in the network emulator: one-way delay, jitter and packet 
loss, as instantaneous or average values, as well as histograms. 

 

 
 

Figure 1. Test setup. 
 

In case of an MPEG video-streaming application, the server packetizes the 
MPEG stream in order to send it to the client that requested it. The protocol used 
for the control of the streaming is RTSP (Real-time Streaming Protocol) or RTP 
(Real-time Protocol). Details on the RTP payload for MPEG-4 streams can be 
found in [18] and [19]. The transmission protocol used by the application under 
study is User Datagram Protocol (UDP). UDP traffic is an inelastic traffic, i.e., the 
application doesn’t adjust its transmission rate to network conditions. In addition, 
lost packets are not retransmitted. Therefore, packet loss at network level will 
cause gaps in the MPEG video stream. 

The MPEG-4 streaming server we used was the Helix streaming server 
from Real Networks [20]. The MPEG-4 client “mpeg4ip” [21] was modified so 
that every video frame that is rendered on screen is saved on disk as an individual 
bitmap file. Based on these files, one can recreate the video sequence at reception, 
as it would have been seen by a potential user. Using the metrics described in 
Section 2, we then compute the user-perceived quality for those video sequences. 
What follows is the correlation of the measured network quality degradation with 
the calculated UPQ.  



2   Proposed UPQ metrics for video streaming applications 

We propose two objective reference-based metrics for the assessment of 
the user-perceived quality for video streaming applications: the number of 
dropped video frames (NDF) and the number of altered video frames (NAF).  

NDF is computed as the difference between the number of frames in the 
original video sequence at transmitter (server) and the number of video frames 
that are effectively rendered at receiver (client). This number indicates how many 
frames were skipped because of the missing bits in the MPEG video stream. 

NAF indicates how many frames— from the ones received and rendered—
are affected by impairments. Figure 5 (c), (d) shows two such altered frames. 

3   Experimental Results 

In the experiments we performed, we introduced artificial packet loss 
using the NIST Net network emulator [24]. Packet loss was introduced in the 
server-client direction, with values between 0 and 1%. 

We ran the tests using two different MPEG-4 video sequences: “football” 
and “train” (Figure 5 (a) and (b), respectively). The video sequences are 10 
seconds long, with 250 frames, each of 320 x 240 size. The average transmission 
rate was approximately 1 Mb/s. 

 
Figure 2. The percentage of dropped frames as function of packet loss. 

 
The decreased number of altered frames, for loss rates exceeding 0.8% 

(see Figure 3), is a consequence of the increased number of dropped video frames. 
This shows that severe degraded frames are no longer rendered. 



 
Figure 3. The percentage of altered frames as function of packet loss. 

 
By putting together the two metrics, one can plot the total number of 

affected frames (TNAF)— both dropped and altered— as a function of packet loss 
at network level. The monotonic increase of TNAF can be observed in Figure 4.  

 
Figure 4. The total percentage of affected frames (dropped and altered) as function of packet loss. 
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Figure 5.Original (a), (b) and degraded frames (c), (d) from the video sequences “ football”  and 
“ train” , respectively. Difference images on 8x8 blocks (e), (f) between original and degraded 

frames. 
 



In Figure 4 one can observe that, for example, a 0.6% packet loss causes 
60% of the frames to be affected. This shows how vulnerable to packet loss an 
MPEG-4 video streaming application may be. Losing one packet containing the 
information of a I (intra) frame from the MPEG-4 stream implies the degradation 
of all the following P (predictive) or B (bi-directional predictive) frames. Altering 
the information of a P frame implies only the degradation of another adjacent 
frame. Altered B frames do not cause the degradation of other video frames. 

Figure 5 shows two original frames (a) and (b) from the video sequences 
“ football”  and “ train” , respectively. Figure 5 (c) shows a frame with 21.38% of 
the pixels (20.58% of the 8x8 blocks) being affected by impairments, while the 
frame in Figure 5 (d) has 44.50% of its pixels (46.25% of its 8x8 blocks) affected 
by impairments. Figures 5 (e) and (f) represent the difference images on 8x8 
blocks, for the original and degraded frames. 

Conclusions 

The novelty of our work relies in the fact we accurately measure network 
quality degradation and objectively assess application UPQ in parallel. This 
allows us to experimentally determine the dependence of UPQ on network quality 
degradation for any particular application.  

In this paper we focused on an MPEG-4 video streaming application. We 
proposed two objective reference-based metrics for the user-perceived quality of 
the video sequence. 
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