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4. QoS REQUESTS FOR THE TRANSMISSION OF 
VIDEO STREAM 
 

 
Fig. 1. Video flow for 384 kbit/s session in packets per second 
(pps) 
 
 There are two types of video traffic, so the implementation 
of QoS differs for those two types (Grgic et al., 1999). It 
concerns the conferences and distribution of video signals 
(unicast and multicast). As distinct from some audio-codec 
such as G.711, video stream has substantially grater variations 
in speed. I, P or B frames are not transmitted with equal speed. 
I frame ( Intra Coded Picture ) is coded independently  of the 
neighbouring images.  P frame ( Predicted Picture) is coded 
depending on the previous I or P frames, while B frame ( B-
predictive picture ) use previous and next I or P frames as 
reference for supplementing and preempting the movement. 
Figure 1. shows the appearance of video traffic.  Also, it should 
be noted that the video signal consists of audio and video 
stream also contains audio stream, but needs to contain the 
IP/UDP/RTP (User Datagram Protocol / Real Time Protocol) 
header.  Therefore, it should be checked that the video stream 
(and accompanying traffic) have variable speed and variable 
packet sizes.Transmission of distribution video signal is 
somewhat different. This is a multicast (or unicast ) video 
stream  transmission to the end user without direct interaction.
 An important difference in relation to video conference is 
the delay and absence of requirement to set up delay variation.  
Realization of QoS for the transmission of video stream is 
standard. Packets are chosen and marked. Packets are chosen 
through filtering and chosen according to IP address or UDP  
port (for example, access lists) then class-maps are defined 
where DSCP (Differentiated Services Code Points ). Packets 
are placed in  WFQ (Weithed Fair Queing) buffers and are 
being further transmitted. Of course, the whole network should 
be configured so that it supports QoS for video. IP network is 
ready to ensure QoS for real-time audio and video services.  
Also, implementation through MPLS (Multi Protocol Label 
Switching) private networks  for videoconferencing and 
multicast  video streaming assumes usage of QoS. In  IP/MPLS  
QoS is translated into MPLS QoS. In MPLS class for data 
transmission in real time is defined which supports transmission 
of video stream. 
 
5. VIDEO STREAM DISTRIBUTION SOLUTION 
THROUGH IP/MPLS NETWORK 
 
 The solution for the distribution through IP/MPLS network 
is divided into two parts:  distribution through IP network and 
distribution through MPLS VPN (Virtual Private network ). 
The solution for distribution of video stream through IP 
network  is simple. It is sufficient to bring one PE (Provider 
Edger) router to the CPE (Customer Premisses Equipment). 
Routing scheme is shown in Figure 2. UDP multicast coded 
MPEG-2 (Motion Pictures Expert Group) traffic comes out of 
coder, it is redirected via CPE router into IP network  if there is 
an IGMP ( Internet Group Message Protocol ) message for 
group access on the side of CPE equipment then the signal 

 
Fig. 2. Multicast routing via IP/MPLS network 
 
leads to the decoder via CPE (Szigeti & Hattingh, 2004). 
Traffic marking is done on PE routers. First, the access list 
defines traffic that will be marked. This traffic is sent to a 
network marked and can be used under QoS. Classification of 
streams for the user and the network ( service provider ) is not 
the same.It is therefore necessary to re-mark the packets at the 
CPE equipment. Packages, classified according to certain 
classes can easily be re-marked into other classes. However, it 
is done only in the case there is a trust between user and 
provider. In most cases, all packages will be marked by the 
service provider according to its rules. For packets that are sent 
over the MPLS VPN network, it is necessary to convert DSCP 
on the PE router into MPLS QoS. According to 
recommendations the routers in the IP network  should support 
routing PIM (Protocol Independent Multicast) sparse.  Besides 
this, SSM (Source-specific Multicast) where multicasting 
routing is based on original (Inocast) address (S) and group 
(multicasting address) G, (Williamson, 1999 ). Future 
researches should test the influence of router configuration on 
QoS for video transmission via IP/MPLS network. 
 
6. CONCLUSION 
 
 For implementation of multimedia conferences and 
multimedia exchange, including video, audio and data 
transmission  through the  packet network, it is necessary to 
obtain synthesis of network, audio and video technologies. 
Thanks to continuous expansion of telecommunications 
infrastructure, as well as installation of broadband networks to 
the small users, significant increase in exchange of multimedia 
contents became possible. This essay describes the technology 
which enables the transmission of video stream through the 
IP/MPLS network, through the ability of multicast routing,  
QoS protocols and standards which serve as relays for video 
streaming via IP/MPLS network which must have QoS 
implemented for the transmission of video stream. 
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