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In the struggle for survival, the fittest win out a t the expense of their rivals because 
they succeed in adapting themselves best to their e nvironment. 

 
Charles Darwin, the Origin of Species. 
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1 – INTRODUCTION  
 
Today most television signals are carried over satellite, cable and terrestrial networks. Emerging 
rapidly is a fourth method of direct-to-home distribution: Broadband IP. 
By Broadband IP we mean a distribution system where the last-mile access into the home is via a 
high-capacity two-way IP network. In other words – “Broadband IP is when bandwidth intensive 
services such as TV and VoD are carried into the living room in IP frames.” 
The two dominating broadband IP technologies today are xDSL and Fibre-to-the-home using 
Ethernet.  
Broadband IP as a viable distribution mechanism for television and other interactive services is now 
emerging rapidly.  

 
Fig 1- Broadband IP network is emerging as a new way to distribute television. The 

two-way capability of the system can support fast interactive services. It is 
possible to transmit individual content to each individual subscriber. 

 
I identified a number of services that require significant focus in this decade; one of these is  
Internet Protocol Television (IPTV). This paper provides a high level overview of what IPTV is and 
how it works. 
IPTV has become one of the most talked-about new telecommunications services the past two years 
but the real opportunity resides in building profitable multi-service access networks to residences 
and businesses. Rightly so, telecom operators have placed a high priority on delivering video and 
TV over IP (IPTV) as a means to complete their triple-play service bundles. Delivering VoIP-based 
infrastructure presents many new challenges; given its requirements fundamentally differ from 
traditional voice and high-speed Internet services. Pioneers in IPTV service delivery have faced 
both technical barriers and challenges.  
 
 

2 - DEFINITION 1 

IPTV, essentially, has two components: 
 
Part 1: 
Internet Protocol (IP): specifies the format of packets and the addressing scheme. Most networks 
combine IP with a higher�� level protocol. Depending on the vendor solution, user datagram 

                                                
1 As defined in Broadband Services Forum, IPTV Explained, Part 1. 
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protocol UDP) is the most typical higher level protocol. The protocol establishes a virtual 
connection between a destination and a source.  
 
Part 2: 
Television (TV): specifies the medium of communication that operates through the transmission of 
pictures and sounds. We all know TV, but here we are referring to the services that are offered for 
the TV, like linear and on demand programming. 
 
Add the two components together (IP+TV) and you have: 
IPTV: specifies the medium of communication of pictures and sound that operates over an IP 
Network. In a private IP network specifically designed for IPTV, a service provider can ensure 
quality of service (QoS) for consumers. QoS refers to giving certain IP traffic a higher priority than 
other IP traffic. In an IPTV network, TV signals are given the highest priority. As a result, the TV 
service is instantaneous; there is no downloading involved for the linear or on�� demand content. 
An IPTV service model offers a complete broadcaster and “cable programmer” channel line�� up, 
including live programming delivered in real time. Additionally, it can offer a video on demand 
(VOD) service and enables the broadband service provider to develop new and unique services to 
differentiate their offering from competitors. 
 

2-1 - IPTV’S IMPACT  

The impact that IPTV will have on the industry can be categorized into three areas: 
·  Content – IPTV technology promises to make more content available, make it easier to 

access and make it portable (while maintaining security). 
·  Convergence – The utilization of an IP network will allow single applications to be run 

over multiple end�� user devices, all over a single service delivery network. 
·  Interactivity – The two�� way nature of the IP network will enable unprecedented 

interaction among subscribers, content providers and service providers. 

 

3-IPTV  NETWORK  ARCHITECTURE   

An IPTV system is made up of four major elements; all are generic are common to any vendor’s 
infrastructure. 
 

 
Fig2- IPTV Network Elements 

 
This is a high�� level overview and, in reality, many IPTV subsystems and vendor specific 
architectures are required to make each incarnation of IPTV unique and of varying complexity. 
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Figure 2 also illustrates the two�� way nature of an IPTV network, which contributes to many of the 
advantages IPTV has over traditional television service delivery models. It should be noted that the 
IPTV network elements combine to form an architecture known as switched digital video (SDV):  
Switched digital video (SDV) – Referencing the network architecture of a television distribution 
system in which only the selected channel(s) are distributed to the individual connected household. 
This enables the service provider to have no theoretical maximum linear channel count. IPTV 
vendors will have different variants of the SDV architecture. This is another advantage to 
using IP multicast for the broadcast television streams. The most common protocol used for 
switching channels in a SDV environment is IGMP (IP Group Membership Protocol). 

3-1 The Video Head End 

As with a digital cable or digital satellite television system, an IPTV service requires a video head 
end. This is the point in the network at which linear (e.g., broadcast TV) and on�� demand (e.g., 
movies) content is captured and formatted for distribution over the IP network. Typically, the head 
end ingests national feeds of linear programming via satellite either directly from the broadcaster or 
programmer or via an aggregator. Some programming may also be ingested via a terrestrial 
fiber�� based network. A head end takes each individual channel and encodes it into a digital video 
format, like MPEG�� 2, which remains the most prevalent encoding standard for digital video on a 
worldwide basis. Broadband service providers are also beginning to use MPEG�� 4�� based 
encoding, 
as it has some advantages over MPEG�� 2, such as lower bit�� rate requirements for encoding both 
SD and HD television signals. After encoding, each channel is encapsulated into IP and sent out 
over the network. These channels are typically IP multicast streams, however, certain vendors make 
use of IP unicast streams as well. IP multicast has several perceived advantages because it enables 
the service provider to propagate one IP stream per broadcast channel from the video head end to 
the service provider access network. This is beneficial when multiple users want to tune in to the 
same broadcast channel at the same time (e.g., thousands of viewers tuning in to a sporting event). 
 

 
 
Fig3-The diagram above provides an overview of the key components in the IPTV head end solution 
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3-1-1  MPEG2, MPEG4 and H.264 
 
The need for an advanced video coding standard that evolves MPEG-2 and H.263 to the next level 
has been addressed over the last several years through a combined working group of the ITU-T and 
ISO/IEC organizations, who have previously produced the H.26x and MPEG-x standards, 
respectively. The new standard has emerged as H.264. It is also called MPEG-4 Part 10, or MPEG-
4 Advanced Video Coding (AVC). The following table summarizes the development of these 
standards and their intended applications. MPEG-2, a hardware-based technology, has been the 
industry standard digital video broadcast codec for many years for high bit rate applications.MPEG-
2 requires 2 Mbps of bandwidth, which is available over coaxial lines and satellite airwaves, to 
deliver broadcast-quality, jitter-free, digital video. 

MPEG-4 Simple Profile (SP) and Advanced Simple Profile (ASP) were developed for 
streaming video over Internet connections. MPEG-4 offers a software method to compress and 
decompress video over a network that provides only a best-possible connection with a wide 
range of data rates. The result is not what viewers have come to expect from their televisions, but 
enough to offer interesting services and enhance the richness of the Internet experience. 
H.264/MPEG-4 AVC addresses the needs for greater compression, leading to lower data rates, 
while maintaining broadcast quality for video-on-demand (VOD) and high-definition television 
(HDTV) needs. 
H.264 meets the needs of both broadcast and the Internet by cutting the MPEG-2 bit rates in about 
half for digital video transmission-without a loss in video quality. This advance has followed the 
evolution of video compression science toward higher quality and lower bandwidth, and it opens 
new doors for service providers operating over the local copper loop infrastructure.  
H.264 is a breakthrough for video distribution over DSL. The new standard: 
• Doubles compression efficiency, lowering bit rates to half of the MPEG-2 requirements for high-
quality video and decreasing necessary storage capacity . 
• Allows more content to be transmitted over existing infrastructures using its lower bit rates. 
• Incorporates a Network Adaptation Layer that offers flexibility through transportability over 
packet and bit stream networks. 
 

 
Fig 4- H.264/AVC benefits bandwidth demand, storage requirement, and download times2 

 
 

                                                
2 DSL Forum 2003, Envivio INC. 2004, H.264 & IPTV Over DSL. 
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3-1-2  H.264/MPEG-4 AVC: The IPTV Enabling Technology Standard 
�

H.264/AVC cuts in half the bandwidth required to deliver fullscreen DVD-quality digital video 
to consumers, and it reduces standard television quality digital transmission bandwidth 
requirements to 700 kbps—both well within the capabilities of a 1.5 Mbps DSL loop. Using new 
H.264/AVC delivery platforms and standard PCs or STBs, telcos can offer exciting IP video 
services—video-on-demand (VOD), local, national, and premium television programming, gaming, 
music, and, even interactive television—to their home and business customers using their existing 
copper infrastructure. 

With DSL technology, the telcos hold a significant advantage by delivering IPTV to more of the 
masses than cable operators. While cable and satellite Internet access is encroaching on the 
telcos long-held dominance, DSL is still the leading broadband technology that users subscribe to 
around the world.2 According to the DSL Forum (www.dslforum.org), 55 million Internet users 
worldwide use DSL; 25 million new subscribers alone were added from September 2002 to 
September 2003. The growth trend is expected to continue, with subscriptions reaching nearly 100 
million users worldwide by 2006.  

H.264/AVC reduces the barriers to entry for telcos, who can offer more services than cable 
operators. Similar to MPEG-2, H.264/AVC requires encoding and decoding technology to prepare 
the video signal for transmission 
and then read it at the customer’s receiver (STB and TV/monitor, or PC). In fact, H.264/AVC can 
use transport technologies compatible with MPEG-2, simplifying an upgrade 
from MPEG-2 to H.264/AVC to help protect the investment in MPEG-2 some companies have 
already made, while enabling transport over TCP/IP and wireless. A significant difference, 
however, is that H.264/AVC does not require the expensive, often proprietary encoding and 
decoding hardware that MPEG-2 depends on, making it faster and easier to 
deploy H.264/AVC solutions using standards-based processing systems, servers, and STBs. This 
also allows service providers to deliver content to devices for which MPEG-2 cannot be used, such 
as PDA and digital cell phones.H.264/AVC is ideal for, but not limited to, Video Services over 
DSL; it increases the ground of applications based on a common video format. 

The H.264/AVC encoder system in the main office (Figure 5) turns the raw video signals 
received from content providers into H.264/AVC video streams. The streams can be captured 
and stored on a video server at the headend, or sent to a video server at a regional or central office 
(CO), for video-on demand services. The video data can also be sent as live programming over the 
network. Standard networking and switching equipment routes the video stream, encapsulating 
the stream in standard network transport protocols, such as ATM. A special part of H.264/AVC, 
called the Network 

When the video data reaches the customer’s site, it is routed to the client through a DSL 
modem and the customer’s local network (wired or wireless). A STB client decodes the stream for 
display on a television or monitor, while a PC client decodes the data using a plug-in for the client’s 
video player. 
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Fig 5- IP video over DSL architecture3 

 

3-2 The Service Provider Core/Edge Network 

The grouping of encoded video streams, representing the channel line up, is transported over the 
service provider’s IP network. Each of these networks are unique to the service provider and usually 
include equipment from multiple vendors. These networks can be a mix of well�� engineered 
existing IP networks and purpose�� built IP networks for video transport. At the network edge, the 
IP network connects to the access network. 
 

3-2-1 RTP, HTTP, FTP explanations 
 
Streams are sent from a streaming media server to a client using a protocol known as 
RTP (Real Time Transport Protocol). RTP is similar to HTTP and to FTP—protocols 
used by Web servers—but there are some essential differences…4 
 
TCP/IP is the most dominant protocol suite on the Internet, comprised of two main protocols IP 
and TCP. TCP/IP might be likened to a global air traffic control network that makes sure data goes 
to the right destination and gets there intact. IP(Internet Protocol), the basis of most Internet 
protocols, breaks up large chunks of information into digestible packets. In addition to the data 
being conveyed, each packet (also known as a datagram) carries a header containing the source 
and destination IP addresses, as well as a sequence number that allows the destination computer to 
reconstruct the packets in the correct sequence, when they arrive. This sequencing information is 
critical, as the packets may not arrive in proper sequence, since they each find their own way to the 
final destination—along whatever path is necessary, depending on continually fluctuating network 
traffic conditions. If a telephone line breaks down along the way, a packet will find another route by 

                                                
3 DSL Forum 2003, Envivio INC. 2004, H.264 & IPTV Over DSL. 
4 A streaming media primer, from the Adobe dynamic media group, 2001. 
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which to travel. IP focuses mostly on the location of hardware, getting the information across the 
vast network, from one device to another. 
 
TCP (Transfer Control Protocol) focuses on software, assuring that the data actually gets sent, is 
delivered, and is correctly reassembled at the other end. If any errors occur during transport, such as 
degradation or loss of some packets, TCP will call for those packets to be resent. TCP also works to 
optimize network bandwidth by dynamically controlling the flow of information, slowing it down 
as the network becomes congested. 
 
HTTP (HyperText Transfer Protocol) is the protocol used to transfer hypertext files on the Web. 
Hypertext, invented by Ted Nelson in the 1960s, is the standard for content on the Web—i.e., Web 
pages are hypertext files. Hypertext is a database system by which related “objects” (text, pictures, 
music, video, etc.) can all be linked together, offering a non-linear experience of the information. In 
general usage, hypertext has come to refer to any text that contains “links” to other documents. 
Since hypertext is interactive, it requires a two-way communication protocol that allows the 
receiver to communicate back through the network, to call up the URLs for the objects to 
which the hypertext is linked. Take care not to confuse HTTP—a protocol—with 
HTML (HyperText Markup Language), which is the computer language typically used 
to code Web pages, defining how they look and how they behave. 
FTP (File Transfer Protocol) is an efficient protocol used for transferring files between two devices 
over the Internet, and does not rely on the Web. FTP is used for a wide variety of purposes, as it is 
handy for the upload or download of most any type of file. FTP is typically used for transferring 
Web pages from the computer on which they were created to the server that will host the site of 
which they will be a part. 
 
HTTP and FTP cannot be used for true streaming 
HTTP and FTP are both layered on top of TCP, a protocol that ensures the retransmission of lost or 
damaged packets. Audio and video content transmitted using these protocols will be received 
intact—eventually. Lost or damaged packets are simply resent. This works just fine for the 
traditional “download it and then play it” modality, where the file will not be played back until it is 
received in its entirety. 
When HTTP is used for progressive download, the very reliability of the protocol can cause 
problems, as the retransmission of lost or damaged packets may disrupt pseudo streaming playback. 
The media file will still—eventually—arrive in its entirety, can be saved, and can then be smoothly 
played back from the destination hard drive, just as it could be with a traditional download. So, as 
reliable as they are for document transmission, HTTP and FTP cannot be used for true streaming, 
because their error correction schemes undermine the temporal relationship between video and 
audio packets. They provide no facility for accommodating the data transfer rate to the audio 
or video data rate—that is, the rate at which the data comprising the media plays back. Using HTTP 
or FTP, a one-minute movie might download in one second, one minute, or even take an hour, 
depending on the size of the file and the speed of the connection. If the connection speed is less than 
the media’s data rate, the media still makes it to the client, progressive download just won’t play 
smoothly. 
 
RTP enables streaming 
RTP (Real-time Transfer Protocol) transmits data in real time. This means that a one-minute movie 
is transmitted in one minute. Layered on top of UDP (User Datagram Protocol), rather than on top 
of TCP, RTP provides very little error-correction; lost, late, or damaged packets are simply  
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dropped. Whatever data arrives is what plays. So, when we say that streaming is a “forgiving” 
medium, we are referring to the fact that it will keep on playing, even if it “skips a beat,” and that 
these losses are tolerable—even preferable, to the delays that would be imposed using TCP. In fact, 
“Live-Live” streaming would be impossible without this tolerance. Of course, if the connection 
speed is lower than the data rate, playback will be “jerky,” or the media might not play at all. 
The other side of the coin, however, is that the media is always streamed at the constant data 
transmission rate needed to match the media’s data rate—i.e., in real time. So, with a faster 
connection, there may be bandwidth left over. One of the advantages of streaming media is the 
predictable load per stream, on both the server and on the network. 
 
RTSP controls streaming media 
While RTP enables a one-way stream, transmitting media from the server to the client, RTSP is a 
two-way protocol (similar to HTTP) which uses TCP to communicate, and is usually layered on top 
of RTP. 
According to its developers, “RTSP acts as a ‘network remote control’ for multimedia servers.”Like 
a VCR remote control, RTSP provides mechanisms that allow individual end-users or designated 
Web conference participants to specifically request streams from one or more servers, as well as a 
specific transport type and destination(s) for delivery of the data; request information about the data 
in a format-specific fashion; start, stop, and pause the delivery of the data; and gain random access 
to various portions of the data (where applicable—not, for example, in the case of a real-time live 
feed). 

 
Fig 6- Streaming vs. web browsing 

 
3-2-2 Hint tracks 

 
The MPEG-4 team has adopted the QuickTime concept of hint tracks for control of the stream 
delivery. A streaming file is called a movie. The movie file container contains tracks, which could 
be video, audio, or other clip data. The track consists of control information that references the 
media data (or objects) that constitute the track. This means that several different movie files could 
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reference the same video media object. This can be very useful for rich media presentations. One 
video file can be repurposed into several different presentations – maybe multiple languages or a 
number of levels of detail (introduction, overview, and in-depth). A movie is not the video and 
audio media files; it is the metadata or instructions for a specific presentation of the media data5. 
The files are flattened into a single file when the stream is encoded. 
A streamable movie has a hint track in addition to the video and audio (MPEG- 4 files are not 
limited streaming media applications). The hint track gives the server software pointers to the RTP 
information in order to serve the relevant media chunks. This information allows the server to 
deliver the correct video material in the sequence stipulated in the track file, and at the correct rate 
for the player display. 

 
Fig 7- Typical streaming file format. 

 
3-2-3 Adapting to network congestion 

 
Both RealNetworks and Windows Media offer a way of changing the bit rate of a stream as 
network congestion varies. To get the best viewing experience we want to stream at the highest 
rate possible. But if the network slows down, rather than attempting to continue with a high bit rate, 
it makes sense to throttle back the bit rate. If the congestion eases then the bit rate can revert to 
a higher level. That way the viewer is not subject to stalling streams, just a graceful degradation in 
quality. These technologies work only with unicasting. The Real-Time Protocol maintains the 
correct delivery rate over UDP/IP (or TCP/IP if bandwidth permits). The RTSP framework supports 
the client interaction with the stream, the VCR-like controls Play, Pause, and so on. The 
streaming server application can use RTCP reports from the player to measure network congestion 
and switch stream rates for multiple bit rate media files. 
The player can report lost and delayed packets, and the reception of out-of sequence 
packets. 

                                                
5 Focal Press, The Technology of Video and Audio Streaming (2005). 
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Figure 8- Streaming control. 

 
 
RealNetworks SureStream 
SureStream allows different encoding rates to be combined into a single media file. The streaming 
server will choose the appropriate data rate for the prevailing conditions by negotiating with the 
player. The lowest rate, called a duress stream, is a backstop, and will be streamed if congestion is 
very bad. When you are calculating the server disk space, a SureStream file takes the space of 
the sum of all the components. Because only the Helix Server can extract the correct component, a 
web server will serve the file in its entirety, including all the different rates. 
 
Windows Media Intelligent Streaming 
This is a similar feature, allowing multiple constant bit rate streams to be encoded and wrapped in a 
single file. The streaming server will then stream the best rate for the current network conditions. 
Windows Media Encoder comes with predefined multiple bit rate profiles, but the profiles also 
can be customized to suit your special requirements. If you want to multicast a file that has been 
coded at multiple bit rates, only the highest rate will be transmitted. 
 
MPEG-4 and scalable streams 
The MPEG team has proposed a different way to cope with variable network bandwidth. The server 
transmits a basic low-resolution stream. Additional helper streams can carry more detail. If the 
bandwidth is available then these extra streams allow a better quality picture to be assembled by the 
player. 
MPEG-4 also supports scalable encoding. This means that a basic player may decode only part of 
the stream to create the video, albeit at a lower quality than a more complex player, which can 
decode and display all the stream information. 
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3-2-4 Announcing the content 

 
The player usually locates streaming media by a hyperlink embedded in a web page. This link 
contains not only the URL for the content, but also the instructions to start the media player. 
The usual way to announce streaming media files is by a hyperlink in a web page. The link points to 
a small file on the web server. Windows Media calls this the stream redirector, or ASX. Real uses 
the RealAudio Metafile or Ram file. Once the browser receives this file the metafile is passed to a 
streaming plug-in. The metafile has the full address and filename for the streaming content. The 
media player than transmits a request to the specified streaming server for the media file. This may 
use MMS or RTSP for communication rather than the HTTP used with the web server. If all goes 
well the correct clip is streamed to the player – success6. 
 

 
Fig 9- Linking to streaming media. 

 
3-2-5 Unicast and Multicast 

 
When media is broadcast, a single stream is transmitted to all clients on the network. To 
understand what broadcast means, one need only think about our traditional use of the term 
“broadcast media,” where the network is a cable or satellite system, or the airwaves, and the clients 
                                                
6 Focal Press, The Technology of Video and Audio Streaming (2005). 
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are television or radio receivers7. Because only a single stream is transmitted, all the clients that are 
“tuned in” experience the same portion of the media program, at the same time, whether the 
program is live or pre-recorded. 
When media is streamed over the Internet, it may be either unicast or multicast. 
 
Unicast: A unicast is a one-to-one “narrowcast,” in which each end-user gets a separate stream—
even if they are experiencing the same media simultaneously. Because they each get their own 
stream, end-users can be given options for controlling the media, such as the ability to pause the 
stream, replay portions, or to jump to a different part of the program. This type of control is, 
however, only possible with pre-recorded content made available on-demand, and this flexibility 
comes at the expense of both server capacity and bandwidth—every end-user must be served and 
sent a discrete stream. 
 
Multicast: Multicasting, or “IP multicasting,” is also considered a narrowcast strategy, and it is 
designed to conserve both server processing capacity and bandwidth. The server transmits only one 
stream, which is replicated by special routers throughout the network, to be distributed to groups 
of multiple end-users. Multicasting does not allow the same fl exibility for the end-user as does 
unicasting—every end-user must experience the same content concurrently. 
Multicasting is an excellent method for delivering the same content to multiple clients at the same 
time. The server sends only one data stream, whereas using unicast, the server must send a 
redundant stream for each connected client. So unicast results in a high server CPU load as well as 
increased network bandwidth demands at the server. Broadcast would solve the problem of 
duplicated streams, but would end up flooding the entire network, even if only a few end-users wish 
to receive the content. 
Multicasting is only possible if both the streaming software and the network support it—not all 
systems do. On the software side, the latest versions of the big three architectures—Apple 
QuickTime, Microsoft Windows Media, and Realmedia—do support multicasting. In terms of the 
network, to multicast over an intranet, routers must be upgraded or replaced with multicast-enabled 
devices. While this adds yet another expense to streaming implementation, for those organizations 
looking to reduce the high costs of training and/or other essential enterprise-wide communications, 
the return on investment may be well worth the expenditure. Furthermore, multicasting can be used 
for a wide variety of other applications, in addition to streaming media. 
 

 
                                                
7 A streaming media primer, from the Adobe dynamic media group, 2001. 
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Fig 10- Unicasting vs. Multicasting. 

 

3-3 The Access Network 

The access network is the link from the service provider to the individual household. Sometimes 
referred to as “the last mile”, the broadband connection between the service provider and the 
household can be accomplished using a variety of technologies. Telecom service providers are 
using DSL (digital subscriber line) technology to serve individual households. They also are 
beginning to use fiber technology like PON (passive optical networking) to reach homes. IPTV 
networks will use variants of asymmetrical DSL (ADSL) and very�� high�� speed DSL (VDSL) to 
provide the required bandwidth to run an IPTV service to the household. The service provider will 
place a device (like a DSL modem) at the customer premises to deliver an Ethernet connection 
to the home network. 
 

3-3-1 Maximize Opportunity, Minimize Investment 
 
H.264 opens the door to new opportunities and reduces operating and deployment costs when 
compared to MPEG-2. There are several reasons: 
• H.264 compresses video more efficiently, cutting transmission costs over satellite or terrestrial 
links. 
• Density of services over existing DSL loops is high: two standard-quality video streams can be 
transmitted over a single 1.5 Mbps loop (Figure 11). Customers can watch (and telcos can bill for) 
two video-on-demand streams at the same time. 
• More content can be transmitted on longer loops—to more customers—raising the TAM for IPTV 
(Figure 4). Where MPEG-2 could only reach customers in a 9,000 ft2 service area per CO (Central 
Office), H.264/AVC video streams can reach customers in a 16,000 ft2 service area per CO. 
 • A larger service area can be reached without deploying costly remote amplifiers. 
• MPEG-4 interactivity capabilities let telcos expand ARPU (Average Revenue Per User) with 
value-added interactive services embedded in video streams. 
• H.264/AVC technology can be deployed on commercially available, industry-standard hardware 
instead of expensive proprietary or RISC-based systems (reduced instruction set computer), 
lowering acquisition costs and the costs of scaling technology to expand services. 
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• H.264/AVC is also part of the upcoming 3GPPv6 specifications. With the use of joint 
technologies, UDP or TCP/IP and H.264, there is a common ground for greater interaction 
between the home and mobile devices8. 
 

 
Fig 11- H.264/AVC enables reaching greater distances over DSL with more content 

 

3-4 The Home Network 

The home network distributes the IPTV service throughout the home. There are many different 
types of home networks, but IPTV requires a very robust high bandwidth home network that can 
only be accomplished today using wireline technology. The end point in the home network, to 
which the television set is connected, is the set�� top box (STB). 
 

4- THE  MIDDLEWARE:  IPTV  ENABLER  

The term IPTV middleware is used to describe the software packages associated with delivering an 
IPTV service. There are a variety of vendors in this space, each with their own unique approach to 
IPTV. The middleware selection by a service provider can impact the IPTV network architecture. 
The middleware is typically a client/server architecture where the client resides on the STB. The 
middleware controls the user experience and, because of this, it defines how the consumer interacts 
with the service. 
For example, the user interface and services available to a consumer (such as the electronic program 
guide (EPG), VOD or pay per view service), are all made available and controlled through the 
middleware. 

                                                
8 DSL Forum 2003, Envivio INC. 2004, H.264 & IPTV Over DSL. 
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The ease of managing multiple services is a function of the two�� way IP network. This IP 
architecture provides a standard for applications and services to be integrated into the network, and 
IPTV becomes just one of these applications. The differentiating factor in an IP service model is 
convergence. Because of the common structure for applications and services, convergence can be 
realized for network elements, applications and operations/business support systems (OSS/BSS). 
Therefore, managing multiple services becomes a matter of managing the same services through the 
network and distributing them to multiple end�� user environments. 

5- SET TOP BOXES 

The IP set-top box is responsible for presenting all the services carried on top of IP frames to the 
end user in an easily accessible way. The set-top box will usually have an Ethernet network 
interface for this and it will run a web browser for accessing services in the head-end. The set-top 
will receive its boot software from the IP head-end when it is turned on. 
The output of an IP set top box can be a television RF channel (e.g. channel 3), video and audio 
signals or digital video signals. IP set top boxes are commonly located in a customer's home to 
allow the reception of IP video signals on a television or computer. 
 
 Emerging Internet Protocol TV (IPTV) set-top boxes constitute a rapidly evolving and fluid 
product category. Market forces and available technologies are driving multiple variations on the 
concept.  
Set-top box designers are being asked to support an array of new audio, video and image formats as 
their products take on the attributes of more open, network-connected appliances. IPTV set-top 
boxes may be enabled with the functions of personal video recorders (PVR), digital media adapters 
(DMA), voice over IP (VoIP), videophones and more.  

Deployment in the real world imposes further engineering challenges. Broadband data rates are 
variable. Latencies and delays impair two-way communications. Changes in head-end video 
encoders produce interoperability problems with set-top decoders. Your device may be installed on 
networks the service provider doesn’t control, or in parts of the network that perform below 
standard, subjecting it to uneven and unoptimized quality of service (QoS). 
IPTV set-box boxes typically have a set of demanding requirements in common. These tasks must 
be performed in hard real time to provide a desirable user experience: 
• receive streaming compressed audio/video over a network 
• process the stream containers 
• decode the streams 
• present a synchronized audio/video output to the listener or viewer. 
Digital rights management (DRM) protection and conditional access (CA) (which ensures that only 
authorized subscribers have access to content) are likewise necessary, in order to satisfy media 
companies and other content owners.  

5-1 Design guidelines and restraints 

• Design for multicast: 
 Although the network uses IP technology, two-way communications between the set-top and 
servers on the network is not a given. Multicast TV applications are predicated on the ability of the 
set-top box to decode what comes, when it comes, without a back channel of communication. And 
no back channel will be available when your “set-top” is an in-car or portable system that provides 
satellite TV. 
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• Processing load: 
 Many of today’s media processors have limited capacity and efficiency for network processing. 
The drawbacks include dropped video frames and voice breakup on VoIP calls. Experience shows 
that what may not be apparent in the lab can become all too clear in deployment, when unhappy 
subscribers return their set-top boxes because network processing did not keep up with what the 
provider broadcasts out. 
 
• Predict harsh network conditions: 
Order and predictability are rare in the field. Network congestion delays content streams, for 
example. Wireless connections drop. Streaming video, VoIP and bulk data transfers require 
bandwidth, and the user may decide to push each service to its limit simultaneously.  
 
• Enable field upgradeability: 
It’s not possible to release a product that includes every existing and future variation of audio and 
video codec, DRM scheme, media server protocol, and audio/video transport capability. New 
services must be deployed. Rolling out trucks to perform these upgrades is costly for service 
providers. Software upgrades that can be accomplished remotely over the network eliminate this 
problem. 
 
• Don’t  assume a constant data rate: 
 The nature of traffic on an IP network is bursts. Upstream and downstream data rates may not be 
symmetric, as with ADSL. Judicious use of memory buffers lets you compensate for network jitter, 
handle audio/video synchronization and separate media from control processing. 
 
• Data interruptions: 
Though packet loss is characteristic of the network, dropped video frames and sound problems will 
kill the user experience. Many media systems are designed primarily for a constant, uninterrupted 
data source environment and can’t perform the loss concealment that is a must for both audio 
(silence insertion, audio signal interpolation) and video (bad packet detection and removal). 
 
• Partition the processing power  
Usage scenarios for set-box boxes are evolving. Avoid partitioning your system such that new 
applications can’t use processing power in new ways. For example, a service provider may opt to 
move from an electronic program guide (EPG) style of information bar to a highly interactive 
Internet browser. Inflexible partitioning may result in a design that performs well for IPTV, but 
leaves internet browsing slow and weak. 
 
 

6- FEATURES AND SERVICES 

In addition to providing the basic television services and features, IP Television can provide 
advanced features and services that are not possible with traditional broadcast television systems. 
These advanced features include anywhere television service, global television channels, 
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personal media channels, addressable advertising, electronic program guides EPG , video on 
demand VOD and multiple media channels9. 
 

6-1 Anywhere Television Service 

Television extensions are viewing devices that are connected to a television distribution system. These 
connections may be shared (several televisions on the same line) or they may be independently controlled 
(such as in a private television system). Traditionally, television extensions have a fixed wire or a connection 
line.  

 
Figure 12- Internet Television Extensions go Anywhere in the World 

 
When an IP television viewer is first connected (plugged-in) to a data connection, it requests the 
assignment of a temporary Internet address from the data network. It uses this Internet address to 
register with the ITVSP (ITV service provider) after it has been connected to the Internet. Because 
the ITVSP always knows the current Internet address that is assigned to the IP television each time 
it has been connected to the Internet, this allows IP televisions to operate at any connection point 
that is willing to provide it broadband access to the Internet. In essence, this allows an IP television 
to operate like a television extension that can be plugged in anywhere in the world. 
What makes this so interesting is that IP televisions can be taken anywhere and they will continue 
to operate as if there were no changes. Supposed the person in Singapore subscribes to local 
television services in Singapore. If this person takes their IP television viewer (possibly 
a laptop) to a hotel in New York that has a broadband connection, when they plug the IP television 
viewer into the Internet in New York, it will operate just as it was in their home in Singapore. It 
does this because the IP television registers with the IP television service provider when it is 
plugged into the Internet. The Internet address of each IP Television is dynamically assigned each 
time they are turned on and the IP television system keeps track of these addresses. It doesn't 
really matter where the IP television is plugged in. 
Figure 12 shows how Internet Televisions can be used anywhere in the world that they can be 
connected to an Internet connection. In this example, a user subscribes to Internet television service 
from an IPTV service provider in Singapore. The IPTV service provider manages user accounts and 
sets up connections between users and media sources. This diagram shows that an Internet 
television user can obtain television service at different locations such as at an airport, at home, 

                                                
9 IPTV Magazine September 2005. 
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in the office, or in a hotel. As long as the Internet television user has a valid Internet television 
account, they can use different types of viewers such as multimedia computers (laptops), standard 
televisions with adapter boxes and IP televisions. 
 

6-2 Global Television Channels 

Global television channels are TV channels that can be viewed anywhere in the world. IP 
television channels that are delivered through the Internet typically can be viewed anywhere in the 
world that offers broadband data access. 

The ability of IP television systems to provide video service to outside their local (often 
regulated) areas allows for new competition. The typical cost for viewing global television channels 
is the content media access costs (such as a fee for a movie) and the broadband data access cost (a 
monthly broadband access charge).  

 
the figure 13 above shows how IP television allows a person to view television channels in other 
cities, states, or countries. In this example, a viewer from the United Kingdom is traveling to the 
United States and he desires to watch a Soccer game in Australia. This diagram shows that the 
viewer connects his multimedia laptop to a broadband connection and logs into his Internet 
television service provider with his access codes.  
He then selects the channel source and quality of image he desires (the rates increase for higher 
quality access). The viewers ITVSP provider is located in the UK. When the ITVSP receives and 
authorizes the request, it sends an authorization message to a media gateway in Australia that is 
converting the video from the sports event to a data format that can be sent through the Internet. The 
media gateway then sends the information directly to the viewer through the Internet. 

 

6-3 Personal Media Channels (PMC) 

A Personal Media Channel (PMC) is a communication service that allows a media user (e.g. 
viewer) to select and view media (typically video or music) from a variety of media sources. 
An example of how a PMC may be used for IP television is the control and distribution of mixed 
media (such as digital pictures and digital videos) through a personal television channel to friends 
and family members.  

An IP television customer may be assigned a personal television channel. The user can 
upload media to their personal media channels and allow friends and family to access pictures and 
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videos of family members and gatherings via their IP televisions.  

 
Fig 14- Personal Media Channels 

 
Figure 14 shows how personal media channels allow other viewers to be given access to specific 
types of personal media on their IP television. This example shows how an IP television user "Bob" 
is uploading pictures from a party to his personal media channel 9987. People on his list of viewers 
who also have IP television service can select Bob’s television channel 9987 and see the pictures. 
This example shows that the personal media channel can have restrictions on who can view the 
personal media channel. 
 

6-4 Addressable Advertising 

Addressable advertising is the communication of a message or media content to a specific 
device or customer based on their address. The address of the customer may be obtained by 
searching viewer profiles to determine if the advertising message is appropriate for the recipient. 
The use of addressable advertising allows for rapid and direct measurement of the effectiveness of 
advertising campaigns. 

A key aspect of addressable advertising is the validation of the viewer. IP television systems 
may ask (prompt) the viewer to select their name from a list of registered users in the home when 
the IP television is turned on. Because of the advanced features offered by IP television such as 
incoming calls/emails and programming guides that remember favorite channels, viewers will 
typically want to select their programming name. Because the programming name has a profile 
(preferences), advertising messages can be selected that best match the profile. 
The potential revenue for addressable advertising messages that are sent to viewers with specific 
profiles can be 10 to 100 times higher than the revenue for broadcasting an ad to a general audience. 
The ability to send ads to a specific number of viewers allows advertisersto set specific budgets for 
addressable advertising. It also allows the advertiser to test a number of different ads in same 
geographic area at the same time.  
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Fig 15- Addressable Advertising10 

 
Figure 15 shows how addressable advertising can be used to better match advertising messages to 
the wants and needs of viewers. This diagram shows that a media program (such as a television show or 
movie) is being sent to 3 homes where the televisions in each home 
have a unique address. When the time for a 30 second commercial occurs, a separate advertising message is 
sent to each one of the viewers based on the address of the television. This allows each viewer to 
receive advertising messages that are better targeted to their needs and desires. 
 
 

6-5 Video on Demand (VoD): 

Video on demand(VoD) services operate in a different manner than linear television service as the 
IPTV system provides the subscriber with a unicast stream of programming with VCR�� like 
controls including pause, fast forward and rewind. The IPTV middleware controls the user interface 
and commercial experience/details of VOD and can also be extended to include services like 
subscription VOD and network based personal video recorder (PVR). 
Television on demand is a service that provides end users to interactively request and receive 
television channels. These television services are from previously stored media (entertainment 
movies or education videos) to accessing live connection (news events in real time). 
VOD can be enhanced by advanced electronic programming guides that maintain a history of 
previously viewed television or media shows. This allows the viewer to scan through a list of 
programs that they have not previously viewed. 
Figure 16 shows how IP television can allow a viewer to request control the presentation of 
television programs on demand. This diagram shows that a television on demand viewer can browse 
through available television channels. In this example, this IP television service provider informs 
the viewer of which programs they have already viewed and the length of time each program will 
run. When the user selects a potential program to view, a short description of that program 
is shown at the bottom of the screen along with the cost for viewing that particular program. 
 

                                                
10 IPTV Magazine septembre 2005. 
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Fig 16- Television on Demand 
 

7– QUALITY  OF SERVICE  

Since IPTV is enabled by the availability of network technology, the network architecture used to 
deploy IPTV is important. Content delivery requires bandwidth and performance, not only in the 
last mile (the access network), but also in the edge and core of the network and in the customer 
premises. 
The IPTV service model, and its market advantages, is not a new concept. However, recent 
developments have enabled the delivery of IPTV service in an increasingly secure, scalable and 
cost�� effective manner. 
 These recent developments include: 

·  the proliferation of Gigabit Ethernet the ability of IP networks to offer higher security and 
QoS. 

·  the development of high performance IP routers and Ethernet switches designed for IPTV 
networks. 

·  the creation of advanced middleware applications that manage the delivery of video over the 
network. 
 

Over the past couple of years, the number of methods or protocols for setting quality of service 
(QoS) in network equipment has increased dramatically. Advanced queuing algorithms, traffic 
shaping, access-list filtering, and so on, have made the process of choosing a QoS strategy 
a much more daunting task. 
IP Precedence can be configured for a given IP/TV Server sending a single live broadcast. 
IP Precedence is one of the differentiated services methods for allocating network resources. Three 
bits in the IP header designated as the type of service (TOS) field can be manipulated to inform 
network devices that a “priority” should be given to the IP packet as it traverses the network. 

 This designation is also called “coloring” a data stream because it causes IP packets with 
TOS set to stand out from other IP packets11. 
Figure 17 illustrates a network in which one IP/TV Server differentiates its IP packets from another 
IP/TV Server by enabling the TOS bits in the IP header. 

                                                
11 Cisco IP/TV and QoS 1999. 
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This configuration shows two IP/TV Servers (each sending a 1-Mbps multicast stream).  
The server on the right has had the Microsoft TCP/IP parameter “default TOS” set so that all 
packets sent by that PC will have the priority bit set in the Type of Server IP header field.  

 
Fig 17- Sample Environment for QoS Using IP Precedence 

 
 

7-1 Audio Quality 

Audio quality is the ability of a speaker or audio transmission system to recreate the key 
characteristics of an original audio signal. Audio quality can be affected by a variety of factors. 
These factors include the type of audio coder (audio compression), transmission system and 
bandwidth limits. 
Generally, the more you compress the audio, the lower the audio quality. Recently, innovations in 
audio compression technology provide similar quality audio signals using a much lower data 
communication (connection) speed. 
IP Television (IPTV) service can provide audio quality that is the same or better than standard 
television quality audio. IP television systems can offer advanced audio options including stereo 
and surround sound. 
Audio distortion is the undesired changing of an audio signal and it can come from a variety of 
sources in Internet Television service. However, some of the key factors in audio distortion are 
packet loss and packet corruption. Packet loss is the inability of the communication network to 
deliver a packet to its destination within a prescribed period of time. The effect of packet loss on 
audio distortion is to temporarily mute or distort the audio signal. Packet loss can result from a 
variety of events such as network congestion or equipment failures. 
Because IP television communication systems can delay (buffer) the delivery of packets of data, it 
is usually possible and practical to resend packets of data that contain audio information. As a 
result, packet losses are infrequent. When packets are lost, this can result in the temporary muting 
of audio. Packet corruption is the changing of some of the packet data during its transmission. 
Packet corruption can come from a variety of sources such as poor communication line quality or 
momentary line loss from lightning spikes. Because IP Television service typically uses speech 
compression, the packet data represents a sound that will be recreated rather than a specific portion 
of the actual audio signal. As a result, if corrupted data is used, this can create a very different audio 
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sound then expected. This distorted sound is commonly called "Warble."  
Figure 18 shows some of the causes and effects of audio distortion in IP Television systems. This 
example shows that audio signals are digitized, compressed and error protection coded prior to 
transmission12. 
During the transmission process, some packets are lost or corrupted. The loss of packets can result 
in the temporary muting of the audio signal. Because the data compression process represents 
sounds by different codes in a codebook, packet corruption results in the creation of 
a different altered sound than the sound that was previously transmitted. When there is significant 
data corruption, this can create unusual sounds (a "Warble" sound). 

 
Fig 18- Internet Television Audio Distortion 

 

7-2 Video Quality 

Video quality is the ability of a display or video transfer system to recreate the key characteristics of 
an original video signal. Traditional video quality impairment measurements include blurriness and 
edge noise. Digital video and transmission system impairments include tiling, error blocks, 
smearing, jerkiness, edge busyness and object retention. 
Video quality can be affected by a variety of factors that interact with each other. Some of these 
factors include the choice of video coder (video compression), transmission type and bandwidth 
limitations. 
The types of distortion on analog video systems include blurriness and edge noise. Digital video 
and transmission system impairments include tiling, error blocks, smearing, jerkiness, edge 
busyness and object retention. 
Tiling is the changing of a digital video image into square tiles that are located in positions other 
than their original positions on the screen. Error blocks are groups of image bits (a block of pixels) 
that do not represent error signals rather than the original image bits that were supposed to be in that 

                                                
12 IPTV Magazine January 2006. 
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image block. Jerkiness is holding or skipping of video image frames or fields. Object retention is 
the keeping of a portion of a frame or field on a display when the image has changed. 
Figure 19 shows some of the causes and effects of video distortion that may occur in IP Television 
systems. This example shows that video digitization and compression converts video into packets 
that can be sent through data networks (such as the Internet). Packet loss and packet corruption 
results in distorted video signals. This example shows that some types of digital video distortion 
include tiling, error blocks and retained images. 

 
Fig 19- Internet Television Video Distortion 

 

7-3 Reliability 

Reliability is the ability of a network or equipment to perform within its normal operating 
parameters to provide a specific quality level of service. Reliability can be measured as a minimum 
performance rating over a specified interval of time. These parameters include bit error 
rate, minimum data transfer capacity or mean time between equipment failures (MTBF). 
Reliability factors for IP television service include IP television access device reliability, data 
network connection reliability, data network reliability, call server reliability, and feature operation 
reliability. 
 

7-3-1 Access Device Reliability 
 
Access device reliability is the ability of system equipment or a device to allow a user to gain access 
to a network within a specific quality level of service. For IP television service, the access device 
must beable to request and view IP television channels. To be effective, IP television access devices 
must be able to continuously process video and audio signals during the viewing of a channel. 
Access device operation may be dedicated (such as an IP Television) or they may be shared. 
Access devices are often connected to a modem or local data network equipment. The reliability of 
these local data communication devices also affects the reliability of IP television service. Some of 
these devices may change their configuration during connection and disconnection. If the data 
communication device does not appear to be working, it is best to turn its power off and restart the 
equipment. 
Figure 20 shows that the selection of access device can affect the operation and quality of IP 
television service. In this example, a standard television that has an IP television set top box (analog 
television adapter) and a laptop computer are viewing a television channel via a 
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media server through the Internet. The analog television adapter is designed to perform one 
function, viewing IP television service and it always has the resources (processing power) to do 
this. Unfortunately, the laptop computer is a multipurpose device that is currently running 
several applications (word processor, spreadsheet, and email). When the laptop computer receives 
this television channel, the other processes may cause the audio and video to become somewhat 
distorted or the resulting delays may drop the media connection. 

 
Fig 20- IP Television Access Device Reliability13 

 
7-3-2 Data Network Reliability 

 
Data network reliability is the ability of the communication network to consistently provide data 
transmission between points that are connected to the data network. Data networks such as the 
Internet were designed to successfully operate even if large portions of the network were destroyed. 
To accomplish this, the Internet was designed as a dumb network that uses smart switches. Each 
switch in the Internet (called a router) has the ability to dynamically change the path it uses 
to sending data through based on information it regularly receives from other routers. If a router can 
no longer send data to a neighboring router, it will automatically start to send data to a router it can 
communicate with. As a result, the Internet is very reliable as it can repair itself in the event of 
equipment failures14. 
Figure 21 shows that the Internet is a web of paths that interconnect endpoints and that if this web is 
broken, it is possible for information to take another path to reach its destination.  

 
Fig 21- Internet Reliability 

 
 

                                                
13 IPTV Magazine January 2006. 
14 IPTV Magazine January 2006. 
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� � 7-3-3 Data Connection Reliability 
 
Data connection reliability involves the connection from your computer, IP set top box or IP 
television to the data network (such as the Internet). Your data connection may be divided into two 
parts; access provider and data network provider (such as an ISP). The access provider manages the 
connection between your equipment and the data network provider converts your data into a format 
that it can transmit through the data network. 
Figure 22 shows the key parts of an Internet service provider (ISP) and how they can affect your 
communications reliability. This diagram  shows that an Internet connection can be divided into an 
ISP portion  and an access provider portion. This example shows an IP television that is connected 
to a cable modem. The cable modem is connected to the head-end of the cable television system 
where a gateway adapts the data from the cable network into a format that can be used by the ISP. 
The ISP has a router that connects the gateway into a format that is sent to the Internet. This 
diagram shows that this ISP only has one connection to the Internet and if it experiences difficulty, 
the Internet connection can be lost. 

 
Fig 22- ISP Reliability 

 
� � 7-3-4 IPTVSP Server Reliability 
 
Internet television service provider reliability is the ability of a television service provider 
(television channel processing system) to setup and control IP television channels along with 
selecting and managing video switches and gateways.  
To ensure reliability, IP television service providers may have redundant (duplicate) server 
equipment, updated lists of IP television gateways, and use equipment that confirms 
to specific and compatible revisions of communication protocols. 
Figure 23 shows the key parts of an IVTSP that is used to provide IP television service and how the 
configuration can affect reliability. In this example, the ITVSP television server has two media 
centers that are connected to the Internet at different locations. IP televisions communicate 
with the ITVSP servers to setup and receive television channels. 
Each ITVSP sever has a media provider list that comes from a company that maintains lists of the 
gateways at media sources (e.g. movie distributors). In the event of a failure of one of the servers, 
the other server will operate to setup and connect IP television channels. 



����������������	� 
�

 
Fig 23- ITVSP Reliability15 

 
� � 7-3-5 Feature Operation Reliability 
 
Feature operation reliability is the ability of the system to recognize and process feature requests. 
There are many features available in television networks (such as pay per view, pause, rewind and 
mute) and these features have been designed and tested to interoperate with each 
other. These features are usually managed by a single system. When these features are offered via 
IPTVSPs, there may be interaction with these features with features offered by different service 
providers. This can cause challenges with the operation of specific features. For example, 
if an ITVSP provides access to movies on demand and the media server uses a proprietary protocol 
for control messages, the player control commands or menu selection may not work correctly. 
 

8- CONTENT  PROTECTION  : SCRAMBLING  AND ECRYPTION  

8-1 CONTENT SECURITY 

A fundamental point to generate revenue is to provide a product that customers will buy. But it is 
likewise important to make them pay in order to get the content. 
The most important services for TVoIP are the broadcasted TV channels. In addition new services 
as true video-on-demand should be offered in order to provide more content than satellite or cable 
providers are able to present. 
When launching value-added services such as pay-TV and Video-on-Demand, protection of the 
content is important. 
Currently there are accepted solutions for protecting the content on a TVoIP system. 
These are: 

·  DVB scrambling of MPEG TS packet. The DVB common scrambling algorithm is however 
not suitable for IP as it requires hardware for descrambling. Today there are no STB suited 
for hardware descrambling. 

·  IP scrambling. The vendors of DVB scrambling systems and new vendors are providing 
solutions adapted for two-way IP networks. Two types of solutions are being proposed; 
Either based on a direct adaptation of IPSEC technology where the IP payload is encrypted 
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or based on MPEG-2 system where the payload of Transport Stream packets are scrambled 
with algorithm developed for IP systems. Solutions with and without smart cards will be 
possible 

·  Access control in the network. Some manufacturers of access equipment for ATM 
(DSLAM) and IP (Edge routers) have implemented access control. The access router will 
not support transmission of services that the subscriber does not have rights for. 

When discussing online content the insecurity of PC�� based content, and the piracy issues which 
have plagued the entertainment industry, often come to mind. Each IPTV solution vendor has a 
slightly different approach to the content security requirement. Usually vendors will partner with 
experts in this space to provide a complete solution to the service provider and one which will be 
acceptable to the content community. 

8-2 Digital Rights Management 

Digital Rights Management is the use of computer technology to regulate the authorized use of 
digital media content, and to manage the consequences of such use; for example, a payment16. 
A Digital Rights Management (DRM) system encrypts the content so that distribution 
can be controlled in accordance with the agreed rights and their terms and conditions. To this end, it 
wraps prices and business rules around the content to enable the payment transaction. 
For the transaction, the DRM is tightly integrated with the chosen e-commerce systems. Streaming 
media is representative of the many formats that an Internet content provider may want to manage, 
deliver, and sell. The digital information also could be electronic books, research reports, or graphic 
images like still photographs. 

 Most DRM systems are designed to protect some or all of these different media formats. 
The initial developments in DRM were for text files. Not all these systems can handle streaming 
media. Encryption tends to be at file level. For a streamed file the encryption has to be implemented 
at packet level, otherwise the media playback cannot start immediately. This, plus the intimate 
connection required to the player, has led naturally to many DRM solutions being proprietary to the 
codec format. The MPEG-4 format has a standard intellectual property management protection 
(IPMP) interface, so potentially will offer a more open environment. 

 
Fig 24- Exchanging the license. 

 
                                                
16 Focal Press, The Technology of Video and Audio Streaming (2005). 
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Digital content is subject to many forms of piracy: 
·  Illegal copying 
·  Loss of data integrity – tampering with content 
·  Peer-to-peer distribution 

 
Perhaps the best example of peer-to-peer distribution was the case of Napster. If there is a secure 
DRM, then e-commerce can be used for online content. This electronic distribution removes the 
manufacturing costs of physical media and can simplify distribution. Within the corporate networks 
it can protect valuable and confidential information. For a distance-learning project it ensures 
protection of intellectual property. 
 

8-3 Piracy protection 

Two methods are used to fight piracy: one is encryption and the other is watermarking. 
Encryption gives the primary protection. Should the encryption be compromised, watermarking 
enables the tracing of the possible sources of the piracy. There are two different points where 
content files can be encrypted.  
The first is before media is placed on the content server. The second is to encrypt onthefly, as the 
content is streamed to the media player. The latter is the model that conditional access systems have 
used for pay-per-view television. 

·  Pre-encryption and on-the-fly:  
Pre-encryption systems usually package the clip file as a whole, rather than packet by packet. For 
live use this is not an option; for webcasts the encryption has to be on-the-fly. To meet this need, a 
different form of encryption has been developed, where the processing takes place at the point of 
delivery. This on-the-fly encryption has a second advantage that a new key is generated for 
each stream. Pre-encryption generates a single key for the file at the time of wrapping. So if the key 
is compromised, all copies of the file can be opened. 
On-the-fly encryption can be an additional application running on the streaming server, but this will 
lower the number of streams a given server can deliver, typically by 30 percent. The alternative is to 
use a bridge or router at the output port of the streaming server that can perform the encryption. 
This allows the use of a standard media server. 

 
Fig 25 -Wrapping the content 
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·  Unwrapping: 

The final user or the consumer wants to view and listen to the content. To decrypt the content, first 
the user has to obtain authorization. This authorization, suitably modified by the business rules, then 
initiates the decryption of the content. 
The DRM client follows this typical sequence: 
1. Send a request for the content and, if necessary, undertake a financial transaction. 
2. If the client has credit, the commerce server transmits the authorization key. 
3. The DRM client requests the business rules from the rights server and the media file from the 
content server. 
4. The rights server forwards the business rules. 
5. The content server streams the media. 
6. The DRM client allows access to the media according to the business rules. 
 

8-4 Encryption 

Cryptography has two uses within DRM. The first is to encrypt content for confidentiality or 
protection of the owner’s rights. The second is for the protection of the certificates that are used for 
authentication and for access control(authorization). 
There are two families of cryptography: shared secret and public/private key. 
A shared secret key (also called a symmetric) uses the same key to encrypt the content and then to 
decrypt it at the receiving end. In cryptography the clear file is called plaintext and the encrypted 
version is called ciphertext. The scrambled ciphertext feasibly can be decoded only with the key. 
One way to crack the encryption is to try many different keys until you chance upon the correct 
one. The more characters in the key, the longer it will take, on average, to find the key. This 
cracking can be made more difficult by changing the key at certain intervals. Shared key encryption 
is efficient and suited to large files – just like media files. An example of a shared secret is a 
personal identification number (PIN). 
 
 

 
Fig 26- The secret shared encryption key17 

 
 

                                                
17 Focal Press, The Technology of Video and Audio Streaming (2005). 
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The standard for shared secret cryptography is the DES algorithm (Data Encryption Standard). 
The problem with a secret key is the secure distribution from one party to the other. Different 
methods can be used to deliver the key. One is the secure courier. Another is the telephone callback. 
One party phones the other, and says ‘call me back.’ The other party calls back to an unlisted phone 
number; now the original party has authenticated they have the wanted party and can divulge the 
key. 
One algorithm that has proved popular is the Diffie–Hellman key exchange. It starts with two 
publicly available integers, P and G. Each party, the rights server and the client, generate private 
keys, X and Y. The Diffie–Hellman algorithm then is used to generate public keys, E and F, which 
the two parties exchange. Each party then uses the other’s public key, their own private key, 
and the public number P to generate a common number. This common number K is now a secret 
shared by both parties. Note that at no time has this shared secret key been exchanged over the 
Internet. This shared key then can be used to encrypt the media file. 
 

8-5 Watermarking 

In the digital domain, watermarking embeds a persistent signature that identifies the source of the 
content or the client copy. The latter is often called fingerprinting. For a content provider to trace 
the sources of piracy, two clues are necessary. The first is a means of identifying the owner of the 
stolen content, and the second is a trace of the client that compromised the security. These clues can 
be introduced as a watermark to identify the owner of the stolen content and as a fingerprint to 
identify the instance that was copied. The fingerprint is akin to the serial number of the copy. If a 
clear copy is found, the fingerprint identifies the copy that was compromised. 
 

8-6 Examples of DRM products 

·  ��������	 �
In recent years, Microsoft has devoted much attention to security. Their initial focus was on 
solutions to protect digital entertainment in the form of audio and video files, although they since 
have added document security. The Windows Media Rights Manager can protect audio-visual 
content encoded in the Windows Media streaming format. In 2003, Microsoft announced Windows 
Rights Management Services. Much like Windows Media, a central rights management server 
stores licenses that control access to protected files. Windows 2000 and XP both offer flexible file 
security and access control, but only on the corporate network. There is always the constant 
problem of staff burning copies of files to CD-ROM. Network security and access control lists 
cannot protect files outside the corporate firewall. 

Windows Media Rights Manager 9 
Microsoft’s Windows Media Rights Manager provides a secure end to digital media e-commerce 
solution for Windows Media. This solution enables both application service providers and Internet 
content providers to manage, deliver, and sell streaming media. It supports download-and-play and 
conventional streaming. 
The Windows Media Rights Manager system is designed to work with third-party credit card 
software that is compatible with MS Site Server 3.0. The Windows Media Rights Manager allows 
the publisher to set up the rules for the transaction. The player then uses these rules to open the 
encrypted content. 
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RealNetworks has developed a fully integrated DRM system for the Real architecture 
under the Helix name. The Helix DRM 10 Suite comprises three components: 

1. Helix DRM Packager: a set of tools for content providers to securely package streaming 
media files. 

2. Helix DRM License Server : an HTTP server that generates licenses for access to secured 
media. They are issued in response to a request from the player client. 

3. Helix DRM Client: allows the media player to decrypt protected content in a trusted and 
tamper-resistant environment. 

Real also provides support for consumer electric device manufacturers who want to design secure 
native support for the Helix DRM platform. These components interact with existing content 
delivery mechanisms, a retail web server, and a back-end database. 
The Helix DRM supports the Real codecs, MP3 and H.263. Once the licensing issues are resolved, 
MPEG-4 codecs will be added. 
 
 

·  MPEG-4 
The design of DRM solutions to protect MPEG-4 content has lagged behind the 
development of the audio and video codecs. Under the auspices of the Internet Streaming Media 
Alliance (ISMA), a specification for content protection has been drawn up. This will enable 
encoders, servers, and players from different vendors to exchange encrypted content. The 
specification supports both file download and streaming. It is independent of device or operating 
system. It uses the AES 128-bit encryption algorithm as a default, but stronger encryption 
can be used. The specification has simple interfaces for support of codecs like MPEG-2 and AVC. 
 

9  - BILLING STANDARDS FOR IPTV  

IPTV billing systems are a combination of software programs and hardware devices that receive, 
organize and process service usage information for specific accounts or customers, produces 
invoices, creating reports for management, and recording (posting) payments made to customer 
accounts. IPTV billing systems typically include billing capabilities for ad insertion, television 
commerce (t-commerce) and usage profiling. 
  User profiling is the process of monitoring, measuring and analyzing usage characteristics of 
a user of a product or service. IPTV service offers the possibility for recording and using viewer 
information to better target services to users. An example is offering of movie service packages 
(such as 5 films for children at a discount price) that based on the previous viewing habits (such as 
watching 5 children's movies in the past 2 weeks). Although the discussion of user profiling did 
create some discussion on privacy issues, it is clear that IPTV offers the potential to better track 
viewing habits. IPTV systems will likely take advantage of user profiling to target promotions or 
for data mining. 

To take advantage of user profiles, IPTV systems will use profile management systems. 
Profile management is systems capture, organization and access control of service usage 
information that is related to the device, person or companies who has obtained access rights to the 
media or service18. 

                                                
18 IPTV Magazine January 2006. 
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9-1 User Identification 

A key challenge for profile management in IPTV systems is user identification. There are a 
variety of types of users, devices and services in IPTV systems. In addition, there may be several 
varying identification codes for each of these. Some of the ways to identify users include account 
codes, device serial numbers, email address, IP address (which can dynamically change), telephone 
number, screen name, social security number, government ID or a variety of user IDs. Users may 
have multiple identification codes such as several screen names or telephone numbers. These 
identification codes can have different scopes when they are used. For example, a video conference 
that is provided over a company telephone number may be billed to a company account whereas a 
personal video conference on the same multimedia computer needs to be billed to a personal 
account. 
The figure below shows how there may be several types of users in an IPTV system and each user 
may have multiple identification numbers or codes. This example shows that a user may be 
identified by their telephone number, account number, user ID, IP address or screen name. 

 
Figure 27- User Identification19 

 
Privacy can mean different things to different people. Companies can have a privacy policy or 
privacy statements to inform customers of the potential uses of customer information. Privacy 
policies are the self proclaimed rules a receiver of information claims to follow when a customer or 
visitor sends or provides information. Privacy policy rules typically state how the information may 
be used and who the information may be distributed to. 

9-2 Content Management 

A content management system identifies, categorizes and manages the storage and 
distribution of content. Identification of content for an IPTV system can be as complicated as there 

                                                
19 IPTV Magazine January 2006. 
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are a variety of media identification codes that are used for different types of media such as media 
files, streaming media or images. 
Another aspect of content management is the need for standardization of content classifications. 
Broadcast media typically includes metadata that describes the content. These descriptions are 
commonly changed by local broadcast service providers to meet the cultural and preferences of 
their viewers. For example, a program that is classified as a "Thriller" in one geographic area may 
be classified as a "Suspense" movie in another area. The changing or use of non-standard content 
management classifications can result in the wrong billing rates or the potential delivery of content 
to unauthorized viewers (such as the delivery of adult content to minors). Another potential  
challenge for content management in IPTV systems is that the characteristics, rights and value of 
content can change over time. For example, a breaking news story may be given priority display 
and higher than average advertising rates may be charged when the media is viewed. 
 

Offer management is the process of creating, assigning and tracking specific product and 
service offers from people and companies. An IPTV service provider may allow other companies to 
create and manage offers as the providers of content may have knowledge about specific needs or 
events that can enhance a marketing campaign. 
 

9-3 Partner Management and Media portability 

Partner management is the process of identifying, assigning terms and tracking performance 
of companies that have a collaborative (partnering) relationship. Partner management systems may 
allow affiliated companies to retrieve, analyze and possibly provision services for IPTV systems. 
 

Media portability is the ability to transfer media from one device or storage area to another 
device or storage area. Portability rights are the permissions granted from an owner or distributor of 
content to transfer the content to other devices (such as from a set top box to a portable video 
player) and other formats (such as low bit rate versions). 
A media portability management system may be used to allow users to transfer media from one 
device to another. An example shows how a person has downloaded a TV program to their set top 
box. The media portability management system has setup authorization for the media to be 
transferred throughout the user's personal domain for a period of 24 hours. This allows the person to 
access and view the program through other devices in the home and to transfer 
it to their personal media player. 
 

9-4 Network Requirements Management (NRM) 

A network requirements manager is a person or function that identifies, determines and assigns 
network resources that are required to provide features or services. The IPTV system may be able to 
determine the requirements for services the customer selects and automatically determine if the 
capabilities of the network can provide the types of services the user has required. 
IPTV networks may have limitations on what services it can offer that depend on the location and 
status of the network. Examples of network limitations include the amount of available transmission 
bandwidth on a consumer access line (such as a DSL connection), the availability of content 
distribution servers and gateways in the system, equipment protocol capabilities and other 
requirements. 
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Figure 4 shows how a network management system can look up the requirements for services that 
may be offered by the company and it can determine if the network is able to provide those services 
to the customer's location. This example shows that a user has requested to obtain television service 
for 1 standard definition television and 1 high definition TV at their home. The NRM system 
determines that the total bandwidth required for this service is 10 Mbps if MPEG-4 service is 
provided. This example shows that the network is capable of providing of 20 Mbps to the user and 
it has MPEG-4 capability so the system enables and provisions the service. 
 

 
Fig 28- Media Portability Management 

 
Some of the major IPTV billing companies are: HighDeal NY, Inovaware, IntraISP, IPlay3, Softrax 
and MTS. 
 

10- THE FUTURE OF IPTV:  BUSINESS AND TECHNOLOGY CHALLENGES  

Technology innovation fast-forwards natural selection in the telecommunications 
marketplace by destroying old markets and creating new ones in their place. As examples: VoIP 
(Voice over IP) and the competition it allows have combined to destroy the longdistance telephony 
market; similarly, cell technology has undeterred users' dependence on home wire line phones. As 
VoIP and cell phone usage increases, the revenue that long distance and local carriers collect from 
residential users decreases. Due to the widespread adoption of these two technologies, incumbent 
telephone companies have had to look for ways to generate revenues outside of residential voice 
service. 

The good news is that even as traditional voice markets have collapsed, emerging 
technologies have created new opportunities for Telco’s. Advancements in DSL (Digital Subscriber 
Line) technology allow for increased throughput. Coupled with progress in video compression, like 
H.264-MPEG 4 Part 10 and Microsoft Windows Media Player 9, telephone companies now have 
the ability to deliver broadcast-quality video over their copper access lines. These technological 
innovations and the race to control customer content delivery are now driving the largest investment 
in network infrastructure since the late 1990s.  

With the promise of new revenue streams, delivering video to the home brings dramatically 
higher bandwidth requirements. Since today's DSL networks were designed for web surfing, this 
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will force telcos to significantly upgrade their access networks. This upgrade cycle is happening 
now as traditional voice carriers make haste to enter the video-delivery market to match or stave off 
competition. There are technological barriers that DSL providers face in supporting video 
applications while upgrading their current ATM (Asynchronous Transfer Mode) networks. Telcos 
can use a new approach to quickly and cost-effectively deliver video services over their current 
DSL networks today and, as the video subscriber base grows, to seamlessly evolve these networks 
into the Ethernet-based broadband architectures of the future. 
Today's incumbent telcos are at a disadvantage to their cable competitors who already offer 
broadcast video and Internet access. By bundling VoIP-based voice services, cable multiple 
service operators (MSOs) can deliver on the triple-play. Telcos must race to achieve video-service 
parity with cable operators and, by so doing, compete for control of what will become the single 
communication channel to the subscriber's home: the broadband port. It doesn't matter whether that 
channel is DSL, FTTH (Fiber to the Home) or an emerging technology like WiMAX, this 
household communication port will become the "one stop shop" for consumer content, yielding 
recurring subscriber revenue and opening potential new income streams from application service 
providers (ASPs) looking for access to subscribers. 
There is another technology shift that offers an advantage to the telcos. Thanks to the videocassette 
recorder (VCRs) and the new personal video recorders (PVRs) from companies like Tivo, viewers 
are time-shifting their video consumption and watching programming when it's convenient instead 
of when it is first broadcast. 
The wide embrace of this technology means that more and more video is being watched at the 
viewer's discretion. Video on Demand (VoD) is the natural extension of this trend. MSO networks 
are optimized to support broadcast video. 
In the move to VoD and the unicast traffic that drives it, telcos have the advantage. New DSL 
technology allows carriers to deliver significantly more directed bandwidth to the home, positioning 
DSL providers to take the lead in VoD delivery. 
 

10-1 Barriers to Offering Video 

Today's DSL service networks were designed for residential access to the Internet at greater speeds 
than dial-up modems could provide. Internet access previously meant simple web surfing. The web-
surfing model allowed DSL providers to assume relatively low, relatively bursty bandwidth 
utilization per user. In fact, many of today's DSL networks have been provisioned to support less 
than 20 to 30 Kbps of average bandwidth per subscriber. 
The advent of peer-to-peer file sharing has changed bandwidth consumption significantly, 
much to the dismay of DSL operators. The requirements for video delivery will blow these 
networks out of the water. Do the math: A standard definition channel requires 3.5Mbps using 
MPEG-2 compression. A competitive video offering must support at least 3 channels of 
simultaneous viewing per home. For basic broadcast video parity a provider must offer more than 
10Mbps per household, and that's independent of Internet service. 
In short, video delivery requires a significant upgrade to the DSL access infrastructure.  
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Fig 30- A typical DSL aggregation network20 

 
 

·  Barrier #1: Today's Unreliable B-RAS (Broadband-Remote Access Server) 
In a typical DSL network, ATM-based DSLAMs (Digital Subscriber Line Access Multiplexers) are 
aggregated through ATM switches that are, in turn, connected to a BRAS. The B-RAS controls 
subscriber access to the DSL provider's network. It performs a large variety of tasks, including 
subscriber authentication and accounting, IP address assignment, service advertisement, dynamic 
binding to virtual routing domains, and layer 2 handoff to a retail ISP. 
The B-RAS has a lot to do - and that's the problem. The strains on the typical B-RAS make it 
one of the least reliable devices in the network. Today DSL providers are able to tolerate B-RAS 
outages that affect their Internet service offerings. Video, however, is not just another 
Internet service. Telcos will not be able to compete by offering a video service that consistently 
goes down due to B-RAS flakiness. 
The typical B-RAS also tends to support lower speed interfaces (OC-3c/STM-1 ATM) and few of 
the gigabit Ethernet ports required for cost-effective video services. 
Video delivery must avoid the traditional BRAS. 
 

·  Barrier #2: Today's Centralized, ATM based DSLAMs 
Most of today's DSLAMs are deployed in central offices where they can support thousands of DSL 
subscribers. This was an efficient and cost-effective model when the goal of the network was to 
deliver Internet access to as many households as possible. But even with compression, delivering 
video services to the home requires an order of magnitude more bandwidth. Since DSL rates 
increase only as the DSL loop length decreases, DSLAMs must be placed closer to residential 
subscribers to service their video bandwidth needs. This means deploying DSLAMs in remote 
terminals (RTs) or service area interfaces (SAIs) where they will serve only a few hundred 
subscribers. 
As a result, new DSLAMs will likely be smaller. The days of the single, large CO-based DSLAM 
are numbered. Broadcast video delivery also requires efficient IP multicast support. To minimize 
core network load it will be necessary to perform multicast replication as close as possible to the 
subscriber. 
The first commercial deployments of video over DSL have relied on replication from deep in the 
network at the IP multicast router level or via ATM point-to-multipoint PVCs (Permanent Virtual 
Circuits) in the DSLAM. 

                                                
20 Laurel Networks, the Future of IPTV: Business and Technology Challenges. 
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However, most of today's ATM-based DSLAMs are not able to support multicast or the necessary 
protocols, such as IGMP (Internet Group Management Protocol) snooping, to make multicast 
delivery practical. 
Video delivery requires increased functionality on the DSLAM to scale. 
 

·  Barrier #3: Video Distribution Within the Home 
Telcos must meet the challenge of distributing video within the subscriber's home. Several options 
exist including reuse of the subscriber's existing cable plant, CAT5 cabling, wireless networking 
or use of the existing interior telephone lines using the Home Phoneline Networking Alliance 
(HomePNA) standards. 
Video delivery requires an adequate inside wiring solution. 
 

Stepping Up to IP Video Quickly 
For many telcos the fastest way to support broadcast and VoD services is to deliver them over their 
existing ATM-based DSL infrastructures. 
This can be done even as investments are being made in DSL access-network upgrades. 
 

 
Fig 31- The Drop-In Video Solution 

 
Developing a parallel network, shown in the picture above, is probably the simplest approach. 
Using this model involves three basic activities: procuring content, supporting IP multicast 
protocols, and installing multi-service broadband routing technology. 
 

Migrating to Ethernet-based DSL Aggregation 
Once the initial IP video network equipment is in place, the next step in widening video deployment 
is to continue expanding the DSL access network. To reduce DSL loop length and support the 
higher DSL rates necessary for multiple simultaneous channels, Ethernet based DSLAMs must be 
deployed closer to residential subscribers.  
These new DSLAMs must function - at a minimum - as Layer 2 Ethernet switches with support for 
multicast replication and IGMP. (See Figure 32.)  
“IP DSLAM” is a popular term today and one that can mean many things. Sometimes it 
means that the DSLAM acts as a full IP router and, perhaps, may even incorporate B-RAS 
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functions like authentication and accounting. IP DSLAM can also refer to a relatively 
simple DSLAM with a gigabit Ethernet uplink and IGMP snooping or IGMP proxy support. 
To efficiently support broadcast video, it is clear that the DSLAM must support multicast 
replication and understand IGMP. Due to their remote locations and short local loops in an 
IP video-optimized network, the number of subscribers per DSLAM is likely to be less than 
a few hundred. In order to keep costs low, these remote DSLAMs will generally require a 
single gigabit Ethernet uplink towards the backbone. 
IP routing is required where the network topology demands it – where there is a choice of 
network links towards a destination. Adding IP subnets, routing, and IP address 
management for single uplink devices complicates the network with no appreciable gain. 
Given that most of today’s B-RAS (Broadband Access remote server) must support dynamic 
bandwidth changes to maintain evolving Internet access services, any DSLAM that claims B-RAS 
functionality would also require policy interfaces. 
It is in the telcos' best interest to keep DSLAMs simple and cost-effective. This translates 
to a DSLAM with layer 2 Ethernet forwarding capability and basic IGMP awareness. 
 
The DSLAMs must be able to make the decision to transmit a given multicast stream on a DSL line. 
Most new DSLAMs have the ability to listen to or "snoop" IGMP messages sent by the set-top box 
and build multicast forwarding tables accordingly. IGMP snooping implies that multicast joins from 
the set-top box pass upstream transparently. Many new DSLAMs have the ability to perform an 
IGMP proxy function as well. 
IGMP proxy aggregates and suppresses upstream IGMP messages to ensure that only one message 
per group is transmitted to the video router. 

 
Figure 32- Adding Ethernet Based DSLAMs 

 

Distributing the IP Edge 
As the DSL access network grows, it will become desirable to build an aggregation layer between 
the new DSLAMs and the IP Video Router. If the topology includes multiple paths, it will be 
beneficial to use routers as aggregation devices, as shown in Figure 33. As the IP edge is pushed 
closer to the Ethernet-based subscribers, the IP Video Routers will be able to assume the B-RAS 
function in order to support Internet service. Of course, these routers will still be highly reliable and 
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capable of advanced IP multicast support. 

 
Fig 33- Distributing the IP edge 

 
As the network grows over time, the telco can decommission the legacy ATM-based DSL network 
completely and combine the video and Internet services. 

 
Fig 34- Combining Video and Internet Services at the IP Edge21 

 

11- IPTV  MARKET  

Tables below identify which IPTV systems and software companies are leading each of 
IPTV markets globally and within the four regional markets: North America, Europe, Asia and the 
Rest Of the World (ROW), market positions estimates depend on the actual number of active IPTV 
subscribers that are using or being supported by the company’s products. For video head-ends, the 
estimate depend on the number of IPTV channels provided by the company as the number of 
                                                
21 Laurel Networks, the Future of IPTV: Business and Technology Challenges. 
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channels is a much better measure of the relative position of each company rather than the number 
of subscribers. 

 11-1 Competition is hot in France 

IPTV continues to surge forward in France. Free is by far the leading IPTV service provider, 
the 4.1 million total subscribers accounted22 worldwide include one million subscribers for Free, it 
has developed its own DSLAMs and does not buy them from outside companies, France Telecom 
had more than 150 thousand IPTV subscribers at the middle of 2005 and continues to add 
subscribers at a good rate. Neuf Telecom’s IPTV service had more than 20 thousand subscribers by 
the middle of 2005. Neuf announced a merger with Cegetel in May 2005 in order to challenge Free 
in the broadband market. 

All three of these companies offer premium content from the 2 French satellite service 
providers, Canal+ and TPS. This means that the offering from France Telecom, Free, and Neuf are 
not significantly differentiated since their content is offered under the Canal+ and TPS branch. 

France is shaping up a strong market for IPTV services. There are many areas where cable 
services have not been deployed. It is also difficult to get approval to install antennas in many 
metropolitan regions including Paris and other large cities. 

 

11-2 Access Systems Market Leaders 

Ratings based on the number of IPTV subscribers connected to network ports provided by these 
manufacturers. 
 
Table 1: Access Systems Market Rankings 

Access 
Subscriber 

Asia Europe North 
America 

ROW Total Rank 

NEC 500.000 0 0 0 500.000 1 
ECI 75.400 318.510 0 1.800 395.710 2 

Lucent 40.000 275.000 49.000 10.000 374.000 3 
Alcatel 25.000 308.000 18.125 5.000 356.225 4 

Motorola 17.000 40 263.361 0 280.401 5 
Cisco 109.000 75.000 3.704 0 187.704 6 

Huawei 120.100 20.000 0 100 140.200 7 
Siemens 5.000 60.000 0 0 65.000 8 

UTStarcom 60.000 0 500 0 60.500 9 
 
The total of IPTV subscribers identified is about 4.1 million. The Top 5 companies account for 47% 
of all subscribers. NEC, the number one company globally in Asia due to its PCCW23 deployment, 
ECI is number one in Europe and Motorola is number one in North America.  
 

                                                
22 Market Leaders Report, Multimedia Research Group (2006). 
23 PPCW is the largest telecommunication enterprise in Hong Kong. 
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11-2 Video Head-End Market Leaders 

Based on the number of IPTV channels rather then number of subscribers receiving content 
provided by these manufacturers because a single channel can support as few as 2 thousand and 
other channels support 500.000 subscribers. 
 
Table 2: Video Head-end Market Rankings24  
Channel 
provider  

Asia Europe North 
America 

ROW Total Rank 

Tut  302 132 13.960 223 14.167 1 
Skystream 347 368 3.368 180 4.263 2 
Minerva 100 110 3.001 50 3.261 3 
Harmonic 307 1.047 964 0 2.318 4 
Optibase 220 161 1.117 100 1.598 5 
Tandberg 204 472 352 180 1.208 6 
UTStarcom 100 0 500 0 600 7 
Envivio 186 24 0 0 210 8 
Scientific 
Atlanta 

0 0 100 0 100 9 

Total 1.766 2.484 32.652 733 46.270  
 
There are 46 thousand channels in IPTV markets. Over 70% of these channels are in North America 
due to large number of small IPTV deployments in the small US Telcos. Tut is the number one 
globally and in North America, Skystream holds the Asian market, Harmonic in Europe, Envivio 
appears in Asia due to deployments primarily in China.  
 

11-3 Set Top Box Market Leaders 

This section discusses the market leaders for the STB based on the number of IPTV subscribers 
using these manufacturers Set Top Boxes. 
 
Table 3: Set Top Boxes Market Rankings 
STB 
Subscribers 

Asia Europe North 
America 

ROW Total Rank 

Motorola 64.500 403.240 245.719 25.000 738.459 1 
Yuxing 500.000 0 0 0 500.000 2 
Sagem 0 231.000 0 0 231.000 3 
Telsey 0 121.800 0 0 121.800 4 

Thomson 15.000 75.900 4.500 0 95.400 5 
Amino 125 76.700 12.063 5.000 92.888 6 
Pace 40.600 9.200 32.000 0 81.800 7 

 
This table does not include the 1million Freebox IPTV STB that Free has provided to its capable 
subscribers, if it was included it would take the number one ranking. 

                                                
24 Market Leaders Report, Multimedia Research Group (2006). 
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 SUMMARY  

An IPTV service model offers a complete multi�� channel video line�� up as well as on demand 
programming. IPTV technology promises to make more content available because of the limitless 
nature of the switched digital video architecture theoretically giving access to niche content that has 
not previously been available on TV. 
Middleware vendors are focused on making more content available, making programming easier to 
access and making the solution portable (while maintaining security). 
The extensible user environment of IPTV increases the interactive nature of the consumer product 
and will allow single applications to be run over multiple end�� user devices, all over a single 
service delivery network. IPTV also capitalizes on the two�� way nature of the IP network, enabling 
unprecedented interaction among subscribers, content providers and service providers. 
With a single standardized service delivery network, the integration and management of new 
services becomes simpler, reducing time to market and the cost of launching that new service. This 
provides marketing opportunities to use new applications to gain or keep market share and generate 
added revenue. 
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ACRONYMS 

AAA : Authentication, Authorisation and Accounting 
ASI : Asynchronous Serial Interface. Most used MPEG-2 interface. Defined by DVB 
ATM : Asynchronous Transfer Mode. Protocol commonly used on Telecom networks  
DOCSIS: Return channel system for cable network 
DTH : Direct to Home broadcasting. Normally used to describe a satellite based broadcasting 
system 
DVB : Digital Video Broadcasting. Standardisation group for digital broadcasting 
EPG : Electronic Program Guide 
HFC : Hybrid Fibre Coax. Used to describe modern cable TV system where fibre and coax are 
used in combination. Fibre is used in the distribution network and coax in the access network 
IP : Internet Protocol. Commonly used protocol for long and short haul communication. Is 
applied on large range of transmission media and for a large range of services 
MPT :S Multi Program Transport Streams 
MSO : Multi-Service Operator 
NPVR : Network PVR. An alternative to PVR functionality in the STB is to do the storage in the 
network and let it be operated in a similar manner to PVR. This model has many benefits, not at 
least cost and security wise 
OC3 : Optical Carrier level 3. 155 Mbit/s Telecom interface. US version of STM-1 
POTV : Plain old TV. Television services being broadcasted in the traditional (uni-directional) way 
PSI : Program Specific Information.  
PVR : Personal Video Recorder 
QoS : Quality of Service 
QPSK : Quadrature Phase Shift Keying. Normal modulation technique for satellite 
SI : Service Information. DVB standardisation for navigation and service support 
SPTS : Single Program Transport Stream 
STB : Set-top box. 
STM-1 : Synchronous Transport Module-1. 155 Mbit/s telecom interface.  
SVOD : Subscription VOD 
TVoIP : Television over IP 
VOD : Video On Demand 
VoIP : Voice over IP 
VSP : Video Service Provider 
xDSL : x Digital Subscriber Line. Common acronyms for various solutions for transmission of 
high-speed data over twisted pair telephone cable 
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