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1 Abstract 

This project looks into the growing area of digital entertainment. Its main point of 
focus is the development of a system that is able to deliver digital television signals 
over computer network technologies in realtime. It is hoped that by developing such a 
system, knowledge will be gained with regards to multimedia information, i.e. an 
understanding with respect to capturing, rendering and processing of such 
information. It is also hoped that the project will enable a thorough investigation into 
the area of multimedia quality of service (QoS). 
 
The projects targets digital entertainment in the form of DVB-T signals (digital 
terrestrial television and radio). The system follows a client/server model. The server 
side of the system comprises of a DVB-T PCI card inserted within a desktop PC 
running on a LINUX operating platform. Access to the home server is via a 
broadband connection. The client side of the system is simply a remote terminal with 
multimedia playing software installed. 
 
The incoming data rate of a DVB-T signal is approximately 1-4mbps. The uplink 
available from the home server via the broadband connection is found to be 256kbps. 
Thus some form of reduction in the data rate is required by means of either a 
transrater or a transcoder of the signal. 
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3 Introduction 

Network technology has turned raw data into helpful information services that people 
find easy to use, access and assimilate. The multimedia age dawning upon is making a 
call for high-speed transmission and reception of large amounts of video and data 
signals along current network infrastructures, (Yakata 1999).  

3.1 Motivation for the Work 

According to ZDNet U.K. in December 2002 45% of U.K. households were said to 
have an Internet connection. Of those with Internet connection, 1.9 million were said 
to be broadband users. The number of household users with broadband connection 
within Europe was expected to double within that year, with experts in the Jupiter 
MMXI group expecting a threefold increase in countries like Italy and the U.K, 
(news.bbc.co.uk 2001). 
 
As more and more communications companies invest millions upon millions in 
Broadband technology a larger range of services is being made possible to the home 
user. Thus the multimedia applications that were once hindered through limited data 
rates can now, to a greater extent, be realised, as communication developers are able 
to utilise the greater upstream and downstream capacities being made available. With 
this being the case many commercial avenues have begun to appear, namely that of 
television over the Internet, (Optibase 2001).  
 
Digital television has made this commercial idea become more of a reality. For 
example digital terrestrial television provides a ready-made format that can be 
implemented along network technology. However problems arise through the fact that 
the streaming of audio and video produced from such a signal produces data rates that 
exceed typical broadband connection rates experienced by home users. Hence a 
means of reducing the rate must be found.  
 
Two possibilities of achieving this would be by means of either transrating, physically 
changing the output, or transcoding, re encoding the stream into another more data 
rate friendly size. Yet there currently exists no such technology to transrate or 
transcode digital television signals for the intent of sending along broadband 
connections for real time viewing. Such obvious gaps in an affluent technology 
market have led to a belief that to develop such a product could have real commercial 
repercussions. This has largely stemmed from the ‘real world’ applicability of such a 
product, with scenarios being envisaged like household domestic users using the 
system to watch the latest movies by connecting to server systems set up by movie 
distributors. 
 

3.2 Customers and Stakeholders   

Various questions can be asked with regards to whom the proposed system could be 
targeted at. For example who are the potential customers and what is the potential 
market?  
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Figure 3.1 

Fig. 3.1, the project environment diagram, clearly identifies the different groups that 
would likely to be interested in such a system. It also indicates the level of interest 
that each group may take by means of distance from the central core. Specifically the 
diagram illustrates that our project group and the group sponsor contain the highest 
level of interest in the project.  
 
The interest extended to by the sponsor arises from the fact that he is responsible for 
the original problem specification and is also bearing the responsibility of maintaining 
overall control over the project. Moving a single layer outwards the CS department of 
UCL, as well as other universities, and the MPEG software developers are deemed to 
possess the next level of interest. This interest stems from both academic and research 
points of view. The customers and stakeholders in the two central layers are those 
groups that the system will be marketed at first, due to various limitations that will 
later be discussed.  
 

3.3 Problem Specification 

MPEG2 Transrater / MPEG2 - MPEG4 transcoder 
 
MPEG2 video+audio streams vary in rate from 2mbps (typical VoD rate), 4mbps 
(dvb-t rate), to 10mbps (DVD) depending on the quality of the output. It is useful to 
be able to change the rate to fit particular network capacities which are often much 
lower (e.g. 512kbps broadband connection). Since these streams are often arriving 
from live sources, a requirement is for the transrating/transcoding to be done in 
realtime. The obvious approach of decoding followed by re-encoding requires very 
fast hardware to be done in realtime and degrades the quality of the re-encoded 
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stream. This project will examine the possibility of transrating/transcoding the data 
without full decode/re-encode, improving the quality and facilitating execution on 
standard hardware. The project would also involve prototype implementation of the 
transrater/transcoder.  
 

3.4 Description of the Work 

The basic premise of the project and the work undertaken can be explained by a 
simple high-level diagram, fig. 3.2. 

 

Figure 3.2 

Initially an incoming television signal exists, by means of a DVB-T signal. Capturing 
and rendering of the signal can be achieved through the use of a desktop PC coupled 
with a DVB-T PCI card. As the diagram indicates, the data rate of such a signal is 
found to be approximately 1-4 mbps. Remote access of the system is achieved 
through a broadband type connection with an upstream rate of 256kbps. The 
immediate problem that arises is the fact that the data rate of the DVB-T signal 
exceeds that of the data rate of the upstream capacity of the network. As the goal is to 
try and view the signal in real-time the idea of buffering the signal, becomes an 
unrealistic methodology. Thus the project required some form of processing of the 
DVB-T signal.  
 
One such form would be to apply a transrater upon an incoming digital signal at the 
server end. The transrater operates by means of highly intelligent algorithms. These 
algorithms serve the purpose of achieving extreme rate changes through compression 
of video and audio streams that do not entail any encoding or decoding. 
  

DVB-T Signal 

Home Server 
Network

256Kbps 
Upstream 

Remote Terminal 

1-4 Mbps 
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An alternative form of processing would be to apply a transcoder upon the incoming 
digital stream at the home server. This is largely possible due to the fact that incoming 
digital streams have been pre-encoded by the TV operator in the form of the MPEG2 
format. Due to the fact that MPEG in general is a layered codec, movement between 
each of the different standards can easily be achieved through decoding and re-
encoding1. Therefore it could be possible to achieve successful transmission of the 
digital stream through encoding the digital signal to MPEG4.  
 
Given the basic outline of the project, the initial aim is to have gained a thorough 
understanding with regards to the MPEG encoding technology and DVB-T. It is 
hoped that by doing this an optimised process can be developed for the sake of 
efficient communication of video and audio streams.  

                                                 
1 This concept will later be more explored within the background section. 
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4 Research and Related Work 

One of the initial goals of the project, before the scope was specified, was to gain a 
clear understanding of the current research and development being undertaken in the 
areas that relate to the project. By doing this it was deemed that an up-to-date 
knowledge of current technologies would be gained whilst at the same time providing 
a sound method of creating a feasible scope for the project. This would hence derive a 
set of deliverable objectives.  
 
The following section is entirely devoted to the essential technical knowledge 
acquired by the project group during the research phase of the project. The areas 
discussed in the section describe the theory and detail of the technology required and 
used. In the case of this project, some initial objectives were set before the major 
research phase of the project had commenced. Subsequently, after detailed research, a 
suitable level of understanding was attained to deem some of these objectives to be 
unfeasible or unrealistic given the time constraints placed upon the project.  
 

4.1 Digital Video Broadcasting 

Digital Video Broadcast (DVB) is a set of standards agreed on by a consortium of 
broadcasters. These standards specify how MPEG-2 audio and video signals should 
be transmitted via satellite, cable and terrestrial broadcast channels. The technology 
behind digital transmission has led to greater bandwidth levels for broadcast service 
providers to use, when compared to the original analogue systems. As a result the 
extra bandwidth is utilised by service providers to deliver the MPEG2 audio and video 
data as well as additional services such as systems information and programme 
guides. Other services include subtitling, multiple audio tracks, interactive content and 
multimedia content - where, for instance, programmes may be linked to World Wide 
Web material.  
 
The DVB standards specify how such supplementary information should be 
transmitted along the scrambling systems that are used to protect the signal. It is 
viable to suggest that DVB technology is approaching towards an Integrated Services 
Network (ISN). Such a proposal is down to the fact that wide ranges of services are 
being provided along the same network using the same carrier signal. As a result 
receiving equipment of any DVB signal requires and includes the appropriate 
equipment to handle different services and de-multiplex them. The specification of 
this is dictated by the DVB standards so as to provide a unified interface for the end 
user of digital networks.  
 
With the main exception of the United States DVB has been adopted by almost every 
country in the world for the purpose of digital television. Equipment conforming to 
DVB standards is now in use within six continents, thus rapidly becoming the 
worldwide standard for digital TV. 
 
The DVB standards come in several forms: 
 

• DVB-C – DVB/MPEG-2 over cable and physically wired systems. 
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• DVB-S – DVB/MPEG-2 over satellite systems. 
• DVB-T – DVB/MPEG-2 over terrestrial transmitters. 

4.1.1 DVB-T 
The project focuses on DVB-T MPEG-2 transmissions. The DVB-T standard 
specifies the delivery of such transmissions over terrestrial transmitters, which in most 
cases are the same transmitters that are used for previous analogue television and 
radio systems. This has the implication of a pre existing fully functional infrastructure 
at the core in order to facilitate DVB-T MPEG-2 data. As a result DVB-T is the most 
commonly implemented technology and is by far the dominant form of transmission 
for the majority of the television broadcasters in Europe.  

4.1.2 DVB-T Signal Processing 
Fig. 4.1 illustrates the various stages involved in the processing of a DVB-T signal via 
DVB receiver, such as a DVB PCI card. The initial stage is reception of the signal via 
a DVB receiver. This is them demultimplexed and piped to a decoder component. The 
decoder receives the demulrtiplexed signal and then beings to perform decoding. The 
decoder componenet itself could be either in a hardware of software format, however 
it is likely to be a hardware compenent for the sake of efficiency and speed.  
 
Once the signal has been decoded it is then sent to the encoding component for the 
sake or re-encoding to an MPEG-2 format. Once again this compenent can take either 
a software or hardware format. The encoded signal is then multiplexed and 
transmitted along the network for real time reproduction at the client end. Once the 
client end recevies the data it then reproduces an auible and visual representation of 
the data using media player software. 
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Figure 4.1 

4.1.3 DVB PCI card 
The parts that make up the DVB PCI card (and most DVB receiving devices such as 
set-top boxes) can be split into several functional components. In practice there are 
usually 3 Integrated Circuits in a DVB device but it is easier to split the device into 
several logical components: 

Tune
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DVB 
Receiver MPEG2 

Decoder 

DEMUX 

Stdin 
MPEG2 
Encoder 

MUX 

Network

MPLAYER 

 

= Raw video 

= Compressed video 

= Raw audio 

= Compressed audio 
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Figure 4.2 

Fig. 4.2 illustrates these components that make up a DVB PCI card. The following 
describes the functions of each of these components. 
 

• Antenna: The antenna is the physical piece of equipment that receives the raw 
signal. If the signal is broadcast via satellite i.e. DVB-S the antenna is the 
LNB of the satellite dish. In the case of DVB-T, the antenna is an Arial. 

• Frontend: Here the raw signal reaches the DVB hardware from a satellite dish 
or antenna or directly from cable. The frontend down-converts and 
demodulates this signal into an MPEG transport stream (TS).  

• Conditional Access (CA): This device is responsible for decoding the channels 
and information for which the user has access to (usually controlled by a smart 
card) 

• Demultiplexer (Demux): This device splits the TS into the elementary 
components that make up the channel i.e. the TS is split up into its constituent 
PES’s. Once this is done it is sent to the relevant decoder.  

• Audio MPEG-2 decoder: decodes the audio PES 
• Video MPEG-2 decoder: decodes the video PES 
• Other MPEG-2 decoder: decodes the other PES’s from the relevant elementary 

stream. The output from these decoders is passed to the screen (but usually to 
a PAL/NTSE encoder before). 

 
The DVB API for Linux includes pre defined libraries that allow for the control and 
modification for each of the above specified components.   

4.1.4 DVB Summary 
Due to its popularity, the difficulty in acquiring and installing DVB-T compliant 
hardware is minimised. Because of this, selection of such a standard for the purposes 
of the project proves to be a reasonable one. In analysing the DVB specification it 
becomes apparent that MPEG-2 plays a significant role as a key enabler of the 
technology. Hence a thorough understanding of the MPEG standard is required. Also, 
given the knowledge that has been acquired with regards to processing of the DVB-T 
signal, it becomes apparent that the encoding phase is a fundamental. Hence this may 
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be an area of study the project could focus on in order to attain the final goal set in the 
problem specification. Finally, during analysis of the DVB PCI card it has become 
evident that running of the system over a Linux based OS will afford the project the 
greatest level of DVB manipulation and control, due to the fact that the main 
components can be modified. 
 

4.2 MPEG 

The Moving Pictures Expert Group (MPEG) define a family of standards for coded 
representation of moving pictures, audio and the combination of the audio and moving 
pictures (video). These standards dictate the way in which the elementary parts of 
complete data should be packetised and multiplexed. Also, the standards specify the 
way in which the multiplexed data should be constructed within a stream. 
 
MPEG standards do not prescribe how individual encoders and decoders of different 
media should be implemented. This is left up to the manufacturers of MPEG 
encoders/decoders working from reference information. Thus it can be argued that 
there is a great deal of flexibility, as manufacturers are able to decide upon the 
functionality of their own encoder/decoder. For example manufacturers can decide 
upon whether they wish to include support for electronic programme guides or 
interpret optional MPEG data, i.e. support a wide range of audio formats. Even a 
stream of encoded MPEG-2 video may be handled at various levels of sophistication 
dependant on manufacturer discretion.  
 
In essence MPEG defines the standard interface for which the input and output of an 
MPEG device should be. This leads to the complete interoperability between MPEG 
devices which have been implemented by different bodies. Thus MPEG standards 
have been considered the major standard for video manipulation and audio 
manipulation the world over.  

4.2.1 MPEG Types 
The MPEG-1 standard, is designed to produce reasonable quality video and sound at 
low bit rates. MPEG-1 is intended to fit the bandwidth of CD-ROM and Video-CD2 
MPEG-1 usually comes in Standard Interchange Format (SIF), which is 352x240 
pixels NTSC at 1.5 Mbps, a quality level about on par with VHS. MPEG-1 can be 
encoded at bit rates as high as 4-5Mbits/sec, but the strength of MPEG-1 is its high 
compression ratio with relatively high quality. MPEG-1 is also used to transmit video 
over digital telephone networks such as ADSL Video on Demand (VOD), Video 
Kiosks, and MPEG-1 is also used as an archival medium, or in an audio-only form to 
transmit audio over the internet.  
 
MPEG-2 is designed to produce higher quality video at higher bit rates. The main 
advantage that MPEG-2 has over its predecessor is that in its specified range of bit 
rates (between 3-10Mbps) it can support the standard video resolution used by most of 
the world’s television broadcasters. For example, NTSC uses the CCIR-601 format 
which has a resolution of 720x486 pixels. Common Intermediate Format (CIF) which 
at 352x288 and 30 frames per sec can comfortably be dealt with by MPEG-2. Other 

                                                 
2 Video CD is lower in resolution than DVD 
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standard video data formats used by PAL such as CCIR-601 above can all be 
delivered using MPEG-2. Thus MPEG-2 provides broadcasters with the capability of 
providing high definition television as well as other services. As a result the primary 
users of MPEG-2 are broadcast and cable companies who demand broadcast quality 
digital video and utilize satellite transponders and cable networks for delivery of cable 
television and direct broadcast satellite. A large part of MPEG-2’s use has been seen 
with the encoding (and decoding) of DVD. As such a large market has developed in 
the DVD area and the fact that MPEG-2 remains fully backwards compatible with 
MPEG-1 implementations, MPEG-2 has been propelled as the most recognised and 
used of the MPEG family.  
 
MPEG-3 was designed for High-definition television transmission but as it later 
transpired that MPEG-2 would be more than adequate for the needs proposed by 
High-definition service providers, MPEG-3 was abandoned.  
 
MPEG-4 was initially specified for very low bit rates. It can support video resolution 
of 176x144 at bit rates of as low as 4,800 and 64,000 bps. It has since been re-
specified to have bit rates up to 4Mbps and hence support much higher resolutions but 
regardless of this, the main use of MPEG-4 has been for use in broadcast, interactive 
and conversational environments over networks with limited bandwidth or that are 
very noisy (i.e. have high BER). MPEG-4 is a much more complex standard and uses 
sophisticated techniques so as to be able to achieve a high level of compression.  
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4.2.2 MPEG Layers 
MPEG is a layered codec system. This can be illustrated by using one aspect of 
MPEG, that of MPEG video. A MPEG video sequence is partitioned into a hierarchy 
of layers. The lowest layer carries the actual values that encode each pixel and each 
layer above this carries progressively more information until the top layer is reached, 
where the entire information for the video sequence is contained.  
 
Fig. 4.3 illustrates the hierarchical layered scheme of MPEG video. 
 

 

Figure 4.3 

The bottom most level called the block layer carries the sequence of raw values that 
encode each pixel of a macroblock (a macroblock being an 8x8 block of pixels). The 
layer above called the macroblock layer carries the sequence of macroblocks that 
make up a slice. A slice is horizontal row of macroblocks that are the width of the 
picture. This layer has a header which identifies which slice the macroblocks that 
follow the header, correspond to in the picture. The layer above is called the picture 
layer and this layer carries the sequence of slices that make up a complete frame or 
picture. Again this layer has a header which identifies which picture the slices that 
follow the header, correspond to. The layer above is called the Group of Pictures 
(GOP layer. This layer carries the sequence of pictures that make up a GOP. Again 
this layer has a header which identifies which GOP the pictures that follow the header, 
correspond to. A GOP is structured set of contiguous frames that start and finish with 
a completely encoded frame (I-frame). The GOP structure is designed to support 
random access and indexing. The layer above is called the sequence layer and this 
layer is the top layer in the hierarchy. This layer carries the sequence of GOPs that 
make up a complete video sequence. Again this layer has a header which specifies 
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information for the entire video sequence such as frame size, frame rate, bit rate, and 
quantization matrix. 

4.2.3 The MPEG-2 standard 
As described, MPEG-2 is the standard used by DVB to deliver television and radio 
data across networks. In order to gain a better picture of how DVB functions and in 
particular the functions at the end-points, it is worth considering the workings of 
MPEG-2. 
 
As previously mentioned, the MPEG-2 standards define how to format the various 
component parts of a multimedia programmes3 (which may consist of: MPEG-2 
compressed video, compressed audio, control data and user data). It also defines how 
these components are combined into a single synchronous transmission bit stream. 
The process of combining the steams is known as multiplexing. From this it is known 
that the signal received by the DVB PCI card in the home server is a bit stream which 
consists of several different media, multiplexed into one stream.  
 
The multiplexed bit stream is constructed by multiplexing 2 or more ‘Elementary 
Streams’ (ES). For example a programme consisting of video, audio and subtitles is 
made up from the Video ES, the Audio ES and the subtitles ES. In actual fact, a DVB 
multiplexed stream (or simply just a multiplex) may contain ES which comprise of 
many channels, for example in a DVB-T multiplex, 6 channels may be carried in one 
multiplex. Specifically this multiplex could be the ES which carries the data for the 
video, audio, subtitles and programme information for each of the channels.  
 
Fig. 4.4 specifies the main model of an MEPG-2 system: 

                                                 
3 In this case a multimedia programme could mean a television programme or a DVD track which typically consists 
of video, one or more audio and one or more control data and subtitles. For arguments sack we will say a programme 
consists of video, audio and subtitles. 
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Figure 4.4 

It clearly illustrates the extent to which the MPEG-2 system specification extends. 
The encoder is open to any implementation that is required as long as the output is 
presented to the packetizer in the way defined by the standard. This diagram also 
helps illustrate the processes involved in obtaining either a Program Stream (PS) or a 
Transport Stream (TS).  
 
Another aspect fig. 4.4 illustrates is the process involved when there are 2 media 
inputs (video and audio). Initially, they are fed into their respective MPEG-2 
encoders. The output received is an ES i.e. a video ES from the video encoder and an 
audio ES from the audio encoder. These ES are then packetised into standard sized 
packets ready for multiplexing. The final output created from the packetizer can be 
defined as the Packetised Elementary Streams (PES). A point of note is that two 
separate multiplexers exist to create two different types of output i.e. two different 
types of multiplexed stream.4  
 
The PS multiplexer multiplexes PES using TDM so as to have some common time 
base to relate to all the packets in the stream. These streams are used for situations 
where there is a relatively low BER such as within the kernel of an operating system. 
 

                                                 
4 Note that although the output is actually arranged into a sequence of packets, we still think of the output as a 
stream of data, or more to the point a stream of packets. 
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The TS multiplexer does not produce an output stream with a common time base 
relating all the packets. Instead it produces a stream which may have one or more 
independent time bases and it is only those packets within the stream which have the 
same time base that are the packets that correspond to a particular programme or 
channel. A more dynamic form of multiplexing is used in TS multiplexers. The 
transport stream is used when there is a higher BER. As a result, a large amount of 
FER is placed in the transport stream so this makes it particularly useful for the 
purposes of transmission over a network that cannot tolerate a retransmission policy 
or a network with a relatively high BER. It is for this reason that MPEG-2 TS is used 
for transmission in DVB. 

4.2.4 MPEG-2 TS 
As previously specified, the TS consists of a sequence of PES packets that have been 
multiplexed in together to create the stream. MPEG-2 specifies the format of this 
stream so related pieces of hardware such as the DVB PCI card can know what to do 
when a signal is received. The TS consists of a sequence of fixed size transport 
packets, 188 B (Bytes). Each packet comprises 184 B of payload and a 4 B header. 
One of the items in this 4 B header is the 13 bit Packet Identifier (PID) which plays a 
key role in the operation of the Transport Stream. It also plays a role in how the DVB 
PCI card can identify each transport packet. The PID not only identifies packets from 
a particular channel but it also identifies packets from separate ES from within that 
channel, so, for instance the packets which are carrying data for the channel BBC 
ONE in the BBC multiplex of 3 channels can be identified, as too can the packets 
which are, for example, carrying the subtitles for BBC THREE. 

 

Figure 4.5 

Fig. 4.5 shows an example of a transport stream that is carrying two different PES. 
One is video and the other is audio. The video packets are identified with a PID value 
of 51 and the audio packets are identified by a PID value of 64. 
 
In DVB, all the programmes that are to be broadcast (along with their associated 
supplementary information such as subtitles and programme guides) are grouped into 
what is called a multiplex. Each one of these multiplexes is modulated onto a different 
frequency, so that once the receiver is tuned into that frequency it is effectively turned 
into all the channels that are carried by that particular multiplex. For example, on 
DVB-T, one of the BBC multiplexes carries 4 channels. The name of this stream is 
called the Multiplex Transport stream (MPTS). A MPTS on DVB-T is 24 Mbps. 
 
Table 4.6 shows a sample breakdown of the various MPEG-2 streams being used to 
provide a terrestrial 24 Mbps TV multiplex of television channels: 
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 Stream  bit rate (kbps) 
 TV Video * 5000 
 Stereo Audio  270 
 Subtitles  50 
Conditional 
Access  600 

 Total 
Programme  5920 

Table 4.6 

 
Table 4.7 gives an indication of the typical overhead that is present per multiplex 
 

Stream bit rate (kbps) 
 SI 300 
 PSI 546 
 Digital Teletext 754 
 Total per Mux 1600 

Table 4.7 

So if each channel produces a bit rate of 5920 you can ‘fit’ approximately 4 channels 
of television (including the per-multiplex overhead) into 24 Mbps bandwidth. It is 
worth noting here, that some channels are broadcast at a much higher data rate, e.g. 
BBC ONE is 15Mbps. As a result the numbers of channels that can be put onto the 
multiplex are reduced. 
 
It is clear that a situation can arise where there are transport packets from many 
different types of media arriving, all being carried by the same signal. For a user to 
receive a particular transport stream, the user must first determine the PID being used, 
and then filter packets which have a matching PID value. To help the user identify 
which PID corresponds to which programme, a special set of streams, known as 
‘Signalling Tables’, are transmitted with a description of each program carried within 
the MPEG-2 TS. Signalling tables are sent separately to PES, and are not 
synchronised with the elementary streams, i.e. they are independent in respect to any 
particular time base and are used by the end- system to aid in the filtering of relevant 
packets.  
 
Up till now a picture of the MPEG-2 transport stream has been drawn which depicts a 
sequence of 188B packets being sent over some network with the possibility that 
some the data may become corrupted. In fact the MPEG-2 transport stream is given 
this title in order to signify the fact that it is actually acting as some form of transport 
protocol for MPEG-2 data. The MPEG-2 TS is specified to be the input into the OSI 
transport layer (from the OSI reference stack). This is somewhat misleading however, 
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as MPEG-2 TS is not actually a protocol but in fact uses the functionality of the layer 
below and in the transport layer to provide a reliable delivery of the data and to 
identify the transport packets (and to also identify when a packet has been corrupted 
or delivered erroneously). During the specification of the MPEG-2 TS, particular 
attention was placed on the underlying technologies that are likely to be carrying the 
transport packets (particularly ATM and other WAN technologies which carry the 
bulk of the internet traffic) and this is one of the reasons that a size of 188B was 
chosen as a transport packet can exactly be encapsulated by 8 ATM cells. 

4.2.5 MPEG-2 Codecs 
MPEG-2 encoders/decoders (codecs) can be found either as a piece of software or 
embedded in some hardware. As described at the beginning of this section, the MPEG 
standard gives the manufacturer a great deal of flexibility when having to implement 
an encoder or decoder. It is argued that the encoder is the key item for any MPEG 
system. There are many options and parameters that can be changed to alter the way 
in which raw video and audio is encoded. Today many sophisticated encoding 
techniques exist which use sophisticated algorithms to encode the data. The amount of 
complexity added to the encoder is dictated by the application that intends to use the 
MPEG functionality. For instance realtime encoding of a raw digital signal from a 
video camera would be better suited to a relatively non-complex encoder preferable 
coded in hardware as to facilitate for quick encoding. For non-realtime applications 
such as archiving digital video data a more complex encoder can be used which may 
well be coded in software. Table 4.8 below shows coded MPE-2 bit rates according to 
specific applications.  
 
Application Approx. Resolution Approx. Coded Bit Rate 

Home entertainment video 352 x 240, 30 Hz 1.5 Mbps 

Digital television 720 x 486, 30 Hz 5 – 10 Mbps 

Extended definition 
television 1920 x 1080, 30 Hz 30 – 40 Mbps 

 

Table 4.8 

MPEG-2 is most commonly used for entertainment and therefore the MPEG2 
encoders are developed in such a way that the bit rate of an outcome is at least 1.5 
Mbps according to the table 4.1. Bit rate less than 1.5 Mbps will be unacceptable for 
entertainment applications. Applications where quality does not matter too much (e.g. 
video conferencing) will normally use MPEG4 for small bit rate.  

4.2.6 Video Buffering Verifier  
As described previously, MPEG-2 is divided into a hierarchy of layers. In the case of 
video the MPEG-2 standard defines an idealised decoder model called the video 
buffering verifier model (VBV). The purpose of this is for a very practical reason; if 
an encoder and a decoder are implemented and installed completely independently of 
each other (for example the encoder may be on a different machine to the decoder as 
is the case with the transmission of a digital television signal) then the performance 

Source: Digital Video Communications by Martyn J. Riley, Ianin E.G. Richardson 
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and rate at which these components perform their relative tasks of encoding and 
decoding may be different. In order to account for the different processing rates of the 
encoder and decoder, quantifiable limits must be placed on the rate at which data is 
encoded. If no limits are in place then the decoder may receive encoded data from the 
encoder at a rate that the decoder cannot deal with. The VBV places quantifiable 
limits on the variability in the coding rate such that the encoded bit stream can be 
decoded with reasonable buffering requirements.  

 

Figure 4.9 

Fig. 4.9 illustrates the VBV. It denotes that the output of the encoder goes into a 
buffer. The size of this buffer is the critical choice in the VBV model. It has to be 
large enough to buffer enough data to limit the amount of data sent to the decoder to 
the rate that it can handle.  

4.2.7 MPEG Summary 
Through investigation of MPEG it is quite clear that the scope of the project will 
include 2 standards, MPEG-2 and MPEG-4. MEPG-2 is the standard of choice that 
has been made by the world’s digital television broadcasters. Due to this, MPEG-2 
becomes of key importance and relevance for the realisation of the project. On the 
other hand MPEG-4, though not implemented for the purposes of digital terrestrial 
television, has indicated that such a standard can be used for the broadcasting of 
media over networks with limited bandwidths, through re-encoding. 
 
It has also been realised that the signal received by DVB receivers are in the form of 
that of a MPEG-2 TS. This now begs the question as to what DVB receivers do with 
the signal once it has been collected. Another aspect that has been understood is that 
of PIDs and what purpose and role they serve, i.e. the deciphering of media types 
within packets. 
 

4.3 Encoding Audio 

Audio compression is largely based on the principle of extracting out those parts of 
sound that are perceived as being imperceptible to the human ear. This noise is aptly 
given the term of ‘background noise’. Thus by covering up loud passages of this 
background noise with either the music or speech that is contained on the audio file it 
becomes possible to reduce the overall resolution without an audible loss in quality. 
So depending on the degree to which reduction in resolution is deemed as acceptable, 
audio encoding can lead to reductions in data size and better rates of compression 
through ‘perceptual coding’ techniques. 
 

Encoded 
bitstream 

High bandwidth 
connection 

Decoder 
Buffer 

Decoder Display 
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The MPEG standard provides three audio compression methods; Layer 1, Layer 2 and 
Layer 3. Each layer is deemed to have a relationship and thus compatibility with the 
layer directly below it. However, as with MPEG video, the specifications set by the 
MPEG standard provide enough flexibility for encoding methods so that varying 
algorithms can be produced that result in varying levels of quality. 
 
Each layer encoder of the MPEG standard follows a basic perceptual codec model. 
This model is illustrated in fig. 4.10. 

 

Figure 4.10 

The components of the model work as follows. The filter bank divides incoming 
digital audio into different spectral components. This is then fed into the ‘estimation 
of masked threshold’ section which is where the human ear is modelled into a system. 
The importance of this component falls under the fact that it determines the masking 
curve under which the noise must be below. The quantization and coding component 
then reduces the bit rate of the audio to a low rate determined by both the target bit 
rate and that set by the masking curve. These quantized values are then multiplexed 
and joined within the bitstream component. 
 
Layer 1 is considered as the simplest version, resulting in the least processing for 
encoding and thus the smallest encoding delay. Intended for direct recording it results 
in the lowest compression rate with the standard calling for a bit rate of 192Kbits per 
second within each channel. Based on the same principle as Layer 1, Layer 2 uses a 
more refined processing scheme for coding. It is a compromise between sound quality 
and complexity of encoding algorithm. As discussed it is a widespread standard that is 
used within DVB-T signals and for DVD.  The specification itself calls for a channel 
rate of 128Kbits per second. Layer 3 is deemed the more complex and thus more 
powerful of the MPEG encoding schemes. Resulting in bit rates as low as 64Kbits per 
second within each channel, the coding scheme is generally intended to achieve 
maximum sound quality at minimal bit rates. 

4.3.1 MPEG Layer 3 
Table 4.11 illustrates some of the bit rates that are achievable using the MPEG Layer 
3 encoding scheme. 
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sound quality bandwidth mode bitrate reduction ratio 

telephone sound 2.5 kHz mono 8 kbps 96:1 

better than short wave 4.5 kHz mono 16 kbps 48:1 

better than AM radio 7.5 kHz mono 32 kbps 24:1 

similar to FM radio 11 kHz stereo 56...64 kbps 26...24:1 

near-CD 15 kHz stereo 96 kbps 16:1 

CD >15 kHz stereo 112..128kbps 14..12:1 

Table 4.11 

The main reason it is able to achieve such low bit rates is largely down to the added 
complexity included within the encoder model, when compared to that of the model 
illustrated previously in fig 4.10. Figure 4.12 illustrates some of that added 
complexity by means of a block diagram 

 

Figure 4.12 

The inclusion of a Modified Discrete Cosine Transform processing component allows 
for further sub division of the incoming audio signal. Thus the Layer 3 model is able 
to offer a better level of frequency resolution in comparison to the previous Layer at 
the cost of a longer encoding delay. The ‘lossless Huffman coding’ component allows 
for a variable length coding method. Hence greater capacity and redundancy 
reductions occur leading to superior efficiency. 
 

4.4 Encoding Video 

A two hour movie encoded in PAL CCIR-601 4:2:2 format requires about 150 
gigabytes to store. There is obviously a case for compressing video so less storage 
space is required. For the purposes of broadcasting video in realtime, compression 
must be used to ‘fit’ the video data into the bandwidth available. MPEG-2 achieves its 
high levels of compression by taking advantage of redundancy in formats, such as 
CCIR-601. The redundancy exists in a video sequence in two forms: spatial 
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redundancy and temporal redundancy. Spatial redundancy refers to redundancy that 
exists within a single frame. Temporal redundancy refers to redundancy that exists 
between consecutive frames in a sequence of video.  

4.4.1 Spatial Redundancy 

4.4.1.1 Discrete Cosine Transformation 
Block transform is the basic mechanism by which spatial redundancy is removed. 
Discrete Cosine Transformation (DCT) is the form of block transform that is used by 
MPEG-1, MPEG-2 and MPEG-4. In DCT the frame is divided into blocks of size 8x8 
i.e. a block of 64 pixels. The values for these pixels are fed into a mathematical 
equation to create transform coefficients (TC’s). Eventually all the values are 
transformed into coefficients ready for the next stage of processing.  
 

4.4.1.2 Quantization 
This is the where lossy compression of an image in a frame is carried out. Also it is 
the device that achieves still image compression through the exploitation of spatial 
redundancy in images. The quantization step of MPEG-2 coding can be considered as 
a good candidate for a modification in order to achieve further compression, which 
will lead to the production of video with a lower bit rate. Quantization reduces the 
number of bits needed to store an integer value by reducing the precision of the 
integer. For every element in the DCT matrix (from Discrete Cosine Transformation) 
it is quantized by corresponding quantum step size in the quantization matrix. The 
quantization is as follows: 

 

From the formula, it is noticeable that the smaller the DCT coefficients of high-
frequency elements divided by the larger quantum value in the quantization matrix 
will make the quantized value being rounded to zero. Therefore setting quantum step 
sizes larger for corresponding DCT coefficients of higher-frequency elements (i.e. 
less significant part of an image) will result in higher compression. This is because the 
resulting quantized values will have trailing zeros when the value is read during 
zigzag scanning due to high concentration of zeros around that high-frequency zone. 
These trailing zeros gives more compression because zero coefficients can be 
efficiently encoded using run-length encoding (i.e., instead of transmitting the zero 
values themselves, simply transmit a number representing the length of the current 
“run” of zeros) (Richardson & Riley 1997). Therefore in theory the larger the 
quantum step size, the more compression due to loss of precision of DCT coefficients 
and many zero coefficient values around the area with high spatial frequency contents. 
It is possible to modify the code where quantization is done in order to give higher 
compression. It is therefore feasible to write a piece of code to construct a 
quantization matrix consisting of higher quantum step sizes than the default 
quantization matrix used in the original code. However it is important to bear in mind 
that the higher quantum step sizes produce a courser image and the smaller step sizes 

Quantized Value(i,j) =  DCT(i,j) 

Quantization Matrix(i,j) 

Rounded to the nearest integer 
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produce a finer image. Therefore there is a trade off between the quality of the video 
and the bit rate. Since the video being encoded is a TV broadcast the user expects a 
reasonable degree of quality within the video images, so the choice of the quantization 
matrix should be done carefully.  
 
A good systematic way of determining the value of the quantum step sizes. The user 
inputs a single so called “quality factor” which is an integer value ranging from 1 to 
25. Quality factor 1 representing the best quality and 25 representing the worst 
quality. The quality factor higher than 25 would degrade the picture quality so bad, 
that it would be unacceptable for viewing TV broadcasts. The quality level sets the 
difference between adjoining bands of the same quantization level. These bands re 
oriented on diagonal lines across the matrix, so quantization levels of the same value 
are all roughly the same distance from the origin [HTTP]. The formula for calculating 
the quantization matrix is as follows     

 

Therefore it is necessary to modify the encoder so that it provides an option of using 
user defined quantization matrix rather than default matrix to the user before the 
encoder encodes video frames.  
 
Once all the TC’s have been quantised it is left with a sequence of discrete values that 
represent the frame. These values have to be coded by scanning through the 8x8 block 
of quantised coefficients. By the very nature of the quantisation process, many of the 
TC corresponding to high spatial frequencies are quantised to 0 because of the 
increasing coarseness off the quantisation matrix. A zig-zag scan is an effective way 
to scan the quantised coefficients as it reads in the most ‘significant’ values first and 
(depending on the parameters used for the scan) does not code the 0’s. If a very coarse 
level of quantisation was performed on the coefficients then there would be more 0’s 
produced as a result. This would mean it would be more effective to use a zig-zag 
scan.  

 

Figure 4.13 

Fig. 4.13 illustrates how a zig-zag scan codes the quantised transform coefficients (the 
8x8 block) to a one-dimensional sequence of values.  
 
The level of quantisation is chosen by the quantisation matrix scale, Q, which is a 
weighting applied to the integers that make up the matrix. This is yet another 
parameter that can be chosen in the encoding of video.  

Quantization Matrix (i,j) =  1 + ( 1 + i + j ) x quality factor 
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4.4.2 Temporal Redundancy 
Spatial redundancy removed redundant information that lies within one frame. Hence, 
if spatial redundancy is performed on every frame in a sequence of frames, then some 
degree of redundancy has been removed from video. However, there exists 
redundancy between the frames themselves (temporal redundancy). If this redundant 
data can be removed, then the system attains a higher level of compression of the data.  
Motion compensation (MC) is a very simple technique for exploiting temporal 
redundancy. An intracoded frame (I-frame) is a frame that has been completely 
encoded without any form of temporal redundancy removal. MC is a technique which 
uses the concept of motion of objects between frames to form a prediction as to the 
next frame. The encoder performs motion estimation to determine the emotion that 
exists between a reference frame and the current frame. The reference frame can 
occur temporally before the current frame (forward prediction) or after the current 
frame (backward prediction). Bi-directional prediction uses both the frame before and 
after make a prediction.  

4.4.2.1 Motion Compensation 
 
In the book, Digital Video Communications by Martyn J. Riley, Iain E.G. Richardson, 
it illustrates number of low bit rate video coding methods. It states that if the encoder 
does motion compensation with full-pixel prediction it can achieve a lower bit rate 
compression by changing it to half-pixel prediction. If the motion vector points to 
half-pixel values, these are produced by interpolation between neighbouing pixel 
values. This can give improved motion estimation and hence a lower prediction error 
(Richardson & Riley 1997). However this modification is not necessary since this 
method is normally used for users with dial-up modems with a data rate of 28.8 Kbps 
and our project is really targeted for the broadband users. Also changing motion 
compensation with full-pixel prediction to half-pixel prediction is not a straight 
forward procedure with a such complex source code structure for encoders out there at 
the moment. Therefore, this option can be deemed as a fallback one, when failure of 
getting a reasonable data rate for the video is occuring despite all the necessary and 
straightforward modification that have been made to the code.  
 

 

Figure 4.14 
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Fig. 4.14 illustrates how the whole motion compensation process works. 
 
Analysing the techniques that are used to exploit spatial and temporal redundancy has 
helped in understanding how MPEG-2 encoding and decoding is done.  

4.4.2.2 Motion Estimation 
Motion estimation is an integral part of motion compensation since it caluculates 
motion vectors for each block of the current frame. Motion vectors are very important 
when the motion compensation is done. There are two possible ways to achieve better 
compression  
 

• Using unrestricted motion vectors: Part of the macroblock indicated by a 
motion vector may be outside the picture. The pixel values outside the 
boundary are constructed by interpolating from the edge pixels, which can 
reduce the prediction error if movement occurs across the edges of the picture 
(Richardson & Riley 1997). 

 
• Advanced prediction mode: Four motion vectors, each for one 8 x 8 luminance 

block within a macroblock, are used instead of one motion vector for the 
macroblock. The four vectors require more bits than a single vectore. The 
prediction erro is compared with the error for the equivalent singlevector and 
if the error is significantly less, then the four motion vectors are used 
(Richardson & Riley 1997). 

 
These methods are not straighforward to implement/modify and it is not really 
necessary as there are alternative more straightforward methods that can be pursued 
leading to a great deal of compression. Thus again this method can be considered as a 
fallback when all other methods fail. 
  
Fig. 4.15 illustrates the complete video encoder. The encoder contains an embedded 
decoder; therefore all encoders that employ techniques for special and temporal 
redundancy must contain a decoder. In practise this mean most encoders are in fact a. 
encoder and decoder (a codec) and are embedded in one piece of hardware. It is worth 
noting that this diagram is a greatly simplified version of an actual encoder. An actual 
MPEG-2 encoder has a few more components which increase the complexity of the 
encoder. There is usually a component called a coding control component. This 
component is control device which controls the DCT and Quantization components of 
the encoder as well as controlling the inverse DCT and inverse Quantization. The 
coding control sends control information to the relevant components informing it of 
type of encode that has to be performed is a inter coding or intra coding, the former 
indicating that the entire frame is encoded and the later indicating that only the 
difference between the frames is to be encoded.  
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Figure 4.15 

This coding control device takes as input the picture type which is determined from 
the header of the GOP layer sequence and also the current frame that is to be input 
into the encoder. Another element of the encoder that is abstracted from this diagram 
is the output buffer. The output of the quantizer is sent to a buffer. This buffer is the 
buffer specified by the VBV model. It stores the output and sends it to the decoder at 
a rate that the decoder can handle, assuming the processing power of the decoder is 
less than that of the encoder (in most cases this is not true as encoding is 
computationally more expensive than decoding)  

4.4.3 Entropy Encoding 
Entropy encoding is the process of efficiently representing the encoded data in a 
sequence of bits. It is independent to the other processes of MPEG-2 encoding but it is 
a process that requires the most efficient of techniques in order to represent the 
information using the least possible amount of bits. 
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Arithmetic coding can be used rather than Huffman coding. The details of how 
arithmetic coding works are not needed since it is assumed that the reader will already 
have good knowledge of Arithmetic coding and Huffman coding. Using Arithmetic 
coding can be useful for reducing the bit rate of the video since Arithmetic coding 
usually gives more compression than Huffman coding. However the only drawback of 
this coding method is that it too slow. Therefore this is an inappropriate method due to 
the real time nature of the intended system. Again this method is only reserved for 
extreme situations where a reasonable bit rate for the encoded video output is not 
being achieved. 

4.4.4 Picture Parameters 
It has been deemed that it is not possible to create a greater compression that gives 
data rate of 256 Kbps by just modifying the MPEG-2 encoder parts. This is because 
the method and the nature of MPEG-2 compression limits how much can actually be 
compressed. Normally, in this case for further compression, people tend to use 
MPEG-4 coding since it gives greater compression than MPEG-2 and gives resonable 
quality video with respect to data rate. Alternatively the following can be applied 
upon MPEG-2 video data during encoding. 
 

• Frame Rate: Cutting down the number of frames coming in to the encoder will 
result in encoding less image frames. Less image frames encoded means less 
information is encoded so the resulting encoded images will be smaller giving 
smaller bit rate of the outcome video. Determining the number of frames to be 
encoded can be controled before enterance into an encoder or in the encoder 
itself prior to the processing of frames. Cutting down the number of frames to 
be encoded will also speed up the encoding process since there are less frames 
to encode.  

 
• Picture Resolution: Reducing picture resolution means reducing each frame 

size that to be encoded. Smaller frame size means less “surface area” to 
encode which also means there will be less number of blocks to be encoded 
within a frame. This results in encoding less information therefore reducing 
the outcome video data rate. This also reduces the time the encoder takes to 
encode the video, thus useful for the realtime applications. This picture 
resolution should be determined before the encoder starts encoding picture 
frames of video data. It is also important to make sure that the picture 
resolution is not so small that people cannot enjoy the video (in this case the 
digital TV) due to an unreasonable resolution. 

4.4.5 Encoding Video Summary 
The above section describes thoroughly the process of compressing a sequence of 
sequence of video. As mentioned at the start of the section, there is a clear need for 
the compression of raw video. A video the two hour movie encoded in PAL CCIR-
601 4:2:2 format requires about 150 gigabytes to store. If this movie is to be encoded 
into MPEG-2 it would only require approximately 1.8 gigabytes to store (assuming 
the encoded data has a data rate of 2Mbps which is within the capabilities of MPEG-
2). This is over 75 times less storage space than if the film was encoded in its raw 
video format.  
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The need for compression of video is necessary for the efficient use of computer 
storage resources such as hard drive memory but there is also a very important reason 
for compression of data. As Internet connections have been increasing in bandwidth 
(largely due to the introduction of broadband capabilities by the major 
telecommunications companies) many people have access to the internet at speeds 
several factors faster than they may have previously had. New and more efficient 
compression algorithms have been developed which make the compression ration of 
modern compression algorithms much greater. The gap between the available 
bandwidth for a connection to the internet of the average home user, compared to the 
bandwidth of compressed multimedia data using the modern compression algorithms, 
has significantly decreased. In fact it has reached a stage where the streaming of this 
compressed multimedia information can be streamed to a user through their 
broadband connection. However, this stream of multimedia data is not usually 
realtime. The goal of providing realtime multimedia data via the bandwidth available 
from broadband is a very current area of research where the emphasis is on providing 
a more efficient video compression technique. The above section highlights the key 
aspects of video compression and has provided the group with the theoretical 
knowledge to begin work in the field of providing such a service over a limited 
bandwidth network connection such as broadband.  
 

4.5 Related Work 

4.5.1 Existing Projects 
An initial search for anything relating to the project area shows that some research has 
been done in this area but the exact nature of this is not quite the same as the project. 
For example, there are several projects that are running which focus on trying to 
stream digital television over some kind of network. Some of these projects are highly 
advanced and have resulted in the implementation of servers that stream kinds of 
digital television signals. On closer inspection of other projects it seems that no 
manipulation of the intrinsic working of MPEG-2 has been performed. In other words, 
highly efficient MPEG-2 codecs have been released but each successive release seems 
to be an evolution of the previous as opposed to a revolution of the previous design. 
So it seems that there has been little work in the area of applying a genuine MPEG-2 
transrater in a system for providing digital television over a network. However, 
another question still remains unanswered, have there been any attempts to try and 
create an MPEG-2 to MPEG-4 transcoder? It appears that even though there are clear 
inefficiencies emanating from transcoders that blindly perform a full decode in 
MPEG-2 followed by a full encode in MPEG-4, there has been little to no work done 
in finding a more efficient solution. In fact one participant of a forum on the subject of 
MPEG said that an MPEG-2 to MPEG-4 transrater could not be done in any other 
way bar a full MPEG-2 decode followed by a full MPEG-4 encode.  

4.5.2 Digital TV over IP 
The area of IP over digital TV is a mature active area of development, so much so that 
the specification of DVB bears in mind IP technology to the extent that the broadcast 
technology can carry IP datagrams. This has the resultant effect of providing the DVB 
home user with the ability to connect to the internet via their set top DVB hardware. 
IP over DVB is a contributing factor to DVB’s success but the real topic of interest is 
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if ‘DVB over IP’ exists i.e. is there a form of IP encapsulation that caters for the 
MPEG-2 stream of DVB? The IETF Pseudo Wire Emulation Edge to Edge (PWE3) 
WG is looking at carriage of non-IP sub-network protocols and bit streams over IP, 
using RTP to provide timing/sequencing information. As it is being looked at by one 
of the IETF working groups, it is still an area of research, but as the Internet and in 
particular IP are being used as more of an Integrated Services Network (ISN) the 
likelihood is that some kind of encapsulation of digital television will be available 
within the next few years. 
 

4.6 Research Summary 

Soon after the detailed research phase was conducted in the project, an important 
decision had to be made. This decision was whether to focus on designing and 
producing a Transrater or a Transcoder for the remaining period of the project.  
The decision was made to focus on producing a system that used a Transrater encoder. 
There were several key reasons why this decision was made: 
 
During the early part of the research phase, a lot of effort was placed on researching 
the MPEG-2 standards. Because of the wealth of information surrounding this subject 
it became relatively easy for the group to acquire detailed knowledge of this area. 
Later on in the research phase some effort was placed on researching MPEG-4. This 
standard is not as widely used and applied as MPEG-2. As a result, there was 
significantly less information to work with. For example, on the MPEG reference 
home page www.mpeg.org there are many free to use version of the latest MPEG-2 
encoders and decoders. There is significantly less material for downloading with 
regards to MPEG-4.  The scale of support for MPEG-2 based applications is 
significantly greater compared with MPEG-4 and as part of the project involved 
designing and implementing an system, it was decided that using MPEG-2 would be a 
wiser choice if problems were encountered.  
 
Another reason for this choice is that MPEG-4 is a significantly more complex 
standard. It uses sophisticated techniques to achieve the high levels of compression 
that this standard can achieve. The resulting documentation and code is consequently 
more complex and time consuming to understand so given the limited resources of a 
three person group it was decided that staying with MPEG-2 would be a wise choice. 
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5 Objectives of DVB-T System  

The key objectives of the entire project are: 
 

1. A television channel from the DVB-T signal is to be taken and piped across a 
network of limited bandwidth. 

2. An MPEG-2 Transrater is to be designed which takes advantage if 
inefficiencies in the MPEG-2 decode-encode process. 

3. A working system in which a television channel can be viewed via the 
Transrater over the limited bandwidth network must be designed and built.  

 
There are four distinctive objective sets of the DVB-T system: 
 

• Server end  
• Network communication  
• Remote terminal 
• Picture and audio quality 

 
Below are the specified sets in greater detail. 
 

5.1 Server End Objectives 

The server side is responsible for all the encoding and decoding processes. It is also 
responsible for the reception and processing of the DVB-T signal.  

5.1.1 Main objectives 
The main objectives of the server end are: 
 

• To facilitate the scanning of all available channels carried in the DVB-T 
signal. 

• To facilitate the tuning-in of a particular channel one it has been scanned. 
• To facilitate the demultiplexing of the channel to its relevant constituent parts. 

(In the case of the project, the audio and video are the relevant parts of the 
DVB multiplex so this objective requires these parts to be removed from the 
multiplex). 

• To facilitate the transportation of the demultiplexed data to the relevant 
decoders. 

• To facilitate the decoding of the raw video data through means of the decoder 
hardware. 

• To facilitate the transportation of the decoded data to the Transrater encoder 
• To facilitate the encoding of the raw video data through means of the 

Transrater. 
• The Transrater must produce an output which is lower than the maximum 

possible bandwidth of the connection which is 256Kbps (in actual fact this 
figure is even lower than 256Kbps because of overheads involved). 
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5.1.2 Other objective 
Other objectives include: 
 

• To ensure the above processes are carried out in a manner which ensures that 
the actual media being transported is still in real time or as close as possible to 
being real time. 

 

5.2 Network Communication Objectives 

A virtual network connection of 256Kbps is provided. By virtual it is meant that the 
server side has a broadband connection with 256Kbps upstream bandwidth connecting 
it to its ISP which in turn connects it to the Internet. The routing protocols of the 
Internet deliver the streamed data to the remote side which also has a broadband 
connection. The server side may well have a download bandwidth of 512Kbps or 
greater but the system bandwidth is restricted to the bottle imposed by the 256Kbps 
upstream broadband connection on the server side.  

5.2.1 Main Objectives 
The main objective of the network communication aspect of the project is to select an 
appropriate transport level protocol that: 
 

• Provides a seamless stream of data to the remote side. 
• Encapsulates the data in an appropriate manner to ensure correct and timely 

delivery of the data across the network 
• Provides some guarantee that the data will be transported in a real time 

manner. 
 
The objectives stated above can only be achieved to a certain degree. As IP is a 
connectionless protocol with no guarantees of sequence and delivery a suitable 
transport level protocol must be selected that is suited to delivery delay sensitive data. 
The workings of such a protocol are not going to be covered by the project. The 
functionality that the protocol will provide will be taken as a given. 
 

5.3 Remote Terminal Objectives 

The remote side of the system collects the data that has been transported across the 
network and pipes this data to a media player for viewing by the user. 

5.3.1 Main Objectives 
The main objectives relating to the remote terminal functions are: 
 

• To ensure the effective collection of the MPEG data that has been transported 
across the network from the video card. 

• To ensure the data collected is piped to the media player correctly 
• To provide a media player for the viewing and interacting of the data.  
• Provide the user input access for control of channel selection of the DVB-T 

PCI card.  
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• Provide a program for retrieval of audio and video stream from server end, 
given an I.P. address and necessary access information. 

• Provide an option of being able to archive any data that has been sent. 

5.3.2 Other objectives 
Other objectives include: 
 

• To ensure that the user of the system does not have to concern themselves with 
the operation of the server side of the system i.e. the working of the server side 
must be abstracted away from the user. 

 

5.4 Objectives relating to picture and audio quality 
characteristics 

Measuring the quality of the video and audio produced by the Transrater is a purely 
qualitative measurement. A 256Kbps video sequence may be of considerably better 
picture quality when it is encoded on a sophisticated encoder when compared to a 
video sequence of the same data rate that has been encoded on a less sophisticated 
encoder. The same situation applies to the audio domain. The measure of whether a 
sequence of video and audio is of ‘good quality’ or ‘acceptable quality’ is a purely a 
matter of perceptual interpretation. For example, in order to lower the data rate of a 
video sequence and not degrade the perceived quality, the encoder may decide to 
maintain the resolution of the picture but lower the data rate slightly. This will 
maintain the same level of quality as user cannot notice the lower frame rate. 
Therefore the perceived quality level has not changed even though the data rate has. 
In order for the system we are designing to be effective, the end result (i.e. the 
displayed picture) must not be of a level which is ‘unacceptable’. As there is no 
quantifiable way to define ‘unacceptable’ the only alternative we have is to ask for the 
user’s personal opinion on the quality. So the requirement can be summarised as: 
 

• To provide a video and audio sequence which is perceived as ‘acceptable’ by 
any user of the system?  
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6 Requirements Specification 

6.1 Functional Requirement Analysis 

6.1.1 Overview 
The data rate of an average MPEG2 stream out of a DVB card is found to be 3Mbps. 
The maximum bandwidth of an average broadband connection is set at around 
256Kbps. The system therefore requires the piping of MPEG2 files from the signal 
received form the DVB card through a transrater that consists of a MPEG2 decoder 
and encoder, which will then produce a stream of MPEG2 files with a data rate equal 
or lower than that of the bandwidth of a broadband connection. Since both the input 
and the output of the transrater should be MPEG2, it is not possible to achieve a 
compression of video files using any other standards, i.e. MPEG4. This means that the 
transrater should achieve transformation of an existing MPEG2 file into another 
MPEG2 file with a smaller data rate without changing the rules of compressing 
MPEG files. Fig. 6.1 shows the outline requirements of the transrater to be developed. 

 

Figure 6.1 

The diagram also emphasises that the most important part of the transrater is the 
MPEG2 encoder, since it will produce a MPEG2 file/stream with a data rate less than 
256kbps. However, most of the available MPEG2 encoders out there have a set of 
standards and guidelines in terms of quality and bit rates that can be created. Thus 
problems arise from the fact that there are no such MPEG2 encoders that will produce 
a file with a bit rate of 256 Kbps. 
 

6.2 Data Rate Requirements 

The question remains as to how the system can take an existing MPEG2 encoder and 
modify it in such a way that it will encode a video with a bit rate less than 256 Kbps? 
In order to achieve such compression, an understanding of each component or block 
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MPEG2 file from DVB card (1-4Mbps) 
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= area of compression to achieve a data rate less than 256kbps 
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of MPEG2 encoding stages is required. This will then be followed by an analysis 
process of each block and component in order to determine if any modification can be 
performed in order to achieve greater compression. Refer to the block diagram in 
research section (figure 4.15. The main components of the MPEG2 encoder are: 
 

• Discrete Cosine Transformation (Forward and Inverse) 
• Quantization (Forward and Inverse) 
• Motion Compensation 
• Motion Estimation 
• Entropy Coding 

6.2.1 Discrete Cosine Transformation  
It has been concluded that there will be no modifying of this component because DCT 
itself does not give compression since the information is merely being represented in a 
different form (Richardson & Riley 1997).  

6.2.2 Intra-Quantization 
• The Intra Quantization matrix that the quantization is based on should have 

large enough quantizer scales so as to give a good video compression, hence 
low data rate (ideally 256 Kbps or lower). The quantizer scale values in the 
matrix should be large enough to give enough compression, but not so large 
that they do not ruin the picture quality to an unacceptable degree. 

• The system should provide a way for the user to decide which kind of intra-
quantization matrix should be used. If the user wishes to use a default intra 
quantization matrix to be used then the user puts “-“ in intra quantization 
matrix file name section of the parameter file. Otherwise the user types in the 
name of the file the matrix should be stored. 

• The default intra quantization matrix is the matrix specified in ISO/IEC 
13818-2 and 11172-2 is used. This default quantization matrix is stored as a 
global variable (an array of size 64) 

• The system needs to ensure that in the array of the quantization matrix, all the 
64 values are stored in line by line order and NOT in zig-zag ordering. 

• When calculating the quantizer scale values, the quality factor should be 
inputted by the user when prompted by the system. 

• The maximum quantizer scale value should be 255. When calculating the 
quantizer step value for customised matrix set the value to 255 if the 
calculated value is larger than 255. 

6.2.3 Motion Compensation 
• The system is required to use compensation with half-pixel prediction as 

oppose to full-pixel prediction. This method should only be used when all the 
other methods fails to give enough compression 

 

6.2.4 Motion Estimation 
• The system is required to use unrestricted motion vectors. 
• Advanced prediction mode is equivalent to: Four motion vectors, each for one 

8 x 8 luminance block within a macroblock instead of one motion vector for 



 

 36

the macroblock. The system should only use this method when all the other 
methods fails to give enough compression 

6.2.5 Entropy Coding 
• The system is required to use arithmetic coding is instead of Huffman coding. 

(This is also optional). 

6.2.6 PB frames mode 
• The system is required to code two frames as one unit: the next P frame 

together with a B frame bidirectinoally predicted between the previous and 
next P frames. (This is also optional). 

6.2.7 Reducing bit rate by reducing picture parameters 
• The system is required to reduce picture resolution. However the degree of 

reduction cannot be set to a too low for reasonable viewing quality. The 
resolution can be set in MPEG2 video stream or can be specified in parameter 
file. 

• The system is required to reduce frame rate: this can be done either in MPEG2 
video stream or can be specified in parameter file 

 

6.3 Processing TV Signal Requirements 

6.3.1 DVB Card 
• The DVB card should be able to take the Transport Stream (TS) and 

demultiplex it so the system only gets a video stream in the form of an 
Elementary Stream (ES). 

• The video packets from ES are stored temporarily in stdin file until it is read 
by the decoder. This should be done by piping using “|” operation. 

• The DVB card needs to be able to lock/tune to a specific TV channel before 
receiving any stream. 

• When receiving video packet of an ES, the DVB card needs to make sure the 
packet contains the correct PID for the channel tuned into. 

6.3.2 MPEG2 Decoder 
• The decoder should be reading in MPEG2 video packets from stdin rather than 

from an existing MPEG2 file.  
• The decoder should put the decoded pictures in stdin rather than save it as a 

file in a certain format (e.g. yuv).  

6.3.3 MPEG2 Encoder 
• The encoder should be reading in raw video packets from stdin rather than 

reading in from an existing raw video file. 
•  The encoder should prompt the user for the qualify factor if and only if the 

user specified in the parameter file that the customized intra quantization 
matrix should be used. 
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• The encoder should put the customized intra quantization matrix values in the 
file with the name that is specified by the user. The name is specified in the 
parameter file. 

6.3.4 Receiver 
• The receiver should listen to the network on a certain port for incomming 

MPEG2 packets from the sender.  
• The receiver should be able to process packets appropriately and decode it.  
• The MPEG2 player on the receiver side should have the capability of 

processing packets. 
 

6.4 User Interface Requirements 

• The user should be able to tune in to the TV channel and lock it. 
• The user will use DVB API to convert Transport Streams to Elementary 

Streams. 
• The user should be able to pipe the video Elementary Streams of the correct 

TV channel to the decoder. 
• The user should be able pipe the decoded stream to the encoder. E.g. While 

running tzap – r “BBC ONE” on a terminal. Run ts2es /dev/dvb/adapter0/dvr0 
600 | mpeg2dec –o yuv | mpeg2encode PAL.par bbc1.m2v 

 

6.5 Non-Functional Requirements 

• The receiver has a broadband connection of bandwidth at least 256 Kbps. 
• The sender also has a broadband connection. 
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7 Tools and Technologies 

Given the complexity of the system, various resources were required to realise the 
problem set in the problem specification. The following description describes the 
tools and technologies implemented. 
 

7.1 C Programming Language 

It was decided and recommended during the earlier stages of the project to develop 
the actual system based upon the C programming language. This was largely due to 
the fact that the language was regarded to be the most efficient choice, due to its low 
level nature. Also many of the programs developed around the area researched were 
found to be written in the C language. This pool of resources coupled with the 
languages portability made it the language of choice for the system. In the area of 
software encoders, the majority are written in C. This is because the process of 
encoding involves relatively low-level objects such as raw bits, bytes and the reading 
in of files. C is particularly well suited to this low-level activity so and so it runs the 
process of encoding in a relatively efficient manner (Note, object specifies the kind of 
data type and structures used not the typical meaning of object in the object-oriented 
way). Efficiency in code is of particular importance considering the nature of the 
project i.e. to create a real-time Transrater/Transcoder. 
 
Given the object orientated background of each of the members of the group, due to 
the fact that Java was the initial language taught to each individual, resources such as 
time were invested in order to become familiar with C. This led to each member 
having to take the time to learn and become comfortable with the language. 
 

7.2 Solaris, Linux and Unix Operating Systems 

Linux type operating systems were chosen for the system to run on top of due to the 
various functionalities and efficiencies offered by them. For one by running both 
server and client ends of the system on such an OS, allowed for additional speed that 
was a necessity when attempting to perform such a multimedia application. This was 
particularly apparent when compared to the speed offered by a windows type 
environment. 
 
One of the key aspects for choosing a Linux based operating system was that it 
allowed for a great deal more interaction with the DVB PCI card hardware 
components. For example it allowed for the capability of extracting transport streams 
from the DVB signal prior to any encoding. The raw format of the signal allowed for 
the ability to implement encoders and other applications of specialised choice. For a 
while it has been considered the Linux rival Windows had been much better catered 
for the field of interactive applications and the compatibility with such applications 
and hardware on this operating system. Only recently, a great deal of emphasis is 
being placed on the development of drivers for DVB cards running and the Linux 
operating system (not to mention other multimedia applications). Now it is possible to 
install a DVB PCI card on a PC running Linux. The greater flexibility and efficiency 
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of Linux has made utilising these applications easier but most importantly, the ability 
to create new applications on Linux has become easier due to the arrival of many new 
APIs for a variety pf applications.  
 
In terms of usability, some may argue that using and installing applications through 
the command line based approach of Linux, as being tedious and ‘non user friendly’ 
(especially to those not so familiar with Linux). This has been considered carefully in 
our choice for operating platform. It was decided that the benefits of flexibility and 
access provided by Linux in terms of creating an application and accessing hardware 
outweighed the drawbacks of a tedious command line based operating system. To 
strengthen our choice further, recently many applications released for Linux have 
included a very user friendly GUI. So assuming the user doesn’t have to perform any 
type of installation, an application that makes use of a GUI can be used to provide 
ease of use.  
 
Below is an example of a GUI available for the popular MPlayer media player on 
Linux: 

 

Figure 7.1 

 

7.3 Hauppauge DVB PCI Nova-T 

The Hauppauge DVB PCI card was selected to be the DVB-T interface between 
digital signals and the server end. The frontend of the card consists of a tuner and 
DVB demodulator. At this point the card was able to act as a receiver for digital free-
to-air programs in their raw form. The demodulator allowed for the signals to be 
processed and be transformed into MPEG transport streams (the structure and use of 
the DVB PCI card is explained thoroughly in the Research section of the report) 
 

7.4 MPEG2Encoder and Decoder 

The encoder that we have chosen to use for the project is the latest free to use encoder 
by the MPEG-2 software simulation group. The encoder is in software as it is the 
intention of the project to alter the working of it. This would be impossible in a hard 
coded encoder in hardware. The decoder that is used in the project is the decoder that 
is present in the DVB card. As this is a recent commercial piece of hardware, it is 
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quick and efficient. Also the applications provided with the DVB drivers allow the 
decoder to be accessed to a certain degree.  

7.5 SSH2 

SSH is a program used for the secure logging into a remote machine and executing 
commands in a remote machine. It achieves security through public key 
authentication. During the project it was implemented in order to gain remote access 
to the server end of the system and control the DVB PCI card. SSH secure file transfer 
was also used to securely transfer files to and from the server end of the system.  
 

7.6 DVB API 

The DVB API was compiled by various members of the Linux community and was 
published at the http://www.linuxtv.org site. The API and pre-coupled applications 
that came with the API allows for the control of the hardware components found 
within the DVB card. These components include the video, audio, frontend, demux, 
CA and IP-over-DVB networking devices. 
 
The pre-produced applications allowed for fast development of the system and proved 
to be an ideal resource for reference code throughout the project. Detailed and 
extensive supporting documentation descried each component and then list the data 
types and function calls associated with each component as well as a list of API 
include files that should be included when writing an application.  
 

7.7 Linux DVB drivers 

The latest release of the Linux DVB PCI driver was downloaded and used to run the 
DVB PCI card. Again this was downloaded from http://www.linuxtv.org[ ]. Included 
with the drivers are a set of applications which access the DVB hardware at different 
stages. These applications are listed below 

7.7.1 Scan 
The scan utility can be applied to compile channel frequency listings for 
implementation of the DVB card. This application works by firstly checking a list of 
initial frequencies to start a scan from which are stored in a file called initial.h if no 
frequencies are in this file then the application starts to scan for channels from a 
default frequency. This application therefore directly accesses the frontend of the 
DVB card. Once the application has completed the scan for channels on the range of 
frequencies it places the list of found channels in a file called configure.conf. This list 
of channels includes all the details required to successfully tune into the channel. 
Some of these details include the frequency at which this channel is found and the 
PID values for audio, video and other supplementary media.  An initial scan for 
channels was conducted and a suitable channel was chosen to tune into. During the 
project it was implemented and the frequency for BBC 1 was collated for future use 
and caved within a ‘config’ file. 
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The following shows a sample from the list of channels found. In this case the channel 
is BBC Choice . The broadcast frequency is 578MHz, the audio PID is 620 and the 
video is 621: 
 
BBC-
Choice:578000000:INVERSION_OFF:BANDWIDTH_8_MHZ:FEC_2_3:FEC_NONE:QAM_6
4:TRANSMISSION_MODE_2K:GUARD_INTERVAL_1_32:HIERARCHY_NONE:620:621 

7.7.2 TZAP 
The TZAP utility can be applied to tune a DVB receiver. This application accesses the 
tuner in the frontend of the card. It uses the list of channels constructed by the scan 
application. The specified channel I searched for in the list then the appropriate 
parameters are used to tune the tuner into that channel.  
 
For example, “tzap BBC Choice” will tune the card into the channel BBC choice.  
The tuner then tries to tune into BBC choice. When the tuner has successfully tuned 
into this channel it prints out a status report every second that the tuner is tuned in. 
In the case of the project the card was tuned to the BBC1 channel by supplying the 
identifier listed in the ‘config’ file. It was then able to apply the collected frequencies 
to tune the card correctly. 

7.7.3 TS2PS 
TS2PS is conversion utility that converts transport streams to program streams. It was 
required to perform the efficient conversion before encoding was applied upon digital 
signal. All the packets in a program stream (as mentioned in the research section of 
the report) have the same time base, whereas in a transport stream there may be 
several independent time bases. The reason for using this application was, because the 
majority of the media players on Linux only accept MPEG-2 input in the program 
stream form so a conversion from transport stream to a program stream was needed. 

7.7.4 TS2ES 
TS2ES is the conversion utility that converts transport streams to elementary streams. 
(Recall that an elementary stream is a stream consisting of only one media source). 
TS2ES acts almost as a demultiplexer of the transport stream. TS2ES was used many 
times in the project. The most important use was when just the video elementary 
stream was needed to be extracted from the transport stream. TS2ES facilitated this. 
The reason for extracting just the video elementary stream was because the particular 
encoder being used accepted only video data so the input had to be stripped of the 
‘unsuitable’ data for input into the encoder. 

7.8 FFserve 

FFserve is a streaming server for both audio and video. It supports the streaming of 
real-time streams and can support several of such feeds. It is designed to stream these 
feeds over the Internet to either Windows Media Player or Real Player. This also 
seems like a viable option for our project as it is specifically designed for use over the 
Internet. It was used in the project to pipe the output of the Transrater on the server 
side to the input of the media player on the client side. 
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7.9 FFmpeg 

FFmpeg is a video encoding and live streaming application, which can send live 
stream viewable by several popular media players. Its was used in the project to 
encode data and pipe it to the client side in the testing phase of the project.  
 
 

7.10  DVB Stream 

DVB Stream is a utility that allows for the streaming of DVB signals over networks 
using the RTP protocol. In the case of the project it was applied to stream between the 
server system and the remote terminal. Application was achieved by supplying the 
correct IP address of the remote terminal.  
 

7.11 Media Player 

Media player applications are able to reproduce a visual and audible representation of 
multimedia data when supplied with the necessary codecs. During the project Mplayer 
was selected to achieve this. It had the added functionality of being able to collect 
those data streams created by the DVB Stream utility. Mplayer is the most popular 
and supported media player on the Linux operating system. Because of the level of 
support for this application, it was chosen as the media player to use on the client side. 
Also as described above, there are a variety of interesting and easy-to-use GUIs 
available for Mplayer. 
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8 System Architecture 

As specified, the main motivation of the project is to provide anyone with a 
broadband connection with a data rate around 256Kbps, the capability of having 
digital television broadcast streamed directly to their PC at home.  

8.1 Architecture Scope 

The initial scope of the service to be facilitated by the project can be considered to be 
from the DVB broadcast service provider right the way through to the application that 
plays the media information at on the client’s computer. In other words this will be a 
simple client-server application. This initial scope does however need refinement. Not 
only are some issues concerned with providing the service infeasible given the 
resources and time available, but there are some legal and governmental issues that 
arise when considering broadcasting DVB over a network. The way that many service 
providers work, such as the BBC, is by making users of the service pay a payment for 
the service. For example, users wishing to view BBC channels (either via normal 
analogue television system or by DVB ‘free view’ have to pay for a television 
licence). The boundaries of whether a user has to pay for a TV licence it the data is 
downloaded or streamed to a users home computer, are a little vague and hard to 
monitor. Also the geographical boundaries of where the service is provided can be 
tightly regulated by the service providers. For example, the BBC uses terrestrial 
broadcasting techniques to broadcast over the whole of Britain and no where else. If 
the same media information is placed on the internet, the geographical scope has been 
increased to a global scope, which is almost certainly not the intent of the broadcaster. 
These are very current issues in governments and standard agencies around the world 
and are of course to be considered when any such project such as this one is to be 
partaken in. As there is going to be no commercial implications concerning the project 
(i.e. the system is not going to be sold or used by the general public) the legal issues 
of providing a broadcasting service for media that may not necessarily allow for such 
an action to be taken, is going to be overlooked.  
 

8.2 User System Architecture 

From the point of view of the user of the system, they will be aware of a server that 
requires connection to in order for retrieval of media information to exist. The actual 
server side workings and processes required fro the acquisition of this material is 
abstract from the user, i.e. the user is aware of the server and their own application for 
playing the media information and nothing else. What the user is able to view is the 
fact that there is a requirement of a 256kbps connection between them self and the 
server (in practise the user will never see a 256Kbps connection because of protocol 
overheads and other reasons which will be described later).  
 
Figure 8.1 illustrates the system from the user’s perspective: 
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Figure 8.1 

8.3 Server Side Architecture 

 

Figure 8.2 

DVB 
Receiver 
Hardware 

DVB 
demultiplexer 

DVB audio 
decoders 

DVB video 
decoders 

Transrater 
encoder 

Home Server 

Terrestrial 
Ariel 

 
User’s PC 

Media 
Player 

User’s end 
system 

256Kbps 
connection 

DVB 
PCI 
card 

 
Home server 

 
User’s PC 

256Kbps 
connection 

Media 
Player 

User’s end system 



 

 45

The system from the server/administrator’s point of view has a greater degree of 
complexity as it is required to consider the system from the DVB broadcast service 
provider right the way through to the media player on the user’s computer.  
 
Diagram 8.2 illustrates the complete server side architecture of the system. The 
antenna (which has been installed in the premises where the home server is situated) 
picks up the MPEG-2 Transport stream (TS). The DVB receiver corresponds to the 
description of the Frontend in the background section. The description of the DVB 
PCI card in the previous research section describes all the components which make up 
the card. Some of these components will be not be used as part of the system and 
some of these components will only be partially used. The following, lists the 
components of the DVB card and how each is intended to be used in the server side 
system: 
 

1. The Frontend is intended to be used for the purposes scanning for a list of all 
possible channels that can be received. Once all the channels have been 
scanned, the Frontend is used to tune in to a particular channel.  

2. Once a particular channel has been tuned into, the stream passes through the 
conditional access component. This component is concerned with providing 
access to only those people allowed as specified by the service provider. 
Conditional access is not a function that is intended to be implemented so the 
functions of this component are not required. 

3. The demultiplexer is required to remove and pass only the video and audio 
packets on to their respected decoders, so the functions of the demultiplexer 
are required by the system. 

4. The decoders that are present in the hardware are also required. These will 
perform the decoding of the audio and video and because the decoders are in 
hardware the process will be done quickly.  

5. The output format of the decoder is specified and fed into the systems MPEG-
2 Transrater encoder. This encoder is designed to provide an MPEG-2 
Transport Stream that can be streamed to the client via the 256Kbps 
connection.  

 

8.4 Transrater and Transport Architecture 

It is quite clear that the emphasis in the system lies in the MPEG-2 Transrater 
encoder. This is where the bulk of the design effort is placed and where the main 
requirements of the system are to be carried out. The design section focuses on the 
architecture of the Transrater encoder.  
 
The Transrater encoder will produce an MPEG-2 transport stream consisting of video 
and audio transport packets. This transport stream will be suitable for transmission 
over the 256Kbps connection. The encoder can produce output in two forms; a 
Program stream or a Transport stream. The encoder will be made to produce a 
transport stream output because of the nature of the next stage in the system. By this it 
is meant that the signal is about to be transmitted over a network with where the 
possibility of corruption of data is present. Also, if a program stream were to be used 
the constant time base associated with the data in the stream may not be withheld by 
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the network transporting the data so for these reasons a transport stream is chosen as 
the suitable output from the Transrater encoder.  
 
At this stage a suitable way of transporting the transport stream from the server to the 
client is required. The MPEG-2 transport stream is not itself a protocol but specifies 
the input that is to be fed into a suitable transport protocol to carry the information to 
the client. So the selection of a suitable transport protocol is required. 
 
DVBstream is an application which is based on the RTP protocol. It has the capability 
to broadcast of a DVB stream over a network. It can also support multicast, so several 
clients can be streamed a DVB stream concurrently. However, the main application of 
DVBstream is in LAN’s with high bandwidth and hence supports several users 
concurrently. For the purposes of our project (i.e. only streaming to one person) 
DVBstream is a viable option for the transportation of the stream to the client. 
 
FFserve is a streaming server for both audio and video. It supports the streaming of 
real-time streams and can support several of such feeds. It is designed to stream these 
feeds over the Internet to either Windows Media Player or Real Player. This also 
seems like a viable option for our project as it is specifically designed for use over the 
Internet. The specification of using Windows Media Player or Real Player as the 
media player on the client side suggests the client side OS to be Windows, this may 
need to be considered as initially the client side operating system is designed to be 
Linux.   
 
Fig. 8.3 illustrates the modification of the above system architecture diagram to 
include the consideration of the transport protocol: 
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Figure 8.3 
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9 Design 

Given the extensive research and requirement analysis performed in the earlier pre 
existing phases of the project the following design section encapsulates those aspects 
identified as being key to the successful implementation of the system. For one the 
group choice of selection of a MPEG-2 transrater has proven paramount in shaping 
the method and modal of which the design will take.  
 
For example the choice of an MPEG-2 transrater has led to an added importance 
being placed upon the role the encoder component will play in the overall system. As 
shown in earlier sections this has occurred due to the fact that no major design 
analysis has been required upon the other components of the system, largely due to 
the fact that these aspects are embedded due to their hardware and not software 
makeup. As such concentration on the software encoder has proved to be paramount. 
 

9.1 Generic MPEG-2 Encoder Design 

From fig. 4.14 of the MPEG-2 encoder in the research section, it is possible to 
understand the components of video encoding at an abstract level. In other words, the 
key components such as Quantisation and Motion compensation have been identified 
and described in terms of how they function. For example, it is understood that the 
output of the DCT component is a sequence of transform coefficients and these 
transform coefficients are fed into the Quantizer and so on…  
 
One of the main objectives of the project is to design and build a Transrater encoder. 
It has been planned that this encoder is to be a modified version of an existing encoder 
and decoder and it is to take advantage of inefficiencies in the decode-encode process. 
Using an existing encoder and modify its construction leads to the requirement of 
understanding the workings of an existing encoder. This following explains the design 
and construction of a generic MPEG-2 video encoder.  
 

9.2 Generic MPEG-2 Functions 

At the simplistic level, the encoder must perform all the functions of the components 
in the encoder block diagram (fig 4.13). These functions are: 
 

• DCT and Inverse DCT 
• Quantization and Inverse Quantization 
• Buffer a frame 
• Motion Estimation 
• Motion Composition 

 
It is therefore feasible to make the assumption that included within the generic 
encoder program there must be some functions or subroutines which facilitate the 
above functions or actions. 
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MPEG-2 has the ability to encode input according to parameters set at the discretion 
of encoder manufacturers, for example the number of frames/sec that the input is 
encoded in can be specified, as too can the resolution at which the input is encoded 
into. In fact almost every feature of the encoder can be specified within some 
specified bounds. This results in a large list of parameters that need to be fed into the 
program. Therefore there needs to be some sort of function to read in the parameters 
to be encoded by.  
 
Consider the input to an MPEG-2 encoder. It is raw video that has been encoded by 
whatever standard of raw video encoding was used (e.g. PAL CCIR-601). At a lower 
level the raw video is a sequence of frames that has been scanned line by line so that 
the result is a sequence of values. With standards like CCIR-601, the representation of 
video is done by three values; Y Cr Cb, where Y is the luminance and is the value that 
black and white televisions use (therefore this system is fully backwards compatible 
with black and white systems) Cr which is the red Chrominance and Cb which is the 
blue Chrominance. The combination of theses values give the full colour video image. 
This has the implication upon the design of the encoder to include a function that 
feeds data into the program correctly.  
 
From what has so far been specified it can be deduced that there is need for a function 
that feeds in parameters to the program, a function that feeds in the sequence of values 
that make up a colour image, and a function for correlating such data. Functions for 
reading and writing of these bits to and from different places must also be needed.  
 
The syntax of the MPEG standards specifies that the MPEG video sequence is 
partitioned into a hierarchy of layers. Each layer has a header followed by the 
sequence of its packets but the content of the payload is different at each layer. This 
means that the role of encoding video is not just as straight forward as producing a 
sequence of encoded frames, as each frame has a semantic relevance to either the 
frame before it, the frame after it or both. This semantic relevance applies on many 
levels. For example on the highest level of MPEG video (the sequence layer), the 
entire encoded file is relevant as headers for this layer carry information for the entire 
video sequence. The header on the layer below (the GOP layer) carries information 
for a sequence of (typically) 12 frames. The header for the layer below carries 
information for the just one frame of video. It can be seen from this that the scope of 
each layer is progressively greater as we progress up the hierarchy. The entire scope 
has to be accounted for by the encoder so it can produce the various layers of the 
hierarchy. It can be deduced from this section that functions are required for adding 
headers for the data at each layer and functions for creating the appropriate sequence 
of data at each layer.  
 
The process of encoding video involves many different kinds of data types for the 
different processes that are involved. It can be assumed that there must be some kind 
array or 2D array (or even 3D array) for reading in and storing information about the 
picture. Also complex data structures must be used to account for the different data 
that is carried at each layer in the video sequence. More simple structures can be used 
to correlate the data that is input and subsequently used by the program. 
 
At this stage a list of simple and more complicated functions for performing encoding 
has been compiled. 
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9.3 Simulation Group MPEG-2 Encoder 

The encoder selected for use in the project is the latest free to use encoder by the 
‘MPEG-2 Software Simulation Group’. The encoder is in software as it is the 
intention of the project to alter the working of it. This would be impossible in a hard 
coded encoder in hardware. The program is written in ANSI C as it is still one of the 
quickest languages and because of the nature of the program (i.e. it is needed to 
encode data in real-time) speed is a key factor in the choice of encoder. C also 
provides the suitable low level of programming required. The fact that the system 
intends to deal with raw values and numbers, a language like C, that is accustomed to 
similar type of objects that computers use (namely characters, numbers and 
addresses), makes it very suitable.  
 
The program is split into 19 source files. A config.h header file is used to account for 
non ANSI C compilers. A header file called global.h is used to store all the global 
definitions of data structures and functions that can be used by the entire program. 
When the program is run, two agreements are specified; the first one is the name of 
the file containing the list of parameters, the second argument is the name of the file 
or program to which the output is sent.  
 
The following sequence diagram illustrates the basic operation of a simple encode 
cycle. It does not take into consideration the process of decoding in order to perform 
motion compensation for the next frame, neither does it take into account the 
complexities of constructing a layered video sequence.  
 
Note: The sequence diagrams in this section do not correspond to those in UML. They 
are a simple way to illustrate how each function invocation may or may not be run 
from a different source file. As C is not an object oriented language, moving to the 
rectangle to the right does not correspond to a different class but it corresponds to a 
different source file being used. 
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9.3.1 Basic Encode 

 

Figure 9.1 

Fig. 9.1 illustrates the functions that are called in a basic encode. A rectangle 
illustrates the life of the function. So from this diagram it can be seem that several 
functions are called and used in the lifetime of the putseq( ) function.  
 
The program starts in main( ). A local function called init( ). This function is a bit-
level output function. In other words, it standardises the input bit by bit into 8 bit 
segments for ease of processing. This function also performs tasks such as bit stuffing 
if the need arises. Once the complete init( ) function has run the output is in structures 
of 8x8 blocks (macroblocks) ready for the next stage of processing. 
 
The first significant function to be called is putseq( ) which is where the rest of the 
encoding is to take place. The function moton_estimation( ) is the function in which 
the difference between the current frame and the reference frame is calculated. This 
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information is passed back to the putseq( ) function where the function transform( ) is 
called. This function is where the block transform is performed on each macroblock. 
transform( ) calls another function called fdct( ), which is where the actual 
mathematical transformation is performed on the 8x8 block byte by byte (note as init() 
has structures the values into bytes, all operations on values are performed in bytes at 
this stage. The transformed data is modified in the appropriate data structure. The 
final significant function to be called is quantise( ). Here, the specified quantization 
matrices in the parameters file are used to compress the data. Once control passes 
back to putseq( ) the function outputs the data to the appropriate destination. 
 

9.3.2 Decomposition of system 
In order to gain a more detailed understanding of the system each stage of the 
processing is described in further detail. 

9.3.2.1 Initialisation Program 
The first part of the above sequence diagram shows the init( ) function passing control 
back to main( ) and then main( ) calling putseq( ). There are however more function 
calls involved in this process (the details of which have been abstracted away) by the 
diagram. The diagram below shows in greater detail how this part of the program 
works. 
 
The readparmfile( ) function is concerned with reading in the list of parameters in the 
parameter file. The format of the parameter file must be adhered as the function reads 
the parameter values line by line using the library function fgets( ). The function also 
performs error checks to make sure all the values have been successfully read in and 
that the parameter file was read from in the first place. 
 
The readquantmat( ) function is concerned with generating the quantization matrices 
from the values read in from the parameter file. A default quantization matrix is 
already present in the program but if the user wishes to specify their own quantization 
matrix then this function facilitates such an action. 
 
The init( ) functions goes on to invoke a further 3 more functions; initbits( ), 
init_fdct() and init_idct( ). The function initbits( ) puts the bits into an 8 bit buffer and 
places the buffered byte in an array ready for processing. In other words, the function 
putbits( ) readies the data for output. The function init_fdct( ) initialises the values 
ready for the transformation calculations which take place in the fdct( ) function later. 
Control now passes to the putseq( ) function. 
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Figure 9.2 

9.3.2.2 The putseq( ) function 
Control has now been passed to this function. During the duration of this function the 
majority of the encode process is performed.  
 
The first function called is rate_init_seq( ) from the ratectl.c source file. This source 
file contains the bit-rate control routines which make the encoder produce output at a 
target bit-rate specified in the parameter file. For example, if the specified bit rate for 
the encoded data is 1Mbps, then these routines make sure that the target of 1Mbps is 
met and this is achieved by setting an upper-limit bit rate for each frame. The 
encoding of each frame must fall below this limit and if it does then the specified bit 
rate is met in the sense that it does not exceed 1Mbps. Obviously the process of 
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changing the required bit-rate of the output means that the necessary changes to other 
parameters are needed, for example, if the data rate of 1Mbps is specified then the 
other parameters such as frames per second or resolution may be changed. However, 
this process is made easier by one particular parameter in the parameter file. The 
quality parameter setting can be set between the values 4 and 10 (10 being the highest 
quality) insetting this parameter the encoding follows a predefined set of parameters 
that must be adhered to, to produce the quality of output that was specified. For 
example, if the value 10 was set then all the other relevant parameters must have to be 
changed in order to meet the highest quality of video encoding. Fig. 9.3 illustrates the 
first part of the putseq( ) function’s ‘life’. 
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Figure 9.3 

The function init_rate_seq( ) is the routine which sets the data rate for the sequence 
layer. This function is also concerned with the VBV (explained in the background 
section). As the coding rate varies throughout the encoding of a video sequence, the 
VBV must provide reasonable buffering requirements. The init_rate_seq( ) function 
also ensures that this buffer provides the reasonable buffering requirements.  
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putseqhdr( ) is the first of the functions devoted to the construction of the sequence of 
video. This function generates the header to the sequence layer of the video sequence. 
As described before the header of the sequence layer specifies information for the 
entire video sequence so this function is responsible for getting the information from 
the parameters inputs and placing the relevant information in the sequence layer 
header. The function putbits( ) is used by this function to put the information into 
appropriate data structure that is to be output later. The functions putseqext( ) and 
putseqdispnxt( ) are also responsible for the generation of the sequence layer header. 
 
The nest two function calls (namely rc_init_GOP( ) and putgophdr( )) are concerned 
with the initialisation of the GOP layer sequence and the creating of the GOP header 
ready for the frames to be encoded and placed in the GOP payload.  
 

9.3.2.3 Motion compensation. 
Now that the headers for the sequence layer and GOP layer have been constructed the 
actual encoding of frames can commence. These encoded frames will be the frames 
which make up the payload of the GOP layer and hence the sequence layer.  
The first function called in this section is readframe( ). This function reads the frame 
from its current location. The function motion_estimation( ) takes the frame as input 
and runs the frame through the frame_ME( ) function. The frame is first split into 
macroblocks (the 8x8 blocks) and motion estimation for each is of these blocks is 
calculated (note, it is assumed that the motion estimation process has already been 
initialised therefore there is already a reference frame in the buffer ready to be 
compared with). The motion estimation for each of the macroblocks is calculated until 
eventually the motion estimate for the entire frame has been calculated. The process 
of making estimation is based on a prediction made by the predict( ) function. This 
function takes as input the frame to be encoded and a buffer of the last encoded-
decoded frame. The result of this is an estimation of the next frame to be encoded and 
this information is passed to the decoded frame which is then to be stored in a buffer 
for the next round of encoding. The difference between the estimate and the actual 
frame to be encoded is calculated and it is this difference which is to be encoded by 
the encoder and output. Figure 9.4 illustrates this part of the program: 
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Figure 9.4 

9.3.2.4 Performing DCT 
Motion compensation is a part of the encoder which helps increase the compression of 
the encoder. Motion compensation does not actually encode the data. The actual 
encoding of the data is done by DCT and quantisation. These functions are described 
here. It should be clear however that because the motion compensation functions 
described require decoding and encoding of frames so they make use of the functions 
described here (the encode and decode functions described for motion compensation 
were not included in the sequence diagram to avoid over complication).  
 
The first function is dct_type_estimation( ) returns whether the DCT function to be 
performed is the forward DCT or the inverse DCT (for the purposes of motion 
compensation). The transform( ) function is where the actual DCT block 
transformation occurs. As the name suggests, this function breaks the frame down into 
macroblocks and performs DCT on each block. Fig. 9.5 illustrates this part of the 
program: 
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Figure 9.5 

9.3.2.5 Quantization and output 
The final parts of the program perform quantization and finalise the encoded data for 
output.  
 
The function quantize( ) is responsible for the quantization of the data. The input 
quantization matrix from the parameter file (if different from the default matrix) is 
read used in this stage of the program. The output of this section is the compressed 
data.  
 
The function ic_init_pict( ) are responsible for the initialisation of the picture layer 
and the insertion of each frame into the picture layer. Subsequent functions add a 
header to this layer and structure the bits into a sequence of bytes in an array ready for 
output( ). The function tofile( ) writes the final output to the specified destination. Fig. 
9.5 illustrates this part of the program 

transform( ) 

transfrm.c 

dct_type_estimation( ) 

putseq( ) 

fdctref.c 

transfrm.c 

fdct( )



 

 59

 

Figure 9.5 

9.3.3 Simulation Group MPEG-2 Summary 
In summary, it can be seen that the code can be decomposed into several sections that 
represent the actual blocks of an encoder. For example the quantization function 
quantize( ), is the function responsible for the complete quantization process. It does 
itself call other functions but the process of quantization is encapsulated into this one 
function. This is the theme for the other major processes of an encoder such as DCT, 
motion compensation and motion estimation. The detailed understanding of this code 
will allow us to find ‘short cuts’ between the decoding and encoding process and 
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hopefully inefficiencies in the code itself. The following section explains how the 
code has been modified to create the Transrater.  
 

9.4 Modified MPEG-2 Encoder 

9.4.1 Overview 
The Simulation Group MPEG-2 encoder is to be used as a reference program for the 
development of the MPEG-2 transrater encoder. Like the original the encoder will 
operate through the input of raw video data in wither the yuv or ppm format and 
encoded using the standardised method discussed in the research section to produce 
the MPEG-2 file with the m2v format. The initial modifications will require the 
encoder to operate using streamed data through the pipe method. Also the encoder 
will require the arduous task of creating a more compressed format of MPEG-2 video, 
that will enable network transportation down a broadband connection which as a 
capacity of 256kbps. 
 
In order to achieve this, two major modifications were required in the design of the 
reference code. The following section will present those modifications followed by 
some of the problems that may face actual implementation. 

9.4.2 Primary Modification 
The primary modification requires the encoder to read piped/streamed data in its 
rawest format from the hardware decoder, as the current reference encoder is only 
capable of reading in filed data. The hardware decoder is found to pipe raw video data 
in a yuv format (in other words, luminance information Y, blue colour difference U 
and red colour difference V is all integrated in each packet of the video stream). These 
piped yuv packets are stored in a stdin file until the next encoded packets arrive at 
stdin. 
 
Identification of the code is required to pinpoint the section that deals with the reading 
in of raw video packets. The previous design section identified that all the relevant 
functions are implemented in the source file called “readpic.c”. This source file 
implements numerous methods as illustrated in figure 9.6. 
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readpic.c 

void readframe (fname, frame); /* global function implementation */ 
 
/* private functions used in this source code */ 
static void read_y_u_v (fname, frame); /* reads in separate y, u 
and v packets */ 
static void read_yuv (fname, frame); /* reads in integrated (y, u 
and v) */ 
static void read_ppm (fname, frame); /* reads in ppm file */ 
static void border_extend (frame, w1, h1, w2, h2); 
static void conv444to422 (src, dst); /* horizontal filter and 2:1 
subsampling */ 
static void conv422to420 (src, dst); /* vertical filter and 2:1 
subsampling */ 
char pbm_getc (file); 
int pbm_getint (file); 
  

 
 
 

Figure 9.6 

Functions of interest with respect to the system to be designed are void readframe 
(fname, frame) and static void read_yuv (fname, frame). When the function readframe 
is called it determines the format of the frame (e.g. yuv) by looking at the input type 
that is specified as a global variable (in global.h). This is set when it was reading in 
the parameter file. Therefore, in the parameter file, specification is required that the 
input type will be in yuv format (the integrated y, u and v format) since the decoder’s 
output will be of that particular format. Then this function will use one or more of 
those private functions to read in the frame of the particular format of our choice, in 
this case yuv. It is vital to keep in mind the fact that the encoder won’t work if the 
incorrect input type is set to that other than yuv. For efficiency it is feasible to discard 
all the functions regarding to other data formats and make it read yuv automatically 
without giving the user the choice of the data formats to be read.  
 
The function read_yuv. reads in the yuv data from the file called fname and retrieve 
each of the Y, U and V components and stores them in a global variable so that the 
encoder can later use that variable to process and code it. The pseudo code for this 
function (of the reference code) is as follows: 
 
 Static void read_yuv(fname, frame) 
 Char *fname; 
 Unsigned char *frame[] 
 { 

1. get chrominance horizontal size 
2. get chrominance vertical size 
3. open the file fname 

The global function “void readframe (fname, frame)” is accessed by any source code and the call to 
this function results in calling one or more of the private functions listed above. 
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 3.1 if opening fname fails give error  
             message 
4. reads luminance Y data from fname and store 
it in frame[0] 
5. reads blue colour difference U data from 
fname and store it in frame[1] 
6. reads red colour difference V data from 
fname and store it in frame[2] 
7. close fname 

 } 
 
It is apparent that changes can be made in the code to change fname to stdin. This is 
possible since the read in will use the function fread which is a standard library 
function and the argument for the input file is the pointer to the variable of a type 
FILE. Therefore it is very easy to replace fname to stdin which is also a pointer to the 
variable of type FILE. The modified version of the pseudo code will be: 
 
 Static void read_yuv(fname, frame) 
 Char *fname; 
 Unsigned char *frame[] 
 { 

4. get chrominance horizontal size 
5. get chrominance vertical size 
3. reads luminance Y data from stdin and store 
it in frame[0] 
4. reads blue colour difference U data from 
stdin and store it in frame[1] 
5. reads red colour difference V data from 
stdin and store it in frame[2] 

 } 
 
Removal of the opening and closing steps is considered due to the fact that stdin is 
already open when the program starts and it automatically closes it when the program 
terminates.  
 
The function format was left as found in the reference code. The key reason for this 
was that changes in the argument of the function would result in changes throughout 
the program where the function is reused. Selection was made to leave argument 
structures as found and simply ignore the pointer. The result is a ‘dummy’ type file 
pointer, leading to the user being required to specify a dummy input file name in the 
parameter file. 

9.4.3 Secondary Modification 
The second modification is to make the data rate of the MPEG2 output lower than 256 
Kbps. Various possibilities to achieve this have been discussed in the previous 
sections. One methodology identified was the changing of quantizer scale values of 
the quantization matrix, more specifically those within the intra quantization matrix. 
The reference encoder allows the user to choose between default intra quantization 
matrix and the user defined matrix. This is done by the user specifying in the 
parameter file, what kind of quantization matrix to be used for the encoder. If the user 
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wishes to use a default intra quantization matrix, then the user only has to put “-“ in 
the intra quantization matrix section of the parameter file. If the user wishes to use a 
user defined intra quantization matrix then the user has to type in the name of the file 
which contains the values of the matrix.  
 
This file has to contain 64 integer values (range 1…255) separated by white space 
(blank, tab, or new line), one corresponding to each of the 64 DCT coefficients. They 
are ordered line by line, i.e. v-u frequency matrix order (not by the zig-zag pattern 
used for transmission) [DOC1994]. 
 
In this model, the user has to manually construct this file, typing in all those 64 
integer values. The main disadvantage is that it is a nuisance for the user to do this 
and it also vulnerable for a miscalculation of values or typing errors. Therefore the 
encoder required the included of constructing a quantization matrix using the method 
illustrated in the earlier section, then store this matrix in a file automatically. 
 
Reading the parameter file and determine what type of intra quantization matrix to be 
used is done in mpeg2enc.c which is also in charge of driving and providing the flow 
of control of the whole encoder. This file implements “int main” function and the 
related methods and these are illustrated in figure 9.7.  
 

mpeg2enc.c 
 
 
int main (argc, argv); /* Drives the whole encoder */ 
static void innit (); 
void error (text); 
static void readparmfile (fname); /* reads in the parameter file and 
store */ 
static void readquantmat (); /* read and store quantization matrix */ 
 
 
 

 

Figure 9.7 

It is apparent that the function “static void readquantmat()” is concerned with the 
reading and storing of quantization matrix values. This method reads the intra 
quantization matrix file name part of the parameter file and puts each value of the 
matrix into an array of size 64 which can be used later on in the encoding process. If 
the user puts “-“ as the name of the intra quantization matrix then the function reads in 
the default matrix that is specified in global.h. Otherwise it opens the file of the name 
that is specified in intra quantization matrix name field of the parameter file and stores 
the values into that array of size 64. The pseudo code for this method is as follows: 
 

The main objectives of this source code are to drive the encoder. It is mainly responsible for initialising 
necessary variables, read in parameters and other values and then calls other global functions in order 
to carry out encoding.  
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 Static void readquantmat() 
 { 
  IF the quant matrix name field in parameter 
file = “-“ 
   WHILE looping 64 times 
    Copy each elements of the default 
intra      matrix array into intra_q[] 
   END WHILE 
  END IF 
 
  ELSE 
   Open the file with the name specified in 
the     parameter file 
 
   IF there is no such file 
    Error message 
   END IF 
 
   FOR (i=0; i<64; i++) 
    Read a character from the file in to 
x 
    IF x is less than 1 or larger than 
255 
     Error message 
    END IF 
 
    Put the value of x to intra_q[i] 
   END FOR 
  END ELSE 
 
  Read in the non-intra quantization matrix 
     
 } 
 
The modification can be made by inserting the code (of constructing a custom intra 
quantization matrix and store it in a file) before the section where opening of the 
matrix file occurs. Of course if such file does not exist then it will give an error, thus 
requiring that the encoder open the same matrix file as the one put within the 
customized matrix too. Therefore the modified code creates a new file so that the 
customized intra quantization matrix can be stored in there. It will also provide the 
user with options of choosing the quality factor from 1 to 25. This quality factor is the 
same quality factor that is used to calculate quantizer step value that was described in 
the earlier sections.  
 
The user needs to be informed about the minimum quality factor that will be achieved 
due to compression for the purpose of producing an output with a data rate that is less 
than 156 Kbps. However at this stage the minimum quality factor required in order to 
give such a data rate remains unknown until testing and implementation has occurred.  
 
The modified version of the function readquantmat() is as follows: 
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 Static void readquantmat() 
 { 
  IF the quant matrix name field in parameter 
file = “-“ 
   WHILE looping 64 times 
    Copy each elements of the default 
intra      matrix array into intra_q[] 
   END WHILE 
  END IF 
 
  ELSE 
   Prompt the user to enter a quality factor 
Q 
   WHEN the correct value is entered 
    Create and open a file F to write to 
    
   FOR (i=0; i<8; i++) 
    FOR (j=0; j<8; j++) 
     Calculate quantizer scale of 
     Matrix(i,j) = 1+(1+i+j)*Q 
     Put value of Matrix(i,j) and a 
white      space into the file F  
    END FOR 
   END FOR 
    
   CLOSE file F  
    
   Open the file F to read 
 
   IF there is no such file 
    Error message 
   END IF 
 
   FOR (i=0; i<64; i++) 
    Read a character from the file in to 
x 
    IF x is less than 1 or larger than 
255 
     Error message 
    END IF 
 
    Put the value of x to intra_q[i] 
   END FOR 
  END ELSE 
 
  Close file F 
 
  Read in the non-intra quantization matrix 
     
 } 
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Note that when writing the quantizer matrix to the file F, the values are written and 
ordered line by line and not the order of the zig-zag scan and separated by white 
spaces. Also note that the file F is the same file that the user specified in the intra 
quantization matrix section of the parameter file. The file is created and opened for 
the values to be written, thus requiring the system to ensure the file is closed before 
re-opening and storage within the array.  

9.4.4 Other Modification(s) 
The previous modifications occurred within the reference encoder code. Alternative 
methods can be implemented external from the encoder in order to achieve valuable 
compression of the video. Therefore it is necessary to change video stream parameters 
such as frame rate and picture resolution in order to provide a much lower data rate. 

9.4.4.1 Frame Rate 
Frame rate is the more obvious attribute of the video to manipulate. This can be done 
on the MPEG stream itself or specify the frame rate in parameter file. In the case of 
the system designed the parameter file has the capability for the user to dictate the 
frame rate code. The code is ranging from 1 to 5 where: 
 

• 1 = 23.976 frames/sec 
• 2 = 24 frames/sec 
• 3 = 25 frames/sec 
• 4 = 29.97 frames/sec 
• 5 = 30 frames/sec 
 

Observation of video stream properties observed that the BBC1 stream had an I-frame 
every 12 frames. With a frame rate of 25 frames/sec, this meant that extraction of I-
frames would result in approximately 2 frames/sec. This video stream of I-frames 
could then be further manipulated through encoding and changing the attribute values 
from continuous I-frames into I, P and B frames (in order to transmit you need to 
arrange I, P and B frames in certain order) at < 256 Kbps. In order to do this, the 
encoder would require the modification in order to enable the ability to filter out I-
frames and include them amongst P and B frames just before transmission.    

9.4.4.2 Picture Resolution 
As previously indicated the smaller the value of picture resolution the less information 
required for encoding, hence a lower data rate. Failure occurs when too low a value is 
set resulting in poor video quality. A good example resolution would be 352 x 240 
pixels, but the user can be able to change this however the user deems as acceptable. 
The resolution can be changed on the MPEG2 stream itself but it is easier and more 
user friendly to specify a particular resolution in parameter file. There will be a 
section where the user can specify the horizontal pixel size and vertical pixel size. 
This will require a user testing process in order to identify the optimal rate with 
respect to visual quality and data rate. 
 

9.4.5 Possible Problems with our transrater model 
Using the reference code, from the Simulation Group MPEG-2 encoder, coupled with 
some key modifications, various testing procedures were carried out in order to 
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identify any problems. The following section highlights some of the key problems that 
occurred.  

9.4.5.1 Frame distance problem 
By default in the parameter file, the I/P frame distance is set to 3. This means that the 
encoder is taking two B frames every P frame and the stream of the frames will look 
like this: 

 I B B P B B P B B I ……. 

The use of B pictures lead to various delays in the encoding and decoding process, 
since both the previous and the next I/P pictures had to be received and stored before 
a B picture can be encoded or decoded (Richardson & Riley 1997). This process is not 
easy to do quickly and resulted in noise polluted video leading to a less than 
satisfactory quality in picture.  

9.4.5.2 Solution 
The solution to this aspect of the system was to change the I/P frame distance to 1, 
thus removing all the B-frames in the picture stream. 
 

9.4.5.3 Stdin problem 
During the system process of decoder output being transmitted to the MPEG-2 
encoder using the “|” operation, i.e. the pipe, problems arose though the encoder 
looping through previous input resulting in re-reads from the stdin. Analysis led to the 
conclusion that a bug must exist within the way the stdin component operated. Thus a 
means needed to be found of blocking out previous input.  

9.4.5.4 Solution 
The obvious solution for this problem is to avoid using pipe between the encoder and 
the decoder. This leads to the integration of the mpeg2 decoder and encoder from 
mpeg2 reference software to optimise data exchange between them and avoids the use 
of stdin. This will also help speeding up the whole transrating process. The one 
possible design of the “ideal” transrater is illustrated in figure 9.8 
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Figure 9.8 
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10 Project Management 

With a project of such magnitude project management techniques were required in 
order to ensure ‘smooth’ and efficient running of the project. These techniques were 
applied in order ensure the careful allocation of resources such as time. This section 
will describe and present those applied during the lifecycle of the project. 
 

10.1 Project Scope 

During the initial stages of the project timeline it was decided to identify the aims and 
objectives that the group would set out to achieve. These aims and objectives were 
defined and categorized by means of measurability and those that would not be 
catered for due to limited resources. The following ascertains and defines those aims 
and objectives. 
 
Aims and objectives – measurable 

• Provide software that stream real time TV over Internet 
o Provide acceptable QoS 

• Provide fully functional piece of software 
• Deliver our product in time 

 
Aims and objectives – non measurable 

• DVB-T digital transmission only 
• Exploit other MPEG reference software to help to build our final product 

o Risk: legal issues 
• Gain better understandings of MPEG compression 

 
Aims and objectives (Not to be built) 

• Security 
• Software that work on DVB-S, DVB-C or other digital signals 
• Use other compression standards 

 
The most important objective of the project decided by the group was to be to provide 
software that would take a digital TV signal, in this case MPEG2 from DVB-T 
streams, and stream it to a remote machine at another point within a network in real 
time. The fact that the backbone of the network was to be the Internet was to be the 
main challenge. This largely arose from the fact that we were streaming multimedia 
files along an unpredictable and unreliable backbone requiring a specific level of QoS.  
 
Measurability of such an aim could be achieved through the actual implementation of 
the software and measuring of specified metrics. The use of metrics was an important 
project management tool as it allowed us to realise various aspects of the project from 
an early stage. These metrics were identified as: 
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10.2 Project Metrics 

• Quality Assurance 
o Data Rate 

• Latency 
o Time Lag (seconds) 
o Jitter 

• No of Iterations Completed 
• Quality of Picture 

o Perceptual 
o Pixel Resolution 
o Frames Per Second 

 
The second measurable aim and objective identified was to provide a fully functional 
piece of software. This required the inclusion of a testing phase within the project. At 
this point those metrics earlier identified would prove key as well as the requirement 
analysis that was earlier carried out. 
 
The third aim and objective was to deliver a project according to the time restraints 
imposed upon the project. This led to heavy consideration with regards to the 
production of a schedule and thus the identification of major milestones that would 
ascertain progress along that schedule. 
 

10.3 Project Milestones 

The following lists those milestones that were identified as being key points that 
would arise within the project timeline. 
 

• Agree on our initial coding scheme 
• Establish digital signal to be sent over the network 
• Apply coding scheme 
• If the initial coding scheme fails 

o Apply alternative coding scheme 
• Test and improve our scheme 
• Documentation 

 
It was decided that in order for these milestones to bare some relevancy upon the 
schedule that the group would attempt to follow they would need to be placed upon a 
predicted timeline that the group would be able to follow. Through the use of the 
project management tool of Gantt charts this was achieved as illustrated in fig. 10.1. 
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Figure 10.1 

 
A key aspect to the Gantt chart and one in fact that the group required to imply was 
the contingency task of ‘Failure Apply Alternative’. This is in fact describing a point 
in the project where the task of creating a transcoder proved to be an unrealistic goal 
and thus the group focus would move towards making a transrater. The inclusion of 
such a contingency proved to be invaluable during the project as without it much of 
the groups focus would have been lost and the preliminary aims and objectives 
described earlier would have been unfulfilled. 
 

10.4 Project Methodology 

An Iterative and Incremental methodology was adopted by the group. This was 
largely due to the fact that it enabled the group to possess an agility that would allow 
any refinements with regards to the said aims and objectives during the life of the 
project. This need for agility stemmed from the fact that the project was innovative in 
nature and the process of establishing an initial set of feasible requirements was to be 
made difficult by the fact that little reference or research material existed. Thus this 
methodology would give flexibility to change and refine the requirements at a later 
stage in the project 
 
Also the fact that the project was not to be affiliated with any organisation the group 
was not restricted by having to adopt a methodology that was congruent with an 
organisational ethos, such as the Waterfall model. Being able to progress to the design 
and coding sections and then re-iterate helped the feasibility analysis as it sometimes 
surfaced requirements which were adjudged to be infeasible during our initial 
requirements.  
 
The make up of an iteration can be illustrated in fig. 10.3 
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Figure 10.3 

Based on the RUP iterative development lifecycle, a modified template allowed the 
group to utilise previous project management models in order to suit the needs of the 
group and increase the overall efficiency of the project. 
 
Fig. 10.2 illustrates the lifecycle of the project. It can be noted that 4 specific phases 
of the project were identified.  

 

Figure 10.2 

Due to the nature of the inception phase, a full iteration was not needed as the 
specification was predetermined by the project sponsor. Thus it overlapped into the 
research phase of the project. The completion of the first iteration provided not only a 
way of refining our initial requirements but a way a measuring the progress of the 
research phase 
 
The second iteration provided that by the end, the second milestone should have been 
completed. This provided a convenient way to measure the progress of the group. 
Problems arose through the underestimation of the actual length of the research phase 
of the project leading to the second iteration overrunning. 
 
The third iteration, found in the construction phase of the project, gave the group the 
opportunity to surface and refine those requirements found in the inception phase of 
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the project. The final iteration of the project included the final report and delivery of 
the DVB-T system. 
 

10.5 Monitoring and control 

Various project management tools were implemented in order to ensure that the 
project maintained a steady and productive course. The primary of these was to elect a 
project manager within the group. The individual who was given this task was 
responsible for ensuring that the group was well organised and was adhering to other 
monitoring and control tools employed. These included that the group abide by the 
deadlines set for each milestone, as represented in the Gantt chart (fig. 10.1). 
 
The inclusion of weekly schedule meetings ensured that excellent lines of 
communications existed between each member as well as the supervisor. By making 
them flexible, this ensured that they would not hinder progressive through being 
unnecessary. The fact that the group had a small number of members reaffirmed those 
lines of communication between individuals as direct lines of conversation were more 
likely to occur than in groups with a larger number of members. 
 
The shared repository was a directory on the server system that each member could 
access through remote access programs like SSH. This enabled each member to have 
complete access to the other members’ files. 
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11 Evaluation 

In total a period of 18 weeks was assigned for the project. The first few weeks were 
concerned with the project management aspect and the project and the preparation of 
the project presentation. After the presentation, a regular pattern of meetings with the 
project supervisor took place. One of the first things done in the meetings was the 
project supervisor presented us with the initial problem statement. As a group, the 
problem statement was analysed and initial research was conducted into the area. The 
major area of interest concerned with the problem statement were split up and 
assigned to each member of the group. After a short period of time a set of primary 
objectives were drawn up (listed in the objectives section). After more research these 
objectives were further elaborated and these gave the group a target to work towards. 
As the scope of the initial problem statement was very broad, the period of time spent 
on the research phase was lengthy. Much of the time involved learning the broad set 
of compression standards required for any progress in the project to be made. The 
principles behind much of the techniques used in encoding of both video and audio 
were needed and so time was taken to learn these things. Very soon into the research 
phase an initial decision into whether to choose between a Transrater or a Transcoder 
as the software to be developed needed to be made. During the research phase it 
quickly became evident that in fact a MPEG-2 to MPEG-4 Transcoder had never been 
developed and it was in fact a very keen area of research. The promise of developing 
something completely revolutionary in this field seemed very appealing to the group 
despite the great levels of complexity required behind the subject of transcoding. 
Because of the enormous potential that lay behind a MPEG-2 to MPEG-4 Transcoder 
compared to that of just an MPEG-2 Transrater, the choice was made to develop the 
Transcoder.  
 
During the research phase a lot of emphasis was placed on learning the theory behind 
MPEG-2. Some research was conducted into the MPEG-4 field but it was agreed that 
MPEG-4 was a substantially more complex standard that required much more time 
than was available to research to a sufficient level to make progress in the project. It 
was decided at this stage that continuing in the area of developing a Transcoder would 
be infeasible given the current time constraints and that if we chose to develop a 
Transrater (which is completely concerned with the MPEG-2 domain), we could 
apply the knowledge already leant in this section and make much speedier progress. 
Once the decision had been made to develop a Transrater instead of a Transcoder, all 
the effort of the group was placed into continuing the research into the Transrater.  
 
After the complete set of objectives were determined in the research phase a set of 
specific requirements were drawn up. Some time was taken to ensure these 
requirements were in fact feasible to meet and slight initial modifications to these 
requirements were made.  
 
With the completion of the requirements phase came the design section. This section 
was a considerable section in terms of time and resources. Familiarity with the entire 
tools needed for the project was gained in this section and it further aided our 
feasibility studies of the requirements section. For example, the application in the 
DVB drivers came with a built in application that allowed for tuning-in of the 
channels and there was also an application devoted to scanning for all available 
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channels. With the knowledge that such applications existed and the knowledge that 
that could be used for our purposes, we could therefore predict that certain aspects of 
our requirements section could in fact be met. As a pre-existing program was used for 
the initial purposes of the encoder, there was no need to write any code from scratch. 
This meant that a detailed low level design was not required for the project. This 
provided the group with the time to focus on other aspects of the project. As the group 
consisted of only 3 people, time management was a critical factor in the management 
of progress. Also, as the group was using a very substantial program (19 source files 
in total and some source files consisted of over 20 pages of code), a large amount of 
time was needed to familiarise ourselves with the program and perform run-throughs 
of the program to try and understand the working of the program. By the program not 
being object-oriented it was slightly more difficult to try and figure out the workings 
of the program without looking at the code in its entirety.  
 
After the program had been analysed and understood it was a case of carefully 
modifying the code in order to achieve an effective MPEG-2 Transrater.  The 
processes involved in this are detailed in the design section. Once the modifications 
were made it was a case of putting together the whole system. Various different 
aspects were needed to be changes in order to achieve this. The group needed to make 
sure that a television signal could in fact be captured and sent into the relevant 
decoder and the output to the encoder. This task was split up. In order to make things 
easier, firstly, the DVB card was tested to make sure a TV signal could be seen by 
storing the output to a file on the server, downloading the file to the remote machine 
and viewing the file on the remote machine’s media player. Once it was clear that this 
worked, the group could concentrate on sending the output of the DVB card straight 
to a file and then input this file into the Transrater. The Transrater performed as 
expected when the file was input into it. The next stage was to pipe the output of the 
DVB card straight to the Transrater. This wasn’t straightforward since piping uses 
stdin. The problem with the current stdin is that it does not block the old content if no 
new data is available. This is the assumption that is made based on our “transrated” 
video. After first few frames, the video images are looping as if it keeps on reading 
the old data. We concluded that there is a minor bug in the way the stdin works and 
also there are few quirks in exchanging data between the decoder and encoder through 
piping because the encoder seems to be slower than the decoder. After we identified 
the problem we had to work out an alternative way of developing a transrater that 
does not use piping between the encoder and the decoder.  
 
Unfortunately, we didn’t have enough time to develop the “improved transrater” that 
avoids piping between the encoder and the decoder. However we came up with the 
design of it which is illustrated in the design section. Apart from this piping problem, 
our encoder works smoothly as long as we save the decoded images into a file then 
encode it. The encoded data is analysed and tested by sending them across the remote 
machine using various techniques such as ffserver and ffmpg etc. 
 
It can be said that all three of the main objectives were met and that the project was a 
success. However there were objectives that were not met. Firstly, and most 
importantly, is the audio aspect of the system could not be catered for because there 
was not enough time left to concentrate on audio encoding and developing an audio 
transrater. This is an aspect that can latter be added to the project but given the time 
constraints it was of a higher priority to get a video transrater developed first and any 
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available time could be spent on developing the audio aspect of the system.  There 
were other objectives that were not met, one of which is that the user has not been 
provided with the ability to change channel on the remote side of the system. In fact 
the user does have the ability to change channel at the server side but that does require 
the user to take on the role of the system operator or administrator. This in fact leads 
to one of the other objectives not being met; this objective being the one that states 
that ‘all of the workings of the server side should be abstracted away from the user’. 
Even though the system was fully operational there was no time left in the project to 
concentrate on the usability of the system or to design and build any sort of user 
interface for the system. As a result the user has to perform the relevant actions to 
activate every component of the system and to pipe the data to his/her remote system. 
Because of the limited time towards the end of the project, there was little time to test 
the qualitative aspects of the project, namely to test what the opinions of the users was 
in regard to picture quality. This could have been achieved by a simple questionnaire 
asking the user to give a rating of the picture quality on a scale of say 1 to 5. 

11.1 Further Work 

Given the opportunity of a greater pool of resources such as time and technology it is 
felt that there exist various aspects to the system that could be built upon. For the case 
of fully functionality the transrating of audio encoding seems the most obvious of 
these. Although, as discussed in the research phase, there exists efficient encoders at 
the Layer 3 MPEG standard, it is felt that more of the project focus could have be 
channelled towards. Hence the system could then boast the functional aspect of being 
both audible as well as visual. 
 
Another aspect to the further development of the system could have been a MPEG-2 
transrater with the added functionality of being able to produce an output signal of a 
variable length dependant on that specified by the user. For example the capability of 
being able to set the rate of transmission could allow the project to expand beyond the 
boundaries of remote connection via broadband only. For example connection could 
have also been achieved via dial-up connection, with an uplink of only 28kbps. 
 
A key aspect of further development would have been the use of a transcoder as 
opposed to a transrater for MPEG-2 decoding and encoding. It is feasible to suggest 
use of a transcoder would have led to a greater level of efficiency at a minimal cost of 
audio and video quality. By using intelligent coding schemes and exploiting 
similarities between MPEG-2 and MPEG-4 it is believed that various short could have 
been included through merging and adjoining different components of their respective 
encoding and decoding algorithms. Hence given the opportunity it is believed that the 
results achieved for the viewing of DVB-T over limited networks would have far 
surpassed that achieved by a transcoder. 
 
A more indirect aspect that could have been built upon would have been a thorough 
investigation into other DVB standards and how the system would be affected and 
require modification given that the original signal it was not receiving was not that of 
DVB-T. This raises interesting questions with regards to the amalgamation of services 
offered in a single DVB data stream and raises the further possibility of attempting to 
transrate other aspects of the DVB stream other than that of just audio and video. For 
example a study could be undertaken as to how to also transmit programme and 
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subtitle data across limited networks. Thus the remote user would have access to these 
additional functionalities. 
 
Suffice it to say the world of DVB over networks such as IP is in its infancy when 
viewed from the perspective of “what has already been done?”. There are limitless 
avenues as to which further work could be achieved given the scope of the area. 
 

11.2 Conclusion 

The project has raised numerable challenges during its four month span. Final success 
can be measured by asking the simple question of, “Have we created a transcoder or 
transrater?” The simplistic answer is yes. The system developed has the capability of 
receiving a DVB-T signal and encapsulating it into a format that can be sent over a 
limited network for viewing at the terminal end in real time. 
 
However numerable challenges have faced the group at both a technical and social 
level. For one the fact that the group was limited to only three members hindered the 
possible progress that was originally conceptualised. This had knock on implications 
such as the sudden change in project direction midstream, from a transcoder to a 
transrater. Also the group was forced into a situation of having to concentrate on one 
aspect of the system, video, at the cost of forsaking all other aspects, i.e. audio. 
However these were overcome through excellent project management techniques and 
help form external sources of the group such as online forums and the project 
supervisor to produce, what is in the eyes of the group, a fully functioning piece of 
software. 
 
However success of the project cannot just be deemed in what has been achieved, but 
also in what has been learnt. For one each member found the opportunity to become 
accustomed to a new programming language, C, that previously only a vague 
understanding existed. Also knowledge of multimedia communication has surpassed 
that which was expected, largely due to misdirection of relevant sources. 
 
Thus in short the project has proved a valuable guide in both knowledge of computer 
science and software engineering. 
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