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Abstract

A century earlier the fact of viewing something on a screen that sometimes it's happening right in 
the moment was totally unbelievable. The big discovery of the TV was just the first step of a huge 
amount of researches that developed  the image/audio transmission systems. 

Nowadays we are immersed in a digital age and this is why in this project is explained the main 
available digital video transmission systems. As the title try to show, has had a long path until the 
possibility of using digital video at home, but this “path” has two meanings: the historical path and 
the physical path. The first one begins with the analog standards and ends with the actual most 
advanced wireless digital transmission systems. The second one, begins in the television station and 
ends with the use of digital transmission devices in  our own houses.     

The standards and technologies chosen with the purpose to explain this “path” are the following: 
three analog standards (NTSC, PAL and SECAM), five broadcast digital standards (DVB-S, DVB-
C, DVB-T, DVBT2 and ATSC although the most important for this project are DVB-T and ATSC) 
and finally two indoor digital technologies (UWB and WirelessHD). 

Every standard  is going to be described in several facets: how it works, the physical  medium used, 
a  few  about  source  coding,  channel  coding,  modulation,  channel  capacity  (data  rates),  power 
features,  SNR  ratio,  bandwidth,  carrier  frequency,  noise  and  other  types  of  interferences,  etc. 
However  not  every  standard  will  be  described  very  deeply  in  every  aspect,  it  depends  on  the 
importance of the standard for the  Master Thesis and the importance of the own aspect for each 
standard.

Apart from describing the standards and technologies is very useful the comparison between them 
in order to make clear the advantages and disadvantages and allow the user to choose the most 
suitable technology to be applied.
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1. Introduction                                                                                              

Since this project  is mainly about digital  video transmission systems,  it  was thought to put the 
analog standards in this chapter. However without these analog standards the digital ones would not 
exist, so it's important to explain properly how they work although this introduction could seem a 
bit long.  

1.1 Digital video background

There are three analog standards for television. The reason for a country to have chosen to use one 
of the possible standards could be technical, geographical, political or even historical. Whatever is 
the  reason,  is  going  to  be  explained  how  these  standards  work,  specially  talking  about  the 
transmission aspects and without going very deep into other issues. The aim of this chapter is to 
give a background to the digital video transmission which is our goal in this master thesis, so the 
main analog video transmission issues are going to be described so we can see the evolution once 
we have studied the digital one.

1.1.1 NTSC

NTSC  (National  Television  System  Committee)  was  the  first  widely  adopted  broadcast  color 
system. 

Some matters about the modulation used in this standard, like for example kind of modulation, 
bandwidth,  carrier frequency,  etc, are going to be explained.

In the next picture we can see the spectrum of a NTSC signal channel.

Figure 1.1: NTSC spectrum [30]  
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In the figure above the luminance luminance the monochrome signal or “black and white” signal 
that is represented by Y and the chrominance is the signal that carries the color and can be blue 
( B ), red ( R ) or green ( G).

The modulation used is amplitude modulation (both for luminance and chrominance) for the video 
signal and frequency modulation for the audio signal. The color modulation is quadrature amplitude 
modulation with suppressed carrier (that means that has been removed the carrier to waste power as 
less as possible in the transmission).[7] 

The reason for being quadrature amplitude modulation is because we have to separate the red and 
the blue signal by making them orthogonals. This is because the color space is three dimensional by 
the nature of the human vision, so we have to carry the luminance, that is the monochrome signal 
and we still have to carry other two dimensions. . Typically the two color signals that are carried are 
R and  B  because  their  signal  difference  with  luminance  is  stronger  than  the  signal  difference 
between the green and luminance. We can see better the quadrature amplitude modulation in the 
following picture:

Figure 1.2: Chrominance quadrature amplitude [7]

The video signal carrier is on the left side of the figure (fc) and it is 1.25 MHz above the lower limit  
of the channel . The next carrier (from left to right) is the color subcarrier (faub) and is 3.579545 
MHz far from the video carrier. The  audio carrier (fsound) is 4.5 MHz far from the video carrier.
[1]

The total bandwidth of a channel in this standard is 6 MHz. The spectrum structure  is as it follows: 
we have a guard band of 250 KHz in the lowest part of the spectrum of each channel that separate 
each channel from the next one. The video signal is transmitted between 500 kHz and 5.45 MHz 
above the lower bound of the channel.  The highest  25 kHz of each channel contains the audio 
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signal.[1]

NTSC uses VSB-AM. What does that mean? The video carrier generates two sidebands as we can 
see in the figure 1.3. Each sideband has 4.2 MHz . The whole upper sideband is transmitted, but 
only 750 kHz of the lower sideband, which is called vestigial side band, is transmitted.[7] Let's 
explain this with a little bit more of depth:

Demodulating a DSB-AM signal involves not much complexity, but there is too much redundancy 
information,  in  fact  there  is  twice  the information  we need and this  implies  that  it's  not  being 
efficient with the radiated power and the spectrum use. In single sideband amplitude modulation 
(SSB-AM) ,  both the carrier  and one complete  sideband are  suppressed which implies  a better 
utilization of  the spectrum and the power, but in the other hand the demodulator is going to be 
more  complex,  so  as  we  can  see  the  drawbacks  of  DSB  and  SSB  are  just  the  opposite.  A 
compromise is found in vestigial sideband amplitude modulation (VSB-AM) where a major portion 
of one sideband is suppressed. VSB-AM is used in NTSC broadcast TV standard where 82,14% of 
the lower sideband is suppressed.[2]

Now we are in condition to know how we get the 6 MHz of bandwidth. 

Total_bandwidth=Upper Side Band + Vestigial Side band + Guard Band+ Audio Bandwidth+
+Others(i.e Transitions Bandwidth)

 Figure 1.3: VSB-AM transmitter, channel and receiver [3][2]
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In this point we should have understood how the bandwidth is distributed in RF spectrum. There is 
still something in the figure 1.1 and 1.2 that maybe is not understandable. Why are there two signals 
(luminance and chrominance) that share the same frequency band and why one is wider than the 
other? The answers are the following.

Firstly, due to  compatibility requirements there is need to carry two video signals, the monochrome 
one that is called luminance as we said before (and it's created in the matrix in the video camera by 
assigning 0 mV when is totally black, 700 mV when is totally white and the values in the middle) 
and the other one that carries the color information (Red, Blue and Green that is generated also in 
the  matrix  in  the  camera)  and  known as  chrominance.  Old  TV were  able  only  to  display  the 
luminance, while more moderns receivers (TV in color) process both signals. The color signal has 
to be  inserted into the luminance to not waste more bandwidth.  This insertion is possible because 
the spectrum of the monochrome TV signal (the black and white signal) is not continuous, therefore 
there is empty space  that can be utilized. There is no continuity because the signal that we are 
dealing with comes from an image that is not continuous, and is divided into frames and lines. In 
reception the two signals has to be separated, this is why we use a subcarrier.[1][6] As we are going 
to see along this chapter the different analog color systems differ in the way the empty space is 
used. 

The answer for the second question is: it's possible to use less bandwidth for the chrominance than 
the luminance because the eye has a small color resolution comparing with the bright resolution.[6]

The chrominance subcarrier frequency is located almost at the end of the channel with the aim of 
causing  as  less  interference  to  the  luminance  l  as  possible.  However  it's  impossible  to  avoid 
completely interferences and crosstalks between luminance and chrominance.[6] 

There is an important drawback in NTSC: there are phase errors that produce hue errors in the TV 
screen. This is why a tint control is necessary in the receiver.[1] The following analog standards 
were born with the aim of removing these hue errors.

1.1.2 PAL

PAL is the analog television system used in most of Europe and was the second attempt that tried to 
solve the NTSC hue problem (SECAM, that is going to be described later, was the first). However, 
instead of doing it by changing for example the kind of modulation that carries the chrominance, it 
was done by using the “NTSC way”, that means by letting the same kind of modulation. We will go 
this issue later.

There are a lot of PAL types but they only differs in the bandwidth and in the carrier frequency. [8] 
It's not the aim of this master thesis to go into analog video transmission systems  in depth so it's 
enough with the following example that belongs to a very common PAL type.

First of all let's see whether there is any differences with spectrum distribution. In the following 
figure we can see the spectrum of the PAL signal. 
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Figure 1.4: PAL spectrum [31]

The basis of PAL and the NTSC system are very similar, but there are two important differences in 
the modulation. First of all, in this case, the bandwidth in this case is 8 MHz and the chrominance 
subcarrier is 4.43361875 MHz far from the video carrier, instead of 3.579545 MHz [1]

Regarding how the color is transmitted the main difference with NTSC come in fact from his name. 
The name "Phase Alternating Line" describes the way  the phase of part of the colour information 
on the video signal is reversed with each line,  which automatically corrects  phase errors in the 
transmission of the signal by canceling them out. Correcting phase errors implies removing hue 
errors that usually happen in NTSC. In PAL a tint control is unnecessary in the receiver (television). 
However  correcting automatically this hue errors implies in a lower saturation , which is much less 
noticeable to the eye than NTSC hue errors.[1]

 

1.1.3 SECAM

In relation with the spectrum distribution, it has to be said that this standard has the same scheme as 
the PAL standard.

This standard was the first attempt that tried to solve the NTSC hue problem. The solution was 
based on the way the Red and Blue signals are carried. There are two fundamentals differences with 
the two standards before:

→  First,  SECAM  uses  frequency  modulation  to  encode  chrominance  information  on  the  sub 
carrier[6]:

Because of the FM modulation SECAM is insensitive to phase (or amplitude) errors; phase errors 
do not cause neither loss of color saturation in SECAM nor hue errors. However in PAL cause color 
saturation and in NTSC color shifts that we called hue errors.[1] 

SECAM FM modulation avoid a very usual problem in the other standards, this problem is  is 
known by “the dot crawl problem” . “Dot crawl problem” appears in the changing process  from a 
color  to  another  one  because  of  crosstalk  and intermodulation  between the  luminance  and the 
chrominance. In this transitions you can see a checkerboard patterns that can be irritating.[1] 
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- Second, the transmitter does not send the colours together, instead of that it only sends one color. 
The information about the other colour is obtained from the preceding line. It's necessary to have a 
device in the receiver to memorize the content of each line. This device is called “delay line”. [7] 

A good feature of SECAM is that signals suffer less damage over long distances than the others 
standards . However, this same advantage has a drawback:  due to the chrominance FM modulation, 
the colour signal never disappears, and when some parts of the image is just monochrome it could 
present a big cross colour.[1]

1.1.4 Some features

Finally let's talk  briefly about which features might have the vision terminals (for example in the 
receiver TV).[6]

-CCVS (Current Controlled Voltage Source)  with 75 ohms to generate a 1 Vpp video signal.

- RGB (Red, Green, Blue) components.

- Y/C (interface to separate luminance and chrominance as we explained above)

1.1.5 Analog video transmission systems conclusions

Three analog standards has been briefly described. NTSC was the first one and was found that due 
to phase errors it produces hue errors in the receiver. PAL fixed this problem without changing the 
chrominance modulation, however  this implied some color saturation error that are less noticeable 
than the hue errors.  Finally,  SECAM, by changing the chrominance  modulation and doing FM 
instead of AM fixed both hue and saturation errors.

Either NTSC, SECAM or PAL have similar spectrum structure: a bandwidth around 7 MHz and 
three carriers (video carrier, chrominance sub-carrier and audio carrier).

1.2 Why digital video?

Analog television has been a very important discover and something that we still use everyday. We 
usually watch TV with a very high quality, so, is it not enough for us? in fact the channels supply is 
sometimes too big for us and we don't have time enough to watch what all television channels offers 
us. The answer  for this question is very simple: nothing is enough for mankind, and we always 
want more. The consequence of this nonconformity is the digital video.

The problems that we can notice in a TV receiver with an analog standard are noise, double images, 
hue  problems,  snow and so on.  This  effects  are  produced by the  propagation  problems in  the 
atmosphere  that  also  become  evident  in  digital  transmissions  but  rarely.  In  fact  an  optimum 
reception in a digital system needs usually less power in the transmission than the analog systems. 
Let's see why in why in the very near future most of video transmissions systems are going to be 
digital.

In analog video transmission we have two problems to solve, the first is to create an image as 
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similar  as the reality and the second is to transmit  it  in our medium (air  for example)  without 
suffering any damage. However much care is taken by everyone involved, the signal will inevitably 
suffer some damage. Our senses will understand the message even if its very damaged but the 
image could not be as the original and sometimes could be annoying to watch it.[5]

In the other hand, let's suppose we cut up  the information into very small pieces (or packages) and 
every piece is individually wrapped to “make sure that it will come to no harm in transit”. Once we 
have them in reception we have to stick them all together. If some pieces are lost or damaged it 
would not be very difficult to know which piece is left and this piece left can be found for example 
in some extra area of our package.[5]

Today  is  becoming  more  and  more  difficult  to  distinguish  between  the  television  media  and 
computers.  You can use your  computer  to watch TV just with adding a TV card,  you can edit 
movies with the convenient program installed in your PC or you can simply watch a movie stored in 
it, something that was really unbelievable some years ago. The big high rates that sometimes can 
reach 800 Mbit/sec in HDTV for example, has helped a lot to digital video has nothing to envy to 
analog video and even overcome it as far as quality is concerned.[6]

Another thing that helped very much the spread of digital video is the digital video compression. 
Video  compression  is  necessary  to  send  much  less  information  to  the  receiver  without  losing 
important information. The video compression is based on considering just the differences between 
one frame and the next one instead of taking all the information of the frame : most of  information 
in a frame is just redundancy (the close frames usually have a lot of equal information and few 
differences).  However  some information  could  be lost  but  most  information  that  is  lost  is  not 
noticeable by the human eye.[5]

Another  advantage  of  using  digital  technology  is  that  the  utilization  of  the  spectrum is  more 
efficient, thus for example we can have much more television channels.
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2. Broadcast digital video transmission standards                                  

2.1 The DVB standard

DVB came in 90's as a way to gather all the information and development of the digital television in 
Europe. The unification was necessary and it was going to occur soon.[9]

It was thought three ways to guide the television signal to a TV receiver: by cable, from a satellite 
and of  course the terrestrial  one (as the analog  television).  However,  due to  the limited  signal 
deterioration of the two firsts their introduction were going to be earlier.[9]

Source coding

As we explained in the section:“why digital video?”, there is need to use video compression to save 
resources.  Thus sound and picture  is  coded by an ISO standard known as MPEG-2. (MPEG-2 
standard  for  video  and MPEG Layer  II  known as  MUSICAM for  audio).  Although there  is  a 
mandatory  source  coding  standard  for  audio  and video  there  is  still  a  lot  of  freedom because 
MPEG-2 remains just as a  “data-stream syntax” which turns MPEG-2 a basic toolbox to achieve 
any required complexity in the encoder. Then, for example, we have different bit rates to achieve 
the quality of different services:[9]

– 9 Mbits/sec for ITU-R Rec 601 “quality service”

– 2.5 up to 6 Mbits/sec to achieve analog television quality.

The data packets are packets  of 188 bytes.  The packets carry what  is known by PSI (program 
specific information) with the aim that the decoder can “capture and decode the packet structure”, 
which means that with  PSI the decoder can configure itself to generate an understandable signal for 
humans, taking as input the packets mentioned.[9]

DVB adds  Service  Information  (SI)  to  the  signals  to  allow users  see,  if  they  want,  additional 
information of what they are watching: for example the program start time, name of the service 
provider and classification of the event.[9]

2.1.1 DVB-S
 
This first DVB standard uses satellites as transmitters. Usually theses satellites  have transponder 
that has a bandwidth from 26 to 72 MHz, the uplink is in the 14..19 GHz Band and the downlink in 
11..13 GHz band. Due to the fact the symbol rate should be narrower than transponder bandwidth, 
the chosen BW is 27,5 MHz. (27500000 symbols  per second). In QPSK we have two bits  per 
symbol which implies that we have 55 Mbits/sec, which is a really good rate for one single channel.
[6]
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In the figure 2.1 we can see the DVB-S block diagram

Figure 2.1: DVB-S block diagram [6]

The modulation for DVB-S is QPSK (Quadrature phase shift keying ) although 8 PSK is also used. 
The reason for using PSK is because for satellites is needed a modulation resistent to noise (free 
space attenuation can reach 205 dB in aproximately 36 000 km ) and non-linearity (caused by the 
wave tube amplifiers in the satellite transponder) . If the modulation was amplitude modulation, 
sometimes,  due  to  non  linearities  could  be  no  amplitude  left  in  the  receiver,  so  we  need  a 
modulation that carries the information in the phase.[6]

Regarding the channel coding (that is really necessary  to give error protection) Reed-Solomon is 
used  for  adding a  checksum to  the packets  from the  previous  stage.  This  checksum provide a 
mechanism to know when a packet has had errors and also a mechanism to correct a maximum 
amount of errors that is a “direct function of the checksum length”. If the checksum length is L, the 
number of errors that it is able to correct is L/2. If we have more than L/2 errors in the packet, the 
the packet must be discarded[6]
 
If initially we had 188 bytes for one MPEG-2 packet, now we have 204 bytes for a packet after the 
coding channel stage. Thus we have what is know by RS(204,188). That make us think that the real 
data rate is not 55 Mbits/sec as was said before:[6]

However, Reed-Solomon is not enough protection against errors. There is still more coding stages. 
The first one, as figure 2.1 shows, is a convolutional interleaver stage where the bytes are moved 
evenly in the string of bits. This stage gives extra protection because if we suppose that during a 
transmission a big amount of  consecutive bits is damaged, when the signal comes to the receiver 
and  put in order the bytes, the long string damaged now is distributed in a lot of packets with small 
errors letting the R-S stage do his job properly and correcting all the errors. So we can say that 
unless we have a very long perturbation (such as a very long shot noise) the whole information will 
suffer no damage. 
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After the outer coder (Reed-Solomon) and the convolution interleaver stage there is another coding 
stage (inner coder) called trellis (convolution coder in the figure 2.1). Here the data  is divided into 
symbols and then one bit is added . Depending on how many bits you take for adding the new one 
you have a “code rate” or another: for example if you take just one bit to add a new one then the 
coding rate is ½, otherwise if you take 3 the coding rate is ¾ and so on. 

Depending on this code rate we are going to have a net data rate (I mean the real data rate or net 
data rate, ignoring all the protection stages)or another. If we suppose we have a code rate of ¾ 
(which is most typical):[6]

Trellis coding is a really good method  for sending digital data in a channel containing Gaussian 
(white) noise. This stage is very important since not doing it would be like dividing by 2 the 
transmitted power several times.

2.1.2 DVB-C

Cable has much better signal/noise ratio than satellite transmissions (up to a ratio of 20 dB between 
the two systems) and the modulation can be much more complex, carrying in one single symbol up 
to 6 bits if we are dealing with coaxial and up to 8 bits if we are dealing with fiber.[6]

In the figure 2.1 we can see the DVB-C block diagram:

Figure 2.2: DVB-C block diagram

The  transmitter  is  quite  the  similar  as  DVB-S,  the  main  difference  is  that  there  is  not  a 
convolutional coding stage (trellis) because is not necessary since in a cable the are less bit errors 
than  in  the  free  space  because  the  distances  are  shorter  and  the  propagation  medium is  more 
“robust”.[6]

The constellation might be either 16,32,64,128 or 256-QAM. As we see here we use amplitude 
modulation and not phase shift keying.[6]
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If we consider a channel spacing of 8MHz and a roll-off of 0.15 then we get 6.9 Msymbols/sec. 
Using 64-QAM (that is 6 bits per simbol, 2^6=64) we have 41.4 Mbits/sec. Using the same R-S 
coding: 

2.1.3 DVB-T

DVB-T  has  been  introducing  in  several  countries  in  Europe  during  this  century  although  the 
complete introduction (that is known by the analog switch-off) was schedule by the governments 
for 2012. However  some countries have thought to do it before that date.

There are several reasons why we need a standard that uses a terrestrial radio channel: one of the 
most important is the infrastructure available. Not always is possible to have a cable until your 
house (if you are living in countryside for instance), or to install a satellite in your roof and although 
it was possible the economic part is also important. Sometimes a mobile reception is required, thus 
a satellite antenna (that is much bigger than a terrestrial antenna could be) or a cable is not a good 
idea.[6]

General features

The DVB-T system is very flexible, so we have different options:[6][10]

– 2 transmission modes: 2k (2048 points IFFT) and 8k ( 8192 points IFFT )
– 3 modulation schemes: QPSK, 16-QAM,64-QAM 
– 5 different coding rates:1/2,2/3,3/4,5/6,7/8
– 4 different guard intervals:1/2,1/8,1/16,1/32

The choice between 2k or 8k it depends on how much sub-carrier spacing we need. In 2k we have 4 
KHz sub-carrier spacing and in 8k just 1 Khz. For example in mobile reception, its usual to use 2k 
to avoid as much as possible the Doppler effect.[6] It's important to say that whatever is the mode, 
we are going to reach the same data rate if the conditions are the same, this is because in 8K we use 
4 times the number of subcarriers but the symbol length is 4 times shorter, so we get the same data 
rate. 

Block diagram

The following figure shows the block diagram of a DVB-T transmitter:
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Figure 2.3 :DVB-T Block diagram[12] 

Hierarchical transmissions

DVB-T allows hierarchy transmissions but is only an option. The hierarchy transmissions means 
that there are two streams, one with high priority  and the other with low priority. The first one has 
low data rate, therefore a lower quality image but big noise protection (error protection) and the 
second one  it's  just  the  opposite.  This  way,  we're  going  to  send the  same  information  in  two 
different  independent  streams  although  in  a  multiplex  packet.  In  reception,  depending  on  the 
conditions, the receiver is going to choose one of the streams. If there is a good reception, then it 
chooses the stream with low priority (high quality) and if there is bad reception then the receiver 
chooses the stream with lower image quality but better error protection.[6] In the mapping section is 
explained this aspect  in depth.

Channel coding and interleaver

Before OFDM, in the block diagram, there is a channel coding stage that is the same as DVB-S. 
However there is a stage of inner interleaver between OFDM and the inner coder (trellis) that is 
missing both in DVB-C and DVB-S. This inner interleaver has two stages: the first one bit oriented 
and the second one symbol oriented.[12]

Mapper

After  the  inner  interleaver  we have  the  mapper.  The  mapper  “organize”  the  bits  coming  from 
symbol interleaver to choose which symbol we are going to send. To explain that more properly 
let's put an example:
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Supposing we have a 16-QAM modulation. Each symbol contains 4 information bits. However we 
are dealing with a quadrature amplitude modulation, which means we need two bits to give us the 
information about the real part, and another two bits to give us the information about the imaginary 
part as is shown in the figure below (I/Q modulation)

Figure 2.4: 16-QAM mapping

We can see that after the I and Q output we have twice the initial bit length, which is quite logical.

In the following figure we observe how the symbols are distributed in the constellation. The Bits 0 
and 2 determine the real part, and the Bits 1 and 3 determine the imaginary part.

Figure 2.5: 16-QAM mapping and constellation.[12]

In this case (16-QAM) for each 4 bits is modulated one of the 1512 active carriers for 2K and one 
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of the 6048 active carriers for 8K (later is explained the reason for this this amounts).

Let's put an example to explain the hierarchical modulation and its relation with a constellation: In 
the case we are dealing with, there are 6 bits to determine a symbol so we can use 2 bits to the 
determine the quadrant and 4 bits to the determine the symbol in the quadrant. That gives us a 64-
QAM constellation. If the receptions conditions are good (good SNR) then, the recovered image is 
the result of the 6 information bits (that  includes high priority and low priority streams).  If the 
reception conditions are bad or not enough good, the image is the result of just the high priority bits 
(coming from the high priority path in figure 2.3), that determine the quadrant. In this last case, the 
image is not going to be very accurate, that is, a bad  quality image because we don't get the exact 
point, just an area (the quadrant). This way we get what is called an QPSK embedded in 64QAM 
where each carrier transports “both portions of LP and HP”.[6] 

There  is  an  important  parameter  in  hierarchical  known as  “the  modulation  parameter  α”.  This 
parameter fix the distances between the symbols in the constellation. The meaning of this parameter 
is the ratio between the distance from a point to another in the adjacent quadrant and the distance 
between a point to another in the same quadrant.[12] Logically the bigger is this  α parameter, the 
higher is the necessary power to transmit the symbols, and the better is the S/N ratio.

In  DVB-T is  defined  three  values  for   α:  1,2  and 4.  In  the  following figures  we can  see two 
constellation for hierarchical modulation ( α=2 and α=4). 

Figure2.6: (a) Hierarchical modulation  α=2 
                (b)Hierarchical modulation  α=4

We notice in the figure above (2.6) that for α=4 there is much more space between the symbols in 
different quadrants.
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OFDM

Is not possible to understand DVB-T if we don't understand OFDM. OFDM was the modulation 
method  chosen  by  DVB-T  because  of  the  the  terrestrial  radio  channel  characteristics.  The 
abbreviation means Orthogonal Frequency Division Multiplexing. 

OFDM lie in distribute the data rate between a big number of sub-carriers instead of doing it in a 
single carrier. Thus we have that the symbol time increase a lot. How long increase the symbol 
length? Then answer is N times, being N the number of sub-carriers in the transmission, so now we 
have that Ts=NT (being T the symbol time if we just had a single carrier). The consequence  is that 
the signal is much more robust against echo interferences (multi-path reception) that is one of the 
most harmful error source.[6]

The fact that the sub-carriers are orthogonal have great advantages. One of the most important is 
that is possible to transmit several signals in the same frequency range without disturbing one to the 
other. 

In  the  following  figure  we can  see  how the  sub-carriers  are  distributed  in  the  spectrum.  This 
distribution, where two central frequencies are separated 1/Ts, where Ts is the symbol time, is the 
distribution in the spectrum that give us the minimum interference between symbols. Also is shown 

Figure 2.7: OFDM [11]

After the OFDM stage we have the “guard interval insertion”. The aim of this stage is to increase 
the symbol duration to avoid the echo problem as much as possible as was explained before. So 
finally the symbol length is:[12]

 
It should said that this”guard interval insertion” stage is adjustable, by tuning Δ depending on what 
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is required. The range used is between ¼ and 1/32 of the symbol length.[6]

As is known, there are 2048 available carriers for 2K mode and 8192 for 8K. However some of 
them are set to zero, and the ones who are not set to zero not all  of them are payload carriers 
(carriers that have the true information and are just 1512 for 2K and 6048 for 8K). There are five 
types of carriers: payload carriers, inactive carriers (edge carriers that are set to zero), continual 
pilots (used as phase reference in the receiver), TPS carriers (Transmission Parameter Signalling) 
and scattered pilots (to estimate the channel in the receiver). Except the last one, all of them have 
fixed positions. 

Some system parameters: Data rates and CNR

The channel  bandwidths   in  DVB-T  can be 6,7 or  8  MHz.  For  this  last  one there  is  a  basic 
parameter  in DVB-T called the IFFT sampling frequency from which can be obtained most  of 
DVB-T system parameters. This sampling frequency has a value of 9.142857143 MHz. This value 
can be interpreted as the bandwidth where could be located 2048 sub-carriers or 8192 sub-carriers 
(depending on the mode). However as it was said, there are some sub-carriers set to zero  to allow 
all the sub-carriers to fit in either 6, 7 or 8 MHz channels. This way the number of true available 
sub-carriers are 1705 and 6817  instead of the theoretical ones. For instance, for the 8MHz channel, 
with all this sub-carriers, we just get 7.6 MHz, letting a guard of 200 KHz for each band side. This 
point is going to be explained again later to make it more clear.

From now on, for all the examples, is going to be used the 8K mode for the 8 MHz channel. The 
goal is to compute the net data rate, that means, the data rate of the real information, without error 
protection, redundant information, etc. After that a table with all the possible combinations is going 
to be shown.

First of all we divide the sample IFFT frequency by the number of points in the IFFT and we get the 
sub-carrier spacing:

Inverting the last equation we get:

If is multiplied the symbol length by the numbers of actual subcarriers (as was explained) we get 
the actual signal bandwidth:

The symbol rate after OFDM must be computed as the inverse of the symbol length plus the guard 
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interval. In this case was chosen a guard interval of 1/32 to get a maximum symbol rate.

To calculate the gross data rate we have to multiply the  result of the last equation by the number of 
payload carriers and the numbers of bit per symbol used in the modulation.  64-QAM modulation 
was chosen so we can get the maximum gross data rate.

The gross data rate is not dependent on the mode, so once  this point was reached, the calculations 
must  have the same results  in  8K mode and 2K mode.  The differences  comes  from the  guard 
interval and the bits per symbol.

To compute the net data rate first of all we have to multiply by the R-S protection and after that by 
code data rate (after convolutional). 

The chosen coding rate is th one who gives us the maximum data rate. In this case the protection is 
minimum as far as the convolutional protection is concerned.

The result  is the same as the given by the standard as we can see in the following table 2. The  table 
shows (in the right side) the bit rate of all  combinations (bit per symbol and guard interval). It's 
desirable to make clear that this data rate is the “useful” data rate and is the amount of bits (from a 
MPEG-2 packet) per second that the system can carry from the source, once it has been encoded the 
information,  to  the end in the receiver.  Of course MPEG-2 packet  headers  and sync  bytes  are 
included in this account.
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Table 2.1: Bitrate and C/N for several modulation parameters [12]

The table above also shows  in its left side the required C/N, and code rate to get a  BER (bit error 
rate) of 2.10^-4 after viterbi.This BER would mean that there would not be almost any uncorrected 
error (just  one per hour), which is  a great  result.  C/N is computed as the ratio  of the received 
modulated carrier power and the noise power after the receiver filters. We could say that is the SNR 
of a modulated signal. 

As we can observe in the table 2.1, the bit rate increase with the guard interval as well as with the 
bit per symbol and the code rate. However the bigger is the bit rate, the bigger is the required CNR 
to get the desirable BER.

The table 2.2 is the equivalent to table 2.1 with non hierarchical modulation.  As is shown in the 
table 2.2, is never reached the highest data rate that was reached in non hierarchical modulation 
combining any data rate. This is because if it's used two streams (high and low priority) each stream 
needs his own error protection, therefore additional protection bits, while the channel capacity is 
still the same; the consequence is that the net data rate is lower than if it had been using an unique 
kind of modulation.
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Table 2.2: Bitrate and C/N for several modulation parameters using hierarchical modulation [12]

Spectrum and modulator power stage 

In the following figure we see the power spectrum intensity. As we know, the resulting spectrum is 
the  sum of  the  spectrum of  every  carrier  .  The  next  figure  shows the  spectrum for  a  8  MHz 
bandwidth,  a value for Δ of Ts/4 and for both 2K and 8K mode.

     Figure 2.8 : DVB-T Power spectrum density[12]
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We can see in the figure above that the nominal Bandwidth is roughly 7,61 MHz as it was explained 
before.

Before transmission the signal has to go through a power amplifier that has non lineal distortion. 
This  distortion  has  two  consequences,  an  internal  damage  and  an  external  one  that  becomes 
apparent as an extension of the radiated spectrum (what is called “shoulders”). The problem of these 
shoulders is that it bothers others services that could be near (in frequency). These services could be 
for instance digital or analog television.[12]

Figure 2.9: OFDM, D/A and Front end (including the power amplifier) [12]

The use of amplifiers as lineal as possible is not enough to get the desirable “shoulders” power level 
that  must  be 40 dB lower than the signal level of the services that  we don't  want to bother or 
interference.  This is why it's necessary to use a filter in the output  with the aim of fulfilling the 
mask requirements. The following figure shows the critical mask (mask that has to fulfill the signal 
when there are adjacent services)

Figure 2.10: DVB-T critical mask [12]

The mask we see above its measured in a 4KHz bandwidth and this is why we have -32,8 dB 
instead of 0 dB between 0 Hz and 4 MHz ( frequencies relatives to the central frequency).[12] Let's 
see how this value is got:
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We see that in 4.2 MHz there is 50 dB less than the signal level inside the band, although for non 
critical mask that would be just 40 dB.[12]

For some trouble points we have the following table:

Table 2.3: Mask breakpoints [12]

The masks  were  designed to  be  fulfilled,  however  is  very difficult  to  fulfill  the  critical  mask. 
Sometimes is enough to fulfill the standard mask that allows an acceptable operation of the services.

The central frequency of each 8 MHz channel is given by the following formula:

 where j is the channel number [0, 1, 2, 3, ....]

2.1.4 DVBT2 : The  DVB-T evolution

These last years using DVB-T have given a lot of experience about the behavior of this system, and 
of course the technology has advanced very much in ten year. DVBT2 is the logical evolution of 
DVB-T  and  was  released  in  2008  although  the  trade  use  of  this  standard  has  not  been  still 
introduced and certainly will be some years later.[10]

In this chapter is going to be  described DVBT2 although not in depth  because of two reasons: 
firstly  this  project  is  more  focused  in  the  DVB-T standard  and secondly the  main  idea  of  the 
DVBT2  structure  is  quite  similar  to  DVB-T.  Is  advisable  to  highlight  from  this  chapter  the 
comparison between DVB-T and his evolution DVBT2.

In the next figure we can see the block diagram of the whole system.
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Figure 2.11: DVBT2 block diagram [16]

The input to the DVB-T2 system inputs are data streams that goes through individual Physical 
Layer Pipes (what is known by PLP). Each data stream comes from the multiplexing in the previous 
stage (input processor).[16]

As we had in  DVB-T, in  DVBT2 there are  information packets,  in this  case called “Baseband 
frame”. To these packets are appended two headers that protects the information (FEC). The first 
one  is  the  BCH  (Bose  Chaundhuri  Hocquenghem)  header  that  is  added  during  the  “input 
processing” stage. The second one is the LDPC header added in the beginning of the BICM stage 
(Bit Interleaved Coding and Modulation). LPDC means Low Density Parity Check and the two first 
words  are  important  for  the  aim  of  this  standard.  DVBT2  tried  to  minimize  the  redundant 
information to transmit as much as possible the real information, the useful information, without 
decreasing  the  protection.  In  fact,  DVBT2 works  very  near  to  the  “Shannon  limit”  where  the 
information  bits  are  maximized  in  relation  with  the  redundant  information  or  protection 
information.[17][16] 

Figure 2.12: DVT2 frame [16]

Regarding  the  modulation,  as  in  DVB-T,  OFDM  is  used  although  there  are  some  important 
differences:
 
As we know in DVB-T the constellation could be up to 64-QAM, however in this case the biggest 
constellation could be even 256 QAM.  The same happens to the number of point in the Fourier 
transform; the maximum points we have in DVB-T is 8K but 32K in DVBT2. As far as the guard 
interval is concerned,  the smallest  one is 1/128 in DVBT2 instead of 1/32.  As we know, these 
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values allows the higher data rate in each standard although the lowest protection against multipath 
interferences. To compensate for this small guard intervals we should take a good code rate in the 
convolution encoder such as 2/3 in DVB-T and 3/5 in DVBT2.[16][17] Of course we could have 
taken a much more smaller code rate for DVB-T but would not be a realistic transmission, with a lot 
of non-corrected errors, this is why 2/3 was chosen, to do it more similar to a 3/5 LDPC encoding as 
far as error protection is concerned.[16]

In DVBT2 the continual pilots and the scattered pilots introduce an overhead, as happened in DVB-
T, however this overhead is lower in the first case which is another factor that allows a greater 
efficiency and data rate. Summing the scattered and continual pilots overhead, we get 10.3% in 
DVB-T versus 1.35% in DVBT2.[16] 

These chosen parameters would give us finally  24.13 Mbps in DVB-T and 35.4 Mbps in DVBT2 
which is a much better result.[16]

In the next table we can see summarized the information above.

Features DVBT2 DVBT
Constellations QPSK, 16 QAM, 64 QAM, 256 

QAM
QPSK, 16 QAM, 64 QAM

Modes 1K,2K, 8K, 16K, 32K 2K, 8K
Guards interval 1/1,1/8,1/16,1/32,1/64,1/128 1/1,1/8,1/16,1/32

FEC 3/5 LDPC 2/3 Viterbi
Continual pilots overhead 0.35% 2,60%
Scattered pilots overhead 1,00% 7.7%

Net Data Rate (With 256 QAM & 1/128) 35,4 
Mbps

(With 64 QAM & 1/32) 
24.13 Mbps

Table 2.4: Comparison between DVB-T and DVB-T2[16][12]

As we can observe, the spectral spectral efficiency is the main feature that this standard has been 
focused on. The spectral efficiency can be seen as an indication of how many bits per second fit in 
each Hz of the transmitted signal. A better spectral efficiency means a lot of things: some of them 
are  a  bigger  area  coverage,  less  interference  between  channels,  more  channels  in  the  same 
bandwidth, more robustness against interferences, better power efficiency.

The spectral efficiency has values around 40% bigger than DVB-T, even being 50% in some cases. 
For the example above, if we suppose the same conditions for both standards:

DVBT2 is very HDTV oriented, thinking on more and more better image qualities. HDTV can be 
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both 720p (1280x720 pixels) or 1080p (1920x1080 pixels or full HD). For the first one is needed 9 
Mbps and for the second one 18 Mpbs.[10]Through a single channel of 8 MHz is possible to send 
around 20 Mbps in DVB-T and that would mean 4 or 5 five channels for a common DTV channel, 
however for HDTV would mean one or two  channels depending on the quality. If we work instead 
with DVBT2 in 35 Mbps we would have almost 4 channels for 720p and 2 channels for 1080p. 

2.2 The ATSC standard

As DVB-T , the ATSC (Advanced Television Systems Committee) is the digital evolution of the 
analog standard. In this case ATSC will replace the NTSC television. The first replacement will 
take place  in USA and then will continue in other countries that use NTSC. 

Technical details

ATSC  is  a  terrestrial  broadcast  system  that  uses  8-VSB  (Vestigial  Side  Band)  to  transmit 
information encoded with MPEG-2 reaching  up to 19.4 Mbits/sec in a 6 MHz channel using the 
“terrestrial broadcast mode”.[14]

However ATSC system offers other mode: a high data rate mode (16-VSB) which was designed for 
cable applications as DVB-C is the DVB standard for cable applications. The high data rate mode 
uses the same stages (explained later on) as the terrestrial broadcast mode however  has twice the 
data rate (up to 38.8 Mbps) in the same bandwidth channel. As we are used to see, when the data 
rate increase, usually the transmission becomes weaker against noise and other interferences. This 
chapter is focused in the terrestrial broadcast mode, although some comparisons between the two 
modes will be shown.[14]

In the following figure we can see the whole ATSC block diagram.  ATSC allows to transmit a part 
of the complete data rate (19.4 Mbps) in what is called “Enhanced data transmission”.  “Enhanced 
data transmission” output is a part of the input of the main service shown below (2.13). Thus, using 
this mode, that is optional, the broadcaster can achieve a kind of quality of service: a more robust 
communication although with a lower data rate. 

Figure 2.13 : Main ATSC Block diagram [13]

The importance of the ancillary data comes from PSIP (program and system information protocol). 
Most of PSIP is helpful and is not included in the audio or video data. The data is organized in four 
tables: one table to list all channels and their attributes (such as the channel number and channel 
name), other table has the current time, another one gives information about “the rating system in 
use” and finally a table with about the programs (title, start time, length...).[13]
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With the aim of getting a constant bit rate 19.28 Mbits/sec the “transport” stage add extra packets to 
the data from the service multiplexer. This “transport” stage do as well a division into packets 187 
bytes  long  to  get  what  is  known  by  “payload”,  the  data  that  is  going  to  enter  into  the  data 
randomizer.[13]

In order to keep the signal spectrum flat the data is randomized using an XOR (equivalent to the 
energy dispersion stage in figure 2.3 in DVB-T).  The XOR is done with the incoming bits and a 
pseudo random binary sequence that has 16-bit  maximum. This sequence is generated in a 16-bit 
shift register. The XOR is done bit per bit, by XORing one bit from the input and one bit from the 
registers.[14] 

The Reed-Solomon encoder works as in DVB. It's added to the 187 bytes packets length (at the end 
of the packet as DVB)  10 bytes,  therefore we get  segments with 207 bytes length. As it was 
explained in DVB, if it's added a FEC of L bytes length, in the receiver can be corrected L/2 bytes, 
so in this case can be corrected 10 error bytes.[14]  

After the Reed-Solomon encoder there is the convolutional interleaver where just data bytes should 
be interleaved. In this stage each byte of each packet is moved to another packet in the same group 
packet (composed by 52 packets). This procedure try to move the packets as equally as possible so 
they are distributed evenly in the whole group. As happens for DVB-T, shot noise does not affect 
the communication, in this case unless a burst longer than 193 microseconds jam the signal, the 
system will recover from any error.[14]

After the convolution interleaver we have the Trellis encoder. This encoder take a two bit symbol 
and turns it into a symbol of three bits, getting this way a bit rate 3/2 bigger. The following figure 
explains clearly how the Trellis encoder works.[14]

Figure 2.14: Pre-coder, trellis encoder and symbol mapper[14]

As we can see in the figure 2.14 one bit goes through a pre-coder while the other one turns into two 
bits, the first comes the directly from the original bit and the other is encoded through a 
convolutional. Finally the three bits go through a mapper assigning a value in the range {-7,-5,-3,-
1,1,3,5,7}. [14]
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If enhanced service is required then the enhanced data is protected twice, first by an additional R-S 
encoder as well as an additional convolutional interleaver and an additional 4-state convolutional 
encoder (all of them  located in the enhanced service part) and secondly by the main R-S encoder, 
main interleaver and main 12-state convolutional encoder. In the next figure it's clearly explained 
how it works:[14]

 Figure 2.15 : Enhanced Service

Until now, in this section, all the stages are quite similar to the DVB-T standard. However, in the 
modulation  stage  is  going  to  be seen really  important  differences  between the  standards.  Here 
instead of COFDM is used 8-VSB. 

In the following figure we can see  how the bits are translated into a eight level signal. This is done 
by taking 3 bits (2^3=8) which correspond to a symbol from the previous stage. 

Figure 2.16: 8-VSB modulation [13]

Between each packet we have 4 symbols for synchronization, to know where a packet begins.

As we said before, each packet or segment after the R-S encoder has 207 bytes. This packet goes 
through other stages but still have 207 bytes. How is it got 828 bytes? Let's see the next calculation:
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Adding 4 bytes for synchronization we get 832 symbols per packet.

There is also a way to synchronize the groups by inserting a packet after each 312 data packets, so 
that means a packet is inserted after 6 packet groups. When the receiver receives this special packet 
knows that the next thing is going to receive is the beginning of a group.[14]

How is it got 19.39 Mbps? The value chosen by the ATSC standard is 10.76 Msymbols/sec or 10.76 
Mbaud. If we consider 2 bits per symbol (before the Trellis encoder) then we get:

All this amount of bits per second are not from MPEG-2 packets. Regarding that the sync segments 
(or  packets)  in  the  8-VSB modulation  are  equivalents  (talking  in  bytes)  to  the   sync  bytes  in 
MPEG2 that are removed before modulation, then just the packet inserted every 312 packets and the 
bytes added in the R-S process are involved in the net data rate (useful data rate) calculation:[14]

Once it is got the signal in the figure 2.16, each level must be multiplied by a carrier (a sinusoidal 
wave). However, since there are 8-level evenly distributed between two values, one negative and 
other  positive  there  will  not  appear  any carrier.  Thus it's  needed to  sum to each level  a  small 
value(1,25) so we get a small carrier called “pilot” in the same frequency where the suppressed 
carrier was supposed to be.[14] In the following figure we can see the pilot in ATSC:

Figure 2.17: Pilot and ATSC spectrum appearance [13]

In the following figure it's seen that the bandwidth is not exactly 6 MHz; the is a transition band of 
310  KHz in each edge which is a consequence of the roll-off factor from the raised cosine (that is 
the  system  channel  response).  In  this  figure  2.18  we  see  the  signal  spectrum  just  before  the 
tranmission, however, as we know, before the spectrum looks like that there is also a lower band. 
[14]
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Figure 2.18: ATSC important spectrum points

Modes summary

It is a good idea to  summarize all the terrestrial broadcast mode in ATSC as well as the hight data 
rate mode and do some comparisons. In the following table I have the most important parameters.

Parameters Terrestrial broadcast mode High data rate mode
Channel bandwidth 6 MHz 6 MHz
Guard bandwidth  11.5 percent 11.5 percent
Symbol rate 10.76… Msymbols/s 10.76… Msymbols/s
Bits per symbol 3 4
Segment sync 4 symbols per segment 4 symbols per segment
Frame sync 1 per 313 segments 1 per 313 segments
Payload data rate 19.39 Mbps 38.78 Mbps
Analog co-channel 
rejection 

Analog rejection filter in 
receiver

 N/A

Pilot power contribution 0.3 dB 0.3 dB
C/N threshold ~ 14.9 dB ~ 28.3 dB
Trellis FEC 2/3 rate None
Reed-Solomon FEC  T = 10 (207,187) T = 10 (207,187)
Segment length 832 symbols 832 symbols

Table 2.5: Comparison between the two ATSC modes

As we can see they are all the parameters all the same except 5 of them:

First of all there is more bits per symbol in the high data rate mode than the terrestrial one. This is 
because the high data rate mode the modulation is 16-VSB, then we need four bits to choose a 
symbol (2^4=16). 

Secondly instead 19.39 Mbps per second we have twice this data rate although we have the same 
symbol rate. This is explained by saying that although there is 3 bits per symbol just two bits are of 
information, so transmitting the same symbol rate, in the high data rate mode we are transmitting in 
fact twice the information bits in the same second (4 instead of 2). The 4 bits per symbol in the 
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second mode are all of them of information. This fact explain as well why there is no Trellis stage. 

Another difference is the C/N threshold. This result is quite logical since in cables there is no much 
noise  as in free space.

Finally as far as the co-channel rejection is concerned, is also very logical that this matter has no 
sense in the high data rate mode since there are no analog channels in the cables for the purpose that 
was designed this mode.  

2.3 Comparison between DVB-T and ATSC

Although the two standards in their main service use the same structure (except the modulation 
stage), the slight differences in the main service, the modulation type and the additional services 
cause that in fact DVB-T and ATSC are very different digital television standards. In this chapter 
the two standards are going to be compared, enumerating the strengths and weaknesses of each 
standard and saying for which applications would be more suitable one standard or the other one. 

At first sight, we can see, as was said before, three differences: First of all the FEC differences (for 
example  in  R-S),  then  modulation  differences  (COFDM instead  of  8-VSB)  and  finally,  ATSC 
instead of hierarchical modulation has enhanced-VSB.  

FEC comparison

In DVB-T there is a codification Reed-Solomon (188,204) which means that can correct 8 damaged 
bytes in the same packet. In the other hand ATSC has a (188,208) Reed-Solomon codification so it 
can correct 10 bytes. We could think that is not much more than DVB-T but in fact it is. This 2 
extra protection bytes gives a C/N 1.5 dB  better as well as 2 dB regarding the BER.[12][14] This 
lead us to say that we need for DVB-T more transmission power to get the same area coverage. 
ATSC was chosen to be used in USA  where there is not  as much density population as in Europe 
and then ATSC with less power  is able to cover the same area as DVB-T.

Because of the long bit duration in DVB-T thanks to OFDM, this standard should be more robust 
against shot noise, however is not like this because of the better R-S encoding and the interleaver in 
groups of 52 packets versus 12 in DVB-T.[14][12] The thing is that the bytes are more spread in 
ATSC in the packet group so when a burst interfere is more robust as was explained before. 

In  DTV (digital  TV) there  are  two important  quality  categories,  HDTV and  SDTV (Standard 
definition TV). In SDTV the digital image quality is the same as analog TV. As was said before, to 
receive HDTV we need at least 18 Mbps. In DVB-T, using a code rate of R=2/3 and 6 MHz the 
data rate we are able to reach is between 14.7 and 17.9 Mbps which is not enough. We should 
increase R (which would give less protection) and use a small guard interval to achieve a value 
above 18 Mpbs. ATSC bit rate ,that is fixed, is enough to use HDTV. 

Modulation comparison

Using COFDM is possible to operate in a single frequency network however 8-VSB was designed 
to use it in a multi frequency network. 
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DVB-T is more efficient regarding the spectrum than ATSC because it decreases the interference 
between channels avoiding the amplifiers in reception produce destructive interferences. However 
we have  to  be  carefully  with  the  guard  interval  because  the  bigger  is  the  less  efficient  is  the 
spectrum.[12]

Concerning multi-path distortion (which produces “echo” or what is known by “phantom in the 
receiver displayer),  COFDM  is better because of its structure and the guard intervals. DVB-T is 
better for static multi-path distortion and mainly in mobile multi-path distortion. In fact as is known, 
when DVB-T was designed it was quite considered the mobile communication by introducing the 
2K mode. In this mode DVB-T can handle a mobile echo (doppler frequency) around 100 Hz versus 
12 Hz in ATSC.[18] ATSC behavior is very poor in mobile circumstances.

DVB-T is able to receive by moving, however the convolutional code rate must ½ which decrease 
notoriously the data rate. If it's desired to receive high definition TV (HDTV) would not be possible 
because to receive HDTV we need at least a 18 Mbps bit rate. In the other hand in 2K mode is not 
available the single frequency network so as we can see there are two drawbacks by using mobile 
reception in the 2K mode.[12]

As far as the bandwidth is concerned, DVB-T was designed originally for 7 and 8 MHz and ATSC 
for 6 MHz, however both of them can work in 6, 7 or 8 MHz channel bandwidth by changing the 
clock frequency.

Additional protection comparison

As we know, for DVB-T the additional  protection  is  given by hierarchical  modulation  and for 
ATSC by the enhanced service. With hierarchical modulation is possible to give SDTV instead of 
HDTV  if  it's  required  by  the  conditions  (weather,  remoteness...),  by  sending  less  accurate 
information (less quality) although at least this information can be displayed properly to the user. 
Similar  performance and behavior  has the enhanced service in ATSC where the information is 
received by the user although with a low data rate.

In the following table are summarized all the comparison.

FEATURE DVB-T COMMENT ATSC COMMENT
Reed-

Solomon
R-S=

(188,204)
8 bytes correction R-S=

(188,208)
10 bytes correction. Better 
C/N, better BER and power 

efficiency
Interleaver 12 packets 

per group
-------------------------- 52 packets 

per group
Better error protection

HDTV Yes Depending on code rate 
and guard interval

Yes 19,4 Mbps

Modulation COFDM Allows SFN 8-VSB SFN not allowed
Multi-path 
distortion

Better 100 Hz mobile 
distortion

Worst 12 Hz mobile distortion

SFN/MFN Both Depending on 2K or 8K MFN --------------------------------
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Modes 2K and 8K No SFN for 2K Single 
mode

---------------------------

Mobile Much Better 2K mode, can resist 
100 Hz

doppler frequency 

Worst Very poor

Bandwidth 7,8 MHz 6 MHz possible if 
changing clock

6 MHz 7 and 8 MHz possible if 
changing clock

Additional 
protection

Hierarchical 
modulation

SDTV if necessary Enhanced 
Service

SDTV if necessary

Bit rate Up to 31,2 
Mbps

In this case low code 
rate and guard interval

19,4 Mbps -----------------------------

Flexibility Better More choices (modes, 
bandwidth, data rate)

Worst Quite fix.

Finger 
Areas

Worst ---------------------------- Better Less power, same area

Cost Better ---------------------------- Worst -------------------------------
Spectrum 
efficiency

Better Less interference 
between adjacent 

channels 

Worst -----------------------

Table 2.6: Comparison between DVB-T and ATSC

Regarding  the  costs,  Cristophe Forax  (representative  of  UE in this  matters)  said “DVB allows 
cheaper decoders that they are already working in Germany, Finland, Holland or Sweden. DVB-T 
has been adopted in 121 countries which means 54% of the world population so it offers a economy 
of scale  that guarantee low costs”.[15] It's then quite clear which standard is more economical.

It's important to make clear that although there is two modes in the ATSC standard (the terrestrial 
one and the high data rate one), here it's being compared the terrestrial one; this is why  it's said in 
the table 2.5 that there is no mode in ATSC, meaning that there is nothing compared to 2K and 8K 
mode.
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3. Indoor digital video transmission standards                                         

The aim of this chapter is to propose two technologies for indoor digital transmissions unlike the 
standards proposed in the chapter two where the video transmission standards were for broadcast 
purposes. The “indoor standards” try to solve the problem of video transmissions in small indoor 
areas, such as  our own houses. These standard types are complementary for the broadcast ones.

Once they have  been described will be compared carefully.
    
3.1. UWB

UWB is the abbreviation for Ultra Wide Band which is quite explanatory of how is this technology. 
More specifically, it's said we are dealing with a UWB system when the signal is “at least 25% of 
the center frequency”. In general this technology is used for GHz  frequencies, so if we suppose 
there is a signal centered in 5 GHz, the bandwidth would be 1.25 GHz which is very big comparing 
with the traditional narrow-band systems.[22]

The  importance  of  this  technology  is  that  it's  possible  to  transmit  in  the  same  band  as  other 
technologies without interfering with their signals. UWB uses pulses of very small duration over a 
collection of frequencies distributed in several GHz. This pulse duration is much shorter than the 
signal bit time. The result is a huge bandwidth where all the signal energy has to be spread, so the 
energy density is  very low. Thus,  the interference  produced by the UWB systems  is  under the 
average noise that the devices can stand. This way, UWB can work in unlicensed frequency bands 
where other technologies already works without causing any interference. Another consequence of 
this short  pulses is that there is no overlapping due to signal reflections so multi-path distortion 
does not exist.[22]

In the following figure we can see  which other technologies (in yellow) work in the same part of 
the spectrum. The blue color represent the low UWB energy:

Figure 3.1: Other systems working in the same UWB bandwidth [25]
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We  could  say  that  there  are  two  kinds  of  radio  transmission  systems:  the  traditional  narrow 
bandwidth system and the spread spectrum (SS) one. UWB logically belongs to the second one, 
however this technology goes further, is another step in the SS techniques and tries to maximize the 
bandwidth, reducing the power although sacrificing the range.

We can say that UWB is a personal area network (PAN) technology (since the range is very short), 
that utilizes a band without license (the 3 100 − 10 600 MHz frequency band). [23]

There are many modulation techniques for UWB: DS-UWB, UWB-IR,CSS and MB-OFDM.[32] 
This last one, that means Multi-Band OFDM is the one will be focused on because is described in 
the last standard for this technology (reference number 23) and also because is related with DVB-T 
and WirelessHD.

Architecture

In the following figure we can see the PPDU. PPDU means Physical Protocol Data Unit and is the 
physical frame that goes from the transmitter to the receiver. Is composed by the PLCP (Physical 
Layer Convergence Protocol) Preamble, the PLCP header and the PSDU (Physical Service Data 
Unit) that contains the true information and whose length goes from 0 to 4095 bytes. 

Figure 3.2: UWB Physical Protocol Data Unit

The PLCP preamble is used for synchronization, carrier-offset recovery, and channel estimation.

In this UWB standard, the PLCP header and the PSDU goes through two different ways before 
being modulated:

Firstly, the PLCP header

Figure 3.3: Block diagram for the PLCP header [23]

The PLCP header goes through a convolutional that uses a unique code rate of  R = 1/3 getting a 
39,4 Mbps data rate. As we can see in the PPDU, this protocol uses R-S (23,17) but just for the 
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PLCP header.

Secondly the PSDU:

Figure 3.4: Block diagram for the PSDU [23]

For the PSDU, the data is just scrambled and does not go through a R-S encoder but through a 
convolutional encoder using  R = 1/3 and a puncturer that is used to achieve the desired code rate 
(½,1/3,3/4,5/8) and therefore the resulting data rate .[23] 

Spectrum schedule

As was said before, the UWB band goes from 3.1GHz to 10.6 GHz. This spectrum is divided into 
14 smaller bands. Each one of this bands has 528 MHz as we can see in the following figure.

Figure 3.5: UWB bands [23]

The figure above shows  all the bands in the UWB spectrum and how they are classified. Each band 
belong to one or two groups. The first 12 single bands are divided in 4 groups,consisting  each 
group of 3 single bands. The rest of the bands (number 13 and 14) belongs to the fifth group. There 
is still  another group consisting of the the bands number 9,10 and 11. Thus, for example, band 
number 10 belongs to group number 4 and 6. [23] 

It must be said that not all the band groups are mandatory to be supported for the system, but at 
least one.

The central frequency we can see in the figure is computed as:[23]

Where the result is given in MHz and j=1,2,.......,14.

TFCs

After the convolutional the data  is spread by a technique called “time-frequency code” (TFC). In 
this technique the data coming from the convolutional is interleaved over other bands in the same 
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band group, this way we increase very much the bandwidth used. There are three types of TFCs: 
TFI (Time-Frequency Interleaving), TFI2 (two-band TFI ) and FFI (Frequency Interleaving).In the 
first one the information is spread over three bands, the second one over two bands and in the last 
just one single band is used. Support for TFI, TFI2 and FFI shall be mandatory.[23]

In each band group there is up to a certain number (depends on which group we are) of channels 
depending on the combinations we use for forming a TFC. For the band groups 1,2,3, 4  and 6 are 
used 4 TFIs, 3 TFI2 and 3 FFI so we can get 10 channels.. For the fifth band group are used one 
TFI2 and two FFI which give us 3 channels. For the sixth band group, the FFI channels and one of 
the TFI2 channels overlap fully with channels in the third and fourth band groups.[23]

In the two following tables there is an example of how the TFCs are formed for the first and second 
the bands group.

Table 3.1: TFCs for the first and second band group[23]

In the tables 3.1 we can see there are ten possible logical channels per each band group (since they 
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belong to band group number 1 and 2). In the first group band are involved bands number 1,2 and 3 
and for the second group are involved 4,5 and 6. For example for TFC number 5, there is a FFI 
since we are dealing with just one band (for both first and second bands group), otherwise for TFC 
#8 is a TFI2 and for TFC #1 is a TFI.

As we can notice, this is a way for spreading the information along a bigger bandwidth since an 
amount of information that could be just in one band sometimes is spread along two or three bands.

Let's see an example of how would be a transmission of a series of symbols using the first group 
band (bands number 1,2 and 3).

Figure 3.6: 6 Symbols transmission in the first band group [23]

In the figure above, firstly a symbol is transmitted in the band number 1 of the bands group number 
1. When this symbol has been transmitted, the transmitter changes the band and this time is used the 
second band instead to send another symbol. After that the band is switched again to the third band. 
Once  all  the  bands  has  been  used,  the  procedure  continuous  cyclically  in  the  first  band.  This 
procedure belongs to TFC number 1 in the first bands group (1,2,3,1,2,3).  If TFC number 2 had 
been used instead, then the sequence would have been 1,3,2,1,3,2.

Each symbol in the figure above is made up of an OFDM Symbol and  a zero-padded suffix (ZPS). 
The ZPS, as  happened in  DVB-T with the guard intervals  is  very useful  to  avoid as  much as 
possible the multi-path interference but also  to give some time to the receiver to switch from one 
band to another.[23] 

Modulation

For data rates 200 Mb/s and lower, the binary data shall be mapped onto a QPSK constellation. For 
data  rates   from  320  Mb/s  on,  the  binary  data  shall  be  mapped  onto  a  multi-dimensional 
constellation using a dual-carrier modulation (DCM) technique.[23] We know how QPSK works, 
but what about DCM?

DCM is used at  high data rates to counteract frequency selective fading.[27] DCM works as it 
follows:

Let's  suppose a bit  series  where is  taken  200 bits  (an OFDM symbol)  and converted into 100 
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complex numbers by doing the following operation:[23]

Let's call the bit series b[j]:

1.    200  bits  are  taken  and   50  groups  of  4  bits  are  done.  Each  group  is  composed  by  two 
consecutive bits and then some other two consecutive bits  very far from the first  two ones (50 
positions later) according to (b[f(i)], b[f(i)+1], b[f(i) + 50], b[f(i) + 51]), where i  ∈ [0, 49] and

if i [0,24]∈

if i [25,49]∈

2. Each group of 4 bits is mapped onto a four-dimensional constellation, which means that for each 
4 bits we are going to have not just a single point in one constellation as we used to have for a 
“traditional” mapping (like 16-QAM) but 2 points, each point in a different 16 point constellation. 
We are going to call the first constellation d[i] and the d[i+ 50] 

3. The resultant two complex numbers must be normalized.

As  we  see  finally  we  there  are  four  bits,  and  two  points  (two  symbols)  in  two  different 
constellations. For 16-QAM would be one point for each 4 bits group, so in DCM we get twice 
symbols. 

As it was said before, Multi-Band Orthogonal Frequency Division Modulation (MB- OFDM) is 
used. In this case, per each band, 110 sub-carriers (100 data carriers and 10 guard carriers) are used. 
This 110 sub-carriers are for carrying information although there are 12 additional pilot sub-carriers 
for helping the receiver to do a  coherent detection which makes a total of 122 sub-carriers per 
band.[23]

“Multi-Band” does not mean nothing special as far as the OFDM modulation is concerned. The 
OFDM modulation is done as in DVB-T, the difference has been shown in the figure 3.6, where 
each OFDM symbol is sent every time in a different band.

There are two other  ways to get a bigger bandwidth spread is used in the modulation process: The 
frequency spreading and time spreading. The first one is done within a symbol by using two sub-
carriers instead of one to carry an unique symbol and the second one involves sending the same 
information  using  two  symbols  that  are  consecutive  (in  two  subcarriers).  These  two  methods 
complement  TFC and the  convolutional  encoder  to  spread  the  information  along  the  available 
bandwidth.[23]

The  following  table  shows  the  different  data  rate  that  the  system  is  able  to  offer  and  which 
parameters are involved to get a certain data rate:
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Data 
Rate Modulation Coding 

Rate (R) FDS TDS

Coded 
Bits/6 

OFDM 
Symbol

Info Bits/6 
OFDM 
Symbol

53,3 
Mb/s QPSK 1\3 YES YES 300 100

80 
Mb/s QPSK 1\2 YES YES 300 150

106,7 
Mb/s QPSK 1\3 NO YES 600 200

160 
Mb/s QPSK 1\2 NO YES 600 300

200 
Mb/s QPSK 5\8 NO YES 600 375

320 
Mb/s DCM 1\2 NO NO 1200 600

400 
Mb/s DCM 5\8 NO NO 1200 750

480 
Mb/s DCM 3\4 NO NO 1200 900

Table 3.2: UWB Data Rates and related parameters [23] 

The letters in bold type are the mandatory “modes” that an UWB system must implement.

It's important to highlight that this data rate are just for the PSPDU, not including PLCP preamble 
nor PLCP header.

From the table above  can be got a lot of conclusions. As we can see there are three parameters that 
affect the data rate: the coding rate, the frequency domain spreading (FDS) and the time domain 
spreading (TDS). As is known, the smaller is the coding rate, the smaller is the data rate. In the 
other hand, for the same coding rate, if FDS or TDS is not applied, then the data rate is multiplied 
by two. If both of them are disabled, then the data rate is multiplied by 4 (for the same coding rate 
of course). The reason has been explained before: FDS and TDS is used to spread the information 
across the bandwidth, so if is used twice bandwidth for sending the same information we are taking 
away half bandwidth resources for other possible amount of information, so the data rate is going to 
be half of the original. This way for example for R=1\2 is got 80 Mbps (using both FDS and TDS), 
160 Mbps (using just TDS), and 320 Mbps (without using any spreading technique).

We observe also in the table 3.2, that from 320 Mbps  on, DCM is used instead of QPSK, and 
neither FDS nor TDS is used.

In the sixth and seventh column we can see the number of coded bits  sent and the number of 
information bits sent. The relation between each amount is given by the coding rate, so for example 
for R=1/3 there is always  three more times coded bits than information bits. Six OFDM symbols 
have been chosen because the symbol  interleaving  operation (that  is  inside the bit  interleaving 
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stage) is done with six OFDM symbols.

In the following table is summarized some of the most important modulation features as well as 
general system features.

Parameter Value
Bandwidth 528 MHz
Sampling rate 528 Msamples/sec
Number of sub-carriers 122
FFT period 242,42 ns
Sub-carrier spacing 4.125 MHz
Guard interval -----------
Symbol duration 312,5ns
Modulation QPSK,DCM
Outer coding (PLCP header) RS(23,17)
Inner code 1/3,1/2,3/4,5/8

Table 3.3: UWB System parameters[23]

As  will  be  seen  in  the  corresponding  section,  the  features  in  table  above  related  with  OFDM 
modulation,  like FFT period and sub-carrier  spacing,  are in the same order as WirelessHD (the 
other described technology).  So differences  between the two technologies don't  come from this 
“low-level” features, such as timings, but from the general structure, spectrum schedule, power, 
constellations, etc.

Power features

Regarding the spectrum of each channel, the following figure defines the required mask.

Figure 3.7 :Mask for a single frequency band [23]
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The most important points in the mask above are three: at 260 MHz, 285 MHz and 330 MHz (and 
their respective negative points). In the flat stretch the mask value is 0 dB relative to maximum 
power density. At 285 MHz should be less than 285 MHz and at 330 MHz less than -20 dB. The red 
line belongs to a certain signal that fulfills the spectrum mask. [23]

Other considerations: Tone-Nulling

We have seen some mechanisms that allows a user of the UWB band to not disturb another user in 
the same  band such the  choice  of  the frequency and the  TFCs.  However  there  is  still  another 
mechanism called “tone-nulling”.  Tone-nulling is an optional technique  used for making null a 
certain OFDM sub-carrier  if is necessary. There is a “flag” related with each sub-carrier that can 
have two values, “ONE” or “ZERO”. It the value is ONE, then the subcarrier is not affected, thus 
no power reduction is going to be made on it. If the value is ZERO, then the power of this sub-
carrier should be minimized in order to set free the bandwidth it would occupy. However not every 
sub-carrier energy can be minimized in a single band, there is a limitation: a minimum of  86 sub-
carriers with the “ONE” value must to be allowed, otherwise the whole band is useless since the 
receiver would not be able to detect the signal.[23]

3.2. WirelessHD

Several   powerful companies such as Intel  Corporation and Sony Corporation have gathered to 
create a consortium that works in the research and implementation of a new generation of wireless 
communication at a very high data rate. The idea was to create a standard that defines the structure 
and the protocol to send information between devices in a small local (10 meters) area without 
using wires. The information type would be mainly video and audio data which would lead us to a 
wireless video area network. The first specification was released in 2008.[20]

In several parts of this section, WirelessHD is going to be slightly compared with DVB-T so can be 
seen the differences between indoor and broadcast standards, although the 4th chapter is about this 
comparison (with more details). In the 3.3 section, the comparison is done between WirelessHD and 
UWB since this chapter deal about indoor digital transmission standards.

Some WirelessHD features  specification are the following:[19]

– 4 Gpbs at 10 meters.

– Working in the 60 GHz band.

– Accepts  full HD (1080p, 24 bit color and 60 Hz refresh rate).

– Data is uncompressed: Could come for example from a MPEG-2 decoder.

– 10 W of effective isotropic radiated power.

–  Dynamically dirigible antenna to find the best path between transmitter and receiver.
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Architecture

As was said before, the usual use of WirelessHD is in a WVAN. The WVAN consists of two basic 
elements:  coordinator and station. There is just one coordinator although the amount of stations 
could be zero, one or several.

Figure 3.8: WirelessHD scenario [19]

As we can see in the figure above there are two kinds of stations as well as two kind of physical 
layers: the high-rate physical layer and the low-rate physical layer:

The high-rate physical layer (HRP) supports a very high data rate as (several Gbps), this is  why 
this  layer  is  very  directional  and  the  connection  must  be  always  in  unicast,  otherwise  the 
communications would not be possible.  This high data rate service allows video, audio
and  other  kind  of  information  such  as  control  information  (antenna  steering  information  for 
instance).[19]

The  low-rate  physical  layer  (LRP)   instead  of  Gbps  works  with  Mbps.  In  this  case  the 
communication could be in broadcast or unicast and the radiation pattern is quite omni-directional 
although could be also directional if it's required. The low data rate service does not support video, 
just  audio,  asynchronous  data   and  control  data  such  as  MAC commands  and  “antenna  beam 
forming” information.[19]

As was said before there are two types of elements involving in the communication scenario, the 
coordinator and the station. Taking these two physical layers into account each element is able to do 
the following things: 

– The Coordinator has an account of the stations involved, controls the timing, is able to 
use LRP and may be able to use HRP.

– A Station is able to use LRP, may be able to use HRP and initiate the connections.

It's important to make clear that LRP connections are bidirectional but HRP connections are not.
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The word “may”  used in the last sentences is a key factor since not every device is able to use and 
HRP.  Depending  on  if  is  able  or  not  to  receive  and/or  transmit  HRP,  we have  the  following 
classification:

Type RECEIVE TRANSMIT
HR0 NO NO

HRRX YES NO
HRTX NO YES
HRTR YES YES

Table 3.4: Device type depending on the ability of using HRP[19]

The wirelessHD protocol tower has three layers: Physical Layer, MAC layer and Host Layer. This 
Master Thesis is focused in the Physical Layer, to be precise in encoding and modulation aspects as 
with the rest of standards.

In the following figure we can see the block diagram of the whole system:

Figure 3.9: WirelessHD HRP Block Diagram[19]

The data in the figure 3.9 is non-compressed. Each byte is divided in two parts, the MSB and the 
LSB. After three stages (the RS encoder, the outer interleaver and the convolutional encoder) the 
two parts are joined again in the mux. 

In this standard there is a big difference between using the HRP or the LRP which could makes us 
think that the encoding, the modulation, etc, is different in each case. Let's see if this is true.
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High rate physical

As  in  DVB-T,  here the modulation  is  also OFDM. Using a  suitable  direction  of  the antenna, 
connections in HRP should be bigger than 3 Gbps. This data rate is variable depending on several 
parameters as happened in DVB-T. [19] 

WirelessHD operates in the 60 GHz band, exactly in the [57,66] GHz range. This band is used 
because there is no need of license, is a free band in the spectrum.[19]

In the following we see summarized all the encoding and modulation parameters.

Parameter Value
Bandwidth 1.76 GHz

Sampling rate 2.538 Gsamples/sec
Number of subcarriers 512

FFT period 201.73
Subcarrier spacing 4.957 MHz

Guard interval 25.22 ns
Symbol duration 226.95 ns

Modulation QPSK,16-QAM
Outer coding RS(224,216)
Inner code 1/3,2/3,4/5,4/7
Table3.5: HRP System Parameters [19]

We can see some differences in relation with DVB-T. First of all the number of sub-carriers. In 
DVB-T the minimum was 2048, here there are 512. This low value (compared with DVB-T) and 
the high value of the sampling rate gives a very small  value of the symbol  duration and guard 
interval. Comparing with the calculation done in DVB-T for the guard interval where the result was 
28 microseconds,  here,  25.22 nanoseconds tells  that  since the distances are very small  and the 
conditions are usually very good (indoor conditions) there is no need of a bigger interval. 

Other point is the constellation, the maximum here is a 16 symbols constellation. Is not necessary to 
have  a  bigger  constellation  since  the  bandwidth  we  are  working  on  is  very  big  and  a  larger 
constellation would be a waste of power. 

The are several modes in HRP. Each mode is defined by how many symbols have the constellation 
and which code rate is used. If a station wants to use HRP it's mandatory to use mode 0 and mode 1. 
The rest of them are optional. Let's see in the following table which modes are available:
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HRP mode Modulation Code Rate 
(MSB)

Code Rate
(LSB)

Data rate 
(Gbps)

0 QPSK 1\3 1\3 0,95
1 QPSK 2\3 2\3 1,9
2 16-QAM 2\3 2\3 3,8
3 QPSK 4\7 4\5 1,9
4 16-QAM 4\7 4\5 3,8
5 QPSK 1\3 N\A 0,95
6 QPSK 2\3 N\A 1,9

Table 3.6: HRP modes [19]

As the table shows, is possible to have different code rate (in the inner convolutional) depending on 
which code rate is applied to each part of the byte (MSB or LSB) and the chosen constellation. The 
maximum bit rate is reached when the modulation is 16-QAM and the code rate is the minimum 
(4/5) and its value is 3,8 Gbps which is a very high value compared with any value in DVB-T.

Knowing that we have 1.76 GHz per channel, and the bandwidth available is 66-57=5.1 GHz we 
could 5 channels, however just 4 channels were defined according to the next table: 

Channel 
Number

Lower limit Central frequency Upper limit

1 57,24 58,32 59,4
2 59,4 60,48 61,56
3 61,56 62,64 63,72
4 63,72 64,8 65,88

Table 3.7: Channel limits and central frequency [19]

In the following figure we can see the WirelessHD HRP spectrum for each channel.

Figure 3.10: HRP channel mask[19]
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In the mask above there are two important points. First of all is known that the bandwidth occupied 
is 1,76 GHz which is the result of multiplying 0.88 GHz by 2. In this frequency range the mask has 
0 dB, however, looking at the table 3.5 just for the first channel is got that the upper limit minus the 
lower limit is 2,16 GHz. Thus  we conclude that the channel ends where the  mask has a value 
around -20 dB and therefore from 0.88 GHz  until that point is just a guard interval .

Low Rate Physical

HRP was only for very directional applications in unicast, however in LRP they can be directional, 
omni-directional or beam formed. In the following table is shown which parameters and directivity 
use each  mode:

LRP mode 
index

Modulation FEC Data Rate
(Omni-

directional) 

Data Rate
(Beam formed) 

0 BPSK 1\3 2.542 Mbps 20.337 Mbps
1 BPSK 1\2 3.813 Mbps 30.505 Mbps
2 BPSK 2\3 5.084 Mbps 40.673 Mbps
3 BPSK 2\3 10,168 Mbps N/A

Table 3.8: LRP modes [19]

For the omni-directional mode there is logically less data rate since the power is spread in all 
directions, 360 degrees.

In the following are summarized all the encoding and modulation parameters.

Parameter Value
Bandwidth 92 MHz

Sampling rate 317.25 Msamples/sec
Number of sub-carriers 128

FFT period 403,47 ns
Sub-carrier spacing 2.4785 MHz

Guard interval 88.26 ns
Symbol duration 491.73 ns

Modulation BPSK
Outer coding RS(224,216)

Header Convolution code 1/3,1/2
Data Convolution code 1/3,1/2,2/3

Table 3.9 : LRP system parameters [19]
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In this case there is just have 92 MHz of bandwidth, BPSK modulation (two bits per symbol) and a 
longer symbol duration (given by a four times smaller number of sub-carriers, the sampling rate and 
of course the bandwidth) . Because of all this parameters LRP modes have a much smaller data rate 
in relation with HRP.

There is something in the table 3.9 that could disconcert the reader but has its explanation. There is 
a header convolution code and a data convolution code: this is because unlike HRP  here there is 
more than one  possible PDU to be transmitted, in fact there are three PDUs, each for each mode 
(omni-directional, beam formed and directional) where the header  and the payload is different in 
each case. [19]Thus it can be applied a different convolution code for the header and the data.

Regarding the LRP bands, there are three LRP channels inside each HRP channels what makes 12 
LRP channels. 

In the following table is shown how is implemented each LRP channel within an HRP channel. All 
the values in the table are relative to the central frequency of the HRP channel.

LRP 
channel

Lower limit 
(MHZ)

Central 
frequency

(MHZ)

Upper Limit
(MHZ)

1 -207,63 -158,63 -109,63
2 -49 0 49
3 109,63 156,75 207,63

Table 3.10 : LRP channels. Frequencies relative to central frequency in HRP[19]

If there are more than a WVAN that want to use the same HRP channel that would not be possible, 
however  more than an WVAN can use an LRP from the same HRP if it's free.[19]

Figure 3.11: LRP channel Bandwidth [19]
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Each channel has a 98 MHz bandwidth . In this case as  can be observed in the table 3.10 if it's 
subtracted the upper limit from lower limit (in the 0 dB stretch) is got 98 MHz that is not exactly 
the bandwidth used as happened in HLRP. The mask upper limit and lower limit in figure 3.11 is 
beyond the bandwidth used.

3.3. Comparison between WirellesHD and UWB 

WirelessHD and UWB are both indoor technologies, made for carrying data at high speed in a short 
range. Digital video transmission needs high data rate, so these two standards (although UWB have 
another kind of applications such as radar) are perfectly suitable to carry this kind of information in 
a home area without using wires, that is a great advantage. The number of video devices (video 
camera, digital video recorders, speakers, dvd players, video games...) that are available in every 
single house is increasing more and more due to the low cost of these devices and the multimedia 
age we are immersed in so having wires everywhere would be really annoying. 

Two important features have been found so far: no wires, high data rates. Seems to be perfect. 
However which of them is better. Let's compare them from a technical point of view, maybe will be 
found the answer.
   
Power features

UWB , as WirelessHD, operates across a wide frequency range, however unlike WirelessHD, in its 
frequency band there are some others narrow band systems that might interfere with it. This is why 
is mandatory for  UWB to transmit with a very low power (-41dBm/MHz in average[25]).[28] 
UWB, with such big band, should be able to transmit with a much bigger data rate, however, due to 
the power restriction, the data rate is not so big.

Regarding the maximum permitted transmit power, is logical to say that UWB, has a much lower. 
How  much  is  exactly  the  relation  between  the  maximum  transmitted  power  of  the  two 
technologies ? The ratio is 17,54 dB, which is a huge difference.

The last result result gives another conclusion: UWB is allowed to coexist with other technologies 
(although potentially could interference them or vice versa) or even with the another system using 
the same technology, however WirelessHD would have more problems to do the same since the 
transmitted power is much bigger although reasonable. 

Range

For both UWB and WirelessHD, the range is 10 m, however the reason for this short range is quite 
different. UWB has a short range because of the power restriction that does not allow the signal to 
go further. WirelessHD signal do not go further because of the so high frequency bandwhere it 
operates (around  60 GHz) that produces a lot of losses.

Spectrum schedule

Regarding the bandwidth, both standards have a huge bandwidth comparing with the traditional 
narrow-band  systems,  however  the  way  of  using  this  bandwidth  is  different.  UWB uses  MB-
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OFDM, to allow different users to use the same bandwidth in different logical channels, so the 
available bandwidth is split in many bands that are smaller than WirelessHD channels. This way 
UWB  has  14  bands  in  7.5  GHz,  while  WirelessHD  has  4  (HRP)  channels  in  almost  10 
GHz.WirelessHD , unlike UWB,never changes the channel while it is sending the information, so it 
has no need of using multi-band OFDM.  

Data rate

Regarding the data rate, both technologies have a high data rate: the minimum data rate of the two 
standards is 53,3 Mbps (that corresponds to UWB), a value that is more than twice the usual data 
rate for DVB-T for example. However WirelessHD obtains a much higher data rate.

Compressed vs Uncompressed 

WirelessHD is able to transmit a true uncompressed HDTV, however UWB is just able to transmit 
HDTV if the data is compressed. As is known, for transmitting digital HDTV is necessary around 
20 Mbps, which would make possible to have more than one stream in UWB, but only compressed 
data. In the other hand WirelessHD, due to the huge data rate that is able to reach, the data can be 
perfectly uncompressed.[29]

What is the advantage of uncompresed data versus compressed data? There are several advantages 
but the most important are two: firstly no need of having an encoder\decoder that would increase 
the costs and generate a latency that the user would notice and  secondly a better image and audio 
quality since compressed multimedia is helplessly worst although sometimes is not noticeable by 
the human eye. 

Spectral efficiency

Let's imagine that with both technologies is desired to get a raw data rate of 3.5 Gbps (if that were 
possible  with  UWB).  For  this  purpose,  UWB has  available  528 MHz (a  single  band,  because 
although was used TFI, the effective bandwidth would be just a single band) , while WirelessHD 
has available 1,76 GHz. Dividing the channel bandwidth by the desirable raw data rate we would 
get 6,6 bits/Hz for UWB, while for WirelessHD  1,98 bits/Hz. It's important to make clear that 3.5 
Gbps was chosen to get a spectral efficiency (number of bits per Hz)  higher than 1 although is 
known that is not possible to get this data rate with UWB. The same conclusion must be come using 
a data rate reachable for each technology, such as 480 Mbps. What is wanted to make clear is that, 
whatever is the data rate, there are always  more bits per Hz in UWB than in Wireless.

 A higher spectral efficiency implies some disadvantages like higher costs and complex processing 
although a lot of advantages like robustness (strong signals), power efficiency and one advantage 
that is very clear and powerful: less necessary bandwidth to reach the same data rate. When the 
bandwidth  is  limited,  a  higher  spectral  efficiency  is  a  great  advantage,  but  in  the  case  of 
WirelessHD, there is no problem as far as the frequency band available is concerned,  so is not 
necessary a higher spectral efficiency.[29] 
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In the following table is summarized the main differences between the two technologies.
 

Feature UWB WirelessHD
Distance 10 m 10 m

Bandwidth per channel 528 MHz 1.76 GHz (HRP), 92 MHz 
(LRP)

Maximum data rate 480 Mbps 3.8 Gbps
Frequencies Band [3.1,10.6] GHz [57,66] GHz

Constellations QPSK, DCM BPSK, QPSK, 16 QAM
Number of subcarriers 122 128 carriers or 512

Modulation MB-OFDM OFDM
FEC (outer coding) RS(23,17) just for header RS(216,224)

Biggest guard interval 70.08 ns (Zero padd suffix) 88,26 ns
Max Permitted Transmit 

Power
0,1 mW/MHz (-10 dBm) 5.68 mW/MHz (7.54 dBm)

Spectral efficiency (to get 3,5 
Gbps)

6,6 bps/Hz 1,98 bps/Hz

HDTV Compressed Uncompressed
Table 3.11: Comparison between UWB and WirelessHD

As was said before, UWB has many applications, in fact at the beginning was focused in military 
applications  such  as  radar  applications,  although due to  his  characteristics  is  quite  suitable  for 
digital  video  transmission  in  indoor  areas.  However,WirelessHD ,  unlike  UWB, from the  very 
beginning  has  been  focus  for  a  very  particular  application,  that  we  could  call  roughly  “home 
cinema”.[28] This is why some WirellesHD features are better than UWB ones for this purpose.
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4. Comparison between DVB-T and WirelessHD                                     

After  being analyzed and described DVB-T and WirelessHD and with the aspiration to do this 
chapter, comes  a question: is it really possible to compare this two standards? DVB-T has been 
compared with DVBT2 and DVB-T with ATSC;  in fact they are standards made for the same 
thing: broadcast for a large amount of digital video signal receivers sometimes very far away from 
them. However WirelessHD was not made for the same purpose, was made for a short amount of 
receivers in short distances. So the question could be: is possible to compare two standards that 
were made for different purposes? Well, in fact DVB-T and WirelessHD have been being compared 
during the WirelessHD description, it's just desirable to make clear that we are not dealing with the 
same kind of standards and this is why the question was posed.

WirelessHD and DVB-T  are complementary. There is need to carry the signal from the television 
station to the receivers in our houses, and the responsible for this is DVB-T (or another similar 
standard). However once at home, if there is necessity to communicate this video signal from the 
receiver (TV that is usually the coordinator) to another any device (such as a digital video recoder) 
or the opposite way (from a disc player to the TV),  then is when WirelessHD works.

Let's highlight the most important differences between the two standards:

Range

WirelessHD works in a very high band frequency (around 60 GHz), producing milimeter  waves. 
This very high frequency has advantages and disadvantages.  An advantage is that  the antennas 
could be very small which has to consequences: good mobility and high gain to overcome the the 
big attenuation that suffers a system by using such a big frequency. Millimeter circuits are very 
cheap and have high power efficiency [21]   In telecommunications, the higher is the frequency, the 
bigger are the losses, however WirelessHD can afford it since the distances are very short and the 
weather conditions are excellent since it works indoor. In fact for WirelessHD the range is 10 m 
which is a very short distance comparing with the range in DVB-T that is up to 50 Km (in the best 
conditions)  if  the  communication  is  between  transmitter  (a  television  station  for  instance)  and 
receiver (that could be a home TV or a base station) and up to 10 km if it is between a base station 
and a receiver.[33]  

Frequency band

The band frequency where WirelessHD works is  [57,66] GHz, a free license band.[19] Due to the 
short range (10 m) this band is free because there is no need to separate the spectrum that belongs to 
each channel or service as happens with DVB-T where there is a frequency division. The separation 
in WirelessHD comes from a space division. DVB-T works in the UHF band, beginning in 470 
MHz and ending in a frequency that depends on the country (on how many channels have booked 
the government for this purpose) being sometimes around 900 MHz. [12]

Bandwidth

Regarding the channels bandwidth, for WirelessHD there is much more bandwidth. Let's suppose  a 
television  program is  received  in  a  display  (TV device)  and  this  information  is  desired  to  be 
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recorded  in a digital  video recorder.  Since WirelessHD works with uncompressed data but not 
DVB-T   is  necessary  much  more  bandwidth  to  transmit  the  same  amount  of  information:  is 
necessary a higher  bit  rate to  transmit  something  uncompressed that  before was compressed to 
maintain the quality.

Error protection

Protection against errors is another matter that is quite different in each standard. For WirelessHD, 
dividing 216 by 224 (RS(216, 224) is obtained a ratio of 0.964. Doing the same thing with DVB-T 
is obtained 0.921. This difference in the ratio, although can look tiny, in fact is huge. WirelessHD 
can correct just 4 bytes while DVB-T corrects twice, 8. This big difference is corrected by the fact 
that WirelessHD works in much smaller distances and the constellations are less populate, allowing 
longer distances between symbols, thus reaching a smaller BER.

In the following table are summarized the most important differences:

Feature DVB-T WirelessHD
Distance Up to 50 Km between Tx and 

Rx and 10 Km between BS and 
Rx

10 m

Bandwidth per channel 7 , 8 MHz 1.76 GHz (HRP), 92 MHz 
(LRP)

Maximum data rate 31.67 Mbps 3.8 Gbps
Frequencies Band UHF band. Lower limit in 470 

MHz, upper limit depending on 
the country

[57,66] GHz

Constellations QPSK, 16 QAM, 64 QAM BPSK, QPSK, 16 QAM
Number of subcarriers 2K, 8K 128 carriers or 512

Modulation OFDM OFDM
FEC (outer coding) RS(188,204) RS(216,224)

Biggest guard interval 22,4 ms 88,26 ns
Max Permitted Transmit 

Power
Several thousands of W. 5,68 mW/Hz (7.54 dBm)

Table 4.1: Comparison between DVB-T and WirelessHD
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5. Conclusions                                                                                               

After having studying all these available video transmission systems and having compared them is 
possible to get some interesting conclusions.

Analog standards are meant to disappear because of several reasons: digital information is much 
easier to transmit, it's possible to compress it, it can be recovered from damages, can be cut up into 
pieces, is more flexible, the use of the spectrum is more efficient, the quality is similar or better to 
the best analog reception, etc. 

Digital video transmission standards try to profit from the digital information advantages and send 
this information as good as they can and as fast as they can. In this context, two scenarios has been 
presented: the broadcast standards and the indoor standards:

 DVB-T  has been compared with ATSC and has been found that in some aspects DVB-T is better 
than ATSC and more suitable for some applications and viceversa. For example DVB-T is better 
for digital mobile TV and is able to work in a SFN network while ATSC needs a lower power and 
has a better protection against errors. 

In the indoor scenario UWB and WirelessHD has been compared. While UWB (that works in the 
[3.1, 10.6] GHz range) has to share the spectrum with others technologies, WirelessHD has not this 
problem working in the [57,66]GHz band, so UWB has to fix it by spreading the energy along the 
used bandwidth getting the smallest possible energy density to not disturb the other technologies. 
However,  WirelessHD,  working  in  a  so  high  frequency  band  has  another  problems  that  fixes 
properly.   UWB  data  rates,  that  are  quite  lower  than  WirelessHD  don't  allow  to  transmit 
uncompressed  unlike WirellesHD, thus it has a quality loss compared with its challenger. 

Although is not very clear which broadcast standard is better, it seems very clear, according to the 
research and comparison, that WirelessHD is better than UWB since the only clear advantage for 
UWB is the low power, however the power used by WirelessHD is reasonable. 

Finally  a  comparison  between WirelessHD and DVB-T has  been made,  and although they are 
technologies for different scenarios, is good to know which features and designs make them suitable 
for an application or another. It has been found that the range is a very deciding factor as well as the 
data rate.

What  about  the future?  The broadcast  and indoor  technologies  will  be developed:  we will  use 
DVBT2 instead of DVB-T and concerning the wireless indoor technologies the future seems to 
point out WiGiG (WirelessHD + WiFi) a technology that has the same properties as WirelessHD 
but capable to go through walls and reach bigger distances.[34]
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