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Abstract 
 
   The society expects a global interconected digital communication system offering multimedia services, information on 
demand and interchange of information with a high data rates and low cost.  
 
   All this can not be realized with the terrestrial nets used nowadays cause it is necessary a high economic inversion to get a 
competitive capacity to interchange information between server and user. 
 
   The next generation of satellite must have characteristics which improve the current generation, one important 
requirement is that the same satellite could make a treatment of the different input signals. With this we can avoid a spent of 
lots of money and time because we do not need terrestrial stations which modify the signals before the information is sent to 
the satellite. 
 
   For all this, we need an on board treatment of the information in the satellite. We design a frequency bank reallocation 
(FBR) network by using a filter bank system. This is the first step of the thesis. 
  
   After we get FBR we introduce some different input signals and analyze the output, using parameters like symbol error 
rate and variance. 
 
   One important part in the thesis is the QAM signals used to test our system. For this, we design a modulator and a 
demodulator of QAM4, 16 and 64, paying more attention in the QAM64, cause is the modulation where more errors can 
appear due to we have got more possible chances which means more precision in the recovery of the signal. 
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1 

 INTRODUCTION 

 
 
Nowadays the on board satellite treatment of digital signals are becoming the most 

effective way of digital data transport for communication systems. Instead of the 
terrestrial networks used during all the times, this kind of on board satellite processing 
data networks offer a big diversity of advantages, like: 

 
-Coverage of places all over the world, due to from satellite you can offer 

communication for all the places it has at direct sight. 
-More flexibility to face future advances on the networks, due to satellites are only 

designed for not much more than fifteen years of life. 
Quick put into operation of the system, because it can work from the first day the 

satellite is sent to orbit. 
 
Moreover on board treatment of signal inside the satellite spare us of doing it on a 

previous processing terrestrial station that has to receive all the different signals arriving 
from varied communication systems. This involve an overall sending of the treated on 
earth signal from the new terrestrial station to the satellite. Afterwards the satellite would 
make the re-sending of the signals to the places this signal is needed. 

 
So in our case making the treatment of the signal on board the satellite we avoid the 

terrestrial station that collects all the signals for sending to the satellite. We are going to 
insist on a particular treatment of the signal to make it on board the satellite, it will be the 
flexible frequency band reallocation. This Reallocating Frequency Network is going to 
be implemented in Matlab with different functions that get the input signal come from 
earth and change them following different specifications. 
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Our network must be able of carry out the following process: 
 
Take the different input signals from the terrestrial stations modulated in different 

frequencies (each signal should cover one or several bands of frequency considered 
before). 

Change the frequency bands between them. For example if we receive a signal in the 
third and fourth subbands of frequency and we need to re-send it to earth in the first and 
second subbands the program has to be able to put all the subbands in the order required. 

The signals received and re-sent to earth must be as similar as possible, so we will 
calculate the Symbol Error Rate and the variance among the input signal and the output 
signal came from the FBR network (Frequency Band Reallocation). 

 
To check the performance of the system we will prove it with some varied signals, like 

several predetermined signals, random signals (white noise), real modulated signals 
(4QAM, 16QAM, 64QAM)… 

 
 

 

INPUT SIGNALS 

FBR NETWORK 
 
 

(MATLAB CODE)

OUTPUT 
SIGNAL
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In conclusion we will design and test a Matlab program to include on board the new 
satellite generations. This program must improve the characteristics of the currently used 
satellites. 

 
We can describe our problem formulation with an example. 
 
In the real case, satellites are working distributing a large number of different signals.  
Imagine that our satellite is working giving support to mobile gsm phone 

communications, radio stations, gps location system, TV stations, meteorological 
information and maritime radio navigation.  

 
The satellite is receiving each communication system in a frequency band and these 

subbands will include different amounts of individual signals depending on the system. 
 
We will take a bandwidth for our signals as an example:  
 
1.000 Gsm channels of 0.2 MHz. 
10 Radio channels of 0.2 MHz. 
200 Gps locations of 0.4 MHz. 
5 TV channels of 6 MHz. 
6 Meteorological information signals of 0.4 MHz. 
20 Maritime radio navigation communications of 0.8 MHz. 
 
The terrestrial stations must send the signals to the satellite in different frequencies to 

don’t have overlap among them. After made a recombination of all the signals by an 
addition of all of them, we will have the frequency spectrum like the graph below shows: 

 
 

ω

RN
Meteo
Radio
Gps
Gsm
Tv

Input frequency spectrum in the satellite 
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Now is time to look on the specifications that the use of the signals after the treatment 
can impose to our on-board satellite program. These specifications are imposed by the 
receivers that force our satellite to place the signals in the frequencies they have to 
receive them. 

 
In our example we will take an imaginary case with some requirements for the design. 

We will suppose the next conditions: 
 
The Gsm channels must be split. Some of them will go to the national communications 

base station and the others in an upper frequency to send to another station for 
international communications. We will also divide the TV channels and the 
Meteorological information, for national distribution and for internet broadcast. 

 
The output frequency spectrum has to be as the figure shows. 

 
 
Now we have to translate our problem to Matlab environment. 
 
For this, the main aspect to take into account is how to make the signals reallocation 

without losing the meaning inside the signal.  
 
We have to notice that the band partition is not made with the same order as we had in 

the input signal, not the first half to low frequency and the rest to the higher frequencies. 
Each signal can be placed everywhere in the spectrum, this means that for example the 
five first TV channels can go to national broadcast, the sixth to internet distribution, the 
seventh and eighth for national distribution other time, the three following to internet… 
So the order in the frequency allocations must be the required and it has to be given by 
the specifications. 

ω

RN
Meteo
Radio
Gps
Gsm
Tv

Output frequency spectrum in the satellite 
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The better way to make this frequency band reallocation will be to split the entire 
spectrum in bands of the same frequency bandwidth. This bandwidth must be established 
by the smaller individual signal we have. 

 
As we can see in our example the smallest signals are the gsm channels and the radio 

stations of 0.2 MHz. We will divide the entire spectrum in subbands of this bandwidth to 
reallocate them in the required frequency position. But it is no so simple. For the 
reallocation we have to keep the shape of the larger signals. Thus we won’t be able to 
separate the bands of one meteorological signal that will be formed by 4 subbands of 0.2 
MHz or the TV channels compound by 30 bands of 0.2 MHz.  

 
Therefore we can summary that the task the satellite must do is to redistribute this 

signals in the frequency spectrum fulfilling the requirements of the terrestrial reception is 
going to impose later on. 
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2 

 ANALYSIS OF ALL  

THE NECESSARY PARAMETERS 

 IN THE PROGRAM  

TO DESIGN THE NET 

 
Our program will begin with some code lines that define some variables used after in 

the program. The understanding of these variables is needed for the whole 
comprehension of the program so we will start to explain all of them. We will explain 
them avoiding in the major part the mathematical theory of digital signal analysis for the 
easy understanding of the non-specialized people in the area. 

 
Notice that all of them are variable values, so afterwards we can use the program in the 

case we need to use another value different from the values used on it. 
 
%Number of granularity bands% 
Q=4; 
 
The frequency band is divided into this number of Q fixed granularity bands, therefore 

each user can occupy one or several of these granularity bands, but the signals must fit in 
the limits of this granularity bands. 

 
In the example taken before, the number of granularity bands we needed was a very 

large number because we had a big spectrum to split and make the frequency 
reallocation. For easier development of the frequency reallocation network we will take 
after now an example with a spectrum divided in only 4 granularity bands, but we have 
to know that this parameter is flexible and we could divide the spectrum in any  number 
of granularity bands we want. So our system is quite flexible,  really important 
characteristic. 
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%Number of FB channels 
N=8; 
 
From now we write FB to allude to a filter bank. To make the frequency reallocation 

of the signals we will need several filters. They may conserve each signal completely, 
thus as minimum we have to have a number of filters equal to Q. But due to achieve full 
flexibility, we could take a number of filters multiply of Q, so we will be splitting the GB 
(granularity bands) giving them more than one filter to each one.  

 
In our case we will take 8 filter bank channels. Then each granularity band should be 

filtered by two filters, one for the first half of the frequencies of the GB and the other for 
the other half of frequencies of the GB. 

 
 
%Downsampling factor% 
M=4; 
 
Following with the process of frequency reallocation, to change the frequencies of the 

signals without doing any modulation or demodulation we will need to extend the signals 
by the entire frequency band, and take the signal in the new position of frequencies. To 
make this extension we will use the process of downsampling. The downsampling has to 
be done extending our signal in one of the GB over all the other GB, in that way the 
downsampling factor must be the same as GB we have established. 

 
%Transition Band Width% 
delta=0.125*pi/Q; 
 
As we know in the theory, in the extremes of the band that we are filtering, we leave a 

little band with some imperfections due to the transition area of our filter. These little 
bands in both extremes of the filter band are called transition bands and their width has to 
be determined previously with the next formula: 

 

Q
π·125.0=Δ  

 
%Frequency offset% 
alpha=0.5; 
 
To work with the FBR network, we have to know the starting and finishing 

frequencies. This value α gives us the comprehension of these frequencies. Analyzing 
this factor we can know how are situated the filter bands in the spectrum of frequencies. 
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In the easier case, taking α=0, the first filter bank channel is placed with its centre in 
the beginning of the spectrum (ω=0). In this case we will have the N channels between 
the frequencies –π/N and 2·π-π/N. 

 
To solve this problem we will have to displace the filter channels by adding half 

channel to the whole spectrum, then we will have the frequencies comprised between 0 
and 2·π, so this value of α should be the better to work with the frequency channels. 
Mathematically this displace of frequencies by α doesn’t involve a big difficulty in the 
study since the polyphase components that define the different filters have real-valued 
impulse responses, this real-valued depends on α. 

 
This occurs also with the case of α=0 and it has less complexity but the frequency 

location of the filter-bank channels make us easier to work with the α=0.5 case. 
%Prototype filter order% 
D=134; 
 
We are going to centre the beginning of the project on implement the FBR (Frequency 

Band Reallocation) network that requires a number of filters given by the user. Firstly we 
have selected 8 filter-bank channels, thus we will need 8 different filters, one for each 
channel. To pass the input signal by the different filters, we will need to know the 
impulse response of all of them. We will get these impulse responses from the prototype 
low pass filter. More order we give to this prototype filter, more exact will be the process 
of FBR. We take a 134th order of filter as enough to design the FBR. 

 
How to solve the impulse responses of the other filters will be explained later. 
 
%Coefficients of the low pass filter% 
b; 
 
In this command line, we make reference to the coefficients of the prototype filter 

saved on a m-file called b. The prototype used is a low-pass linear phase FIR filter that 
means it only has zeros in its frequency response. Furthermore to have an FIR filter 
implicates we are able to get the rest of the filters by shifting the frequency response of 
our prototype filter. In this way we will solve the coefficients of all the filters we need, 
that also will be FIR filters. 

 
Understanding all the parameters explained above we are qualified to face the design 

of the FBR network. In the following part we will show how the program operates and 
we will try to make it as comprehensible as possible. 
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3 

DESIGN OF THE FREQUENCY-BAND 

REALLOCATION NETWORK 

 

In this section we will design the core of the project, it will be necessary for all the 
next studies we will carry out. These studies consist on the analysis of the performance 
of the FBR network introducing several varied signals. 

 
3.1- From the low-pass FIR filter, search the coefficients of the transformed filters 

in frequency for the n subbands. 

With anteriority we remained to explain how to get the coefficients of all the filters 
from the prototype filter. As we know, we have the coefficients of the prototype saved on 
the variable b. From these coefficients we have to calculate the impulse response that 
qualifies us to work with our filter. 

 
With the rest of the filters we will need the same, pass from the coefficients to the 

impulse responses to work with its. But until now we don’t know the coefficients of the 
filters. The technique used to solve them will be the delayed of the prototype filter. 

 
The impulse response of the filters can be obtained from the filter coefficients by the 

expression: 
 

DDnenbenh N
nj

N
Dj

,1,...,3,2,1,0]·[·][
···2····

−=→=
−

απαπ

 
 
We explained in the frequency-offset paragraph that we can shift half channel of the 

filter by imposing an offset of α=0.5, therefore we will shift a whole channel with α=1. 
As we begin with an offset of α=0.5, we can obtain the channels of the next filters adding 
more offset. 

 
In our case, the prototype filter will have an offset of α=0.5 to start in the beginning of 

the frequency spectrum. So the second filter will have an offset of α=1.5 to have it just 
followed of the first one. Thus the third filter channel will have an offset of α=2.5, and 
like this consecutively for the N filter channels. 
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Now introducing the different offsets in the expression of the impulse response above, 
we will get the impulse response of all the filters. To save them we will create a matrix 
with dimensions, N columns by D+1 rows (from n=0, to n=D , D+1 rows), that will 
contain on each column the impulse response of the N filters. This matrix is called Hk in 
the program and we can say it has the structure of a Filter-Bank with different filters 
which can work in several frequencies determined previously. 

 
%Solve Filter coefficients 
k=0:N-1; 
a=exp(-i*pi*(k+alpha)*D/N); 
for n=0:D 
   c((n+1),:)=exp(i*2*pi*(k+alpha)*n/N); 
end 
G=b*a; 
Hk=G.*c; %Impulse response of the 8 filters(135 rows, 8 columns) 
Gk=Hk; 
 
The matrix Gk equal to Hk is another Filter-Bank used afterwards in a new module 

explained later. 
 
The Filter-Bank network is going to be used to split the input signal in different 

channels to change after the frequency places between all of them, this is the frequency 
reallocation, the main purpose of the FBR network. 

 
The FBR network will have this overall view: 
 

 
 

Figure 1. Sketch of the Frequency Band Reallocation network. 
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Now we have the impulse response of the Filter-Bank in each column of the matrix 
Hk, we have to pass our input signal by the Filter-Bank, what is implemented in Matlab 

as following: 
 
%Input signal 
x=inputsignal1; 
 
%First step filtering 
for k=0:N-1 
   v1(:,k+1)=conv(x,(Hk(:,k+1))); 
end 
 
Firstly we introduce our input signal in the variable x which is convolved by each 

filter (each column of the matrix Hk), to generate the variable v1, that contain on each 
column (each channel) the signal of the interval of frequencies the filter has the pass 
band. 

 
To understand it better we will show the process with a determined input signal. We 

have to remember that our input signal must have a fixed characteristics to keep it 
correctly during all the FBR network, and obtain the expected output. 

 
The input signal we will introduce on the FBR network has a determined code in 

Matlab, we won’t explained due to it isn’t the purpose of the project, but we will base the 
explanation of the characteristics looking to the spectrum of this signal. 

 
To get the frequency representation in Matlab we need to plot the signal in the 

frequency domain X from the signal in the time domain x, with the sentence freqz, as we 
can see in the code below: 

 
%Plotting input signal 
P=2048; 
wT=linspace(0,2*pi*(1-1/P),P); 
X=freqz(x,1,wT); 
subplot(2,1,1) 
plot(wT,20*log10(abs(X)/max(abs(X)))); 
title('Input signal','FontName','times','FontSize',20') 
axis([0 2*pi -100 10]); 
xlabel('\it{\Omega} [rad/s]','FontName','times','FontSize',16); 
ylabel('|X(\it{\Omega})| [dB]','FontName','times','FontSize',16); 
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These lines will generate a figure with the frequency representation of the signal. 
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Figure 2. Representation of the input signal taken as example. 
 
Now we will analyze the signal to check that it fulfils all the necessary characteristics 

for passing it by the FBR network. 
 
Having a quick look on the figure we can see that our input signal is the combination 

of three different signals our satellite receive from several terrestrial stations, that have 
been put together in other previous sections of the satellite. The number of signals we 
can receive is imposed by the maximum number of granularity bands can have the 
frequency spectrum. In the parameters we describe in the beginning we gave the value of 
4 granularity bands for the whole spectrum. 

 
Looking another time to our combination of signals we can check that the first one 

takes up one granularity band, the second takes up two granularity bands and the last 
occupy the last one. 

 
Moreover we defined our Filter-Bank with 8 channels. Each two channels of the filter-

bank will take one GB, that won’t be split in the in all our FBR network. This 
specification becomes very important to keep up the form of the three signals after all the 
frequency reallocation. 

 
In the next page we can see how the signals are passed by the Filter-Bank, each draw 

represent the corresponding channel of the frequency band reallocation network. In the 
first channel, the first subband of frequencies is left in the pass band, in the second 
channel is the second subband which is in the filter’s pass band, and like this 
consecutively. The filtered process is not ideal; therefore in all the channels we still have 
some percentage of signal of the filtered subbands. 
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3.2- Establish the new order for the subbands, changing the positions in the 
frequency domain. Explanation of the method used to don’t loose the 
characteristics of the signal we introduce in the FBR during the process: 
Downsampled, switched, upsampled and new filtered. 

 
Now that we have all the subbands split in each channel, we have to change the order 

of them to be able to send our signal from the satellite to the terrestrial base stations in 
the frequency selected. The main advantage of this system is that we are changing the 
location of the signals in the frequency spectrum without introducing new energy (of the 
carrier signals in the modulation), in a quick process that can work for all the signals we 
will receive in the satellite. 

 
To change this order of signals (frequency reallocation), we will need more than one 

step that hasn’t own meaning. The process followed is to copy the filtered signals we 
have in other subband established by the user. To make this we will extend the initial 
signal over all the bands having N identical signals, one in each subband, switch the 
channels thus we are changing the order of the signals, mend the extended signals in the 
correct subband frequencies due to the extension of the signals cause a disorder in the 
initial frequencies and finally filter each subband to refuse the signals in the other 
subbands we don’t need.  

 
This hard understanding process is going to be explained hereafter with the example of 

the input signal we are using to make an easier comprehension. 
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Figure 3. Plot of all the signals passed by the Filter Bank. 
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Therefore, the next section after the filter-bank is which makes the extension of the 
signals. 

 
In this section the purpose is to extend our filtered signals over all the spectrum. We 

will need to have exactly the same signal in all the subbands. This can be implemented in 
Matlab in a downsample block as follows. 

 
%Downsampling 
for k=0:N-1 
   v2(:,k+1)=downsample(v1(:,k+1),M); 
end 
 
This for loop generates a matrix v2 from the filtered input matrix v1 that contains on 

each column one of the channels of the FBR network. The downsample function comes 
in the last versions of Matlab’s toolboxes, so it is not necessary to implement. 

 
The main important aspect to take into account is the frequency displacing of the 

spectrum. As we know in the discrete frequency domain Ω, all the spectrum can be 
represented between Ω=0 and Ω=2·π as we could see in the Figure 3 .After the 
downsample block our frequency spectrum will increase by the number of subbands N 
we have. So in our case of 8 subbands, our spectrum will take place between Ω=0 and 
Ω=2·π·M that is Ω=8·π for our case of downsampling factor M=4. We have to keep in 
mind this growth of the spectrum and consider it afterwards to correct it. 

 
In Figure 4 we can see too that signals in odd channels only can be put in another odd 

channel due to the even subbands  in the odd channels are empty of signal, thus when 
filtering the signal we won’t have any signal. This problem is because the number of 
subbands N=8 is double of the Granularity Bands Q=4. If the number of subbands would 
be the same as granularity bands, we could place every channel where we want for the 
frequency reallocation. This does not work for our FBR network 

 
With all the signals extended on each subband in all the channels, it’s time to switch 

the positions of the channels. To pass by this block we will call a function designed 
before that contains the specified order for the frequency reallocation. 

 
%Switching 
w=switching(v2); 
 
From the input signal we have to realize that it is not possible to give a random order 

to the switch. We can’t split the Granularity Bands of the input signal because doing this 
we won’t keep the structure of the input signal in the output. But we have to notice that 
we won’t split the three different input signals we have in the example taken. 
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Figure 4. Representation of the signal in the channels after the downsample module. 
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In this way, looking to the Figure 2 that plots the input signal, we can see that we have 
to keep the channel 1 and 2 together when switching. Also channel 3, 4, 5 and 6 that 
contain another of the signals. And finally channel 7 and 8 must go together. 

 
Moreover we have to conserve this order, and then we can’t put the second signal with 

the order 5-3-6-4 because it has no sense. 
 
One possible distribution of channels for the switching could be: 
 
function [w]=switching(v2) 
 
w(:,7)=v2(:,1); 
w(:,8)=v2(:,2); 
w(:,1)=v2(:,3); 
w(:,2)=v2(:,4); 
w(:,3)=v2(:,5); 
w(:,4)=v2(:,6); 
w(:,5)=v2(:,7); 
w(:,6)=v2(:,8); 
 
This distribution generates the output signal we are showing in the Figure 5: 
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Figure 5. Representation of the output signal expected from the switch above with the 

input signal given as example 
 
 
* The output signal is the result we want to have after passing by all the FBR network, 

it is not the output of the switching block. 
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This is the signal we follow as an example but to understand better the switching 
process we will simulate also a couple of non-context case to visualize the differences 
with the previous case. 

 
For example, giving this random order reallocation in the switching without taking 

care of any specification we obtain an output signal that hasn’t got any meaning to resend 
to the terrestrial stations: 

 
function [w]=switching2(v) 
 
w(:,7)=v(:,1); 
w(:,3)=v(:,2); 
w(:,6)=v(:,3); 
w(:,1)=v(:,4); 
w(:,2)=v(:,5); 
w(:,4)=v(:,6); 
w(:,8)=v(:,7); 
w(:,5)=v(:,8); 
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Figure 6. Representation of the output signal expected from the switch2 above with the 

input signal given as example 
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Now we will give another frequency reallocation order, taking care of the odd 
channels must be situated in other channels and the same with the even ones. 

 
function [w]=switching3(v) 
 
w(:,7)=v(:,1); 
w(:,4)=v(:,2); 
w(:,3)=v(:,3); 
w(:,6)=v(:,4); 
w(:,1)=v(:,5); 
w(:,8)=v(:,6); 
w(:,5)=v(:,7); 
w(:,2)=v(:,8); 
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Figure 7. Representation of the output signal expected from the switch3 above with the 

input signal given as example 
 
After made the frequency reallocation we have to correct the growth we have in the 

spectrum in the downsample section. It can be done by doing the contrary operation, the 
upsample. With it we concentrate the whole spectrum by the factor we want. As we have 
the signals among Ω=0 and Ω=2·π·M that is Ω=8·π, now we have to compress the 
spectrum by the same factor we made the downsample. So upsampling by L=4 gives us 
the spectrum among Ω=0 and Ω=2·π·M / L  Ω=2·π (the limit we are looking for). T 

 
Therefore the upsampling factor will be L=M=4. 
 
%Upsampling 
for k=0:N-1 
   v3(:,k+1)=upsample(w(:,k+1),M); 
end 
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After switching and upsampling the signal in the channels, we will have the signals we 
can see in next plots in the next page. 

 

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Input signal

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 1

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 5

Ω [rad/s]

|X
(Ω

)| 
[d

B]

 

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 2

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 3

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 6

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 7

Ω [rad/s]

|X
(Ω

)| 
[d

B]

 

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 4

Ω [rad/s]

|X
(Ω

)| 
[d

B]

0 1 2 3 4 5 6
-100

-80

-60

-40

-20

0

Switched & Upsampled signal 8

Ω [rad/s]

|X
(Ω

)| 
[d

B]

 
Figure 8. Representation of the signal in the channels after the switch and upsample 

modules. 
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Looking to the plots before, we can know how to get the output signal that has to have 
the form like the Figure 5. Looking both Figures 5 and 8, we can visualize that filtering 
the corresponding subband to each channel with the same filters used in the first step, we 
will have now the expected output signals, with the frequency reallocation already done. 

 
The last step of the FBR program with the filtered section will be written in Matlab as 

follows, with the corresponding signals in the channels plotted after: 
 
%Second step filtering 
for k=0:N-1 
   z(:,k+1)=conv(v3(:,k+1),(Gk(:,k+1))); 
end 
 
As we can see passing from the Figure 8 to the following Figure 9, this filtered block 

causes a lost of energy. The energy out of the band pass that is the fourth of the total 
energy is lost during this process. Afterwards to recover the level of signal we must 
multiply by 4. This losses are actually due to filtering after upsampling  process, thus this 
factor we have to multiply by is the downsampling factor. If in one suppose we 
downsample by eight the input signal we are going to have only 1/8 of the energy in the 
filtered subband, so to recover this energy, later we just have to multiply the output by 
the downsampling factor. 

 
The output signal plotted in the next figure is just a recombination of all the channels, 

simply implemented in Matlab with an addition of the channels: 
 
%Output signal 
y=z(:,1)+z(:,2)+z(:,3)+z(:,4)+z(:,5)+z(:,6)+z(:,7)+z(:,8); 
y=M*y; 
 
This last line is what we were mentioned before to recover the energy of the signal. 
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Figure 9. Representation of the signal in the channels after the last filtered blocks. 

Comparison with the output signal. 
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As conclusion we will take a look on the input and output signals once again, this time 
without doing any switching to visualize better the differences between them. 
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Figure 10. Comparison between input and the output signal without any switching. 
 
 
 
We see that we don’t have any losses on the amplitude response of the signals. The 

first one becomes up to 0 dB, the second takes a level of around -10 dB and the third 
arrives up to -20 dB. The amplitude levels are the same as we can check in the 
representations. 

 
However we have a notable difference on the noise level between input and output 

signals. We can see that we have noise looking at when we haven’t signal. In the input 
signal we know that the noise level is behind -100 dB, because we can’t visualize it. 

Now in the output signal we look that we have a level of noise around -70 dB, thus we 
will have a lower Signal/Noise Relation. That means our FBR network has introduced a 
level of noise. Lower would be this noise, better will be our FBR network. 

 
For this input signal the interferences our network introduces are not significant as we 

can check the output signal has all the information that the input contains and can be 
detected and extracted by other receiving systems. 
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We won’t always have a case where the noise wouldn’t be notable for the signal. In 
the case studied before, we are working with some ideal signals in the input. 

 
After now we will study our Matlab code in some real cases to check how better our 

FBR network is. We will realize that depending on the form of our input signal and the 
level of noise we had on it, we will get some errors in the output that can provoke 
problems for the systems will use this signal afterwards. 
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4 

TEST OF THE SYSTEM  
USING A RANDOM 

 INPUT SIGNAL (WHITE NOISE)  

In this step we introduce random noise. Then when we obtain some errors we can 
calculate the variance using the deviation of the samples. With this variable we can know 
the amount of noise that the system introduces, so we can determinate how well our 
system work. For this part we are going to use the next matlab program: 

 
[x,y]=step5(d) Where 'x' is our input signal, 'y' is the  signal after pass our FBR and     

‘d’ is the number of  samples. 
 
//usual program 
 
%Input signal  
x=randn(d,1)+j*randn(d,1);    x must be a signal of one row and several columns  
 
//usual program 
 
Max_Dev=max(abs(y-x)); 
e=abs((y-x).^2); 
V=sum(e)/length(x);   Where V is the variance of the samples 
 
Getting the forward results computed in matlab for 500.000 samples each time: 
 

Number of test Max_Dev Variance 
         1 0.0157 9.9441e-006 
         2 0.0174 9.9067e-006 
         3 0.0159 9.9014e-006 
         4 0.0162 9.9292e-006 
         5 0.0164 9.9191e-006 

 
Table 1 Maximum deviation and variance with white noise than input signal. 
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So we can see that the results are similar. Our FB doesn’t introduce almost noise, 
really important point at the time to obtain BER. The variance take a value practically 
insignificant for 500.000 samples, this will permit us a good reception of our input 
signal. 

 
Now we can calculate de BER just including the next instructions in the main 

program: 
 
a=0; 
for k=0:length(x)-1  
   if y(k+1,1)~=x(k+1,1)  
      a=a+1; 
   end 
end 
a   %Number of errors  
 
% Symbol Error 
ser=a/length(x) 
 
 
[x,y]=step5(500000);       
    
    ser =1 
 
 
In this example, SER is always equal to one, because all the samples suffer at least a 

little bit modification, so when the program try to compare the samples, all it are 
different. 

 
Now we are going to fix our study in QAM signals. We could use some another type 

of modulation or signal but we think that this type actually is really interesting for the 
telecommunication area. 

 
The difference between this step and the step using QAM signal is that after pass our 

filter bank, the signal go through one standardizator program which move the samples to 
a set position, and then compare this position with the original in the input signal. Due to 
this, we can obtain errors if the systems move too much one sample and the 
standardizator program give a different place to the sample. If the noise that our system 
introduces is not high, the sample will be moved to its original position. 
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5 

 GENERATOR  
AND  

DETECTOR OF QAM 

 

5.1.- Design of the generator of QAM modulation for 4, 16 and 64 samples 

 
In this step, we use a generator of samples in QAM modulation. To call the function in 

matlab we just write in the command window the forward order: 
 
[x]=qam(N,M) 
 
When ‘N’ is the number of samples and ‘M’ is the type of QAM modulation: 4, 16 or 

64 possible samples. Here we show the whole function: 
 
function [x]=qam(N,M)  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=xr+jxi;  
 
if M>4  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end  
 
if M>16  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end 
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if M>64  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end  
 
if M==4  
x=x/sqrt(2);  
elseif M==16  
x=x/sqrt(10);  
elseif M==64  
   x=x/sqrt(42);  
end  
 
This program creates random samples depending of the number of our modulation in 

QAM, can take the values: 4, 16 or 64. 
 
For only one sample we write [x]=qam (1, 16) the procedure is: 
 
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=xr+jxi;  
 
1º rand(1,1)=0.65 (i.e.) 
2º round(rand(1,1))=1 
3º round(rand(1,1))-0.5=0.5 
4º xr=2*0.5=1 
 
And the same for the next expression, we get: 
 
1º  rand(1,1)=0.37 (i.e.) 
2º round(rand(1,1))=0 
3º round(rand(1,1))-0.5=-0.5 
4º xr=2*-0.5=-1 
 
So: x= xr+ jxi= 1-j  
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Then the function continues with: 
 
if M>4  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end 
 
‘M’ in our example is 16 so with it we can make the next instructions: 
 
x0=x   ----  x0= 1-j 
xr=2*(round(rand(1,N))-0.5)  ---- i.e. xr= 1 
xi=2*(round(rand(1,N))-0.5); i.e. xi= 1 
x=2*x0+(xr+jxi); x=2*(1-j)+(1+j) so we get: x=(2-2j)+(1+1j)=3-j 
 
The next paragraph is: 
 
if M>16  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end 
 
But M=16 not M>16 so do not make this ‘if’.  At the end we got: 
 
if M==4  
x=x/sqrt(2);  
elseif M==16  
x=x/sqrt(10);  
elseif M==64  
 x=x/sqrt(42);  
 
So the function chooses M==16 then: 
 
x=x/sqrt(10)     x=3/sqrt(10)- j/sqrt(10)  ----  x=0.9487-j0.3162 
 
In conclusion we can see that all the values in QAM16 can be resumed in: 
 
Real part:          ± 0.3162, ± 0.9487  ----  4 values 
Imaginary part: ± 0.3162, ± 0.9487  ----  4 values 
 
   4values x 4values= 16 values  ----   QAM16    OK! 
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We can analyze the same procedure for one example in QAM64: 
 
For example if we write [x]=qam (1, 64) the procedure is: 
 
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=xr+jxi;  
 
1º rand(1,1)=0.32 (i.e.) 
2º round(rand(1,1))=0 
3º round(rand(1,1))-0.5=-0.5 
4º xr=2*0.5=-1 
 
And the same for the next expression, we get: 
 
1º  rand(1,1)=0.93 (i.e.) 
2º round(rand(1,1))=1 
3º round(rand(1,1))-0.5=0.5 
4º xr=2*-0.5=1 
 
So: x= xr+ jxi= -1+j  
 
Then the function continues with: 
 
if M>4  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end 
 
‘M’ in our example it is 64 so is right, make the next instructions: 
 
x0=x; x0= -1+j 
xr=2*(round(rand(1,N))-0.5); i.e. xr= -1 
xi=2*(round(rand(1,N))-0.5); i.e. xi= 1 
x=2*x0+(xr+jxi); x=2*(1-j)+(1+j)  ----  x=(2-2j)+(1+j)=3-j 
 
The next paragraph is: 
 
if M>16  
x0=x;  
xr=2*(round(rand(1,N))-0.5);  
xi=2*(round(rand(1,N))-0.5);  
x=2*x0+(xr+jxi);  
end 
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This condition is also true so: 
 
x0=x  ----  x0=3-j 
xr=2*round(rand(1,1))-0.5);  ----  xr=1 (i.e.) 
xi=2*round(rand(1,1))-0.5);  ----  xi=-1(i.e.) 
x=2*x0+(xr+jxi);  ----  x=2*(3-j)+(1-j)  ----  x=6-2j+1-1j  ----  x=7-3j 
 
At the end of the function, we get again these lines: 
 
if M==4  
x=x/sqrt(2);  
elseif M==16  
x=x/sqrt(10);  
elseif M==64  
x=x/sqrt(42);  
 
But now our ‘M’ is equal to 64, so in this case: 
 
x=x/sqrt(42)  ----  x=7/sqrt(42)-3j/sqrt(42)  ----  x=1.0801- j0.4629 
 
So if we check, we can see that we obtain more chances to choose values: 
 
Real part:          ± 0.1543, ± 0.4629, ± 0.7715, ± 1.0801  ----  8 values 
Imaginary part: ± 0.1543, ± 0.4629, ± 0.7715, ± 1.0801  ----  8 values 
 
8values x 8values= 64 values    ----    QAM64    OK! 
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5.2.- Design the detector of QAM 

For this step we use firstly one method using if/else commands. We made this 
procedure for all the case but for the case of QAM64 the program takes a lot of lines. For 
us it is a very big inconvenient, we need a fast detector cause when we introduce a large 
number of samples (order of millions), the computer take a lot of time, and at the end 
have not got memory enough to store the variables. 

 
We put the forward instruction in the command window: 
 
[y]=qam_stand ( z, x, M) 
 
When ‘z’ is the signal after pass our filter bank, ‘x’ is the original signal which we 

generate, and ‘M’ is the type of modulation (4, 16 or 64) 
 
Here we write the complete function: 
 
 function [y]=qam_stand ( z, x, M) 
 
if M==4 
    
for k=0:length(x)-1  
       
      if angle(x(k+1,1))>0 & angle(x(k+1,1))<pi/2 
         y(1,k+1)=[1/sqrt(2)]-[1/sqrt(2)]*j; 
      else 
         if angle(x(k+1,1))>pi/2 & angle(x(k+1,1))<pi 
            y(1,k+1)=[-1/sqrt(2)]-[1/sqrt(2)]*j; 
         else  
            if angle(x(k+1,1))>-pi & angle(x(k+1,1))<-pi/2 
               y(1,k+1)=[-1/sqrt(2)]+[1/sqrt(2)]*j; 
            else 
               if angle(x(k+1,1))>-pi/2 & angle(x(k+1,1))<0 
                  y(1,k+1)=[1/sqrt(2)]+[1/sqrt(2)]*j; 
               end 
            end 
         end 
      end 
   end 
   y=y';%conj 
end 
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if M==16 
for k=0:length(x)-1  
 
   if angle(x(k+1,1))>0 & angle(x(k+1,1))<pi/2 %first quadrant 
         if real(x(k+1,1))>=0.6325 
            if imag(x(k+1,1))>=0.6325 
               y(1,k+1)=[3/sqrt(10)]-[3/sqrt(10)]*j; 
            else 
               y(1,k+1)=[3/sqrt(10)]-[1/sqrt(10)]*j; 
            end 
         else 
            if imag(x(k+1,1))>=0.6325 
               y(1,k+1)=[1/sqrt(10)]-[3/sqrt(10)]*j; 
            else 
               y(1,k+1)=[1/sqrt(10)]-[1/sqrt(10)]*j; 
            end 
         end 
      else 
   if angle(x(k+1,1))>pi/2 & angle(x(k+1,1))<pi %second quadrant 
            if real(x(k+1,1))>=-0.6325 
               if imag(x(k+1,1))>=0.6325 
                  y(1,k+1)=[-1/sqrt(10)]-[3/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[-1/sqrt(10)]-[1/sqrt(10)]*j; 
               end 
            else 
               if imag(x(k+1,1))>=0.6325 
                  y(1,k+1)=[-3/sqrt(10)]-[3/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[-3/sqrt(10)]-[1/sqrt(10)]*j; 
               end 
            end 
         end 
  if angle(x(k+1,1))>-pi & angle(x(k+1,1))<-pi/2 %third quadrant 
            if real(x(k+1,1))>=-0.6325 
               if imag(x(k+1,1))>=-0.6325 
                  y(1,k+1)=[-1/sqrt(10)]+[1/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[-1/sqrt(10)]+[3/sqrt(10)]*j; 
               end 
            else 
               if imag(x(k+1,1))>=-0.6325 
                  y(1,k+1)=[-3/sqrt(10)]+[1/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[-3/sqrt(10)]+[3/sqrt(10)]*j; 
               end 
            end 
         end 
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   if angle(x(k+1,1))>-pi/2 & angle(x(k+1,1))<0 %fourth quadrant 
            if real(x(k+1,1))>=0.6325 
               if imag(x(k+1,1))>=-0.6325 
                  y(1,k+1)=[3/sqrt(10)]+[1/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[3/sqrt(10)]+[3/sqrt(10)]*j; 
               end 
            else 
               if imag(x(k+1,1))>=-0.6325 
                  y(1,k+1)=[1/sqrt(10)]+[1/sqrt(10)]*j; 
               else 
                  y(1,k+1)=[1/sqrt(10)]+[3/sqrt(10)]*j; 
               end 
            end 
         end 
      end 
   end 
   y=y'; 
end 
% QAM64 Method 
% Comparing input and output 
a=0; 
length(y) 
length(z) 
for k=0:length(z)-1  
   if z(k+1,1)~=y(k+1,1)  
      a=a+1; 
   end 
end 
a 
ber=a/length(z) 
 
For the case of M==64, the method has got the same form, the operation is the same, 

the program try the if/else until found a true condition, but is too long and slowly, for this 
we include it in the Appendix number 1. 

 
 
This method is really slow because matlab check a lot of if/else so the program works 

really slowly. For this motive we use another technique to make the detection of the 
output signal. To call this method we just write in the command window the next 
instruction: 

 
[z, a]=qam_detect1(x, y, M) 



 - 37 -

Where ‘x’ is the original signal, ‘y’ is the signal after pass the filter bank and ‘M’ is the 
number of QAM modulation. This function return ‘z’ that is the detected signal and ‘a’ 
that is the number of errors detected. The whole function is shown in the forward page: 

 
 
function [z,a]=qam_detect1(x,y,M)  
 
if M==4  
       
for k=1:length(x)     
   sr=sign(real(y)); 
   si=sign(imag(y)); 
   z(1,k)=((1/sqrt(2))*(sr+j*si)); 
end 
    
elseif M==16  
xqam=[1 3]/sqrt(10);  
sr=sign(real(y));  
si=sign(imag(y));  
 
for k=1:length(x)  
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1]-xqam));  
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1]-xqam));  
z(1,k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
end  
 
elseif M==64  
xqam=[1 3 5 7]/sqrt(42);  
sr=sign(real(y));  
si=sign(imag(y));  
 
for k=1:length(x)  
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1 1 1]-xqam));  
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1 1 1]-xqam));  
z(1,k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
end  
 
end  
 
z=conj(z'); 
x; 
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% Comparing input and output 
a=0; 
for k=1:length(x)  
   if z(k,1)~=x(k,1)  
      a=a+1; 
   end 
end 
 
%ber=a/length(x) 
%Variance Estimate 
%e=abs((y-x).^2); 
%V=sum(e)/length(x); 
 
This detector is based on one archive sent by our teacher. With the old detector the 

testing of the system could take some months. So the next stage is try to understand the 
operation of it. 

 
The best way to know how it works it’s making an example with one sample a little bit 

deviated, for example the next one: 
 
QAM16 
 
Generator  ----  x= 0.3162+ j0.9487 ----  FBR  ----  y=0.354+ j0.8211  ----  Detector 
 
So now our input signal y=0.354+j0.8211 and if we take only the part which talk about 

QAM16 we got: 
 
elseif M==16  
xqam=[1 3]/sqrt(10);  
sr=sign(real(y));  
si=sign(imag(y));  
 
for k=1:length(x)  
 
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1]-xqam));  
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1]-xqam));  
 
z(1,k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
end  
 
Analysis: 
 
xqam=[1 3]/sqrt(10);  ----  xqam=[0.3162  0.9486] 
sr=sign(real(y));  ----   sr=1 (positive number) 
si=sign(imag(y));  ----  si=1 (positive number) 
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Like we only take for this example one sample, the length of x it’s one, so only make 
the for one time give than result the next: 

 
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1]-xqam));  
 
Where: 
 
xqam=[0.3162  0.9486] 
[1 1]-xqam=[0.6838  0.0514] 
real(y(k))=0.354 
abs(abs(real(y(k)))*[1 1]-xqam)= [0.0378  0.5946] 
min(abs(abs(real(y(k)))*[1 1]-xqam))= 0.0378 
 
So: 
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1]-xqam));  ----  val_r =0.0378 and ind_r =1 
 
Now, the next line works with the imaginary part: 
 
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1]-xqam)); 
 
And at the end we get  ----  val_i = 0.1275 and ind_i =2 
 
The last line will give us the final sample with the sample in the standardrized place: 
 
z(k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
z= 1 * xqam (1) + j * 1 *^xqam (2) what means  ----  z=0.3162+ j0.9487 
 
 
This function move the sample changed for our FBR to one standard place, only 

between 16 complex numbers, if the FBR change a little bit our sample, there is no 
problem, but if our FBR change our sample enough, our detector will move the sample to 
another position, and we get an error.  
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QAM64 
 
Generator  ----  x=0.1543-j1.0801  ----  FBR  ----  y=0.389-j0.921  ----  Detector 
 
Now our input signal is y=0.389-j0.921, and the type of QAM modulation is 64 so: 
 
elseif M==64  
xqam=[1 3 5 7]/sqrt(42);  
sr=sign(real(y));  
si=sign(imag(y));  
 
for k=1:length(x)  
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1 1 1]-xqam));  
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1 1 1]-xqam));  
z(1,k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
end  
end  
z=conj(z'); 
x; 
 
Analysis: 
 
xqam=[1 3 5 7]/sqrt(42);  ----  xqam=[0.1543  0.4629  0.7715  1.0801] 
sr=sign(real(y));  ----  sr=1 (positive number) 
si=sign(imag(y));  ----  si=-1 (negative number) 
 
In the same way that in the other example, we get only one simple for this example, so 

length of x is equal to one. Due to this for is done only one time. 
 
[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1 1 1]-xqam));  
 
Where: 
 
xqam=[0.1543  0.4629  0.7715  1.0801] 
[1 1 1 1]-xqam=[0.8457  0.5371  0.2285 -0.0801] 
real(y(k))=0.389 
abs(abs(real(y(k)))*[1 1 1 1]-xqam)= [0.2347  0.0739  0.3825  0.6911] 
min(abs(abs(real(y(k)))*[1 1 1 1]-xqam))= 0.0739 
 
So: 
 

[val_r,ind_r]=min(abs(abs(real(y(k)))*[1 1 1 1]-xqam));  ----  val_r =0.0739 and ind_r =1 
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Now is the turn of the imaginary part: 
 
[val_i,ind_i]=min(abs(abs(imag(y(k)))*[1 1 1 1]-xqam));  
 
And we obtain:  
 
val_i =  0.1495 and ind_i =3 
 
 
 
Using the last line we can calculate the correct place of our sample: 
 
z(k)=sr(k)*xqam(ind_r)+j*si(k)*xqam(ind_i);  
z(1) = 1 * xqam(1) + j * -1* xqam (3) what means  ----  z=0.4629- j1.0801 
 
The original sample just in the output of the detector was x=0.1543-j1.0801, after our 

FBR take a value of y=0.389-j0.921. We can see that exists a big variation due to 
possible imprecisions in the Filter Bank or due to possible noise. The sample that our 
system detect is z=0.4629- j1.0801, what happened here? We are in the case of one error, 
it means that our detector can’t avoid the noise that brings our signal. 
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6 

USE THE FBR WITH DIGITAL SIGNALS USED IN 
THE REAL TELECOMUNIATION SYSTEMS ALL 

OVER THE WORLD 

 (DIGITAL SIGNALS QAM MODULATED) 
 
 
 
We can work with every type of signals, but we are going to put all our attention in 

QAM modulation for 4, 16 and 64 possible samples.  
 

6.1.- Connection of the input signal directly to the detector, for checking the errors 
without our FBR, to characterize actually our system. 

The target of this point is characterize our filter bank system introducing QAM 
signals, so the first step is check the probably that one error appear without the filter 
bank. 

 
We connect the input signal, with the added noise directly to the detector, without the 

filter bank. Therefore we will be sure of the real losses that our net introduces. 
 

 
Sketch 1:  System without FBR. 

 
The sentence which we must write in the command window to call the function is: 
 
function[]=asA(m,c,d) 
 
Here we introduce a really important progress, now we put ‘m’ and ‘c’. Where at the 

end, the total number of samples will be ‘m*c’. 
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If we write: 
 
function[]=asA(2000,1000,64) 
 
We have got 2 million of samples in QAM64 modulation, with the advantage that the 

process is more quickly and the most important thing, the computer don’t need too much 
memory than in the other case to save the results. 

 
For the first step, we call ‘A-way’ to the process and we use the next code in matlab to 

make this test: 
 
function[]=asA(m,c,d) 
for r=1:c 
   [X,Y]=step6A(m,d); 
   A(:,r)=X; 
   B(:,r)=Y; 
end 
total_errors_A=0; 
for t=1:c 
   x=A(:,t); 
   y=B(:,t);   
  [z,a]=qam_detect1(x,y,d); 
 
  total_errors_A=total_errors_A+a;   
end 
 
total_errors_A 
SERA=total_errors_A/(m*c) 
 
The operation of this function is the next, we must introduce two numbers, ‘m’ and 

‘c’, and the function take first ‘c’, and make the step6 ‘c’ times, and the step6 take in 
every curl ‘m’ samples which are saved in ‘A’ and ‘B’.  

 
After this, we have got all the values in ‘A’ and ‘B’ so we call the function 

qam_detect1 and we give it x=A(:,t) and y=B(:,t), both with ‘t’ columns. And the 
detector returns ‘z’, which is the output signal and ‘a’, total number of errors.  

 
Just then the function calculate the symbol error rate using in the expression the total 

number of samples (m*c). 
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Now we are going to describe the operation of the function step6: 
 
function [x,y]=step6(d,m) 
 
//usual filter 
 
%Input signal  
x=conj(qam(d,m)');% x must be a signal of one row and several columns 
 
%Noise of the system 
x1=x+0.2*((randn(d,1)/max(randn(d,1)))+j*(randn(d,1)/max(randn(d,1)))); 
y=x1; 
 
As we can see, the input signal is created just using the function qam(number of 

samples, number of modulation) and then adding random noise multiplied by one 
constant. We can change this constant depending of the modulation, It’s mean, that if we 
are working with QAM16, the errors are going to appear less often than if we use 
QAM64 so if we want to obtain more errors in QAM4 we can just increase this constant. 

 
We are not going to use the QAM4 modulation for this example due to we most add a 

lot of noise to the input signal to get some error, so the measurement is not suitable. 
 
For the first example, we take QAM16 and the constant take the value of 0.2. Running 

the function we obtain the forward results for one million of samples: 
 
asA(1000,1000,16); 
 

Number of test total_errors_A SER_A 
          1           3 3.0e-6 
          2           4 4.0e-6 
          3           2 2.0e-6 
          4           3 3.0e-6 
          5           3 3.0e-6 

Table 2: Test for QAM16, total errors and SER . 
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Now we change to QAM64 with the same constant of error, 0.2 and see what happen: 
 
asA(1000,1000,64); 
 

Number of test total_errors_A SER_A 
          1       26764  0.0268 
          2       26792   0.0267 
          3       26486   0.0265 
          4       26135  0.0261 
          5       26911  0.0269 

Table 3: Test for QAM64, total errors and SER . Noise constant equal to 0.2 
 
 
 
There are too many errors so we are going to change the constant to a value of 0.1, to 

reduce this number and get SER more real. We obtain the next parameters: 
 

Number of test total_errors_A SER_A 
         1          8     8.0e-6 
         2          9     9.0e-6 
         3          8      8.0e-6 
         4         12     1.2e-5 
         5         11     1.1e-5 

Table 4: Test for QAM64, total errors and SER . Noise constant equal to 0.1 
 
 
The result are quite good, we get a similar symbol error rate in all the tests, so the 

system have got a uniform behaviour in this part, without our filter bank. 
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6.2.- Test our filter bank introducing the input signal with the noise added to the 
detector. 

Now we put our filter bank between the input signal with the noise added and the 
detector in this way: 

 

 
Sketch 2:  System with FBR. 

 
It is logical to think that we are going to find some more losses now due to our filter 

bank. Don’t forget that we know for the step 4 described before, that our filter bank 
almost don’t introduce losses (order of  9.9e-006), for this we hope that the results be 
almost identical that without the FBR. 

 
We call this way ‘B-way’, so now we are going to repeat the test for this another track, 

and the program now is the next called asB to differentiate both: 
 
function[]=asB(m,c,d) 
 
for r=1:c 
   [X,Y]=step6B(m,d); 
   A(:,r)=X; 
   B(:,r)=Y;    
end 
  
total_errors_B=0; 
 
for t=1:c   
   x=A(:,t); 
   y=B(:,t); 
  [z,a]=qam_detect1(x,y,d); 
  total_errors_B=total_errors_B+a;  
end 
  
total_errors_B 
SERB=total_errors_B/(m*c) 
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Now the difference is that this program call to another function called step6B. After 
this, the function returns the values of ‘X’ and ‘Y’ like in the other example. We can 
check what happened in step6B: 

 
function [x,y]=step6B(d,m) 
 
 
//usual program 
 
%Input signal  
x=conj(qam(d,m)');% x must be a signal of one row and several columns 
%Noise of the system 
x1=x+0.2*((randn(d,1)/max(randn(d,1)))+j*(randn(d,1)/max(randn(d,1)))) 
 
// First step filtering 
// Downsampling 
// Switching 
// Upsampling 
// Second step filtering 
 
%Output signal 
y=z(:,1)+z(:,2)+z(:,3)+z(:,4)+z(:,5)+z(:,6)+z(:,7)+z(:,8); 
y=M*y; 
P=1024; 
wT=linspace(0,2*pi*(1-1/P),P); 
y=y(D+1:length(y)-D); 
 
We can see that our signal go through a long way where can be a little bit modified for 

approximation at the time to take decimate numbers or another causes. 
 
For this example, we change again the value of the constant of noise in step6B and we 

fixed to 0.2. So we can compute this program for the QAM16 case and then see the final 
results,: 
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function[]=asB(1000,1000,16) 
 

Number of test total_errors_B SER_B 
         1          3     3.0e-6 
         2          5     5.0e-6 
         3          4     4.0e-6 
         4          3     3.0e-6 
         5          4     4.0e-6 

Table 4: Test for QAM16, total errors and SER . Noise constant equal to 0.2 
 
 
 
Now we change to QAM64 keeping the noise constant value and see the results again: 
 
asB(1000,1000,64); 
 

Number of test total_errors_B SER_B 
         1    26920  0.0269 
         2    26840   0.0268 
         3    26946  0.0269 
         4    26708  0.0267 
         5    26810  0.0268 

Table 5: Test for QAM64, total errors and SER . Noise constant equal to 0.2 
 
In the same way that for the other route, we need to change the value of the noise 

constant to get some more standard symbol error rate. We can fix this value to 0.1 again 
to at the end compare both ways. 

 
 
asB(1000,1000,64); 
 

Number of test total_errors_B SER_B 
        1         11  1.1e-5 
        2         10  1.0e-5 
        3           9  9.0e-6 
       4          10  1.0e-5 
       5          11  1.1e-5 

Table 6: Test for QAM64, total errors and SER . Noise constant equal to 0.1 
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6.3.- Comparison of both ways to see the difference between the occurred errors. 

 
• QAM16 
 

total_errors_A total_errors_B SER_A SER_B 
3 3 3.0e-6 3.0e-6 
4 5 4.0e-6 5.0e-6 
2 4 2.0e-6 2.0e-6 
3 3 3.0e-6 3.0e-6 
3 4 3.0e-6 3.0e-6 

Table 7:Results of the comparison for QAM16 
 

For this case, we can calculate de average error which introduces our filter bank: 
 
3-3=0;   5-4=1;   4-2=2;   3-3=0;   4-3=1; 
 
So in 5 test we try with 5*10e6 samples and increase 4 errors then: 
 
SER_FB_16=

65
4
e

= 8.0e-7 really small one 
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Graph 1:Comparison of errors in ‘A’ and ‘B’ way for QAM16 
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• QAM64 
 

total_errors_A total_errors_B Bit error rate_A Bit error rate_B
8 11 8.0e-6 1.1e-5 
9 10 9.0e-6 1.0e-5 
8 9 8.0e-6 9.0e-6 

11 11 1.1e-5 1.0e-5 

11 11 1.1e-5 1.1e-5 
Table 8: Results of the comparison for QAM64 

 
Again, we can calculate the average error that our device introduces: 
 
11-8=3;   10-9=1;   9-8=1;   11-11=0;   11-11=0;    
 
Now the same, with 5 million of samples we got: 
 
SER_FB_64=

65
113

e
++ =1.0e-6 near that in the 16 case. 
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Graph 2:Comparison of errors in ‘A’ and ‘B’ way for QAM64 

 
For both cases we can see that we’ve got usually more errors in the ‘B-way’ than in 

the ‘A-way’ like we suppose before, because our signal must cross more steps in the ‘B-
way’, furthermore we can check that for the QAM16 case we have got less error than for 
QAM64 case inclusive with a smaller noise constant. 

 
So the test it is already done and correct. 
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6.4.- Testing of the filter bank using QAM16 and QAM64. 

In this section we are going to work with QAM16 modulation first and then with 
QAM64. We will estimate the bit error rate and the variance using the forward function: 

 
function[]=as2(m,c,d) 
%clock 
for r=1:c 
 
   [X,Y]=step6(m,d); 
   A(:,r)=X; 
   B(:,r)=Y;    
end 
 
total_errors=0; 
Average_Dev=0; 
variance=0; 
 
for t=1:c 
    
   x=A(:,t); 
   y=B(:,t); 
   [z,a,V]=qam_detect2(x,y,d); 
   
  total_errors=total_errors+a; 
  variance=variance+V; 
end 
 
Average_V=variance/(c) 
total_errors 
BER=total_errors/(m*c) 
 
The difference between ‘asA’ or ‘asB’ and ‘as2’ is that in the second one during the 

process call to the function ‘qam_detect2’. This one is different than ‘qam_detect1’ 
because return one more parameter, the variance ‘V’. 
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function [z,a,V]=qam_detect2(x,y,M)  
 
//usual program 
 
% Comparing input and output 
a=0; 
for k=1:length(x)  
   if z(k,1)~=x(k,1)  
      a=a+1; 
   end 
end 
a; 
 
% Bit Error 
ber=a/length(x); 
%Variance Estimate 
e=abs((y-x).^2); 
V=sum(e)/length(x) 
 
As we can observe in the fraction of the function, at the end of the iterative process we 

get the number of error in a variable called ‘a’, just comparing the input with the output, 
after this we divide this number of error over the total number of samples of our input 
signal, and in this way we obtain the symbol error rate(SER). 

 
To compute the variance we use one formula that just compares the deviation between 

the values of ‘y’ with respect to ‘x’ . In the same way, after get the total deviation, ‘e’, 
we divide this value over the total number of samples and we get it. 

 
Now with this function, we can make some test depending of the type of modulation, 

QAM16 or QAM64, the number of samples and the value of the noise constant that we 
added to ours signals. For example, we can take for both types of QAM modulations 1 
million of samples and repeat the process 10 times for every one. 
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We can calculate for the three cases, the number of errors, the symbol error rate and 
the variance in each process of simulation and we show in a table. 

 
 
 

First test: 
 
 

• QAM16 
 

Note: we take the value of 0.2 for the noise constant in step6 
 

  Number of 
test 

      total_errors SER Variance 

    1      3 3e-6 0.0079 
    2      2 2e-6 0.0078 
    3      6 6e-6 0.0079 
    4      5 5e-6 0.0079 
    5      6 6e-6 0.0079 
    6      4 4e-6 0.0079 
    7      4 4e-6 0.0079 
    8      6 6e-6 0.0079 
    9      3 3e-6 0.0079 
   10      2 2e-6 0.0080 

Table 9: total errors, SER and variance for QAM16 
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Graph 3: Number of errors for QAM16 
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Second test: 
 
 

• QAM64 
 

Note: we take the value of 0.2 for the noise constant in step6. 
 

Number of 
test 

      total_errors SER Variance 

    1   26985 0.0270 0.0079 
    2   26515 0,0265 0.0078 
    3   27413 0.0274 0.0079 
    4    26820 0.0268 0.0079 
    5   27018 0.0270 0.0079 
    6   26893 0.0269 0.0079 
    7   26912 0.0270 0.0079 
    8   27198 0.0272 0.0078 
    9   26799 0.0268 0.0079 
   10   27251 0.0272 0.0079 

Table 10:  total errors, BER and variance for QAM64 with noise constant equal to 0.2 
 
Showing in a graph: 
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Graph 4:  Number of errors for QAM64 

 
 
 
As we can see in the graph, the number of errors is more or less similar in all the test, 

ideally we want that all the test have got the same number of errors. 
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Third test: 
 
 

• QAM64 
 

Note: we take the value of 0.1 for the noise constant in step6 
 

 Number of 
test 

   total_errors SER Variance 

    1     9 9e-6 0.0020 
    2     8 8e-6 0.0019 
    3     6 6e-6 0.0020 
    4    11 11e-5 0.0020 
    5     7 7e-6 0.0020 
    6     7 7e-6 0.0020 
    7     6 6e-6 0.0019 
    8     8 8e-6 0.0020 
    9     9 9e-6 0.0020 
   10     8 8e-6 0.0020 

Table 11:  total errors, SER and variance for QAM64 with noise constant equal to 0.1 
 
 
Or in a graph: 
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Graph 5:  Number of errors for QAM64 

 
We obtain of the tables that with QAM16 modulation the errors appear less often for 

the same constant noise than for QAM64 modulation. This fact is due to the detector 
must distinguish between 64 possibles values instead of 16, so is more easy get an error 
in the case of 64. 

 
So the test for the detector of QAM16 and QAM64 is already done. 
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7 

 Conclusions 

 
 

   For our filter bank we have considerer the number of granularity bands ‘Q’ equal to 4 
and the number of FB channels, ‘n’, equal to 8.  on another hand we take the 
downsampling/upsampling factor equal to 4. We fixed also the transition band width, 
‘delta’ to a specify value and the frequency offset, ‘alpha’, to 0.5. Furthermore we have 
chosen a order for our prototype filter equal to 134, the key point is that one future user 
can change one, twice or all the parameters of the function in a easy way to realize some 
test of another situation. This is a really important characteristic of our design. 

   In this work we have worked the large part of the testing with QAM modulated signals. 
Some months ago we almost did not know anything about this type of modulation, but 
now, after design a modulator and a demodulator also, which depend of the number of 
modulation, 4, 16 or 64, and get values like symbol error rate or variance, we understand 
really a lot the mechanism of this type of codification.  

   Of course we get more errors with QAM64 than with QAM16, and more with QAM16 
than with QAM4, because the input signal can take more values, so at the end can be 
more difficult to distinguish the correct value for the demodulator. 

   We have also open the way to work in the future with QAM256 or upper, just adding 
some more lines of code. With this type of QAM modulation we increase a lot the 
accuracy in the recovering of our desire signal. 

   We are really happy with our work and with the help and the knowledge offered for our 
thesis coordinators, without they, this thesis can not be done. 
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Appendix 1 
 
 
 
If/else method for QAM64: 
 
if M==64 
 
for k=0:length(x)-1 
     
   if angle(x(k+1,1))>0 & angle(x(k+1,1))<pi/2 %first quadrant 
       
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<=0.3086) &                         
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[1/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<=0.6172) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[3/sqrt(42)]+[1/sqrt(42)]*j; 
         end      
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<=0.9258) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[5/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<=1.2344) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[7/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<=0.3086) &  
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[1/sqrt(42)]+[3/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.386 & real(x(k+1,1))<=0.6172) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[3/sqrt(42)]+[3/sqrt(42)]*j; 
         end    
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<=0.9258) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[5/sqrt(42)]+[3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<=1.2344) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[7/sqrt(42)]+[3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<=0.3086) &  
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[1/sqrt(42)]+[5/sqrt(42)]*j; 
         end   
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         if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<=0.6172) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[3/sqrt(42)]+[5/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<=0.9258) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[5/sqrt(42)]+[5/sqrt(42)]*j; 
         end         
     if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<=1.2344) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[7/sqrt(42)]+[5/sqrt(42)]*j; 
         end          
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<=0.3086) &  
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[1/sqrt(42)]+[7/sqrt(42)]*j; 
         end       
     if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<=0.6172) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[3/sqrt(42)]+[7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<=0.9258) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[5/sqrt(42)]+[7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<=1.2344) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[7/sqrt(42)]+[7/sqrt(42)]*j; 
         end 
          
    elseif angle(x(k+1,1))>pi/2 & angle(x(k+1,1))<pi %second quadrant 
          
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[-1/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[-3/sqrt(42)]+[1/sqrt(42)]*j; 
         end      
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[-5/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) &  
(imag(x(k+1,1))>0 & imag(x(k+1,1<=0.3086)))] 
            y(1,k+1)=[-7/sqrt(42)]+[1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[-1/sqrt(42)]+[3/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.386 & real(x(k+1,1))>=-0.6172) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[-3/sqrt(42)]+[3/sqrt(42)]*j; 
         end    
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[-5/sqrt(42)]+[3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) & 
(imag(x(k+1,1))>0.3086 & imag(x(k+1,1<=0.6172)))] 
            y(1,k+1)=[-7/sqrt(42)]+[3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[-1/sqrt(42)]+[5/sqrt(42)]*j; 
         end   
         if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[-3/sqrt(42)]+[5/sqrt(42)]*j; 
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         end              
     if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[-5/sqrt(42)]+[5/sqrt(42)]*j; 
         end         
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) & 
(imag(x(k+1,1))>0.6172 & imag(x(k+1,1<=0.9258)))] 
            y(1,k+1)=[-7/sqrt(42)]+[5/sqrt(42)]*j; 
         end          
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[-1/sqrt(42)]+[7/sqrt(42)]*j; 
         end       
     if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[-3/sqrt(42)]+[7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[-5/sqrt(42)]+[7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) & 
(imag(x(k+1,1))>0.9258 & imag(x(k+1,1<=1.2344)))] 
            y(1,k+1)=[-7/sqrt(42)]+[7/sqrt(42)]*j; 
         end 
          
    elseif angle(x(k+1,1))>-pi & angle(x(k+1,1))<-pi/2 %third quadrant       
          
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[-1/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[-3/sqrt(42)]+[-1/sqrt(42)]*j; 
         end      
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[-5/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[-7/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[-1/sqrt(42)]+[-3/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))<-0.386 & real(x(k+1,1))>=-0.6172) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[-3/sqrt(42)]+[-3/sqrt(42)]*j; 
         end    
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[-5/sqrt(42)]+[-3/sqrt(42)]*j; 
         end       
     if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) & 
 (imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[-7/sqrt(42)]+[-3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[-1/sqrt(42)]+[-5/sqrt(42)]*j; 
         end   
     if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[-3/sqrt(42)]+[-5/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
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            y(1,k+1)=[-5/sqrt(42)]+[-5/sqrt(42)]*j; 
         end         
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[-7/sqrt(42)]+[-5/sqrt(42)]*j; 
         end          
         if [(real(x(k+1,1))<0 & real(x(k+1,1))>=-0.3086) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[-1/sqrt(42)]+[-7/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))<-0.3086 & real(x(k+1,1))>=-0.6172) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[-3/sqrt(42)]+[-7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))<-0.6172 & real(x(k+1,1))>=-0.9258) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[-5/sqrt(42)]+[-7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))<-0.9258 & real(x(k+1,1))>=-1.2344) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[-7/sqrt(42)]+[-7/sqrt(42)]*j; 
         end 
          
    elseif angle(x(k+1,1))>-pi/2 & angle(x(k+1,1))<0 %fourth quadrant   
          
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<0.3086) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[1/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<0.6172) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[3/sqrt(42)]+[-1/sqrt(42)]*j; 
         end      
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<0.9258) &  
(imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[5/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<1.2344) & 
 (imag(x(k+1,1))<0 & imag(x(k+1,1>=-0.3086)))] 
            y(1,k+1)=[7/sqrt(42)]+[-1/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<0.3086) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[1/sqrt(42)]+[-3/sqrt(42)]*j; 
         end  
         if [(real(x(k+1,1))>0.386 & real(x(k+1,1))<0.6172) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[3/sqrt(42)]+[-3/sqrt(42)]*j; 
         end    
     if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<0.9258) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[5/sqrt(42)]+[-3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<1.2344) &  
(imag(x(k+1,1))<-0.3086 & imag(x(k+1,1>=-0.6172)))] 
            y(1,k+1)=[7/sqrt(42)]+[-3/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<0.3086) & 
 (imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[1/sqrt(42)]+[-5/sqrt(42)]*j; 
         end   
         if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<0.6172) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[3/sqrt(42)]+[-5/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<0.9258) &  
(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[5/sqrt(42)]+[-5/sqrt(42)]*j; 
         end         
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<1.2344) &  
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(imag(x(k+1,1))<-0.6172 & imag(x(k+1,1>=-0.9258)))] 
            y(1,k+1)=[7/sqrt(42)]+[-5/sqrt(42)]*j; 
         end          
         if [(real(x(k+1,1))>0 & real(x(k+1,1))<0.3086) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[1/sqrt(42)]+[-7/sqrt(42)]*j; 
         end       
         if [(real(x(k+1,1))>0.3086 & real(x(k+1,1))<0.6172) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[3/sqrt(42)]+[-7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))>0.6172 & real(x(k+1,1))<0.9258) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[5/sqrt(42)]+[-7/sqrt(42)]*j; 
         end        
         if [(real(x(k+1,1))>0.9258 & real(x(k+1,1))<1.2344) &  
(imag(x(k+1,1))<-0.9258 & imag(x(k+1,1>=-1.2344)))] 
            y(1,k+1)=[7/sqrt(42)]+[-7/sqrt(42)]*j; 
         end 
      end 
   end 
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På svenska

Detta dokument hålls tillgängligt på Internet – eller dess framtida ersättare –
under en längre tid från publiceringsdatum under förutsättning att inga extra-
ordinära omständigheter uppstår.

Tillgång till dokumentet innebär tillstånd för var och en att läsa, ladda ner,
skriva ut enstaka kopior för enskilt bruk och att använda det oförändrat för ick-
ekommersiell forskning och för undervisning. Överföring av upphovsrätten vid
en senare tidpunkt kan inte upphäva detta tillstånd. All annan användning av
dokumentet kräver upphovsmannens medgivande. För att garantera äktheten,
säkerheten och tillgängligheten finns det lösningar av teknisk och administrativ
art.
Upphovsmannens ideella rätt innefattar rätt att bli nämnd som upphovsman i den
omfattning som god sed kräver vid användning av dokumentet på ovan beskrivna
sätt samt skydd mot att dokumentet ändras eller presenteras i sådan form eller i
sådant sammanhang som är kränkande för upphovsmannens litterära eller konst-
närliga anseende eller egenart.

För ytterligare information om Linköping University Electronic Press se för-
lagets hemsidahttp://www.ep.liu.se/

In English

The publishers will keep this document online on the Internet - or its possible
replacement - for a considerable time from the date of publication barring excep-
tional circumstances.

The online availability of the document implies a permanent permission for
anyone to read, to download, to print out single copies for your own use and to
use it unchanged for any non-commercial research and educational purpose. Sub-
sequent transfers of copyright cannot revoke this permission. All other uses of
the document are conditional on the consent of the copyright owner. The pub-
lisher has taken technical and administrative measures to assure authenticity,
security and accessibility.

According to intellectual property law the author has the right to be men-
tioned when his/her work is accessed as described above and to be protected
against infringement.

For additional information about the Linköping University Electronic Press
and its procedures for publication and for assurance of document integrity, please
refer to its WWW home page:http://www.ep.liu.se/
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