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Abstrakt 

Digital information och kommunikation genom digitala medier är ett växande område. E-post och 

andra kommunikationsmedel används dagligen över hela världen. Parallellt med att området växer 

så växer även intresset av att hålla informationen säker.  

 

Transmission via antenner är inom signalbehandling ett välkänt område. Transmission från en 

sändare till en mottagare genom fri rymd är ett vanligt exempel. I en tuff miljö som till exempel ett 

rum med reflektioner och oberoende elektriska apparater kommer det att finnas en hel del 

distorsion i systemet och signalen som överförs kan, på grund av systemets egenskaper och buller 

förvrängas. 

 

Systemidentifiering är ett annat välkänt begrepp inom signalbehandling. Denna avhandling 

fokuserar på systemidentifiering i en tuff miljö med okända system. En presentation ges av 

matematiska verktyg från den linjära algebran samt en tillämpning inom signalbehandling. Denna 

avhandling grundar sig främst på en matrisfaktorisering känd som Singular Value Decomposition 

(SVD). SVD’n används här för att lösa komplicerade matrisinverser och identifiera system. 

 

Denna avhandling utförs i samarbete med Combitech AB. Deras expertis inom signalbehandling 

var till stor hjälp när teorin praktiserades. Med hjälp av ett välkänt programmeringsspråk känt som 

LabView praktiserades de matematiska verktygen och kunde synkroniseras med diverse 

instrument som användes för att generera signaler och system. 

 

 

 

  



 

 

 

Abstract 

Digital information transmission is a growing field. Emails, videos and so on are transmitting 

around the world on a daily basis. Along the growth of using digital devises there is in some cases a 

great interest of keeping this information secure.  

In the field of signal processing a general concept is antenna transmission. Free space between an 

antenna transmitter and a receiver is an example of a system. In a rough environment such as a 

room with reflections and independent electrical devices there will be a lot of distortion in the 

system and the signal that is transmitted might, due to the system characteristics and noise be 

distorted.  

System identification is another well-known concept in signal processing. This thesis will focus on 

system identification in a rough environment and unknown systems. It will introduce mathematical 

tools from the field of linear algebra and applying them in signal processing. Mainly this thesis 

focus on a specific matrix factorization called Singular Value Decomposition (SVD). This is used to 

solve complicated inverses and identifying systems.  

This thesis is formed and accomplished in collaboration with Combitech AB. Their expertise in the 

field of signal processing was of great help when putting the algorithm in practice. Using a well-

known programming script called LabView the mathematical tools were synchronized with the 

instruments that were used to generate the systems and signals.  
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1 Introduction 

This chapter will introduce an overview of the problem and the applications that follows. The project 

is formed based on a general problem in the field of signal processing. Identifying a system is a 

wide concept that can be found in many applications. This particular project focuses on signal 

transmission on an antenna system in a fairly rough environment.  

1.1 Problem 

A basic concept in signal processing is to transmit a signal trough a system. For example consider a 

keyboard with a key pressed down. This key sends a signal that is transmitted through a cable and 

the monitoring system can almost instant tell which key is pressed down and it appears on a 

screen. The pressed key generates a signal that is transmitted through a system, which in this case 

is the cable, assuming a generous transmission and no encryption is done. Then the signal that the 

monitoring system receives is very similar and easy to read as it is and any key that is pressed 

down shows up on the screen.  

Now assume that for some reason someone wants to read the information transmitting trough the 

cable from somewhere else in the area with for example an antenna.  

Since the cable is isolated and there is free space between the cable and the antenna a new 

system is formed. The signal received will probably look distorted and will depend on the 

characteristics of the new system.  

 

1.1.1 Information content of a signal 

When transmitting a signal through a system some leakage may occur. This could sometimes hold 

information from the signal and might be seen from an independent receiver.  

However this signal is in most cases appreciably weak and will always be affected by the system 

and sometimes buried in noise. 

 

 

 

 

 

 

 

 

 

 

Figure 1-1 The signal containing information (upper) seen through a system 

(lower). It is clear that it is the signal that is causing the ripple. The question is if 

it is possible to read or even recreate the information? 
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If the signal could be found, is it possible to get some information out of it and maybe even restore 

the signal? 

This problem can be seen from two different aspects. From a practical point of view the question is 

if there is any information that could be seen from an independent source and if it is possible to 

read this information.  

From a mathematical aspect there is always some data to work with but here the question is which 

of this data contains information and is it possible to separate these from the “unwanted” data.  

There are two general steps in this task.  

 Identify the system 

 Restore the signal 

 

A closer look into those two steps will conclude that they are very similar.  

 

1.1.2 Identification 

In general the system   is defined by the ratio between the Discrete Fourier Transform [5, 6] of the 

input signal   and the output signal  . The system function is given by 

              , 

where  

               

   

   

 

and 

               

   

   

 

and   is the sample variable in the time domain 

 

Figure 1-2 Convolution model                 
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However if the system is somewhat distorted this model might not determine a fairly usable 

approximation.  

 

1.1.3 Restoration 

Once the system has a fairly good approximation the signal   is about to be restored. For a perfect, 

undistorted system and a clear signal the DFT-model will yield 

              , 

from where the signal x could easily be restored.  

Yet, due to an unstable inverse     , even a small change in   can cause major consequences in 

restoring  .  

Add this to a low Signal-To-Noise-Ratio and this will become an almost impossible task to solve 

straight from the FFT-model.  

 

1.2 Background 

Along with an growth in using modern technology around the world there is an increasing interest 

to developing secure devices and technical parts to handle this large quantity of information 

traveling around the world on a daily basis.  

A lot of secret information could be quite fragile if sending and containing the information is not 

secure enough.  

Encryption is one way to tackle the problem but somewhere along the way this information has to 

be decoded and at this point perhaps become fragile.  

Electrical devices are fragile in many different aspects. Transmitting information is done all over 

the world and some of this information needs to be secured.  

Signal processing is a broad field with many applications in modern technology. As the use of 

digital components and a worldwide network expands the need of more advanced algorithm and 

mathematical tools comes in handy.  

This project takes its place in the field of signal processing. Studying mathematical tools and 

applying them in signal transmissions.   

1.3 Objective 

The main purpose of this project is to create an algorithm that identifies an unknown system and 

uses that system to recreate an unknown signal.  

This method once finished could be useful in many different applications. Image processing, 

computer communication and control engineering is just a few of the wide selections of fields 

where this might come in handy.  
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2 Project 

Working with Singular Value Decomposition applied in signal processing this project where cropped 

in two parts, a theoretical part and a practical part. While the theoretical part was a puzzle of 

formulas to create an algorithm that was applied on signal processing, the practical part was more 

or less programming the theory.  

This chapter will give a brief introduction to the methods I used to tackle this problem along with a 

short introduction to the main software development tool that was used to put this problem in 

practice.  

 

2.1 Singular Value Decomposition 

To be able to handle the data that any arbitrary signal contains there is a very useful mathematical 

tool named Singular Value Decomposition, or SVD, applied in linear algebra and its applications. 

This is one of the main parts in this project.  

Not only in its application in signal processing but also when dealing with large matrices the ability 

of compressing the data the SVD brings great benefits. 

This section will give a brief introduction to the SVD and how it is applied in signal processing.  

 

2.1.1 What is Singular Value Decomposition? 

In general a Singular Value Decomposition or SVD is a matrix factorization [1] where any arbitrary 

matrix A is factored into 

      , 

where the eigenvectors of     and     is the columns of   and ,    is the conjugate transpose 

of V and   is the diagonal matrix of the square root of the nonzero eigenvalues of both     and 

    of rank  . Here,   is a     matrix,   a     matrix,   a     matrix and   a     matrix. 

 

 

 

 

 

 

 

 

 

 



 

5 

 

2.1.2 Application in signal processing 

In signal processing there is a well-known concept called convolution which is a mathematical 

operation between two functions. This is described by 

                    

 

    

        

This could be described as a matrix multiplication  

    , 

where   is the Toeplitz matrix (see Appendix A.1) of input signal vector  ,   is the system described 

as a vector and   is the output signal, also a vector.  

To identify   which represents the system we denote    which is the generalized inverse, also 

called a Pseudoinverse, of  .  

      , 

where    is the best choice of solution to     , which may have no exact solution.  

To solve this pseudoinverse we use the SVD.  

      ,   

         , 

where    is the pseudoinverse of  . 

A closer explanation of solving a pseudoinverse with the SVD is presented in the next chapter on 

Linear algebra.  
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2.2 LabView 

LabView is a well-known software development tool that used in many different fields including 

signal processing and mathematical applications.  

LabView uses a graphical interface drag-and-drop programming script. This concept was very useful 

since it is very easy to get started with, because a lot of functions and scripts are already pre-

developed.   

 

 

 

 

 

 

 

 

With built in functions as fully customable filters and a huge selection of mathematical tools the 

possibilities are almost infinite.  

Graphs, measurement and controls are very straightforward and easy to use which make LabView 

a perfect tool for signal processing.  

One of the main applications of LabView is the ability to synchronize with instruments such as 

oscilloscopes and function generators. This was of great help when the program was more or less 

finished and needed a test on a non-simulated system. It only required a small adjustment and the 

system could be tested.  

LabView is constructed in two main panels. A front panel and a block diagram. Figure 2-1 above 

shows an example of the block diagram. This is where the programming takes place. Wires are 

drawn between numerous of subroutines and functions to create new functions that, along with 

indicators and controls, forms a program. That program runs in the front panel, which shows all 

indicators and controls and has a more user friendly interface.  

  

Figure 2-1  Shows an example of the block diagram of a 

LabView script.  
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3 Linear Algebra 

This chapter will raise the mathematical description of the process. When working in the field of 

signal processing there is no doubt that problems occure that will need to be solved with linear 

algebra and the tools it follows.  

The material in this chapter is mainly based on the work of Gilbert Strang 2006, Linear Algebra and 

Its Applications, 4th edition. 

 

3.1 Singular Value Decomposition 

One method or tool to factorize a matrix is Singular Value Decomposition(SVD). It is closely related 

to the eigen decomposition        where the eigenvalues are in the diagonal matrix   and the 

eigenvector matrix   is an orthogonal matrix (     ). 

If   and    are replaced by any two orthogonal matrices   and   , then every matrix could split 

into       , where   is a diagonal matrix of rank r that contains eigenvalues from    . The 

eigenvectors of     and     goes into the columns of   and  . 

 

3.2 Pseudoinverse 

Once we have the SVD, we want to use this on the system. Pseudoinverse, a generalized inverse of 

any matrix  , is one of the many applications of the SVD and the one was of great use when 

creating this thesis.  

For any system of linear equation that does not have a unique solution the Pseudoinverse 

computes the best possible solution. 

3.2.1 Applying SVD to the Pseudoinverse 

Consider the system  

    , 

where   is a matrix and   and   are vectors. The matrix   is factorized according to the SVD which 

gives  

       . 

Since  

  

 

 
 

      
      
      
        
      

 
 

, 

where    is the singular values of  . 
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It follows that 

   

 

 
 
 

 

  
    

 
 

  
   

      

   
 

    
 

      

 
 
 

  

is the pseudoinverse of  .  

By transposing the resulting matrix we get         , also called the pseudoinverse of  . 

Inserting this into the system yields  

         , 

where     is the best possible (least square) solution. The length of the vector    depends on how 

many singular values of    that are kept throughout the process. That introduces the following 

concept.  

3.2.2 Truncation 

The matrix    do sometimes hold singular values that are not critical for the results and 

sometimes make the results worse. For example when    represents a distorted signal, that 

distortion will affect the look of the singular values. Those unwanted data could sometimes have a 

huge effect when identifying the system.  

To locate all those unwanted data individually is a waste of time, especially when working with 

large matrices. For now, assume those values are small comparing to the data that comes from a 

system.  

  is created with the singular values in a decreasing order. Reducing some of those values might 

actually suppress some of the noise. Once   is inverted, all singular values ends up in the 

denominator which makes the smallest values very large.  

However, this might not be a bad thing, if some of these small values contain noise it could enlarge 

a lot of unwanted data. 

Truncate some of the smallest values might give a chance to reduce some of the noise or at least it 

will make the calculation smaller and the program faster.  
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An image processing with a distorted signal makes a great example of this. Consider that the 

following image (fig 3-1),  

 

 

 

 

 

 

  

is transmitted through a system, for example a wire. Despite a generous system there could be a 

lot of distortion due to bad isolation, nearby transmitters and so on. 

Once receiving the signal, a lot of noise appears (fig 3-2).  

               

  

    

 

 
 

       
      
      
        
      

 
 

 

 

 

 

This signal forms a matrix       . Looking at the  -matrix the singular values are in a 

decreasing order,           .  

Since the noise lies in a random and unpredicted pattern there is a chance that those lies in a 

“lower” valued singular value. Reducing those might reveal some of the information. Figure 3-3 

shows the image when all singular values that are lower than     are removed.  

 

 

 

Figure 3-1 

Figure 3-2 
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It appears, the original image is partly revealed. It is still a bit distorted but the improvement is 

obvious.  

 

3.3 Correlation and dependence: 

To get a good estimation of how useful this method actually is I used a mathematical tool called 

correlation.  

This yields a number between 0 and 1 that describes the absolute value of a statistical relationship 

between the original signal and the one that is restored with SVD. When correlation shows 1 the 

relationship is identical. 0 clarifies a total independent signal. 

 

More interesting in this case might actually be the difference between y correlated to x and 

restored x correlated to x. If the second correlation is greater than the first one, the restored x 

correlates better to the original signal.  

This will give a vision of whether or not this method is useful at all.  

 

Correlation coefficient      will determine a statistical relationship [3] between   and   as 

 

     
        

    
  

 
where    and      are the standard deviation of the given signal and          is the covariance, 

 

 

         
                

   

   
  

 

 

 

 

  

Figure 3-3 
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4 Process 

Up till this point the theories, tools and methods have been defined and presented. Studying those 

theories has been an extensive task and problems and holdbacks appeared on a daily basis. In the 

field of signal processing the application and usefulness of those theories are more important than 

how it works. Therefore one main task of this thesis is to put all those tools together and applying 

them on real life systems and signals. 

This chapter goes through the working process and describes how this was possible to accomplish.  

 

4.1 Working with LabView 

At the start of this project there were a few things to determine. There are a few different 

programming languages out there that could come in use.  

The reason I choose to work with LabView was because the convenient interaction with the 

instruments that I later will test my algorithm on. It is also one of the main programs that are used 

in Combitech laboratories from where I was working. Since I only had a brief introduction to 

LabView before this thesis, Combitech AB’s expertise turned out to be of great value along the 

working progress.  

During the construction progress I came across a few problems that were not that easy to handle. 

There were also lot of things that had to be included in my program.  

It had to be user friendly, such as well-defined controls and an easy to use design and interface. 

Both front panel and the block diagram had to be well written. This script had to be easy to 

understand, since it is about to be used and perhaps modified by an independent user. Before I 

came up with a final version there were a few beta versions that were made. Rebuilding the 

program gave me a chance to optimize the progress and “clean up” scripts that were not used.  

To get a good structure in the program I was working in different layers (hierarchies) of subroutines 

forming a “structure tree” with the main program on top. 

To have a good and organized structure is very important for orientation in the progress and to 

locate any part that might be useful for a user. For some applications, there might just be smaller 

parts of the program, or only one or more subroutines, that may come in handy.  
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The big square that “frames” in the program is a loop (while-loop) which keeps the program running 

until STOP is pushed.  

To the left of the loop all the controls are held and the indicators and graphs are put to the right. 

As mentioned the program has a tree structure. This is great for understanding the workflow in the 

program since it shows all subroutines and functions in the same order as they are called. Figure 4-

2 shows an example of the first layers of the program.  

 

 

 

 

 

 

 

 

 

Figure 4-1 Shows an overview of the main program. Progress is built from left to right to get a 

good structure.  

Figure 4-1 Shows an overview of the main program. Progress is built from left to right to get a 

good structure.  

 

Figure 4-2 An example of the structure tree that the program forms.  
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As seen, the main program is on top followed by a bunch of subroutines. They all have their own 

role in the workflow. When the program is running, all subroutines are called in a specific order and 

it is easy to follow. This makes crashes and errors very easy to find which makes the programming 

almost flawless.  

 

4.2 Simulation 

The program was created in three main blocks. First block simulated a system that had a built in 

signal generator with a wide selection of setups to represent a real signal. This block was more or 

less created to test the program during the development.  

The second block represents the system identification. This block did the first SVD calculations and 

estimated a system h.  

Last block recreates the input signal x. This block is very similar in practice to the second block 

since only one parameter is unknown and all data is represented by vectors.  

 

 

 

 

 

These three blocks are independent of each other. To recreate a signal there is a need to know the 

system but any system h will do.  

 

4.2.1 Signal and system 

During the development of this program there was a great need of testing every step by step. To do 

this properly, a bit signal is simulated. It is customable with many options to imitate a real signal as 

much as possible. 

Along this, a system is simulated that worked as a target to identify. To be able to easy determine 

the properties of the program, this part was kept this as simple as possible.  

A basic customable filter made the key part of the system. The user is able to choose some 

characteristic of the filter, such as basic High- and Low-pass, along with more advanced options 

and control of cutoff-frequencies.  

For a non-perfect signal and system it is possible to add different types of noise to both input signal 

and/or output signal to a signal-to-noise-ratio as low as 0,1. 

 

Figure 4-3 
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4.2.2 System identification 

This is the first step in the progress of recreating a signal. This block does the first calculation of the 

SVD. With a known input signal   and a measured output signal   this block has its task in 

identifying the system  . There are a few options in this process. Truncation could be made, hence 

the number of sample in estimating system   is narrowed. This brings down the running time which 

makes the calculations faster. However, this does not necessary makes the estimation better, or 

worse for that matter.  

A more detailed specification of the effect caused by truncation is presented in the next chapter 

with the results.  

4.2.3 Restore the signal.  

Once the system is identified the signal is ready to be restored. This time it is   that is known and   

is the unknown parameter but the process is very similar. As a matter of fact the progress is more 

or less identical in practice since input data is a vector for both   and   and they are treated the 

same way no matter what values they contain.   

There were a few changes that had to be made but since the simulated system was designed to 

represent any real-life system the changes depended on the interaction with the instruments.  
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4.3 Progress on a non-simulated system 

There were a number of tests to conclude when and where this algorithm would and would not 

work. Since the main problem is to identify a system a simple but yet very powerful example was 

tried out. There were two antennas transmitting a bit signal trough free space in a noisy room with 

lots of reflections and antenna filters that causes distortions.  

This example is set up with a function generator that generates a signal with 250 MHz sample 

frequency and 5 V of amplitude. This is measured with 1000 samples on the oscilloscope.  

Looking at the signal as it looks straight from the source, there is a random bit pattern that could 

represent any signal. This is viewed by an oscilloscope that is connected to the signal generator.  

Since the first step is to identify the system the signal   could represent a known signal. To reduce 

some noise we determine the average of the outgoing signal  .  

It is still pretty diffused but because it is the average, it is a bit less noisy and most of this scatter is 

caused by the system.  

This is where the identification takes part.  

     , 

where    is the Toeplitz matrix on   and   is the unknown system. A Pseudoinverse is made on    

which yields  

     
   , 

where    is the best possible solution. In this particular example, no truncation was made and that 

means vector    is kept at length 1000 samples.  

Figure 4-4 Known signal  . 

Figure 4-5 Average of outgoing signal  . 
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Now it is time to restore an unknown signal x that is transmitted through the same system. To get a 

good estimation on how good the system identification is, it is the same bit pattern as the known   

that is transmitted. This makes it possible to compare the signal to the original  . However it is not 

the same signal as the original because the noise is different.  

This time    is unknown. The only part that is viewable is the new   coming out of the system. Let 

us denote this   . 

The same system equation as previous holds. However, this time   is the unknown variable. Now 

     , 

where    is the Toeplitz matrix on   . As before a Pseudoinverse is made, this time on   .This 

yields  

  
     

   , 

where   
   is the best possible solution for the restored signal and the final result.  

This reveals the original signal and compared to the scattered signal it does have a clear view of 

what the original signal x looks like.  

 

 

 

Figure 4-6 Outgoing signal   , transmitted through the same system. 

Figure 4-7 Restored signal   
  . 
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Figure 4-8   

 

Figure 4-9   

 

Figure 4-10    
   

 

Comparing the signals next to each other gives a clear view on how good the restoration were.  

Running this through a correlation test gives the following restults.  

Correlation coefficient             

Correlation profit                   

The profit would be the most intresting part since this yields how close to the original signal is, 

compared to the outgoing signal that was visible before.  

Conclusion 

This example is acually one of the better when it comes to the result and it is also a very good 

example since it does have a very distorted  -signal and a fairly complicated system. Looking at the 

graph it does actually restore the signal relatively well. Comparing it to the output signal   it is a 

huge improvement.  
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5 Result 

This chapter reveals the results from two core tests that were made. Before testing the program on 

a non-simulated system, it is important to know if the system works in bandwidths that might 

appear in an antenna. First, there is a result of the simulations is presented. That is followed by a 

real life test on an antenna transmitter and receiver.  

5.1 Simulation 

A lot of tests were done along the progress. Once the program was more or less finished there was 

a need to get to know when the algorithm worked and when it did not work.  

Following tests were made primarily to see if the system property affects the capability of the 

algorithm. The transmitted signal is a random bit pattern with 1000 samples. Rank is revealing 

how many singular values that were counted in when estimating the system. Hence, how many 

values the system vector   contains. SNR is the Signal-to-Noise Ratio (See appendix B.1). 

These tests were made with a band-pass filter with three different bandwidths, defined in 

normalized frequency ranges. 

 
Rank 5 25 125 250 

  SNR (Linear)    

BP 0.1-0.4 
10 

0,71 0,68 0,65 0,57 

 

0,49 0,47 0,46 0,33 

 
2 

0,32 0,22 0,17 0,21 

 
0,22 0,14 0,1 0,13 

 
1 

0,22 0,26 0,18 0,18 

 
0,2 0,21 0,14 0,13 

 
 

    

BP 0.15-0.35 
10 

0,47 0,52 0,42 0,4 

 
0,33 0,38 0,29 0,26 

 
2 

0,18 0,16 0,15 0,17 

 
0,13 0,12 0,11 0,13 

 
1 

0,19 0,17 0,14 0,22 

 
0,14 0,13 0,1 0,17 

 
 

    

BP 0.2-0.3 
10 

0,36 0,34 0,18 0,21 

 
0,29 0,28 0,12 0,13 

 
2 

0,2 0,18 0,19 0,2 

 
0,16 0,15 0,16 0,16 

 
1 

0,15 0,18 0,17 0,19 

 
0,11 0,14 0,13 0,13 

    

Table 5-1 Correlation table of the simulated system. 
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The table shows two different values on each test. The first (highlighted) value shows the 

correlation between the restored signal and the original signal. The additional number is the 

difference between the first correlation and the correlation between the output signal and the 

original signal, i.e. the profit of the restoration.  

5.2 Analog signal transmission.  

The final test reveals a good overview of the algorithm. Nine tests were made in three different 

frequencies. Those frequencies are set on the signal generator. Once the oscilloscope reads the 

signal the sample frequencies are 1000 sample. Hence, when rank equals 1000 no truncations are 

made.  

 
Rank 5 250 500 750 1000 

 50 MHz 
1V 

0.13 0.12 0.18 0.11 0.07 

 

0.12 0.11 0.17 0.1 0.06 

 
2V 

0.11 0.02 0.02 0.04 0.09 

 

0.11 0.02 0.02 0.04 0.09 

 
5V 

0.17 0.2 0.04 0.1 0.2 

 

0.17 0.2 0.04 0.1 0.2 

 
      

150 MHz 
1V 

0.38 0.41 0.4 0.37 0.4 

 

0.37 0.41 0.39 0.36 0.4 

 
2V 

0.4 0.34 0.46 0.46 0.54 

 

0.4 0.34 0.46 0.46 0.54 

 
5V 

0.32 0.05 0.06 0.14 0.12 

 

0.32 0.05 0.06 0.13 0.12 

 
      

250 MHz 
1V 

0.12 0.56 0.61 0.59 0.61 

 

0.04 0.4 0.46 0.43 0.45 

 
2V 

-0.05 0.37 0.61 0.66 0.59 

 

-0.09 0.22 0.47 0.52 0.45 

 
5V 

0.01 0.52 0.70 0.72 0.74 

 

-0.13 0.38 0.56 0.58 0.6 

 

             Table 5-2 Correlation table of the final, non-simulated tests on an antenna system.  

Three different amplitudes were tested. This was an attempt to make a difference in the signal-to-

noise ratio. Since the distortion is unpredicted it is hard to determine an exact value of the SNR. 

However, testing different amplitudes gives an overview if it does affect the progress.   
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6 Concluding remarks 

6.1 Conclusion 

When analyzing the results a few questions come in mind. What parameters were critical for 

optimizing the results? Were the result good enough? When will the algorithm be useful?  

To answer those questions correctly, an infinite number of tests need to be made. However, there 

are a few patterns in the result and that will give a fair valuation of the algorithm.  

Three main parameters where tested, out of the applications that the algorithm was designed for, 

those will be in greatest interest for a valid result. Truncation that is included in the algorithm, SNR 

that is a cause of the system and signal quality and the last parameter is the system characteristic 

which is what the system looks like.  

6.1.1 Truncation. 

This was beforehand one of the most interesting parts since this parameter is the one that could be 

regulated.  

Looking at the table 5-2 in the previous chapter, the truncation did not affect the result as much as 

it had been predicted. In the non-simulated system it actually makes the correlation worse. 

However, it did speed up the calculation quite a bit which in some cases could be more valued than 

a better restoration.   

For example, in the non-simulated system, 250MHz signal with 5V of amplitude this results were 

given. This is actually the same signal that was shown in section 4.2.  

Rank 5 250 500 750 1000 

Correlation  0.01 0.52 0.70 0.72 0.74 

Profit -0.13 0.38 0.56 0.58 0.6 

 

In this example the correlation value for a rank of 500 is very close to a full rank but since the 

calculation speed of this setup is faster it might actually be a better result in some cases.  

6.1.2 Signal-to-Noise Ratio 

The signal-to-noise ratio (SNR) depends a lot on how strong the transmitting signal is. In the non-

simulated system there were tests with the same signal in three different amplitudes which does 

affect the signal to noise ratio.  

Looking at the result there is a small increase in correlation that might be a cause of the SNR. 

However, this change was fairly small. More tests could be of interest in this matter as a future 

work of this project.  

For now, the conclusion is that as long as the SNR is greater than 1, it would not cause a critical 

effect on the restored signal.  
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6.1.3 System characteristics  

No matter what preference the signal or the algorithm has, the system characteristic is one 

parameter that cannot be controlled. Therefore, it is of great interest to know if it affects the 

algorithm or not.  

One way of defining a range of the algorithm was to simulate a band pass filter. Regulating the cut-

off frequencies gives a fair estimation of the bandwidth that the algorithm lais in.  

This is where the simulation tests play an important part. Looking at the table 5-1 there is a clear 

pattern that the characteristic does have a huge effect on the restoration.  

However, this was not of great surprise since the information was sent in a relative low frequency 

6.1.4 Summary  

Looking at the results raises a lot of new questions. However, the big question that this project was 

based on did get answered. It is possible to recreate information if it is possible to identify the 

system. 

There is a lot of interesting patterns in the result tables but there is one that really needs to be 

highlighted. Looking at the profit of the correlated signals, it is always better.  

Except for one test, the correlation profit always shows an improvement which it quite interesting. 

Whenever the system has a huge impact on the system restoration, it does look like it affects the 

outgoing signal just as much or even more.  

That is actually a great result since it indicates that using this algorithm always improves the 

ongoing measurement.   

 

6.2 Future work 

With positive results and good workflow this thesis brings up interests for development in this field. 

The holdbacks in this algorithm were the speed. A long with faster computers, the calculation could 

come in handy in many fields. Optimizing the programming script and adding more options are a 

some ways to develop this thesis. More tests to get a more specific overview of the algorithm could 

be useful.  

On a broader aspect it is possible to find more applications to get a wider usage of the algorithm 

and applying it in other circumstances and situations.  
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Appendix A 

A.1 Toeplitz matrix  

A Toeplitz matrix [4]  is a matrix of the form 

   

 

 
 
 
 
 
 
 
 

        
         
     
     

            

     
              

     
     
     
            

 
 
 
 
 
 
 
 

, 

where the diagonals have identical entries. 

 

A.2 Eigenvalues and Eigenvectors 

The eigenvalues and eigenvectors can be found in the Eigenvalue eguation [1] 

     , 

where   is an arbitrary matrix, the number   is an eigenvalue of the matrix   and the vector   is the 

related eigenvector.  
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Appendix B 

B.1 SNR 

The signal-to-noise [7] ratio is defined as  

    
       

      
 , 

which is the quote between the signal and noise.  
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