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Preface 

 
 
This document discuss, the issues related to the development of Base band (Digital) part 
for the transceivers connected across a wireless microwave communication channel. The 
project was developed at MPE-lab (Mathematic, Physics, and Electrical Engineering) 
under the school of Information Science, Computer and Electrical Engineering (IDE) at 
Halmstad University.  
 
This thesis was done under the supervision of Mr. Urban Bilstrup, who is an active 
researcher in the field of Wireless Real Time Communications; he works with CC-lab 
(Computing and Communications) at IDE. It was due to his support and guidance, that all 
the steps for the implementation of base band part were successfully completed.  
 
It was a basic requirement for the base band part to be connected to the analog part 
(developed as another master’s thesis) in order to complete a transceiver. To meet this 
requirement some hardware equipment was used, that was provided by Mr. Emil Nilsson, 
who is a researcher at MPE-lab. 
 
Motivation behind the development of ‘Microwave Wireless Communication Link’ 
project was initiated, by Mr. Arne Siko. He was the one, who introduced the project, and 
described in such a way, that motivated me, to select it as my Master’s Thesis.   
 
 
 
 
 
 
 
 
Faisal Jamil 
Halmstad University, Dec 2005. 
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Abstract 
 
 
This thesis was completed as a part of the project ‘Microwave wireless Communication 
Link’. In this thesis, the requirements to develop base band part for the transceiver were 
studied, including, usage of proper hardware equipment as well as software 
programming. A signal injector performed as a hardware interface between the Analog 
part and the Digital (base band) part of the tranceiver, whereas, a PCI card acted as a data 
acquisition device for base band part. A programming language was required to build 
such a software, able to successfully represent a transmitter and a receiver. All the 
features were found in Labview (Laboratory Virtual Instrument Engineering Workbench) 
introduced by National Instruments in 1980s. A modern version of Labview i.e. version 
7.1, was used in this thesis, it views the software as a virtual instrument to automate and 
measure the values passed from the connected hardware. Labview provides a graphical 
development environment, which is modular and parallel in nature, and uses an efficient 
G compiler. A coherent base band receiver using matched filter was implemented, and a 
base band transmitter using NRZ-L digital encoding scheme and QPSK modulation 
scheme was developed.   
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1. Introduction 
 
 
1.1 Context 
 
 
Main emphasis of the project was to develop a complete microwave wireless 
communication system to transfer data digitally, covering a distance of almost 600 
meters. The project was divided in parts i.e. to assemble the circuitry for development of 
analog portion of the transceiver [10], and to develop the digital (base band) portion for 
the transceiver. Both the parts work in close coordination with each other, this thesis is 
concerned with the second part of the project i.e. implementation of Base band part 
(digital part) of the transceiver.    
 
 
In this Thesis, MPE Lab will be connected wirelessly with Agellis Labs, using a digital 
microwave wireless link for sending and receiving data to and from Agellis Laboratories 
situated 600 meters from MPE Lab. To continue research activities further this project 
will be used to teach prospective students of Halmstad University, about working of 
microwave communication systems. Therefore the parts used for this project will be kept 
as illustrious as possible[10]. 
 
 
The need for this project arose because MPE Lab at Halmstad Univesity wants to be an 
effective education site for emerging microwave communication technologies. Analog 
equipment used in such links has worked successfully for the last few years, digital 
wireless communication links have been around for thirty years now. Researchers have 
succeeded in converting the analog links working on microwave frequencies to digital. 
Because it will be feasible in many aspects, all kind of data can be easily converted to 1s 
and 0s, by almost doubling the bandwidth, and data rates. Conversion to digital binaries 
can have a meaningful effect on the quality of the data e.g. if the data transferred is a 
video stream.  
 
 
This thesis covers the implementation of digital part of a transceiver, which is also called 
base band processing part. By using digital communication techniques including signal 
processing etc, communication links are able to transfer any kind of data, which includes 
video, audio, mpeg, pictures, or text, but all the data has to be in digital form i.e. in the 
form of 1s and 0s. Conversion of analog signals to digital is a plus point of such a system, 
because it is fairly easy to convert any sort of data to binary. In addition, the conversion 
to digital provides the ability to transfer the same data using lesser or equal bandwidth as 
compared to an analog microwave communication link.      
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1.2 Problem Statement  
 
There are many challenges in designing the base band processing components of a 
transceiver, such as, the implementation of digital filters, digital encoders, samplers, and 
bit synchronization. A software platform should be considered, having the ability to 
successfully acquire analog signals from the hardware front end. Symbol mapping has to 
be considered, selection of proper waveforms should be done, for using in modulators 
and demodulators. Selection of a modulation scheme which will be used is not less then a 
challenge, because each modulation scheme has its own advantages and drawbacks. 
Selecting bandwidth and the sampling rate is an important aspect, because a smaller 
frequency spectrum will lead to an irregular waveform of analog signals and when 
converted to digital, a complete square wave will not be available. Frequency and phase 
offset recovery is a major issue and should be implemented successfully, in order to make 
the system fully functional. Symbol timing is essential in order to have correct sampling 
decisions and to match transmitter and receiver’s sampling rate. According to 
characteristics of the link, proper symbol synchronization algorithm has to be chosen.  
Selection and coding of decision algorithms have to be considered very carefully, 
because they can decrease system efficiency to zero level. All the challenges are 
discussed in details in the following sections.  
 
1.3 Overview 
 
Design of the base band depends on the structure of analog components used in the 
transceiver. A general picture of an analog transceiver used by wireless communication 
systems is shown in fig 1.1.    
 
 

 
 

Figure 1.1 Overview Of Analog Part   
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The base band of the transceiver will be connected to the RF front end of analog part by 
wires containing I/Q signals. The demodulator serves as an input source for the hardware 
front end of base band, and in contrast, hardware interface of the base band part serves as 
an input provider to analog modulator as shown in fig 1.2. I/Q signals are received in the 
signal injector, which is further connected by a data cable with a PCI card installed in the 
personal computer. A rapid prototyping tool is used to implement baseband processing, in 
order to extract feasible information from the data entering or leaving the base band. 
Signals coming out from the PCI card are analyzed by the software based components of 
base band. Same is the case for the transmitter section, but all the steps are in reverse 
order. Data entering the base band part is converted to 1 and 0 bits, recognized easily by a 
personal computer, and the data leaving the base band, is converted to analog signals 
received by analog modulator and demodulator of the trasceiver. 
 
 

 
     

Figure 1.2  An Overview of Base band Part 
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2. Theoretical Background 
 
Digital communication is one of the fast growing fields in communication industry, 
almost all kinds of communication systems today are converted to digital, including 
wired,  wireless, satellite communication and mobile systems. Converting analog signals 
to digital includes many benefits, such as digital transmission improves the quality for the 
end user and transmission capacity for the provider. Network used for digital 
communication doesn’t require to know the nature of data but only to transmit 1s and 0s 
with a certain speed and more importantly, transmission remains as error free as 
practicaly possible. A digital communication link is capable of transporting the same (or 
a bit higher if concerned with video streaming links) quality of data using one or more 
than one channels, but using less or the same bandwidth as an analog link requires. A 
digital wireless communication link consists of the blocks illustrated in fig 2.1. 
 
 

 
 
    Figure 2.1 Digital Communication System [1] 
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source, it injects data into the data compressor. Data compressor converts the 
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receiver could easily obtain the correct version of information, or atleast enables the 
receiver to check if the data received is correct. It is possible for the receiver to remove or 
detect errors if and only if channel encoder has used an efficient method of channel 
encoding. After adding the redundant information into the data bit stream, it is transferred 
to the modulator. A modulator gives meanings to the data by referencing either each bit 
i.e a symbol, to a waveform or using a waveform representing several bits. It depends on 
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cosine wave, demodulator already knows this information, when it receives a sine wave it 
considers a 1, and if a cosine wave a 0 is considered. The modulator passes its data to the 
channel, it can be any medium through which data has to pass and reach the receiver. In 
wired links this channel is constituted by wires, whereas in wireless communication the 
channel is just the atmosphere or free space, which plays  an effective role in disordering 
the information sent, it can add noise, fade the data or generate bit shifts by multi path 
phenomenon. Modulated waveforms are received by the demodulator through the 
channel, and it retreives the bit sequence according to the type of modulation technique 
used, an efficeint demodulator will retreive the data with minimum amount of errors. A 
receiver uses matched filter or correlators backed up by a detector, for demodulation. 
Demodulated bits are passed to channel decoder which works on the opposite approach, 
as used by channel encoder. It checks for bit errors and corrects them where ever 
possible. An efficeint modulation scheme and channel code can effectively reduce the bit 
error rates of a system. Additional information is sweeped out from the bit stream, and 
then passed to source decoder which further decompresses the data to make an easily 
readable bit train, if data is to be converted in analog format it is passed to the D/A 
converter which converts it back to the some analog representation. The difference in the 
reconstructed information and the original data passed through the communication 
system can be calculated as the distortion level of the system.  
 
 
2.1 What is Base band  
 
The core of digital communication basically starts when the analog signal is converted  to 
digital representation on the base band for further processing. Basband processing can be 
graphical represented as in the shaded area of figure 2.2. 
 
 

 
 

Figure 2.2 Presentation of Base band processing 
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is passed through some communication media. There are some mediums which allow 
these components of the signal to pass with minimum distortion but a very large number 
of communicating wires, do not allow such signals to pass without distortion. For most 
modern communication systems a frequency translated copy of the signal is created, 
having low frequencies, up converted to some higher frequencies, that are less effected 
by the communication media. The pass band signal having the original frequency 
components, before frequency up conversion, is reffered to as a base band signal, and 
after frequency conversion for transmission purposes, it is called an intermediate 
frequency (IR) signal. IR signals are furthur up converted by analog hardware to Radio 
frequency signals which face less distortion by the communication media. Before 
transmission RF signals are modulated, by using a suitable modulation technique. 
Modulation further increases the frequencies in the signal by almost doubling its spectral 
bandwidth as shown in fig 2.3.  
 

     
 

Figure 2.3 Spectral Bandwidth of Baseband & RF Signals 
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2.2 Symbol Mapping 
 
Data represented by digital signals cannot be transmitted through any medium directly, 
so, there should be some representer for digital signals in the analog signaling domain. 
This is done by representing the symbols with waveforms, which are used to represent 
analog data. These waveforms also known as basis functions representing changes in 
frequency, phase, or amplitude, can be used to represent digital information. Waveforms 
representing digital data (symbols) are  further used as an input for the analog modulator, 
to modulate the carrier. Different modulation techniques use waveforms in there specific 
domain to get wanted results, as in frequency modulation basis functions having different 
frequencies are generated, these waveforms are then mapped to the symbols, to represent 
the required information. Amplitude modulation uses basis functions of different 
amplitudes, in order to represent digital information, and the same case applies for phase 
modulation in which waveforms are used having contrasting phases. Waveforms are 
basically used to represent data, if the data is binary, then two basis functions are enough 
to refer the two basic binary states. In binary FSK, ASK, or PSK two waveforms are used 
to represent  symbols, i.e. ‘1’ and ‘0’ as shown in fig 2.2.1 representing a PSK scheme.  
 
 

 
 
    Fig 2.2.1   Symbol mapping 
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symbols to a waveform, as in PSK M symbols can be expressed as a set of uniformly 
spaced phases i.e. 
 
    

Θi  = 2(i - 1) Π / M                   i= 1,2,….,M  (i) 
 
 
This approach is named as M-ary modulation sheme[14], as waveforms are representing 
M symbols, and it is also used for ASK and FSK. In this scheme the channel bandwidth 
depends on symbol rate rather then the bit rate, improving bandwidth efficiency. Every 
basis function representing some data has some identical characteristics, which include its 
frequency, phase, amplitude and time period. When these basis functions are used in 
continuous waveforms, there identical properties, helps the demodulator to detect them 
and as a result binary data represented by these basis functions is recognized. As an 
example, a ‘0’ may be represented by a sin wave having an amplitude and frequency of 1, 
phase of 0, and time period of 1 sec, when such a basis functioin appears in a waveform 
having these properties, a 0 is recognized. Same is the case for a ‘1’ as described in the 
fig 2.1.1. 
 
 
2.3 Modulation 
 
In recent years local communication was done by using wires, but nowadays wires are 
efficiently replaced by radio waves whether local or long distance communication is 
concerned. . Information, communicated over radio waves can be heavily effected by the 
atmosphere, as the attenuation in the signals increases as the distance increases, plus the 
factor of noise buildup at the receiver. Various modulation techniques provide different 
solutions, to the distortion faced by data where non-sheilded media is used as a medium. 
Modulation techniques are analog in nature, but with the advent of microcontrollers 
digital modulation techniques imerged, hiding various advantages in them, for radio wave 
communications. Such as, any sort of deficiency in the communication link can be 
overcomed by using signal processing, information is made more safe by encrypting it, 
error correction can be done with more confidence, and limited bandwidth problem can 
be solved by using enhanced DSP techniques. A brief description of different digital 
modulation techniques is given below.  
 
 
2.3.1 Digital Frequency Modulation 
 
Implementation of digital frequency modulation also called frequency shift keying 
(FSK) is a modified form of analog frequency modulation, in FSK input signal to the 
modulator is a digital signal, containing logical levels of 1 and 0. Modulator outputs a 
waveform consisting of two frequencies representing the 1s by one frequency and the 0s 
by another. On the other hand demodulator may be able to recognize the information 
transmitted, by separating the two frequencies representing the bands 0s or 1s.  
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2.3.2 Digital Phase Modulation 
 
This technique uses waveforms generating phase shifts, these phase shifts represent 
symbols. Data symbols are represented by basis functions having specific phases, such as 
a 1 can be represented by a sin wave having a phase of 0°, and a 0 can be represented by 
a sin wave having a phase of 90°, also called a cosine wave. In practice the symbols, 
represent a certain sequence of bits, and can differentiate between them by having finite 
phase changes. A number of phase changes can be done as described in 2.2, to represent 
the data. On the other hand demodulator generates a sequence of bits when it recognizes a 
waveform by comparing it with other basis functions already stored on the receiver. If 
this comparison is aided by correct sampling in time, then the demodulator can map the 
same data, from the waveform, with having minimum bit errors. Digital phase 
modulation is also called phase shift keying, and it has become a very popular scheme for 
transmission of digital data, as it has performance advantages, if compared to digital 
frequency modulation (frequency shift keying), and digital amplitude modulation 
(amplitude shift keying). The later two schemes require a high signal to noise ratio to 
recover their signals. There are a number of schemes to implement Phase shift keying 
(PSK), many of them are based on minute changes to the basic phenomenon of phase 
modulation, used by the two most commonly known schemes for digital phase 
modulation, which are binary phase shift keying (BPSK), and quadrature phase shift 
keying (QPSK).  
 
 
2.3.2.1 Binary Phase Shift Keying 

 
This scheme uses only two basis functions with two different phases for representing 
digital data, one for representing a binary 0 and the other to reperesent a binary 1. Both 
the waveforms have phases separated by 180°, shown in the signal constellation diagram 
in fig 2.3.1,  
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The signals using this scheme can be recovered using coherent detection and it gives a 
lower BER, as compared to envelope detection of ASK or FSK [15]. Bit error rates, for 
BPSK can be calculated by following expression,  
 
                 

BER Probability =   Q ( 2    Eo)    No)   (ii) 
 
 
Where Q is representing as an error probability function, to calculate the probability of 
bit error rates, on x, as Q(x), where x is under the tail of guassian probability density 
function approaching positive infinity, and f(t) be its density of probability distribution 
as,                                               
                                                    +∞  

Q(x) = 1/(  2Π)   ∫ f(t) dt    (iii) 
      x 

 

BPSK has the ability to modulate a single bit per symbol, but still can be used for high 
data rate applications but its descendents perform well in such applications. Data has to 
be encoded differentially in order to overcome phase ambiguities, introduced due to 
rotation of the constallation during transmission through a wireless channel (see appendix).  
 
 
2.3.2.2 Quadrature Phase Shift Keying 

 
Qudrature phase shift keying is an enhanced version of BPSK, as it uses four phases 
instead of two, to represent digital data. Hence it uses four points on the constellation 
diagram, as shown in figure 2.3.2, 

  
                               Figure  2.3.2       Constallation diagram of QPSK   
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Phases in adjecent quadrants differ by 90°, and the symbols in adjecent quadrants only 
differ by a single bit. By this scheme each symbol represent a sequence of two bits, 
effectively doubling the bit rate as compared to BPSK. Quadrature Phase shift keying, 
uses two saperate signals for modulation, one is called in-phase signal (I), and other 
called the quadrature-phase signal (Q), each of these signals are modulated separately, 
using BPSK, and in the same way they are demodulated independently. Both the signals 
travel in parallel with each other, each of them, containing a sequence of symbols having 
two different phases, representing 1’s by one phase, and 0’s with another. Symbols 
comprising the I signal will have a  phase difference of 90° with the symbols present on 
Q signal, while the symbols on I will have a phase difference of 180° degree with each 
other and same is the case with symbols of Q, so as to successfully implement BPSK. 
Additon of these I & Q signals transforms into a single QPSK signal, in which a 
sequence of two bits are represented by a single symbol. This specific signal have the 
same Bit Error Rates, as of BPSK, but symbol error rates are increased as two bits are 
being represented by a symbol, but overall performance of BPSK and QPSK is very 
similar. Requirements for the choice of a modulation scheme and for the design of a 
digital communication system simply depends on the factors i.e. utilization of the 
channel’s bandwidth upto a maximum level, and the energy consumed to transmit a 
single bit should be minimized at a given BER.  
  
 

 
 
 

 
 
 

 
 
 

Figure 2.3.3   QPSK Modulation 
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2.4 Baseband Receiver 
 
Wireless channel (see appendix) is the basic cause of problems in receiving the specific 
information from the transmitter, such as, signals are attenuated, intersymbols 
interference may be introduced, signals are dispersed after coming out of the channel, 
noise addition takes place, signals are intermodulated, and multipath effects adds more 
complexity for the reception of such signals. Signals basically travel through a time 
varying channel, as function of samples, mapped by specified symbols, used to represent 
data. These functions are building blocks of the waveforms actually transmitted. A 
receiver sensing the channel can get specific information hidden in these function of 
analog waveforms, either coherently or non-coherently. In coherent approach, a receiver 
already knows, the properties of basis functions, from which a waveform has been built, 
and it can decode the information present in these waveforms if proper synchronization 
between the transmitter and receiver is achieved. The receiver has to make a calculated 
assumption about the properties of sample functions, in order to get correct information, 
in case of non-coherent communications. Coherent systems are better, in their signal to 
noise ratio characteristics, and bandwidth, but it is beneficial only if proper 
synchroniztion is achieved, otherwise non coherent systems are prefered, specially in the 
case of adverse environmental conditions [3].  
  

 
 

fig 2.4   A Coherent BPSK Receiver [3] 
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assumed as a set of N symbols, where N denotes the number of total waveforms sent. Set 
of waveforms could be denoted as Wi(t) , where i = { 1,2,3, …. , N }and if  
T is supposed to be the symbol period, of each symbol transmitted in the sequence then t 
can be defined as 0 ≤ t ≤  T, for the whole transmission. When the signal set Wi(t) passes 
through the channel, some noise factor n(t) is added to it, such as the signal finally 
received at the receiver end will be  
 
  Rx(t) = Wi(t) + n(t),       0 ≤ t ≤  T    (iv) 
 
A coherent receiver have to compare Rx(t) with all elements of the signal set, which 
should be already known to the receiver. Comparison is done by simply correlating Rx(t) 
with the elements of the signal set one by one and choosing the element having highest 
correlation. This scheme works well if N is smaller, but in the case, where a large 
number of elements have to be correlated with Rx(t), orthonormal basis function 
approach is used to reduce the number of already stored symbols. If there are two 
functions α(x) and β(x), on an interval [a,b], are said to be orthonormal if,  

 
 b 

α(x), β(x)       = ∫ α(x) β(x)  = 0 and    (v) 
a 

 
              b                         b 

║ α(x) ║2  = ║ β(x)║ 2  =    ∫ │α(x)│2  d(x) =   ∫ │β(x)│2  d(x) = 1.  (vi) 
                     a                        a 

 
If the elements of the set, which are special functions and are compulsory to be stored at 
the receiver, are represented as linear combination of R real valued orthonormal basis 
functions and are denoted by a function Ψn(t), where n = 1,2, …. R. Then according to 
the definition of orthonormality,  
 
       T 

∫ Ψm (t) Ψn(t) dt  =  1, if m=n , otherwise 0,                        (vii) 
                          0 

 
 
where the incoming signal can be represented as , 
 
     T 

  Wmn   =  ∫Wm(t) Ψn(t) dt.               (viii) 
     0 
 
The transmitted signal is represented by Wm(t) having components Wmn , where n = 1,2, 
…., R, and m = 1,2,…., N. Received signal Rx(t) can then be viewed as a linear 
combination of basis function as,  
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          R 
   Rx(t)  =  ∑ Wmn Ψn(t) dt  , where m = 1,2,…. , N   &   0 ≤ t ≤ T .  (ix) 
                          n=1 
 
From the signal set Wmn elements of the signal vector can be received, because of the 
orthonormality of basis functions, but the condition applies here, that every basis 
function should be already known by the receiver. As, it is clear from eq (vii), there is a 
need of more than one correlator in order to have a one on one mapping between signal 
vector and symbols. In addition to the signal vector, timing information must also be 
known to the receiver, which includes, the start time of a symbol, as well as its symbol 
duration, denoted as ‘T’ here. After correlation the observation vector Ωi is passed on to 
decision handler as in figure 2.4.1. Decision handler then makes an estimate of the 
symbol sequence by calculating through detection methods e.g. optimum detector as 
described in [4], maximum likelyhood detector, and many others [1]. Finaly, the bit 
sequence is generated from the estimated symbol sequence by the decoder.     

 
 

Fig 2.4.1   Correlation Receiver for R = 4 [1] 
 

 
 
2.4.2 Matched Filter  
 
Estimation of the received signal, can also be done by using matched filters instead of a 
bank of correlators. In this technique shape matching of the received signal takes place 
with the transmitted signal pulse shape. Matched filter is a finite impulse response (FIR) 
filter whose impulse response shown in fig 2.4.2(a) is simply compared to the transmitted 
signal, to get an estimated symbol sequence. Unlike correlators, all the basis functions 
are already stored in the matched filter receiver, and the overhead of obtaining them from 
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noisy waveforms have been reduced [1]. In these receivers, only calculation of timing 
information is enough, to get an estimated symbol sequence. If the transmitted signal, has 
an excellent shape, at the receiver end, due to ideal environmental conditions, which is 
not the case often, then only symbol timing calculations are enough to properly sample 
the data. If the transmitted pulse have the shape as,  
 
 
   Y(t), for  0 ≤ t ≤  T, where T is the symbol intervel.  
 
 
Then impulse response Ym of the matched filter to properly match the shape, of 
tranmitted pulse, in ideal situation will be,  
 
 
   Ym(t) = Y( T – t ) ,   0 ≤ t ≤  T.    (x) 
 
 

 
Fig 2.4.2 (a)  Signal Y(t) and matched filter to Y(t) [1] 

 
 
 
The impulse response of the matched filter is a time reversed version of the transmitted 
pulse shape. Passing any signal X(t) through such a filter gives rise to a convolution 
operation described below,  
 
                             0 

   Z(t)  =  ∫ X(t) Ym(T - t) dt    (xi) 
                   T 

 
 
where Z(t) is the output of the matched filter, but to get efficient result it should be 
sampled according to T, such as Z(T). Passing a signal through such a filter provides 
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some basic advantages, the frequencies comprising the noise content are automatically 
attenuated, and only the signal containing data is passed through the filter, for further  
processing. Matched filter automatically correlates the received waveform with the 
transmitting pulse shape, and for being accurate, it is done over the interval of a symbol 
period, already known by the receiver, it can be ellaborated by subsituting value of Ym(t)                        
from eq (x) in eq(xi) equation (xii) is obtained, 
 
 
          T 

   Z(t)  =  ∫ X(t) Y(T-(T - t)) dt   (xii)  
                   0  

         T 

    =  ∫  X(t) Y(t) dt       (xiii)  

               0
 

 
 
A prime advantage of using matched filters instead of correlators is that, there is no need 
to recover basis functions from received signal. Distortion in signals can increase 
problems for a receiver based on correlators, as it has to first extract the vectors from the 
waveform, but matched filter works efficiently in case of distortion, and its output nearly 
reaches to the value given by matched filter in ideal situation, i.e. in case of no noise. 
Timing effects the performance of a matched filter receiver badly. It is necessary for the 
receiver to sample output of the matched filter exactly at symbol interval ‘T’ to meet 
highest SNR. If the sampling is not exact at T, and some timing constraint is added, then 
it will reduce the performance badly[6]. Output of the matched filter sampled at ideal 
time is shown in fig 2.4.2 (b).    
 
 

 
Fig 2.4.2 (b)  Matched Filter Output [1] 
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2.5 Timing Parameters 
 
For a receiver to properly detect the waveform of symbols transmitted, it is necessary to 
get hold of correct timing prameters. These parameters can be recovered at the receiver 
side by using timing recovery methods. Timing of a waveform have basically two 
parameters, one of them is the frequency at which the symbols are sampled. To get a 
proper estimate of sampling frequency, the time taken by each symbol, ‘T’, also called 
symbol period, is required. However, the symbol period is normally known to the 
receiver. Second parameter obtaining is an approximation of the phase, at which the 
symbols are sampled. This parameter is necessary because, without having an idea of the 
sampling phase of transmitted symbol, the received estimated symbol cannot be sampled 
at the correct time, and position regarding the time line, within a symbol period. The 
information about where to sample the received symbol within ‘T’ is hiding in sampling 
phase. Timing parameters are also important in order to correlate data, or match the 
received signal with the impulse response of matched filter, as these parameters are used 
to intialize the correlators and matched filters, but they are not as necessary at this stage. 
Synchronous transmission requires symbol synchronization i.e. time for taking decisions 
at receiver side, have to be the same as at the transmitter end. To get  the advantages of 
synchronous communication, it is necessary to obtain symbol timing recovery as soon as 
possible, after the transmission is started, and it shouldn’t be lost until the transmission 
burst ends. 
 
The methods involving the estimation of timing parameters can be divided in two 
catagories including, decision directed methods and non decision directed methods. In 
some communication systems, the timing information is referred from a third party 
source, working for the efficiency of the transmitter and the receiver. In such systems 
either the timing parameters are sent along with data signals, sharing the bandwidth of 
the channel, as implemented in telecommunication systems, or the transmitter and 
receiver clocks are synchronized with a third clock, commonly reachable for both [1].  
 

 
 

 
Fig 2.5   State Diagram for non dicision directed timing recovery [3] 
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An interpolator used in fig 2.5, is used to get intermediate sampling on the signals 
generated by the A/D converter. Interpolator consists of low pass filters, smoothing filters 
and up sampling filters. Interpolation can be done by inserting zeros after each sample of 
the original signal passed on from A/D converter. If the original signal consisted of N 
samples, then N-1 zeros are inserted for interpolation, it causes aliasing in the signal. To 
control aliasing the signal is passed through the smoothing filter of interpolator, which is 
actually a low pass filter, it stops the high frequency components, but allow the lower 
frequency components containing actual data,  to be passed through it. After interpolation 
the signal contains N times more samples as compared to the original signal. In this way 
the interpolator have a control over sampling frequency as well as sampling phase, 
interpolators are used in many ways to increase system’s efficiency as in [7] . 
 
Timing error estimator uses various algorithms to efficiently recover the timing,  
implemented on the output of the matched filter. Timing estimator serves as a controller 
for the interpolator, as interpolator needs a seed from the timing estimator to adjust the 
sampling frequency and phase. Timing error generated by the estimator is further 
smoothed by the loop filter to be injected as a seed to the interpolator. The loop filter 
consists of two sections i.e. proportional and integral. In proportional section the signal 
coming from timing error estimator is multiplied by the proportional gain, and the result 
is used for estimating phase error, whereas, the signal from the estimator is multiplied by 
integral gain, in the integral section, and the result is used to estimate error in sampling 
frequency. 
 
 
 
2.6 Timing Estimation Algorithms 
 
Various algorithms could be used by the timing error estimator indicated in fig 2.5. 
Emphasizing on the non decision directed algorithms, in which the sequence of 
information symbols coming out of the matched filter or correlator, is not treated as to be 
known transmitted sequence. Description about decision directed algorithms can be 
found in [1]. 
 
 
2.6.1 Early-Late Gate Algorithm 
 
This Algorithms exploits the symmetric shape of the output given by the matched filter. 
It requires at least three samples per symbol, to efficiently generate the error signal. The 
ideal sampling point for the output of a matched filter is at ‘T’, where T is the symbol 
period of the symbol, as previously described in fig 2.5.2. This algorithm uses the 
comparison of early samples and late samples, sampled over the output of a matched 
filter, with the ideal sampling point, and generates its error signal. Early samples could 
be supposed to be sampled at T-∆T, and late samples can be sampled at T+∆T as It can 
be seen in the fig 2.6.1(a). Before convergence of the timing recovery loop both the early 
and late samples can have different amplitudes, and this difference can be used to 
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identify the early and late samples. After the timing recovery loop converges the correct 
sample to be used for later processing is clearly the point right in the middle of early and 
late samples, and that is at ‘T’.    
       

 
Fig 2.6.1(a) Sampling in Early Late Gate Algorithm [1] 

 
 
 
In the noisy signal it is very difficult to identify the peak of the signal, so the samples are 
present very often at early and late positions. Even if the amplitude of both the early and 
late samples is equal, there absolute values will be smaller as compared to the absolute 
value of the peak sample. Therefore proper sampling time could be easily calculated, 
which eventually is at the midpoint of T+∆T and T-∆T.  
 
 

 
Fig 2.6.1(b) Block Diagram of Early Late Gate Synchronizer [1] 

 
 
Waveform generator used in Fig 2.6.1(b) is implemented in analog signals, for digital 
implementation waveform generator is not necessarily used. Error signal is generated by 
computing the difference of the magnitude of two outputs of matched filters. To smooth 
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the error signal it is fed into a loop filter, which is a low pass filter. Loop filter controls 
the voltage controlled clock (VCC), which is either incremented or decremented 
depending on the output of the loop filter. Output of VCC is used by the sampler to,  
 
sample the output of matched filter at the correct time, which is at the peak of the output, 
and the symbol time ‘T’.  
 
 
2.6.2 Mueller and Muller Algorithm 
 
The Mueller and Muller Algorithm has no restriction on the sample per symbol, as in the 
Early-Late gate algorithm, it only needs one sample per symbol. This algorithm uses, a 
sample from the current symbol and a sample from the previous symbol and computes 
the error signal. Following equation is used for mueller and muller algorithm [6],  
 

en = (yn • yn-1) – (yn • yn-1) 
 

en is the required error vector computed from the dot product of a weighting vector whose 
elements are functions of the data symbols, and the sampled signal vector. In ideal case en 
error vector should be equal to zero. If the error vector output is in nagetive then the 
timing is said to be fast, and if it is positive the timing is said to be slow, as shown in fig 
2.6.2 (a), ideal timing is shown in fig 2.6.2 (b).  
 
 

   
 

Fig 2.6.2(a)  Conditions generating timing error [6] 
 
 
 
By the virtue of the Mueller and Muller Algorithm[8], convergence can be found in less 
then 20 symbols, and it is a very good ratio. This algorithm provides excellent results on 
calculating variance for less distorted signals. Noise levels have also a very smaller 
influence on the convergence obtained by Mueller and Muller Algorithm [8]. This 
algorithm is sensitive to carrier offsets, so a carrier recovery must have to be performed 
before implementing error recovery.  
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Fig 2.6.2(b) Correct Timing [6] 
 
 
 

2.6.3 Gardner Algorithm 
 
The gardner algorithm presents another practical approach for timing recovery in 
synchronous digital systems, using phase modulations, such as BPSK, or QPSK. Two 
samples are needed for each symbol, but Gardner’s approach is not influenced by the 
carrier recovery errors, on the other hand, it could be used before carrier recovery, to 
facilitate the ease in recovering the carrier of a signal. Experiments and implementations 
of Gardner’s algorithm [9] suggest that timing error recovery loop used by this algorithm 
can have a convergence after almost 600 symbols. During the time when the loop is still 
converging i.e. before 600 symbols, output for the matched filter faces a high range of 
variance, the possible reason for this variance could be Inter Symbol Interference 
introduced due to sampling the output of matched filter before or after the ideal sampling 
time. When convergence condition has been approached by the algorithm the output of 
matched filter remains nearly constant, stating that the signal is being sampled at the 
ideal value i.e. on its symbol period ‘T’ [9].  
 

 
 

Fig 2.6.3(a) Incorrect Timing using Gardner’s Algorithm [6] 
 
 
The equation used by Gardner’s algorithm [9] to calculate timing error is as follows,  
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en = (yn - yn-2) • (yn-1) 

 
 
Time difference between yn  and  yn-2 is ‘T’, and difference in yn  and  yn-1 is ‘T/2’. Timing 
errors generated by gardner algorithm resulting from slow or fast timing are shown in fig 
2.6.3(a), and the condition for ideal timing is shown in fig 2.6.3 (b).   
 
 

 
 

Fig 2.6.3(b) Correct Timing in Gardner’s Algorithm [6]
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3. Methodology 
 
A Base band implementation of the tranceiver for QPSK was developed in this thesis. 
Generally the implementation is based on the theoretical concepts discussed in the 
previous section. Hardware equipment and software tool used in this thesis are discussed 
in methodology section. 
 
 
3.1 Hardware Equipment 
 
Two kinds of hardware equipment were used in this thesis, one are the devices used to 
observe the signals leaving or entering the baseband tranceiver, others are devices 
working in coordination with the software part to transmit or receive the actual signals. 
All the devices used are listed below,   
  

1) Oscilloscope 
2) Function Generator 
3) Signal Injector 
4) PCI Card 

 
Eelectrical signals are represented as analog waves, these waves show how the signals are 
changing with respect to time. The device used to observe these signals is an 
oscilloscope, which draws such a signal on its screen where, X-axis shows the time, and 
Y-axis shows the voltage levels. It provides controls on its front panel, which include, 
vertical and horizontal positioning, brightness, focus, coupling and readout of the signal. 
 
 
 

 
 

Fig 3.1.1 Oscilloscope 
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The oscilloscope in Fig 3.1.1 is an ordinary analog oscilloscope, and was used to 
diagnose the signals on the hardware front end of baseband transmitter shown in fig 1.2. 
It supports signals upto 100 MHz, and was made by Tektronic Inc. USA. It supported the 
work in a lot of ways i.e. it provided the ability to keep track of frequency, time or 
voltage thresholds of a signal and the noise and distortion level of the signal was 
identified. These values were helpful while implementation of the base band transmitter 
was in progress. 
 
 

 
 

Fig 3.1.2 Function Generator 
 
 

A signal generator is shown in Fig 3.1.2, it was made by Topward electric instrument Co. 
Ltd, Taiwan. It can generate both analog as well as digital signals and provides the 
facility to control them. Signals can be manipulated by changing various characteristics  
i.e. amplitude, power, dc offset and some other properties such as ramp or pulse of the 
signal. Various test signals were generated by function generator and fed into the 
baseband receiver, to check its performance. 
 
 

 
 

Fig 3.1.3 Signal Injector 
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Signal injector shown in fig 3.1.3 is used as the hardware interface between the analog 
part and the digital part (base band) of tranceiver. It is made by National Instruments, 
USA, and have a model BNC 2110. The signal injector was used to make a physical link 
with a data acquistion device, installed in the personal computer. Any signals coming 
from or going to the Analog part are directly received at one of the BNC connectors at 
the face of signal injector, and then passed on to the data acquistion (DAQ) device. 
Signal injector is connected through a sheilded data cable with the DAQ.   
 
 

 
 

Fig 3.1.4 Signal Injector as Gateway 
 

 
Signal Injector greatly simplifies the hardware equipment to be used in order to properly 
transfer data from/to the Personal computer, and to/from the Analog part of the tranceiver 
as shown in fig 3.1.4. On the face of this device there are BNC connectors, through which 
cables having BNC connectors at on end, can be connected. Detailed specifications about 
the equipment used are available in [11]. 
 
There is a wide variety of DAQ devices to work in different data acquisition 
environments, one of them is shown in fig 3.1.4. Infact these devices can be differentiated 
according to their shape and the order in which they are used. Some of DAQ devices 
work inside the casing of personal computer, known as internal devices. Such devices are 
available in the form of  ISA or PCI cards. There are certain data acquisition devices 
which work outside the casing, known as external devices. They are connected with the 
computer by means of wires, which can be sheilded or unsheilded. Data acquisition 
services provided by most DAQ devices are, the ability to acquire and transmit analog 
data and digital data, and to provide counter functionalities.  
 
The DAQ device used in this thesis is NI PCI 6115 [16]. It is a PCI card, manufactured 
by national instruments corporation, USA. It supports acquistion of both analog and 
digital data, timing input/output, and trigger channels having analog as well as digital 
triggers. It has four analog input channels, and two analog output channels. DAQ device 
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has a SDRAM on board, half of which is used for analog input and the other half for 
analog output. For analog input a maximum rate of 10 million samples per second can be 
achieved. As far as analog output is concerned, by using two output channels, a 
maximum update rate of 2.5 million samples per sec, is achievable. Hardware details, I/O 
terminal summary, and specifications can be found in [12] and [13].  
 

 
 

Fig 3.1.5 DAQ Device (NI PCI 6115) [16]  
 
 

Two analog output channels of the DAQ device is used as the transmitting channels (I & 
Q) of the baseband transmitter and likewise two input channels (from a total of four 
channels) were used by the basband receiver as its reception channels. Out of the two 
channels used by baseband transmitter and receiver, one is used for I signals and the other 
for Q signals. Output signals (containing I and Q components) from the DAQ device 
passes through terminals of the signal injector and connects with analog modulator, in 
order to complete the transmission between analog and digital transmitter. In the same 
way, analog demodulator pass the signals to the signal injector which transmits them 
furthur to the input channels of DAQ device, where the signals can be processed further 
by using an appropriate software. 
 
 
3.2 Software Tool 
 
A software tool was needed to acquire data, analyze and have some control over it 
according to the needs, and to properly visualize it. A programming language was 
required to build such a software, able to successfully represent a transmitter and a 
receiver. All these features are found in Labview (Laboratory Virtual Instrument 
Engineering Workbench) introduced by National Instruments in 1980s [17]. A modern 
version of Labview i.e. version 7.1, was used in this thesis, it views the software as a 
virtual instrument to automate and measure the values passed from the connected 
hardware. It provides a graphical development environment, which is modular and 
parallel in nature, and uses an efficient G compiler, which shortens the time of program 
development to a greater extent. Programing approach used by Labview is graphical data 
flow programming. Labview has various advantages over traditional textual 
programming languages i.e. it has a visual programming interface. There is no need to 
memorize the syntax, or encryption related to the laguage, therefore, all efforts can be 
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focused on  the problem rather than on the language syntax. Textual languages cannot 
easily describe the problems relating to distributed or parallel programming, as the syntax 
of the language is based on text, so it is more convenient to  represent sequential 
problems.  
 
Labview 7.1 was fully compatible with the data acquistion devices used in this thesis, in 
addition it provided functionality to successfully realize the parameteres, required for 
measurement of signals acquired, to adapt and process the measured signal, and to 
present the value of the signal after processing has been complete. A virtual instrument 
(VI) is the building block for the labview program, it can be defined as a module having 
its own interface, known as, ‘front panel’, and a data flow structure known as ‘block 
diagram’. A lab view program is itself a VI constructed by combining various data 
elements or virtual instruments (subVIs) defined already in the library to perform basic 
functionality, subVIs are just like sub programs as compared to textual languages. If 
programmed intelligently this combination completely reflects the scope of the problem. 
There are various preprogrammed libraries of sub virtual instruments presenting solutions 
to different problems while hiding the complexity of their code, as well as, a programmer 
can develop a userdefined virtual instrument, if it is thought to represent the solution in a 
better way. Reusability of programmed subVIs is also possible, as in many textual 
languages. 
 
A labview program uses a modular and graphical approach, by the introduction of subVIs 
a program may be composed of nested modules, which gives rise to a hierarchical 
approach as in fig 3.2.1. Code contained in the sub modules is represented by a single 
graphical icon, having its output and input terminals, successfully implementing data 
encapsulation. This approach used for subVIs reduces complexity in the code of the main 
VI. The graphical compiler called ‘G’ compiler used for Labview can compile and 
generate machine codes at almost the same time as a C or pascal comiler does.  
 
 

 
 

Fig 3.2.1  Hierarchical Structure in Labview 
 
 

Graphical approach used for programming in Labview has its own advantages. In each 
VI, data elements are represented in the form of icons, whereas data flow is shown by 
wires connecting different data elements. Direction of data flow between icons 
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representing data elements, is determined by the sequence in which a wire is drawn 
between the two. For instance, if there are two icons A and B, and data has to flow from 
A to B, then wire should be drawn by clicking first on the source of A and then clicking 
on the sink of B to connect them. If a data element A is connected to B and C with wires, 
the values from A will travel at the same time to B and C, reflecting highly parallel 
abstraction level introduced due to the graphical notations. There is no restriction on the 
elements to connect, such as, A can be connected to a number of data elements at the 
same time, and the data will be transferred parallely to the set of elements connected to 
A. Multitasking approach can of course be used in textual languages but with the use of 
complex programming techniques, such as semaphores.    
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4. Implementation 
 
In this thesis the digital base band of a transceiver was developed using software 
programming techniques of Labview 7.1. The transmitter and receiver were programmed 
to be a part of a microwave wireless communication link. Due to limited time, scope of 
implementation was restricted to successful modulation and demodulation of the base 
band signal, and other things such as channel coding, source coding or data compression 
were not considered. 
 
4.1 Base Band Transmitter 
 
Transmitter developed in this thesis, has a well defined user interface, which allows an 
end user to send data through microwave wireless link. The user has to create a text file, 
containing any sort of description in it. The transmitter is fed by the path of the specific 
file, which contains data to be sent through the link.  
 
 

 
 
 

Fig 4.1.1 Code segment for reading data from file 
 
 
Analyzer part coded in the transmitter reads the information character by character from 
the file, placed on a user defined location e.g. this thesis deals with the address 
C:\Textfile.txt. Processing of the file is illustrated by the schematic given in fig 4.1.1. 
Appropriate ASCII values of each character are generated by ASCII encoder. ASCII 
values are then converted to their specific eight bit binary codes. The binary codes are 
actually, the sequences of 1s and 0s, easily understandable by the computer. The binary 
representations are stored as a one dimensional Boolean array in the transmitter, which is 
formed by a combination of virtual instruments (VI) i.e. array size, index array, and 
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reshape array shown in fig 4.1.1. A more general view of the initial processing done for 
the input is described in fig 4.1.2     
 
 

 
 

Fig 4.1.2 Initial processing of input 
 
 
The data contained in one dimensional array has to be converted as Inphase and 
Quadrature phase signals. 1D array shown in fig 4.1.2 is considered as a parent array, it 
contains all data extracted from the file in serial form, all the information will be 
converted into a parallel structure in order to represent I and Q signals. The one 
dimensional array is decimated in such a way that it forms two child arrays. Bits present 
at the even indices of the parent array are stored in, one of the child arrays, and the bits 
on odd indices are stored to the other child array as in fig 4.1.3.  
 

 
 

Fig 4.1.3 Serial to Parallel conversion 
 
 
After converting the flow of data from serial to parallel, any of the parallel arrays can be 
chosen to represent I and Q signals. In this thesis even element array is used for 
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representing I signals and odd element array is used for Q signals. After conversion to 
parallel, digital data is encoded according to NRZ-L (not returning to zero level) 
encoding scheme, its implementation in Labview is presented in fig 4.1.4. Two inputs 
named as error-in and boolean array are given to the encoder, where error-in describes 
error conditions that occurred before this function (VI) runs, and the boolean array 
contains the data to be encoded. Data coming from the boolean array along with error 
signal passes through a VI named “Boolean Array to Digital.vi”, it assigns a voltage level 
to every bit which remains high during the bit time and changes when the bit state 
changes according to the mode given which could be MSB (most significant bit first) or 
LSB (least significant bit first) 

 
 

Fig 4.1.4 Implementation of Digital Encoder 
 
 
Digital graphs of I and Q signals after NRZ-L encoding, are presented on the interface to 
show serial to parallel conversion of the data as in fig 4.1.5. The graph is a comparison of 
amplitude versus time of I signal where time axis represents the index at which the 
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corresponding bits are present. It clearly depicts the information contained in even 
element array shown in fig 4.1.3 
 
 

 
 

Fig 4.1.5 Digital graph of I signal 
 

 
Similarly the graph in fig 4.1.6 shows the information of another decimated array which 
contained the odd numbered bits. It is actually the NRZ-L representation of the odd 
element array shown in fig 4.1.3, presented as a comparison of amplitude and time for the 
Q signal. 
 
   

 
 

Fig 4.1.6 Digital graph of Q signal 
 

 
Bits contained in I and Q signals are mapped to waveforms, in order to modulate them. 
As QPSK scheme is used in this thesis, 0s and 1s of I signal are mapped to waveforms 
having distinct phases. Same is the case with Q signals. Mapping of symbols proceeds in 
such a way that, waveforms representing I signal should have a phase difference of 180° 
between them, and if I compared to Q signal, waveforms on both, should have a phase 
difference of 90°, as shown in fig 4.1.7.  
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Fig 4.1.7 Symbol mapping for I & Q signals 
 
 
Waveforms of fig 4.1.5 and 4.1.6 are mapped to the binary data, according to basis 
functions shown in fig 4.1.7, by the symbol mapping algorithm, which gets data bits one 
by one from the NRZ-L encoded bit train, and multiply them to the basis functions 
accordingly, to produce a serial analog waveform W(t) representing data from I and Q 
signals. Implementation of symbol mapping in Labview is shown in fig 4.1.8 
 

 
 

Fig 4.1.8 Symbol mapping in Labview 
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Waveforms coming out of the symbol mapper are appended by using a feedback node 
shown as a block arrow pointing to the left at the lower right corner of fig 4.1.8. 
Appended waveforms make up W(t) as shown in fig 4.1.8 which is the actually base band 
modulated signal, recognizable by the hardware of the transceiver.   
 
   
 

 
 

Fig 4.1.9 Modulated waveform of I signal  
 
 
 

 
 

Fig 4.1.10 Modulated waveform of Q signal  
 

 
 
Modulated waveforms shown in fig 4.1.9 and fig 4.1.10 are ready to be transmitted to the 
analog part of the transceiver through the DAQ device. A virtual channel is created in 
order to transmit the data to a specific port on the connected hardware device. A software 
tool in Lab view called Measurement and automation explorer, is used to define the 
virtual channels. To transmit signals from the output of base band transmitter, two of the 
virtual channels named as ‘Inphase out’ and ‘Qphase out’ are created having similar 
properties. Voltage is used as an actuator for both the channels, with a range of -5V to 
+5V. The PCI 6115 is assigned as a data acquisition device connected to the channels, as 
‘Inphase out’ is connected on the pin named ‘DAC0OUT’, whereas the channel ‘Qphase 
out’ is connected to the pin named ‘DAC1OUT’ on the DAQ device. Different pins are 
assigned to channels in order to differentiate between I/Q data on the channels. Data flow 
of the modulated waveforms is graphically shown in fig 4.1.11.        
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Fig 4.1.11  Data flow through virtual channels using Lab View.  
 

 
In order to transmit modulated basis functions through virtual channels, a VI named ‘AO 
Generate Waveform.vi’ was used, which gets the name of virtual transmission channel, 
the update rate for the PCI card, analog waveform containing the data, and some 
information about the device used. This VI uses the information to transmit a timed, 
simple buffered analog waveform, at the specified update rate through the provided 
virtual channel, to the device specified. It does not return its value until the transmission 
is complete. Implementation in Labview is shown in fig 4.1.12 

 
 

Fig 4.1.12 implementation of virtual channel 
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4.2 Base band Receiver 
 
Data flow in the base band receiver is in the opposite direction, as compared to base band 
transmitter. In the case of receiver all the arrows pointing towards left as shown in fig 
4.1.11, will be flipped horizontally, as the data starts flowing from left to right. To reach 
the software interface data has to flow from the virtual channels, but in this case, these 
channels will be two of the four input channels present on the DAQ device. Virtual 
channels used for receiver were created by using measurement and automation explorer 
in Labview. It defined some identical properties for each channel as the voltage level 
having a range of max +5V and min -5V,  was used as a sensor for the input virtual 
channels, their coupling was set to DC, input mode to defferential and no scaling formula 
was used to manipulate the input signals. Channel having I signals was named ‘Inphase- 
in’ and was able to sense the voltage levels from the pin named ‘ACH0’ on DAQ device. 
Similarly the channel containing Q signals was named ‘Qphase in’ as was successfully 
sensing the data from ‘ACH1’. To retreive the data through the virtual channels a VI 
named ‘AI Waveform Scan’ was used, which enables the system to acquire the given 
number of scans, at a speicific scan rate already calculated. This VI instantly returns all 
data sensed from the specified virtual channels. Acquisition of data through the specified 
VI can be cleared at any time, and also can be triggered by using control structures.   
 

 
 

Fig 4.2.1 Data Acquistion in Labview 
 
 
By creation of the virtual channels, hardware was successfully connected to the software 
interface, and transfer of data was possible by using certain VIs. Demodulator 
programmed in Labview, sensed the modulated waveform W(t), which was transmitted 
by the baseband transmitter. W(t) was stored in a memory buffer in order to process it 
further and gain the information hidden in it.            
 



Microwave Wireless Communication Link  Implementation 

37 

 

 
 

Fig 4.2.2 Received I Signal 
 
 

 
 

Fig 4.2.3 Received Q Signal 
 

 
Signals acquired by the receiver as in fig 4.2.2 and fig 4.2.3 are in an excellent condition, 
because they have not been transmitted through the wireless channel (see appendix), rather 
they were transmitted through coaxial wires by making a local loop at the signal injector, 
in order to test the system and proceed the implementation. Another issue was the analog 
part of the tranceiver, which was not completed at the time. At the signal injector, pin 
DAC0OUT was connected to ACH0, and similarly DAC1OUT with ACH1, by means of 
coaxial wires with BNC connectors on both ends, to make a local loop. The demodulator 
at the receiver was however programmed in such a way that it will be able to handle the 
data transmitted through a wireless channel (see appendix).  
 
A matched filter was developed as shown in fig 4.2.4 to recognize the basis functions, 
from the waveform shown in fig 4.2.2 and fig 4.2.3. It uses an impulse response which is 
a time reversed version of one of the basis functions stored already in the receiver. Two 
matched filters were used, one for the detection of I signals and the other for Q signals, 
because both the signals use a different set of basis functions. Received waveform W(t), 
was divided into equal parts, according to time period ‘T’ of each symbol, these parts can 
be denoted by a set X, whose elements are X1(t),…,Xn(t), where n is the number of 
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symbols transmitted. Elements of the set X are suspected to be the transmitted basis 
functions, and provided one by one, as input to a VI named as ‘Compare with IR’. 
 
 

 
 

Fig 4.2.4 Implementation of matched filter 
 
 
‘Compare with IR’ VI compares the shape of its input X1(t), which is provided by the VI 
named ‘Get Waveform Subset’ (by working accordingly on the calculated subset values), 
with its impulse response Y(t) obtained from the ‘basis function’ VI, see fig 4.2.4. This 
comparison gives rise to a convolution operation i.e. 
 
                                                                          

          T 

   Zn(t)  =  ∫ Xn(t) Y(t) dt  n =1,…., N  
                   0  

 

 

 

Where Zn(t) is the output of matched filter, and n is the index of symbols transmitted, 
total symbols transmitted are represented by N. It was observed, that it is not necessary to 
use the ‘n’ number of matched filters for ‘n’ basis functions, provided the basis functions 
have a phase difference of 180° between them. A single matched filter provides inversly 
shaped recognizable outputs for two different basis functions passed through it. It can be 
illustrated by representing the result of the received waveform W(t), passed through a 
matched filter as shown in fig 4.2.5.   
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Fig 4.2.5 Waveform of Zn(t) for I Signal 
 
 

 
 

Fig 4.2.6 Waveform of Zn(t) for Q Signal 
 

 
Timing information is lost during the process as it can be seen from fig 4.2.5 and fig 
4.2.6. The ideal case in which, the waveform Zn(t) should be sampled is at the time period 
of each symbol which is T. In the present situation, sampling the waveform Zn(t) after 
every T will not work correctly, as the waveform is slightly shifted towards left, and it is 
quite possible that the waveform differs in shape and position in some other 
circumstance. The best way to solve this problem is to use a timing algorithm as most of 
them are discussed in section 2.7. In this thesis, Early Late Gate algorithm [1] was 
implemented to gain the timing information of received waveforms. It exploits the 
symmetric shape of the output given by the matched filter. It requires at least three 
samples per symbol, to efficiently generate the error signal. This algorithm uses the 
comparison of early and late samples, to calculate the ideal sampling point. A VI named 
‘Get Y Value.vi’ has been used to get the amplitude of the sample supposed to be early. 
Value given by this VI is used by ‘Search Waveform.vi’ to get an estimate of the late 
sample. ‘Selection of  Sample’ VI decides about the status of early and late samples. 
Calculation of ideal point is done after early and late samples have been pointed out. It 
can be illustrated by the fig 4.2.7. 
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Fig 4.2.7 Implementation of Early Late Gate Algorithm 
 
Development of early late gate algorithm can be divided into three parts as shown in fig 
4.2.7 i.e. checking T as ideal point, calculation of late sample, and determination of the 
ideal point. The waveform has been sampled at T as shown in fig 4.2.8 and checked by 
the algorithm whether the sampled point ‘a’ is at ideal location, by checking throughout 
the waveform, and comparing the amplitude of sampled point.  
     

 
 

Fig 4.2.8 Checking for Early Sample 
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If the amplitude of the point ‘a’ is matched to some other point ‘b’ on the waveform then 
it is considered that it was not on ideal point. If point ‘b’ occurs after ‘a’ on the waveform 
than ‘a’ was early sampled, in contrast if the point ‘b’ occurs before ‘a’ than ‘a’ is called 
late sampled, as shown in fig 4.2.9. .  
 
 

 
 

Fig 4.2.9 Checking for Late Sample 
 

 
Calculation of ideal point is simple if early and late points are known, as it is right in the 
center of points ‘a’ and ‘b’ as shown in fig 4.2.7   
 
 

 
 

Fig 4.2.10  Sampling at ideal point 
 

 
The amplitude value coming from the ideal point is trustworthy, it is sent to the decoder 
to declare a decision of a bit ‘1’ or a ‘0’ depending on a comparison with its threshold 
and amplitude value.  
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Fig 4.2.11 Implementation of Decoder 
 
Decoder of base band receiver compare the values coming from the sampler with a 
certain threshold level. In this thesis a threshold of zero amplitude is used. If the 
amplitude value passed to the decoder have a positive comparison (who’s result is a 
positive integer) with the  threshold value as shown in fig 4.2.11, then a 0 is dicided and 
if a negative comparison occurs a ‘1’ is declared.  
 
Bits coming out of the decoder as ‘received bits from I signal’ and ‘received bits from Q 
signal’are interleaved with each other in such a way that a single array is formed. On the 
even indices, bits received from I signals reside, while on the odd indices, bits received 
from Q signal are stored. The newly formed array represents the finally received bits as 
shown in fig 4.2.12.    
 
 

 
 

Fig 4.2.12 Received bits
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5. Conclusion 
 
In this thesis, all the tasks for development of the base band processing part of a 
transceiver, such as, the implementation of digital filters, digital encoders, analog 
function generators, sampler, and bit synchronization, were completed successfully. A 
programming language, named as Lab View was used, having the ability to successfully 
acquire data from the hardware, and to implement base band processing. A modern 
version of Labview i.e. version 7.1, was used in this thesis, it views the software as a 
virtual instrument to automate and measure the values passed from the connected 
hardware. Labview provides a graphical development environment, which is modular and 
parallel in nature, and uses an efficient G compiler. Symbol mapping was done according 
to QPSK, as it was selected as modulation scheme for the base band part of the 
transceiver. Symbols on the same channels were separated by 180° phase shift. Virtual 
transmission channels named as In phase and Quadrature phase were successfully 
modulated according to QPSK. For the base band receiver, matched filter based 
demodulators were implemented, using two matched filters for the detection of four 
symbols. Symbol timing was achieved by implementing Early Late Gate Algorithm [1] to 
have correct sampling decisions; it reaches convergence state more quickly, but needs 
three samples per symbol, to efficiently exploit the symmetry of the output of matched 
filter. The decoder was implemented successfully, to recognize transmitted data.  
  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



Microwave Wireless Communication Link  Appendix 

44 

Appendix  
 
Wireless Channel 
 
Wireless signals are transmitted directly through the atmosphere, used as a medium to 
carry these signals to the wireless receiver. Transmission and reception of signals takes 
place by means of antenna. An antenna, converts electrical signals to electromagnetic 
radiations and transmits them into free space, to transfer information from one point to  
the other, on the reception side a similar antenna senses the electromagnetic radiations 
and convert them to electrical signals. To successfully transmit and receive there are 
certain physical charactersitcs for an antenna, such as, its length, effective area, diametre 
etc.  
 
Electromagnetic spectrum consists of a wide range of frequency bands, these are 
characterized according to the wavelengths. Signals having wavelength less than 10-6 fall 
in Ultravoilet and visible light band, they are basically used for experimental puposes. 
Infrared band consists of signals having 10-6  or greater wavelength. Signals having 
wavelength of less then a centimeter are called Millimetre Waves, signals greater than 1 
cm but less than 10 cm wavelength constitute super Super High Frequency band, and 
having greater than 10 cm but less than 1 m, fall into Ultra High Frequency, these signals 
are basically used for experimental purposes, or for navigation, satellite to satellite 
microwave relay, earth to satellite communication, in radars, TV broadcasting and mobile 
radio communications. Signals having wavelenghts greater than 1m to 10 m, 10 m to 100 
m, and greater than 100 m but lesser than a kilo meter are reffered to as Very High 
Frequency band, High Frequency band and Medium Frequency band respectively, these 
are used for buisness, amateur radio, international radio and citizen’s band. Low 
Frequency and Very Low Frequency band consists of signals having wavelenghts greater 
than 1 km but lesser than 10 km, and greater than 10 km but lesser than a 100 km 
respectively, used for Aeronautical navigation and radio purposes. Signals having 
wavelenghts greater than 100 km fall in audio band [2].  
 
Electromagnetic waves can be propagated in three distinct ways, namely, ground wave 
propagation, skywave propagation and line of site propagation. Electomagnetic waves are 
characterized according to there respective bands to choose appropriate propagation 
mode for them. Frequencies at VHF, UHF and higher bands use line of site propagation, 
whereas, frequencies in HF band and some higher frequencies of MF band are 
transmitted using sky wave propagation. VLF, LF, and some lower frequencies in MF 
band uses ground wave propagation as in figure 2.4.1. Every propagation mode, has some 
effective constraints on the signal. Signals traveling through ground wave propagation are 
largely effected by atmospheric noise, man made noise and some thermal noise at the 
trarnsceiver ends, making it difficult for the receiver to get correct information. Channel 
bandwidths in this range are fairly restricted, but the signal can practically propagate 
around the globe, gound wave propagation is therefore used for navigational purposes. 
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Sky wave propagation shown in figure 2.4.2 reduces the range of AM radio broadcasts at 
day time, due to heated charge particles at the lower ionospheric layer, because of the 
sunlight. Frequency absorbtion taking place at day time is greatly reduced at night, as a 
result, increasing the possibility to boadcasts over large distances, using a powerful AM 
radio. Signals at HF band, using sky wave propagation, faces ‘signal multipath’ i.e. 
different copies of the signal arrives at the receiver end, with different delays, and due to 
destructive addition of these paths ‘signal fading’ arises.  
 
 

 
VHF, UHF, SHF and EHF band normally use line of site propagation mode (LOS) as in 
figure 2.4.3. A basic restriction applied by LOS is that, transmitting and receiving 
antennas should be at direct line of site with each other, having no obstruction in 
between. Curvature of the earth surves as a natural obstruction if the antennas are placed 
at large distances, therefore, such antennas are based on the top large buildings or towers 
so as to increase their range of transmission.     

Figure 2.4.2  Sky Wave Propagation [1] 

Ionosphere 

Figure 2.4.1  Ground Wave Propagation [1]
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Signals lying in VHF and UHF bands normaly face thermal noise generation, due to 
excitation of electrons, at the front end of receiver, addition of this noise to the signal 
space severely effects the signal, making it more difficult for the demodulator to 
recognize the original signals. Some levels of cosmic noise is also sensed by the antenna, 
adding it to the signal, raises many problems for the demodulator. Frequencies at SHF 
band are effected by environmental conditions, these effects include attenuation and 
distortion of the signals. Environmental conditions effecting the signals include heavy 
rain fall, due to rain droplets, signals face multipath fading effects such as refraction, 
deffraction and reflection. Heavy rain falls can cause, a total breakdown in 
communication. Various techniques have been introduced in modulators and 
demodulators to deal with such constraints.  
 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 2.4.3  Line Of Site Propagation [1]
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