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ABSTRACT

DESIGN AND DEMONSTRATION OF LOW COST MODULAR FMCW
RADAR FOR EDUCATIONAL PURPOSES

Ovais, Ibrahim

M.S.c Department of Electrical and Electronics Engineering
Supervisor: Prof. Dr. Ali Kara

July 2021, 84 pages

FMCW radar uses a continuous wave frequency modulated signal. Frequency
modulation (FM) is used because the continuous wave radar cannot measure the target
distance. Target distance and speed can be easily measured with the FMCW radar.
Also, FMCW provides pretty good range resolution. In this thesis, an FMCW radar
design for educational and research purposes and indoor tests are reported . The radar
operates in the 4.4-4.9 GHz band (500 MHz bandwidth) and provides very good range
resolution. The modular radar uses a simple, inexpensive and readily available
platform for signal processing. Within the scope of the study, test and demonstration
studies of the radar are carried out in a laboratory environment, and its performance
under simple laboratory clutter is examined.

Keywords: FMCW Radar, C Band, Modular Radar, Radar Clutter, Beat Frequency.
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ÖZ

EĞİTİM AMAÇLI DÜŞÜK MALİYETLİ MODÜLER FMCW RADAR
TASARIMI VE GÖSTERİMİ

Ovais, Ibrahim

Yüksek Lisans, Elektrik ve Elektronik Mühendisligi
Tez Yöneticisi : Prof. Dr. Ali KARA

Temmuz 2021, 84 sayfa

FMCW radar sürekli dalga frekans modülasyonlu sinyal kullanır. Sürekli dalga radarı
hedef mesafesini ölçemeyeceği için frekans modülasyonu(FM) kullanılır. FMCW
radar ile hedef mesafe ve hızı kolayca ölçülebilir. Ayrıca FMCW oldukça iyi mesafe
çözünürlüğü sağlar. Bu tez çalışmasında, eğitim ve araştırma amaçlı bir FMCW radar
tasarımı ve kapalı alan testleri sunulmaktadır. Radar 4.4-4.9 GHz bandında (500 MHz
band genişliği) çalışmakta ve oldukça iyi mesafe çözünürlüğü sağlamaktadır. Modüler
olarak geliştirilen radar sinyal işleme için basit, ucuz ve kolay bulunabilir bir platform
kullanmaktadır. Çalışma kapsamında radarın bir laboratuvar ortamında test ve
gösterim çalışmaları gerçekleştirilmekte, çevresel etkilerinde yer aldığı kargaşa altında
başarımı irdelenmektedir.

Anahtar Kelimeler: FMCW Radar, C Band, Modüler Radar, Radar Kargaşa,
Vuru Frekansı.
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CHAPTER 1

INTRODUCTION

1.1. Brief Introduction on Radar

The basic purpose of the Radar to determine the location of objects which are also
called targets in Radar terminology. The basic principle of the Radar system to transmit
a electromagnetic signal such as for example a pulsed modulated wave and receive the
reflected echo back from the concerned target. A most simple radar

consists of a

transmitter which transmits the signal and a receiver which receives the echo signal
from the target. Receiver then collects the echo signal and sends the signal to the DSP
for figuring necessary information such as range, velocity and the AOA of the target.
The range of the target is calculated by measuring the time duration of the signal from
its transmission till it is received back by a receiver. Targets relative velocity is
determined from a principle called Doppler effect which basically means to find the
velocity by figuring out the frequency shift between the frequency of the transmitted
signal and the received echo signal. The AOA of the received reflected signal can be
found by principle of angle of arrival estimation with one transmiter antenna and two
receiver antennas.
The difference positions of the reciever antennas cause a phase difference which can
be used to find the angle of arrıval of the targets echo signal [1]. To get the knowledge
of the direction of an target, transmitted waves should be focused on an narrow beam
which should be moved side to side. Furthermore, there are some phased array radars
that have beams that are moved electronically. These radars are mostly used for the
military purposes. Radars are as effective in normal sunny conditions and in cloudy
foggy weathers as the weather change does not effect radars performance.

1

1.2. Development of Radar
Most people often term RADAR as a common word in their vocabularies but infact it
is actually derived from the term Radio Detection and Ranging. From the late 19th
century to the early 20th century the basic idea of radar was developed and understood.
In fact in the period between World War I and World War II radars actual development
took place for the detection and spotting of enemy aircrafts and missiles over long
ranges. Radar emerged and was started to be understood as an engineering device
during the period of World War II. It was in 1903 when a Germen scientist Christian
Hülsmeyer (25th December 1881 – 31st January 1957) conducted an experiment for
the detectıon of reflected echo of electromagnetic waves from his ship and this
experiment was first of its kind to do so. But due to the fact that advancement of
technology was very little at that time, he was only able to detect targets for only from
only about a mile [2].
In about 1930s, military scientists and researchers started to develop an algorithim to
detect enemy ships and planes across the sea and land with that help of radio waves.
At around this period several labs had developed and designed early stages of Radar
systems and one of those labaroratories was in United States and was called U.S. Naval
Research Laboratory (NRL), which was the first lab in America that developed a Radar
sistem. Scientist L. A. Hayland, from the same institute was the first to detect an
aircraft using the Radar whose operating frequency was round about 26 MHz. As the
advancement in technology began, the Radars operating frequency also increased with
time. A list as shown in Appendix A shows the different frequency bands of a Radar.
At around a period of World War II, Engineers from NRL made quite a bit
advancement after overcoming many obstacles in developing Radar. From these
advancement, top of the list were the creation of Duplexer which allowed a single
antenna to be used for both with the transmitter and receiver, generation of pulse with
high enough power to be suitable for Radar usage and most importantly development
of a display for interpreting and recongnizing of data provided from the Radar.
In America, vast amount of research was also conducted in the Radiation Laboratory
in MIT (Massachusetts Institute of Technology) and, scientists from this Lab are said
to design almost half of the Radars which were used during World War II. And these
Radar projects become one of the most widely used wartime projects in history, which
2

employed more then 4000 people during this era [3] . During the same period of War,
at around 100 variants of Radar sistems had been developed, and these were used both
by the Englishmen and the Germams. But with the aide of countries like America and
Canada and, the perfection in technology with latest design, the Britishers defended
themselves from Germany. England which being vulnerable from the attacks by the
German Air force, constructed a network of Radars along its southern border to detect
and identify german air attacks. These Radars used shortwave pulses for early
warnings from attacks.
Although after the World war II the use of Radar majorly was in military applications
like navigation, surveillance and guidance and control of weapons, as the Radar
technology began to develop more and more its applications areas became wider also.
Radar started to be used extensively and became common in aircraft navigation,
geographic mapping, remote sensing and in automotive applications. Radars which are
used for general purpose are often categorized according to its main function some of
which are:
•

Synthetic Aperture Radar (SAR),

•

Pulse Doppler Radar

•

Moving Target Indication (MTI)

•

Simple Pulse Radar

•

Inverse Synthetic Aperture Radar (ISAR)

•

Electronically Scanned Phased-Array Radar

•

Interferometric SAR (IFSAR)

•

Track-While-Scan Radar

•

Continuous-Wave (CW) Radar

•

Frequency-Modulated Continuous-Wave (FM-CW)

•

Tracking Radar

•

High-Range-Resolution Radar

•

Scatterometer Radar

•

Frequency Modulated Continuous Wave Radar(FMCW)

•

Pulse-Compression Radar
3

1.3 Radar Equation

In this section Radar equation will be explained which is a very important aspect while
working on Radar. This equations contains all the relations between the transmitted
and reflected signal. The bistatic Radar range equation is a typical general case for the
Radar range equation and is illustrated as:

𝐺𝑡
𝜎 𝐺𝑟 𝜆2
𝑃𝑟 = 𝑃𝑡
4𝜋𝑅𝑡2 4𝜋𝑅𝑟2 4𝜋

(1.1)

where;
Pr

=

The Received signal power from receiver,

Pt

=

The Transmitted signal power from transmitter,

Gt

=

Transmitter gain,

Gr

=

Receiver gain,

𝜎

=

RCS,

𝜆

=

Wavelength,

Rt

=

Range from the transmsitter to the target,

Rr

=

Range from the receiver to the target,

If we look at Equation 1.1, it does not include neither the reflection losses nor the
polarization. Inorder to better understand the equation, we can divide this equation to
smaller pieces. So the power density dispersed on the target is:

𝑃𝑡

𝐺𝑡
4𝜋𝑅𝑡2

(1.1)

(G) which is the gain of the antenna can be elaborated as the ratio of the intensity in
a particular direction to the intensity of the radiation that would be received if the
4

power gained by the particular antenna were radiated isotropically. Then the next
part of Equation 1.1 below :
𝜎
4𝜋𝑅𝑟2

(1.3)

tells us about the power density which is scattered at the receiver antenna, where 𝜎 is
the RCS of the target. Then last but not the least the last part of the equation below :

𝐺𝑟 𝜆2
4𝜋

(1.4)

Elaborates the area which is effective of the receiver and, this effective area denotes
the amount of area that is physical of an antenna that serves as an electrical antenna .
The Radar range equation is used to understand the basics of the radar system
principles. Equation 1.1 is the equation for a bistatic Radar in which there are different
antennas used for the trasmitter and receiver as shown in Figure 1.1 below:

Figure 1.1 - A Bistatic radar

While for an monostatic radar as shown in Figure 1.2, only one antenna is used for
both the transmisson and receiving purposes.
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Figure 1.2 - A Monostatic radar

For an Monostatic Radar as the radar equation is a bit different and can be illustrated
as :

𝑃𝑟 = 𝑃𝑡

𝐺𝑡

𝜎

𝐺𝑟 𝜆2

4𝜋𝑅𝑡2

4𝜋𝑅𝑟2

4𝜋

=

𝑃𝑡 𝐺 2 𝜆 2 𝜎
(4𝜋)3 𝑅 4

(1.5)

As the Rt which is range from the transmsiter to the target and Rr which is range from
the receiver to the target are same so they can be represented by just R. Equation 1.5
expresses an general idea for the power received from a distant target. It is also worth
to note that the losses that occur in the Radar are not included in this Eqn while in
reality the losses are there in the Radar system and we cannot ignore this fact. [4]

1.4 Radar Cross section

When we look at some important teminology in Radar, the targets RCS i.e 𝜎 cannot
be ignored as formulated in Equation 1.3. Briefly RCS can be defined as the area that
intercepts that amount of power, which when isotropically scattered, produces at the
receiver antenna a density which is same as that scattered by the real target. The Radar
cross section depends on the AOA, frequency and polarization of the incident wave
6

and certain properties of the target such as its material type, its size and its shape. Also
its unit is in meter square. Table 1.1 shows RCS’s of some objects.

Table 1.1 RCS’s of some objects at MW frequencies.
Object

Typical RCS

Pickup Truck

200

Human being

1

Large fighter aircraft

6

Conventional winged misilse

0,5

Large bomber or jet airliner

40

Conventional winged misilse

0,5

Medium bomber

20

Small fighter aircraft

2

Automobile

100

1.5 Various aspects which are regarded while design of a Radar

1.5.1 Targets of a typical Radar

J.I Marcum, A scientist from Rand Corporation was the first one to analyze a theory
for the probability of target detection when there are nonfluctuating targets or with a
constant target cross section. This theory was further taken forward by Peter Swerling
who was also a member of Rand [5]. This was done by him by developing
mathematical models for four different cases which were based in the cross-section of
the target. Swerling I,II, III and IV were the name given to these four isolated cases.
The Swerling 0 and V are further made from Marcum’s theory and are based for
constant RCS case [6]. In accordance with the chi-square probability density function
(pdf), the model variations are formed. Also according to the particular targets
dynamics, its relative motion, size and shape the RCS varies. One of the important
factors which utilize the RCS information is the maximum unambiguous range
7

covered by the radar . The RCS is illustrated by the equation below for electromagnetic
analysis:
|𝐸S |2
𝜎 = 𝑙𝑖𝑚 4𝜋𝑟
𝑟→∞
|𝐸i |2
2

(1.6)

In the above equation 𝐸S is the scattered field intensity at a particular distance r and 𝐸i
is the incident electric field intensity.
Now lets classify the five Swerling models as below [7]:

1. Swerling 0 (also termed as Swerling V): In this case, the RCS is constant which
leads to a non-fluctuating pulse amplitude with a stable peak-to-peak SNR. The
initial phase of each pulse which is also the reception variable is assumed to be
independently and uniformly distribute in the range of [0,2π].

2. Swerling I: In this case in accordance with the chi-squared pdf the RCS varies
with around two degrees of margain. This case is applicable for targets that are
made of scatters that are independent of nearly equal areas. Inorder to muster
this distribution around 5 or even more scattering surfaces contribute. This
model depicts a particular target with same RCS for a single scan but changes
from scan to scan independently. When, 𝜎 is the RCS of the target and 𝜎avg is
the average value of all target RCS, this models pdf can be shown as :
1 𝜎𝜎
𝑝(𝜎) =
𝑒 avg
𝜎avg

(1.7)

3. Swerling II: This model is quite similar to Swerling I case except the fact that
the cross-section fluctuations from pulse to pulse are independent.

4. Swerling III: Like in I, the RCS in this model also changes according to the
chi-squared pdf but instead of 2 degree, it now has 4 degree of freedom and the
RCS is also constant through a single scan. This model
8

persumes one

scattering surface but with additional inconsiderable smaller scattering
surfaces. For this model pdf can be demonstated as:

4𝜎 𝜎2𝜎
𝑝(𝜎) = 2 𝑒 avg
𝜎avg

(1.8)

5. Swerling IV: The model is close to Swerling II model except the fact that the
fluctuation in this case is from pulse to pulse. Also this model can be regarded
as a more dynamic case of Swerling III model.

These models can be demonstated by the Fig 1.3 below :

Figure 1.3 - Swerlings fluctuating models[8].

1.5.2 Noise

Some crucial sources of noise are: The unneeded random signals that have an affect
on the echo signal from a particular target is termed as noise. RF circuits, antennas and
atmosphere are some of the sources of noise.
9

Other critical sources of noise are:

1. Thermal Noise: this is the noise generated by the thermal motion of the
semiconductor charge carriers in the ohmic portion of the electronic and RF
circuitry.: In the ohmic part of the RF circuitry of the radar, the semiconductor
carriers thermal motion generates thermal noise. If we consider 𝑇A as the
average absolute temperature in Kelvin and 𝐵 as the Bandwidth in Hertz [9],
The noise signal can then be illustrated by the following equation:

𝑁Th = 𝑘𝑇A 𝐵

(1.9)

2. Background Noise: Reflections from clouds, buildings, cosmic radiation and
other environmental clutters are the cause of this type of noise signal. If the
noise has equal power with fixed bandwidth at the center frequency and if
frequencies formed have equal amplitudes , then this noise is called white noise
[9].

3. Pink Noise: This explicit noise signal has a decreasing power spectral density
and it is also known as 1/f noise thus, in applications where the frequency is
very high like in radar this type of noise has no or a negligible effect [10].
4. Quantization Noise:. The signal-noise-ratio, in dB, for an ideal N-bit ADC is
After the output of the LPF, when an ADC is performed of the concerned IF
signal the quantization of the amplitude takes place of the inputted analogue
signal to convert it into digital output which has a binary output which is of
finite length. This results in the generation of a wide-band noise at the ADC’s
output because this is a non linear process and this noise is called quantization
noise. Oversampling and Dithering are two known method that are used to
overcome this noise[11]. Lets consider 𝐿rms which is the rms input voltage
of the analog signal divided by the peak input voltage of the ADC, for an ideal
N-bit ADC the signal-noise-ratio, in dB is :
10

𝑆𝑁𝑅Q = 6.02𝑁 + 4.77 + 20log10 (𝐿rms )

(1.10)

1.5.3 Attenuation

When the waves travel through the atmosphere, almost all types of radio signals suffer
some loss of intensity due to attenuation. This attenuation effect is usually caused by
the scattering or absorption of radio signals and is generally measured in dB/km.
Based on the level of oxygen in the atmosphere, rain, humidity and fog this scattering
charcteristic of the waves vary. The effect of atmospheric oxygen is regarded as
insignificant for the bands between 70 to 80 GHz. Water vapour is also one factor
which can cause a limited loss of signal from 0 to 50% per km but that depends on
absolute humidity and temperature. Attenuation that is caused by cloud or fog also
depends on the size and quantity of liquid droplets other then this it is similar to the
humidity condition. The Attenuation caused due to the rain is much more when
compared to the loss due to humidity or fog. Some attenuation for different weather
conditions are shown in Table 1.2 below [12].

Table 1.2 Attenuation at 70-80GHz due to atmospheric conditions

Condition

Precipitation Rate

Attenuation (dB/km)

(mm/hr)
Heavy rain or snow

25.00

9.0

Moderate rain

12.50

1.5

Light rain

1.25

0.5

Clear, dry air

0.00

0.1

Drizzle

0.25

0.2

1.5.4 Clutter

In radar terminology, clutter means the transmitted signal is scattered because of the
reflection from surrounding echos such as buildings, trees, road surfaces, water and
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other such sources. As theses sources take a bit fraction of the total beam area , these
clutters might cause the concerened targets real information to be missed by the radar.
It is also worth to note that at a particular frequency bin over a scan sweep these clutters
are caused from the sources that are stationary leading it to be fixed or constant. These
clutters have a fixed RCS and low power intensity. By using a narrower beamwith,
having a wider bandwidth, using a moving-target indication (MTI) etc are some of the
ways that can be used to reduce clutters. Depending on the characteristics of these
techniques such as dynamic range, radar stability and signal processing technique, the
success of clutter reduction can be achieved. Inorder to better map the environment,
the clutter information has been recently being used in recent times to detect objects
that are stationary such as utility poles, road boundaries etc. This information can be
used to develop a automotive radar that is real-time that is able to detect both moving
and stationary objects and, this will improve the road safety conditions [13].

1.6 Research in Radar

For Radar systems, especially for automotive application the research is ongoing. This
reserch application range from collision warning system, adaptive cruse control,
adaptive cruse control, parking aid and like these many other application to enhance
passenger comfort [14]. Both 77 GHz and 24 GHz systems are kept in mind and
deployed based on the range requirement and precision accuracy depending on the use
or application [15].
Modern area, research is being done on almost evey area of the radar system, with the
research ranging from signal processing to the antenna design. The main aim of the
research being done is to reduce the cost and size of the radar and to improve its
accuracy. In the area of antenna design, there is a active work ongoing as can be seen
in [16]. The main motivation behind the research is to develop an antenna that has a
balanced between the side lobe level and the main beam width. An antenna is a very
important aspect of Radar application because it can have an effect on accuracy of
detection, sensitivity and, required transmit power levels. In [16], the approach taken
is to use an antenna array in which a single antenna is created by combining of multiple
antennas.
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Many different ideas ans theories are being put in the table inorder to examine various
signal processing techniques to improve target detection and to diminish the
measurement error. Some of these resarch are [17], [18] and [19]. Inorder to derive an
accurate way to capture and extract targets range and velocity, these ideas and theories
combine communication system and signal processing theory.
Another facinating area where ongoing reserch and experimantation is being done is
the formation of modulating waveforms for the radar. An illustration is given in [20],
where it is debated that the targets velocity and range information can be encoded
slightly differently (i.e., phase, frequency and amplitude) by creating of different
modulating waveforms. By looking into different types of waveform, a system to
extract and process the concerned information can be designed which can allow for
higher sensitivity, simplified processing and faster measurement time.

1.7 Aim and Objectives of the study

The main and key contributions of the thesis can be briefly summarised as:
•

A detailed review on the FMCW signal waves, its generation and mathematical
description to extract the range and velocity of the target is given.

•

A Modular radar was designed and developed for use in indoor application. All
the components especially the VCO was selected to increase the bandwidth of
the radar inorder to achieve best possible range resolution and accurate
measurement of the range.

•

A literature review is provided for the FFT. In this review both by giving
illustrations through diagrams and by using mathematcal approch a algorithim
is given to extract the beat frequency from the continuous modulated signal.

•

The main and the most important part is to use a microcontoller i.e Arduino
UNO in our case to extract and display the range and beat frequency of the
target. This involves developing a code to perform FFT on the input analogue
signal. The microcontroller was programed to work in real time and work
continously to display the range of our target.
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•

An Algorithim was developed in the microcontroller to supress the noise and
detect the target even in high clutters.

•

A detailed wise summary of our Radar setup which includes all the components
used with their specification are given.

•

As this thesis is based on for use in indoor application, experiments were
conducted in a labaratory using both human target and a alumunium plate.
Measurements were taken to test our Radar at different steps and results were
illustrated in tabular form and graphically.

1.8 Structure of the Thesis

Chapter 1 introduces the basic concept of the radar, its applications and then further
introduces the radar range equation. Chapter 2 then highlights FMCW radar concepts
and its generation. Followed by this a brief literature review is given on FFT and how
it is implemented on Arduino UNO in chapter 3. In Chapter 4 the implementation of
our modular radar is described. Each and every components used with their
specifications and their role in the radar are explained. Finally before the conclusion,
experimental measurements and findings are writtern in chapter 5.

14

CHAPTER 2

FREQUENCY MODULATED CONTINUOUS WAVE

2.1

Introducing FMCW and Pulse Radar

As mentioned earlier, a radar sistem identifies and detects differents targets by
transmitting a signal and receiving the echo signal from the surrounding. Both the
transmitted and recieved signals are studied and analysed for gathering information
about the surrounding. The time an EM wave travels from the transmitter towards a
target and then reflect back to the Radar is termed Round trip delay td. Parameters like
range, velocity and RCS of a target can be estimated by making changes to the
reflected signal and these parameters which are detected have a maximum and
minimum values and offcourse resolutions. The Transmitted Power (Pτ) and Pulse
Repetition Interval (PRI) of the transmitted signal can be used to determine the target
distance from the source signal and its size if it is detectable that is.

Amplitude

Transmitted
Signal
PRI
Received
Signal
Round-trip delay td

Round-trip delay td
Time

Figure 2.1: Simple Operating Principle of a Pulse Radar[21].
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A simple operating principle of a typical pulse Radar is illustrated in Fig 2.1. A EM
pulse with a particular time duration is transmitted and reflected pulses from the
surroundings are observed. After each PRI, the transmitted pulse repeats its self and
this helps in determining the atmost distance an object or a target can be while still
being detectable. For an targets to not be classified as close, their echo signals must

Frequency

arrive before the transmission of the next wave.

Chirp Repetition Interval (CRI)
Received Signal

Round-trip delay td

Round-trip delay td
Time

Figure 2.2: Simplified operating principle of FMCW radar[21].

The difference between a simple Radar pulse and FMCW is the continuous nature of
the transmitted and received waves. Due to this specific reason it is not possible to
differentiate between transmitted and its echo signal like the pulse Radar. So inorder
to find the round-trip delay of such continuous wave, the signal must be modulated,
and this can be done by frequency modulation [21]. Chirp which is a commonly used
term in FMCW signal processing is the waveform which repeats itself and consists of
a single or multiple sweeps and, a sweep is the act of modulating frequency from one
value to the next. Fig 2.2 shows the simple operating principle of a FMCW Radar.
After each Chirp repetation interval, a chirp which consists of a single linear frequency
is repeated. In general td can be expected to be a small part or fraction of the whole
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chirp duration. Furthermore td can be roughly estimated by mixing both the transmitted
signal and the recived echo signal and obseving their frequency difference between
them.
Depending on the duration of the chirp, An FMCW Radar’s maximum theoretical
distance can be detected. A td that is longer then the CRI as in Fig 2.2 will push the
received echo chirp to the next CRI and that may cause a detected target to appear
closer rather then distant. Aside of this, the maximum detectable range is also directly
limited by the sampling interval of the used hardware setup. Unlike the simple pulse
Radar which has minimum detectable distance, the FMCW Radars doesn’t in the same
sense and is dependent on the bandwith used. And this is the reason why FMCW is
preffered for short distance applications. [22].

2.2

Generation of the Signal

Quite a different range of methods are used for generation of frequency. But for
generating FMCW Chirps that are fast way, two principal ways are used. Digital to
analog (DAC) or phase locked loop (PLL) based structures are used and a hybrid of
DAC and PLL has also been considered to be usable for FMCW signal generation
[16]. The implementation of DAC setup is built from a device called direct digital
synthesiszer (DDS) . A DDS is comprised of a look up table (LUT),whose function is
to convert a phase to a digital amplitude, a phase accumulator and a digital to analogue
converter. The phase accumulator is connceted to the LUT. After LUT transforms
phase to digital amplitude, the DAC then converts it to a analog current. With the DAC
discussecd, the second implementation is PLL. It consists of a closed loop structure
and due to the nature of the closed loop, non-linearity reimbursement is not needed
when using this particular architecture. Furthermore as PLL has a high linearity, it can
be presumed that the error due to non linearty is very low and can be neglected. More
details on PLL can be found on [23].
As compared to PLL, the DAC is much more beneficial as it does not need a settling
time when generating a short chirp. PLL, on the other hand will experience over and
undershoot. The smaller a chirp is or the more swiftly it changes as in for example in
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sawtooth, the the more over and undershoot it will experience [24]. This over and
under shoot effect can be significantly reduced if we use the right choice of waveform.
A triangular waveform unlike a sawtooth or a linear ramp has no step drop back to the
carrier frequency and this is why it is favoured and I have selected to use tringular
waveform in my experiments.

2.3

Mathematical description

A Modulated FMCW signal with its applicable frequency components created by a
single detected target can be mathematically described. Consider a ramp whose
frequency is linearly increasing and is swept from a carrier frequency fc across a
particuiar bandwidth B. At a defıned time t, frequency for each sweep can be
denoted as:
f(t) = fC +

𝐵𝑡
𝑇

,

(2.1)

Whereas T can be said to be the duration of the sweep. If we take the integral of Eqn
2.1 with respect to time, we get the phase corresponding to the particular signal
frequency and this can also be illustrated as:

φ(t) = 2π( fC t +

𝐵𝑡 2
2𝑇

(2.2)

)

Thus, a transmitted signal which is sinusoidal in nature and whose frequency is
constantly changing can be denoted as:

uTx (t) = 𝑐𝑜𝑠(2 𝜋𝑓𝑐 𝑡 +

𝜋𝐵(𝑡 − 𝑚𝑇)2
𝑇

)

(2.3)

It must be assumed that the sweeps are continuous. In Eqn 2.3 above, for this cosine
function the first term 2𝜋𝑓𝑐 is the phase shift created by the carrier frequency and the
18

next term is the phase shift due to the modulated frequency. Inorder to calculate
frequency for the mth sweep the term t – mT must be substituted in Eqn 2.3. From this
point onwards a nomalized amplitude of 1 is assumed.
Consider a targer at a distance R from the Radar, moving with a radial velocity V at a
particular time t. When this target is moving towards the Radar its radial velocity is
considered negative and vice versa when it is travelling away from the Radar. When a
chirp hits an target and reflects back to the Radar, it is generally considered the same
as the transmitted wave but the only difference is that it has a delay by a round trip
delay of :
td =

2(𝑉 𝑡 + 𝑅)
𝑐

,

(2.4)

The echo signal has its amplitude decreased as it has to travel a distance R. As our
concern is only about the frequency components of the signal, I have ignored the
amplitudes in the equations. Therefore, the echo signal from the target for the mth
sweep can be illustrated as:

uRx (t) = 𝑐𝑜𝑠(2 𝜋𝑓𝑐 (𝑡 − 𝑡𝑑 ) +

𝜋𝐵(𝑡 −𝑚𝑇– 𝑡𝑑 )2
𝑇

)

(2.5)

In the transmitter of the Radar the echo signal is then jumbled with the transmitted
Signal. If we consider the famous trignometeric identity below:
1

1

cos 𝛼 + cos 𝛽 = 2 cos(𝛼 + 𝛽) + 2 cos(𝛼 − 𝛽)

(2.6)

Common sense speaks that if you mix or sum two signal their frequency of this mixed
signal would be very large and probably in the order of 2fc and due to this reason it is
needed to use a LPF after the mixer to filter this high frequency component. The
filtered signal and the mixed signal can illustatred as:

1

um (t) = uTx(t) uRx(t) = 2 𝑐𝑜𝑠( 2𝜋𝑓𝑐 𝑡𝑑 +
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2𝜋𝐵
𝑇

𝑡𝑑 (𝑡 − 𝑚𝑇)-

𝜋𝐵 𝑡𝑑 2
𝑇

)

(2.7)

If we substitute Eqn 2.4 to Eqn 2.7 we get:

um (t) =

1

𝑐𝑜𝑠(
2

4𝜋𝑓𝑐 (𝑉 𝑡 + 𝑅)

+

𝑐

4𝜋𝐵(𝑉 𝑡 + 𝑅)(𝑡 − 𝑚𝑇)
𝑇𝑐

−

4𝜋𝐵(𝑉 𝑡 + 𝑅)2
𝑇𝑐 2

(2.8)

)

The recieved signal after it is passed through the mixer and then a LPF can be further
processed to extract the targets range and radial velocity. If you look at the third term
in the Eqn 2.8, its demoninator is 𝑐 2 so it can be ignored being too small. Thus, if we
expand the 1st term and the 2nd term in Eqn 2.8 we get:

um (t) =

1
2

𝑐𝑜𝑠(2𝜋(

2𝑓𝑐 𝑅
𝑐

+

2𝑓𝑐 𝑉
𝑐

𝑡+

2𝐵𝑅
𝑐𝑇

𝑡−

2𝐵𝑅𝑚𝑇
𝑐𝑇

+

2𝐵𝑉
𝑐𝑇

𝑡2 −

2𝐵𝑉𝑚𝑇
𝑐𝑇

𝑡) ) (2.9)

From now on lets consider a time tm from which a sweep m starts,
t = mT + tm

(2.10)

If we substitute Eqn 2.10 into Eqn 2.9 and then expand the second power we get:

um (tm) =
2𝐵𝑉
𝑐𝑇

1
2

𝑐𝑜𝑠(2𝜋(

(𝑚𝑇 + 𝑡 𝑚 )2 −

2𝑓𝑐 𝑅

+

𝑐

2𝐵𝑉𝑚𝑇
𝑐𝑇

2𝑓𝑐 𝑉
𝑐

(𝑚𝑇 + 𝑡 𝑚 ) +

2𝐵𝑅
𝑐𝑇

(𝑚𝑇 + 𝑡 𝑚 ) −

2𝐵𝑅𝑚𝑇
𝑐𝑇

(𝑚𝑇 + 𝑡 𝑚 )) )

+
(2.11)

The terms which are dependable on the second power of tm can be neglected if we
assume that the sweeps are suffıcıently short. So Eqn 2.11 can now be rearranged as:

um (tm) =

1

𝑐𝑜𝑠(2𝜋(
2

2𝑓𝑐 𝑅
𝑐

+

2𝑓𝑐 𝑉𝑚𝑇
𝑐

+(
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2𝑓𝑐 𝑉
𝑐

+

2𝐵𝑅
𝑐𝑇

+

2𝐵𝑉𝑚
𝑐

)𝑡 𝑚 ) )

(2.12)

If we consider that the velocity is so slow then the range of the target remains nearly
constant. The first term in Eqn 2.12 is considered to be a constant phase term and thus
we ignore it. So now, the signal has a phase shift and a frequency component which is
progressive as a function of m. If we refer the frequency of this signal as the peak
frequency of this signal we can now express the equation as:

um (tm) =

1
2

𝑐𝑜𝑠(2𝜋( 𝑓𝑝 𝑡 𝑚 + 𝑓𝑑 𝑚𝑇 ))

(2.13)

Two new terms have been introduced in Eqn 2.13. fd and fb are known as the doppler
frequency and beat frequency and they can be denoted as:

fd =

fp =

2𝑓𝑐 𝑅

(2.14)

𝑐

2𝐵𝑅
𝑐𝑇

+ fd +

2𝐵𝑉𝑚
𝑐

= fb + fd + fm

(2.15)

From Eqn 2.15 it can be deduced that fp can be figured out from targets Range, its
velocity and sweep number [25]. The 1st term is the difference of the frequencys
between the transmitted signal and the recieved signal which is caused by the round
trip delay. Based on whether the target is moving towards or away from the Radar, the
2nd term is either elongated based or compressed. While the 3rd term accounts for the
object travelling over the course of a number of sweeps. The Range of the object can
be found out from the frequency component of the signal as the effects of sweep
number is considered generally to be negligible and the effect of fd is very small on
the peak frequency and thus this also can be ignored. So as stated above the
relationship between the fb and the range of the target is:

fb =

2𝐵𝑅
𝑐𝑇

(2.16)

For a triangular wave with period of Tm the range of the target can be calculated as:
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R=

𝐶 𝑓𝑏 𝑇𝑚
4𝐵

(2.17)

Eqn 2.17 will be used in this thesis to calculate the range as our signal is Triangular.
Inorder to estimate the range with more accuracy, fd and fm can be taken into
account. [26]

2.4

The FMCW Radar system

If we look at the persepective of a system, a FMCW radar has four primary main parts.
Figure 2.3 demonstrates the main components and they are as follows:
•

A VCO whose purpose is the generation of a FM wave.

•

An RF front end consisting of all RF subsystem components

•

ADC used for converting the anolgue signal to digital signal for further
processing.

•

A microprocessor for used in digital signal procesing and baseband control.

Figure 2.3: Figure of FMCW Top Level System [27]
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2.4.1

The Modular Radar front end

The radar must have the capability to accurately measure the time delay between the
transmitting signal and the received echo signal inorder to accurately measure the
targets range and velocity. It is known that the radia wave will travel at the speed of
light when transmitted in medium of which it is propogating through. As the speed of
light is nearly 3 × 108 m/s on earth, with this high speed it is very hard to measure
the time delay of the radar signal directly. So what the FMCW radar does is that rather
than directly measuring thr time delay, it transmits a signal whose frequency is
constantly changing with time. After that it compares the received echo signals
frequency with the transmitted signals frequency to compute their difference. Figure
2.4 shows the RF components which makes up an FMCW radar. These components
are also listed below :
•

Transmitting and receiving antennas.

•

LNA for amplifying the received echo signal.

•

PA for boosting the transmitting power.

•

A VCO for the generation of the FM signal.

•

A mixer to perform a multiplication function.

Figure 2.4: FMCW RF Front End System illustration [27]
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Baseband Input and VCO

Modular radars RF front end only has a single baseband input. The input to this block
as can be seen in the top right of Figure 2.4 is the VCO tuning voltage. The output
from the VCO can also be described by Eqn 2.18. From the eqn it can be seen that the
output frequency of the VCO can be varied or modulated with the 𝑉tune (𝜏). The result
will produce an FM signal. If we consider 𝑓𝑐 as the center frequency, 𝐴𝑜 as the output
amplitude, 𝐾𝑣𝑐𝑜 is the tuning gain, and 𝑉tune (𝜏) as the tuning voltage, 𝑓𝑣𝑐𝑜 (𝑡) is :
𝑡

𝑓𝑣𝑐𝑜 (𝑡) = 𝐴𝑜 sin (2𝜋𝑓𝑐 𝑡 + 𝐾𝑣𝑐𝑜 ∫−∞ 𝑉tune (𝜏)d𝜏)

(2.18)

The tuning voltage (or modulation waveform) for an FMCW use will usually consist
of the baseband fuction which will dictate the rate at which the frequency should be
modulated. This waveform can be of any function, however we should be carefull
while selecting it such that the desired data can be extracted with ease.

PA and Transmit Antenna

The transmitting antenna and the PA are the final components that make up a
transmitter. The output from the VCO acts as the source of information and before it
can be transmitted as an waveform it needs conditioning. Selecting a high efficiency
design is important because the PA usually uses the highest amount of power. Class C
amplifier designs are often used in FM systems such as FMCW as they are 70 %
efficient as compared to only 25% efficiency of class A architecture[28].

Receive Antenna and LNA

The receiver antenna and the LNA are the first parts of the receiver of the modular
radar circuit. Tuning is done of the reciver antenna to be sensitive to EM radiation at
the particular systems operation frequencies. The antenna can thus be able to setect the
the echo signal due to this tuning and transfer it the next part of the reciever. The LNA
is the next part of the signal chain and is responsible for amplifying the received signal.
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Since the echo signal is generally weak, the SNR is expected to have a very high SNR.
The higher the SNR is the better measurement system will become as the sensitivity
of the receiver will increase.

Mixer and Baseband Output

The RF front end has a single baseband outputand this is produced by a heterodyning
process, where the transmitted signal is mixed with the received signal to produce a
frequency difference or a beat frequency. The mixer performs a mathematical
operation in an FMCW system that produces the baseband output signal. This can also
be represented as a multiplication of two sinusoids and then followed by a low-pass
filter. The result of the mixing process will result in a new sinusoid with a frequency
of the difference between the two input frequencies. An example of the pre-filtered
mixer output product is given by 𝑓heterodyne (𝑡) and is shown in equation 2.19a. The RF
module baseband output is then obtained by low-pass filtering the output product to
produce 𝑓baseband-out (𝑡), which can be seen in equation 2.19b. Note that ℎ𝑙𝑝𝑓 (𝑡)
represents the transfer function of a low-pass filter with adequate bandwidth to only
filter out the higher frequency component of the heterodyning process, and is then
convoluted with the product.
𝑓heterodyne (𝑡) = sin(𝜔𝑡𝑥 𝑡) ⋅ sin(𝜔𝑟𝑥 𝑡)
=

1
[cos((𝜔𝑡𝑥 − 𝜔𝑟𝑥 )𝑡) − cos((𝜔𝑡𝑥 + 𝜔𝑟𝑥 )𝑡)]
2
1

𝑓baseband-out (𝑡) = 𝑓heterodyne (𝑡) ⊗ ℎ𝑙𝑝𝑓 (𝑡) ≈ 2 cos((𝜔𝑡𝑥 − 𝜔𝑟𝑥 )𝑡)
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(2.19a)

(2.19b)

2.5

Nonlinearity in FMCW Signals

The FMCW Signal’s linearity is a very important parameter for the accurate
measurement of range and velocity. Inorder to acheive a better precision in the
measurements and for a better range accuracy, high linearity is required. On the other
hand, if the transmitted signal from the Radar is not linear over the band, there could
be nonlinearity in the beat frequency as a result. Figure 2.5 illustrates the frequency
linearity performance of a Voltage Controlled Oscilator when tunned against voltage
(Modulating signal). This figure also further illustrates how the beat frequency
measurment is affected by the nonlinearity in the VCO [29] .
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Figure 2.5. How the beat frequency is effected by a VCO’s linearity[30].

Thus it can be understood that this obstacle is one of the important drawback in FMCW
Radar systems. The signals Bandwidth will be limited if if it has a nonlinear frequency
variation and, thus resulting in a poorer range resolution. Now, lets see how the beat
frequency is affected by the nonlinearity.
For example lets consider V(t) which is a nonlinear signal with φ(t) as its error function
as:
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1

Vt (𝑡) = A cos 2π ( fo t + 2𝛼𝑡2 + ∅o + φ(t))

(2.20)

By ignoring the attenuation and delaying the received signal by (τ) , Eqn 2.20 can then
be written as:
1

Vt (𝑡) = 𝐴 cos 2π (fo (t − τ) + 2𝛼(𝑡 – 𝜏) 2 + ∅o + 𝜑(𝑡 − 𝜏))

(2.21)

The Beat frequency can then be extracted if we mix the transmitted and received signal.
So, then it is a nonlinear signal and can be written as:

Vout (𝑡) = 𝐴 cos 2𝜋 (fo 𝜏 + 𝛼𝑡𝜏 −

1
2

𝛼𝜏2 + 𝜑(𝑡) − 𝜑(𝑡 − 𝜏))

(2.22)

So thus it can be extracted that the beat frequency is not constant and varies with time
after applying FFT. Thus instead of a constant beat frequency that should appear in the
frequency domain a perturbed signal will appear. And thus, the range resolution of
FMCW radar is decreased. While on the contary, the SNR is also degraded because
the bandwidth of the nonlinear beat signal is increased. Also if two nonlinear signals
are mixed then there will a nonlinear beat frequency.

2.6

Improving Linearity in FMCW Signal

To generate a highly linear signal, hardware techniques are used which involves circuit
for modulation. To further improve better linearity, software techniques are
implemented which further processes the data. A VCO, which is a kind of oscillater
circuit whoms when tuning voltage is changes produces a FMCW signal with linear
frequency change, is one of the simplest hardware technique. If we require a linear
frequency signal with better frequency resolution, DDS (Direct Digital Synthesizers)
combined with PLL can be used whose design is more expensive and complicated
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[31]. It is very important and necessary to keep in mind how nonlinearity within the
transmitted signal from the Radar is transferred to nonlinearities in the beat frequency
signal and some calculations should be done to resolve these. And software techniques
do not deal with the nonlinearities generated in the generating stage but deals with only
that generated within the beat frequency.

2.7 Signal Leakage in FMCW Radar

The sensitivity of the receiver is another design constraint which must be considererd
and, it is caused by the due to the leakage of the signal from transmitter to receiver.
Inorder to achieve beter measurement performance in the FMCW Radar system this
must be handled carefully. As discussed earlier, as the FMCW system receives and
transmits the signal at the same instant, there might be some leakage of the transmitted
signal to the receiver of the radar. The saturation of the mixer at the reciever chain
might happen when the leakage is very powerfull and this might be the most difficult
problem to handle.
Matching of the antenna carefully and a highly isolated circulator are required to bring
down the reflections from the antenna. Doing this might narrow the leakage and the
level of reflections into the receiver. Typically the isolation between the receiver and
transmitter is about 15-20dB but a more explicit design can improve it to about 3035db with a frequency band much narrower [32]. Using seperate antennas for
transmitter and receiver is the simplest and easiest way to enhance and raise the
isolation and thats what has been done in this thesis radar setup.
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CHAPTER 3

FFT USE IN EXPERIMENTAL RADAR

By using correlation or by solving simultaneous linear equations are some of the many
ways to calculate the Discrete fourier transform and FFT is one of the way to calculate
it. While this approach produces the same result as the others but, it is way more
efficient and its computation times are reduced by hundreds. This amazing
improvement is same as that of walking versus flying a jet aircraft! FFT is considered
one of the complex algorithims in digital signal processing although it requires only a
few lines of code.
In this section, first the detailed concept of FFT will be explained and then how we
developed a 1D FFT Algorithim at the output of the LPF for the extraction of of beat
frequency of the target under high clutter surroundings will be discussed.

3.1

Discrete Fourier Transform

Now lets consider, a signal which has a finite sets of data that are known at N instants
and are splitted by a T which is a sample time. Then its DFT is equal to the continuous
fourier transform. Lets now examine f(t) which is a continuous signal that has N
samples denoted by f [0] , f [1] , f [2] , . . . , f [k] , . . . , f [N-1] . Then for this signal
the fourier transform is:

∞

F(jw) = ∫−∞ 𝑓(𝑡) 𝑒 −𝑗𝜔𝑡 dt
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(3.1)

Now lets consider a sample that is an impulse that has an area f(k) . So now as only
the integrant is at the sample points:

(𝑁−1)𝑇

f(jw) = ∫0

𝑓(𝑡) 𝑒 −𝑗𝜔𝑡 dt

= f [0] 𝑒 −𝑗0 , f [1] 𝑒 −𝑗𝜔𝑇 , . . . , f [k] 𝑒 −𝑗𝜔𝑘𝑇 , . . . , f [N-1] 𝑒 −𝑗𝜔(𝑁−1)𝑇

ie.

−𝑗𝜔𝑘𝑇
f(jw) = ∑𝑵−𝟏
𝒌=𝟎 𝑓 [𝑘] 𝑒

(3.2)

For any 𝜔, we are principly able to evaluate this but, only final outputs N will be
important with only N data points to begin with. If our waveform is periodic, the
continuous fourier transform can then be determined over a restricted interval rather
then from -∞ to +∞. Likewise, the data is treated as if it were periodic by the DFT
since only a finite number of data points input are there ( i.e f (0) to f (N-1) is actually
similar as f (N) to f (2N-1) ).
In Figure . 3.1(a) , the sequence shown is actually considered to be one period of
Figure . 3.1(b) which is a periodic sequence.
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Figure 3.1:(a)A N =10 samples sequence(b)Periodicity in DFT which is implicit [33]

We must assess the DFT equations for the fundamental frequency (in which a single
cycle per sequence is

1
𝑁𝑇

Hz,

2𝜋
𝑁𝑇

rad/sec) and its related harmonics because this

computation deals with the data as if it was periodic [33].

i.e. Set 𝜔 = 0 ,

2𝜋
𝑁𝑇

2𝜋

2𝜋

, 𝑁𝑇 × 2 , . . . 𝑁𝑇 × n, . . .

2𝜋
𝑁𝑇

× (N – 1)

or in other words:
2𝜋

−𝑗 𝑛𝑘
F[n] = ∑𝑁−1
( n = 0: N – 1)
𝑘=0 𝑓 [𝑘] 𝑒 𝑁

For the sequence f(k) , F[n] is the Discrete fouriour transform.
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(3.3)

Equation 3.3 can also be illustrated in matrix form as:

Where W = exp ( -j2𝜋 / N ) and W = W2N etc. = 1

3.2

Finding the Real DFT by using the Complex DFT

Althought other scientists have had come across the methodology of FFT generation
before, J.W Cooley and Tukey were given the full praise for introducing FFT after
they published their paper in 1965 [34]. They were actually lucky because they
discovered FFT just at the beginning of the computer revolution and that made the idea
look more practical because one of the prominent mathematician Karl Gauss (17771855) had used this idea more then 100 years before but it was forgetten as there was
no tool at that time to make it practical.
The FFT, which is a quite much sophisticated version of the typical real DFT, is
actually based on a complex DFT. As the data can be represented by using real or
complex numbers, these transforms are named by these representation of the data and
not that complex means it is more difficult or tricky rather in it a particular type of
maths is used.
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Figure 3.2. The Complex and the Real DFTs compared

It is quite critical to be aware of how to carry real DFT data out of and into the complex
DFT format because like it was discussed earlier FFT is an algorithim which uses
calculation of complex DFT [35]. Figure 3.2 illustrates and compares how the
complex and real DFT’s store their data. First lets take a look at the real DFT. It alters
N point time domain signal into two frequency domain signal with N / 2+1 points
seperately. These two signals can be named as the imaginary part and the real part in
the frequency domain and they respectivley hold the amplitudes of the cosine wave
and the sine waves. Also it is worth to note that the time domain signal in the real DFT
is just called the time domain signal.
On the contary, the complex DFT functions a bit differently. Rather then transforming
one time domain signal, this actually tansforms two N points into two N point
frequency domain signal. These two signals are termed as the real part and the
imaginary part unlike that in the real DFT. Inspite of what there names suggest all of
the values are just ordinary numbers in these arrays.
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Now lets see how an algorithim to perform FFT is performed which uses complex DFT
to compute real DFT. Supposing we have a N point signal, firstly it is required to move
the N point signal into the complex DFT's time domain real part. After this step we
need to set all of the samples in the imaginary part to zero. After the computation of
this complex DFT is finished, a real and a imaginary signal each composed of N points
are resulted. The real DFT's spectrum is corresponded by the sample number 0 through
N/2 [36].
When the negative frequencies are included, the DFT’s frequency domain is periodic.
Referenced to the sampling rate, the choice of a single period is arbitrary and it can be
chosen in any one unit interval between -0.5 to 0.5, 0 to 1 or -1 to 0. In the complex
DFT’s frequency spectrum the negative frequency in the 0 to 1 arrangement is
included. One whole period stretches from sample 0 to sample N-1 when corresponded
with 0 to 1.0 times the sampling rate. Inbetween the sample 0 to N/2, the positive
frequency lay if the ampling frequency is 0 to 0.5. While for the rest part of the samples
that are inbetween N/2 +1 and N-1 negative frequencys are layed. When using a
complex inverse DFT to find a real inverse DFT is quite much difficult. The reason
being that the negative frequencies should be loaded in a beter format. For both the
imaginary and real part, point 0 through N/2 is in the complex
Methods used in simple DFT are pretty much similar to the one used in real DFT. In
this situation, lets consider a point N/2 for the real part which, according to the
statement mentioned, is similar to the point N/2+2. In this case, the point N/2+2 is also
similar to N/2-2 and this pattern follows like this until the point N-1. According to this
rule, N-1 is same point as 1. Now, when we think about the imaginary part, the pattern
which we have discussed earlier applicable for this as well. If we go deep into this
pattern, the point N/2+1 is the negative of point N/2-1 and N/2-2 is negative and etc.

3.3

Working phenomenon of FFT

In this segment the general function of Fast Fourier Transform is described. Each the
frequency and time domains contains one signal made of N complex points in complex
notation and in each of this points which are complex are devised of two numbers
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which are the imaginary and real part. Like for example if we take complex sample
X[33] , we know that it is a combination of ReX[33] and ImX[33]. If we describe this
in other words, two numbers are included in each complex variable. So as two complex
variables, which when combined contains four individual components, when
multilplied their components must be combined to form a product with two
components[37].
Now lets debate the operation of FFT. The first step is to break a N point time domain
signal into N time domain signal which are each composed of a singe point. Then in
the second step, N frequency spectra are computed from these N signals. Finally, these
spectras are synthesized into single spectrum of frequency. In Figure 3.3, a case of
the decomposition of the time domain signal used in FFT is illustrated. It can be seen
how a 16 point signal is decomposed in four seperate stages in this example.

Figure 3.3. The decomposition of FFT
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Figure 3.4. The Bit reversal sorting of FFT
Two signal each of which consists of 8 points are broken from a 16 point signal in the
first stage. The data is then decomposed into four signals of four points in the next
stage [37]. Until a single point which is composed from N signals are there this pattern
continues. Each and every time an decomposition which is interlaced is used when a
signal is broken in two and, in other words the signal is seperated into odd and even
numbered samples. By looking at Figure 3.3 is the best way to understand and grasp
this pattern.
If you look at this decomposition you can see there are Log2N stages required that is,
12 stages are reqired for a 4096 point signal (212) , 07 stages are reqired for a 512 point
signal (27) , 04 stages are reqired for a 16 point signal (24)
Now to simplify whatever we have discussed, it can be summarised that the
decomposition is just the reordering of the samples in the signal. The rearrangement
pattern can be seen in Figure 3.4. If we look at the right on this figure, the sample
numbers after rearrangement alongside their binary equivalents are listed and, on the
left side of the image the original signals sample number alongside their binary
equivalent are listed. The main concept is that the binary numbers are interchange of
each other. Lets take a example for instance. It can be seen that sample 3 (0011) is
interchanged with its counterpart sample number 12 (1100) in Figure 3.4. Like this,
sample 14 (1110) is exchanged with its counterpart sample 7 (0111). Thus it can be
37

concluded that the bit reversal sorting algorithm is used for FFT time domain
decomposition. With the bits flipped from left-for-right by counting in binary the N
time domain samples order are rearranged.
For the FFT algorithim the next step is finding the spectra of frequency of the one point
time domain signals. This step couldn’t be easier because the spectrum of frequency
of a 1 point signal is equal to its ownself and, in other words to describe this is to say
that not much is required to do in this step. Although keeping that in mind, we should
not forget that from each of the 1 point signal is now actually a frequency spectrum,
and not a signal of time domain[38].
Last but not the least, the final step in performing FFT is to combine the N spectra of
frequency in the same reverse order of that which decomposition of time domain took
place. And this is where this algorithim gets a bit messy. To do so, we must start from
one stage at a time because the shortcut of bit reversal is not applicable unfortunately.
In the step 1, the 16 frequency spectra which each are 1 point are synthesized into 8
frequency spectra which are 2 points each. Then in the second step, these 8 frequency
spectra are further synthesized into 4 frequency spectra which are 4 points each. This
carries on until a 16 point frequency spectrum is resulted which is the output of the
FFT.

Figure 3.5. The synthesis of FFT
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Inorder to undo the interlaces decomposition which had been done in time domain a
synthesis must be done. This is shown in Figure 3.5 that two frequency spectra, each
of which that are mixed of 4 points are combined into a spectrum of single frequency
of 8 points. Now lets consider an example of abcd and efgh that are two domain
signals. Now two steps are required to form a 8 point time domain signal. First step is
to dilute each 4 point signal with zeros so that a 8 point signal is made and then
secondly we add these signals together. So now considering our example and
performing these two steps in abcd signal and efgh signal, the first become a0b0c0d0
and the next becomes 0e0f0g0h. Now after we add this two 8 point signals we get
aebfcgdh. If we look at Figure 3.5 we see that if we dilute the time domain signal
with zeros it actually accord with to a replication of frequency spectrum. So in other
words, in FFT the spectra of frequency are combined first by replicating them and then
after this summing these replicated spectra together.
In a slight different way, dilution with zeros are done for the two time domain signals
so that they can match up when added. For one of the signal, the odd points are zero
and for the other the even points are all zero. In different term, 0e0f0g0h which is a
time domain signal in Figure 3.5 is shifted by one sample to the right. And this shift in
time domain is also equvalent to multiplying this spectrum by a sinusoid. Recalling
the fact that when there is a shift in the time domain signal it is actually same as
convolving of this signal with a shifted delta function. So the spectrum of the delta
function which is shifted is multiplied with the signals spectrum and this shifted delta
function spectrum is actually a sinusoid [38].
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Figure 3.6. The flow diagram for synthesis of FFT

A flow diagram to form a single 8 point spectrum by the combination of two 4 point
spectra is shown in Figure 3.6. This figure is actually formed from the simple pattern
shown in Figure 3.7 but, it is repeated over and over and this is done to further reduce
the situation.

Figure 3.7. The FFT butterfly.
This butterfly as shown in Figure 3.7 transforms two complex points into two different
complex points and is a very basic computational element of FFT and it is given its
name after a butterfly due to its winged guise. The entire structure of the FFT can be
can be simply summed into three simple steps. Firstly a decompositon takes place of
an N point time domain signal to N signals each of which contains a single point. In
the second step, nothing really is required because we find the spectrum of each of the
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N point signals. Then Lastly, the spectra of N frequency is synthesised into a single
frequency spectrum [38].

3.4

FFT’s Computational speed

N2 complex multiplicatiıons are required for the computation of DFT. While on the
other hand for the FFT ,

𝑁
2

complex multiplicatiıons are needed at each stage to

combine the results of the previous stage. Thus, for an FFT the total number of
complex multiplications needed to find an N-Point DFT is around N / 2log2N because
there are in total (log2N) stages. And this is an approximation because when be do
𝑁

𝑁

3𝑁

multiplications be factors such as W0N, W 2 N, W 4 N and W 4 N, these are just
complex subtractions and additiıons.

Table 3.1 Comparisons between DFT and FFT computations

3.5

N

N2 (DFT)

N / 2log2N (FFT)

% of reduction

32

1,024

80

92 %

256

65,536

1,024

98 %

1,024

1,048,576

5,120

99.5 %

Beat frequency determination

When there are positive and negative slope regions, the change in frequency with
time ωb can be elaborated by the two equations below:
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ω+ = ωo + mt

(3.4)

ω- = ωo - mt

(3.5)

Here the slope m is:
2∆𝜋𝑓

m = 𝑇𝑚/2 = 4∆𝜋𝑓 × fm

(3.6)

The frequency modulated signal which is transmitted is:

Vt (t) = At cos( Ф (t) )

(3.7)

Where:

ω+ =

𝑑 Ф+(𝑡)
𝑑𝑡

= ωo + mt

(3.8)

When we integrate (3.8) we get:

1

Ф+ (t) = ωot + 2 mt2 + Фo

Now, when we substitute (3.9) to (3.7) we get:
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(3.9)

1

V +t (t) = At cos( ωot + 2 mt2 + Фo )

(3.10)

The recieved echo signal in the reciever is the time delayed form of the signal which
was transmitted with a dissimilar amplitude Ar and different phase angle Ф1:

1

V +r (t) = Ar cos( ωo ( t - Td ) + 2 m( t - Td ) 2 + Ф1 )

(3.11)

The IF signal which is a output signal from the mixer will then be the outcome of
these two signals:

V +out (t) = V +r (t) × V +t (t)

(3.12)

Now, as we know about the trigonometric relations, we can now enlarge the product
of (3.10) and (3.11) as:

V +out (t) =

1
2

At Ar [ cos( ( 2ωo - mTd ) t + mt2 + Фm1 ) + cos( mTd t + Фm2 )

(3.13)

Here,
1

Фm1 = 2 mTd - ωo Td2 + Ф0 + Ф1 ,
Фm2 = ωo Td -

1
2

m Td2 + Ф0 - Ф1 ,

So now it can be seen in (3.13) that there are two cosine terms. The first term represents
a chirp which is a FM signal which is linearly increasing at at around double the carrier
frequency with a shift in phase that is propotional directly to the time delay Td. As
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there is a LPF after the mixer, this term is usually filtered out. The second cosine term
can be found out by differentiating the instantaneous phase term with respect to time
and it represents the beat signal at a particular fixed frequency. The output signal
spectrum before the filtering can be seen in Figure. 3.8. It can be seen that in this
spectrum both the constant frequency components and the chirp are there [39].

Figure 3.8 The radar mixer output spectrum of FMCW[39]

We use phase of the second term in (3.13) to find the beat frequency:

1 𝑑

fb = 2𝜋 𝑑𝑡 [m Td t + ωo Td -

1
2

m Td2 + Ф0 - Ф1 ]

(3.14)

When we use (3.6) and (3.14) with Td = 2R / c:

fb =

4∆𝑓 . 𝑓𝑚 𝑅
𝑐
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(3.15)

If we look at this equation it can be observed that the range of the target is directly
proportional to the beat frequency so, if we know the beat frequency the range can be
determined.

3.6

FFT Algorithim implementation on a microprocessor on real time

In my modular radar, I have used a Arduino UNO after the LPF to perform FFT and
then display the range and the beat frequency of the target in LCD connected to it. As
we know that FFT is a algorithmically complex process and usually a Arduino has a
processing power and RAM that is quite limited. For my thesis, the need was to detect
and display peak frequencies or in other words find the frequency with the amplitude
that is maximum. As the Arduino has a limited memory, with a sample number greater
then 256 samples from the ADC, this microcontroller will not be able to perform FFT.
The code which was used in the arduino is attached in APPENDIX B. I have modified
the FFT function typically used to improve the speed of the calculation and to reduce
the memory consumtion in the arduino.

3.6.1

Implementation

After the code is written, it is very easy to implement the FFT function. FFT can be
executed and the Beat frequency can be found by the following command:

float f= Q_FFT(data,256,100);

In this command of the function above, the first term is the data. This is an array which
has the signal values. It is suggested to use sample size of 2 n like 2, 4, 8, 32, 64, 128,
256, 512, 1024 ,…. etc. If otherwise we enter a sample size which is not of these
values, it will be replaced by nearest lower value which matches these values above.
For examples if the number of samples inserted are 150, FFT will be performed for
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the first 128 samples. The RAM on the arduino limits the maximum number of sample
size. Then, the second term in the command above are the number of samples in an
array and last but not the least, the final term is the sampling frequency in Hz[40].

3.6.2

Explanation of the code

As discussed earlier, there were some modifications made to the code to improve its
speed with a little or negligible effect on its accuracy. In an Arduino, as compare to
the float the integer subtration and additiıon is somewhat 5 times faster and thus
making it 5 times faster then before. Also in Arduino UNO, variable int consumes 2
byte of memory while float usually consumes 4 bytes. Thus there is a lower memory
consumption while using int.
Typically, in a FFT a test signal is multiplied by a cosine and sine waveforms. These
values can be inbetween the range from 0 to 1 so, using floating multiplication is
neccasary here. So inorder to replace float variable, in our modified FFT function
typical sine/cosine wave with a square wave for multiplication. So now as we know
that a square wave has a value of 0, 1 or -1 thus, floating multiplication can now be
replaced by simply integer subtraction or addition. The frequency bin values which
was float previously can now be stored as an integar due to this modification now.
Now as this amount of memory is being saved, we are now able to perform FFT for
around 256 samples instead of 128 samples previously[41].
The entire structure of the code that performs FFT can be seen in Figure 3.9. This can
be simply summed into three simple steps. Firstly a decompositon takes place of an N
point time domain signal to N signals each of which contains a single point. This time
domain decomposition is attained with a algorithm for bit reversal sorting. In the
second step, nothing really is required because we find the spectrum of each of the N
point signals. Transformation of the decomposed data into the frequency domain
requires no effort and therefore this step is not shown in the figure.
Then Lastly, in the final step the spectra of N frequency is synthesised into a single
frequency spectrum . The frequency domain synthesis is performed by using three
loops in the code. The outer loop runs through the Log2N stages (i.e., each level in
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Figure 3.3, starting from the bottom and moving to the top). The middle loop moves
through each of the individual frequency spectra in the stage being worked on (i.e.,
each of the boxes on any one level in Figure 3.3). The innermost loop uses the butterfly
to compute the points in each frequency spectra (i.e., looping through the samples
inside any one box in Figure 3.3). The overhead boxes in Figure 3.9 determine the
starting and the ending indexes for the loops, as well as computing the sinusoids
required in the butterflies.

Figure 3.9. The Structure of the code performing FFT

After the discussion of how FFT is implemented in the code. Now lets discuss the eight
other features of our code to further understand the operation of it:
1. The first and starting point of the code is to use the ADC function in the
Arduino. For this analogRead(pin) function is used. This function is used to
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read analog value from specified analog pin in our case pin 23. This then
returns the digital values from 0 to 1023 as its resolution is 10bit.

2. As we discussed earlier, in our code integers are used to perform FFT. In
Arduino, Int can contain values between -32768 and 32768 and, it is a 16-bit
number. If for instanse the value of int exceeds this values there will be
overflow and a error will appear in the code. To takle this problem, a for loop
was inserted in the code which after calculation of level checks if the int value
is more then 15000 complete arrays and if this is so then it divdes them by 100
to prevent the overflowing of an array.

3. The next part in the code is for the calculation of the amplitude of the signal.
Generally, to calculate the amplitude the imaginary and the real parts are
required to be squared and then the square root of the sum is required. This
code does exactly that for magnitude calculation.
4. There is no such module for more then one peak detection in this code. Not
including the DC offset, it will just choose the value with the maximum
amplitude.

5. In the code, the following line can be seen:

unsigned int Pow2[13]={1,2,4,8,16,32,64,128,256,512,1024,2048};

We have declared the above variables as a global variable, to save around 100
milliseconds time at every execution.

6. Now lets see how the code detects peak which is the most significant part of
the code. For accurate results, once the frequency with the maximum amplitude
is found this function uses an amplitude of frequency just after it and before it
to calculate for more accurate results. If Fn is the frequency with maximum
amplitude then the beat frequency can be calculated by this formulae:
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F = (An-1 × Fn-1 + An-1 × Fn-1 + An-1 × Fn-1 ) / (An-1+ An + An+1 )

(3.15)

here An is amplitude of n the frequency and Fn-1 is frequency value.

7.

float f= Q_FFT(data,256,100);

This is the final function in the code and displays the frequency with the
maximum amplitude in KHz.

8. A for loop for 100 steps was inserted in the code for real time operation. The
Arduino performs FFT and then starts over with the new set of samples
provided by the ADC. This continues till the loop is finished.

3.6.3

Algorithim to supress the Clutters

As our experimental area was a specific lab, FFT Samples were taken without the
target for the room and for some human targets. The highest frequencies recorded were
stored in the file and were later inserted in the code to subtract from the frequencies
found after the FFT of the the actual targets. In this way identifying the peak frequency
became more effective.
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CHAPTER 4

IMPLEMANTATION OF RADAR

4.1

Basic modular radar implemantation

A configuration of two radar antennas have been used in this thesis work. And this is
mainly due to the fact that we require a greater isolation between the transmitted signal
and the received signal at the reciever. When we recieve a reflected signal, there are
noise and some other effects also with it. So a higher isolation degrades these noises
and by doing so we are able to receive a beter receiver sensitivity.
Inorder to produce a linear frequency modulated signal, commonly two hardware are
used as has also been descibed in chapter 2. These are a VCO or a PLL. In our design
VCO has been chosen due to the high cost and complexity of the PLL. It is necessary
and required to figure out the sweep range in which the most suitable linear range can
be acheived for the VCO because for a commercial VCO the frequency response
versus its tuning voltage might not be perfect enough. This then can help us to decide
on the the range of the operational frequency of our VCO in the design. After
determing the range, we can opt to operate our radar at the highest bandwith possible.
The highest possible bandwidth that can be acheived is around 500 MHz over around
4400 MHz and 4900 MHz [42] and this is illustrated in Table 4.1 and Figure 4.1. Thus
whaterver output frequency we select can vary in this range according to the input
tuning voltage we provide.
For our FMCW radar setup, the design components which were used are listed in
Table 4.1.
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Table 4.1 Equipments used in our modular FMCW setup
Equipment part

Operational Frequency

description

(MHz)

ZX60-542LN+

4400-5400

Horn Antenna (Tx & Rx)

187-862 SMA

3950-5850

Frequency Mixer

ZX05-153MH+

3200-15000

Splitter

ZX10-2-183+

1500-18000

ZX95-5400+

4300-5400

SBLP-870

DC-870

ZRON-8G+

2000-8000

Name of Equipment
Low Noise Amplifier
(LNA)

Voltage Controlled
Oscillator (VCO)
Low Pass Frequency
(LPF)
Power Amplifier

Our VCO used in our circuit can sweep between the range from 4.4 GHz to 4.9 GHz
when we tune it to a voltage from 5 V to 9V as shown in Figure 4.1.

Figure 4.1. The output frequency of VCO versus tuning voltage curve[42]
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As demonstatred in Figure. 4.2, a triangular modulated waveform is used as a tuning
voltage and is produced by arbitrary waveform generator (AWG) with a offset 7V of
a DC power supply.

Figure 4.2 Tuning voltage generation of the VCO[42]

The modulated voltage which generates a signal which is triangular in nature has been
used with a modulation frequency of 10 KHz and a sweep time (perıod) of 100 𝜇𝑠.
After the generatıon of a FMCW signal the output of the VCO is then attached to a
splitter. One of the output of the splitter is connected to a 10 dB atteuator and then to
a mixer. This will be used as a reference signal for further processing of signal. The
other output of the splitter is connected to a power amplifier inorder to expand the
range of the signal. After this the signal is transmitted by a transmitter antenna towards
the concerned target. The echo signal received back at the receiver antenna is first
amplified by a low noise amplifier then it is connected to RF part of the mixer. The IF
part of the mixer is then connected to the low pass fitler to remove the high frequency
components of the signal. The next step is to transfer the signal to the ADC and to the
arduino for performing FFT inorder to extract and display the beat frequency of the
target. The picture for modular radar circuit designed in the laboratory is shown in
Figure. 4.3.
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Figure 4.3 Modular radar circuit designed in the laboratory

4.2

Analogue to digital converter (ADC)

The TI’s (Texas instrument) TSW54J60EVM and TSW14J50 evaluation modules
have been used for ADC and to capture data from it and display the spectrum of the
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FMCW on the laptop computer. The TSW54J60EVM as shown in Figure. 4.4 is EVM
that permits us for the analysis of TI’s ADS54J60, LMH3401, LMH6401 and
LMK04828 devices. Having a JESD204B interface, the ADS54J60 is a low power 16bit ADC that has a buffered analog input and outputs. The LMH3401 and LMH6401
are both amplifiers which are able to for AC or DC coupling. The 3401 is a 16 dB
fixed gain amplifier and the 6401 is a 26 dB variable gain amplifier. While on the other
hand, the LMK04828 is used for the purpose that it provides a phase noise and a ultralow-jitter ADC sample clock.

Figure 4.4 TSW54J60EVM evaluation module

A GUI software is used for the controlling and quick configuration of ADS54J60,
LMH6401 and LMK04828. Through a high speed FMC connecter, TSW54J60EVM
connects directly to the TSW14J56EVM data capture module. When using the
TSW14J56EVM, a software called the High Speed Data Converter Pro is also
available for data capture and analysis support. The TSW54J60EVM has a high speed
FMC connector through which a TSW14J50EVM data capture hardware can be
connected. A software called High Speed Data Converter Pro can also be used for data
capture when using the TSW14J50EVM [43].
TSW14J50 EVM as shown in Figure. 4.5 is a data capture card and pattern generator
of next generation whose main function is to evaluate TI’S ADC and DAC. It can be
used with a software named HSDC Pro GUI it is able to capture and then evaluate data
samples from the ADC.

54

Figure 4.5 TSW14J50 evaluation module

In this thesis this ADC has been used after the LPF to replace the spectrum analyzer
and display the spectrum in the PC. Also after setting the sampling frequency through
the GUI, the TSW14J50 EVM performs FFT to capture the peak frequency and display
it the monitor. Figure. 4.5 shows the spectrum as displayed by the EVM of the target
at 1.2 meter distance from the antennas as compared to the spectrum analyser. It is
very important to note that in this thesis these EVM is only used to compare the
captured beat frequency with the Arduino output. As the Arduino has its own 10 bit
ADC, the Analogue output from the LPF is directly connected to the it.
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Figure. 4.6 Observed spectrum from TI ADC evaluation module and the spectrum
analyzer when the target is at a range of 1.2 Meter.
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4.3

Extracting beat freqeuncy for indoor targets in real time using a low cost

hardware.

The final and the most critical part of the thesis is to use a low cost hardware which is
readily available in the market to be used in indoors for extracting and displaying the
targets range in real time. Arduino UNO was selected as our experimental hardware
for this implementation.
Arduino Uno is a microprocessor which is build for a 8-bit ATmega328P
microprocesser. Aside of ATmega328P, the arduino also consists of a crystal
oscillator, voltage regulator, serial communicatiıon and other components to support
it. It has 14 digital input/output pins from which six pins can be used for pulse width
modualtion output, six analog input pins, an ICSP header, a slot for USB, a 9v power
jack and a built in reset button.
As discussed , the Arduino Uno has 6 pins that can be used as ADC channels to read
analogue signals in the range of 0-5V. Also, arduino has a 10 bit ADC which means
that it will provide a digital value in the range from 0 – 1023 (2^10). This is termed as
the resolution and it simply means the number of discrete values it can create over the
range. In our thesis, pin 23 is used to input signal from the ADC. After having time
domain samples the arduino then performs the FFT (already described briefly in
chapter 3) and displays the range and the beat frequency in the LED screen. Figure.
4.8 shows the output of the hardware designed and used in displaying beat frequency
and range of the concerned target.
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Figure 4.8 The output of the Arduino
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CHAPTER 5

MEASUREMENTS OF RANGE

In the radar and communication labaratory of Atılım university different experiments
were conducted at different scenarios to find the range of the target.

The

implementation of the FMCW radar setup is already mentioned in the previous
chapter. Table 5.1 shows the specification of our proposed FMCW radar setup. Each
receiver and transmitter antennas has 14 dBi gain at 4.6 GHz. The targets used in the
operation of the FMCW radar was a 1.80 Meter human body and a 1m2 flat aluminium
plate. The targets are placed at every 2 meter distance till a distance of 10 meter. Offset
frequency is taken into account every time the beat frequency is measured at a
particular distance.

Table 5.1- Specification of our proposed FMCW radar

Frequency

4.4 – 4.9GHz

Antennas

C-Band Horn Antenna

Target Range

2 – 10 m (2m step)

Cables (coax cable)

RG 58

Sweep type

Triangular

Range Resolution

0.29m

Target

1 m2 Aluminum and 1.80m human

Bandwidth

525MHz in C-Band

Sweep time

100us
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The time delay occurs during the traveling of the signals in space. In the cables,
transmitter and receiver antennas, power amplifier and low noise amplifier additional
time delays also called measurement instruments delay (MID) are expected. These
time delays cause errors in the range of the target as shown in Figure. 5.1. The
measured beat frequency will now have an offset with respect to the real beat
frequency and can also be given by:

fmu = fb + foffset

(5.1)

Figure 5.1. The relationship between transmit, desired and measured receive signals
[44].
Now if we consider the individual time delay of all the components of our radar, the
instrument time delay can be illustrated as:

𝜏𝐼𝐷 = 𝜏𝐿1 + 𝜏𝑃𝐴 + 𝜏𝐿2 + 𝜏𝑇𝑥 + 𝜏𝑅𝑥 + 𝜏𝐿3 + 𝜏𝐿𝑁A
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(5.2)

Here, 𝜏𝐼𝐷 is the total time delay and the rest are the time delay of all components
including cables also. Now the overall offset frequency can be written as:

𝑓𝑜𝑓𝑓𝑠𝑒𝑡 = 2 𝜏𝐼𝐷𝐵 / 𝑇𝑚

(5.3)

While on the other hand, the time delay caused by the cables can be found out by using
the velocity factor give in the datasheet or through a time domain reflectometer. Now
as we know the length of our cables, the offset frequency of the cable can be found by:

𝑓𝑐𝑜 = 2𝐵𝐿 / 𝑣𝑝𝑇m

(5.4)

So our first stage was to measure the offset frequency. After connecting the output
from the LPF to the spectrum analyzer directly we get a spectrum with a peak
frequency of 120 KHz as shown in Figure. 5.2.

Figure 5.2 Measured offset frequency
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However, the ideal offset frequency should be a bit more then 120 KHz. This is
because, if we calculate the cables offset frequency from the Eqn 5.4 we get 102 KHz
taking Vp of 66% and L as 1.93 m. So we come to the fact that the real value is slighty
higher. Nevertheless, we will assume the 𝑓𝑜𝑓𝑓𝑠𝑒t of 120 KHz and subtract this value
with our measured beat frequency to get the actual beat frequency [44].
Now lets proceed to the measurements part. Experiments will be done for four different
scenerios in the labaratory.

5.1

Measurements of range of a 1m2 flat aluminium plate

In the first part we have used a 1m2 flat aluminium plate as our target and placed it at
a range of 2m to 10m at 2m steps. Then the arduino output reading is observed. In this
scenario the target is placed with no clutters. Table 5.2 shows the results of this
scenario. Figure 5.3 shows the pictural demonstration of this scenario.

Table 5.2 Measurements for scenario 1

S.No

Actual Range(m)

Measured Range(m)

Error(m)

1

2

2.19

0.19

2

4

4.28

0.28

3

6

6.31

0.31

4

8

8.14

0.14

5

10

10.24

0.24

The mean error (m)

0.232

The Standard deviation of the error (m)

0.068

62

Figure 5.3 Demonstartion of scenario 1 in the labaratory

Figure 5.4 Plot of actual range vs measured range for scenario 1
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5.2

Measurements of range of a 1m2 flat aluminium plate with clutters

In the second part we have used a 1m2 flat aluminium plate as our target and placed it
at a range of 2m to 10m at 2m steps. Then the arduino output reading is observed. In
this scenario the target is placed with clutters of human body with it. Table 5.3 shows
the results of this scenario. Figure 5.5 shows the pictural demonstration of this
scenario.

Table 5.3 Measurements for scenario 2

S.No

Actual Range(m)

Measured Range(m)

Error(m)

1

2

2.25

0.25

2

4

4.18

0.18

3

6

6.32

0.32

4

8

8.19

0.19

5

10

10.28

0.28

The mean error (m)

0.244

The Standard deviation of the error (m)

0.0594
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Figure 5.5 Demonstartion of scenario 2 in the labaratory

Figure 5.6 Plot of actual range vs measured range for scenario 2
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5.3

Measurements of range of a 1.8 m human without any clutters

In the third part we have used a 1.8 m human as our target and placed it at a range of
2m to 10m at 2m steps. Then the arduino output reading is observed. In this scenario
the target is placed without any clutter. Table 5.4 shows the results of this scenario.
Figure 5.7 shows the pictural demonstration of this scenario.

Table 5.4 Measurements for scenario 3

S.No

Actual Range(m)

Measured Range(m)

Error(m)

1

2

2.21

0.21

2

4

4.26

0.26

3

6

6.27

0.27

4

8

8.25

0.25

5

10

10.38

0.38

The mean error (m)

0.274

The Standard deviation of the error (m)

0.0635
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Figure 5.7 Demonstartion of scenario 3 in the labaratory

Figure 5.8 Plot of actual range vs measured range for scenario 3
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5.4

Measurements of range of a 1.8 m human with clutters

In the final part we have used a 1.8 m human as our target and placed it at a range of
2m to 10m at 2m steps. Then the arduino output reading is observed. In this scenario
the target is placed around clutters of another human body with it. Table 5.5 shows the
results of this scenario. Figure 5.9 shows the pictural demonstration of this scenario:

Table 5.5 Measurements for scenario 4
S.No Actual Range(m)

Measured Range(m)

Error(m)

1

2

2.28

0.28

2

4

4.34

0.34

3

6

6.23

0.23

4

8

8.17

0.17

5

10

10.47

0.47

The mean error (m)

0.298

The Standard deviation of the error (m)

0.115
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Figure 5.9 Demonstartion of scenario 4 in the labaratory

Figure 5.10 Plot of actual range vs measured range for scenario 4
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Figure. 5.11 shows the results of the actual range as compared to the range measured
at four different scenarios.

Figure 5.11 : Comparision of Actual range with the 4 scenarios
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CHAPTER 6

CONCLUSION

The design and development of a modular FMCW radar which operates at C band is
debated in this thesis. Furthermore, for the accurate measurement of range and to
improve the range resolution of a target an algorithim has been developed. The
accurate capturing of the beat frequency after the output of the LPF will result in a
better range accuracy. Inorder to extract the peak frequency of the target accurately an
algorithim which performs FFT was developed in Arduino UNO.
The range resolution is also very important in finding the range of the target. Range
resolution is the ability of radar system to discrimitate between two or more targets on
the same bearing but at different ranges. Increasing the bandwidth increases the range
resolution of the Radar. The region which is linear of the VCO is very important for
enhancing the the range resolution of the radar. For this reason a VCO with a
bandwidth of more then 500 MHz was selected after careful inspection. All other
components like the mixer, LNA , PA etc.. was selected in accordance with the
operational band of VCO.
After the implementation was done of the Radar, measurements were taken in
labaratory in different scenarios. The mean error from all the different experiments
were 26.2 cm and average standard deviation was 7.65 cm. These results shows that
our Radar is very effective in finding the range of the target.
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APPENDIX A

DIFFERENT FREQUENCY BANDS OF RADAR

Table A.1 Different Frequency Bands of Radar
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APPENDIX B

The Code for Arduino

/*
//example data
int data[256]={};
*/
void setup()
{
Serial.begin(2500);

}
void loop() {
/*
float fft=code(data,256,100);
Serial.println(fft);
delay(1000000);
*/
}
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//-----------------------------FFT starts from here---------------------------------------------//

float code(int in[],int N,float Frequency)
{

unsigned int Pow2[12]={1,2,4,8,16,32,64,128,256,512,1024}; // declaring this as
global array will save 1-2 ms of time

int m,n,o,p,q;
byte check=0;
m=N;

for(int s=0;i<11;s++)

// stage for levels calculation

{ if(Pow2[s]<=m){p=s;} }

int real_output[Pow2[p]]={}; // part of the transform which is real
int imaginary_output[Pow2[p]]={}; // part of the transform which is imaginory

q=0;
for(int r=0;r<p;r++)

// reversal of bit
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{
n=Pow2[r];
o=Pow2[p]/(n+n);
for(int j=0;j<n;j++)
{
q=q+1;
imaginary_output [q]= imaginary_output [j]+p;
}
}

for(int s=0;s<Pow2[p];s++)

// as per the order of bit reverse this will

update the input array
{
real_output [s]=in[imaginary_output [s]];
imaginary_output [s]=0;
}

int s10,s11,z1,zr,zi;
float u;
int v,w;
for(int w=0;w<o;w++)

//fast fourier transform
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{
s10=Pow2[w];

// all the values of sine and cosine

s11=Pow2[p]/Pow2[w+1];

// a loop with a similar sine and cosine

u=360/Pow2[w+1];
u=0-u;
z1=0;

for(int x=0;x<s10;x++)
{
v=u*j;
while(v<0){v=v+360;}
while(v>360){v=v-360;}

z1=x;

for(int k=0;k<s11;k++)
{

if(v==0) { zr= real_output s10+z1];
zi= imaginary_output [s10+z1];}
else if(v==90){ zr= - imaginary_output [s10+z1];
zi= real_output [s10+z1];}
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else if(v==180){zr=- real_output [s10+z1];
zi=- imaginary_output [s10+z1];}
else if(v==270){zr= imaginary_output [s10+z1];
zi=- real_output [s10+z1];}
else if(v==360){zr= real_output [s10+z1];
zi= imaginary_output [s10+z1];}
else if(v>0 && v<90) {tr= real_output [s10+z1]- imaginary_output [s10+z1];
zi= imaginary_output [s10+z1]+ real_output [s10+z1];}
else if(v>90 && v<180) {tr=- real_output [s10+z1]- imaginary_output [s10+z1];
zi=- imaginary_output [s10+z1]+ real_output [s10+z1];}
else if(v>180 && v<270) {zr=- real_output [s10+z1]+ imaginary_output [s10+z1];
zi=- imaginary_output [s10+z1]- real_output [s10+z1];}
else if(v>270 && v<360) {tr= real_output [s10+z1]+ imaginary_output [s10+z1];
zi= imaginary_output [s10+z1]- real_output [s10+z1];}

real_output [z1+s10]= real_output [z1]-tr;
real_output [z1]= real_output [z1]+tr;
if(real_output [z1]>15000 || real_output [z1]<-15000){check=1;}

imaginary_output [z1+s10]= imaginary_output [z1]-ti;
imaginary_output [z1]= imaginary_output [z1]+ti;
if(imaginary_output [z1]>15000 || imaginary_output [z1
81

15000){check=1;}

z1=z1+s10+s10;
}
}

if(check==1){

// if value is greater than 15000 the

matrics will be scaled to avoid variable from overloading
for(int w=0;s<Pow2[o];w++)
{
real_output [w]= real_output [w]/100;
imaginary_output [w]= imaginary_output [w]/100;
}
check=0;
}

}

/*
for(int w=0;s<Pow2[o];w++)
{
Serial.print(real_output [w]);
Serial.print("\t");

// raw output can be printed if uncommented
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Serial.print(imaginary_output [w]); Serial.println("w");
}
*/

//---> from here forward real_output contains amplitude and imaginary_output
conntains frequency (Hz)
int fout,fm,fstp;
float fstep;
fstep=Frequency/N;
fstp=fstep;
fout=0;fm=0;

for(int w=1;w<Pow2[o-1];w++)

// From a compex number a amplitde is

getten.
{
if((real_output [w]>=0) && (imaginary_output [w]>=0)){ real_output [w]=
real_output [w]+ imaginary_output [w];}
else if((real_output [w]<=0) && (out_im[w]<=0)){ real_output [w]=- real_output
[w]- imaginary_output [w];}
else if((real_output [w]>=0) && (imaginary_output [w]<=0)){ real_output [w]=
real_output [w]- imaginary_output [w];}
else if((real_output [w]<=0) && (imaginary_output [w]>=0)){ real_output [w]=real_output [w]+ imaginary_output [w];}
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// to find peak sum of mod of real and imaginery part are considered to increase
speed

imaginary_output [s]= imaginary_output [s-1]+fstp;
if (fout< real_output [w]){fm=s; fout= real_output [w];}
/*
Serial.print(imaginary_output [w]);Serial.print("Hz");
Serial.print("\t");

// frequency bin can be printed if

uncommented
Serial.println(real_output [w]);
*/
}

float fa,fb,fc;
fa= real_output [fm-1];
fb= real_output fm];
fc= real_output [fm+1];
fstep=(fa*(fm-1)+fb*fm+fc*(fm+1))/(fa+fb+fc);
return(fstep*Frequency/N);
}
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