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Abstract 
 

 

In order to develop more economical and ecologically friendly transformers it is 

necessary to know the losses throughout the product development process. There are 

several losses related to transformers, but in this particular case the focus will be on the 

resistive loss of the transformer. In order to measure this loss first the resonant 

frequency of the transformer is determined. Since at resonance the secondary side of the 

transformer is considered to be purely resistive. The aim of this paper is to design and 

build a closed loop measurement system that is able to perform this task. 
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1. Introduction 
 

Transformers play an important role in our life, although most people are not 

aware of this fact. The electric energy consumption of humanity is continuously 

increasing year by year. To meet this demand we need to produce and distribute the 

electricity. Transformers are essential in the electrical grid that is distributing the 

produced electric energy. Without transformers our electrical grid would not be able to 

scale up to meet the growing demand. Transformers convert voltages at several points 

in a power distribution system. This is illustrated with the following image: 

 

 
Figure 1.1: Electric power distribution[1] 

(Published with the permission of OpenStax College) 

 

A power generator usually operates in the 10-20 kV range, while the high voltage 

transmission is normally done above 200 kV[2]. The AC voltage conversion is one of the 

key applications of transformers. During the transmission the electrical energy travels 

long distances through wires until it reaches a substation. At this point the voltage is 

reduced with the help of a transformer to about 13 kV, so it can travel on smaller 

transmission lines. Finally the electricity is distributed where it will be used, and it is 

further stepped down to 230 V. The involvement of transformers can be easily noticed 

throughout the transmission process, and it gives an indication how important they are. 

The transmission of electricity comes with losses, the longer the distance, the 

bigger the losses can be. In reality even the voltage conversion done by the transformers 

have relevant losses. If the efficiency of a transformer is low, then it requires more input 

power to overcome greater losses. This is costly and it affects our environment too, 

because it causes more emissions of CO2, which is contributing to the greenhouse 

effect. Fortunately transformers are one of the most efficient electronic devices with an 
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efficiency above 90 percent. Still a small reduction in losses can result in significant 

energy savings, because the number of transformers used in power systems is very high. 

This is the reason why the manufacturers of high power transformers are continuously 

working on to develop transformers that are more economical, and also more 

ecologically friendly. 

We are proud to work with Alstom, a company that is manufacturing power 

transformers for more than 100 years. For Alstom to build a reliable transformer, it is 

necessary to know the losses throughout the product development process, so they can 

be minimized. There are several losses that can be measured, and in this particular case 

Alstom is interested in the total resistive loss of their transformers. So far the company 

performed these measurements manually to obtain this loss, and they decided to 

automatize the measurement process. In cooperation with Alstom, the aim is to design 

and build a closed loop measurement system that is able to do this task. 

 

“If you want to find the secrets of the universe, think in terms of energy, frequency, and 

vibration.” - Nikola Tesla 
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2. About Alstom 
 

This chapter is based on several sources. The main source is the official website 

of Alstom. Moreover several articles are used as supplemental materials in order to give 

a more complete picture of the company’s history. 

Alstom is a French multinational company which holds interests in several fields 

including thermal power, renewable power, transportation, and electrical grid. The 

company has approximately 96000 employees in more than 100 countries. The 

headquarter is located in Levallois-Perret, west of Paris. In 2014-2015 Alstom had an 

annual sales of 6.2 billion euros, and they registered orders of 10 billion euros. The 

CEO of the company is Patrick Kron since 2003.[3] 

 

 

2.1 History 

 

The company was founded in 1928 as Alsthom from the merger of French heavy 

engineering interests of the Thomson-Houston Electric Company with the first factory 

in Belfort. In 1932, Alsthom entered the transportation market by acquiring 

Constructions Electriques de France, a manufacturer of electric locomotives as well as 

electrical and hydraulic equipment. Compagnie Générale d'Electricité (CGE) became 

the majority shareholder of the company in 1969. The corporation became Alstom 

Atlantique after merging with Chantiers de l'Atlantique in 1976. Thus the company was 

expanded with a shipbuilding division. The following year a generator set was 

constructed with an output of 1500 MW, setting a world record. Alsthom delivered its 

first high-speed train (TGV) in 1978. Three years later the TGV set a new world rail 

speed record with 380 kilometers per hour. In 1985, Alsthom Atlantique changed its 

name back to Alsthom. Between 1988 and 1989, Alsthom acquired the hydro turbine, 

nuclear industry electronics, transportation, and automation divisions from the 

dissolution of Belgian electrical engineering company ACEC.[4][5] 

In 1989, the GEC-Alsthom joint venture was formed by merging with the power 

system division of General Electric Company (GEC) with the intent to export outside 

France. GEC-Alsthom acquired the rail vehicle manufacturer Linke-Hofmann-Busch 

(LHB) in 1994. One year later the company acquired the remaining shares of the steam 
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turbine manufacturer, MAN Energie. In early 1998, GEC-Alsthom bought the Italian 

rail signaling firm Sasib Railway, which included the former General Railway Signal in 

the USA.[4][5] 

In June 1998, GEC-Alsthom was listed on the Paris Stock Exchange, and the 

company name was changed to Alstom. In 1999, the company merged with the power 

generation system division of ABB to form the joint venture known as ABB-Alstom 

Power. The next year, it bought out the share of ABB in ABB-Alstom Power. Later the 

same year, Alstom sold its diesel engine divisions to MAN Group. In April 2003, 

Alstom sold its industrial turbine division to Siemens. At this time Alstom was facing a 

financial crisis. In September 2003, the European Commission approved a rescue plan 

involving the French state. Alstom was forced to sell several of its subsidiaries, 

including its shipbuilding and electrical transmission assets. In June 2006, the Bouygues 

Group acquired the French government's shares. In June 2007, Alstom managed to 

expand with a new division by acquiring the Spanish wind turbine manufacturer called 

Ecotècnia. In 2010, Alstom re-acquired the electric grid division from Areva, which had 

previously been sold in 2004. After this Alstom established a wind turbine assembly 

facility, a turbine manufacturing facility, and a new hydropower manufacturing facility. 

These investments underlined Alstom's clean power strategy, focused on offering a 

wide range of power generation possibilities.[4][6][7] 

On 24 April 2014, General Electric (GE) was in talks to acquire Alstom, and 

claimed the deal had the support of the Bouygues Group. On 27 April, an alternative 

offer had been made by Siemens. Although many analysts and investors believed that 

the Siemens offer looked like a defensive move to stop the expansion of GE in Europe. 

On 19 June, GE revised its bid, which proposed to form a 50-50 joint venture 

combining GE's and Alstom's renewable power and electric grid divisions, and a 50-50 

joint venture in Alstom's steam turbine and nuclear power sector with the French 

government holding a preferred share. One day later, Siemens and Mitsubishi Heavy 

Industries (MHI) submitted a competing proposal in which Siemens would acquire 

Alstom's gas turbine activities, and MHI would form joint ventures with Alstom, 

acquiring 40 % stake in Alstom's steam and nuclear power, electrical grid, and 

hydroelectric divisions. French economy minister, Arnaud Montebourg stated that the 

French government was supporting the GE offer, and had given GE additional 

specifications regarding commitments and guarantees. The next day the Alstom board 
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had a meeting, and they accepted the revised bid of GE. The acquisition deal is expected 

to be finalized by the end of 2015.[4][8][9] 

 

 

2.2 Activities and products 

 

The following figure represents the main activities of the company: 

 
Figure 2.1: Alstom organization[3] 

 

According to Figure 2.1, the four main divisions of the company are: transport, thermal 

power, renewable power, and electrical grid. Each of these divisions have their own 

presidents. In 2014, the thermal power sector had about 43 % share of the total sales 

with 8.8 billion euros, while renewable power had 9 % with 1.8 billion. On the other 

hand the transport division had the second greatest sales with 5.9 billion euros resulting 

in a share of 29 %. The electric grid division had also a remarkable 19 % share of the 

total sales with 3.8 billion euros.[3] 

 The transport division is called Alstom Transport, which develops and markets a 

complete range of systems and equipment in the railway industry. It is one of the 

world's largest manufacturers of high-speed trains, tramways, metros, electrical and 

diesel trains, traction systems, power supply systems, and railway signalling equipment. 

Alstom Transport is also present in the rail infrastructure market, designing, producing 

and installing infrastructure for the rail network. This covers information solutions, 

electrification, communication systems, track laying, station utilities, as well as 

workshops and depots. With a dedication to sustainable mobility, Alstom Transport is 
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the only constructor in the industry covering everything from rolling stock and 

maintenance to signalling and infrastructure.[3][4] 

The thermal power and renewable power divisions are collectively called 

Alstom Power. This sector designs, manufactures and supplies a wide range of products 

and systems in the power generation industry for coal, oil, and gas power plants. It also 

supplies renewable power solutions such as biomass, geothermal, hydro, solar, and wind 

for power generation, as well as conventional islands for nuclear power plants. Each of 

these fields have their own related products.[3] 

In spite of the increased focus on renewable energy sources, thermal power plants 

continue to dominate the electricity production. This is the reason why Alstom is 

determined to minimize the emissions and fuel costs that comes with electricity 

generation. Coal and oil power generation consists of the following products: coal and 

oil power plants, boilers, steam turbines, turbo generators, air quality control systems, 

power mills, heat exchangers, and pumps. On the other hand gas power has its own 

technology related products: gas power plants, gas turbines, turbo generators, heat 

recovery steam generators, heat exchangers, and pumps. The following products are 

offered for geothermal power generation: geothermal power plants, and steam turbines. 

The same technology related products are offered for biomass as well. The hydro power 

products are the following: hydro power plants, hydro turbines, hydro generators, and 

hydro-mechanical equipment. On the other hand the solar power related products 

consist of: solar power plants, steam turbines, and turbo generators. For wind power the 

following products are offered: wind turbine platforms, and wind turbines. Besides the 

above mentioned products, automation and control systems are offered for all of these 

fields.[3] 

The third business section is based on power transmission that was formed in 

2010, and it is called Alstom Grid. This section designs, manufactures, installs and 

services the power transmission and distribution products and systems. Alstom Grid 

manufactures equipment for the entire chain of electrical power transmission, including 

high voltage transmission lines (both AC and DC), switchgears for air-insulated 

substations or gas-insulated substations, instrument transformers, power transformers, 

circuit breakers, disconnectors, and substation automation and control systems. The 

division has a global market share of roughly 10 %.[3][4] 
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3. Basics of electromagnetism 

 

In order to understand how a transformer works, first the basics of 

electromagnetism needs to be introduced, which starts with Ampere’s circuital law. This 

law determines the magnetic field associated with a given current, or the current 

associated with a given magnetic field, provided that the electric field does not change 

with time.[10] This means that a constant current flowing through a conductor creates a 

static magnetic field around it. This effect is illustrated with the help of Figure 3.1: 

 

 
Figure 3.1: Magnetic field of a wire[10] 

 

As shown in Figure 3.1, the current (I) is flowing from the higher potential (positive) to 

the lower potential (negative). This current flow creates a magnetic field (B) with a 

certain direction. To determine the direction of a magnetic field associated with a given 

current, the right-hand rule is used. According to this rule if the thumb of the right hand 

points in the direction of the current, then the fingers point in the direction of the 

magnetic lines of flux. The magnetic field strength produced by a current-carrying 

straight wire is found to be:[1] 

 

Where I is the current, r is the distance from the wire, and the constant μo is the 

permeability of free space. This phenomena can be exploited to construct an 

electromagnet for example, where the wire is coiled. 
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The change in the magnetic field is shown in the following figure: 

 

 
Figure 3.2: Magnetic field of a solenoid[10] 

 

Basically a solenoid is a coil of wire. According to Figure 3.2, the current is flowing in 

a circular loop from Iin (●) to Iout (x), which gives the direction of the magnetic field. 

Note that the magnetic fields from the individual turns add together in the center. On the 

other hand the magnetic field outside the coils is almost zero. The magnetic field 

strength inside a solenoid is the following: 

 

Where N is the number of turns, and l is the length. A simple way to obtain a stronger 

magnetic field is to increase the number of turns, while keeping the length of the coil as 

short as possible.[1] 

 Faraday hypothesized that if a current creates a magnetic field, then a magnetic 

field should also create a current in the wire. Based on his experiments he concluded 

that there is an induced current when there is a change in the magnetic field. Either the 

magnitude of the magnetic field should change, or the direction of the magnetic field. 

This relationship is expressed in the following formula, where theta is called the 

magnetic flux:[11] 

 

Where B is the magnetic field strength over an area A, and θ is the angle between the 

magnetic field lines and the normal to the surface. Any change in the magnetic flux 

induces a voltage called electromotive force (emf). The process is called 

electromagnetic induction. The electromotive force induced in a coil of N turns is given 

by: 
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This relationship is known as Faraday’s law of induction. The magnetic flux changing 

in time induces a voltage proportional to the rate of change of the magnetic flux. An 

alternating current flowing through a coil creates an alternating magnetic field inside it. 

This induces a voltage across the coil that opposes the driving current. This voltage 

creates an induced current, and an induced magnetic field that oppose any change to the 

magnetic flux, hence the negative sign.[11] 
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4. Transformer 
 

 
Figure 4.1: Simple two coil transformer[1] 

(Published with the permission of OpenStax College) 

 

A transformer consists of two or more mutually coupled windings around a core. 

The transformer operates based on Faraday’s law of induction. An alternating voltage 

source is connected to one of the windings, which is usually the primary winding. The 

alternating current creates a magnetic field around the primary coil that changes with 

time, see Figure 4.1. This magnetic field induces a current in the secondary winding that 

is closely placed to the primary coil. Basically the two windings are coupled by a 

mutual magnetic field. Normally, the windings are wound on a core of magnetic 

material without an air gap to obtain high magnetic flux levels. Note that a DC source is 

able to supply a constant current that creates a constant magnetic field, in such a case 

there would be no current induced in the secondary coil. [1][2][12] 
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4.1 Ideal transformer 

 

 The ideal transformer shown in Figure 4.2 consists of two coils. The primary 

coil has N1 turns and it is connected to an AC voltage source. The secondary coil has N2 

turns, and it is terminated in an open circuit. 

 

 
Figure 4.2: Ideal transformer model 

 

The phase dots denote the winding direction of the transformer. In this case the phase 

dots are facing each other, indicating that the voltages are in phase. If the phase dot on 

the secondary coil would be located on the bottom, then the polarity of voltage v2 would 

be the opposite. The core of the ideal transformer is assumed to have an infinite 

permeability, and the magnetic flux is restrained within the core. In the ideal case the 

coupling between the windings suffers no losses. The magnetic flux and the primary 

voltage V1 are related by Faraday’s law of induction: 

 

A similar equation can be written for the secondary side: 

 

The combination of the previous two equations gives: 

 

The left side of the equation is known as the voltage ratio, while the right hand side is 

referred to as the turns ratio. The latter is also notated as N1:N2. 
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Based on the turns ratio transformers can be categorized in the following way: 

 Step-up transformer, if N1:N2 < 1 

 Step-down transformer, if N1:N2 > 1 

 Full transformer, if N1:N2 = 1 

A step-up transformer has a low primary side voltage and a higher secondary side 

voltage, while the step-down transformer is exactly the opposite case. As the equal 

number of turns indicates the full transformer has equal primary and secondary side 

voltages in the ideal case.[1] 

The input voltage is sinusoidal, so the magnetic flux should be sinusoidal as well. As 

the magnetic flux is a sinusoid that has a certain frequency (f), we can write: 

 

Where Φmax is the amplitude of the magnetic flux, and t is time. After substituting back 

to equation 4.1, the differentiation is performed: 

 

It can be easily seen that the maximum amplitude of the primary voltage is: 

 

 

Basically what the last equation says is that the peak magnetic flux is proportional to the 

applied voltage, and inversely proportional to the frequency and the number of turns in 

the primary of the transformer. In order to keep the magnetic flux density at a 

reasonable level, the frequency and the number of turns need to be high enough. In case 

of a 50 Hz transformer only the number of turns can be increased, which increases the 

total size of the transformer as well. This results in that lower frequency transformers 

are larger compared to the ones operating at high frequencies. This is a fundamental 

principle of transformer operation.[2] 

 

 
Figure 4.3: Ideal transformer model with load 
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 The previous model is extended with a load impedance that is connected to the 

secondary side, see Figure 4.3. As the losses are neglected, the input power and the 

output power are equal, which leads to the following equation: 

 

By combining equation 4.3 and 4.8, a new proportionality can be found: 

 

The left side of the equation is called the current ratio. Note that the current ratio is the 

reciprocal of the voltage ratio. Based on this a desired voltage or current ratio can be 

obtained by adjusting the turns ratio of the transformer.[1] 

By using Ohm’s law on the secondary side, and combining Equation 4.3 and 4.9, the 

following equations can be obtained: 

 

 

By substituting the first part of the equation into the second we get: 

 

The result indicates that the load impedance located on the secondary side can be 

transferred to the primary side. The prime sign can be interpreted as seen from the 

primary side. So the obtained equation means that the secondary impedance seen from 

the primary side is equal to the secondary impedance itself multiplied by the second 

power of the turns ratio. Similarly if an impedance z1 is located on the primary side and 

it is transferred to the secondary side, then we can write: 

 

In this case the double prime sign can be interpreted as seen from the secondary side. 

The equation means that the primary impedance seen from the secondary side is equal 

to the primary impedance itself multiplied by the second power of the reciprocal turns 

ratio.[12] 
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4.2 Practical transformer 

 

 An ideal transformer has an efficiency of 100 %. This means that the power 

supplied at the input terminal should be equal to the power supplied at the output 

terminal. In reality the output power of a transformer is never equal to the input power 

due to a number of electrical losses. A physical transformer encounters losses in the 

windings and in the core as well. This can be modeled by adding further components to 

the circuit. The practical model of a transformer is illustrated below: 

 

 
Figure 4.4: Practical transformer model with load 

 

The two vertical lines between the coils represent the core of the transformer. The core 

is usually soft iron or ferrite, because these materials easily get magnetized and 

demagnetized. Note that in the ideal model the series components are considered to be 

zero, equivalent to a short circuit. Furthermore the parallel elements are assumed to be 

infinite, equivalent to an open circuit. 

The series resistance components R1 and R2 model the voltage drop across the 

primary and secondary windings respectively. This effect is also known as copper loss. 

This loss occurs in the winding when heat is dissipated due to the current passing 

through the winding and the internal resistance of the winding. For this model the total 

copper loss can be written as: 

 

It is easy to see that the copper loss is proportional to the square of the current. It is also 

clear that the amount of current depends on the load. This results in that the copper loss 

varies with the load.[2][12] 
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Magnetic flux through a ferromagnetic material must be motivated by some 

force in order to occur. This motivating force is called magnetomotive force (mmf). 

Magnetomotive force is analogous to electromotive force, since it is the cause of 

magnetic flux in a magnetic circuit. The net mmf of the transformer is the following: 

 

Where Φ is the magnetic flux, and  is the reluctance of the transformer core. Magnetic 

reluctance is analogous to resistance in an electrical circuit, but instead of dissipating 

electric energy it stores magnetic energy. Previously it was mentioned that the core of 

an ideal transformer has infinite permeability. However in reality there is a finite 

permeability and there is an inductance associated with it. This is called the magnetizing 

inductance (Lm). In addition to the current drawn by the secondary load, there is also a 

core exciting current. This current flows in the primary whether a load is connected to 

the secondary or not. It is drawn by the primary magnetizing inductance (Lm) and the 

core loss resistance (Rc). Hence the excitation current has two components: the 

magnetizing current (im), and the core loss current (ic).[2] 

The core loss includes eddy current and hysteresis losses. The eddy current loss is 

present due to the circulating current in the core laminations. Hysteresis loss is the 

power required to magnetize the core in one direction and then in the other during the 

alternating half-cycles. Hysteresis loss and magnetization are closely related to each 

other. This can be seen in Figure 4.5: 

 

 
Figure 4.5: Transformer voltage, magnetic flux, and magnetizing current[13] 
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The top waveform is the primary induced voltage (V1), which is plotted against time. In 

the middle the magnetic flux (Φ) is depicted against time. The magnetic flux is also 

plotted against the magnetizing current in the hysteresis loop at the right. The bottom 

waveform represents the magnetization current, which is a projection of the magnetic 

flux using the hysteresis curve. Note that the primary voltage leads the magnetic flux in 

the core by 90o. On the other hand the magnetizing current and the magnetic flux are in 

phase as expected, because the magnetomotive force is the product of magnetic flux and 

reluctance. Although the core loss current (ic) is not present on the diagram, but it would 

be in phase with the primary induced voltage, because it is going through a purely 

resistive component. Ideally the waveform of the magnetizing current should be 

sinusoidal. As the magnetic flux approaches saturation, the magnetizing current 

becomes more distorted. When a ferromagnetic material is close to saturation, 

disproportionate amount of magnetomotive force is required to deliver an equal increase 

in magnetic flux. This huge demand of mmf results in a rapid increase of current. Thus 

the magnetizing current increases dramatically at the peaks in order to maintain a 

magnetic flux waveform that is not distorted refer to the diagram. The distortion can be 

minimized if the transformer is designed for operating at low magnetic flux 

density.[2][12][13] 
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The series inductance components L1 and L2 represent the primary and 

secondary leakage inductance respectively. This is caused by the imperfect magnetic 

coupling between the windings. The following figure illustrates the problem: 

 

 
Figure 4.6: Primary leakage inductance of a transformer[2] 

(Published with the permission of W. G. Hurley) 

 

In Figure 4.6, coil 1 is driven with an alternating current i1, and coil 2 is terminated in 

an open circuit. This results in a magnetic field represented by the magnetic flux lines 

on the diagram. Most of the magnetic flux connects the two coils, so it is called mutual 

magnetic flux. This is illustrated with dotted lines. The remaining magnetic flux is not 

linked to the secondary, hence it is called leakage flux. This is denoted with solid lines. 

The total leakage flux is the sum of the primary and the secondary leakage caused by L1 

and L2.[2] 
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5. Resonant circuits 
 

 An electric resonant circuit is analogous to a tuning fork, because it has a high 

amplitude response at a certain frequency. This frequency is called the resonant or 

natural frequency. Electric resonant circuits consist of resistors, inductors, and 

capacitors. Hence they are called RLC circuits, but they are also known as tank circuits, 

because of the energy storing components. A capacitor stores energy in an electric field 

between two plates separated by an insulator. On the other hand an inductor stores 

energy in the form of a magnetic field. 

In order to understand how a resonant circuit works, it is better to start without 

any power source. The following circuit diagram consists of only the RLC components: 

 

 
Figure 5.1: Series RLC circuit without power source 

 

Let’s assume that in the beginning the capacitor is already charged, while the inductor is 

discharged when the switch is flipped. As soon as the switch is closed there is a loop for 

the current to circulate, and the capacitor starts to discharge. The charges travel through 

the inductor and resistor to the other plate of the capacitor. During this process a 

magnetic field starts to build up in the inductor. This magnetic field is proportional to 

the current that is flowing in the circuit. When the charge of both capacitor plates is 

zero, then the inductor takes over the process. At this point the inductor has already 

stored the energy in the form of a magnetic field that opposes any change. After this the 

magnetic field fades away inducing a current that recharges the capacitor, and the whole 

cycle restarts again. This goes on until all the energy in the circuit is fully dissipated by 

the resistor and the internal resistance of the other components. Henceforth a series and 

a parallel RLC circuit is analyzed in more detail. 
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5.1 Series resonance 

 

 
Figure 5.2: Series RLC circuit 

 

In this case a power source is connected to the series RLC circuit to keep it 

resonating, see Figure 5.2. The impedance of an inductor and a capacitor is given as:[14] 

 

 

Where f is the frequency, L is the inductance in Henry, and C is the capacitance in 

Farad. Both impedances are complex numbers indicated by the phase angle (j). With 

this information the total impedance of the series RLC circuit can be written as: 

 

In this case resonance may occur when the reactance of the inductor and the capacitor 

cancel each other. This results in a zero imaginary term, which happens if: 

 

After rearranging Equation 5.4, the obtained frequency fo is called the resonant 

frequency. 

 

When a circuit is resonating with this frequency it is said to be in resonance. At 

resonance the voltage and the current are in phase, and the phase angle is zero. This is 

the case, because the total impedance is equal to R, so it is purely resistive. Moreover 

the total impedance reaches its minimum, so the drawn current is maximal for a given 

voltage.[14] 
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 There is a parameter known as quality factor in resonant circuits, which is 

notated with Q. The quality factor is defined as the ratio of stored energy and consumed 

energy in physics and engineering. In this case it is the ratio of the reactive power stored 

by an inductor or a capacitor and the average power consumed by a resistor. Refer to 

Equation 5.1, this can be formulated the following way: 

 

Where the vertical lines represent the magnitude of an impedance. In the fourth step 

Equation 5.4 was substituted into the numerator. And in the following step Equation 5.5 

was used. It is easy to see that the smaller the resistance, the higher the quality factor is 

for given values of L and C. This is demonstrated with the following figure: 

 

 
Figure 5.3: Quality factor of a series RLC circuit 

 

In all three cases the current is plotted against frequency. Only the value of the 

resistance is changed in each case. When the driving frequency is close to the resonant 

frequency, then energy is transferred efficiently. This causes the amplitude of the 

waveform to reach its peak value. A higher quality factor indicates a lower rate of 

energy loss. Based on this the blue curve has the highest quality factor, and the lowest 

resistance. This curve has a very narrow bandwidth compared to the rest of the 

waveforms, and it can resonate with greater amplitudes. On the other hand a higher 

resistance provides more damping resulting in a lower quality factor, see the green 

curve. The red waveform has the lowest quality factor, and the highest resistance that 
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produces a lot of loss. This results in a wide bandwidth signal, which is heavily 

damped.[14][15] 

 

 

5.2 Parallel resonance 

 

 
Figure 5.4: Parallel RLC circuit 

 

The series and parallel resonant circuits have many similarities, and a few 

differences. One of the similarities is the definition of the resonant frequency, which 

also applies if the RLC components are arranged in parallel. As the components are in 

parallel the voltage is the same over all of them, but each of them draws a different 

current. Consider Figure 5.4, where the source current (is) can be expressed as: 

 

Once again the RLC circuit is in resonance when the imaginary term is zero, which 

happens if: 

 

 

The obtained formula is exactly the same as in Equation 5.5. On the other hand when 

the circuit is at resonance, the total impedance is equal to the reciprocal of R. This result 

indicates that all of the source current is flowing through the resistive component. Still 

there is a current going through the inductor and the capacitor as well. They are equal in 

magnitude, but they are 180o out of phase compared to each other, so they cancel out 

one other. This can be expressed as follows: 
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At resonance the impedance reaches its maximum value, hence the drawn source 

current is at the minimum. This is the opposite to the series resonance.[14][15] 

 Like in the previous case the quality factor is the ratio of stored energy and 

consumed energy. Thus the quality factor can be expressed as the reactive power 

divided by the average power as follows: 

 

In the fourth step Equation 5.8 was substituted into the denominator. And in the 

following step Equation 5.9 was used. The result appears to be the reciprocal of the 

quality factor obtained for the series case. In this case the bigger the resistance, the 

higher the quality factor is. This can be seen in the following figure: 

 

 
Figure 5.5: Quality factor of a parallel RLC circuit 

 

Once again the current is plotted against frequency. When the driving frequency is close 

to the resonant frequency, then the waveforms reach their minimum value. The red 

curve has the highest resistance, and it draws the least amount of current resulting in a 

high quality factor. On the other hand a lower resistance provides more damping 

resulting in a lower quality factor, see the green curve. In this case the blue waveform 

has the lowest quality factor, and also the lowest resistance.[14][15] 
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6. Finding the resonant frequency 
 

 The resonant frequency of a resonating circuit can be obtained in several ways. 

This chapter introduces four possible methods to achieve this. In all of the cases the 

following circuit serves as a basis: 

 

 
Figure 6.1: Resonating transformer model 

 

In this case the primary side of the transformer is considered to be ideal to keep things 

simple. While the secondary side contains the losses present in Figure 4.4. The only 

difference is that the load impedance is replaced with a capacitor. This helps to create a 

series RLC resonating circuit on the secondary side. The resistance notated with R 

models the voltage drop across the secondary winding. On the other hand the 

inductance called L represents the secondary leakage inductance. The primary side of 

the transformer is connected to an AC voltage source. N1 and N2 represent the number 

of turns of the primary and secondary side respectively. In order to be able to simulate 

the resonating transformer model, the AC voltage source located on the primary side is 

moved to the secondary side. It is possible to do this operation, because the primary side 

is assumed to be ideal. By doing this an equivalent circuit is obtained: 

 

 
Figure 6.2: Equivalent circuit of the resonating transformer model 
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Equation 4.3 is used to achieve the equivalent circuit shown in Figure 6.2. The 

simplified model is reduced to a series RLC circuit. To make the forthcoming equations 

simpler the following notation is introduced:  

 

Where V2 is the voltage that the secondary side experiences. The current of a 

capacitance, and the voltage of an inductance can be expressed as follows: 

 

 

By applying the voltage and current law of Kirchhoff on the equivalent circuit, we 

obtain the following equations: 

 

 

Note that the current going through the components is the same in a series RLC circuit. 

In order to construct a state-space model of the circuit, the state variables need to be 

located on the left side. By rearranging the two equations, the following is obtained: 

 

 

Based on these rearranged equations the following state-space matrix is obtained: 

 

Resonance occurs when the reactance of the inductor and the capacitor cancel each 

other. The resonant frequency of the circuit based on Equation 5.9 is calculated to be 

approximately 30859 Hz. The different simulations intended to find the resonant 

frequency are all done in Matlab. 
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The following table summarizes the used parameters in the upcoming simulations: 

 

Symbol Value Unit 

N1 20 turns 

N2 1 turns 

R 10 mΩ 

L 7.6 μH 

C 3.5 μF 

V1 30 V 

Table 6.1: Resonating transformer simulation parameters 

 

The input is the primary voltage in all cases. The simulation parameters represent the 

transformer that is used in the real measurement system. This is not crucial to 

demonstrate how to find the resonant frequency, but it provides more relevant results. 

 

 

6.1 Frequency sweep using the primary/secondary current 

 

 In order to find resonance, a frequency sweep is performed from 28 kHz to 34 

kHz. The resonant frequency is expected to be in this interval. In this simulation both 

the primary and the secondary current can be used to find the resonant frequency as they 

only differ in amplitude. In this particular case the secondary current is monitored. The 

step size is set to 10 Hz to have reasonably accurate results without making the 

calculation complexity of the simulation way too heavy. The lower the step size, the 

more time is needed to perform the necessary calculations. The algorithm performs the 

frequency sweep and finds the frequency at the peak current value. 
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Figure 6.3 shows the simulated result of a frequency sweep: 

 

 
Figure 6.3: Frequency sweep simulation of the secondary current 

 

The shape of the curve looks similar to the waveforms in Figure 5.3. At each frequency 

the simulation lasts for 15 periods. The average rectified current is calculated for every 

single frequency. The average rectified value (ARV) of a quantity is the average of its 

absolute value. The ARV current is used instead of the RMS current, because the 

calculation process is less computation heavy in this case. When the waveform reaches 

its peak value, the circuit is very close to the resonant frequency. In this simulation the 

peak value is 12.8 A, which corresponds to a resonant frequency of 30860 Hz. This is 

only 1 Hz away from the exact resonant frequency, which is calculated to be 30859 Hz 

based on Equation 5.9. The following diagram shows the reactive power of the energy 

storing components: 

 

 
Figure 6.4: Reactive power of the secondary current frequency sweep 
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The reactive power of the components is calculated at the previously found resonant 

frequency, which is 30860 Hz. The reactive power is an average rectified value, because 

it is calculated from the average rectified current. The two waveforms are shown next to 

each other, because they would completely overlap if they were plotted on the same 

diagram. In the figure only the magnitudes are present, so it is important to point out 

that the reactive power of the capacitor has a negative sign. On the other hand the 

reactive power of the inductor has a positive sign. At resonance the reactive power of 

the inductor and the capacitor should cancel each other, making the consumed power 

purely active. The difference between the maximum value of the two waveforms is only 

about 0.18 Var. This is negligible compared to the reactive power of the components. 

 

 

6.2 Frequency sweep using the reactive power 

 

As it was mentioned in the previous part at resonance the reactive power of the 

inductor and the capacitor cancel out each other. This idea is used in this approach. The 

frequency sweep is performed from 28 kHz to 34 kHz. The step size is set to 10 Hz. In 

this simulation the difference of the two reactive powers is monitored. The search 

algorithm performs the frequency sweep and finds the frequency, where the difference 

of the two reactive powers is at a minimum. The result of the frequency sweep is shown 

on the following figure: 

 

 
Figure 6.5: Frequency sweep simulation of the reactive power 
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Once again at each frequency the simulation lasts for 15 periods. Through one step the 

difference of the reactive powers are calculated for every single frequency. There are 

altogether 600 steps shown in Figure 6.5. When the waveform reaches its minimum 

value, the reactive power of the capacitor and the inductor almost cancel out each other. 

This happens at 30860 Hz, where the difference between the two reactive powers is 

only 0.03 Var. This means that the power consumed by the circuit is very close to be 

purely active. The found resonant frequency with this method is just 1 Hz away from 

the exact resonant frequency. 

 

 

6.3 Frequency sweep using the phase delay 

 

 In this part another idea is used to find the resonant frequency. At resonance a 

series RLC circuit is purely resistive. This results in that the voltage and the current are 

in phase. This means that the phase delay between the two is equal to zero. Once again a 

frequency sweep is done starting from 28 kHz to 34 kHz. And the step size is still set to 

10 Hz. The search algorithm performs the frequency sweep and finds the frequency, 

where the phase delay is the smallest. The phase delay is calculated based on the peak 

value locations of the secondary voltage and current. The following figure illustrates the 

result of the frequency sweep: 

 

 
Figure 6.6: Frequency sweep simulation of the phase delay 
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At each frequency the simulation lasts for 15 periods. During one step the phase 

difference of the secondary voltage and current is calculated for every single frequency. 

The diagram looks a little distorted. This is probably due to that the phase delay is a 

very small number measured in microseconds. When the waveform reaches its 

minimum value, the secondary voltage and current are almost in phase. In this 

simulation the minimum value is 0.18 μs, which corresponds to a resonant frequency of 

30840 Hz. This value is 19 Hz away from the exact resonant frequency. 

 

 

6.4 Pulse method 

 

 As its name suggests this method is completely different than the other three 

presented before. In order to find the resonant frequency, the primary side of the 

transformer is excited with a voltage pulse. This makes the secondary RLC circuit to 

resonate with its natural frequency for a short period of time. In this case the secondary 

current is monitored to find the resonant frequency. The algorithm captures the 

secondary current and based on the zero crossing locations of the signal, it finds its 

oscillation frequency. The following figure illustrates the result of the simulation: 

 

 
Figure 6.7: Simulation of the pulse method 

 

The blue curve is the voltage pulse that the secondary of the transformer experiences. 

And the red waveform is the current flowing in the secondary RLC circuit. In contrast 

with the previous simulations in this case the method consists of only one step, where 
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the simulation time is 1.5 ms. Based on Figure 6.7, the input voltage lasts for 225 μs, 

and it has an amplitude of 1.5 V. This amount of time is 15 % of the total simulation 

time. The voltage pulse creates an oscillating current in the secondary. As soon as the 

voltage source is turned off, the amplitude of the current drops and it is damped until it 

finally becomes zero. The current signal is captured after the input voltage is cut off, 

and the time duration between the zero crossings is measured. Based on these values the 

frequency of the signal is estimated. In the end the obtained frequency is 3 Hz away 

from the exact resonant frequency. Even if the duration of the voltage pulse is 

increased, the obtained frequency still remains the same. 

 

 

6.5 Comparison 

 

 The exact resonant frequency of the RLC circuit is calculated to be 30859 Hz. 

The obtained frequencies by different algorithms came close to this value, showing 

great potential for the implementation. The following table summarizes the result of the 

simulations: 

 

Method Monitored variable 
Obtained frequency 

[Hz] 

Accuracy 

[Hz] 

frequency sweep 1 primary or secondary 
current 

30860 1 

frequency sweep 2 capacitor and inductor 
reactive power 

30860 1 

frequency sweep 3 secondary voltage and 
current 

30840 19 

pulse secondary current 30862 3 

Table 6.2: Summary of the methods to find the resonant frequency 

 

The two most accurate methods are both based on a frequency sweep. The first one 

requires only a current signal in order to find the resonant frequency with a high 

accuracy. On the other hand the other one needs altogether three signals to achieve the 

same accuracy. These are namely the secondary current, the secondary voltage over the 

capacitor, and the secondary voltage of the inductor. The third method proved to be the 

least accurate, and it requires two signals: the secondary voltage and current. The pulse 
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method is the third most accurate coming very close to the resonant frequency. It needs 

only one step to obtain the frequency, so it is superior in speed compared to the 

frequency sweep methods. In reality this method is expected be the fastest, but the least 

accurate. 

The requirement given by Alstom is to be as accurate as possible in finding the 

resonant frequency in a few minutes. So in the implementation the first method will be 

used, because of its accuracy and simplicity. Although performing a frequency sweep is 

time consuming, but it is a very robust method. The primary current is selected to find 

the resonant frequency, so no current probe or any other device is required to be 

attached to the secondary side of the transformer. All of the simulations used in this 

chapter can be found in the appendix. 
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7. Selecting the digital filter 
 

 All measurements cause a certain amount of random variations in the captured 

signal. This phenomena is usually called noise. The procedure to reduce or smooth the 

noise of a measured signal is commonly known as filtering. In signal processing a 

digital filter performs mathematical operations on a sampled, discrete time signal. 

Usually an analog to digital converter is used to sample the input signal. In our case the 

input signal is a sinusoid, which has a varying frequency. There are many different 

digital filter designs, but in this case only adaptive filters can come into account. 

 Altogether three FIR (Finite Impulse Response) filters are compared in this 

chapter: a moving average filter, a median filter, and a Savitzky-Golay filter. All of 

them are presented with a symmetric window, and a one-dimensional dataset. Different 

mathematical algorithms have been developed to implement these filters. Among the 

different solvers, Matlab is one of the most widely used. Therefore Matlab is used for 

the analysis of the filters. In all of the cases the same sine wave is used as an input 

signal with a DC offset. The signal also contains some random generated noise. This is 

illustrated with the following figure: 

 

 
Figure 7.1: Input signal with random noise 

 

According to Figure 7.1, a sine wave is generated consisting of 400 samples. The time 

difference between the samples is 1 microsecond. This is equal to a sampling of one 

million samples per second. The frequency of the signal can be arbitrary, but it is 30 
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kHz in this case. The signal to noise ratio (SNR) is used to compare the desired signal 

and the background noise. The following formula is used to obtain the SNR value:[16] 

 

Where A is the root mean square amplitude of the signal. A ratio greater than 0 dB 

indicates more signal than noise. When there is no difference between the signal and the 

noise, then the SNR is equal to infinity. The SNR value can be easily computed in this 

case, because the original signal is given. And the background noise can be obtained by 

subtracting the noisy signal from the original one. In this particular case the SNR is 

calculated to be 10.6 dB. This value is going to be used as a reference in the upcoming 

parts. 

 

 

7.1 Moving average filter 

 

 A simple filter for smoothing digital signals is the moving average filter, which 

is a typical linear filter. As its name suggests, the filter operates by averaging a certain 

number of points from the input signal to obtain one point of the output signal. This 

process is repeated to calculate the average of the complete dataset. Consider a raw 

dataset consisting of 1,…,N samples. Then a symmetric moving average filter can be 

expressed mathematically as:[16] 

 

Where x is the input signal, and y is the output signal. The odd number 2M + 1 is called 

the window size, and M is referred to as half of the window size. The greater the 

window size, the more intense is the smoothing effect. The first element of the moving 

average is obtained by taking the average of the first window size number of samples. 

Then the window is shifting forward. This means that the first sample in the previous 

case is excluded from the window, and the next sample of the dataset is included. This 

results in a new subset of samples, which is averaged. The procedure is repeated over 

the entire dataset. Obviously after filtering, the first and the last M number of samples 

are lost. 
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The implementation of the moving average filter provided by Matlab uses 

additional asymmetric variable sized windows to keep the otherwise lost samples. This 

method is not too practical, but it is good for illustration. The result after passing the 

noisy signal to the filter is the following: 

 

 
Figure 7.2: Moving average filter output signal 

 

The black dashed waveform is the original signal without any noise. On the other hand 

the red waveform is the filtered noisy signal. The output signal consists of 400 samples, 

just like the input signal. In this example the used window size is 3, which is obtained 

by trial and error. If the window size is further increased, then it results in a lower signal 

to noise ratio. This would also make the signal become more flat. The filtered signal 

tends to follow the original waveform, but not well enough. There are overshoots 

present in the filtered signal located at the peak values. The SNR value increased only 

slightly compared to the noisy signal, reducing the noise by 1.8 dB. This is not such a 

big surprise as the window size is very low, still this one produced the best signal to 

noise ratio. 
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7.2 Median filter 

 

 Linear filters can be useful for noise reduction, but in some cases they distort the 

signal too much. On the other hand nonlinear filters have the potential to remove more 

noise while causing less distortion. The median is the middle value of a finite sorted list 

of numbers. The keyword is sorted, so the numbers should be arranged in either 

ascending or descending order. This is what makes the median filter a nonlinear digital 

filter. It provides a more robust technique than the moving average, because a single 

unrepresentative sample in a subset of samples will not affect the median value 

significantly. The main idea of the filter is to go through a raw dataset sample by 

sample, replacing each entry with the median of the neighboring entries. Once again 

consider a raw dataset consisting of 1,…,N samples. Then a symmetric median filter 

can be defined with the following equation:[17] 

 

Where each subset of samples is considered to be sorted. The window size of the 

median filter is 2M + 1, while M is half of the window size. In this particular case the 

window size is always odd, so the median is the middle value of the sorted window. The 

window is shifting forward sample by sample over the entire dataset. 

In the default implementation of the median filter most of the otherwise lost 

samples are replaced with the original value of the input signal. The rest of them are 

obtained by using additional symmetric variable sized windows. This method is good 

for illustration, because it keeps the startup and ending transients of the input signal. 

After going through the median filter the signal looks as follows: 

 
Figure 7.3: Median filter output signal 
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The original signal is represented by the black dashed waveform. Furthermore the red 

sinusoid is the output signal of the median filter. Both signals consist of altogether 400 

samples. In this case the window size of the filter is 9. If the window size is increased 

any further, then the signal to noise ratio decreases. So we can say that this is the 

optimal value for this particular input signal. There are very few overshoots present, but 

there are rather many cases when the filtered signal underestimates the original one. In 

overall the filtered signal seems to follow the original signal fairly well. This results in 

an SNR value of 15.6 dB. The total noise reduction is equal to about 5 dB. This is a lot 

of improvement compared to the moving average filter. 

 

 

7.3 Savitzky-Golay filter 

 

 In 1964, Abraham Savitzky and Marcel J. E. Golay proposed a method of data 

smoothing based on local least-squares polynomial approximation. They showed that 

fitting a polynomial to a set of input samples and then evaluating the resulting 

polynomial at a single point is equivalent to a discrete convolution with a fixed impulse 

response. When the samples are equally spaced, a fixed set of weighting coefficients 

can be applied to all sort of input signals. The use of these weighting coefficients is 

equivalent to fitting the data to a polynomial. This is computationally more effective, 

and it is also faster. Many sets of weighting coefficients can be used depending on the 

window size and the polynomial order of the filter.[18] 

The polynomial order of the filter is analogous to the polynomial order of the Taylor 

series. In both cases complicated functions can be approximated by using polynomials. 

For example the Taylor series of a sine wave can be written as follows: 

 

Where k is any natural number. The higher the polynomial order, the more accurate the 

representation of the function becomes. In the case of the Saviztky-Golay filter, the 

higher the polynomial order, the more it follows the input signal, which results in less 

smoothing. So it is not practical to choose a very high number as a polynomial order. 

Saviztky-Golay filtering is better than averaging, because it tends to preserve the shape 

and height of the waveform. This is what makes this filter superior, because these 

properties are usually attenuated by other filters. The drawback is that high-frequency 
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noise is only reduced, but it is not eliminated completely. Consider a raw dataset 

consisting of 1,…,N samples. Then a symmetric Saviztky-Golay filter with a 

polynomial order of K can be expressed mathematically as:[19] 

 

Where x is the input signal, and y is the output signal. Furthermore c represents the 

Saviztky-Golay weighting coefficients. These coefficients are obtained from a linear 

least-squares fitting using a given polynomial order of K. The total window size is 2M + 

1, and M is half of the window size. Based on this it is clear that the number of the 

coefficients is equal to the used window size. When the polynomial order is equal to the 

window size, then no smoothing is performed. Hence the polynomial order is usually 

chosen considerably smaller than the window size to achieve some smoothing. The 

filter fits a subset of samples in a window to a polynomial. Then the window is shifting 

forward along the input signal getting a fitted value for every location. 

The Matlab implementation of the Saviztky-Golay filter keeps the otherwise lost 

samples by using additional filter coefficients. In this implementation the filter 

coefficients form a window sized square matrix. Where each row represents a different 

filter consisting of different weighting coefficients. The center row is applied to the 

signal in the steady-state. While the rows below the center are used for the startup 

transient. On the other hand the rest of the rows are applied to the signal during the 

ending transient. This method is very inefficient, but it is good for illustration. The 

result after the filtering is the following: 

 

 
Figure 7.4: Saviztky-Golay filter output signal 
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The original signal is the black dashed sinusoid without any noise. Furthermore the red 

waveform is the filtered noisy signal. Both signals consist of altogether 400 samples. 

There are no general guidelines how to choose the parameters of this filter, so they are 

adjusted by trial and error. Usually a polynomial order of 4 or 5 is used for periodic 

signals, and a lower order is chosen for aperiodic signals. It is a good practice to choose 

the window size to be at least twice as large as the polynomial order. In this case the 

used polynomial order is 4, while the window size is chosen to be 25. Increasing the 

window size any further does not improve the signal to noise ratio significantly. The 

window size is about 6 % of the total number of samples, which still seems reasonable. 

The filtered signal tends to follow the original waveform quite well. Although there are 

some minor overshoots present, but in most of the cases the amplitude of the signal is 

very close to the original one. Moreover the shape and the width of the filtered signal is 

outstanding. This resulted in an SNR value of 19.3 dB. So the total noise reduction is 

about 8.7 dB. This accomplishment is quite impressive. 

 

 

7.4 Comparison 

 

 The signal to noise ratio of the distorted signal is calculated to be 10.6 dB. All of 

the applied filters managed to improve this ratio with a proper window size. The 

following table summarizes the noise reduction of the used filters: 

 

Filter Window size SNR [dB] Noise reduction [dB] 

moving average 3 12.4 1.8 
median 9 15.6 5 

Saviztky-Golay 25 19.3 8.7 

Table 7.1: Summary of the digital filtering 

 

In general a higher window size should provide more smoothing, but in some cases it 

distorts the signal too much. This was the case with the moving average filter, and also 

with the median filter. In both cases the window size was incremented as long as the 

SNR value increased. The moving average filter started to distort the signal at a very 

early stage, which resulted in the lowest noise reduction. This was 1.8 dB, which is an 
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improvement of 17 %. Compared to that the median filter improved the input signal 

until a window size of 9 was reached. This resulted in a decent noise reduction of 5 dB, 

which improved the SNR by 47 %. On the other hand the Saviztky-Golay filter 

continuously increased the signal to noise ratio. In the end a window size of 25 was 

chosen, because after that point the improvement of the SNR was negligible. This filter 

proved to be the best with a noise reduction of 8.7 dB. This is equal to an improvement 

of 82 %, which is quite impressive. 

In the implementation the Saviztky-Golay filter will be used, because it provided 

the best noise reduction. Furthermore it preserved the shape and amplitude of the input 

signal quite well. The coefficients of the filter can be obtained from tables or they can 

be calculated beforehand. So in the implementation fixed coefficient values need to be 

multiplied with the input signal in order to obtain the output signal. This is not a 

computationally intensive procedure compared to the complexity of the filter. All of the 

digital filters used in this chapter can be found in the appendix. 
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8. Measurement system 
 

 In this part a brief introduction is provided of the main components and it is 

explained why do they play a significant role in the measurement. The used 

measurement equipment consists of altogether seven components. These are the 

following: 

 Microcontroller board 

 Fiber optic transmitter board 

 Gate driver board 

 Transformer 

 Buck converter/inverter board 

 Operational amplifier board 

 Differential probe 

Some of these components are described more in detail in the upcoming subchapters. 

The whole measurement system can be seen in the following figure: 

 

 
Figure 8.1: Measurement system equipment 
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The experiment is performed on the transformer to measure its total resistive loss. The 

power supply feeds the buck converter, and its output is used by the inverter located on 

the same board to drive the primary of the transformer. The heart of the measurement 

system is an Arduino Due microcontroller board that is connected to a computer 

through a micro USB cable. Every input and output signal is processed by this board. 

The breadboard is used only to distribute the ground and 3.3 V connections of the 

microcontroller. The operational amplifier board serves signal conditioning and filtering 

purposes. On the other hand the differential probe is needed, because one of the 

measured signals has a different ground than the rest of them. The control of the 

measurement system is illustrated with the following figure: 

 

 
Figure 8.2: Control of the measurement system 

 

Altogether the microcontroller generates three PWM signals, two for the half-

bridge, and one for the buck converter. One of the half-bride PWM signals is inverted, 

while the other one is non-inverted. The frequency of the buck converter PWM signal is 

fixed, and the duty cycle can be varied. On the other hand the duty cycle of the half-

bridge signals are fixed, and the frequency can be changed. These signals are 

transmitted through fiber optic cables with the help of the fiber optic transmitter 

designed by Alstom. This board ensures that the two half-bridge signals that are 

inverted with respect to each are not overlapping. Basically at this stage electrical 

signals are converted to optical signals. In this way the microcontroller can be placed 

from a safe distance from the transformer, and it should not be affected by 

electromagnetic interference. When the signals have arrived to the gate driver board, 

then they are converted back to electrical signals. One of them is driving the buck 
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converter, and the other two is controlling the half-bridge. The gate driver board is also 

a proprietary product of Alstom. The output voltage of the buck converter is switched 

by the inverter consisting of two transistors. Basically a DC signal is converted to a 

bipolar square wave signal that is driving the primary of the transformer. Based on the 

transformer feedback signal, the frequency of the half-bridge, and the duty cycle of the 

buck converter are adjusted. The control process consists of the following steps: 

1. Run the buck converter with a low output voltage 

2. Find the resonant frequency of the secondary of the transformer 

3. Run the half-bridge with the obtained resonant frequency 

4. Start to increase the output voltage of the buck converter 

5. Stop when the power supply becomes current limited 

6. Measure the output power of the buck converter, and the primary current 

7. Calculate the total resistive loss of the transformer based on the collected data 

Originally we are supposed to stop increasing the output voltage of the buck converter 

until one of the ADC channels is close to saturation. But the maximum current should 

be limited by the power supply to avoid burning the resistors on the buck converter 

board. When the power supply is current limited, then the maximum buck converter 

current is limited to about 0.85 A. This current is passing through a 1 Ohm resistor rated 

for 0.75 W. So the maximum power dissipated by the resistor is: 

 

This results in that the power supply becomes current limited before any of the ADC 

channels can saturate. Finally from the measured signals the total resistive loss can be 

obtained. 
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8.1 Microcontroller board 

 

 
Figure 8.3: Arduino Due[20] 

 

 This board is the most important component of the measurement system, 

because all of the controlling is done by it. The Due is based on an Atmel SAM3X8E 

ARM Cortex-M3 CPU. This makes it a 32-bit ARM core microcontroller. The board 

has 54 digital input/output pins (of which 16 can be used as PWM output), twelve 12-bit 

analog to digital converters, two 12-bit digital to analog converters, and an 84 MHz 

clock. Moreover it has two micro USB connections, four hardware serial ports, a power 

jack, a reset button, and an erase button. The programming USB port is connected to an 

Atmega 16U2 programmed as a USB to serial converter for TTL serial communication. 

The native USB port is connected to the SAM3X itself, which allows for high-speed 

serial communication over USB. There is also a DMA (Direct Memory Access) 

controller that can relieve the CPU from doing memory intensive tasks.[20] 

The output of each digital pin is 3.3 V. Currently three of them are in use for generating 

PWM signals, and three analog input pins for processing the feedback signals. The 

analog input pin of the microcontroller converts an analog voltage to a digital number. 

The board has a 12-bit ADC, which results in that voltages between 0 and 3.3 V are 

mapped to numbers from 0 to 4096. The maximum number of samples that can be taken 

in one second is equal to one million. This is quite impressive, although compared to the 

84 MHz clock this might seem a little low. 

The board has 512 Kb of non-volatile flash memory for storing code. This is the 

program memory, which can be easily erased or reprogrammed ten thousand times. The 

architecture has two main memory spaces, the previously mentioned program memory 

and the data memory space. It is based on the Harvard architecture, because the 
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program and the data are stored in separate physical memory systems. The data memory 

consists of 96 Kb of internal SRAM (Static Random Access Memory). It is called static, 

because the memory space cannot be extended. Other than that the stored information is 

lost as soon as the power is turned off. The bootloader of the microcontroller is stored in 

a dedicated ROM (Read Only Memory). In this case the bootloader is a piece of code 

that runs on the microcontroller in order to be able to program it without any additional 

programming hardware. All the available memory can be accessed directly as a flat 

addressing space.[20] 

 

 

8.2 Buck converter/inverter board 

 

 
Figure 8.4: Buck converter/inverter board circuit diagram 

 

According to Figure 8.4, the board consists of two main parts: the buck 

converter, and the inverter. In this case the transformer, which is the object of the 

measurement is assumed to be connected to the board. The board is designed to operate 

at a maximum input voltage of 30 V. The buck converter is located on the left side of 

the circuit consisting of Cb, Sb, Db, Lb, and C1 and C2. Capacitor Cb is a bypass 

capacitor. This means that it functions as an input voltage filter for the DC line. The 

input voltage V is distributed by transistor Sb. The other complementary switch of the 

buck converter is the diode represented as Db. The purpose of the buck converter is to 

produce a regulated DC output voltage, which can be controlled by adjusting the duty 

cycle of transistor Sb. When transistor Sb is turned on, the voltage source is charging the 

circuit. By this time the energy is stored by inductor Lb, and capacitors C1 and C2. When 

transistor Sb is turned off, the voltage source is disconnected from the circuit, and the 

inductor is connected to ground through diode Db. The inverter consists of S1 and S2 



48 
 

forming a half-bridge. The purpose of the inverter is to switch the energy stored by C1 

and C2 in a way to create a bipolar square wave signal that feeds the primary side of the 

transformer. The transistors of the inverter are driven with an arbitrary frequency, and 

the aim is to drive them with the resonant frequency. The secondary side of the 

transformer consists of capacitor Cs, and inductor Ls. These two form a series resonating 

circuit. The goal is to cancel out the impedance of the inductor with the capacitor, so the 

secondary side becomes purely resistive. At this point if we take into consideration the 

resistance of the components, then the secondary side can be treated as a series RLC 

circuit. The gates of all of the MOSFET transistors are driven directly by the gate driver 

board. 

The shunt resistance Rsh1 provides a feedback signal of the current of the buck 

converter. The buck converter current can be calculated as follows: 

 

The nominal resistance of Rsh1 is 1 Ohm, and in this case the voltage over the resistor is 

equal to the current running through it. The voltage over Rsh1 is a DC voltage that is 

read by one of the ADC channels of the microcontroller. 

The second feedback signal is the output voltage of the buck converter. To be able to 

measure this with the ADC of the microcontroller, a voltage divider is used consisting 

of R1 and R2. The output voltage of the buck converter can be obtained with the 

following formula: 

 

Where V2 is the voltage over R2. The obtained equation is basically the reciprocal of a 

voltage divider that has been rearranged. 

With the help of the current transformer notated as CT, the primary current can be 

measured. The current transformer is needed to reduce the amplitude of the primary 

current. In this case the amplitude is divided by 40 according to the turns ratio. The 

reduced primary current is running through the shunt resistance Rsh2 creating a voltage 

drop over it, which can be measured by the ADC of the microcontroller. To calculate 

the primary current of the transformer, the following formula is used: 
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In this case the primary current is an RMS value. NCT1 and NCT2 are the number of turns 

of the primary and secondary side of the current transformer respectively. On the other 

hand Vsh2 is the voltage drop over Rsh2. This AC signal is used to find the resonant 

frequency. The higher the primary current, the closer we are to the resonant frequency. 

 

 

8.3 Operational amplifier board 

 

 
Figure 8.5: Operational amplifier board circuit diagram 

 

The ADC of the microcontroller can detect voltages from 0 to 3.3 V. This means 

that if the signal is below or above these values, then information is lost due to 

saturation and this might damage the ADC too. The primary current feedback signal is 

an AC signal that is centered about zero. This means that it is alternating between 

positive and negative values. In order to be able to capture this signal without damaging 

the ADC, the signal needs to be conditioned. This is the main function of the 

operational amplifier board. The other is to filter the incoming signal in order to reduce 

the noise. 
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The OPA2350 is a dual rail-to-rail operational amplifier. This means that it 

consists of two amplifiers that are able to produce an output voltage that is close to their 

supply voltage. Let’s start the analysis with the upper circuit diagram. The operational 

amplifiers are powered by the voltage source called Vs. In this case this is provided by 

the microcontroller board itself. The line of the supplied voltage may have multiple 

frequencies present where a single bypass capacitor is not sufficient. This is why a 

network of bypass capacitors is used consisting of C1 and C2 to filter the noise of wider 

range of frequencies. In reality C1 is a ceramic capacitor, hence it is represented as a 

non-polarized capacitor. On the other hand C2 is shown polarized on the circuit 

diagram, because it is an electrolytic capacitor. R1 and R2 are a matched pair of 

resistors, and together they form a voltage divider to produce an output voltage of 1.65 

V. The resistor R2 and capacitor C3 form a passive low-pass filter. The cut-off 

frequency of this filter can be calculated as follows: 

 

In reality a DC signal can have ripples representing certain frequencies. This is the 

reason why such a low frequency low-pass filter is used. This results in that above the 

cut-off frequency voltage spikes are more or less removed, so the filtered signal is 

closer to an ideal DC signal. In this case the operational amplifier is used as a voltage 

follower, which has a unity gain. This solution provides a stable output voltage that is 

independent of the load. 

Now let’s take a look at the bottom circuit diagram. The voltage source called 

Vin is only representing the input signal. This input signal can be either an AC, a 

positive DC, or a negative DC signal. In case of a DC signal half of the resolution is 

lost, because it is not alternating. In our case we intend to measure the primary current, 

which is an AC signal. In this case the configuration of the operational amplifier looks 

similar to a standard inverting amplifier. One of the key differences is that the non-

inverting input of the amplifier is connected to half of VADC instead of ground. There is 

also an additional resistor notated as R4, which is pulling the inverting input up to VADC. 

This resistor should form a matched pair with the other resistor called R3. The resistor 

network consisting of R3, R4, and R5 determines the gain of the operational amplifier. 

On the built circuit board R3 and R4 can be replaced easily to achieve an arbitrary gain.  

  



51 
 

If R3 is equal to R4, then the output voltage of the amplifier is given as: 

 

Based on the formula it is clear that the ratio of R4 and R5 determines the gain of the 

amplifier. In this particular case the operational amplifier is configured to measure in 

the range of ±30 V. The table below contains some input and output values when VADC 

is equal to 3.3 V: 

 

Vin [V] Vout [V] 

-30 3.3 

0 1.65 

30 0 

Table 8.1: Operational amplifier voltage relations 

 

According to Table 8.1 the input waveform is centered around zero, which is converted 

to a smaller amplitude waveform. Notice that the conditioned output signal is centered 

around 1.65 V, which is equal to half of VADC. The inverting nature of the amplifier can 

be also seen as the minimum input value is converted to a maximum output value, and 

vice versa. The resistor R5 and the capacitor C4 together form an active low-pass filter. 

The cut-off frequency of the filter is the following: 

 

The resonant frequency of the transformer is expected to be below this cut-off 

frequency. In this way all the high-frequency noise above the cut-off frequency that is 

present in the incoming signal is filtered out. After the signal conditioning and filtering, 

the signal is suitable for the microcontroller.  
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9. Simulation with LTspice 
 

 SPICE (Simulation Program with Integrated Circuit Emphasis) is a widely used 

open source electronic circuit simulation program. It is used in circuit design to check 

the integrity and to predict the behavior of the circuit. Many different versions of SPICE 

are available. All of them have the same basic simulation code, but with different user 

interfaces, device libraries, and diagram plotting. LTspice is a freeware computer 

software developed by semiconductor manufacturer Linear Technology. Unlike most 

SPICE simulators, it is still maintained up to this day. The application is written for 

Windows, but it can run on Linux under Wine as well. There is also a version available 

for Macintosh computers. LTspice does not have a node limit, and third party models 

can be imported. Different circuit simulations can be performed based on transient, AC, 

and DC analysis. The software is commonly used in the fields of power electronics, 

radio frequency electronics, and digital electronics.[21] 
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9.1 Simulation of the buck converter/inverter board 

 

In order to have a good knowledge of the behavior of the measurement circuit, 

an appropriate simulation is necessary. The circuit consists of three main parts: the buck 

converter, the inverter, and the transformer. The simulation is performed with a low 

source voltage, which is distributed by the buck converter. The used model is the 

following: 

 

 
Figure 9.1: LTspice model of the buck converter/inverter board 

 

The buck converter is located on the right side of the circuit, where the input voltage V1 

is distributed with the help of transistor Sb. This transistor is controlled with a PWM 

signal which is generated by V2. The other complementary switch of the buck converter 

is a diode, therefore it cannot be controlled. This component is a low voltage drop 

Schottky diode that is used because of its fast switching capability. The purpose of the 

buck converter is to produce a regulated DC output voltage, which can be controlled by 

adjusting the duty cycle of transistor Sb. When transistor Sb is turned on, the voltage 

source is delivering energy to the LC circuit. The energy is stored by inductor Lb, and 

capacitors C1 and C2 during this time interval. When Sb is turned off, the voltage source 

is disconnected from the network, and the inductor is connected to ground through 

diode Db. During this time interval the stored energy in the inductor and capacitors can 
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be absorbed by the load, which is the primary side of the transformer notated with L1. 

This can only happen if the half-bridge consisting of S1 and S2 is running. These two are 

switching the voltage over capacitors C1 and C2 to the primary coil of the transformer. 

The transistors are once again controlled by a PWM signal, generated by V3 and V4 

respectively. The transformer is modeled by coupling together L1 and L2 to achieve a 

turns ratio of 20:1. The primary side is driven with an AC signal, so this induces also an 

AC signal in the secondary RLC circuit consisting of Rloss, Ls, and Cs. The used 

simulation parameters are gathered in the following table: 

 

Parameter Value Unit 

Source voltage 30 V 

Buck converter frequency 50 kHz 

Buck converter duty cycle varying % 

Gate voltage 15 V 

Half-bridge frequency varying kHz 

Half-bridge duty cycle 50 % 

Table 9.1: LTspice simulation parameters of the buck converter/inverter board 

 

The source voltage provided for the buck converter is 30 volts. The frequency of 

the buck converter is not changing during its operation, hence it has a fixed value of 50 

kHz. The output voltage of the buck converter can be regulated by adjusting the buck 

converter duty cycle parameter. This output voltage is switched to the load by the half-

bridge with a certain frequency that may vary. As one of the transistors is always turned 

on in the half-bridge setup, it is beneficial to ensure that the two transistors are load 

balanced, and they generate an AC signal which has an average value of zero. This is 

done by running the half-bridge with a duty cycle of 50 %, so both transistors are turned 

on and off for the same amount of time. The used components in the circuit are assumed 

to be ideal except three of them. The STP60NF06 transistor model parameters are 

obtained from the datasheet. All of the MOSFETs have a typical turned on resistance of 

14 mΩ. On the other hand the MBR760 diode model is based on the library file created 

by Thomatronik GmbH. And the equivalent series resistance of capacitors C1 and C2 is 

20 mΩ. All of the model parameter values can be found in the simulation file that is 

included in the appendix. 



56 
 

9.1.1 Buck converter 

 

 The two variables that are adjusted in the simulation are the duty cycle of the 

buck converter, and the switching frequency of the half-bridge. By varying these 

parameters different simulations are obtained and they are compared to each other. In 

order to analyze how the buck converter part is functioning, the following simulation 

has been performed: 

 

 
Figure 9.2: Simulation of the buck converter with 20 % duty cycle 

 

In this case the switching frequency of the half-bridge is the resonant frequency, which 

is calculated to be 30859 Hz. The red curve is the current over inductor Lb, while the 

blue graph is the total voltage over capacitors C1 and C2. According to Figure 9.2, it 

takes about 3 milliseconds for the system to become stable, and provide a minimum 

inductor current of 300 mA. On the other hand the maximum inductor current is about 

380 mA. As the minimum inductor current is positive, this indicates that buck converter 

is working in continuous current mode. The period of the inductor current is about 20 

μs, which corresponds to a switching frequency of 50 kHz. The duty cycle can also be 

determined from the same graph based on the turned on time, which is roughly 4.5 μs. If 

this value is divided by the period, then a duty cycle of 22.5 % is obtained. So far the 

graph agrees with the used switching parameters of the buck converter. The voltage 

spikes caused by the switching are very eye-catching. In reality this switching noise 

should be less significant. The period of the buck converter output voltage is about 16.1 

μs, which is equal to a frequency of 62.1 kHz. This is almost the double of the 
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frequency that is driving the half-bridge. The steady-state voltage over the capacitors is 

approximately 6.6 volts. 

Now let’s take a look at another case to analyze the same circuit. The simulation 

parameters are exactly the same like in the previous case, only the duty cycle is 

increased. The output voltage is expected to increase with the duty cycle. The change 

should be also noticeable in the turned on time of the inductor current. The result of the 

simulation is the following: 

 

 
Figure 9.3: Simulation of the buck converter with 70 % duty cycle 

 

The simulation time had to be expanded in order to reach the steady-state stage, which 

took about 16 ms to happen. The red curve still represents the current in the inductor, 

while the blue graph is the output voltage of the buck converter. In this case the 

minimum inductor current is about 0.99 A, while the maximum is 1.08 A. Although it 

cannot be seen on the graph, but the period of the inductor current is still 20 μs like in 

the previous case. On the other hand the turned on time of the inductor current has 

increased to approximately 14 μs. This results in a duty cycle of 70 %, which 

corresponds to the change. Now it is clear that the voltage signal contains some 

computational errors, so only its upper envelope should be taken into consideration. In 

this case the steady-state voltage over the capacitors is roughly 21 volts. 
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9.1.2 Inverter 

 

The next part of the circuit to look at is the inverter consisting of two transistors 

that form a half-bridge. This device is switching the voltage over capacitors C1 and C2 

to the primary coil of the transformer. The controls signals of these two MOSFETs are 

shown in the following figure: 

 

 
Figure 9.4: Simulation of the inverter control signals 

 

The half-bridge is controlled in a way to ensure when S1 is turned on, then S2 should be 

turned off, and vice versa. This can be seen in Figure 9.4 too, where the blue graph is 

the control signal of S1, and the green curve belongs to S2. During the first time interval 

the gate voltage of S1 is 15 volts, while S2 is 0 volt. On the other hand during the next 

time interval S1 is 0 volt, while S2 is 15 volts. The gate voltage in this case is 15 volts to 

ensure that the transistors are fully turned on. When S1 is turned on, the voltage over 

capacitor C1 is switched to the load. And when S2 is turned on, the load experiences the 

voltage over capacitor C2. The main difference between the two cases is that the voltage 

has an opposite polarity, and the current has an opposite direction, hence an AC signal 

is generated for the load. This indicates that the half-bridge is functioning as an inverter 

by using bipolar switching. 
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The duty cycle of the buck converter in the following simulation is 20 %, while 

the used frequency for the half-bridge is 30859 Hz. The following simulation has been 

captured to analyze how the half-bridge is working: 

 

 
Figure 9.5: Simulation of the inverter running at the resonant frequency 

 

The red graph is the current flowing through the load, while the blue one is the switched 

voltage over the load. The nature of bipolar switching is well captured on the graph as 

both signals have an alternating waveform. According to Figure 9.5, the square wave 

voltage creates a sinusoidal current over the primary coil. The square wave is positive 

and negative for the same amount of time, which indicates a duty cycle of 50 %. This 

corresponds to the value given in Table 9.1. The period of both signals is approximately 

32.3 μs, which is equal to a frequency of 30960 Hz. This approximation is close to the 

resonant frequency, and confirms the switching frequency of the half-bridge. Although 

it is not present on the diagram, but after reaching the steady-state stage, which takes 

about 3 ms at this duty cycle, the switched voltage is equal to ± 3.3 V. This is half of the 

total output voltage that is supplied by the buck converter according to Figure 9.2, so 

the inverter seems to work properly. 
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9.1.3 Transformer 

 

The last part of the circuit is the transformer itself. The alternating current 

running through the primary coil induces a current in the secondary coil. The 20:1 turns 

ratio indicates that the secondary current should be 20 times higher than the primary. To 

perform this simulation the buck converter is still running at a duty cycle of 20 %. In 

this case the frequency of the half-bridge is the resonant frequency. With these 

simulation parameters the following result is obtained: 

 

 
Figure 9.6: Simulation of the transformer at the resonant frequency 

 

The blue curve is the voltage over the resistor called Rloss, the red one is the current in 

the secondary side, and the yellow waveform is the current running in the primary coil. 

The simulation is shown starting from 5 ms. This is well within the steady-state stage 

with the buck converter running at a duty cycle of 20 %. It can be easily seen that all 

three waveforms are in phase with each other. The period is also the same for all of 

them, which is roughly 32.3 μs. This is equal to a frequency of 30960 Hz. The obtained 

result is very close to the actual resonant frequency. The primary current has an 

amplitude of 0.75 A, while the amplitude of the secondary current is about 14.4 A. The 

ratio between the two is 19.2, which is very close to the intended 20:1 turns ratio. The 

amplitude of the voltage over the resistor is about 145 mV. 
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It is worth to take a look at another case to analyze the same circuit. The 

simulation parameters are exactly the same like in the previous case, only the switching 

frequency of the half-bridge is lowered to 30 kHz. The result of the simulation is the 

following: 

 

 
Figure 9.7: Simulation of the transformer at 30 kHz 

 

The waveforms are still in phase with each other. As the switching frequency 

has changed, the period of the waveforms has changed as well. In this case the period is 

roughly 33 μs, which is equal to a frequency of about 30.3 kHz. This approximation is 

not the best, but it corresponds to the change. The amplitude of the primary current has 

decreased so much that it makes it hard to read, but it is about 120 mA. On the other 

hand the secondary current is 3.2 A, which is significantly lower compared to the 

previous case. This is expected as we are no longer close to the resonant frequency, 

hence the amount of transferred energy to the circuit is decreasing. In accordance with 

this, the amplitude of the voltage signal has also decreased to approximately 32 mV. 
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9.2 Simulation of the operational amplifier board 
 

The main purpose of the operational amplifier board is signal conditioning. This 

is needed because the microcontroller can capture an analog voltage signal between 0 

and 3.3 V. In addition the board also filters the input signal to reduce high-frequency 

noise. In order to be able to see the behavior of the circuit, a simulation is required. The 

following model is used for demonstration: 

 

 
Figure 9.8: LTspice model of the operational amplifier board 

  

The upper part of the circuit is responsible to produce half of the ADC voltage. This is 

achieved by using a matched pair of resistors, namely R4 and R5. These two form a 

voltage divider to produce the desired output voltage. R5 and C2 components form a 

passive low-pass filter. In this case the operational amplifier U2 is used as a voltage 

follower. This solution provides a stable output voltage that is independent of the load. 

The bottom part of the circuit is based on an inverting operational amplifier 

configuration. Where the voltage source called Vin represents the input signal. The main 

difference is that the non-inverting input is connected to half of VADC to provide a DC 

offset. There is also an additional resistor called R2, which is pulling the inverting input 

up to VADC. Note that resistors R1 and R2 form a matched pair. The resistor network 

consisting of R1, R2, and R3 specifies the gain of the operational amplifier. The 
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components R3 and C1 together form an active low-pass filter. The simulation 

parameters can be found in the following table: 

 

Parameter Value Unit 

ADC voltage 3.3 V 

Allowed input signal amplitude ±30 V 

Minimum input signal frequency 0 Hz 

Maximum input signal frequency 159 kHz 

Table 9.2: LTspice simulation parameters of the operational amplifier board 

 

The ADC voltage provided for the circuit is 3.3 V, because that is the maximum 

value that the microcontroller can detect. In this particular case the operational amplifier 

is configured to measure in the range of ±30 V. The frequency of the input signal can be 

between 0 and 159 kHz. All of the components in the circuit are considered to be ideal 

including the operational amplifiers. The used simulation file can be found in the 

appendix. 
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9.2.1 Voltage follower operational amplifier 

 

The purpose of this configuration is to produce a stable DC output voltage of 

1.65 V. It uses a passive low-pass filter to eliminate the possible voltage spikes. The 

response of the filter is the following: 

 

 
Figure 9.9: AC analysis of the passive low-pass filter 

 

An AC frequency analysis has been performed from 1 Hz to 10 kHz with a signal 

amplitude of 2 V. The solid line is the frequency response, while the dashed line 

represents the phase shift. In this case the frequency response starts from 0 dB just 

because the amplitude of the signal was adjusted to this value. Refer to Equation 8.5, 

the cut-off frequency of this filter is about 17 Hz, which can be found at -3 dB. In 

reality a DC voltage line can contain some noise, which is normally in the range of 50 

Hz. This noise is usually coming from the mains power supply. At 50 Hz the filter has a 

noise suppression of nearly 10 dB. This results in that the voltage spikes should be more 

or less eliminated, so the filtered signal is closer to an ideal DC signal. In this case the 

low-pass filter is a first order filter, so it has a slope of -20 dB per decade. This can also 

be confirmed by taking a look at the diagram. For example at 100 Hz the amount of 

attenuation is -15.3 dB. On the other hand at 1 kHz this is equal to -35.2 dB. So the 

difference between the two is roughly 20 dB. It is easy to see that the phase shift of the 

filter lags behind the voltage signal. The higher is the frequency of the noise, the greater 

is the phase delay. The maximum delay of the filter can reach 90 degrees. In this case 
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the phase shift of the filter is not too significant, because the provided ADC voltage 

should be very close to a pure DC signal. 

 

 

9.2.2 Inverting operational amplifier 

 

This part of the circuit is responsible for signal conditioning and filtering. The 

input signal can be either an AC, a positive DC, or a negative DC signal. Although in 

case of a DC signal half of the resolution is lost. As it was mentioned earlier the 

operational amplifier is configured to measure in the range of ±30 V. The simulation 

result of the signal conditioning is shown in the following figure: 

 

 
Figure 9.10: Input-output analysis of the operational amplifier board 

 

The red waveform is the input signal, which has a frequency of 30 kHz. And the blue 

one is the output signal of the amplifier. It is easy to see that the input signal has an 

amplitude of 30 V, and it is centered around zero. On the other hand the minimum value 

of the output signal is close to 0 V. And its maximum value is about 3.3 V. So this 

means that the output signal is centered around 1.65 V. Basically the input signal is 

converted to a smaller amplitude waveform that is centered around 1.65 V. This value is 

equal to half of VADC. The inverting nature of the amplifier can be also seen as there is a 

phase delay of 180 degrees between the two waveforms. This results in that the 

minimum input value is converted to a maximum output value, and vice versa. 
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 The other function of this operational amplifier configuration is signal filtering. 

It uses an active low-pass filter consisting of R3 and C1 to reduce high-frequency noise. 

It is called active, because an active component is included in the filter as well. This 

component is the operational amplifier itself. The response of the filter is the following: 

 

 
Figure 9.11: AC analysis of the active low-pass filter 

 

An AC frequency analysis has been performed from 1 Hz to 1 MHz. The amplitude of 

the input signal is selected to be 18 V, so the frequency response starts from exactly 0 

dB. This makes the filter analysis easier. Once again the solid line is the frequency 

response, while the dashed line illustrates the phase shift. Refer to Equation 8.7, the 

cut-off frequency of the filter is about 159 kHz, which can be found at -3 dB. The 

resonant frequency of the transformer is expected to be well below this frequency. So 

all the high-frequency noise above the cut-off frequency is more or less filtered out 

depending on the frequency of the noise. Once again we have a first order filter, so it 

has a slope of -20 dB per decade. In this case the phase shift always remains positive, 

which means that the output leads the input. This is a quite surprising result in case of a 

low-pass filter. But there is also an inverting operational amplifier, which has a positive 

phase shift of 180o. Hence the negative phase shift of the low-pass filter is compensated 

by the amplifier. 
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10. Digital signal processing with the microcontroller 
 

The signal processing is the most advanced part of the project. Therefore this 

chapter is dedicated to the communication with the microcontroller and the digital 

signal processing. The Arduino IDE was used to program the microcontroller, and the 

code is written in C++ language. In this case the microcontroller uses the RS-232 serial 

communication protocol to communicate with the computer via a micro USB cable. 

After installing the driver of the microcontroller, a serial communication terminal can 

be used to establish a connection with the board. For example this can be 

HyperTerminal, or the built-in serial monitor of the Arduino IDE. The required settings 

to establish a serial communication channel can be found in the following table: 

 

Setting Value Unit 

Baud rate 115200 bps 

Data bits 8 bit 

Stop bits 1 bit 

Parity check none - 

Terminator character no line ending - 

Table 10.1: Configuration of the serial communication channel 

 

The first four settings should be set before establishing the serial communication 

channel to successfully read or write data. On the other hand the last setting is a 

changeable option in serial terminals to set how the commands are sent to the 

microcontroller. The baud rate is the rate at which information is transferred in a 

communication channel. In this case the baud rate is set to the maximum value, which is 

115200 bits per second. Data is transmitted as a series of eight bits with the least 

significant bit sent first. At least seven data bits are needed to transmit ASCII 

characters, and eight bits to transmit binary data. In addition to the data bits, the 

asynchronous serial data format consists of a start bit, one or two stop bits, and possibly 

a parity bit. In this case one start bit is used to indicate the beginning of data 

transmission, and one stop bit to denote the end of transmission. Parity checking can 

detect errors of one bit only, so it is disabled to speed up the communication. 
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The microcontroller generates altogether three PWM signals, two for the half-

bridge, and one for the buck converter. The parameters of these control signals can be 

found in the following table: 

 

Parameter Value Unit 

Buck converter frequency 50 kHz 

Buck converter duty cycle varying % 

Bridge frequency varying kHz 

Bridge duty cycle 50 % 

Rising edge dead time 12 ns 

Falling edge dead time 12 ns 

Table 10.2: PWM control signal parameters 

 

According to Table 10.2, the PWM signal that is controlling the buck converter has a 

fixed frequency of 50 kHz. On the other hand the duty cycle of the buck converter can 

be adjusted. The starting duty cycle is 70 % with a voltage supply of 30 V. The half-

bridge is controlled with varying frequency PWM signals, and both of them have a 

fixed duty cycle of 50 %. These two signals are the same, but they are inverted with 

respect to each other. And there are 12 nanoseconds of dead time between them. This 

gap ensures that two PWM signals do not overlap each other. So the two MOSFETs 

forming a half-bridge are never turned on at the same time. In order to generate 

frequency correct PWM signals, a library was written for this project called PWMC 

(Pulse Width Modulation Control). This way the duty cycle and the frequency of the 

signals can be adjusted easily, and independently from each other. 
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There are a unique set of commands to communicate with the microcontroller. 

The available commands are the following: 

 'f': make a frequency sweep 

 's': set the frequency sweep delay time 

 'l': enable full logging 

 'm': make a measurement 

 '+': increase the bridge frequency by 10 Hz 

 '-': decrease the bridge frequency by 10 Hz 

 'd': increase the duty cycle by 0.1% 

 'c': decrease the duty cycle by 0.1% 

The commands consist of one case sensitive character, and they do not include the 

quotation marks. The frequency sweep is a fully automatic operation. Where the 

minimum and maximum frequency should be provided as an input, and also the 

frequency step size. The maximum frequency limit is 45 kHz, while the minimum is 10 

kHz. Furthermore the minimum allowed frequency step size is limited to 10 Hz. The 

aim of the frequency sweep is to find the resonant frequency based on the rectified 

average of the primary current. During the frequency sweep only the frequency of the 

half-bridge is changed, and everything else is fixed. After that only the duty cycle of the 

buck converter is increased until the power supply becomes current limited. 

 During a frequency sweep after switching to a new frequency there is some 

delay before taking a reading of the changed signal. This is called the frequency sweep 

delay. The delay should be between 1 and 250 milliseconds. Although the minimum 

allowed value is 1 millisecond due to experimenting, but it is not recommended to go 

below 3. By doing so could result in false readings. The default value is set to be 10 

milliseconds. This is equal to 100 periods at the lowest allowed frequency, which is 10 

kHz. Even if the delay was zero, the digital signal processing of one step would still 

take about 60 milliseconds. 

Full logging affects the received amount of data when a frequency sweep is 

performed. When it is enabled each frequency step is printed alongside with the elapsed 

time and the raw ARV of the primary current. Otherwise only the obtained resonant 

frequency, and the ideal duty cycle are displayed as a result. 

  



70 
 

When the measurement command is issued, the resistive loss of the transformer 

is calculated at the given frequency. Ideally this should be done at the resonant 

frequency. There are altogether three values used for this task: the current of the buck 

converter, the output voltage of the buck converter, and the primary current. Each of 

them are obtained after the digital signal processing as a raw rectified voltage. It is 

called raw, because this number does not represent the actual value of the signal yet. 

According to Figure 8.4 the following three voltages are measured: 

  voltage of Rsh1 

  voltage of R2 

  voltage of Rsh2 

Where ARV stands for average rectified value. To obtain the actual voltages of these 

values, a calibration value is needed for each of them. This can be described with the 

following equations: 

 

 

In order to obtain the calibration value for each signal, several measurements were 

taken and averaged. The calibration was done with a UNI-T model UT-61E multimeter. 

This device is capable of measuring high-frequency AC signals, and DC signals as well. 

Based on Equation 8.2, the current of the buck converter can be calculated the following 

way: 

 

The numerator is the voltage over Rsh1, which is a DC voltage that is captured by one of 

the ADC channels of the microcontroller. Furthermore Vcal_sh1 is the calibration value of 

Vsh1. The second signal is the output voltage of the buck converter. Refer to Equation 

8.3 this can be calculated as follows: 

 

Where V2 is the DC voltage over resistance R2. Once again the voltage signal is 

captured by one of the ADC channels. And Vcal_2 is the calibration value that belongs to 

V2. The fraction part of the equation is basically the reciprocal of a voltage divider. 
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To calculate the primary current of the transformer, the following formula is used based 

on Equation 8.4: 

 

Where NCT1 and NCT2 are the number of turns of the primary and secondary side of the 

current transformer respectively. And Vsh2 is the voltage drop over Rsh2. Moreover 

Vcal_sh2 is the calibration value of Vsh2. In this case the primary current is calibrated to an 

RMS value. Based on these three signals the resistive loss of the transformer can be 

calculated at resonance the following way: 

 

 

After rearranging Equation 10.6, the total resistive loss of the primary side is obtained. 

Refer to Equation 4.13, the resistive loss of the secondary side can be calculated by 

moving this resistance to the secondary side as follows: 

 

Where N1 and N2 are the number of turns of the primary and secondary side of the 

transformer respectively. 

 There are also four commands for controlling the measurement system 

manually. The frequency of the PWM signal that is controlling the half-bridge can be 

increased or decreased by 10 Hz. This provides an opportunity for fine tuning when the 

obtained frequency is close to resonance. The duty cycle of the buck converter can be 

adjusted as well with a step size of 0.1 %. This can come handy if the power supply is 

still current limited after the adjustment of the duty cycle. 
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10.1 Digital signal processing of the primary current 

 

The signal processing of the primary current is illustrated with the following 

diagram: 

 

 
Figure 10.1: Signal processing flow chart of the primary current 

 

The primary current is a sinusoid signal that is centered about zero. So it is alternating 

between positive and negative values. First of all the incoming signal goes through an 

analog low-pass filter to reduce the noise. To be able to capture this signal without 

damaging the ADC, the signal needs to be conditioned. This is done by the operational 

amplifier board. After this the amplitude of the conditioned signal is between 0 and 3.3 

V, so the signal is suitable for the microcontroller. The read analog voltages are mapped 

to numbers from 0 to 4096 with one million samples per second. At this point the signal 

of the primary current is the following: 

 

 
Figure 10.2: Unfiltered primary current 

 



73 
 

The signal was captured close to resonance, and it used for demonstration only. 

The x-axis depicts the number of samples, while the y-axis represents the amplitude of 

the signal. Altogether 512 samples were collected during the measurement with one 

million samples per second. The signal looks like a sinusoid that contains a little noise. 

For example this can be seen between samples 130 and 132. While the most spectacular 

noise is located between samples 420 and 423. It easy to notice that there is a DC offset 

present in the signal, because it is not centered about zero. The period of the signal is 

about 32 samples, which is equal to a frequency of 31250 Hz. This is close to the 

driving frequency, which was 30.9 kHz. The signal seems to be bounded between 1000 

and 2700. The digital signal processing starts with the digital filtering. In this project a 

stand-alone Savitzky-Golay filter was used as a digital filter. The used polynomial order 

is 4, and the used window size is 25. These parameters were obtained based on trial and 

error, and also taking into consideration the memory limitation of the microcontroller. 

After the digital filtering the signal looks as follows: 

 

 
Figure 10.3: Filtered primary current 

 

Notice that the previously present noise in the signal is completely removed by 

the filter. While the amplitude and the width of the signal is untouched. This is what 

makes the Savitzky-Golay filter extraordinary. Only one filter was used in the 

implementation with 25 coefficients, which is equal to the window size. This resulted in 

a loss of data, so the total number of samples have decreased to 488. There are samples 

missing from the beginning and from the end of the signal. This is completely normal as 

the filter is applied to the signal in the steady-state. In order to keep the missing 
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samples, a new filter would be needed for each sample. That would result in altogether 

625 coefficient values used for 25 distinct filters. It is not just very wasteful to apply a 

single filter to each sample, but the huge number of coefficients would drastically 

reduce the available memory of the microcontroller. It is a good practice to omit the 

first few samples collected by the ADC, because it can be junk data. This usually 

happens when an ADC channel is initialized. As the used filter skips the startup 

transient of the signal, there is no need to omit any more samples. The next step is the 

detection of the zero crossings, which is illustrated with the following figure: 

 

 
Figure 10.4: Zero crossing detection of the primary current 

 

After the signal has been filtered, the maximum and minimum values are 

determined. The half of the sum of these two values is the black dashed line in Figure 

10.4. This line is used only as a reference to count the number and the position of the 

zero crossings. The red circle indicates the first sample after a zero crossing has been 

detected. The filtered signal starts with a positive cycle, and when it goes below the 

dashed line, a zero crossing is detected. Now we are in a negative cycle, and when the 

signal goes above the dashed line, another zero crossing is detected. This process goes 

on until the end of the signal is reached. Altogether 30 zero crossings has been detected.  
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The result of the next step can be seen in the following figure: 

 

 
Figure 10.5: Cropped primary current 

 

One period of a sinusoid consists of three zero crossings. Every additional period 

increases the total number of the zero crossings by two. So the number of the zero 

crossings should be at least three and odd. This idea is used in the cropping algorithm to 

achieve a whole number of periods. If the beginning and the end of the signal is also 

counted as a zero crossing, then the total number of zero crossings is 29 in this case. 

Notice that in the previous step the signal started with a positive cycle, and now that 

part is cropped. The same can be noticed at the end of the signal as well. By taking a 

look at Figure 10.5, it is easy to see that signal now consists of 14 periods. Even if the 

dashed line was not in the middle, the signal would still be cropped in a way to have a 

whole number of periods. 
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In the last step the signal is centered about zero as shown in the figure below: 

 

 
Figure 10.6: Centered primary current 

 

Ideally the signal should be centered about 1.65 V, which corresponds to a value 

of 2048 with a 12-bit ADC. In practice this is usually not the case, so the DC offset 

needs to be extracted from the signal. The average of a sinusoid for any whole number 

of periods is zero. This idea is used to find the DC offset of the signal. Now the signal 

consists of a whole number of periods, so the average of the signal should be equal to 

the DC offset. Next this offset is subtracted from each sample. As a result the signal is 

now centered about zero. After this the average rectified value of the signal is 

calculated. 

 

 

10.2 Digital signal processing of the buck converter current 

 

 The signal processing of the buck converter current is simpler compared to the 

primary current. The main difference is that the buck converter current should be a 

sawtooth signal with only positive cycles. Hence it is not centered about zero. This is 

the reason why it is treated as a DC signal. The amplitude of this signal is less than 3.3 

V, and it does not go below zero. So it can be directly captured without any signal 

conditioning. 
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The collected buck converter current is shown in the following figure: 

 

 
Figure 10.7: Unfiltered buck converter current 

 

The x-axis shows the number of samples, while the y-axis represents the 

amplitude of the signal. Altogether 512 samples were captured with one million samples 

per second. There is no DC offset present in the signal, because it was captured directly 

by the ADC. It is very eye-catching that the signal contains a lot of noise. In spite of this 

it is clear that the sawtooth signal is located between 1100 and 1220. The positive 

minimum value indicates that buck converter is working in continuous current mode. 

The period of the signal is roughly 20 samples, which is equal to a frequency of 50 kHz. 

The duty cycle cannot be easily identified from the diagram, but it was 60 %. The 

average value of the unfiltered signal is roughly 1153.6. 
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Like in the previous case, the Savitzky-Golay filter was used as a digital filter. 

The polynomial order of the filter is 4, and the window size is 25. After filtering the 

signal looks as follows: 

 

 
Figure 10.8: Savitzky-Golay filtered buck converter current 

 

Note that the voltage spikes have been reduced significantly after filtering. The shape of 

the signal changed as well, it no longer looks like a sawtooth. Now the signal is 

bounded between 1070 and 1240. This is pretty close to the previous observation. 

Altogether 24 samples are missing from the beginning and from the end of the signal. 

So the total number of samples have been reduced to 488. The main idea of cropping is 

that the area below a positive cycle cancels out the area of a negative cycle, resulting in 

a zero average value. In this case there are only positive cycles. Still it is not possible to 

crop the signal to a whole number of periods, because the amplitude of the signal varies 

too much. Due to the high level of noise this is always the case. So the average value of 

the signal is calculated after this step, which is 1154.7. This is slightly different from the 

previously calculated average. 
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Another method has been taken into consideration to reduce the noise of the 

signal, and calculate the average value right after the filtering. It is a nonlinear filter, 

which bounds the signal between two limits. Hence it is referred to as boundary filter. 

The output of this filter can be seen in the following figure: 

 

 
Figure 10.9: Boundary filtered buck converter current 

 

Note that in this case all 512 samples are kept. First the average value of the unfiltered 

signal is calculated. After that the standard deviation is obtained. Based on these two 

values, the boundary conditions are determined represented with black dashed lines. 

The upper boundary value is the sum of the average value and the standard deviation, 

and all samples that exceed this limit are replaced with this value. On the other hand the 

lower boundary value is obtained by subtracting the standard deviation from the average 

value. All samples that go below this limit are replaced with the lower boundary value. 

This nonlinear filtering resulted in an average value of about 1152.5. 

Refer to pages 77-79, the difference between the unfiltered average and the 

filtered average values is about 1.1 in both cases, which is negligible. So it is better to 

avoid unnecessary computations and calculate the average directly from the unfiltered 

signal. In the implementation the first 10 samples are omitted to avoid false readings 

after switching to a new ADC channel. 

 

  



80 
 

10.3 Digital signal processing of the buck converter output voltage 

 

 The signal processing of the buck converter voltage is similar to the buck 

converter current, because both signals should be sawtooth-shaped. Therefore the output 

voltage of the buck converter is also periodic, and it is considered to be a DC signal. 

The maximum value of the signal can be 3 V, and the minimum value cannot be less 

than zero. So the signal can be directly captured by the ADC of the microcontroller. The 

output voltage of the buck converter is shown in the following figure: 

 

 
Figure 10.10: Unfiltered buck converter voltage 

 

The x-axis indicates the number of samples, while the y-axis depicts the 

amplitude of the signal. Once again 512 samples were captured with one million 

samples per second. The signal was directly captured by the ADC of the microcontroller 

so no DC offset should be present. The signal contains even more noise than the current 

signal of the buck converter. By taking a look at Figure 10.10, the signal seems to be 

bounded between 2260 and 2310. The period of the signal is approximately 16 samples, 

which is equal to a frequency of 62500 Hz. This is roughly the double of the frequency 

driving the half-bridge, which was 30900 Hz. The duty cycle of the signal cannot be 

determined from the graph. But it should be equal to the duty cycle of the PWM signal 

driving the buck converter, which was 60 %. The average value of the unfiltered signal 

is calculated to be 2292.6. 
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The same Savitzky-Golay filter was used like in the previous cases. The result of 

the filtering can be seen in the following figure: 

 

 
Figure 10.11: Savitzky-Golay filtered buck converter voltage 

 

After filtering the signal looks more acceptable. The voltage spikes have been reduced 

noticeably by the filter. Now the signal is located between 2275 and 2320. So the filter 

came close to the observation in the previous step. By taking a look at the diagram, it is 

clear that the total number of samples are less. Altogether there are 488 samples. These 

samples are missing from the startup transient, and also from the ending transient. The 

amplitude of the signal is even more hectic than in the case of the buck converter 

current. So it is also not possible to crop the signal to a whole number of periods. In 

spite of the filtering, the average value of the signal is still about 2292.6, so it is almost 

unchanged. 
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Like in the previous subchapter, the signal is also applied to the boundary filter 

as well. The impact of the filter should be seen in the average value. The output of the 

boundary filter is the following: 

 

 
Figure 10.12: Boundary filtered buck converter voltage 

 

Note that the filter keeps all 512 samples. The two black dashed lines represent the 

upper and the lower boundary conditions respectively. The upper boundary value is the 

sum of the average value and the standard deviation of the received signal. All samples 

that exceed this limit are replaced with the upper boundary value. On the other hand the 

lower boundary value is obtained by subtracting the standard deviation from the average 

value. In this case all samples that are located under this limit are replaced with the 

lower boundary value. The effect of the filtering is very spectacular as all of the voltage 

spikes are removed. This resulted in an average value of 2291.9. 

There is almost no difference between the averages of the unfiltered signal and 

the Savitzky-Golay filtered signal. While the difference between the unfiltered signal 

and the boundary filtered signal is only about 0.7, which is negligible. So it is more 

efficient to calculate the average value directly from the unfiltered signal. In the 

implementation the first 10 samples are omitted to avoid false readings. So the same 

method is used to calculate the average of the buck converter current and voltage. 
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10.4 Standard and reduced frequency sweeps 

 

The result of two frequency sweeps is presented in this subchapter. One of them 

is described more in detail in the subchapter called digital signal processing of the 

primary current. This is considered to be the standard process, and it consists of the 

following steps: 

1. Digital filtering of the signal 

2. Zero crossing detection 

3. Cropping the signal 

4. Center aligning the signal 

5. Calculating the average rectified value 

This process has been already optimized and improved. At the moment the used 

algorithms can be made only slightly faster. In order to make the process noticeably 

faster some of the signal processing algorithms should be completely skipped. So the 

other approach consists of only the necessary steps that are required to obtain the 

average rectified value of the signal. These steps are the following: 

1. Digital filtering of the signal 

2. Center aligning the signal 

3. Calculating the average rectified value 

This is the bare minimum that has to be done in order to achieve reasonable values as an 

output. Hence it is called the reduced process. The following table summarizes the used 

parameters of the frequency sweeps: 

 

Parameter Value Unit 

Frequency step delay 10 ms 

Minimum frequency 28 kHz 

Maximum frequency 34 kHz 

Frequency step size 10 Hz 

Table 10.3: Frequency sweep parameters 

 

In both cases the same parameters were used. The time difference between the two 

experiments was less than a minute. So the conditions were close to identical. Anyway 

it is important to mention that every measurement is unique. The output of each 
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frequency sweep was stored in a text file. And this file was parsed in Matlab to be able 

to plot the results. 

 

 

10.4.1 Output of a standard frequency sweep 

 

 
Figure 10.13: Standard frequency sweep 

 

The left side of Figure 10.13 shows the average rectified value as a function of 

frequency. On the other hand the right side of the figure represents the same, just as a 

function of time. The two graphs are mirror images of each other, because the frequency 

sweep starts from the maximum frequency that was provided by the user. The frequency 

sweep consists of 600 steps with a frequency step delay of 10 milliseconds. So the total 

delay is equal to 6 seconds. In this case the process took altogether 42.56 seconds, or 

36.56 seconds if the delay is deducted. This means that each step of the digital signal 

processing took roughly 60 milliseconds. The peak value was found to be 799.2 at a 

frequency of 30940 Hz. Usually it is very hard to distinguish the peak frequency from 

the rest in a certain bandwidth. This is why it is better to take a closer look at the near 

proximity of the peak frequency. 

  



85 
 

The following table contains the exact values for an 80 Hz bandwidth centered about 

the peak frequency, extracted from Figure 10.13: 

 

Frequency [Hz] Average rectified value 

30900 727.1 

30910 757.5 

30920 779 

30930 793.6 

30940 799.2 

30950 798.2 

30960 798.7 

30970 791.8 

30980 783.1 

Table 10.4: Standard frequency sweep values 

 

Now it is easy to see that there is a 20 Hz bandwidth between 30940 and 30960 Hz, 

where the obtained rectified values are very close to each other. The difference between 

the highest and the smallest value is about 0.13 %, which is negligible. So the actual 

resonant frequency is located within this bandwidth. In the next step the duty cycle of 

the buck converter is increased until the power supply becomes current limited. The 

output of this process is the following: 

 

 
Figure 10.14: Standard duty cycle sweep at the peak frequency 
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The left side of the diagram shows the average rectified value as a function of duty 

cycle. While the right side of the figure represents the same, just as a function of time. 

In this process the previously obtained peak frequency is used, which was 30940 Hz. 

The sweep consists of 9 steps, so the total delay is 90 milliseconds. This process took 

0.64 second, or 0.55 second without the delay. The digital signal processing of each step 

took about 60 milliseconds like before. The duty cycle sweep starts from 0.7, and the 

average rectified value increases almost linearly until it reaches its peak value at 0.78. 

After this point there is a decline, which indicates that the power supply has become 

current limited, so the algorithm stopped here. This means that the ideal duty cycle at 

this frequency would be 0.78, but in order to avoid being current limited again it is set 

back to 0.76 instead. 

 

 

10.4.2 Output of a reduced frequency sweep 

 

 
Figure 10.15: Reduced frequency sweep 

 

The left side of the diagram illustrates the average rectified value as a function of 

frequency. On the other hand the right side of the diagram depicts also the same, but as 

a function of time. The frequency sweep consists of 600 steps. The frequency step delay 

is still 10 milliseconds, so the total delay is again 6 seconds. The process took exactly 

39 seconds, or 33 seconds without the frequency step delay. In this case each step of the 

digital signal processing took 55 milliseconds. The peak value was found to be 806.3 at 

a frequency of 30950 Hz. Note that the average rectified values are a little higher 

compared to the previous case. This is probably because the captured primary current 

signal was not cropped. The waveform looks rather noisy at lower frequencies. This is 
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not desirable of course, but it happens far away from the peak frequency, so it should 

not affect the overall process. It is worth to take a look at the close proximity of the 

peak frequency once again. The table below contains the exact values for an 80 Hz 

bandwidth centered about the peak frequency, extracted from Figure 10.15: 

 

Frequency [Hz] Average rectified value 

30910 760.5 

30920 786 

30930 801 

30940 801.1 

30950 806.3 

30960 804.7 

30970 799 

30980 790.1 

30990 771.7 

Table 10.5: Reduced frequency sweep values 

 

In this case the collected data is less consistent, because the average rectified values 

differ with the captured signal. So a wider range of values should be taken into 

consideration. There is a 40 Hz bandwidth between 30930 and 30970 Hz, where the 

difference between the highest and the smallest value is 0.9 %. The actual resonant 

frequency should be within this range. Then the duty cycle sweep is performed, and the 

output is the following: 

 

 
Figure 10.16: Reduced duty cycle sweep at the peak frequency 
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The left side of the figure illustrates the average rectified value as a function of duty 

cycle. On the other hand the right side of the diagram shows the same as a function of 

time. In this case the previously obtained peak frequency is used, which was 30950 Hz. 

The duty cycle sweep consists of 9 steps, so the total delay is 90 milliseconds. The 

process took altogether 0.58 second, or 0.49 second if the delay is deducted. So the 

digital signal processing of each step was roughly 55 milliseconds. This is in agreement 

with the result obtained in the previous step. The sweep starts from a duty cycle of 0.7, 

and the average rectified value continuously increases until the peak value is reached at 

0.78. According to Figure 10.16, this increase does not look too linear. This indicates 

that there is no direct proportionality between the input and the output, which is 

contradictory to the standard case. The power supply has become current limited at a 

duty cycle of 0.79. So the ideal duty cycle at this frequency would be 0.78, but it is set 

back to 0.76 to avoid being current limited again. 

 

 

10.4.3 Conclusion 

 

 In the standard frequency sweep the digital signal processing of each step took 

about 60 milliseconds. With the other method this time was reduced to 55 milliseconds. 

The difference between the found peak frequencies was only 10 Hz. However in the 

standard case the resonant frequency is located in a 20 Hz bandwidth. On the other hand 

this bandwidth is 40 Hz with the reduced method. So the first method can determine the 

location of the resonant frequency two times more accurately. In both cases the power 

supply became current limited at a duty cycle of 0.79. This is not too surprising as the 

two driving frequencies were very close to each other. But the nonlinear behavior 

between the average rectified value and the duty cycle is undesirable. This was the case 

with the reduced method, while the standard method showed an almost linear 

relationship. In overall it is better to spend a little more time on the signal processing to 

achieve a more consistent result. 
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11. Summary 
 

The theoretical part of my thesis started with the basics of electromagnetism in 

order to be able to understand how a transformer works. After that the introduction of 

an ideal transformer took place, which was followed by a practical transformer model 

that contained several losses. The focus was on copper loss, as the main goal of this 

project was to find the resonant frequency of a transformer, and measure its resistive 

loss at that point. Consequently resonance in a series and a parallel RLC circuit was 

introduced as a closing of the theoretical part. 

The practical part started with the introduction of four different ideas how to find 

the resonant frequency of a transformer, when a capacitor is attached to the secondary 

side as a load. The use of this component was necessary to form a series RLC circuit on 

the secondary side. Based on the simulations in terms of accuracy and simplicity the 

monitoring of the primary or secondary current proved to be the most promising 

alternative. In the following chapter three digital filters were compared to each other 

using the same dataset of samples. In the end the not so well known Savitzky-Golay 

filter turned out to be the best in terms of noise reduction for a sine wave with random 

generated noise. Moreover this filter also managed to preserve the shape and amplitude 

of the input signal. The next step was to introduce the low voltage measurement system 

with an explanation how it is controlled. The most important components were 

presented in more detail. In order to understand the behavior of the measurement circuit, 

numerous simulations were performed with the help of LTspice. In the closing chapter 

the available commands of the system, and the digital signal processing were explained 

step by step. In the implementation the primary current was chosen to find the resonant 

frequency of the transformer. The other two feedback signals were the current and the 

output voltage of the buck converter. It was found that it is best to calculate the average 

value of these two signals directly. Based on experiments the resonant frequency is 

usually found in a 20 Hz bandwidth, where the measured values are very close to each 

other. In that region it is impossible to tell the difference between those values even 

with an oscilloscope. Although there are calibration values for all three feedback 

signals, but it is better to directly measure them with a high precision multimeter at 

resonance to calculate the resistive loss of the transformer. 
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Appendix A-1: Sine function code 
Filename: state_space_sine.m – Matlab file 
 
 
 
function dx = state_space_sine(t, x) 
 
global A 
global B 
global amplitude 
global frequency 
 
u = amplitude * sin(2 * pi * frequency * t); 
dx = A * x + B * u; 
 
end 
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Appendix A-2: Frequency sweep using the secondary current code 
Filename: frequency_sweep_current.m – Matlab file 
 
 
 
%% Reset 
clear all 
close all 
 
%% Parameters 
global A 
global B 
global frequency 
global amplitude 
 
% System parameters 
V_1 = 30; % V 
turns_ratio = 20; % Turns 
R = 10e-3; % Ohm 
L = 7.6e-6; % Henry 
C = 3.5e-6; % Farad 
 
%% State space model 
A = [-R/L   -1/L 
     1/C      0]; 
 
B = [1/L 
     0]; 
 
% Initial conditions 
x0 = [0 
      0]; 
 
%% Simulation 
index = 1; 
amplitude = V_1 * 1/turns_ratio; % V 
average_array = 0; % A 
frequency_array = 0; % Hz 
peak_frequency = 0; 
peak_rectified_average = 0; 
estimated_resonance = 31000; % Hz 
interval = 3000; % Hz 
step_size = 10; % Hz 
 
for frequency = (estimated_resonance - interval) : step_size : 
(estimated_resonance + interval) 
 
    simulation_time = 15 / frequency; % Simulated periods: 15 
    [time, output] = ode23('state_space_sine', [0 simulation_time], 
x0); 
    current = output(:, 1); 
    rectified_average = mean(abs(current)); 
    average_array(index, 1) = rectified_average; 
    frequency_array(index, 1) = frequency; 
    index = index + 1; 
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if(rectified_average > peak_rectified_average) 
        peak_rectified_average = rectified_average; 
        peak_frequency = frequency; 
        peak_output = output; 
        peak_time = time; 
    end 
 
end 
 
exact_frequency = round(1 / (2 * pi * sqrt(L * C))); 
inductor_power = peak_output(:, 1).^2 * (2 * pi * peak_frequency * L); 
capacitor_power = peak_output(:, 1).^2 * (1 / (2 * pi * peak_frequency 
* C)); 
 
%% Plot 
figure(1) 
plot(frequency_array, average_array, 'r') 
title(strcat('Peak frequency:', {' '}, num2str(peak_frequency), 'Hz', 
{'\newline'}, 'Exact frequency:', {' '}, num2str(exact_frequency), 
'Hz')) 
xlabel('Frequency [Hz]') 
ylabel('Rectified average current [A]') 
grid on 
 
figure(2) 
plot(peak_time, inductor_power, 'b') 
grid on 
title('Inductor power') 
xlabel('Time [s]') 
ylabel('Reactive power [Var]') 
grid on 
 
figure(3) 
plot(peak_time, capacitor_power, 'r') 
title('Capacitor power') 
xlabel('Time [s]') 
ylabel('Reactive power [Var]') 
grid on 
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Appendix A-3: Frequency sweep using the reactive power code 
Filename: frequency_sweep_power.m – Matlab file 
 
 
 
%% Reset 
clear all 
close all 
 
%% Parameters 
global A 
global B 
global frequency 
global amplitude 
 
% System parameters 
V_1 = 30; % V 
turns_ratio = 20; % Turns 
R = 10e-3; % Ohm 
L = 7.6e-6; % Henry 
C = 3.5e-6; % Farad 
 
%% State space model 
A = [-R/L   -1/L 
     1/C    0]; 
 
B = [1/L 
     0]; 
 
% Initial conditions 
x0 = [0 
      0]; 
 
%% Simulation 
index = 1; 
amplitude = V_1 * 1/turns_ratio; % V 
inductor_array = 0; % Var 
capacitor_array = 0; % Var 
difference_array = 0; % Var 
frequency_array = 0; % Hz 
peak_frequency = 0; 
min_difference = 100; 
estimated_resonance = 31000; % Hz 
interval = 3000; % Hz 
step_size = 10; % Hz 
 
for frequency = (estimated_resonance - interval) : step_size : 
(estimated_resonance + interval) 
 
    simulation_time = 15 / frequency; % Simulated periods: 15 
    [time, output] = ode23('state_space_sine', [0 simulation_time], 
x0); 
    current = output(:, 1); 
    inductor_power = current.^2 * (2 * pi * frequency * L); 
    capacitor_power = current.^2 * (1 / (2 * pi * frequency * C)); 
    rectified_inductor_power = mean(abs(inductor_power)); 
    rectified_capacitor_power = mean(abs(capacitor_power)); 
    difference = abs(rectified_inductor_power - 
rectified_capacitor_power); 
    inductor_array(index, 1) = rectified_inductor_power; 
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    capacitor_array(index, 1) = rectified_capacitor_power; 
    difference_array(index, 1) = difference; 
    frequency_array(index, 1) = frequency; 
    index = index + 1; 
 
    if(difference < min_difference) 
        min_difference = difference; 
        peak_frequency = frequency; 
        peak_output = output; 
        peak_time = time; 
    end 
 
end 
 
exact_frequency = round(1 / (2 * pi * sqrt(L * C))); 
 
%% Plot 
figure(1) 
plot(frequency_array, difference_array, 'r') 
title(strcat('Peak frequency:', {' '}, num2str(peak_frequency), 'Hz', 
{'\newline'}, 'Exact frequency:', {' '}, num2str(exact_frequency), 
'Hz')) 
xlabel('Frequency [Hz]') 
ylabel('Reactive power difference [Var]') 
grid on 
 
figure(2) 
plot(frequency_array, capacitor_array, 'b') 
title('Capacitor and inductor power') 
xlabel('Frequency [Hz]') 
ylabel('Reactive power [Var]') 
hold on 
plot(frequency_array, inductor_array, 'r') 
legend('Capacitor power', 'Inductor power') 
grid on 
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Appendix A-4: Peak finder function code 
Filename: find_peak.m – Matlab file 
 
 
 
function [peak_time, peak_amplitude] = find_peak(time, amplitude) 
 
if(length(time) ~= length(amplitude)) 
    error('The time and and amplitude array must have the same 
length!'); 
end 
 
[time_row, time_column] = size(time); 
[amplitude_row, amplitude_column] = size(amplitude); 
 
% Make row vectors 
if(time_row < time_column) 
    time = time'; 
elseif(amplitude_row < amplitude_column) 
    amplitude = amplitude'; 
end 
 
counter = 1; 
positive_peak = -1; 
peak_time = 0; 
peak_amplitude = 0; 
min_value = 0; 
max_value = 0; 
min_time = 0; 
max_time = 0; 
 
for index = 1 : 1 : length(time) 
    current_value = amplitude(index, 1); 
 
    if(current_value > 0 && previous_value <= 0) 
        positive_peak = 1; 
 
        if(max_value > 0) 
            peak_time(counter, 1) = max_time; 
            peak_amplitude(counter, 1) = max_value; 
            max_value = 0; 
            counter = counter + 1; 
        end 
    elseif(current_value < 0 && previous_value >= 0) 
        positive_peak = 0; 
 
        if(min_value < 0) 
            peak_time(counter, 1) = min_time; 
            peak_amplitude(counter, 1) = min_value; 
            min_value = 0; 
            counter = counter + 1; 
        end 
    end 
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if(positive_peak == 1 && current_value > max_value) 
        max_value = current_value; 
        max_time = time(index, 1); 
    elseif(positive_peak == 0 && current_value < min_value) 
        min_value = current_value; 
        min_time = time(index, 1); 
    end 
 
    previous_value = amplitude(index, 1); 
end 
 
end 
 

  



99 
 

Appendix A-5: Frequency sweep using the phase delay code 
Filename: frequency_sweep_phase.m – Matlab file 
 
 
 
%% Reset 
clear all 
close all 
 
%% Parameters 
global A 
global B 
global frequency 
global amplitude 
 
% System parameters 
V_1 = 30; % V 
turns_ratio = 20; % Turns 
R = 10e-3; % Ohm 
L = 7.6e-6; % Henry 
C = 3.5e-6; % Farad 
 
%% State space model 
A = [-R/L   -1/L 
     1/C    0]; 
 
B = [1/L 
     0]; 
 
% Initial conditions 
x0 = [0 
      0]; 
 
%% Simulation 
index = 1; 
amplitude = V_1 * 1/turns_ratio; % V 
phase_array = 0; % degree 
frequency_array = 0; % Hz 
peak_frequency = 0; 
peak_phase_difference = 100; 
estimated_resonance = 31000; % Hz 
interval = 3000; % Hz 
step_size = 10; % Hz 
 
for frequency = (estimated_resonance - interval) : step_size : 
(estimated_resonance + interval) 
 
    phase_difference = 0; 
    simulation_time = 15 / frequency; %Simulated periods: 15 
    [time, output] = ode23('state_space_sine', [0 simulation_time], 
x0); 
    current = output(:, 1); 
    input_voltage = amplitude * sin(2 * pi * frequency * time); 
    [input_peak_time, ~] = find_peak(time, input_voltage); 
    [current_peak_time, ~] = find_peak(time, current); 
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if(length(input_peak_time) > length(current_peak_time)) 
        end_value = length(current_peak_time); 
    else 
        end_value = length(input_peak_time); 
    end 
 
    for i = 1 : 1 : end_value 
        phase_difference = phase_difference + abs((input_peak_time(i) 
- current_peak_time(i))); 
    end 
 
    phase_difference = phase_difference / end_value; 
    phase_array(index, 1) = phase_difference; 
    frequency_array(index, 1) = frequency; 
    index = index + 1; 
 
    if(phase_difference < peak_phase_difference) 
        peak_phase_difference = phase_difference; 
        peak_frequency = frequency; 
        peak_output = output; 
        peak_time = time; 
    end 
 
end 
 
exact_frequency = round(1 / (2 * pi * sqrt(L * C))); 
 
%% Plot 
figure(1) 
plot(frequency_array, phase_array, 'r') 
title(strcat('Peak frequency:', {' '}, num2str(peak_frequency), 'Hz', 
{'\newline'}, 'Exact frequency:', {' '}, num2str(exact_frequency), 
'Hz')) 
xlabel('Frequency [Hz]') 
ylabel('Phase delay [s]') 
grid on 
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Appendix A-6: Pulse function code 
Filename: state_space_pulse.m – Matlab file 
 
 
 
function dx = state_space_pulse(t, x) 
 
global A 
global B 
global amplitude 
global pulse_time 
 
if(t <= pulse_time) 
    u = amplitude; 
else 
    u = 0; 
end 
 
dx = A * x + B * u; 
 
end 
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Appendix A-7: Pulse method code 
Filename: pulse_method.m – Matlab file 
 
 
 
%% Reset 
clear all 
close all 
 
%% Parameters 
global A 
global B 
global pulse_time 
global amplitude 
 
% System parameters 
V_1 = 30; %V 
turns_ratio = 20; % Turns 
R = 10e-3; % Ohm 
L = 7.6e-6; % Henry 
C = 3.5e-6; % Farad 
 
%% State space model 
A = [-R/L   -1/L 
     1/C    0]; 
 
B = [1/L 
     0]; 
 
% Initial conditions 
x0 = [0 
      0]; 
 
%% Simulation 
amplitude = V_1 * 1/turns_ratio; % V 
simulation_time = 1.5e-3; 
pulse_time = 0.15 * simulation_time; % 15% of the total simulation 
[time, output] = ode23('state_space_pulse', [0 simulation_time], x0); 
current = output(:, 1); 
[~, zero_time] = zero_crossing(current, time); 
[~, column] = find(zero_time > pulse_time, 1); 
zero_crossing_duration = diff(zero_time(column : end)); 
average_zero_crossing_duration = mean(zero_crossing_duration); 
obtained_frequency = round(1 / (2 * average_zero_crossing_duration)); 
 
% Create waveform for the pulse that can be plotted 
pulse = zeros(length(time), 1); 
 
for index = 1 : 1 : length(time) 
    if(time(index, 1) <= pulse_time) 
        pulse(index, 1) = amplitude; 
    else 
        pulse(index, 1) = 0; 
    end 
end 
 
exact_frequency = round(1 / (2 * pi * sqrt(L * C))); 
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%% Plot 
figure(1) 
plot(time, current, 'r') 
title(strcat('Obtained frequency:', {' '}, 
num2str(obtained_frequency), 'Hz', {'\newline'}, 'Exact frequency:', 
{' '}, num2str(exact_frequency), 'Hz')) 
xlabel('Time [s]') 
ylabel('Current/Voltage [A/V]') 
grid on 
hold on 
plot(time, pulse, 'b') 
ylim([-1.5 2]) 
legend('Current', 'Pulse') 
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Appendix B: Digital filter selection code 
Filename: digital_filter_test.m – Matlab file 
 
 
 
%% Reset 
clc; % Clear the command window 
close all; % Close all figures 
clear; % Erase all existing variables 
 
%% Make a noisy sine wave 
Fs = 1e6; % 1 MHz 
time = 0 : 1 / Fs : 400e-6; % 400 us 
sample = 1 : 1 : length(time); 
frequency = 30000; % Hz 
omega = 2 * pi * frequency; 
original_signal = sin(omega * time); 
noise_amplitude = 0.8; 
noisy_signal = original_signal + noise_amplitude * 
rand(size(original_signal)); 
original_signal = original_signal + (noise_amplitude / 2); 
original_snr = 20 * log10(sqrt(mean(original_signal.^2)) / 
sqrt(mean((noisy_signal - original_signal).^2))); 
 
%% Axis parameters 
min_y_limit = -1; 
max_y_limit = 2; 
min_x_limit = 1; 
max_x_limit = 400; 
 
%% Noisy signal plot 
figure(1) 
plot(sample, noisy_signal, 'b-', 'LineWidth', 1); 
title(strcat('SNR:', {' '}, num2str(original_snr), {' '}, 'dB')); 
xlim([min_x_limit max_x_limit]); 
ylim([min_y_limit max_y_limit]); 
xlabel('Samples') 
ylabel('Amplitude') 
grid on; 
 
%% Savitzky-golay filter 
window_width = 25; 
polynomial_order = 4; 
savitzky_golay = sgolayfilt(noisy_signal, polynomial_order, 
window_width); 
savitzky_golay_snr = 20 * log10(sqrt(mean(original_signal.^2)) / 
sqrt(mean((savitzky_golay - original_signal).^2))); 
 
figure(2) 
plot(sample, savitzky_golay, 'r', 'LineWidth', 1); 
title(strcat('SNR:', {' '}, num2str(savitzky_golay_snr), {' '}, 
'dB')); 
hold on 
plot(sample, original_signal, 'k:', 'LineWidth', 2); 
xlim([min_x_limit max_x_limit]); 
ylim([min_y_limit max_y_limit]); 
xlabel('Samples') 
ylabel('Amplitude') 
grid on 
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%% Moving average filter 
window_size = 3; 
a = 1; 
b = ones(1, window_size); 
b = b / window_size; 
moving_average = filter(b, a, noisy_signal); 
moving_average_snr = 20 * log10(sqrt(mean(original_signal.^2)) / 
sqrt(mean((moving_average - original_signal).^2))); 
 
figure(3) 
plot(sample, moving_average, 'r', 'LineWidth', 1); 
title(strcat('SNR:', {' '}, num2str(moving_average_snr), {' '}, 
'dB')); 
hold on 
plot(sample, original_signal, 'k:', 'LineWidth', 2); 
xlim([min_x_limit max_x_limit]); 
ylim([min_y_limit max_y_limit]); 
xlabel('Samples') 
ylabel('Amplitude') 
grid on 
 
%% Median filter 
filter_order = 9; 
median_filter = medfilt1(noisy_signal, filter_order); 
median_snr = 20 * log10(sqrt(mean(original_signal.^2)) / 
sqrt(mean((median_filter - original_signal).^2))); 
 
figure(4) 
plot(sample, median_filter, 'r', 'LineWidth', 1); 
title(strcat('SNR:', {' '}, num2str(median_snr), {' '}, 'dB')); 
hold on 
plot(sample, original_signal, 'k:', 'LineWidth', 2); 
xlim([min_x_limit max_x_limit]); 
ylim([min_y_limit max_y_limit]); 
xlabel('Samples') 
ylabel('Amplitude') 
grid on 
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Appendix C-1: Simulation of the buck converter/inverter board 
Filename: measurement_circuit.asc – LTspice file 
 
 
 
Version 4 
SHEET 1 2184 680 
WIRE 1088 -432 992 -432 
WIRE 992 -400 992 -432 
WIRE 1088 -320 1088 -432 
WIRE 272 -288 112 -288 
WIRE 784 -272 368 -272 
WIRE 848 -272 784 -272 
WIRE 992 -272 992 -320 
WIRE 992 -272 928 -272 
WIRE 1072 -272 992 -272 
WIRE 1232 -272 1168 -272 
WIRE 112 -256 112 -288 
WIRE 368 -256 368 -272 
WIRE 784 -240 784 -272 
WIRE 272 -176 272 -288 
WIRE 320 -176 272 -176 
WIRE 992 -144 992 -272 
WIRE 1232 -144 1232 -272 
WIRE 112 -128 112 -176 
WIRE 368 -128 368 -160 
WIRE 368 -128 112 -128 
WIRE 592 -128 368 -128 
WIRE 784 -128 784 -176 
WIRE 784 -128 672 -128 
WIRE 368 -112 368 -128 
WIRE 272 -80 112 -80 
WIRE 784 -80 784 -128 
WIRE 112 -48 112 -80 
WIRE 272 -32 272 -80 
WIRE 320 -32 272 -32 
WIRE 592 -32 544 -32 
WIRE 720 -32 672 -32 
WIRE 544 0 544 -32 
WIRE 112 48 112 32 
WIRE 368 48 368 -16 
WIRE 368 48 112 48 
WIRE 784 48 784 -16 
WIRE 784 48 368 48 
WIRE 848 48 784 48 
WIRE 992 48 992 -80 
WIRE 992 48 848 48 
WIRE 1232 48 1232 -64 
WIRE 1232 48 992 48 
WIRE 720 96 720 -32 
WIRE 784 96 720 96 
WIRE 848 96 848 48 
WIRE 544 128 544 80 
WIRE 784 128 784 96 
WIRE 592 208 544 208 
WIRE 720 208 720 96 
WIRE 720 208 656 208 
FLAG 848 96 0 
FLAG 784 128 0 
SYMBOL voltage 112 -272 R0 
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WINDOW 3 -27 -223 Left 2 
WINDOW 123 0 0 Left 2 
WINDOW 39 0 0 Left 2 
SYMATTR Value PULSE(0 {gate_voltage} 0 12n 12n 
{bridge_duty_cycle/bridge_frequency} {1/bridge_frequency}) 
SYMATTR InstName V3 
SYMBOL nmos 320 -256 R0 
WINDOW 0 58 49 Left 2 
WINDOW 3 58 77 Left 2 
SYMATTR InstName S1 
SYMATTR Value STP60NF06 
SYMBOL nmos 320 -112 R0 
WINDOW 0 57 50 Left 2 
WINDOW 3 57 78 Left 2 
SYMATTR InstName S2 
SYMATTR Value STP60NF06 
SYMBOL voltage 1232 -160 R0 
WINDOW 123 0 0 Left 2 
WINDOW 39 0 0 Left 2 
SYMATTR InstName V1 
SYMATTR Value 30 
SYMBOL cap 768 -240 R0 
SYMATTR InstName C1 
SYMATTR Value 68μ 
SYMATTR SpiceLine Rser=20m 
SYMBOL cap 768 -80 R0 
SYMATTR InstName C2 
SYMATTR Value 68μ 
SYMATTR SpiceLine Rser=20m 
SYMBOL voltage 112 -64 R0 
WINDOW 3 -26 -468 Left 2 
WINDOW 123 0 0 Left 2 
WINDOW 39 0 0 Left 2 
SYMATTR Value PULSE(0 {gate_voltage} 
{bridge_duty_cycle/bridge_frequency} 12n 12n 
{bridge_duty_cycle/bridge_frequency} {1/bridge_frequency}) 
SYMATTR InstName V4 
SYMBOL ind2 688 -144 R90 
WINDOW 0 5 56 VBottom 2 
WINDOW 3 32 56 Invisible 2 
SYMATTR InstName L1 
SYMATTR Value 400μ 
SYMATTR Type ind 
SYMBOL ind2 688 -16 M270 
WINDOW 0 -30 53 VTop 2 
WINDOW 3 5 56 Invisible 2 
SYMATTR InstName L2 
SYMATTR Value 1μ 
SYMATTR Type ind 
SYMBOL ind 944 -288 R90 
WINDOW 0 5 56 VBottom 2 
WINDOW 3 32 56 VTop 2 
SYMATTR InstName Lb 
SYMATTR Value 1.2m 
SYMBOL diode 1008 -80 R180 
WINDOW 0 24 64 Left 2 
WINDOW 3 39 31 Left 2 
SYMATTR InstName Db 
SYMATTR Value MBR760 
SYMBOL nmos 1168 -320 R90 
WINDOW 0 -42 30 Left 2 
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WINDOW 3 -88 -15 Left 2 
SYMATTR InstName Sb 
SYMATTR Value STP60NF06 
SYMBOL voltage 992 -416 R0 
WINDOW 3 -906 -44 Left 2 
WINDOW 123 0 0 Left 2 
WINDOW 39 0 0 Left 2 
SYMATTR Value PULSE(0 {gate_voltage} 0 12n 12n 
{buck_duty_cycle/buck_frequency} {1/buck_frequency}) 
SYMATTR InstName V2 
SYMBOL res 560 96 R180 
WINDOW 0 36 76 Left 2 
WINDOW 3 36 40 Left 2 
SYMATTR InstName R_loss 
SYMATTR Value 10m 
SYMBOL cap 656 192 R90 
WINDOW 0 0 32 VBottom 2 
WINDOW 3 32 32 VTop 2 
SYMATTR InstName Cs 
SYMATTR Value 3.5μ 
SYMBOL ind 560 224 R180 
WINDOW 0 36 80 Left 2 
WINDOW 3 36 40 Left 2 
SYMATTR InstName Ls 
SYMATTR Value 7.6μ 
TEXT -296 -544 Left 2 !.tran 2.5m 
TEXT -296 -480 Left 2 !.param bridge_frequency=30859 
TEXT -296 -448 Left 2 !.param bridge_duty_cycle=0.5 
TEXT -296 -416 Left 2 !.param gate_voltage=15 
TEXT -296 -512 Left 2 !K L1 L2 1 
TEXT -296 -384 Left 2 !.param buck_frequency=50k 
TEXT -296 -352 Left 2 !.param buck_duty_cycle=0.2 
TEXT 512 -80 Left 2 ;20:1  -------------- 
TEXT 1336 -256 Left 2 !.model MBR760 
D(\n+Is=5u\n+Rs=.03\n+N=1.35\n+Cjo=65n\n+M=.5\n+Eg=.73\n+Xti=2\n+Iave=
7.5\n+Vpk=60\n+mfg=TaiwanSemi\n+type=Schottky) 
TEXT 1592 -256 Left 2 !.model STP60NF06 
VDMOS(\n+Vto=3\n+Kp=50\n+Is=100n\n+Vds=60\n+Ron=14m\n+Qg=54n\n+mfg=STM
icroelectronics) 
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Appendix C-2: Simulation of the operational amplifier board 
Filename: opamp_circuit.asc – LTspice file 
 
 
 
Version 4 
SHEET 1 1064 696 
WIRE -144 96 -272 96 
WIRE -592 112 -592 80 
WIRE -416 112 -592 112 
WIRE -272 160 -272 96 
WIRE -240 160 -272 160 
WIRE -592 176 -592 112 
WIRE -144 176 -144 96 
WIRE -144 176 -176 176 
WIRE -96 176 -144 176 
WIRE -320 192 -416 192 
WIRE -240 192 -320 192 
WIRE -416 208 -416 192 
WIRE -320 224 -320 192 
WIRE -592 320 -592 256 
WIRE -416 320 -416 288 
WIRE -320 320 -320 288 
WIRE -592 432 -592 400 
WIRE -368 432 -592 432 
WIRE -256 432 -288 432 
WIRE -96 432 -256 432 
WIRE 0 448 -32 448 
WIRE 48 448 48 416 
WIRE 48 448 0 448 
WIRE -592 464 -592 432 
WIRE -96 464 -144 464 
WIRE -368 544 -384 544 
WIRE -256 544 -256 432 
WIRE -256 544 -288 544 
WIRE -128 544 -256 544 
WIRE 0 544 0 448 
WIRE 0 544 -48 544 
WIRE -592 576 -592 544 
WIRE -256 640 -256 544 
WIRE -128 640 -256 640 
WIRE 0 640 0 544 
WIRE 0 640 -64 640 
FLAG -592 576 0 
FLAG -592 320 0 
FLAG 48 416 Vout 
FLAG -144 464 Vadc/2 
IOPIN -144 464 In 
FLAG -592 80 Vadc 
IOPIN -592 80 Out 
FLAG -384 544 Vadc 
IOPIN -384 544 In 
FLAG -416 320 0 
FLAG -320 320 0 
FLAG -96 176 Vadc/2 
IOPIN -96 176 Out 
FLAG -592 400 Vin 
SYMBOL Opamps\\opamp -64 384 R0 
SYMATTR InstName U1 
SYMBOL res -384 448 R270 
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WINDOW 0 32 56 VTop 2 
WINDOW 3 0 56 VBottom 2 
SYMATTR InstName R1 
SYMATTR Value 18k 
SYMBOL res -384 560 R270 
WINDOW 0 32 56 VTop 2 
WINDOW 3 0 56 VBottom 2 
SYMATTR InstName R2 
SYMATTR Value 18k 
SYMBOL res -144 560 R270 
WINDOW 0 32 56 VTop 2 
WINDOW 3 0 56 VBottom 2 
SYMATTR InstName R3 
SYMATTR Value 1k 
SYMBOL voltage -592 160 R0 
WINDOW 0 -69 59 Left 2 
WINDOW 123 0 0 Left 2 
WINDOW 39 24 124 Left 2 
SYMATTR InstName V2 
SYMATTR SpiceLine Rser=0 
SYMATTR Value 3.3 
SYMBOL voltage -592 448 R0 
WINDOW 0 -67 58 Left 2 
WINDOW 123 24 124 Left 2 
WINDOW 39 0 0 Left 2 
WINDOW 3 24 152 Left 2 
SYMATTR InstName Vin 
SYMATTR Value SINE(0 30 1k) 
SYMBOL cap -64 624 R90 
WINDOW 0 0 32 VBottom 2 
WINDOW 3 32 32 VTop 2 
SYMATTR InstName C1 
SYMATTR Value 1n 
SYMBOL res -432 96 R0 
SYMATTR InstName R4 
SYMATTR Value 2.7k 
SYMBOL res -432 192 R0 
SYMATTR InstName R5 
SYMATTR Value 2.7k 
SYMBOL cap -336 224 R0 
SYMATTR InstName C2 
SYMATTR Value 6.8μ 
SYMBOL Opamps\\opamp -208 112 R0 
SYMATTR InstName U2 
TEXT -496 -32 Left 2 !.lib opamp.sub 
TEXT -608 -32 Left 2 !.tran 5m 
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Appendix D-1: Arduino Due PWMC library header 
Filename: DuePWMC.h – C++ file 
 
 
 
//******************************************************************// 
// File:    DuePWMC.h 
// Summary: This class can be assigned to one single PWM channel.  
//          After selecting the channel, the corresponding pins of the  
//          channel can be initialized. 
//          The maximum number of pins is limited to 4 at the moment. 
//          PWM pins: 6-9, 34-45 
//          Number of PWM channels: 8 
//          Frequency limitation: 1.3 kHz - 4.65 MHz 
// Version: Version 1.0 
// Author:  Adrian Rakk 
// ------------------------------------------- 
// Log: 2015-05-28  Created the file. 
//*****************************************************************// 
/* 
PWM channel 0: 
-Pin 34: Non-Inverted output 
-Pin 35: Inverted output 
PWM channel 1: 
-Pin 36: Non-Inverted output 
-Pin 37: Inverted output 
-Pin 42: Inverted output 
PWM channel 2: 
-Pin 38: Non-Inverted output 
-Pin 39: Inverted output 
-Pin 43: Non-Inverted output 
PWM channel 3: 
-Pin 40: Non-Inverted output 
-Pin 41: Inverted output 
PWM channel 4: 
-Pin 9: Non-Inverted output 
PWM channel 5: 
-Pin 8: Non-Inverted output 
-Pin 44: Inverted output 
PWM channel 6: 
-Pin 7: Non-Inverted output 
-Pin 45: Inverted output 
PWM channel 7: 
-Pin 6: Non-Inverted output 
 
Non-Inverted output duty cycle: desired duty cycle 
Inverted output duty cycle: 1 - desired duty cycle 
Note that the same frequency is used for all pins that belong to the 
same channel 
*/ 
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#ifndef DUEPWMC_H 
#define DUEPWMC_H 
 
#include <Arduino.h> 
#define MAX_PINS 4 
#define MAX_DEAD_TIME 48750 // 48750 nanoseconds = 4095 / 84 MHz 
#define MIN_FREQUENCY 1300 // 1.3 kHz 
#define MAX_FREQUENCY 4650000 // 4.65 MHz 
#define UINT16_MAX 65535 // Maximum value of a 16 bit unsigned integer 
#define VARIANT_MCK_MHZ 84 // System clock in MHz 
 
#if SAM3XA_SERIES 
 
class DuePWMC 
{ 
    private: // Restricted functions and variables 
        uint8_t _channel; // Stores the initialized channel 
        uint8_t _channel_enabled; // Stores that the channel is 
enabled or not 
        uint8_t _pins[MAX_PINS]; // Stores the initialized pins 
        uint8_t _pin_index;  // Stores the current index of the pin 
array 
        uint16_t _resolution; // Stores the resolution at the selected 
frequency(0-65535) 
        uint16_t _duty_cycle; // Stores the duty cycle of the 
channel(0-65535) 
        uint8_t CheckChannelPin(uint8_t pin); // Internal function to 
check that the selected pin can be initialized 
        uint8_t CheckChannelReady(); // / Internal function to ensure 
that the channel and at least one pin is initialized 
 
    public: // User functions 
        DuePWMC(); // Constructor 
        uint8_t InitializeChannel(uint8_t desired_channel); // This 
function can be called only once to initialize the channel 
        uint8_t InitializePin(uint8_t pin); // Initialize a pin, it 
can be called several times 
        uint8_t SetFrequency(uint32_t desired_frequency); // Set the 
channel frequency 
        uint8_t SetDutyCycle(uint16_t duty_cycle); // Set the channel 
duty cycle(0-65535) 
        uint8_t SetDeadTime(uint16_t rising_edge_dt, uint16_t 
falling_edge_dt); // Set the channel dead time in nanoseconds() 
        uint16_t GetChannelResolution(); // Get the current resolution 
of the channel(0-65535) 
}; 
 
#endif // SAM3XA 
#endif // DUEPWMC_H included 
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Appendix D-2: Arduino Due PWMC library 
Filename: DuePWMC.cpp – C++ file 
 
 
 
//******************************************************************// 
// File:    DuePWMC.cpp 
// Summary: This class can be assigned to one single PWM channel.  
//          After selecting the channel, the corresponding pins of the  
//          channel can be initialized. 
//          The maximum number of pins is limited to 4 at the moment. 
//          PWM pins: 6-9, 34-45 
//          Number of PWM channels: 8 
//          Frequency limitation: 1.3 kHz - 4.65 MHz 
// Version: Version 1.0 
// Author:  Adrian Rakk 
// ------------------------------------------- 
// Log: 2015-05-28  Created the file. 
//*****************************************************************// 
/* 
PWM channel 0: 
-Pin 34: Non-Inverted output 
-Pin 35: Inverted output 
PWM channel 1: 
-Pin 36: Non-Inverted output 
-Pin 37: Inverted output 
-Pin 42: Inverted output 
PWM channel 2: 
-Pin 38: Non-Inverted output 
-Pin 39: Inverted output 
-Pin 43: Non-Inverted output 
PWM channel 3: 
-Pin 40: Non-Inverted output 
-Pin 41: Inverted output 
PWM channel 4: 
-Pin 9: Non-Inverted output 
PWM channel 5: 
-Pin 8: Non-Inverted output 
-Pin 44: Inverted output 
PWM channel 6: 
-Pin 7: Non-Inverted output 
-Pin 45: Inverted output 
PWM channel 7: 
-Pin 6: Non-Inverted output 
 
Non-Inverted output duty cycle: desired duty cycle 
Inverted output duty cycle: 1 - desired duty cycle 
Note that the same frequency is used for all pins that belong to the 
same channel 
*/ 
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#include "DuePWMC.h" 
 
DuePWMC::DuePWMC() 
{ 
    uint8_t i; 
     
    _channel = 255; // Start with an invalid channel 
    _channel_enabled = 0; // Channel is disabled 
    _resolution = 0; 
    _duty_cycle = 0; 
    _pin_index = 0; // The pin array starts from zero 
     
    for(i = 0; i < MAX_PINS; i++) 
    { 
        _pins[i] = 0; // Clear the array 
    } 
} 
 
uint8_t DuePWMC::CheckChannelPin(uint8_t pin) 
{ 
    uint8_t i; 
     
    if(_pin_index == (MAX_PINS - 1)) // If the maximum number of pins 
are initialized, then exit 
    { 
        return false; 
    } 
     
    for(i = 0; i < MAX_PINS; i++) 
    { 
        if(_pins[i] == pin) // If the pin is already initialized, then 
exit 
        { 
            return false; 
        } 
    } 
     
    switch(_channel) // Check the channel and its associated pins 
    { 
        case 0: 
            if(pin == 34 || pin == 35) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 1: 
            if(pin == 36 || pin == 37 || pin == 42) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
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        case 2: 
            if(pin == 38 || pin == 39 || pin == 43) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 3: 
            if(pin == 40 || pin == 41) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 4: 
            if(pin == 9) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 5: 
            if(pin == 8 || pin == 44) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 6: 
            if(pin == 7 || pin == 45) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        case 7: 
            if(pin == 6) 
            { 
                return true; 
            } 
            else 
            { 
                return false; 
            } 
        default: 
            return false; 
    } 
} 
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uint8_t DuePWMC::CheckChannelReady() 
{ 
    uint8_t i; 
     
    if(_channel >= 0 && _channel <= 7 && _pin_index > 0) // Ensure 
that the channel and at least one pin is initialized 
    { 
        return true; 
    } 
    else 
    { 
        return false; 
    } 
} 
 
uint8_t DuePWMC::InitializeChannel(uint8_t desired_channel) 
{ 
   if(_channel == 255 && desired_channel >= 0 && desired_channel <= 7) 
    { 
        pmc_enable_periph_clk(PWM_INTERFACE_ID); // Turn on the PWM 
clock 
        _channel = desired_channel; // Set the channel 
         
        PWMC_ConfigureChannelExt(PWM, 
                                 _channel, // Channel           
                                 0, // Prescaler: use system clock(84 
MHz) 
                                 0, // Aligment: period is left 
aligned 
                                 0, // Polarity: output waveform 
starts at a low level 
                                 0, // Counter event: occurs at the 
end of the period 
                                 PWM_CMR_DTE, // Dead time generator 
is enabled 
                                 0, // Dead time PWMH output is not 
Inverted     
                                 0); // Dead time PWML output is not 
Inverted 
                                  
        return true; 
    } 
    else 
    { 
        return false; 
    } 
} 
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uint8_t DuePWMC::InitializePin(uint8_t pin) 
{ 
    if(CheckChannelPin(pin)) 
    { 
            PIO_Configure(g_APinDescription[pin].pPort, // Pointer to 
a PIO port 
                          PIO_PERIPH_B, // PIO type is the 
peripheral(A/B) 
                          g_APinDescription[pin].ulPin, // Bitmask of 
the pin to configure 
                          g_APinDescription[pin].ulPinConfiguration); 
// Pin attributes 
            _pins[_pin_index] = pin; // Save that the pin has been 
initialized 
            _pin_index++; // Move to the next index in the array 
            return true; 
    } 
    else 
    { 
        return false; 
    } 
} 
 
uint8_t DuePWMC::SetDutyCycle(uint16_t duty_cycle) 
{ 
    uint16_t mapped_duty_cycle; 
     
    if(CheckChannelReady() && _resolution > 0 && duty_cycle > 0 && 
duty_cycle < UINT16_MAX) 
    { 
        _duty_cycle = duty_cycle; 
        mapped_duty_cycle = (uint16_t) ((_resolution * duty_cycle) / 
UINT16_MAX); // Map the duty cycle to the period 
        PWMC_SetDutyCycle(PWM, _channel, mapped_duty_cycle); 
         
        if(_channel_enabled == 0) // If the channel is disabled, then 
enable it 
        { 
            _channel_enabled = 1; 
            PWMC_EnableChannel(PWM, _channel); 
        } 
    } 
    else 
    { 
        return false; 
    } 
} 
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uint8_t DuePWMC::SetFrequency(uint32_t desired_frequency) 
{ 
    uint16_t period; 
    uint16_t mapped_duty_cycle; 
     
    if(CheckChannelReady() && desired_frequency >= MIN_FREQUENCY && 
desired_frequency <= MAX_FREQUENCY) 
    { 
        period = (uint16_t) (VARIANT_MCK / desired_frequency); // 
Period cycles = used clock frequency / desired frequency 
        _resolution = period; 
        PWMC_SetPeriod(PWM, _channel, period); 
         
        if(_duty_cycle > 0) // Adjust the duty cycle to the changed 
frequency 
        { 
            mapped_duty_cycle = (uint16_t) ((period * _duty_cycle) / 
UINT16_MAX); // Map the duty cycle to the period 
            PWMC_SetDutyCycle(PWM, _channel, mapped_duty_cycle); 
        } 
         
        return true; 
    } 
    else 
    { 
        return false; 
    } 
} 
 
uint8_t DuePWMC::SetDeadTime(uint16_t rising_edge_dt, uint16_t 
falling_edge_dt) 
{ 
    uint16_t mapped_dead_time_high = 0; 
    uint16_t mapped_dead_time_low = 0; 
     
    if(CheckChannelReady() && rising_edge_dt >= 0 && rising_edge_dt <= 
MAX_DEAD_TIME 
                           && falling_edge_dt >= 0 && falling_edge_dt 
<= MAX_DEAD_TIME) 
    { 
        if(rising_edge_dt != 0) // Skip the computation if it is zero 
        { 
            mapped_dead_time_high = (uint16_t) ((VARIANT_MCK_MHZ * 
rising_edge_dt) / 1000); 
        } 
         
        if(falling_edge_dt != 0) // Skip the computation if it is zero 
        { 
            mapped_dead_time_low = (uint16_t) ((VARIANT_MCK_MHZ * 
falling_edge_dt) / 1000); 
        } 
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        if(mapped_dead_time_high < _resolution && mapped_dead_time_low 
< _resolution) // Check that the dead time cycles are less than the 
period cycles 
        { 
            PWMC_SetDeadTime(PWM, _channel, mapped_dead_time_high, 
mapped_dead_time_low); 
            return true; 
        } 
    } 
 
    return false; 
} 
 
uint16_t DuePWMC::GetChannelResolution() 
{ 
    return _resolution; 
} 
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Appendix D-3: Arduino Due main code 
Filename: Main_code.ino – Arduino IDE file 
 
 
 
#include <stdlib.h> // malloc, realloc, free, sizeof 
#include <DuePWMC.h> 
#define BUCK_PIN 43 
#define BRIDGE_PIN1 34 
#define BRIDGE_PIN2 35 
#define BUFFER_SIZE 512 // Samples 
#define MIN_FREQUENCY_STEP 10 // Hz 
#define MIN_DELAY 1 // ms 
#define MAX_DELAY 250 // ms 
#define MIN_FREQUENCY_LIMIT 10000 // Hz 
#define MAX_FREQUENCY_LIMIT 45000 // Hz 
 
// General global variables 
uint8_t result; 
uint8_t enable_logging; 
uint32_t timer; 
float elapsed_time; 
String temp_string = ""; // Temporary variable for storing the 
characters from the serial port 
 
// Frequency sweep and measurement variables 
volatile uint8_t buffer_full; 
uint16_t min_frequency; 
uint16_t max_frequency; 
uint16_t frequency_step; 
uint16_t peak_frequency; 
uint16_t step_delay; 
uint16_t adc_buffer[BUFFER_SIZE]; // ADC buffer used by DMA 
double rectified_average; 
double previous_rectified_average; 
double peak_rectified_average; 
 
// Component values 
const uint8_t transformer_ratio = 20; // Turns 
const uint8_t current_transformer_ratio = 40; // Turns 
const double resistance_sh1 = 1.2; // Ohm 
const double resistance_sh2 = 6.8; // Ohm 
const double resistance_ratio = 10.13467794; 
 
// Calibration values 
const double calibration_value_Rsh1 = 0.00362; 
const double calibration_value_Rsh2 = 0.00044567; 
const double calibration_value_R2 = 0.00081825; 
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// PWM control variables 
DuePWMC pwm_bridge, pwm_buck; // Class members 
uint16_t const buck_frequency = 50000; // Fixed buck converter 
frequency is 50 kHz 
uint16_t const bridge_duty = 32768; // Fixed bridge duty cycle is 50% 
with 16 bit PWM 
uint16_t buck_duty; // Buck converter duty cycle with 16 bit PWM 
uint16_t bridge_frequency; // Bridge frequency 
uint16_t rising_edge_dead_time; 
uint16_t falling_edge_dead_time; 
float duty_cycle; // Temporary variable for calculating and displaying 
the duty cycle 
 
void setup() 
{ 
  Serial.begin(115200); // Set baud rate to maximum 
 
  // Setup values 
  buffer_full = false; 
  enable_logging = false; 
  step_delay = 10; // ms 
  buck_duty = 45874; // Starting buck converter duty cycle is 70% with 
16 bit PWM 
  bridge_frequency = 30000; // Starting bridge frequency is 30 kHz 
  rising_edge_dead_time = 12; // 12 nanoseconds of dead time 
  falling_edge_dead_time = 12; // 12 nanoseconds of dead time 
 
  // Setup of the buck converter 
  pwm_buck.InitializeChannel(2); // Channel two is initialized 
  pwm_buck.InitializePin(BUCK_PIN); 
  pwm_buck.SetFrequency(buck_frequency); 
  pwm_buck.SetDutyCycle(buck_duty); // The channel is enabled 
 
  // Setup of the half-bridge 
  pwm_bridge.InitializeChannel(0); // Channel zero is initialized 
  pwm_bridge.InitializePin(BRIDGE_PIN1); // Initialize the 
corresponding two pins for channel zero 
  pwm_bridge.InitializePin(BRIDGE_PIN2); // The two pins are inverted 
with respect to each other 
  pwm_bridge.SetFrequency(bridge_frequency); 
  pwm_bridge.SetDeadTime(rising_edge_dead_time, 
falling_edge_dead_time); 
  pwm_bridge.SetDutyCycle(bridge_duty); // The channel is enabled 
 
  // Welcome message and available commands 
  Serial.println("Welcome to the transformer loss measurement!"); 
  Serial.println("\nAvailable commands: "); 
  Serial.println("'l': enable full logging"); 
  Serial.println("'f': make a frequency sweep"); 
  Serial.print("'s': set the frequency sweep delay time (default: "); 
  Serial.print(step_delay); 
  Serial.println(" ms)"); 
  Serial.println("'m': make a measurement"); 
  Serial.println("'+': increase the bridge frequency by 10 Hz"); 
  Serial.println("'-': decrease the bridge frequency by 10 Hz"); 
  Serial.println("'d': increase the duty cycle by 0.1%"); 
  Serial.println("'c': decrease the duty cycle by 0.1%"); 
  Serial.println("\nImportant: send every command with no line 
ending!"); 
} 
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void loop() 
{ 
  if (Serial.available() > 0) // If something is in the serial buffer 
  { 
    result = Serial.read(); 
 
    switch (result) 
    { 
      case 'l': // Enable logging 
 
        if (enable_logging == false) 
        { 
          enable_logging = true; 
          Serial.println("\nLogging enabled"); 
        } 
        else 
        { 
          enable_logging = false; 
          Serial.println("\nLogging disabled"); 
        } 
 
        break; 
 
      case 'd': // Manually increase the duty cycle by 0.01 
        buck_duty += 650; 
        duty_cycle = buck_duty / 65535.0; 
 
        if (pwm_buck.SetDutyCycle(buck_duty)) 
        { 
          Serial.print("\nBuck converter duty cyle: "); 
          Serial.println(duty_cycle); 
        } 
 
        break; 
 
      case 'c': // Manually decrease the duty cycle by 0.01 
        buck_duty -= 650; 
        duty_cycle = buck_duty / 65535.0; 
 
        if (pwm_buck.SetDutyCycle(buck_duty)) 
        { 
          Serial.print("\nBuck converter duty cyle: "); 
          Serial.println(duty_cycle); 
        } 
 
        break; 
 
      case '+': // Manually increase the frequency by 10 Hz 
        bridge_frequency += 10; 
 
        if (pwm_bridge.SetFrequency(bridge_frequency)) 
        { 
          Serial.print("\nBridge frequency: "); 
          Serial.print(bridge_frequency); 
          Serial.println(" Hz"); 
        } 
 
        break; 
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      case '-': // Manually decrease the frequency by 10 Hz 
        bridge_frequency -= 10; 
 
        if (pwm_bridge.SetFrequency(bridge_frequency)) 
        { 
          Serial.print("\nBridge frequency: "); 
          Serial.print(bridge_frequency); 
          Serial.println(" Hz"); 
        } 
 
        break; 
 
      case 'p': // Display the buffer content of the primary current 
 
        InitializeADC(A8); 
        ReadADC(true); 
        break; 
 
      case 'm': // Do the measurement and calculate the loss 
 
        InitializeADC(A11); // Buck current feedback signal 
        ReadADC(false); 
        rectified_average = MeasureDC(adc_buffer, BUFFER_SIZE); 
        Serial.print("\nRaw DC voltage of Rsh1: "); 
        Serial.println(rectified_average, 8); 
        Serial.print("DC voltage of Rsh1: "); 
        rectified_average *= calibration_value_Rsh1; 
        Serial.print(rectified_average, 8); 
        Serial.println(" V"); 
        peak_rectified_average = rectified_average / resistance_sh1; 
// Buck current [A] 
 
        InitializeADC(A0); // Buck voltage feedback signal 
        ReadADC(false); 
        rectified_average = MeasureDC(adc_buffer, BUFFER_SIZE); 
        Serial.print("Raw DC voltage of R2: "); 
        Serial.println(rectified_average, 8); 
        Serial.print("DC voltage of R2: "); 
        rectified_average *= calibration_value_R2; 
        Serial.print(rectified_average, 8); 
        Serial.println(" V"); 
        peak_rectified_average *= rectified_average * 
resistance_ratio; // Buck output power [W] 
 
        InitializeADC(A8); // Primary current feedback signal 
        ReadADC(false); 
        rectified_average = MeasureAC(adc_buffer, BUFFER_SIZE); 
        Serial.print("Raw AC voltage of Rsh2: "); 
        Serial.println(rectified_average, 8); 
        Serial.print("RMS voltage of Rsh2: "); 
        rectified_average *= calibration_value_Rsh2; 
        Serial.print(rectified_average, 8); 
        Serial.println(" V"); 
        previous_rectified_average = (rectified_average / 
resistance_sh2) * current_transformer_ratio; // Primary current [A] 
        previous_rectified_average *= previous_rectified_average; // 
Primary current^2 [A^2] 
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        // Loss calculation 
        peak_rectified_average /= previous_rectified_average; // 
Primary resistive loss [Ohm] 
        Serial.print("Primary loss: "); 
        Serial.print(peak_rectified_average, 8); 
        Serial.println(" Ohm"); 
        peak_rectified_average *= 1000; 
        peak_rectified_average /= (double) (transformer_ratio * 
transformer_ratio); // Secondary resistive loss [milliOhm] 
        Serial.print("Secondary loss: "); 
        Serial.print(peak_rectified_average, 8); 
        Serial.println(" milli Ohm"); 
 
        break; 
 
      case 's': // Set the delay time used after each frequency step 
 
        Serial.println("\nWhat is the desired frequency sweep delay 
time?"); 
        Serial.print("Minimum allowed value: "); 
        Serial.print(MIN_DELAY); 
        Serial.println(" ms"); 
        Serial.print("Maximum allowed value: "); 
        Serial.print(MAX_DELAY); 
        Serial.println(" ms"); 
 
        do 
        { 
          ReadSerialPort(); 
          result = CheckInteger(); 
 
          if (result) // If the string contains only numbers 
          { 
            step_delay = temp_string.toInt();  // Convert it to an 
integer 
 
            if (step_delay >= MIN_DELAY && step_delay <= MAX_DELAY) 
            { 
              break; 
            } 
          } 
 
          Serial.println("Invalid input!"); 
          temp_string = ""; // Clear the string 
        } 
        while (true); 
 
        Serial.print("Received delay: "); 
        Serial.print(step_delay); 
        Serial.println(" ms"); 
 
        break; 
 
      case 'f': // Do a frequency sweep to find resonance 
 
        Serial.println("\nWhat is the maximum frequency of the 
sweep?"); 
        Serial.print("Maximum allowed value: "); 
        Serial.print(MAX_FREQUENCY_LIMIT); 
        Serial.println(" Hz"); 
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        do 
        { 
          ReadSerialPort(); 
          result = CheckInteger(); 
 
          if (result) // If the string contains only numbers 
          { 
            max_frequency = temp_string.toInt();  // Convert it to an 
integer 
 
            if (max_frequency > MIN_FREQUENCY_LIMIT && max_frequency 
<= MAX_FREQUENCY_LIMIT) 
            { 
              break; 
            } 
          } 
 
          Serial.println("Invalid input!"); 
          temp_string = ""; // Clear the string 
        } 
        while (true); 
 
        Serial.print("Received maximum frequency: "); 
        Serial.print(max_frequency); 
        Serial.println(" Hz"); 
        Serial.println("\nWhat is the minimum frequency of the 
sweep?"); 
        Serial.print("Minimum allowed value: "); 
        Serial.print(MIN_FREQUENCY_LIMIT); 
        Serial.println(" Hz"); 
 
        do 
        { 
          ReadSerialPort(); 
          result = CheckInteger(); 
 
          if (result) // If the string contains only numbers 
          { 
            min_frequency = temp_string.toInt();  // Convert it to an 
integer 
 
            if (min_frequency >= MIN_FREQUENCY_LIMIT && min_frequency 
< max_frequency) 
            { 
              break; 
            } 
          } 
 
          Serial.println("Invalid input!"); 
          temp_string = ""; // Clear the string 
        } 
        while (true); 
 
        Serial.print("Received minimum frequency: "); 
        Serial.print(min_frequency); 
        Serial.println(" Hz"); 
        Serial.println("\nWhat is the step size of the sweep?"); 
        Serial.print("Minimum allowed value: "); 
        Serial.print(MIN_FREQUENCY_STEP); 
        Serial.println(" Hz"); 
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        do 
        { 
          ReadSerialPort(); 
          result = CheckInteger(); 
 
          if (result) // If the string contains only numbers 
          { 
            frequency_step = temp_string.toInt();  // Convert it to an 
integer 
 
            if (frequency_step >= MIN_FREQUENCY_STEP && 
((max_frequency - min_frequency) > frequency_step)) 
            { 
              break; 
            } 
          } 
 
          Serial.println("Invalid input!"); 
          temp_string = ""; // Clear the string 
        } 
        while (true); 
 
        Serial.print("Received frequency step size: "); 
        Serial.print(frequency_step); 
        Serial.println(" Hz"); 
 
        // Time approxiation for the sweep 
        rectified_average = (max_frequency - min_frequency) / (double) 
frequency_step; // Number of measurements 
        rectified_average *= ((60 + step_delay) / 1000.0); // Each 
measurement takes roughly 60 ms 
        Serial.println("\nCoffee time!"); 
        Serial.print("Estimated measurement time: "); 
        Serial.print(rectified_average, 1); 
        Serial.println(" s"); 
 
        // Finding the resonant frequency 
        pwm_buck.SetDutyCycle(45874); // Start the sweep with a fixed 
0.7 duty cycle 
        InitializeADC(A8); // Primary current feedback signal 
        peak_rectified_average = 0.0; 
 
        if (enable_logging) 
        { 
          Serial.println("\n*********** START OF FREQUENCY SWEEP 
***********"); 
          elapsed_time = 0.0; 
          timer = millis(); 
        } 
 
        for (bridge_frequency = max_frequency; bridge_frequency >= 
min_frequency; bridge_frequency -= frequency_step) 
        { 
          pwm_bridge.SetFrequency(bridge_frequency); 
          delay(step_delay); // Wait before taking a new reading 
          ReadADC(false); 
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          if (enable_logging) 
          { 
            Serial.print("Time: "); 
            Serial.println(elapsed_time, 2); 
            Serial.print("Bridge frequency: "); 
            Serial.println(bridge_frequency); 
            rectified_average = MeasureAC(adc_buffer, BUFFER_SIZE); 
            Serial.print("Raw rectified average: "); 
            Serial.println(rectified_average, 8); 
            elapsed_time += (millis() - timer) / 1000.0; 
            timer = millis(); 
          } 
          else 
          { 
            rectified_average = MeasureAC(adc_buffer, BUFFER_SIZE); 
          } 
 
          if (rectified_average > peak_rectified_average) 
          { 
            peak_rectified_average = rectified_average; 
            peak_frequency = bridge_frequency; 
          } 
        } 
 
        if (enable_logging) 
        { 
          Serial.println("************ END OF FREQUENCY SWEEP 
************"); 
        } 
 
        Serial.print("\nPeak raw value: "); 
        Serial.println(peak_rectified_average); 
        Serial.print("Peak frequency: "); 
        Serial.print(peak_frequency); 
        Serial.println(" Hz"); 
        pwm_bridge.SetFrequency(peak_frequency); 
        bridge_frequency = peak_frequency; 
        delay(step_delay); 
        // End of finding the resonant frequency 
 
        //Finding the maximum duty cycle without triggering the 
current limit 
        previous_rectified_average = 0.0; 
 
        if (enable_logging) 
        { 
          Serial.println("\n*********** START OF DUTY CYCLE SWEEP 
***********"); 
        } 
 
        for (buck_duty = 45874; buck_duty <= 62258; buck_duty += 650) 
// From 0.7 to 0.95 duty cycle 
        { 
          pwm_buck.SetDutyCycle(buck_duty); 
          delay(step_delay); 
          ReadADC(false); 
          duty_cycle = buck_duty / 65535.0; 
          rectified_average = MeasureAC(adc_buffer, BUFFER_SIZE); 
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          if (enable_logging) 
          { 
            elapsed_time += (millis() - timer) / 1000.0; 
            timer = millis(); 
            Serial.print("Time: "); 
            Serial.println(elapsed_time, 2); 
            Serial.print("Buck duty cyle: "); 
            Serial.println(duty_cycle); 
            Serial.print("Raw rectified average: "); 
            Serial.println(rectified_average, 8); 
          } 
 
          if (rectified_average < previous_rectified_average) 
          { 
            break; // We have reached the current limit 
          } 
 
          previous_rectified_average = rectified_average; 
        } 
 
        if (enable_logging) 
        { 
          Serial.println("************ END OF DUTY CYCLE SWEEP 
************\n"); 
        } 
 
 
        pwm_buck.SetDutyCycle(32768); // Go back to 50% duty cycle, 
because the current limit was reached 
        delay(2000); // Wait until the power supply is no longer 
current limited 
        buck_duty -= 1300; // Decrease the last duty cyle 
        pwm_buck.SetDutyCycle(buck_duty); 
 
        duty_cycle = buck_duty / 65535.0; 
        Serial.print("Ideal buck converter duty cyle: "); 
        Serial.println(duty_cycle); 
 
        break; 
    } 
  } 
 
  delay(30); // Wait a little before going through the loop again 
} 
 
// Captures the interrupt issued by the DMA 
void ADC_Handler() 
{ 
  if (ADC->ADC_ISR & (1 << 27)) // If an interrupt has occurred 
  { 
    buffer_full = true; // Mark that the buffer is full 
    ADC->ADC_RNPR = (uint32_t) adc_buffer; // Set the next buffer 
pointer 
    ADC->ADC_RNCR = BUFFER_SIZE; // Set the next buffer length 
  } 
} 
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// Automatically initalizes the selected ADC pin, returns true on 
success 
uint8_t InitializeADC(uint8_t pin) 
{ 
 
  if (pin >= A0 && pin <= A11) 
  { 
    uint8_t channel = g_APinDescription[pin].ulADCChannelNumber; 
 
    pmc_enable_periph_clk(ID_ADC); // Turn on the ADC clock 
    adc_init(ADC, VARIANT_MCK, 21000000, ADC_STARTUP_FAST); // Set ADC 
clock to maximum 
 
    // ADC Mode Register settings 
    adc_set_resolution(ADC, ADC_12_BITS); // Set 12 bits of resolution 
    adc_configure_power_save(ADC, ADC_MR_SLEEP_NORMAL, 
ADC_MR_FWUP_OFF); // Disable sleep mode 
    adc_disable_ts(ADC); // Disable the built-in temperature sensor 
    adc_configure_trigger(ADC, ADC_TRIG_SW, 1); // Set sofware 
trigger, enable free run mode 
 
    adc_disable_all_channel(ADC); // Disable all channels 
    ADC->ADC_CHER = 1 << channel; // Enable only one channel in 
Channel Enable Register 
 
    ADC->ADC_IDR = ~(1 << 27); // Disable all interrupts except ENDRX 
in Interrupt Disable Register 
    ADC->ADC_IER = 1 << 27; // Enable only End of Receive Buffer 
Interrupt in Interrupt Enable Register 
    ADC->ADC_RPR = (uint32_t) adc_buffer; // Set the buffer pointer 
    ADC->ADC_RCR = BUFFER_SIZE; // Set the buffer length 
    ADC->ADC_PTCR = 1; // Enable receiver channel requests in 
Peripheral DMA Control 
    adc_start(ADC); 
    return true; 
  } 
  else 
  { 
    return false; 
  } 
} 
 
// Collects the ADC data in a buffer, the corresponding ADC pin should 
be initialized first 
void ReadADC(uint8_t print_buffer) 
{ 
  uint16_t i; 
 
  /* 
  for (i = 0; i < BUFFER_SIZE; i++) 
  { 
    adc_buffer[i] = 0; // Fill the buffer with zeros 
  }*/ 
 
  NVIC_EnableIRQ(ADC_IRQn); // Enable interrupt requests 
  while (buffer_full == false); // Wait until the buffer is full 
  NVIC_DisableIRQ(ADC_IRQn); // Disable interrupt requests 
  buffer_full = false; // Reset the buffer indicator 
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  if (print_buffer) 
  { 
    Serial.println("\n***************** START OF BUFFER 
*****************"); 
 
    for (i = 0; i < BUFFER_SIZE; i++) 
    { 
      Serial.println(adc_buffer[i]); 
    } 
 
    Serial.println("****************** END OF BUFFER 
******************"); 
  } 
} 
 
// Returns the absolute value of a double variable 
double abs_double(const double received_number) 
{ 
  if (received_number < 0) 
  { 
    return -received_number; 
  } 
  else 
  { 
    return received_number; 
  } 
} 
 
// Returns the rectified average of the captured DC signal 
double MeasureDC(const uint16_t input_buffer[], const uint16_t 
input_buffer_size) 
{ 
  uint16_t i, j = 0; // Iterators 
  double average = 0.0; 
   
  // Averaging algorithm, which omits the first 10 samples 
  for (i = 10; i < input_buffer_size; i++) 
  { 
      // If the captured sample was not 0 
      if (input_buffer[i] != 0) 
      { 
        average += (double) input_buffer[i]; 
        j++; // Increase the number of samples 
      } 
  } 
   
  average /= (double) j; 
  // End of averaging algorithm 
 
  //Serial.print("Calculated RMS: "); 
  //Serial.println(average, 8); 
  //Serial.print("\n"); 
  return average; 
} 
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// Returns the rectified average of the captured AC signal 
double MeasureAC(const uint16_t input_buffer[], const uint16_t 
input_buffer_size) 
{ 
  uint8_t coefficient_index; 
  const uint8_t window_size = 25; // Do not change it unless the 
coefficients are changed too 
  uint8_t half_window = (window_size - 1) / 2; 
  uint16_t i, j, k = 0, counter = 0; // Iterators 
  uint16_t filter_size = input_buffer_size - window_size + 1; 
  double filter_output[filter_size]; 
  double max_value = 0.0; // Set to the minimum value 
  double min_value = 4100.0; // Set close to the maximum value 
  const double coefficients[window_size] = {0.0421455938697313, 
                                            -0.0114942528735634, 
                                            -0.0373813093453273, 
                                            -0.0418124271197733, 
                                            -0.0304847576211893, 
                                            -0.00849575212393792, 
                                            0.0196568382475429, 
                                            0.0500749625187406, 
                                            0.0794602698650673, 
                                            0.105114109611860, 
                                            0.124937531234382, 
                                            0.137431284357821, 
                                            0.141695818757288, 
                                            0.137431284357821, 
                                            0.124937531234382, 
                                            0.105114109611860, 
                                            0.0794602698650673, 
                                            0.0500749625187405, 
                                            0.0196568382475429, 
                                            -0.00849575212393797, 
                                            -0.0304847576211893, 
                                            -0.0418124271197733, 
                                            -0.0373813093453273, 
                                            -0.0114942528735633, 
                                            0.0421455938697315 
                                           }; 
 
  // Savitsky-Golay filtering algorithm, which omits window size 
number of samples 
  // Polynomial order: 4, Window size: 25, Symmetric window 
  // It stores the filtered values in the filter_output array 
  for (i = 0; i < input_buffer_size; i++) 
  { 
    coefficient_index = 0; 
    filter_output[k] = 0; 
 
    if (i >= half_window && i < (input_buffer_size - half_window)) 
    { 
      for (j = i - half_window; j <= i + half_window; j++) 
      { 
        filter_output[k] += coefficients[coefficient_index] * 
((double) input_buffer[j]); 
        coefficient_index++; 
      } 
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      if (filter_output[k] > max_value) 
      { 
        max_value = filter_output[k]; 
      } 
      if (filter_output[k] < min_value) 
      { 
        min_value = filter_output[k]; 
      } 
 
      k++; 
    } 
  } 
  // End of Savitsky-Golay filtering algorithm 
 
  // Zero crossing detection algorithm 
  // It detects the total number and position of the zero crossings 
  double middle_value = (min_value + max_value) / 2; 
  uint8_t positive_cycle; 
  uint8_t cycle_change = false; 
  uint16_t *temp_pointer = NULL; 
  uint16_t *zero_crossing_positions = (uint16_t*) malloc(50 * 
sizeof(uint16_t)); // Allocate the memory for an array size of 50 
 
  if (filter_output[0] > middle_value) // Find out that it starts with 
a positive or a negative cycle 
  { 
    positive_cycle = true; 
  } 
  else 
  { 
    positive_cycle = false; 
  } 
 
  for (i = 0; i < filter_size; i++) 
  { 
    if (filter_output[i] > middle_value && positive_cycle != true) 
    { 
      positive_cycle = true; 
      cycle_change = true; 
    } 
    else if (filter_output[i] < middle_value && positive_cycle != 
false) 
    { 
      positive_cycle = false; 
      cycle_change = true; 
    } 
 
    if (cycle_change == true) 
    { 
      cycle_change = false; 
      zero_crossing_positions[counter] = i; 
      counter++; 
 
      if (counter > 49) // If the number of zero crossings is more 
than 50 
      { 
        temp_pointer = (uint16_t*) realloc(zero_crossing_positions, 
(counter + 1) * sizeof(uint16_t)); // Increase the array size 
  



133 
 

        if (temp_pointer) // The reallocation was successful 
        { 
          zero_crossing_positions = temp_pointer; 
        } 
        else // The reallocation failed 
        { 
          free(zero_crossing_positions); 
          return 0; 
        } 
      } 
    } 
 
  } 
  // End of zero crossing detection algorithm 
 
  // Cropping algorithm 
  // It crops the data to have a whole number of periods 
  uint8_t remainder; 
  uint16_t start_crop_position, end_crop_position; 
 
  // Check which of the two values are closer to the potential zero 
crossing, the one after the zero crossing or the one before 
  if (abs_double(middle_value - 
filter_output[zero_crossing_positions[0]]) < abs_double(middle_value - 
filter_output[zero_crossing_positions[0] - 1])) 
  { 
    start_crop_position = zero_crossing_positions[0]; 
  } 
  else 
  { 
    start_crop_position = zero_crossing_positions[0] - 1; 
  } 
 
  remainder = counter % 2; // Check parity 
 
  if (remainder == 0) // If the number of periods is not a whole 
number 
  { 
    i = counter - 2; // Decrease the number of cycles 
  } 
  else 
  { 
    i = counter - 1; // Keep the number of cycles 
  } 
 
  // Check which of the two values are closer to the potential zero 
crossing, the one after the zero crossing or the one before 
  if (abs_double(middle_value - 
filter_output[zero_crossing_positions[i]]) < abs_double(middle_value - 
filter_output[zero_crossing_positions[i] - 1])) 
  { 
    end_crop_position = zero_crossing_positions[i]; 
  } 
  else 
  { 
    end_crop_position = zero_crossing_positions[i] - 1; 
  } 
  // End of cropping algorithm 
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  // Center aligning algorithm 
  // It finds the optimal center value to remove the DC offset, and 
centers the sinusoid about 0 
  double average = 0.0; 
  double dc_offset = 0.0; 
 
  for (i = start_crop_position, j = 0; i <= end_crop_position; i++) 
  { 
    dc_offset += filter_output[i]; 
    j++; 
  } 
  dc_offset /= (double) j; 
 
  for (i = start_crop_position, j = 0; i <= end_crop_position; i++) 
  { 
    filter_output[i] -= dc_offset; // Center the sinusoid signal about 
0 
    average += abs_double(filter_output[i]); // Calculate the average 
rectified value 
    j++; 
  } 
 
  average /= (double) j; 
  // End of center aligning algorithm 
 
  free(zero_crossing_positions); // Free the allocated memory 
  return average; 
} 
 
// Reads the serial input and stores it in a string variable 
void ReadSerialPort() 
{ 
  while (Serial.available() == 0); // Wait for user input 
  temp_string = Serial.readString(); // Read the serial port 
  temp_string.toUpperCase(); // Convert it to upper case 
} 
 
// Checks the input of the serial port looking for an integer, returns 
true on success 
uint8_t CheckInteger() 
{ 
  uint8_t i; 
 
  for (i = 0; i < temp_string.length(); i++) 
  { 
    if (!(temp_string[i] >= '0' && temp_string[i] <= '9')) // If the 
character is not a number 
    { 
      return false; 
    } 
  } 
 
  return true; 
} 


