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1  Application of the requirements of international and 

European standards for the construction of electronic 

devices in biomedicine. Standard IEC 60601-1. AP and 

APG devices. 
 

Basic safety requirements: 

 

1) The explosive atmosphere of the operating room is simulated by diethyl ether vapor 

in 25% oxygen. 

According to IEC 60601-1, contact switching and switching must not exceed the 

limits: 

 RI2 <10W 

LI2 <1mJ 

} 
 

 
minimum energy supply 

CU2 <1mJ 
 

2) The leakage current from the contact part (CF) must be <10A  ( 1 +
𝑓

1𝑘𝐻𝑧
 ). 

3) Mechanical strength must be > 250N (pedaling). 

4) Resistance to disinfection (isopropyl alcohol, ultraviolet radiation). 

5) Sterilization resistance (ethylene oxide,  radiation) 

 

 

 



2  Construction of network transformers for 

bioelectronics. Requirements for el. strength, capacity 

requirements between windings. 
 

Electrical strength primary - secondary 2kV acts in two directions: 

 

1) The discharge of atmospheric electricity into the energy network does not pass to the 

patient. 
2) The defibrillation shock to the patient does not pass to the power grid. 

 

 

 The leakage current primary-secondary is limited by the parasitic capacitance between the 

primary and secondary windings C12. 

 

𝑖0 = 𝑢2𝜋𝑓𝐶12 

 

At u = 230V and f = 50Hz: 

 for the accessible part must be  𝑖0 < 100𝜇𝐴 ⇒ 𝐶12 < 1𝑛𝐹 

 for the annex CF must be 𝑖0 < 10𝜇𝐴 ⇒ 𝐶12 < 100𝑝𝐹 

  



3  Low power stabilizers for bioelectronics. Instrument 

amplifier. Voltage multiplier efficiency. 
 

Low power stabilizer 

 

 
 

 

Instrument amplifier 

 
  



Voltage multiplier 

 

 
 

Efficiency: 𝜂 = 1 −
1

1+𝑓𝑅𝐶
 

  



 

4  R / I transducer for measuring the breath curve. 

Biosignal transmission by long lines. 
 

 

Measurement of the breath curve 

 

We encircle the chest of an premature baby with a thin strip of conductive rubber, the 

conductivity of which fluctuates in the rhythm of breathing. 

 

 

 

Biosignal transmission by long lines 

 

We lead the microvolt biosignal to the device with a shielded patient cable. The ubiquitous 

50Hz penetration of approx. 1A is shielded to the ground by shielding. Conflicting 

requirements are placed on this cable: 

 

- maximum flexibility (does not interfere), 
- minimal microphone (does not pick up movements). 

 

  



5  Use of logic circuits in bioelectronics. Minimum power 

and EMC requirements. 
 

Mainly memory functions (D flip-flop, counter, time transformations). 

4000 series CMOS logic circuits have low speed (t = 100ns) but low power consumption. 

The output resistance (r2 = 300) ensures short-circuit resistance. 

 

Inverter: 

 

 

Follower (buffer): 

 

 

Flip-flop (1bit memory): 

 

 

 

EMC emissions 

𝐸 [
𝑉

𝑚
] = 𝜇0𝐼𝑓 

𝑓 <
1

Δ𝑡
 

EMC immunity 

bit error rate 𝑏𝑒𝑟 = 𝑒
−

𝑈

0,5𝑈𝑇 

 

   𝑈𝑇 =
𝑘𝑇

𝑄𝑒
= 25𝑚𝑉 thermoionization 

  



6  Amplifiers for electrocardiography and 

electroencephalography. Input impedance issues. Use of 

ultra-low power amplifiers. 
 

Biosignals (--V - mV) are superimposed on electrode polarization up to 500mV. 

 

The two- diode is an anti-parallel connection of two diodes with a closing 

current I0. 

 

 

To remove the polarization, we use the speed start with the lower cut-off 

frequency fd. 

 

 

𝑓𝑑 =
𝐼0

2𝜋𝐶𝑈𝑇
  𝑈𝑇 =

𝑘𝑇

𝑄𝑒
= 25𝑚𝑉 

 

Distortion  = (
𝑢

2𝑈𝑇
)

2

 

 

Bioamplifier with input resistance r1> 1G: 

 

 
2𝜋𝑓𝑑𝑅𝑑𝐶𝑑 = 1 2𝜋𝑓𝑛𝑅𝑛𝐶𝑛 = 1 

 

𝐴𝑢1 =
2𝑈𝑇

𝐼0𝑅𝑑
 𝐴𝑢2 =

𝑅2

𝑅1
 𝐴𝑢3 =

𝑅𝑛

𝑅
 

 

The use of low-power amplifiers (ADA 4051) allows the patient part to be powered by 

illuminated photodiodes. 

  



7  Protection of bioelectronics against the effect of 

defibrillation shock. Lightning arrester, varistor, dual 

diode. 
 

The defibrillator performs an electrical reset of the heart with a power of up to 80 kW (for 

4ms applied to the chest, which represents a bioimpedance for defibrillation electrodes with a 

diameter of 10 cm). 

2𝑘𝑉 ∙ 40𝐴.   𝑍 = 50Ω 

No more than 10% of the power must go to the ECG sensing electrodes. 

Therefore, R resistors are in series with the electrodes.= 1𝑘Ω/1W 

A 100V / 10kA lightning arrester is not required behind the resistors, a 30V / 100A varistor is 

sufficient to protect the electronics. 

Performance then goes to protections.
𝑍

𝑅
= 5% 

 

  



8  Protection of bioelectronics against electrocoagulation. 

Serial inductors and dual diode. 
 

The electrocoagulator causes tissue to burn up to 400W / 400kHz concentrated on the tip. 

According to the ANSI / AAMI PC69: 2007 standard, a voltage of 1V enters the pacemaker 

area, from which a current greater than 20mA must not leave.(= 𝑖) 

The coil with the inductance 𝐿 = 20𝜇𝐻 connected in series with the stimulation electrode has 

an impedance 2𝜋𝑓𝐿 = 50Ω at frequency f= 400𝑘𝐻𝑧. 

Two-diode behind the coil protection circuit 𝑈 = 2𝑈𝑇𝑎𝑟𝑔𝑠𝑖𝑛ℎ
𝑖

𝐼0
 

 

  



 

9  Function blocks of electronic circuits 
 

The electronic system is created as a system with a multilevel structure. We will find 

function blocks at each level. These blocks can be composed of several simpler function blocks 

(simple rectifier with diode, current amplifier with transistor) or they can consist of more 

complex function blocks (grouping of several operational amplifiers or other integrated 

circuits). Simply put, a complex function block can be made up of several simpler function 

blocks. 

 

Groups and types of function blocks 

 

 The electronic device is used with a given output load, input signal source and power 

supply. Four block configurations are created: 

 

1. EBP- Electronic block passive - the power transmitted to the load is always less than the 

power of the input signal source. Circuits in no node of their structure increase the performance 

of the processed signal. 

 

2. EBZ - Electronic block stressful- can be a source of power supply, reference voltage, current 

and harmonic signal. The power transmitted to the load is provided by the power supply. 

 

3. EBA - Electronic block active - we obtain a signal and a higher power than the power of the 

input signal source, thanks to the use of energy from the power supply. 

 

4. Two independent signal sources - are processed simultaneously and signals can be multiplied, 

divided, added, modulated or mixed.  

 

 We distinguish function blocks, depending on the signals they work with, into three 

basic groups: analog, digital and analog-digital or combined. 

 

 The first group of analog blocks includes: amplifiers, nonlinear analog shapers and 

converters, regenerative circuits. 

 The second group of digital blocks includes: combinational logic elements, digital 

memory elements, sequential circuits. 

 The third group of combined blocks includes: analog-to-digital converters, digital-to-

analog converters, phase-locked loops. 

 

9.1.1  Amplifiers 

 

 The function of the amplifiers is to amplify the useful power of the signal while 

maintaining its time course. The amplifier obtains the required energy from the power supplies 

for the output power. 

 



 

 

Low power transistor amplifiers (preamplifiers) 

 

 It is an amplifier to amplify AC signals. If no voltage is applied to the input, quiescent 

DC currents flow through the base and collector of the transistor, which indicate the operating 

point of the transistor. These currents and thus the operating point of the transistor can be set 

using a resistor RB and RC. The working point is chosen so that the following relationship 

applies at rest: 

𝑢𝐶𝐸 = 𝑢𝑅𝐶 =
𝑢𝑠𝑢𝑝𝑝𝑙𝑦

2
 

 

 
Fig. 1: The simplest amplifier in connection with a common emitter 

 

 The operation of the amplifier requires that the operating point be constant, so in practice 

more complex connections are often used than in Fig. 1, which better ensure the stability of the 

operating point against changes.  

 

 Gaining a single transistor is usually not enough in practice, so several such gains often 

rank one after the other. If the amplifier is to amplify DC signals, capacitors cannot be used at 

the input and output. A DC coupler must be connected. A common emitter amplifier has a 

relatively small input impedance; if a larger input impedance is required, a common collector 

connection must be used, or a unipolar transistor (FET) is best used as the input transistor. 

 

Class A power amplifier - single acting 

 

 The load of this amplifier is connected to the amplifier stage via an output transformer. 

A direct current with a certain alternating component passes through the collector of the 

transistor and the primary winding of the transformer, the transformer transfers only the 

alternating component to the load. 

 
Fig. 2: Class A power amplifier 

 



 The disadvantage of this amplifier connection is low efficiency and high powerlosses - 

transistor heating. Even in the idle state, a certain current flows through the transistor and it has 

about half the supply voltage. This causes losses and its heating even when there is no power 

at the output. The maximum power can theoretically be achieved when the oscillation of the 

AC output voltage, ie the difference between the positive and negative peak, will be equal to 

the supply voltage. Theoretically, the maximum efficiency of this amplifier is 50%, but in 

practice an efficiency of around 30% can be achieved. However, this connection is hardly used 

in practice. 

 

Class B and AB power amplifier - double-acting 

 

 The Class B amplifier has two output transistors, one of which flows current atof the 

half-wave output voltage, the second at the negative. If there is no voltage at the input or output, 

no current flows through the amplifier. This connection requires a double supply voltage 

(however, it can be modified so that it can only be supplied from a single voltage). With a 

positive half-wave of the output voltage, the current leads to transistor T1, with a negative half-

wave, transistor T2. This connection does not amplify the voltage, only the current, so if a 

voltage amplification is required, it must be achieved by means of preamplifier stages which 

are connected in front of this output amplifier. 

 
Fig. 3: Class B power amplifier 

 

 The theoretically achievable efficiency of a class B amplifier is 78.5%. However, a class 

B amplifier has one major disadvantage if the input voltage u1 is less than the base-emitter 

junction threshold of the transistors used, the transistors do not open, and there is no voltage or 

current at the output. Therefore, small signals with an amplitude of less than 0.6 V cannot be 

amplified. However, even when amplifying a signal with a larger amplitude, the output voltage 

is distorted, which is undesirable. However, this undesirable distortion removes the AB class 

amplifier circuit. 

 

Class AB power amplifier 

 

 In the case of a class B amplifier, no current passes through the transistors in the 

quiescent state; Such an amplifier no longer exhibits amplified signal distortion, such as a Class 

B amplifier. The efficiency of a Class AB amplifier is between Class A efficiency.and B, 

practically about 50% efficiency can be achieved. The AB class power amplifier is the most 

commonly used circuit for audio amplifier output stages. Nowadays, these amplifiers are 

usually not built from individual transistors, but are manufactured in the form of integrated 

circuits. 

 

 

 

 

 



Class D power amplifier (switched) 

 

 The Class D power amplifier allows for further efficiency gains. The principle is that its 

end transistors do not operate in amplification but in switching mode. This will increase 

efficiency. 

 
Fig. 4: Class D power amplifier 

 

 The control circuit switches the AC terminal transistors according to the current input 

voltage. The switching frequency of the transistor is much higher (at least 100x) than the 

frequency of the input amplified voltage. The switching is controlled so that the mean value of 

the output voltage corresponds to the input voltage. Because for good gain, the condition that 

the switching frequency must be multiple must be methigher than the frequency of the amplified 

voltage, such amplifiers are mainly suitable for amplifying low frequencies up to 500 Hz. We 

can assume that with the development of switching transistors and increasing their frequency, 

the applicability of this type of amplifiers will also expand. 

 

 The efficiency of a class D amplifier can practically reach 80 to 90%. 

 

Differential amplifier 

 

 A differential amplifier is an amplifier that has two input terminals and responds to a 

voltage difference between these input terminals. It is often powered by a symmetrical (double) 

power supplytension - this is a positive and negative tension against the common ground. 

 
Fig. 5: Differential amplifier 

 

Operational amplifier 

 

 An operational amplifier is the most common practical application of a differential 

amplifier. It is manufactured today in the form of integrated circuits. The name "operational 

amplifier" is based on the fact that this amplifier is often used for analog implementation of 

mathematical operations such as sum, difference, derivation, integration, etc. Positive input is 

called non-inverting and negative inverting input. 

 



 
Fig. 6: Operational amplifier 

 

 An ideal operational amplifier (exists only in theory) has the following most important 

features: 

o The voltage gain for the difference signal has an infinite value. 

o The voltage gain for the sum signal is zero. 

o The amplifier is frequency independent in the range 0 to ∞Hz. 

o The phase shift between input and output voltage is 0 ° or 180 °. 

o The amplifier is perfectly symmetrical - zero offset (that is, when the 

input terminals are connected - when they are at the same potential, there 

is exactly zero voltage at the output). 

o Infinite input resistance. 

 

 Real (real) operational amplifiers are more or less close to the ideal with their properties. 

In the practical use of an operational amplifier, it is always necessary to consider whether these 

deviations can be neglected or not. With a real operational amplifier, the previous ideal features 

are not met. 

 

 The operational amplifier itself has a very large gain, if we connect the OpAmp (also 

OZ) to the circuit that will form the so-called feedback, we get a circuit that will have a precisely 

defined gain, or other useful properties. 

 

Voltage follower 

 

 In this connection, the output voltage is equal to the input voltage. If we apply a positive 

voltage to the OpAmp input, a positive voltage also appears at the output, which is also applied 

toinverting OpAmp input. The op amp attempts to increase the output voltage until the voltage 

equalizes between the two inputs. This connection can be used, for example, at the input of a 

measuring instrument, where we need to have a large input resistance, because the input 

resistance OpAmp is large. 

 
 

Fig. 7: Voltage follower 

 

 

 

 



Inverting amplifier 

 

 Resistors R1and R2 form the so-called feedback network, simply the feedback. It is a 

negative feedback that reduces the almost infinite gain of the trademark. The resistors form a 

voltage divider. 

 
Fig. 8: Inverting amplifier 

 

The gain of this amplifier can be expressed as: 

 

𝐴 =  
𝑈𝑂𝑈𝑇

𝑈1
=  −

𝑅2

𝑅1
  (1.1) 

 

Sign - means that the connection inverts, ie. the output voltage has the opposite polarity than 

the input. 

 

Explanation of the principle:   

 If we apply a small positive voltage to the input, it will appear on inverting the OpAmp 

input. The OpAmp starts to amplify because the voltage is at the inverting input (-), the OpAmp 

at the output starts to generate a negative voltage. Via resistor R2, part of this voltage starts to 

reach the inverting input OpAmp. The operational amplifier stabilizes when the potential of the 

inverting input compares with the potential of the non-inverting. 

 

Non-inverting amplifier 

 

 The op amp will try to keep the voltage of the inverting input "caught up" with the 

voltage of the non-inverting, which is the input voltage u1. Resistors R1 and R2 form a resistor 

divider. Then the following will apply: 

𝑢1 = 𝑢𝑂𝑈𝑇 .
𝑅2

𝑅1+𝑅2
  (1.2) 

 

By modification we obtain a relation for amplification of non-inverting amplifier: 

𝐴 =
𝑢𝑂𝑈𝑇

𝑢1
=  

𝑅1+𝑅2

𝑅2
  (1.3) 

 

 
Fig. 9: Non-inverting amplifier 

 



Sum amplifier 

 

 It has potential of the inverting input must be the same as the potential of the non-

inverting input, further according to I. Kirchhoff's law, the currents flowing into the node 

through resistors R1 to R3 plus the current flowing through resistor R must be equal to zero. 

 

Then: 
𝑢1

𝑅1
+

𝑢2

𝑅2
+

𝑢3

𝑅3
+

𝑢𝑂𝑈𝑇

𝑅
= 0  (1.4) 

 

 
Fig. 10: Sum amplifier 

Derivator 

 

 The output voltage of this circuit is proportional to the rate of change of the input 

voltage, ie its derivative. The mathematical relationship for the output voltage would be derived 

similarly to the previous cases. 

 

Applies to: 

𝑢𝑂𝑈𝑇 = −𝑅 . 𝐶 .
𝑑𝑢𝐶(𝑡)

𝑑𝑡
  (1.5) 

 

 
 

Fig. 11: Derivator 

 

Integrator 

 

 
 

Fig. 12: Integrator 

 



 

The derivation of the equation is similar to the previous case: 

 

𝑢𝑂𝑈𝑇 = −
1

𝑅 .𝐶
∫ 𝑢1(𝑡)𝑑𝑡 + 𝑈𝐶𝑡0

𝑡1

𝑡0
  (1.6) 

 

Comparator 

 

 This circuit compares the two input voltages, whichever is greater, there is either a 

positive or negative supply voltage at the output of the operational amplifier. In the simplest 

case, it is the trademark itself, without other components. If there is voltageu1> u2, there is a 

negative saturation voltage at the output (the maximum negative voltage that it is able to give 

at the OpAmp output is close to the negative supply voltage). If u1 <u2, the output saturation 

voltage is positive. 

 

 
 

Fig. 13: Comparator 

 

9.1.2  Shaping circuits and converters 

 

 Shaping circuits are function blocks that change the shape of a signal's time course. 

Linear shapers cannot create new spectral components of the signal, they only change the ratios 

between the original components of the input signal. The simplest nonlinear shapers are simple 

passive circuits, which can be purely resistive or can contain storage components - coil, 

capacitor. Active shapers can amplify signal power. 

 

 We use shaping circuits in digital technology, when we need to obtain a pulse signal for 

triggering gates, etc. from an irregular analog signal. The signal has shape, amplitude and time 

parameters. 

 

  
Fig. 14: Shaping circuit - signal 



 Resistive nonlinear shapers are non-inertial, which means that a certain instantaneous 

value of the input quantity always clearly corresponds to a certain value of the output 

quantity.The dependence of the output quantity on the input can then be easily expressed 

graphically by the conversion characteristic. Most often, a natural and reliably reproducible 

shape of some volt-ampere dependence of electronic components is used for shapers. 

 

 The so-called resistance limiters also belong to the group of resistance shapers. These 

are circuits that do not change part of the original time course too much, ie they transmit as a 

linear circuit and in one or two areas of the values of the input quantity they significantly limit 

the transmission of changes of this quantity. We can also include all DC voltage regulators, 

current stabilizers and some absolute value amplifiers among the resistance limiters. This also 

includes voltage level comparators and combinational logic elements. 

 

There are also a number of circuit and function blocks composed of resistive non-linear and 

linear parts. This group includes a wide range of rectifiers. They are circuits and functional 

blocks that act as converters of a periodic signal to a direct current signal. Depending on the 

application areas, the requirements for the properties and parameters of the rectifiers also 

change. 

 According to the way rectifiers are evaluated, we distinguish them into: 

 

• Power rectifiers - in power supplies and voltage converters, here the energy parameters 

are evaluated 

• Measuring rectifiers - they are intended for measuring purposes, when it is necessary to 

evaluate the accuracy of the measurement and the parameter of the periodic signal that 

is actually measured 

• Communication rectifiers – they are used to rectify periodic and quasi-periodic signals 

in communication technology. 

 

Circuits with switches are widely used as inverters (converters of direct current to alternating 

current - usually used in power supply circuits) or as pulse modulators. 

 

9.1.3  Regenerative circuits 

 

 The functional blocks and circuits mentioned so far are degenerative. A degenerative 

block is a block that contains a single stable operating point that can be characterized by a pair 

of input and output quantities, regardless of whether it is a quiescent operating point - 

characterized by DC quantities or a dynamic operating point - it moves only due to input signals. 

. 

 The rest point of a block is given by the result of the action of rest points of all subcircuits 

and characterizes the given block before the introduction of any input signal. The input and 

output values of the rest point of the entire block are bound to each other only if the sub-circuits 

of the block are galvanically bound to each other. By the action of the input signals, the position 

of the operating point of the block is dynamically changed by the signal, if the input signal 

ceases to operate, the operating point returns to its original rest position. In this case, these are 

stable systems. 

 Regenerative circuits are those in which a regenerative process occurs under certain 

conditions. This process starts whenever, for some reason, the operating point of the subcircuit 

or the entire block is set to an unstable position. This can only occur in a circuit whose electronic 



component has one of the volt-ampere characteristics with a region of negative differential 

resistance, or whose amplifying part is surrounded by a positive feedback loop. For this to 

happen, the regenerative factor must prevail sufficiently means that the negative differential 

resistance must prevail over the positive resistance of the connected circuit. 

 Regeneration in regenerative circuits can have two typical time courses: 

 

1. Oscillating, almost harmonious course 

 The oscillating time course is generated by feedback regenerative circuits, the 

transmission of which of the open feedback loop has a pair of complexly associated poles. This 

waveform can also occur in a circuit that behaves as a dipole with a negative differential 

resistance. Almost harmonic oscillations can occur whenever there is a quality resonator (LC 

circuit, electromechanical resonator) in the circuit or if it is a feedback system. 

 In all types of LC oscillator, the generation of almost harmonic oscillations is expected. 

According to the active part of the circuit enabling the regenerative process, we distinguish 

oscillators with negative differential resistance and feedback oscillators. According to the 

components determining the frequency of oscillations, we distinguish resonator oscillators - 

LC, tuners, coaxial, ribbon, crystal controlled; and RC oscillators, where a pair of poles is 

created by the action of feedback. 

 

2. Jumping regenerative action - a rapid transition between two stable or relatively long-lasting 

quasi-stable states 

 Jump regenerative events occur in broadband circuits and take place very quickly. 

 They are used in the following circuits: 

• bistable flip-flop 

• monostable flip-flop 

• astable flip-flop 

• blocking oscillator 

• timers, function generators and frequency to frequency converters 

 Bistable flip-flop- its operating point without the action of an external signal can occupy 

one of two possible stable positions, so it has two stable states. Moving the operating point from 

one position to another - flipping the circuit is only possible to external current. 

 Monostable flip-flop- always remains in one stable position. Only the external signal 

can put them in the regeneration state and thus flip them to the second - quasi-stable position. 

They remain in this position during a slow relaxation process, which is terminated by a 

regenerative tilting to its original stable position. Following the flipping, there is again a slow 

relaxation process, which now does not cause the flipping again. 

 Astable flip-flops- multivibrators are arranged so that regenerative processes alternate 

with relaxation processes in them. In some circuit configurations this is conditioned by only 

one storage component and in others by two storage components, each determining one quasi-

stable state time. These flip-flops do not need any input signal to operate. 

 

 Blocking oscillator- is an LC oscillator, where the transient negative generation is 

influenced by a relatively damped resonant circuit and the slow relaxation process is determined 

by the RC circuit. It is used to generate narrow pulses with a long period of time. The external 

signal can shorten the period time and synchronize the oscillations. 

 



 Timers, function generators and frequency to frequency converters we consider it an 

improved system solution of monostable and astable flip-flops. Usually, the individual 

transistors are replaced by functional blocks, such as an operational amplifier, a bistable flip-

flop, an analog switch or a switch. 

 

 

9.1.4  D / A converters 

 

 Electronic switches in conjunction with a voltage source and resistors, they can form 

the interface between digital and analog systems. By logic states we can control electronic 

switches that can connect and disconnect resistors in the resistance network, which determines 

the size of the analog quantity - voltage, resp. current. 

 

 If the logic states represent a binary coded number, the conversion of the number to 

voltage, current or charge is realized. Such circuits can then be referred to as digital-to-analog 

converters. These are circuits that are necessary where a digital system (computer, processor) 

is to output an analog signal (audio, video). 

 

 To convert the signal back to a continuous analog signal, either a resistor network 

(voltage divider) or binary code-controlled electronic switches or operational amplifiers as 

summing amplifiers are used. 

 

9.1.5  A / D converters 

 

 More often, however, we require the conversion of an analog quantity to a number, for 

the needs of digital processing of the analog signal itself, or for digital processing of information 

carried by the signal.  

 

 The digital signal is represented by a discontinuous analog waveform with two voltage 

levels that represent logic values 0 and 1. The length of one bit (basic information units) is given 

by the sampling period. The transfer is implemented in three steps: 

 

1. Sampling 

 We take samples from the analog, time-continuous signal at certain times. The so-called 

sampling theorem is applied here, which says that the sampling frequency must be  at 

least 2 times greater than the maximum frequency of the sampled waveform. Amplitude

 individual samples can take an infinite number of values. 

 

2. Quantization 

 Classification of the sample into a distinguishable level. Allocation to individual 

quantizations levels is done according to the decision levels that are located between the 

individual quantization levels. If the sample exceeds the decision level, it is assigned a 

higher one the quantization level, if it does not reach it, is assigned to the lower level. 

Numberquantization layers is determined by the number of bits in the code. The n-bit sample 

will have 2n combinations. One the quantization step (resolution) is denoted by q and is 

calculated as the ratio of the maximum voltage and number of quantization levels. Q is also the 

smallest recognizable LSB bit. The largest recognizable bit is the MSB. 

 



3. Coding 

 Each layer is assigned a binary code. 

 

 The basic building blocks of all A / D converters are voltage comparators. The simplest 

A / D converter is to connect one voltage comparator to a reference voltage source. The 

reference source thus determines a comparison level defining which voltages will be converted 

to a logical one and which to a logical zero. This creates a single-bit A / D converter. 

 

 With multi-bit converters, there is the problem of how to compare the large number of 

comparison levels required. A number of A / D converter strategies and design principles have 

been developed to handle such a large number. All known principles can be divided according 

to strategies into three basic groups of converters: 

 

1. with direct A / D transfer 

2. with reverse D / A transfer  

3. with intermediate conversion to another signal 

 

Properties of function blocks, circuits and their components 

 

Each connection of the signal source, electronic block, power supplies and load forms a separate 

circuit system independent of other external circuits. 

 

We can assess the properties of functional blocks, circuits and their components in two ways: 

1. as external properties, when the block in question plays the role of a "black box" from 

the point of view of inclusion of the duty of a higher unit or 

2. as internal properties that are related to the internal circuit structure (wiring) of the 

circuit or block. 

 

We can judge the external properties of any part of the system by the number of gates through 

which signals pass through this part. We divide them into: single-gate, two-gate and three-gate. 

 

The external properties of systems and equipment for a certain field of application (medicine, 

measuring technology, etc.) are always defined by the company, nationally or internationally 

relevant industry standards. With a good knowledge of the internal properties, any circuit or 

block can be analyzed and optimized. The condition for success is to replace all components 

with their plausible models. The external - macro-modeling and internal - micro-modeling 

perspectives are used in modeling. 

 

Macromodels describe the function block only "from the outside in". They do not take into 

account the actual internal circuit structure of the modeled block. They are built so that the 

macromodel has the same external properties as the actual block. 

 

Micromodels describe the internal structure of the circuits. For more complex circuits, 

micromodels will undoubtedly be more complex than macromodels. All passive and basic 

electronic circuit components are described by micromodels. 

 

How macromodels and micromodels can be assembled from any linear 



elements, ie R, C, L and controlled and uncontrolled sources. The nonlinear behavior of 

micromodels is usually described by smooth monotonic nonlinear functions of real variables, 

the behavior of macromodels also by the application of micromodels of electronic elements - 

diodes, transistors. 

 

Power supplies 

 

 Power supply is a device that permanently maintains a charge difference, or electrical 

voltage, between two places. Electrical voltage is created by the action of external non-electrical 

forces (chemical reactions, mechanical forces). The power supply permanently draws electrons 

from the positive terminal and moves them to the negative terminal. 

 

 An electronic circuit is an interconnection of electronic components. After connecting 

the power supply, an electric current passes through the components and an electric voltage acts 

between the individual parts of the circuit. The circuit can be created by a suitable technology 

as one unit - an integrated electronic circuit. 

 

Classic sources for electronic devices 

  

 

 
 

Fig. 27: Power supply diagram 

 

The conventional DC source for electronic equipment consists of a transformer, rectifier, filter 

and voltage stabilizer. 

 

Transformer 

 

 It is used to change the magnitude of the mains voltage and ensures galvanic isolation 

of the circuits (energy is transferred between the separate windings by means of a magnetic 

field - electromagnetic induction). The dimensions and weight of the transformer increase with 

output power (approximately square and third root). The transformer can also have several 

windings for several independent sources. The voltage ratio between the primary and secondary 

windings is given by the ratio of the number of turns p: 

 

𝑝 =
𝑈1

𝑈2
=

𝑁1

𝑁2
=

𝐼2

𝐼1
  (3.1) 

 

Rectifier 

 

 It is used to convert alternating voltage to direct current. The output voltage is usually 

wavy, so it is still necessary to filter it, usually using a capacitor. 

 

  



One-way rectifier  

 

 An alternating sinusoidal voltage comes to the filter from the secondary winding of the 

transformer. One half-wave is filtered out by diode D so that a positive voltage always comes 

to the positive pole of the capacitor CN. The resulting course consists only of positive half-

periods. Behind the diode, the current flowing through the diode flows into the load and charges 

the capacitor. When the rectifier diode is open, the capacitor receives the energy and the full 

voltage of the source goes to the load. When its junction is closed, the capacitor acts as a voltage 

source. One of the problems is that the diode is not open for the entire half-period. It opens only 

when the voltage on the secondary winding of the transformer exceeds the threshold voltage of 

the diode and closes when the voltage onthe secondary drops below the desired value. 

 
Fig. 28: One-way rectifier 

 

Two-way rectifier 

 

 Thanks to two diodes, the signal is rectified for both half-periods. The downside is the 

need for two forces onsecondary (or secondary with center). 

 

 
 

Fig. 29: Two-way rectifier 

 

Graetz Bridge 

 

 The advantage of this rectifier is that we do not need a transformer with an output center, 

but again it is necessary to use 4 diodes. 

 

 
Fig. 30: Graetz Bridge 

 



Filter 

 

 The heated voltage is not suitable for most powered devices. Therefore, a filter is used 

as a rectifier, most often with a capacitor, but it is also possible to use a choke or a combination 

of a choke and a capacitor. 

 

 The purpose of the filter is to remove the alternating component from the heating 

element voltage and thus supply the device even when the output voltage of the rectifier is zero. 

The size of the components and the complexity of the connection are governed by the required 

output ripple - ie the ratio of the remaining AC component of the supply voltage to the mean 

value of the output voltage. 

 Powered devices are differently sensitive to ripples, some can be powered by unfiltered 

heating voltage, others can endanger even slight ripples. 

 

RC filter 

 

 This filter is used for small outputs. Its main advantage is the relatively small size. At 

higher outputs, however, there is too much loss in resistance and thus significantly reduces the 

power supply. 

 

 
Fig. 31: RC filter 

 

LC filter 

 

 This filter is used for larger currents. The disadvantage is the considerable dimensions. 

The coil is preferably used here because it is a frequency dependent element and therefore has 

a much higher impedance than just a resistor. However, it is an impedance of almost purely 

imaginary character, so no voltage drops occur on it. 

 

 
Fig. 32: LC filter 

 

Stabilizer 

 

 The stabilizer adjusts the output voltage. It tries to keep it at a certain value, regardless 

of fluctuations in the input voltage or changes in the output consumption. The quality of the 

stabilizer is determined by the stabilization factor (ratio of output voltage change to input 

change) and internal differential resistance (ratio of output voltage change to output current 

change). Due to the very frequent need for stabilized voltage, many types of monolithic 

(integrated) stabilizers are manufactured and used today. 

 



 Stabilizers are circuits that automatically compensate for voltage or current changes in 

the load. They are used where we require minimal ripple or if we require a constant voltage 

(current) on the load with fluctuating voltage (current) of the source. 

Voltage stabilizers are basically of two types: 

• parametric stabilizers 

• feedback stabilizers (degenerative). 

 

 Parametric stabilizers use a suitable course of volt-ampere characteristics of some 

components, feedback stabilizers contain a control component, which is controlled by the 

deviation of the output voltage from the value of the reference voltage. Parametric voltage 

stabilizers are used for load currents of up to tens of mA. Glow plugs are used to stabilize 

several tens of volts, and up to tens of volts are used to stabilize unitsZener diode, for units of 

volts ordinary diodes in the forward direction. 

 The basic quantities of the stabilizer are stabilization factor, indicating how many times 

the stabilizer reduces the relative voltage fluctuations. 

 

𝐾 =

∆𝑈1
𝑈1

∆𝑈2
𝑈2

=
∆𝑈1

∆𝑈2

𝑈2

𝑈1
  (3.2) 

 

The stabilization factor should be as large as possible and the internal resistance as small as 

possible. 
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10  Adjustment of the frequency spectrum of signals 

Frequency spectrum 

 

The frequency spectrum is a display of frequencies in terms of frequency, amplitude or 

frequency strength, thus allowing a display of the frequency distribution. The spectrum 

expresses the dependence of the amplitude of a certain quantity on the frequency and the 

frequencies of simple oscillating movements are evident in it, which subsequently have an 

effect on the complex course. Figure 1 shows the frequency spectrum. The graphical display of 

the frequency spectrum is usually used to evaluate individual properties. We display the 

frequency spectrum using a spectrum analyzer, which allows the analysis of the signal in the 

frequency domain. 

 

The frequency spectrum can be generated using a Fourier transform signal. The Fourier 

transform expresses a time-dependent signal using harmonic signals - sine, cosine and serves 

to convert signals from the time domain to the frequency domain. The resulting values are 

presented as amplitude and phase, which are displayed in a graph as a function of frequency. 

 

The frequency spectrum often shows the harmonic components of the signal that are visible 

and distinct at each frequency, and this information provides insight into the mechanisms that 

shape the entire signal. 

 

 

 
Figure 1: Frequency spectrum of the signal – an example. 

 

 

 

 

 



General distribution of filters 

 

A frequency filter is an implementation of a linear electrical circuit made of active or passive 

elements. According to the used elements, their connection and parameters of components, we 

distinguish which frequencies the given filter passes the so-called pass band and which they 

hold us (frequencies are attenuated), the so-called impermeable band, ie for which frequencies 

the selected filter is suitable. 

 

In terms of implementation, frequency filters are generally divided into analog and digital. 

We further divide analog filters into passive and active. Digital filters include filters with 

infinite impulse response IIR and finite impulse response FIR. Analog and digital filters differ 

from each other mainly in implementation and also in the properties that affect signal 

processing. Unlike a digital filter, an analog filter is cheap, fast and with a large dynamic range. 

On the other hand, it is inaccurate and unsuitable for low frequencies and is dependent on 

ambient parameters, such as temperature. The digital or digital filter, on the other hand, is 

universal, stable and accurate. Unlike an analog filter, it is suitable for low frequencies. 

 

Analog filters are further divided into passive and active filters, as previously mentioned. 

The difference lies in the use of elements in the circuit. Passive filters use passive circuit 

elements, such as resistors, conductors, coils, and various combinations thereof. Active filters 

are used in circuits with different types of operational amplifiers. 

 

The further division of the frequency filters depends on the frequency characteristics. 

According to the function and shape, we divide frequency filters into three basic groups - 

selective filters, correction filters and phasing (delay) circuits. This division will be discussed 

in more detail in a separate chapter. 

 

The last division of the frequency filters is determined according to the order of the transfer 

function. The choice of filter order is necessary for its practical implementation. The order of 

the filter determines how steeply the transfer function of the filter changes from the passband 

to the impermeable band and vice versa. The higher the order, the closer the characteristic is to 

the ideal filter and the higher the transmission suppression in the bandwidth. Here, the higher 

the order, the higher the price of the filter. 

 

Summary of the general distribution of filters: 

 

• Analog filters 

- Passive filters 

- Active filters 

• Digital filters 

- IIR 

- FIR 



• According to the function and shape of the frequency characteristics  

- Selective filters 

- Correction filters 

- Phase (delay) circuits 

• According to the order of the transfer function 

 

 

Decibel [dB]- is the logarithmic unit used to express the ratio between two values of a physical 

quantity (usually measured in units of force or intensity). One of these quantities is often the 

reference value, and in this case a decibel can be used to express the absolute level of a physical 

quantity. It is also used as a measure of gain or attenuation. Decibel is used for a wide range of 

measurements in science and engineering, but most in acoustics, electronics and control theory. 

 

 

 

 Order of transfer function 

 

As previously mentioned, the order of the filter determines how steeply the transfer function 

of the filter changes from the passband to the bandwidth and vice versa. However, from a 

practical point of view, the order of function determines the number of energy capacities in the 

circuit. The order of the filter is very important for its practical implementation. As the order of 

the filter increases, its properties and characteristics approach the ideal filter, thus increasing 

the transmission suppression in the bandwidth, which causes the transition band between the 

passband and the bandwidth to narrow. However, the complexity of the filter increases its price, 

which is why a compromise is chosen in practice. The lowest possible order of the filter is 

selected, but at the same time the required transmission suppression must be observed. 

The properties of the transfer function are expressed in the Laplace (p) or Fourier (jω) region 

by the rational polynomial of the complex frequency p or jω expressed mathematically: 

 

 𝐾(𝑝) =
𝑎𝑚𝑝𝑚+𝑎𝑚−1𝑝𝑚−1+...+𝑎1𝑝+𝑎0

𝑏𝑛𝑝𝑛+𝑏𝑛−1𝑝𝑛−1+...+𝑏1𝑝+𝑏0
   (1) 

 

 𝐾(𝑗ω) =
𝑎𝑚(𝑗ω)𝑚+𝑎𝑚−1(𝑗ω)𝑚−1+...+𝑎1(𝑗ω)+𝑎0

𝑏𝑛(𝑗ω)𝑛+𝑏𝑛−1(𝑗ω)𝑛−1+...+𝑏1(𝑗ω)+𝑏0
   (2) 

  

where 𝑚 ≤ 𝑛, m  and n represent zeros and poles. Zeros are the roots of the denominator 

and are the complex frequencies for which the transmission between the input and output signal 

is blocked. The poles are the numerator's roots and characterize the internal resonances of the 

system. 

 



N is the highest power and indicates the order of function and in practical 

implementation determines the number of elements used - capacitors and coils. Where the order 

of the function is equal to the sum of the number of coils and capacitors. 

 
Figure No. 2: Example of the dependence of the modular characteristic of the LP type filter on the filter 

order. 

 

The transfer properties of a filter can be expressed in several ways. From a mathematical 

point of view, they are similar, but they can be differently advantageous for the design and use 

of filters and practical work with them. The determining parameters for the mentioned transfer 

functions K (p) and K (jω) are the coefficients a, b. These coefficients can have quite large 

values, therefore it is necessary to standardize their values against one coefficient. 

 

The order of transfer functions differs in what elements they contain. Filters with a 1st 

order transfer function contain a resistor R and one L or C element. The capacitor is most often 

used due to the simplicity and cost of implementation. This connection is referred to as an RC 

filter and is used to implement high-pass and low-pass frequency filters, not to implement band-

pass and band-stop filters. Filters with a 2nd order transfer function contain two elements, the 

most commonly used combination is R, C and L elements, but it is possible to use two resistors, 

capacitors or inductors. 2nd order filters can be used for the implementation of all basic types 

of filters, and therefore also for the implementation of bandpass and band-stop filters. There are 

also filters with a higher order transfer function, which are implemented similarly to filters1. 

a2nd order, only depends on the selected elements, their number and combination. 

 

The graphical expression of the transfer function is the frequency response, which is 

expressed using the module and phase characteristics. In practice, module characteristics are 

most often used, but in some cases, when we need not only to thoroughly evaluate the size of 



harmonic modules, but also to determine the distortion of the signal shape, the phase 

characteristics of the filter are also used. 

It is necessary that the signal that passes through the filter in its passband does not 

change its shape. Therefore, a constant transmission modulus (frequency independent) is 

important for the filter, but also a constant time shift for all frequency components that pass 

through the filter. 

For some signals, it is advantageous to express the properties of the filter in the time 

domain, because the direct effect of the filter over time, how the signal has passed through a 

particular filter, can be seen here. The following are very often used in practice for such 

expressions: 

• unit jump responses h (t) 

• responses to unit (Dirac) impulse g (t) 

The names transient and impulse response are also used. 

 

 

 

 

 

 

 

 

 

 

 

 

  

 

 

 

 

 

 

 

Figure 3: Module (a) and phase (b) characteristics. 

 

 

 

  



Basic types of filters 

 

We can distinguish frequency filters according to various aspects. As mentioned earlier, the 

function and shape of the frequency characteristics are crucial in dividing the frequency filters 

into basic groups. Basic division of frequency filters: 

 

• Selective filters 

• Correction filters 

• Phase (delay) circuits 

 

 

 

a) Selective filters 

 

These filters are used to suppress the transmission of frequency components of the signal in 

the impermeable band at the ideal state, when the transmission in the passband of the filter is 

constant and in the impermeable band of the filter it is zero. According to the bandwidth of the 

filters, we divide: 

 

• Low pass (LP) - a filter passing components of the signal with frequencies lower than the cut-

off frequency FM 

 

 
Figure 4: Low pass filter. 

 

• High pass (HP) - a filter passing components of the signal with frequencies greater than the 

cut-off frequency FM 



 
Figure 5: High pass filter. 

 

• Bandpass (BP) - a filter passing the signal components between the upper cut-off frequency 

FM1 and the lower cut-off frequency FM2 

 

 
Figure 6: Bandpass filter. 

 

• Band stop (BS) - a filter that does not transmit signal components between the upper cut-off 

frequency FM1 and the lower cut-off frequency FM2 

 

 



 
Figure 7: Band stop filter. 

 

 

b) Correction filters 

 

These filters require a frequency dependence of the transmission K2, which corrects the 

transmission of some blocks of the transmission chain K1 so that the module of the whole 

system K is frequency independent or constant. To give an idea of how such correction filters 

work - the expression of the transmission in the logarithmic axis and its resulting transmission 

is the sum of partial transmissions of blocks connected in a cascade. Figure 9 will serve as an 

illustrative example. 

 
Figure 8: Example of using a correction filter. 

 

 

c) Phase (delay) circuits  

 

For the previous two groups of filters, the properties of the module characteristics were 

important, but no longer the course of the phase characteristics. Thus, a frequency-dependent 

phase characteristic is important for phasing circuits, while their modular characteristic is 

frequency-independent. These filters are mainly used in areas where different time shifts are 

required depending on the frequency, but without changing the transmission module. They are 

used to correct phase characteristics, which is similar to correction filters, which were used to 

correct module characteristics or are used as delay cells. Figure 10 will serve to illustrate the 

delay circuits. 

 



 
Figure 9: Frequency characteristics of the delay circuit - a) modular, b) phase, c) group delay. 

 

 

 

10.4.1   Basic parameters of filters 

 

a) Filter order  

 

The order of the filter determines the accuracy with which the transmission characteristics 

of the filters are created, which is essential for the steepness of the transmission function of the 

filter, when it changes from the passband to the impermeable and vice versa. In practice, the 

order differs in the number of energy capacities in the circuit. As already mentioned, the higher 

the order, the higher the price of the filter and thus also the characteristic of the filter approaches 

the ideal filter and increases the suppression in the impermeable band. Due to the price, it is 

necessary to choose the lowest possible order of the filter, but at the same time it must ensure 

the required suppression in the impermeable band. 

 

b) Cut-off frequency 

 

Frequency at which there is a decrease of 3 dB and with the help of elements R and C it is 

possible to change this frequency and thus shift the module and phase characteristics without 

changing the shape. The cut-off frequency is calculated according to relation (3): 

 

 𝑓𝑚 =
1

2𝜋𝑅𝐶
      (3) 

 



 

Figure 10: Cut-off frequency. 

 

c) Filter quality Q 

 

The quality factor determines the rate of loss in the resonant circuit. The higher the factor, 

the smaller the losses. For coils, losses are caused by the resistance of the wound wire. 

We express it mathematically differently for serial and parallel circuit. 

 

 

Implementation of frequency filters 

 

In practice, there are many different ways in which filters can be implemented. Alone 

implementation affects filter properties. Therefore, it is important to choose the appropriate 

implementation of the filters. Methods of implementation can be divided into three main 

groups: 

 

• Implementation of discrete elements- resistors, coils, capacitors, operational amplifiers. 

It allows the implementation of filters exactly "tailored" to the user. 

• Implementation in the form of an integrated block- this realization is carried out in large-scale 

production. It is usually cheaper and better developed because it is made with the right 

technology. The disadvantage of this implementation is that the user cannot modify this filter in 

any way according to his needs and must follow the connection according to the manufacturer. 

• Implementation with digital filters- used for digital signal processing. We adjust the signal 

mathematically so that it has the same or better properties when it is converted backwards than 

when it passes through a normal frequency filter. The disadvantage is that the implementation 

must take into account the environment of digital signal processing (converters, signal 

processor, program), the speed of calculation, sampling and thus the frequency band of the filter. 

  



10.5.1   Specific types of realizations 

 

The implementation of filters usually differs according to the elements or technology used. 

Below is 

the following overview of filter implementations: 

 

a) RC filters- They are made of resistors and capacitors, which are components that are easily 

accessible and low cost. They have practical use for first and second order filters with low 

quality factor (Q <0.5). Higher order RC filters are rarely used. 

b) RLC filters - they are made of resistors, capacitors and coils and can be implemented with almost 

any type of filters, they are limited by the use of coils that are designed for low frequencies with 

low quality factor Q. Other limitations include losses of capacitors and coils and stability of 

values for transmittances. and an impermeable bandwidth with a small width. 

c) Microwave filters - RLC filters are implemented in the microwave area (at a frequency greater 

than 300 MHz), where elements R, L and C are no longer used, but coaxial lines. 

d) ARC filters- or active RC filters. They work on the same principle as RLC filters, but instead of 

coils they have resistors, capacitors and active elements such as operational amplifiers. They 

operate in the frequency band 0.1 Hz - 100 kHz. The advantage is the adjustability of the 

resistance values. The disadvantage is the influence of active elements and the need for power 

supply. 

e) ASC filters- or filters with switched capacitors. These filters are specially modified ARC filters, 

but switched capacitors are used instead of resistors. The cut-off frequency is determined by the 

switching frequency, which makes it easy to retune. 

f) Electromechanical filters- are the oldest integrated filters. The principle is the conversion of an 

electrical signal into a mechanical one by means of mechanical resonance and the conversion 

back into an electrical signal. They behave similarly to culverts. Piezoceramic filters are 

currently used. 

g) Surface Acoustic Wave (SAV) Filters- are a new type of integrated filters. A ceramic plate is 

required for the implementation, on which a system of transmitting and receiving piezoelectric 

radiators is applied. They can be used to implement a bandpass type broadband filter. 

h) CCD (Charge Coupled Devices) filters- or charge-coupled circuits. They are special with a 

discreet character. The technology from television cameras is used here, where the individual 

charge beams are gradually added together. 

i) Digital filters - as mentioned earlier, digital filters are implemented using a converter, program 

or signal processor. 

 

 

 

  



10.5.2  Implementation of RLC filters 

 

a) serial 

 

• Upper pass 

 
Figure 11: Implementation of the HP high-pass filter in series. 

 

• Low pass 

 
Figure 12: Implementation of the LP low-pass filter in series. 

 

• Bandpass 

 
Figure 13: Implementation of the BP bandpass filter in series. 

 

  



• Band stop 

 
Figure 14: Implementation of the band-stop filter BS in series. 

 

 

b) in parallel 

 

• High pass 

 
Figure 15: Implementation of the HP high-pass filter in parallel. 

 

 

• Low pass 

 
Figure 16: Implementation of the LP low-pass filter in parallel. 

 

 

  



• Bandpass 

 
Figure 17: Implementation of the BP bandpass filter in parallel. 

 

 

• Band stop 

 
Figure 18: Implementation of the band-stop filter BS in parallel. 

 

 

 

 

 

 

Approximation 

 

To approximate the modulus characteristics, it is important to find the coefficients of the 

transfer function so that they meet the tolerance field. There are an infinite number of solutions 

to how to approach approximation. However, to facilitate practice, several types of basic 

variants of approximations are used that meet the requirements. When special requirements 

arise, other approximation variants are used, which are less used. It is therefore possible to 

create a completely individual and special variant of the approximation of the transfer function 

for individual use. 

Standard approximations include the Bessel approximation, the Butterworth approximation, 

the Chebyshev approximation, the Feistel-Unbehauen approximation, and the Cauer 

approximation. All these approximations will be described below. 



We can also come across many other approximations of the general type or for special 

purposes. General type approximations include, for example: Gaussian or Legendre. Special-

purpose approximations include amplified cosine approximations, which are suitable for the 

transmission of pulse signals. 

Special types of approximations have requirements in other than modular characteristics. 

Such as isoextermal or wavy, which approximate functions in the area of phase characteristics 

or group delay. Another special type of approximation is a non-minimal phase approximation. 

Here, the resulting group delay is achieved so that it is as constant as possible so that the 

standard steep approximations are supplemented by phasing circuits. The constant course is 

related to the shape of the response to the unit jump, here the minimum settling time is used. 

 

 

10.6.1   Types of approximations 

 

• Approximation without transfer zeros 

 

Bessel (Thompson) approximations- this approximation is used in cases where it is important 

to preserve the shape of the signals during the passage. It has a small slope, a constant group 

delay in the passband and transient characteristics without overshoots. It is suitable for filtering 

frequency and phase modulated signals. 

 

 

Butterworth approximation - is one of the most widely used approximations, because at a low 

filter order it meets the compromise between the required linearity of the phase characteristic 

and the attenuation of the modular frequency response.  

 
Figure 19: Bessel and Butterworth filter. [7] 

 

Chebyshev approximation- allows to achieve the steepest possible characteristic in the transient 

band and at the same time with a large suppression of transmission in the impermeable band, 



which means that it allows sufficient suppression even at low filter order. The disadvantage of 

this approximation is the greater nonlinearity of the phase characteristic and the corresponding 

non-constant group delay. The only steeper approximation is the Cauer approximation with 

zero transfer points. 

 

 
Figure 19: Filter types. [8] 

 

 
Figure No. 20: Implementation of the Cauer filter.  

 

 

• Approximation with transfer zeros 

 

These approximations include Feistel-Unbehauen, inverse Chebyshev and Cauer 

approximations. These approximations differ mainly in steepness. In the Feistel-Unbehauen 

approximation, there is a constraint that indicates the limit for which it no longer makes sense 

to increase the order of the filter. 

 

• Other types of approximations 



 

In addition to the above approximations, there are other types of approximations that are 

usually used for special purposes. These approximations are not polynomial, which means that 

the transfer function does not have a shape expressed by the proportion of polynomials and thus 

does not have a defined filter order. These approximations include the Gaussian, Legendre, 

Transitive Bessel-Butterworth approximations, TICFU Transitive Approximations, or the 

Powered cosine approximations. 

 

  

10.6.2  Approximation type selection 

 

To select the appropriate type of approximation, it is necessary to compare the various 

criteria that each approximation must meet. According to a careful comparison of the criteria, 

we can then select the most appropriate approximation and thus ensure the most accurate 

modular characteristics possible. Important criteria include the steepness of the module 

characteristics and the required filter order (as small as possible). Furthermore, the ripple of the 

modulus characteristic in the passband. The size and length of stabilization of the response to a 

unit jump is also important. Another important criterion is the linearity of the phase 

characteristic in the passband and the values of quality factors, which are closely related to the 

quality values of the elements used. 

 

According to the criteria mentioned above, the choice of approximation is further decided. 

This process is relatively complex due to the inexhaustible number of types of approximations 

and at the same time the criteria for selecting a suitable approximation. The creation of a system 

of standard approximations greatly simplified the orientation and subsequent selection 

according to the most important criteria between approximations with a monotone course of the 

modulus characteristic in the impermeable band, but also the approximation with zero 

transmission points. The system contains six commonly used standard approximations. Half of 

the approximations are with zero points, which includes the Cauer approximation with the 

largest transmission suppression and also the Bessel approximation with the lowest 

transmission suppression. 

 

Others are the characteristics of the group delay, for which the Bessel and Feistel-

Unbehauen approximations are advantageous, while the Chebyshev and Cauer approximations 

are disadvantageous. The responses to a unit jump with the fastest stabilization without 

overshoots correspond to the characteristics of the group delay, so the same advantages and 

disadvantages of approximations apply to them. 

 

The approximations are compared according to the two most important criteria: slope and 

phase linearity. This will achieve a more detailed comparison and include marginal aspects in 

the selection. Comparing the Chebyshev approximation and the Chebyshev inverse 



approximation, it is concluded that at the same steepness, the Chebyshev approximation has 

worse phase properties and settling time. A comparison of the Feistel-Unbehauen and Bessel 

approximations shows that with the same phase and time properties, the Bessel approximation 

has a greater steepness. The last comparison is for the Chebyshev and Cauer approximations 

(zero point approximations). These approximations have a higher slope than the approximations 

without zero transfer points. The disadvantage is the more complex implementation of the filter 

and the minimum suppression in the impermeable band. 

 

 

10.6.3   Procedure for choosing the type of approximation 

 

First of all, it is necessary to decide whether or not it depends on the shape of the time course 

of the signal and the linearity of the phase characteristic. If it does not matter, steeper types of 

approximations are chosen (Cauer, Chebyshev). However, if it depends on the above criteria, 

an approximation with a constant or minimally undulating group delay (Bessel) is chosen. 

Higher order filters are selected for higher steepness. These requirements are suitable for low-

pass or band-pass filters. When both aspects are important, ie the steepness of the module 

characteristic and the linearity of the phase characteristic, a compromise must be found because 

it is not possible to meet both criteria at the same time. A suitable approximation for these 

requirements is the Butterworth approximation, which, however, does not always apply to the 

most suitable solutions. 

 

As mentioned earlier, the selection of a suitable approximation is a very complex process 

in which it is necessary to compare the given criteria with different types of approximations 

and their characteristics. Due to the complexity, a computer is used for comparison. Figure 15 

shows a block diagram for the approximation selection procedure, which clearly shows the 

complexity of the approximation selection. 

 



 
Figure 15: Block diagram for the approximation selection procedure. 

 



Use of filters in practice 

 

Frequency filters are one of the basic parameters of electrical circuits for processing all 

types of signals. As mentioned previously, different types of filters are used, such as low pass, 

high pass, bandpass, narrowband latency, wideband pass, or bandpass. 

 

The task of frequency filters has the so-called selectivity, which is the separation (filtering) 

of all frequency components of the input signal. Thus, the filter passes some components of the 

input signal without attenuation (that is, the passband), and some with different attenuation (the 

impermeable band). 

 

The pass-through and impermeable band are properties that are described by a modular 

frequency response called an amplitude response. This is the frequency dependence of the 

voltage transmission module. The amplitude characteristic is best seen in the representation of 

the frequency spectrum, which is the decomposition of the signal into individual harmonic 

components. 

 

By phase frequency characteristic we mean the delay which is caused by the passage of the 

signal through the filter, when not only the frequency components are filtered, but also the time 

delay of the signal. The effect of the time shift is best observed when the signal at the output of 

the frequency filter is displayed in the time domain. Here, for example, there may be overshoots 

or ripples in the monitored course. 

 

The use of filters is widespread, for example, in the field of electroacoustics, where switches 

are used in loudspeaker systems. These are mainly the upper, lower and bandpass to highlight 

selected signal components. Another area where filters are widely used is the conversion of an 

analog signal to a digital signal (which is an A / D conversion), and sometimes it is necessary 

to follow the sampling theorem (for example, the Shannon-Kotelnikov theorem or the Nyquist 

theorem). This is a so-called anti-aliasing filter, which prevents undesired overlapping of the 

spectra of the useful signal during its sampling. At the output of the system is a reconstruction 

filter. Another of the many areas where we encounter filters is measurement technology. This 

is mainly a selective measurement (eg selective voltmeters). Frequency filters can also be used 

in control technology and in high-current electrical engineering, where interference filters are 

used to remove high-frequency interference components in the mains supply voltage. Such a 

filter is present in a large number of devices and requires a mains supply voltage of 50 Hz to 

function. Another area is the use of frequency filters in radio engineering, where bandpass is 

often used to select the received signal (receiver input circuits and IF filters), low and high pass 

are switches for frequency bands in antenna circuits and preamplifiers, bandpass acts as 

interference suppression signals, low pass is for different types of demodulators and so on. 

 

Practical implementations of all frequency filters are based on many possibilities, many 

implementations with discrete elements, such as resistors, coils, capacitors, integrated 



electronic or electromechanical implementations. Other types of implementations are also 

possible, including digital filters used in digital technology. 

 

In practice, frequency filters in the field of electroacoustics occur, for example, in 

equalizers. An equalizer is a device, or part of a device, that adjusts the frequency response of 

an audio signal when some parts of the acoustic bands are amplified or suppressed. The 

equalizer can be implemented as a software algorithm in a digital system where sound is 

processed. The simplest equalizer is two-band tone correction, which we can find, for example, 

with integrated amplifiers. Tone corrections are controlled by two potentiometers, which means 

that one circuit is tuned to lower frequencies and the other circuit to higher frequencies. Some 

tone correctors do not use potentiometers to regulate the passing signal, but use them to regulate 

the stabilized DC voltage, which then controls the amplifiers, 
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