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UNIT – IV 

OP-AMP Applications 

4.1 Open Loop Configuration 

In the case of amplifiers the term open loop indicates that no connection exists between 

input and output terminals of any type. That is, the output signal is not feedback in any 

form as part of the input signal. In open loop configuration, the Op-Amp functions as a 

high gain amplifier. There are three open loop Op-Amp configurations.  

(i) Differential Amplifier  

(ii) Non-Inverting Amplifier 

(iii) Inverting Amplifier 

4.1.1 Differential Amplifier 

    

    Figure 4.1 Differential Amplifier 

Figure 4.1 shows the open loop differential amplifier in which input signals vin1 and 

vin2 are applied to the positive and negative input terminals. Since the Op-Amp amplifies 

the difference between two input signals, this configuration is called the differential 

amplifier. 

Output voltage is given by 

  vo = Avid = A(v1 – v2) 

if   Rin1<< Ri and Rin2 << Ri 
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  v1 = vin1 and v2 = vin2 

Hence  vo = A(vin1 – vin2) 

4.1.2 Non-Inverting Amplifier 

   

   

   Figure 4.2 Non-Inverting Amplifier 

In this configuration, the input voltage is applied to non-inverting terminals and inverting 

terminal is connected to ground as shown in figure 4.2. 

Output voltage is given by 

   vo = Avid = A(v1 – v2) 

Since      v2 = 0V 

Hence   vo = Av1 

if    Rin << Ri  v1 = vin     

Therefore   vo = Avin 

Hence input voltage is amplified by gain A also input and output signal are in phase. 

4.1.2 Inverting Amplifier 

In this configuration, the input voltage is applied to inverting input terminals and non-

inverting input terminal is grounded as shown in figure 4.3. 
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   Figure 4.3 Inverting Amplifier 

Output voltage is given by 

    vo = Avid = A(v1 – v2) 

Since     v1 = 0V  

Hence      vo = -Av2 

If    Rin << Ri  v2 = vin  

Therefore     vo = -Avin  

The negative sign indicate that the output voltage is out of phase with input by 180.̊ Thus 

in the inverting amplifier the input signal is amplified by gain A and is also inverted at 

output. 

4.2 Closed Loop Configuration 

An amplifier that uses feedback is called feedback amplifier. A feedback amplifier is also 

called closed amplifier, because feedback form closed loop between input and output. A 

feedback or closed loop amplifier essentially consist of two parts: an op-amp and a 

feedback circuit. There are four types of feedback amplifier: 

(i) Voltage – series feedback amplifier 

(ii) Voltage – shunt feedback amplifier 

(iii) Current – series feedback amplifier 
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(iv)  Current – shunt feedback amplifier 

4.3 Voltage Series Feedback Amplifier (Non-Inverting Amplifier) 

    

Figure 4.4 Non-Inverting Amplifier 

As shown in figure voltage series amplifier is also called Non-inverting Amplifier, 

because input signal is applied to the non-inverting input terminal of the amplifier.  

Let the gain of basic amplifier is 𝐴 =
𝑣𝑜

𝑣𝑖𝑑
 

The gain of Feedback amplifier is 𝐴𝐹 =
𝑣𝑜

𝑣𝑖𝑛
 

The gain of feedback circuit is 𝛽 =
𝑣𝑓

𝑣𝑜
 

The output voltage of feedback amplifier is given by 

      

from figure 4.4 we can see that 𝑣1 = 𝑣𝑖𝑛 and 

      

Therefore     
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which gives     

Thus      (exact)        ----- (1) 

Generally, A is very large (2x105)  

Therefore    𝐴𝑅1 ≫ 𝑅1 + 𝑅𝐹 

Thus     𝑨𝑭 =
𝒗𝒐

𝒗𝒊𝒏
= 𝟏 +

𝑹𝑭

𝑹𝟏
 (ideal)        ----- (2) 

As defined previously 

              ----- (3) 

comparing equation (2) and (3) 

      

rearranging equation (1) we get 

      

using equation (3) AF can be written as: 

     𝑨𝑭 =
𝑨

𝟏+𝑨𝜷
   

Where: 

AF  –  Closed loop gain, A  –  Open loop gain 

β  – Gain of feedback circuit, Aβ  – Loop gain 
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4.3.1 Input Resistance with Feedback (RiF) 

    

Figure 4.5 Calculation of Input Resistance with feedback 

As shown in figure 4.5 Ri is the input resistance of basic op-amp, and RiF is the input 

resistance of the amplifier with feedback. The input resistance with feedback is defined 

as: 

    

            

However  𝒗𝒊𝒅 =
𝒗𝒐

𝑨
 and   𝒗𝒐 =

𝑨

𝟏+𝑨𝜷
𝒗𝒊𝒏 

Therefore 

 

        

Hence   𝑹𝒊𝑭 = 𝑹𝒊(𝟏 + 𝑨𝜷) 
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The equation shows that the input resistance of the op-amp with feedback is (1+Aβ) 

times that of without feedback. 

4.3.2 Output Resistance with Feedback (RoF) 

    

   Figure 4.6 Calculation of Output Resistance with feedback 

Output resistance is the resistance determined looking back into the feedback from the 

output terminal as shown in figure 4.6. To find output resistance with feedback RoF, 

reduce independent source vin to zero, apply an external voltage vo and then calculate the 

resulting current io.  

RoF is defined as: 𝑅𝑜𝐹 =
𝑣𝑜

𝑖𝑜
 

writing KCL on node N, we get 

io = ia + ib 

Since    

and     ia >>  ib 

Therefore   io ≈ ia 

The current io can be determine by writing KCL in output loop 

   vo – Roio – Avid = 0 
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However   vid = v1 – v2  

    = 0 – vf 

     

 Therefore  𝑖𝑜 =
𝑣𝑜+𝐴𝛽𝑣𝑜

𝑅𝑜
 

Hence RoF can be given as 

    

    𝑹𝒐𝑭 =
𝑹𝒐

𝟏+𝑨𝜷
 

4.3.3 Bandwidth with Feedback (fF) 

The bandwidth of an amplifier is defined as the band (range) of frequency for which the 

gain remains constant. The relation between open loop and closed loop frequency can be 

establishing with the help of unity gain bandwidth (UGB). UGB is the frequency at 

which gain equals 1(unity). 

The UGB for open loop is given by 

  UGB = Afo           ----- (1) 

Where   A = open loop voltage gain 

  fo = break frequency of an open loop 

The UGB for closed loop is given by 

  UGB = AFfF           ----- (2) 

Where  AF = closed loop voltage gain 

    fF = bandwidth with feedback 

equating equation 1 and 2, 
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   Afo = AFfF  

Or   𝑓
𝐹=

𝐴𝑓𝑜
𝐴𝐹

 

however AF is given by 𝐴𝐹 =
𝐴

1+𝐴𝛽
 

Hence  𝒇𝑭 = 𝒇𝒐(𝟏 + 𝑨𝜷) 

 

4.3.4 Voltage Follower 

    

Figure 4.7 Voltage Follower 

The lowest gain that can be obtained from a non-inverting amplifier is 1(unity). When the 

non-inverting amplifier is configured for unity gain, it is called a voltage follower 

because output voltage is equal and in phase with input. In other words, in voltage 

follower output follows the input. 

To obtain voltage follower from non-inverting amplifier as shown in figure 4.7, simply 

open input resistance R1 and short feedback resistance RF. 

Since the ideal gain of non-inverting amplifier is given by: 

    

for voltage follower  RF = 0 and R1 = ∞ 

The gain of feedback amplifier is given by   AF = 1 
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Similarly    RiF = ARi 

     RoF = Ro/A 

    fF = Afo 

 The voltage follower is also called a non-inverting buffer. 

4.4 Voltage Shunt Feedback Amplifier (Inverting Amplifier) 

     

Figure 4.8 Inverting Amplifier 

Voltage shunt feedback amplifier is also called Inverting amplifier. Because input signal 

is applied on inverting input terminal. 

4.4.1 Closed Loop Voltage Gain (AF) 

Applying KCL on input node v2 

   iin = iF + IB 

Since Ri is very large, the input bias current IB is negligibly small 

Therefore    iin ≈ iF 

           ----- (1) 

As we know that 
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   𝑣1 − 𝑣2 =
𝑣𝑜

𝐴
 

since v1 = 0  𝑣2 = −
𝑣𝑜

𝐴
 

Substituting the value of v2 in equation (1) 

    

    

 Or    

     

     exact      ----- (2) 

 Since the gain of op-amp A is very large 

    AR1 >> R1 + RF 

 Equation (2) can be written as 

      ideal       ----- (3) 

 The negative sign indicates that input and output signals are out of phase by 180̊. 

4.4.2 Virtual Ground Concept 

As shown in figure 4.8, the non-inverting input terminal is grounded and input is applied 

to inverting terminal via resistor R1. However differential input is ideally zero; that is the 

voltage at inverting terminal (v2) is approximately equal to that at the non-inverting 

terminal (v1). In other words the inverting terminal voltage (v2) is approximately at 

ground potential. Therefore the inverting terminal is said to be Virtual Ground.  

Differentially input voltage is given by: 

  vid = v1 –v2 = 0 
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or    v1 = v2  since   v1 = 0 

 hence   v1 = v2 = 0 

We can determine the ideal gain using this concept 

Applying KCL on node v2 

     iin ≈ iF 

    

According to virtual ground concept v1 = v2 = 0 

Therefore  
𝑣𝑖𝑛

𝑅1
=

−𝑣𝑜

𝑅𝐹
 

    

4.4.3 Input Resistance with Feedback (RiF) 

    

  Figure 4.9 Input Resistance with feedback  

The easiest method of finding the input resistance is to Millerize the feedback resistor RF. 

Miller split feedback resistor RF into two components as shown in figure. The input 

Resistor with feedback RiF is then: 

    exact 
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Since Ri and A are very large 

    

Hence   𝑹𝒊𝑭 = 𝑹𝟏 ideal 

4.4.4 Output Resistance with Feedback (RoF) 

    

Figure 4.10 Output Resistance with feedback 

Output resistance is the resistance determined looking back into the feedback from the 

output terminal as shown in figure 4.6. To find output resistance with feedback RoF, 

reduce independent source vin to zero, apply an external voltage vo and then calculate the 

resulting current io.  

RoF is defined as: 𝑅𝑜𝐹 =
𝑣𝑜

𝑖𝑜
 

writing KCL on node N, we get 

io = ia + ib 

Since    

and     ia >>  ib 

Therefore   io ≈ ia 
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The current io can be determine by writing KCL in output loop 

   vo – Roio – Avid = 0 

    

However   vid = v1 – v2  

    = 0 – vf 

     

 Therefore  𝑖𝑜 =
𝑣𝑜+𝐴𝛽𝑣𝑜

𝑅𝑜
 

Hence RoF can be given as 

    

    𝑹𝒐𝑭 =
𝑹𝒐

𝟏+𝑨𝜷
 

4.5 Differential Amplifiers 

    

Figure 4.11 Differential Amplifier 

Differential amplifiers are used in instrumentation and industrial application to amplify 

the difference between two input signals, such as the output of the Wheatstone bridge. 

Differential amplifier is a combination of inverting and non-inverting amplifiers. When 
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vx is reduced to zero circuit is non-inverting amplifier, whereas the circuit is inverting 

amplifier when input vy is reduced to zero. 

4.5.1 Voltage Gain (AD) 

The circuit has two inputs vx and vy, we will therefore use the superposition theorem in 

order to establish the relationship between inputs and output.  

When vy = 0 configuration becomes as inverting amplifier, hence the output due to vx is 

given by: 

           ------- (1) 

similarly when vx = 0, the configuration is a non-inverting amplifier having, hence output 

due to vy is given by: 

           ------- (2) 

where v1 can be determine by using potential divider rule 

   

substituting the value of v1 in equation (2) we have 

   

          

if   R1 = R2 and RF = R3 

           ------ (3) 

The net output voltage is 

   vo = vox + voy 
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The gain of differential amplifier is given by 

   

4.6 Frequency Response of Op-Amp 

    

  Figure 4.12 Circuit for determining frequency response 

 As shown in figure 4.12, the output voltage is given by 

    

 Since  𝑋𝑐 =
1

𝑗2𝜋𝑓𝐶
 

    

        

 Hence the open loop voltage gain is 
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 If   𝑓𝑜 =
1

2𝜋𝑅𝑜𝐶
 (cut off frequency of Op-Amp) 

    

The gain is a complex quantity and is a function of operating frequency. The gain can 

express in polar form in terms of gain magnitude and phase angle. 

The open loop gain magnitude is 

   

and the phase angle is 

   

The frequency can be plot with following qualitative analysis 

(i) if  f < fo, |
𝑣𝑜

𝑣𝑖𝑑
| ≈ 𝐴 for any frequency less than fo the gain AOL is 

approximately constant. 

(ii) if   f = fo, |
𝑣𝑜

𝑣𝑖𝑑
| =

𝐴

√2
= 0.707 𝐴 At cut off frequency gain AOL equal 

to 0.707A 

(iii) if  f > fo, |
𝑣𝑜

𝑣𝑖𝑑
| = 𝐷𝑒𝑐𝑟𝑒𝑎𝑠𝑖𝑛𝑔  At frequency above fo the 

denominator value increases, causing the gain AOL to decrease. The frequency 

response curve of op-amp is shown below. 
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4.7 Summing, Scaling & Averaging Amplifier 

 Inverting Configuration 

    

  Figure 4.13 Summing, Scaling & Averaging Amplifier in inverting mode  

Figure 4.13 shows the summing amplifier in inverting configuration with three inputs Va, 

Vb, and Vc. Depending on the relationship between the feedback resistor RF and the input 

resistors Ra, Rb, and Rc, the circuit can be used as either a summing amplifier, scaling 

amplifier, or averaging amplifier.  

 Applying KCL at node V2 

   Ia + Ib + Ic = IB + IF   

 Since IB is negligible small   

    Ia + Ib + Ic = IF 

    

 According to virtual ground concept V1 = V2 = 0 

    

 or     ----- (1) 

Hence if each input voltage is amplified by different factor, the circuit is then called 

scaling or weighted amplifier as shown in equation (1). 
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If   Ra = Rb = Rc = RF 

  Vo = -(Va + Vb + Vc) 

The output voltage is negative sum of all the input voltages; hence the circuit is called 

summing amplifier. 

If    Ra = Rb = Rc = R 

  

and if  
𝑅𝐹

𝑅
=

1

𝑛
       (where n is no. of inputs) 

   

The circuit is called averaging amplifier. 

Non-Inverting Configuration 

   

 Figure 4.14 Summing, Scaling & Averaging Amplifier in non-inverting mode 

 The output voltage of non-inverting amplifier is given by 

    

where V1 can be determined by applying superposition theorem on non-inverting 

terminal 
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Hence output voltage is given by 

   

If the gain (1 +
𝑅𝐹

𝑅1
)   is equal to number of inputs, the output becomes equal to the sum 

of input voltages (say 3 for this case). 

    

Hence the circuit is called non-inverting summing amplifier. 

If the gain  (1 +
𝑅𝐹

𝑅1
)  is 1, the output voltage is equal to the average of input voltages. 

   

4.8 Differentiator 

    

Figure 4.15 Differentiator 
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Differentiator as shown in 4.15 figure is a circuit which performs the mathematical 

operation of differentiation. In differentiator output waveform is the derivative of input 

waveform. Differentiator is obtained by replacing input resistor R1 of inverting amplifier 

by a capacitor C1. 

 Applying KCL in input node we have 

    Iin = IB + IF 

 Since IB is negligible small 

    Iin ≈ IF 

     

 According to virtual ground concept v1 = v2 = 0V 

     

     

 Thus the output voltage is equal to the (-RFC1) times the rate of change of input voltage. 

 The input and output waveforms are shown in figure 4.16. 

     

Input             Output 

Figure 4.16 Input Output waveform of Differentiator 
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4.8 Integrator 

    

Figure 4.17 Integrator 

Integrator is a circuit which performs the mathematical operation of integration. In 

integrator output waveform is the integration of input waveform. Integrator is obtained by 

replacing feedback resistor RF of inverting amplifier by a capacitor CF. 

 Applying KCL in input node we have 

    Iin = IB + IF 

 Since IB is negligible small 

    Iin ≈ IF 

     

 According to virtual ground concept v1 = v2 = 0V 

     

 Integrating both side 

     

      

 Therefore 



   
 

Analog Circuits (EC-405) Page 24 
 

    

 Thus the output voltage is equal to the (1/-RFC1) times the integral of input voltage. 

 The input and output waveforms are shown in figure 4.18. 

     

     

Input             Output 

Figure 4.18 Input Output waveform of Differentiator 

4.9 Basic Comparator 

As shown in figure 4.19, a fixed reference voltage Vref of 1V is applied to the inverting 

input terminal, and time varying signal vin is applied to the non-inverting input terminal. 

Because of this arrangement, the circuit is called the non-inverting comparator. When vin 

is less than Vref, the output voltage vo is at (–Vsat) because the voltage at the inverting 

input is higher than that of non-inverting input voltage. 

On the other hand, when vin is greater than Vref, Non-inverting input voltage becomes 

positive with respect to inverting input, and vo goes to (+Vsat). Thus vo changes from one 

saturation level to another. 
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Figure 4.19 Non-Inverting Comparator 

     

(a) Vref is positive      (b) Vref is negative 

Figure 4.20 Input and Output Waveform 

In short, comparator is a type of analog-to-digital convertor. It is also called voltage-

level-detector because for a desired value of Vref, the voltage level of input can be 

detected. As shown in figure diodes D1 and D2 protect the op-amp from damage due to 

excessive input voltage vin. Because of these diodes, the difference input voltage vid of the 

op-amp is clamped to either 0.7V or -0.7V. Hence these diodes are called clamp diodes. 

The resistor R in series with vin is used to limit the current through D1 and D2. 
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If the reference voltage Vref is negative with respect to ground, with the sinusoidal signal 

applied to the positive input terminal, the output waveform will be as shown in figure 

4.20 b. When vin > Vref, vo is at +Vsat; on the other hand, when vin < Vref, vo is at –Vsat. 

4.10 Zero Crossing Detector 

    

Figure 4.20 Zero Crossing Detector 

    

Figure 4.21 Input and output waveform 

An immediate application of comparator is zero crossing detector or sine wave to square 

converter. The basic comparator can be used as the zero crossing detector by setting 

reference voltage to zero (Vref = 0). Figure shows the inverting comparator used as a zero 

crossing detector. The waveform of ZCD shows that when and what direction an input 

signal Vin crosses zero volts. That is, the output voltage Vo is driven into negative 

saturation when the input signal when the input voltage Vin passes through zero in 
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positive direction. Conversely when Vin passes through zero in negative direction, the 

output Vo switches in to positive direction. 

In some applications, the input Vin may be slowly changing waveform, that is a low 

frequency signal. Therefore Vin will take more time to cross 0V. Although because of 

noise at the input terminals, the output Vo may fluctuate between two saturation voltages 

+Vsat and –Vsat. 

Both of these problems can be overcome by using positive feedback that causes the 

output Vo to change faster and eliminate any false output transmission due to noise 

signals at the input. 

4.11 Schmitt Trigger 

    

Figure 4.21 Schmitt Trigger 

Schmitt trigger is inverting comparator with positive feedback. It converts an irregular 

shaped waveform to a square wave. In Schmitt trigger input voltage vin changes the states 

of output vo every time it exceeds certain voltage levels called the upper threshold voltage 

Vut and lower threshold level Vlt. These threshold voltages can be measured by voltage 

divider circuit. When vo = +Vsat, the voltage across R1 is called the upper threshold 

voltage Vut. It is given by 

    

On the other hand, when vo = -Vsat, the voltage across R1 is referred to as lower threshold 

voltage Vlt. It is given by 
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Figure 4.22 Input and Output Waveform 

The Schmitt trigger exhibit hysteresis condition. That is when the input of comparator 

exceeds Vut, its output changes from +Vsat to –Vsat and revert back to its original state 

+Vsat, when the input goes below Vlt. The hysteresis voltage is given by: 

     

     

 The hysteresis loop is shown below. 
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4.12 Active Filters 

A filter is a frequency selective circuit that, passes a specified band of frequencies and 

blocks or attenuates signals of frequencies outside this band. 

Filter may be classified as: 

(i) Analog and digital filer 

(ii) Passive and active filter 

(iii) Audio and radio frequency filter 

Analog filters are designed to process only analog signals while digital filters process 

analog signals using digital technique. 

Passive filter uses only passive components like resistors, Capacitors and Inductors, 

while active filters uses transistors or op-amps in addition to passive components. 

RC filters are used for audio or low frequency operation, whereas LC filters are 

employed at RF or high frequencies. 

Active filter can be classified based on the frequency band of operation as: 

(i) Low pass filters (LPF) 

(ii) High pass filter (HPF) 

(iii) Band pass filter (BPF) 

(iv) Band reject filter (BRF) and 

(v) All pass filter (APF) 

Figure 4.23 shows the frequency response characteristics of the five types of filter. The 

ideal response is shown by dashed line. While the solid lines indicates the practical filter 

response. 
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Figure 4.23 Frequency responses of active filters 

A low pass filter has a constant gain from 0 Hz to a high cutoff frequency fH. Therefore, 

the bandwidth is fH. At fH the gain is down by 3db. After that the gain decreases as 

frequency increases. The frequency range 0 to fH Hz is called pass band and beyond fH is 

called stop band. 

A high pass filter has a constant gain from very high frequency to a low cutoff frequency 

fL. Below fL the gain decreases as frequency decreases. At fL the gain is down by 3db. 

The frequency range fL Hz to ∞ is called pass band and below fL is called stop band. 

A band pass filter has a pass band between two cutoff frequencies fL and fH, and has two 

stop bands, below lower cutoff frequency fL and beyond higher cutoff frequency fH. The 

bandwidth of BPF is fH-fL. 
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A band reject filter performs exactly opposite to BPF. It has stop band between two 

cutoff frequencies fL and fH, and has two pass bands, below higher cutoff frequency fH 

and beyond lower cutoff frequency fL. It is also called band stop filter or band elimination 

filter. 

All pass filter passes all frequency signal equally well with phase shift. Amplitude of 

input and output signal is equal for all the frequency. 

4.12.1  First Order Low Pass Filter 

     

Figure 4.24 First Order Low Pass Filter 

Figure shows 4.23 a first order low pass Butter-worth filter that uses an RC network for 

filtering, op-amp is used in non-inverting configuration, R1 and RF decides the gain of the 

filter. 

The Op-amp is used in non-inverting configuration. The output of filter is given by 

    

Where   𝑉1 =
𝑋𝐶

𝑅+𝑋𝐶
𝑣𝑖𝑛 

Since   𝑋𝐶 =
1

𝑗2𝜋𝑓𝐶
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 The output voltage is given by 

     

 The gain of filter is 

     

 Where   𝐴𝐹 = 1 +
𝑅𝐹

𝑅1
  (The gain of Op-Amp) 

 Let   𝑓𝐻 =
1

2𝜋𝑅𝐶
 (Higher cut off frequency of filter) 

     

 The gain and phase magnitude are given by 

     

     

The frequency response can be plot as 

(i) At frequency less than cutoff frequency fH (f < fH) 
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(ii) At (f = fH) cutoff frequency 

    

(iii)  At frequency higher than cutoff frequency (f > fH) 

    

The frequency response curve of low pass filter can be plotted shown in figure 4.25 

   

Figure 4.25 Frequency response of First Order Low Pass Filter 

Thus the low pass filter has a nearly constant gain Af from 0 Hz to high cut off frequency 

fH. At fH the gain is 0.707 Af and after fH it decreases at a constant rate with an increases 

in frequency. fH is called cutoff frequency because the gain of filter at this frequency is 

reduced by 3dB. 

Design approach 

A low pass filter can be designed using the following steps: 

(i) Choose a value of high cutoff frequency fH. 

(ii) Select a value of C less than or equal to 1 µF. 

(iii) Calculate the value of R using formula  𝑅 =
1

2𝜋𝑓𝐻𝐶
 

(iv) Finally, select values of R1 and RF to set the desired gain using   𝐴𝐹 = 1 +
𝑅𝐹

𝑅1
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4.12.2  Second Order Low Pass Filter 

    

   Figure 4.26 Second Order Low Pass Filter 

First order LPF gives roll-off of -20dB/decade, to get more sharper response Second filter 

is used which provides -40dB/decade roll-off. Second order filter is designed by adding 

an RC network in first order filter as shown in figure 4.26. 

The output of second order low pass filter is given by 

    

Where V1 can be determine by converting input circuit in S domain. 

   

 

Applying KCL at node VA(s) 

     I1(s) = I2(s) + I3(s) 
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           ------ (1) 

 Where V1 is given by 

     

     

 Or   𝑉𝐴 = (1 + 𝑠𝑅3𝐶3)𝑉1       ------ (2) 

Substituting the value of VA in equation (1), and solving for V1 we have 

    

However Vo = AFV1 

    

Solving for gain of filter Vo/Vin we have 

    

 The denominator is quadratic equation 

     

 Which gives  𝜔𝐻
2 =

1

𝑅2𝑅3𝐶2𝐶3
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The frequency response can be plot as 

(i) At frequency less than cutoff frequency fH (f < fH) 

    

(ii) At (f = fH) cutoff frequency 

    

(iii)  At frequency higher than cutoff frequency (f > fH) 

    

The frequency response curve of low pass filter can be plotted shown below 

   

Design Approach 

1. Choose a value for the higher cut-off frequency. 

2. To simplify the design calculation, set R2 = R3 = R, and C2 = C3 = C, then choose a 

value of C ≤ 1µF. 
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3. Calculate the value of R using  𝑅 =
1

2𝜋𝑓𝐻𝐶
 

4. Finally for given pass band gain find the value of R1 and RF. 

4.12.3  First Order High Pass Filter 

Circuit diagram of High Pass Filter is shown in figure 4.26. Cut off frequency of HPF is 

known as Lower cut-off frequency (fL).  At this frequency magnitude of gain is 0.707of 

its pass band gain. All frequency higher than cut-off frequency is pass band frequency. 

The output of filter is given by 𝑉𝑜 = (1 +
𝑅𝐹

𝑅1
) 𝑉1 

   

Figure 4.27 Second Order High Pass Filter 

 Where V1 is given by 

    

Output voltage is given by 

   

Gain of filter is given by 
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Let  𝑓𝐿 =
1

2𝜋𝑅𝐶
 (Lower cut off frequency of filter)  

    

Hence the magnitude of voltage gain is |
𝑽𝒐

𝑽𝒊𝒏
| =

𝑨𝑭(
𝒇

𝒇𝑳
)

√𝟏+(
𝒇

𝒇𝑳
)

𝟐
 

The frequency response can be plot as 

(i) At frequency less than cutoff frequency fH (f < fH) 

       

(ii) At (f = fH) cutoff frequency 

    

(iii)  At frequency higher than cutoff frequency (f > fH) 

    

The frequency response curve of high pass filter can be plotted shown in figure 4.28 

   

Figure 4.28 Frequency response of First Order High Pass Filter 
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4.12.4 Band Pass Filter 

Band pass filter is combination of HPF and LPF as shown in figure 4.29. It has a pass 

band between two cut-off frequencies fL and fH, such that fH > fL. Any input frequency 

outside this pass band is attenuated. Band pass filter can be classified as: 

(i) Wide Band Pass Filter 

(ii) Narrow Band Pass Filter 

Wide band pass filter has quality factor Q < 10, while narrow band pass filter has quality 

factor Q > 10. 

  

Figure 4.29 first order band pass filter 

Q factor is measure of selectivity, it is given by: 

    

 Where  𝑓𝐶 = √𝑓𝐻𝑓𝐿    (center frequency)   

   fH = higher cut-off frequency 

    fL = lower cut-off frequency 

The voltage gain magnitude of band pass filter is the product of the voltage gain 

magnitude of high pass filter and low pass filter. 
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Where AFT = AF1 x AF2 total pass band gain. 

Frequency response can be plot as 

(i) for f < fL < fH  |
𝑉𝑜

𝑉𝑖𝑛
| < 𝐴𝐹𝑇           𝑖𝑛𝑐𝑟𝑒𝑎𝑠𝑖𝑛𝑔 𝑤𝑖𝑡ℎ 𝑓 

(ii) for f = fL < fH  |
𝑉𝑜

𝑉𝑖𝑛
| ≈

𝐴𝐹𝑇

√2
= 0.707𝐴𝐹𝑇 

(iii) for fL < f < fH  |
𝑉𝑜

𝑉𝑖𝑛
| = 𝐴𝐹𝑇 

(iv) for fL < f = fH  |
𝑉𝑜

𝑉𝑖𝑛
| ≈

𝐴𝐹𝑇

√2
= 0.707𝐴𝐹𝑇 

(v) for fL < fH < f  |
𝑉𝑜

𝑉𝑖𝑛
| < 𝐴𝐹𝑇           𝑑𝑒𝑐𝑟𝑒𝑎𝑠𝑖𝑛𝑔 with f 

The frequency response of band pass filter is can be plotted as shown in figure 4.30 with 

above calculation as 

  

Figure 4.30 frequency response of band pass filter 
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4.12.5  Band Reject Filter 

The band reject filter is also called band stop filter or band elimination filter. In this 

filter frequencies are eliminated in the stop band, while they are passed outside this band. 

 Band Reject Filter are classified as 

(i) Wide band reject filter 

(ii) Narrow band reject filter 

Band reject filters are designed by adding the low pass filter (LPF) and high pass filter 

(HPF). To realize the band reject response, the lower cut-off frequency (fL) of HPF must 

be larger than the higher cut-off frequency (fH) of LPF. In addition, the pass band gain of 

both HPF & LPF must be equal. 

   

Figure 4.31 band reject filter 

The gain of BRF is given by 

    

 Frequency response can be plot as 
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(i) for f < fH < fL  |
𝑉𝑜

𝑉𝑖𝑛
| = 𝐴𝐹𝑇 

(ii) for f = fH < fL  |
𝑉𝑜

𝑉𝑖𝑛
| ≈

𝐴𝐹𝑇

√2
= 0.707𝐴𝐹𝑇 

(iii) for fH < f < fL  |
𝑉𝑜

𝑉𝑖𝑛
| < 𝑖𝑛𝑖𝑡𝑖𝑎𝑙𝑙𝑦 decreasing than increasing  

(iv) for fH < f = fL  |
𝑉𝑜

𝑉𝑖𝑛
| ≈

𝐴𝐹𝑇

√2
= 0.707𝐴𝐹𝑇 

(v) for fH < fL < f  |
𝑉𝑜

𝑉𝑖𝑛
| = 𝐴𝐹𝑇   

The frequency response of band pass filter is can be plotted as shown in figure 4.32 with 

above calculation. 

 

   

Figure 4.32 frequency response of band reject filter 

4.13  Logarithmic Amplifier 

     

    Figure 4.33 Logarithmic Amplifier 
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Circuit arrangement of logarithmic amplifier is shown in figure 4.33. As shown in figure 

feedback resistor of inverting amplifier is replaced by a silicon diode. Logarithmic 

amplifier gives the output proportional to the logarithm of input signal.  

Apply KCL on input node we get 

   I = If (assuming IB is negligible) 

The current in feedback path is current in diode, it is given by  

   𝐼𝑓 = 𝐼𝑜 (𝑒
𝑉𝐷

𝜂𝑉𝑇 − 1) 

Where    If = Current in feedback path 

Io = Reverse saturation current 

   VD = voltage across diode 

   VT = Thermal Voltage 

   η = constant (1 for Ge and 2 for Si Diode)   

Since    𝑒
𝑉𝐷

𝜂𝑉𝑇 ≫ 1 

   𝐼𝑓 = 𝐼𝑜𝑒
𝑉𝐷

𝜂𝑉𝑇 

 Or   𝑒
𝑉𝐷

𝜂𝑉𝑇 =
𝐼𝑓

𝐼𝑜
 

    VD = η VT [log If – log Io] 

Since Io is negligible small  

and    VD = V2 - Vo (due to virtual ground concept V1 = V2 =0) 

 Hence   Vo = -η VT log If  

 Since    𝐼𝑓 =
𝑉𝑠

𝑅
 

    𝑽𝒐 = −𝜼𝑽𝑻𝒍𝒐𝒈 (
𝑽𝒔

𝑹
) 
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4.14 Wien Bridge Oscillator 

    

   Figure 4.34 Wien Bridge Oscillator 

The Wien Bridge oscillator is a standard oscillator circuit for low to moderate 

frequencies, in the range 5Hz to about 1MHz. It is mainly used in audio frequency 

generators. The Wien Bridge oscillator uses a feedback circuit called a lead lag network 

as shown in figure 4.34.  

At very low frequencies, the series capacitor looks open to the input signal and there is no 

output signal. At very high frequencies the shunt capacitor looks shorted, and there is no 

output. In between these extremes, the output voltage reaches a maximum value. The 

frequency at which the output is maximized is called the resonant frequency. At this 

frequency, the feedback fraction reaches a maximum value of 1/3. At very low 

frequencies, the phase angle is positive, and the circuit acts like a lead network. On the 

other hand, at very high frequencies, the phase angle is negative, and the circuit acts like 

a lag network. In between, there is a resonant frequency fr at which the phase angle 

equals 0°. 

The output of the lead lag network is given by 

    𝑉𝑓 =
𝑍𝑝

𝑍𝑠+𝑍𝑝
𝑉𝑜 

 Where   𝑍𝑠 = 𝑅 +
1

𝑗𝜔𝐶
=

1+𝑗𝜔𝑅𝐶

𝑗𝜔𝐶
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Figure 4.35 Lead-Lag Network 

 And    𝑍𝑝 =
𝑅×

1

𝑗𝜔𝐶

𝑅+
1

𝑗𝜔𝐶

=
𝑅

1+𝑗𝜔𝑅𝐶
 

 It gives   𝑉𝑓 =
𝑗𝜔𝑅𝐶

1+3𝑗𝜔𝑅𝐶−𝜔2𝑅2𝐶2
𝑉𝑜 

The feedback factor is given by 

    𝛽 =
𝑉𝑓

𝑉𝑜
=

𝑗𝜔𝑅𝐶

1+3𝑗𝜔𝑅𝐶−𝜔2𝑅2𝐶2
 

 Dividing numerator and denominator by jωRC we get 

    𝛽 =
1

3+𝑗𝜔𝑅𝐶−
𝑗

𝜔𝑅𝐶

 

 For satisfying Barkhausen criterion imaginary part should be zero. 

    𝜔𝑅𝐶 =
1

𝜔𝑅𝐶
 

    2𝜋𝑓𝑅𝐶 =
1

2𝜋𝑓𝑅𝐶
 

 Which gives  𝒇 =
𝟏

𝟐𝝅𝑹𝑪
 

 At this frequency feedback factor is given by 

    𝜷 =
𝟏

𝟑
 

Vo Vf 
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Since to fulfill the Barkhausen criterion loop gain must be unity 

   |𝐴𝛽| = 1 

   |𝐴| =
1

|𝛽|
 

 Hence   |𝑨| = 𝟑 

4.15 Square Wave Generator 

Square wave outputs are generated when the op-amp is forced to operate in the saturation 

region. That is the output of op-amp is forced to swing repetitively between saturation 

+Vsat (+VCC) and negative saturation –Vsat (-VEE), resulting in the square wave output as 

shown in figure 4.36. 

    

Figure 4.36 Square wave generator 

 

    

    Figure 4.37 Output waveform 

O/P 

voltage 
Voltage across 

capacitor 

    C     R 

    R1 

    R2 

V1 

V1 
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This square wave generator is also called a free running or astable multivibrator. The 

output of the op-amp in this circuit will be in positive or negative saturation, depending 

on whether the differential voltage vid is negative or positive respectively. 

Assume that voltage across capacitor C is zero volts at the instant the dc supply voltage 

+VCC and –VEE are applied. This means that the voltage at the inverting terminal is zero 

initially. At the same instant, however the voltage v1 at the non-inverting terminal is very 

small finite value that is a function of the output offset voltage VooT and the values of 

resistors R1 and R2. Thus the differential input voltage vid is equal to the voltage v1 at the 

non-inverting terminal. This small voltage drives the op-amp in saturation. For example 

suppose that the output offset voltage VooT is positive, therefore voltage v1 is also 

positive. Since initially capacitor C acts as short circuit, the gain of op-amp is very large 

(A), hence v1 drives the output of op-amp at +Vsat. The capacitor C now starts charging 

towards +VCC through resistor R. However as soon as the voltage v2 across capacitor C is 

slightly more positive than v1, the output of op-amp is forced to switch to a negative 

saturation –Vsat. The voltage across R1 is also negative, it is given by: 

   𝑣1 =
𝑅1

𝑅1+𝑅2
(−𝑉𝑠𝑎𝑡) 

Thus the net differential voltage vid = v1 – v2 is negative, which holds the output of op-

amp in negative saturation. Now the capacitor C discharges and then recharges to 

negative saturation voltage (-Vsat). As soon as the voltage across capacitor increases by   

–v1, the net differential voltage becomes positive and hence drives the output voltage to 

positive saturation voltage (+Vsat). This completes one cycle. Now the voltage v1 at non-

inverting terminal is 

   𝑣1 =
𝑅1

𝑅1+𝑅2
(+𝑉𝑠𝑎𝑡) 

The time period T of the output waveform is given by 

    𝑇 = 2𝑅𝐶 𝑙𝑛 (
2𝑅1+𝑅2

𝑅2
) 

 Or   𝒇𝒐 =
𝟏

𝟐𝑹𝑪 𝒍𝒏[(𝟐𝑹𝟏+𝑹𝟐)/𝑹𝟐]
 

 If    R2 = 1.16 R1 

    𝒇𝒐 =
𝟏

𝟐𝑹𝑪
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4.16  Triangular Wave Generator 

We have discussed that the output waveform of integrator is triangular wave if its input is 

a square wave. This means that a triangular wave generator can be formed by simply 

connecting an integrator to the square wave generator as shown in figure 4.38. 

    

Figure 4.38 Triangular wave generator 

The frequency of square wave and triangular wave are the same. For the fixed value of 

R1, R2 and C. Although the amplitude of the square wave is constant (±Vsat), the 

amplitude of triangular wave decreases with increase in its frequency and vice versa. 

The input of integrator is square wave, while its output is triangular wave. As general rule 

to obtain stable triangular wave R3C2 = T (Time Period of the square wave). It is also 

necessary to connect offset voltage compensating network at the non-inverting terminal 

of second op-amp. The output waveform is shown in figure 4.39. 

    

Figure 4.39 Output waveform of Triangular wave generator  

C2 

C1 
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Tutorials 

1. The 741C op-amp having the following parameters is connected as a non-inverting 

amplifier with R1 = 1kΩ and RF = 10kΩ; A = 200000; Ri = 2MΩ; Ro = 75Ω; fo = 

5Hz. Compute the closed loop parameters: AF, RiF, RoF, fF. 

(AF = 10.99; RiF = 36.4GΩ, RoF = 4.12mΩ, fF = 90.9kHz) 

2. The 741C is configured as a non-inverting amplifier with following data:  

A = 400000; R1 = 470Ω; RF = 4.7kΩ; Ri = 33MΩ; Ro = 60Ω;UGB = 0.6MHz. 

Compute the closed loop parameters: AF, RiF, RoF, fF. 

     (AF = 10.99; RiF = 1.2X1012Ω, RoF = 1.6mΩ, fF = 54.5kHz) 

3. For the inverting amplifier, R1 = 470Ω and RF = 4.7Ω. assume that the op-amp is 

741having following specifications: A = 200000, Ri = 2 MΩ, Ro = 75 Ω, fo = 5 Hz 

Calculate the values of AF, RiF, RoF and fF. 

(AF = -10, Rif = 470 Ω, Rof = 4.12 mΩ, fF = 100 kHz) 

4. Design a low pass filter at a cutoff frequency of 1 kHz with a pass band gain of 2. 

Also plot the frequency response of the filter. 

5. Design a second order low pass filter having cut-off frequency of 1 kHz, and pass 

band gain of 1.586. Also plot frequency response curve. 

6. Design a High pass filter (HPF) of cut-off frequency of 1 kHz with a pass band gain 

of 2. 

7. Design a wide band pass filter with fL = 200Hz, fH = 1 kHz and pass band gain= 4. 

Draw the frequency response for the filter and calculate the value of Q for the filter. 

 


