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• Current Mirror Circuit:
A current mirror is a circuit designed to 

copy a current through one active device by 
controlling the current in another active 
device of a circuit, keeping the output current 
constant  regardless of  loading.



Current Mirror

























Frequency Response
High Frequency Model Of OP AMP



• Frequency Response

AC characteristics



Need for frequency compensation in 
practical op-amps

• Frequency compensation is needed when large bandwidth and
lower closed loop gain is desired.

• Compensating networks are used to control the phase shift and
hence to improve the stability

Frequency compensation methods
• Dominant- pole compensation

• Pole- zero compensation 



Stability of Opamp
• To evaluate the stability potential for a particular amplifier type, "gain vs

frequency" and "phase vs frequency" is needed.
• If the phase response exhibits -180o  at a frequency where the gain is above 

unity, the negative feedback will become positive feedback and the 
amplifier will actually sustain an oscillation.

• Even if the phase lag is less than -180o and there is no sustained 
oscillation, there will be overshoot and the possibility of oscillation bursts 
triggered by external noise sources, If the phase response is not 
"sufficiently less" than -180o  for all frequencies where the gain is above 
unity. 

• The "sufficiently less" term is more properly called phase margin. If the 
phase response is -135o, then the phase margin is 45o (the amount "less 
than" -180o).

• Actually, the phase margin of interest to evaluate stability potential must 
also include the phase response of the feedback circuit. When this 
combined phase margin is 45o or more, the amplifier is quite stable. The 
45o number is a "rule of thumb" value and greater phase margin will yield 
even better stability and less overshoot.



UNIT II

APPLICATIONS OF 
OPERATIONAL AMPLIFIER

















Improved Opamp Differentiator







Differential Amplifier





Instrumentation Amplifier

• In a number of industrial and consumer applications, the 
measurement of physical quantities is usually done with the 
help of transducers.  The output of transducer has to be 
amplified So that it can drive the indicator or display  system.  
This function is performed by an instrumentation amplifier

Features of Instrumentation Amplifier:
1. high gain accuracy
2. high CMRR
3. high gain stability with low temperature co- efficient
4. low dc offset
5. low output impedance





Instrumentation Amplifier



Applications of Instrumentation 
Amplifier



















Schmitt trigger



Schmitt trigger

• Schmitt trigger is a regenerative comparator.  It 
converts sinusoidal input into a square wave output. 
The output of Schmitt trigger swings between upper 
and lower threshold voltages, which are the 
reference voltages of the input waveform  











































Wide BPF





Multivibrators

• Multivibrators are a group of regenerative circuits 
that are used extensively in timing applications.  It is 
a wave shaping circuit which gives symmetric or 
asymmetric square output.  It has two states either 
stable or quasi- stable  depending on the type of 
multivibrator



Monostable Multivibrator

• Monostable multivibrator is one which generates a 
single pulse of specified duration in response to each 
external trigger signal.  It has only one stable state.  
Application of a trigger causes a change to the quasi-
stable state.An external trigger signal generated due 
to charging and discharging  of the capacitor 
produces the transition to the original stable state



Astable Multivibrator

Astable multivibrator is a free running
oscillator having two quasi- stable states.
Thus, there is oscillations between these two
states and no external signal are required to
produce the change in state



Astable Multivibrator or Relaxation 
Oscillator

Circuit
Output waveform



Equations for Astable Multivibrator
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Monostable (One-Shot) Multivibrator

Circuit

Waveforms



Notes on Monostable Multivibrator

• Stable state: vo = +Vsat, VC = 0.6 V
• Transition to timing state: apply a -ve input pulse 

such that |Vip| > |VUT|; vo = -Vsat.  
• Timing state: C charges negatively from 0.6 V through 

Rf.  Width of timing  pulse is:

Recovery state: vo = +Vsat; circuit is not ready for retriggering
until VC = 0.6 V. To speed up the recovery time, RD (= 0.1Rf) 

& CD can be added.

 If we pick R2 = R1/5, then tp = RfC/5.



Wien Bridge Oscillator

• The Wien bridge oscillator is essentially a feedback amplifier
in which the Wien bridge serves as the phase-shift network.
The Wien bridge is an ac bridge, the balance of which is
achieved at one particular frequency.



• The basic Wien bridge oscillator is shown in Fig. 1-2. 
as can be seen. the Wien bridge oscillator consists of 
a Wien bridge and an operational amplifier 
represented by the triangular symbol. Operational 
amplifiers are integrated circuit amplifiers and have 
high-voltage gain, high input impedance, and low 
output impedance. The condition for balance for an 
ac bridge is



Cont’d

• The basic Wien bridge oscillator is shown in Fig. 1-2. as can
be seen. the Wien bridge oscillator consists of a Wien bridge
and an operational amplifier represented by the triangular
symbol. Operational amplifiers are integrated circuit
amplifiers and have high-voltage gain, high input impedance,
and low output impedance. The condition for balance for an
ac bridge is
Z1 Z4 = Z2 Z3 (1-2)

Fig. 1-2 Wien bridge oscillator.
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Where

Substituting the appropriate expressions into Eq. 1-2 yields

(1-3)
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Cont’d

• if the bridge is balanced both the magnitude and phase angle
of the impedances must be equal. These conditions are best
satisfied by equating real terms and imaginary terms.
Separating and equating the real terms in Eq. 1-3 yields.

(1-4) 

Separating and equating imaginary terms in Eq. 1-3 yields

(1-5) 
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Cont’d

 Where           . Substituting for to in Eq. 1-5, we can obtain an expression 
for frequency which is

(1-6)

 If C1 = C2 = C and R1 = R2 =R then Eq. 1-4 simplifies yield 
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• and from Eq. 1-6 we obtain

(1-8)

Where
f  = frequency of oscillation of the circuit in Hertz

C = capacitance in farads
R = resistance in ohms
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Phase Shift Oscillator

• The second audio-oscillator circuit of interest is the 
phase-shift oscillator.

• The phase-shift network for the phase-shift oscillator, 
is an RC network made up of equal-value capacitors 
and resistors connected in cascade. Each of the three 
RC stages shown provides a 60o phase shift. with the 
total phase shift equal to the required 180o.



Cont’d

Fig.1-4 Basic phase-shift oscillator circuit.



Cont’d

• The phase-shift oscillator is analyzed by ignoring
any minimal loading of the phase-shift network
by the amplifier. By applying classical network
analysis techniques, we can develop an
expression for the feedback factor in terms of the
phase-shift network components.

• The result is given in equation 1.9 as
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Cont’d

• If the phase shift of the feedback network satisfies 
the 180o phase-shift requirements, the imaginary 
components of Eq. 1-9 must be equal to zero or
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Cont’d

 The frequency of oscillation for the circuit can be
determined by substituting 2 for in Eq. 1-10 and
solving for the frequency. The result is
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Cont’d
 We can express Eq. 1-11 as

(1-12)

or                                                                                                     
(1-13)

substituting for  in Eq. 10-9, we obtain 

(1-14)
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 or
(1-15)                                          

Rewriting Eq. 1-15, we see that

Vo = -29Vi

which means that the gain of the amplifier must be at 
least 29 if the circuit is to sustain oscillation.
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TRIANGULAR WAVE GENERATOR



TRIANGULAR WAVE GENERATOR:-

 Triangular wave generator can be form by connecting an integrator 
to the square wave generator.

 This circuit requires dual op-amp,two capacitor and five resistors. 
For fix R1,R2,C be frequency of triangular wave depends on R

 As value of R is increase or decrease the frequency of triangular 
wave is increase or decrease.

 All though the amplitude of square wave form is constant the 
amplitude of triangular wave will increase or decrease with its 
frequency.

 The output of A1 is square wave which is given as an input to A2 as 
A2 act as an integrator. Its output is triangular wave form. 



Analog Multiplier and PLL
UNIT-III



Introduction



Introduction

jas
Stamp



 A multiple produces an output V0 , which is 
proportional to the product of two inputs Vx
and Vy.
That is, V0 = K Vx Vy 

 where K is the scaling factor that is usually 
maintained as (1/10) V-1 

 There are various methods available for performing 
analog multiplication. Four of such techniques, 
namely,

 1. Logarithmic summing technique
2. Pulse height/width modulation Technique
3. Variable trans conductance Technique
4. Multiplication using Gilbert cell and
5. Multiplication using variable trans conductance 
technique.

MULTIPLIERS



 Accuracy:
This specifies the derivation of the actual output from the ideal output, for any 
combination of X and Y inputs falling within the permissible operating range of the 
multiplier.

 Linearity:
This defines the accuracy of the multiplier. It represents the maximum percentage 
derivation from the ideal straight line output. An error surface is formed by plotting the 
output for different combinations of X and Y inputs. The Linearity Error can be defined 
as the maximum absolute derivation of the error surface. This linearity error imposes a 
lower limit on the multiplier accuracy.

Terminologies associated voltage of the multiplier 
characteristics



 Squaring Mode Accuracy:
The Square – law curve is obtained with both the X and Y inputs 
connected together and applied with the same input signal. The 
maximum derivation of the output voltage from an ideal square – 
law curve expresses the squaring mode accuracy.

..CONTD



..CONTD
Bandwidth:
The Bandwidth indicates the operating capability of an analog 
multiplier at higher frequency values. Small signal 3 dB 
bandwidth defines the frequency f0 at which the output 
reduces by 3dB from its low frequency value for a constant 
input voltage. This is identified individually for the X and Y 
input channels normally.
The transconductance bandwidth represents the frequency at 
which the transconductance of the multiplier drops by 3dB of 
its low frequency value. This characteristics defines the 
application frequency ranges when used for phase detection 
or AM detection.
Quadrant:
The quadrant defines the applicability of the circuit for 
bipolar signals at its inputs. First – quadrant device accepts 
only positive input signals, the two quadrant device accepts 
one bipolar signal and one unipolar signal and the four 
quadrant device accepts two bipolar signals.



 This technique uses the relationship
lnVx + lnVy =ln(VxVy)

Logarithmic summing Technique:

Logarithmic multiplier has low accuracy and high temperature 
instability. This method is applicable only to positive values of 
Vx and Vy.
 this type of multiplier is restricted to one quadrant operation 
only.



Pulse Height/ Width Modulation 
Technique:

V z = K z T = K z At=Vx Vy/Kx Ky



Multiplier using Emitter coupled 
Transistor pair
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Variable Transconductance 
Technique:

V0 = gm RLVx = (Vy/VTRE)VxRL
     =(Vx Vy RL/Vt Re



 The four quadrant operation indicates that the output voltage is 
directly proportional to the product of the two input voltages 
regardless of the polarity of the inputs and such multipliers can be 
operated in all the four quadrants of
operation.

Four Quadrant Variable 
transconductance multiplier



 Analog multiplier is a circuit whose output voltage at any instant is 
proportional to the product instantaneous value of two individual input 
voltages. 

 The important applications----multiplication, division, squaring and square 
– rooting of signals, modulation and demodulation. 

 These analog multipliers are available as integrated circuits consisting of 
op-amps and other circuit elements. V0 =VxVy/10

Analog Multiplier ICs



 The transfer characteristics of a typical four-quadrant multiplier is shown in 
figure. Both the inputs
can be positive or negative to obtain the corresponding output as shown in 
the transfer
characteristics.

Multiplier quadrants:



Applications of Multiplier ICs:

The multiplier ICs are used for the following purposes:
1. Voltage Squarer
2. Frequency doubler
3. Voltage divider
4. Square rooter
5. Phase angle detector
6. Rectifier



 Figure shows the multiplier IC connected as a squaring circuit. The inputs 
can be positive or
negative, represented by any corresponding voltage level between 0 and 10V. 

 The input voltage Vi to be squared is simply connected to both the input 
terminals, and hence we have, Vx = Vy = Vi and the output is V0 = K Vi2 . 

 The circuit thus performs the squaring operation. This application can be 
extended for frequency doubling applications.

Voltage Squarer:



 A sine-wave signal Vi has a peak amplitude of Av and frequency of 
fHz. 

 Assuming a peak amplitude Av of 5V and frequency f of 10KHz, V0 
=1.25 – 1.25 cos2Π(20000)t.
The first term represents the dc term of 1.25V peak amplitude .

  The output waveforms ripples with twice the input frequency in the 
rectified output of the input signal. This forms the principle of 
application of analog multiplier as rectifier of ac signals. The dc 
component of output V0 can be removed by connecting a 1μF 
coupling capacitor between the output terminal and a load resistor, 
across which the output can be observed.

Frequency doubler



Frequency doubler



Voltage Divider
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PHASE LOCKED LOOP



PLL



PLL



PLL



PLL- construction and operation

The phase detector or comparator compares the input frequency fs with 
feedback frequency fo. The output of the phase detector is proportional to the 
phase difference between fs & fo. The output of the phase detector is a dc 
voltage & therefore is often referred to as the error voltage.

LPF removes the high frequency noise and produces a dc level. The high 
frequency component (fs + fo) is removed by the low pass filter 

 PLL goes through 3 states, i) free running ii) Capture iii) Phase lock.

Before the input is applied, the PLL is in free running state. 

Once the input frequency is applied the VCO frequency starts to change and 
PLL is said to be in the capture mode. The VCO frequency continuous to change 
until it equals the input frequency and the PLL is in phase lock mode.

 When Phase locked, the loop tracks any change in the input frequency 
through its repetitive
action. 

 The output frequency of VCO is directly proportional to the dc level. The VCO 
frequency is
compared with input frequency and adjusted until it is equal to the input 
frequencies.



PLL
The phase detector is basically a multiplier and produces the sum (fs + fo) 
and difference (fs - fo) components at its output. The high frequency 
component (fs + fo) is removed by the low pass filter and the difference 
frequency component is amplified then applied as control voltage vc to VCO.

The signal vc shifts the VCO frequency in a direction to reduce the frequency 
difference between fs and fo. Once this action starts, we say that the signal is 
in the capture range. The VCO continues to change frequency till its output 
frequency is exactly the same as the input signal frequency. The circuit is then 
said to be locked.

 Once locked, the output frequency fo of VCO is identical to fs except for a 
finite phase difference φ. This phase difference φ generates a corrective 
control voltage vc to shift the VCO frequency from f0 to fs and thereby 
maintain the lock. Once locked,PLL tracks the frequency changes of the input 
signal.

 Thus, a PLL goes through three stages (i)free running, (ii) capture and (iii) 
locked or tracking.

Capture range: the range of frequencies over which the PLL can acquire lock 
with an input signal is called the capture range. This parameter is also 
expressed as percentage of fo.

Pull-in time: the total time taken by the PLL to establish lock is called pull-in 
time. This depends on the initial phase and frequency difference between the 
two signals as well as on the overall loop gain and loop filter characteristics.



 The function of the LPF is to remove the high frequency components in 
the output of the phase detector and to remove the high frequency noise.

  LPF controls the characteristics of the phase locked loop. i.e, capture 
range, lock ranges, bandwidth

     Lock range(Tracking range):The lock range is defined as the range of 
frequencies over which the PLL system follows the changes in the input 
frequency fIN.

 Capture range:Capture range is the frequency range in which the PLL 
acquires phase lock. Capture range is always smaller than the lock range. 

 Filter Bandwidth:Filter Bandwidth is reduced, its response time increases. 
However reduced Bandwidth reduces the capture range of the PLL. 
Reduced Bandwidth helps to keep the loop in lock
through momentary losses of signal and also minimizes noise.

Low – Pass filter



 The third section of PLL is the VCO; it generates an 
output frequency that is directly proportional to its 
input voltage.

 Voltage controlled oscillator
 A voltage controlled oscillator is an oscillator 

circuit in which the frequency of oscillations can be 
controlled by an externally applied voltage

 The maximum output frequency of NE/SE 566 is 
500 Khz.

 Voltage Controlled Oscillator (VCO)



Equations





Monilithic VCO-IC 566



MONOLITHIC PHASE LOCKED 
LOOPS (PLL IC 565)

Pin Configuration of PLL IC 565:



Block Diagram



IC565
The signetics NE/SE 560 series is monolithic phase locked loops. The 
SE/NE 560, 561,
562, 564, 565 & 567 differ mainly in operating frequency range, poser 
supply requirements & frequency & bandwidth adjustment ranges. 
The important electrical characteristics of the 565 PLL are,
Operating frequency range: 0.001Hz to 500 Khz.
 Operating voltage range: ±6 to ±12v
 Input level required for tracking: 10mv rms min to 3 Vpp max
 Input impedance: 10 K ohms typically.
 Output sink current: 1mA
 Output source current: 10 mA
The center frequency of the PLL is determined by the free running 
frequency of the VCO, which is given by

where R1&C1 are an external resistor & a capacitor connected to 
pins 8 & 9.



 The lock range fL & capture range fc of PLL is given 
by,

IC565



Applications of PLL-IC
1.Frequency Multiplier



2.FSK Demodulator



 · The output of 555 FSK generator is applied 
to the 565 FSK demodulator.

 · Capacitive coupling is used at the input to 
remove dc line.

 · At the input of 565, the loop locks to the 
input frequency & tracks it between the 2 
frequencies.

 · R1 & C1 determine the free running 
frequency of the VCO, 3 stage RC ladder filter 
is used to

     remove the carrier component from the 
output.

FSK Demodulator



3.AM Demodulation



4.Frequency 
multiplication/division:



5.Frequency Synthesizer



Analog to Digital 
& 

Digital to Analog 
converters

UNIT-IV



Analog signals – directly measurable quantities 
in terms of some other quantity

Examples:
 Thermometer – mercury height rises as 

temperature rises
 Car Speedometer – Needle moves farther 

right as you accelerate
 Stereo – Volume increases as you turn the 

knob.

Analog Signals



Digital Signals – have only two states.  For 
digital computers, we refer to binary states, 0 
and 1. “1” can be on, “0” can be off.

Examples:
 Light switch can be either on or off
 Door to a room is either open or closed

Digital Signals



 Microphones - take your voice varying pressure waves in 
the air and convert them into varying electrical signals 

 Strain Gages - determines the amount of strain (change 
in dimensions) when a stress is applied 

 Thermocouple – temperature measuring device converts 
thermal energy to electric energy

 Voltmeters
 Digital Multimeters

Examples of A/D Applications



D/A converter (DAC)



The Ideal Transfer Function (DAC)
The DAC theoretical ideal transfer function would also be a straight line with an infinite 
number of steps but practically it is a series of points that fall on the ideal straight line as 
shown in Figure



Specifications of DAC
Static errors, that is those errors that affect the accuracy of the converter when it 
is converting static (dc) signals, can be completely described by just four terms. 

These are :

Each can be expressed in LSB units or sometimes as a percentage of the FSR

  offset error, 
  gain error, 
  integral nonlinearity and 
  differential nonlinearity. 



Offset Error - DAC
For a DAC it is the step value when the digital input is zero. This error affects all 
codes by the same amount and can usually be compensated for by a trimming 
process. If trimming is not possible, this error is referred to as the zero-scale error.



Gain Error - DAC
For a DAC it is the step value when the digital input is full scale. This error 
represents a difference in the slope of the actual and ideal transfer functions 
This error can also usually be adjusted to zero by trimming.



Differential Nonlinearity (DNL) Error - DAC
The differential nonlinearity error shown in Figure is the difference between an 
actual step height (for a DAC) and the ideal value of 1 LSB. Therefore if the step 
height is exactly 1 LSB, then the differential nonlinearity error is zero



Integral Nonlinerity (INL) Error - DAC 
-

The name integral 
nonlinearity derives from 
the fact that the 
summation of the 
differential  
nonlinearities from the 
bottom up to a particular 
step, determines the value 
of the integral nonlinearity 
at that step.



Absolute Accuracy (Total) Error -DAC-





Accuracy



Linearity

Monotonicity



Binary weighted Resistor DAC



4-bit Binary weighted Resistor 
DAC



Binary weighted Resistor DAC



Weighted Sum DAC
 One way to achieve D/A conversion is to use 

a summing amplifier. 
 This approach is not satisfactory for a large 

number of bits because it requires too much 
precision in the summing resistors.

 This problem is overcome in the R-2R 
network DAC. 



R-2R Ladder type DAC



R-2R Ladder DAC



R-2R Ladder DAC
 The summing amplifier with the R-2R 

ladder of resistances shown produces the 
output where the D's take the value 0 or 1.

 The digital inputs could be TTL voltages 
which close the switches on a logical 1 and 
leave it grounded for a logical 0.

 This is illustrated for 4 bits, but can be 
extended to any number with just the 
resistance values R and 2R.



R-2R Ladder DAC



R-2R Ladder DAC



Inverted or Current Mode DAC



Voltage Mode DAC



  Switches using Over-driven Emitter Followers
  Switches using MOS Transistor-Totem Pole 

MOSFET switch and CMOS Inverter Switch
 CMOS Switch for Multiplying type DACs
 CMOS Transmission gate switches

Switches for DAC



Series Sampling



High Speed Sample & Hold circuit



Switched op-amp based Sample 
and Hold Circuit



Sample and Hold circuit with 
MOSFET as a switch



Analog to Digital Converters



Offset Error - ADC

The offset error is efined 
as the difference between 
the nominal and actual 
offset points.



Gain Error - ADC
The gain error is defined as the difference between the nominal and actual gain 
points on the transfer function after the offset error has been corrected to zero. 
For an ADC, the gain point is the midstep value when the digital output is full scale, 



Differential Nonlinearity (DNL) Error - ADC
DNL is the difference between an actual step width (for an ADC) and the ideal value 
of 1 LSB. Therefore if the step width is exactly 1 LSB, then the differential nonlinearity 
error is zero. 

If the DNL exceeds 1 LSB    nonmonotonic (this means that the magnitude of the 
output gets smaller for an increase in the magnitude of the input) 

If the DNL error of – 1 LSB there is also a possibility that there can be missing codes 
i.e., one or more of the possible 2n binary codes are never output.



Integral Nonlinerity (INL) Error - ADC 
The integral nonlinearity error shown in Figure  is the deviation of the values on the 
actual transfer function from a straight line. 
This straight line can be either a best straight line which is drawn so as to minimize 
these deviations or
it can be a line drawn between the end points of the transfer function once the gain 
and offset errors have been nullified (end-point linearity )



Absolute Accuracy (Total) Error –ADC
The absolute accuracy or total error of an ADC as shown in Figure is the maximum 
value of the difference between an analog value and the ideal midstep value. 
It includes offset, gain, and integral linearity errors and also the quantization error in 
the case of an ADC



Resolution



Flash type ADC



Flash ADC Circuit



Advantages
 Simplest in terms of 

operational theory

 Most efficient in 
terms of speed, very 
fast 

 limited only in terms 
of comparator and 
gate propagation 
delays

Disadvantages

 Lower resolution
 Expensive
 For each additional 

output bit, the 
number of 
comparators is 
doubled

 i.e. for 8 bits, 256 
comparators needed

Flash ADC Circuit



Successive Approximation ADC 

 A Successive Approximation Register (SAR) is 
added to the circuit

 Instead of counting up in binary sequence, 
this register counts by trying all values of bits 
starting with the MSB and finishing at the LSB.

 The register monitors the comparators output 
to see if the binary count is greater or less 
than the analog signal input and adjusts the 
bits accordingly



Successive Approximation ADC 



Successive Approximation ADC 
Circuit



Successive Approximation 
Example
 10 bit resolution or 

0.0009765625V of 
Vref

 Vin= .6 volts
 Vref=1volts
 Find the digital value 

of Vin



Successive Approximation

 MSB (bit 9)
◦ Divided Vref by 2
◦ Compare Vref /2 with Vin
◦ If Vin is greater than Vref /2 , turn MSB on (1)
◦ If Vin is less than Vref /2 , turn MSB off (0)
◦ Vin =0.6V and V=0.5
◦ Since Vin>V,  MSB = 1 (on)



Successive Approximation

 Next Calculate MSB-1 (bit 8)
◦ Compare Vin=0.6 V to V=Vref/2 + Vref/4= 0.5+0.25 

=0.75V
◦ Since 0.6<0.75, MSB is turned off

 Calculate MSB-2 (bit 7)
◦ Go back to the last voltage that caused it to be turned 

on (Bit 9) and add it to Vref/8, and compare with Vin
◦ Compare Vin with (0.5+Vref/8)=0.625
◦ Since 0.6<0.625, MSB is turned off



Successive Approximation

 Calculate the state of MSB-3 (bit 6)
◦ Go to the last bit that caused it to be turned on (In 

this case MSB-1) and add it to Vref/16, and compare 
it to Vin
◦ Compare Vin to V= 0.5 + Vref/16= 0.5625
◦ Since 0.6>0.5625, MSB-3=1 (turned on)



Successive Approximation
 This process continues for all the remaining 

bits.  



Successive Approximation ADC
Advantages

 Capable of high speed 
and reliable

 Medium accuracy 
compared to other ADC 
types

 Good tradeoff between 
speed and cost

 Capable of outputting 
the binary number in 
serial (one bit at a time) 
format.

Disadvantages

 Higher resolution 
successive 
approximation ADC’s will 
be slower

 Speed limited to ~5Msps



Integrating ADC



Dual Slope Converter

 The sampled signal charges a capacitor for a fixed 
amount of time

 By integrating over time, noise integrates out of the 
conversion

 Then the ADC discharges the capacitor at a fixed rate 
with the counter counts the ADC’s output bits.  A longer 
discharge time results in a higher count

t

Vin
tFIX tmeas



Advantages
 Input signal is 

averaged
 Greater noise 

immunity than other 
ADC types

 High accuracy

Disadvantages
 Slow
 High precision 

external components 
required to achieve 
accuracy

Dual Slope Converter



A/D using Voltage to Time conversion



ADC Resolution Comparison

0 5 10 15 20 25

Sigma-Delta

Successive Approx

Flash

Dual Slope

Resolution (Bits)

Type Speed (relative) Cost (relative)
Dual Slope Slow Med
Flash Very Fast High
Successive Appox Medium – Fast Low
Sigma-Delta Slow Low

ADC Types Comparison



Analog Switches



Analog Switches



Oversampling A/D converters







UNIT-V

SPECIAL FUNCTION ICS



555 Timer

• The 555 timer IC is an integrated circuit (chip) used in a 
variety of timer, pulse generation, and oscillator applications.

•   The 555 is used to provide time delays, as an oscillator, and as 
a flip-flop element.

•    It gets its name from the three 5k ohm resistors which give the 
two comparators reference voltage.

•   Depending on the manufacturer, the standard 555 package 
includes 25 transistors, 2 diodes and 15 resistors on a silicon 
chip installed in an 8-PIN DIP (Dual in-line) package.

















































Tuned Amplifier



























Video Amplifiers
• The NE592 is a monolithic, two-stage, differential output, wideband 

video amplifier. 
• It offers fixed gains of 100 and 400 without external components 

and adjustable gains from 400 to 0 with one external resistor. 
• The input stage has been designed so that with the addition of a 

few external reactive elements between the gain select terminals, 
the circuit can function as a high-pass, low-pass, or band-pass filter. 

• This feature makes the circuit ideal for use as a video or pulse 
amplifier in communications, magnetic memories, display, video 
recorder systems, and floppy disk head amplifiers. 

• Now available in an 8-pin version with fixed gain of 400 without 
external components and adjustable gain from 400 to 0 with one 
external resistor



Block Diagram



Features and Applications
Features :
• 120 MHz Unity Gain Bandwidth 
• Adjustable Gains from 0 to 400
• Adjustable Pass Band 
• No Frequency Compensation Required 
• Wave Shaping with Minimal External Components 

Applications  :
• Floppy Disk Head Amplifier  
• Pulse Amplifier in Communications
• Magnetic Memory  andVideo Recorder Systems



Voltage –Frequency Converter Circuit



Frequency –Voltage Converter Circuit



Frequency to Voltage Converter -
Circuit



Sources of Noise in Op-amp

• Thermal noise - Brownian motion of atoms, 
molecules, ions.

• Shot noise – random movement of electrons 
or holes across a Pnjunction

• Transmit time noise – Propagation time of   
current carriers causes noise, especially at 
high frequencies

• Quantization noise 



Low Noise Op-amps



Op-amp Noise Analysis


