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OP AMP OUTPUTS DECODER OUTPUTS 

INPUTS e 1 Z1 Az A3 A4 As 
I--'· 

A B c D E 

8 < e, :::. 10 1 0 0 0 0 1 0 0 0 0 

6 < e 1 
< 8 1 1 - 0 0 0 0 1 0 0 0 

4 < e1 < 6 1 1 1 0 0 - 0 0 1 0 0 

2 < el < - 4 1 1 1 1 0 0 0 0 1 0 

0 :::. e 1 ~ 2 1 1 1 1 1 0 0 0 0 1 

FOR OPERATIONAL AMPLIFIER DECODER OUTPUTS 

OUTPUTS 

LOGICAL 1 = 6 v LOGICAL 1 = 6 v 
LOGICAL O= .6V LOGICAL O=OV 

( b) 

Fig. 9.35 (b) Table of output codes. 

by using operational amplifiers as comparators. Amplifier A1 operates as 
a current-to-voltage converter for the light-sensitive photodiode array 
which is used to detect the size of the apples. Amplifiers A2 to A5 operate 
as biased comparators with a simple clamp circuit. The decoder ensures 
that only one logic output is at HIGH at a time. This decoder can drive 
TTL (transistor-transistor logic) or DTL (diode-transistor logic) directly 
or an n-p-n switching transistor which can control larger currents such as 
the coil current of a relay. Hysteresis can be added to each of the com­
parators for noise immunity if desired. 
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10 
WAVEFORM GENERATORS 

In this chapter we continue our discussion of the application of operational 
amplifiers by treating the subject of waveform generation. The chapter 
is· broken down into several sections according to circuits which may be 
used to generate specific waveforms. Thus, Sec. 10.1 treats square-wave 
generators, Sec. 10.2 treats square-wave and triangle-wave generators, etc. 
Generating nonlinear waveforms such as triangle waves, ramps, saw­
tooths, square waves, etc., generally requires an integrator, a comparator, 
and a latching (or memory) logic circuit. A generalized block diagram is 
shown in Fig. 10.1. Even though three blocks are shown in the figure, all 
three functions may often be performed using only one or two operational 
amplifiers. Additional operational amplifiers, however, often improve 
the flexibility and generality of the circuit. 

10.1 Square-wave Generators3-5 

In this section we shall discuss circuits which may be used as square-wave 
generators. Three examples of such circuits are considered. These may 
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r- INTEGRATOR r- COMPARATOR 1-----1 LOGIC CIRCUIT 1--

Fig. 10.1 Block diagram of a nonlinear waveform generator. 

be applied to different special requirements as indicated in the discussion 
of the circuits. 

10.1.1 Square-wave generator using one operational amplifier The 
circuit shown in Fig. 10.2 forms a simple and inexpensive square-wave 
generator. The output voltage of this circuit is limited by the back-to­
back zener diodes to either + V z or - V z volts as shown in Fig. 10.3. The 
elements RF and C provide the integrating, or timing, function. The 
operational amplifier serves the function of comparison. The required 
regenerative action comes from feeding the noninverting input of the 
operational amplifier with a fraction of the output voltage. Most 
operational amplifiers are input-protected, and the impedance across the 
amplifier inputs will be very low under the conditions imposed by this 
circuit. The R 1 resistors maintain a high input impedance across the 
amplifier's input under all conditions. 

To see how this circuit operates, assume that, in Fig. 10.2, Ri » Ra and 
R4, and that fJ = R4/(R3 + R4). Suppose that the previous output 
voltage was negative and that the voltage across the capacitor C has just 
reached -fJVz. When the voltage-e1 becomes more negative than -fJVz, 
the operational amplifier will flip from saturation in the negative direction 
to saturation in the positive direction. The operational amplifier will 
stay saturated in the positive direction because the voltage fJeo is now 

Fig. 10.2 Simple square-wave 
generator. 

c 
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Fig. 10.3 Square-wave generator waveforms. 
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APPLICATION 

.... 

positive. Reversal will again occur when e1 becomes equal to +,av z. In 
a typical cycle, if e1 = -,8V z at t = 0, then, for the following half-cycle, 

Defining T as the period, we require that 

e1 (~) = Vz - [(1 + ,8)e-Ti2RFO]Vz = ,8Vz 

Solving for T, we obtain 

T = 2RFC ln l + ,8 
1 - ,8 

If ,8 is chosen to be 0.473, then T = 2RFC and f = 1/2RFC. 
The following comments may be made concerning this circuit: 

1. It is excellent for fixed-frequency applications in the audio fre­
quency range. 

2. The frequency may be trimmed by varying RF. 
3. Frequency stability depends primarily upon the capacitor and 

zener diode stability; even inexpensive operational amplifiers will con­
tribute very little frequency drift. 
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4. Waveform symmetry in both amplitude and time depends upon the 
symmetry of the back-to-back zener diode voltages. 

In general, the choice of amplifier is not at all critical for frequencies in 
the range from 10 Hz to 10 kHz. The amplifier must have only enough 
output current capability to drive the zeners, the divider network, and 
any external load and to charge the capacitor C. At low frequencies, 
however, the amplifier bias current, input noise level, and input imped­
ance become significant and should be considered. At high frequencies, 
the delay time of the amplifier in coming out of saturation becomes signifi­
cant, particularly if the delay time is unequal for positive and negative 
saturation. In addition, the amplifier slew rate becomes important. 
This circuit can be used for frequencies in the 10 to 100 kHz range only 
if the operational amplifier is chosen very carefully. 

10.1.2 High-performance square-wave generator The performance of 
the circuit shown in Fig. 10.2 can be improved by replacing the resistor 
RF with a transistor current source circuit. The voltage ei will now be a 
triangle wave, and the waveform symmetry is now adjustable. The 
triangle wave itself may also be used as an output. 

In the circuit shown in Fig. 10.4 the back-to-back zener diodes and 
the resistor R2 may be omitted if the amplifier output, when saturated, 
is constant and the positive and negative limits are equal. For example, 
the Burr-Brown 3401 or 3402 are fast FET input amplifiers with excellent 
saturation characteristics which may be used in such a modified circuit. 

10.1.3 Low-cost version The saturation characteristics of inexpensive 
operational amplifiers are sometimes ill defined. However, if an opera­
tional amplifier that has reasonably symmetrical and stable saturation 
characteristics is used and if some overshoot and ringing is allowable, 
the back-to-back zeners shown in Fig. 10.2 may be omitted. Although 
this eliminates the cost of the zeners, the operational amplifier cost may 
go up. Thus the circuits of Fig. 10.2 or 10.4 are generally preferred. 
However, in some situations where performance requirements are not 
stringent, the circuit of Fig. 10.5 will serve adequately. 

10.2 Square- and Triangle-wave 
Generators 1- 5 

In this section we shall discuss circuits which may be used to generate a 
square wave or a triangle wave or both. The circuits which are presented 
include the following: a low-cost single operational-amplifier circuit, a 
general-purpose function generator which will generate other waveforms 
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f 
e, 

• 

TYPICAL VALUES R1 =100kSl 

R3= R4= 10kSl 

C1 = 4700 pF 

APPLICATION 

10kSl 

10kSl 

-15V 

10kSl 

v~ v- +10v 

Fig. 10.4 Improved square-wave generator. 

as well as square and triangle waves, and a diode-bridge triangle-waveform 
generator. 

These circuits may be used to generate square waves, triangle waves, 
or both. Circuits using one, two, and three operational amplifiers are 
discussed. In general, adding operational amplifiers increases the com-

Fig. 10.5 Simple square-wave 
generator. 
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ponent cost somewhat but provides a better range of operation, higher 
performance, and less dependence upon "tweaking" of the circuit. 

10.2.1 Square- and triangle-wave generator using one operational 
amplifier Only one operational amplifier and three transistors are 
required in this circuit. This is an excellent, low-cost circuit for labora­
tory-type use, but the temperature stability is little better than the 
classical two-transistor astable multivibrator. 

The circuit is shown in Fig. 10.6. The function of the transistors is as 
follows: Transistor Qi acts as a comparator and inverter; Q2 inverts the 
signal and provides a symmetrical signal output; and Q3 (an emitter 
follower) is used to provide a symmetrical output impedance. The 
operation of the circuit may be understood by noting that the square­
wave output is fed back to the comparator input (the base of Qi), thus 
providing positive feedback and hysteresis. This action is analogous to 
a Schmitt trigger circuit. The operational amplifier is connected as an 
integrator and will have a triangle-wave output. Potentiometer Pi 
adjusts the frequency of oscillation; P 2 adjusts the zero-crossing point 
of the comparator (which in turn varies the amplitude symmetry of the 
triangle wave), and P 3 adjusts the time symmetry of the triangle wave. 
The output amplitude of the square wave is adjusted by P 4. Ps provides 
extra control over frequency and triangle-wave amplitude. 

10.2.2 General-purpose function generator In the above paragraphs 
we discussed a circuit which had the capability of generating square and 

-----uet 

Fig. 10.6 Square- and triangle-wave generator. 
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LIMITED TO Vp AND VN WHERE 

Vp > VN 

Fig. 10.7 Square- and triangle-wave generator. 

triangle waves. Sometimes, however, more complex waveforms are 
needed. Sawtooths, triangle waves, pulse trains, ramps, and almost 
any other waveform of interest can be generated by circuits which 
use only a few operational amplifiers. Also, many of these circuits have 
several outputs available. An example of such a circuit is shown in 
Fig. 10.7. It can be used to generate simultaneously a triangle and 
square wave or to generate pulse trains. The circuit contains three 
operational amplifiers. Amplifier Ai is an integrator that derives its 
input from the output of the comparator circuit A2 and A3. The integra­
tor input will be {3V P or -{3V N. An important feature of this circuit is 
the positive feedback around the A2, A3 combination. The regenerative 
action provides rapidly uniform switching even though the oscillation 
frequency may be changing. 

To see how this circuit operates, assume ei = -(R2/Ra)Vp at t = 0 
and the circuit is just switching to a positive-going ramp out of ei. Then, 

f3VN R2 
ei(t) = - --t - -vp 

RiCi Ra 
0 < t <Ti 

where Ti is the time at which the comparator switches. Evaluating the 
above equation at t = Ti we observe that 

R2 f3VN R2 
--VN = ---Ti--Vp 

Ra RiCi R3 

Ti = R2 (VN _ Vp) RiCi 
Ra f3VN 

At t = Ti, when the comparator switches, the integrator output becomes 
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a negative-going ramp. The next switching occurs at ei = -(R2/R3)Vp. 
If we call this time T 2 we may derive 

This completes a full cycle, and so the period Tis Ti + T 2. Substituting 
from the above relations for Ti and T 2, we obtain 

Many special circuits may be derived from this general relationship. 
Two examples follow: 

1. Square- and Triangle-wave Generator. The general circuit 
described above and shown in Fig. 10. 7 may be used to realize a square­
and triangle-wave generator. To see this, let R2 = Ra and VP = -VN. 
Then, 

where f0 is the frequency of oscillation. As an application of these results, 
consider the circuit shown in Fig. 10.8. In addition to the basic circuit 
configuration shown in Fig. 10. 7 this circuit includes a sine function shap­
ing circuit (Burr-Brown 4118/25 Sin-Cos function generator) which uses 
the triangle wave generated by the basic circuit as an input. The result 
is a very good ultra-low-frequency sine wave. In addition, if voltage­
controlled frequency is desired, the potentiometer is simply replaced by a 
multiplier. Then fJ may be made a function of an input control voltage. 

2." Sawtooth Generator. The general circuit shown in Fig. 10.7 may 
also be used to realize a sawtooth wave generator of excellent linearity. 
The detailed circuit for achieving this is shown in Fig. 10.9. A diode and 
resistor are added so that the retrace may be very rapid. This circuit 
is also an excellent pulse generator. To see how this circuit operates, 
note that with the output of amplifier A3 limited to ±10 V, the ramp time 
(positive going) will be Ti = 2RiCi. Allowing 0.7 V for the drop across 
diode CRi, the reset time T 2 will be T 2 = 2.15RaCi. If Ra« Ri, then 
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T2 «Ti. The only limit on reset time T2 is the output current rating of 
Ai and A3, and so very fast resetting is possible. 

10.2.3 Diode-bridge triangle-wave generator A final circuit for 
generating a triangle wave is shown in Fig. 10.10. It is referred to as a 
diode-bridge triangle-wave generator. This circuit does not have quite 
the high-frequency capability of the three-operational-amplifier triangle 
generator, but it is somewhat more economical and is an excellent circuit 
for many applications. For best results, the diodes in the bridges should 
all be of the same type. Potentiometer P1 adjusts the amplitude of the 
triangle wave. This also affects the frequency. 

In analyzing this circuit it should be noted that the diode bridges act as 
current gates; when e1 is positive, D2 and D4 are blocking and current 
flows through both D 3's into the summing junctions. The voltage wave­
forms at e1 and e01 assuming all diode drops to be 0.6 V, are shown in 
Fig. 10.11. Typical circuit values for the components shown in Fig. 10.10 

+15V 

-15V 

+15V 

C1 

P1 

* 

*TRIM FOR IMPROVED TIME SYMMETRY 

IF DESIRED 

Fig. 10.10 Triangle-wave generator using diode bridges. 
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Rz 
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i------- T=4 R1 C1 

Fig. 10.11 Triangle generator waveforms. 
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would be R2 = 10 kn, R1 = 5 kn, Ra = 100 kn, C1 = 0.1 µF. These 
values will provide a triangle wave of approximately +7.2 to -7.2 V 
swing at a frequency of 500 Hz. 

10.3 Sine-wave Generators3-5 

One of the most important waveforms that an engineer may be called 
upon to generate is the sinusoidal waveform. In this section we shall 
treat a variety of techniques which may be used to perform this task. 
Specifically we shall investigate the use of Wien-bridge oscillators, quad­
rature oscillators, and phase-shift oscillators. For the Wien-bridge and 
the quadrature oscillator case several different circuits are considered. 
These may be applied to different special requirements as indicated in 
the discussion of the circuits. 

10.3.1 Wien-bridge oscillator-general description A Wien bridge 
may be combined with an operational amplifier to form an excellent sine­
wave generator. Some sort of automatic gain control is generally used 
to stabilize the magnitude of the output sinusoid. A general schematic 
of a Wien-bridge oscillator is shown in Fig. 10.12. To see how this circuit 
operates let us assume that the output eo is a sinusoid; then the feedback 
ratio of the bridge is given by 

where Z1 = R 1 + 1/jwC1 and Z2 = R2/(1 + jwR2C2). The operational 
amplifier will maintain 0 V between its input terminals; thus, 

'3:IDo = Z1 ~ Z2 :IDo 
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Fig. 10.12 Wien-bridge oscillator. 
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where :f!:0 is a phasor representing the voltage eo(t). The condition for 
oscillation is 

1 
WoR1R2C2 - - 0 = 0 

Wo 1 

1 
Wo = ---;==== 

VR1R2C1C2 

If we make R1 = R2 and C1 = C2, then 

1 
Wo = R1C1 and 

1 
fJ = -

3 

If fJ = .% and the condition of R1 = R2 and C1 = C2 is met, then the 
output will be a sinusoid of frequency 1/27rRC. 

It should be noted that, so long as fJ is H, the circuit will oscillate at any 
amplitude. Also, if {J is less than .%, the oscillation will diverge and if fJ 

is more than 7a the oscillation will converge. Thus it is common practice 
to provide some sort of automatic amplitude control. This is usually 
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done by varying the negative feedback gain ({3) to stabilize the oscillator. 
Incandescent lamps, thermistors, FETs, diode bridges, or general-purpose 
multipliers can all be used for such gain control purposes. 

10.3.2 Precise Wien-bridge oscillator4•5 As a typical implementation 
of the general Wien-bridge oscillator diagram shown in Fig. 10.12, con­
sider the circuit shown in Fig. 10.13. The actual Wien bridge is formed 
by R1, C1, R2, and C2. The oscillatory output of amplifier A1 is am­
plified by A2, and the output level is sensed by the absolute-value circuit of 
Aa and A4. The amplifier A4 acts as an error integrator and will stabilize 
only when the absolute value of the input equals the reference amplitude. 
A diode bridge is used for varying the negative feedback of A1. An FET 
can be used for gain control rather than the diode bridge if desired. 

The integrator gain is set by capacitor Ca. The choice of Ca is a 
tradeoff between response time and distortion. Small values of Ca will 
allow the circuit to reach its stable value very rapidly. Also, response to 
any disturbance is rapid. On the other hand, making Ca large will 
minimize distortion. The frequency of oscillation, as discussed previ­
ously, will be 

1 
fo = ---

27rR1C1 

where R1 = R2 and C1 = C2. Frequencies in the range of 10 Hz to 
10 kHz are practical for this circuit. Distortion of less than 0.1 percent 
and excellent frequency stability are readily achieved. The circuit will 
operate at frequencies above 10 kHz, but the type of operational amplifier 
must be carefully chosen and stray capacitances should be considered. 

Although, in the circuit shown in Fig. 10.13, five operational amplifiers 
are used, similar circuits are available in miniature encapsulated packages. 
In such packages, integrated-circuit operational amplifiers are usually 
used to minimize the size. 

10.3.3 Low-cost Wien-bridge oscillator The Wien-bridge oscillator 
circuit presented in the preceding paragraphs has the disadvantage of 
requiring five operational amplifiers. In Fig. 10.14 a circuit diagram for a 
Wien-bridge oscillator which requires only one operational amplifier is 
given. The primary virtue of this circuit is that very few components 
are required. Distortion will be greater than with the previously dis­
cussed Wien bridge. But, depending upon care of adjustment, distortion 
will be in the range of 1 to 5 percent. This circuit has high output 
impedance, and any loading at eo will shift the operating point of the 
diodes, which will in turn change the amplitude. Thus this circuit must 
be used with either a fixed load at eo or a buffer must be added. As with 
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Fig. 10.13 Wien-bridge oscillator, diode gain control. 
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R, 

50 K!l 

10K 

Flg.10.14 Low-cost Wien-bridge R 2 

oscillator. 

the previous Wien-bridge circuit, R1 is set equal to R2 and 0 1 is set equal 
to C2. Then 

1 
fo =---

211"R1C1 

Potentiometer P1 is adjusted until the oscillations just start to diverge. 
At that condition, the inverting input to the operational amplifier will be 
about ,%e0 • As the oscillations grow, the diodes start to conduct and the 
impedance across the diodes lowers. This raises the amount of negative 
(or degenerative) feedback. Adjustment of P 1 will vary the output 
amplitude at which amplitude stability occurs. Unlike the circuit shown 
in Fig. 10.13, the amplitude, amplitude stability, and distortion of this 
circuit all interact somewhat. The control over amplitude is indirect 
since P 1 must be set so that distortion is minimized. Distortion is lower 
as amplitude is made greater. Also, using matched diodes will minimize 
distortion. Frequency stability depends primarily on the quality of the 
Wien-bridge components, and so good frequency stability is easily 
obtained with this simple circuit. 

Much lower distortion may be obtained by using amplitude limiting 
circuits which are thermally limited. The limiting elements of such 
circuits may be thermistors or incandescent lamps. 

10.3.4 Quadrature oscillators The sine-wave generator circuits pre­
sented so far in this section have been based on Wien-bridge techniques. 
In the following paragraphs we present a quite different technique for 
generating sinusoidal waves, namely, the use of a quadrature oscillator. 
The quadrature oscillator has two important advantages over the Wien­
bridge oscillator: 

1. A cosine and sine term are simultaneously available as outputs. 
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2. Stabilizing the oscillation without introducing excessive distortion 
is relatively easy. 

Quadrature oscillator circuits are similar to Wien-bridge circuits in that 
they are most attractive for fixed-frequency applications in the range of 
10 Hz to 10 kHz, rather than variable-frequency applications. Fre­
quencies outside this range are obtainable, but the components, partic­
ularly the operational amplifiers, must be chosen with some care. The 
general form of the circuit is shown in Fig. 10.15. 

The basic principle of the quadrature oscillator is to implement a loop 
that solves the differential equation 

}it+ Wo2X = 0 

The steady-state solution (ignoring phase angle) is 

X =A sin wot 

As with the Wien-bridge oscillator, some means of amplitude stabilization 
is generally required. Two general methods are used: 

1. Design for a slightly divergent oscillation; then use nonlinear 
amplitude limiting to keep the output bounded. 

2. Sense the output amplitude and compare it with a reference. Use 
the resultant error signal for automatic gain control purposes. 

Method 1 is often satisfactory for fixed-frequency oscillators, particularly 
if distortion is not critical and if the desired frequency is somewhere in the 
range of 1 Hz to 10 kHz. Method 2 provides better performance but at 
the cost of increased circuit complexity. Circuits which include the two 
different approaches outlined above are described in the following 
paragraphs. 

A COS w 0 t 

DEGENERATIVE 

x 

INTEGRATOR 
r---
1 INTEGRATOR INVERTER 

~EGENERATIVE FEEDBACK PATH 

Fig. 10.15 Quadrature oscillator, general form. 
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Fig.10.16 Quadrature oscillator 
with amplitude clipping. 
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1. Quadrature Oscillator with Nonlinear Amplitude Limiting. A 
quadrature oscillator circuit which uses amplitude limiting is shown in 
Fig. 10.16. Two operational amplifiers are used as integrators in this 
circuit. Some form of amplitude limiting, such as that discussed pre­
viously in Chapter 7, is applied to amplifier A2. The behavior of the 
circuit is best understood if the nonlinear limiting on A2 is first not con­
sidered. After the linear behavior is described, the effect of the non­
linearity can be considered. In considering the linear behavior, let us 
assume that there is an initial voltage of V 1 on capacitor C1 and all other 
initial conditions are zero; then the Laplace transforms of voltages ei and 
e2 are given by 

1 
Ea(s) = R C Eo(s) 

3 3S 

Assuming ideal operational amplifiers, Ei and E2 will be equal. Defining 
T2 = R2C2, and Ta = RaCa, the output Eo will be 

If T1 = r2, then 

s3 + (l/T1)s2 + (l/T1Ta)s + l/T12Ta 

(s + l/T1)V1 

S2 + l/T1T3 

The solution as a function of time is found by taking the inverse Laplace 
transformation. Thus, we obtain 
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where 

Now if T1 = Ta, then 

eo(t) = V1 V2 sin(~+ 45°) 

In this case the frequency of oscillation is 

1 
fo = 27rRC 

where R = R1 = R2 = Ra and C = C1 = C2 = Ca. 
In a practical circuit, slight mismatching of components will cause the 

circuit to slowly converge or diverge. If R 1C1 is deliberately made 
slightly greater than R 2C2, the oscillator output amplitude will diverge. 
But if limiters clip the output of A2, the output amplitude will stabilize. 
The output distortion will be roughly proportional to the degree of mis­
match between R1C1 and R2C2. The distortion will generally be lower 
at the output for e0 rather than the output for ea. A practical version of 
this circuit is shown in Fig. 10.17. 

2. Quadrature Oscillator with Amplitude Control. The second type 
of quadrature oscillator to be discussed in this section is the one in which 
the output amplitude is sensed and used to control the loop damping. A 
schematic of such a circuit is shown in Fig. 10.18. To understand the 
operation of this circuit, let us assume that all initial conditions are zero 
and that eR and c0 are slowly varying relative to e1 and e2. The circuit 
equation found from using Laplace transforms is 

( R12C12s 2 + ~ R1C1s + 1) E1(s) = 0 

Setting Wo = V400 - E 0 2/20R1C1 and a= E 0/20R1C1, the solution in 
the time domain is 

Since 

e1(t) = _!_ e-at sin w0 t 
Wo 

eo 
a=---

20R1C1 

the oscillation will tend to diverge if eR > le1lnc and converge if eR < 
Je1Jnc. The oscillation will stabilize at an amplitude where 

eR = avg { JeiJ} 
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Fig. 10.17 Circuit for quadrature oscillator. 

In other words, ea is an error voltage and will be driven to near zero. 
The time constant R2C2 must be much greater than the time constant 
RiC1. Note that the frequency of oscillation approaches 1/27rR1C1 as 
ea approaches zero. 

400 - e0 1 
Wo = t"'<V---

20R1C1 RiC1 

Stabilizing the amplitude control loop is sometimes a problem with this 
circuit. Capacitor 0 2 must be large enough to provide adequate low-pass 
filtering for the rectified current proportional to ei, but if C2 is too large 
the control loop may go into a slow limit-cycle oscillation. Adjusting 
the control loop gain by varying P 1 will generally stabilize the loop, but 
then the amplitude stability may suffer. In a practical circuit, each 
decade of frequency will generally require different values of C2, and P1 
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will have to be readjusted. P2 may need adjusting also. Another ampli­
fier can be added to allow for more complex amplitude-loop phase 
compensation. 

10.3.5 Phase-shift oscillators In the following paragraphs we present 
a discussion of the generation of sinusoidal waveforms by a phase-shift 
oscillator. Although similar in concept to the previously discussed Wien­
bridge and quadrature oscillator circuits, the phase-shift oscillator offers 
several advantages: 

1. Only one amplifier is required to generate the sine term. In addi­
tion, the cosine term is easily obtained by adding a single additional 
amplifier, if desired. 

2. Either differential input or single-ended input operational amplifiers 
may be used. 

The primary disadvantage of the circuit is that three matched capacitors 
are required. Changing the frequency of oscillation is not easy with 
this circuit, but it is often satisfactory for generating a fixed-frequency 
sine wave. The clipping will cause some distortion, and so this circuit 
will generally have lower performance than the circuits discussed in the 
preceding paragraphs. 

To see how this type of oscillator operates, consider the circuit shown in 
Fig. 10.19. The loop equation is 

(RFR2C3s3 + 3R2C2s2 + 4RCs + l)Eo(s) = 0 

This equation is satisfied if 

3R2C2s2 + 4RCs + 1 
RF = - R2C3s3 

Since RF is real and constant, s must be a fixed value jwo. The real 
portion of the right member of the above equation must equal RF and 

Fig. 10.19 Phase-shift oscilla­
tor, general form. 

c c c 

LIMITER 
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the imaginary portion must be zero. Substituting s = jw0 we obtain 
I 

Thus 

4RCwo + j(3R2C2w0 2 - 1) 
RF = . R2C3wo3 

and 
1 

Wo2 = 3R2C2 

If RF is made equal to 12R, this circuit will oscillate at frequency wo/27r, 

where wo = 1/v'3 RC. 
To obtain a stable oscillation, RF should be made slightly greater than 

12R. A limiter circuit is then used to contain the divergence. It should 
be noted, however, that the distortion increases as RF is made greater 
than 12R. But the circuit stabilizes more rapidly and is more stable in 
amplitude as RF is made larger. Both the limiter circuit and RF are 
generally made variable when using this circuit. 

The cosine function may be obtained by adding one more amplifier to 
the circuit shown in Fig. 10.19. The voltage :E;2 is 

where E 0 is the phasor A < 0°, and e0 (t) = A sin w0t. Thus we may 
write 

To prevent undesired loading of the phase-shift network, the input 
resistor to the cosine amplifier is made equal to R and the R to common 
is removed. A version of this circuit with oscillation frequency of 
920 Hz is shown in Fig. 10.20. 

10.4 Pulse Circuits-Monostable Multivibrators4- 0 

In the preceding sections of this chapter we have discussed operational 
amplifier circuits for generating square, triangle, and sine waves. In 
this section we present some operational amplifier monostable multi­
vibrator circuits for generating pulses. A monostable multivibrator 
circuit (sometimes referred to as "single shot") can also be designed 
with active elements other than operational amplifiers. The primary 
advantage of the operational amplifier circuits over conventional tran­
sistor or vacuum-tube circuits is the wide range of pulse-width adjust­
ment and the improved stability with temperature. 
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-15V 

2 K .0. 

+15V 

- A COS w 0 t 

10.4.1 Monostable multivibrator using one amplifier A relatively 
simple monostable multivibrator may be constructed using only one 
operational amplifier. The circuit is shown in Fig. 10.21a. Although 
it is a very simple circuit, it will be precise if the temperature stability 
of the back-to-back zener diode is good. If a back-to-back zener diode 
is not available, a diode bridge circuit with one conventional zener may 
be substituted for the back-to-back zener, as shown in Fig. 10.2lb. 
To see how the circuit shown in Fig. 10.21a operates, note that in the 
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Fig. 10.21 Monostable multivibrator. (a) Circuit diagram; (b) bridge limiter. 

stable state the output is at + V z and the capacitor voltage V c is clamped 
at about +o.6 V. A negative trigger of greater than - V z/2 will cause 
the output to flip negative to - V z. The capacitor then starts charging 
through R 1 towards - V z. But when V 0 is more negative than - V z/2, 
the output will flip back to + V z. This completes the single pulse. To 
reset for the next pulse, C1 is charged through R2 and D2. By making 
R2 « R1, the reset time can be much shorter than the output pulse width. 

For applications where the pulse duty rate is very low and reset time 
is not critical, the R2, D2 portion of the circuits shown in Fig. 10.21a 
may be omitted. In addition, if an amplifier with good saturation 
characteristics (such as the Burr-Brown 3401 or 3402) is used, the zener 
diode and R. may be omitted. The voltage Vc(t) is given by 

v c(t) = (V z + 0.6)e-t/R1C1 - v z 
The pulse width is 

T RC 1 2(Vz + 0.6) RC I 2 = i1n ""11n 
Vz 

T ""0.7 R1C1 

This circuit provides good performance for time constants of about 10 ms 
or longer. The switching speed of the amplifier from saturation to satura­
tion becomes critical for shorter time constants. 

10.4.2 Precise wide-range monostable multivibrator A more complex 
monostable multivibrator circuit is shown in Fig. 10.22. Although three 



-15 v 

10 K 

• 001 µ. F 

100K SI. 50pF 

"~'" ""'T I \ 
-y--

+15 v 

-10V --1 I- T 

ii 
Fig. 10.22 High-performance monostable multivibrator. 
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amplifiers are required, this circuit provides adjustable trigger sensitivity, 
very wide range of pulse width adjustment, and very flat well-controlled 
output pulses. Virtually any operational amplifier can be used in this 
circuit. But for very high-speed narrow pulses, amplifiers with fast 
slew rate, high output-current rating, and good settling-time character­
istics should be used. In concept, the circuit is very similar to the 
triangle-wave generator circuit of Fig. 10.10. The primary difference 
is that the integrator is "locked up" until a trigger pulse starts the cycle 
of operation. 

To see how this circuit operates, note that in the quiescent state the 
output eo is at + 10 V and the input to amplifier A1 is held at about 
-0.6 V by the diode across the feedback. Amplifier A2 is also at about 
-0.6 V. Now if a negative-going spike of at least -5 V is applied 
through the 5 k!J resistor to A2, A2 will switch to positive and A3 will 
flip over to a -10-V output. This switching action is regenerative. 
The trigger input should be much narrower than the desired output pulse 
width but must be long enough for the amplifiers to switch states. When 
the output of A3 switches to negative, the integrator A1 will integrate 
from -0.6 to + 10 Vat a rate determined by R 1C1. When the output of 
A1 reaches + 10 V, the comparator A2 will £lip to negative and the 
output will jump back to + 10 V. This completes the "single-shot" 
pulse. The integrator is driven back to -0.6 V very rapidly through 
the 500-Q input resistor, and the circuit is then ready for another trigger 
input. The pulse width is given by 

T "' 1.06R1C1 

With the component values shown, pulses of 10 to 100 µsec are readily 
achieved. 
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11 
MODULATION AND 
DEMODULATION 

General Theory 

Since, as discussed in the preceding chapter, operational amplifiers are 
used for generating sine waves, pulse trains, and many other functions, it 
is natural to consider operational amplifiers for signal modulation and 
demodulation. These functions can generally be implemented with com­
binations of integrators, multipliers, comparators, and precision gates. 
In this chapter we will present operational amplifier circuits which may 
be used to achieve three types of modulation, namely, amplitude, fre­
quency, and pulse width modulation. In addition, a discussion of cir­
cuits which may be used for demodulation will be given. 

11.1 Amplitude Modulation 

11.1.1 Using multipliers for amplitude modulation 6 The most direct 
means of amplitude modulation is to use a multiplier as described in 
Chapter 7. The general form of a circuit for accomplishing this is shown 

397 
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Fig. 11.1 Amplitude modulation. 

in Fig. 11.1. Some special cases of this type of modulation occur fairly 
often. For example, the carrier is often a sinusoid. If e111: varies posi­
tively and negatively with respect to zero, the carrier is suppressed. If 
the modulation input is also a sinusoid, then 

e0 = KeM(t)ec(t) = k(A sin WMt)(B sin wet) 
= ~~kAB[cos (we - WM)t - cos (we + WM)t] 

From the above equation we see that there are two sidebands present at 
the output and that the carrier is suppressed. We conclude that using 
multipliers is a simple and direct means of amplitude modulating. 

11.1.2 Pulse amplitude modulation Although multipliers provide the 
most general means of amplitude modulation, amplitude-modulating a 
pulse train is somewhat easier, in that the carrier has only two states: + V 
and zero. Thus pulse amplitude modulation (PAM) may be done by 
using gating circuits. In the following paragraphs we present two 
circuits for p,;rforming PAM. 

1. PAM Using Transistor Gating. A transistor gate circuit for 
performing PAM is shown in Fig. U.2a. In this circuit, the pulse train 
input ec switches transistor Qi between the ON and OFF states. The 
modulation voltage e111: is always negative and varies from 0 to -10 V. 
When ee is +10 V, Qi is biased OFF and the output e0 is -e111: - Vn. 
When ee switches down to approximately 0 V, Qi is saturated ON by the 
33 k!l to -15 V bias source. Then e0 will be equal to -Vn - 2VeE(sat.>· 
The voltage V eEcsat.> may be made very small by choosing a switching 
transistor with low V eE(sat.> and by making the Ri/2 resistors fairly large 
in value. Typically V CE(sat.> will be from 20 to 200 m V using switching 
transistors. 

Typical signal waveforms for the circuit are shown in Fig. 11.2b. An 
FET may be used in place of the bipolar transistor if desired. Offset in 
the ON state will generally be lower with FETs, but the capacitive feed­
through of switching transients may be worse. Also, offset may be made 
lower by inverting the transistor (reverse the collector and emitter). 
However, the dynamic range is somewhat different then. 
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Fig. 11.2 Pulse amplitude modulation. (a) PAM using a transistor gate; (b 
PAM waveforms. 
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2. PAM Using a Precision Limiter. 1•3 A second method of performing 
PAM is through the use of diodes. Although diode bridges can be used 
for gating, the accuracy is dependent upon the diode characteristics. 
However, by using the previously discussed precision rectifier .circuit 
(Sec. 7.2.3), a very precise pulse amplitude modulator of wide dynamic 
range may be designed. 

Such a circuit is shown in Fig. 11.3a. In this Circuit assume that ec is 
a pulse train (Fig. 11.3b) that is switching from a low voltage of zero to 
a positive high voltage EH that is approximately + 10 V. The modula­
tion voltage eM is symmetrical about zero and varies between ±4 V. 
Amplifier A1 has two possible outputs: ei = (-ec - eM - VB) if (-e0 -

eM - VB) < 0 or ei = 0 if (-ec - eM - VB) > 0. Amplifier A2 also 
has two possible outputs: eo = - ec - ( - ec - eM - VB) = eM + VB if 
ei < 0, or eo = -ec if ei = 0. If EH is more positive than ieM +VB!, 
then e1 will be negative and the output will be (eM +VB). If (eM +VB) 
< 0, then ei will be zero when ec is low and the output will then be zero. 
Typical waveforms are shown in Fig. ll.3b. The bias voltage VB is set 
at - 5 V for the signal levels shown. 

11.2 Frequency Modulation6 

In this section we shall discuss the use of operational amplifier circuits for 
performing frequency modulation. This may be accomplished by the use 
of a voltage-controlled oscillator or by a voltage-to-frequency converter. 

11.2.1 Voltage-controlled oscillator Let us first consider frequency 
modulation through the use of voltage-controlled oscillators. A voltage­
controlled oscillator (VCO) has a sinusoidal output with a frequency that 
is proportional to a de control voltage. The amplitude may, or may not, 
be variable. Also, the sine wave may be very undistorted, or a high level 
of distortion may be present and acceptable. Key specifications are the 
linearity of frequency change with control voltage input and the dynamic 
range of the frequency deviation. 

A simple approach to designing VCOs is to control the frequency of a 
square wave and then filter the square wave to obtain the fundamental 
sine-wave output. If the voltage-to-frequency circuits are teamed up 
with some filter circuits (see Chapter 8), a VCO can be obtained. 

1. High-performance VCO. In telemetry systems, a VCO with both 
an in-phase and quadrature output is sometimes needed. Also, in some 
test or instrumentation applications it is desirable to start the oscillation 
at some known phase angle. The circuit shown in Fig. 11.4 has all these 
features and is also a very precise circuit. Unlike the other amplitude­
controlled oscillators discussed earlier, this circuit does not depend upon a 
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Fig. 11.3 Precision pulse amplitude modulator. (a) Precise pulse ampli­
tude modulator; (b) PAM waveforms. 
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time-averaging technique to obtain the amplitude. The output signals 
instantly assume the proper amplitudes,' independent of the frequency 
setting. This circuit uses switched integrators of the type described in 
Sec. 6.3. The initial conditions for the integrators come from the sine­
cosine potentiometer. Once the integrators are switched to ON, the 
circuit functions as a quadrature oscillator. (Several conventional 
quadrature oscillators were described in Sec. 10.3.4.) Multipliers M 1 
and M 2 vary the gains of the two integrators, and thus the frequency 
vanes. Multipliers Ma and M4 in effect demodulate the oscillator's am­
plitude. The A sin wt and A cos wt outputs are both squared, and their 
sum is compared with the reference voltage VB· This difference controls 
the magnitude and polarity of the feedback through multiplier Ms for the 
A sin wt output. Multiplier Ms controls the loop amplitude stability, 
and both regeneration and degeneration can be applied by it. 

2. Wide-range VCO. Almost all conventional VCO circuits operate 
on one of two principles: 

1. A square wave is generated and its frequency is controlled by the 
de input voltage. The square wave is then filtered to obtain a sine wave. 

2. A sine-wave oscillator is developed; then the frequency of oscillation 
is varied by varying the oscillator loop gain. 

Still another approach to designing VCOs is to generate a triangle wave 
that may be controlled in frequency. The triangle wave is then put 
through a shaping network that exhibits a sinusoidal gain. One advan­
tage to this approach is that the sine gain-shaping circuit can easily be 
designed to operate from direct current up into the high audio range. 

A typical circuit using this technique is shown in Fig. 11.5. As shown, 
the circuit will provide about a 100: 1 dynamic range at any switch 
setting, with 1 percent linearity. The frequency of oscillation will be 

f = ei Hz 
40R1C1 

The variation in frequency with e1 is illustrated in Fig. 11.6. 

11.2.2 Voltage-to-frequency converters The second basic method of 
achieving frequency modulation is through the use of a voltage-to­
frequency converter. The term voltage-to-frequency converter (VFC) 
implies that the frequency of some periodic signal is made proportional 
to an analog control voltage. The output may be any periodic wave­
form, such as a square wave, a pulse train, a triangle wave, or a sine wave. 
Pulse-train or square-wave outputs are generally desired if the output 
is destined to drive a counter of some sort. A VCO is, of course, also a 
voltage-to-frequency converter. But allowing a pulse or square-wave 
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output will generally simplify the design, particularly if a wide dynamic 
range of frequency is desired. In the following paragraphs a few typical 
voltage-to-frequency converter circuits will be discussed. The primary 
differences lie in the linearity and dynamic range of these circuits. 

1. Square-wave Output VFC. Two circuits which perform the func­
tion of a square-wave output VFC are shown in Figs. 11.7 and 11.8. 
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Fig. 11.6 Response of wide-range VCO circuit. 

These two circuits are very similar to the triangle- and square-wave 
generators discussed previously in Sec. 10.2.2. In both circuits, the 
magnitude of the voltage into the integrator is controlled by a de input 
voltage. In the circuit of Fig. 11.7, a multiplier is used to modulate 
this amplitude and, consequently, the frequency. A wide-bandwidth 
multiplier with good step response should be used for best results. In 
the circuit shown in Fig. 11.8 a diode bridge limiter is used to modulate 
the square-wave input to the integrator, thus varying the frequency. 
Since the input to the integrator is known to be a square wave, the diode 
bridge may be used to modulate the amplitude by alternately gating 
+ei and -ei to the input of the integrator. 

2. Pulse-train Output VFC. A circuit which performs the function 
of a pulse-train output VFC is shown in Fig. 11.9. Only two operational 
amplifiers are required for this voltage-to-frequency converter. The 
operational amplifiers should have good saturation characteristics, high 
input impedance, and good slew rate capability for best results. An 
inexpensive wideband FET input operational amplifier, such as the 
Burr-Brown 3402, is a representative choice. Low-cost bl.polar IC 
(integrated circuit) operational amplifiers may be used, but the compo­
nent values will differ and range of operation may be more limited. 

To understand the operation of this circuit, first consider the amplitude 
adjust potentiometer. If this potentiometer is adjusted for an output 
of -8 V, the output of A2 will be negative if e2 is more positive than -8 V. 
Since the collector of Qi is at 0 V, the base is being driven by the output 
of A2 to about - li to -12 V; then Qi is indeed OFF as assumed. The 
input voltage is positive, and so the integrator Ai will integrate in the 
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Fig. 11.9 Voltage-to-frequency converter, pulse-train output. 

negative direction. When the Ai output reaches -8 V, the output of 
A2 will switch to a positive output. This will gate Qi to ON, and since 
the collector of Qi is at approximately 0 V the output e0 will also be very 
nearly 0 V. More exactly, it will be at -VcE(sat.) 1 or about 0.1 V. With 
Qi at ON, it will act a~ a current source to the summing junction of the 
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integrator and Ai will integrate rapidly in the positive direction. When 
the integrator output exceeds zero, the comparator A2 will switch to the 
negative saturation condition. The diode across the integrator prevents 
overshoot and reduces delay time. A2 going negative will switch Qi 
back into the OFF condition. The cycle is then completed and will start 
over again. 

The delay time as A2 switches from one saturated state to the other 
limits the practical frequency range for this circuit. This delay time 
will be considerably different for various types of operational amplifiers. 
The pulse width Tp may be as short as 20 to 100 µ.s using a fast FET 
input amplifier such as the Burr-Brown 3402. 

The conversion factor of this circuit is found from 

Linearity of this circuit is fairly good at low frequencies, where Tp is 
much smaller than T1, but is poor at high frequencies. But if Tp is 
constant, the nonlinearity is predictable. Since TP is determined by 
the slewing time of the integrator and by the switching delay time of 
the comparator, it will be essentially constant. 

The circuit is sensitive to changes in external loading at the output eo. 
Thus, if this voltage-to-frequency converter is to drive a load of less than 
100 kn, an emitter follower or some other form of buffering should be 
added to the output. 

3. High-performance VFC. A very wide-range, linear voltage-to-fre­
quency converter can be designed using high-performance function mod­
ules. This circuit makes use of a high-speed integrator with current­
amplified resetting capability (see Sec. 6.3 for a description of this type 
of integrator). Although somewhat more expensive than the circuits 
previously discussed, this circuit offers excellent performance. It is 
shown in Fig. 11.lOa. 

To understand the operation of this circuit, note that the integrator 
Ai is controlled by the switched current amplifier. When the voltage 
at pin 3 is high (approximately +4 V), the switch is at OFF and Ai 
integrates at a rate determined by Ri, Ci, and Ei. When the voltage 
at pin 3 is low (approximately +0.6 V), the integrator will very rapidly 
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Fig. 11.10 High-performance VFC: (a) voltage-to-frequency circuit; (b) typical 
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reset to -10 V. Amplifier A2 and transistor Qi act as a high-speed 
comparator. Qi and Q2 may be almost any silicon switching transistor. 
Q2 is an optional buffer output stage. Typical waveforms are shown 
in Fig. 11.lOb. The integrator input resistor Ri or the capacitor Ci 
can be varied to provide the desired scale factor of conversion. The 
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equations of operation are 

10 = e1T1 
R1C1 

and 

1 f = ~~~~~~-
10R1Ci/e1 + Tp 

411 

The reset time TP will be about 3 to 4 µs using the component values 
shown. If TP ""' 3 µs and C1 = 0.01 µF, then 

If, for example, a scale factor of 1 kHz/V were desired, then R 1 should be 
about 10 k!J. Then 

f ""' ei X 10 3 Hz 

and 0 < f :::; 10 kHz for -10 V < e1 :::; 0. This circuit also makes an 
excellent voltage-controlled ramp generator. The output voltage is then 
en. 

Using the 3402 operational amplifier, the circuit shown in Fig. 11.lOa 
can be operated up to 100 kHz by making C 1 equal to 1,000 pF. How­
ever, if frequencies under 10 kHz are of interest, an inexpensive amplifier, 
such as the Burr-Brown 3308/12C, may be substituted for the 3402s. 
With reasonable care, a dynamic range of 1,000: 1 with 1 percent linearity 
is feasible with this circuit. 

11.3 Pulse Width Modulation 1•3 

In this section we shall discuss circuits which may be used for pulse width 
modulation. In this type of modulation system, a de or slowly varying 
voltage may be used to control the width of pulses. The pulse repetition 
rate is usually fixed, and the carrier input is often in the form of a square 
wave or pulse train. Pulse widths may be modulated by many means, 
but two common methods that offer good linearity over a wide range of 
operating frequencies are discussed in the following paragraphs. 

11.3.1 Voltage-to-pulse-width modulator with square-wave carrier input 
If the carrier input can be converted to the form of a square or triangle 
wave, this method is very simple to apply. The sine-wave carrier input 
is amplified and clipped and then converted to a triangle wave by an 
integrator. The modulation input biases the triangle and thus modulates 
the pulse width about the 50 percent duty cycle condition. A circuit 
for performing such a function is shown in Fig. 11.lla. Typical wave-
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forms are shown in Fig. 11.llb. The pulse width T1 is given by 

T1 = 10 + eM T 
20 c 

where -10::::; eM ::::; 0. 

11.3.2 Voltage-to-pulse-width conv~rter A switched integrator can 
also be used to obtain a very linear and stable synchronized pulse width 
modulator. A pulse train provides the clocking signal, and the output 
is a pulse train synchronized to the clock pulse input. Pulse width of the 
output is a linear function of the input voltage. A circuit for providing 
such modulation is shown in Fig. 11.12. The values of VR, 0 1, and R 1 
in the circuit must be chosen according to the pulse repetition rate and 
the desired dynamic range. For example, assume that the clock fre­
quency is 1 kHz and the input voltage varies from 0.1 to 10 V. If VR is 
+lo V, then 

O.OlR101 < Tp < R101 

TP must be less than Tc to avoid ambiguity, and so R101 must be less 
than Tc. If R101 is chosen to be 0.9Tc, then R101 is 0.9 ms. If 01 is 
chosen to be 0.01 µF, then R 1 would need to be 90 kn. We now have 
TP = 0.09e1 ms. In ratio form, Tp/Tc = 0.09e1. See Sec. 6.3 for a 
description of integrators using switched current amplifiers. 

11.4 Demodulation 

The previous sections of this chapter have discussed the use of operational 
amplifier circuits to perform various types of modulation. In this section 
we discuss the inverse process, namely, demodulation. Several treat­
ments are given covering amplitude, frequency, and pulse width 
demodulation. 

11.4.1 Amplitude demodulation To accomplish amplitude demodula­
tion, demodulators, or discriminators, are needed to recover the low­
frequency signal information that has modulated a high-frequency 
carrier signal. The carrier is often in the form of a pulse train or sine 
wave. Many commonly available transducers, such as synchros, have 
an output that is of the suppressed-carrier amplitude-modulated type. 
Synchro demodulators must be phase-sensitive, they should have a 
positive output when the input is in phase with the carrier reference 
signal and a negative output when the input is 180° out of phase. Some 
typical demodulator circuits will now be considered. 

1. Phase-sensitive Demodulation of Suppressed Carrier Signals. 
Two circuits for performing phase-sensitive demodulation of suppressed 
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carrier signals will be considered. The input is of the form 

ei(t) = es(t) sin wet 

es(t) is the low-frequency signal that is to be recovered, and we is the 
carrier frequency. Now if ei(t) is multiplied by a square wave of am­
plitude A that is in phase with the carrier reference signal, the low-fre­
quency portion of the output will be proportional to es(t). If the square 
wave is e2 (t), then, using Fourier series, 

[ 2 4 (1 1 = Aes(t) - - - - cos 2wct + - cos 4wct 
7r 7r 3 3.5 

1 + - 7 cos 6wct + 
5. 

Now if e0 (t) is low-pass filtered, the output will be 

2A 
Output = - es(t) 

7r 

.. )] 

The other terms constitute ripple. Notice that the lowest frequency of 
ripple is at twice the carrier frequency. A block diagram of the desired 
circuit for performing such a demodulation is shown in Fig. 11.13. Two 
circuits for implementing such a phase-sensitive demodulator are shown 
in Figs. 11.14 and 11.15. 
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Fig. 11.13 Block diagram of a full-wave, phase-sensitive demodulator. 
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Fig. 11.15 Phase-sensitive de­
modulator using a multiplier. 
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2. Pulse Sample Demodulator. Another means of amplitude demod­
ulation is to sample-and-hold the desired amplitude information. For 
example, if the peak values of an ac suppressed carrier signal are sampled 
and held, the output will be a sequence of steps. The fundamental of 
the output will be the desired low-frequency signal, although delayed in 
time by one-half cycle of the carrier because of the sampling process. A 
half-wave 400-Hz pulse sample demodulation circuit is shown in Fig. 
ll.16a. The waveforms are shown in Fig. ll.16b. It should be noted 
that the width of the sampling pulse is not critical. With a 400-Hz 
carrier, a pulse width of about 70 µs centered on the sine wave will sample 
the voltage within ± 5° of the peak. 

The technique described above can also be used for full-wave demod­
ulation if the input is first full-wave, phase-sensitive detected. Full­
wave sampling will reduce the time delay to one-quarter cycle, but at the 
expense of greater circuit complexity. 

11.4.2 Demodulation of FM signals In the above paragraphs we have 
considered circuits for amplitude demodulation. Now let us consider 
the frequency demodulation problem. There are three basic techniques, 
namely, time-averaging demodulation, demodulation by measuring the 
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VOLTS 
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Fig. 11-16 (b) Waveforms. 

period, and demodulation using phase-lock techniques. Details of these 
three methods are given in the following paragraphs. 

1. Time-averaging FM Demodulation. If the modulation frequency 
is much lower than the carrier frequency, a simple time-averaging 
technique may be used to measure frequency. The signal input wave­
form is converted into a train of uniform pulses. The pulse train is then 
low-pass-filtered to obtain the de term. The de output is proportional to 
the frequency of the input. To adequately filter out the ripple, the filter 
time constant must be very large. Thus the response rate of this type of 
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demodulator is rather slow. A typical operational amplifier circuit for 
time-averaging frequency demodulation is shown in Fig. 11.17a. 

2. FM Demodulation by Measuring the Period. If the modulation 
frequency is rapidly varying relative to the carrier, it may be preferable 
to measure the period of one cycle and to continuously compute 1/T. 
This will provide a cycle-to-cycle computation of frequency rather than 
averaging a large number of cycles over a long period of time. 

The essence of this approach is first to convert the input signal into a 
train of narrow pulses and then to measure the time between pulses by 
means of a gated integrator of some sort. The integrator input is a con­
stant reference, and so the voltage out of the integrator is proportional to 
time. A general block diagram of the process is shown in Fig. 11.18. 
The design of a circuit to implement the process is straightforward since 
most of the blocks have been discussed previously. The primary 
limitation of this type of FM demodulation is its dynamic range. How­
ever, a frequency range of 10: 1 may be easily designed and a range of 
100: 1 is possible. Two sources of error are most significant: 

1. The pulses of the pulse train e2 must have a finite width. Each 
pulse must first stop the integrator and then transfer the peak value VP 
into the sample-and-hold circuit; then the integrator must be reset. 
Although functions may be accomplished very rapidly, they do pose a 
limit on the resolution of measuring the period. 

2. Most dividers commercially available today are limited in dynamic 
range. Typically, the error increases as the denominator is made smaller. 
Thus, as the range of VP is made greater, the divider will generally 
contribute more error. 

Even with these limitations, FM demodulation by measuring the period 
is a valuable technique of converting frequency information to de voltage 
form. The method does not depend on time averaging over a number of 
cycles, and so the circuit responds very rapidly to changes in frequency. 

3. FM Demodulation Using Phase-lock Techniques. The methods of 
FM demodulation discussed previously all depend upon having a noise­
free input. Wave shape is not critical, but any noise that interferes with 
detection of zero crossings would cause error. Where noise is a problem, 
a phase-lock technique may be used to good advantage. The block 
diagram of such a technique is shown in Fig. 11.19. 

To analyze the circuit operation, assume an input signal el and a 
VCO signal e0 (t) having the form 

el(t) = Vs sin (wst + 81) 
eo(t) = Vo cos (ws t+ 80) 

When 81 - 80 is zero, the output is 90° out of phase with the input. 
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Fig. 11.19 Block diagram of a phase-locked loop. 

A multiplier can be used as a phase detector. The output of the multiplier 
eM is e0 ei/10, and so 

VsVo . 
eM(t) = -- [sm (wst + B1) cos (wst +Bo)] 

10 

VsVo . 
= W- (sm wst cos wst + cos (Ji cos Bo 

+ cos2 wst sin B1 cos Bo - sin2 w8 t cos B1 sin Bo 
- cos w8t sin wst sin Bl sin Bo) 

Now if eM is low-pass-filtered to remove all double-frequency terms, 
this reduces to 

VsVo . 
eM avg = '.20 (sm Bl cos Bo - cos Bl sin Bo) 

VsVo . 
= '.2Q sm (B1 - Bo) 

If this low-pass-filtered signal is used to control the frequency of the 
VCO, the frequency of e0 will be varied until the phase angle is mini­
mized. Thus the two signals will phase-lock. The output of the VCO 
will be in quadrature with the input and will track the input signal in 
frequency. The averaged signal from the low-pass filter controls the 
VCO and is proportional to the input signal phase so long as the loop 
is "locked" ( B1 - Bo « 90°). 

The design of an operating phase-lock loop is not difficult, but optimiz­
ing the loop for a given application and predicting the noise rejection, 
acquisition rate, probability of locking, etc., are very difficult. These 
topics are discussed in other books. 5 

A typical phase-lock loop using operational amplifiers and analog func­
tion modules is shown in Fig. 11.20. For the values shown, frequency 
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may vary over a 20: 1 range, and signal amplitudes may also vary over 
a 20: 1 range without losing lock. 

11.4.3 Pulse width demodulation A pulse-width-modulated pulse 
train is easily converted to a de voltage. Simple low-pass filtering will 
provide a voltage proportional to the pulse width. If the amplitude 
of the pulse-width-modulated waveform is not accurate and stable, the 
circuit in Fig. 11.21 may be used. The pulse height is then proportional 
to the reference voltage. The variation of pulse width of ei causes a 
corresponding variation in the ON and OFF time of the switch. The 
output level is independent of fluctuations in the height of the ei pulses. 
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APPENDIX A 
FUNDAMENTAL CIRCUIT THEORY 

In this appendix, the basic properties of operational amplifiers are 
presented. Each of the performance characteristics discussed here is a 
result of amplifier design factors discussed in detail in Chapters 1 to 5. 
Test methods for each performance characteristic are given in Appendix B. 

A.1 Basic Concepts 

The operational amplifier is simply a high-gain, direct-coupled amplifier. 
It is usually designed to amplify signals extending over a wide frequency 
range and is normally used with external feedback networks. Many 
operational amplifiers have a single input terminal, but the greater number 
have a differential input. Nearly all have a single output terminal. 
Thus most operational amplifiers may be represented by the symbol of 
Fig. A.1. Single-ended- amplifiers may be treated as the special case 
where + input is grounded. 

There are certain "ideal properties" of operational amplifiers toward 
which their design is directed. These properties are never realized in 
practice, of course, but the assumption of such idealness allows rapid 
preliminary analysis of feedback circuits involving these amplifiers. 

427 
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The idealized amplifier properties which are usually assumed are 

Gain = oo (A-+ oo) 

eo = 0 when e1 = e2 
Input impedance = oo (Z; -+ oo) 

Output impedance = 0 (Zo -+ 0) 
Bandwidth = oo (response delay = O) · 

When feedback is applied, the characteristics of the amplifier are deter­
mined largely by the feedback network. This is illustrated in the follow-

e, 
~ Fig. A.1 Symbol of an opera-
~ -e l tional amplifier. 
e O 2 I 

2 

ing analysis of the two most common operational amplifier feedback 
circuits: the inverting and noninverting circuits. 

A.2 Fundamental Inverting Circuit 

The circuit shown in Fig. A.2 is representative of the general class of 
Inverting circuits. The common feature of these circuits is that the 
noninverting input is connected to signal common. In analyzing such 
circuits, using the ideal amplifier properties, it is noted that no current 
flows into the amplifier and gain A is assumed to be arbitrarily large. 
This leads to the circuit equations 

. e1 - e. e. - eo . 
11 = --- = --- = lF 

Z1 ZF 
eo = -Ae. 

Solving for eo/e1 and eliminating terms which approach zero give the 
overall (closed-loop) gain or transfer function, 

Fig. A.2 Inverting feedback 
amplifier. 

(A-1) 
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Note that the closed-loop gain includes a sign inversion and has a magni­
tude determined solely by the ratio of the feedback elements. Note also 
that the summing point voltage e. approaches zero as the amplifier gain A 
becomes arbitrarily large, 

-eo 
e. = A--t o as A--t oo 

This circuit condition is described by referring to the summing point as a 
"virtual ground." With the summing point at ground potential, the 
current through Z1 is 

. e1 
11 = -

Z1 

Thus, i1 is independent of the value of ZF. However, this input signal 
current does flow through ZF, since no current flows into the operational 
amplifier inputs (Z; = oo ). Since one end of ZF is at ground potential 
(the summing point), the other end must be a voltage of -iiZF = eo, the 
amplifier output voltage. Input impedance of the circuit is simply· Z1• 

The simple inverting amplifier may be modified by adding additional 
signal sources and impedances as shown in Fig. A.3. The summing point 
remains at ground potential, and the various input currents are inde­
pendent of on one another: 

. ea 
13 = -

Za 

The sum of the currents flows in the feedback element, ZF, generating the 
output voltage: 

(A-2) 

Thus the circuit of Fig. A.2 functions as a summing amplifier where each 

Fig. A.3 Summing amplifier. 

1 
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input voltage term in the summation may be operated on by a different 
scale factor or linear operator. 

In the inverting circuits of Figs. A.2 and A.3 the input and feedback 
elements need not be single components (such as resistors or capacitors) 
but may be more complex elements composed of a number of linear or 
nonlinear elements. The Zi's then represent the short-circuit transfer 
functions of these elements. Regardless of the complexity of the input 
and feedback networks, the same principles will be found to hold: 

1. The summing point is a virtual ground. 
2. No current flows into the amplifier inputs; current flowing into the 

summing point from the input networks must flow through the feedback 
network. 

A.3 Noninverting Circuits 

The inverting feedback circuits discussed in the preceding section may be 
realized with either single-ended or differential input amplifiers. How­
ever, those to be discussed here require operational amplifiers having a 
noninverting input for signals and an inverting input for feedback volt­
ages. Usually such operational amplifiers are differential input types, 
although there are amplifiers which operate only in the noninverting 
mode. 

The general noninverting circuit is shown in Fig. A.4. The signal is 
applied to the noninverting input and a portion of the output signal is 
"fed back" to the inverting input. This feedback network then deter­
mines the overall closed-loop transfer function. When the loop is closed 
the following equations apply: 

. z Z1 
ei = 11 1 = eo Z1 + ZF 

assuming that amplifier 

input current is zero 
ea = A(e2 - ei) 

Combining the above equations and allowing the amplifier gain A to 

Fig. A.4 Noninverting feed­
back amplifier. 
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become arbitrarily large yields 

and (A-3) 

Thus, the closed-loop gain is always greater than, or equal to, unity and is 
determined by Z1 and ZF. If ZF is equal to zero (and Z1 = oo, open 
circuit), the gain is exactly 1.0 and the amplifier acts as a voltage follower; 
the output voltage follows the input voltage exactly. The advantage 
of such a voltage follower, and of noninverting circuits in general, is the 
impedance buffering property, i.e., 

zi -i- oo 

Zo~o 

Such amplifier circuits are widely used to provide isolation of signal source 
and load, thus preventing undesired interactions or "loading" effects. 

Note that the summing point conditions must be generalized slightly 
in extending the analysis to noninverting circuits: 

1. When the operational amplifier is operating linearly with feedback, 
the potentials at the two inputs are equal. 

2. No current :flows into either input of the amplifier. 

As in the inverting circuits, the feedback network need not be a simple 
voltage divider but may be a combination of linear and nonlinear ele­
ments selected to yield a desired transfer function. 

Extension of the analysis technique to more complex circuits is rela­
tively easy. Although idealized amplifiers were used in deriving the basic 
feedback circuit tradsfer. functions, the results are usually quite good as a 
first approximation. However, since real amplifiers can only approxi­
mate the ideal over limited ranges of voltage, current, and frequency, it 
is necessary to analyze the effects of each amplifier parameter. This is 
the purpose of the following sections. 

A.4 Open-loop Gain 

The open-loop gain is the magnitude of the amplification factor, A 
Although the de and low-frequency gain of such amplifiers may be 
extremely large (typically 105), it is nevertheless finite and therefore 
contributes a small error term to the closed-loop transfer functions previ­
ously derived. If a finite gain is assumed, but the other idealized ampli­
fier conditions are assumed to hold, the following expressions are obtained 
for closed-loop gain: 

Inverting circuit: 
ei 

1 - 1/{J 
1+1/A/J 

(A-4) 
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N oninverting circuit: 

where 
1 

f3 = ----
1 + ZF/Z1 

APPENDIX A 

1//3 
(A-5) 

1 + 1/A/3 

(A-5a) 

The term A/3 is usually referred to as the loop gain since it may be thought 
of as the gain around the "loop" formed by the amplifier and its feedback 
network. Note that for both-circuits the gain may be expressed as 

eo ideal gain _ A 
e; 1 + 1/ A/3 - CL 

(A-6) 

Thus the accuracy of the closed-loop gain is limited by the amount of loop 
gain available. Usually, A{3 will be much larger than unity in order to 
obtain stable closed-loop gain. The expression for closed-loop gain then 
is closely approximated by the expression 

:: = (ideal gain) ( 1 - ;{3) (A-7) 

Gain error is given by the 1/ A/3 term. Since f3 is usually fixed by the 
desired circuit function, the gain error is made acceptably low by choice 
of an amplifier with the required value of open-loop gain A. Although 
it is possible to adjust the elements of the feedback network to compensate 
for this gain error term, the temperature sensitivity of the open-loop gain 
places a practical limitation on the ultimate accuracy achievable by this 
technique. 

A.5 Frequency Response and Stability 

At direct current and low frequencies it is usually sufficient to regard the 
open-loop gain of the operational amplifier as a number, A0 , which is 
sometimes expressed in decibels: 

Open-loop gain in dB = 20 log A 0 

However, for higher frequencies it is necessary to consider the frequency­
sensitive character of the open-loop gain. The open-Joop gain can be 
approximated by a rational function with one or more poles and (possibly) 
zeros. For example, 

A(s) 
(1 + T1S) (1 + T2S) (1 + T3S) 

A typical plot of the magnitude of A(jw) versus frequency (Bode plot) 
appears in Fig. A.5. 
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Fig. A.5 Typical open-loop gain 
response of an operational am­
plifier. 
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The closed-loop stability of such an amplifier is established by applica­
tion of Bode's criterion. According to Bode's criterion, the rate of 
closure between the open-loop frequency response, A(jw), and the 
reciprocal of the feedback gain l//j(jw), must be less than 12 dB per 
octave for a stable closed-loop system. To guarantee sufficient phase 
margin in the most common feedback circuits, the rate of open-loop gain 
rolloff usually is made approximately 6 dB per octave by internal com­
pensation of the amplifier. The curves of Fig. A.6 illustrate stable and 
unstable situations. Further stability considerations are discussed in 
Chapter 5. 

When the open-loop response of the operational amplifier has a - 6 dB 
per octave rolloff rate, it can be represented by a transfer function having 

Fig. A.6 Typical Bode plots for 
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one pole on the real axis, 

A(s) = Ao 
1 + ToS 

(A-8) 

where 
Ao = open-loop gain at s = 0 (de gain) 

This expression may be substituted into the closed-loop gain expression 
[Eq. (A-6)] to yield 

AcL = ideal gain ~ ideal gain 
1 + (1 +ros)/Ao,8 1 + (To/A0 ,8)s 

A -L -- 1 - 1/,8 
Inverting circuit: =c 1 + (To/ Ao.B)s (A-9) 

Noninverting circuit: AcL = l/,8 
1 + (To/ A0,8)s 

(A-10) 

The loop gain factor A,8 determines the accuracy of the closed-loop gain, 
as discussed earlier. At low frequencies both A(jw) and ,B(jw) may be 
regarded as real numbers and the product A0 ,8 is generally very large. 
However, for higher frequencies, A(jw) begins to decrease in magnitude 
and exhibit considerable phase shift. The loop gain thus decreases as a 
function of frequency and the closed-loop gain becomes less accurate. 
This behavior is illustrated in Fig. A.7 for simple resistive feedback where 

,8 = R1 
RF+ R1 

Several points illustrated by the plots of Fig. A.7 are worthy of mention: 

1. The corner frequency ( -3-dB point) of the closed-loop gain is given 
by the intersection of the A(jw) and_ 1/,8 curves. 

2. The open-loop unity-gain bandwidth, w0 is related to the closed-loop 
-3-dB bandwidth, we, by the equation 

We 
w0 = - = constant 

,8 

Thus the closed-loop bandwidth is proportional to ,8. The constant we is 
sometimes called the gain-bandwidth product. 

3. At low frequencies (where loop gain is high) the closed-loop gain is 
determined by the feedback network. At high frequencies (where loop 
gain is small) the closed-loop gain curve approaches the open-loop gain 
curve asymptotically. 

4. At low frequencies the error term 1/ A,8 is a real number and is equal 
to the gain error. If A,8 is 100 (40 dB), the closed-loop gain error is 
1 percent. 
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Fig. A.7 Illustration of open-loop, closed-loop, and loop gain. (a) Magni­
tude plots; (b) phase plot. 

5. At high frequencies the error term 1/ A{j is approximately 
/1/A!11/ +90°. The magnitude of the closed-loop gain is then 

G _ ideal gain 

CL - Vl + ll/Af1/2 

Thus for A{j = 10/ -90° the closed-loop gain magnitude error is approx­
imately 0.5 percent. Phase-shift error, however, is larger. In mathe-



matical terms 

I GCL I - ideal gain ~ 0 00 
Ideal gain · 5 

IGcL - ideal gain! ~ O.lO 
Ideal gain 

A.6 Common-mode Signal Considerations 

APPENDIX A 
I 

For differential input amplifiers, the voltage at both inputs can be raised 
above ground potential. The common-mode voltage ecm is defined as 
the average of the two input voltages (Fig. A.Sa). 

e1 + e2 
ecm = ---

2 

An operational amplifier responds, ideally, only to the difference voltage 
(e2 - e1) and produces no output voltage for a common-mode input 
voltage. However, in practical amplifiers an input common-mode volt­
agE,i e0 m generates an output voltage eocm, as discussed in Secs. 1.3, 1.4, 
and 4.1. Thus a common-mode gain may be defined 

A - eocm 
cm -

ecm 

This output voltage may be referred to the input and may be represented 
hv the circuit model of Fig. A.Sb. 

It is customary to define a common-mode rejection ratio (CMRR) as 
the ratio of open-loop (differential) gain to common-mode gain. 

or, in decibels, 

A 
CMRR=-

Acm 

CMR(dB) = 20ldgCMRR 

(A-11) 

DEFINITION OF COMMON MODE VOLTAGE 

(a) 

CIRCUIT MODEL OF COMMON MODE ERROR 

(b) 

Fig. A.8 Common-mode rejection concepts. (a) Definition of common-mode 
voltage; (b) circuit model of common-mode error. 
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These definitions tend to obscure the fact that both open-loop gain and 
common-mode gain may be nonlinear functions of signal level. Usually 
the specified value of CMRR represents an average over the signal range. 
Further discussion appears in Appendix B. 

The significance of common-mode rejection ratio in feedback circuits 
will be illustrated by a simple example, the noninverting unity-gain 
circuit (voltage follower) of Fig. A.9. Note that the equivalent common­
mode input error voltage is included. Equations describing the circuit 
operation are 

e2 + eo 
e.m = --- R< e2 

2 

eo = A ( e2 - eo ± C~~R) 

eo(l + A) = e2 (A ± C:RR) 

eo 1 ± 1/CMRR 
e2 1+1/A 

(A-12) 

Thus the finite common-mode rejection ratio contributes an additional 
closed-loop gain error term, in addition to that due to finite open­
loop gain. In many cases the finite common-mode rejection ratio is 
the major contributor to gain error and nonlinearity, particularly in the 
voltage follower configuration. 

A.7 Input Offset Voltage 

The ideal operational amplifier develops zero output voltage when both 
inputs are at zero potential. Any output voltage which appears under 
the above condition can be replaced by an equivalent de input voltage, 
V 0 8 , referred to as the input offset voltage of the amplifier. The effect 
of this de offset voltage may be analyzed in a feedback circuit such as 
that of Fig. A.10. All signal voltage sources are replaced by short 
circuits. Since it is a de analysis, all capacitors are replaced by open 

Fig. A.9 Common-mode rejec­
tion in a voltage follower. 
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Fig. A.10 Model of input offset 
voltage .. 

circuits and all inductors by short circuits. ZF(O) and Z1(0) then repre­
sent the effective resistive components of the feedback network. 

The resulting output offset voltage is 

V = ZF(O) + Z1(0) V = Vos (A-l3) 
0 Z1 (O) 0

" {3(0) 

where {3(0) is the feedback ratio at direct current. 
The expression applies whether the amplifier is used inverting or non­

inverting with the signal source. The offset voltage and its sensitivities 
to various parameters (temperature, power supply voltage, time, etc.) 
represent some of the most important sources of error in operational 
amplifier circuits. Its origin and thermal sensitivities are discussed in 
Chapter 2. Definitions of these sensitivities ("drift") are given in 
Appendix B. 

A.8 Input Bias Current 

Another characteristic of practical operational amplifiers is the need for 
a "bias" current to flow in each input lead. · This current usually repre­
sents the base or gate current, or a portion of it, required by the amplify­
ing elements of the input stage, as discussed in Sec. 2.3. These de bias 
currents may be represented by the current generators shown in Fig. A.11. 
Analysis of this feedback circuit yields an expression for de output 
voltage error due to bias currents: 

Vo = h1RF - IB2R2 ( 1 + ~:) (A-14) 

Fig. A.11 Model for input bias 
currents. 
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In most operational amplifiers the bias currents to IB1 and Is2 will be 
similar in magnitude and will tend to track one another as temperature 
varies. Thus it is possible to minimize the effects of bias currents by 
equating the coefficients of IB 1 and IB2 in Eq. (A-14). This yields the 
equations 

R2 = RFR1 
Ri +RF 

Yo = (IB1 - IB2)RF = IosRF 

(A-15) 

(A-16) 

The difference current, 108 = (ls1 - ls2), is termed the input offset cur­
rent of the amplifier and is usually much smaller than the input bias 
currents. It is not always possible, however, to choose R 1, R2, and 
RF to satisfy the condition of Eq. (A-15). The relationship of Eq. 
(A-14) is more general and applies for all values of these resistors. 

A.9 Input Noise, Voltage, and Currents 

The inherent noise of the operational amplifier, generated internally by 
resistors and active elements as outlined in Secs. 2.4 and 4.3, may be 
represented by equivalent voltage and current noise generators at the 
amplifier inputs. This model is shown in Fig. A.12 where the amplifier 
is operating in a typical feedback circuit. The total output noise is 
given by 

( ZF) / . - ( ini1ZFZ1)2 
Cno = 1 + Z1 '\j (Z2lni2) 2 + en2 + ZF + Z1 (A-17) 

The noise is random and has a variety of spectral characteristics depend­
ing on the active elements used in the amplifier, the internal circuit 
design, and the bandwidth of interest. The bandwidth of the closed­
loop amplifier determines the amount of noise transmitted to the output. 
The greater the closed-loop bandwidth, the greater will be the noise. 
Closed-loop bandwidth may be limited by the frequency characteristics 

Fig. A.12 Model for input noise. 
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of the feedback network or may be limited by the gain-bandwidth product 
of the operational amplifier. The effects of current noise can be reduced 
by decreasing the impedance levels. This, of course, is not always 
possible since some of the impedance elements may be determined by 
other considerations. 

A.10 Output Impedance 

Since practical amplifiers will have nonzero output impedances, the 
effects of such output impedances must be taken into account. In order 
to evaluate these effects, the circuit model and feedback network of 
Fig. A.13 are analyzed. The resulting equations are 

e: = A(e. - /jeo) 
where 

or 

where 

A'= A 1 
1 + Zo/ZL + Zo/(Z1 + ZF) 

Thus the effective open-loop gain is reduced by the factor 

1 

1 + Zo/ZL + Zo/(Z1 + ZF) 

(A-18) 

as a result of the nonzero output impedance and its interaction with the 
load and feedback networks. 

Effective closed-loop output impedance of the amplifier (Zed of Fig. 
A.13 is analyzed by assuming an incremental change in load current, &L. 

Fig. A.13 Model for open-loop 
output impedance. 
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Also 

Thus 

and 

(A-19) 

if 
AfJ » 1 

In words, the equation states that the effective closed-loop output 
impedance is less than the open-loop output impedance by a factor equal 
to the reciprocal of loop gain. 

A.11 Input Impedance 

In the idealized model of the open-loop operational amplifier, the input 
impedance is assumed infinite. In practical operational amplifiers, there 
are two components of input impedance which must be considered. The 
impedance between the two input terminals is the differential input 
impedance Z;d. Impedance from either input to common is designated 
common-mode input impedance Z;cm· 

The effects of these finite impedances may be evaluated for both invert­
ing and noninverting operation, using the circuit of Fig. A.14. The 
expression for output signal becomes 

Fig. A.14 Model for open-loop 
input impedance. 

e1(ZF/Z1) 

1+1/AfJ' 
(A-20) 
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where 

(A-21) 

Note that the feedback factor is modified by consideration of these finite 
input impedances. Also, the expression for noninverting gain is slightly 
modified [compare Eqs. (A-20) and (A-21) with (A-4), (A-5), and (A-5a)]. 

The signal current flowing into the noninverting input is 

i2 = e2(1 + ZF/Z1 + ZF/Zicm) + ~ 
A(l + 1/ A/3')Zid Zicm 

(for ei = O). Examination of this expression with a few simplifying 
assumptions allows a better understanding of its meaning. If 

IA/3'1 » 1.0 ZF « Zicm 
f3 .,,, {3' 

then 

These two terms represent input impedances in parallel. Thus the non­
inverting input impedance is expressed as 

The input current for inverting operation is 

(for e2 = O). For IA.B'I » 1.0, this reduces to 

and the inverting input impedance is given approximately by 

Z; .,,, Z1 (A-23) 

For most feedback circuits, the effects of finite input impedances on 
closed-loop gain are negligible at low frequency. However, at higher 
frequencies the input capacitance can be very significant-sometimes 
dominant-in determining closed-loop frequency response. 
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A.12 Other Parameters 

A good many other parameters are generally specified for operational 
amplifiers. Many of these are specified as sensitivities of the parameters 
already discussed to temperature, power supply voltage, and time. 
Others simply specify design limitations such as rated output voltage 
and current, rated common-mode voltage, power supply drain current, 
etc. Slew rate and full power response frequency are also commonly 
specified. These are defined and discussed elsewhere (Appendix B and 
Chapter 5). 



APPENDIX B 
DEFINITION AND MEASUREMENT 
OF PERFORMANCE CHARACTERISTICS 

Defined in this appendix are the parameters commonly used to character­
ize operational amplifier performance. In each case practical test circuits 
for parameter measurement are presented and described in conjunction 
with the common measurement conditions. The conditions under which 
a given measurement is made will sometimes vary between manufacturers, 
and such differences are examined. In the following discussion the opera­
tional amplifier parameters are presented in the four categories of open­
loop differential characteristics, output signal response, input error signals, 
and common-mode characteristics. 

B.l Open-loop Differential Characteristics 

By itself an operational amplifier is an open-loop device, and its character­
istics measured under this condition determine much of its performance in 
feedback applications. As outlined in Appendix A, many closed-loop 
characteristics can be predicted from the basic amplifier open-loop 
parameters and the feedback loop gain. Open-loop parameters then 
serve as reference points from which the associated characteristics in 

444 
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almost any closed-loop application can be computed. Defined and 
described in this section are the open-loop voltage gain, output resistance, 
input resistance, input capacitance, and unity-gain bandwidth. 

8.1.1 Open-loop voltage gain A This is the ratio of output signal 
voltage to differential input signal voltage. 

The de open-loop gain level Ao is commonly specified; however, it is 
measured with an ac signal in order to discriminate the signal from the 
amplifier de offset voltage. As long as the measurement frequency is 
much lower than the first amplifier pole frequency fp1, the measured gain 
will equal the de level. Since this gain is typically very high, careful 
shielding must be used to avoid hum and noise which can overshadow the 
microvolt-level differential input signal. In some cases the open-loop 
voltage gain is measured under a specific load. Although this auto­
matically includes the effect of this particular load in the gain measure­
ment, it complicates the computation of gain under different load con­
ditions. The open-loop gain measured without a load provides a 
convenient reference from which the effect open-loop gain under a given 
load can be found by considering its loading effect upon the open-loop 
output resistance. When the open-loop gain known is that for a specific 
load, it must first be translated into the unloaded value before the effective 
gain under a different load can be found. 

Although the ac testing avoids measurement error from the de input 
offset voltage, the effect of this voltage must still be removed if the mea­
surement is to be made in the open-loop state since high gain amplification 
of this voltage results in output saturation. In the test circuit of Fig. 
B.la the input offset voltage is counterbalanced by a de input voltage 
supplied with a potentiometer through a voltage divider. Alternatively 
the effect of the de input offset voltage can be removed by applying heavy 
feedback at very low frequencies, as in Fig. B. l'b. In this case the closed­
loop de gain is zero and the offset is not amplified while the feedback is 
chosen so that it does not constrain the amplifier gain at the test fre­
quency. However, the charging of the large capacitor C to the input 
offset voltage level through the high feedback resistance R slows this test. 
In each above circuit an attenuator is used to reduce the input signal 
voltage to an appropriate level for output swings of at least 20 percent of 
the output voltage rating. Also using these circuits the gain magnitude 
frequency response is drawn from a series of measurements at increasing 
frequencies. At higher frequencies the output signal level must be 
decreased to avoid distortion, and the amplified noise begins to interfere 
with the measurement. This problem is removed by applying feedback 
to limit the amplifier gain presented to the noise. As long as the closed­
loop gain established by the feedback is around 50 or more times the 
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Fig. B.1 Open-loop test circuit. 

APPENDIX B 

open-loop gain at the measurement frequency, the response measurement 
is not affected. Such feedback is readily applied to the circuit of Fig. 
B.lb by connecting a gain-limiting resistor in series with the capacitor C. 

Open-loop voltage gain can also be measured under closed-loop condi­
tions with a specified output level by measuring the associated small 
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differential input signal voltage of the amplifier. For such a measure­
ment the effect of the input offset voltage is again constrained by feed­
back, but no capacitance charging delay results. As indicated in Fig. 
B.lc, the output level for this measurement is fixed by the unity-gain 
feedback to a level very nearly equal to the input signal voltage. In 
order to obtain a more accurate measurement of the small differential 
input voltage ei the voltage divider shown is inserted between the sum­
ming junction and the amplifier input. As a result, feedback forces the 
summing junction to be an amplified replica of ei which is far easier to 
measure. As long as the summing junction signal is very small in com­
parison with the output signal, the divider introduces only a small error. 

Frequently the first amplifier response pole occurs below 50 Hz, 
especially for amplifiers with a continuous - 6 dB per octave response 
slope. Gain measure with an ac signal frequency well below this pole 
frequency is complicated by the low-frequency limitations of common 
meters and test oscillators. To permit gain measurement at 1 Hz or 
lower, the test circuit of Fig. B.2 can be used without the need for a test 
oscillator or ac meter. As shown, the amplifier under test is connected 
in the feedback configuration of Fig. B.lc, which develops an amplified 
replica of the differential input voltage at the junction of the summing 
and feedback resistors. In this case the test signal is supplied by the 
1-Hz square-wave generator formed with A1, and the output of the am­
plifier being tested would be a square wave of rated output level. The 
associated summing junction signal is separated from its de offset voltage 
by the 10-µf coupling capacitors and the FET switches. By switching 
one end of a coupling capacitor to ground on one half cycle, the signal 
swing at that point is referenced to zero on the other half cycle. As a 
result, the inputs to the differential instrumentation amplifier are two 
ground-referenced square waves as shown with amplitudes which equal 
that of the summing junction signal. These square waves are of opposite 
phase and polarity since they result from opposite phase switching. By 
amplifying the difference of these two signals, the instrumentation 
amplifier produces a de output related to the amplitude of the summing 
junction signal and, thereby, to the de gain as expressed. This de output 
is produced in only one cycle since the switches rapidly charge the cou­
pling capacitors. To avoid response sag on this signal the instrumen­
tation amplifier should be a high input impedance FET type. 

B.1.2 Output resistance Ro This is the effective output source resis-
tance when operated open loop. 

Using the open-loop parameter test circuits of Figs. B.1 and B.2, the 
output resistance of an operational amplifier is measured by observing the 
low-frequency gain decrease produced by the load. The gain decrease 
results from the output voltage division across the output resistance and 
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1 Hz SQUARE WAVE 

GENERATOR 

Fig. B.2 A 1-Hz open-loop test circuit. 

the load resistance, and the loaded gain is 

I RL 
A0 = R R Ao 

0 + L 

Then the output resistance will be 

Ro = (!~ - 1) RL 

c. 

APPENDIX B 

INSTRUMENTATION 
AMPLIFIER 

Note that for the closed-loop measurement circuit of Figs. B.lc and B.2 
the feedback resistance also represents a load to the output. From the 
open-loop output resistance found in this way, the analogous resistance 
under closed-loop conditions can be approximated by the open-loop value 
divided by the loop gain as indicated in Appendix A. 

B.1.3 Differential input resistance R1 This is the effective resistance 
between the two inputs when operated open loop. 

This resistance characteristic is also measured by observing the open­
loop gain loss from a voltage divider formed with the resistance. With 
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the open-loop test circuit of Fig. B. la the gain loss resulting from inser­
tion of the two source resistances Ro in Fig. B.3 is measured. Either of 
the other open-loop gain measurement circuits can also be used. The 
capacitors paralleling the source resistances help to reduce high-frequency 
noise. When the switches are opened, the gain will decrease because 
of input loading, as indicated by a drop in eo to a new value of 

I R1 
e0 = 2Ro + R1 eo 

as long as the test frequency is much less than .!-"21l'RoCa. From this 
measurement the input resistance can be found as 

Two source resistances Ra are inserted to balance out the effect of stray 
output signal coupling to the inputs by the added resistance. With 
equal resistances added to the two inputs the signals coupled to each input 
will be nearly equal and thereby eliminated by the amplifier common­
mode rejection. However, this measurement remains extremely sensi­
tive to such stray feedback which makes shielding, short input leads, 
and low values of Ra necessary. For the high input resistance provided 
by an FET or varactor input stage this measurement is not feasible, but 
it is seldom necessary to predict accurately such a high input resistance. 
From the results of Appendix A, the open-loop input resistance found.­
in this test can be related to that of the closed-loop case. The closed­
loop resistance is approximated by the open-loop value multiplied by the 
loop gain. However, the closed-loop differential input resistance is 
limited to the level of the common-mode input resistance which shunts 
the inputs. 

-40dB 

10 k.Q 
f« fp1 10 TURN 

v 

Fig. B.3 Test circuit for differential input resistance and capacitance. 
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B.1.4 Differential input capacitance Cr This is the effective capaci­
tance between the two inputs when operated open loop. 

This capacitance can be measured in the same manner as was the dif­
ferential input resistance above. However, the stray coupling problem 
is even more severe at the higher frequencies used here, and a well­
shielded test fixture is imperative. The frequency at which the test is 
to be performed should be chosen considering the frequency-independent 
nature of the value of the input capacitance. In general, the differential 
input capacitance is largely Miller-effect capacitance at low frequencies. 
As described in Sec. 1.2, this capacitance drops ~o a much lower value at 
higher frequencies when the first-stage gain falls, reducing the Miller 
effect. The high capacitance at low frequencies may not represent 
a significant shunt to the input resistance or to normal source resistance 
levels. In this general case the higher frequency input capacitance is 
of more interest. 

B.1.5 Unity-gain bandwidth fc This is the frequency range from direct 
current to that frequency at which the open-loop gain crosses unity. 

Because of slewing rate limiting only small-signal response is achieved 
at this frequency, and the output test signal should be observed to ensure 
that the amplifier is in linear operation. The small output signal in 
this test would be significantly affected by the highly amplified noise 
common to the open-loop test circuits. For this reason the unity-gain 
bandwidth is measured in a lower-gain closed-loop circuit such as Fig. 
B.4. As long as the closed-loop gain limit imposed by the feedback is 
far greater than unity the response near the unity-gain point is not 
significantly altered by the feedback. 

B.2 Output Signal Response 

Many factors limit the output signal performance of operational ampli­
fiers. To characterize this performance, the parameters frequently speci­
fied include the rated output, slewing rate, full power response, settling 
time, and overload recovery time. Each of these is defined in this sec­
tion with associated test circuits. 

fc =THAT FREQUENCY FOR WHICH e0 = - e5 

Fig. B.4 Unity-gain bandwidth 
test circuit. 
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B.2.1 Rated output Rated output is the peak values of output voltage 
and current which can be simultaneously supplied. 

This parameter is simply measured using a low-frequency output volt­
age which swings to the positive and negative limits. An output load is 
connected which, in conjunction with the feedback resistor, would raise 
the peak output current to its rated level at the rated peak voltage. 
The resulting output swing limits define the amplifier output capabilities. 
Since output current limiting can limit the output voltage swing under 
load, the two output signal ratings are interdependent and specified 
together. 

B.2.2 Slewing rate Sr This is the maximum rate of change of output 
voltage when supplying the rated output. 

In general, slewing rate is measured in the unity-gain voltage follower 
circuit of Fig. B.5a as this is most often the worst-case condition. With 
this circuit the amplifier common-mode swing limitations which would 
affect slewing rate are also included in the test. Alternatively the 
measurement can be performed in an inverting circuit such as Fig. B.5b. 
The inverting test is most commonly used for single-ended input ampli­
fiers. Once again the feedback resistor R2 acts as part of the output load. 
With either circuit the amplifier is driven by a high-frequency square 
wave of sufficient magnitude to drive the output beyond its rated level. 
The output is overdriven in both directions as represented in Fig. B.6 
in order to remove the rounded peaks from the measurement interval as 
these portions are not slewing-rate-limited. From this response the 
slewing rate is found as the slope of the transition between the rated 
output extremes. Frequently the positive and negative swings will 
have different slewing rates, and both must be examined. In such a 
case the lower slewing rate is commonly specified. 

(o) (b) 

Fig. B.5 Test circuits for slewing rate and full power response measurement. 
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B.2.3 Full power response f P This is the maximum frequency at which 
rated output can be supplied without significant distortion. 

This response limit is often a result of the rate limiting which determines 
slewing rate above. In this case the rate limiting affects sinusoidal 
signals by limiting their slopes. By equating the maximum slope of a 
sine wave to the slewing rate, full power response is related to Sr by 

f _ _§_ 
p -

211'Eor 

where Eor is the rated output voltage. The full power response can be 
independently measured using a sinusoidal signal with the circuits of 
Fig. B.5, which were described above, for the slewing rate test. For 
measurement the signal frequency is increased until the maximum fre­
quency is found for which the rated output can be maintained without 
significant distortion. In general, the distortion is eliminated by feed­
back until the limiting frequency is reached, and so a rough visual 
evaluation is satisfactorily accurate to define f P. Distortion levels of a 
few percent can typically be detected in this test, because of the obvious 
effect of the limiting. When measuring the f P of fast amplifiers in the 
noninverting gain circuit of Fig. B.5b, it may become necessary to 
increase the input signal amplitude as the open-loop gain drops below 
the desired closed-loop gain level. Alternatively, unity-gain feedback 
can be used to avoid output signal decrease from the open-loop gain drop. 

B.2.4 Settling time t. Settling time is the time following application 
of a step input required for output voltage settling to within a specified 
percentage of its final value. 

Eo max 

e 
0 

Fig. B.6 Slewing rate test signal. 
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Fig. B.7 Output signal settling time. 
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As defined, the settling time is a measure of the time for which an opera­
tional amplifier does not provide an accurate output following a rapid 
signal change. In general, t. is specified for rated output voltage and 
current transitions in a unity-gain circuit and for an error band of 0.1 or 
0.01 percent of the rated voltage level. Such a measurement is repre­
sented on the signal waveform of Fig. B. 7. Note that the rise time con­
trolled by slewing rate is included in the settling time, as this is part of 
the time for which the output is in error. In practice the specified error 
band is too small to observe with the output signal directly, and it is 
necessary to separate the error from the signal for measurement. This is 
achieved in unity-gain measurement circuits by subtracting the output 
signal from the input signal. 

When a unity-gain inverting test circuit is used as in Fig. B.8, this 
subtraction is readily achieved with the added R2 resistors which sum the 
input and output signals. Only the error signal attenuated by a factor 
of 2 appears at the junction of these resistors if they are matched and if 

Fig. B.8 Settling time measure­
ment circuit. 
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the gain is exactly unity. This error signal can be observed on an oscillo­
scope, but the oscilloscope must have an overload recovery time which is 
small compared with t. in order to accommodate the large initial error 
signal. Care must be taken to avoid stray lead capacitances which can 
greatly alter the results of this test. The resistors R 1 and R2 are made 
small to further reduce the effects of such capacitances, and these resistors 
serve as the load resistance. When the settling time of the noninverting 
configuration is to be measured, a high-speed differential amplifier is used 
to subtract the output signal from that at the input. Such differential 
amplifiers are included in some high-speed oscilloscopes, but fast overload 
recovery must also be assured. 

B.2.5 Overload recovery time This is the time required for the output 
to return to linear operation from saturation following removal of an 
overdrive signal. 

The recovery time depends somewhat upon the degree of overload and 
the feedback impedance. A common test condition is that achieved with 
the circuit of Fig. B.5b using a square-wave input signal of a level which 
is twice that needed to reach output saturation. This is a 100 percent 
overdrive condition. Measurement is made by observing the time delay 
between the input and output signal. 

B.3 Input Error Signals 

Input error signals which limit the signal sensitivity of operational ampli­
fiers are produced by de biasing and noise as described in Chapters 2 and 
4. The de biasing errors are represented by the equivalent input offset 
voltage, input bias currents, input offset current, and their thermal drifts. 
As described in the same chapters, noise is represented by the equivalent 
input noise voltage and input noise currents. By defining these error 
signals as equivalent input signals, a representation results which is 
valid for any feedback configuration. 

B.3.1 Input offset voltage Vos This is the differential de input voltage 
required to provide zero output voltage with no input signal or source 
resistance. 

As will be described later, the input offset voltage varies with tempera­
ture and power supply voltage. The offset is most commonly specified 
at room temperature for rated power supply voltage. Frequently a 
maximum offset over the operating temperature range is also specified. 
To facilitate the measurement of the input offset voltage a high-gain test 
circuit is used to amplify the offset as indicated in Fig. B.9. 
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B.3.2 Input offset voltage drift This drift is the rate of change of input 
offset voltage with temperature, power supply voltage, or time. 

Each of these drift characteristics can be measured by using the input 
offset voltage test circuit of Fig. B. 9 to measure Vos at several tempera­
tures, power supply levels, or times. The drifts are commonly measured 
as average drifts over a specified range to simplify measurement and 
specification. Testing is then required at only a few points of the speci­
fied range to provide the average drift figure. However, care must be 
taken to avoid averaging two large but opposing drifts over different 
portions of the specified range. The average of such a U-shaped drift 
curve would be deceptively small. For this reason a measurement is 
commonly made at an intermediate point of the range. From this inter­
mediate measurement and two end point tests the two separate drifts 
are computed, and their magnitudes are averaged to define the average 
drift. The input offset voltage drift as a function of temperature is 
defined in this way by 

( dVos) 
dT Av 

IVos(T1) - Vos(25°C)I + IVos(T2) - Vos(25°)j 

IT1 - T21 

where the specified temperature range is from T 1 to T 2 and the intermedi­
ate point is 25°C. Similar expressions can be used to evaluate drift 
versus power supply voltage and time. 

B.3.3 Input bias current Is This current is the de biasing current 
required at either input to provide zero output voltage with no input 
signal or offset voltage. 

As described in Chapter 2, the input bias current is the base current of 
bipolar input transistor or the gate leakage current of an input FET. 
This current is commonly specified at room temperature and over the 
operating temperature range. Generally the specified limits are maxima 
applying to either input bias current; however, the limits are sometimes 
applied to the less definite average of the two currents. The input bias 
currents are measured by forcing them to flow in large resistors, as in the 

Fig. B.9 Input offset voltage 
test circuit. 

E =·_(R1+R2\V 
o \ R1 ) OS 
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test circuit of Fig. B.10, which are bypassed to reduce noise. Because 
of the large resistors the output voltage created by the input bias currents 
overshadows that due to Vos with bipolar transistor input amplifiers. 
The output voltage is essentially the product of one of the resistors and 
the associated current. For FET input, chopper-stabilized, and varactor 
amplifiers the higher resistance levels are used to measure the very low 
gate currents, and it is typically necessary first to null the input offset 
voltage. 

B.3.4 Input bias current drift This is the rate of change of input bias 
current with high temperature, power supply voltage, or time. 

The average drifts are generally measured by using the test circuit of 
Fig. B.10 with the average defined in the same way as was the average 
input offset voltage drift above. 

B.3.5 Input offset current Ios This is the difference between the two 
input bias currents. 

This difference current is measured as indicated in Fig. B.10. Since 
-the measurement takes the difference between two currents which are of 
the same order of magnitude, it is necessary to match the two resistors to 
within about 0.1 percent. 

B.3.6 Input offset current drift This drift is the rate of change of input 
offset current with temperature, power supply voltage, or time. 

S1 

SWITCHES E* .01/Lf OPEN 0 

s1 1e1 RG 

Sz -le2RG RG 

s,. s2 1os RG 10 M!l TO 1kM!l 

*FOR Eo >>Vos 
Eo 

.01 
JLf RG 10M!lT01kM!l 

Fig. B.10 Measurement circuit for input bias currents and 
input offset current. 
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The average drifts are generally measured by using the test circuit of 
Fig. B.10, with the average drift defined in the same way as was the 
average input offset voltage drift. 

B.3.7 Input noise voltage en This is the equivalent differential input 
noise voltage which would reproduce the noise at the output if all am­
plifier noise sources were set to zero when the source resistances are zero. 

The small input noise voltage is most conveniently measured in a high­
gain circuit which amplifies the noise, such as that of Fig. B.11. An 
output filter is used to limit the measurement to that noise within the 
specified bandwidth. Note that the closed-loop response of the amplifier 
must encompass this bandwidth for accurate amplification of the noise in 
question. Although a truly rectangular filter passband including only 
the specified frequency range is not possible, a known filter response can 
be related to an effective rectangular passband as discussed in Sec. 4.3. 
For a single-pole low-pass filter with a pole at f P an effective noise band­
width is defined by Eq. (4-36) as 

For measurement the circuit requires an exceptionally well-shielded 
environment, particularly if the measurement passband includes the ac 

SWITCHES eo 
OPEN 101 

en 

s1 in1 RG * 
R1 R2 s2 in2RGJIE-

100.a 10 kil 
s1 10 M.ll. 

RG TO 

c I 5000µ.f 
100Mil 

FILTER e0 

10 M.ll. 
TO 

100 M.ll. 

Fig. B.11 Measurement circuit for equivalent input noise voltage and input 
noise currents. 
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power frequency. An enclosed test fixture shpuld be used with a low­
noise power supply such as a battery. Care should be taken to avoid 
noise coupling from adjacent electrical equipment or wiring. 

B.3.8 Input noise current in This current is the equivalent input noise 
current at either input which would reproduce the output noise if the 
amplifier noise sources were set to zero when the associated source 
resistance is large compared with en/in. 

By inserting large source resistances in series with the inputs, as shown 
in Fig. B.11; an output noise can be developed which is essentially the 
product of either noise current and a source resistor Rs. However, care 
must be taken to ensure that the output noise due to in is greater than the 
thermal noise of Rs as well as greater than en. As discussed in Sec. 4.3 
and displayed in Fig. 4.3, the thermal noise of Ra can mask that created 
by in over certain source resistance ranges. Although the noise currents 
are generally distinguishable for bipolar transistor input amplifiers, the 
smaller noise currents of chopper-stabilized, varactor, and FET input 
operational amplifiers can be masked by the thermal noise of Ra. The 
latter noise from Sec. 1.4 is 

ina = ~4KTfB 
Ra 

where fB is the measurement bandwidth. Because of this thermal noise, 
the above current noise test is not generally recommended or needed for 
FET input or varactor amplifiers. The same shielding outlined for the 
input noise voltage measurement should be observed here. 

B.4 Common-mode Characteristics 

The input ground isolation and noise rejection provided by the common­
mode signal capabilities of an operational arrplifier are defined by four 
basic parameters. These are the common-mode input resistance, input 
capacitance, rejection ratio, and voltage range. 

B.4.1 Common-mode rejection ratio CMRR This is the ratio of the 
differential voltage gain to the common-mode voltage gain. 

As expressed, the CMRR is a figure of merit comparing the gain received 
by differential signals with that received by common-mode signals. The 
common-mode gain is often a nonlinear function of the common-mode 
voltage level, especially for FET input amplifiers. For this reason the 
full common-mode voltage swing must be used in measuring CMRR to 
result in a figure which applies over the rated common-mode voltage 
range. This is achieved by using the difference amplifier circuit of Fig. 



Definition and Measurement of Performance Characteristics 459 

B.12. For well-matched or balanced resistors as indicated, the signal at 
the two inputs is essentially a common-mode signal. However, the 
common-mode unbalance of the amplifier produces an output error 
voltage and an associated differential input voltage ei = eo/ Ad. Then 
the common-mode rejection ratio can be written 

CMRR = Ad = eo/ei e.m 
Acm eo/ecm e; 

This can be rewritten considering 

Ri + R2 
eo = ei 

Ri 
and 

The common-mode rejection ratio is then expressed simply in terms of the 
input and output signals by combining the last three relationships to get 

CMRR = Ri + R2 e. 
Ri eo 

B.4.2 Common-mode input resistance Ricm This resistance is the 
effective resistance between either input and common. 

This test is analogous to that employed for the measurement of 
differential input resistance. By inserting a bypassed resistance in series 
with the input in Fig. B.13, a voltage divider is formed with Rrcm which 
attenuates the signal as expressed by 

1 Ricm 
e = eo 

0 Rrcm +Ra 

R; 

100 k.O. 

CMRR = - 1 - 2 _s_ ( R +R ) e 

R1 eo 

Fig. B.12 Common-mode rejection measurement circuit. 
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R - 0 R ( e I ) 

lcm - e0 - e~ G 
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Fig. B.13 Common-mode input 
resistance test circuit. 

The common-mode input resistance is found by noting the output signal 
change and using this change in the resulting expression for Ricm: 

I 

R eo R 
!cm = I G 

eo - eo 

For FET input and varactor amplifiers this measurement is severely dis­
turbed by noise and stray capacitance signal coupling, because of the 
very large value of RG required. However, it is seldom necessary to 
know accurately this large resistance, and it is generally sufficient to 
consider the levels predicted from component characteristics. 

B.4.3 Common-mode input capacitance Clem This capacitance is the 
effective capacitance between either input and common. 

The capacitive portion of common-mode input impedance is measured 
in a manner analogous to that of Fig. B.13 for the input resistance. 
Greater care is needed in shielding to avoid feedback signal coupling 
through stray capacitances. 

B.4.4 Rated common-1ttode input voltage This is the peak value of 
common-mode input voltage which can be applied for linear operation. 

The common-mode voltage range is typically limited by saturation of 
the input stage. The saturation: point is readily detected in the CMRR 
test circuit of Fig. B.12 by observing the input voltage level which results 
in a sudden, large increase in output voltage. 



APPENDIX C 
SENSITIVITY OF ACTIVE FILTERS 

C.1 Sensitivity Fundamentals 

Sensitivity is a measure of the change in some performance characteristic 
of a network resulting from a change in value of one or more of the ele­
ments of the network. Thus sensitivity functions are useful for evaluat­
ing changes in network performance due to element value tolerances or 
to element value changes with time and temperature. In this appendix 
the sensitivities of the magnitude of the voltage transfer function 
jH(jw)I = G(w), of the phase cf>(w), and of the group delay r(w) with 
respect to changes in H0 , a, and w0 are derived. Then in each section 
describing specific circuits, the sensitivities of these parameters with 
respect to circuit element changes are presented. The sensitivities of 
the magnitude of the filter voltage transfer function G(w) = IH(jw)I and 
the phase cf>(w) are of interest because these quantities are used to specify 
and to evaluate filter performance. Furthermore, these are the quantities 
measured by an ac voltmeter and a phasemeter. Another network 
function is the group delayr(w), which is important in applications requir­
ing a linear phase characteristic (constant group delay). 
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C.1.1 Definition of sensitivity The symbol S is used to denote sensi­
tivity. In addition, a superscript character is used to indicate the 
performance characteristic that is changing, and a subscript character 
is used to indicate the specific element or parameter that is causing the 
change. The sensitivity of a network function N(w) with respect to a 
parameter x is defined by 

SxN = dN(w)/N(w) = _x_ dN(w) 
dx/x N(w) dx 

It must be emphasized that sensitivity functions are theoretically valid 
only for infinitesimal changes. However, as a practical matter, the 
sensitivity function is sufficiently accurate for changes in element values 
or network parameters of 5 percent, or even 10 percent in some cases. 

Note that changes in N and x have been normalized so that the 
sensitivity function actually specifies percentage changes from the 
nominal values of N and x. 

A modification of this sensitivity definition is useful for filter applica­
tions. In such applications the magnitude of the voltage transfer func­
tion is usually expressed in decibels, 

g(w) = 20 log G(w) 

It is perhaps more useful then to have a sensitivity function that answers 
the question: How many decibels does the magnitude of the filter response 
change for a given normalized element value change? In mathematical 
terms we want 

dg 
8"g = dx/x 

where S,.g is the unnormalized change of the magnitude response in 
decibels for a normalized change in the network parameter or element x. 
We can find S"g in terms of Sx G. 

Sxg = dg(w) = d[20 log G(w)] 
dx/x dx/x 

_ 20 l d[loge G(w)] 
- oge dx/x 

= 8.685880 dG(w)/G(w) 
dx/x 

S,.g = 8.7SxG 

The sensitivity of the network functions G(w), tf>(w), and T(w), discussed 
in the preceding section, to changes in the network parameters Ho, wo, 
and a for single real pole and complex pole pair filter sections for low-pass, 
high-pass, and bandpass will now be presented. 
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C.1.2 Low-pass sensitivity functions 

Single Pole 

s 4> = Wo 

sin 2</> 
---

2</> 

Sw.T = 2 sin2 "' - 1 

Complex Pole Pair 

- cos 2q, 

Sw.a = 2 - ~022 [ 2 + ::2 (a 2 - 2)] 

w2 Q2 
Saa= -a2 __ 

Wo 2 Ho2 

SH.a = 1 

Sw.<1> = sin 2q, + 2w0 (sin2 
"') 

2</> aw </> 

S <1> = sin 2q, 
" 2q, 

S ( 2 sin 2</> w0 ) q, S 2 sin2 q, w0 T = - - COS 2</> - w/ - ---
a w W 0T aw0r 

S ( 2 sin 2q, a ) q, S 2 sin2 q, 
aT = . - - COS 2q, - a</> - ---

Wo w ar aw0 r 

C.1.3 High-pass sensitivity functions 

Single Pole 

SH.a = 1 

S 4> = +sin 2</> 
Wo 2q, 

Sw.r = +2 cos2 <P - 1 = cos 2q, 

Complex Pole Pairs 

463 



464 

S .. 2wo • 2 + sin 2q, 
'"•.,. = oiwrp sm q, 2;-

S • = sin 2rp 
.. 2q, 

APPENDIX C 

S ( 2 sin 2q, w0 2 ) q, S .. 2 sin2 q, 
.. /= --cos"' - ...... ----

cir WT Wo OIWor 

S ( 2 sin 2rp oi 2 ) q, S .. 2 sin2 q, 
a" = - - COS rp - a"' - ---

Wor WT Cl oiw0r 

SH.a= 1 

C.1.4 Bandpass sensitivity functions 

Complex Pole Pairs 

S G = 1 -~ (2 "'02 + a 2 - 2) 
'"• Ho2a2 w2 

a2 
Sa.G = -SQG = 1 - -

Ho2 

S .. 2wo . 2 sin 2q, 
...... = oiwrp sm q, - 2;-

S • = - sin 2q, 
Of. 2q, 

("'o 2 . ) q, 2 cos2 q, s ..... = - cos 2q, - - sm 2q, - s ... • - ---
"' a Wor oiwor 

( a 2 . ) q, 2 cos2 q, 
Sa" = - cos 2q, - - sm 2q, - s .. • - ---

"' Wo cir OIWor 

In the bandpass case the sensitivity functions Sx"'•, S,.Q, and SxH. are 
probably of more interest than SxG· Sx0 would be useful for evaluating 
the sensitivity of stagger-tuned bandpass filters. Sx• is important for 
applications when a phase match must be maintained between two filters. 

C.1.5 Some sensitivity identities In following sections that describe 
actual filter realizations, the sensitivity of the network parameters 
a = 1/Q, w0 , and H 0 to element value changes will be given. Using these 
sensitivity equations along with those sensitivity equations given above, 
and through the use of several identities relating sensitivity functions in 
·general, we will be able to find the sensitivity of the magnitude, phase, 
and group delay to individual element value changes as well as develop 
sensitivity equations for filters involving several pole pair sections. 

Some useful identities involving sensitivity functions follow: 
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n 

2. Sx:v(wi,w2, . . ,wn) l SOli:vSx .. , 
i=-1 

n 

l Sx:v' 
i-1 

4. Sx"(x)/v(x) = Bx" - Sxv 
5. Sxk:v•<x> = nS,.:v<x> 

n 

6. If l Y1(x) = 2:;, 
i =-1 

C.2 Application of Sensitivity Functions 

465 

w; = w;(x) 

As an example of the use of sensitivity functions for one stage, consider a 
complex pole pair stage with resistors R1 and R2 and capacitors C1 and C2. 
It is desired to find out how much the magnitude, phase, and group delay 
change when all these parameters change. Let 6x1 = dx;/x; be the nor­
malized change in element x;. The new magnitude response will be 

Gnew = Go1d(l + SR1°6R1 + sR.06R, + Sc1°6c1 + Sc.06c,) 

where we have obtained SR1°, SR,0, etc., from 

SR,0 = sH.0sR1Ho + s ... 0·SR/"0 + Sa0SR1a 

The normalized incremental change in G is then 

60 = Gnaw - Go1d = (SR106R1 + SR,o6R, + Sc106c1 + Sc,oac.) 
Go1d 

Thus, in general, we can write for a single stage 
n 

60 = r Sx,0 6x1 
i=l 

where n is the number of elements being considered. Phase and group 
delay are analyzed in the same manner and yield 

n 

6"' = L Sx1"'6x1 
i-1 

n 

6T = r Sx{6x1 
i=l 



466 APPENDIX C 

Now let us calculate the incremental change in the magnitude response, 
phase, and group delay of several cascaded stages for changes in element 
values. Let Ba; = dG;/G; be the normalized change in G;. The new 
gain of M cascaded stages is 

M 

Gnew = Il G;(l +Ba,) 
i=l 

M 

Go1d = Il G; 
i=l 

The normalized change in overall gain is then 
M 

Ba = Il (1 + Ba,) - 1 
i-1 

Substituting from above the Ba; for each stage, the overall normalized 
change in magnitude for M cascaded stages is · 

M ni 

Ba= Il (1 + l Sx,a;Bx,) - 1 
i=l i~l 

where ni is the number of elements being considered in each jth stage. 
For example, consider a four-pole, two-stage filter. We want to cal­
culate the effect of the capacitor tolerance on the magnitude response. 
First we calculate 

and similarly Sc.a.. The S, Sc1H01, Sc;"';, and Sc;"'0; are numbers obtained 
after the particular circuit realization has been designed. The SH0;a;, 
Sa1G;1 and S.,0;a; Were derived earlier in this section for each particular 
single-pole or complex conjugate pole pair low-pass-, high-pass-, and 
bandpass-type filter stages. Sc,a• and Sc,a• are also calculated as above. 
Thus, for the overall filter 

Ba = (1 + Sc,a•Bc, + Sc.a•Bc.) (1 + Sc,a•Bc, + Sc,a•Bc,) - 1 

If the tolerances on the capacitor are ± 10 percent, then Be, = ± 0.1. 
Worst-case choices for the sign B will depend on the sign of Sc1a1 for a 
particular w. 

Remember Ba is a function of w. Once an w is chosen, Ba will be 
determined. Suppose at w = WA, Sc,a, = Sc.a, = Sc,a, = Sc,a, = 0.2 
and Bc1 = +0.1. Then 

Ba = ~ = (1 + 0.02 + 0.02) (1 + 0.02 + 0.02) - 1 

Ba = 0.082 or 0.71 dB 
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For an individual stage the normalized change in phase for normalized 
changes in element values is 

Di 

liq,,= L S,,llix; 
i=l 

where ni is the number of elements being considered. For M cascaded 
stages the new phase is 

c/>new = cp(l + Ii.pl) + c/>2(1 + liq,,) + • • • c/>M(l + /iq,ll) 
M 

"'old = _r "'</>• 
i-1 

The normalized change in total phase is then 
M 

_r "'ili.p. 
~ _ c/>new - c/>old _ i=l 
uq, - - ~M~-

c/>old _r "'i 
i=l 

and substituting the liq,1 for each stage 

For our four-pole example we first calculate 

Sc,4>1 = S,.<1>1Sc,a1 + S.,/18c,"'•1 

and similarly Sx/1. Again the S01a and Sc,"'• depend on the circuit 
realization, and the S .. 1<1>1 and S.,01<1>1 are given earlier in this section. Sc/• 
and Sc,<1>2 are also calculated as above. Thus, for the overall filter 

~ _ c/>1(Sc,4> 11ic, + Sc/lie,) + c?2(Sc,<l>lic, + Sc,<l>lic,) 
uq, -

c/>1 + c/>2 

As a numerical example, suppose 

so that lie, = lie, = lie, = lie, = 0.1, and that cp 1(wA) = 0.628 radian and 
c?2(wA) = 1 radian. Then 

Ii - 0.628(0.003 + 0.003 + 0.003) + 1(0.003 + 0.003) 
</> - 1.628 

liq,= 0.006 
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The discussion for phase also applies to the group delay r since, like phase, 
the group delays of individual stages add. 

For an individual stage then 

and for M cascaded stages 

Bi 

OT1 = L Sxt Ox1 
i-1 
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Ac amplifiers, 222-225 
Ac to de converter, 248-249 
Active filters, 282-326 

band-reject, 286-287 
bandpass, 286-287, 291-295, 299-303, 

307-313 
basic characteristics of, 283-284 
circuit elements, 317-319 
controlled-source, 295-303 
effect of bias current, 313-314 
effect of offset voltage, 313-314 
effects of finite gain, 314-316 
high-pass, 285-286, 290-291, 298-299 
low-pass, 284-285, 288-290, 296-298, 

305-307 
multiple-feedback, 288-295 
negative immittance converters, 308-

310 
noise, 314 
sensitivity, 289, 291, 292, 294-295, 

296-300, 302, 305-307, 309-310, 
461-468 

state-variable circuit, 303-308 

Active filters, tuning procedures, 288, 
291, 295, 303, 307, 310-313 

Amplitude demodulation (see 
Demodulation) 

Amplitude modulation (see Modulation) 
Analog-to-digital (A/D) converters, 341-

348 
counter-ramp type, 342-343 

continuous, 343-344 
dual-slope method, 346-348 
successive-approximation type, 344-

346 
Analog multiplexers (see Multiplexers, 

analog) 
Analog multipliers (see Multipliers, 

analog) 

Bandwidth, 11 
cascode, 46 
class A-B stage, 107 
common-emitter, 101 
common-mode, 24, 28 
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Bandwidth, common-source, 102 
differential stage, 15, 20, 123, 177, 183 
dynamic load, 104 
effect of loading on, 219-221 
emitter-follower, 99 
operational amplifier, 123 
source-follower, 99 
totem pole, 109 
unity gain, 450 
(See also Frequenc:y re~onse) 

Bias current (see Input bias current) 
Bode plots, 166, 432-435 
"Bootstrapping" of ac amplifier input 

impedance, 223-224 
Breakpoint, 251-254 
Bridge amplifiers, 208-212 

(See also Differential de amplifiers) 

Capacitance: 
collector-base, 15 
gate-drain, 20 
input (see Input capacitance) 
loading, 14, 39, 186, 219-221 
output, 16, 21 

Cascode differential stage, 44 
Charge amplifiers, 233-235 
Chopper-stabilized amplifiers, 150, 214 
Closed-loop gain, 428-429, 430-432 
Common-emitter stage, 100 
Common-mode, 21 

error, 29, 33, 37 
feedback, 43 
range, 40, 460 
rejection, 34, 38, 47, 96, 122, 436-437, 

458 
Common-source stage, 101 
Comparators, 358-366 

amplitude classifier, 366-368 
hysteresis, 361-364 
level detection, 360-362 
switching speed, 361-362 
window comparator, 364-366 
zero-crossing detection, 359-360 

Compression amplifiers (see Logarithmic 
amplifiers) 

Current amplifiers, 232-233 
Current limiting, 113 

diode clamp, 117 
foldback, 118 
resistive, 115 
transistor clamp, 117 

Current source: 
bias, 41 
load, 47, 102 
output impedance, 42, 102 

INDEX 

Current-to-voltage converters (see 
Current amplifiers) 

Damping ratio, 191, 194 
Darlington differential stage, 70 
Deadspace circuit, 250-251 
Definitions, 444 
Demodulation, 413-425 

amplitude, 413-417 
FM, 417-425 
phase-locking, 420-425 
phase-sensitive, 413-415 
pulse-sample, 415 
pulse-width, 425 

Difference amplifier (see Differential de 
amplifiers) 

Differential de amplifiers, 201-207 
Differential stage, 1 

biasing, 39 
common-mode model, 24, 28 
complete model, 25, 28 
differential-signal model. 14, 20 

Differentiator, 174, 218-219 
Digital-to-analog converters, 335-340 

bipolar converters, 339-340 
errors, 337, 339 
MDAC, 340-341 
settling time, 339 
unipolar converters, 335-339 

Diode function generators, 251-258 
Diode limiters, 231-.<,.;,:;_ 
Dividers, analog, 279-280 

Emitter-base voltage, 53 
thermal drift, 54 

Emitter-follower, 98, 104 
Error amplifier (see Differential de 

amplifiers) 

Feedback factor, 166, J72, 431-432 
Feedback stability, 165, 170, 185, 432-

434 
Filters (see Active filters) 
Frequency compensation (see Phase 

compensation) 
Frequency demodulation (see 

Demodulation) 
Frequency modulation (see Modulation) 
Frequency response, 123, 129, 159, 167, 

177, 180, 183, 190, 434, 445 
(See also Bandwidth; Bode plots) 

Full power response, 452 
Function generators (see Diode function 

generators) · 
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Gain, 1 
cascode, 47 
chopper channel, 157 
common-emitter, 100 
common-mode, 23, 24, 27, 28, 32, 37, 

44, 121 
common-source, 101 
differential, 6, 8, 15, 19, 120 
dynamic load, 48, 102 
emitter-follower, 98 
feedforward, 183 
operational amplifier, 121, 445 
source-follower, 99 
totem pole, 108 
varactor bridge, 163 
(See also Closed-loop gain; Open-loop 

gain) 
Gate leakage current, 76 
Gate-source voltages, 60 

thermal drift, 61 

Ideal amplifier properties, 427-428 
Ideal diode, 237 
Input bias current, 39, 47, 67, 77, 135, 

136, 159, 160, 455 
compensation, 72 
effects of, 438-439 
thermal drift, 68, 77, 135, 136, 456 

Input capacitance: 
cascode, 46 
class A-B stage, 107 
common-emitter, 101, 124 
common-mode, 23, 27, 460 
common-source, 102, 125 
differential, 13, 19, 124, 450 
dynamic load, 104 
effects of, 442 
emitter-follower, 98 
operational amplifier, 13, 124, 450 
source-follower, 99 
totem pole, 110 

Input impedance, 441-442 
(See also Input resistance) 

Input noise, 78, 81, 138, 457 
current, 84, 87, 138, 458 
total, 143 
voltage, 83, 87, 141, 142, 457 

Input offset current, 69, 77, 134, 136, 456 
thermal drift, 70, 135, 456 

Input offset voltage, 52, 58, 135, 137, 152, 
158, 160, 454 

balance, 56, 67, 445 
effects of, 437-438 
thermal drift, 54, 62, 135, 137, 455 
thermal drift balance, 56, 64 

Input protection, 93, 94 

Input resistance: 
chopper channel, 158 
common-emitter, 100 
common-mode, 22, 26, 43, 459 
differential, 7, 9, 448 
dynamic load, 103 
emitter-follower, 98 
operational amplifier, 120, 448 
totem pole, 108 
varactor amplifier, 163 

Input stages, 40, 43, 44, 47, 91 
Instrumentation amplifier 

(see Differential de amplifiers) 
Integrators, 213-218 

choice of amplifier for, 214 
effect of bias current, 213-214 
effect of offset voltage, 213-214 
feedback capacitor, 214 
frequency response, 214--215 
mode control, 217-218 
transient response, 215--217 

Intermediate stages, 41, 43, 44, 47, 95 
Inverting amplifier circuits, 428--430 

Level shifting, 96 
Limiters, 237-251 

applications of, 247-251 
feedback type, 241-248 
precision type, 245--247 
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Line-driving amplifiers, 219-222 
Loading, effect of, on bandwidth, 219-222 
Log-ratio circuit, 264-265 
Logarithmic amplifiers, 258-267 
Loop gain, 166, 431, 434 

Matching, 21, 41, 52, 59 
Maximum selector, 251 
Modulation, 397-413 

amplitude, 397-400 
frequency, 400-403 
pulse amplitude, 398-400 
pulse-width, 411-413 
suppressed carrier, 397-398 

Multiplexers, analog, 327-335 
buffer amplifier for, 328--330 

CMR" (common-mode rejection), 
331-332 

cross talk, 330 
differential input, 331-333 
J-FET type, 329 
MOSFET type, 328--329 

multitiered connection, 332-335 
settling time, 331 
shielding and guarding, 331-333 
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Multipliers, analog, 268-280 
current-ratioing type, 277-280 
logarith.mic type, 268-270 
quarter-square type, 270-271 
time-division, 273-276 
triangle-averaging type, 271-273 
variable transconductance, 276-277 

Multivibrators (see Waveform 
generators) 

Noise: 
bandwidth, 146,457 
bipolar transistor, 81 
effects of, 439-440 
FET (field-effect transistor), 86 
shot, 78 
thermal, 79 
(See also Input noise) 

Noise figure, 147 
Noninverting amplifier circuits, 430-431 

Offset current (see Input offset current) 
Offset voltage (see Input offset voltage) 
Open-loop gain, 431-433, 445 
Oscillators (see Waveform generators) 
Output impedance, 219-221, 440, 458 

(See also Output resistance) 
Output resistance: 

cascode, 47 
chopper channel, 158 
common-emitter, 100 
common-mode, 22, 27 
common-source, 101 
differential, 7, 9 
dynamic load, 50 
emitter-follower, 98 
operational amplifier, 120, 447 
source-follower, 99 
totem pole, 108 

Output stages, 104 
class A, 105 
class A-B, 106 
differential, 112 
high-current, 111 
high-voltage, 110 
totem pole, 107 

Overload recovery, 454 
Overshoot, 191 

(See also Peak detectors, overshoot) 

Peak detectors, 353-358 
decay rate, 354 
mode control, 353-354, 357-358 
overshoot, 354-355 

Peak-to-peak detector, 358 

Peaking, 186, 196 
vs. damping ratio, 194 
gain, 187 
vs. phase margin, 190 

Phase compensation, 91, 165, 174 
feedforward, 158, 183 
Miller effect, 181 
RC shunt, 176 
selection, 196 
-6 dB/octave, 180 
-6-12-6 dB/octave, 180 

Phase margin, 175, 189, 196 
Phase response, 169, 170 

(See also Bode plots) 
Precision gate, 250-251 

INDEX 

Precision limiter (see Limiters, precision 
type) 

Pulse-width demodulation (see 
Demodulation) 

Pulse-width modulation (see Modulation) 

Rated output, 451 
Reference voltage source, 229-230 
Regulators (see Voltage regulators) 
Ringing, 191 
Root mean square (rms), 280 

Sample-hold circuits, 349-353 
acquisition time, 349-352 
aperture time, 349 
drift, 350 
errors, 350-351, 353 

Sensitivity functions: 
application of, 465-468 
bandpass functions, 463-464 
definition of, 461-462 
high-pass functions, 463-464 
identities, 464-465 
low-pass functions, 462-463 

Settling time, 193, 453 
of D/A converter, 339 
of multiplexer, 331 
of sample-hold, 349-350 

Signal generators 
(see Waveform generators) 

Signal-to-noise ratio, 147 
Slewing rate, 39, 92, 193, 451 
Square root, 280 
Squaring, 258, 280 
Stability (see Feedback stability) 
Step response, 190, 196 

Test circuits, 444 
Transducer amplifiers (see Bridge 

amplifiers; Differential de 
amplifiers) 
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Unbalance: 
common-mode, 29 
de bias, 131 
source impedance, 68, 203 
thermal drift, 133 

Varactor amplifiers, 150, 160, 233 
Variable diode function generators (8ee 

Diode function generators) 
Virtual ground concept, 429-430 
Voltage controlled oscillator, 400-403 
Voltage follower, 430-431 
Voltage regulators, 230-232 
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Voltage-to-current converters, 225--229 
Voltage-to-frequency converters, 403-411 

Waveform generators, 370-396 
function generator, 375--377 
multivibrators, 392-396 
phase-shift oscillator, 391-392 
quadrature oscillator, 385-391 
sine wave, 377, 381-392 
square wave, 370-377 
triangle wave, 373-381 
Wien-bridge oscillator, 381-385 

Zero temperature coefficient, 61 
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