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A radio transmitter is a device for
converting some form of intelligence into
electrical impulses suitable for trans-
mission through space. In its simplest
form, a transmitter consists of a source of
rf energy, called the master oscillator, and
one or more stages of rf power amplifi-
cation.

In practical transmitters, such as the
one shown in block diagram form in Fig.
1, there are a number of stages between
the master oscillator and the antenna.
Since each stage is a form of rf power
amplifier, let’s briefly discuss the partic-
ular role each one plays in the overall
operation of the transmitter.

Immediately following the master
oscillator is a stage called the buffer
amplifier. Its purpose is to present a light
constant load to the oscillator, which
helps maintain a stable oscillator fre-
quency. The FCC requires that very close
control of output frequency be main-

tained on all radio transmitters under its
jurisdiction.

The next stage, called a frequency
multiplier, produces an output whose
frequency is some multiple of the input
frequency. The presence of this stage
permits the master oscillator to be oper-
ated at a frequency lower than the
transmitted frequency. It is much easier
to design highly stable oscillator circuits
at the lower radio frequencies; therefore,
one or more frequency multiplier stages
are an essential part of most radio trans-
mitters.

The driver and power output stages
provide the remaining amplification nec-
essary to supply power to the antenna.
This output power may range from less
than 100 watts to [ million watts,
depending on the transmitter type and
the purpose for which it is to be used. In
recent years low power circuits, which
formerly used vacuum tubes, have been
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Fig. 1. Block diagram of a basic transmitter. All the stages are operated class C.

redesigned to use economical, efficient
transistors. In many low to medium
power mobile transmitters, transistors are
used in all stages delivering as much as 75
watts of rf output power at 175 MHz. In
other transmitters, all but the driver and
final amplifier (power output) stages have
been replaced by transistors. There is
every reason to suppose that this trend
will continue as the high-frequency power
handling capability of transistors is
improved.

The vacuum tube, however, is still used
in high power stages of transmitters
which are employed in the AM, TV and
FM broadcast fields. It will no doubt
remain so for quite some time to come.
Very large vacuum tubes are required to
handle the enormous power outputs of
these transmitters. There are three charac-
teristics of all rf power amplifiers, tran-
sistors or vacuum tubes which are of
concern to us. They are linearity, power
gain, and efficiency.

The linearity of an amplifier is a
measure of how closely the amplified
output follows the input; in other words,
a measure of how much distortion is
introduced into the output signal by the
amplifier. Linear amplifiers, which intro-
duce very little distortion into the signals
they amplify, are a subject in themselves
and will be considered in a later lesson.

The power gain of an amplifier, usually
expressed in db, tells us how much the
power level of the input signal is
increased by the amplifier. Power gain
depends on circuit design and the tube or
transistor type used in the circuit. Beam

power tetrodes have the highest power
gain of any other conventional vacuum
tube type. For this, as well as other
reasons, the beam power tetrode is the
most commonly used tube in modern
transmitters. The power gain of tran-
sistors does not compare favorably with
that of vacuum tubes at higher radio
frequencies. This limitation may be par-
tially overcome by adding more stages or
using more than one transistor in each
stage.

The efficiency of an amplifier, ex-
pressed as a percentage, is the amount of
dc input power to the stage actually
converted to rf energy at the output. Ina
vacuum tube stage, the power input is the
product of the plate supply voltage times
the average current. For example, sup-
pose the plate supply voltage is 3000
volts, the plate current 450 milliamps,
and the power output of the stage 1000
watts. The dc input power to the stage is:

P=EXI
P= 3000 X .45 = 1350 watts

The efficiency of the stage can then be
found by using the following formula:

Power Out

% Efficiency = — X 100
Power In
1000

% Efficiency = —— X 100= 74%
1350

In a previous lesson, you learned that
class C amplifiers give the highest practi-
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cal efficiency, ranging up to 75%. This is
compared to efficiencies of 35% to 50%
for class B and as little as 30% to 35% for
class A. However, the high efficiency of
class C amplifiers is obtained at the
expense of linearity. As you'll remember,
output current flows for less than half the
input cycle in a class C amplifier. This
output current pulse bears little resem-
blance to the input signal which produced
it and is therefore highly distorted.

If the output circuit of the class C
amplifier is a resonant tank, this current
pulse shock-excites the tank so that a
complete sine wave is produced. Thus the

nonlinearity of the class C amplifier is
effectively eliminated when a single rf
frequency (a sine wave) is to be ampli-
fied. This, along with the class C ampli-
fier’s high efficiency, makes it suitable to
many rf power amplifier applications.

In the next section we’ll discuss class C
if amplifier fundamentals. The infor-
mation presented in this section applies
to both vacuum tubes and transistors.
Later, we’ll discuss specific applications
of vacuum tube and transistor amplifiers.
In the final section, we’ll talk about the
various adjustments which may be made
to both types of amplifier circuits.




RF Power Amplifier Fundamentals

In any amplifier, heat is generated by
the current flow through the internal
resistance of the stage. The power used to
generate this heat represents wasted
energy and subtracts from the power that
could go to the output. The high effi-
ciency of a class C amplifier is due largely
to the fact that current flows for a
relatively short portion of the input
cycle. It is only during this short con-
ducting period that power-wasting heat is
generated within the amplifier. To begin
our discussion of class C amplifiers, we’ll
consider the relationships between the
current conducting time and the signal
voltage waveforms in an operating class C
amplifier.

CURRENT AND VOLTAGE
RELATIONSHIPS

The graph in Fig. 2 shows the output
current pulse produced by an input signal
at various dc bias levels. Look first at the
signal at bias level 1. This signal is below
the cutoff value of the amplifier for all
of the negative half-cycle and nearly all of
the positive half-cycle. OQutput current
flows only for the time the input voltage
goes above cutoff. Now look at the signal
at bias level 2. It has the same amplitude
as the first signal but, because we've
increased the bias, this signal exceeds the
cutoff level for a shorter period. As a
result, the output current pulse produced
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Fig. 2. Output current pulse produced by input signals at various amplitudes and bias levels.
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also flows for a shorter period and is
lower in amplitude. Increasing the ampli-
tude of the input voltage has the same
effect as decreasing the bias. That is, the
output current flows for a longer time.
Another way of looking at these basic
relationships is shown in Fig. 3. Fig. 3A
shows two basic class C amplifiers; one
uses a vacuum tube, the other a tran-
sistor. Fig. 3B shows the voltage and
current waveforms appearing at the
inputs and outputs of the amplifiers.
Again notice that output current flows
only during the period when the input
signal exceeds the cutoff level of the
amplifier. The output voltage waveform
Eou¢ is produced by the flywheel action
of the resonant output circuit.
Conduction Angle. There are 360 elec-
trical degrees in one complete cycle of a
sine wave. The number of electrical

B+

®

INPUT VOLTAGE

degrees the output current flows in a class
C amplifier is called the conduction angle
or operating angle of the stage. As you’ve
seen, the operating angle depends on both
the dc bias and the amplitude of the
driving signal. Although amplifier effi-
ciency is higher at the smaller operating
angles, the power output is less because
the output current pulse is reduced in
amplitude and flows for a shorter period.
Therefore, the operating angle must be a
compromise between maximum effi.
ciency and the highest power output. In
making this compromise, the driving sig-
nal is maintained at a level sufficient to
drive the stage into saturation while the
bias is adjusted for the correct operating
angle.

Driving Power. To drive a vacuum tube
amplifier into saturation requires that the
grid be driven positive. The positive grid
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Fig. 3. Basic relationships between current and signal voltages in a class C amplifier.



draws current, causing power to be con-
sumed in the grid circuit. Likewise, in a
transistor amplifier, base current flows
during the time the driving signal
forward-biases the emitter-base junction.
The result of this base current flow is that
power is consumed in the base circuit.
The power consumed in the input
circuit of a class C amplifier, called the
driving power, must be supplied by the
previous stage. Thus the input circuit of
one class C amplifier represents the load
on the stage which comes before it.
Furthermore, this load presented by the
input circuit varies over the period of an
operating cycle, reaching a maximum
when the input signal causes maximum
current to be drawn. As we’ll see later, we
can use this current flow in the input
circuit to develop bias for the stage.

TANK CIRCUITS

The resonant circuit in the output of a
class C amplifier has several important
jobs to do. We’ve already mentioned the
most basic of these, that of changing the
output current pulse into a complete sine
wave. This resonant circuit is also
required to present the proper load
impedance to the stage, and to suppress
the undesired harmonics generated within
the stage. Let’s discuss these last two in
detail.

Load Impedance. In order to obtain
the maximum power gain from a class C
amplifier, or any other amplifier for that
matter, the impedance of the load must
match the internal impedance of the
amplifier. However, do not confuse
power gain with power output. It is quite
possible that an amplifier operating with
a matched load, for maximum power
gain, is not delivering its maximum out-
put power.

This is especially true for transistor rf
power amplifiers. These amplifiers are
very often designed to operate from
automotive type battery supplies, thus
limiting collector supply voltages to the
12 to 28 volt range. With the load
matched to the internal impedance of the
amplifier, there may be insufficient col-
lector current flow to give the required
power output. Using a value of load
resistance lower than the input imped-
ance of the stage results in a greater
collector current flow and higher power
output. Therefore, in some cases power
gain must be sacrificed for power output.

Factors Affecting Impedance. Since
the output tank circuit must offer the
correct load impedance for the class C
amplifier, let’s look at some of the factors
which affect this impedance. We know
that to be resonant, the L and the C of
the tank circuit must offer equal reac-
tances at the operating frequency. If we
increase the value of L, the value of X
will increase. To maintain resonance, we
must increase X¢ by decreasing C. Having
increased the value of X and X¢ by
equal amounts, we have increased the
total impedance of the circuit without
affecting the resonant frequency.

Any resistance present in the tank acts
to decrease the total impedance of the
circuit. The values of C, L, and R are
related to total impedance by the follow-
ing formula:

From the formula, you can see that
increasing the ratio of L to C in the tank
causes the impedance to increase. Increas-
ing the resistance in the tank causes
impedance to decrease. This leads us to a
discussion of tank circuit Q.



Circuit Q. The Q of a coil, as you
know, is the ratio of its reactance to its
resistance or:

A capacitor also has a Q, but its value is
very large due to the capacitor’s low
internal resistance. The Q of a tank
circuit, therefore, is equal to the Q of the
coil.

Fig. 4 shows an amplifier with a
parallel-tuned tank circuit in its output.
At the operating frequency of this ampli-
fier, let’s assume the X of the coil is
6000 ohms and its resistance (Rg) is 20
ohms. The Q of this unloaded tank circuit
then is:

XL, 6000

=—=—= 300

Rg 20

The Q of unloaded tank circuits in
practical transmitters may range from
200 to 800. Fig. SA shows the same
amplifier of Fig. 4 inductively coupled to
a load. This load might be a transmission
line, an antenna, or another rf amplifier.
The effect of this load is to reflect an
additional resistance into the tank circuit.
The equivalent circuit, shown in Fig. 5B,
contains this reflected resistance (R, ") in
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Fig. 4. Amplifier with a parallel tuned output
tank showing impedances at resonance.
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Fig. 5. Tank circuit coupled to a load and its
equivalent circuit.

series with the resistance of the coil. The
exact value of Ry’ depends on the value
of the load resistance as well as the
coupling to the load. We’ll assume a value
of 380 ohms for our discussion. The Q of
the tank now becomes:

Xy 6000
R.'+Rg 400

Q= 15

Thus, the Q of the tank circuit went
from an unloaded value of 300 to the
loaded value of 15 due to the resistance
reflected into the tank circuit by the
load. From the previous discussion of
tank impedance, you know that this
additional resistance in the tank also
decreases the impedance of the tank.
Tank Q and tank impedance are closely
related quantities. Factors which change
one will also change the other in the same
direction.

Let’s see now why this is important.



You know that only the resistance in a
circuit consumes power. Inductive and
capacitive reactances, under conditions of
resonance, merely transfer energy back
and forth between themselves. Therefore,
when the tank is loaded, all of the power
in the circuit is consumed by the resis-
tances Rg and Ry '. The power consumed
in Ry’ represents power consumed by the
load, while that consumed by Rg is
dissipated as heat in the tank circuit.
From Ohm’s Law we derive that P= [*R,
so the power consumed by the load far
exceeds that lost as heat in the tank. This
is because of a larger value of Ry . We can
actually calculate the efficiency of the
tank circuit by the formula:

QL
=(1—-——)X 100
Ege = ( QU)

In our example, the unloaded Q (Qy) was
300, and the loaded Q (Qp) was 15.
Therefore:

15
=(1-—)X 100
Ege = ( 300)
Egr = (1 — .05) X 100 = 95%

Suppose we increased the coupling to
the load and reflected a larger value of
resistance into the tank. This would
decrease Qp without affecting Qy, result-
ing in a higher tank circuit efficiency. But
remember, tank impedance is dependent
on the resistance in the tank, so changing
the coupling to the load changes the tank
impedance. Since the stage is designed for
best operation at a particular tank imped-
ance, there is only one correct value of
loading on the tank.

Reducing Harmonics. The output pulse
of a class C amplifier contains, in addition
to the fundamental, numerous harmonic
frequency components. As you’ll learn

later in this lesson, this fact enables us to
operate a class C stage as a frequency
multiplier. The output tank circuit offers
maximum impedance at the frequency to
which it is tuned. Harmonic frequencies,
seeing a relatively lower impedance, are
not developed across the tank circuit in
any great magnitude. The circuit which
couples the tank to its load is usually
designed with harmonic suppression in
mind. Sometimes, special traps must be
used in output coupling networks which
either shunt the harmonics to ground or
block their passage to the antenna.

An additional precaution against har-
monic radiation is to use an electrostatic
shield between two inductively coupled
circuits. A shield of this type, called a
Faraday screen, is shown in Fig. 6.

The Faraday screen consists of a num-
ber of wires fastened together at one end
and open at the other. The ends of the
wires that are connected together are
grounded. Capacitively coupled harmonic
currents will flow to the screen wires
rather than to the pickup coil. At the
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Fig. 6. An electrostatic shield or Faraday screen

between the output tank and the antenna pick-

up coil is used to prevent harmonic currents

from flowing through the capacity between the
coils,



same time, because the wires do not form
closed circuits, there can be no voltage
induced in them by the magnetic field.
Therefore, they do not interfere with the
inductive coupling betwecn the output
tank and the link coil. This method is
very effective in reducing the trans-
mission of harmonics from an output
tank circuit to an antenna or transmission
line.

COUPLING METHODS

The resonant tank in the output of a
class C amplifier forms the basis of the
coupling circuit to the amplifier’s load.
We know that the impedance presented
to the stage by the output tank circuit
depends, to a large measure, on the
equivalent resistance in the tank. We also
know that the value of this equivalent
resistance is primarily that reflected into
the tank by the load. To obtain the
correct tank impedance for the amplifier,
the coupling must reflect a certain value
of resistance into the tank. In most cases,
the actual value of the load resistance
connected directly across the tank would
not reflect the correct resistance into the
tank. Therefore, the coupling method
must give an impedance transformation.
The simplest way to accomplish this
impedance transformation is to use a
transformer as a method of inductive
coupling.

Inductive Coupling. Fig. 7 shows two
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Fig. 7. Inductive coupled amplifiers.

amplifier stages inductively coupled
together. In this circuit, the resistance
reflected into the output tank for ampli-
fier 1 is adjusted by varying the spacing
between the coils. Varying this spacing
also adjusts the drive to amplifier 2. The
circuit is designed to reflect the correct
resistance and provide the proper drive at
the same setting.

A variation of inductive coupling is
shown in Fig. 8. This method is called
link coupling. It consists of a coil with
only a few turns of wire inductively
coupled to an output tank. A similar coil
is inductively coupled to the load. The
connection between the two coils is
usually by means of shielded coaxial
cable, so it may run some distance with
very little loss. Link coupling may also be
used between the final power amplifier in
a transmitter and a low impedance trans-
mission line. As in the conventional
inductive coupling already discussed, the
coupling is adjusted by varying the
spacing between one of the link coils and
the tank. Sometimes the link itself is
tuned by a variable reactance. When this
is done, the tuned link provides addi-
tional suppression of harmonics generated
in the previous stages.

Notice that the method of applying B+
to the stage in Fig. 8 differs from that of
Fig. 7. In Fig. 8, this voltage is applied
through a radio frequency choke (rfc).
The rfc offers a very high impedance at
the operating frequency, so it keeps the
signal voltage out of the power supply.
When the power supply, the tank circuit,
and the stage are connected in series, as in
Fig. 7, the amplifier is said to be series-
fed. When the power supply, tank circuit,
and stage are in parallel (or shunt), as in
Fig. 8, the amplifier is said to be shunt-
fed.

Tapped Tank Circuits. Another
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Fig. 8. Link coupled amplifiers.

method of obtaining an impedance trans-
formation is to connect the load across
only a portion of the tank coil. Such a
method is shown in Fig, 9A. The value of
resistance reflected into the tank is
dependent on the position of the tap. In
Fig. 9B, the tank capacitor is split to
provide the impedance transformation.
The values of C; and C, determine the
value of load resistance seen by the tank
(reflected resistance).

The methods shown in Figs. 9A and 9B
may be combined as shown in Fig. 9C.
With this circuit arrangement, the internal
impedance of the stage, as seen by the
tank, is transformed to a higher value by
the tapped coil. Using this method the
required value of loaded Q in the tank
may be maintained in spite of low values
of internal impedance (such as found in
transistor stages). The values of C, and
C,, as before, determine the value of load
resistance seen by the tank.

Network Coupling. Fig. 10 shows three
types of networks frequently used to
couple class C amplifiers to their loads.
The various arms of each are shown as
impedances in the figure. In practical
networks of this type these impedances
will be combinations of L and C compo-
nents. Later on in your course you'll
learn to calculate the reactance values for
the arms of these networks to give a
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required impedance transformation. For
now, it is enough for you to know
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Fig. 9. Tapped tank circuits used for impe-
dance transformation.
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Fig. 10. Networks used to couple an amplifier
to its load.

that they fulfill all the requirements of a
tank circuit and can provide impedance
transformations over a very wide range of
values. In addition, these circuits can be
easily designed to attenuate undesired
harmonic frequencies.

Fig. 11 shows an example of how each
of these networks (L, m, T) is used to
couple an amplifier to its load. The
network used in any particular appli-
cation depends on the magnitude of the
impedance levels to be transformed. The
networks themselves may be coupled
together in a variety of combinations to
provide the proper load to the amplifier
and greater harmonic attenuation. It is
important to remember in the examples
of this section that R; may represent the
input of another amplifier, a transmission
line, or an antenna. The only difference
between these three types of loads, as far
as the amplifier is concerned, is the
impedance level. An antenna or trans-
mission line usually offers a lower imped-
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Fig. 11. Amplifiers using L, 7, and T network
coupling to load.

ance, and therefore a greater load, to
an amplifier than the input circuit of
another amplifier.

SELF-TEST QUESTIONS

(a) What is the primary reason class C
amplifiers operate at higher effi-
ciencies than class A or class B
amplifiers?

What two factors affect the oper-
ating angle of a class C amplifier?

Is impedance matching between an
amplifier and its load always desir-
able? Why?

Suppose we wanted to increase the
impedance of a parallel-tuned tank
without changing the coupling or
the resonant frequency. What com-
ponents in the tank should be

(b)
©

@



(e)

®
(®

(h)

changed and in what direction?

If the coupling to a tank is adjusted
to increase the load on the tank,
what would happen to the loaded
Q? The unloaded Q? The efficiency
of the tank?

If the loaded Q of a tank decreases,
what would happen to the tank
impedance?

How does the output tank circuit
reduce the harmonics present in the
output of a class C amplifier?

How would you increase the cou-
pling between two inductively cou-
pled amplifiers?

0)
G

(k)

Is amplifier [ (shown in Fig. 6)
series-fed or shunt-fed?

In a transistor f power amplifier,
the internal resistance of the stage is
found to load the output tank so
heavily that a high enough loaded Q
cannot be obtained. If the amplifier
is connected to the tank as shown in
Fig. 6, what change could be made
in the circuit to increase the loaded
Q of the tank?

Normally, which would more heav-
ily load a class C amplifier: an
antenna or another class C ampli-
fier?

12



Vacuum Tube RF Power

Now that you have a basic under-
standing of rf power amplifiers, let’s take
a detailed look at some applications
which use vacuum tubes. In the first
section we’ll discuss methods of obtaining
the class C bias necessary to get the
proper conduction angle from the ampli-
fier. Then we’ll look at some of the
methods employed to insure stable ampli-
fier operation. Finally, we’ll take a look
at some practical rf amplifier circuits,
including frequency multipliers.

BIAS METHODS

Some typical class C bias methods are
shown in Fig. 12. The three most com-
mon biasing methods are shown at A, B,
and C.

External Bias. In Fig. 12A, the bias is
obtained from an external bias supply
and is coupled through an isolating rf
choke to the grid of the stage. The rf
choke acts as a high impedance and
prevents the power supply circuit from
acting as a shunt for the radio-frequency
energy.

Fig. 12A. External bias.
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Fig. 12B. Grid-leak bias.

Grid-Leak Bias. In Fig. 12B, grid-leak
bias is used. With this method of biasing,
the grid current that flows during the
crest of the positive half of the cycle of
the incoming signal charges capacitor C,
to a high negative value. During the
interval between grid current pulses, the
capacitor discharges through grid-leak
resistor Rg. The discharge current de-
velops a steady negative voltage across
R,. The value of this voltage depends
upon the value of Rg and on the current
through it. One advantage of this circuit
is that the bias adjusts itself when the
driving power is changed. Increasing the
driving power increases the grid current
and therefore increases the voltage drop
across R;. Thus, with grid-leak bias,
changing the driving power does not
appreciably change the operating angle.

A disadvantage of using grid-leak bias
alone is that if there is a failure in the
preceding stage, so that no excitation is
supplied to the grid of the amplifier,
there will be no bias developed. Excessive
plate current will then flow, and if the
circuit is not suitably protected, the tube
and its associated components will be
damaged.



Fig. 12C. Combination external and grid-leak
bias.

Combination External and Grid-Leak
Bias. To protect the tube against loss of
bias, a combination of external and grid-
leak bias, shown in Fig. 12C, is often
used. This circuit has the self-adjusting
features of the circuit in Fig. 12B, and at
the same time provides enough bias to
protect the tube if there is a failure in the
preceding stage.

Cathode Bias. The tube can also be
protected against the loss of excitation by
using the cathode bias combination,
shown in Fig. [2D. The amount of
protective bias, in either Fig. 12C or Fig.
12D, is chosen so that the plate current
through the tube multiplied by the plate
voltage is equal to or less than the

CATHODE
BIAS
RESISTOR

Fig. 12D. Cathode bias,

maximum safe plate dissipation of the
tube. The disadvantage of cathode bias is
that part of the power supplied to the
plate circuit of the tube is wasted in the
cathode resistor. In large high-power
stages this might be a substanial amount.

Variations. The circuits in Figs. 12A
through 12D show the basic class C bias
methods. There are also some minor
variations of these circuits.

3{ 73 -

F

Fig. 12E. Variation of circuit shown in Fig. 12A.

+ _j=
Fig. 12F. Variation of circuit shown in Fig. 12C.

For example, the circuit shown in Fig.
I2A may be rearranged as in Fig. 12E,
eliminating the rf choke and coupling ca-
pacitor. The circuit in Fig. 12C may be
rearranged as in Fig. 12F. Perhaps we
should remind you that you will find
minor variations in many circuits.



Do not conclude that a circuit is
necessarily different from the basic cir-
cuit you have studied just because it has
been changed slightly. Study the circuit
carefully and you will probably find that
the method of operation is basically the
same.

AMPLIFIER STABILITY

Class C amplifiers using triode tubes
will go into self-oscillation easily because
of feedback between the input and out-
put circuits. As you will learn in a later
lesson, a tuned-grid, tuned-plate oscillator
is simply an unstable class C amplifier.

The feedback path in a triode is
through the grid-to-plate capacity. Since
this capacity is quite large in a triode
tube, enough energy from the plate cir-
cuit can be fed back to the grid to
overcome the grid-circuit losses and cause
the stage to oscillate at a frequency near
the resonant frequency of the tuned
circuits.

Oscillation will not take place if the
plate tank circuit is tuned precisely to
resonance; the tank circuit must be
slightly detuned to sustain oscillation.
Precise adjustment, however, is very diffi-
cult. Even if you were able to make such
an adjustment, the amplifier would be
unstable. Slight changes in supply volt-

BLOCKING CAPACITOR

ages and load would cause it to go into
oscillation.

The feedback signal in a triode ampli-
fier must be neutralized to prevent oscil-
lation. The stage is neutralized by feeding
a second signal back into the grid circuit.
This second signal must be of opposite
polarity and of the same amplitude as the
signal fed into the grid circuit through the
grid-plate capacity of the tube in order to
cancel the feedback.

The most basic method of neutral-
ization is shown in Fig. [3. In this circuit,
a coil is inserted between the grid and the
plate. In series with the coil is a blocking
capacitor, which keeps the dc plate volt-
age off the grid of the tube. It has no
other effect on the neutralizing circuit.
The value of the coil is chosen to resonate
with the grid-to-plate capacity at the
frequency to which the amplifier is
tuned.

The current through the coil lags the
voltage 90°; the current through the
capacity leads the voltage 90°. Therefore,
the currents through the coil and the
capacity are 180° out-of-phase and cancel
each other. The disadvantage of this
simple and basic method of neutralization
is that it must be retuned when the
operating frequency is changed. Let’s
look at other methods of neutralization.
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Fig. 13. Neutralization for a triode tube stage.



Fig. 14. Plate or “‘Hazeltine’ neutralization.

Plate Neutralization. Fig. 14 shows a
plate or *Hazeltine” neutralization. In
this circuit arrangement, the coil used in
the plate tank circuit is tapped, and the
tap on the coil is operated at rf ground
potential by grounding it through the
capacitor C.

A signal voltage is developed between
ground and the bottom end of the coil
that is out-of-phase with the voltage at
the plate end of the coil. By connecting
the bottom of the tank circuit to the grid
of the amplifier through the capacitor C,,
which is called the neutralizing capacitor,
we can get a signal at the grid that will
cancel the feedback from plate to grid
through the tube capacity. Capacitor C,
is adjustable so that we can apply the
exact amount of signal needed to cancel
out the signal fed back through the tube.

The plate neutralization system can be
considered as a balanced bridge circuit. A
bridge circuit is shown in Fig. 15A. The
input voltage is applied between terminals
A and B and the output voltage is taken
off between C and D. If the ratio of
impedance Z, to impedance Z, is equal
to the ratio of Zy to Z,, the voltage
between terminals C and D will be zero,
and we say the bridge is balanced.

The plate neutralization system in Fig.
14 can be redrawn as a bridge circuit as
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shown in Fig. 15B. The voltage is applied
to terminal A from the plate of the tube.
The voltage applied to terminal B is the
voltage induced in the lower half of the
coil in the plate circuit of the tube. We
have labeled this half of the coil L,, and
the upper half L,. Terminal C of the
bridge is connected to the grid of the
tube and terminal D is grounded. L, is
made equal to L, by center-tapping the
coil. When C, is adjusted to equal Cgp,
the ratio of L, to L, will be equal to the
ratio of Cyp to Cy,. Then the bridge will
be balanced, so there will be no voltage
fed back to the grid circuit from the
output circuit.

With this type of circuit, once the stage
is neutralized it will remain neutralized
over a reasonably wide frequency range,
if the coil is exactly center-tapped, so
that L, is exactly equal to L,. If L, is
not exactly equal to L,, the stage can still
be neutralized simply by making the ratio

A
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Fig. 15. Equivalent bridge arrangement of
plate neutralization circuit.



of the impedance of C,, to the imped-
ance of C, equal to the ratio of the
impedance of L, to the impedance of L,.
If there is an appreciable difference
between the values of L, and L,, the
frequency range over which the stage will
remain neutralized becomes limited.
Another circuit for plate neutralization
is shown in Fig. 16. In this circuit the
center tap on the coil is not operated at rf
ground potential; it is connected to B+
through an f choke. The ground point is
taken at the rotors of a split-stator tuning
capacitor. A split-stator capacitor is a
variable capacitor with one set of rotor
plates and two sets of stator plates that
are insulated from each other. The volt-
ages at the two ends of the coil are equal
and of opposite phase. The circuit in Fig.
16 can be shown as a balanced bridge by
substituting the sections of the split-
stator tuning capacitor for coils L, and
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Fig. 16. Another plate neutralization circuit.

L, in Fig. 15B. The rf ground in both
circuits is made through a capacitor
(marked C in Fig. 16).

Grid Neutralization. The tapped-grid
circuit arrangement shown in Fig. 17 can
also be used for neutralization. This is
referred to as grid neutralization or Rice
neutralization. The neutralizing signal is
taken from the plate and applied to one
end of a tapped coil in the grid-tuned
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Fig. 17. Grid or “Rice” neutralization.

circuit. The rf ground connection is made
to the center tap on the grid coil. The
polarity of the feedback signal, intro-
duced through the neutralizing capacitor
C, to one end of the grid coil, is in phase
with the signal that is fed directly to the
other end of the grid coil through the
plate-grid capacity.

By properly adjusting the neutralizing
capacitor C,, voltage fed through it can
be made equal to the voltage fed through
the tube capacity. These two voltages will
cause equal currents to flow through the
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Fig. 18. Split-stator grid neutralization.
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Fig. 19. Inductive neutralization.

grid coil in opposite directions. These
currents will induce new voltages in the
grid coil which will tend to cancel the
voltage fed through C, and C;p. A
split-stator version of grid neutralization
is shown in Fig. 18. Its operation is
essentially the same as that of Fig. 16.

Inductive Neutralization. Still another
method of neutralization is shown in Fig.
19. This is referred to as inductive neu-
tralization, because the neutralizing signal
is obtained by inductive coupling
between the plate and grid-tuned circuits.
The signal induced in the grid circuit by
the inductive link is opposite in polarity
to the feedback signal, and gives feedback
cancellation.

Parasitics. Neutralization of an ampli-
fier is used to prevent oscillation at the
frequency to which the grid and plate
circuits are tuned, in other words, at the
signal frequency. Some amplifiers go into
oscillation at frequencies far removed
from the desired signal frequency. Oscil-
lations of this type are called “parasitic
oscillations” or *‘parasitics.”

The neutralization circuits we have just
studied can do nothing to prevent this
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type of oscillation. Long leads, tube
interelectrode capacities, rf chokes, and
bypass capacitors are the major inductive
and capacitive elements that cause para-
sitic oscillations.

Parasitics may exist at low or high
frequencies, or at both low and high
frequencies at once. They cause low
operating efficiency and instability in the
stage, erratic meter readings, radiation of
improper carriers and sidebands, dis-
tortion, overheating of the amplifier tube,
and premature breakdowns in the circuit
parts. If grid-leak bias is used in the stage,
parasitics will also cause changes in the
grid bias.

Fig. 20A shows a typical class C
amplifier stage. At the operating fre-
quency, the grid and plate circuits are
tuned by the coil and capacitor combi-
nations L,-C,, and L,-C4. The stage is
prevented from oscillating at the oper-
ating frequency by the signal fed back
through neutralizing capacitor C,,.

Fig. 20B shows what the effective
circuit would be if this stage were pro-
ducing low-frequency parasitic oscil-
lations. The grid circuit is now tuned by
the parallel combination of the grid
choke, RFC,, and the grid bypass capaci-
tor, C,. Since these oscillations usually
take place at frequencies below 200
kilohertz, coil L, has very little reactance
and serves merely as a connecting lead
from the grid to the junction of C, and
RFC,. This places the rf choke and grid
bypass capacitor in parallel between grid
and ground.

The tuned circuit in the plate at the
low frequencies is the plate bypass C,
and the plate rf choke. Here, too, the
regular tank coil L, has practically no
reactance at the oscillation frequency,
and serves simply as a connecting lead.
The neutralizing capacitor C, is now
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Fig. 20. A typical class C stage is shown at A; the effective circuit that produces low-frequency
parasitics is shown at B; the effective circuit that produces high-frequency parasitics is shown at C.

effectively in parallel with the tube grid-
plate capacity and increases rather than
reduces feedback. Coils L, and L, do
have a slight reactance at the parasitic
frequency, so tuning capacitors C, and
C, can make slight changes in the para-
sitic oscillation frequency.

The effective circuit for the stage, if it
were producing high-frequency parasitic
oscillations, is shown in Fig. 20C. In this
case, the grid and plate circuits are tuned
by the inductance of the leads between
the tube elements and the tank circuits
and the grid-to-cathode capacities. At the
high frequencies, the capacities of C, and

C, are so high that they act only as
connecting leads in the inductive circuit.
Capacitors C, and C;, which are even
larger in size, have practically no reac-
tance at this frequency. The neutralizing
capacitor C, now appears between grid
and ground and is effective in deter-
mining the frequency of the grid circuit.
Feedback is through the capacity
between grid and plate.

Preventing Parasitics. In the effective
circuit of either Figs. 20B or 20C, para-
sitic oscillation can be prevented by
making the resonant frequency of the
grid circuit higher than that of the plate



circuit. This may be done in Fig. 20B by
making capacitor C, smaller than C; or
by making RgC, smaller than RgC,.

The most satisfactory method for sup-
pressing very high-frequency parasitic
oscillations in a class C amplifier stage is
by using parasitic suppressors. The pur-
pose of these parasitic suppressors is to
increase the circuit losses at the parasitic
frequency. Examples of these suppressors
are shown in Fig. 21.

The suppressors are low resistances,
usually around 100 ohms, in parallel with
small rf chokes. At the normal operating
frequency, these small coils, L, and L,,
have very low inductive reactances, and
the signal frequency can pass through
them with no loss. At the frequency of
the parasitic oscillation, however, these
coils have very high reactance and force
the parasitic signal to flow through resis-
tors R; and R,. The loss of parasitic
signal in the two resistors is great enough
to prevent the tube from going into
oscillation at these high frequencies.

Although a commercially manu-
factured transmitter should be free of
parasitic oscillations, occasionally a new
transmitter being tuned up for the first
time will have them. Parasitics can also

occur if parts are replaced by those of a
different make. Whenever modifications
are made in an amplifier stage, that stage
should be checked for both high and
low-frequency parasitics. Low-frequency
parasitics will sometimes be evident as
sidebands of the carrier frequency. The
most common indication of high-
frequency parasitics is an unusually high
plate current and low output.

MULTIELEMENT TUBE
STAGES

In a previous lesson you learned about
the characteristics of screen grid,
pentode, and beam-power tubes. Let us
review briefly their characteristics with
respect to their use as class C amplifiers.

If a tetrode or pentode tube is used in
the stage, the screen grid of the tube acts
as an electrostatic shield between the grid
and plate, which reduces the grid-to-plate
capacity. Therefore, tetrode and pentode
tubes are less susceptible to feedback and
self-oscillation, and usually do not require
neutralizing.

Multielement tubes have a higher
power gain than triodes. In other words,
for the same amount of grid driving
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Fig. 21. Parasitic suppression methods.



power, you can get a higher power output
from a stage using a multigrid tube than
from one using a triode. This means that
fewer stages are needed to get the desired
power output. It also means that better
shielding must be used between input and
output circuits to prevent external feed-
back. Even a very small amount of
feedback from the output of a stage back
to the input can cause oscillation. Also
because of the higher power gain, para-
sitic oscillations are more common in
tetrode and pentode stages than in triode
stages.

In screen-grid (tetrode) class C ampli-
fiers, the minimum plate voltage must not
be allowed to swing lower than the screen
voltage because the screen then offers a
greater attraction to the electrons than
the plate. The secondary emission effect,
due to electrons bouncing off the plate
and being pulled to the screen instead of
falling back onto the plate, determines
the minimum the plate voltage can swing
to. The grid excitation is adjusted so that
the grid swings far enough positive so that
the tube draws maximum permissible
peak plate current without exceeding the
dissipation rating of the plate and grid
electrodes.

A pentode tube permits a greater plate
voltage swing and, therefore, an even
higher power gain. [t does so by using a
suppressor grid at cathode potential
between the plate and screen grid to
prevent secondary electrons from moving
to the screen grid. Thus, the plate current
remains independent of plate voltage to a
much lower value of plate voltage. The
suppressor grid forces the secondary elec-
trons coming off the plate to return to
the plate.

A beam-power tube has characteristics
similar to those of a pentode. The tube
elements are shaped in such a way that
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they control the electrons flowing
between the cathode and the plate of the
tube. Proper shaping of the electrodes
sets up a potential barrier between screen
and plate to suppress secondary emission,

You will find many multielement tubes
used in transmitter equipment because of
their higher power gain and simplicity of
neutralization. Beam-power tetrodes are
the most common.

In many circuits using multielement
tubes, no neutralization is used. However,
the power gain of these tubes is so great
that only a small amount of feedback will
set up instability and oscillations. Keep-
ing feedback below the level that will
cause instability or oscillation is a real
problem. Even if a stage does not oscillate
when it is first manufactured, there is no
guarantee it will not be unstable when the
tube in the stage is replaced. To overcome

these problems, manufacturers often
neutralize stages using multielement
tubes.

In a class C stage using a multielement
tube, the screen voltage has as much
control, or more, on the plate current and
power output as the actual value of the
plate supply voltage. The plate supply
voltage, however, must be high enough to
obtain the necessary plate voltage swing
across the plate-tuned circuit. Because the
screen grid has so much control, the
power output in some transmitters is
controlled by varying the screen grid
voltage.

The correct voltage must be applied to
the plate of a multigrid tube at all times.
If the plate voltage drops to zero or is
lower than normal, the screen grid may
be damaged. Under these conditions the
screen current may be so high that it
exceeds the safe dissipation factor.

Screen voltage and current also vary
with the grid excitation, particularly if



the screen voltage is obtained through a
dropping resistor. An increase in grid
excitation will cause the screen current to
rise and the screen voltage to fall. A
decrease in excitation will have the oppo-
site effect.

When a tetrode or pentode stage is
being tuned and loaded, the plate and
screen voltages should be reduced. Most
transmitters using tetrode or pentode
power stages have provisions for reducing
these voltages during tuning. A non-
resonant or unloaded plate tank causes
the minimum plate voltage to drop below
the screen voltage. Under these con-
ditions, the screen draws excessive cur-
rent. This may destroy high-power tet-
rodes in a matter of a few seconds. After
the tuning and loading are roughly
adjusted, full voltage can be applied to
the tube and the adjustments carefully
peaked.

MULTITUBE STAGES

To get a higher output from a class C
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Fig. 22. Class C amplifier with iwo tetrodes
connected in parallel.
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stage, two tubes can be connected in
parallel, or in push-pull. For very high
power, tubes are operated in push-pull-
parallel; that is, two sets of parallel-
connected tubes are operated in push-
pull.

Parallel Operation. Fig. 22 shows a
stage with two tubes connected in par-
allel. In parallel operation, the output
power is approximately twice that from a
single tube, if the correct driving power is
applied and the circuit components and
electrode voltages have the correct values.

The grid current is doubled, because
with two tubes the grid impedance is
approximately halved. The driving power
needed for the parallel amplifier is twice
that needed for a single tube.

When grid-leak bias is used with the
class C stage, the value of the grid resistor
must be cut in half to get the same grid
bias at twice the grid current.

The internal or plate resistance is also
halved because of the parallel connection
and doubling of the peak plate current.
Thus, the same tuned circuit voltage is
developed with twice the plate current. It
is the higher amplitude plate current
pulses exciting the tuned circuit that
develop the added power delivered to the
load in parallel operation.

Push-Pull Operation. A push-pull
amplifier is shown in Fig. 23. The input
excitation is applied with equal amplitude
but opposite polarity to the grids of the
push-pull stage. The ground point of the
circuit is at the center of a split-stator
variable capacitor.

As in the case of parallel tube oper-
ation, the grid and plate currents drawn
are twice as great as those drawn by a
single tube. To retain balanced operation
of the push-pull stage where each tube
performs an equal share of the work, the
supply voltages are applied at the mid-
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Fig. 23. Push-pull class C amplifier using tetrodes.

points of the coils so as not to imbalance
the stages.

Balanced operation is necessary to pre-
vent possible overloading of one of the
tubes because of any uneven dissipation
of power by the grid or plate. Imbalance
can be caused by tubes that are not
exactly matched or by a mismatch
between the grid or plate circuit compo-
nents. Thus, both the circuits and the
tubes must be matched and balanced to
get proper operation of the stage.

FREQUENCY MULTIPLIERS

A frequency multiplier stage is a class
C amplifier that is used to generate an
output signal whose frequency is some
multiple of the applied signal frequency.
For example, the frequency of the output
of a doubler stage is twice the frequency
of the input. The frequency of the output
of a tripler is three times the frequency of
the input. A doubler with an input
frequency of 10 MHz would have an
output signal of 20 MHz. A tripler with
an input frequency of 10 MHz would
have an output signal of 30 MHz. Multi-
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pliers can be used to generate signals of
even higher multiples of their input signal
frequency, but the higher the multipli-
cation the lower the output. Thus, you
can expect less output from a tripler than
from a doubler using the same tube type.
A multiplier generating a signal four times
the frequency of the input signal would
have an even lower output than a tripler
using the same.tube.

When a tank circuit is shock-excited
into oscillation by a single current pulse,
the circuit will continue to oscillate for a
number of cycles. The number of cycles
will depend on the losses in the circuit.
Each cycle will be lower in amplitude
than the preceding one because of these
losses. With a high Q circuit, when the
losses are low, there will be many cycles
before the oscillation drops to zero.

In a frequency multiplier we take
advantage of the fact that oscillation,
once started, will continue for many
cycles in a tank circuit. By using a tank
circuit in the plate circuit of the tube that
is resonant at some multiple of the input
frequency, we can start the oscillation by
feeding an rf signal to the grid. This will



produce a plate current pulse that starts
the tank circuit oscillating at its resonant
frequency which may be two or three
times the frequency of the input signal.
This oscillation would soon die out,
except on the second cycle, in the case of
a doubler, or the third cycle in the case of
a tripler, where the grid of the tube will
be driven positive again by the rf signal.
This produces another plate current pulse
which adds to the energy in the tank
circuit and supplies the power needed to
make up the circuit losses, so the oscil-
lation in the plate circuit continues. Now
let’s look at some typical frequency
multiplier circuits.

Single-Tube Multipliers. The circuit of
a frequency multiplier is very simple; one
is shown in Fig. 24. It is even simpler
than a regular class C amplifier. No
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Fig. 24. Basic frequency-multiplier stage.

neutralization is needed, even when the
tube used is a triode, because self-
oscillation occurs only if the input and
output circuits are tuned close to the
same frequency. In a doubler the output
tank circuit is tuned to twice the fre-
quency of the input circuit, in a tripler it
is tuned to three times the frequency, etc.

The current waveforms in the tank
circuit of a class C amplifier are compared
with those in a frequency multiplier in

Fig. 25. Fig. 25A shows the waveforms
for a fundamental class C amplifier. The
plate current pulse flows during part of
each cycle of the incoming signal. The
flywheel action of the tank circuit devel-
ops the fundamental sine wave output,
shown by the dashed curve.

Fig. 25B shows the waveforms for a
single-tube doubler circuit. The tube is
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Fig. 25. Waveshapes of frequency multipliers
compared to the “straight-through” amplifiers.



operated with a higher bias, so the plate
current pulse flows during a smaller part
of each cycle of the incoming signal, and
the flywheel action of the resonant cir-
cuit carries through that cycle and
another cycle before the next plate cur-
rent pulse arrives. Since the plate current
flows only on alternate cycles of the
output, the power output and efficiency
of the stage are lower than for funda-
mental operation. The efficiency is usu-
ally less than 50%.

The higher the harmonic signal to
which the tank circuit is tuned, the lower
the obtainable power output and effi-
ciency of the class C stage. Fig. 25C
shows the waveforms for a tripler. The
tube is biased so that the plate-current
flows a still smaller part of the cycle of
the incoming signal, and the resonant
circuit carries through three cycles before
the next pulse arrives. Losses in the
circuit cause the amplitude of each suc-
ceeding cycle to decrease. The efficiency
of a tripler stage is even less than that of a
doubler. The efficiency of a multiplier is
kept as high as possible by using the
proper values of L and C in the tank cir-
cuit and correctly shaping the plate cur-
rent pulse.

The best pulse shape is a square top
pulse like the ones shown in Fig. 26. This
pulse shape can be obtained by operating
the stage with a high bias and then driving
the stage to plate-current saturation. For
best doubler operation, the angle of
current flow, indicated by the Greek
letter 0 (theta), should be somewhere
between 90 and 120 degrees. With this
angle of flow, the plate current pulse has
a suitable and effective second harmonic
content. For tripler operation, the angle
of current flow is reduced to less than 90
degrees, and the third harmonic com-
ponent is emphasized.
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Fig. 26. Multiplier operating characteristics.

The plate tank circuit of frequency
multipliers can usually be tuned over a
wide enough range to resonate at more
than one harmonic of the signal at the
grid. Therefore it is important that you
check the output frequency to be sure
you have the correct harmonic. You can
do this with an absorption wavemeter.
You’ll learn more about this instrument
later in the lesson.

Two-Tube Multipliers. A special higher
powered and somewhat more cfficient
doubler can be obtained by using the
push-push arrangement shown in Fig.
27A. In this circuit, the grids are supplied
with signals in push-pull and the plates
are connected in parallel.

The tubes are connected so that one
will conduct on the positive alternation
of the incoming signal, shown in dashed
lines in Fig. 27B, and the other tube will
conduct on the negative alternation.
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Fig. 27. Push-push doubler for even harmonics.

Thus, plate current pulses are fed to the
output circuit once during each alter-
nation of the doubled frequency. The
efficiency and power output are higher
than for a single-tube doubler.

The push-push frequency multiplier
stage in Fig. 27A operates well on even
harmonics, but not on the fundamental
or odd harmonic frequencies. Frequency
doublers are used more often in trans-
mitters, especially low-frequency trans-
mitters, than the higher harmonic gen-
erators because of the higher output and
efficiency. The grids are connected in
push-pull, so they must be fed with
balanced signals to get the proper output

signal.
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Since the doubler is the most fre-
quently used type of frequency multiplier
stage, let us list some of its character-
istics:

1. The plate tank circuit is tuned to
twice the grid circuit frequency.

2. It does not have to be neutralized.

3. The operating angle of the plate cur-
rent pulse is approximately 90°.

4. The dc bias is about 10 times the
plate current cutoff value.

5. The plate current pulse has a greater
harmonic content.

6. It requires a very large grid-driving
signal.

7. It has a low plate efficiency com-
pared to a fundamental class C amplifier.

As you can see, some of these charac-
teristics vary widely from those of a class
C amplifier operating as a fundamental
frequency amplifier.

SELF-TEST QUESTIONS
() What is the disadvantage of using
only grid-leak bias in a class C
amplifier?
What is the feedback path for oscil-
lations near the operating frequency
in a triode class C amplifier?
What is the main advantage of plate
neutralization over the method of
connecting a coil and blocking
capacitor from plate to grid?
In Fig. 16, what is the phase rela-
tionship between the signal fed
through Cy and the signal fed back
through grid-plate capacitance?
What inductive components in the
grid circuit form part of the low-
frequency parasitic resonant circuit?
What might be the cause of unusu-
ally high plate current and low rf

(m)
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output from a transmitter?

What two characteristics of tetrodes
make them more useful as class C
amplifiers than triodes?

What characteristic of tetrodes make
them more susceptible to parasitic
oscillation than triodes?

How would the values of L and C in
a tank used in a parallel-connected
stage compare with those used in a

()
v)

(W)

similar single tube circuit operating
at the same frequency?

How is balanced operation obtained
in a push-pull stage?

In general, which multiplier would
have a higher output, a doubler or a
tripler?

Why are neutralization circuits
unnecessary in a triode operated as a
frequency multiplier?
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Transistor Power Amplifiers

In their present state of development,
transistors cannot amplify high-frequency
signals to high power levels as well as
vacuum tubes. However, power outputs
greater than 100 watts or frequencies
much above 400 MHz are seldom
required in many communications appli-
cations. Chief among these is commercial
mobile radio. In this application, the
transistor’s small size, low operating volt-
age, extreme ruggedness, and high overall
efficiency make it ideally suited for use in
mobile radio equipment.

The common emitter circuit is almost
universally used for transistor rf power
amplifiers because of its greater stability
at radio frequencies. This circuit arrange-
ment is often compared with the
grounded cathode triode. As you might
expect, it has much in common with the
triode circuits you previously studied.
With transistor amplifiers we are con-
cerned with the biasing, efficiency, and
stability, just as we were with the triode.
In this section, we’ll look at some typical
circuits which illustrate the important
features of transistor rf power amplifiers.

BIASING METHODS

You have learned that class C oper-
ation of a power amplifier results in the
highest percentage of input power being
converted to useful rf energy at the
output. In the case of a transistor, where
high-frequency power handling is a limi-
tation, we are especially interested in
getting the highest efficiency obtainable
from the stage. It is not surprising, then,
that most transistor rf amplifiers are
operated class C.

Two practical methods of obtaining
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bias for class C operation are shown in
Fig. 28. The circuits illustrated employ
NPN transistors; PNP devices could just as
well have been used (with all polarities
reversed, of course).

In Fig. 28A, reverse bias across the
emitter base junction is developed by the
R,-C, network in the emitter circuit.
When the input signal to the stage goes
sufficiently positive, base and collector
currents flow over the paths indicated by
the solid lines. Both these currents flow
through the emitter resistor, dropping a
voltage of the polarity indicated. Capaci-
tor C; charges to the peak value of this
voltage drop. During the time between
positive-going portions of the input
signal, C, slowly discharges through R,

Fig. 28. Methods of obtaining emitter-base
reverse bias.



as indicated by the dashed line. The
values of R, and C,; are such that C,
does not discharge appreciably before the
input signal again swings positive, thereby
recharging C,. The emitter is thus main-
tained slightly positive with respect to the
base by the charge across C,. Collector
current does not flow until the input
signal drives the base more positive than
the emitter.

Reverse bias for the circuit of Fig. 28B
is developed in the base circuit, again by a
parallel combination of R, and C,. The
base current drawn during the positive-
going portion of the input signal
(indicated by the solid line) drops a
voltage across R, as shown. C, charges to
the peak value of this voltage drop and
essentially maintains its full charge during
the time between positive-going portions
of the input signal. This is possible
because the discharge path for C, (shown
by the dashed line) is through R, the
value of which is chosen to permit only a

very small discharge current to flow.
Notice that the polarity of the charge on
C, is such that it subtracts from the
positive-going portion of the input signal.
This means that the input signal voltage
must exceed the voltage across C, before
the emitter base junction becomes
forward-biased, allowing collector current
to flow.

The two circuits shown in Fig. 28
depend on the presence of an input signal
to develop bias. With no input signal
present, zero bias is developed. Unlike
vacuum tubes, however, transistors do
not conduct under zero bias conditions
and are therefore self-protecting.

Not only are transistors non-
conducting under zero bias conditions,
but also a small forward-biasing voltage
must exist across the emitter base junc-
tion before collector current begins to
flow. Fig. 29 shows collector current
plotted against emitter-to-base voltage for
a typical rf power transistor.
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Fig. 29. Collector current plotted against emitter-to-base voltage of a typical RF power transistor.
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As you can see from the graph, col-
lector current does not begin to flow
until the emitter-base voltage reaches
approximately .6 volts. When we operate
a power transistor with zero bias, then,
we are actually biased about .6 volts
below collector current cutoff.

Fig. 30 shows the graph of Fig. 29 with
an input signal of 1 volt peak amplitude
applied. Collector current flows only
during the time the input signal is above
.6 volts. The conduction angle here would
be about 120° of the input cycle, well
within the class C operating range. Input
signal levels of such low amplitude are
not unusual in power transistors because
of the transistor’s low input impedance.
Input impedances actually range from
several ohms to less than 1 ohm. With
such a low input impedance, a relatively
large input current is permitted to flow
when the base-emitter junction of the
transistor is driven positive.

Recalling that P = EI, you can readily
see that the driving power to the stage is
accounted for primarily by the high
current flow which develops only a small
voltage across the low input impedance.
It follows, then, that a reverse-biased
emitter-base junction is not always neces-
sary for class C operation.

MULTITRANSISTOR AMPLIFIERS

As mentioned earlier, the power
obtainable from a transistor used as an rf
amplifier is rather limited as compared to
vacuum tubes used in similar circuits.
When more power is required than can be
obtained from a single transistor, several
transistors can be arranged in push-pull or
parallel. In a push-pull arrangement, an
input transformer is required to feed the
transistors out-of-phase signals. This
transformer is also required to match the
relatively high output impedance of the
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Fig. 30. Curve of Fig. B with signal applied showing collector current pulse.



driver to the very low input impedance of
the push-pull stage. Such a transformer
capable of operation at high frequencies
is very expensive to build. For this
reason, multiple transistor stages are
nearly always parallel-connected.

Fig. 31 shows a two-transistor parallel-
connected rf amplifier stage. C, and L,
form an L network which provides the
proper impedance match between the
source and the input to the stage. The
input signal is developed across RFC,,
amplified by the transistors, and applied
to the load through the output coupling
network. Notice that we can vary the
operating bias of the two transistors by
adjusting R, and R,. These adjustments
are necessary so that the two transistors
will share the load equally. In practice we
would insert a milliammeter in the col-

Co

lector or emitter circuit of each transistor
and adjust R, and R, for equal currents.
With the currents balanced, each tran-
sistor will be handling half of the power
delivered to the output coupling network.
C,4 is a coupling capacitor and may be
considered a short circuit at the operating
frequency. The output coupling circuit is
a pi network consisting of Cs, L,, and
Cs. C5 and C; are adjusted to provide the
proper collector load and circuit Q for
the transistors.

Another circuit employing transistors
in parallel is shown in Fig. 32. Besides
containing three transistors instead of
two, this circuit differs from the one in
Fig. 31 in two other important respects.
First of all, load balancing is obtained by
adjusting L,, L,, and L; in the base
circuits. These adjustments vary the rf

+28v

Fig. 31. Two-transistor parallel-connected RF amplifier.
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Fig. 32. Three-transistor parallel-connected RF amplifier.

drive to the transistors and equalize the
load currents as previously discussed.
Secondly, each of the three transistors in
Fig. 32 has a separate output tank circuit
connected to a common load as in Fig.
31.

The tank circuit for Q, is made up of
L4, L, and stray capacity. Ls and Lg are
the tank inductances for Q,; L and Ly
are the tank inductances for Q3. These
tank circuits are also tuned by stray
capacity. The right-hand ends of L,, Lg
and Lo connect to C, which, along with
C;, varies the coupling from the three
tank circuits to the load R .

There are two reasons why separate
tank circuits are used for the three
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transistors. First, each transistor is series-
fed, thus eliminating the losses and other
problems of an rf choke. Second, the dc
collector currents are entirely separate so
each transistor can operate essentially
independent of the other transistors.
Thus, if some trouble developed in Q,,
this stage could be disconnected and the
amplifier could continue to operate at a
lower power level. Directly paralleled
stages would have to be completely
retuned if one stage were to be removed.

Many if power transistors have their
emitters internally connected to the tran-
sistor case. This is done to eliminate the
stray inductance of the emitter lead.
When the case is connected to ground, as



it would be in a circuit such as that
shown in Fig. 32, current could not be
conveniently measured in the emitter
circuit. The use of separate collector
loads, however, enables convenient moni-
toring of collector current. In Fig. 32, the
jacks labeled J, through J, are provided
for this purpose.

The symbol used to represent C,
through C; may be unfamiliar to you.
This is a special type of capacitor called a
feed-thru and is often used for bypassing
in high-frequency circuits. As the symbol
suggests, one plate of the capacitor com-
pletes a dc path in the circuit; the other
plate, usually connected to ground, sur-
rounds the first much like the braided
shield in a piece of coaxial cable.

FREQUENCY MULTIPLIERS

Fig. 33 shows two transistor frequency
multiplier stages coupled together. The
output of the tripler, Q,, feeds a doubler,
Q;, to give a total frequency multipli-
cation of six. The input signal, which
we’ve designated as F,, is applied to the
base of Q,. With the drive signal present,
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R, and C, develop a relatively high
reverse bias across the emitter base junc-
tion. The high reverse bias results in a
narrow conduction angle and collector
current pulses with a high harmonic
content. The collector tank is tuned to
the third harmonic, 3F,, and offers a
high impedance only at this frequency.

Signals at the fundamental, as well as
those at other harmonics, are bypassed to
ground by C, and Cj. The signal at the
frequency 3F, is inductively coupled into
the base circuit of Q,. Reverse bias for
Q, is developed by the driving signal in a
manner similar to that described for Q,.
The collector tank for Q, is tuned to 6F,
and inductively couples the signal at this
frequency into the load. Undesired signals
are again bypassed to ground, in this stage
by Cs and C,.

While individual stages are seldom
designed for frequency multiplications
greater than three, any desired total
multiplication may be obtained by con-
necting multipliers together. The usual
arrangement in a transmitter is a straight-
through class C amplifier following each
one or two multiplier stages. In this
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Fig. 33. Two frequency multiplier stages coupled together.



manner, the relatively low output from
the multiplier is built up before being
applied to the next multiplier. The
straight-through amplifier also offers
additional suppression to the undesired
harmonics generated in the multiplier
stage.

AMPLIFIER STABILITY

You learned that, in the triode power
amplifier, in-phase feedback through
plate-to-grid interelectrode capacitance
could cause the amplifier to oscillate. To
prevent these oscillations from occurring,
components were added to feed back an
out-of-phase voltage of equal amplitude
and thus “neutralize” the interelectrode
capacitance of the tube.

A similar capacitance exists between
the collector and base of a transistor.
However, the value of this collector-to-
base capacitance in power transistors is
voltage-dependent. That is, as the reverse
bias across the collector base junction
varies (which it normally does over the
period of an operating cycle) the
collector-to-base capacitance also varies.
To be effective, a neutralizing circuit for
a power transistor would have to contin-
uously adjust itself to this variation.
Because of this requirement, neutral-
ization of a transistor rf amplifier is
normally not practical. Instead, the need
for neutralization is usually eliminated by
careful circuit design using transistors
with low values of interelement capaci-
tance.

Parasitics. In the radio frequency
range, the power gain of a transistor falls
off rapidly as frequency increases. This
characteristic of transistors works to
advantage in preventing parasitic oscil-
lations above the operating frequency. At
these higher frequencies, the transistor
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has insufficient gain to overcome the
circuit losses and sustain oscillations.

On the other hand, the power gain of a
transistor is higher at the lower fre-
quencies. To illustrate this, let’s assume
we have an rf power amplifier operating
at 175 MHz. A typical transistor oper-
ating at this frequency might have a
power gain of 5§ db. This same transistor
could have a gain as high as 30 db at 10
MHz. In other words, the power gain-of
the device is over 300 times greater at 10
MHz, the parasitic frequency, than at 175
MHz, the operating frequency. Con-
sequently, the most common cause of
instability in these power amplifiers is
parasitic oscillation below the operating
frequency.

The amplifier circuit shown in Fig. 34
illustrates a number of techniques used to
prevent low frequency parasitics. These
are discussed in the following paragraphs.

The rfc connected between base and
ground (1) will at some frequency form a
parallel-resonant circuit with the emitter
base capacitance. To decrease the effi-
ciency of this parasitic tank circuit, the
rfc is designed to have a very low Q (high
effective series resistance). Often this rfc
is nothing more than a wire-wound resis-
tor.

The emitter bypass capacitor (2) used
is the smallest value which will provide
effective bypassing at the operating fre-
quency. At frequencies below the oper-
ating frequency, the reactance of this
capacitor increases, resulting in degen-
erative feedback at these lower fre-
quencies. This degeneration reduces the
gain of the amplifier to low frequency
parasitics.

The output coupling network is
designed to include a portion of the
network inductance in the collector dc
supply line (3). With this arrangement, no



I

RFC

v
e

AY

ST

N|

4]

Fig. 34. Transistor power amplifier showing components used to prevent low frequency parasitics.

rfc is required in the collector circuit.
Elimination of the collector rfc is desir-
able because this component can form a
parallel-resonant circuit with the output
capacitance at some relatively low fre-
quency, thus becoming a possible source
of low-frequency parasitics.

In addition to the feed-thru capacitor
designed to bypass the power supply at
the operating frequency, a second capaci-
tor of larger value (4) provides a short
circuit to ground at lower frequencies
where parasitics usually occur. You might
wonder why a larger capacitor, since it
bypasses well at lower frequencies,
wouldn’t provide an even better bypass at
the operating frequency where its X,
would be even less. The reason is that at
higher radio frequencies the inductive
reactance of the capacitor’s leads
becomes significantly large. The capaci-
tor, instead of being a short circuit to
ground, becomes an impedance to ground
at these higher frequencies. The feed-thru
capacitor, because of its physical con-
struction, has very low lead inductance,
and therefore provides an effective short
circuit to ground at the high operating
frequency. Feed-thru capacitors can only
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be manufactured with comparatively
small values of capacitance, hence the
need for the more conventional larger
capacitor for the low-frequency bypass.

Fig. 35 summarizes what we have said
about power supply bypassing. Shown in
the figure are the equivalent bypass cir-
cuits for both the high operating fre-
quency and the low parasitic frequency.
At the operating frequency, the larger

|||>—o—||l

HIGH FREQUENCY
EQUIVALENT

LOW FREQUENCY
EQUIVALENT

Fig. 35. Equivalent circuits for the power
supply bypassing arrangement shown in Fig. 33.



capacitor appears as an inductive reac-
tance, Zy, and the feed-thru as an ac
short circuit to ground. At a low parasitic
frequency, the feed-thru appears as a high
capacitive reactance, Z¢ and the larger
capacitor provides the ac short to ground.
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SELF-TEST QUESTIONS

Which transistor circuit config-
uration has the greatest stability at
radio frequencies?

What happens when loss of drive
causes the bias on a transistor rf
amplifier to drop to zero?

Is reverse bias on the emitter base
junction necessary for class C oper-
ation in a transistor rf amplifier?

(aa) What characteristic of transistor rf

power amplifiers accounts for the

(ab)

(ac)

(ad)

(a¢)

(af)
(ag)

low signal voltage developed in the
input circuit?

Why is a parallel connection of
transistors favored over a push-pull
connection?

What are two advantages of having
separate collector tank circuits for
a parallel-connected transistor rf
amplifier?

Why are feed-thru capacitors used
for bypassing in high-frequency cir-
cuits?

What characteristic of power tran-
sistors makes neutralization im-
practical?

What is the most common form of
transistor rf amplifier instability?
Why is an additional capacitor
placed in parallel with the feed-
thru capacitor bypassing the power
supply in Fig. 32?
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Adjusting Class C Amplifiers

Adjustments to class C amplifiers in
transmitter stages are performed fol-
lowing repairs, or routinely to compen-
sate for normal circuit aging. The adjust-
ment procedures for all class C stages,
either frequency multipliers, intermediate
amplifiers, or power output stages are
basically the same. There are variations,
of course; when you tune a frequency
multiplier, for example, you must make
certain that the plate circuit is tuned to
the desired harmonic frequency.

In this section, we will go through the
complete adjustment procedure for both
a vacuum tube and a transistor class C
amplifier stage. You should realize that

=
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adjustments such as those described in
this section may be performed only by a
person having the necessary authority. To
obtain this authority, he must hold the
proper class of FCC License or be under
the d’rect supervision of another person
who does.

THE VACUUM TUBE STAGE

Fig. 36 shows a typical class C ampli-
fier circuit. Notice that there are current
meters in the grid and plate circuits and
that voltmeters are used to measure the
bias, filament, and plate supply voltages.
A power output stage using a screen-grid
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Fig. 36. Typical class C amplifier.



tube often has a current meter and
voltmeter in the screen circuit. In some rf
output stages, particularly in the low
power exciter stages, only one voltmeter
and one or perhaps two current meters
are used. These meters are switched into
the various stages to check the perfor-
mance of the stage during operation or
during the adjustment procedure.

Neutralization. The first step in the
adjustment procedure is to insure that the
amplifier is properly neutralized. Always
check for neutralization with all inter-
stage shields in place. If the amplifier is
enclosed in a separate shield box within
the transmitter cabinet, check it with the
shield box closed. There will probably be
stray magnetic or electrostatic coupling
between output and input circuits unless
all shields are in place and closed.

Neutralization can correct only for
capacitive coupling directly from the grid
to the plate of the tube. The simplest
indication which can be used to deter-
mine correct neutralization is the grid
current meter. With B+ removed from the
stage, the need for neutralization will be
indicated by a dip in the grid current
when the plate tank is tuned through
resonance. The grid current dips because
the power loss in the resistance of the
plate tank is greatest at resonance. Since
this power is fed into the plate tank
through the grid-plate capacitance, it sub-
tracts from the grid current and causes a
dip.

A second, more sensitive, method of
checking for correct neutralization is by
use of a wavemeter. As shown in Fig. 37,
this simple device consists of a parallel
L-C circuit connected to a diode and dc
milliammeter. The variable capacitor,
which is calibrated in units of frequency,
may be adjusted to make the circuit
resonant over a wide range of frequencies.
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Fig. 37. Simplified schematic diagram of a
wavemeter.

Any energy coupled into the tank circuit
is rectified by the diode and causes the
meter to deflect. In use, the wavemeter is
inductively coupled to the plate tank
circuit of the stage to be checked.

With plate voltage removed and grid
drive applied to the stage, there should be
no indication on the meter as the tuning
knob is adjusted near the operating fre-
quency. An indication on the meter
indicates the presence of rf in the plate
tank. This rf could only have come from
the grid circuit - coupled through inter- .
element capacitance to the plate tank.
Hence, the stage must be neutralized.

The procedure to be used in neutral-
izing an amplifier is as follows:

1. Remove the B+ from the stage.
Never attempt to neutralize an amplifier
with the plate voltage connected.

2. Set the neutralizing capacitor for
minimum capacity.

3. Apply filament power and bias to
the stage, and apply filament power, bias,
and B+ to all stages ahead of the stage
being neutralized.

4. Tune the grid circuit to resonance
as indicated by maximum grid current.



5. Tune the plate tank circuit to reso-
nance while watching the neutralization
indicator. If it is a grid meter, it will dip;
if you are using a wavemeter, it will peak.

6. Increase the capacity of the neutral-
izing capacitor slightly. Check grid and
plate resonance; changing the neutralizing
capacitor will sometimes detune both grid
and plate circuits.

7. Continue to increase the neutral-
izing capacitance in small steps until there
is no dip in the grid meter or no
indication of power in the plate tank. The
transmitter is then correctly neutralized.

As you come closer and closer to
neutralization, make smaller and smaller
changes in the neutralizing capacitor.
There is only one correct setting; too
much and too little capacitance are
equally bad. Remember to retune both
grid and plate each time you change the
neutralizing capacitor. If the transmitter
uses inductive link neutralization, start
with maximum coupling to this link.
Then reduce the coupling in small steps
until you find the correct coupling.

Neutralization must be made as accu-
rately as possible. Although steady oscil-
lation will take place only when enough
power is fed back from the output to
overcome the input circuit losses, smaller
amounts of feedback, which are not
enough to cause steady oscillation, can
still affect the operation of the stage. An
amplifier operating like this is said to be
“regenerative.”

Several characteristics of an amplifier
change when it is regenerative. One of the
most pronounced is an increase in input
impedance. This increase in impedance
causes the Q of the grid and plate tuned
circuits to increase also. The increase in Q
makes the circuits selective and hard to
tune. To make matters worse, changes in
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the plate tuning change the amount of
feedback and, therefore, affect the grid
tuning.

A regenerative amplifier is an unstable
amplifier. A slight increase in filament
current or plate voltage may cause it to
go into steady oscillation. Reducing the
load at the output will also cause oscil-
lation.

In a keyed transmitter, a regenerative
amplifier will cause damped oscillations
every time the key is closed. As a result
undesirable signals are generated. In a
phone transmitter, an unstable amplifier
causes still other effects.

Perfect neutralization of an amplifier is
absolutely necessary. It takes time to do
it right, but it does not have to be done
often.

After you have completed the neutral-
izing procedure, apply a low plate voltage
to the stage. Tune the plate tank capaci-
tor to resonance as indicated by mini-
mum plate current readings. You will
notice that the plate current will dip
sharply because the output tank circuit is
not delivering power to the load. This is
shown by the solid curve in Fig. 38.

LOADED TANK

PLATE CURRENT—

UNLOADED TANK

TUNING CAPACITY ——

Fig. 38. How plate current dips as tank capaci-

tor is tuned through resonance; the unbroken

line shows the sharp dip that occurs if the tank

is not loaded; the dashed line shows the broad
dip that occurs if the tank is loaded.



The grid current meter will indicate
maximum at resonance. Retune the grid
tank capacitor, and increase the exci-
tation until the grid draws the rated
current.

Increase the loading in the plate tank
circuit until any increase in loading causes
the current through the antenna meter to
drop. Increase the loading in steps. Check
the plate circuit tuning for resonance
each time you increase the load. Now
apply the plate voltage and adjust it to
the rated value.

Retune the plate tank to resonance,
and then advance the loading until the
tube draws the rated plate current. The
minimum plate current point will not be
as sharp because the tuned circuit is now
loaded and more power is being fed into
the load circuit. The loaded plate current
tuning curve is shown by dotted lines in
Fig. 38. Adjust the grid tank and exci-
tation until the rated grid current is
drawn.

Make final fine adjustments to the
plate tuning and antenna loading. Be
certain all meters show the recommended
values for proper operation of the stage.

The output is indicated by the current
readings on the rf antenna current meter.
As the stage is resonated and the loading
is increased, the antenna current
increases, indicating power is being deliv-
ered to the antenna. The antenna meter is
just as important as the plate ammeter
when tuning. If the output current does
not increase when the plate current
increases, the plate circuit is not tuned to
resonance or is overloaded. Reduce the
coupling and retune the plate tank.

Parasitics. It is interesting to note that
the wavemeter is also useful in detecting
the presence of parasitics in the operating
amplifier. As you know, these oscillations
take place at a frequency far removed
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from the operating frequency. The most
practical way to locate the oscillations is
to reduce the bias of the stage so that the
tube is no longer operated beyond plate-
current cutoff. Then reduce the plate
voltage so that the maximum plate dissi-
pation of the tube is not exceeded.
Disconnect the output and remove the
drive from the stage. These changes make
the circuit most favorable for the gen-
eration of parasitic oscillations.

With the wavemeter inductively cou-
pled to the circuit suspected of oscil-
lating, the wavemeter tuning knob is
varied over its range. A meter deflection
not only indicates parasitic oscillation,
but the frequency may be approximately
determined by the position of the tuning
knob. Knowing the frequency at which
parasitics are occurring often provides a
clue to their origin.

THE TRANSISTOR STAGE

The transistor power amplifier,
although used to some extent in low-level
fixed station and broadcast transmitters,
finds its widest application in low-
powered mobile transmitting equipment.
Since these units are operated largely by
non-technical people working under less
than ideal conditions, the emphasis in
their design is on simplicity and reli-
ability. Because of this emphasis, adjust-
ment procedures for transistor class C
amplifiers are usually simple and straight-
forward. The complete transmitter align-
ment of many of these units consists in
its entirety of peaking the indication on a
power output measuring device with as
few as two transmitter adjustments.

Even in the more elaborate trans-
mitters you’ll seldom find more than one
meter built into the equipment. This
single meter is switched into the various



points in the circuit where current or
voltage is to be measured. Sometimes, all
the monitoring points in the circuit are
connected to a multipin jack on the
transmitter chassis. When transmitter
adjustments are to be made, an external
meter equipped with a selector switch is
plugged into this jack for monitoring.

Fig. 39 shows a parallel-connected out-
put stage such as might be found in one
of the higher powered transistor trans-
mitters. We have shown separate meters
at the various monitoring points for
clarity. Before applying power to the
amplifier, L; and L, should be adjusted
for minimum drive to the transistors
(adjusted for maximum inductance). With
this accomplished, apply power and
adjust the collector circuit of Q, to
resonance. This is done by adjusting L,
foradipon M,.

In like manner, adjust the collector

ircuit of Q, to resonance using L4 and
M,. Next adjust the coupling to the load
using C; to obtain the rated load current
as measured on Mj. Finally, adjust the

Fig. 39. Parallel-connected transistor stage.

base drive to the transistors using L; and
L, to obtain equal collector currents at
the rated value. This completes the pre-
liminary adjustment of the stage. Since
there is some interaction between the
various adjustments, recheck the setting
of L,, L4, and C,. At all times maintain
the collector currents at or below the
rated value by adjusting L, and L;.

In conclusion, the adjustments we’ve
discussed in this section should not be
considered as a procedure to be memo-
rized and followed in any specific case.
They are presented here to illustrate the
basic approach to power amplifier adjust-
ment. Before attempting any adjustment
to a power amplifier, carefully consult
and follow the manufacturer’s literature.
In making the adjustments, both the
procedure and the sequence in which the
steps are performed are of the greatest
importance. An expensive tube or tran-
sistor may be destroyed as a result of any
adjustments performed without complete
knowledge of the correct procedure.

SELF-TEST QUESTIONS

(ah) How may a vacuum tube stage be
checked for proper neutralization
using the grid current meter as an
indicator?

Why must B+ first be removed
from a stage before checking the
plate tank for the presence of rf?
What are some indications of a
regenerative amplifier?

What tuning defect is indicated if
the antenna current does not
increase with an increase in plate
current?

Why is the drive to the transistor
amplifier in Fig. 39 adjusted for
minimum before collector power is
applied.

(ai)

(a))
(ak)

@
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Answers to Self-Test Questions

(@

(b)

(©)

CY)

(e)

()

(2)
(h)

@

*)

Because output current flows in
the amplifier only during the rela-
tively brief conducting period.
Both the bias level and the ampli-
tude of the driving signal affect the
operating angle.

No. Sometimes, high power gain in
an amplifier, obtained with a
matched load, must be sacrificed
for greater power output.

The value of L and C would both
have to be changed. L would be
increased and C decreased.

The loaded Q would decrease. The
unloaded Q would be unaffected.
The efficiency of the tank would
increase.

If the loaded Q decreases, the
reflected resistance in the tank
must have increased. The increased
reistance in the tank causes tank
impedance to decrease.

By offering a high impedance only
at the resonant frequency.

By decreasing the spacing between
the coils.

Since the power supply, the tank,
and the stage are in series, the
amplifier is series-fed.

The output connection to the tank
could be tapped down on the tank
coil, as is shown in Fig. 9C. This
causes the internal resistance of the
stage to appecar to the tank as a
higher value. This higher resistance
seen by the tank reflects a higher
resistance into the tank which
increases the loaded Q.

An antenna usually loads a power
amplifier more heavily than the
input circuit to another class C
amplifier,
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If the drive to the stage is lost, no
bias will be developed, allowing the
tubes to conduct heavily. This
heavy conduction could damage
the tube.

Through the plate-to-grid capaci-
tance.

Plate neutralization is effective
over a range of frequencies,
whereas the blocking capacitor and
coil arrangement is effective only
at one frequency.

180°. The signal fed back through
a neutralizing circuit will always be
180° out-of-phase with the signal
fed back through the grid to plate
capacitance.

The radio frequency choke.
Parasitic oscillations in the ampli-
fier.

Their higher power gain and
reduced grid-to-plate capacitance.
Their higher power gain. Even a
very small amount of feedback
may cause the tetrode to oscillate.
The value of L would be lower and
the value of C higher. This would
provide the lower value of tank
impedance necessary for the paral-
lel connected tubes.

By connecting the supply voltages
to the midpoints of the tank coils.
The doubler. In general, the greater
the frequency multiplication in a
stage, the lower the power output.
Since the output frequency is dif-
ferent from the input frequency,
any signal fed back would not add
to the input signal.

The common emitter.

The transistor stops conducting.
Not always. A zero-biased tran-



(aa)
(ab)

(ac)

(ad)
(ae)

(af)

(ag)

sistor is already several tenths of a
volt below collector current cutoff.
The low input impedance of the
amplifier.

Because of the expense of the
transformer required to drive a
push-pull stage.

RF choke losses are eliminated and
the transistors are electrically
independent.

Because they have a very low lead
inductance.

The collector base capacitance
varies over the period of an opera-
ting cycle. Thus a varying amount
of signal is fed back to the input.
Low-frequency parasitics. The
power gain of a transistor increases
rapidly as frequency decreases. For
this reason, a transistor amplifier is
most susceptible to low-frequency
parasitic oscillations.

Because of their physical construc-

(ah)

(ai)
(aj)

(ak)

(a)

tion, feed-thru capacitors cannot
be manufactured with high values
of capacitance. Proper bypass at
low parasitic frequencies requires a
large capacitance, so another type
must be connected in paralle] with
the feed-thru.

With plate voltage removed, a dip
in grid current when the plate tank
is tuned through resonance indi-
cates the need for neutralization.
With the B+ on the stage, rf in the
tank circuit is a normal indication.
Changes in plate tuning affect grid
tuning. Also, oscillations occur
with reduced loading or slight
changes in operating voltages.

The plite tank is not tuned to
resonance or is too heavily loaded.
To prevent possible excessive col-
lector current flow due to the low
impedance offered by the detuned
output circuit.
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Lesson Questions

Be sure to number your Answer Sheet C205,

Place your Student Number on every Answer Sheet.

Most students want to know their grades as soon as possible, so they mail their set of
answers immediately. Others, knowing they will finish the next lesson within a few days,
send in two sets of answers at a time. Either practice is acceptable to us. However, don’t
hold your answers too long; you may lose them, Don’t hold answers to send in more than
two sets at a time, or you may run out of lessons before new ones can reach you.

10.

. What is the primary purpose of a buffer stage?

. What is the efficiency of a transmitter output stage if the plate supply voltage is 2000

volts, the plate current is 330 ma, and the measured power output of the stage is 500
watts?

. What is the probable cause of trouble if the plate current of a class C stage using

grid-leak bias alone rises to a very high value and the grid and output currents
decrease?

Why is neutralization necessary in a triode amplifier?

Why are transistor rf amplifiers more susceptible to low-frequency parasitics than to
those at higher frequencies?

. Why does a screen-grid tube usually not require neutralization?

. (A) If the master oscillator in a transmitter using a single doubler stage operates at

7.6 MHz, what is the transmitter output frequency?
(B) If a transmitter output frequency of 26.4 MHz is obtained by using a single
tripler stage, what is the frequency of the master oscillator?

What is the purpose of a Faraday screen?

. What precaution should be taken when tuning the output of a frequency multiplier

stage?

In adjusting a class C transmitter stage, what direction (upscale or downscale) would
you expect the pointers on the following dc current meters to deflect to indicate
resonance: (A) the plate current meter; (B) the grid current meter?



THE VALUE OF KNOWLEDGE

Knowledge comes in mighty handy in the practical affairs of
everyday life. For instance, it increases the value of your daily work
and thereby increases your earning power. It brings you the respect of
others. It enables you to understand the complex events of modern life,
50 you can get along better with other people. Thus by bringing skill
and power and understanding, knowledge gives you one essential
requirement for true happiness.

But what knowledge should you look for? The first choice naturally
goes to knowledge in the field of your greatest interest—electronics.
Become just a little better informed than those you will work with, and
your success will be assured.

It pays to know—but it pays even more to know how to use what
you know. You must be able to make your knowledge of value to
others, to the rest of the world, in order to get cash for knowledge.

The NRI Course gives you knowledge, and in addition shows you
how to use what you learn. Master thoroughly each part of your
Course, and you’ll soon be getting cash for your knowledge.
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One of the most important circuits in
electronics is the oscillator. If it were not
for the oscillator, radio and television and
many industrial electronics applications
would not be possible. An oscillator is an
amplifier which generates an ac signal.
The frequency of the signal is determined
by the value of the components in the
oscillator circuit.

In this lesson you will begin with a
study of the basic oscillator circuit. You
will learn the characteristics of an oscil-
lator and how the basic oscillator works.
Then, you will study applications of the
oscillator, learning the details of oper-
ation of various oscillator circuits. From
there you will go into methods of con-
trolling oscillator frequency. The lesson
will conclude with a brief description of
nonsinusoidal oscillators.

There are many different types of
oscillator circuits. For convenience in
studying them, we will divide them into
two types: L-C oscillators and R-C oscil-
lators. L-C oscillators are oscillators in
which inductance and capacitance are
used in the frequency-determining net-

work. R-C oscillators are oscillators in
which resistance and capacitance are used
in the frequency-determining network.
Both types of oscillators work on the
same general principle, that of feeding
some of the signal from the output circuit
back into the input circuit. This feedback
signal enables the oscillator to go on
generating its own signal. The amount of
signal that must be fed back into the
input depends upon a number of things,
but in general it must be enough to
overcome the losses in the input circuit of
the oscillator.

Perhaps one of the most important
considerations in an oscillator circuit is
how the energy is fed from the output
circuit back into the input circuit. Al-
though it is important to feed enough
signal back into the input circuit, it is
even more important for the signal fed
from the output back into the input to be
of the correct phase. If the phase of the
feedback signal is not correct, instead of
aiding the input signal, it will oppose it,
and the oscillator will not oscillate.

Sometimes an oscillator is considered



as a converter circuit. In other words, it
converts dc into ac. The dc is supplied by
the power supply to the tube or transistor
used in the oscillator circuit, which
changes this dc energy to ac energy.

Oscillators are the only practical means
of generating high-frequency radio waves.
In the early days of radio, before practi-
cal oscillators were developed, rf signals
were generated by means of high-
frequency generators called alternators.
However, there is a limit to how high a
frequency a rotating machine such as an
alternator can develop, and hence most
radio transmission was carried out on
very low frequencies.

The most important part of the oscil-
lator is the resonant circuit, so before we
begin let’s review it. In a previous lesson,
you learned that the resonant tank in a
tuned amplifier biased class C could be
made to store energy and to deliver that
energy during periods when the tube or
transistor was cut off. Oscillators
function similarly to class C rf amplifiers
in that the tank circuit must continue to
supply an output once the input signal is
removed.

One characteristic of a resonant circuit
that we have not discussed is its ability to
produce a damped wave when it is shock-
excited. We will now see what we mean
by a damped wave and see how it is
produced by a resonant circuit.

DAMPED WAVES

Consider the circuit shown in Fig. 1. A
coil and capacitor are connected in paral-
lel and connected to a battery through a
switch. For our discussion we must
assume that the switch can be opened and
closed instantaneously. Now let’s see
what happens when we close the switch
for an instant.

At the instant the switch is closed,
electrons flow from the negative terminal
of the battery into side A of the capaci-
tor. At the same instant, electrons will
flow out of side B of the capacitor to the
positive terminal of the battery. If the
resistance in the circuit, which includes
the battery resistance, is very low, the
capacitor can charge up almost instantly
to a voltage equal to the battery voltage.
Thus, terminal A of the capacitor will be
negative and terminal B will be positive.

At the same time, when the switch is
closed, there will be some tendency for
current to flow through the coil from
terminal C to terminal D. However, you
will remember that one of the character-
istics of a coil or inductance is that it
opposes any rapid change in the current
flowing through it. The instant before the
switch is closed, the current flowing
through the coil is zero. The coil would
like to keep it that way. When the switch
is closed, the inductance of the coil tries
to prevent a current from building up in
the coil. Actually, there will be some
small current flowing through the coil
from terminal C to terminal D, but if the
switch is closed only for an instant, the
current will not be able to build up
appreciably. Therefore, at the instant the
switch is opened again we have the
capacitor charged, as shown in Fig. 2A,

SWITCH
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Fig. 1. A simple method of producing a
damped wave,



Fig. 2. How oscillation takes place in a resonant circuit.

and a small current flowing through the
coil as indicated.

When the switch is opened and we have
the situation shown in Fig. 2A, we have a
capacitor that is charged, and immedi-
ately starts to discharge. As a result, a
current flow will be set up in the circuit
as shown in Fig. 2B. Now remember that
a coil opposes a change in the current
flowing through it. Therefore the capaci-
tor cannot discharge instantly through
the coil, but rather must build up a
current in the coil which will build up a
magnetic field about the coil. Eventually,
the capacitor will build up a current flow
in the coil and enough electrons will leave
plate A to get to plate B to discharge the
capacitor.

The discharge of the capacitor removes
the voltage that caused current to flow
through the coil. The magnetic field
around the coil now collapses. The col-
lapsing field generates an emf in the coil,
which tends to keep the current flowing

in the same direction as before. This
continued current causes electrons to
flow onto plate B of the capacitor, giving
the capacitor a charge opposite to what it
had at the start. This condition is shown
in Fig. 2C.

After the field around the coil has
collapsed, there is no emf to hold the
charge on the capacitor. The capacitor
now begins to discharge back through the
coil as shown in Fig. 2D. The flow of
current caused by the discharge of the
capacitor builds up a magnetic field
around the coil until the capacitor is fully
discharged; the magnetic field collapses
and keeps the current flowing. This
current flow charges the capacitor with
the same polarity it had at the instant the
switch was opened. This is shown in Fig.
2E.

Again, the current will eventually drop
to zero, and then the capacitor will once
again begin to discharge through the coil
in the opposite direction, this time with



electrons flowing from plate A to plate B
as shown in Fig. 2F.

Notice that in Fig. 2F we have the
same situation as we had in Fig. 2B. In
other words, we have gone through a
complete cycle of events. The capacitor
was charged with one polarity. This pro-
duced a current flow through the coil,
which eventually charged the capacitor
with the opposite polarity. The capacitor
then began to discharge through the coil
in the opposite direction, which built up
a charge on it having the same polarity as
the original charge placed on the capaci-
tor. Once again this charge on the capaci-
tor began the cycle of events all over
again by attempting to discharge through
the coil.

You might think that this oscillation,
or backward and forward flow of current
through the coil to charge and discharge
the capacitor would continue indefi-
nitely. Indeed, if we had a perfect coil
and a perfect capacitor, once the oscil-
lation was started, it would continue
indefinitely. However, there is no such
thing as a perfect coil or a perfect
capacitor. There will be some losses in
both parts, so instead of having an oscil-
lation which continues indefinitely, we
will have what is called a damped wave.
The damped wave of voltage across the
capacitor is shown in Fig. 3.

The important thing to notice in this
damped wave is that the amplitude of
each cycle is just a little bit less than the
amplitude of the preceding cycle. In
other words, the wave is slowly dying out
because of losses in the resonant circuit.
The lower the losses in the circuit, the
greater the number of cycles that will
occur before the wave disappears. On the
other hand, the higher the losses in the
circuit, the fewer the number of cycles.

If we could find some way of closing

the switch in Fig. 1 for just an instant
when plate A of the capacitor reaches its
maximum negative charge, we could
supply a small amount of energy to the
resonant circuit to make up for losses in
the circuit. If we continue to supply this
small amount of energy once each cycle,
then the resonant circuit will continue to
oscillate indefinitely, and we could use it
as a source of ac power. This is what an
oscillator does, it supplies a pulse of
energy at the correct time to make up for
losses in the resonant circuit. We’ll see
how this is done later, but let’s learn
more about resonant circuits first.

FACTORS AFFECTING
RESONANT CIRCUITS

There are scveral additional important
things we should know about resonant
circuits. For example, we should know
the frequency at which oscillation takes
place in a resonant circuit. We should also
know what factors affect the loss of
energy from cycle to cycle, in other
words, how rapidly the wave train will die
out.

Another term that we frequently en-
counter when dealing with resonant cir-
cuits is “period”. We will now learn
something about these factors.

Frequency. The frequency at which a
resonant circuit oscillates will depend
upon the inductance and capacitance in
the circuit. We already know that reso-
nance occurs when the inductive reac-
tance of the coil is exactly equal to and

VAR

Fig. 3. Voltage across the capacitor.



canceled by the capacitive reactance of
the capacitor. In other words, at reso-
nance:

XL=X¢c

We know that the inductive reactance of
a coil, X[, is given by the formula:

X[ =6.28X fX L

and the capacitive reactance of a capaci-
tor is given by the formula:

1

x S ee———
C 68X X C

Now, since resonance occurs when Xi,
= X, let’s substitute the values for X
and Xc and we will get:

XL=Xc

1

628X fX L=———""—
6.28XfXC

and this can be manipulated to give us:
B 1
6.282 X LXC

and now if we take the square root of
both sides of the equation we get:

1

T 6.28X VLXC

For convenience in expressing formulas
of this type, the times sign is usually
omitted, and in place of 6.28, the term
27 is often used, so you will usually see
the formula for the frequency at which a
resonant circuit will oscillate expressed
as:

f

1

2r \/LC

You should remember this formula
because it is very important; but even
more important, remember what the for-
mula tells you. The formula says that the
frequency of a resonant circuit varies
inversely as the square root of the L-C
product. Now remember as we mentioned
before, when one factor varies directly
with another, making one bigger makes
the other bigger, and when two things
vary inversely then we have the opposite
situation; making one bigger makes the
other smaller. Here we have a situation
where the frequency varies inversely as
the square root of the L-C product. This
means that increasing the size of either L
or C will reduce the frequency at which
the resonant circuit oscillates, and re-
ducing the size of either L or C will
increase the frequency at which the reso-
nant circuit oscillates. We can express this
simply by saying: Larger L or C, lower
frequency; smaller L or C, higher frequen-
cy.

In using this formula, the frequency of
oscillation will be given in cycles per
second and the value of L and C used
must be in henrys and farads respectively.

Period. The period of a resonant circuit
is the time it takes the resonant circuit to
go through one complete oscillation.
Thus, if we have a circuit that is resonant
at a frequency of 1000 cycles per second,
its period would be 1/1000 of a second,
and if we have a resonant circuit that is
resonant at a frequency of 1,000,000
cycles per second, the period would be
1/1,000,000 of a second.

The period of a resonant circuit is
given by the formula:



where P represents the period of the
resonant circuit in seconds and f the
frequency in cycles per second.

Since in electronics we are usually
dealing with comparatively high frequen-
cies, it follows that the period of most
resonant circuits will be only a very small
fraction of a second. As a matter of fact,
the period of many resonant circuits will
be only a small fraction of a millionth of
a second. Therefore, to simplify things,
the microsecond is frequently used in
electronics work as a unit of time. A
microsecond is 1/1,000,000 (one mil-
lionth) of a second. Thus if a resonant
circuit has a period of 5/1,000,000 (five
millionths) of a second we can say that its
period is 5 microseconds, or if another
resonant circuit has a period of
1/10,000,000 (one ten millionth) of a
second, we can say this period is one-
tenth of a microsecond.

In order to show the cycle-time rela-
tionship, the frequency of a circuit is
measured in units called HERTZ. One
Hertz being equivalent to one complete
cycle in one second, 1,000 cycles in one
second would then be 1,000 Hertz (Hz)
or one kilohertz (kHz). 1,000,000 cycles
in one second would be one megahertz
(MHz). These terms are replacing the
older terms of kilocycles (kc) and mega-
cycles (mc) still used in many publica-
tions.

The Q Factor. The number of cycles
that will occur when a resonant circuit is
shock-excited depends almost directly
upon the Q of the coil. The higher the Q,
the more cycles will occur.

The Q of a coil tells us essentially how
good a coil we have. A coil that has a high
Q has a high inductive reactance com-
pared to the resistance of the coil. A coil
with a low Q has high resistance com-
pared with the inductive reactance.

The Q of a coil is expressed by the
formula:

and we can express X[ as equal to:
628X fXL

and substituting this in the formula for
the Q of a coil we get:

_6.28XfXL
R

If we examine this formula, we see that
the Q varies directly as the frequency and
inductance and inversely as the resistance.
Therefore, you might think that in-
creasing the frequency of the resonant
circuit by using a smaller capacitor in
conjunction with the coil will result in a
higher Q. This will often happen, but the
increase in Q is not as great as might be
expected, because the resistance of the
coil is the ac resistance rather than the dc
resistance. The ac resistance of a coil
actually represents ac losses in the coil
and this varies directly as frequency
varies. Therefore, increasing the frequen-
cy of the resonant circuit increases the
inductive reactance of the coil, but at the
same time it increases the losses so that
the Q normally does not increase as fast
as we might expect.

In a resonant circuit with a high Q coil
there will be a large number of cycles in a
damped wave train set up by shock-
exciting the resonant circuit. In other
words, the amplitude of one cycle will be
very little less than the amplitude of the
preceding cycle. However, if the Q of the
coil is low, then the losses in the coil will
be quite high so that the amplitude of
each cycle will be substantially less than



the amplitude of the preceding cycle.
This means that the oscillation will be
damped out quite rapidly and the number
of cycles that occur when the circuit is
shock-excited will be somewhat limited.

In most oscillator circuits a compara-
tively high Q coil is used. The reason for
this is that if the coil has a high Q, then
only a small amount of energy must be
supplied by the tube or transistor in the
oscillator circuit in order to sustain oscil-
lation. On the other hand, if the coil has a
low Q, the losses in the resonant circuit
will be quite high, with the result that the
tube or transistor used in the oscillator
circuit must supply a comparatively large

amount of energy in order to keep the
oscillation going.

SELF-TEST QUESTIONS

(a) What type of feedback is used in
oscillator circuits?

(b) If the inductance of an L-C circuit is
increased, what happens to the fre-
quency?

(c) If the Q of the resonant circuit is
increased, what happens to the
damped wave train?

(d) If the resonant frequency of an L-C
circuit is 2000 kHz, what is the
period of one cycle?




The Basic Oscillator

The function of the switch in Fig. 1 is
to supply energy of the proper phase and
at the proper time to sustain oscillations
in the resonant circuit. At radio frequen-
cies it would be impossible for a mechani-
cal switch to do this. Therefore, we must
use an electronic switch such as a vacuum
tube or transistor.

THE ELECTRONIC SWITCH

In order to see how the vacuum tube
can be used as an electronic switch, let’s
go back to the basic circuit we had in Fig.
1. We have repeated this circuit as Fig.
4A. It is exactly the same as Fig. | except
we have simply indicated where the bat-
tery voltage is to be connected instead of
actually showing the battery in the cir-
cuit. In practice, we could use either a
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Fig. 4. Using a tube as an electronic switch
to supply the losses in a resonant circuit.

battery or the dc output of a suitable
power supply. If we can momentarily
close the switch, we will charge the
capacitor C, and produce oscillation in
the parallel resonant circuit consisting of
C, and L,. However, this oscillation will
die out after a number of cycles because
of the losses in a resonant circuit, unless
we can find some way of supplying
additional energy to the resonant circuit
to make up these losses. If we could close
the switch at the right instant each cycle,
we could recharge capacitor C, once each
cycle and keep the oscillation going.
However, if the resonant frequency of the
circuit is several hundred Hertz or higher,
it would be impossible to close the switch
manually at the correct instant to keep
the oscillation going. As a matter of fact,
it would be difficult to do this mechani-
cally except at a very low frequency.

In Fig. 4B, we have replaced the switch
with a vacuum tube. The cathode of the
vacuum tube is connected to the negative
side of the power supply or battery, and
the plate of the tube is connected to the
resonant circuit. Between the cathode
and the grid of the tube, we have con-
nected a battery that will place a negative
voltage on the grid of the tube. The
battery voltage in the grid circuit is high
enough to bias the tube beyond cutoff.
Thus, with the circuit exactly as shown in
Fig. 4B, the bias on the tube is so high
that there will be no current flowing
through the tube and hence no way to
charge capacitor C; and start the reso-
nant circuit oscillating. We have in effect
the same situation as we have in Fig. 4A
with the switch open.

Now let’s look at the circuit shown in



Fig. 4C. Here we still have the tube
connected in the circuit in exactly the
same way except that we have added a
coil, L,, between the negative terminal of
the grid battery and the grid of the tube.
This coil is placed near L, so that it will
be inductively coupled to L;. Thus, .if
there is any change in the magnetic field
about L,, the changing flux will induce a
voltage in L,.

Now let’s consider what will happen if
we momentarily short the plate and
cathode of the tube together. If we do
this, capacitor C; will be charged. As
soon as we remove the short, C, will start
to discharge through L, and in doing so
will build up a magnetic field about L,.
The changing lines of flux will cut L, and
induce a voltage in it. This voltage in L,
will be in series with the battery voltage
applied between the cathode and grid of
the tube. If the end of L, that connects
to the grid of the tube is negative, and the
other end positive, then the voltage in-
duced in L, will add to the grid bias,
biasing the grid still further negative so
that no current can flow from the cath-
ode to the plate of the tube. However, if
the voltage induced in L, has a polarity
such that the end of L, that is connected
to the grid is positive, and the other end
is negative, then this voltage will oppose
the battery bias voltage and reduce it so
that the total grid bias will be reduced
below the point where the plate current is
cut off, and current can flow through the
tube. Therefore, by connecting L, with
the proper polarity, we can arrange the
circuit so that when the plate side of
capacitor C, reaches its negative peak,
the tube will conduct, and a burst of
electrons will flow through the tube,
charging C, still further. Thus, any loss in
the charge across C; due to losses in the
resonant circuit will be made up for by

the burst of electrons flowing through the
tube.

In Fig. 5, we have shown a number of
sine-wave cycles such as the oscillation
that might occur in the L,-C; resonant
circuit. The shaded pulses represent the
bursts of current flowing through the
tube that will reinforce the oscillation
and keep it going. Notice in Fig. 5 that
the burst of current flowing through the
tube occurs at the correct instant to aid
the oscillation. Also, notice that the
current burst occurs for only a small
fraction of a cycle. The current does not
flow through the tube during the entire
cycle.

For several reasons the oscillator cir-
cuit shown in Fig. 4C is not a practical
circuit. For one thing, the battery used to
provide the negative bias on the grid is
somewhat cumbersome. If we were using
a power supply to furnish the voltage to
operate this oscillator from a power line,
we would not want to be bothered with a
separate battery to supply the grid bias.
Furthermore, with this type of arrange-
ment, it would be possible to pick up
such a high voltage pulse in L, that the
tube would pass an extremely high
current when it was driven in a positive
direction. As the grid bias battery aged
and the voltage from this Dbattery
dropped, an even higher current pulse
would flow through the tube. As a matter
of fact, the pulse might be so high that
the tube could be damaged.

Fig. 5. The oscillator pulse is timed to occur at
the peak of the oscillation in the tank circuit
to reinforce the oscillation.



Both of these objections can be over-
come by modifying the circuit as shown
in Fig. 6. Let’s look at Fig. 6A first. In
Fig. 6A, you will see that we have
replaced the battery in the grid circuit by
a resistor, R;, with capacitor C, con-
nected across it. In other respects the
circuit is identical to the circuit shown in
Fig. 4C.

Let’s see exactly how this circuit
works. When voltage is first supplied to
this circuit, there will be no grid bias on
the tube. The tube starts to conduct and
charges capacitor C,;. Electrons will flow
into the side of this capacitor that con-
nects to the plate of the tube and out of
the other side. At the same instant,

C2

Fig. 6. A tuned-plate oscillator.

current will start to flow through L, and
there will be a rapid change in the lines of
flux about this coil. The changing mag-
netic lines will cut L,, and induce a
rather high voltage in it. Coil L, is
connected so that the grid of the tube
will be driven in a positive direction,
which will result in a still further increase
in current flowing from the cathode to
the plate of the tube, which will charge
C, still further.

Since the grid of the tube will be
driven in a positive direction, it too will
attract electrons, and electrons will flow
from the cathode of the tube to the grid,
through L,, and then through R, back to
the cathode of the tube. In flowing
through R;, they will set up a voltage
drop across it and charge capacitor C,
with the polarity indicated on the dia-
gram.

Eventually the rate at which the flux
lines are cutting L, will decrease, so the
voltage induced in coil L, will drop. The
voltage across R, will cut off the flow of
plate current in the tube. Capacitor C,
starts to discharge through R, and keeps
the grid of the tube at a high enough
negative potential to keep it cut off.
When this happens, we have opened the
switch as in Fig. 1 and an oscillation
starts in the tank circuit. The capacitor
and coil begin exchanging energy back
and forth. At the correct instant, once in
each cycle, the grid of the tube will be
driven positive by the voltage induced in
L, by the changing flux from L, so that
the tube will pass a burst of electrons to
recharge C; and make up any energy lost
in the tank circuit.

The oscillator we have been discussing
is called a tuned-plate oscillator. In actual
practice, the circuit is modified and you
will usually see it like Fig. 6B. Notice that
the position of the grid resistor and grid



capacitor, R; and C,, have been changed
with reference to L,. In other words,
tracing from the grid of the tube, we
come to the grid resistor and grid capaci-
tor first and then through L, to ground.
However, regardless of how the resistor
and capacitor are connected in series with
L,, the action of the circuit is the same.

This type of oscillator has several
disadvantages that can be eliminated by
different circuitry. However, since it is a
basic circuit and enables us to see exactly
how the tube is acting as a switch, it isa
good circuit to start our study of oscil-
lators with.

SELF-REGULATION

The oscillator circuits shown in Fig. 6
are self-regulating. This means that they
tend to control the flow of current
through the tube themselves. For
example, suppose the amplitude of the
pulse picked up by L, should increase for
any reason; if this happens, the pulse will
drive the grid even more positive than
normal. With a higher positive voltage on
the grid, a greater number of electrons
will be attracted to it. An increase in the
number of electrons reaching the grid will
mean that more electrons must flow
through R,. The voltage developed across
R, depends upon two things: the size of
the resistor and the number of electrons
flowing through it. Therefore, if the
number of electrons flowing through R,
increases, the voltage developed across it
will increase.

Notice the polarity of the voltage
across R;. The grid end of this resistor is
negative, so this bias voltage tends to
reduce the flow of current through the
tube. Therefore, the increase in negative
voltage across R; will subtract from the
increase of positive voltage across L, so
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that the net drive voltage applied to the
grid remains almost the same. Thus, even
though something might cause the voltage
developed in L, to increase, the tube will
compensate for this change by developing
an increased bias so that the burst of
plate current flowing through the tube
will remain essentially constant.

OSCILLATOR-AMPLIFIER

Up to this point, we have been con-
sidering the tube as a switch that closed
at the proper instant to replenish the
losses in the resonant circuit. We can also
consider the tube as an amplifier that is
amplifying part of its own output. For
example, L, and L, in Fig. 6B are
inductively coupled together. Part of the
output produced across L, is coupled to
L,, where it is fed back into the input
circuit. This signal fed into the input
circuit is then amplified by the tube and
fed to the resonant circuit L,-C, in the
output. The cycle then continues, with
part of the output being coupled to L,
and once again being fed back to the
input. Thus, the oscillator can indeed be
considered as an amplifier that feeds part
of its own output signal back to the
input, where it is amplified once again.

Of course, the signal fed back to the
input must be of the proper phase to
sustain oscillation. The signal must drive
the grid in a positive direction when the
plate current flowing through the tube
should increase. Feedback of this type is
called regenerative feedback. In some
amplifiers a small amount of regenerative
feedback is used to improve the gain of
the amplifier. However, in an oscillator,
enough regenerative feedback is used to
start the stage oscillating, and to keep it
oscillating.



OSCILLATOR FREQUENCY

You already know that the resonant
frequency, f,, of a circuit containing L
and C is:

1

—21r vLC

The resonant frequency is also often
expressed in terms of resonant angular
frequency, wq:

fo

where wy = 2m X f,. This expression
comes from the fact that there are 2w
radians in 360°. A radian is an angular
measurement equal to approximately
57°. Since there are 2n radians in 360°, a
vector rotating at f, Hertz travels through
2m X f radians per second.

You might at first expect an L-C
oscillator to operate at exactly wg, the
resonant frequency of the L-C circuit.
However, there is always some resistance
in the circuit that affects the oscillator
frequency. Furthermore, the plate re-
sistance of the tube affects the oscillator
frequency so that the actual frequency of
the oscillator, w, is:

l+R
orfir2 )
Rp

where wy, is the angular resonant frequen-
cy of the L-C circuit, R represents the
resistance in the resonant circuit, and R
is the plate resistance of the tube.

In most oscillator stages the value of R
will be small, because the Q of the
oscillator coil will be high. At the same
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time, the plate resistance of the tube will
be reasonably high so the term R/ Rp will
be small and w will be almost equal to
wq. However, the fact that R and Rp do
enter into the frequency means that if
cither of these values change, the oscil-
lator frequency will change. Thus, oscil-
lator stability depends not only on keep-
ing the values of L and C in the resonant
circuit constant, but also the value of R
and Rp must be kept constant.

OSCILLATOR STABILITY

One of the most important consi-
derations in oscillator circuits is the
stability of the oscillator - in other
words, how stable the oscillator frequen-
cy is. The output frequency of a radio
transmitter is controlled by the osciflator,
and if the oscillator frequency does not
remain constant, the transmitter output
frequency will not be constant.

We have already pointed out that the
oscillator frequency depends not only
upon the inductance and capacitance in
the resonant circuit, but also on other
factors such as the resistance of the
oscillator coil and the plate resistance of
the oscillator tube. Now, let us consider
each of these factors to see exactly what
effect each has on the oscillator frequen-
cy.

Tank Inductance and Capacitance. The
inductance in the oscillator tank circuit is
made up of the inductance of the oscil-
lator coil, plus any stray inductance in
the circuit. The capacitance in the oscil-
lator tank circuit is made up of the
capacity connected across the oscillator
coil plus any tube capacity that may be in
parallel with the coil and capacitor, and
the distributed wiring capacity in the
circuit. The inductance in the circuit
consists of the oscillator coil, the induc-



tance of the leads connecting the coil to
the tube and other parts in the circuit,
and any inductance that other parts in
the circuit may have. The capacity in the
circuit consists of the capacity of the
variable capacitor across the oscillator
coil, the input capacitance of the tube,
the stray wiring capacity in the circuit,
plus any stray capacity the coil may have.
This total inductance plus this total ca-
pacity are the major factors that deter-
mine the oscillator frequency.

When an oscillator is first turned on,
the values of the inductance and capaci-
tance in the tank circuit will usually
change as the tube and other parts in the
circuit heat. Therefore, the oscillator
stability is usually measured in terms of
the oscillator’s ability to maintain a con-
stant frequency after enough time has
been allowed for the tube and parts to
reach normal operating temperature. It is
common practice in some transmitters to
leave the oscillator on at all times to
avoid any frequency drift during the
warmup period. In some transmitters, the
oscillator coil and capacitor are placed in
an oven that is kept at a constant
temperature by a thermostatically con-
trolled heater to minimize changes in
inductance and capacity due to tempera-
ture changes. In some oscillators, special
temperature compensating capacitors are
connected across the oscillator tank cir-
cuit to minimize frequency drift due to
temperature changes. These capacitors
usually have a negative temperature co-
efficient. This means that their capacity
decreases as the temperature increases. By
using a capacitor of this type with the
correct temperature coefficient, it is
possible to compensate for any increase
in inductance or capacitance in other
parts in the circuit as the temperature
increases.
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Changing a tube in the oscillator circuit
can result in a change in oscillator fre-
quency. The input capacity of the tube
used in the oscillator circuit makes up
part of the oscillator tank circuit. The
input capacity of different tubes of the
same type may vary appreciably, so
putting a new tube in this or any other
oscillator circuit may change the tank
circuit capacitance, and hence the fre-
quency. Therefore, if you replace the
oscillator tube in a transmitter you
should check the output frequency.

Tank Losses. Earlier we pointed out
that the angular resonant frequency, wy,
of the oscillator tank circuit is given by:

1
Vv LC
and at the same time, the actual

frequency at which the oscillator oscil-
lates is given by:

R
w= wo(l +—)
Rp

where R is the resistance in the tank
circuit and Rp the plate resistance of the
tube.

The term R represents the ac resistance
of the tank circuit, and as such represents
all the losses in the tank circuit. Thus,
this term includes such factors as coil
resistance and losses from the oscillator
circuit due to loading of the circuit.
Therefore, any change in the oscillator
coil resistance will result in a change in
oscillator frequency. Similarly, a change
in the loading on the oscillator will result
in a change in oscillator frequency. Thus,
for maximum stability, the oscillator
should be lightly loaded and the load on
the oscillator must remain constant.

Wo =



The Plate Resistance. Since the plate
resistance of the tube enters into the
frequency of the oscillator, any change in
plate resistance will produce a change in
the oscillator frequency. The plate re-
sistance of the tube will change if either
the plate or grid voltage is changed in the
case of a triode, and if the grid or screen
voltage (and to some extent the plate
voltage) is changed in the case of a
pentode. Thus, it is important that the
voltages supplying the oscillator be kept
constant. These voltages must also be free
of hum, which actually is a changing
voltage superimposed on the dc supply
voltage, because the hum voltage could
produce a constantly changing plate re-
sistance which will result in a frequency-
modulated signal being generated by the
oscillator.

Changes in loading on the oscillator
may affect the bias developed on the grid
of the tube. When this happens, the grid
voltage will change, causing the plate
resistance and hence the frequency to
shift.

Looking at the expression for the
oscillator angular frequency, we see that
the frequency is equal to the angular
frequency of the tank circuit times one
plus a fraction. Thus, the oscillator fre-
quency will be higher than the resonant
frequency of the tank circuit. Also, if the
term R/R, is small, which it usually is,
the oscillator frequency will differ from
the tank frequency by only a small
percentage. However, at high frequencies,
this small percentage or fraction can
represent a great enough frequency
change to cause concern. For example, if
the resonant frequency of a tank circuit is
10 MHz and the value of R/Rp is only
.01, .01 X 10,000 kHz represents 100
kHz so the oscillator frequency would be
10,101 kHz, or 10.1 MHz. If the value of
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Rp changed because of changing voltages
on the tube, the oscillator might drift 50
kHz or more above or below this frequen-

cy.
TRANSISTOR OSCILLATORS

Of the three basic transistor configu-
rations, the common emitter is the most
frequently used in rf oscillator circuits.
There are several reasons for this. The
power, current and voltage gains of the
common-emitter configuration are all
greater than one, and the highest possible
power gain can be had. Also in the
common-emitter circuit, moderate input
and output impedances make less power
necessary for feedback. In the common-
base configuration, low input and high
output impedances inherent in the cir-
cuit cause a mismatch in the feedback
circuit, producing greater losses and re-
quiring more feedback. The current gain
in the common-base circuit is less than
one, even though voltage and power gains
are greater than unity. A somewhat
similar condition exists in a common
collector circuit where high input and
moderate output impedances exist. Volt-
age gain is less than unity, but current
and power gains are greater than one.

Transistor oscillators may be designed
to operate class A, B or C depending on
the desired efficiency. Since rf oscillators
are also amplifiers, bias supply and tem-
perature stabilization are similar to rf
amplifiers discussed in a previous lesson.

A combined voltage divider and feed-
back type biasing arrangement is often
used because it helps produce oscillation
and at the same time establishes a stable
dc bias point. Emitter biasing with a
bypass capacitor is also used, the opera-
tion being similar to grid leak biasing.
Usually the amplitude is regulated by



driving the transistor into saturation or
by using special diode limiting circuits.
Either shunt or series type collector feed
may be used, the shunt type being pre-
ferred for greater output efficiency.

Frequency stability of the transistor
oscillator is equivalent to, and sometimes
greater than the electron tube oscillator.
The use of lower voltages, currents and
power, permits construction of better
tank circuits. In particular, the low power
used with transistors aids in stability due
to the decrease in heat. One major dis-
advantage of transistors is their critical
operating point. A slight bias change can
cause a large shift in frequency.

The collector-to-emitter capacitance of
the transistor also affects frequency sta-
bility. This internal capacitance will vary
with changes in collector or emitter volt-
ages and with temperature. In high fre-
quency oscillators it is sometimes neces-
sary to place a swamping capacitor across
the collector to emitter leads. The total
capacitance of the two in parallel results
in a circuit which is less sensitive to
voltage changes. The added capacitor may
be a part of the tuned circuit.

Partial compensation of voltage
changes may be obtained by use of a

common supply. Since an increase in
collector voltage tends to increase oscil-
lator frequency and an increase in emitter
voltage decreases oscillator frequency, the
use of a common bias source for both the
collector and emitter helps stabilize the
frequency. By using a common bias
source, a change in one is somewhat
counteracted by the change in the other.

The three basic transistor configura-
tions used for oscillators are shown in
Fig. 7. Bias and feed arrangements are
omitted for simplification. Although any
of the three basic transistor configura-
tions can be used, generally only two, the
common-emitter and common-base, are
used in actual practice. The common-
emitter configuration offers the advan-
tages of easily matched input and output
impedances and its close parallel to thé
electron tube.

The major advantage of the common-
base circuit is that at high frequencies
collector-emitter capacitance helps feed-
back an in-phase voltage independently of
tickler coil L, and oscillation is more
easily obtained. In the common-emitter
circuit, this capacitance feeds back an
out-of-phase voltage which requires addi-
tional feedback from the tickler coil to

L L
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Fig. 7. Tickler coil oscillators.
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overcome it. In both the common-base
and common-emitter circuits, oscillation
is easily sustained. This is the result of
feedback provided by voltage induced
through the mutual inductance of L, and
L,. In the common-collector circuit, the
voltage gain is always less than unity,
therefore feedback tends to be insuffi-
cient for stable oscillations at the lower
frequencies. At the higher frequencies it
is assisted by the collector-emitter capaci-
tance. Sometimes, an external capacitor is
added between the collector and emitter
to give additional feedback.

Operation of the L-C circuit is similar
to that of the electron tube circuit. As
the oscillator is switched on, current
flows through the transistor as deter-
mined by the biasing circuit. Initial cur-
rent produces a feedback voltage between
the collector and the emitter which is
in-phase with the input circuit. As emitter
current increases, collector current in-
creases and additional feedback between
L; and L, causes the emitter current to
increase until saturation is reached. When
saturation is reached, emitter current is
no longer changing (increasing), and the
induced feedback voltage is therefore
reduced. At this time the collapsing field
around the tank and tickler coils induce a
reverse voltage into the emitter circuit
which causes a decrease in the emitter
current, thus causing a decreasing collec-
tor current. The decreasing current then
induces a greater reverse voltage in the
feedback loop driving the emitter current
toward cutoff.

Although the emitter is cut off, a small
reverse (leakage) current flows. This cur-
rent has no effect on the operation of the
circuit but it does represent a loss which
lowers the efficiency. In this respect the
transistor differs from the electron tube,
which has zero current at cutoff.
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The discharge of the tank capacitor
through L, will cause the voltage applied
to the emitter to rise from a reverse-bias
to forward bias condition. Emitter and
collector current start to increase and the
cycle repeats itself.

The transistor oscillator circuit that
most closely resembles the tuned-plate
vacuum tube oscillator is the tuned-
collector oscillator. This circuit is shown
in Fig. 8.

Notice that in this circuit the resonant
circuit consisting of C;-L; is in the
collector circuit of the transistor. L, is
inductively coupled to L, so energy is fed
from L; to L,. The signal developed in
L, is fed back to the base of the
transistor.

In the operation of this oscillator,
resistor R, and capacitor C, develop a
bias voltage sufficient to cut off the
transistor. The signal needed to overcome
this cutoff bias is induced in L, and
applied between the base and the emitter.
Since this is a PNP transistor, the signal in
L, must make the base negative and the
emitter positive at the instant that a pulse
of current is needed from the collector in
order to sustain oscillation in the reso-
nant circuit consisting of L, and C,.

Fig. 8. A tuned-collector oscillator.
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SELF-TEST QUESTIONS

Describe the phase relationship
between the plate current wave
shape and the voltage wave shape
developed across L, in Fig. 4C.
What makes the oscillator in Fig. 6B
self-regulating in regard to the ampli-
tude of the grid signal?

List three methods of reducing fre-

(h)

®

quency drift due to changes in tem-
perature in a resonant circuit.

In high frequency transistor oscil-
lators what is sometimes used to
compensate for collector-to-emitter
capacitance?

In the oscillator circuit in Fig. 8,
where is the bias developed and
what component develops the signal
that overcomes this bias?
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Practical Oscillator Circuits

The oscillator circuits we have dis-
cussed up to this point weren’t very
practical. They were used to illustrate
some of the basic characteristics of oscil-
lators. Let us now look at some practical
circuits actually found in communication
equipment. These oscillators are grouped
according to the type of resonant circuit
used, inductance-capacitance (L-C) or
resistance-capacitance (R-C).

L-C OSCILLATORS

The L-C oscillators can be placed into
one of two classifications: those using
inductive feedback and those using capac-
itive feedback. The inductive feedback
oscillator uses inductive coupling to
return a portion of the output back to
the input. The capacitive feedback circuit
uses capacitive coupling to accomplish
this. Although there is some difference
in the circuitry involved, both types are
L-C oscillators, and the net result is
essentially the same.

OSCILLATORS USING
INDUCTIVE FEEDBACK

One of the most important and most
widely used oscillators in electronics
work is the Hartley oscillator. This oscil-
lator uses inductive feedback. The reso-
nant circuit is placed in the grid circuit of
the tube or the base circuit of the
transistor instead of in the output circuit
as in the case of the tuned-plate and
tuned-collector oscillators. However,
before we look at the Hartley oscillator
let’s look at another oscillator which will
help you understand how the Hartley
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oscillator works. Let’s first look at the
tuned-grid oscillator.

Tuned-Grid Oscillator. Two versions of
the tuned-grid oscillator are shown in Fig.
9. The circuits are basically the same; the
only electrical difference is in the con-
nection of the grid resistor R,. In the
circuit shown in Fig. 9A, R, is connected
directly across the grid capacitor C,,
whereas in the circuit shown in Fig. 9B,
R, is connected between the grid and the
cathode of the tube. The action of R, is
the same in both cases; it provides a path
for the electrons striking the grid of the
tube to get back to ground or the cathode

8+

Fig. 9. Two versions of the tuned-grid oscillator.



of the tube. In the circuit of Fig. 9A,
when C, discharges through R; to
develop negative bias for the tube, there
is no discharge through the tank circuit.
In Fig. 9B, when C, discharges through
R,, the discharge current also flows
through the tank circuit.

Actually, the biggest difference be-
tween this oscillator and the tuned-plate
oscillator that you already studied is that
the resonant circuit is in the grid circuit
instead of the plate circuit. With this
circuit, when the power is turned on,
changes in plate current will set up a
changing magnetic field about L,. L; is
inductively coupled to L, so the changing
magnetic field about L, will induce a
voltage in L;. The induced voltage
charges capacitor C,, starting the oscil-
latory discharge in the tank circuit con-
sisting of L;-C,. The voltage across C,
becomes the grid voltage because the
value of C, is large enough so that its
reactance is so small at the frequency of
oscillation, that the grid is, in effect,
connected directly to C,.

Now since the increasing plate current
causes the end of C; that is connected to
the grid through C, to swing in a positive
direction, the grid of the tube is driven in
a positive direction. Driving the grid
positive produces two effects; it increases
the plate current, causing C,, and hence
the grid, to be driven still further in a
positive direction, and it causes grid
current to flow, which charges C; with
the polarity shown on the diagram.

Now if the plate current of the tube
could keep on increasing indefinitely, the
grid end of C, would be driven more and
more positive. However, there is a limit to
how high the plate current can become,
because a balance will be reached be-
tween the positive voltage across C; and
the negative voltage across C,. When this
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happens, the plate current flowing
through L, will no longer change. We will
no longer have voltage induced in L,, and
C, will begin to discharge through L,,
setting up an oscillation in the L-C
circuit. As soon as this happens, the
positive voltage on the grid end of C,
begins to disappear, and the plate current
will be cut off by the negative voltage
across C,. The L-C circuit is now free to
oscillate as though the tube were removed
from the circuit. C, meanwhile starts to
discharge through R,, setting up the
voltage drop across it as shown on the
diagram. During the next half cycle when
the voltage on the grid end of C, again
becomes positive, it will drive the grid in
a positive direction enough to let some
plate current flow through the tube; this
will result in a change in the field about
L, which will induce a voltage in L,
which drives the capacitor and the grid
voltage still further in a positive direction.

The important point to remember
about this oscillator is that the energy
needed to sustain the oscillation in the
tank circuit, consisting of L, and Cy, is
inductively coupled to L, from L,. This
energy comes from the plate of the tube
in the form of bursts of plate current
which produce a changing magnetic field
about L,. These bursts of current are the
result of the grid of the tube being driven
positive by the voltage across C, swinging
positive once each cycle.

The Hartley Oscillator. Two Hartley
oscillators are shown in Fig. 10. The
circuit shown in Fig. 10A uses a vacuum
tube, whereas the one shown in Fig. 10B
uses a transistor, Although the operation
of the two circuits is so similar that if you
understand one, you will understand the
other, we will go through both circuits in
considerable detail.

Notice the difference between the
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Fig. 10. Typical Hartley oscillators; a vacuum

tube Hartley oscillator is shown at A, and a
transistorized one at B.

Hartley oscillators and the tuned-grid
oscillators. The tuned-grid oscillator has
two coils, whereas the Hartley oscillator
uses only a single tapped coil. In the
circuit shown in Fig. 10A, the cathode of
the tube is connected to the tap, and in
the circuit shown in Fig. 10B, the emitter
of the transistor is connected to the tap.

In the circuit shown in Fig. 10A, when
the plate current starts to flow through
the tube, current must flow through the
lower half of the coil between terminals |
and 2. Since the entire coil is wound on a
single form, all the various turns of the
coil are inductively coupled together.
Therefore the increasing plate current
flowing between terminals 1 and 2 will
produce a changing magnetic field which
will induce a voltage in the portion of the
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coil between terminals 2 and 3. This
voltage will charge capacitor C; with the
polarity such that the end of the capaci-
tor that connects to the junction of C,
and R, is positive. Again since the value
of C, is chosen so that its reactance is
practically zero at the oscillation frequen-
cy, the grid of the tube is in effect
connected directly to C,. This means that
the increase in plate current will drive the
grid of the tube in a positive direction,
causing a still” stronger burst of current
through the coil. This in turn causes still
higher induced voltage between terminals
2 and 3 which again charges capacitor C,
still further. At the same time when the
grid is driven positive, it will attract
electrons, and C, will be charged with the
polarity shown.

As in the tuned-grid oscillator, the
point is eventually reached where there is
a balance between the positive voltage
applied to the grid by C; and the negative
voltage applied to the grid across C, and
R, so that there is no further increase in
plate current. This means that the mag-
netic field produced by the current flow-
ing between terminals 1 and 2 becomes
constant and no further voltage will be
induced in the coil. C, starts to discharge
through the coil, and the oscillating cycle
is started. Furthermore, the positive volt-
age on the end of C, that connects to the
grid of the tube through C, disappears,
and the tube stops conducting.

Again, the tube will be biased beyond
cutoff by the discharge of C, through
R;. These electrons charge C, during the
portion of the cycle when the grid is
conducting. When grid current stops flow-
ing, C, will discharge through R,, setting
up a voltage drop across it such that the
grid end is negative. This voltage across
R, maintains the bias on the grid of the
oscillator tube.



In some cases you will see slight
variations of the Hartley oscillator circuit.
In some instances, R; may be connected
between the grid and cathode or from the
grid of the tube directly to ground. In
another variation the cathode connects
directly to ground, R; connects between
the grid of the tube and ground, and then
the plate of the tube connects directly
back to terminal 1 of the oscillator coil.
The B+ voltage is then applied to terminal
2 of the coil. This is simply a modifica-
tion of the Hartley oscillator circuit; it
works in exactly the same way as the
Hartley oscillator shown in Fig. 10A.

In the circuit shown in Fig. 10B we
have a PNP transistor. When holes begin
to travel from the emitter to the collec-
tor, electrons will flow from the emitter
through R, to terminal 2 on the coil.
From terminal 2 they will flow through
the coil to terminal 1 and back to the
positive terminal of the battery. The
electrons, in flowing through the coil
from terminal 2 to terminal 1, will build
up a field about this part of the coil. This
field will be a changing field as the
current builds up, and this will induce a
voltage in the portion of the coil between
terminals 2 and 3. This induced voltage
will charge C; with the polarity such that
the end connecting to terminal 3 of the
coil is negative and the other end is
positive. This negative voltage on one end
of C, will be applied to the base of the
transistor through capacitor C, because
C, has a low reactance at the frequency
of oscillation. The negative voltage on the
base of the transistor will increase the
forward bias across the emitter-base
junction, causing an increase in the
number of holes flowing from the emitter
to the collector. This causes a still further
increase in the electron movement from
terminal 2 to terminal 1 of the coil,
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causing the base of the transistor to be
driven still further in a negative direction.

In this circuit when the number of
holes flowing from the emitter to the
collector increases, terminal 3 of the coil
will be driven in a negative direction, and
when the holes flowing from the emitter
to the collector decrease, terminal 3 will
be driven in a positive direction. Remem-
ber that in a PNP transistor, driving the
base in a negative direction causes the
holes moving through the transistor to
increase, whereas driving it in a positive
direction causes the number of holes
flowing from the emitter to the collector
to decrease. The burst of hole movement
through the transistor causes the electron
movement from terminal 2 to terminal 1
of coil L, to flow through the coil in
burst, and this burst of energy makes up
for any losses in the resonant circuit
consisting of L, and C,.

It is interesting to note the similarity
between the circuits shown in Fig. 10A
and Fig. 10B. Although we have a vac-
uum tube used in one circuit and a
transistor in the other, there is a great
deal of similarity between the two cir-
cuits and the way they work. In each case
we have energy lost in the resonant
circuit being replaced by bursts of energy;
from the tube in one case and from the
transistor in the other case. Also notice
that the energy is fed across only part of
the coil in each case, but the voltage
induced in the entire coil is enough to set
up a current flow that will replace the
capacitor charge that is lost because of
resistance or other losses in the resonant
circuit.

OSCILLATORS USING
CAPACITIVE FEEDBACK

There are a number of different oscil-
lator circuits in which capacitive feedback



rather than inductive feedback (as in the
preceding examples) is used to sustain
oscillation. Let’s look at some of them
now.

Colpitts Oscillator. Perhaps the most
important of the oscillators using capaci-
tive feedback is the Colpitts oscillator
shown in Fig. 11. The one in Fig. 11A
uses a vacuum tube while the one in Fig.
11B uses a transistor.

The operation of the two oscillators is
quite similar. When the equipment is first
turned on, current flows through L,,
which is the small rf choke used to
complete the cathode circuit in Fig. 11A
and the emitter circuit in Fig. 11B.
Current flowing through the coil pro-
duces a voltage drop across the coil, and
this charges capacitor C,. The charge on
capacitor C, will start an oscillation in
the tank circuit, which consists of coil L,
and two capacitors, C; and C,. Remem-
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Fig. 11. Two Colpitts oscillators.
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ber that when we have two capacitors
connected in series they will act like one
capacitor insofar as the coil is concerned,
and the circuit will start to oscillate. The
voltage developed across C, is the feed-
back voltage. It is applied between the
grid and the cathode in the circuit shown
in A and between the emitter and the
base of the circuit shown in B. When this
voltage swings in a direction that makes
the end of C, connected to C; positive
and the other end negative, it will in-
crease the current flowing through the
tube or transistor, causing an increase in
current flow through L,, which charges
C, still further. When the polarity of the
voltage across C; reverses, the voltage will
oppose the current flow and in Fig. 11A
simply add to the bias between the grid
and the cathode, reducing the plate cur-
rent to zero; or in Fig. 11B, put a reverse
bias across the emitter-base junction, re-
ducing the current flowing through the
transistor to practically zero.

The amount of feedback voltage ap-
plied to the input of the circuit depends
upon the ratio of C, to C,. If C, is large
compared to C,, the reactance of C, will
be low and the reactance of C, will be
high. Most of the voltage developed
across the capacitors will be developed
across the higher reactance, in this case
C,. This means that the feedback voltage
applied to the input will be low. How-
ever, if C, is small compared to C,, the
reactance of C, will be high compared to
the reactance of C, and the feedback
voltage supplied to the input of the
circuit will be high.

The ratio of C, and C, can be altered
to provide the required feedback to the
input circuit to sustain oscillation. If the
value of C, is increased and the value of
C, decreased by the correct amount, the
total capacity in the circuit formed as the



result of two capacitors in series remains
the same, and hence the resonant circuit
of the oscillator does not change.

In some Colpitts oscillators an addi-
tional capacitor is connected directly
across L,. This is done to provide some
means of changing the resonant fre-
quency so we can vary the frequency at
which the oscillator oscillates. It is im-
practical to try to vary both C; and C, at
the same time, but an additional capaci-
tor placed directly across the coil can be
varied, and this will change the resonant
frequency of the oscillator. At the same
time, since C; and C, will still form a
voltage divider, part of the total voltage
developed across the two capacitors in
series is fed back to the input circuit; this
part can still be controlled by the proper
selection of C, and C,.

There are a number of variations of the
Colpitts oscillator circuit. It is sometimes
found in radio transmitting equipment
that must be designed so that its fre-
quency can be varied. The Colpitts oscil-
lator can be designed with excellent
frequency stability. By this we mean that
once the oscillator is adjusted to operate
at a certain frequency it will not drift
from that frequency very much. Some
oscillators, on the other hand, do not
have good frequency stability and will
drift appreciably.

Another variation of the Colpitts oscil-
lator circuit is shown in Fig. 12. Here we
have the capacitor C; connected across
L, in addition to the voltage divider
capacitors C, and Cj.

Notice that in this circuit the plate of
the tube is fed back directly to L;, Cy,
and C, and that the choke coil L, has
been moved from the cathode circuit to
the plate circuit of the tube. The cathode
in this oscillator circuit is connected
directly to ground.
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Fig. 12. A variation of the Colpitts oscillator.
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In this oscillator when the plate cur-
rent increases there will be a voltage
developed across the rf choke, L,, in the
plate circuit of the tube, and this voltage
will charge C3;. Once this capacitor is
charged, oscillation starts in the circuit
just as in the Colpitts oscillators shown in
Fig.11.

The Ultra-Audion Oscillator. Another
oscillator that uses capacitive feedback is
the ultra-audion oscillator shown in Fig.
13A. When this type of oscillator was
first developed, it was considered as a
new type of oscillator. However, with
careful analysis, we can see that it is
actually a Colpitts oscillator, practically
identical to the oscillator shown in Fig.
12. We have used the same designations
to identify the parts in the circuits shown
in Figs. 12 and 13. As you can see, the
parts are all the same except for C, and
Cis, which Fig. 13A does not seem to
have. However, in Fig. 13B we have
shown these two capacitors. C, is the
grid-to-cathode capacity of the tube, and
C, is the plate-to-cathode capacity of the
tube. When we consider these two capaci-
ties, we have a capacitive voltage-divider
network just like the one in Fig. 11. C; in
Fig. 13B is between the grid and the
cathode of the tube. Notice that C, in
Fig. 12 also is in effect connected be-
tween the grid and the cathode of the



Fig. 13. The ultra-audion oscillator.

tube. C, and C; are in series in both
circuits and they are connected across the
tank circuit. C3 connects directly to the
lead going from the plate of the tube to
one side of the resonant circuit, and C,
connects through capacitor C4 to the
resonant circuit. Therefore, this oscillator
is simply another form of Colpitts oscil-
lator.

This type of circuit is frequently used
in the vhf oscillators in the tuners of
television receivers. Of course, it is usu-
ally shown in the schematic in the form
shown in Fig. 13A. Manufacturers seldom
draw in the distributed capacities; they
expect the technician to know enough
about oscillator circuits to recognize this
as the ultra-audion oscillator and to know
that this is simply a modified form of
Colpitts oscillator.
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The Electron-Coupled Oscillator. So
far all of the vacuum tube oscillators we
have discussed have been triode oscil-
lators. These oscillators are widely used in
receiving equipment and are sometimes
found in transmitters and other rf power-
generating equipment. However, they
have some disadvantages, one of which is
the direct coupling between the output
and input circuits through the grid-to-
plate capacity of the tube. Loading the
output circuit of the oscillator has an
effect on the input circuit and hence
often results in an appreciable shift in the
frequency at which the oscillator is oscil-
lating. The net result is that triode oscil-
lators are not stable enough for some
purposes.

An oscillator that overcomes this diffi-
culty is the electron-coupled oscillator. In
this circuit a tetrode or a pentode tube is
used so that the only coupling between
the input and output circuits is in the
electron stream flowing from the cathode
to the plate of the tube. Schematic
diagrams of two electron-coupled oscil-
lators are shown in Fig. 14. The circuit
shown in Fig. 14A is for an electron-
coupled Hartley oscillator and the one
shown in Fig. 14B is for an electron-
coupled Colpitts oscillator.

The operation of these oscillators is
similar to the operation of the triode
oscillators, except that in the electron-
coupled oscillator the screen grid of the
tube acts like the plate of a triode tube.
In other words, insofar as the oscillator
action is concerned, we have three ele-
ments in the tube to be concerned about,
the cathode, the grid and the screen grid.
The screen grid acts like the plate of the
oscillator tube. The oscillation is set up in
this circuit by these three tube elements.
However, the electron stream flows from
the cathode of the tube to the plate of
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Fig. 14. Electron-coupled oscillators; the circuit
at A is a Hartley oscillator.

the tube, and it is controlled by the grid.
Since the grid is biased beyond cutoff
during most of the rf cycle, but receives a
strong positive pulse during a portion of
the cycle, the plate current flowing
through the tube flows in the form of
pulses, which flow only when the grid of
the tube is driven in a positive direction.

In the plate circuit of both oscillators
we have shown an rf choke and a capaci-
tor through which the oscillator can be
coupled to the following stage. In some
electron-coupled oscillators you will find
a resonant circuit in the plate circuit of
the tube instead of the rf chokes shown
in Fig. 14. In some oscillators, this
resonant circuit will be tuned to the same
frequency as the resonant circuit in the
grid circuit of the oscillator, but in other
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oscillators you’ll find that it is tuned to a
frequency equal to twice or three times
the frequency to which the resonant
circujt in the grid circuit of the tube is
tuned. If we tune the resonant circuit in
the plate circuit of the tube to twice the
frequency of the resonant circuit in the
grid circuit of the tube, we will have a
frequency doubler. The resonant circuit
in the plate circuit of the tube is set into
oscillation by the burst of plate current
flowing through the tube. However, since
the resonant frequency of this circuit is
twice the resonant frequency of the input
circuit, the circuit in the plate circuit
begins to oscillate at a frequency equal to
twice the frequency being generated in
the grid circuit. The oscillation in the
plate circuit therefore goes through two
complete cycles before a second pulse is
received from the plate of the tube. This
is called a frequency-doubler circuit. If
the resonant circuit in the plate circuit is
tuned to three times the frequency of the
input circuit, the oscillation set up in the
plate circuit will go through three com-
plete cycles before it receives an addi-
tional pulse from the plate of the tube.
This is called a frequency tripler. Now,
you might expect this to result in a
damped wave, with the amplitude of the
cycles which do not receive a reinforcing
pulse from the plate of the tube being
considerably less than the amplitude of
the particular cycles during which the
pulse is received. Of course, there will be
some loss in the resonant circuit and
there will be some change in amplitude.
However, by the use of a high Q resonant
circuit in the plate circuit, the change in
amplitude that occurs each cycle is very
small and for all practical purposes all the
cycles of the sine wave produced in the
resonant circuit will have essentially the
same amplitude.



R-C OSCILLATORS

Resistance-capacitance (R-C) oscil-
lators use the charging and discharging
action of a capacitor and a resistor in the
feedback path to cause oscillation. The
R-C oscillator is used in audio and low rf
ranges. They offer an inexpensive method
of obtaining a fairly stable sine wave
within the range of their operation. Al-
though many variations of the R-C oscil-
lators exist, there are only two basic
types, the phase shift and the bridge.

The phase shift uses a series of R-C
phase shifting circuits between the output
and the input to produce a feedback
in-phase with the input. The bridge cir-
cuit usually uses an additional tube or
transistor to obtain the phase shift and a
bridge type circuit to control the feed-
back at the proper frequency.

Phase Shift. The phase shift oscillators
in Fig. 15 consist of a conventional
amplifier and a phase shift feedback
circuit. As in L-C oscillators, the feedback
must be positive. In the circuits in Fig.
15A and B, the output signal will be 180°
out-of-phase with the input signal. There-
fore the phase shift network must shift
the phase of the feedback signal 180
degrees. This phase shift is provided by
C,, C;, C; and Ry, R;, R3. One section,
Ci-R,, of the feedback loop is shown
separately in Fig, 15C. The impedance of
the circuits is capacitive and the feedback
voltage, ef, produces a current, i, through
C;-R,; which leads ef. The angle of the
current lead is determined by the ratio of
the reactance of C; to the resistance R;.
As the value of R, is reduced, the circuit
will become more capacitive and more
current will lead the voltage up to a
maximum of 90°. If resistance is in-
creased the current lead will decrease.

By increasing the number of R-C net-

works, the losses of the total feedback
circuit will decrease and a less amount of
phase shift will occur in each section of
the feedback loop. For this reason some
oscillators use five or six R-C sections. In
Fig. 15 each section produces a 60 degree
phase shift. The reactance of the capaci-
tors is inversely proportional to the fre-
quency; therefore, only one frequency
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Fig. 15. Phase shift oscillators.



will pass through the feedback loop.
Normally the output is fixed in frequency
due to the constant value of the capaci-
tors. A variable output may be obtained
by using ganged variable capacitors or
resistors since an increase in the value of
either R or C will decrease the frequency.

Let us examine the operation of the
circuit in Fig. 15B. R; and R4 establish
the base bias while Rg and C, furnish
thermal stabilization and furnish an rf
ground to the emitter. Ry is the load
across which the output is taken and C;
is the coupling capacitor.

Once power is supplied, operation is
started by any random noise in the power
source or the transistor. This noise causes
a change in base current which causes a
large change in collector current. This

change in collector current develops an
output voltage across Rg which is 180°
out-of-phase with the original change in
base voltage. Part of the signal developed
across R¢ is returned to the base shifted
180 degrees by the R-C network. The
shift in phase through the R-C network
causes the feedback to aid the output,
resulting in positive feedback.

With fixed values of R and C, the 180
degree phase shift occurs at only one
frequency, therefore, the output is a sine
wave of fixed frequency. At all other
frequencies, the reactance either increases
or decreases, causing a variation in the
phase relationship resulting in degener-
ative feedback.

The Bridge Oscillator. The Wien-bridge
oscillators shown in Fig. 16 consist of low
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Fig. 16. Wien-bridge oscillators.
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gain amplifier stages and a resistive-
capacitive bridge circuit. The feedback is
taken from the second amplifier and
returned to the bridge circuit. Since there
are two 180 degree phase shifts between
the input of the first amplifier and the
output of the second amplifier, the feed-
back will be positive. The resistive-
reactive bridge circuit is designed to be
balanced at the operating frequency;
therefore, only feedback of the desired
frequency reaches the input of the first
stage. Let’s examine Fig. 16A and see
how this works.

The voltage divider, R, and Ry supply
base bias for Q, and R,, and Rg fur-
nishes bias for Q,. Thermal stabilization
is provided by R4 and Ry. Ry and Ry
form a resistive leg of the bridge which is
in shunt with the output of Q,. A
portion of this output coupled by C4 and
R, appears across Ry as negative feed-
back. Since R, is not frequency sensitive,
the negative feedback is constant regard-
less of the frequency of the output. At
frequencies other than the operating fre-
quency, the negative feedback furnished
by R, will prevent oscillation. At the
frequency of operation, which is con-
trolled by the bridge reactive leg of
R,-C, and R,-C,, the positive feedback
to the base of Q, is maximum. This
in-phase feedback signal is applied to the
base of Q, and is of sufficient amplitude
to overcome the negative feedback across
R,. The total feedback is therefore posi-
tive at the operating frequency.

The amplified output of Q, is coupled
to the base of Q, by C; and R,. Q,
further amplifies the signal and the volt-
age developed across R g is coupled to

the output by Cs, and a feedback signal is
coupled through C4 to Q.

We have not covered all of the various
L-C and R-C oscillator circuits you are
likely to encounter. There are many
different variations of the circuits we
have discussed, and some entirely differ-
ent circuits. However, most of the circuits
you are likely to encounter will be one of
the circuits we have discussed in this
section of the lesson or a variation of one
of these circuits. If you come across a
circuit you do not recognize immediately,
first determine whether it is R-C or L-C
and, in the latter case, whether capacitive
or inductive feedback is used. Once you
have decided on the type of feedback
that is used, you should be able to figure
out how the oscillator circuit works if
you keep in mind that its operation is
similar to one oscillator we have de-
scribed in this lesson.

SELF-TEST QUESTIONS
(j) When plate current increases in the
tuned grid oscillator (Fig. 9B), what
happens to the voltage at the
junction of R and C,?
Where is the feedback voltage devel-
oped in the Colpitts oscillator (Fig.
11B)?
The ultra-audion oscillator is a mod-
ification of what type oscillator?
How is the 180° phase shift in
feedback voltage accomplished in
the phase shift oscillator?
What component(s) develops the
feedback voltage in the Wien-Bridge
oscillator (Fig. 16)?

(k)

0
(m)

()
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Crystal Oscillators

Although L-C oscillator circuits have
been developed that have very good
frequency stability characteristics, the
master oscillators in most transmitters
still use crystals. Better frequency stabil-
ity is the main reason for using crystals
instead of L-C resonant circuits in master
oscillators. The frequency tolerance al-
lowed by the FCC for most transmitting
services is very small. The tolerance of a
transmitter operating in the broadcast
band, for example, is a frequency devia-
tion of only 20 Hertz from the assigned
frequency. Some services are permitted
slightly more frequency tolerance, but in
all cases, the tolerance is rather strict.
This restriction is necessary to keep the
large number of stations operating in the
frequency spectrum from interfering with
each other.

Several types of materials can be used
for crystals. These include quartz,
Rochelle salts, and tourmaline. The most
often used crystal material for generating
radio frequency signals is quartz.
Rochelle salts work better in low-
frequency applications, such as in loud-
speakers and microphones. Tourmaline
will work as well as quartz, but because it
is a semiprecious stone, it is more expen-
sive.

The assembly usually referred to as a
crystal is composed of a small piece of
crystal material mounted in a holder. The
crystal material is in the form of a small
slab or wafer cut from a larger crystal.
The way in which the wafer is cut from
the natural crystal determines many of its
electrical characteristics. In this section,
we will find out how the crystal works,
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how the crystal is used in oscillator
circuits, and finally we will discuss some
of the most-used crystal oscillator cir-
cuits.

THE PIEZOELECTRIC EFFECT

A quartz crystal exhibits a property
called the piezoelectric (pronounced pi-
ee-zo) effect when it is compressed me-
chanically or when a current is applied to
it. To illustrate this effect, suppose we
have a small crystal wafer with leads
attached to its two surfaces. If we
squeeze the wafer or bend it in some way,
a voltage will appear between the leads.
If, on the other hand, we apply a small
voltage across the leads, the crystal slab
will bend, expand, or contract, depending
on the polarity of the applied voltage and
the crystal type. These two effects are
used in many types of electronic equip-
ment.

A crystal wafer has a definite mechani-
cal resonant frequency at which it will
vibrate most readily. This resonant fre-
quency is determined by the physical
dimensions of the wafer, particularly the
thickness. The thinner the wafer, the
higher the resonant frequency. Thus,
when an ac voltage, whose frequency is
near the crystal resonant frequency, is
applied, the crystal will vibrate the great-
est amount and produce the greatest
output. Because of the large amount of
vibration at the resonant frequency, there
is a limit to how thin the wafer can be
before it becomes too fragile for practical
use.



CRYSTAL CUTS

The natural quartz crystal, as shown in
Fig. 17, is said to have 3 major axes at
right angles to each other. These axes,
called the X, Y, and Z axes, are shown in
the illustration. The X axis is called the
electrical axis; the Y axis is called the
mechanical axis; and the Z axis is called
the optical axis. The way that the crystal
wafers are cut with respect to these axes
determines many electrical character-
istics, including the frequency range in
which the crystal will oscillate and the
amount that the resonant frequency will
change with changes in the temperature
(the temperature coefficient).

If the crystal wafer shown by the
shaded section in Fig. 17 is cut so that its
face is perpendicular to the Y axis, it is
called a Y-cut crystal. Similarly, if its face
is perpendicular to the X axis it is called
an X-cut crystal. Crystal wafers cut per-
pendicular to the Z axis have no piezo-
electric properties.

Crystal cuts can be made at different
angles to the major axes to produce
crystals having slightly different electrical
characteristics. The type of cut depends
on the purpose for which it is to be used.

One of the most important character-
istics of a quartz crystal used in oscillator
circuits is the amount the crystal fre-
quency varies with variations in tempera-
ture. We call this the temperature co-
efficient of the crystal. Y-cut crystals
have a range of about —25 to +100
Hertz/°C/MHz (Hertz per degree centi-
grade per MHz). In other words, a one-
degree centigrade increase in temperature
may cause the frequency to decrease as
much as 25 Hertz, or increase by as much
as 100 Hertz for each MHz of the
frequency for which the crystal is ground.
To take an extreme case, the frequency
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Fig. 17. Major axes quartz crystal.

of a 4-MHz crystal might increase by 400
Hertz for each degree of temperature
change. Because of this rather high tem-
perature coefficient and also because
Y-cut crystals have a tendency to oscillate
at a second frequency near the design
frequency, they are seldom used.

X-cut crystals have a range of about
—10 to —25 Hertz/°C/MHz. The minus
sign means that the crystal frequency
decreases with an increase in temperature.
We call this a negative temperature co-
efficient. Even though the frequency vari-
ation is less, close temperature control is
still required to keep the crystal oscil-
lating at the correct frequency.



As an example of how temperature
affects the crystal frequency, consider an
X-cut crystal that has an operating fre-
quency of 4650 kHz at 50° C. If it hasa
temperature coefficient of —20 Hertz per
degree centigrade per MHz, let’s deter-
mine what its operating frequency would
be if the temperature changes ten degrees.

4650 kHz = 4.65 MHz

therefore the change in frequency per
degree centigrade is:

4.65 X 20 =93.00 Hertz

The change in frequency with a tempera-
ture change of ten degrees will be:

93 X 10= 930 Hertz
and 930 Hertz = .930 kHz

Thus we see that with a temperature
change of only 10 degrees, the frequency
will change almost 1 kHz. With a 20-
degree change, the frequency change
would be almost 2 kHz. If the tempera-
ture increases 10°, the frequency will
decrease to about 4649 kHz (4649.07
kHz), and if the temperature drops 10°,
the frequency will increase to almost
4651 kHz (4650.93 kHz). Where there
are many stations operating on fre-
quencies close together, this shift in
frequency could be enough to cause
interference.

We can reduce the temperature effect
on the resonant frequency of the crystal
by cutting the crystals at angles to the
major axes. Examples of such crystal
cuts, called the AT-cut and the BT-cut,
are shown in Fig. 18. These crystals are
really Y-cut crystals with the face of the
wafer at an angle of about 39° to the Z
axis instead of parallel to it in the case of
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the AT-cut crystal, and about 45° to the
Z axis in the case of the BT-cut crystal.
Notice that the angle of the AT-cut
crystal is opposite to that of the BT-cut
crystal with respect to the Z axis. The
temperature coefficient of these cuts is
about *2 parts per million at a tempera-
ture of 40°C to 50°C. Thus, the angle cut
practically cancels the effects of tempera-
ture variation on the frequency of oscil-
lation if it is operated within the tempera-
ture range.

Other angular cuts can be made to get
other electrical characteristics and effects.
Some examples are the CT and DT cuts
used for lower frequency operation below
500 kHz. A CT-cut crystal is cut perpen-
dicular to the BT-cut crystal, and the DT
cut crystal is cut perpendicular to the AT-
cut crystal. Another cut is the GT cut.

1Z

Iz

Fig. 18. AT-cut and BT-cut crystals are cut
on an angle to the Z axis as shown.
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Fig. 19. Frequency changes of different crystal
cuts with changes in temperature.

This crystal is cut on an angle of about
45°

Fig. 19 illustrates the variation of the
resonant frequency with temperature for
various crystal cuts. Notice that the fre-
quency of the GT-cut crystal is practi-
cally constant from 0° to about 100°
This cut, therefore, is the best to use in
equipment that will be subjected to wide
temperature variations. The other cuts
have zero temperature coefficients at or
near specific temperatures.

CRYSTAL HOLDERS

After the crystal has been ground, or
etched by means of chemicals, until it is
of the proper thickness, it is placed in a
holder. The holder is then sealed so that
no air, dirt, or oil can reach the crystal
wafer. These can cause erratic operation
of the crystal. A crystal in its hermeti-
cally sealed holder is shown in Fig. 20.

There are two ways of mounting the
crystal in the holder. In one way, a very
thin film of metal is formed directly on
the surface of the crystal by spraying or
firing. The metal can be either silver,
gold, or aluminum. The crystal is sup-
ported by flexible wires fastened to this

to either the CT- or DT-cut crystals.
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metallic film with solder having a low
melting point. The leads are attached to a
node or non-oscillating portion of the
crystal. The node can be either in the
center of the crystal face or at an edge
where inhibiting the vibrations will do no
harm.

Another method of mounting the
crystal in a holder is to arrange it so that
it is pressed between two metal plates.
The metal plates make electrical contact
with the crystal surfaces. Another type
uses an air gap .001 to .005 inch thick
between the crystal and the upper plate.
This air gap produces a damping effect on
the amount of crystal vibration. Often,
however, the crystal holder is evacuated
so that the damping will be reduced.

Regardless of the type of mounting
used, the holder itself is designed to keep
the crystal free of grit, dirt, and oil film.
Even a speck of dirt or a greasy film can
change the characteristics of the crystal.
Therefore, the crystal holder should never
be opened, nor should the crystal be
handled. If it is ever necessary to take one
apart, the crystal may be cleaned with a

Fig. 20. A quartz crystal in its holder.



good nonflammable commercial cleaner.
The crystals should be handled with
clean, lint-free cloths, not with bare
fingers (bare fingers leave traces of perspi-
ration on any object they touch).

Equivalent Circuit. The symbol in Fig.
21A is used in schematic diagrams to
represent the crystal in its holder. The
equivalent electrical circuit of the crystal
and holder assembly is shown in Fig. 21B.
As you can see, we have here a series-
parallel circuit composed of the series
components L, R, and C; shunted by
capacity C,. The crystal, therefore, acts
electrically as an L-C circuit; as an induc-
tance at frequencies above the resonant
frequency and as a capacitance at fre-
quencies below resonance. The apparent
inductance L is due to the mass of the
crystal, resistance R is the result of
internal mechanical losses, and capacity
C, is the stiffness (piezoelectric proper-
ties) of the crystal. Capacity C, is the
capacity between the electrode plates,
with the quartz crystal acting as the
dielectric.

Since the crystal acts as an electrical
resonant circuit, we would expect it to be
frequency selective; that is, it will oscil-
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Fig. 21. The schematic symbol for a quartz

crystal in its holder is shown at A. The

equivalent electrical circuit of a quartz crystal
is above at B.

33

late more vigorously at its natural reso-
nant frequency than at any other fre-
quency. This is true. When an ac voltage
is applied to its electrodes, the crystal
generates an alternating potential of its
own.

Because of its electrical characteristics,
the crystal can be used in an oscillator
circuit. The electrical properties of the
crystal are somewhat different from those
of a typical coil and capacitor. The
mechanical properties of the crystal pro-
duce a very high apparent inductance, L.
Also, since the mechanical losses during
vibration are small, the electrical equiva-
lent resistance is also very small. When we
have an L-C circuit containing a large
inductance and a very low resistance, the
Q of the circuit will be very high. This is
the case with the crystal used in oscillator
circuits.

Practical crystals have effective Q
values which are about 100 times as great
as that ordinarily obtainable with the
usual inductance coil and tuning capaci-
tor. Crystals, therefore, have extremely
good frequency selectivity. The higher
the Q, the better the frequency stability.
Thus, if we substitute a crystal for the
ordinary L-C tank circuit, we can make
an oscillator that has good frequency
stability.

CRYSTAL OVENS

The purpose of a crystal oven is to
maintain the crystal at a constant temper-
ature to prevent frequency drift. Some
time ago, it was common practice to put
the crystal, the entire master oscillator of
the transmitter, and often even the buffer
stage in a heat-controlled chamber. This
prevented temperature variations from
affecting the physical dimensions of the
coil and capacitor in the plate circuit, and
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Fig. 22. A cut-away view of a crystal oven.

thus changing the oscillator frequency.
This is seldom done in modern trans-
mitters; generally only the crystal is
temperature-controlled.

A typical modern crystal oven is shown
in Fig. 22. The overall unit is about the
size of a metal receiving tube - about 4
inches high and 1-1/4 inches wide.
Smaller units are also available. The
crystal oven unit fits into an octal tube
socket. The unit in Fig. 22 is guaranteed
to hold the transmitter frequency within
10 Hertz at any point on the broadcast
band.

The crystal is contained in a ceramic
holder attached to a copper support. The
heater is also wrapped around this sup-
port. Thus, the metal support conducts
the heat to the crystal and maintains it at
a constant temperature.

The heat is controlled by a bimetallic
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thermostat attached to the metal support.
When the temperature of the support
drops a very small amount, the thermo-
stat contacts close, and current is applied
to the heater. When the support reaches a
certain temperature, the thermostat con-
tacts open. The difference between the
on and off temperatures of the thermo-
stat is very small; that is, the temperature
must drop only a small amount before
current is again applied to the heater coil.

The crystal frequency and thermostat
temperature adjustments shown in Fig.
22 are set at the factory when the unit is
assembled. It is impossible to change the
adjustments because the unit is hermeti-
cally sealed. Thus, when ordering such a
crystal unit, you must specify the exact
crystal frequency you want and the cir-
cuit in which the crystal will be used.
Crystal manufacturers will not guarantee



the operating frequency of a crystal
unless the crystal is adjusted in the circuit
in which it will be used.

CRYSTAL OSCILLATOR CIRCUITS

To help see how the crystal oscillator
works, let’s look at another L-C oscil-
lator. This oscillator is shown in Fig. 23,
and is called a tuned-grid, tuned-plate
oscillator. It is easy to see where this
oscillator gets its name, since there are
resonant circuits in both the grid circuit
and the plate circuit of the tube.

The tuned-grid, tuned-plate oscillator
works because of the capacity between
the plate and grid of the triode tube.
When the resonant circuit in the plate
circuit of the tube is tuned to a frequency
slightly lower than the operating fre-
quency, it will act like an inductance.
Under these conditions, the phase of the
signal voltage fed from the plate of the
tube back to the grid of the tube is
correct to aid the ac grid voltage, and
oscillation occurs.

The crystal oscillator shown in Fig. 24
is simply a modification of the tuned-grid
tuned-plate oscillator shown in Fig. 23.
Here a crystal has been substituted for
the resonant circuit in the grid circuit of
the oscillator and a milliameter is shown
in the plate circuit of the stage to

B+
Fig. 23. A tuned-grid, tuned-plate oscillator.
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Fig. 24. A simple crystal-oscillator circuit.

measure plate current. Actually almost all
oscillators have some provision made for
measuring plate current.

Since the crystal is the equivalent of
the circuit that has been removed, the
crystal oscillator operates in exactly the
same way as the resonant circuit in the
grid of the tuned-grid, tuned-plate oscil-
lator. The plate circuit must be tuned so
that it presents an inductive load, and
energy will be fed from the plate of the
tube back to the grid in the correct phase
to aid the ac grid voltage so oscillation
will occur.

In the input circuit, the rf current
flowing through the crystal itself is
limited only by the resistance of R, . This
resistance is usually low enough to result
in a fairly high crystal current. If the
resistance is made too high, the crystal
may be somewhat erratic as it starts to
oscillate when power is applied to the
stage. On the other hand, if the current
becomes higher than about 100 milli-
amperes, the crystal vibrations may be so
violent that the crystal may shatter, and
thus destroy itself. Of course, the thinner
the crystal and the higher its resonant
frequency, the lower the safe current
limit becomes.

Many transmitters have an rf current



meter in series with the crystal to indicate
this current. To prevent possible damage
to the crystal, the amplitude of oscil-
lation in a crystal oscillator circuit must
be kept at a safe level. Usually this is
accomplished by keeping the plate volt-
age on the oscillator tube low. This low
plate voltage reduces the maximum out-
put power that can be obtained from
such oscillators.

Pierce Oscillator. It is possible to place
the crystal between the plate and grid
circuits, as shown in Fig. 25, instead of
between the grid and cathode. In this case
the circuit is similar to the ultra-audion
circuit. This circuit is called the Pierce
oscillator.

Notice that the circuit contains no
tank inductance or tuning capacity. The
amount of feedback and the grid excita-
tion can be controlled to some extent by
adjusting the capacity of C,. The larger
this capacity, the less the feedback. The
exact capacity of C; in most cases is not
critical. Usually, when the best value is
determined, crystals of slightly different
frequency can be switched into the cir-
cuit without further adjustment. Again
the plate voltage must be low to prevent
damaging the crystal.

Crystal Oscillators Using Multi-Grid
Tubes. Tetrode and pentode tubes also
may be used in crystal-oscillator circuits.
These tubes have less plate-to-grid capaci-
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Fig. 25. The basic Pierce oscillator.
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Fig. 26. Crystal oscillator using a pentode tube.

ty than do triodes, and therefore, there is
less feedback current to the grid when
they are used as crystal oscillators. The
lower feedback means that these tubes
can be operated at a higher output power
than a triode without excessive rf crystal
current.

A crystal oscillator using a pentode
tube is shown in the diagram of Fig. 26.
Because of the limited amount of plate-
grid feedback, the plate voltage can be
considerably higher than for the triode
oscillator. This, of course, increases the
output power. The circuit may also be
used for high-frequency crystals having
fundamental resonant frequencies of
about 10 MHz. The output in this case
can be high, but the small amount of
current through the crystal protects it
from excessive vibration. Sometimes
extra feedback is needed to produce
oscillation in the circuit. This is done by
connecting a small capacitance between
the plate and the control grid.

Crystal Control Transistor Oscillators.
A transistor tickler coil oscillator using a
crystal to control feedback is shown in
Fig. 27. Positive feedback from collector
to base is provided through the mutual
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Fig. 27. Crystal tickler coil oscillator.

inductance between the windings of T,.
This provides the 180° phase shift neces-
sary to sustain oscillation. In this circuit,
the crystal acts as a series resonant
circuit. At frequencies other than the
resonant frequency the crystal acts as a
high impedance, blocking the feedback
path. At the resonant frequency the
crystal offers minimum impedance to the
feedback signal. The operating frequency
may be varied by the use of different
crystals and tuning the tank to the
frequency of the crystal with C,.

The crystal oscillator shown in Fig. 28
is a variation of the Colpitts oscillator. In
this circuit the crystal acts as a parallel
tuned circuit and replaces the L-C tank.
Operating frequency is determined by the
crystal and the capacitance in series with
it. At the resonant frequency, the crystal
and capacitors in parallel with it form a
high impedance tank circuit. Capacitors
C, and C, form a voltage divider that is
center-tapped to ground. The voltage
developed across C; is applied between
the base and ground providing a 180°
phase shift in the feedback path.
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OVERTONE OPERATION

Most crystals will oscillate not only at
their fundamental resonant frequencies,
but also at odd overtones of the funda-
mental. A crystal with a fundamental of 4
MHz, for example, will oscillate also at
frequencies near 12 MHz, 20 MHz, 28
MHz, etc. The oscillation frequency will
not be an exact multiple of the funda-
mental oscillation frequency. Exact mul-
tiples would mean harmonic operation
rather than overtone operation. Thus, if
you use a crystal designed for funda-
mental operation as an overtone crystal,
you can use the frequency markings on
the crystal holder only to get an approxi-
mate idea of the actual frequency at
which the oscillator is working. To deter-
mine the exact frequency, you will have
to measure it with a frequency meter.

Although any crystal can be used in
overtone operation, it is best to use one
that has been ground specifically for this
purpose. The ordinary fundamental type
of crystal is somewhat unstable and hard
to adjust when operated on an overtone.
Most of the overtone crystals are designed

-V

Fig. 28. Colpitts crystal oscillator.



to operate on the third overtone; opera-
tion at higher overtones is possible, but
the stability and ease of adjustment be-
comes more critical at the higher over-
tones.

The chief advantage of overtone opera-
tion is that we can generate frequencies in
the vhf range without the use of doubler
stages. The highest fundamental oscil-
lation frequency of a crystal is about 10
MHz. If one is ground to operate on a
higher frequency then it is so thin that it
breaks easily. Thus, by operating it on the
third or fifth harmonic, we get a much
higher frequency than we could on the
fundamental. Another advantage of over-
tone operation is that no frequencies are
generated that can cause interference
with other channels. Because the number
of frequency multiplier stages is reduced
or completely eliminated, overtone
crystals are used often in mobile, marine,
and aircraft transmitters in which com-
pactness is important.

The oscillator circuit using an overtone
crystal is similar to an ordinary crystal
oscillator circuit of the type you will
study later. The overtone at which the
crystal will operate is determined by the
plate circuit resonant frequency. The
circuit of an overtone oscillator is shown
in Fig. 29. The oscillator uses a crystal
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Fig. 29. An overtone oscillator circuit.
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.having a fundamental frequency of about

8 MHz to give a 24 MHz output when
operated on the third overtone.

In Fig. 29, the circuit made up of C,
and the upper end of L, is resonant at 24
MHz. The tap on L, is held at rf ground
potential by C,. The lower end of L, is
inductively coupled to the upper end
(usually this is a simple one-tapped coil)
so energy is fed from the plate circuit
back to the grid circuit to sustain oscil-
lations. The rf signal fed back to the grid
circuit will cause the crystal to oscillate
on its third overtone frequency. Qutput
from the oscillator is taken from the plate
circuit through C;.

Modern overtone crystals are capable
of oscillating as high as 100 MHz on
higher order harmonics, so the output of
a crystal oscillator could be up in this
region. However, when such high fre-
quency signals are needed, you will often
find a crystal oscillator operating at 50
MHz followed by a doubler to increase
the frequency to 100 MHz, or an oscil-
lator operating at about 33.3 MHz follow-
ed by a tripler.

An oscillator circuit that can be used
to generate both even and odd harmonic
frequencies of the fundamental is the
tri-tet circuit shown in Fig. 30. The
output signals are harmonics rather than
overtones.

The tri-tet circuit is actually the crystal
version of the electron-coupled circuit
described earlier in this lesson. The
crystal and the resonant tank L,-C, are
connected to the control grid, the cath-
ode, and through C; to the screen grid
(which acts as the oscillator plate), to
form a modified tuned-plate, tuned-grid
oscillator. The cathode tank circuit
L,-C,, therefore, must be tuned to a
frequency slightly lower than that of the
crystal in order to be inductive.



Fig. 30. The tri-tet oscillator circuit.

Since the screen grid is bypassed to
ground by capacitor C4, there is very
little direct coupling between the actual
tube plate and the oscillator portion of
the circuit. The electron stream reaching
the plate, however, arrives in the form of
pulses that contain relatively large
amounts of harmonic energy. If we tune
the plate tank circuit L,-C, to a fre-
quency twice that of the crystal, a con-
siderable amount of output power at the
second harmonic frequency will be ob-
tained. Even if the plate is tuned to a
frequency three times that of the crystal
we will get a fair amount of third
harmonic output power.

Therefore, the tri-tet circuit not only
behaves as a crystal-controlled oscillator,
but also performs as a frequency doubler
or tripler at the same time. The additional
feature of the electron coupling prevents
load variations from reaching the crystal
and influencing the oscillator frequency.
A disadvantage of this circuit is that both
sides of the crystal are above rf ground
potential. Another is the fact that a
cathode coil is needed.
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CRYSTAL-OSCILLATOR
ADJUSTMENT

The tuning procedures for crystal oscil-
lator circuits of all types are similar. The
curves in Fig. 31 show how the plate
current of an oscillator tube varies with
changes in the tuning capacity. The solid
curve is for an unloaded oscillator circuit,
and the dashed curve represents the cir-
cuit loaded.

When you adjust a triode or Pierce
oscillator like those shown in Figs. 24 and
26, begin first with the plate tank capaci-
tor in the minimum capacity position.
Then rotate the capacitor toward the
maximum capacity position. As soon as
oscillation begins, the plate current will
begin to decrease. It will decrease more
and more, going through points 3 and 2
in Fig. 31 as oscillation becomes stronger.
If the plate capacitor is turned too far,
however, oscillations will stop abruptly as
at point 1 in Fig. 31. In practice, it is best
not to approach point 1 too closely
because minor voltage or current vari-
ations may stop the oscillator. Instead,
adjust the plate tuning capacitor so that
operation will be somewhere in the stable
region between points 2 and 3.

IDEAL OPERATING
CONDITIONS

OSCLLATION
STARTS

PLATE CURRENT ——

MIN TUNING CAPACITOR MAX.

Fig. 31. Curves showing how the plate current
in a crystal-oscillator circuit varies with tuning.



When a load is placed on the oscillator
circuit, the plate current dip of the
oscillator will not be as pronounced. It
will follow the dashed curve in the
diagram. As before, however, too much
capacity will cause the oscillator to stop.
The operating point again should be
somewhere between points 2 and 3.

The transistor oscillator in Fig. 27
would be adjusted in a similar manner, C,
being tuned to a point where the current
through the tank is between points 2 and
3 in Fig. 31. C, is first tuned for
minimum capacitance. Then the capaci-
tance is increased until current is between
the stable points of operation.

When adjusting the tri-tet circuit in
Fig. 30, first set the cathode tank capaci-
tor C; to a frequency higher than
resonance (minimum capacity) so that
oscillations will occur. In this circuit, the
usual parts values are such that oscillation
will be maintained over a fairly wide
range of C, adjustment. However, the
crystal current increases very rapidly as
the capacity is increased. Start tuning C,
for the minimum capacity position and
progress only to the point of normal
crystal current. Usually an rf milli-
ammeter is placed in series with the
crystal to measure this current. The cur-
rent should be kept below 100 milli-
amperes.

With no load connected, the plate tank
capacitor C, should be adjusted for a
minimum value of plate current as indi-
cated by a sharp dip in the meter reading.
Now, connect the load to the circuit. This
is usually the grid of the following buffer
amplifier stage. With the load attached,
capacitor C, may need readjustment to
bring the plate current back to minimum.
This time, however, the current value will
be somewhat higher because of the load-
ing.
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Finally adjust the cathode tank capaci-
tor C, for maximum harmonic power
output which will be indicated by a
maximum current flow in the following
amplifier grid current. Also watch the
crystal current to be sure that it does not
rise above the safe limit.

FREQUENCY SYNTHESIZERS

In order for a transmitter to be versa-
tile, it must be capable of operating on
more than one frequency. In the crystal
oscillators discussed previously we have
to change the crystal each time the
frequency is changed. Thus for each
channel the equipment is operated on, we
need a separate crystal. Transmitters that
are operated on only a few channels use
separate crystals for each channel. How-
ever, this arrangement is not completely
satisfactory when the transmitter must be
capable of operating on a large number of
channels. The frequency synthesizer is
one solution to this problem.

A frequency synthesizer is basically a
circuit in which harmonics and sub-
harmonics of one or more crystals are
combined to provide a variety of output
signals. The same principle is used that
you studied earlier in the basic superhet-
erodyne receiver. You will recall that in
the mixer stage of that receiver the
incoming signal was beat with the local
oscillator to form two new frequencies.
These new frequencies were equivalent to
the sum and the difference of the in-
coming signal frequency and the local
oscillator frequency.

Fig. 32 shows one type of frequency
synthesizer. Circuit details have been
omitted for simplicity. Two oscillator
circuits are used with a mixer which will
beat the outputs of the oscillators to-
gether and produce an output equal to
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Fig. 32. Multiple crystal frequency synthesizer.

the sum of the two frequencies. Each of
the oscillators is tunable to different
frequencies of a selected band by switch-
ing the crystals in the oscillator circuit.

Oscillator number 1 has 9 crystals in
the input. Each crystal is resonant at a
different frequency, enabling the output
of oscillator number 1 to be varied in 10
kHz steps from zero to 90 kHz. The tenth
position of switch S, disables the oscil-
lator. Oscillator number 2 has 5 crystals
which vary its frequency over a 500 kHz
band in 100 kHz steps.

With S, and S, in the positions shown,
oscillator 1 is operating at 60 kHz and
oscillator 2 at 1100 kHz. The mixer
receives both outputs and beats them to
form a 1160 kHz output. If S, was left in
this position and S, moved, the output of
the mixer could be varied from 1100 kHz
(when S, is in the off position) to 1190
kHz in 10 kHz steps. By moving both
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switches, the output can be varied from
1000 kHz to 1490 kHz in 10 kHz steps.
In this manner, a total of 50 different
frequencies can be generated from only
14 different crystals.

This type of synthesizer has the advan-
tage of less crystals than a conventional
oscillator with similar frequency cover-
age.

Let’s look at a block diagram of a
transceiver and see another use for fre-
quency synthesizers.

The transceiver is a compact radio
station that uses some of the components
for both transmitting and receiving. These
units usually transmit and receive on the
same frequency.

Fig. 33 is a block diagram of a trans-
ceiver. The upper channel is the receiver
section while the lower channel is the
transmit section.

Incoming rf is coupled from the an-
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Fig. 33. Block diagram of a basic transceiver.

tenna to the rf amplifier. This amplified
tf is then heterodyned in mixer number 2
with a signal from mixer number 1. We
will discuss the signal from mixer number
1 shortly. The difference frequency is
detected and sent through the i-f ampli-
fiers to the audio detectors and output
section,

The transmit channel gets its frequency
from the transmitter oscillator. After
being multiplied to the proper frequency,
the rf is fed to the power amplifier. In the
power amplifier the modulating signal is
applied to the rf. The rf, now containing
the intelligence, is coupled from the
power amplifier to the antenna.

Notice that between the multiplier and
the power amplifier, the transmitter fre-
quency is fed to mixer number 1. This is
part of the frequency synthesizer.

You recall that the i-f is the difference
between the local oscillator and the in-
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coming rf, Let’s assume in this example
that we desire a 10 MHz i-f. In that case
our local oscillator frequency to mixer
number 2 must be 10 MHz above the
incoming rf. Since the transmitted rf and
received rf must be the same frequency
for stations to communicate with each
other, a separate oscillator is required to
generate the local oscillator frequency.

If a synthesizer were not used, the
local oscillator crystal would have to be
changed each time the transmitter oscil-
lator crystal was changed in order to keep
the local oscillator 10 MHz above the
transmitter frequency. The synthesizer
however, uses a very stable constant
frequency oscillator operating at the 10
MHz if. The transmitted f is fed to
mixer number 1 of the synthesizer where
it is mixed with the 10 MHz signal. The
sum of these two frequencies is then used
as the local oscillator frequency. In mixer



number 2 the local oscillator frequency is
mixed with the incoming rf and the
difference (10 MHz) is used as the i-f.

In this manner the local oscillator
frequency to the receiver is changed each
time the transmitter frequency is
changed. Therefore the local oscillator
frequency is always 10 MHz above the
received frequency. This eliminates the
need to use a different crystal in the
receiver local oscillator each time the
transmitter frequency is changed.

There are many types of frequency
synthesizer circuits in modern communi-
cation equipment. They all operate on
the same principle of combining two or
more frequencies to generate an output
frequency. From this discussion you
should be able to understand the basic

fundamentals of any frequency synthe-
sizer you encounter.

SELF—TEST QUESTIONS
(0)

()]
(@

Why is plate voltage kept low in the
Pierce oscillator?

Describe how frequency is con-
trolled in the oscillator in Fig. 27.
What is the advantage of overtone
operation?

In the multiple crystal frequency
synthesizer in Fig. 32, what is the
output of the mixer if S, is in the
80 kHz position and S, is in the
1300 kHz position?

In addition to performing as an
oscillator, what other function is
accomplished by the tri-tet oscil-
lator?

()
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Nonsinusoidal Oscillators

The oscillators you have studied up to
this point have all been sine wave oscil-
lators; that is, their output is a sine wave.
In this section we will look at non-
sinusoidal oscillators. There are many
circuits that can be classed with this
group of oscillators but we are primarily
interested in only two; the multivibrator
and the blocking oscillator. After we
complete our study of the basic circuits,
we will see how these circuits are used in
communication equipment.

An oscillator circuit in which the out-
put is a nonsinusoidal waveform is gen-
erally classified as a relaxation oscillator.
The relaxation oscillator uses a regen-
erative circuit in conjunction with an R-C
circuit to provide a switching action. The
charge and discharge time constants of
the R-C components are used to control
the shape and frequency of the output
waveforms.

THE MULTIVIBRATOR

The multivibrator is essentially a non-
sinusoidal two-stage oscillator in which
one stage conducts while the other is cut
off until a point is reached at which the
stages reverse their conditions. This oscil-
lating process is normally used to produce
a square wave output. A multivibrator
that operates continuously with first one
stage conducting and then the other is
called a free running or astable multi-

vibrator.
The multivibrator in Fig. 34 is a two

stage R-C coupled, common-emitter an-
plifier with the output of the first stage
coupled to the input of the second stage
and the output of the second stage

coupled to the input of the first stage.
Since the signal in the collector circuit of
a common-emitter amplifier is reversed in
phase with respect to the input signal, a
portion of the output of each stage is fed
to the other stage in-phase with the signal
at the base. This regenerative feedback
with amplification is required for oscil-
lation. The output of this mulitivibrator is
4 square wave whose frequency is deter-
mined by the R-C time constant in the
feedback loops.

Forward bias for the base of Q, is
obtained through the low resistance
emitter-to-base junction in series with R,
across the power supply. In a similar
manner, bias for the base of Q, is
obtained through the emitter-to-base
junction and Rs. When the power supply
is first encrgized the current that flows
through each collector load resistor, R;
and R,, is determined by the effective
resistance of Q, and Q, for a given value
of base bias voltage. Due to slight differ-
ences in the transistors, more current will
flow in one transistor than in the other.

For the purpose of this explanation,
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Fig. 34. Astable multivibrator.



assume that initially more collector cur-
rent flows through Q, than Q,. Thus as
collector current in Q, increases, the
voltage at the junction of R, and C,
decreases. In other words, the collector of
Q, becomes less positive. This negative
going pulse is coupled through capacitor
C, to the base of Q,. As the collector
current in Q; continues to increase, the
signal coupled to the base of Q, con-
tinues to become more negative. As this
negative signal overcomes the positive
bias established by the emitter-to-base
junction and Rj, collector current in Q,
starts to decrease.

With collector current in Q, de-
creasing, the voltage at the junction of C,
and R, starts to increase. This positive
rise in voltage is coupled to the base of
Q, through capacitor C,. The positive
going pulse at the base of Q, aids the
foward bias already established by R,
and the emitter-to-base junction of Q,.
This causes collector current in Q, to
continue to increase. This regenerative
process continues until Q, is driven into
saturation and Q, is cut off.

When Q; is saturated, its collector
current no longer increases but becomes a
constant value, therefore, there is no
further change in collector voltage to be
coupled through C, to the base of Q,. In
a similar manner, Q, is cut off so there is
no further change in its collector voltage
to couple through C, to the base of Q,.

With no positive pulse coupled from
Q, to Q, the base of Q, is only a few
tenths of a volt positive. C, quickly
charges through the low resistance of the
base to the emitter junction of Q, and
R4 to a potential approximately equal to
the power supply voltage. The heavy
conduction of Q, places its collector
voltage at nearly ground potential. C,
which was previously charged with a
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negative potential at the junction of C,
and R,, starts to discharge through R; at
a time constant of R;-C,.

As C, discharges, the voltage at the
base of Q, becomes less and less negative
until a point is reached where reverse bias
is no longer applied and Q, goes into
conduction,

When Q, starts to conduct, collector
current begins to flow through R4, collec-
tor voltage at Q, decreases, and a nega-
tive going pulse is coupled through C, to
the base of Q,. As C, continues to
discharge, collector current in Q, con-
tinues to increase and the pulse coupled
to the base of Q, goes more negative. As
this negative signal increases, Q, de-
creases its conduction. This results in a
rise in collector voltage which is coupled
to the base of Q,, aiding the forward bias
onQ,.

This regeneration continues until Q,
cuts off and Q, saturates. When Q, cuts
off, C, no longer coupies a positive signal
to the base of Q,. C, starts to discharge
through R, at a rate equal to R,;-C,.
When C, is sufficiently discharged to
remove the reverse bias on the base of
Q,, the transistor again starts to conduct.

This action wili coniinue as long as the
power supply voltage is present; the
discharge of C, controiling the time that
Q, remains cut off and C, controlling the
time that Q, is cut off. In this manner, C,
and C, control the width of the output
pulses.

While we explained the various things
happening that caused one transistor to
switch from saturation to cutoff, you
might have thought this action takes
quite some time. Actually, the switching
action is very fast. For example, with Q
conducting and Q, cut off, once the
reverse bias on Q, disappears and Q,
begins conduction, cuzrent rises to satura-



tion in Q,, and Q, is cut off almost
instantly. The result is the output from
the multivibrator is essentially a square
wave. The square wave output is taken
from the collector of Q, through C5. A
second output, reversed in phase, is avail-
able at the collector of Q,.

The output of the multivibrator will be
symmetrical, that is the two half cycles
will be the same if the time constant of
C, and R; is equal to the time constant
of C, and R,. However, if we change the
time constant of either R-C circuit, the
output will no longer be symmetrical. In
other words, if we shorten the time
constant of the C,-R; network by re-
ducing the value of C,, it will take C, less
time to discharge through R;. As a result,
Q; will be cut off for a shorter period
than Q, and the two halves of the square
wave will no longer be equal,

There are two major variations of the
astable multivibrator, the monostable and
the bistable. The bistable is a modifica-
tion of the astable and can be used as a
switching circuit. Basically it is the same
circuit as the astable but provision has
been made to control the change of the
condition of the transistors with an input
signal. Upon receipt of an input the
transistors in the bistable multivibrator
will change state and remain in their new
condition until another input pulse is
received.

The monostable multivibrator, like the
bistable, is a modified astable circuit.
Monostable multivibrators have only one
stable state and the transistors remain in
their respective states (saturated and cut
off) until an input pulse is received. At
that time the transistors change states and
remain in their new state a length of time
determined by the R-C components in
the circuit. At the end of this R-C time
they return to their stable condition.

THE BLOCKING OSCILLATOR

Blocking oscillators are a type of oscil-
lator used for generating pulse waveforms
of short time duration followed by a
period of no output. Similar to multi-
vibrators, blocking oscillators may be
either free running or driven. Let’s first
look at a free running blocking oscillator,
then we will examine a practical applica-
tion of the circuit,

Fig. 35 shows the basic free-running
blocking oscillator. Transformer T, pro-
vides the necessary regenerative feedback
from the collector to the base of Q.
Terminals 1 and 2 are the primary wind-
ing and connect the collector to the
power supply. Terminals 3 and 4 are the
secondary and furnish feedback to the
base. The output is taken across the third
winding at terminals S and 6. Notice the
phase inversion between the different
windings.

When the power supply is first ener-
gized, a small amount of collector current
will flow through the primary of T, . This
current flow induces a voltage in the base
winding (terminals 3 and 4). The induced
voltage causes C; to charge through the
low forward resistance of the base-to-
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Fig. 35. Free running blocking oscillator,



emitter junction. This couples the in-
duced voltage to the base of Q,.

Since collector current tlow is in-
creasing, the voltage at terminal 1 will be
less negative or going in a positive di-
rection. The induced voltage in the base
winding is of opposite polarity; therefore,
a negative going signal is coupled to the
base of Q,. This increase in forward bias
aids collector current and regeneration
continues rapidly until the transistor be-
comes saturated.

When Q, reaches saturation, the cur-
rent is no longer changing; therefore,
there is no voltage induced in the base
winding. C, begins to discharge through
the resistor R, holding the base-to-
emitter junction forward biased. As the
charge on C, bleeds off, the forward bias
on Q, decreases.

As the forward bias of Q, decreases
and collector current is reduced, the
magnetic field about the primary winding
(terminals 1 and 2) collapses. The
collapsing magnetic field induces a volt-
age in the secondary (terminals 3 and 4)
which is positive at terminal 3. This
induced voltage, coupled through C,
drives Q, to cutoff.

Due to the reverse bias, Q, remains cut
off until C, discharges through R, and
T, to a point where the base of Q, is
returned to a forward bias condition.
When the forward biased condition is
reached, conduction begins and the cycle
repeats.

The output pulse width depends
mostly on the inductance of T,. The
smaller the inductance, the more rapidly
the collector current must increase to
maintain a magnetizing current in T, , the
faster the collector current will reach
saturation, and the shorter the pulse
width. Usually, C, has little effect on the

pulse width. However, if C, is small
enough so that the capacitor can charge
rapidly during pulse time, there will be a
decrease in pulse width,

The frequency of the blocking oscilla-
tor in Fig. 35 is determined by the value
of R,-C,. Compared to R,, the resistance
of the base winding has little effect on
the discharge time of C,.

Resistor R, is a damping resistor con-
nected across the output winding of T,
to reduce the amplitude of the reverse
voltage, sometimes called the overswing,
caused by the collapsing magnetic field
about T, at the end of the output pulse.
If it were not for R,, the amplitude of
the reverse voltage pulse could exceed the
breakdown voltage of Q, and damage the
transistor. In another type of damping
circuit a clamping diode is placed across
the collector winding or across the output
winding. The diode would then shunt any
reverse voltage present in these windings.

Tube type multivibrators and blocking
oscillators were once widely used, but in
modern equipment they are generally
being replaced by transistors. The opera-
tion of the older vacuum tube units is
essentially the same as the modern tran-
sistor units.

Both oscillators with a sine wave out-
put and those with a pulse type output
are widely used in communications equip-
ment. Be sure you understand how both
types work before leaving this lesson.

SELF-TEST QUESTIONS

In the astable multivibrator shown
in Fig. 34, what components control
the length of time Q, is cut off?
What type output is obtained from
the blocking oscillator?

®
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(@)

(b)

(c)

C))

(e)

®

(2)

Answers to Self-Test Questions

Regenerative or positive feedback. If
positive feedback is not present, os-
cillations will be damped.

Decrease. Frequency is equal to:

1
2n «/ LC

Therefore: if inductance increases,
the frequency will decrease.

There will be more cycles in the
wave train. Losses in the coil of a
high Q circuit are low so more cycles

occur before the wave train is
damped.
.0000005 seconds or .5 micro-
seconds. The formula is:
P=1/F
]

p=——m

2,000,000

P =.0000005 seconds.

They are in-phase. The voltage devel-
oped across L, is the feedback
voltage and must aid plate current.
The bias voltage developed across
R,. If the oscillator output in-
creased, C, would be charged to a
higher potential on positive peaks
and would produce a larger bias
voltage across R,. The larger bias
would reduce the amplitude of the
oscillator output.

1. Oscillator remains energized at all
times.

2. Oscillator coil and capacitor are
placed in an oven.

3. Temperature compensating ca-
pacitors are placed across the tank.

Q)
0]
)

)

U]
(m)

(n)

(0)
()]

@

()
()

®

()

A swamping capacitor is placed
across collector-to-emitter junction.
R, and C, develop the negative bias.
L, develops the signal.

It goes positive. The reactance of C,
is small at the resonant frequency of
the tank; therefore, the positive volt-
age induced in the tank by L,
(voltage across C,) is coupled to the
grid.

C, develops the feedback voltage. It
is applied to the base through C;
and across R, .

The ultra-audion oscillator is a modi-
fication of the Colpitts circuit.
Through the R-C phase shift net-
work in the grid. Each pair of R-C
components shift the phase a defi-
nite number of degrees. Total shift
through all stages must equal 180°.
R, and C, develop the feedback
voltage.

To prevent damage to the crystal.
Frequency is controlled by the
crystal, Y,. At the resonant fre-
quency, Y, offers minimum imped-
ance to the feedback voltage. At
other frequencies, impedance in-
creases.

A higher frequency can be obtained
without the use of frequency multi-
pliers.

1380 kHz.

The tri-tet oscillator functions as an
oscillator and a frequency multi-
plier.

C, and R;. Q, remains cut off until
the charge on C; leaks off enough
for Q, to become forward biased.

A pulse output followed by a period
of no output.
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Lesson Questions

Be sure to number your Answer Sheet C206.

Place your Student Number on every Answer Sheet.

Most students want to know their grades as soon as possible, so they mail their set of
answers immediately. Others, knowing they will finish the next lesson within a few days,
send in two sets of answers at a time. Either practice is acceptable to us. However, don’t
hold your answers too long; you may lose them. Don’t hold answers to send in more than
two sets at a time or you may run out of lessons before new ones can reach you.

1.

10.

If the operating voltage on an oscillator tube is changed so that the plate resistance of
the tube increases, what will happen to the oscillator frequency?

When adjusting the capacitance of the tank circuit in a crystal oscillator, what
happens to the tank current as oscillations start?

What component of the blocking oscillator has the most effect on the output pulse
width?

. For what part of the cycle does current flow through the oscillator tube in an L-C

oscillator circuit?

What is the advantage of a frequency synthesizer over the normal local oscillator
circuit in a transceiver?

. What will the frequency be at 65°C of a crystal oscillator using an X-cut crystal that

operates at 5250 kHz at 50°C, if the temperature coefficient is —20 Hz per degree
centigrade per MHz?

What controls the amount of feedback applied to the base of the transistor in a
transistor Colpitts oscillator?

In a tuned L-C circuit, if capacitance is increased while inductance is held constant,
what will happen to the output frequency?

. How is positive feedback attained in the Wien-bridge oscillator?

How is frequency multiplication obtained in the tri-tet oscillator?



Take The Middle Course

Most of us realize the necessity for moderation in eating and
drinking, but we often overlook the fact that moderation in all things is
essential to happiness.

Consider, for example, the simple matter of opinions. If a man can
see only his own opinions, and is unwilling to recognize that other
people may also have good ideas, he is opinionated. A man with this
fault is often unhappy, because he doesn’t get along very well with
other people. On the other hand, if a man yields his ideas to another’s
too readily, he is weak-kneed - and also unhappy.

If you can give and take - if you are open to reason - if you steer a
middle course, you will be liked, people will be comfortable in your

company, and you will be following one rule of happiness.

Let “moderation in all things” be one of the guiding principles of
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STUDY SCHEDULE NO. 21

O 1. Imtroduction .......... ... ... ... ... . .. .. Pages 1.2

A brief discussion of why linear amplifiers are used to amplify the modulated
signal at the transmitter.

O 2. The Class B Linear Amplifier .................. Pages 29

You learn how linearity is achieved and study the requirements for the driver
stage and the plate circuit, and the power considerations for a linear class B

amplifier.

O 3. Adjusting a Linear Amplifier . . ...... .. ... .. ... Pages 9-12
You learn how to interpret meter readings and study step-by-step adjustment
procedures.

O 4. Variations in Linear Amplifiers . ... ...... ....... Pages 13-20

You study push-pull, multi-grid and grounded-grid amplifiers, and the high-
efficiency Doherty amplifier.

O 5. Outphasing Modulation System . ... ...... ...... Pages 21-28

Here we take up a system of modulation, which by using phase differences,
eliminates the necessity of operating the amplifiers following the maodulator in a
linear manner.

[J 6. Answer Lesson Questions.

[0 7. Start Studying the Next Lesson.
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S you have learned, in amplitude
Amodulation, the amplitude of
the carrier signal is made to vary
according to the amplitude variations
of the intelligence signal. In some
AM transmitters, the modulation
takes place in the plate circuit of the
final power amplifier stage where the
power level is high, so the modulated
signal is fed directly to the trans-
mitting antenna. This is called “high-
level” modulation. The modulation
can also take place in an intermedi-
ate class C power amplifier stage.
Then, the power of the modulated
signal is increased by additional
power amplifiers. This is called “low-
level” modulation, because it takes
place at a lower power level. The
modulated signal must not be dis-
torted by stages following the modu-
lated stage. The signal that is fed to
the transmitting antenna must be a
faithful copy of the output signal
from the modulator, or the demodu-
lated signal from the receiver will
algo be distorted.

The stages that amplify the modu-
lated signal cannot be operated in
class C, because a class C stage is
driven to saturation at the peak of

each positive alternation of the input
signal, which would distort the modu-
lated signal waveform. They could be
operated in class A, in which case,
the output signal would be an exact
duplicate of the input signal. How-
ever, we want high power output from
a transmitter as well as an undis-
torted signal. A stage operated in class
A has very low efficiency and very
low power output.

It is most satisfactory to operate
the power-amplifier stages following
the modulated stage in class B. This
gives an undistorted output signal,
and more power output than for class
A. The class B amplifier stage is op-
erated on the straightest part of its
transfer characteristic curve, so that
there is a linear relationship between
the amplified output voltage and the
exciting voltage applied to the input.
That is, the output voltage developed
across the load is proportional to the
grid voltage. An increase or decrease
in the excitation voltage will produce
a corresponding increase or decrease
in the output voltage.

As you will learn in the following
section, linearity is obtained by
proper adjustment of the grid bias



and the load impedance. All the stages
folowing the modulated stage must
be operated as class B linear ampli-
fiers.

There is an exception to this, and
that is in a system of modulation
called “outphasing modulation.” With
this system of modulation, the rf
power amplifiers following the modu-
lator do not need to be linear. You
will see why in the last section of the
lesson.

First, you will find out how high-
power linear amplifiers work, how
they are adjusted, and what their
advantages and disadvantages are.
One of the chief disadvantages of the

class B linear amplifier is that its
efficiency is lower than that of a class
C amplifier. However, it is possible to
get higher efficiency by redesigning
the stage. An example of a high-effi-
ciency amplifier is the Doherty linear
amplifier, which we will discuss.

Linearity in a transmitter can be
improved by using feedback between
the final linear amplifier output and
the speech amplifier section. Feedback
will also reduce distortion and im-
prove frequency response and sta-
bility in the transmitter stages. We
will also take up feedback circuits.
First let us find out how the class B
linear amplifier works.

The Class B Linear Amplifier

A schematic diagram of a class B
linear amplifier stage is shown in
Fig. 1. This stage has tuned resonant
circuits in the input and output, and
is neutralized in the same way as a
class C power amplifier.

The basic difference is that the
linear amplifier is biased as a class B
stage. The tube, however, is not biased
exactly to plate-current cut-off. The
transfer characteristic curve of a
vacuum tube is shown in Fig. 2.
Notice that the lower end of the curve
bends and is very non-linear before
the plate-current cut-off point is
reached. If the stage were biased

Cn(
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FIG. 1. Basic class B linear
asvaplifier system.

exactly at cut-off, the non-linearity
in this part of the curve would cause
the signal to be distorted. Therefore,
the bias is set a little above the actual
cut-off point on the curve, so that
the tube will operate only on the
straight or linear part. This point is
called “extended cut-off,” and is
shown in Fig. 2. The extended “cut-
off” point is found by extending the
straight part of the transfer curve
until it crosses the current axis. This
is the point at which plate-current
cut-off would occur if the lower end
of the curve were linear.

With the grid bias set to the ex-
tended cut-off point, the plate current
flows for slightly more than 180° of
the input signal cycle. In class C, as
you learned, the plate current flows
for 120° to 150° of the cycle.

The linear power amplifier can be
operated in class AB, or class AB,
instead of in class B. You will re-
member that a class AB stage is a
stage that is biased between class A
and class B conditions. In class AB,
operation, the input signal never

A van.
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FIG. 2. A tube’s ey, curve, showing the
extended cut-off point.

drives the grid positive. In class AB,
operation, the signal voltage on the
grid drives the grid slightly positive
on a part of the positive cycle. Class
AB, operation delivers more power
than class AB, but less power than
class B.

The operation of the linear ampli-
fier can be demonstrated by using the
waveform illustrations in Fig. 3. With
the grid bias set at the extended cut-
off point, a small plate current will
flow when no excitation is applied to
the input. When a signal is applied
to the grid, on the negative alterna-
tions the grid is driven below plate
current cut-off, so no plate current
flows. On the positive alternations,
the input signal voltage subtracts
from the grid bias, reducing the nega-
tive bias on the tube, and the plate
current flows for slightly more than
the entire positive half cycle. The
plate current is in the form of pulses
as shown in the diagram.

For distortionless output, the am-
plifier must operate over the straight
portion of the characteristic curve.
In other words, the highest peak grid
voltage must not swing the plate cur-
rent beyond point A. As you have
learned, on 100% modulation, the
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FIG. 3. Class B operation of an amplifier.
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FIG. 4. The flywheel effect of the plate

tank circuit in a class B amplifier sup-

plies the missing half-cycles of plate
current.

peaks are twice the unmodulated car-
rier value. In the diagram, the current
value at point B is slightly more than
half the current value at point A.
Thus, if the unmodulated carrier ex-
citation is set at point B, the positive
peak at 100% modulation will swing
the rf excitation to point A. During
the modulation troughs when the
modulation amplitude is least, the
plate current will be driven near point
C. For most efficient linear operation
of the amplifier, the grid bias must be
set properly so that point B is mid-
way between points A and C, and the
input signal must have a high enough
amplitude to swing the plate current
over the entire linear portion of the
characteristic curve between points A
and C.

The plate current pulses supply
energy to the plate tank on the posi-
tive half cycles, just as in a class C
amplifier. Then, on the negative half
cycles when the plate current is cut
off, the energy stored in the tank is
fed back into the circuit to form the
negative alternations of the output
signal. This is shown in Fig. 4. The
upper half of the output signal wave-
form, shown in solid lines, is the part
contributed by the plate current
pulses. The lower half, produced by

the energy-storing (flywheel) action
of the tank circuit is shown in dashed
lines.

Thus, the output signal fed to the
antenna or load circuit is a completely
modulated signal, even though the
class B rf amplifier tube feeds power
to the load for only half of the input
signal cycle.

The circuit shown in Fig. 1 is a
single-ended stage. In your study of
audio stages, you learned that for
audio frequencies a class B stage must
be operated in push-pull, or the sound
will be highly distorted and contain
many harmonics. However, this is not
true at rf frequencies; a class B stage
using a resonant circuit in the plate
circuit can be single-ended because
the resonant circuit restores the miss-
ing parts of the modulated signal
wave-form. The resonant circuit also
eliminates many of the undesired
harmonics.

HOW LINEARITY IS ACHIEVED

The proper operation of a class B
linear stage is determined by its grid
bias, grid drive, plate voltage, load
impedance, plate and grid currents,
and the power relationships in the
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FIG. 5. Linearity curves for a class B
amplifier using various values of load
impedance.
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FIG. 6. The effect of various grid bias
values upon the linearity of a class B
amplifier.

input and output circuits. The linear-
ity in the stage depends primarily on
the grid bias and the load impedance.

The plate load impedance must be
chosen to get high power output and
efficiency as well as good linearity,

Load Impedance. Fig. 5 shows the
effect of various load impedances on
a tube operating in class B. The in-
stantaneous grid voltage, made up of
the bias voltage and the rf excitation
signal, is plotted along the horizontal
axis. The plate current, or propor-
tional tank current, is plotted along
the vertical axis. As you can see, the
curve is not linear for low impedance
but is quite linear for high impedance.
The low impedance is not satisfac-
tory, because the output would be
distorted, although it is ideal for class
C operation because it has high power
output. The high impedance is not
satisfactory either, because the plate
current swing would be small and the
power output very low.

Proper loading of a linear amplifier
must be a compromise between linear-
ity and power output. The medium
load impedance curve in Fig. 5 is the
one that is usually chosen. For a
triode tube, the best value of the load
impedance is equal to about twice the
plate resistance of the tube.

Grid Bias. Now let us see how the

5

grid bias affects the linearity of the
stage. Fig. 6 shows the dynamic char-
acteristic curves for various values of
grid bias. With a low grid bias, the
lower part of the curve is linear, but
it soon folds over. If a modulated
signal were applied to the input, the
peak of the modulation envelope
would be compressed, and the signal
would be distorted.

With high grid bias, the curve is
flat or compressed at the bottom, and
a modulated signal would again be
distorted. A medium value of bias is
best for linear operation. There is a
slight bend near the bottom of the
medium bias curve which is kept at a
minimum by operating the tube at
the extended cut-off bias as discussed
previously.

The grid bias for the linear ampli-
fier must be supplied from a separate
low-impedance power supply. Grid-
leak bias, which is used in class C
stages, cannot be used in a class B
linear stage, because the excitation to
the linear amplifier is not constant;
the grid current flow is small for low
modulation and very high for 100%
modulation. Thus, the grid-leak bias
itself would vary over the modula-
tion cycle and cause distortion.

Sometimes a cathode bias resistor
is used, because the average cathode
current in a linear amplifier is con-
stant and does not vary during the
modulation cycle. However, a cathode
bias resistor wastes too much power
for use in a stage other than a low
power stage, so fixed bias is more
often used.

The power supply that provides
the bias voltage must be a low-im-
pedance supply, because if the im-
pedance is low, the variation in the
grid current due to the input signal
will have little effect on the de bias
voltage. Also, by using a separate
bias source, the bias can be easily
adjusted to get the exact value re-



quired for the most linear operation
of the stage.

Excitation, The excitation must
be carefully set to prevent distortion
during modulation peaks, because re-
gardless of what load impedance or
grid bias is used, an excessive grid
excitation will cause the plate current
to swing into the curved portion of
the characteristic curve. At the same
time, the excitation must be high
enough to operate the class B stage
with reasonable efficiency. Thus, the
driver stage must be operated prop-
erly to get undistorted linear output.

REQUIREMENTS OF THE
DRIVER STAGE

Now let’'s consider the require-
ments of the stage that drives the
class B amplifier. Because grid cur-
rent flows in the class B amplifier
during the part of the cycle that the
grid is driven positive, power is being
dissipated in the grid circuit. This
power must be supplied by the driver
stage. The higher the grid current, the
lower the impedance presented by the
amplifier, and the more power the
driver stage must supply.

During an rf cycle, the grid im-
pedance of the amplifier may change
from an infinite value for negative
grid potential to only a few hundred
ohms for a high positive potential.
This varying impedance places a
varying load on the driver with the
result that the driver output voltage,
which is fed to the amplifier to drive
it, will vary. For no grid current and
a light load, the driver voltage will be
high; for high grid current and a
heavy load, the driver voltage will
be reduced. If the output impedance
of the driver is too high, this effect
becomes worse and the driver output
voltage may become so low when the
amplifier grid is drawing current, that
the grid is not driven far enough posi-
tive to drive the stage.

The positive peaks of excitation wili
be flattened out as shown in Fig. 7.
When this happens, we say the driver
has poor regulation. In Fig. 7, the
excitation of the grid of the class B
amplifier from a poorly regulated
driver is shown in heavy lines. For
comparison, a perfect sinusoidal ex-
citation voltage is shown in dashed
lines. Obviously, even though the
amplifier is operating over a perfectly
linear dynamic characteristic curve,
excitation such as that in Fig. 7 will
cause serious distortion.

To minimize this grid-loading effect,
the driver regulation must be made
as good as possible. This is usually
done by designing the driver stage so
that it is capable of delivering two or
three times as much power as that
required to drive the grid of the am-
plifier. This keeps the impedance of
the driver down. In addition, the input
tank of the amplifier is shunted by a
relatively low resistance. This re-
sistance, shown as R in Fig. 1, ab-
sorbs considerable driver power, but
reduces the wide fluctuations in grid
circuit impedance. With this resistor,
the input circuit impedance can
change from a few hundred ochms only
up to the value of the shunting re-
sistance. Thus, the driver works into
a more nearly constant load.
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FIG. 7. How poor voltage regulation of
the driver stage causes distortion of the
class B amplifier excitation.
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The grid-loading resistor may not
be required if a special zero-bias tube
is used in the class B stage. The oper-
ating bias for these tubes is very low,
usually from 5 to 10 volts. The grid
loads the circuit at all times, during
the positive half of the input cycle
80 the impedance remains nearly con-
stant during this half of the cyele.
Since this is the only half of the input
cycle we are interested in, it does not
matter that the impedance changes
during the negative half cycle.

Another way of assuring proper
drive to the linear amplifier is to oper-
ate the amplifier as a class AB ampli-
fier. If the amplifier is operated in
class AB,, the grid is not driven posi-
tive, so no grid current flows. The
grid circuit impedance remains con-
stant, and furthermore the driver
needs to supply only an exciting volt-
age—it does not have to supply any
power because no grid current flows.

Since the efficiency of a class AB,
stage is low, a compromise arrange-
ment is to operate the stage as a class
AB, amplifier. Here the grid is driven
positive during only part of the posi-
tive half cycle, and the power re-
quirements are less than for class B
operation. This enables us to get bet-
ter driver regulation and hence a
more linear output. Some modern
linear amplifiers using tetrode tubes
are operated as class AB amplifiers,
usually class AB,. Reasonably good
efficiency can be obtained from these
stages and the driving power require-
ments are low. Good efficiency can be
obtained from class AB, tetrode
stages because tetrode tubes have a
high power sensitivity, that is, they
can develop a high power output in
the plate circuit with a low power
input in the grid circuit.

PLATE CIRCUIT REQUIREMENTS

As in class C operation, the plate
voltage in i class B or class AB linear

amplifier has a decided influence on
the power output. It must be high
enough for maximum linear output
without causing excessive plate dissi-
pation. Naturally, the maximum rf
peak voltage that can be developed
across the load impedance is some-
what less than the B supply voltage.

With 100% modulation, during the
negative half of the cycle of the rf
exciting voltage, the tube is driven
beyond cut-off, and the voltage de-
veloped across the load impedance is
equal to the B supply voltage. During
the positive half of the input cycle,
when the tube is driven up close to
the saturation point, maximum plate
current flows, the tube plate resistance
drops to a low value, and the plate
voltage is very low. The maximum
change in plate voltage is between
this low value and the actual value
of the B supply voltage. This maxi-
mum change oceurs only during 100%
modulation; for lower percentages of
modulation, the plate voltage change
is not as great,

The changes in the grid excitation
voltage and in the output voltage are
linear. In other words, a variaticn in
the rf voltage applied to the grid will
cause a corresponding variation in the
plate voltage. This linear relationship
depends upon the grid bias value. In
a class C stage, the plate is driven to
saturation in order to get a higher
plate efficiency. In the saturation re-
gion, the excitation voltage and the
plate voltage are no longer linear. To
avoid the distortion that would result
from this non-linearity, a linear am-
plifier is never driven into the satura-
tion region.

If the amplifier has a truly linear
characteristic, the plate current in-
crease during the modulation crest is
equal to the plate current decline dur-
ing the trough. Hence, the average
plate current read on a de plate cur-
rent meter is constant and should not



change from no-modulation to 100%
modulation. The average plate cur-
rent will be equal to the peak plate
current with no modulation when a
linear amplifier is used to amplify a
carrier and two modulation sidebands.
In a later lesson vou will see that in
some applications of linear amplifiers
the plate current does change with
modulation.

POWER CONSIDERATIONS

In an earlier lesson you learned
that the output power from a class C
stage is proportional to the square of
the plate voltage; in other words, if
you double the plate voltage, the out-
put power will increase four times.
This relationship exists because the
signal applied to the grid drives the
tube from cut-off all the way to plate
current saturation on every cycle. In
a class B or a class AB linear ampli-
fier, the output power is proportional
to the square of the exciting signal
voltage. With a constant load resist-
ance, if the input signal voltage is
doubled, the output power will in-
crease four times because both the
signal voltage and signal current de-
veloped in the output will double.
Thus, the input signal has direct con-
trol over the output power.

The linear amplifier has a constant
plate voltage and, when operating cor-
rectly, functions with a constant aver-
age plate current. Hence, it draws a
constant amount of power froin the
high-voltage supply.

In your study of amplitude modu-
lation, you learned that with 100%
modulation, at the peak of the modu-
lation the power of the carrier is four
times the power without modulation.
You have also learned that the plate
input power of a linear stage remains
constant whether or not modulation
is applied. Therefore, the amplifier
must have higher efficiency during
modulation. (The higher the efficiency

of an amplifier, the higher the power
output.) When the stage is fed with
an unmodulated carrier, its efficiency
is 30% to 35%. For full 100% modu-
lation its efficiency increases to 60%
to 70%. The plate input power divides
between the tube and the output load.
With no modulation, two-thirds of
the input power must be dissipated
by the tube plate; at 100% modula-
tion, only one-third must be dissipated
by the tube plate. This shows that
the linear amplifier tube runs cooler
when it is delivering the most power
output (high modulation percentage).

Since the modulation peaks of
speech and music are often 10 to 20
times as great as the average signal
level, the average grid excitation must
be kept low. The average efficiency of
a typical linear amplifier is usually
not over 40%.

The power gain, which is the ratio
of the output power to the driving
power, of a linear amplifier is usually
between 5 and 10 with triode tubes,
and between 20 and 50 with tetrode
and pentode tubes. The gain is low
when triode tubes are used because
triode tubes require a substantial
driving power because of their low
power sensitivity and also because
the losses in the grid circuit are often
quite high.

If a stage has a power sensitivity
of 10, we will need a driving power
equal to 1/10 of the power output.
For example, if the power output of a
linear amplifier with no modulation is
10 kw (10,000 watts) and the stage
has a power sensitivity of 10, the
driving power needed would be 10
kw =- 10 = 1 kw. If the efficiency of
the linear amplifier is 33 1/3%, the
input power to the stage would he 30
kw; 10 kw would be useful output
and the other 20 kw would be dissi-
pated as heat by the tube. If the
driver is a plate-modulated class C
amplifier with an efficiency of
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66 2/3%, the plate input to the driver
would be 1.5 kw (1500 watts). To
plate modulate the driver we would
need approximately 750 watts of
audio power. Thus, we can 100%
modulate the 10 kw output of the
linear amplifier with only 750 watts
of audio power.

On the other hand, if we tried to
plate modulate an amplifier with an
output of 10 kw we would need much
more audio power. If the efficiency of
the stage is 66 2/3% (a class C
stage), the power input would be 15
kw and to 100% modulate the stage

would require 7.5 kw of audio power.
This is ten times the power needed
for 1009 modulation when we modu-
lated the driver and operated the
power output stage as a linear am-
plifier. Thus, the poor efficiency of the
linear amplifier is compensated for by
the lower audio power needed for
100% modulation. In high-power
transmitters it is more economical to
modulate one of the low power driver
stages and then amplify the signal
with linear amplifiers than it is to try
to plate modulate a high power class
C amplifier.

Adjusting a Linear Amplifier

Fig. 8 shows the schematic diagram
of a typical single-ended class B linear
stage. Notice the similarity between
this circuit and the conventional class
C amplifier stage. The plate and grid
resonant circuits and neutralizing
method are identical to those used for
class C. The modulated rf signal is

link-coupled to the grid of the ampli-
fier from the plate circuit of the
modulated stage. Thus, the modulated
stage acts as the driver.

Resistor R1 connected across tun-
ing capacitor C2 and part of coil L2
is the grid-loading resistor. It is used
to prevent wide impedance variations
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FIG. 8. A typical single-ended class B linear rf amplifier.
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in the amplifier grid circuit, and thus
present a more constant load to the
driver stage. The bias voltage for the
grid is obtained from a separate low-
impedance supply.

As shown in Fig. 8 there are current
meters in the circuit to indicate the
operation of the amplifier. Meter MA,
indicates the grid current, meter MA,
indicates the plate current, and meter
MA, indicates the load current. The
meters in the grid and plate circuit
are shunted by capacitors to prevent
rf currents from damaging them.

INTERPRETING METER
READINGS

From the readings on the grid cur-
rent, plate current, and output cur-
rent meters you can determine
whether or not the amplifier is oper-
ating correctly. If the amplifier has
been adjusted correctly and is being
driven by a well regulated driver, the
meter readings should be as follows:

With no modulation on the carrier,
the grid current will be small and
steady. The plate current will also
be constant and its value should be
that recommended for the rated
power output. The reading on an
antenna current meter should be con-
stant. Its exact value of course will
depend on the power output of the
stage, the type of transmission line
used to connect the amplifier to the
load, and on how well the line is
matched to the load. For the present,
all you need be concerned about is
that with no modulation the meter
reading should be constant.

On 100% sine-wave modulation, the
grid current reading should rise
sharply to a maximum value. The
plate current, however, should not
change and will not if the amplifier is
truly linear. Any change in the plate
current reading is an indication of
nonlinearity. The output load current
in MA, should increase 22.5% with
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100% sine-wave modulation.

With voice or music modulation,
the grid current reading will rise and
fall with the peaks of the modula-
tion. The antenna current meter will
also fluctuate, but the plate current
should never vary from its normal
steady reading.

Since the average power contained
in voice and music is low, the antenna
or load current will rise only a few
percent higher than with no modula-
tion. There will be a sharp rise in the
load current value only on loud sus-
tained passages.

The grid, plate, and output meter
readings can also be used to localize
defects and causes of distortion. The
modulated signal fed to the linear
amplifier stage must be free from dis-
tortion. Therefore, when checking any
linear amplifier circuit, almost the
first test to make is to see that the
input signal itself is linear and un-
distorted. If it is distorted, check the
modulated amplifier and the modu-
lator stages. Be sure that their oper-
ating voltages and drive are correct,
that the class C amplifier is not being
over-modulated, and that the tuning
and loading are correct for the stages.

If the input signal is not distorted,
incorrect meter readings may indicate
defects in the linear amplifier itself.
Suppose the plate current reading in-
creases and the pointer on the antenna
current meter “kicks up” sharply
when modulation is applied. A rise in
antenna current is normal; the meter
pointer, however, should not swing up
or down sharply. (You may not notice
abrupt changes in meter readings if a
thermocouple meter is used.) This in-
dicates a positive carrier shift (up-
ward modulation). The plate and
antenna current increase can be due
to excess bias on the grid, which
causes the tube to operate further
down on the knee of the characteristic
curve. This will cut off the trough of



the modulated signal, causing the
average plate current to rise. Parasitic
oscillations, incomplete neutralization
of the amplifier, and improper tuning
and loading of the stage can also
cause positive carrier shift.

Negative carrier shift (downward
modulation) occurs when the average
plate current and the antenna (out-
put) current decrease with modula-
tion. This is due to a defect that cuts
off or distorts the peaks of the modu-
lated signal. If an excess amount of
excitation is applied to the grid, the
tube will be driven to saturation, and
the positive peaks will be distorted.
Poor regulation in the bias or high-
voltage power supplies can also cause
negative carrier shift because the
grid or plate voltages are not high
enough to provide the peak values of
the amplified waveform.

Also, if the load that the linear
amplifier presents to the driver stage
varies widely during the input signal
cycle, the peaks of the modulated
waveform at high modulation levels
will be cut off. The output signal will
be distorted, as indicated by a de-
crease in the antenna meter reading.
The purpose of the shunt resistor
across the coil in the grid cireuit is to
prevent the load on the driver stage
from varying. A higher than normal
load impedance for the class B linear
stage or incorrect tank circuit tuning
will also cause the modulation peaks
to be cut off, and cause the readings
on the plate and antenna current
meters to decrease.

A decrease in the grid and plate
current meter readings over a period
of time could indicate a loss of effi-
ciency in the driver amplifier or some
defect earlier in the transmitter, caus-
ing a loss of excitation power to the
linear amplifier. Also, a gradual de-
crease in the grid and plate current
meter readings is often an indication
of a weakening linear amplifier tube.
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Thus, to get an undistorted output
signal from a class B linear amplifier
stage, the operating voltages, grid
drive, and loading must be correct.
Also, the stages preceding the linear
amplifier must be operating properly
to produce an undistorted signal of
the correct amplitude to the stage.
Usually the recommended operating
voltages are applied to the stage and
then the grid bias and the load are
varied slightly on either side of the
recommended values to get the great-
est undistorted power output at the
best efficiency. This is a part of the
adjustment procedure; let us go
through the complete procedure now.

ADJUSTMENT PROCEDURES

Before the class B stage itself can
be adjusted, the preceding stage must
be adjusted, and the class C modu-
lated stage and the class B stage itself
must be neutralized. During adjust-
ment the grid bias and plate voltages
are not set to their full final values
to be sure tubes and other parts are
not damaged, and to prevent the pos-
sibility of interfering with other
broadcast stations. The procedure for
adjusting a class B stage using triode
tubes is as follows:

1. Apply grid bias of one-half its
final intended value.

2. Apply a low-amplitude unmodu-
lated rf signal to the input.

3. Increase the level of the un-
modulated rf signal by tightening the
coupling between the driver and the
amplifier until there is grid current
flow.

4. Readjust the plate tank circuit
of the driver stage, and the grid tank
circuit of the amplifier stage to reso-
nance by tuning each for maximum
grid current.

5. Apply plate voltage of one-half
the final intended amplitude.

6. Quickly tune the plate tank to
resonance as indicated by a dip to



minimury in the plate current.

7. Couple the load circuit to the
amplifier by increasing the coupling
between the output tank circuit and
the coupling network to the antenna
or the next stage; as coupling is in-
creased, readjust the tank capacitor
to resonance. Continue increasing the
coupling until the plate current mini-
mum is approximately three times the
minimum without a load.

8. Apply normal plate voltage and
extended cut-off grid bias to the stage.

9. Check the plate current and the
output current readings. If they are
both too high, reduce the excitation
to the stage. If the plate current is
high and the output current is low,
reduce the excitation and increase the
load coupling; then, increase the ex-
citation again. If the plate current is
still too high, the grid bias may be
too low. In this case, to get the best
possible linearity, it may be neces-
sary to vary the bias slightly above
or below the value recommended by
the transmitter manufacturer.

If you get good linearity for a bias
voltage near the recommended value,
and the input and output power are
correct with full excitation, the am-
plifier is properly adjusted.

If the plate current is still too high
or the plate input power and the out-
put power are below normal, the load
impedance is too high. Readjust the
load coupling and make a new set of
linearity checks.

10. Make a final check of all meter
readings with modulation applied.

The grid current meter reading should
change rapidly with modulation, and
the plate current meter should remain
steady. The load current meter read-
ing will increase very slightly with
normal modulation. However, with
sustained 100% sine-wave modula-
tion, the load current reading should
rise 22.5%.

You can also use an oscilloscope to
check the linearity of a linear ampli-
fier system. To do so. you first observe
the modulation envelope at the output
of the driver to make certain that an
undistorted signal is being applied to
the linear amplifier. Then, you use
the oscilloscope to check the per-
formance of the linear amplifier itself,
with 100% sinusoidal modulation ap-
plied. The major advantages of oscil-
loscopic checks are that they are in-
stantaneous and do not require a
tedious step-by-step measurement
procedure. The oscilloscope can be
used to monitor the output oi the
transmitter during normal operation,
to provide an immediate indication of
any non-linearity. You will receive
detailed instructions on how to use
the oscilloscope in a later lesson.

The adjustment procedure for a
class B linear amplifier using pentode
or tetrode tubes is the same as for
triode tubes, cxcept that some load
should be connected to the stage be-
fore plate and screen voltages are
applied to the stage. If you attempt
to tune a pentode or tetrode rf stage
without a load connected to it you
may destroy the tube.
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Variations in Linear Amplifiers

So far, we have been discussing
single-ended linear amplifiers. Linear
amplifiers may also be operated in
push-pull and can use multi-grid
tubes as well as triodes. There are
differences in the operation of single-
ended and push-pull stages, but the
basic characteristics and the purposes
for which they are designed are the
same. We will show several examples.

PUSH-PULL LINEAR
AMPLIFIERS

A class B push-pull stage using
triode tubes is shown in Fig. 9. Re-
sistors R1 and R2 load the grid and
establish proper driver regulation.
The two radio-frequency chokes
shunting the loading resistors provide
low resistance dc paths for the grid
current so there will not be any un-
wanted grid-leak bias. Regular push-
pull cross neutralization is used, and
the metering arrangements are similar

to those for a single-ended stage.
Advantages. The push-pull class B
linear amplifier in Fig. 9 has some
advantages over the single-ended
type. Twice as much power can be
obtained from a push-pull stage, and
the Q of the tank circuit can be lower
than in a single-ended stage, if the
push-pull tubes are properly balanced.
The Q of the tank circuit of the sin-
gle-ended stage must be higher, be-
cause the single-ended class B stage
depends upon flywheel effect in its
plate tank circuit to establish one
alternation of the rf output cycle. If
the Q is too low, the flywheel effect is
inadequate and the modulation enve-
lope is distorted. This means that the
second harmonic content becomes
high and filters must be used tv re-
duce second harmonic radiation.
Hence, a compromise must be made
in a single-ended stage between power
output (which depends on the circuit
loading) and the tank circuit Q.
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FIG. 9. Push-pull class B linear amplificr.
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In a push-pull vlass B stage, one
tube supplies energy during the posi-
tive half-cycle. Its plate current then
falls to zero, and the other tube sup-
plies energy for the negative half-
cycle. Consequently, each tube con-
tributes one-half or 180° of the com-
plete rf cycle. Since the tubes supply
energy to the tank circuit for the en-
tire signal cycle, the tank circuit fly-
wheel effect is not essential. The load
can be coupled into the tank circuit
for optimum power output and effi-
ciency and for the best linearity.
Thus, the power output is higher and
the harmonic distortion is less for
push-pull class B operation.

The circuit Q is still important in
a push-pull stage. A low Q tank cir-
cuit will pass a considerable amoum
of harmonics, but by balancing the
tubes properly, much of the even-
harmonic energy can be eliminated.
A low Q circuit will reduce the tank
circuit losses and raise the efficiency.
In a high power transmitter even a
5% loss in output power is a con-
siderable amount, when it just heats
the coil.

There is also less sideband clipping
in a push-pull stage than in a single-
ended stage. In a single-ended stage,
to maintain an adequate flywheel
effect, the Q of the tank circuit must
be quite high and sharp. Thus, some
of the higher frequency sidebands
may be clipped off. With push-pull
operation, the Q can be considerably
less, and therefore, the tank ecircuit
response is broad and sideband eclip-
ping is less likely to occur.

The load impedance in the push-
pull stage must be chosen correctly to
get the best linearity, power output,
and efficiency. For a stage using triode
tubes, the load impedance is about
twice the plate resistance of one of
the amplifier tubes. This is consid-
erably less than the load impedance
required for a push-pull class B audio
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amplifier in which the load impedance
is four times the plate resistance of
one of the tubes.

Adjustments. The adjustment pro-
cedure for the push-pull class B linear
stage is similar to that described for
the single-ended stage. The prelimi-
nary adjustments are made, as de-
scribed previously, and then the grid
and plate voltages are set to half
their normal values. After the class B
stage adjustments are completed, full
normal operating voltages are ap-
plied. Usually small touch-up adjust-
ments are required for best operation.

LINEAR AMPLIFIERS
USING MULTI-GRID TUBES

Tetrode, pentode, and beam-power
tubes are also used in linear ampli-
fiers. Multi-grid tubes give better
power gain, and less driving excita-
tion is required for a given power out-
put. Also, the additional electrodes
give better shielding, so neutralization
is not as much of a problem.

However, to prevent non-linearity,
the voltage applied to the screen grid
must be very well regulated. Varia-
tions in screen voltage as the modula-
tion changed would have the same
effect as variations in grid bias in a
triode linear amplifier. Variations in
screen voltage would cause the plate
current and power output of the am-
plifier to change in a non-linear man-
ner, causing a distorted modulation
envelope, In low-powered amplifiers,
it is common to use small voltage-
regulator tubes, and in higher-pow-
ered amplifiers, the screen voltage is
obtained from an extremely well-regu-
lated power supply.

The multi-element tubes are often
operated in class AB, or AB.. An
advantage of AB, operation is that no
driving power is needed because the
tubes will not draw grid current.
Driver regulation is much less of a
problem because the grid circuit in-
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FIG. 10. A class AB, linear amplifier using tetrodes.

put impedance does not vary as in a
class B linear amplifier, which draws
a very high grid current. A class AB,
amplifier draws some grid current,
but not as much as class B.

The class AB, linear amplifier may
have two tubes in push-pull, or four
or eight tubes in a push-pull parallel
combination. Fig. 10 shows a linear
amplifier with two tubes in push-pull
operated in class AB,. Resistors Rl
and R2 in the grid circuit load the
input, increase the circuit bandwidth,
4nd broaden the response bf the input
resonant circuit so that the input does
not have to be tuned. Thus, capacitors
Cl and C2 can be fixed rather than
variable capacitors.

Neutralization of the multi-grid
tubes is not exacting, and two small
fixed capacitors, such as those labeled
C. in Fig. 10, are often used.

The output circuit has parasitic
chokes and a split-stator tuning ca-
pacitor, making it similar to most
push-pull class C amplifier output
circuits. The class AB, operation de-

pends upon the loading, biasing, and
excitation.

The screen voltage is obtained from
a voltage-regulated supply.

GROUNDED-GRID AMPLIFIER

A linear rf amplifier may also use
a grounded-grid circuit, as shown in
Fig. 11. The grounded-grid circuit
gives somewhat better linearity than
a grounded-cathode circuit,

The exciting voltage is applied be-
tween the cathode and ground. The
input of the grounded-grid amplifier
presents a low impedance load for the
driver. Thus, it is not necessary to

OUTPUT

FIG. 11. A grounded-grid linear amplifier.
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use a tuned circuit in the input. The
driver can be connected directly be-
tween the cathode and ground, if a
capacitor is used for proper dc isola-
tion between the driver and the linear
amplifier. The cathode resistor is in-
serted to prevent a high voltage from
appearing between the cathode and
ground in case an open develops be-
tween the driver and the cathode cir-
cuit of the amplifier.

A grounded-grid amplifier is very
stable; much more stable than a con-
ventional grounded-cathode amplifier.
The control grid is at rf ground po-
tential and acts as both a control
element and a screen between the
cathode and plate. Therefore, the
stage usually does not have to be
neutralized. This stage also operates
better at frequencies above 50 me
than the grounded-cathode amplifier
does. If it is used at these high fre-
quencies, the inductance of the leads
in the input and output circuit and
the grid-to-plate capacity can pro-
vide enough feedback to cause insta-
bility and perhaps oscillation. In this
case, the stage must be neutralized.

When filament-type tubes are used,
the grounded-grid amplifier requires
a special filament transformer that
has a very low capacity between the
primary and secondary windings. The
capacity between the windings will

shunt the signal to ground.

The stage requires more power from
the driver than does a grounded-cath-
ode stage. This additional power,
however, does not represent a loss,
because the extra power actually ap-
pears in the plate circuit of the stage.
Thus, the output power comes partly
from the driver and partly from the
amplifier itself.

DOHERTY AMPLIFIER

We have learned that the average
efficiency of a conventional linear
amplifier is seldom better than 40%.
With 100% modulation, we can get
an efficiency of about 70% on modu-
lation peaks, because then the ampli-
fier is operated near saturation. If we
could operate the amplifier near satu-
ration at all times, its efficiency would
be high, but then, on modulation
peaks, the output would be distorted,
because the peaks would be flattened
out—the amplifier would not be able
to supply the additional power de-
manded of it on peaks.

It is possible to get an average
efficiency of from 60% to 65% by
using a two-tube circuit like that
shown in Fig. 12. This amplifier is
called the Doherty amplifier. The cir-
cuit is arranged so that the unmodu-
lated signal from the driver drives
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FIG. 12. A basic Doherty system.
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one tube, called the carrier tube, to
saturation while the other tube, called
the peak tube, passes little or no plate
current. Thus we have one tube oper-
ating at peak efficiency and the other
tube wasting little or no power.

The two tubes are of the same
types, and therefore will have almost
identical characteristics. The carrier
tube is biased at the extended cut-off
value as a true class B linear ampli-
fier. The peak tube has about twice
as much bias applied to it so that it
operates more as a class C amplifier
than a class B amplifier. When the
unmodulated signal from the driver is
fed to this tube it barely drives it
into the conducting region.

The load on both tubes is the paral-
lel resonant circuit made up of C,
and L, and the load connected to it
through L, The output of the peak
tube, V2, is connected directly to this
load. The parallel resonant circuit is
designed so that the load impedance
will be about half what would nor-
mally be used for one of the tubes
operated in the normal way as a Class
B amplifier. Thus, if the load should
be Z., the load impedance that V2
will see will be Z./2.

The load the carrier tube, V1, will
see will be quite different. V1 is con-
nected to the load through a network
consisting of C,, L,, and C,. This net-
work is called an artificial transmis-
sion line because it acts like a trans-
mission line. By selecting the values
of C,, L,, and C,, we can make the
network act like a transmission line
one quarter of a wavelength long.
(The symbol A that you see on the
diagram is the Greek letter Lambda,
and is used as an abbreviation for
wavelength.) You will study trans-
mission lines in detail later; for the
present you need know only a few
things about them.

Transmission lines have a charac-
teristic which is known as the “surge
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impedance” or “characteristic imped-
ance.” It depends on the size of wire
used, the spacing between the wires,
and the material between the wires.
The characteristic impedance is rep-
resented by the symbol Z,. When a
load Z, is connected across one end
of a quarter-wave line, the impedance
that is seen at the other end, which
we will call Z, is given by the for-
mula:

Zy?

Z, = 7.
If we make the characteristic imped-
ance of this line equal to the load
that the tube should work into for
normal class B operation (Zp), and
the actual load equal to half the nor-
mal class B load, then the impedance
looking into the line from V1 becomes

2

Zl = —‘r-

Yoly,

2_Z':2
Z,
= 2ZL

Thus, the load impedance into which
V1 is working is equal to twice the
normal load for class B operation.

Another characteristic of a trans-
mission line is that it delays a signal
traveling through it. With a quarter-
wave line between V1 and the load
there will be a one-quarter cycle de-
lay. We refer to this as a 90° delay
or a 90° phase shift. One other char-
acteristic of a quarter-wave line is
that it inverts any change in the load
connected across the output. If the
impedance of the load is increased,
at the input the line acts as if the
impedance had been reduced, and if
the impedance of the load at the out-
put is reduced, at the input it acts as
if it had been increased. Now let's
go ahead and see exactly how this
amplifier works.
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When an unmodulated signal is fed
from the driver to the amplifier, the
signal does not drive the grid of V2
hard cnough to cause this tube to
conduct any appreciable amount of
plate current. The signal from the
driver is fed to the grid of V1 through
a phase-shifting network that ad-
vances the signal phase so that the
signal applied to the grid of V1 leads
the signal fed to the grid of V2 by 90°.
This signal drives the grid of V1 hard
enough to drive this tube to plate-
current saturation. Thus the tube
operates with good efficiency. How-
ever, because the load impedance is
twice the normal class B load imped-
ance, the power output will be only
about half of what would be obtained
with the correct load impedance. The
output from V1 is fed through the
artificial line, which delays it 90°, to
the load. Since the signal has been
advanced 90° and then retarded 90°,
the two phase shifts cancel, so the
signal reaching the load from V1 will
be in phase with any signal reaching
it from V2.

When the driving signal is modu-
lated and its amplitude starts to in-
crease, V2 begins to conduct. This re-
sults in an increase in the signal volt-
age across the load because the load
current increases. The quarter-wave
transinission line, which is also con-
nected to the load, sees this higher
voltage. Since the extra current is not
coming from this line, the higher
voltage across the load has the same
effect on the line as an increase in
load impedance. The quarter-wave
transmission line inverts this change
so that at ite input the impedance
decrcases. This means that the im-
pedance of the load that V1 is work-
ing into goes down, and V1 supplies
more power to the load.

With 100% modulation, the ampli-

tude of the driving signal will drive
V2 to saturation. Since its load im-
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pedance is only Y% the normal value
of Z, it will supply twice the power
it would if it were operated at satura-
tion with the normal load impedance.
This power supplied to the load
causes the voltage across it to increase
so that the value of the load imped-
ance connected at the end of the
quarter-wave transmission line ap-
pears to have doubled. This means
that it is now equal to Zp. The im-
pedance at the other end of the line,
to which V1 is connected, becomes:

_

* T

Z = '/41.

Therefore V1 is now working into the
load impedance it should work into
for normal class B operation, and the
power output from it will be twice
the value with no modulation. Thus
both V1 and V2 are supplying twice
the power to the load that V1 sup-
plied to it with no modulation, so the
power output has increased four
times, as it should with 100% modu-
lation.

You might wonder how we can say
that the efficiency of this amplifier is
good when with no modulation one
tube is supplying only half the nor-
mal class B power to the load and the
other tube none at all. You must re-
member that cfficiency is not a meas-
ure of the amount of power output.
If the ratio of the power output to the
power input is high, the stage is effi-
cient regardless of how much power
it actually delivers to the load. The
efficiency simply tells you how much
of the power that the stages take from
the power supply is converted into a
useful output signal. If the efficiency
is 75% then 75% of the power input
is converted to useful output and only
25% wasted. If an amplifier with 75%
efficiency has a power input of 100
watts, the output will be 75 watts;
the wasted power 25 watts. On the




other hand, a 1000-watt amplifier
with an efficiency of 30% would put
out 300 watts of useful power, which
is more than the preceding example,
but in doing so0 would waste 700 watts.

Although the efficiency of the
Doherty circuit is high, it has some
important disadvantages. At high fre-
quencies, the capacity in the phase-
correcting circuit and the quarter-
wave line is so small that even the
stray capacity in the wiring and the
tube capacities can affect the opera-
tion of the stage. Also, as the operat«
ing frequency increases, it becomes
more and more difficult to maintain
the proper phase relationships in the
circuits.

Distortion will occur when a signal
with a low modulation percentage is
amplified by the Doherty system, be-
cause the peak tube then operates
near cut-off where the characteristic
of the tube is the most non-linear.
Operating the carrier tube near satu-
ration can also produce distortion.
Other disadvantages of the Doherty

circuit are that it presents a varying
load to the preceding amplifier, and
the circuit is very difficult to adjust.
For these reasons, the Doherty ampli-
fier is no longer being manufactured.
However, you may find them still in
use in some broadcast stations.

The class B linear circuits that we
have discussed in this section are
typical of those found in both low-
power and high-power transmitters.
The power output, of course, depends
on the tube type, the component rat-
ing, and the operating voltages and
currents used in the stage.

FEEDBACK SYSTEMS

You have already studied both re-
generative and degenerative feedback.
You will remember that when a sig-
nal is fed from the output of one
stage back to the input of the stage,
or to a preceding stage, we have feed-
back. If the polarity of the signal
that is fed back is such that it aids
the original signal, we have regenera-
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FIG. 13. Over-all rf to af feedback that reduces distortion, hum, and noise in the
modulated class C and class B amplifier stages as well as in the audio-frequency
amplifiers on the modulator.
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FIG. 14. The Collins rf feedback

arrangement.

tive feedback, and if it opposes the
original signal we have degenerative
feedback, which we usually call in-
verse feedback. Regenerative feed-
back is used in oscillators. Inverse
feedback is used to help reduce noise,
hum, or distortion produced in ampli-
fiers.

Inverse feedback systems are used
in transmitters to reduce noise and
distortion. A feedback system used in
a transmitter is shown in Fig. 13.
This feedback will reduce noise and
distortion produced in the modulator
driver, the modulator, the modulated
class C stage and in the linear ampli-
fier.

In this system there is a small
resonant circuit that is tuned to the
output frequency of the transmitter
and loosely coupled to some portion
of the output system such as the final
tank circuit, or the transmission line,
or picks up radiation directly from
the antenna. It picks up the modu-

lated signal, demodulates it, and fil-
ters out the rf. The demodulated sig-
nal, which is made up of the original
audio signal plus any noise or distor-
tion that has been added is then fed
back to the speech amplifier or modu-
lator of the audio system. It is re-
inserted 180° out of phase with the
original signal.

In this system, noise or distortion
originating in the modulator and its
associated driver and amplifier stages,
and distortion components contributed
by the modulation process can be
reduced to very low values.

Fig. 14 shows a system in which rf
or carrier feedback is used. This is
the Collins KWS-1 transmitter.

RF energy is fed back through
capacitor C402 to the cathode circuit
of the driver. Notice that the driver
consists of two tubes, V206 and V207,
connected in parallel. The feedback
voltage developed between the cath-
odes of the driver and ground is 180°
out-of-phase with the driver input
signal. Hence, the feedback link in-
cludes the driver and the linear am-
plifier output stage. The feedback not
only corrects distortion, but also im-
proves the driver regulation, insuring
a more linear operation.

The amount of feedback depends on
the relative reactance of capacitors
C402 and C714. Coil L706 is a radio
frequency choke that provides a dc
return for the cathodes. It is loaded
by resistor R708 to prevent oscilla-
tion.




Outphasing Modulation System

A system of modulation in which
linear amplifiers are not required has
recently become more widely used. It
is called the “outphasing” system or
“phase-to-amplitude” modulation sys-
tem.

As you have learned, in low-level
modulation systems, the rf power am-
plifier stages must be operated
linearly or the output will be dis-
torted. However this is not the most
efficient form of operation. In high-
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BASIC SYSTEMS

Fig. 16A shows two ac generators
connected in series across a load. If
the two generators are exactly in
phase, the two voltages they produce,
E, and E,, will add. For example, if
each one is 10 volts, the total output
will be 20 volts. This is shown by the
vector diagram in Fig. 15B. The
Greek letter phi (¢) is used to mean
phase angle. Here it is shown as 0°.

E| E2
O——tp——o E«20V

¢-0°

)

(0] ~$=120°
- Eslov
E2

FIG. 15. Two geuerators connected in

series across a load as in A, will produce

varying voltages across the load, depeud-

ing upou their phase relationship. B

shows the output if they are in phase;

C shows them 180° out of phase; and
D shows them 120° out of phase.

level modulation systems, the carrier
is amplified before it is modulated,
which eliminates the need for linear
amplifiers, but much more audio
power must be supplied to the class C
stage to modulate it. Therefore, in
low-level systems it costs more to
amplify the carrier; in high-level sys-
tems it costs more to develop the
high audio power required. The out-
phasing system combines some of the
advantages of each. Let us see how.

If E, and E, are exactly opposite
in phase, the voltages will cancel as
shown in Fig. 15C. The phase angle
is 180°, and the output voltage E is 0.

If the phase angle is anywhere be-
tween 0 and 180°, the output voltage
will be somewhere between 0 and 20
volts. For example, if the phase angle
is 120° as shown in Fig. 15D, the
output voltage will be the vector sum
of E, and E,, or 10 volts. If the phase
angle is varied, the output will also

1



E)

\

\

1BO° E

120°
o
Ep

E2
FIG. 16. Veetor diagram showing how
the eombined output of two amplifiers
depends upon the phase relationship
between them.
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vary in the same manner.

The generators in Fig. 15A can be
replaced by vacuum tube amplifiers
operating on the same frequency but
out of phase by some value between
90° and 180°. If the amplifiers are
then modulated with an audio signal
that increases and decreases this
phase difference between them in pro-
portion to the amplitude of the audio
signal, and if their outputs are then
combined, the signal obtained across
the output of the two amplifiers will
be proportional to the modulating
voltage. We will have 100% modula-
tion if the modulating signal varies
the phase of the carrier by the amount
of the original phase shift away from
180°.

For example, if the amplifiers are
operated with a phase difference of
150° without modulation (30° away
from 180°), and 100% modulation is
applied, the output will vary as shown
in Fig. 16. The length of E indicates
the amplitude of the output. When
no modulation is applied, the carriers
are 150° out of phase, and the output
is equal to their vector sum, as shown
in Fig. 16A.

On one half of the audio cyele, the
phase difference will increase 30°, or
up to 180°. The two carriers will can-
cel, and the output will be zero, as
shown in Fig. 16B. On the other half
of the audio cycle, the phase differ-
ence is decreased by 30°. This ap-
proximately doubles the output as
shown in Fig. 16C.

Fig. 17 shows a block diagram of
such a system. The output of an rf
source is split between two amplifier
branches. A phase shift of less than
180° is introduced into one branch so
that the carrier will not be completely
cancelled. The first tube in each string
is a phase modulator. It is designed
so that when an audio voltage is
applied, the phase of its output will
vary in step with the amplitude vari-
ations of the audio voltage. You will

— MODULATOR >

150° PHASE - PHASE - AMPLIFIER |~
SHIFTER s | MODULATOR
—_—
I80° PHASE
SHIFTER COMBINED
l J >
ouTPUT
RF SOURCE
— - T 1
AUDIO
SOURCE
PHASE 1

AMPLIF|ER}’—

J

FIG. 17. Block diagram of basic outphasing modulation systems.
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FIG. 18. Another basic outphasing modulation system.

learn how this is done in a later lesson
on phase modulation. The audio volt-
ages fed to the two phase modulators
must be 180° out of phase with each
other, or their effects would cancel.

The outputs of the two phase modu-
lators are amplified, and the ampli-
fied outputs are combined.

The modulation envelope will not
be distorted, regardless of whether
the amplifiers are linear or not, be-
cause it is the phase not the ampli-
tude of the signal that is varying in
accordance with the audio, and the
linearity of an ampljfier does not
affect the phase of the output.

Fig. 18 shows another arrangement
for outphasing modulation. Here we
have an rf source consisting of an
oscillator and buffer stage. The out-
put is fed to two amplifier strings,
180° out of phase. The audio signal
is fed to a balanced mvodulator, which
produces a double-sideband signal
that is substantially free of carrier.
The output of the modulator is di-
vided between the two amplifier
branches. One part is shifted 4+90° in
phase and combined with the output
of amplifier A, and the other part is
shifted —90° in phase and combined
with the output of amplifier B.

A small phase shift is introduced
in the lower branch so that the car-
riers in the two branches will not
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cancel each other. After amplifica-
tion, the two carriers are combined in
the output. Since they are almost 180°
out of phase with each other, the re-
sultant carrier will be almost 90° out
of phase with the carrier in each
branch. Since the modulation side-
bands were shifted 90° in phase at the
output of the balanced modulator,
they will be practically in phase in
the output of the amplifier. Thus the
original modulation appears in the

ALMOST
90°

ALMOST
90°

/
B

FIG. 19. Relationship of carriers
in Fig. 18.
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FIG. 21. Exciter-modulator circuit of Fig. 20.

output. Fig. 19 shows the vector dia-
gram for the carriers. A is the original
carrier fed to amplifier A. B is the
original .carrier fed to amplifier B.
B, is the carrier in the lower branch
after being shifted slightly in phase.
C is the resultant carrier in the out-
put. As you can see, it is almost 90°
different in phase from the carriers in
the two amplifier branches.

THE RCA AMPLIPHASE
TRANSMITTER

A modern commercial transmitter
that uses this “phase-to-amplitude”
system of modulation is the RCA
50-kw “Ampliphase” transmitter. A
block diagram of this transmitter is
shown in Fig. 20. Its operation is
essentially similar to that of the cir-
cuits we have studied..

The output of a single crystal oscil-
lator is fed to a buffer amplifier with
a push-pull output tank, as shown in
Fig. 21. Thus, the carrier wave is
split between two rf amplifier chan-
nels, and the signal supplied to one
chain is 180° out of phase with that
supplied to the other. Since these two
signals are 180° out of phase, no out-
put would be obtained if they were
impressed on a common load. How-
ever, if the phase difference is made
less than 180°, some output will be
obtained, the amount depending upon
the phase angle.
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So that the phase difference will be
less than 180°, the first stage in each
amplifier is an adjustable phase-shift
amplifier. These are d¢ modulator A
and dc¢ modulator B in Fig. 20. A
simplified diagram of the circuit is
shown in Fig. 22. The values of L,,
C,, and R, are chosen so that when
R, is set to one end of its range, there
will be a phase shift of +25°, and
when it is set to the other end of its
range, there will be a phase shift of
—25°. Setting the phase-shift ampli-
fier in one chain for a +22.5° phase
shift, and the phase-shift amplifier in
the other chain for a —22.5° phase

CARRIER
SET

r
Courtesy RCA
FI1G. 22. Simplified diagram of the
adjustable phase shifter.
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FIG. 23. Simplified dicgram of the
modulated amplifier and modulator.

shift will give a total phase shift of
45°, and the two carriers will be 135°
apart in phase instead of 180°.

The next three stages in each chan-
nel are called modulated amplifiers.
They are quite similar to the adjust-
able phase-shift stages, except that
instead of a variable resistor in the
plate tank circuit there is a triode
tube, as shown in Fig. 23. The triode
tube acts as a variable resistance
when an audio signal is applied to its
grid. The audio signal applied to each
modulator tube produces a phase-
modulated signal in the tank circuit
of its corresponding modulated ampli-
fier.

Following the modulated amplifiers
there is a conventional amplifier stage
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providing isolation and drive to the
first intermediate power amplifiers.
The signals are further amplified and
then combined in the output to give
an amplitude-modulated output. Fig.
24 shows a simplified diagram of the
power amplifier output circuit.

The relationship between the car-
riers in the two channels is shown in
vector form in Fig. 25. The two vec-
tors A, and B, show the relationship
of the carriers in the two branches
without modulation. C, represents the
output with no modulation. Vectors
A and B show the carriers during the
modulation troughs with 100% modu-
lation, and A; and B, show the car-
riers on the peaks of 100% modula-
tion. On the troughs the output is
zero, and on the peaks, the output is
doubled, as shown by C,.

A very important consideration in
designing transmitters is the amount
of time a transmitter must be off the
air if anything goes wrong. To mini-
mize this time, the RCA Ampliphase
transmitter is designed with two com-
plete oscillators and two complete
exciter-modulator sections. Either of
these can be switched in with only a

L, LOAD
e
c7|
-
Courtesy RCA

FIG. 24. Simplified diagram of the
power amplifier output circuit.



B> MODULATION PEAK
le—45

B
MODULATION TROUGH

FIG. 25. Relationship of the carriers in
the two amplifier channels of Fig. 20 for
no modulation and 1009 modulation.

B1 NO MODULATION

momentary loss of carrier, and with-
out cutting off the dc supply to the
transmitter. Fig. 26 shows the switen-
ing arrangement.

Provision is also made for remote
control of the transmitter. Because of
the extra oscillator and exciter-modu-
lator sections that can be switched in
at a moment’s notice, one of the big
disadvantages of remote control oper-
ation is eliminated, that is, of having
to lose time on the air while a main-
tenance man is sent to the trans-
mitter.

Switching from local to remote con-
trol is accomplished with a single
transfer switch. A safety feature is
that this switch can be operated only
at the transmitter. This eliminates
the possibility that someone working
on the equipment will be endangered
by someone operating it from the
remote point,.

Meter readings for the total plate

current, output plate voltage, driver
plate voltage, carrier level, and both
output cathode currents are repeated
at the remote control point.

Broadly tuned band-pass coupling
circuits are used to insure stability.
A special transformer-type of neutral-
ization circuit is used to make the
final amplifiers completely broadband.

LOOKING AHEAL

Class B linear amplifiers are im-
portant because they are used in
many AM radio broadcast stations.
They are used because it is more eco-
nomical to modulate a low-power
class C stage and then amplify the
modulated signal than it is to modu-
late a high power class C stage.

Remember that class B linear am-
plifiers are operated at extended cut-
off bias. If the amplifier is properly
adjusted, the plate current will not
change when the amplifier is modu-
lated. If there is a meter in the trans-
mission connecting the transmitter to
the antenna, the current reading on
this meter should increase 22.5% with
100% modnlation.

Distortion will be produced in a
linear amplifier that is overdriven be-
cause the plate current is not able to
follow the grid voltage variation if
the tube is driven beyond saturation.
Distortion may also be due to im-
proper bias on the linear amplifier,
or poor driver regulation.

Most linear amplifiers that you en-

—
ORIVE |
REG,

FIG. 26. Arrangement for swiitching in
extra oscillator or exciter-modulator in

Fig. 20.
27



counter in AM broadcast work will
be class B amplifiers. However, class
AB linear amplifiers are also used,
particularly in single sideband appli-
cations. You will study these ampli-
fiers later, and also class B amplifiers
for TV. When you study these ampli-
fiers, you will find that the plate
current of these linear amplifiers does

not remain constant when they are
modulated.

One method of getting around the
necessity of using linear amplifiers is
to use a combination of phase and
amplitude modulation, as in the Am-
pliphase system. You will learn more
about phase modulation in a later
lesson.




.

Lesson Questions

Be sure to number your Answer Sheet 21CC.

Place your Student Number on every Answer Sheet.

Most students want to know their grade as soon as possible, so they

mail their set of answers immediately. Others, knowing they will finish
the next lesson within a few days, send in two sets of answers at a time.
Either practice is acceptable to us. However, don’t hold your answers
too long; you may lose them. Don’t hold answers to send in more than
two sets at a time or you may run out of lessons before new ones can
reach you.

10.

. Why can't class C amplifiers be used to increase the power of the modu-

lated signal from an AM transmitter?

. What TWO operating adjustinents on a properly tuned linear stage have

most effect on the linearity?

. What makes it possible to use a single tube in a class B rf linear amplifier,

when two tubes in push-pull are needed in a class B audio amplifier?

How does the plate current meter reading in a class B linear amplifier in
an AM broadcast station react when modulation is applied?

. In which of the following operating conditions is less power dissipated in

the class B linear tube: (a) with modulation (b) without modulation?

. If the final class B linear amplifier stage in a transmitter has an output of

50 kw and an efficicncy of 40%, how much power must be dissipated by
the tubes?

. List three causes of positive carrier shift in a linear amplifier stage.

. Why are the grid and plate voltages in a linear amplifier set to one-half

their normal values during adjustment?

. What is the output voltage when two generators generating equal voltages

180° out of phase are connected in series?

When the output of an Ampliphase system is at its maximum, will the
phase difference between the two amplifier signals be (a) marimum or
(b) minimum?



THOROUGHNESS

Whatever you do, do well if you would stay on the
straight road to success. The habits of carelessness
and slipshod work are all too easy to acquire; beware
of them as you would the plague. Men who are
thorough in their work cannot remain undiscovered
for long, because the demand for such men is greater
than the supply.

Thoroughness is just as important in study as it
is in work; what you get out of a lesson depends upon
how completely you master the material presented
in it. Some books, as fiction, are read hurriedly and
only once, then cast away; the enduring works of
literature are carefully read and reread many times
but always essentially for the pleasure they give;
textbooks, however, must be read quickly to get the
basic ideas, then carefully many times until every
important principle has been mastered.

Thoroughness in study habits leads to thorough.
ness in work habits, and eveuntually to a thorough
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ETERS play an important part

in all phases of electronics. They
are used to find out what is going on
in an electronic circuit, for making
operating adjustments, in checking
performance, and in troubleshooting.
In communications work you will deal
with meters that are wired right into
transmitter circuits to indicate oper-
ating conditions, and also with port-
able test instruments. Sometimes, you
may want only a general indication of
current, voltage, or resistance; some-
times you may have to take very ac-
curate measurements, but whether the
measurement is general or very exact,
its usefulness depends on how well
you understand your instrument. If
you misuse a meter, you will get in-
accurate readings, and may damage
the meter.

In this lesson, we will discuss meters
used to measure current, voltage, re-
sistance, and power. You will learn
that the same types of meter are used
in all measuring circuits. It is the

" CURRENT. VOLTAGE, &
B RESISTANCE MEASUREMENTS

arrangement of the meter circuit and
the way in which the meter is con-
nected that determines the type of
measurement that will be made.

We will discuss only meters that do
not use vacuum tubes as part of their
circuits here. In a later lesson we will
take up vacuum-tube voltmeters and
other instruments using vacuum tubes.

Most meters used in electronics
rely on the principles of electromag-
netism. That is, when current flows
through a coil of wire, a magnetic
field is produced around the coil that
is proportional to the amount of cur-
rent flowing. This principle is used in
the three most common types of
meters: the d’Arsonval, the magnetic
vane, and the dynamometer. We will
discuss these three types. No matter
which type it is, the moving element
is made as light as possible. Because
the moving element is light it will
move quickly and have a tendency to
oscillate somewhat back and forth
through the correct reading. There



must be some means of bringing the
pointer to rest quickly without osecil-
lation after the meter has been ener-
gized, and to keep it from swinging
back and forth after it is brought back
to zero. This is called “damping.” It
can be accomplished either electri-
cally or mechanically. You will see
examples of both systems.

ACCURACY

Although it is possible to make
highly accurate meters (within one-
quarter of 1% or better) by hand-
calibrating them with a standard
meter, they are large and very ex-
pensive. For general communications
work, meters having an accuracy of
2% are satisfactory. These meters are
mass-produced, with printed scales,
and are adjusted internally at the
time they are manufactured to the
required accuracy.

The accuracy of a meter movement
is generally expressed as a percentage
of the full-scale reading. For example,
if a meter with 50 scale divisions has
2% accuracy, it is accurate within
one scale division at the full-scale
reading. This does not indicate the per
cent of accuracy on the rest of the
scale, because it may be off as much
as one scale division at any other part
of the scale also. For example, when

& RIGHT o POSITION &
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WRONG ™, : LSWRONG
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™
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METER POINTER——————————> &
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FIG. 1. When reading a meter, always
look at it directly to get an accurate
reading.

Courtesy Weston Electrical Instrument Co.

FIG. 2. A portable dc voltmeter. The

dark arc below the scale is a mirror t>

make it easier to read the meter accm-
rately.

the meter pointer is at the tenth divi-
sion (1/5 of full scale), the reading
may still be in error by one division;
this would be an error of 10%. Most
instruments used in communications
work have a 2% accuracy at full
scale, but not as much error as 10%
at the low end of the scale.

Reading the Meter. In order to get
an accurate reading from a meter,
you must look at it squarely, not from
an angle, because in order to swing
freely, the pointer must be a little bit
above the scale. As shown in Fig. 1,
if you look directly down on the meter
you will get one reading, for example,
10. However, if you look at it from
one side, you might think the reading
was 9, and from the other, you might
think the reading was 11.

To help avoid this, many meters
have a mirror under the pointer. The



dark area under the scale in the meter
shown in Fig. 2 is such a mirror. When
you read the meter, you move your
eye until the reflected image of the
pointer disappears, and you know you
are looking directly at it.

Shielding. It is sometimes desirable
to shield the meter elements, because
external magnetic fields produced by
nearby current-carrying conductors or
by the earth itself can react with
them and affect the readings. There
is no known insulator for magnetic
lines of force, so the undesirable stray
fields must be bypassed around the
meter elements by a shield made of
iron, which is a good conductor of
magnetic lines of force. Such an ar-
rangement is shown in Fig. 3.

Now, let’s take a look at the basic

EXTERNAL MAGNETIC
FIELD

SHIELD

FIG. 3. A meter can be shielded from

an external magnetic field by encasing

it in iron, which bypasses the field around
the meter movement.

types of meters, and then see how
they are used to measure current,
voltage, resistance, and power.

Basic Meter

The three types of meters we will
discuss in this section are the d’Ar-
sonval, the magnetic vane, and the
dynamometer. All three types can be
used for both ac and dc¢ measure-
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FIG. 4. A small pivoted magnet placed

between the poles of a large magnet as at

A, will rotate until the unlike poles are

opposite each other. A pivoted coil

through which current is passed will act
in the same way, as shown at B.

Movements

ments; however, the d’Arsonval is by
far the most common for dc. When
the d’Arsonval is used to measure ac,
it must be used with a rectifier to
change the ac to dc. Since the d’Ar-
sonval is the most common type, let’s
discuss it first.

THE D’ARSONVAL METER

In an earlier lesson, we had a quick
look at the d’Arsonval meter. Let’s
review its action now. As you will
remember, it works on the principle
that like magnetic poles repel each
other and unlike magnetic poles at-
tract. If a small pivoted magnet is
placed between the poles of a perma-
nent magnet, as shown in Fig. 44, it
will move in the direction of the
curved arrow.
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FIG. 5. How a d’Arsonval type of meter
is madc.

Now, suppose instead of the small
magnet we put a coil between the
poles of the larger magnet. As you
know, when current flows through a
coil it becomes magnetized. Thereflore,
if we send current through this coil,
it will act just like the small per-
manent magnet in Fig. 4A. This is
the way the d’Arsonval meter is made,
as shown in Fig. 4B. The coil is wound
on a soft iron core, and placed on a
pivot, and a pointer is attached to
the coil. When no current is applied,
the coil and the pointer are in the
position shown. When current is ap-
plied to the coil, it becomes magnet-
ized and starts to rotate, moving the
pointer.

The coil would continue to rotate
until its south pole was opposite the
north pole of the permanent magnet,
except for the fact that springs are
attached to the ends of the coil, as
shown in Fig. 5, which oppose the coil
movement. Therefore, the coil turns

only to the point where the magnetic
force caused by the current is exactly
equal to the retarding force of the
springs, and remains there as long as
the current causing the magnetic force
is applied. When current stops, the
magnetic field of the coil disappears,
and the springs move the coil back to
its original position.

Since the magnetic force causing
rotation of the coil is proportional to
the amount of current flowing through
the coil, one particular value of cur-
rent will make the coil rotate to cne
particular place. A greater current
will rotate the coil further, and a
smaller one will rotate it less. A scale
that is marked to show the amount of
current that will cause any particular
amount of movement is placed under
the pointer.

The permanent magnet is made
from a special steel or metal alloy,
chosen for strong magnetic qualities
and long magnetic life. The stronger
the field of the permanent magnet,
the more the coil will rotate for a
particular current; in other words, the
more sensitive the meter will be. The
magnet is especially treated and aged
until the field strength remains con-
stant. The pole pieces are of soft iron,
carefully shaped to give the desired
magnetic distribution. If the meter
scale is to be linear (that is, adjusted
so that equal increases in current will
produce equal increases in meter coil
movement), the magnetic field must
be uniform throughout the gap in
which the coil turns.

So that it will turn easily, the coil
is wound on a very light-weight metal
form, and the coil and the form are
suspended between almost frictinnless
pivots with jewel bearings. The num-



ber of turns used in the coil depends
on the range and sensitivity desired
for the meter.

The coil starts to rotate from the
same position each time. When the
coil rotates, one spring is wound while
the other is unwound. The springs
thus oppose the coil movement in
either direction away from the start-
ing position.

Naturally, these springs will not
always remain perfectly balanced.
Most meters have a zero adjustment
to compensate for this. It is a small
screw that usually protrudes through
the case of the meter just above or
below the meter coil. Turning this
screw moves the upper spring enough
to balance the springs and bring the
meter pointer back to the zero posi-
tion.

The springs are also used to make
electrical connections to the coil. Of
course, this means that they must be
insulated from each other and from
the meter frame.

Damping. In the d’Arsonval meter,
the damping is done electrically by
winding the coil on an aluminum
frame. As the coil responds to the flow
of current and starts to rotate, a volt-
age is induced in the aluminum frame
as it cuts the lines of force of the
permanent magnet. The induced volt-
age causes a current to flow in the
frame, which in turn produces a mag-
netic field opposite to that of the
permanent magnet. The opposing field
produces a braking action which
brings the pointer quickly to rest.
When the coil comes to rest, no volt-
age i8 induced in the frame. There-
fore, there is no field produced by the
frame to interfere with the fields of
the coil and of the permanent magnet.

The same action takes place when the
meter is de-energized and the pointer
is returned to zero.

Another common method of creat-
ing damping is to place a resistor
between the meter terminals. In this
system, there is a voltage induced in
the coil as it moves through the fixed
field, which causes a current flow
through the resistor and coil that sets
up an opposing field similar to that
produced by the current induced in
the coil form. In both cases, damping
action ceases as soon as the coil stops
moving. The resistor value that will
permit the most rapid coil movement
without noticeable waving and still
give full-scale meter reading is called
the critical damping value. This value
varies widely. Some meters require
10,000 ohms, others 100 ohms. Too
small a resistor causes over-damping
and a slow movement, whereas too
large a resistor does not damp enough.

The induced current method of
damping does not affect the meter
range at all. The resistor method may
or may not affect the current range of
the meter, depending on the value of
the resistance needed. You will learn
more about this later on in this lesson.

THE MAGNETIC-VANE METER

Instead of having a fixed magnet
and a moving coil like the d’Arsonval
meter, the magnetic-vane meter has a
fixed coil and a movable iron vane. It
is often called an iron-vane meter.
One of the best of the magnetic-vane
meters is the book-type, shown in
Fig. 6. In this meter, two iron vanes
are used, surrounded by a coil of wire.
When current flows through the coil,
the vanes will be similarly magnetized



8o they will repel each other. It makes
no difference whether the energizing
current is dc or ac, the vanes will still
repel each other. One vane is fixed,
and the other is pivoted and attached
to a pointer. The movement produced
is shown on a scale under the pointer.
Hair springs are used to control the
motion and return the pointer to zero
when no current is being applied to
the coil.

The moving vane meter is not as
widely used as the d’Arsonval meter
for a number of reasons. The meter
cannot be made as sensitive as the
d’Arsonval meter and therefore can-
not be used to measure very weak
currents. Also the scale is not linear;
the lower quarter of the scale is usu-
ally quite compressed.

Furthermore, when used on dc, the
polarity of the current through the
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Courtesy Weston Elsctrical Instrument Co.
FIG. 6. A magnetic vane meter.

coil may have some effect on the read-
ing, so it is best to take a reading,
reverse the polarity, then take another
reading, and average the two.

In addition, the meter cannot be
used on high ac frequencies because
of losses in the vanes. Both eddy cur-
rent and hysteresis losses become ap-
preciable as the frequency increases.
In fact, these meters are usually cali-
brated for use at some specific fre-
quency and if measurements are taken
at another frequency, the percentage
of accuracy of the measurements will
be somewhat less than the rated accu-
racy of the meter.

Damping. A mechanical method of
damping is used in this meter. The
aluminum vane shown directly under
the pointer is used to slow down the
movement of the pointer. This vane
fits quite snugly into the space inside
of the coil. Both ends of the opening
are closed, so the vane, in moving
through the air in the enclosed space,
is held back by the air pressure devel-
oped. This effectively damps any ten-
dency of the vane and pointer to
oscillate.

Several other types of magnetic
vane movements have been developed,
but the book type is the most sensi-
tive and the most accurate. All have
similar characteristics that restrict
their use to dc and low-frequency ac
measurements,

THE DYNAMOMETER

The dynamometer, or electrodyna-
mometer as it is sometimes called,
operates because of the reaction be-
tween the magnetic fields of a fixed
coil and a movable coil when the same
current flows through both of them.
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FIG. 7. A dynamometer.

Actually, there are generally two fixed
coils and one movable coil. Fig. 7
shows this type of meter.

The fixed and movable coils are in
series, so the same current flows
through them. When no current is
flowing, the axis of the movable coil
is at right angles to the axis of the
fixed coils. This position is main-
tained by control springs.

When current flows through the
coils, it sets up magnetic fields around
them. Because of the physical position
of the coils, the magnetic field of the
movable coil is at right angles to the
magnetic field of the stationary coils.
As you know, like magnetic poles
repel and unlike magnetic poles at-
tract each other, so the two fields try

to align themselves. This causes a
turning force, or torque, which carries
the pointer clockwise across the scale
until the restraint of the springs
equalizes the torque. The pointer then
comes to rest. The deflection of the
pointer is proportional to the square
of the current. Therefore, the scale
used with the dynamometer has non-
linear scale divisions.

It doesn’t make any difference
whether the current applied is ac or
de, because if it is ac it will change
direction in the movable coil and the
stationary coils at the same instant
so that the two magnetic fields will
still oppose each other.

Since there is no iron core to pro-
duce an economical flux, the power



consumption of this type of meter is
high; that is, the power sensitivity is
poor. Also, since the movement is
necessarily heavy, it is a slow-acting
meter compared to other types.

It is usually calibrated with direct
current and is often called a transfer
instrument because it can be used as
a standard for calibrating other ac
instruments.

Damping. A mechanical method of
damping is used in Fig. 7. It consists
of two vanes attached to the bottom
of the shaft of the moving element.
The air turbulence produced by the

movement of the vanes develops a
retarding effect that brings the pointer
to a quick stop after the meter has
been either energized or de-energized.

SUMMARY

There are three basic meter types
commonly used in commumications
work. These are the d’Arsonval, the
magnetic vane, and the dynamometer.
All operate because of the magnetic
effect produced by current flow.

All three types require some kind
of damping. Both mechanical and
electrical damping systems are used

DC Measurements

The three types of meters we have
just discussed can all be used to make
dc measurements. However, the d’Ar-
sonval meter is the most sensitive,
and is itself a dc meter, so it is by far
the most widely used for dc measure-
ments, In fact, in communications
work, you will probably use only
d’Arsonval meters in making dc¢ meas-
urements.

Practically all dc ammeters and
voltmeters using d’Arsonval move-
ments have linear scales. That is, the
spacing between scale divisions is ex-
actly the same over the whole scale.
Let’s see why.

The air gap in which the moving
coil rotates is designed to give a uni-
form magnetic field in all of the space
through which the coil moves. The
torque or turning force exerted by the
coil against the springs will be di-
rectly proportional to the current
flowing through the coil. Since the
springs allow the coil to turn by an
smount proportional to the current,

and the scale will be linear. Fig. 8
shows a meter with a linear scale.
Each division between the longer lines
represents one-tenth of a milliampere.

Now let’s see how to make dc cur-
rent measurements.

MEASURING DIRECT CURRENT

Current meters measure the flow of

" Courtesy Weaton Electrical Inatrument Co.
FIG. 8. A milliammeter with a 1-milli

ampere linear scale.



electricity in a circuit. To make the
measurement, the meter must be con-
nected in series with the source and
the load as shown in Fig. 9. Current
meters that are used as operating in-
dicators are wired into the circuit
permanently. When a current meter is
used as a temporary test instrument,
the circuit must be broken so that the
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FIG. 9. A current meter is connected in
series with the source and load as shown
here.

meter can be connected in series with
the load.

When making temporary measure-
ments, you must be sure to use a
meter with a high enough range. If
you are in doubt, use a very high
range, and switch to a meter with a
lower range if you find that the cur-
rent is low enough to permit you to
do so.

The amount of current flowing in
transmitter and receiver circuits var-
ies considerably, from a few milli-
amperes in some low-level stages to
several hundred amperes in the fila-
ment circuits of the final amplifier
in a high-power transmitter.

Meters are made in a wide variety
of full-scale ranges, but it would not
be practical to keep on hand meters
for every conceivable range. However,
it is possible to extend the range of a
milliammeter to measure higher cur-
rents. Let’s see how this is done.

9

EXTENDING METER RANGES

When currents up to 5 milliamperes
are to be measured, usually a meter
having a basic range that covers the
range to be measured is used. For
example, if the currents to be meas-
ured are under 1 ma, a 1-ma meter is
used. If currents up to 3 ma are to be
measured, a 3-ma meter is used. When
currents over 5 ma are to be meas-
ured, resistors called “current shunts”
are connected in parallel with the
meter movement to extend the range.

Suppose we have a 1-milliampere
meter and want to measure currents
up to 10 milliamperes. We can do so
by putting a resistor across the meter
terminals. We choose the value of the
resistor so that nine-tenths of the cur-
rent (9 milliamperes) coming into the
resistor-meter combination will flow
through the resistor and one-tenth
(one milliampere) through the meter.
In other words, we use the resistor to
bypass nine-tenths of the current.
Fig. 10 shows how this is done. Since
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FIG. 10. How a shunt is used to increase
the range of a milliammeter.

nine-tenths of the total current flows
through the shunt, the shunt must
have a resistance that is only one-
ninth of the resistance of the meter.

Since the meter is a 1-milliampere



meter, the scale will be calibrated like
the meter scale shown in Fig. 8. How-
ever, by connecting the shunt across
it we have converted the meter into a
10-milliampere meter. Therefore, to
determine the current flowing in the
circuit you must multiply the meter
reading by 10. Thus a reading of .6
milliampere on the meter indicates a
current of 6 milliamperes in the cir-
cuit.

Since the current bypass resistor R
makes a parallel path around the
meter, it is called a shunt. The ohmic
value of R is calculated so that it will
pass a current that is the difference
between the total current being meas-
ured and the amount of current the
meter needs for full-scale deflection.

It’s easy to find the shunt resistance
to change the current that can be
measured by a meter, For example, if
we have a l-milliampere meter, and
we want to measure currents up to 25
milliamperes, we must use a shunt
that will pass 24 milliamperes. To
find its value, we use Ohm’s Law, R
= E/I, where I is the current through
the shunt, E is the voltage across the
meter terminals, and R is the shunt
resistance. Voltage E, which is called
the millivolt rating of the meter, is
equal to the current range of the basic
meter, I, multiplied by the meter
resistance Rn. Meter manufacturers
give the resistance of their meters in
their catalogs and sometimes they
also mark it on the back of the meter.
In a few cases they also give the
millivolt rating of the meter. Current
I through the shunt equals the total
current, I, minus the basic meter
current, In. Therefore, by substitut-
ing R X In for E, and I; — Iy, for I,
our Ohm’s Law equation can be
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written:

RED
If we figure all the current values in
the same unit (amperes, milliamperes,
or microamperes), the answer will
come out in ohms. i

Now, suppose the resistance of our
1-ma meter is 100 ohms; to find the
value of the shunt necessary for meas-
uring 25 ma, we substitute in the
formula as follows:

R X Ia_100 X 001_01 _
I, — 1. .025 — 001 024

R =

4.166 ohms, which can be rounded off
to 42 ohms with an error of less
than 1%.

We could also have calculated the
resistance from the fact that the shunt
must pass 24 times as much current as
the meter, and therefore must have a
resistance that is 1/24 of the resist-
ance of the meter. Therefore:

100
24

To find the actual total current
flowing, multiply the reading on the
shunted meter by the ratio of the
current range of the meter with shunt
to the current range without shunt.
In our example, a one-milliampere
meter was made into a 25-milliampere
meter so this ratio is 25/1. The meter
readings must be multiplied by 25 to
find the actual current flow. It is im-
portant to remember at this time that
the meter itself is not passing 25 milli-
amperes; only 1 milliampere goes
through the meter and 24 milliam-
peres go through the shunt.

You will remember that when we

R = = 4.166 ohms.



spoke about damping we said that
d’Arsonval meters are sometimes
damped by connecting a resistance
across the meter terminals. Also we
mentioned that too low a resistance
would result in over-damping, which
causes the meter pointer to move very
slowly. When we connect a shunt
across the meter terminals we connect
it in parallel with the damping re-
sistor. Since the shunt resistance is
usually less than the critical damping
value of the meter we end up with an
over-damped meter. This situation
can be corrected to some extent by
connecting a small resistance in series
with the meter movement.

Let’s consider the example we al-
ready have discussed where we con-
verted a l-milliampere meter with a
resistance of 100 ohms to a 25-milli-
ampere meter. We did this by con-
necting a 4.166-ohm shunt across the
meter terminals. This shunt becomes
the damping resistor. If the value of
damping resistor required for critical
damping is several hundred ohms, you
can see the meter will be very badly
over-damped.

Suppose we connect a 20-ohm re-
sistor in series with the meter lead.
Now the total resistance of the meter
is 120 ohms. To shunt this combina-
tion so the meter will read full scale
in a circuit when the current flow is
25 milliamperes, we need a shunt that
has a resistance 1/24 of 120 ohms.

_ 120

R =37

= 5 ohms.

Now with a five-ohm shunt con-
nected across the meter and the 20-
ohm resistor we added, the meter
range will be 25 milliamperes as be-
fore. However, now the damping re-

sistor is made up of the 20-ohm
resistance we connected in series with
the meter, plus the 5-ohm shunt.
Thus, the total damping resistance is
25 ohms, which is over five timnes the
value it was with the 4.166-ohm
shunt. The meter will still be over-
damped, but not nearly as much as
before.

We mentioned before that meters
designed to measure currents above 5
milliamperes are usually 5-milliam-
pere meters with a shunt. Thus, a
meter with a scale from 0-100 milli-
amperes consists of a 5-milliampere
meter as the basic meter movement,
with a shunt built inside the meter
case. When the meter indicates a cur-
rent of 100 milliamperes, 5 milliam-
peres will be flowing through the
meter and 95 through the shunt. Simi-
larly in the case of a 5-ampere meter,
5 milliamperes will flow through the
meter and 4.995 amperes through the
shunt.

You might wonder why meters are
made this way. There are two reasons,
it is more practical to build one basic
meter movement and extend its range
by shunts than to build a large num-
ber of basic meter movements. An-
other reason is that if high currents
were used in the basic meter, the
springs which conduct the current to
the coil would be quite bulky. Also
we would have to use a rather large
wire size to wind the coil. This would
make the moving coil assembly bulky
and insensitive.

In small panel instruments having
a range of about 20 amperes or less,
the shunt is contained within the
instrument. In portable instruments
of high accuracy and in panel instru-
ments having a rating of over 20

1



amperes, an external shunt is gen-
erally used with the meter.

Most meters designed for use with
external shunts have a sensitivity of
50 millivolts. You will remember that
we said the meter sensitivity in volts
is equal to In X R., where I, is the
full-scale meter current and Ry, is the
meter resistance. Thus, the meter sen-
sitivity simply tells us the voltage

O

IMA

*Ne
IMA
METER

R2 RI
100 MA IOMA

FIG. 11. A mulii-range switch for connect-
ing shunt resistances across a meter.

across the meter terminals at full-
scale deflection. If we have a number
of meters that are all 5-milliampere
meters and all have a 50-millivolt
sensitivity, they must all have the
same internal resistance. Thus, a
shunt designed to work with one of
these meters could be used with any
of them. You will find shunts made
for use with meters of this type. They
are usually labeled 50 millivolts and
are also labeled with the current range
to which they extend the meter. For
example, a shunt marked 50 milli-
volts-20 amps, is designed for use
with any 5-milliampere meters that
have a sensitivity of 50 millivolts.
When it is connected across the meter
terminals, the meter range will be
extended to 20 amperes.

Many meters have several ranges,
each with a separate shunt resistance.
The shunts are connected into the
circuit by means of a multi-range

switch, as shown in Fig. 11.

Ring Shunts. Another arrangement
of shunt resistors, called the ‘“ring
shunt” is shown in Fig. 12A. In this
circuit, we have a meter with a 40-
ohm, 5-milliampere movement, and a
ring shunt arranged to extend the
scale to 25 ma, 50 ma, and 250 ma.

The range switch is shown in the
position for the 25-ma range. To find
what the total resistance would be,
we use our formula:

Ra X Im
I — In

The meter resistance is 40 ohms, the
meter current is 5 ma (.005 ampere),
and the total current is 25 ma (.025
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FIG. 12. How a ring shunt works.
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ampere), so we have:

-S40 AR
R G e =
40 X 005 _ 2 _
025 — 005 — 0 — 10 ohms.

We could also have determined the
value of R using all currents in milli-
amperes. Thus it would work out:

40 X 5 __ 200

R=2 — = 10 ohms.

5 —5 20

Now we know that the total re-
sistance of R1 + R2 4 R3 is 10 ohms
and the meter resistance is 40 ohms,
so the total resistance in the circuit is
50 ohms, and we want to find the
values of the individual resistances.
Let’s find the value of R1, first.

With the switch in the 259-ma posi-
tion, the circuit could be redrawn as
shown in Fig. 12B. Now the resistance
of the meter is equal to 40 ohms plus
the resistance of R2 and R3, or in
other words, it is equal to 50 ohms
minus the resistance of R1. The shunt
is resistance R1 and its value can be
calculated using the same formula as
before. Now for R, we substitute
(50 — R1) which is equal to the total
resistance in the meter circuit, 40 4
R2 + R3. I, the current through the
meter, is 5 milliamperes (.005 amps)
as before, and I, is 250 milliamperes
(.250 amps). So in our formula, we
have:

__ (50 — RI) X 005 _

R1

i b 250 — .005 -
25 — .005R1
245
245R1 = 25 — .005R1
25R1 = 26
Rl = 1 ohm.
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The circuit with the switch in the
50-ma position can be redrawn as
shown in Fig. 12C. Now the meter
resistance Ry, is equal to 40 ochms plus
R3, which is equal to 50 ohms minus
the resistance of R1 and R2, so we
can find the combined resistance, R,
of R1 and R2 as follows:

(50 — R) X 005
05 — .005

25 — .005R

.045
045R = .25 — .005R

05R = .25
R = 5 ohms.

R =

Now we know that R1 4 R2 equals
5 ohms; since R1 equals 1 ohm, R2
must equal 4 ohms; and since the
total of all three resistors equals 10
ohms, R3 must equal 5 ohms.

The ring shunt has two advantages
over the circuit shown in Fig. 11. For
one thing, the values of the resistors
on the high ranges do not need to be
as low. If we used the same basic
5-ma, 40-ohm meter in an arrange-
ment like Fig. 11, we would have to
have a resistor of only a fraction of
an ohm on the 250-ma range. The
other advantage is that the total re-
sistance across the meter itself is the
same on all ranges, and can therefore
be used to provide damping.

MEASURING DC VOLTAGES

The meter in a voltmeter is actually
a milliammeter or microammeter. The
most commonly used meter in making
dc voltage measurements is the d’Ar-
sonval meter, which as you know, is
a current-operated meter. Voltage is
measured by sending current through
a known resistance.



For example, if a 10,000-ohm re-
sistor is connected across a source,
and we connect a milliammeter in
series with the resistance and it indi-
cates that a current of 1 ma flows
through it, you can calculate the volt-
age from Ohm’s Law, E = IR. The
voltage across the resistor must be
E = .001 X 10,000 = 10 volts. If we
reduce the voltage, and the current
drops to .5 milliamperes, (.0005
amps), we know the voltage must be

E = 0005 X 10,000 = 5 volts

Using this principle, a resistor,

we want to use it to measure voltages
from 0-1 volt. We find the value of
resistance needed to limit the current
flow in the meter circuit to 1 milli-
ampere when the voltage across it is
1 volt by using Ohm’s Law, R = E/I.
The voltage range we want is 1 volt,
and the current is 1 ma or .001 am-
pere, so we have R = 1/.001 = 1000
ohms. This is the total resistance in
the circuit; it includes the resistance
of the meter plus the resistance of the
multiplier. In the example, if the
meter has a resistance of 55 ohms,
then the multiplier should have a re-
sistance of 945 ohms.
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FIG. 13. How voltage can be measured
by connecting a current meter and a
series resistor across the source.

called a “multiplier resistor” is con-
nected in series with a milliammeter
and the combination is connected
across the voltage source to be meas-
urcd as shown in Fig. 13. The scale,
of course, is calibrated to show the
voltage rather than the current. We
can do this because the current will
depend directly on the voltage.

The value of resistance needed to
be able to measure a certain voltage,
depends upon the current range of
the meter and the resistance of the
meter itself, and upon the range of
voltage to be measured. For example,
suppose we have a 1-ma meter, and
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Let’s take another example, sup-
pose we want to use a 50-microampere
meter that has a resistance of 2000
ohms to measure voltage up to 10
volts. Using Ohm’s Law to find the
resistance we get:

10

R = 50005

= 200,000 ohms.

So the total resistance needed is 200,-
000 ohms. We can ignore the meter
resistance in this example because it
is so small, and simply connect a
200,000-ohm resistor in series with
the meter. When 10 volts is applied to



the series combination, the meter will
read full scale. When 5 volts is ap-
plied, it will read half scale.
Voltmeter Loading. As we have
said, the meter is always placed
across the line to measure voltage,
rather than in series with the line as
when current is being measured. As
you can see, a certain amount of cur-
rent must flow through the meter and
its series resistor. We say that the
meter is loading the circuit. Because
of this, in a low-current circuit, we
must use a meter with high sensi-
tivity, or it will not indicate circuit
conditions accurately. For example, a
1-ma meter will draw 1 ma of cur-
rent. If the normal circuit current is 1
ampere, the additional 1 ma, which
is .001 amp, drawn by the meter will
be an insignificant amount. However,
if the normal circuit current is only
half a milliampere, then the addi-
tional 1 milliampere that the meter
draws represents an increase in the
total circuit current of 200%. This
increase in total current will upset a
high-impedance circuit and the volt-
age indicated on the meter will be
substantially less than the voltage
that is normally present in the circuit.
An indication of how much a meter
will load the circuit is given by the
sensitivity of the meter. A meter with
a high sensitivity requires less current
to operate it than one with low sensi-
tivity and hence loads the circuit less.
For example, a 50-microampere meter
is more sensitive than a 1-milliampere
meter, It requires only 50 microam-
peres to give a full-scale deflection.
A 1-milliampere meter, on the other
hand, requires a current of 1 milli-
ampere, which is 20 times 50 micro-
amperes to give a full-scale reading.
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Thus, a voltmeter built with a 50-
microampere meter and suitable mul-
tiplier resistors will be more sensitive
and load the circuit only 1/20 as
much as a similar voltmeter made
with a 1-milliampere meter.

Instead of giving the sensitivity of
meters in terms of the current needed
for a full-scale meter deflection,
manufacturer’s rate them in ohms per
volt. Let’s see what this rating means.

A 1l-milliampere meter requires a
current of 1 milliampere to give a
full-scale deflection. To convert this
meter to a voltmeter with a full-scale
range of 1 volt, we connect a multi-
plier resistor in series with the meter.
The value of this resistor is

g 001

= = 1000 ohms.
If we wanted to make a 2-volt meter,
we would need a resistor

2

001 = 2000 ohms.

R =
Notice that this is twice 1000 ohms.
If we wanted a 10-volt meter we
would need 10,000 ohms, which is ten
times 1000 ohms, and if we wanted a
100-volt meter, we would need a 100,-
000-ohm multiplier, which is 100 times
1000 ohms. Thus we say the sensi-
tivity of the meter is 1000 ohms per
volt. From this figure we can imme-
diately tell what the total resistance
of the voltmeter is.

For example, if we have a 50-volt
meter with a sensitivity of 1000 ohms
per volt, we know that the total re-
sistance of the meter plus its multi-
plier is 50 X 1000 ohms, which is
50,000 ohms. Notice that this figure
is based on the full-scale range of the



meter and not the voltage being meas-
ured. The resistance of the meter is
50,000 ohms whether the voltage being
measured is 50 volts, 40 volts, 25
volts, or any other value.

You can determine the ohms-per-
volt sensitivity of any meter if you
know the current required for a full-
scale deflection, or, if you know the
ohms-per-volt sensitivity of a meter
you can determine what current it
draws at full scale.

For example, if we have a 50-
microampere meter used in a volt-

150,000

oA
0

We can convert a one-milliampere
full-scale d’Arsonval meter to a two-
scale voltmeter by connecting the
proper value multiplier resistors in
series with the instrument, as shown
in Fig. 14. Remember that to get an
indication of 1 volt on a 1-milliampere
meter, the series resistance must be
1000 ohms. If we wish to increase the
full-scale reading to say 150 volts, we
merely multiply 1000 by 150, which
gives 159,000 ochms as the value of the
series resistor between terminals A
and B.

150,000 0

cé
300V

B8é
1Sov

FIG. 14. How a 1-ma meter can be con-
verted to a two-scale voltmeter.

meter, its sensitivity is

1
.00005

Thus its sensitivity is 20,000 ohms
per volt. If the meter has a full-scale
voltage of 150 volts, its total resist-
ance will be 20,000 X 150 = 3,000,-
000 ohms.

If you have a meter rated at 10,000
ohms per volt and want to know what
current is required for a full-scale
deflection, you use Ohm’s Law:

R = = 20,000 ohms.

E
= =0
I=-— L  _— o0
= 10000 Amps

= 100 microamps.
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To increase the full-scale reading to
300 volts, we add another 150,000-
ohm resistor, giving a total of 300,000
ohms. In both cases, 1 milliampere of
current flows through the meter, and
the instrument has a sensitivity of
1000 ohms per volt on either scale.

In Fig. 14, the resistance of the
1-milliampere movement, 40 ohins, is
negligible when compared with the
value of the multiplier resistunces.
Thus, the meter resistance can be
ignored. However, we would have to
consider the meter resistance if we
calculated the multiplier to make the
meter read 1 volt full-scale deflection.
The total meter circuit resistance
would be 1000 ohms: 40 ohms in the
meter, and 960 ohms in the multiplier.



Neglecting the meter resistance and
using a 1000-ohm resistor would cause
a 4% error in meter readings.

However, on the 150-volt range,
reglecting the meter resistance and
using a 150,000-ohm resistor would
causc an error of only .02%. The per-
centage of error caused by neglecting
the meter resistance will be approxi-
mately equal to the meter resistance
divided by the multiplier resistance
times 100. Although the percent of
error decreases as the voltage range
increases, the meter will always read
low.

Meters with more sensitive move-
ments will place less load on low-
current circuits because of the much
higher resistances used with them.
For example, a .1-milliampere meter
has a sensitivity of 10,000 ohms per
volt. To extend its range to 150 volts,
the resistor would be 10,000 X 150,
or 1.5 megohms.

When measuring voltage, as when
measuring current, if you are not sure
what range to use, always use a high
one, then switch to a lower one if the
voltage to be measured is covered by
the lower one.

Also, it would be very foolish to
try to measure the output voltage of
a power supply in a large transmitter
or any other high-voltage source by
holding the leads of a meter across it
—you might even be electrocuted! If
there is no permanent meter built in,
and you must measure the voltage,
first shut off the power. Then, dis-
charge the filter capacitors, connect
the meter across the output, turn on
the power, and without touching the
meter, read the voltage. Then, turn
off the power, discharge the filter
capacitors again, and disconnect the

meter before turning the power back
on.

PROTECTING THE METER

In cominunication circuits, special
care must be taken to keep rf fields
from affecting the meters. A strong
field will induce rf currents in the
meter wiring, which will affect the
accuracy of the meter. High rf volt-
ages may also cause the insulation to
break down. This can be avoided in a
dc meter in three ways: (1) connect-
ing it so that it is at ground potential
with respect to rf; (2) shunting it by
an rf bypass capacitor; (3) putting
an rf choke in series with it. Fig. 15A
shows an example of the first method.

The meter is at the point of lowest
rf potential in the cathode circuit.
Although capacitor C1 does shunt rf
currents to ground, it is not placed
in the circuit specifically to protect
the meter. Its primary function is to
prevent degeneration in the circuit.

Fig. 15B shows the second method.
This is used when a meter must be
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FIG. 15. How to protect a dc meter from
strong rf fields.
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placed in a lead that carries rf or af
currents. A bypass capacitor having
a low impedance compared to the
meter impedance is used. The rf or af
current follows the low-impedance
path through the capacitor rather
than the high-impedance path through
the meter. This protection is some-
times increased by adding a resistor,
as shown in Fig. 15C. The resistor,
besides increasing the meter imped-
ance, acts to damp out and prevent
any resonance effects that might re-
sult from the parallel combination of
the inductance of the meter coil and
the capacitance of the bypass capaci-
tor. Fig. 15D shows the third method.
An rf choke is placed in series with
the meter and within the circuit
shunted by the bypass capacitor.

The bypass capacitor for rf circuits
may be anywhere from .001 mfd to .01
mfd. For af circuits, the bypass ca-
pacitor should be .01 mfd to 1 mfd,
depending upon the circuit. The size
of the series resistor depends upon
the current flowing in the circuit, but
it is usually approximately equal to
the meter resistance. The higher the
resistor, the more it will protect the
meter, but it should not be high
enough to reduce the dc current too
much,

DC voltmeters that are wired per-

manently into transmitter circuits are
not put near rf fields. However, if you
are making measurements with a
portable instrument, you should be
careful not to take your measurements
where the meter can be affected by
rf signals,

SUMMARY

Practically all meters used in com-
munications work for measuring de
voltages and current have a basic
d’Arsonval movement.

The range of a current meter can
be extended by adding shunt resistors,
the value depending upon the sensi-
tivity of the meter and upon the
current to be measured.

In a voltmeter, resistors called mul-
tipliers are added in series with the
basic meter so the current through
the resistor flows through the meter,
and the combination is connected
across the source to be measured. The
meter scale is calibrated to show the
voltage for the amount of current
causing the pointer deflection.

For current measurements, the
meter 18 always in series with the
line; for voltage measurements, the
meter is always across the line. When
measuring either voltage or current
always be sure to use a high enough
range, or you may ruin the meter.
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AC Measurements

The same basic meters can be used
to measure alternating currents and
voltages as are used to measure direct
current and voltages. As you have
learned, the magnetic vane meter and
the dynamometer work on either ac
or de. Although they can be used with
dc the d’Arsonval meter is so much
superior for dc measurements that the
magnetic vane type and the dyna-
mometer are seldom used for dc meas-
urements. The dynamometer is the
most accurate of the meters for meas-
uring alternating current and volt-
ages, so it is often used as a standard
for calibrating other instruments. The
d’Arsonval meter can be used with
copper oxide rectifiers to measure ac.
This arrangement is primarily used
in voltage measurements rather than
current measurements. The d’Arson-
val meter is used to measure alter-
nating current by combining it with
an arrangement called a thermocou-
ple, which you will study in a minute.

MEASURING ALTERNATING
CURRENT

In measuring alternating current,
just as in measuring direct current,
the meter is connected in series with
the load. Again you must be careful
to use a high enough range so you
will not overload the meter.

AC meters are usually calibrated
at some specific ac frequency. If the
frequency at which you are taking
measurements is too far removed from
this, the readings will be somewhat
inaccurate.

The range of an ac meter can be
extended in the same way as that of
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a dc¢ meter by adding a shunt re-
sistance across the meter. The size
resistance needed to extend a meter
range to a given value is figured in
the same way as the dc meters, using
the same shunt formula.

The magnetic-vane meter and the
dynamometer work directly on ac,
but when the d’Arsonval meter is
used, there must be some means of
converting the ac to de. One arrange-
ment used particularly at rf frequen-
cies is the thermocouple. Let’s see
how it works.

Thermocouples. The thermocouple
works on the principle that when two
dissimilar metals are joined and the
junction is heated, there will be a dc
voltage produced. The amplitude of
this voltage depends upon the amount
of temperature change at the junction.
A sketch of a thermocouple junction
is shown in Fig. 16A. Here two wires
made of dissimilar metals are welded
together to form a junction. The volt-
age produced at the junction can be
measured between the other ends of
the wires with a sensitive de¢ volt-
meter.

Since current flowing through a re-
sistance produces heat, we can get an
indication of the amount of current
flowing in a circuit by using a ther-
mocouple junction along with a suit-
able meter as shown in Fig. 16B. The
current to be measured is sent through
a resistance wire or heater, producing
heat. The junction of two dissimilar
metal wires is brought near or actu-
ally welded to this heater. The other
ends of the two wires are connected
to a sensitive dc meter.



When current flows through the
resistance, heat will be produced. The
amount of heat produced will be pro-
portional to the power dissipated in
the resistance. Since the power dissi-
pated in the resistance will be equal
to I’R, the heat will be proportional
to the square of the current because
the value of R remains constant. This
heats the thermocouple junction, pro-
ducing a dc voltage, which causes a
de current to flow through the thermo-
couple and through the meter.

Since the heat at the junction is
proportional to the square of the cur-
rent, and the generated dc is propor-
tional to the heat, the meter will have
what is called a square-law scale. Fig.
17 shows an example of a thermo-
couple meter with a square-law scale.

Square Law Meter Scales. Some-
times you’ll have to use a standard de
milliammeter with a thermocouple or
a square law meter. In this case the
meter will be divided into equally
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FIG. 16. How a thermocouple meter
works.

Courtesy Weston Electrical Instrument Co.
FIG. 17. A thermocouple meter with a
square-law scale.

squared divisions, and you can meas-
ure the current required for a full-
scale deflection and then calculate
the current for deflections less than
full scale.

For example, assume that you have
a square law meter with the scale
divided into 100 equally spaced ‘“‘di-
visions.” If the full-scale reading
(meter deflection of 100 divisions) is
10 ma, what is the current which
correspounds to half-scale deflection
(50 divisions) ? To determine the un-
known current, use the formula:

D, _ L?

Dh - Ib2
where I, is the unknown current, D,
is the deflection corresponding to it,
I, is the known current and D, is the
deflection corresponding to the known
current. Using values, we have:

50 12 50 L2
100 — 102 °FT100 — 100
When transposed, we get:
50
2 == =
L2 = —po— X 100 = 50



Then,
I =/ 50

which is approximately 7.1 ma.

You will remember that when we
defined the ac ampere we said that an
ac ampere is that ac current that will
produce the same heating effect as one
ampere of de. Thus, since the rela-
tionship between ac and dc currents
is based on the heating effect, we can
calibrate a thermocouple-type meter
with dc. A convenient circuit is shown
in Fig. 16C. Here the de¢ current flow
can be measured on a dc current meter
and the reading on the meter con-
nected across the thermocouple re-
corded. By adjusting the potentiome-
ter the current can be varied so the
entire thermocouple meter scale can
be calibrated. Of course, thermocouple
meters you buy come already cali-
brated, but this is how they are cali-
brated. Once they have been cali-
brated on dc they are quite accurate
on ac even up into high radio fre-
quencies. In fact, their accuracy is
generally within 5% from de up to
100 megacyeles. In calibrating a ther-
mocouple with de, two sets of readings
are usually taken, one with the cur-
rent flowing in one direction and the
other with it flowing in the opposite
direction, and the readings are aver-
aged.

The temperature difference between
the hot junction and the free ends of
the thermocouple element must not be
influenced by surrounding tempera-
ture changes. To eliminate this possi-
bility, the construction shown in Fig.
18A is used.

Fig. 18B shows the schematic dia-
gram of this type of construction.

There is a thin-walled tubular heater
terminated in rather heavy copper
blocks, A and B, which are so large
they will not be heated by the heater.
Current flowing through the heater
will develop a temperature difference
between the center of the heater and
the blocks. The thermocouple junction
C is on the center of the heater. The
other ends of the wires are connected
to two strips called “compensating
strips.” These strips are insulated
from the blocks electrically by thin
layers of mica, but connected to them
thermally so the strips will be at the
same temperature as the blocks. The
heat capacity of the strips is such that
the temperature difference between
the ends of the thermocouple and the
junction will always be the same as
the temperature difference between
the center of the heater and blocks A
and B. Thus, if the temperature of the

COMPENSATING STRIPS.

COPPER
BLOCK B

JUNCTIONC

OUTPUT LEADS
TO METER

Courtesy Weston Electrical Instrument Co.
FIG. 18. The construction of a thermo-
couple junction is shown at A and its
schematic diagram is shown at B. A vac-
uum thermocouple junction is shown at C.
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air surrounding the thermocouple
changes, the temperature difference
between the blecks and the center of
the heater and between the junction
and the ends of the thermocouple does
not, so there will be no change in the
potential developed by the thermo-
couple due to this change. Conductors
are fastened to the ends of the com-
pensating strips to conduct the poten-
tial developed by the thermocouple to
the meter. If very small currents are
to be measured, the thermocouple is
enclosed in an evacuated glass enve-
lope. This is designed to protect
the elements from femperature
changes which could be produced by
warm air circulating around the ther-
mocouple junction or the ends of the
thermacouple.

Thermocouple meters are available
in current ranges from less than 1
milliampere up to about 300 amperes.
They are well suited for measuring
radio frequency currents because of
their accuracy at high frequencies.
Up to about 2 megacycles, there is
practically no error. Above 2 megs
the meter does have a tendency to
read slightly high because of “skin
effect,” which is the tendency of cur-
rent at high frequencies to travel on
the surface or “skin” of the conductor.
This is particularly true at high cur-
rents.

To minimize skin effect and eddy
currents, the conductors in the ther-
mocouple unit are often made of thin-
wall copper tubing plated with silver
or gold. The current flows only
through the plating.

Although the error may increase
slightly as the frequency rises, it is
usually below about 5% at 100 me.
The accuracy at frequencies below 2
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mc¢ may be as much as .5% at the
temperature at which the meter was
calibrated. Because of this accuracy
at high frequencies, the thermocouple
meter is often used as a standard for
calibrating instruments at frequencies
above those that can be measured on
the dynamometer.

The meter used with a thermocou-
ple must be very sensitive, because
the output of the thermocouple unit
may be only 15 millivolts.

Thermocouples in general must be
handled with great care because they
are delicate. You must avoid over-
loading a thermocouple because the
heater is likely to burn out if sub-
jected to more than a 40% overload.

MEASURING AC VOLTAGES

All three of the basic meter types
can also be used to measure ac volt-
age. Just as for measuring dc voltage,
a resistor is connected in series with
the meter and the combination is con-
nected across the source to be meas-
ured. The types of meters we have
described in this lesson are seldom
used to measure rf voltages. Such
measurements will be discussed in a
later lesson.

The magnetic vane meter is not
suitable for most voltage measure-
ments in communications circuits be-
cause it is difficult and costly to make
a magnetic vane meter with a sensi-
tivity better than about 5 ma. A volt-
meter built around a milliammeter
that required 5 ma for a full-scale de-
flection would have a sensitivit§ of
only 200 ohms per volt. This would
load many circuits to such an extent
that the voltage reading on the meter
would be much lower than the voltage



normally present in the circuit.

A d’Arsonval meter can be used for
ac voltage measurements by changing
the current needed to operate the
meter to de. One common method of
doing this is to use a copper oxide
rectifier with the meter. We will study
these now.

Using Rectifiers. The basic d’Ar-
sonval meter can be used to measure
ac voltages by connecting it to a
single copper oxide rectifier as shown
in Fig. 19A, or to a bridge circuit
consisting of four copper-oxide recti-
fiers as shown in Fig. 19B. The recti-
fier consists of a number of copper
discs. One side of each disc is covered
with a film of copper oxide. Next to
each disc is a lead washer, and the
unit is held together under pressure
in a clamp-like arrangement. Current
will flow readily from the copper to
the copper oxide, but will not flow
readily in the opposite direction be-
cause the copper will readily give up
its electrons but the copper oxide will
not. The copper disc acts as the cath-
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FIG. 19. A basic d’Arsonval meter can
be used to measure ac voltages by con-
necting it to a single copper-oxide recti-
fier as at A, or to a bridge circuit at B.

ode of a rectifier, and the oxide acts
as the anode. The lead disc is used as
a means of contact with the copper
oxide.

The backward or reverse resistance
of the unit to the flow of current in
the opposite direction may be from
50 to 1500 times that of its forward
resistance or rectifying direction.

Fig. 19A shows a single rectifier
eonnected in series with the meter.
This is a half-wave rectifier. Its out-
put is a pulsating, direct current as
shown by the waveform. The current
flow is blocked during alternate half
cycles.

In Fig. 19B, four copper-oxide rec-
tifier units are connected in a full-
wave bridge circuit. When point X is
positive, current will flow from Y
through rectifier C, through the meter
from left to right, through rectifier D
and resistor R to point X. When point
Y is positive, current will flow from
point X through resistor R and recti-
fier A, through the meter again from
left to right, and through rectifier B
to point Y.

The pointer of the meter cannot
follow the pulsating direct current
that appears at the input of the meter
in either the full-wave or half-wave
rectifier circuits. In the full-wave rec-
tifier, the current that appears at the
output of the rectifier is the average
or .637 of the peak value. However,
the scale is generally calibrated to
read the rms or effective value of the
voltage. In the half-wave rectifier the
current at the output of the rectifier
is only half of .637 or .318. Again the
scale is calibrated to read the effective
value of the voltage even though it is
taken from the half cycle. The full-
wave rectifier circuit is more com-
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moniy used than the half-wave cir-
cuit.

In the full-wave bridge circuit, both
ac and dc are flowing simultaneously.
The meter movement, however, is in
that portion of the circuit where prac-
tically all the flow is in one direction.
It is direct current resulting from
having each alternate half of the sine
wave flow through the meter element
in the same direction.

One of the advantages of the cop-
per-oxide rectifier and d’Arsonval
meter combinations for ac voltage
measurements is that a very sensitive
meter which takes little current from
the source can be used. Another ad-
vantage is that the scale is linear.
One disadvantage is known as fre-
quency error. Because there is ca-
pacity between the oxide-coated sides
and the non-oxide-coated sides of the
dises in the rectifier unit, some cur-
rent is bypassed, resulting in an error
if the instrument is used at a fre-
quency other than the one at which
it was calibrated. Most instruments

IRON CORE

will read about 5% low for each 1000
cycles above the frequency for which
the instrument is calibrated. The
scale, for all practical purposes, is
linear.

CLAMP-ON METER

We have mentioned several times
that when current is being measured,
the meter is connected in series with
the line, and when voltage is being
measured, the meter is connected
across the line. However, there is a
combination volt-ammeter that actu-
ally clamps around the line, so that
the circuit need not be opened to take
current measurements.

The diagram of a clamp-on meter
is shown in Fig. 20. It consists of an
iron-core that can be opened and
clamped around the conductor carry-
ing the current to be measured, with
a coil wound around it connected to
a d’Arsonval meter and bridge circuit.

The iron core and the coil form a
transformer. The core is a one-turn

CONDUCTOR IN WHICH CURRENT IS BEING MEASURED

TRIGGER FOR
OPENING CORE ) J

BINDING POSTS FOR VOLTAGE RANGES
—0

RANGE SWITCH FOR CURRENT RANGES.
POSITION “V"USED FOR MEASURING VOLTAGE

FIG. 20.
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A clamp-on meter.
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primary, and the coil is the secondary.

The alternating cuirrent in the con-
ductor produces a varying flux in the
core. This in turn causes current to
flow in the secondary, which is fed to
the bridge circuit. The direct current
output of the bridge actuates the
meter movement. This type of meter
is, of course, usable only with alter-
nating current.

Both the current and the voltage
range are usually wide, the current
range may be as high as 1000 am-
peres, and the voltage range as high
as 750 volts.

This instrument is a great aid in
troubleshooting, especially to deter-
mine current flow taking place in a
circuit in intermittent service, or to
check running currents in motor ecir-
cuits. It is also valuable in checking
currents in three-phase circuits, which
you will study later, to determine any
unbalance that may exist between the
phases, and in checking total input

current against rated input current of
a power supply. Care should be taken
to see that the core laminations at
the opening and hinged points are
clean and sealed properly, otherwise
possible obstruction at these points
may cause erratic readings.

SUMMARY

The same basic meters are used for
ac measurements as for dc measure-
ments. When the d’Arsonval meter is
used, the current fed to it must first
be rectified. In current meters this is
often done by means of a thermo-
couple. In voltage meters it is often
done by means of copper-oxide recti-
fiers either singly or in a bridge cir-
cuit.

The meter is connected in series
with the line to measure current and
across the line to measure voltage.

When making measurements, it is
always important to be sure to use a
high enough range.

Resistance Measurements

Now let’s see how the same basic
current-operated meters can be used
to measure resistance.

We know from Ohm’s Law that
R = E/I. Therefore, if we know the
source voltage, and the current
through a resistor, we can calculate
the resistance. An ohmmeter does just
this. It has its own source of de volt-
age. When it is connected across a
resistance, current flows through the
resistance. The amount of current will
be inversely proportional to the value
of the resistance (the more resistance,
the less current), and will determine
the deflection of the pointer. The scale
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is calibrated to indicate directly the
amount of resistance that will cause
this amount of current flow. There are
two general types of ohmmeter, the
series type and the shunt type.

SERIES OHMMETER

The simplest type of direct-reading
ohmmeter is shown in Fig. 21A. This
ohmmeter is made up of a battery, a
low-range milliammeter, and a com-
bination of a fixed and a variable
resistor, R1 and R2, in series.

The value of R1 plus R2 must be
just enough so that with that par-
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ticular battery voltage when the test
leads of the instrument are touched
together, making a complete circuit,
the pointer of the current-operated
meter movement will make a full-
scale deflection. For example, if it is
a 1-ma meter movement there must
be 1 milliampere of current when the
test leads are touched to each other.
R2 is made adjustable because the
battery voltage decreases with use
and hence the resistance needed for a
full-scale deflection will vary. Two
resistors, one fixed and one variable
are used to keep a minimum resist-
ance in the circuit at all times. If you
had only the variable resistance in
the circuit and adjusted it so you had
zero resistance in the circuit. such a
high current would flow when you
touched the test leads from the instru-
ment together you could burn out the
meter.

When an unknown resistance is to
be measured, it is connected between
the test probes as shown in Fig. 21B.
Its resistance is added in series with
R1 and R2, and the current will de-
crease accordingly, and there will be
less deflection of the pointer. Since
less deflection of the pointer means
more resistance, the scale is printed
with the zero at the right, which is the
opposite of the current scale. A typi-
cal series-type ohmmeter scale is
shown in Fig. 22.

To use this type of ohmmeter, the
test leads are first shorted, and R2 is
adjusted for a full-scale reading (zero
on the Ohms scale). When the leads
are connected across the unknown
resistance, the current through the
meter will be reduced because of the
additional resistance. If the resistance
being measured is equal to the re-

sistance already in the meter circuit
(the sum of the meter resistance and
the resistance of R1 and R2), it will
double the total resistance in the
meter circuit, so the current will be
cut in half, and the meter will read
half scale. If the resistance being
measured is less than the resistance in
the meter circuit, the meter will read
more than half scale. If the unknown
resistance is greater than the resist-
ance of the meter circuit, the meter
will read less than half scale.

For example, the scale in Fig. 22
is for an ohmmeter with a 1-ma meter
movement and a 3-volt battery. This
means that the sum of R1 4+ R2 and
the meter resistance will be 3000
ohms, because we need 3000 ohms in
the circuit to limit the current to 1
ma with a 3-volt battery. We know
this from Ohm’s Law:

E 3
R = T = 001 = 3000 ohms.
Rl R2
—— MMM —AMA O
1.
o 1|

UNKNOWN
R

FIG. 21. A simple series-type ohmmeter.
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This 3000 ohms might be made up of
100 ohms in the meter itself, a 1000-
ohm potentiometer, R2, and a 1900-
ohm resistor, R1. When the test leads
are shorted so there is no additional
resistance in the circuit, the meter
will read full-scale (zero on the ohms
scale). If a 3000-ohm resistor is con-

%Mﬁm@%

FIG. 22. A scale for a series-type ohm-
meter having a 3000-ohm center-scale
value.

nected between the leads, the total
resistance will have doubled, the cur-
rent will be cut in half, and the
pointer will be at the center of the
scale. As you can see, this is 3000 in
Fig. 22, If the resistance being meas-
ured is 6000 ohms, the total resistance
will have tripled, the current will be
cut to one-third its full-scale value,
and the pointer will be one-third of
the way over. Thus, because of the
relationship between the resistance
and the current, zero resistance is at
the right-hand end of the scale; 3000
ohms is represented by half the scale;
the next 3000 ohms is represented by
only one-sixth of the scale; the next
3000 ohms by only one-twelfth of the
scale, ete.

Higher resistance values can be
measured with a series-type ohm-
meter by using a higher battery volt-
age or a more sensitive meter, For
example, if we used a 30-volt battery
instead of a 3-volt battery with the
1-ma meter, then the resistance
needed to limit the current to 1 ma
when the test leads are shorted to-
gether would be
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R =—70

= 30,000 ohms.

To reduce the current to .5 ma, we
would need twice this resistance or
60,000 ohms. Thus, center scale on
the meter would be 60,000 ohms minus
30,000 ohms (which is in the circuit
at full scale) which is 30,000 ohms.
The center of the scale on the ohm-
meter would therefore be 30,000 ohms,
ten times what it was with the 3-volt
battery.

With a more sensitive meter we get
the same results. Let’s go back to the
3-volt battery and consider a 50-
microamp meter. The resistance
needed to limit the current will be:

3

R = —50005

= 60,000 ohms.

To reduce the current to half scale
we would need an additional 60,000
ohms. Thus this meter would have a
center scale resistance of 60,000 ohms.

Lower resistance values can be
measured with a series-type meter by
use of a shunt. Taking our original
example of a 3-volt battery and a
1-ma meter, we can connect an addi-
tional resistor R3 in the circuit as
gshown in Fig. 23. Since R3 has a
resistance of 333 ohms, which is 1/9
the resistance of R1 4- R2 4 Ry, nine
times the current will flow through
R3 that flows through the meter.
Thus, with the test probes shorted
together, the meter will read full
scale, because 1 ma will flow through
it and at the same time 9 ma will flow
through R3. If we connect a resistance
between the terminals that reduces
the total current flow from 10 ma to
5 ma, we will get a half-scale reading
on the meter, .5 ma of the current will
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FIG. 23. Using a shunt with a series-type
ohmmeter to measure lower resistances.

flow through the meter to give the
half-scale reading, and the balance of
the current, 4.5 ma, will flow through
R3.

The resistance of R1 4+ R2 4 R,
is 3000 ohms. This 3000 ohms is in
parallel with 333 ohms. The resistance
of the parallel combination is 300
ohms. With 300 ohms across the 3-volt
battery, we get a total current of 10
ma which, as we said, gave us a full-
scale meter reading. To cut the cur-
rent in half, we need to double the
resistance or add another 300 ohms
between the test probes. Thus, with
the shunt R3 added, center scale on
the ohmmeter becomes 300 ohms. By
adding a resistor that would permit
still more current flow around the
meter we could reduce the center scale
resistance still further.

Some ohmmeters are arranged so
that different values of shunt resistors
can be switched into the circuit. The
ohmmeter thus becomes a multi-range
ohmmeter.

SHUNT OHMMETER

A different type of ohmmeter cir-
cuit is used when very low resistances
are to be measured. This is the
“shunt-type” shown in Fig. 24A. In
this circuit, the milliammeter, the
calibrating resistor R1, and the bat-
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tery are connected in series and form
a closed circuit even when the test
leads are apart. The resistance of R1
must be just enough so that there
will be enough current to cause a full-
scale deflection of the meter pointer
with the test leads apart (for a 1-ma
meter, a 1l-ma current). In actual
practice R1 is made up of two re-
sistors, a fixed resistor and a variable
one to avoid the possibility of burn-
ing out the meter by setting the
potentiometer so there is no resistance
in series with the meter.

When the unknown resistance is
connected between the test leads, it
will be in parallel with the meter, as
shown in Fig. 24B. This means that
part of the current will flow through
it, and part through the meter. If the

OHMS

v Q 39
L
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FIG. 24. A shunt-type ohmmeter circuit is
shown at A and B, and the scale is shown
at C.



resistance is high, most of the current
will still flow through the meter, and
the defiection will still be near full
scale. If the resistance is low, most of
the current will fiow through it, not
much will flow through the meter, and
the deflection will be slight. If the re-
sistance is exactly equal to the re-
gistance of the meter itself, half the
current will flow through it and half
through the meter, and we will have
a center-scale reading. As you can
see, for low resistance values, the
pointer would be at the left, and for
high resistance values, it would be at
the right. This means that zero would
be at the left just as on a standard
current scale.

A typical scale for a shunt-type
ohmmeter is shown in Fig. 24C. The
center-scale reading is 15, which
means the resistance of the meter
itself is 15 ohms. As you can see the
scale is expanded at the low end just
as the one for the series meter is.

The value of the resistance being
measured would not appreciably af-
fect the total resistance in the ohm-
meter circuit, because the value of R1
would be so much larger than the
value of the meter resistance, that
for all practical purposes, it would
determine the circuit current. For ex-
ample, with a 1-ma meter and a 3-volt
battery, the resistance of R1 plus the
resistance of the meter would be 3000
ohms for full-scale deflection. Since
the meter resistance is 15 ohms, Rl
would be 2985 ohms. The resistance
of the meter and. the resistance being
measured would vary from 0 to 15
ohms, depending upon the value of
the resistance being measured. (Re-
member that the resistance of two
resistors in parallel is always less

than that of the smaller one). As you
can see, this would not have any
noticeable effect on the current drawn
from the battery.

A word of caution about the use of
this meter: Always turn it off when
you are not using it, or you will drain
the battery. You should get in the
habit of switching it off after every
measurement.

ACCURACY

The accuracy of any ohmmeter is
limited by the stability of the battery
terminal voltage. If the battery volt-
age is high, the meter will read low.
If the battery voltage is low, the
meter will read high. Practically all
ohmmeters are designed to use bat-
teries which are multiples of 1.5 volts;
1.5, 3.0, 4.5 volts, ete. Check the ohm-
meter battery voltage occasionally to
make sure your ohmmeter measure-
ments will be reasonably accurate.

You can check the accuracy of the
ohmmeter by measuring the value of
a known resistance. A resistor with
a tolerance of 1% is satisfactory.
Choose a resistance value that will
cause the ohmmeter pointer to indi-
cate somewhere near the center of the
ohmmeter scale.

The accuracy of most ohmmeters is
only about 10% to 20%. That is,
when the meter reads 100 ohms, the
value of the resistance being meas-
ured may be anywhere between 80
and 120 ohms. However, this is usu-
ally as accurate as it needs to be for
all practical purposes. If you must
obtain a more accurate measurement,
there are other instruments that can
be used. You will study some of these
instruments later.
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THE MEGGER

Another resistance-measuring in-
strument you should become familiar
with is the megohmmeter, or “meg-
ger,” ag it is called. As its name im-
plies, it is used to measure very high
resistance such as leakage in the
insulation of cables, motor windings,
transformers, and so forth.

Instead of a battery, it has a gen-
erator operated by a hand crank that
generates about 500 volts. The meter
is similar to a standard d’Arsonval
meter, except it has two coils between
the poles of the permanent magnet,
wound on the same core, as shown
in Fig. 25. Coil L1, which is called
the current coil, is positioned so that

!'CRANK
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FIG. 25. How the “megger” is made.
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FIG. 26. Simplified schematic of
megger.

E

when current flows through it, it will
tend to move the pointer to the right
(towards zero). Coil L2, which is
called the potential coil, is positioned
so that when current flows through it,
it will move the pointer to the left
(toward infinity).

Fig. 26 shows a simplified sche-
matic of the megger. The pointer on
the megger is not restrained by
springs so it is free to move to any
position when the instrument is not
in use. When you begin turning the
hand crank the generator generates a
voltage and as you can see, when
nothing is connected across the ter-
minals, the circuit will be open, and
no current will flow through L1. How-
ever, current will flow through L2 and
this current causes the pointer to
swing to infinity. When a resistance
is connected across the terminals,
current will flow through L1, and this
will tend to move the meter pointer
towards zero. The current flowing
through L1 will also tend to load the
generator, which reduces the voltage
and current through L2. This reduces
the torque produced by L2 which has
a further tendency to let the pointer
move towards zero. How far it goes in
this direction depends on how low the
resistance is across the terminal. The



lower the resistance, the more the
pointer will move.

If there is any electrical path be-
tween the terminals, the meter will
indicate it—up to hundreds of meg-
ohms.

For example, suppose you have a
power transformer that has been sub-
jected to undue moisture. Before plac-
ing it in operation you want to know
if the moisture has caused leakage
between the primary and the sec-
ondary. Connect the megger as shown
in Fig. 27, and turn the crank. If there
is any resistance between the primary
and secondary it will be indicated on
the meter scale. The design of the
instrument is such that the speed of
the crank has little effect on the read-
ing as long as it is turned at a rea-
sonable speed.

MULTIMETERS

Since the same basic meters can be
used to measure current, voltage, and
resistance, combination instruments,
called multimeters can be designed
that will measure all three. The same
meter is used; it is connected in dif-
ferent ways by means of switches to
measure current, voltage, and resist-
ance. Multimeters are used for gen-
eral maintenance and repair of elec-
tronic equipment. Fig. 28 shows the

TRANSFORMER
UNDER TEST

o

_l- MEGGER

FIG. 27. How to test for leakage between
transformer windings with a megger.
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FIG. 28. Schematic diagram of a multi.
meter.

schematic diagram of such an instru-
ment.

In the position shown, which we
will call position 1, R1 is a voltage
multiplier. It is in series with the
meter. In position 2, R2 will be in
series with the meter, and in position
3, R3 will be in series with the meter.
If the meter is a 1-ma meter, by
selecting R1 so its resistance plus the
resistance of the meter is 1000 ohms,
we could measure voltages up to 1
volt. By making the total resistance
of the meter plus R2 equal to 10,000
ohms we could measure voltages up
to ten volts in position 2, and by
making R3 equal to 100,000 chms we
can measure voltages up to 100 volts
in position 3.

In position 4 the meter is used as
a 1-ma current meter. It is connected
directly to the output terminals. In
position 5, R4 is a shunt and will be
connected directly across the meter
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terminals. In position 6, R5 will be
a shunt across the meter terminals.
If the resistance of the meter is 45
ohms, by making R4 equal to 5 ohms
and R5 equal to .454 ohms we can
measure currents up to 1 ma in posi-
tion 4, up to 10 ma in position 5, and
up to 100 ma in position 6.

In the last three positions, the
meter is used as an ohmmeter. With
a 3-volt battery and R6 4 R7 plus
the meter equal to 3000 ohms, we have
a meter with a center scale resistance
of 3000 ohms. In position 8, RS is
connected across the meter and R6
and R7. In position 9, R9 is connected
across the meter and R6 and R7. If
R8 is a 333-ohm resistor, the center
scale resistance on this range becomes
300 ohms. By making R9 equal 30.3
ohms, the center scale resistance be-
comes 30 ohms.

Thus, with this arrangement we
have three voltage, three current, and
three resistance ranges. Additional
ranges could be added by using a

switch with more positions. Some of
these positions could be for ac voltage
measurements if we added a copper-
oxide rectifier.

SUMMARY

The two main types of ohmmeters
are the series type and the shunt type.
Both wuse d’Arsonval meters. The
series type has the zero at the right
end of the scale; the shunt type has
the zero at the left end of the scale.
The shunt type is used to measure
low resistance. Ohmmeters contain
their own source of voltage, so the
circuit in which ineasurements are
being taken should be turned off.

An instrument called a “megger” is
used to measure very high resistances.
Instead of a battery, it has a 500-volt
generator, and will measure resist-
ances up to hundreds of megohms.

Current, voltage, and resistance
meters are often combined in one
instrument called a “multimeter.”

Power Measurements

Power is the amount of electrical
energy consumed in a circuit. It is
measured in watts, kilowatts (thou-
sands of watts), microwatts (mil-
lionths of a watt), or milliwatts
(thousandths of a watt). In a circuit
having only pure resistance, the power
in watts is equal to the current in
amperes multiplied by the voltage in
volts, or P = E X I. This is true in
a dec circuit or in an ac circuit in
which there is only resistance. In a
circuit having inductance or capacity
the phase angle between the veltage
and the current must also be taken
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into account when figuring the power
consumption. The phase angle is taken
into account by multiplying the volt-
age and current by a figure known as
the power factor, so the formula for
power in an ac circuitis P = E X I
X PF. The value of the power factor
will be somewhere between zero and
one. It is zero if the voltage and cur-
rent are 90° out of phase, and one
when the voltage and current are in
phase. The power factor in an ac cir-
cuit is equal to the ratio of the re-
sistance in the circuit to the imped-
ance in the circuit. It is also equal




to the cosine of the phase angle be-
tween the voltage and current.

Actually, you use this same formula
for de power, but since the power
factor is always 1 in a dc circuit, it is
ignored. Let’s see how power is meas-
ured in dc circuits, in 60-cycle power-
line circuits, in af circuits, and in rf
circuits.

DC POWER MEASUREMENTS

It is easy to find the power in a dc
circuit by connecting an ammeter in
series with the circuit, and a volt-
meter across it, then multiplying the
indicated current by the indicated
voltage. For example, if the voltage
is 100 volts and the current is 10
amperes, the power consumed would
be 1000 watts, or 1 kilowatt. (If this
continued for 1 hour, we would say
1 kilowatt-hour of power had been
consumed).

In making power measurements in
this way, the position of the two
meters in the circuit can make a dif-
ference. If they are connected as in
Fig. 29A, the current drawn by the
voltmeter flows through the ammeter.
In a circuit where the current is low,
this could add appreciably to the cur-
rent indication, particularly if the
voltmeter sensitivity is low. If the
meters are connected as shown in Fig.
29B, the voltage indicated on the
voltmeter will be slightly higher than
the voltage across the load. If the
current is very high, the drop across
the ammeter may be enough to upset
the calculation. At high currents the
circuit at A should be used, at low
currents, the one at B.

DC power can also be measured
with a wattmeter, but it is usually
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FIG. 29. Power can be measured by con-

necting an ammeter in series with the

circuit, and a voltmeter across the circuit,

then multiplying the readings. The ar-

rangement at A is best for high currents,

and the arrangement at B is best for
low currents.

simpler to measure it with a volt-
meter and an ammeter.

60-CYCLE POWER
MEASUREMENTS

A wattmeter is generally used for
measuring power in 60-cycle power
line circuits. We cannot get the true
power consumed by connecting a volt-
meter and an ammeter into the circuit
then multiplying the effective current
by the effective voltage because we
have not taken phase difference into
consideration. The figure we would
get by multiplying the effective cur-
rent by the effective voltage is known
as the apparent power and is ex-
pressed in volt-amperes.

A wattmeter takes the power factor
into account. A dynamometer is the
type of meter generally used as a
wattmeter. Fig. 30 shows a schematic
diagram of a wattmeter. The line
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FIG. 30. Diagram of an electrodyna-
mometer wattmeter.

current flows through the stationary
coil. The movable coil is connected
in series with a suitable resistance
and connected across the line. The
magnetic field of the stationary coil
is proportional to the instantaneous
current, and the magnetic field of the
movable coil is proportional to the
instantaneous voltage. The deflection
of the pointer is proportional to the
product of the magnetic fields. Since
it is the instantaneous values of cur-
rent and voltage that determine the
deflection, it is an indication of true
power.

Wattmeters are delicate instru-
ments, and should be handled with
care. They have maximum voltage
and current ratings in addition to a
maximum power rating, For example,
a 500-watt meter should not be used
to measure power of more than 500
watts. Also, if the meter is rated at a
maximum voltage of 600 volts and a
maximum current of 1.25 amps, you
could overload the current coils by
using it on a circuit when the voltage
is 50 volts and the current 3 amps,
even though the power in this circuit
is only 150 watts. Similarly, you could
overload the voltage coil by using the
meter in a 1000-volt circuit when the

34

current is .1 amp, even though the
power is only 100 watts.

AF POWER MEASUREMENTS

Meters that are designed to meas-
ure the power output of audio-fre-
quency devices such as audio ampli-
fiers, radio receivers, etc. are designed
to measure the voltage across a re-
sistor. Since the voltage across a re-
sistor and the current through it are
in phase, the power factor will be 1,
8o the power will be directly propor-
tional to the square of the voltage.

There are three general types of af
power meters: the power output
meter, the power level meter, and the
VU meter.

Power Output Meter. The power
output meter is a rectifier voltmeter
with a resistor connected across it.
The output from the device to be
tested is applied across this resistor
instead of to the usual load. The
power dissipated in the resistor will
be equal to E? <+ R. Thus, if we know
the resistance, we can determine the
power by measuring the voltage across
the resistance, squaring it, and divid-
ing it by the resistance. Since the
resistor is always the same, the meter
can be calibrated directly in watts.

Power Level Meter. The power
level meter is also a rectifier volt-
meter, but it does not have a resistor
built in across the meter. It must be
connected across the load of the de-
vice under test. A high resistance volt-
meter is used to place as little addi-
tional load on the circuit as possible.

This type of meter must always be
connected across the same value of
resistance for which it was designed,



usually in communications work, 500
ohms, The power level meter is de-
signed to indicate the ratio of output
power to a certain reference level,
and is therefore calibrated in decibels
(db) rather than in watts.

A common reference level in com-
munications work is 6 milliwatts of
power into a 500-chm load. This is
called 0 db. Using the power equation
P = E? + R, we find that with 500
ohms and 6 milliwatts of power, the
voltage is 1.73 volts. Therefore, by
measuring the output voltage the
meter can tell whether the power has
gone above or below this reference
level. If it is above, the meter indi-
cates -+ db; if it is below, the meter
indicates — db.

The advantage of this system is
that it provides us with a convenient
method of comparing different devices
on a more or less common base.

For example, a manufacturer of a
receiver may state in his specifica-
tions that the output of the receiver
will be 0 db with a 100%-modulated
input signal of 1 microvolt. This im-
mediately provides us with a means
of checking the receiver performance
or comparing its rated sensitivity with
that of another receiver.

It is important that you use this
type of meter across the correct load
impedance. Remember the meter is
basically a voltmeter. It will indicate
correctly in watts only when used
across the load for which it was de-
signed. For example, 1.73 volts across
a 500-ohm load is 6 milliwatts, which
we have set as zero db. Suppose we
used this meter across a 10-ohm load.
Now if the voltage is 1.73 volts, the
meter, since it is a voltmeter, would
indicate 0 db or 6 milliwatts. How-

ever, the actual power is 1.73* = 10
= .3 watt! Thus, to get an accurate
reading with this instrument we must
use it across the rated load of 500
ohms.

VU Meter. The VU meter is also
used to indicate power ratios rather
than watts of power. The unit used
is called a volume unit or VU instead
of a decibel, and the reference level
is 1 milliwatt into 600 ohms. This is
called 0 VU. With 1 milliwatt of
power and 600 ohms of resistance, the
voltage is .775 volts. If the voltage
goes above this, the meter will indi-
cate 4+ VU, and if it goes below this,
the meter will indicate —VU. Like
“the power level meter, it must be used
across the correct load. These instru-
ments are built using a special cop-
per-oxide rectifier and an extremely
sensitive meter. They are usually
built right into the transmitter.

Fig. 31 shows a VU meter scale. It
is only accurate in transmitters de-
signed so that 1009% modulation is
obtained when the meter indicates 0
VU. The figures below the VU scale
indicate the percent of modulation.

FIG. 31. A typical VU meter.
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RF POWER MEASUREMENTS

The radio frequency power output
of a transmitter can be measured
without actually producing radiation
as shown in Fig. 32. Here a dummy
load resistor is connected to the out-
put circuit of the transmitter. This
resistor is in a tank through which
water is circulated to absorb the heat
developed in the resistor. The water
also goes through a flow meter that

shows how much water flows through
the unit in a given length of time.
There are also thermometers that in-
dicate the temperature of the water
at the input and at the output of the
tank.

Charts are provided with this type
of measuring equipment so that you
can calculate the power from the two
temperatures and the water flow. This
is called the calorimeter method of
measuring power.

LOOKING AHEAD

In this lesson you have studied the
three basic types of meters and
learned how they can be used to meas-
ure current, voltage, resistance, and
power. In later lessons you will learn
about other types of instruments that
use vacuum tubes in their circuits.

It is very important for you to
understand how to use test equip-
ment, because it is of little value
unless you do.
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Lesson (QQuestions

Be sure to number your Answer Sheet 22CC.
Place your Student Number on every Answer Sheet.

Most students want to know their grade as soon as possible, so they

mail their set of arswers immediately. Others, knowing they will finish
the next lesson within a few days, send in two sets of answers at a time.
Either practice is acceptable to us. However, don’t hold your answers too
long; you may lose them. Don’t hold answers to send in more than two
gets at a time or you may run out of lessons before new ones can reach you.

10.

. What type of meter is generally used for dc measurements?

Give two-reasons why the moving vane meter is not as widely used as the
d’Arsonval meter.

. Determine the resistance of the shunt needed to convert a 1-ma meter with

a resistance of 100 ohms to a 5-ma meter.

. If two amaneters connected in series with the same load, each indicate a

current of 8 amps, what is the current flowing in the circuit?

. What size multiplier resistor would you need to convert a 1-ma meter to a

voltmeter with a full-scale voltage of 50 volts?

. Find the sensitivity in ohms per volt of a voltmeter which uses a 10-micro-

ampere meter.

Why is a voltmeter with a high ohms-per-volt sensitivity more useful than
one with a low sensitivity?

If the reading on a 50-volt voltmeter connected across a circuit is half-
scale, indicating a voltage of 25 volts, and the meter sensitivity is 1000
ohms per volt, what is the total resistance of the meter and its multiplier?

Draw a schematic diagram of a series-connected ohmmeter.

If in a dc circuit a voltmeter connected across the load indicates 45 volts
and an ammeter in series with the load indicates 7 amps, what is the
power in the load?
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THE VALUE OF REVIEW

Man has acquired so much new knowledge in re-
cent years that it has become impossible for one
person to know everything available about even a
limited subject. Educational authorities realize this
fact, and the colleges of today consider a man well-
educated if he knows the elementary ideas and knows
where to find other information when he wants it.

The field of radio and television has outgrown the
memorizing ability of the human mind. Also, it is
such a comprehensive field that occasionally you
cannot recall important facts previously studied.
Review is obviously needed.

Time spent in review several weeks or months
after a book is studied will be far more profitable
than an equivalent amount of extra time spent on
the book initially, for your mind has then had a
chance to file and store away the information secured
from the first study. Each review results in more
information being transferred from the textbook to
your mind, and soon, with no conscious attempt to
memorize, you will find yourself able to recall an
amazing number of valuable facts.
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STUDY SCHEDULE NO. 29

Q b Imtroduction ................. ... ... . ..., Pages 1.2
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ATTENUATORS, filters, and equal-
izers are all basically classified
as networks. A network is an arrange-
ment of electronic components, usually
resistances or reactances, designed to
provide some special effect. Actually,
every electrenic circuit is a network
of some sort. However, when an engi-
neer or technician speaks of a network,
he is usually referring to some special
group of components within a circuit.
Such a network might be anything
from a simple arrangement of resistors
used for impedance matching to a
complex group of reactances provid-
ing frequency selection.

Networks of this sort will be found
in every field of electronics. They
provide an efficient method of con-
trolling signal strength, noise reduc-
tion, and phase shift. They can select
one particular control signal from a
number of signals being transmitted
simultaneously over the same control
line. In fact, some type of special net-
work will be found in all but the very
simplest of circuits.

Networks can be classified into
three general types: attenuators,
equalizers, and filters.

Attenuators. An attenuator is a
network consisting of pure resistance;

ATTENUATORS, FILTERS,
AND EQUALIZERS

its operation is independent of the
frequency or the phase of the signal.
Its effect on all signals is the same at
all frequencies.

Filters. A filter is frequency-selec-
tive. A filter always contains react-
ances of some sort, and will respond
to different frequencies in different
ways. In addition, a filter will usually
shift the phase of the signal in some
way. By using the proper values of
circuit components and arranging
them in special ways, we can make
networks that will have almost any
desired effect on the signal as it passes
through the circuit from the supply to
the load. Filters are used in electronic
equipment to pass certain frequencies
and reject others. They are broad-
band devices in that they tend to re-
spond to a certain band of frequencies
rather than to a specific frequency.

Equalizers. Equalizers are used to
correct for any undesired frequency
discrimination or phase shift in other
equipment or in connecting cables.

If these networks were perfect, each
would do only the job it is intended
to do. An attenuator would simply
change the amplitude of the signal. A
filter would pass a certain band of
frequencies and reject all outside of



this band. An equalizer would correct
any undesired phase shift or frequency
discrimination. Actually, leakage and
stray capacitance cause each to do a
little of sll three. Although, in this
lesson, we may speak of one of these
networks as if it did its job and its
job alone, you should remember that a
certain proportion of undesired effects
is unavoidable. The secret of success-
ful design lies in holding these effects
to a minimum. At video and rf fre-
quencies, good shielding and the proper
layout of the parts will help to pre-
vent trouble caused by leakage. At
audio frequencies, the coupling be-
tween the cores of the coils, and the

coil resistance may become problems.

In earlier lessons, we learned about
some of the simpler types of networks.
These consisted of voltage dividers,
power-supply filters, tuning circuits,
and vacuum-tube coupling circuits. In
this lesson, we will look at some of
the more complex networks, We will
learn to recognize some of the basic
network configurdtions and their ef-
fect on a signal. We will discuss the
advantages and disadvantages of the
various filters and problems in design-
ing practical filter circuits.

First," let's see what problems are
involved in impedance-matching and
power transfer.

Impedance-Matching and Power
Transfer

In setting up and adjusting elec-
tronic equipment, impedance-match-
ing between stages and efficient trans-
fer of power from one stage to another
or to an antenna are important prob-
lems. We can tell how effectively these
problems have been solved by meas-
uring either the signal power or the
signal voltage at the input or output
of the two stages and comparing the
two values to see if there has been a
gain or a loss.

UNITS OF MEASURE

In an earlier lesson, you learned
about the unit of measurement called
the decibel and how it is used to ex-
press the ratio between input and out-
put power. You also learned that
voltage ratios can be expressed in
decibels, but only when the imped-
ances across which the two voltage
measurements are taken are equal.

There is another unit of measure-

ment which you will run into from
time to time called the “neper.” This
unit originated in Europe and differs
from the decibel in that it is based
upon a different system of logarithms.
In computing decibels, we use the sys-
tem of common logarithms, with the
base 10. In computing nepers, the sys-
tem used is known as the natural
logarithm system in which the base is
an odd number, 2.71828. One neper
equals 8.686 db, and 1 db equals .1151
neper. This unit is not widely used in
the United States, but you will find
it in some textbooks and reference
material.

POWER MEASUREMENTS

Decibel Meters. Decibel meters
have been used to read the power in
the line directly in db. These are ac
voltmmeters calibrated in db units,
with the zero-power-level indication
at about center scale. They are de-
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FIG. 1. Two types of VU meter scales.

signed to be connected across a spe-
cific value of impedance. Not all db
meters have the same scale markings,
damping, or zero levels. In the past,
different services have used different
values as the standard line-impedance
across which the db meter is to be
connected and have used different
power levels as the zero reference
level. Some have used .006-watt as the
reference point, some .0125-watt, and
others .001-watt. Some have used 500
ohms and some 600 ohms as standard
line impedances.

When using a meter of this type, if
the power in the line is more than the
reference value, it produces a higher
voltage across the line, and the meter
reads to the right of the zero mark,
showing a plus db reading. If the
power is less than the reference value,
the voltage is less, and the needle
moves to less than center scale, indi-
cating a minus db reading.

VU Meters. Since 1940, a standard
type of power-level meter has been
used in broadcast work and in many
other audio applications. This is an ac
volt-meter of the rectifier type called
the volume unit or VU meter. Unlike
db meters, all VU meters are built
with identical characteristics. They
are calibrated to read relative power
levels when connected across a 600-
ohm impedance line. The zero-refer-
ence level used is .001 watt (1 milli-
watt). The VU meter is essentially a
peak-reading meter, since with a rela-
tively rapid pulse or steep wave, these
meters rise to about 99% of the peak

value very quickly, but fall off slowly.

VU meter scales are calibrated in
plus or minus VU, and zero to 100%
modulation. Two different types of
VU meter scales are shown in Fig, 1.

The VU meter is designed to op-
erate with a 3600-ohm external re-
sistor as shown in Fig. 2, When the
meter is connected across the line, it
“sees” the 600-ohm source and load
impedances in parallel. Thus, the im-
pedance into which the meter is “look-
ing” is 300 ohms. Since the meter has
an impedance of 3900 ohms, an ex-
ternal 3600-ohm resistor is connected
in series with the 300-ohm resistance
of the parallei-connected source and
load to match this impedance to that
of the meter.

The resistor is not made an integral
part of the meter because it may be
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FIG. 2. A VU meter connected across a
600-ohm line is shown at A; a T-pad at-
tenuator is added at B.



necessary to insert a T-pad attenuator
in the meter circuit as shown in Fig.
2B. In broadcast work, a reading of
zero VU or 100 on the percentage scale
indicates 100% modulation. If the
power required for 100% modulation
is greater than the one milliwatt zero
reference level, the meter would, of
course, read farther upscale, and an
attenuator called a T-pad is needed
to make the meter indicate the correct
percentage of modulation. Also, in
some applications, the power in the
line may be greater than the -3 VU
at the high end of the meter scale. In
these cases, a T-pad is needed to keep
the meter from reading off-scale. Of
course, in a case such as this, the loss
introduced by the pad must be men-
tally added to the meter reading.

LOAD MATCHING

One of the most important consid-
erations in the study of electronics is
the transfer or transmission of power.
In fact, the transmission and/or con-
trol of energy in the form of electrical
power is the only purpose of any elec-
tronic system.

Let’s look at some of the factors
which affect this. In Fig. 3, we have
shown a power source that develops an
emf of 40 volts. Any source of power
(generator, battery, or oscillator) has
a certain amount of internal imped-
ance, which consists of the distributed
resistance, capacitance, and induct-

ance in the source. We have assumed
that our power source (let’s call it a
generator) has an internal impedance
of 500 and have shown this as Z,.

It is easy to see that the terminal
voltage, Er, is going to be cqual to
the emf minus the voltage across the
interna! impedance Z,. The value of
the voltage drop across Z, will depend
on the current flowing in the circuit as
well as the value of Z;, so the terminal
voltage will vary with the current as
long as the emf and Z; remain con-
stant. If the circuit is broken at the
switch, no current will flow, there will
be no voltage drop across Z;, and Er
will be 40 volts. Now let’s connect our
renerator to a load and see what hap-
pens.

If the selector switch is at A as
shown, we will have a circuit consist-
ing of Z; which is equal to 50 ohms in
series with Z,, which is equal to 30
ohms. This gives us a total impedance
of 80 ohms being supplied by our 40-
volt emf. Through Ohm’s Law
(I=E-+R) we can determine that a
current of .5 amp will flow in the cir-
cuit.

This means that we will have a
voltage drop of 25 volts across Z;, and
a drop of 15 volts across Z,. There-
fore, although our power supply is ac-
tually generating 40 volts, 25 volts are
dropped internally, and we have a
terminal voltage, Er, of only 15 volts.

If we look at the circuit from a pow-
er standpoint, we find that a total of
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FIG. 3. Effect of load on power generation and transfer.
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20 watts (40-volt emf x .5 amp) is
developed by the power supply. How-
ever, 12.5 watts of this power (25
volts Ez x .5 amp) is wasted internal-
ly and only 7.5 watts is actually used
by the load. This is obviously a very
inefficient situation. If we have a load
which consumes only 7.5 watts, it is a
waste of equipment and energy to de-
velop 20 watts to supply it.

Let’'s move the selector switch to
Position B and see what effect a 50-
ohm resistance has in our circuit. Now,
our 40-volt emf will be feeding a total
resistance of 100 ohms, and our cir-
cuit current will be .4 amp. We will
have 20 volts dropped internally, leav-
ing our terminal voltage at 20 volts.
The total power developed will be 16
watts, and half of it, or 8 watts, will
be consumed by the load. The other
half will be wasted internally.

This is an improvement over the
first circuit. First of all, we are devel-
oping a total power of only 16 watts,
and we are getting 8 watts of this to
our load. Thus, we have much better
efficiency since we are wasting only 8
watts internally.

We actually have more power avail-
able in our external circuit with less
total power generated. Notice that in
this circuit the impedance of the load
equals the impedance of the source;
we say that they are “matched.” Now,
let’s see if we can improve this still
further by moving the selector switch
to Position C.

In this position, the total impedance
is 200 ohms, and the current will be
.2 amp. The terminal voltage will be
30 volts, and the internal drop will be
only 10 volts. The total power devel-
oped by the generator is only 8 watts.
Of this, 6 watts is delivered to the
load, while only 2 watts is wasted in-
ternally. Also, the voltage across the
load has been increased. We have a
much more efficient situation than we
had before because we are wasting

only 2 watts out of 8, However, we are
delivering less power to the load than
we were with circuit B when the load
and source impedances were matched.

Thus, it is easy to see that a situ-
ation where the load impedance is
much less than the source is always
very inefficient and doesn’t give much
useful power. We can also see that we
have the most power delivered to the
load when the impedances are
matched, but we do waste half of the
power in the process. Further, the
greatest efficiency exists when the load
impedance is much larger than the
source impedance although the actual
power delivered to the load is less than
when we have matched impedances. It
is obvious that we will usually avoid
having the load impedance less than
the source impedance.

However, when it comes to a choice
of having either maximum power with
matched impedances or high efficiency
with proper mismatching, we have to
consider the specific application. For
example, consider the circuit shown in
Fig 4A, where the impedances are
mismatched. If a large amount of pow-
er is required to operate the 450-ohm
load, efficiency will be the most im-
portant. Let's assume that we have a
large power requirement and the emf
of the power source equals 10 kv. At
10 kv, 20 amperes of current will flow
to the load, and a total power of 200
kw will be developed. Of this 200 kw,
20 kw will be wasted internally and
180 kw will be consumed in the load.

In the circuit of Fig. 4B we have
shown the same load, but have
matclied the impedances. Notice that
we have not shown the impedance
matching system, but have just repre-
sented it by changing the value of the
load resistance. In this circuit we
would get more power to the load but
the energy wasted would be tremen-
dous. Our 10 kv emf would give 100
amps of current and the total power
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FIG. 4. Greatest efficiency with mismatched impedances, A; greatest power transfer
with matched impedances, B.

developed would be 1000 kw. Of this,
500 kw would be wasted internally and
500 kw would be consumed by the
load. Although we would have 320 kw
more power available to do work than
we had available with the mismatched
impedances in Fig. 4A, we would
waste 480 kw more in order to get it.
The cost of producing this extra
wasted energy would make it imprac-
tical to match impedances. In addi-
tion, the cost of equipment capable of
handling 100 amperes of current would
be much greater than that needed to
handle 20 amperes. Thus, impedance
matching becomes too expensive to be
practical when large amounts of pow-
er must be handled.

In communications and control cir-
cuits, however, extremely small
amounts of power are used, and power

waste is not so expensive. Here, the
important consideration is getting
enough of the available power to the
load for the equipment to operate
properly. Often the available power is
so low that unless the maximum
amount is transferred to the load, the
equipment will operate poorly or not
at all.

For example, a speaker or speaker
system must be matched to the output
of the amplifier or it may not receive
sufficient energy to operate properly.
Similarly, a microphone must be
raatched to the input circuit of an
amplifier or the losses will be severe.

Now that we have seen the prob-
lems involved in transferring power,
let’s look at the networks used to do
50.

Resistive Pads and Attenuators

Resistive pads and attenuators are
used to reduce or control signal levels,
to match impedances, and to reduce
the inductive effect of transformers
coupled together through a line. Usu-
ally, they are used to reduce signal
levels, to match impedances, or both.

SIMPLE ATTENUATORS
To see how an attenuator can intro-

duce a loss without causing an im-
pedance mismatch, it is best to ex-
amine some simple circuits. In Fig.
5A, we have a power source having a
constant emf of 40 volts and an in-
ternal impedance of 50 ohms supply-
ing power to a resistive load of 50
ohms. The load and source are
matched and the power delivered to
the load is 8 watts.



Suppose we want to reduce the pow-
_ er delivered to the load from 8 watts
to 4 watts. We can do this by inserting
a 43-ohm resistor in series with the
load as shown in Fig. 5B. This makes
a total impedance in the circuit of
143 ohms (50-450-4-43). The current
is then .28 ampere (40--143) and the
voltage across the load is 14 volts
(.28 x 50). This means the power de-
livered to the load is 4 watts (.28 x
.28 x 50).

We can also reduce the power to 4
watts by adding a 58-ohm resistor in
parallel with the load as shown in Fig.
5C. The impedance of the parallel
combination will be 27 ohms, and the
total impedance in the circuit will be
77 ohms (504-27). The circuit current
will be .52 ampere, dividing through
the parallel combination so that .28
ampere flows through the load. The
voltage across the source impedance
will be 26 volts (50 x .52), leaving 14
volts across the parallel combination
(40—26). This means the power de-

livered to the load will again be 4
watts (.28 x .28 x 50).

In each case, we have delivered 4
watts to the load. However, the im-
pedance match is destroyed in both
cases. With the series resistor, in Fig.
5B, the impedance looking into the ex-
ternal circuit from terminals 1 and 2
is now 93 ohms (43 ohms and 50 chms
in series). With the parallel resistor,
in Fig. 5C, the impedance seen look-
ing into the circuit from terminals 1
and 2 is 27 ohms (50 ohms and 58
ohms in parallel).

Now, let us see if we can reduce the
power delivered to the load from 8
watts to 4 watts and still keep the load
matched to the source. Look at Fig.
5D. Here we have a 116-ochm resistor
in parallel with the load, giving us a
total impedance of 35 ohms for the
parallel part of the circuit, and a 15-
ohm resistor in series with the 35 ohms
offered by the parallel combination.
Now, the total impedance of the com-
bination is 50 ohms, the total imped-
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ance in the circuit is 100 ohms
(504+-50) as in Fig. 5A. The voltage
across the load will be 14 volts, the
current through it will be .28 ampere,
and the power to it will be 4 watts.
The total impedance as seen looking
into terminals 1 and 2 is still 50 ohms.
Thus, the load is still matched to the
source even though the power in the
load has been reduced to 4 watts.

A simple attenuator such as this
that consists of one series resistance
and one parallel resistance such as
those we have been discussing is called
an L pad.

The L Pad. Although the L pad is
a definite improvement over a single
resistance, it has one major disadvan-
tage. This is the fact that it is unsym-
metrical. In other words, it does not
have the same impedance at both ends.

Up until now, this has not concerned
us because we have been concerned
only with matching a load to a source.
However, in a perfect impedance
match this is not enough. We do not
have a perfect match unless the source
sees exactly the same impedance look-
ing towards the load as the load will
see looking back toward the source.

Looking at the circuits shown in
Fig. 6, you will see what we mean by
this. In Fig. 6A, when the source looks
into the circuit it sees an impedance
of 50 ohms. In addition, if we look
back into the circuit from the load we

FESsssTTTETTT

also see an impedance of 50 ohms. This
is considered to be a perfect imped-
ance match because the load sees ex-
actly the same impedance looking to-
ward the source as the source sees
looking toward the load.

Now, let’s put an L pad in the cir-
cuit as shown in Fig. 6B and see what
we have. First, let’s look into the cir-
cuit toward the load from terminals
1 and 2. Doing this, we see an imped-
ance of 25 ohms in series with the
parallel branch containing two 50-ohm
resistors, whose combined resistance is
25 ohms. This gives us a total imped-
ance of 50 ohms, which is equal to the
source impedance, and we say that the
load is matched to the source.

However, if we look back into the
circuit towards the source from ter-
minals 3 and 4, we do not see the same
impedance. Now, we see an impedance
of 50 ohms in parallel with an imped-
ance of 75 ohms. This is a combined
impedance of 30 ohms and does not
equal the load impedance of 50 ohms.
Thus, our L pad matches the load to
the source, but does not match the
source to the load.

Since an L pad is unsymmetrical, it
cannot be used to provide a perfect
impedance match between two equal
impedances. However, it is often used
to provide a match for two unequal
impedances. Fig. 7 shows a circuit
where a 50-ohm load and a 70-ohm
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source have been matched by using an
L pad.

Looking into the load from ter-
minals 1 and 2, we see an impedance
of approximately 70 chms (37 ohms in
series with the parallel combination of
94 ohms and 50 ohms). Looking back
toward the load from the terminals 3
and 4, we see an impedance of almost
exactly 50 ohms (94 ohms in parallel
with the series combination of 70 and
37 ohms). Of course, the L pad always
introduces a loss in the circuit and is
not used to match impedance unless
the loss can be tolerated or is actually
desirable.

Minimum-Loss Matching Pads.

By using two fairly simple formu-
las, we can compute the resistances for
an impedance-matching L pad that
will introduce the smallest possible
loss. To find the value of the series or
arm resistance of the pad, we use the
following formula:

Zo

RA—Z]\"I—'Z;

In this formula, R, = arm resistance;
Z, — source or input impedance; and
Zo = load or output impedance.

To find the value of the parallel or
leg resistor, we use the formula:

Lo __
Zo
VI

Here, R, == leg resistor, Z; = source

RL—

9

or input impedance, and Z, == load or
output impedance as before.

Let’s use these two formulas to see
if the L pad we used in Fig. 7 pro-
vides the smallest possible loss. In this
circuit, our input impedance is 70
ohms and the output impedance is 50
ohms. Substituting these values in the
formula for obtaining the arm resist-
ance, we get:

RomZiy[1— 2
- 70 \]1— %
—70V1—72
—- 70V 28
~ 70 x .53
- 370

From this, we can see that the 37-ohm
arm resistance which we used in the
circuit is correct for the arm value of
a minimum-loss pad.

To find the correct leg value, we
substitute our 70-ohm input imped-
ance, and our 50-ohm output imped-
ance in the formula for finding Ry:

__Z_e__
Vo
R=y\1=7
50
\?
50
v1—.11
_90
VvV 29
50
5
-025Q



This is equal to the leg resistor that
we used in the circuit, so we know that
the L pad used in Fig. 7 not only
matches impedances, but it also in-
troduces the least possible loss for a
matching pad. Remember, the two
formulas given here are used only to
determine the values of resistance for
use in a minimum-loss matching pad.

If we are going to design an im-
pedance-matching pad, we will also be
interested in knowing just how much
attenuation will be introduced by our
minimum-loss pad. So far in our dis-
cussion of impedance matching and
attenuation, we have compared the
power delivered to the load with the
total power developed by our source.
To do this, we have completely ana-
lyzed each circuit component as to im-
pedance, voltage, current, and power
so that you could actually see what
happened to the power and where and
why it happened. The amount of the
losses provided by our attenuator was
rated in watts. Although this is a good
approach for purposes of analysis,
there is a much simpler way of evalu-
ating attenuation.

Since attenuators are so much a part
of communications systems where the
decibel is commonly used to express
performance, it is logical that the dec-
ibel has come to be used as a measure
of attenuation. Actually, the decibel
is & very convenient unit for use with
attenuators because we are concerned
with power ratios. As we learned in
an earlier lesson, the amount of change
in decibels in a circuit is equal to 10
times the logarithm of the ratio of the
input power and the output power.
Thus, the attenuation or loss in a cir-
cuit in decibels can be found with the
formula:

db = 10 log ;‘-
o

This formula can be applied to any
attenuator quite easily when the power

10

in the circuit is known. However, in-
stead of computing the necessary cir-
cuit values to obtain the power ratios
in Fig. 7, we can use a more direct
formula. This formula uses the input
and output impedances directly, and
can be used to determine the attenua-
tion in decibels that will be introduced
by any minimum-loss pad. In this
formula, the loss in decibels equals:

Z, 1 2y 2
db—1010g (\f7 + (7o — 1))
where Z, = input impedance and Z,
= output impedance.
Let’s apply this to the circuit in Fig.
7 to see how much attenuation our
minimum-loss pad will introduce. Sub-
stituting in the equation, we have:

db = 10 log (\/g-;- \/;_g— 1 )’
—=10log (V144 V14—1)2

= 10log (V144 vV 4)2
=10 log (1.18 4 .63)2
== 10 log (1.81)12

= 10log 3.27

= 10x.5145

==5.1db loss

Thus, the minimum loss possible in
an impedance-matching pad for the
circuit shown in Fig. 7 is 5.1 db. We
have already discovered the proper
values of arm and leg resistance for
this pad.

SYMMETRICAL PADS

Symmetrical attenuators are similar
to L pads except that they have either
an extra series arm or an extra leg
resistor.

The T Pad. Fig. 8 shows one of the
most common types of symmetrical
attenuators. This type of attenuator is




usually called a T pad because the
component resistors are arranged in
the schematic so that they form the
letter T.

As you can see, the impedances are
perfectly matched because the load
sees the same impedance looking to-
wards the source from terminals 3 and
4 as the source sees looking into the
load from terminals 1 and 2.

T pads can be designed to introduce
any desired amount of attenuation.

Let’s use the circuit shown in Fig. 8
as an example and see what values we
need in the T pad. First of all, the
power input is 40 watts, and we want
a power output of only 1 watt. Using

POWER IN

40w |

Rp=36 N

SOURCE
IMPEDANCE
50n

2

— —AAA—

—AAA—0 ¢—

%Ruisn

db
20
tion of 16 decibels in the formula, we
find:

. Substituting our desired attenua-

16
== .1
K = log 20

- = log-1.8

Now from our log tables, we find
that the number which has .8 for a
logarithm is 6.31. Thus, our reduction
factor K equals 6.31.

Next, we use the reduction factor
K in two formulas. The first one will
give us a multiplying factor for the
arms, and the second will give us a
multiplying factor for the leg. Multi-

POWER OUT
3 | Watt

Rp=36.N
LOAD

IMPEDANCE
50N

4
gy

©

FIG. 8. T pad providing 16-db attenua-

tion.

our formula we find that:
P,
db = 10 log P,

40

1
=10 log 40
= 10x 1.6021
=16 db

Now we must find the reduction fac-
tor K from the following formula:

db

20

The symbol “log-" is called an
antilog, which means that our answer
will be the number whose logarithm is

= 10 log

K = log-1

11

plying these by either the source or

the load impedance will give us the

values for the arm and leg resistors.
The formula for the arm factor is:

_K—1

- K41
Substituting the value of K, which is
6.31 in this formula, we get:

A

631 —1

A=gair1
531

=731 — 12

Now, by multiplying our 50-ohm im-
pedance by the arm factor A, we find
the value of the arm resistors:

Ri=AZ="72x50=369



Thus, both arm resistors of the T
pad must be equal to 36 ohms to give
us an attenuation of 16 decibels while
inaintaining an iinpedance match be-
tween a 50-ohm source and a 50-ohm
load.

The formula for the leg factor is:

2K

L= —/——

Kz—1
2x6.31

6.312 — 1
_ 1262

398 —1

1262
38.8

= 325
Our leg resistor equals:
Ry, = LZ
== 325 x 50
=160

The resistance values for any T pad
giving any desired value of attenua-
tion between two equal impedances
may be obtained using these formulas.
Because of their importance in atten-
uator design, we will list them again.

Attenuation in db: db == 10 log L3

Po

Reduction factor K: K == log-! (—;-g

K—1
K41
2K
K2—1
Arm resistors R,: Ry == AZ
Leg resistor Ry,: Ry, = LZ

For convenience in designing at-
tenuators, the multiplying factors for
many different values of attenuation
have been worked out in the form of
tables. Although these tables do not

Arm factor A: A =—

Leg factor L: L ==

12

Attenu- Arm Leg
ation factor factor
db A L
0 | 0 ©
1 I 0061 8.07
2 115 427
3 173 2.78
4 | 227 . 2.07
5 280 1.64
6 333 1.33
7 382 1.11
8 432 0.942
9 476 812
10 520 700
20 | .818 202
30 939 0632
40 | 980 0200

FIG. 9. Table of multiplying factors for
the design of any T pad.

give the values for arm and leg factors
for all possible values of attenuation,
they are very handy for designing
most attenuators. These tables can be
found in many reference books.

A typical example giving the at-
tenuation in decibels and the arm and
leg factors is shown in Fig. 9. To use
the table, we simply look down the
attenuation column until we find the
desired loss value. Then we follow
across the table to find the arm factor
and the leg factor to use with the im-
pedance of our particular circuit in
order to compute our arm and leg re-
sistance values.

The = Pad. Another type of sym-
metrical attenuator is shown in Fig.
10. This is call a pi pad because
the component resistances are ar-
ranged like the Greek letter =. The
= pad in Fig. 10 is like the T pad
shown in Fig. 8 in that it has an at-
tenuation loss of 16 db and 50-ohm
input and output impedance.

Since the pi pad and the T pad have
identical behavior, we can expect a
definite numerical relationship be-
tween them. We can, for example, set
up a pi network like the one shown in
Fig. 10 and determine the various re-
sistance values by using the A and L
factors that we derived while design-



ing our T network. However, we must
use them in a different way, as you
will see.

The resistance of the arm of the pi
pad is equal to the impedance Z di-
vided by the T pad leg factor L. Sim-
ilarly, each leg of the pi pad is equal
to the impedance Z divided by the T
pad arm factor A. In equation form
these are:

xpad: Ry =Z/L
= pad: R, == Z/A

It should be noted that the factors
A and L are exactly the same as those
used for the T pad design and are
computed the same as before. How-
ever, in the pi pad the factors are used
for division instead of multiplication,
and L is used to find R,, and A is
used to find R,..

Now let’s compute the resistance
values of the pi pad components
shown in Fig. 10. Our desired attenu-
ation is 16 db, and the source and load
impedances are 50 ohms. This is the
same requirement that we had in the
circuit shown in Fig. 8, so we can use
the same A and L factors that we pre-
viously computed. For our pi-pad arm,
we use the formula:

Our leg resistors are found from the
formula:

R, — Z/A

—
72

=700

Thus, our two legs must be 70 ohms,
and our arm 154 ohms to provide the
same effect with a pi pad as we had
with the T pad shown in Fig. 8.

The table shown in Fig. 9 can also
be used to construct pi pads. Just re-
member to divide the impedance by
A to find Ry, and by L to find R,. In
ordinary use, there is no preference be-
tween a T pad and a pi pad. These
networks are interchangeable and the
type of pad used is a matter of per-
sonal choice. Usually, the choice will
depend upon the values of resistors
that can be obtained easily.

Ganged Attenuator Pads. The in-
put impedance of a symmetrical pad
is equal to its output impedance. Thus
the input of one pad can be used as
the load resistance for a preceding
pad. This can be kept up a great num-
ber of times and the total attenuation
of the pads in tandem will be equal

Ry = Z/L to the sum of the individual pad losses.
%0 _ 154 © Thus, if we have three 50-ohm to
325 50-ohm pads (symmetrical), giving re-
\ |
| |
— O l r—— ANV —0 I
} Ra=154 N :
' |
SOURCE LOAD =
"°";%RW'N= IMPUERDANCE I R =700 Ri=70n | impepance "OMER VT
50 n | | 50 n
| |
|
L—»c - -0 !
I I
| TT(pi) Pad I

¥1G. 10, Pi-pad attenuator (db = 16).
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spectively 5, 8, and 4 db attenuation,
we can connect these in any order and
the whole combination will have an in-
put impedance of 50 ohms. The at-
tenuation will be 5 4 8 4 4 = 17 db
when used with a 50-ohm load.

This is a very convenient feature of
symmetrical pads, for it means that
a great number of attenuation values
can be realized with combinations of
relatively few separate attenuators.
Usually, if an attenuation of over 20
decibels is desired, it is better to ob-
tain it by using two or more attenua-
tors than by using one large-loss at-
tenuator.

Balanced Attenuator Pads. All of
the attenuator pads discussed so far

changed to the balanced version in Fig,
12. The balanced pi pad is sometimes
called an O pad and the balanced T
pad is sometimes called an H pad, be-
cause of their resemblance to these
letters.

UNSYMMETRICAL PADS

In addition to being used to provide
attenuation between equal impedances,
T, H, pi, and O pads can also be used
as attenuators between unequal imped-
ances. When used in this way, they
are designed to match the unequal im-
pedances as well as provide attenua-
tion. We have already studied one
type of impedance-matching pad,

O

A N—

R7§77.n.

R =70n

R =70 N

ANA-
n

R,yz-7
FIG. 11. Balanced pi pad—sometimes
called an O pad.

have been designed for use with un-
balanced lines which have one wire
grounded. With balanced lines, where
the wires are maintained at opposite
potentials with respect to ground,
these attenuators would not be suit-
able. The stray attenuator capacitance
would upset the line balance and tend
to increase noise pickup and cross talk.

The T and pi pads, however, can be
balanced very easily. This is ac-
complished merely by splitting the
series resistance arms in half, and in-
serting half of the resistance in the
upper side of the line and the other
half in the lower side of the line. Thus,
the pi pad in Fig. 10 becomes the bal-
anced pi pad shown in Fig. 11. In the
same manner, the T pad of Fig. 8 is

14

which we called a minimum-loss L
pad. However, the purpose of the L
pad was to provide a minimum-loss
matching network, and the attenua-
tion it offered had to be considered
because it was unavoidable, although
undesirable.

The purpose of the networks which
we will study now is not only to match
unequal impedances but also to pro-
vide more attenuation than that which
would be provided by a minimum-loss
pad. When we studied the L pad, we
said it was unsymmetrical because it
did not look the same from both ends.
The T and pi pads, which are used
to match unequal impedances, also
look different from each end and are
called unsymmetrical T or pi pads.
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FIG. 12. Balanced T pad—sometimes
called an H pad.

In studying the minimum-loss L-
type matching pad, we learned that
there will always be a certain amount
of loss in a resistive matching pad. We
also learned how to compute the
amount of this minimum-loss in dec-
ibels and how to determine the proper
resistance values. The minimum-loss
L pad could also be considered as a
modified T or = pad, as shown in Fig.
13A and B. Here we have shown the
minimum-loss L pad as a T pad in
which one of the arms has been re-
duced to zero. It can also be considered
to be a pi pad in which one of the leg
resistors has become so large it
amounts to an open circuit, as shown
in Fig. 13B.

From this, we can see that by in-
troducing an extra arm or leg resistor
of appropriate size, and changing the
other resistance values, we can gain
more attenuation and still maintain
an impedance match. As soon as we
do this, we will have changed our L-

I Ri=34.n

R2:0n 3

pad into an unsymmetrical T or pi
pad. It should be noted that, although
we can increase the attenuation above
the minimum-loss and maintain an
impedance match by using an unsym-
metrical T or pi pad, we can never de-
crease the loss below the amount in-
troduced by the minimum-loss L pad.

Therefore, one of the first things to
do in designing an unsymmetrical at-
tenuator is to determine the minimum
possible loss. If this amount of attenu-
ation is satisfactory, we will use an L
pad as an attenuator. If we want more
attenuation than the L pad will pro-
vide, we will design an unsymmetrical
T or pi pad. However, if the minimum
loss is more than we want, we will
have to decide whether it is advisable
to use an attenuator and an amplifier
to match impedances or whether it is
better to use some other method of
matching impedances.

L-Pad Design. Before we go into
the design of an unsymmetrical T or
pi pad, there is one thing we should
discuss regarding the minimum-loss L
pad. When we considered the L pad
earlier, we studied only left-handed
pads like the one shown in Fig. 14A.
In this circuit, the input impedance
is larger than the output impedance
and the arm resistor is in series with
the input impedance. However, in a
circuit like the one shown in Fig. 14B,
the input impedance is smaller than
the output impedance, and a right-
handed L pad would have to be used.

' R3=34n 3

SOURCE LOAD SOURCE | LOAD
IMPEDANCE R3:94n IMPEDANCE  IMPEDANCE Rz @ IMPEDANCE
70n 50n 70 50n
R2:94.0
L—» o— - —0 o—l —» o o 4
2 4 2 4

FIG. 13. The L pad can be considered as a modified T pad, as at A, or as a modified
* pad, as at B.
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Ri=I75n  R2:0n I Ri=0n R2=:75n 3

INPUT R3=574 | oap SOURCE R3=S7TN  Loap
IMPEDANCE ‘ IMPEDANCE IMPEDANCE IMPEDANCE
200 50.n 50.n 2000

Lb -— L—» o
q 2

z 3
21> 20 Min Loss db=10tog(/ 25 + / 75 -1) 21< 2 Min Loss db=10t0g (/32 /Z? |)

/_z_o_ z
Riz21vi-g; Rp*2g/1-5%
2 [0} 20

2o o e 1

R3= <1
‘h-..z_g. = Zy
1 R3 |===

Z0
FIG. 14. Computing left-handed L pads, A; computing right-handed L pads, B.

The impedance values in the circuit ance Z,, the loss in decibels will be
shown in Fig. 14B are nuinerically the found from the following formula:
same, but reversed in position. The .
value of the arm resistor is the same Min. loss db ( /2y + l/ )2
as it was in a left-handed pad, but =~ 10 log
its position has changed. Because of
this, our formulas for computing right-
handed L pads are slightly different
from those used in computing left-
handed L pads. Also, the minimum
loss in decibels will be figured a little Min. loss db ( Z, ;)

Zx

However, when the input impedance
Z; is less than (<) the output im-
pedance Zo, the loss in decibels will
be found from:

differently. The formulas which we — 10 log 7
have already learned for computing L. .
left-handed L pads and their minimum _Designing an unsymmetrical T or
loss are shown in Fig. 14A. pi pad is simply using the proper

. formulas correctly. We will not at-

In a right-handed pad we compute
for R2 angd R3 insteag of R1 andpR3, tempt to show you how the formulas
and the formulas are slightly differ- — derlveq, nor will you be expected
ent. Now the positions of the output :ﬁ mgmto;lzte thei(m. T}E)e ﬁportz}r:t
impedance and the input impedances f 1ng is na dyo}l: nowﬁ (Ziwth useh €
in our formulas are just opposite what (e IEE E1E (0 10 B i L

they are needed.
they were for the left-handed pads. A
You will also notice that the imped- Unsymmetrical T or = Pads. The

ance relationships have been reversed ‘f,o?neula? fﬁr comgl:nt‘";l%i thlerlx:esm;ar;z?
in the minimum-loss formula. CLRIOIRA SO S 2 e B (Ot

Since computing the minimum loss 2V NZ, Zo
is one of the first steps in designing Ry — N —1
any unsymmetrical attenuator net-
work, this change in the minimum-loss Ry = Z; N_+_l) — R,
formula is very important. As shown, N—1
when the input impedance, Z; is 7 N+1
greater than (>) the output imped- Ry = Zo N = 1) — Ra

16



In the formulas, N is used to denote
the power ratio: P; <+ P,. We can
find the value of N once we know our
desired attenuation in decibels using
the formula:

db = 10 logllz
Now let’s use these formulas to

compute an unsymmetrical T pad that
will give us an attenuation of 15 db

Ry9ITA  RpuTT
INPUT R3%36 A ouTPUT
IMPEDANCE M PEDANCE

L J

FIG. 15. Unsymmetrical T pad.

as shown in Fig. 15. The first thing
we must do is determine whether or
not an attenuation of 15 db with
matched impedances is possible in this
circuit. To do this, we compute the
minimum possible loss for matched
impedances. Since our input imped-
ance is less than our output imped-
ance, we use the formula:

Min. loss db I/ Lo —_1)
= 10 log

o5+

—10log (V4 + V4 —1)2
= 10log (2 + V3)?

=10 log (2 + 1.73)2

— 10 log 3.73?

== 10 log 13.9

11.43 db

Since our desired attenuation of 15
db is more than this minimum of
11.43 db, we know that it is possible
to construct the desired attenuator.

Now, we must find the correct value
of N to use. By substituting N in place
of the power ratio in our formula:

db = 10 log II;)' we get:
[+]

db == 10 log N
15=101og N

15
E‘ = logN

1.5 == log N
Checking our log tables, we find that

1.5 is the logarithm of 31.7, which we
can round off to 32.

Now, using our formula for the leg
resistor R3, we find:

2V NZ, Z,
N—1

Rg ==

31

= 36 Q
Next, our arm resistor R, is:
N +1
N— 1) .
3241
32 — 32 — 1

1650
- 3 — 36

- 53 — 36
= 17 Q
And our other arm R, is:

Rl—zl

= 50



N—1
—200(32+'1)—3G

&-mc“”)—m

32 — 1
— 200 X —3‘91’——36

6600
31
= 213 — 36 = 177 0

If we prefer, we can use a pi pad

— 36

R3=274n
r—b O- MV o ~|
INPUT >R =57 n > OUTPUT
IMPEDANCE IMPEDANCE
S0n Rp 588 200.n
e O —0 _J

FIG. 16. Unsymmetrical pi pad.

as shown in Fig. 16. The following
formulas are for computing unsym-
metrical pi pads.

The arm Rj is:

Ry N—11/Ti %

32 — 11/50 X 200
2 32

31 ;10,000

2 32

31 /1

-§ x|
3100 1

=2 X 56

3100

The Icg R, is:

1 (N i
R] Zl l - Rs

32+1) 1

50 32—-1) 274

18

1.3 1
~5 X 31 214
38 1
1550 — 274
= 0213 — 0036 — 0177
1
=570
The leg R, is:
1 ("I + 1) _ 1
R: = Z,\N—_1 Rs
1 33 1
=~ 200 X317
- 38 1
6200 274
= 0053 — .0036
= 0017
1f L — 0017, then Ry — 1 _
R, 0 0017

== 588 Q

Thus, we can construct either a T
or a pi pad that will match unequal
impedances and give us 15 db attenua-
tion. A balanced T (H) pad or a bal-
anced pi (O) pad could be constructed
by splitting the arm resistors and
dividing them between the upper and
lower lines.

VARIABLE ATTENUATORS

The attenuation introduced by an L
pad, a T pad, or a pi pad can be made

Aa Ay

A

O

FIG. 17, The usual style of tapped T-pad
variable attenuator.
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FIG. 18. An approximate T pad using
only two variable resistors.

adjustable by using variable resistors
for the arms and legs. The T pad of
Fig. 8, for example, could be made
with variable R, and Ry values.

If this is done, however, the rela-
tions outlined in the table of Fig. 9
must be maintained or the variable
pad will not have constant input and
output impedances, We could do this
by using taper-wound variable resist-
ances ganged together so that all re-
sistances varied by the proper amount
when one control was operated. How-
ever, this would be quite difficult to
achieve in actual practice because
each resistor would have to be cali-
brated and wound with such precision
that it would become quite costly.

A reasonable, practical design of
the variable attenuator is made pos-
sible by the fact that attenuation does
not need to be continuously variable.
If the variations are made in equal
steps of less than 2 db each, the varia-
tion will appear to be continuous for
most purposes. This allows us to use
a set of fixed resistors and a three-
gang switch as shown in Fig,. 17.

One advantage of using step attenu-
ation in the design of the variable T
pad is that such an arrangement can

be calibrated very accurately. In ad-
dition, the gang switch can be made
with large wiping contacts which will
keep contact noise at a minimum. This
is in contrast to a rheostat or a po-
tentiometer which seldom can be reset
to a given point, and usually has a
high degree of contact noise.

To increase the amount of attenu-
ation in this pad, the values of Ry
must be increased and the value of R,,
must be decreased. For this reason,
then, it is possible to combine one of
the Ra’s with Ry so that the simpler
construction shewn in Fig. 18 can be
used.

In the figure, the right-hand resist-
ance forms the right arm of the T pad,
the upper part of the left-hand re-
sistance forms the left arm, and the
lower part forms the leg. This arrange-
ment is not a true T pad, but only
an approximation since it is not possi-
ble to make the attenuator have ex-
actly constant values of input and
output resistance at all settings.

As shown in the table of Fig. 19,
it varies from 336 to 861 ohis.

It will be noted that the use of this
particular attenuator involves a loss
of 1.9 db at the minimum setting. This
is called the insertion loss of this par-
ticular device.

Decade Attenuator Pads. Suppose
we have need for an attenuator ad-
justable in one decibel steps from 0 to

Switch Input db
position Resistance Loss
1 336 1.9
2 432 3.5
3 522 5.0
4 605 6.5
] 680 7.9
6 748 9.3
7 808 10.8
8 861 124

FIG. 19. Input resistance and db loss of
the approximate T pad for each switch
point.
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FIG. 20. A decade attenuator adjustable
in 1 db steps from 0 to 50 db, designed
for a source-load impedance of 1 ohm.

50 that maintains perfect impedance
matching at all settings. We could, of
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FIG. 21, The bridged-T is a true sym-
metrical pad with only two variable re-
sistors.

course, design a conventional T pad
having 50 steps, but this would be
expensive and awkward to use.

A better method would be to build
two attenuators, one having four steps
of 10 decibels each, and the other
having ten steps of 1 decibel each.
Then, if these are constant-impedance
pads, they can be connected in tandem
so that the separate attenuations will
add. Thus, one knob controls the tens,
and the other controls the units of
attenuation. Such an arrangement is
called a decade attenuator.

The design for such a decade at-
tenuator is shown in Fig. 20. This
decade pad is designed to work be-
tween a source of 1 ohm and a load
of 1 ohm. To find the values for any
other source and load impedance, sim-
ply multiply the value shown along-
side each resistor by the impedance Z.

The Bridged T. A modification of
the T pad, of considerable importance
because it requires only two variable
resistors, is shown in Fig. 21. This is
known as the bridged T. It is a sym-
metrical attenuator having two fixed
arms, bridged from input to output by
a variable arm, and a variable leg.

The resistances of the fixed arms
R, are always equal to the input-out-
put impedance Z. The bridge and leg
resistors Ry and Ry, are related to the
impedance Z in this way:

Ry =B X Z and
Ry =L X Z.



The multiplying factors, B and L,
can be determined from the table in
Fig. 22. Pay particular attention to
the arm and leg factors for 6-db at-
tenuation. Both are almost exactly
equal to 1. This means that 6 db of
attenuation can be obtained at any
impedance by connecting four resis-
tors, all equal to the impedance, in a
bridged T. Any other degree of at-
tenuation can be obtained by chang-
ing Rg and R, to the proper values.

You have seen how networks can
be designed to give impedance-match-
ing with minimum attenuation, or to
give a desired amount of attenuation.
Now let’s look at some networks de-
signed to correct uneven attenuation

Attenu- | Bridge-arm | Leg
ation factor | factor
db B | L
0 | 0 | ©
1 0.122 8.20
2 | 259 3.86
3 | 413 2.42
4 585 1.71
5 778 1.285
6 995 1.005
7 1.239 0.808
8 1.512 661
9 % 1.818 | 550
10 2,162 462
20 ‘ 9.000 Jd11
30 30.62 0326
40 99.00 0101

FIG. 22. Muliiplying factors for design
of the bridged.T.

or phase shift at different frequencies.
These are called “equalizers.”

Equalizers

Transmission lines and certain types
of equipment ordinarily introduce a
certain amount of distortion in a sig-
nal because of unequal attenuation
and phase shift at the various fre-
quencies. It would be extremely diffi-
cult to design lines and equipment
that would always provide a distor-
tion-free signal. The more practical
solution is to use compensating net-
works to introduce additional attenua-
tion or phase shift so that all frequen-
cies will be affected in substantially
the same manner.

LINE EQUALIZERS

Long lines (such as telephone lines
or cables) ordinarily attenuate high
frequencies ore than the low fre-
quencies. Capacitance between the
wires acts like a capacitor connected
across the line ahead of the load,
shorting out the high frequencies. A
crude form of compensation could be
obtained by connecting a capacitor in

21

series with the line to partially block
the low frequencies while passing the
highs. A more practical arrangement
uses an inductance-resistance combi-
nation shunted across the line to cause
an equivalent loss of the low frequen-
cies and balance the response.

Such an arrangement is the Western
Electric 23A Equalizer shown in Fig.
23. As you can see, it consists of a
coil and a capacitor in parallel, and
a tapped series resistance. The com-
ponents are mounted in an aluminum-
finished metal box, and the resistor
taps are brought out to terminals at
one end of the box, so any needed
value of resistance can be selected.

It can be easily adjusted to an un-
loaded line with ordinary station
equipnient. Suppose it is to be ad-
justed to a circuit consisting of the
sending-station line amplifier, repeat-
ing coil, (which is an impedpance-
transforming device similar to a trans-
former), transmission line, receiving-
station repeating coil, and recgiving-



FIG. 23. The Western Electric 23A equalizer.

station line amplifier as shown in Fig.
24,

VU meters are connected across the
line following the sending and receiv-
ing line amplifiers, and the receiving
amplifier is terminated in a 600-ohm
load. An attenuator pad is used ahead
of the repeating coil at the sending
end to prevent cross-talk or interfer-
ence with other lines in the same
cable. Another attenuator is used at
the receiving end to avoid overloading
the amplifier. To see what values of
resistance to use in the equalizer, the
output of a variable-frequency oscil-
lator is fed into the sending amplifier,
and the loss at 1000 cycles and 8000
cycles noted.

Then the equalizer is connected
across the line side of the receiving
repeating coil, but an adjustable re-
sistance box is connected in place of
the tapped resistor in the equalizer.
That is, terminal 2 of the equalizer is
connected to one side of the line. The
resistance box is connected between
terminal 4 of the equalizer and the
other side of the line. Terminal 1 of

the equalizer is left open. Various re-
sistance values are tried (using the
resistance box) until the loss is ap-
proximately the same at 1000 and 8000
cycles. Then the resistance box is re-
moved and the portion of the fixed
resistance in the equalizer with a
value closest to that determined by
experiment is connected in its place.
This is done by connecting terminal
1 to the line from which the resist-
ance box was removed, and moving
the lead from the L-C combination
from terminal 4 to the proper ter-
minal. For example, if 12 or 13 ohms
is needed, the lead would be moved
from terminal 4 to terminal 7, since
the resistance from terminal 7 to ter-
minal 1 is 12.5 ohms, which is as close
as we can get.

For temporary lines or intermittent
service where a permanent installa-
tion is not justified, an adjustable
equalizer such as the Western Electric
279A equalizer panel shown in Fig. 25
can be used to connect it to any one
of several lines as the occasion re-
quires.

SENDING CANB(i.NE. L‘gagsg RECEIVING

VOLUME
INDICATOR

VAR. FREQ LINE AMP 600-OHM

0SC. WITH “"ENADMP' (,3’,‘,3, REPEATING \ REPEATING PAD OR AND TERM.
OUTPUT GAIN 600:600 coiL o GoIL ADJUSTABLE | GAIN LOAD

ccliﬁ'}’%l CONTROL 4:) 1:4 AT TENUATOR CONTROL || | FOR AMP

YOLUME
INDICATOR

EQUALIZER

FIG. 24. Setup for equalizing a line.
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PICKUP EQUALIZERS

Another way in which equalizers are
used is to compensate for the electro-
dynamic characteristics of phonograph
and tape pickups. They are also used
to compensate for the particular re-
cording curve used in making records.
These are called pickup equalizers.

Recording methods may be divided
into two general classes: constant-ve-
locity and constant-amplitude. When
a record is cut, the stylus in the cut-
ting head cuts a groove in the record.
When no signal is applied, the groove
forms a perfect spiral. When a signal
is applied, the stylus moves in a
transverse (side to side) direction,
making a slight wiggle in the groove.

When a signal of constant ampli-
tude is applied to a constant-velocity
cutting head, the transverse velocity
of the stylus is constant regardless of
frequency, but the displacement from
side to side decreases with frequency.
With a constant-amplitude cutting
head, the transverse displacement of
the stylus is constant (for tones of
constant amplitude), but the trans-
verse velocity of the stylus varies di-
rectly with the frequency.

Just as cutting heads can be di-
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vided into two types, record pickup
heads may also be divided into two
classes, “velocity-operated” and “am-
plitude-operated.” In a velocity-oper-
ated pickup, the output signal is gen-
erated by changing the flux of a per-
manent magnet as it passes through a
coil. Different types of heads (mag-
netic, dynamic, variable reluctance)
accomplish this in slightly different
ways, but the operating principle is
the same.

The voltage generated is propor-
tional to the rate at which the flux
changes, and the flux is changed by
the movement of the stylus. Thus, the
signal voltage generated is dependent
on the speed of the stylus. This pickup
is the natural opposite of a constant-
velocity recorder. If a constant-level
signal is recorded, a constant-level
output is obtained.

The output of an amplitude-oper-
ated pickup is constant for constant
groove undulation (side to side dis-
placement) amplitude. Common am-
plitude-operated pickups are the crys-
tal and ceramic types. These operate
on the piezo-electric effect, generating
a voltage by the physical distortion of
a crystal. A constant-amplitude signal
recorded with a crystal cutter will be
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FIG. 26. A, variations of magnetic-cutter stylus displacement with frequency. B, out-
put voltage of magnetic pickup on constant-velocity recording. C, output voltage of
crystal pickup on constant velocity recording.

reproduced as a constant output volt-
age when played back through a crys-
tal pickup. A constant-amplitude sig-
nal recorded with a constant-velocity
cutter will be reproduced as a voltage
which falls off at the rate of 6 db per
octave as the frequency is increased.
Fig. 26A shows how the undulation
amplitude varies with frequency in a
constant-velocity record for tones of
equal signal level. When a magnetic
play-back head is used, the amplitude
of the output signal is the same at all
frequencies as shown in Fig. 26B, but
with an amplitude-operated pickup,
the voltaze falls off as in Fig. 26C.
Fig. 27A shows the variation in
stylus displacement with frequency for
tones of equal amplitude when re-
corded with a constant-amplitude re-
cording head. If the record is played
back through a constant-amplitude
pickup, the output voltage is the same
at all frequencies as shown in Fig.
27B. If played back through a con-

stant-velocity pickup, the output is as
shown in Fig. 27C.

Recording Curves, In actual prac-
tice, both constant-velocity and con-
stant-amplitude characteristics are
used on parts of any record. When
attempts were made to extend the
high-frequency range of recordings,
difficulty was experienced in keeping
the high-frequency notes from drop-
ping down to the noise level. Also,
with constant-velocity recording, the
stylus sometimes cut into the next
groove when a loud, low note was re-
corded. These problems were solved
by pre-emphasizing the highs and de-
emphasizing the lows during record-
ing, and using equalizers in the play-
back amplifiers to make the necessary
compensation.

The only trouble with this arrange-
ment was that there was no agreement
between companies as to exactly what
system to use, that is, how much pre-
emphasis was necessary or at what
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FIG. 27. A, crystal cutter stylus displacement variation with frequency for constant

signal level. B, voltage output variation when record (in A) is played back through

crystal pickup. C, output voltage variation when same record is played through
magnetic pickup.
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frequency it should start, etc. Various
techniques were tried, and several re-
cording curves were developed. As a
result, it was very difficult to design
playback amplifiers to reproduce all
records satisfactorily with any type of
pickup. Recently, the Recording In-
dustries Association of America
adopted a standard curve and recom-
mended it to the entire recording in-
dustry. The RIAA curve, shown in
Fig. 28, is identical to the NARTB
(National Association of Radio and
Television Broadcasters) curve and
also to RCA’s Orthophonic curve. The
Audio Engineering Society has recom-
mended it as a replacement for their
AES curve. Nearly all the major rec-
ord manufacturers now use this curve
on their new records.

' Equalizer Circuits, For best pos-
sible frequency response, a pickup
must be terminated correctly at the
input of the amplifier. The ideal pick-
up and termination would give a flat
frequency response over the entire

audio range.

Fig. 29 shows the equivalent circuit
of a ceramic cartridge and its termi-
nation. The pickup can be thought of
as a generator and a capacitor in se-
ries, and the load as a resistance and
a capacitor in parallel. When the two
are connected, an RC voltage divider
results. At low frequencies, the react-
ance of C is so high it can be ignored,
as in Fig. 29B, but its effects increase
as the frequency goes up, as shown in
Fig. 29C.

For any given pickup, C is fixed, as
it depends on the cable length and the
amplifier construction, so R is the only
part that can be varied. Fig. 29D
shows how varying R affects the out-
put.

Tle equivalent circuit of a magnetic
pickup and its termination is shown in
Fig. 30A. This circuit contains induc-
tance, capacitance, and reactance and
acts as a damped resonant circuit. If
R, is too large, the output will have
resonant peaks at frequencies deter-
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FIG. 29. A, B, C equivalent circuits of ceramic cartridge and termination; D, change
in output with change in terminating resistance.

mined by the values of L and Cs. If range is obtained by keeping the cable
Ry is small, Cg is effectively shorted capacitance small and Ry high.

and the inductance will cause the Fig. 30B shows a crystal pickup
highs to fall off. Using a longer cable and its termination. The output of a
would cause Cg to increase, and there crystal cartridge falls off rapxdly at
would be resonant peaks at a lower high frequencies. R; and C in series
frequency. If Ry is reduced to com- with Ry correct for this. At low fre-
pensate for this, the high-frequency quencies, capacitor C has little effect
output is reduced. The best frequency on the signal appearing at the output.
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FIG. 30. Equivalent circuit and input termination for A, magnetic, and B, crystal
pickup.
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FIG. 31. The RCA MI-11888 pickup

equalizer.

As the frequency goes up, the react-
ance of C goes down. This reduced re-
actance shunting resistor R; increases
the signal at the output.

Turntable Equalizers. A typical
equalizer for use with a broadcast
turntable is shown in Fig. 31. This is
the RCA MI-11888, designed to work
with the RCA Type 70 Series turn-
table and the BQ-2A turntable, and is
for use only with the MI-11874-4
pickup head.

The equalizer is mounted inside the
turntable cabinet in the right-hand
front corner, where it will be con-
venient for use by the operator.

Three settings of the equalizer are
provided. In the diagram, the switch
is shown in the “normal” position.
When it is desired to accentuate the
highs, the switch is moved to the
“4+Highs” position, which removes
some of the shunt capacitance from
the circuit. When the opposite effect
is desired, the switch is thrown to the
“—Highs” position, which adds shunt
capacitance to the circuit.

The response curves for the differ-
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FIG. 32. Frequency response curves for
the MI-11888.
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ent settings of the equalizer switch are
shown in Fig. 32.

TAPE SYSTEM EQUALIZERS

There are a number of factors that
influence the frequency response of a
record and play-back tape system.
Fig. 33 shows the response curves for
two standard tape speeds—15 inches
per second and 7.5 inches per second.
The slower-moving tape has the poorer
high-frequency response. This is be-
cause, when a signal is recorded on a
magnetic tape, the particles of the
coating form many very small areas
which act like tiny magnets having
north and south poles. The slower the
tape moves past the recording head or
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FIG. 33. Response of a record playback
head.

the higher the frequency of the ap-
plied signal, the shorter the magnetic
bars become. This causes a canceling
effect between the opposite poles,
which reduces the magnetism induced
in the tape.

Another cause of high-frequency
loss is that the recording head is large-
ly inductive. Thus, it has more imped-
ance at high frequencies, decreasing
the strength of the magnetic field be-
tween the pole pieces.

When the tape is played back, the
voltage induced in the play-back coil
varies with the rate of change of the
flux lines. A high-frequency tone of
the same amplitude occupies a shorter
length of tape than a lower-frequency
tone of the same amplitude. Thus, the



FIG. 34. Circuits for pre-emphasis.

change of flux lines is at a faster rate
at higher frequencies (or a faster
speed) than at a low frequency (or a
slower speed).

To get a linear frequency response
in a tape-recorder system, equalizing
networks are necessary to boost the
amplitude of the frequencies at both
the high and low ends of the audio
range. The usual practice is to boost
the highs in the recorder and the lows
(and sometimes also the highs) in the
play-back amplifier. The former is
called pre-emphasis and the latter,
post-emphasis.

Pre-Emphasis. Two typical pre-
emphasis circuits are shown in Fig. 34.
In Fig. 34A, capacitor C, is in series
with the recording head across the
output of the amplifier tube. The re-
actance of C, decreases as the fre-
quency increases, so a high-frequency
signal will produce a higher current
flow in the coil of the recording head
than a low-frequency one will.

In Fig. 34B, a series-resonant cir-
cuit in the amplifier cathode cireuit is
used, At low frequencies, a degenera-
tive voltage is developed across re-
sistor R, feeding an out-of-phase sig-
nal to the grid, decreasing the gain.

At higher frequencies, coil L; and
capacitor C, (or C, and C, in parallel)
have an increasing shunting effect on
resistor R, decreasing the feedback,
and the gain goes up. Capacitors C,
and C, are connected in parallel for
high tape speeds, but the switch is
opened at low speed.

Post-Emphasis. Two typical post-
emphasis circuits are shown in Fig.
35. In Fig. 35A, the bass response is
boosted by the series network con-
sisting of capacitor C, and resistors
R, and Rj. The reactance of C: is so
high at low frequencies that the series
network of C, and R. has no shunt-
ing effect, and the lows pass unattenu-
ated to the grid of the next stage. As
the frequency goes up, the shunting
effect of the two components increases,
and a lower proportion of the high-
frequency signal appears at the grid.
Capacitor C; is an adjustable treble
control used to correct for the very-
high-frequency losses in a tape re-
corder system. At the higher frequen-
cies, C; shunts some of the highs
around R; and on to the grid.

In the circuit shown in Fig. 35B,
the middle range of frequencies is fed
back to the input circuit through re-
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FIG. 35. Post-emphasis circuits.



sistor R; and capacitor C;. There is
no feedback of lows because of the
rising capacitance of capacitor C;. The
feedback reduces the gain so the gain
decreases with an increase in fre-
quency.

The values of resistor R, and ca-
pacitor C; can be chosen to give a
small amount of boost at very high
frequencies. If C, is small, its low re-
actance at very high frequencies pre-
vents cathode feedback and increases
the high-frequency gain.

These are only some of the many
uses for equalizers in broadcast serv-
ice. Equalizers and filters, which we
will take up in the next section of this
text, are used to extend the frequency
range of a sound system, to add sound
effécts without the use of mechanical
apparatus, to remove undesirable
sound effects, to improve tonal quali-
ties resulting from pcor acoustical lo-
cation, and to compensate for varia-
tions in system response, acoustical
conditions, and program material.

Filters

Basically, filters consist cof an ar-
rangement of reactive components that
will respond in certain predetermined
ways to different frequencies. Filters
can be designed to pass low-frequency
signals and block signals at high fre-
quencies. Others can be designed to
pass high frequencies and block low
frequencies. Still others may either
pass or block certain definite bands
of frequencies. A fundamental rule is
that a network cannot act like a filter
unless it contains some reactive com-
ponent, such as a coil or capacitor,
that changes its reactance with fre-
quency.

BASIC FILTER CIRCUITS

The operation of the filter depends
not only upon the components used,
but also on the values and circuit ar-
rangements of the parts. Filter ele-
ments can be connected in series with
the load or in parallel with the load.
Let us see what effcet these connec-
tions have.

High-Pass Filter. A capacitor in
series with the load, or a coil in paral-
lel with the load, as shown in Fig, 36A,
forms a simple high-pass filter. At low
frequencies, the current is blocked
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from the load by the capacitor or
shorted around the load by the coil.
As the frequency increases, more and
more current is passed by the capaci-
tor and reaches the load, or if a coil
is used, the coil reactance goes up as
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FIG. 36. Types of filters.



the frequency increases and more of
the current is forced through the load.
Low-Pass Filter. If we put the ca-
pacitor in parallel with the load or
the coil in series with the load as at
B, the effect will be reversed, and we
will have a low-pass filter.
Band-Pass Filter. Suppose we use
both a coil and a capacitor as in Fig.
36C. If we put them in series with the
load and each other we will have a
band-pass circuit. Now, low frequen-
cies will be blocked by the capacitor,

resonant, and act like a high imped-
ance and the current will flow through
the load.

Band-Stop Filter. Band-stop filters
are shown in Fig. 36D. When the coil
and capacitor are connected in parallel
with each other and placed in series
with the load, current reaches the load
through the capacitor at high frequen-
cies and through the coil at low fre-
quencies. At resonance, the blocking
action of the circulating current in the
resonant circuit prevents current from
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FIG. 37. Basic low-pass L filter, A; filter
response curves, B.

and the higher frequencies will be
blocked by the coil. However, at some
intermediate frequency, the inductive
and capacitive reactance will be ex-
actly equal and opposite, the cireuit
will be series resonant and will pass
current. This is a band-pass filter be-
cause a small band of frequencies
about the resonant point will be
passed. If we put the two in parallel
with the load, low frequencies will be
bypassed around the load by the coil,
and high irequencies by the capacitor.
At some frequency the two will be
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reaching the load. If they are con-
nected in series with each other across
the load, at resonance the current will
be shorted around the load. Above and
below resonance, either the coil or the
capacitor will block the current and
force it through the load.

These four basic circuits (low-pass,
high-pass, band-pass, band-stop) il-
lustrate the principles of filtering, but,
in actual practice, we have to con-
sider the sharpness of the cut-off ac-
tion and the effect of the filter on the
impedance relationship. For this rea-
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son, most practical filter circuits are
combinations of the principles we have
discussed. One of the simplest of these
is the L filter.

L Filter. Let’s see why the circuit
in Fig. 37 gives an improved response.
Either the coil or capacitor alone
forms a low-pass filter. With either
one alone, the current in the load will
decrease as the frequency goes up un-
til, finally, at some high frequency
practically no current reaches the
load. By using both components, we
get the benefit of two effects. If the
values are chosen properly, at the
cut-off frequency the coil will begin
to block quite a lot of current and the
capacitor will begin to pass a sub-
stantial amount of current. Thus, the
coil blocks some of the current and
the capacitor passes some that gets
through the coil, and we have a
sharper response curve as shown by
curve B in Fig. 37B.

The high-pass filter shown in Fig.
38 also combines capacitance and in-
ductance in an L-type filter arrange-
ment. Notice that in the circuit in
Fig. 38A, we use a series capacitor and
a shunt coil to provide a sharper at-
tenuation than we would get by using
either component by itself. The re-
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sponse curves are shown in Fig. 38B.

Band-pass and band-stop filters can
also be improved by arranging the
components in an L network. In Fig.
39 we show the network and the curves
for a band-pass filter. If the series-
resonant and the parallel-resonant cir-
cuit shown in Fig. 39A are designed to
resonate at the same frequency, the
cut-off will be quite sharp as shown by
the curves in Fig. 39B. This will re-
sult in a highly discriminating filter
and a very narrow band of frequencies
will be allowed to pass.

However, if we make the two cir-
cuits resonate at slightly different fre-
quencies, we can broaden the pass-
band as shown by the curves in Fig.
39C. Here, all the frequencies between
the resonant frequency of the series
circuit, denoted by f,, and the resonant
frequency of the parallel circuit, de-
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FIG. 39. L-type band-pass filter, A; sharp
cut-off, narrow-band with arm and leg
resonating at same frequency, B; sharp
cut-off, wide-band with arm and leg reso-
nating at different frequencies, C.
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noted by fz, will be passed while all
others will be rejected.

Similarly, a band-stop filter can be
made by using the L networks shown
in Fig. 40A. Notice that now the par-
allel resonant circuit is in series with
the load and the series resonant cir-
cuit is in parallel with the load. When
the parallel circuit resonates, it will
tend to block current to the load. When
the series circuit resonates, it will tend
to short any signals away from the
load. If the two circuits are designed
to resonate at the same frequency, a
narrow band of frequencies will be
stopped as shown by Fig. 40B. If there
is a difference in their resonant fre-
quencies, the stop band will become
wider as shown in Fig. 40C.

Although L pads can be designed to
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give sharp cut-off characteristics and
provide almost any type of filtering
action, they are unsymmetrical. In
many filtering applications, it is very
important to have the impedance
matching in both directions. In such
cases symmetrical filters must be used.

The low-pass L section shown in
Fig. 37A can be made into a sym-
metrical T section by splitting the in-
ductance L in two, and placing one
half on each side of the shunt capaci-
tor C. The same L section can be
changed into a symmetrical pi section
by using two capacitors of half the
former capacity, and locating one at
each end of the inductance.

In a similar manner, the band-pass
and band-elimination L sections can
also be made into symmetrical T or pi
sections. A summary of the more com-
mon filter section forms, together with
their attenuation characteristics, is
given in Fig. 41.

MULTI-SECTION FILTERS

Now that we know that symmetri-
cal filter sections “repeat’ the load re-
sistance for their input impedance, it
is obvious that we can operate several
filter sections in tandem. Thus, if we
have three low-pass T sections, each
designed for an impedance, let us say
of 500 ohms, we can arrange them as
shown in Fig. 42A. Here the second
section acts as the load impedance for
the first, and the input impedance of
the last section is the load for the sec-
ond filter section.

We may continue this arrangement
for almost any number of sections. In
all cases, however, the generator still
works into & 500-chm input imped-
ance, and the impedance at the output
continues to match the 500-ohm load.

Since the individual attenuations
add, the tandem arrangement will at-
tenuate the unwanted frequencies
roughly three times as much as an in-
dividual section, while the wanted fre-
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FIG. 41. The most common forms of L, T, and pi sections with their attenuation
characteristics for low-pass, high-pass, band-stop, and band-pass filters.

quencies pass with little loss, and the
overall response is improved. The two
coils in series can be replaced by a coil
of twice the inductance, as shown at B.

We may continue this arrangement
for almost any number of sections. In
all cases, however, the generator still
works into a 500-ohm input imped-
ance, and the impedance at the output
continues to match the 500-ohm load.

In precisely the same manner, high-
pass, band-pass, and band-stop multi-
section filters can be made. Wherever
two arm capacities appear in series,
however, the effective capacity is cut
in half. These two capacitors, there-

fore can be replaced by a single ca-
pacitor. Where two coils appear in
series, they can be replaced with a sin-
gle coil of twice the inductance.

In cases where it is necessary to pre-
sent a very high attenuation to one
band of frequencies and, at the same

L LN B R B 3
Lt 1O T T 2
g R Y% L L Ly . 4
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FIG. 42. Three low-pass T sections con-
nected in tandem.

33



L

O t

—0

g
3
w
@
fe! FREQUENCY
8
:
I
T
§ '
3 |
& |
% !
DA FREQUENCY

FIG. 43. A prototype section with high attenuation far from cut-off, and a derived
section, with high attenuation close to cut-off, when put in tandem make a composite
filter with a very sharp cut-off, and a high attenuation over the entire stop band.

time, pass an adjacent band of fre-
quencies with little loss, we must use
a filter with a sharper cut-off charac-
teristic.

M-Derived Filters. Let us look at
Fig. 43A. This is an ordinary low-pass
T section, sometimes called a “con-
stant K filter,” with an attenuation
characteristic like that shown in Fig.
43B. Since this is a basic filter section,
it is often called a “prototype.”

It is called a constant-K filter be-
cause of the fact that the product of
X, and X is constant at all frequen-
cies. For example, at some frequency
X. may be 200 ohms, and X may be
50 ohms, and the product of the two
is 10,000. At twice the frequency, X
is 400 ohms, and X is 25 ohms and
the product (the constant K) is still
10,000.

Let us modify the inductance and
capacitance values of this prototype
section so that an additional induc-
ance L, can be placed in series with
the capacitance C,, as illustrated in
Fig. 43C. If done properly, this does
not change the section cut-off fre-
quency, and it does not alter the re-
sponse in the pass band.

In the attenuation band, however,
we find that a startling change occurs.
Since L, and C; form a series-resonant

circuit, the section is “shorted out” at
one frequency, and its response drops
nearly to zero. This means that at one
point in the stop band the attenuation
is very high, reaching, theoretically, to
infinity. In practical circuits, the at-
tenuation does not reach infinity be-
cause of losses in the coil, but the re-
sponse of such a section has a peak
of great attenuation, as illustrated in
Fig, 43D.

In choosing the value of L;, C,, and
L, in the so-called derived filter,
shown in Fig. 43C, a factor is used in
special formulas to calculate their
values. This factor, called the “M”
factor, is determined by another
formula based on how sharp the cut-
off is to be. Since it is the sharpness
of cut-off, or “M” factor, that de-
termines the value of all L, and C val-
ues in a derived filter, this arrange-
ment is called an “M-derived” filter.
Thus, an M-derived filter is one hav-
ing infinite attenuation at some spe-
cific frequency, producing a sharper
cut-off than a standard filter.

An M-derived section cannot be
used alone, since after the infinite at-
tenuation frequency, f 0, is passed, the
attenuation again drops to a low val-
ue. If, however, we connect a prototype
and a derived section together in tan-



dem, we realize a greatly improved
filter performance. This means that we
add the curve of Fig. 43B to that of
Fig. 43D to get an over-all response
like that shown in Fig. 43E.

Note that not only is the attenua-
tion relatively high over the entire
stop band, but also that the cut-off
characteristic is much sharper. Notice
also that the losses in the pass band
near the cut-off frequency have been
held to a minimum, which is impos-
sible to realize by merely adding
simple prototype sections together.

Fig. 43C does not represent the only
practical type of derived filter section.
The low-pass pi-section prototype in
Fig. 44A, for instance, can be modi-
fied to appear as the derived section
in Fig. 44B. The added capacitor C,,
in conjunction with coil L;, now forms
a parallel-tuned circuit, which at its
resonant frequency serves to block the
flow of current through the section.
Here again, the result is an infinite-
attenuation frequency in the stop
band.

In constructing a multi-section fil-
ter, it is possible to use several derived
sections. Furthermore, if different M
values are used for each derived sec-
tion, a separate infinite attenuation
frequency for each section is obtained.
In this way the over-all filter-response
characteristic can have an extremely
sharp cut-off, and very high attenua-
tion at all points in the stop band. In
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FIG. 44. A prototype low-pass pi section,

and the corresponding M-derived section.

Where the parallel-tuned circuit is reso-

nant, the derived section has infinite at-
tenuation,
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general, filters that are made up of a
prototype and one or more derived
sections are called “composite” filters.

INPUT-OUTPUT IMPEDANCE

Earlier we stated that symmetrical
filter sections like the T and = sections
in Fig. 41, possess input impedances
that are nearly equal to the respective
load resistances. Let us investigate
this statement further.

Any symmetrical filter section has
a characteristic or “iterative” imped-
ance that is determined entirely by
the values of inductance and capaci-
tance. It is only when the load resist-
ance is made equal to this inherent
characteristic impedance that the in-
put impedance of a filter assumes an
wdentical value. In other words, for
proper filter performance, it is desir-
able that we use source and load im-
pedances that match the impedance of
the filter itself.

Unfortunately, the characteristic
impedance of a simple prototype filter
section is not constant with frequency.
Look at the low-pass T section in Fig.
41 to see why this is so. In the input
terminals, the left-hand inductance
arm L;/2, and the shunt capacity C.,
together form a series-resonant cir-
cuit. Since these two are in resonance
at the section cut-off frequency, the
input impedance drops to a very low
value at this point. In Fig 45, the
solid curve shows how the characteris-
tic impedance of a low-pass T section
decreases rapidly from a nominal val-
ue for low frequencies to a theoretical
zero value at the cut-off point.

On the other hand, the low-pass pi
section in Fig. 41 resembles a split-
capacitor parallel-tuned circuit, and it
behaves like a parallel resonant cir-
cuit. For low frequencies, the section
has a nominal characteristic imped-
ance. As the frequency is raised, the
input impedance increases, and at the
cut-off point where the elements are
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FIG. 45. The characteristic impedance of

a prototype T section drops to zero at

the cut-off frequency, and that of a pi
section rises to a very high value.

resonant, the impedance approaches an
infinite resistance. The dotted curve
in Fig. 45 shows this typical imped-
ance change for a pi section.

Although these two filter sections
may have identical attenuation char-
acteristics, their impedance variations
are strikingly different. In general, it
may be said that the impedance of
any T section drops nearly to zero at
a cut-off point, and that of any pi sec-
tion rises to a very high value.

How can we match a source and load
to a filter if the characteristic imped-
ance of the filter varies so widely over
the pass band?

In a great many filter applications
where it is not necessary to work very
close to the cut-off frequency, the
change of filter impedance is not seri-
ous. In such cases, the impedance
variation is ignored, and the source
and load impedances are chosen to be
equal to that of the filter at frequen-
cies far removed from its cut-off fre-
quency. This gives fair filter perform-
ance.

Under these conditions, however, the
mismatch at cut-off substantially de-
creases the cut-off sharpness. For more
accurate work, it is necessary to find
a better method of matching the chang-
ing filter impedance. This is done by
a spectal type of T section to match a
T section, or a special type of pi sec-

tion to match a pi section, called “half
sections.”

Terminating Half-Sections. Filters
can be conveniently terminated by
means of what are called half sections.
Examples of half sections and how
they perform are shown in Fig. 46. In
A, we have shown the development of
a half-section T. This filter is devel-
oped by dividing the T into two
halves. Notice the value of the leg in
the half sections is 2Z,, because the
two impedances 2Z, in parallel would
have a value equal to Z,, the imped-
ance in the full T section.

Looking into terminals 1 and 2 of
the left half of the T, we see the same
basic arrangement as in the full T sec-
tion. However, looking into the termi-
nals 3 and 4 of the left side, the half
section looks like the output of a « sec-
tion filter.

Similarly, looking into terminals 1

O TFILTER O riFiLTER
COMPLETE FILTERS
Z z, Z,
] 3 i 3
T —» - T M—> - T
Zz 22
2 4 2 4
HALF SECTIONS
LEFT SIDE
b 3 } Zir2 3
T —» - TT M - T
22, Z2
2 4 2 4
RIGHT SIDE
\ z, RS SI0% Zy/2 3
m— - T T —o -—TT
22, Zz
2 4 2 4

FIG. 46. How half-sections are developed
from a T section (A) and a pi section
(B).
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