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HIGH STABILITY TELEVISION SYNCHRONIZATION GENERATOR 

Francis T. Thompson 

Westinghouse Research Laboratories 
Pittsburgh 35, Pennsylvania 

Abstract 

A method for obtaining a new order of phase 
stability in frequency dividers is described. 
The output of a high frequency crystal oscillator 
is sampled in order to obtain an output corres¬ 
ponding to a half cycle of a high frequency 
reference. The application of this method to 
television results in accurately phased horizon¬ 
tal and vertical synchronization pulses. This 
method is particularly applicable to television 
systems which utilize dot Interlace. 

Problem 

The function of a television synchroniza¬ 
tion generator is to provide timing pulses which 
assure that the picture Information will be 
displayed in the correct location. The timing 
accuracy that is required depends upon the 
particular television system that is being used. 
The greater the number of picture subdivisions 
employed, the higher the required timing 
accuracy. 

In conventional monochrome television, two 
timing signals are required: the horizontal 
synchronizing pulse which controls the starting 
of each line and the vertical synchronizing 
pulse which controls the starting of each field. 
The NTSC monochrome television standards specify 
that the time interval between the leading edges 
of successive horizontal pulses shall vary less 
than 0.5 percent of the average interval. 1 The 
tolerance of the vertical synchronization repe¬ 
tition frequency, nominally 6o cycles, is wide 
enough to allow the 60 cycle power frequency to 
be used as a reference for the system. In 
order to achieve good interlace it Is desirable 
that the time between successive vertical pulses 
vary less than 10 microseconds or 0.06 percent 
of the average vertical interval which is 262.5 
times the average horizontal interval. This 
relationship may be alternately expressed as a 
phase relationship between the vertical and 
horizontal synchronizing signals. 

The Introduction of the color subcarrier in 
compatible color television necessitated more 
accurate control of the timing signals. The 
frequency specification of the color subcarrier 
5-5795**5Mc* 0.0003^, is necessary to assure 
proper operation of color reference oscillators 
in color receivers.2 This frequency forms the 
reference for the timing pulses in compatible 
color, thereby precluding the possibility of 

synchronization with the 60 cycle power fre¬ 
quency. In order to obtain interlacing of 
luminance and chrominance information, the color 
subcarrier frequency was chosen to be an odd 
multiple of one-half the horizontal line fre¬ 
quency (U55/2). This relationship reduces the 
degradation of the luminance signal caused by the 
chrominance signal because a 180 degree phase 
shift of the chrominance signal occurs between 
successive scans of Identical areas. The can¬ 
cellation of the dot pattern caused by the 
chrominance signal occurs at a 30 cycle rate if 
the phase relationship between the color sub¬ 
carrier and the horizontal synchronizing pulse is 
accurately maintained. A phase shift of 0.8 
degrees at 1573^ cps in the horizontal synchron¬ 
izing pulse during this 1/30 sec. will cause the 
dot pattern to be reinforced, rather than can¬ 
celled. 

The requirement for proper phasing between 
the horizontal qnd vertical synchronizing pulse 
to achieve good vertical Interlacing remains the 
same as in monochrome television. 

Television systems which use a higher order 
of interlace to achieve high definition require 
an even greater timing accuracy. A high defini¬ 
tion system which provides 1016 horizontal 
picture elements and 1050 vertical picture 
elements^ samples the video presented on a single 
line during a single field into 25H dots. The 
other 762 dots are placed in between these 25*+ 
dots during subsequent fields. In order to 
achieve good Interlace of these dots, It is 
desirable that the phase of the horizontal 
synchronizing pulse vary less than 0.12 degrees 
at I5.7 he with respect to the phase of every 
25^th dot. This requires that the interval 
between horizontal, pulses be maintained to with¬ 
in .02 microseconds. The timing of the vertical 
synchronizing pulse must be twice as accurate as 
in conventional television, since a vertical 
interlace ratio of four is used. 

The synchronization generator, which is 
described in this paper, was developed in con¬ 
junction with the dot interlaced television 
system described above. The principles are 
applicable to synchronization generators in 
general. 

Timing inaccuracies in a television system 
are caused by inaccuracies in the transmitter 
and the receiver. It is economically desirable 
to provide more accuracy in the transmitter so 
that most of the allowable tolerance may'be 
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employed at the receiver. 

Stability 

The timing accuracy required in dot inter¬ 
lacing television systems dictates the use of a 
highly stable frequency reference. A tempera¬ 
ture-controlled crystal oscillator provides a 
very satisfactory reference. It will be assumed 
in the discussion that follows that this refer¬ 
ence frequency remains perfectly constant during 
the period of time required to complete an inter¬ 
laced picture. 

Stability of the timing signals produced by 
the synchronizing generator will be divided into 
the following two classes: frequency stability 
and phase stability. Although they are related 
by a time derivative, they will be defined for 
the purpose of this paper as follows: 

Frequency Stability - The ability to main¬ 
tain the period between consecutive timing 
pulses accurately enough so that the 
desired number of crystal oscillator 
reference pulses occurs during each of 
these periods. 

Phase Stability - The ability to maintain 
the phase of the timing pulses with respect 
to the crystal oscillator reference pulses 
within the desired limits. 

A loss of frequency stability results in 
counting down by the wrong number of pulses. 
This type of instability is associated with 
tearing or rolling of the picture. Frequency 
stability is necessary before phase stability 
ran be considered. Phase instability is 
associated with pairing of interlaced lines or 
dots in the picture. 

Present-day commercial synchronization 
generators provide excellent frequency stability. 
It is the purpose of this paper to investigate 
methods of improving the phase stability of 
existing synchronization generators. 

Sinusoidal Divider Chain 

The sinusoidal divider chain illustrated in 
Figure 1 divides from a crystal reference 
frequency f by Integral factors n and m to a 
frequency f/wn. Let us assume that each dividing 
stage counts down by the proper Integer and that 
the phase of the output of each stage is related 
to the input of that stage as follows: 

Divider m input phase 9 output phase 9t ¿ 

Divider n input phase 9n output phase 9^ /n

Input and output phase angles of each stage are 
referred to the input frequency of that stage. 

The + i terms represent the limits of the 
phase jitter in each divider. The phase jitter 

in a cascaded divider of this type is cumulative. 
The phase jitter of the output of the divider 
chain referred to the input frequency f is 
+ m i . 

n 

It can be seen that small amounts of phase 
jitter in the low frequency divider, n, cause a 
large jitter of the output phase with respect to 
the phase measured at the reference frequency f. 

Sinusoidal Divider Chain With Sampling 

The sinusoidal divider chain illustrated in 
Figure 2 is identical with that of Figure 1. 
Equal amplitudes of the reference frequency f 
and the outputs of dividers m and n are added 
in a divider network. The addition of three 
sinusoids of frequencies f, f/^, and f/16 is 
illustrated in Figure 5. These three sinusoids 
add together periodically to produce a small peak 
which has a higher amplitude than the other 
peaks.*1 The repetition rate of this small peak 
corresponds to the repetition rate of the lowest 
frequency sinusoid. The phase of this peak is 
identical with one of the peaks of the reference 
sinusoid to a first approximation. 

This peak may be selected by a clipper to 
obtain a synchronizing pulse at a frequency of 
f/mn cps. The phase jitter of this pulse is much 
lower than that of the f/mn cps sinusoid because 
of the sampling process of adding the various 
sinusoids and selecting the desired pulse. 

Amount of Reduction of Phase Jitter 

The sampled pulse does not remain exactly in 
phase with the reference sinusoid frequency f. 
Phase shifts in the various divider output 
sinusoids, which are added to the reference 
sinusoid, cause a slight shift in the location 
of the peak of the sampled output pulse. The 
amount of the shift of the sampled output pulse 
is equal to the sum of the shifts caused by each 
of the divider sinusoids. 

The shift of the peak of the sampled pulse 
is plotted in Figure U as a function of the 
shift of a divider output sinusoid for several 
values of r, the ratio of the reference frequency 
to the divider output frequency. All angles are 
referred to the reference frequency f. It is 
assumed that the amplitude of the sinusoids f 
and f/r are equal and that their peaks are 
Initially in phase. 

It can be seen that the phase shift caused 
by the divider output decreases as the ratio r 
is increased. The Importance of this fact can 
be understood by considering the previously 
described sinusoidal divider chain. The phase 
jitter of the lowest frequency output sinusoid 
with respect to the reference sinusoid Is + 
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m This jitter Is large because it represents 
the cumulative jitter of both dividers. The 
ratio, r, of the reference frequency f to the 
frequency of the divider sinusoid f/mn is equal 
to mn. This large ratio results in a small jitter 
in the sampled output pulse even though the 
jitter of the f/mn sinusoid is large. 

The phase shift of the leading edge of the 
sampled pulse has been found to be even smaller 
than the phase shift of the peak. This is to be 
expected because of the steep slope of the front 
edge of the sampled pulse. 

Low Frequency Pulse Sampling 

A highly stable pulse can be obtained from 
a pulse dividing chain by adding the outputs of 
the various divider stages and using them to 
sample the input pulse as illustrated in Figure 5. 
Astable multivibrator dividers were used In this 
particular chain, although the principle is 
applicable to bistable multivibrators and 
phantastron dividers. Figure 6 Illustrates how 
the positive pulse duration of each divider was 
selected so as to select one of the p pulses that 
it divides by. The relative phase of these 
square pulses was chosen to insure that the 
output pulse is sampled by the flat portion of 
the square wave top. The peak square pulse 
allows one of the input pulses to pass through 
the gate insuring that the output is in phase 
with the input. Jitter in the firing time of 
the chain multivibrators has no effect on the 
phase of the output pulse as long as the 
counting ratio remains constant and the pulse 
is sampled by the flat portion of the square 
pulse peaks. 

Experimental Equipment 

High Frequency Divider 

This divider was built as a part of a dot 
interlacing bandwidth reduction television 
system. Block and circuit diagrams are shown 
in Figures 7 and 8. Regenerative dividers were 
used in the sinusoidal dividing chain which 
divided from 2.47 Me to 58.8 kc in steps of 6 
and 7. Figure 9 is a photograph of the waveform 
obtained at the cathode of V10. The peak of 
this waveform causes pulses of cathode current to 
flow in Vil. The outputs from the 14.7 kc and 
7.55 kc multivibrators are added and applied to 
the suppressor of Vil. Every eighth pulse of 
cathode current is drawn from the plate, while 
the other seven draw screen current. The narrow 
plate pulse, which has a 7350 cps rate, is 
amplified and inverted in V12 and applied to 
cathode follower V15. The 100 mif condenser is 
rapidly charged by this pulse through the 1N48 
diode. The condenser discharges exponentially 
through the 270 K resistor. This pulse widening 
circuit provides the output pulse shown in 
Figtire 10. 

Low Frequency Divider 

This divider shown in Figure 11 divides 
from 14700 cps to 60 cps using multivibrator 
dividers. Block and circuit diagrams are shown 
In Figures 12 and 15. The synchronizing pulse 
to the first multivibrator is delayed by 14 
microseconds to assure that a portion of the 
pulse triggering the multivibrator is not sampled 
by it. The phase relationships of synchronizing 
and sampling are illustrated in Figure 6. The 
sampling waveform which is applied to the 
suppressor of V12 is shown in Figure 14. The 
sampled output pulse is widened as explained 
previously. 

Experimental Results 

A simple experiment was performed to 
illustrate the improvement in phase stability 
obtained by sampling. The B+ voltage of the 
low frequency divider was slowly varied from 
200 to 500 volts. Time exposures of the 14.7 kc 
Input pulse, Figures 15 and 16, were taken 
while this voltage was varied. In Figure 15, 
the time sweep was synchronized by the 60 cps 
sampled output pulse. In Figure 16, the time 
sweep was synchronized by a pulse obtained from 
the 6o cps multivibrator. The pulse from the 60 
cps multivibrator represents the output of a 
conventional divider chain. The relative phase 
stability of the input and output pulses using 
sampling and conventional techniques is clearly 
illustrated. 

Conclusion 

The methods of sampling described in this 
paper provide a significant improvement in the 
phase stability of synchronization generators. 
These methods are applicable to most dlvi Hat-

chains and should prove particularly valuable in 
color television. A color television synchroni¬ 
zation generator which uses these sampling 
methods is being built in our laboratories. 
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Fig. 1 
Sinusoidal dividing chain 

Fig. 2 
Sinusoidal dividing chain with sampling 
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Pulse dividing chain with sampling 

Fig. 6 
Sampling dividing chain with pulse input 
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Fig. 10 
7350 cycle sampled output 

Fig. 11 
Low frequency divider 

Fig. 12 
Low frequency divider 
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Fig- 13 
Low frequency divider 

Fig. 14 
Low frequency divider gating waveform 

Fig. 15 
Jitter between input and sampled output 

Fig. 16 
Jitter between input and conventional output 



PEDESTAL PROCESSING AMPLIflEK 
FOR TELEVISION 

Ralph C Kennedy 
National Broadcasting Company 

New ïork, N.Y. 

Summary 

The Pedestal Processing Amplifier is 
intended to provide the essential signals for 
a color genlock system. Since a unique method 
of sync cancellation is used, it is felt that 
the term stabilizing amplifier, as commonly 
known for monochrome, should not be used to 
describe this equipment. Additionally, an 
improved sync separator is described which 
provides constant output sync amplitude for 
input signal level variations of + 14 db. 

Introduction 

Television has presented many interesting 
challenges to the engineer. This is true not 
only in the area of transmission where many new 
problems have arisen but also in the areas of 
various special effects where continuing 
attempts have been made to try to accomplish 
the same results as the motion picture producer 
realizes on film. 

With the advent of color television, a 
whole new transmission system has had to be 
designed. Manifestly the range of color 
special effects has been considerably greater 
than for inonochrome and it has generally been 
more difficult to find satisfactory solutions. 

Sp^qial Effect? Require Genlock Operation 

One of the procedures used in monochrome 
television to facilitate various special effects 
is to lock the sync generators together which 
provide the pulses for the various signals. 
This is known as genlocking and is used to 
create various video effects which require the 
simultaneous sp pearance on the screen of sig¬ 
nals from two different locations. Such sig¬ 
nals are used to produce, split screen, video 
inset, lap dissolve and other types of effects. 
The introduction of conmercials, which gener¬ 
ally are on film and originate in the film 
studio, into the live program sequence origin¬ 
ating in another location requires genlocking. 
In fact, without genlocking television would be 
at a very distinct disadvantage. 

Stabilizing Amplifiers 

Genlock operation has been successful due 
primarily to the availability of stabilizing 
amplifiers. These are capable of recovering 
the sync signal from the composite monochrome 

video signal and of clipping the sync signal 
from the incoming composite so as to reduce it 
to a simple video signal. The sync recovered 
from the signal has been used to lock the sync 
generators together while the video signal 
free of sync has permitted it to be introduced 
into the studio switching system in the same 
manner as a normal camera signal. 

Such stabilizing amplifiers, however, are 
not usable on a color signal. The recovery 
of the sync signal permits the burst and 
chroma components, which extend below the 
blanking level, also to be present. Further, 
the clipping of sync from the signal to pro¬ 
duce a simple video waveform simultaneously 
results in burst and many chroma components 
being clipped. 

Two Line Genlock Operation 

To circumvent the lack of a suitable 
stabilizing amplifier, color genlocking has 
heretofore been accomplished by using two 
wideband circuits. One has carried the sync 
and burst to lock the generators. The simple 
video signal free of sync to be introduced 
into the switching system has been carried on 
the other circuit. Clamper amplifiers in the 
Telco circuits, since they clamp on the tip 
of sync, have clanped on the blanking signal 
and operated satisfactorily. Fürther genlock 
operation has been attempted only on fl 1m 
camera signals. Pedestal has been easily con¬ 
trolled and no chroma components nor burst 
have been allowed to extend far enough below 
blanking to cause confusion in the clamper 
amplifiers. 

However, when live pickups have been 
attempted the pedestal has not been so easily 
controllable and burst and chroma components 
have extended so far below the blanking level 
that the clampers have stopped functioning 
properly. 

The Pedestal Processing Amplifier 

This equipment has been designed and built 
with the main objectives being to recover the 
sync signal from an incoming composite video 
signal, either monochrome or color, and to pro¬ 
duce a simple video signal as well. This 
eliminates the need for two circuits when gen¬ 
locking and restores genlock operation to the 
same procedures as are used on monochrome 

10 



television. Needless to say, the saving in 
line costs is substantial. 

The operation of the unit may be described 
briefly in the following manner. A composite 
monochrome or color signal is introduced at 
the input terminals where it branches in two 
paths. In one the sync is recovered. Further 
a circuit permits adjusting the location of 
the back edge of sync so as to produce sync 
having adjustable width, damp pulses are 
also developed from this sync. 

The second path has an adjustable video 
delay line for delaying the composite video 
signal. This delayed signal is fed to a 
clamped adder tube which is also fed the sync 
signal. The sync is added in the same polarity 
as that in the composite video. Enough is 
added to cause the sync in the resultant output 
to extend well below the negative peaks of 
burst. The sync is clipped so as to produce 
a clean tip but it is not clipped enough to 
distort the burst. This signal is fed to 
another clamped adder tube which is likewise 
fed the sync signal. The polarity of the sync 
in the composite signal is opposite to that of 
the sync being added. This causes the sync in 
the output signal to be reduced to zero, i.e., 
blanking level by proper adjustment of the 
amount of the sync introduced. 

The proper timing of the front edges of 
the sync in the composite signal and the added 
sync is realized by adjusting the video delay 
line. The timing of the back edges of the two 
syncs is adjusted with the pulse width control. 

Three outputs are available from the unit. 
One is processed sync whose output remains 
constant for input level variations of + 14 db 
from a standard one volt peak-to-peak signal. 
A second output is a composite signal having 
processed sync. The third output is a simple 
video signal having a processed pedestal. 

The evolution of these three signals from 
the original composite signal may be under¬ 
stood by referring to Figure 1. The 417-A-l 
is a high gain amplifier. It is coupled 
through an L-C circuit anti-resonant at a 
frequency 3.579 mc/s to the grid of 6BN6-2. 
The tuned circuit removes the chroma components 
and burst from the signal. About 10 volts of 
sync is present in the signal at the grid of 
6BN6-2. This is sufficient to produce very 
positive gating action for input signal level 
variations of + 14 db. This circuit is essen¬ 
tially the key to the success of the whole 
unit since variations in input are removed. 
As a result constant amplitude sync and clamp 
pulses are assured which eliminates many of 
the usual stabilizing amplifier problems. 

The output of 6BN6-2 is amplified in 

12AT7-3 and is again gated in 6BN6-4. The 
accelerator output of this tube is amplified 
in 5687-5 to produce a sync output of between 
4 and 5 volts into 75 ohms. 

The plate output of 6BN6-4 is fed to 
12AU7-6. The first half has a number of open 
circuited delay lines of varying lengths in 
its plate circuit which is used to control the 
location of the back edge of sync. A base 
clipper is used to couple the pulse to the 
second half of 12AU7-6. A tip clipper couples 
the plate to 12AT7-7. 

This tube acts as a cathode follower 
having one fixed output and two adjustable 
outputs. The two adjustable outputs are the 
sync addition and subtraction controls. Since 
processed sync is first introduced into the 
signal to drive the original impure sync below 
clipping level and thereby removing it, it is 
necessary to have the identical sync for can¬ 
cellation. This is realized by feeding the 
syncs to the two adder tubes from the same 
source. 

The fixed sync output from the cathode 
follower is amplified and differentiated in 
12AX7-8 to form clamp pulses. The base is 
clipped and the pulse is coupled to 5687-9. 
This tube amplifies the pulse and splits its 
phase to drive the clamp tubes 6AL5-13 and 
6AL5-17. 

As mentioned earlier, the input signal to 
the unit split in two paths. The second is to 
a 12AU7-10. This tube is a cathode follower 
gain control which allows adjustment of the 
overall video gain of the unit. 

The second tube in the video circuit is 
417A-11 which has a 75 ohm adjustable delay 
line in its plate circuit. The delay of this 
line is 0.3 usee. The last 0.1 usee is tapped 
at each 0.01 usee. This line has response 
variations of about 5% at most to 5 mc/s. 

The line output feeds 12AT7-12 which is a 
straight amplifier feeding clamped amplifier 
6U8-I4. The triode section of this tube is a 
sync amplifier which injects the sync on the 
cathode of the pentode section. The polarity 
of the sync adds to that of the composite sig¬ 
nal in the adder tube. The 6U8-14 has a 
clipper 6AL5-15 in its plate to clip sync. 

Precise clipping is realized by regulating 
both the screen and plate voltages of the pen¬ 
tode section of 6U8-I4. The 6BQ7-19 acts as 
the refila tor for these two voltages. 

At the output of 6AL5-I5 the signal is 
composite video having processed sync. The 
timing of the front edge of the inserted sync 
is made to coincide with that of the original 
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signal by adjustment of the delay line in the 
video path. The back edge of these same pulses 
coincides by adjusting the pulse width in the 
pulse path. 

The signal out of 6AL5-15 divides into two 
paths. One is through 12AU7-16 which is a 
straight video amplifier into a 2:1 gain line 
amplifier. This signal is composite video with 
processed sync. 

The second output is fed to the clamped 
grid of adder tube 12AU7-18. Processed sync is 
fed to the second grid of this tube. The 
inserted sync is out of phase with the composite 
signal sync so that, by adjusting the amplitude 
of the inserted sync, cancellation of sync 
results. The signal out of 12AU7-18 is a simple 
video signal including burst and chroma. This 
is fed through a second line amplifier having a 
gain of 2 to 1. This signal having a processed 
pedestal is now in condition to enter a conven¬ 
tional switching system. 

Adjustment Of the Apparatus 

As previously mentioned, the primary pur¬ 
pose for the Pedestal Processing Amplifier is 
to provide a video signal from a composite color 
signal. This objective is kept in mind when 
adjusting the apparatus. The power requirement 
is 115 volts ac for heater power and 585 ma at 
+285 volts de for plate and screen power. 

The apparatus should have a few minutes to 
stabilize after applying power. Referring to 
Figure 1 it is seen that test point A may be 
used to monitor the input signal. This signal 
should be 1 volt peak-to-peak composite. A 
color bar signal appears at this point as shown 
in Figure 2. 

Test point B shows the signal after ampli¬ 
fication and chroma filtering. The trap cir¬ 
cuit ordinarily requires no adjustment except 
during the initial installation. Figure 3 shows 
the signal when the trap is properly adjusted. 
If chroma is present, readjust the chroma trap 
condenser to eliminate the chroma. 

Test point C shows in Figure 4 a correctly 
recovered sync signal at the single terminated 
sync output. 

Test point D and Figure 5 shows the signal 
at the cathode follower video gain control out¬ 
put. This signal should be the same as that at 
test point A except at a lower level. 

Test points E and F permit monitoring 
several adjustments. They allow the two pulse 
shaping clippers associated with 12AU7-6 to be 
properly adjusted and also they indicate the 
level of addition and cancellation syncs. The 
controls #6 and #7 should be rotated clockwise 

as should also the pulse width control. Control 
#1 should be adjusted so that the base of the 
pulse is just clipped clean as viewed at points 
E or F. Control #2 is adjusted so that the tip 
of the pulse is also clipped clean. When the 
clippers are properly adjusted the sync signal 
at points E or F appears as shown in Figure 6. 

Test point G permits monitoring the clamp 
pulse and is shown in Figure 7. The clamp 
pulse should begin just after the back edge of 
sync and last throughout the duration of burst. 
The variable coupling condenser between the 
two halves of 12AX7-8 controls the location of 
the back edge of the clamp pulse. 

At this point controls #6 and #7 should be 
returned to zero so that no signal is present 
at points E and F. Rotate controls #5, #8, and 
#9 clockwise to attain maximum output. 

Controls #8 and #9 are intended to adjust 
the level of the composite and video signals 
into the two line amplifiers. The usual pro¬ 
cedure is to set each for maximum output 
observing the level of the video at the input 
to each line amplifier. Next reduce the ampli¬ 
tude of whichever signal is greater so that 
the video level in each signal is the same. 
Now adjust control #5 for the desired output 
level from the line amplifiers. 

By adhering to this procedure the level 
through the whole equipment is operated at the 
lowest value possible, thereby causing the 
differential phase distortion to be kept to a 
minimum . 

Adjust control #3 so that the tip of sync 
is barely clipped as it appears at the test 
point of the input to the video signal line 
amplifier. Adjust control #6 so that sync is 
driven back up to the pedestal. Adjust the 
video delay line so as to minimi ze the tran¬ 
sient at the previous location of the front 
edge of sync. Adjust the pulse width control 
to minimize the transient where the back edge 
of sync previously occurred. Farther reduction 
of the magnitudes of the transients may be 
affected by adjusting control #7. 

The realization of the optimum cancellation 
condition is more of an art than a science. 
Sequential adjustments of controls #3, #6, and 
#7 will produce a pedestal having less than 
+ 3.5% of peak transient ripple in the processed 
pedestal region. Figures 8 and 9 show the 
signal at the inputs to the two line amplifiers. 
It should be emphasized that no attempt is made 
to cause the composite output signal to have the 
correct sync to video ratio. Only the optimum 
video pedestal adjustment is important. The 
sync in the composite output is always great 
enough to extend beyond the blacker than black 
tips of hurst so that it can be used wherever a 

12 



composite signal is acceptable. Control #4 is 
the clamp balance of the sync cancellation cir¬ 
cuit. This should be set so that 12AU7-18 grid 
#7 is about -0.1 volts with respect to the 
chassis as ground. 

Test Results 

Three of these equipments have been built 
and used commercially. The first time this 
method of genlocking was attempted commercially 
was during the 1955 World's Series where in 6 
days a total of 21 hours time genlocking was 
maintained. The "Great Waltz" and "Producer's 
Showcase" have also used this method of gen-
locking. In the latter case, Brooklyn was 
locked to Radio City, which in turn was locked 
to Burbank. Split screen and numerous fast 
switches between the East and West Coast were 
made with no loss of genlock. 

Another test included genlocking a film 
studio whose output was a continuous loop of 
film leader which causes extreme signal varia¬ 
tions. This signal was fed for half an hour 
with no interruptions in genlocking. 

Performance Data 

As has been mentioned earlier the de power 
requirements are 285 volts at 585 ma. Addi¬ 
tionally, the response is dependent upon the 
video delay line which has been covered pre¬ 
viously. The differential gain is less than 
2% while the differential phase is + i°. 

Conclusion 

The Pedestal Processing Amplifier is a 
device which makes color genlock operation a 
practical procedure. The unit may be used 
either on color or monochrome signals. With 
such a device it is now possible to begin work 
on a "fail safe" type of genlock system, having 
automatic relocking facilities upon restoration 
of the signal. Large yearly savings in line 
costs are possible since only one line is 
required instead of two. Further, coast to coast 
genlock heretofore was impossible, since there 
are only two color circuits. On the old two 
line system no spares were available. 

APPENDIX 

It is well to consider the transient con¬ 
ditions during the sync cancellation period. 
The situation may be better understood by 
referring to figure A. The sync pulse is 
shown having two different rise times, Tj and 

. T, is the rise time of the leading edge 
of sync and is shorter than 2^ . This is the 
sync in the incoming composite signal after 
it has been clipped to smooth the tip but 
prior to the insertion of the inphase processed 
sync. The values for 2^ and ZJ will vary depend¬ 
ing upon the sync generator output, transmission 
path, etc; however, for an average T¡ = 0.2 
usee and tg = 0.3 usee. 

Figure B shows the inphase sync to be 
added to figure A sync. The rise time is about 
0.1 usee for both and 

The result of the inphase addition is 
shown in Figure 0 where the front edge has a 
rise time of 0.2236 usee while that of the back 
edge is 0.3162 usee. 

In Figure D is shown the result when sync 
cancellation occurs. Theoretically the condi¬ 
tion of minimum ripple occurs when two pulses 
having identical rise times are added exactly 
180° out of phase. Since the recovery of sync 
without changing the pulse rise times and 
width is next to impossible it then becomes a 
matter of compromise. Further, alteration of 
the pulse is minimized by making the rise time 
of the recovered sync as short as possible. 
However, here again a practical limit on circuit 
complexity dictates something of the order of 
0.1 usee. 

finally, since we know that the minimum 
amount of overshoot and optimum phase linearity 
occurs for a transition approaching a unit 
doublet response, the video delay line is 
adjusted to realize that objective where the 
leading edge of sync occured. The pulse width 
control is adjusted to try to improve matters 
in the region of the back edge of sync. 

The resultant signal after it has passed 
through switching and has had new sync added, 
has resulted in a signal having no observable 
ripple on the edges of sync. This fact serves 
to justify the rather loose approach used to 
solve the transient problem. 
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Fig. la 
Circuit diagram of pedestal processing amplifier 
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Fig. lb 
Circuit diagram of pedestal processing amplifier 
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Fig. 2 
Color bar signal 
waveforms at 
test point A 

Fig. 3 
Color bar signal 
waveforms at 
test point B 

Fig. 4 
Sync waveforms at 

test point C 

Fig. 5 
Color bar signal 
waveforms at 
test point D 



Fig. 6 
Sync waveforms at 
test points E or F 

Fig. 7 
Clamp pulse wave¬ 
forms at test point G 

Fig. 8 
Color bar signal 

waveforms of com¬ 
posite output signal 

Fig. 9 
Color bar signal 

waveforms of video 
output signal 
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FIG. 8 

Fig. 11 
Sync waveforms described in the appendix 
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A NEW ELECTRONIC MASKER FOR COLOR TELEVISION 

Jease H. Haines 
Allen B. Du Mont Laboratories, Inc. 

Circuit Research Laboratories 
Passaic, New Jersey 

Summary 

A new color masker is described 
having Improved performance, operational 
convenience, and efficiency. The color¬ 
difference mask signal is formed by a 
specially designed video mixing trans¬ 
former, thus permitting major circuit 
simplification and greatly Improved 
neutral balance stability. Use of the 
narrow-band mask principle substantially 
reduces luminance noise crosstalk into 
the encoded chroma signal. The philoso¬ 
phy of masking controls is discussed. 
Trilinear colorimetric plots illustrate 
the color shifts produced by Incremental 
changes In the masking controls of vari¬ 
ous proposals. 

Introduction 

Early In 195U, electronic color 
masking was just emerging from the 
laboratory Into practical broadcasting 
use. The first pioneering papers on the 
subject, from Burr of Hazeltine, and 
Brewer, Ladd, and Pinney of Kodak, had 
just appeared in the literature. 

Two years ago at this convention, 
we presented a paper concerning the use 
of electronic masking in color broadcast¬ 
ing.> Mentioned in the paper was a mask¬ 
er we had developed and which soon went 
into production under the name of the 
Du Mont Electronic Masker, Type 9005B. 
This is pictured in Figure 1. 

Since the introduction of the 9005B 
masker, our efforts have been directed 
at developing an improved masker. In 
general, the aim was to achieve major 
circuit simplifications, improved relia¬ 
bility and stability, and certain perfor¬ 
mance improvements. One specific Im¬ 
provement was to Incorporate narrow-band 
masking, which was first proposed in the 
previous paper. Another aim was to in¬ 
vestigate the proper function of the 
various masking controls to be made 
available to the operator. 

At last year's IRE Convention, 
Brewer, Ladd, and Pinney presented the 
papeiA, "Proposed Controls for Electron¬ 
ic Masking in Color Television." These 
proposed controls were fundamentally 

different from the controls used by Burr 
and also used in our masker. A masker 
employing these different controls was 
subsequently built and tested. 

This paper is thus divided into two 
major parts. First, the results of the 
new masker circuit development are 
described. Secondly, a detailed compari¬ 
son is made of the various control philoso¬ 
phies leading to the final choice. 

Before proceeding, however, it may 
be in order to give a very brief defini¬ 
tion of color masking. A mask operates 
on a color picture to change the relative 
luminance and saturation of some colors, 
or to shift the hue of some colors. This 
is often necessary, when televising color 
film, to compensate for Improper taking 
emulsion sensitivities and Improper dyes 
having overlapping and unwanted absorp¬ 
tions. The table below points out the 
more familiar shortcomings of a typical 
color fllm.> 

Original Reproduction 

Gray scale Higher contrast 

All colors Desaturated 

Red Only slightly desaturated 

Green Much darker, hue shifted 
slightly toward blue 

Blue Darker, hue shifted slightly 
toward green 

Yellow Hue shifted toward red 

Magenta Greatly desaturated, hue 
shifted toward red 

Cyan Much darker 

Depending on the exact color process 
involved, certain variations in the above 
table will occur. Indeed, colorimetric 
differences between reversal and negative-
positive processes, such as Anscochrome 
and Eastmancolor, occur specifically be¬ 
cause it is feasible photographically to 
incorporate color masking in the negative¬ 
positive processes, but not in the re¬ 
versal processes. Nevertheless, with all 
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color films, due chiefly to the dye 
deficiencies, it is characteristic that 
luminance and saturation of all saturated 
primaries are reduced. There are also 
minor shifts in the hue of some colors. 

It should also be clearly understood 
that the statements above apply strictly 
to the objectively measured aspects of 
color film reproduction. On the other 
hand, it is not at all uncommon for the 
photographer to purposely predistort the 
colors and luminances In the original 
scene so as to produce the desired result 
on the film. In such a case, it is quite 
possible that no masking would be required. 
Thus, in the final analysis, the specific 
masking selected Is a subjective matter 
and hence the Importance of the proper 
controls becomes obvious. 

As now used in color TV, maskers 
perform a linear transformation on R, 
G, B Input voltages prior to encoding 
to produce the corrected R', G’, B' outputs. 
In a mathematical sense, a color masker 
is simply a linear 3^3 matrix, repre¬ 
sented by the equation: 

R' = a^R + a12G + a-^B 

G’ = a21^ + a22$ + a23® 

B' = a31R + a32G + a^B 

However, practical broadcast opera¬ 
tional techniques dictate that control of 
the coefficients be suitably linked to¬ 
gether, rather than having a gain control 
for each of the nine coefficients. The 
first and most important operational re¬ 
quirement is that an input neutral scale 
of equal R, G, B signals remain perfectly 
neutral In the output. This is satisfied 
when the sum of the coefficients in each 
equation always equal unity. This condi¬ 
tion reduces the number of independent 
variables from nine to six, as seen below. 

R* - (l-a12-a^3)R -f a12° 4 a13B

G’ = 4 (l-a21~a2j)G 4 a23B

B' = a31R 4 a32G 4 (l-a32"a33 ) B

Because of the necessity for in¬ 
creased saturation, it is also character¬ 
istic of color TV maskers that all of the 
off-diagonal coefficients are negative. 
Typical coefficients found in mask equa¬ 
tions are shown below. 

R' 1.10R -.05G -.05B 

G» -.30R + 1.60G -.30B 

B' -.20R - .20G + 1.1|OB 

Note that the off-diagonal terms are 
small and negative while the diagonal 
terms are large and positive. With no 
masking, the off-diagonal terms would be 
zero, the diagonal terms unity. In the 
example shown, the Green channel could 
thus be said to have a .6 mask amplitude. 

Basic Circuit Design 

Figure 2 shows the block diagram of 
the Mask Amplitude-Mask Makeup control 
scheme used in the 9005B masker. As can 
be seen, the Mask Makeup selects the 
amount of the off-diagonal t eras relative 
to each other. The Neutral Balance adjust¬ 
ment Insures that when the input is neu¬ 
tral, complete signal cancellation occurs 
so that no mask signal is produced.The Mask 
Amplitude determines the total amount of 
masking. With these two operating con¬ 
trols in each channel, any desired mask 
equation can be produced. Thus two con¬ 
trols in each channel, six in all, pro¬ 
vide complete control of the six indepen¬ 
dent coefficients In the masking equation. 

In translating the block diagram 
above into actual circuitry, the adding 
and subtracting circuits cause the most 
difficulty. The problem is completely 
analogous to that found in many other 
kinds of color TV broadcast equipment. 
That is, there should be no color¬ 
difference output for equal R, G, B 
inputs. 

In the very simplified single-chan¬ 
nel schematic of the 9005B masker, 
Figure 3, it is apparent that three tube 
sections are required to form the mask. 
One tube simply inverts the signal polar¬ 
ity and the other two, with plates tied 
together, add the negative and positive 
signals to form the mask. This color¬ 
difference signal, which may be either 
positive or negative depending on picture 
content, is then added to the direct sig¬ 
nal in the plates of the output tubes. 
Obviously, if the gain of any one tube 
drifts in the mask mixer, an unwanted 
color-difference signal will appear on 
white. Actually, the above circuit is 
not at all unstable. Nevertheless, tubes 
Inevitably age and this drift must be 
checked occasionally. Fortunately, this 
is quickly and easily done. But it is 
much better to eliminate the probelm com¬ 
pletely. 
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As also seen in Figure 3, the 
approach taken with the new masker to 
eliminate the Neutral Balance drift 
problem was to employ completely passive 
circuit elements to form the mask signal. 
This was accomplished by employing a 
specially designed video mixing trans¬ 
former. As before, the resistive sig¬ 
nal addition of the Mask Makeup selects 
the ratio of subtracting coefficients, 
although the signals are still actually 
positive at this point. By feeding 
voltages of the same polarity at either 
end of the center-tapped transformer 
primary, a difference signal is auto¬ 
matically formed, without the need for 
an Inverter stage. Thus, the color¬ 
difference mask signal is produced with 
passive circuitry and the tube drift 
problem is completely avoided. The 
Neutral Balance control is set once and 
lockedat time of manufacture of the unit. 
Over a test period of several months, no 
readjustment of the prototype unit was 
necessary, indicating that the resis¬ 
tances in the divider did not change. A 
possible disadvantage of the transformer 
type of mixing circuit is that to avoid 
crosstalk, resistive isolation must be 
provided, thus giving a certain loss in 
gain. In the circuit above, there was 
no problem in restoring the gain. 

The specially designed video trans¬ 
former is toroidal wound on an extremely 
high permeability core of Arnold Super-
malloy. Fortunately, experience with a 
wide variety of pictures has shown that 
the mask signal contains no significant 
low-frequency components, the black level 
base line being absent, and thus a 
primary inductance of several henrys, 
giving a few percent tilt at 1000 cycles, 
is quite adequate. Due to the stray 
capacity and leakage inductance of the 
transformer, the high-frequency response 
falls off at about 2 me and this, in com¬ 
bination with the peaking in the next 
stage, provides the desired low-pass 
response for the mask channel. The fre¬ 
quency response specifications of the 
narrow-band mask are + j db to 1 me, less 
than 3 db down at 1.3 roc, and greater 
than 20 db down at 3*6 me. Rise time is 
.3/us with less than 2% overshoot. Because 
of the delay caused by the narrow-band 
mask, a .25/us delay line is employed in 
the direct channel. 

The narrow-band mask Is used to In¬ 
sure that the masking process does not 
add noise to the luminance signal which 
would be demodulated into the chroma 
channel of the receiver. It is Inherent 
with masking that any noise existing in 

the input signals is increased. Tnis is 
because even though the mask signal is 
cancelled out on a gray scale, the added 
noise coming from the cancelling signals 
will remain. If this noise occurs near 
3.6 me, it will be demodulated at the 
receivers to low frequencies and will 
form coarse bluish noise, since the B-Ï 
gain is the highest. By rejecting the 
mask signal above 3 me, where it is not 
needed anyway, this added noise is elim¬ 
inated. 

The direct and mask channel are 
added in the plates of two pentodes and 
a high-efficiency double-cathode follower 
provides the output. By incorporating 
video mixing transformers, not only does 
the new C masker ejdiibit improved per¬ 
formance over the B masker, but 6 less 
tubes are employed. Although not shown 
in the schematic, the C unit has dual 
output stages, compared to the single 
outputs of the B masker. While the new 
unit provides twice the number of out¬ 
puts, it draws only one-half the power 
and occupies only one-half the space. 
Quite obviously in this particular 
application, the use of video transform¬ 
ers permits an Impressive improvement in 
the overall circuit design. It is to be 
hoped that a fresh evaluation of this 
long-neglected circuit component for 
video design will be made by other work¬ 
ers in this field. There appear to be 
many possible applications for the im¬ 
pedance matching and mixing properties 
of video transformers. 

In passing, the basic circuit re¬ 
quired by the Hue Shift, discussed later, 
is considerably more complex than the 
Mask Makeup control since it involves 
cross linkages between all three channels. 
Fortunately, by using video mixing trans¬ 
formers, no tubes were required and such 
a circuit was rather easily constructed. 
Without the transformers, perhaps 12 tube 
sections would have been required. 
Actually, it was substituted directly 
into the C masker, the chief cost being 
3 more transformers, 3 dual pots and a 
few resistors. 

Manual Controls 

In actual TV operation over the past 
few years, good results have been obtained 
with the Mask Amplitude-Mask Makeup con¬ 
trols provided in the 9005B masker. How¬ 
ever, before completing the 9005C design, 
it was decided to conduct a rigorous 
investigation of the philosophy of manual 
controls for maskers, particularly in 
reference to the proposals for Baturatiai-
Hue Bhift controls. 
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In evaluating the various control 
schemes, two considerations were upper¬ 
most: 

1. The masker control knobs should 
directly correct for the known deficien¬ 
cies of color film reproduction. 

2. The masker control knobs should 
be related as directly as possible to 
resultant visual effects. 

The investigation of masker control 
philosophy was divided into two parts. 
First, a theoretical analysis, involving 
colorimetric calculations, was made up of 
the various candidates for masker con¬ 
trols. Secondly, on the basis of the 
theoretical analysis, two different 
maskers were built and tested, incorpor¬ 
ating the most promising control schemes. 
Side-by-side operational comparisons were 
made with a wide variety of color slides 
over a complete color TV system. For the 
theoretical analysis, a number of rela¬ 
tively desaturated colors were selected 
for masking. Then, an arbitrary mask 
equation was applied. From this refereœe 
point, differential changes were made 
with the four proposed controls. In the 
calculations, a square-law reproducer 
was assumed, “hite luminance, which does 
not change with masking, was set at 100, 
the luminance of other colors was 
specified relative to white. 

The unmasked starting colors, and 
the changes when the reference mask is 
applied, are shown in Figure ij.. Although 
the CIE plot is perhaps more familiar, a 
simple trilinear plot eliminates consider¬ 
able computational labor and will be used 
in all subsequent plots. Figure 5 shows 
exactly the seme data on a trilinear plot. 

Since the colors to be masked were 
chosen quite arbitrarily, the computing 
time was further reduced by choosing the 
rather regular set of starting voltages 
shown, actually desaturated color bars. 
The reference mask was likewise chosen 
for the same reasons of symmetry. 

With the reference mask initially 
set, differential changes were then made 
in the mask equations by turning the 
various knobs that are candidates for 
the attention of the operator. Follow¬ 
ing the terminology of the previous 
proposals, the following controls were 
considered: Mask Amplitude, Mask Makeup, 
Hue Shift, and Saturation. In all cases, 
the coefficient differentials are of the 
seme size. 

Figures 6, 7, Ô show the changes 
produced by each of the four proposals 
by the knobs labelled, respectively, Red, 
Green and Blue. 

The changes produced in the Green 
controls will be considered in detail. 
The actual equation coefficient changes 
for the Green controls are summarized 
below. 

Green Control Knob Changes 

Mask Amplitude - △ a21 

Saturation - △ a^2 

Mask Makeup - .△ a21

Hue Shift - a12

and △&23 are 

and △®^2 are 

and Aa^ are 

and opposite 

and Aa^ are 
and opposite 

equal 

equal 

equal 

equal 

The really basic differences between 
the Mask Amplitude aid the Mask Makeup 
controls on the one hand, and the Hue 
Shift and Saturation controls on the 
other, are very simple. In the Mask 
Amplitude and Mask Makeup, the changes 
affect only the one charnel labelled by 
the knob, but with the Hue Shift and 
Saturation, the other two channels are 
the ones affected. Thus, in the former 
cases, only the Green signal is affected. 
In the latter cases, the Hed and Blue 
signals are affected, but not the Green. 

Referring to Figure 7, the Green 
Mask Amplitude control is considered first. 
Increased masking, indicated by the s olid 
arrows, is applied. Note here the Increase 
in Green saturation, but especially the 
major Increase in Green luminance due to 
the increase in the Green signal. Yellow 
and Cyan, the other colors containing 
considerable Green, have a smaller increase 
in the green signal, thus give a smaller 
hue shift towards Green, -he other colors 
show practically no change because of the 
very small changes in luminance. In 
simple terns, it suffices to say that in¬ 
creasing the Green Mask Amplitude will 
increase Green color differences. 

The Green Saturation control is next 
considered. The amount of saturation in¬ 
crease is slightly more than with the 
Mask Amplitude. However, the luminance 
remains relatively constant, in fact, de¬ 
creases slightly. Magenta saturation is 
not affected. The other colors apparently 
suffer small changes. 
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The Green Mask Makeup control is 
seen next. Interestingly enough, Green 
Mask Makeup has no effect on colors 
lying along the Green-Magenta axis. In 
general, hues are shifted but in small, 
nearly equal amounts in all the colors 
except Green and Magenta. 

Next is seen the Green Hue Shift 
control. Here, as desired, the hue shift 
rotates the Green-Magenta axis. The off-
axis colors are affected very little. It 
is immediately obvious that considerably 
more shift is given to Magenta than to 
Green. Virtually no changes occur in 
Yellow and Cyan, but luminance changes 
occur in Ned and Blue. As proposed, the 
Hue Shift appears theoretically to per¬ 
form its purpose. 

As described previously, the next 
step in evaluation was to compare the 
operation of masking units incorporating 
different control philosophies. At this 
point, it was decided to limit the possi¬ 
ble control schemes to only two. Further 
consideration of the '’Saturation" control 
was discontinued. The reasons for elim¬ 
inating the Saturation control from con¬ 
sideration is simply that in all color 
films, the nature of the dyes are 
such that a decrease in saturation of 
either Red, Green or Blue is always 
accompanied by a decrease in luminance 
relative to white. It should be kept in 
mind that the dye errors are substantially 
greater than errors contributed by the 
color reproduction capabilities cf the TV 
system. Thus, it is most logical to 
provide a single control in each channel 
which simultaneously increases both 
saturation and luminance. Hence, the 
Mask Amplitude control is to be clearly 
preferred over the Saturation control. 
The remaining question is thus whether 
the remaining controls should be Hue 
Shift or Mask Makeup. 

A new masker was then built of the 
"Mask Amplitude-Hue Shift" variety and 
compared critically with the "Mask Ampli¬ 
tude-Mask Makeup." 

The evaluation of the two control 
schemes employed 2" x 2" slides displayed 
on high-quality color monitors and re¬ 
ceivers. The signal originated from a 
flying-spot scanner and obeyed a half¬ 
power transfer characteristic. Twenty 
slides were utilized, 5 original Koda-
chromes, 5 Kodachrome duplicates selec¬ 
ted from the old NTSC set, 5 Eastman¬ 
color and $ Anscochrome from the new 
SMPTE set. 

Before comparing the maskers, a 
determination was made of the required 
Mask Amplitude settings. In evaluating 
the results obtained, the amount of 
gamma correction employed is important. 
The half-power gamma correction used 
corrected only for the TV system but 
not for the high gamma reproduction of 
the color film. If additional gamma 
correction had been used, even more mask 
amplitude would have been required. For 
this test, Hue Shift and Mask Makeup 
were put in the center of the range and 
thus both maskers yielded exactly the 
same equations initially. 

Although the amount of masking 
varied somewhat, depending on the type 
of color film, several observations 
stood out clearly. 

First - all slides required con-
si de rabie Gre en Mask Amplitude. Amounts 
ranged from .5 to 1.0. 

Second - all slides required very 
little Red Mask Amplitude. A figure of 
.1 gave good results with all slides. 

Third - all slides gave acceptable 
pictures, improved by masking, in regard 
to hue. 

Fourth - all slides gave excellent 
hue reproduction with the Hue Shift or 
Mask nakeup in the normal position in 
the middle of the range. 

It thus became apparent that the 
need for a Hue Shift control was not 
urgent compared to the need for the Mask 
Amplitude control. The Mask Amplitude 
controls alone were extremely effective 
and positive in action. In looking at 
the pictures, "Brilliance" suggested 
itself as a more descriptive name for 
the Mask Amplitude control. 

Actually, even without changing Hue 
Shift or Mask Makeup, one specific hue 
shift did occur due to the fact that the 
Mask Amplitudes were not equal. Since 
the Green mask amplitude was always con¬ 
siderably greater than the Red, a very 
definite shift toward Green occurred in 
Yellows. However, this appeared to com¬ 
pensate very well for the opposite hue 
shift deficiency found in all color films. 
Figure 9 shows the color changes caused 
by the typical mask equation, previously 
given, which gave good results in the 
preceding tests. 
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The Hue Shift control was next 
tested. To simulate the calculations, 
desaturated color bars were used. As 
predicted by the trilinear plots, the 
complementary color shifts were quite 
marked. However, with relatively 
saturated primaries, no hue shift was 
visually detectable, although the 
proper shift voltages were seen on the 
waveform monitors. This result was 
apparently caused by the display devices 
having greater than a square-law trans¬ 
fer characteristic. Unfortunately, a 
very serious defect of the Hue Shift 
control was noted in that the luminance 
changes of color colors off the hue 
shift axis were visually quite annoying. 
Apparently, the luminance changes were 
greater than predicted by the calculations. 

On the slide material, the same con¬ 
clusions were reached. Since saturations 
were somewhat less, hue shift in primary 
colors was seen. It was most apparent 
in Reds, considerably less in Blues and 
practically indistinguishable in Greens. 
In all slides, the unwanted luminaa ce 
changes in other colors were noted. 
Another annoying feature was that with 
the tied and Blue Hue Shift knobs at 
certain ends of their range, it was im¬ 
possible to obtain Green mask amplitude. 
Tnis could happen with other combinations, 
for example, but not simultaneously. In 
general, however, out-of-channel Hue 
Shift settings determine the amount of 
Mask Amplitude obtainable. In short, 
the operation of the Hue Shift controls 
left a great deal to be desired. 

Attention next turned to the Mask 
Makeup control. Here the pictorial 
changes were actually more predictable 
than with the Hue Shift. Furthermore, 
the bad side effects were not present. 
As compared to the Hue Shift control, 
no matter where the Mask Makeup is set, 
full Mask Amplitude is always obtainable. 

Changes in Mask Makeup in any 
channel will shift the hue in saturated 
colors containing that primary color. 
Thus, the Gpeen Mask Makeup will effect 
the hue of saturated Yellows and Cyans, 
although only saturated Yellows will 
actually be found in nature, knile 
theoretically the Red Makeup will also 
affect the hue of saturated Yellows, it 
will have little effect because of the 
normally low mask amplitude of Red. 
Magentas, found much less frequently in 
nature, will have their hues affected 
chiefly by the Blue rather than Red Mask 
Makeup. Thus, as a practical matter, 
Green Mask Makeup will control Yellow hue 
and Blue Mask Makeup will control Magen¬ 
ta hue. 

Before making a final evaluation of 
the two proposed control schemes, it is 
in order to take a quick look at some of 
the other problems confronting the color 
film video operator. Aside from other 
auxiliary controls required in certain 
types of television reproducing equip¬ 
ment afflicted with spurious shading 
signals, the operator will have up to 
eight video controls. ihese might be 
master gain and black level control plus 
individual R, G, B gain and black level 
controls. Very often, it is possible to 
preset the R, G, B black levels and 
operate satisfactorily with only the 
master black level control. However, it 
is still true that the video modulation 
in most color films varies enough so that 
the operator is often quite busy adjust¬ 
ing the master gain control so as to 
maintain a reasonably constant level of 
modulation at the TV transmitter. He 
probably will also be adjusting individu¬ 
al R, G or B gain controls in order to 
compensate tor shifts in white balance 
in the film. Tnese variations are not 
only quite frequent in the film but they 
become much more bothersome in the home 
than in the theatre because of the closer 
tolerances, both electrical ana visual, 
under which the system operates. J-t 
should be clearly understood that the 
above adjustments must be proper at all 
times lor the mask to be most effective. 
The masker controls simply cannot be 
used to correct for errors in the gain 
and black levels of the R, G, B channels• 

It is clear then why there is a 
certain resistance to using any masking 
at all, purely from the standpoint of 
video operator fatigue. Certainly we 
wish to keep the mask controls as simple 
as possible, preferably using 3» not fa. 
Fortunately, Mask Amplitude meets these 
requirements admirably for two reasons. 
First, it directly compensates for the 
chief colorimetric failing in the film -
simultaneous loss of saturation and 
luminance of saturated colors, relative 
to neutrals. Secondly, the results 
produced are straightforward - an increase 
in any Mask Amplitude knob will always 
increase the brilliance of that color. 

Experience has shown that the need 
for the shifting of hues is relatively 
unimportant. Neither Hue Shift nor Mask 
Makeup need be an operational control. 
un the basis of simplicity, Mask Makeup 
is favored. Thus, the new 9005C masker 
employs Mask Amplitude-Mask Makeup 
controls. 
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Fig. 1 
Type 9005B electronic color masker 

Fig. 2 
Mask amplitude-mask makeup 

block diagram 
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Fig. 3 
Simplified schematics, 9005B and 9005C 

maskers (red channel) 

Fig. 4 
Starting colors and reference mask 

(CIE diagram) 

Fig. 5 
Starting colors and reference mask 

(trilinear plot) 



Fig. 6 
Red knob control differential changes 



Fig. 7 
Green knob control differential changes 



Fig. 8 
Blue knob control differential changes 



Fig. 9 
Color changes with typical mask 
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REWORKING THE NETWORK OR REMOTE VIDEO SIGNAL 

Ray R. Embree 
Engineering Department, KING-TV 

320 Aurora Avenue, Seattle, Washington 

Summary 

The network or remote picture signal can 
be improved locally to a varying extent, depend¬ 
ing on the nature of its discrepancies. These 
improvements will be in the regions of synchro¬ 
nization and gamma. The defective signal is also 
shown to further deteriorate in passing through 
amplifiers employing keyed clamps. Pictures 
included show clearly the results for some defi¬ 
ciencies. Reasons for the inadequacy of present¬ 
ly available gear are discussed. The methods of 
circumventing many of the overlooked problems 
are incorporated in the circuitry and external 
hookup of the sync generator locking device called 
"Betterlok. " This device, that will work under 
more adverse video signal conditions, is fully 
described. 

The Problem of Airing a Defective Video Signal 

Various attempts have been made to im¬ 
prove the video signal at points too far along the 
path of transmission to permit corrections of the 
original fault. It would be preferable to correct 
the trouble at the point of origin, but since this 
so often is not known, it is expedient to do what 
can be done locally. 

Attempts to locate the origin of such troub¬ 
les are not only time consuming, but often futile. 
In the interim, one is faced with having to broad¬ 
cast the signal the best way one can. While it is 
impossible to restore lost resolution, or to en¬ 
tirely remove noise or snow from the picture, it 
is possible to restore good synchronizing infor¬ 
mation and to improve gamma on many signals. 
The most difficult problem with which we must 
deal in broadcasting a defective video signal is 
one on which the sync is erratic, or far enough 
removed from standards in one or more respects 
that the keyed clamps (driven) fail to function 
properly. Such a signal will often show up better 
if displayed on a picture monitor before going 
through a stabilizing amplifier. 

The above observation led the author to de¬ 
velop a circuit called "Betterlok. " The explana¬ 
tion of the necessity to design a new piece of 
gear and the method of its incorporation with 
associated equipment will be attempted in the 
following paragraphs. 

The main variances from the standards 
that we encounter and correct by the use of the 
described circuits are listed below: 

1. Insufficient back porch width 
2. Too narrow sync pulse width 

(horizontal) 
3. Extreme tilt of porches 
4. Too narrow equalizing pulse width on 

one or both fields 
5. Video spikes in the sync pulse region 
6. Erratic replacement of some of the 

first in the group of leading equalizing 
pulses with the equivalent of vertical 
block pulses 

7. Amplitude offset in front and back 
porches 

Obviously, if a stabilizing amplifier, due 
to its poor clamping action, renders a less pre¬ 
sentable picture than a plain video amplifier, the 
signal should not be run through it unless it is 
absolutely necessary. However, in some cases 
it will be necessary, or highly desirable, to have 
separate control of video and sync which a stabi¬ 
lizing amplifier provides. In cases where a 
separate amplitude linearity corrective amplifier 
is used in a compatible color system keyed 
clamps are also employed. Here too poor clamp¬ 
ing action leads to the desire to get around this 
piece of gear as well. The one unit which usual¬ 
ly employs keyed clamps and around which the 
video signal may not be shunted is the video 
modulator. Without going further, eventheleast 
experienced can see the desirability of having 
good sync on the video signal. A snowy or low 
resolution picture can be broadcast, but a picture 
that is streaking, tearing, jumping and rolling 
might better remain unaired. 

If the defective sync could be replaced with 
clean, locally generated sync before having to 
pass through any amplifiers having keyed clamps, 
the signal could then pass through all normal 
channels in good order. Of course, in order to 
replace the defective sync with good sync, it is 
necessary to lock a local sync generator to the 
remote signal. 

Why Available Equipment Has Fallen Short 

Sync generator locking devices comercial-
ly available require that standard, reasonably 
clean sync, stripped from the network or remote 
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composite video, be fed to them. The usual 
method is to obtain this network sync from a 
stabilizing amplifier that employs keyed clamps. 
This number one step in locking a local sync 
generator to the network signal has already run 
into a snag if the network signal will not properly 
operate the keyed clamps in the stabilizing amp¬ 
lifier performing the stripping action. 

Therefore, stripped sync is not obtained 
from a stabilizing amplifier to feed the "Better-
lok. n No criticism is intended to the engineers 
or manufacturers who recommend such hook-ups. 
They expected a normal signal from the network 
(or remote), and desired only to allow the local 
studio to treat the network signal as a local pic¬ 
ture signal. Provided with such a normal signal 
this hook-up permitted superimposition and cross 
fades, etc. , with other studio originated signals, 
with certain limitations. We are primarily con¬ 
cerned with reworking the network signal so that 
it will make a better picture. 

The manner in which the aforementioned 
signal discrepancies cause further picture deg¬ 
radation in passing through amplifiers employing 
keyed clamp circuits must be explained on an in¬ 
dividual fault basis. In the case where the back 
p.orch is too short in duration, the back porch 
clamping pulse that is applied to the clamping 
diodes occurs on or later than the trailing edge of 
blanking. When this happens, the clamping action 
is erratic, and changes as the picture content 
changes. This shows up as streaking, tearing, 
or black bars at various points along the raster, 
and changing in character as the picture content 
changes. Too narrow horizontal sync pulses can 
cause trouble in various manners, depending on 
the extent of its narrowness and the exact type of 
keyed clamp being used. An extreme case of sync 
narrowness will develop insufficient amplitude and 
jagged shapes in the clamp keying pulses. If peak 
of sync clamping is used, and the clamp keying 
pulse is formed from the leading edge of sync, 
the clamping pulse may occur wholly or partly on 
the trailing edge of sync. Anytime a clamp key¬ 
ing pulse is applied during an interval of fast sig¬ 
nal voltage change, such as on the edge of a pulse 
or a video voltage excursion, erratic clamping 
takes place. The clamping action is intended to, 
among other things, remove low frequency dis¬ 
crepancies from the video signal. High frequency 
discrepancies are not only not removed, but if 
their amplitude is very high and they occur during 
the clamping pulse, the signed is imparied by 
passing through the clamping amplifier. 

The first attempts at adding on locally 
generated sync to the stripped network signal 
were done with commercially available sync 

generator locking devices. The problem already 
described plus others were evident. The other 
most disconcerting problem was the loss of 
vertical in phase condition at random times. 
Then, too, was the time involved in regaining 
the vertical in phase condition each time it was 
lost. The reason the vertical in phase condition 
was so often lost is quite easily shown to be due 
to random long period noise bursts on the net¬ 
work signal. These noise bursts would get 
through the integrator in the locking device, and 
thus to the sync generator counters. 

Betterlok Circuitry and Feature s 

Reference to the block diagram and schema¬ 
tic shauld be made as often as necessary to aid 
in understanding the following explanations. 

The network (or remote) video signal is 
looped by the video input, and thence to the 
GE TV16B stabilizing amplifier. The inter¬ 
stage coupling between VI and V3 has a fast 
time constant with a section of V2-a 6AL5 diode 
connected as d. c. restorer to remove any hum 
or low frequency discrepancies at the grid of the 
sync separator V3. An a. f. c. voltage for the 
sync generator master oscillator is developed by 
the bridge circuit of V6 by comparing the output 
of the horizontal blocking oscillator synchronized 
by the network signal to a pulse developed at V8 
locked to the local sync generator horizontal 
drive. To control the GE PG2 sync generator, a 
positive voltage is applied in series with this 
bridge. The stripped network and local vertical 
sync are treated almost identically to develop 30V 
positive pulses representing the trailing edges of 
the last vertical block pulse at V10B and V20A. 
The trailing edge of vertical sync was chosen to 
avoid the aforementioned occasional problem with 
leading group of equalizing pulses changing erra¬ 
tically to vertical block pulses. 

In order to speed up the vertical lock-in time, 
the pulse width of the vertical phase correction 
pulse fed to the sync generator is increased to a 
maximum value of about 6000 microseconds. This 
is accomplished by phanastron pulse generators 
for the network and local vertical sync separate¬ 
ly. The phanastrons put out a pulse for each 
trigger pulse they receive from their respective 
vertical sync sources. The duration of a phanas¬ 
tron pulse is linear with the controlling d. c. 
voltage. Since this controlling voltage is common 
to both network and local phanastrons, their pulse 
durations have a fixed relation one to another. A 
vertical lock-in time of about one-quarter second 
is easily obtained from a maximum out-of-phase 
condition. This figure is about one eighth of the 
time necessary for other locking devices, and is 
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barely discernible to the average eye. The 
squared-up phanastron pulses are oppositely 
polarized in the mixer V28. When the local sync 
generator is in vertical phase with the network, 
no correction pulse is present at V27 output. 
Since the positive vertical phase correction pulse 
is coincident with, and resting in the notch of the 
wider and higher amplitude negative notch pulse, 
no pulse at all gets by the dual clippers of lN48's 
and V27. When the above condition exists, the 
input to the vertical error output V26B is auto¬ 
matically disconnected by the open relay contacts 
of K2. If a vertical phase error does exist or oc¬ 
curs for any reason, it is basic that it will per¬ 
sist until K2 relay contacts close and pass the 
correction pulse to the local sync generator. On 
this premise the "door knocking" circuit of V17B, 
V29 and K2 was incorporated. This repetitious 
error pulse being rectified by V17B biases V29 
and gains entrance to the sync generator. In a 
matter of a few correction pulses, the vertical 
in-phase condition will again exist, and K2 dis¬ 
connects. This "door knocking" action to gain 
connection to the sync generator prevents long 
duration noise or other extraneous pulses from 
disrupting the vertical in-phase condition once 
gained. 

An automatic drop-back for the local sync 
generator to power line control of the master os¬ 
cillator and vertical phasing is provided by V24, 
V15B, V30, KI and K4. This gives a positive 
control of the local sync generator at all times, 
and automatically provides for normal studio 
operation, even though the network signal drops 
out. The GE TV16B stabilizing amplifier was 
chosen to operate with this unit because it per¬ 
mitted, without modification, the passage of a 
composite video signal, or the addition of local 
sync and blanking within the one unit by merely 
operating the existing relay. This realy is auto¬ 
matically controlled by the network signal if 
switch S4 is in the automatic position. 

Remote control is also provided for opera¬ 
tional adjustments to the "Betterlok. " These in¬ 
clude a switch for selecting either local power¬ 
line or automatic network (or remote) control of 
the local sync generator. 

Should the circuit be duplicated, there is 
the matter of reversal of the action of GE TV16B 
relay. This was done to make this unit inter¬ 
changeable in this respect with RCA TA5C and 
D, that were being used elsewhere in the station. 
The addition of local blanking besides sync in the 
GE TV16B provides a means of regaining lost 
setup, as well as straightening out a signal with 
porches at different amplitude levels. Grass or 
noise at black level will also be removed com¬ 

pletely by the addition of blanking and properly 
setting the black clip-balance control. (Note 
that in a locked condition, local sync is used to 
key the clamps in the stabilizing amplifier!) 

Hook-Up Requirements 

Power 
1. 115V a. c. , 
2. 300 V d. c. , 

60 cycles --2 amps, 
regulated -- 325 mils. 

Signal Inputs 

1. Network or remote composite video --
1. 4V, P. P. sync negative 

2. Local horizontal drive - Negative 3. 5 V 
P. P. 

3. Local R. T. M. A. sync -- Negative 3. 5V 
P. P. 

4. D. C. locking voltage from the local sync 
generator power line lock discriminator. 

Signal Outputs 

1. AFC voltage for sync generator master 
oscillator external control. 

2. Vertical phase correction pulses. 

Remote Control and Connections 

1. Switch permits the selection of local 60 
cycle power line, or automatic locking 
of sync generator master oscillator to 
network signal. 

2. Horizontal fine phase control. 
3. Black clip balance control. 
4. Connection from stabilizing amplifier 

relay to "Betterlok" relay, to provide 
automatic operation of stabilizing amp¬ 
lifier relay. 

Initial Adjustments 

1. Connect all voltages, signal inputs and 
outputs in accordance with the diagrams and 
tabulated information. 

2. Set R2 in mid range. 

3. Set S4 to "local 60 cycles. " 

4. Remove VI and V5. 

5. Adjust R4 to operate the horizontal 
blocking oscillator at its highest frequency as 
viewed at J2. 

6. Set SI to 1 0 Ref. 

7. Connect a zero center V. T. V. M. from 
J4 to chassis, using a 3 volt scale. The Voltoh-
mist is very satisfactory. 
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8. Adjust R5 to obtain zero reading on the 
V. T. V. M. This balances the bridge of V6. 

9. (If a positive reference voltage is requir¬ 
ed, carry out this step, if not, pass on to #10.) 
Set SI to Pos. Ref. Adjust R7 to obtain the re¬ 
quired positive reference for the sync generator, 
as indicated by a V. T. V. M. at J5 to chassis. 

10. Replace VI and V5 and set S4 to "auto 
lock." 

11. Adjust Rll to a point slightly beyond the 
complete removal of all video from the sync as 
viewed with a scope at JI. R3 is then adjusted to 
clean up the sync peaks. 

12. Lock the blocking oscillator of V4B to 
the remote sync by adjusting R4. This may be 
done by feeding a signal from J2 to the positive 
external sync input on an oscilloscope, while dis¬ 
playing a few horizontal pulses of the network 
stripped sync from JI. R4 is adjusted to the 
center of its locking range which causes the 
scope pattern to remain stationery. A double 
check is to be made on the setting of R4 by re¬ 
setting the scope to positive internal sync, but 
not changing the sweep timing. Then display the 
pulse at J2. The time interval or spacing between 
pulses should be the same as that between hori¬ 
zontal sync pulse in the initial adjustment. 

13. The master oscillator in the sync gene¬ 
rator should be locked now to the network signal. 
This may be checked by viewing the mixture of 
the network and local sync at J3. The signal at 
J3 will be much distorted, but all components 
should be locked together. 

14. Remove V18 and observe the signal at 
J7 with the oscilloscope set to view vertical in¬ 
formation. Adjust R8 to a point where the obser¬ 
ved negative pulse is reduced to a minimum. 
Replace V18. 

15. With the scope still set to display verti¬ 
cal information, observe the pulses at J6. If the 
positive lower amplitude pulse is not resting in 
the notch of the wider negative pulse, R9 should 
be adjusted slowly to increase the width of the 
negative notch pulse until the positive pulse comes 
to rest in negative notch pulse. When this condi¬ 
tion exists the local sync generator is in vertical 
phase with the network signal. If it is desired to 
view the vertical correction pulse at J8, it will 
be necessary to disconnect the vertical output 
cable and interrupt the network signal. 

16. Now the horizontal phase may need 
some fine adjustment. This may best be done at 

the remote control, which for convenience, is 
located close to the network stabilizing amplifier 
remote controls. Therefore, switch S4 is set to 
remote position and the remote control switch to 
auto-lock position. Adjust the horizontal phase 
control to line up the leading edges of local blank¬ 
ing with that of the network signal. 

17. Adjust the stabilizing amplifier remote 
black clip for desired setup. The remote black¬ 
clip balance should then be adjusted to give the 
best black level appearance when the remote 
switch is in the "local 60 cycle" position. The 
one meg. black-clip balance control is paralleled 
with the regular remote black clip control. 

18. If the blanking is too short or long in 
duration, correction may be made at the sync 
generator to match the network signal. 

19. Switching the remote control to "local 
60 cycle" position will allow composite operation 
of the network stabilizing amplifier and "power 
line" control of the local sync generator. This 
enables the operator to see just how much im¬ 
provement is being made in the signal by this 
reworking and permits an easy method of getting 
in and out of locked operation. 

Using the Unit in Normal Station Operation 

It is the primary function of this locking de¬ 
vice to permit the reworking of a defective video 
signal. However, it will permit cross fades and 
superimposition of network, or remote, and any 
locally originated picture signal, except from 
film or video tape. The latter two video sources 
may also be included, providing the film driving 
motors are powered by an A. C. that is locked to 
the remotely controlled sync generator and pul¬ 
sed light is used with film. It is understood that 
the vidicon is not subject to this exclusion when 
used in a film chain, as it has a very long image 
retentivity. 

There is an advantage in being able to devote 
one staibilizing amplifier and one sync generator 
to normally operate with the "Betterlok. " The 
advantages are that the operation of the unit can 
be checked at any time without any regard to in -
terference with locally scanned film, etc. Then, 
too, maintenance and adjustments may be made 
to any of the units just before airing the reworked 
signal. After any pre-adjustments have been 
made, the sync generator changeover switch may 
be operated, placing the network controlled sync 
generator in general studio use, if such a hook¬ 
up is desirable. The operator must keep in mind 
the above mentioned limitations in connection 
with film chains. In case it is impossible to 
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devote a separate sync generator to this use, it 
is possible to switch the remote control of the 
"Betterlok" to auto lock coincidentally with air¬ 
ing the network or remote. The lock-in time is 
so fast that the layman will not notice it, but it 
will be necessary to have the equipment previous¬ 
ly adjusted. Usually the equipment will stay in 
adjustment over long periods of time, so that 
only minor adjustments need be made, and very 
successful operation with one sync generator may 
be had most of the time. 

Since we have been primarily concerned with 
reworking the network signal, the equipment is 
located at our studios. This permits us to re¬ 
work the signal immediately upon receiving it, 
and then sending it through all normal channels 

. of switching and control. Others might find this 
piece of gear valuable at a transmitter site to 
rework all signals that are to be transmitted. 

Any station that receives a video signal over 
which it does not have full control as to its per¬ 
fection, will undoubtedly find at times a very good 
use for this type of reworking equipment. A 
system that will provide a solid lock of studio 
sync generator to a remote is also a very useful 
adjunct to a television station's programming 
facilities. 

Tabulation of Pictures & Diagrams 

Defective Signals to be Reworked - Figures No. 

1. Signal with 60 cycle hum and spiking 
(horizontal display) 

2. Signal with 60 cycle hum (vertical display) 

3. Signal with too short a back porch. 

Poor Clamping - Figures No. 

4. Output of stabilizing amplifier with signal 
of Figure No. 3 at input. (C. R. O. vertical 
display) 

5. Picture monitor displaying the signal of 
Figure No. 4 showing resultant tearing and 
pulling. 

Sync Separation Capabilities - Figure No. 

6. Vertical sync at JI of the schematic with 
the signal of Figure No. 1 at the input. 

Reworked Video Signal - Figure No. 

7. Horizontal display 

Credit must go to the station's management 
whose policies allow such developments, and to 
our Director of Engineering, James L. Middle¬ 
brooks, and to our Chief Engineer, Robert A. 
Ferguson. Also we recognize the aid of many 
others of the KING-TV engineering staff, es¬ 
pecially Lee Mudgett, Mique Talcott and Kenneth 
Hermanson. 

Credit must also go to the Edison Technical 
School in Seattle and particularly to Nick Foster, 
head of the Radio and Television Department, and 
to Mar do De Jaen. 

Fig. 1 
Signal with 60 cy. hum and spiking 

(horizontal display) 

Better-lok Front View - Figure No. 

8. 

Diagrams - Figures No. 

9. Better-lok hookup for video signal rework¬ 
ing. 

10. Block diagram of Better-lok. 

11. Schematic diagram of Better-lok. 

Fig. 2 
Signal with 60 cy. hum 

(vertical display) 

35 



Fig. 3 
Signal with too short a back porch 

w 
o 

Fig. 4 
Output of stabilizing amplifier with signal of 
Figure 3 at input (C. R. O. vertical display). 

Fig. 5 
Picture monitor displaying the sig¬ 
nal of Figure 4 showing resultant 

tearing and pulling. 

Fig. 6 
Vertical sync at JI of the schematic 

with the signal of Figure 1 at the input. 

Fig. 7 
Horizontal display 

Fig. 8 
Betterlok front view 
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Schematic diagram of Betterlok. 



A 3-VIDICON COLOR TELEVISION CAMERA 
FOR LIVE PICKUP 

Lannes E. Anderson 
Studio Systems Supervisor 

Broadcast Studio Engineering 
Radio Corporation of America 

Camden, New Jersey 

In the development and production of color 
television cameras, RCA has followed a schedule 
which was dictated by the needs of the industry 
and the availability of suitable pickup tubes. 
Thus, the first color camera produced was the 
3-image orthicon live pickup camera which was 
introduced commercially early in 195U. A sub¬ 
sequent version was introduced 3a ter having 
many improvements, both in the camera itself 
and in the associated control equipment. 

At the same time, an intensive develop¬ 
ment and design program was undertaken looking 
toward the production of a color film camera, 
as it was expected that color films would play 
as important a part in color programing as in 
monochrome. This program resulted in a product 
similar in principle to the studio camera but 
employing vidicon pickup tubes. Although con¬ 
siderably less sensitive than the image orthicon, 
the vidicon tube is more satisfactory in several 
respects for film reproduction because, under 
conditions of high illumination, it can achieve 
better signal-to-noise ratio and can be made to 
provide excellent gray-scale reproduction. Its 
storage characteristics are well suited to such 
an application. Since standard television film 
projectors provide adequate light, the limited 
sensitivity of the vidicon is not a handicap. 

Shortly thereafter it became apparent that 
the requirements imposed by certain application 
of live pickup color cameras could be better 
met by a camera employing vidicon tubes than 
by one employing image othicons. A vidicon 
camera is smaller, lighter, and somewhat more 
inexpensive to manufacture and operate. On the 
other hand, the lower sensitivity leads to a 
requirement of a much higher level of scene 
illumination for satisfactory performance. The 
vidicon camera is useful, therefore, where 
sufficient light is or could be made available 
and where considerations of size, weight, and 
operating cost are of special importance. To 
meet this need, RCA engineers have designed a 
3-vidicon color camera for live pickup which 
will be described in this paper. A camera of 
this type has been used in a number of closed 
circuit demonstrations of medical television 
and has been field tested by the National Broad¬ 
casting Company. Production units, including 
many additional features and refinements, are 
scheduled for delivery shortly with the first 
ones allocated for installation at the Walter 
Reed Army Medical Center in Washington, D. C. 

Many applications where the 3-vidicon live 
camera will be useful will be determined by its 
sensitivity. Electrically, the vidicon tube 
may be considered to be a generator having 
high internal impedance which, for a fixed set 
of electrical operating conditions, emits a 
signal current approximately proportional to the 
0.65 power of the illumination of the photo¬ 
cathode. By increasing the d-c signal electrode 
voltage, this signal current can be made to 
increase very rapidly without increasing the 
illumination. Thus the sensitivity of the tube 
is a function of the signal electrode voltage. 
As the sensitivity is increased by raising the 
signal electrode voltage, however, the amount 
of time required to scan "off" the picture in¬ 
formation is increased. This time lag may re¬ 
sult in a smear behind moving objects. The 
adjusted sensitivity of the tube, therefore, 
is determined by the amount of lag which can be 
tolerated for a given application. 

The voltage gain which may be employed in 
the video amplifier following the vidicon is 
limited by the permissible signal-to-noise 
ratio. Although the signal from the vidicon is 
virtually noise free and a very low-noise pre¬ 
amplifier is used, there is a practical limit 
to useful amplifier gain imposed by noise 
generated in the first stage. 

The overall sensitivity of the camera is 
determined, therefore, (1) by the pe rmissible 
lag which places a lower limit on the photo¬ 
cathode illumination and (2) by the permissible 
signal-to-noise ratio which limits the useful 
gain of the video amplifier. In the 3-vidicon 
color film camera it is possible to illuminate 
the photocathode intensely with the consequence 
that the camera signal has no noticeable lag 
and an excellent signal-to-noise ratio. With 
the 3-vidicon live camera, there will be certain 
practical operating limits with the available 
light; this will necessitate a mode of operation 
which involves a moderate compromise in lag and 
signal-to-noise ratio. The performance of the 
three color cameras with respect to sensitivity 
is summarized in Table I. 

It is of interest to compare the light re¬ 
quirements of this new camera with light levels 
existing under other conditions. These are 
summarized in Table II. 
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TABLE I 

Camera 

3-Vidicon 
film camera 

COLOR CAMERA PERFORMANCE CHARACTERISTICS 

Typical Scene Fhotocathode Highlight 
Illumination Illumination (Nominal) 

15,000 foot candles 100 foot candles 

(f:1.5 lens system) 

Remarks on 
Performance 

No lag; excellent signal-
to-noise ratio; free of 
"halos." 

3-Vidicon 
live pickup 
camera 

1200 - lliOO foot candles 

(f:2.1 lens systems)* 

3-6 foot candles Some lag on moving objects; 
good signal-to-noise ratio; 
free of "halos." 

3-Image orthicon 
live pickup 
camera 

250 foot candles 

(fs5.6 lens system)* 

Negligible lag; good signal-
to-noise ratio; image 
orthicon subject to "halos" 
and other edge effects 
under certain conditions 

«Vidicon camera with f:2.1 lens system has depth of focus approximately 
equivalent to image orthicon camera operated at f:5.6 

Fig. 1 
Block diagram of 3-V studio camera chain 
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TABLE II Medical and surgical instruction 

TYPICAL ILLUMINATION LEVELS 

Direct sunlight 7500 — 10,000 ft. candles 

Cloudy day 300 - 3000 ft. candles 

Surgical operations 1500 - 3000 ft. candles 

Department store show 
windows 1000 ft. candles 

Indoor color 
photography 500 - 1000 ft. candles 

Indoor monochrome 
photography 100 - 500 ft. candles 

Monochrome television 50 - 100 ft. candles 
Studio 

A desirable objective in the design of all 
electronic equipment and a primary objective in 
this camera design is to make it as small and 
light in weight as possible, consistent with 
good performance, reliability, and ease of main¬ 
tenance. This objective has been achieved in 
this new camera. Its approximate dimensions, 
not including the viewfinder, are 26 inches long 
(less the lenses), Ih inches high, and 15 inches 
wide; the weight is about 100 pounds. Thus the 
camera is only slightly longer and heavier than 
the present RCA monochrome image orthicon camera. 
The standards of quality established in the image 
orthicon color camera have been maintained, and 
the signal processing and control equipment are 
identical. Because of the low cost and long life 
of the vidicon tubes, the operating cost will be 
low. On the basis of present field experience 
it is estimated that pickup tube replacement 
costs will be only about 60^ per hour. 

Although the lighting requirements of this 
camera are high, there are numerous applications 
in closed circuit and broadcast television where 
adequate illumination is available for satisfac¬ 
tory operation. It should be particularly use¬ 
ful where the subject matter consists primarily 
of inanimate objects. A representative, al¬ 
though by no means complete list of applications, 
is given in Table III. 

TABLE IH 

TYPICAL APPLICATIONS 
OF 3-VIDICON LIVE PICKUP CAMERAS 

Broadcast commercials involving product displays 
or opaques. 

Outdoor pickups on spring, summer, and bright 
fall days. 

Operations 

Autopsies 

Microscopy 

Military instruction 

Weapon operation and maintenance 

Aircraft operation and maintenance 

Electronic equipment operation and 
maintenance 

Target discrimination 

Camouflage detection 

Industrial instruction 

Manufacturing proceses 

Mechanic training 

Industrial and military remote monitoring 

Hazardous operations 

Remote operations 

Furnace observation 

Jet engine observation 

A block diagram of a complete camera chain 
is shown in Fig. 1. As stated previously, the 
control and signal processing equipment is 
essentially identical to that used in the image 
orthicon color camera. The major elements are: 
the processing amplifier which amplifies, in¬ 
serts pedestal and gamma correction, generates 
shading signals, and provides electronic switch¬ 
ing facilities for monitoring signals; the 
modulation shading amplifier, the gain of which 
is varied in accordance with shading signals to 
compensate for residual variations in sensitivity 
in di f feront areas of the photocathode in the 
vidicon tubes; the colorplexer which converts 
the simultaneous red, blue, and green signal 
into the standard color signal as specified in 
FCC Rules; a master monitor and a color monitor. 

The camera head is shown in Fig. 2. An op¬ 
tional electronic view finder is available which 
can be used or removed depending on the applica¬ 
tion. In effect, the camera case contains three 
individual monochrome vidicon cameras, all 
identical and therefore, interchangeable. Each 
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receives a spectrally separated optical image, 
which is converted into a television signal and 
amplified to approximately 0.3 volts before 
leaving the camera. The three vidicon tubes 
are mounted in a vertical line on the left side 
of the camera with the taking lens directly in 
front of the center or red tube. Ease of ser¬ 
vicing, plus better ventilation result from this 
arrangement, with more efficient use of the space 
for the lenses, mirrors, preamplifiers, deflec¬ 
tion circuits, and wiring. 

The unit has been provided with a knob and 
crank located at the lower right side rear of 
the camera for optical focusing control. A link 
drive to a shaft extending through the center 
of the camera moves the lens turret forward and 
backward in the focusing operation. This is 
similar to the focusing operation in the mono¬ 
chrome image orthicon camera which has proven 
to be very popular. When used in applications 
where the camera must be controlled remotely, 
optical focusing is controlled by a knob at the 
control console which in turn operates a driv¬ 
ing motor that is attached to the camera. 

A four lens turret similar to that used on 
image orthicon cameras is provided. This may be 
operated either remotely or by means of a handle 
at the back of the camera. 

The same lenses may be used as are provided 
for the monochrome image orthicon cameras, thus 
allowing a wide variety of field sizes; for 
example. 

Field Dimensions 
Focal Length at Approx. 8 ft. 

135 mm or inches 15 x 20 inches 

8| inches 9 x 12 inches 

15 inches Ü x 5 inches 

18 inches 2| x 3 inches 

For larger field coverage, wider angle lenses 
of 5o and 90 ram focal length are ava il able. 
These permit coverage of any reasonable field 
size. 

In addition to the camera units and optical 
system, the camera case contains the necessary 
deflection circuitry. It has been possible to 
make a significant reduction in the size of the 
deflecting yoke and focus assemblies by employ¬ 
ing a new vidicon in which the side tip is 
eliminated. This makes it possible to fit the 
coil assembly snugly around the tube. 

A unique feature of this camera is a plug¬ 
in control panel which may be used at the camera 
position for setup purposes and then transferred 
to a remote control location. An interlock re¬ 
lay for controlling power to the camera chain 

will remove dangerous voltages when the camera 
control panel is removed from any of its control 
points. This will protect personnel as well as 
the equipment. 

A drawing of the camera fitted with a view¬ 
finder and mounted on a standard tilt head is 
shown in Fig. 3» 

Since the use of this camera for surgical 
instruction will be one of the most important, 
it is of interest to describe the mounting 
equipment designed for this application. This 
equipment with the camera mounted in place is 
shown in Fig. h. 

The light from the scene on the operating 
table passes through a ten inch circular open¬ 
ing in the center of a special surgical lamp 
and strikes the mirror which reflects the light 
into the horizontally mounted camera. The lamp 
may be tilted freely in any direction by the 
surgeon within wide angular limits. A gear 
reduction system automatically moves the mirror 
through one-half of the angular movement of the 
lamp when the lamp position is changed manually, 
thus maintaining the camera optical path in 
line with the light path. In addition, a clutch 
device allows the remote control operator to 
over-ride the local mechanical light adjustment. 
A joystick control can be provided in the camera 
control console for controlling the mirror angle. 

The remote control features described above 
permit all necessary optical, mechanical and 
electrical adjustments to be made from a single 
control position. A locking device is available 
to permit the easy removal of the camera from 
the operating lamp. Access to the camera for 
servicing, while in its operating position, is 
possible because the locking device is located 
at a point that allows the side doors to be 
opened. Due care has been exercised in the de¬ 
sign of the camera mount to prevent the camera 
from falling out of its cradle even though the 
locking device has not been properly secured. 

The control position for the camera chain 
is shown in Fig. 5. All control and processing 
equipment is located here with the exception of 
the colorplexer and power supplies. These are 
normally mounted in a rack at another location. 
An alternative arrangement is shown in Fig. 6 
in which all equipment is rack mounted. This 
system is particularly useful when space is at 
a premium since considerably less floor space 
is required. 

In summary, it can be said that this camera, 
because of its small size and low operating cost, 
will extend the uses of color television to a 
large number of new applications in education, 
industry, and broadcasting. Under conditions of 
adequate light it will produce a compatible 
color signal of broadcast quality. 
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Fig. 3 
Color camera with viewfinder on cradle 

mounting 

Fig. 4 
Color camera without viewfinder mounted with 

hospital operating lamp 

Fig.. 2 
Color camera on cradle mounting 

43 



Fig- 5 
Color camera control console and color 

monitor 

Fig. 6 
Color camera control mounted in 

cabinet racks. 
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A SIMPLIFIED PROCEDURE FOR THE DESIGN OF TRANSISTOR 
AUDIO AMPLIFIERS 

Albert E. Hayes, Jr., and William W. Wells 
AUTONETICS 

A Division of North American Aviation, Inc., 
Downey, California 

Summary 

A simplified procedure for the design of 
transistor audio-frequency amplifiers has been 
developed. This procedure involves the use of a 
set of approximate formulas which have been de¬ 
rived from the classical matrix form, in conjunc¬ 
tion with special characteristic curves setting 
forth the variation of transistor parameters over 
a wide range of operating currents. The formulas 
used have been derived for practical circuits 
which incorporate external resistances in the 
emitter, base, and collector leads of the trans¬ 
istor. The effect of changes in circuit con¬ 
stants can be visualized directly from the for¬ 
mulas and characteristic curves, without the 
necessity of resorting to extensive computation, 
as has been the case heretofore. 

This paper is divided into two portions. 
The first part is concerned with the derivation 
of the exact formulas of transistor circuits, in¬ 
corporating the h-matrix parameters, while the 
second part presents approximate forms of these 
formulas which are shown to be of adequate 
accuracy for general use. A method of plotting 
transistor characteristic curves in a form 
particularly suitable for the requirements of the 
circuit designer, and particularly compatable 
with the simplified formulas, is described.-
Some examples of actual circuit designs in accord¬ 
ance with this paper are presented to show the 
generality of the method. 

Characterizing The Transistor 

A brief review of the origin of the so-
called "h parameters" will be in order for those 
who may not be familiar with four-pole network 
theory. It is recommended that the reader who 
wishes to attain proficiency in matrix circuit 
methods study the references in the order set 
forth. 

It must be pointed out, however, that matrix 
aleebra, as such, is not used in the circuit 
design method set forth in this paper. The only 
mathematical operations required are those of 
simple arithmetic, applied to a set of symbols 
which have their origin in matrix circuit theory. 
As a matter of fact, the symbols used in the 
appended tables have been set forth in a form 

which eliminates even the appearance of matrix 
notation. 

The General Network 

Figure 1 illustrates a "black box" with a 
pair of terminals at each side. Those on the 
left side are numbered 1,1 and those on the right 
side are numbered 2,2. A voltage across the 1,1 
terminals is designated v^, and a similar voltage 
across the 2,2 terminals is designated V2. A 
current flowing into the box through the upper 1 
lead is designated ii, and a current flowing info 
the box through the upper 2 is designated ig. 
Polarities are standardize? by convention in such 
a manner that currents flowing in the directions 
indicated by the arrows are positive, and voltages 
are positive when the upper terminal of a pair is 
at a higher potential than the lower terminal. 

It is obvious that, no matter what is in the 
box, its performance can be described precisely 
if the interrelations among the two currents and 
two voltages are stated. Any two of these 
variables may be selected as the independent 
variables, with the remaining two selected as the 
dependent variables. Assuming that the circuit 
within the box is linear over the range of in¬ 
terest, the various combinations will lead to the 
six equations set forth below (equations (1) 
through (6)). It is to be noted at this point 
that the subscript 11 designates a coefficient 
associated with the 1,1 terminal pair, 22 
designates a coefficient associated with the 2,2 
pair, 12 denotes a coefficient associated with an 
effect at the 1,1 terminals produced by a cause 
at the 2,2 terminals, while the subscript 21 
denotes a coefficient associated with an effect 
at the 2,2 terminals produced by a cause at the 
1,1 terminals. In general, the letter designa¬ 
tions used are arbitrarily selected, the excep¬ 
tions being that the z terms are impedances, and 
the ¿ terms are admittances. The dimensions of 
the other coefficients are readily apparent from 
a consideration of the voltage and current 
relationships, that is, they must be either im¬ 
pedance, admittance, voltage ratio, or current 
ratio. 
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Ti = hih + *12*2 

v2 = z21^1 * *22*2 

h = yllVl + 712V2 

12 = y21vl + y22v2 

V1 = hih + ^12’2 

i2 = h211l + h22V2 

h = gllVl + g12i2 

T2 = g21Vl + g22^2 

vi = - a12i2 

*1 = a21v2 " a22i2 

t2 = hl^ " ^2^1 

i2 = b21vl ‘ b22il 

(1) 

(2) 

(3) 

(4) 

(5) 

(6) 

Each of these six sets of equations is a complete 
characterization of the performance of the black 
box, and no decision can be made as to which is 
the most suitable set without knowing some of the 
limitations of the content of the box. If, for 
example, the box contained a grounded-cathode 
vacuum tube, the £ set would have the following 
coefficients when translated into the familiar 
vacuum tube terminology: 

yll = °’ y12 = °’ y21 = Gm’ y22 = 1/^p 

(As a comment on the universality of this system, 
note that g 21.) 

Transistor Applications 

In a transistor, if we wish to assume that 
to be the content of the box, we will generally 
have a low input impedance (perhaps across the 1,1 
terminals) and a high output impedance. It de¬ 
velops that the h-set lends itself most readily to 
practical circuit measurements with such terminal 
conditions. The practical definition of the four 
h-parameters is, then: 

hu • Input impedance with the output 
terminals shorted. 

hi2 « Reverse-transfer (feedback) voltage 
ratio, with the input terminals open. 

h2i “ Forward-transfer current ratio, with 
the output terminals shorted. 

h22 “ Output admittance with the input 
terminals open. 

In each case it will be seen that an open circuit 
is called for across a low-impedance circuit, and 
a short circuit is called for across a high-
impedance circuit. The fact that a "short" can 
never be a true zero-resistance connection, and 
an "open" can never be a true zero-admittance 
connection, in practical test circuit arrange¬ 
ments, does not invalidate the terminal conditions 
of the h-parameter set of equations as applied to 
practical transistors. Each of the other sets 
contains at least one terminating condition which 
is difficult to approach with transistors. 

In the preceding discussion it has been 
assumed that the 1,1 terminals comprise the 
"input" terminals, while 2,2 comprise the "output" 
terminals. Since transistors are used in common¬ 
emitter, common-base, and common-collector con¬ 
figurations, and since the several h-parameters 
differ with differing configurations, a convention 
must be established to enable transistors to be 
comparable regardless of their end use. In 
vacuum tubes, for example, the characteristic Gm 
has an ancillary connotation "in a grounded-
cathode configuration." The characteristics of a 
tube could be set forth just as accurately in the 
cathode-follower or grounded-grid configurations, 
but the convention has become well established. 

It can be demonstrated, and it will become 
apparent after reference to the formulas which 
are presented later, that closer control of the 
circuit characteristics of a transistor, in all 
configurations, will be attained if measurements 
are performed in the conmon-base configuration, 
rather than in either of the other possible con¬ 
figurations. The convention has therefore been 
adopted that all h-parameters are measured in the 
common-base configuration. 

Notation 

As has been pointed out earlier, the several 
h-parameters specify the performance of a general¬ 
ized circuit, rather than the performance of a 
specific item, in this case a transistor. Further, 
transistors frequently appear as a portion of a 
circuit the h-parameters of which are desired. 
If, for example, a common-emitter transistor 
circuit is the subject of circuit analysis, two 
values of hu must appear in the computation. One 
of these is the common-base h^ of the transistor 
itself, and the other is the hu of the entire 
circuit incorporating the transistor. This can 
become confusing, and we have in the following 
pages incorporated the recommended notation of the 
joint IPE/AIEE Task Force 7.7.2 on semiconductor 
symbols, wherein the circuit equation becomes: 

▼1 = h1l1 + hrv2

*2 = “A + hoV2 common bese 
(7) 

from which it can be seen that: 



■ Transistor input impedance with the out¬ 
put terminals shorted, in the common-
base configuration. 

hy « Transistor reverse transfer voltage 
ratio, input terminals open, in the 
common-base configuration. 

hf « Transistor forward-transfer current 
ratio, output terminals shorted, in the 
common-base configuration. 

h0 « Transistor output admittance, with the 
input terminals open, in common-base 
configuration. 

These are the symbols which are used through¬ 
out the remainder of this paper. 

Circuit Design Formulas 

Figures 2, 3, and U are the exact formulas 
for the performance of transistors connected in 
the three possible circuit configurations. The 
h-parameters used are, as stated previously, those 
measured in the common-base configuration. It is 
believed that these figures constitute the first 
publication of exact circuit formulas including 
resistors external to the transistor, in each of 
the three legs of the circuit. No approximations 
have been used in the derivation of these formulas, 
since it is our belief that each user must tailor 
the degree of approximation in accordance with the 
limitations of the problem at hand. 

The formulas are intended for use in the low-
frequency region where the parameters are sub¬ 
stantially independent of frequency. With most 
conventional transistors this range extends from 
DC up to one percent or more of the alpha-cutoff 
frequency. These formulas may be used at any 
frequency provided that (1) the parameters are 
measured at the frequency of operation, (2) the 
complex value of each parameter is measured, and 
(3) impedances and admittances are used in place 
of resistances and conductances. 

The set of formulas in the bottom rows of 
Figures 2, 3, and U comprise expressions for the 
h-matrix parameters of the entire circuit includ¬ 
ing the transistor in the configuration shown, 
together with the associated resistances in the 
external leads. These formulas are presented for 
those accustomed to the use of matrix methods in 
computation. 

A table of approximate formulas, useful under 
most circumstances, appears as Figure 5. These 
approximations are based on the assumption that 
Ri is much less than 1/ho, that Rg is larger than 
hi, that hr is of the same order of magnitude as 
hih0, and the hr is at least three orders of 
magnitude below unity. 

Design Curves 

It is a rare coincidence when a circuit uses 

a transistor at the particular values of bias 
set forth by the manufacturer as "standard test 
conditions." Taking the case of the USAF 2NU3&, 
for example, the test conditions under which the 
common-base h-parameters are measured are Vc = 
-5 v., and Ie « 1 ma. The USAF 2Nh3A finds wide 
usage at collector voltages from 1.5 to 30 v., 
and at emitter currents from 50 uA to more than 
10 mA. It is well known that all four h-
parameters vary greatly with emitter current, and 
many manufacturers supply graphs showing the 
variation of each parameter, on a relative basis, 
with variation of emitter current. These graphs 
are not completely satisfactory, since it is 
necessary to enter the plot with the "standard 
test conditions" value, and perform an indicated 
multiplication or division in order to arrive at 
the correct value at the particular level of 
current at which it is desired to operate. Such 
a normalized plot, which expresses variations on 
a relative basis, suffers from the disadvantage 
that the variations in magnitude of the several 
parameters are not presented in a manner which 
enables the engineer to select optimum conditions 
directly from the plot. 

In the reverse case, for example, when the 
engineer requires that a transistor have a value 
of hi equal to 250 ohms, where the 1-raa Ie value 
of hi is 30 ohms, it requires computation to 
determine that a current of 0.1 ma would provide 
the 250-ohm value. At the same time the problem 
of determining the magnitude of ho at this latter 
value of bias current presents the requirement of 
another computation. 

Practical Curve Presentation 

A more convenient plot, more applicable to 
the day-to-day requirements of the design engineer, 
is introduced in Figure 6, which is a graph of the 
several h-parameters of the 2NÜ3A transistor, 
plotted against collector current as the indepen¬ 
dent variable. In making use of this presentation 
it is necessary only to select the desired 
value of operating collector current, and then to 
read the value of the several h-parameters 
directly from the curve. Conversely, it is a 
simple task to select a point on one of the curves 
at which a desired value of an h-parameter appears, 
and then to read directly the value of collector 
current which would cause this value of the 
h-parameter to be presented to the circuit. 

It was the single aim, in the preparation of 
this format, to enable the design engineer to 
obtain pertinent information as directly as 
possible, with the greatest practical accuracy, 
and with the minimum possibility of misinterpre¬ 
tation. 

The collector current was selected as the 
independent variable since it is generally of more 
direct interest to the design engineer than is the 
emitter current. Collector current is plotted on 
a four-cycle logarithmic scale in order to maintain 
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the same accuracy throughout the useful operating 
range of the transistor. 

Since the variation of parameters with 
collector voltage is generally less significant 
than with variation of current, plots are 
presented at a limited number of voltages, and 
those only when the value of the parameter is 
significantly affected. The values of the para¬ 
meters at other voltages will be obtained with 
sufficient accuracy by interpolation or extra¬ 
polation of the plotted values. 

Figures 7 through 10 are similar plots of 
the characteristics of several of the more 
popular transistors. 

The parameters hi, h0, and hj. are plotted 
on the four-cycle ordinate scale in the obvious 
manner. Decade multiplying factors are indicated, 
as applicable, to normalize the values of the 
parameters to a common scale. On Figure 7, for 
example, the multiplier for the ho curve is 10®. 
This indicates that the value of the parameter is 
10-8 times the plotted value. Since a logarith¬ 
mic scale is used the percentage error is 
constant over the entire range of plotted values. 

The forward-transfer current ratio (hf), 
or "alpha" as it has been called, presented an 
interesting problem, since the value of hf, by 
itself rarely appears in circuit computations. 
In fact, where hf does appear alone the value, 
whether it be -.991 or -.992, has only an in¬ 
significant effect on the result. 

The value of h^ is important, however, in 
the two forms in which it generally appears in 
transistor circuit computations: 1 + hf, and 
hj It becomes apparent from a consideration 

J--- * of the foregoing expressions that a 
small change of hf will produce a large 

change in the value of the functions, particularly 
for values of hf approaching unity. Both of those 
functions are tabulated, together with the 
tatxilation of hf itself, on separate ordinate 
scales which cooperate with the curve labeled hf. 
The quantity hf is approximately the 

1 ♦ hf 

connon-emitter short-circuit current gain, and is 
labeled hfe. It is also known as "beta" in some 
circles. 

The plot is laid in such a manner that the 
value of hfe can be read to an accuracy of 10?, 
while the other parameters may be read to 20?. 

Examples 

Several examples will now be presented to 
demonstrate how the formulas and curves may be 
used to design audio amplifiers. 

A One-Stage Amplifier 

A very simple common-emitter single-stage 

amplifier is illustrated in Figure 11. The 
voltage gain of this amplifier may be computed 
by using the exact and approximate design 
formulas set forth on Figures 2 and 5, repec-
tively. The numerical values of the h para¬ 
meters used are those taken from the 2Nh3A curve 
family of Figure 6, for a collector supply of 
3 ma and 5 v. 

The values of the h parameter ares 
hf = 12 

hr = 4.8 X 10 "4

hf = -.980 

h = 1.4 X IO -6 o 

and D = h.h - h h, = 4.9 X 10”4 io r ï 

If the load resistor R^ is selected to be 
1,000 ohms, the values of voltage gain computed 
from the exact and approximate formulas are: 

D = hiho - hrhf 

=(12) (140) (10)+ (.98) (4.8) (IO) -4

= .168 X IO-4 + 4.7 X 10-4

= 4.9 X 10 "4

M = D - ^ + 1 + h 

= 4.9 X 10-4 - 4.8 X 10~4 + .02 

= *1 X IO''4 + .02 = .0201 

A - (4.9 X 10~4 - .98)(10) 3

V 12 + 4.9 X IO-4 X 103

= 979.5 = 78.5 
12.49 (8) 

. y .98 X 103 = 81.6 
▼ 12 (9) 

Thus it can be seen that the approximate 
formula is less than U? in error. This error 
will increase with higher values of Rj,. Table I 
is the result of computations with both the 
exact and approximate formulas, together with 
the actual measurements made on the amplifier 
under consideration. 

TABLE I 

Calculated Voltage Gain Measured Voltage 
Gain - 5 Samples Approximate 

Formula 
Exact 

Fronula 
100 

IK 
10K 

100K 

8.16 
801.6 

816.0 
8160.0 

8.12 
78.5 
580.0 

1600.0 

7.9 
81.0 
524.0 

1560.0 



The Un-Bypassed Emitter Resistor 

An unbypassed or partially bypassed emitter 
resistor is frequently added to a common-emitter 
amplifier to provide degeneration. This degener¬ 
ation produces almost the same results we are 
accustomed to in vacuum tube circuits when the 
cathode resistor is left unbypassed -- the input 
impedance is increased, and the voltage gain is 
to a lesser extent a function of circuit variables. 
The circuit illustrated in Figure 12 is typical of 
this type of amplifier, and will be considered 
next. 

The value of load resistor, IK, selected for 
this example, is chosen to simulate to some extent 
the impedance the circuit would be working into if 
it were driving another common-emitter stage. The 
values of the h-parameters selected for this 
design are: (These values for 1 ma and 5 volts are 
slightly different from the published values 
because of the small sample used when plotting 
the curve.) 

hi = 28 

h = 3.7 X IO-4 r 

hf = -.98 

ho = .55 X IO-6

then D = 3.8 X lO -̂  

and M = .02 

It will be observed that in almost every 
computation encountered in small-signal design 
the assumption that M » 1 ♦ hf will not materially 
diminish the accuracy of the result. k. 

The load resistance into which the transistor 
is working is the parallel combination of Rg, 
(1,000 ohms) and the collector supply resistor. 
The parallel combination comes to 832 ohms. 

The series combination of all impedances 
between the emitter and ground yields the value 
of Rg to be used in the formulas. If the re¬ 
actance of C is much smaller than 100 ohms it may 
be ignored and we can consider Rg to be equal to 
100 ohms. In the event that the reactance of C 
is appreciable with respect to 100 ohms, the 
parallel combination of 1900 + jXc would be noted 
as Re« In this case we will assume that the 1900-
ohm resistor is adequately bypassed, and thus Re ■ 
100 ohms. 

The formula for voltage gain, from Figure 
3, is: 

(D + hf + hR^ 

Av=h1+ + Rjll + + Rb) J + V* + hR^ 

and thus the computed exact voltage gain is 

D = hlho -

= 2.8 X .55 X 10-6 + .98 X 3.7 X 10-4

= 3.8 X 10 -4

A _ (3.8 X 10^ -.98 + 0.55 X lO'A 1Q2)832 

T 28 + 3.8 X 154 X 832 + 102(l + .55 X 10“6X 832) 

- ^2 ¿ - x « 
128.32 - (H) 

Using the approximate formula of Figure 5, 
the computed voltage gain is: 

A * .98 X 8^2 = 6 6

V 28 + 100 (12) 

where the two results are close to identical. If 
the emitter degeneration were removed, as would 
be the case if the emitter were effectively by¬ 
passed, the gain would be: 

A = = 29.1 (13) 

The input impedance is, by the exact formula: 

2 J3.8 X 10~4)832 + 28 +100(14.55 X lo"6 X 832) 

1 .55 X IQ'S 102 + 02 

= = 6430 -rv (14) 

while,the approximate formula: 

y 28 + 100 _ z,^ 
Zi " .02 ~ 6400 XV. 

Once again the error is of the order of 2?. 

If the emitter were effectively bypassed to ground 
the input resistance would be. 

Z = hl = 28 = 1400 XV 
1 1 + hf .02 

It is interesting to note that the gain and 
the input impedance are both changed by h.58 
times when the emitter impedance is varied 
between zero and 100 ohms. 
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APPENDIX 

The transistor may be regarded, most 
generally, as a six-terminal network, of the form 
indicated in Figure 13. 

This may at first appear surprising, since 
the transistor as we know it today has but three 
leads. However, let us assume that the primed 
leads are the emitter, base, and collector leads 
of the transistor, and that the unprimed leads 
are a y-connected common lead, with no connection 
whatever to the transistor itself. Figure 14 
illustrates one such possible arrangement of the 
transistor. 

For the sake of generality, however, we will 
not assume that the primed terminals are 
necessarily connected to the transistor elements 
in any particular order at this time. 

We can define currents and voltages according 
to the following conventions: Currents are 
positive when a primed lead is at a higher 
potential than its unprimed associate. In the 
illustration of Figure 15 all currents and 
voltages indicated are positive. 

^It can be shown, by the method of Knight et 
al., that the interrelationship among these six 
voltages and currents may be expressed in the 
following form: 

*1 = yllVl + y12T2 + y13v3 (17a) 

*2 = y21vl + y22v2 + y23V3 (17b) 

i3 y31vl + y32v2 + y33T3 (17c) 

The preceding equation family may be express-
ed in matrix notation as: 

*2 
in 

ylly12y13 

y21y22y23 

_y31y32y33. 

V1 

v2 

.V3. 

(18) 

If the unprimed terminals are assumed to be 
a common ground-lead, and if we choose to 'ground’ 
one of the transistor elements to that lead, the 
following sets of equations will result from those 
connections• 

Shorted Pair Circuit Equations 

*2 = y22v2 + y23v3 

i3 ~ y23v2 + y33V3 
(19) 

I 
2, 2 

1 
3, 3 

*1 = yllTl + y13v3 

i3 " y31vl + y33V3 

*1 = yllTl + y12v2 

*2 = y21vl + y22v2 

(20) 

(21) 

If we assume that the pair 3, 3 represents 
the base terminal of the transistor and the common 
lead, the last of the preceding three equations is 
the complete circuit equation of the common-base 
transistor circuit, expressed in the terms of 
admittances. The general 'black box' equivalent 
of this type of equation is a two-terminal pair 
(or four-terminal network) as illustrated in 
Figure 16. The polarity conventions for voltage 
and currents are as set forth for the six-terminal 
network of Figure 15. 

It will be noted that equation (21) expresses 
the operation of the two-terminal pair in terms 
of the independent variables and v^'. It will 
be obvious that five other sets of equations are 
possible, selecting other currents and voltages 
as the independent variables. The complete set, 
together with their matrix-notation equivalents, 
are set forth below. The notation is that of 
Shea.* 

vi = ’ll1! + *12^2 

v2 + z21^1 + a22i2 

*1 " yllvl + y12T2 

*2 = ya Vl + y22V2 

Vi = 41*1 + 42V2 

12 = h211l + h22v2 

*1 = gllVl + ®12^2 

▼2 - «21V1 + 822i2

T1 = allv2 “ a12i2 

*1 = a21V2 " a22i2 

(23) 

(24) 

(25) 

(26) 

v2 = 41T1 " b12il 

i2 b21vl " b22il 

A fine table setting forth the interrelations 
among the several sets of matrix parameters has 
been published. 2 By the use of such a table any 
of the coefficients may be expressed in terms of 
the coefficients may be expressed in terms of 
the coefficients of any of the other matrices. 

50 



It will be recalled at this point that the 
assumption has been made that the 3> 3 pair of 
the six-terminal network represented the base¬ 
common pair, and that the resultant four-teminal 
network comprosed a common-base configuration. 
In view of this, the convention has been adopted 
that the coefficient associated with a particular 
oonnon-element configuration will have a third 
subscript indicating the common element. Thus 
the coefficients set forth in the preceding set 
of equations should, strictly speaking, be 
written as follows; zub> 212b. etc. During the 
remainder of this discussion the common-base 
subscript will be assumed, and the complete forms 
will be reserved for the conmon-emitter and 
common-collector coefficients. 

The Indefinite Y-Matrix 

At this point a singular property of the y-
matrix (equation 16) should be pointed out: The 
sum of the coefficients in each row is zero, and 
the sum of the coefficients in each column is 
zero. Thus, the entire 3x3 y-matrix, called 
the Indefinite Y-Matrix3 can be written by 

11 '12 1 

y22 ya 2 21 '22' 

3 12'22 ’ll 

4 

inspection from the common-base y-matrix set forth 
above (23) as follows; (Equation 28) _ 

5. 

Since the 3j 3 pair has been defined as 
representing the base-common pair of the six 
terminal network described above, and if we assume 
the 1} 1 pair to represent the emitter-conmon 
pair, and the 2j 2 pair to represent the collector-
common pair, the common-emitter y-matrix may be 
expressed in terms of the common-base y-matrix by 
cancelling the 1 row and 1 column of the above 
matrix, and rearranging the terms in accordance 
with the customary input/output relationships 
where 1J 1 represents the input pair, and the 
2} 2 represents the output pair. The result, the 
common-emitter y-matrix, in terms of the common-
base y-matrix parameters becomes; 

Fl lb + y22b + y21b + y12b -(y12b + y22b^ I 

Q y21b + y22b^ (y22b^ J(29) 

yielding the conversion table: 

ylle = yUb + y22b + y21b + y12b 

y12e = (y12b + y22b^ 

y21e “ (y21b + y22b^ 

y22e “ y22b 

Thus the indefinite y-matrix provides an 
avenue of translation between one circuit con¬ 
figuration and another. This was the method used 
in the derivation of the exact circuit formulas 
presented as Figures 2, 3» and h. 

By converting the h-parameters to their 
y-matrix equivalents, entering the result in the 
indefinite y-matrix, cancelling the appropriate 
row and column, and translating the resultant 
2x2 y-matrix parameters back to h-matrix 
parameters, the following table of equivalents 
among the several sets of h-parameters is 
obtained: 

TABLE (II) 

Tabulation of the h-matrix parameters of the 
transistor connected in the three possible 
configurations expressed in terms of the common¬ 
base matrix parameters. 

Where D = h^ - h^h* 

Configuration Symbol Equivalent 

Common 
Emitter 

41 e 41b 
M 

42e D -42b 
M 

^21e -<4ib 4 p) 
M 

42e 42b 
M 

D 
e 

D 
M 

Common 
Collector 

410 41b 
M 

42c 1 *4ib 
M 

41c 42b"1 
M 

42c 42b 
M 

D0 
1 
M 

D = h, h - h h (etc) 
e ie oe fe re 

and M = D - h , + h „ + 1 
ro id 
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TABLE III 
In this table the symbol D represents the 

value of the matrix, evaluated~as a determinant, 
as follows: D « hnh22 - hy2h21» The symbol 
M represents: D + hf - hr ♦ 1 

Transistor Notation 

While the preceding table of h-parameters 
represents a consistent set of parameters, the 
necessity to select one of these sets as the 
appropriate one to characterize a transistor, 
leads to a confusing situation when a configura¬ 
tion other than the "standard" is used in a 
circuit. The following example serves to 
illustrate this point: 

Let us assume, as is the case, that the 
common-base set of h-parameters is defined as the 
set whereby the performance of a transistor is to 
be characterized. Let us assume further that the 
transistor in question is to be operated in a 
common-emitter circuit. 

The following conditions will then prevail: 

Input impedance of the transistor, with its 
output terminals shorted (measured in the common 
base connection) « hllb« 

Input impedance of the transistor circuit, 
with the output terminals shorted - hjje . 

Since, as is shown in Table (II), hub / hne 
the subject of notation begins to become cloudy. 
For this reason, the following notation has been 
recommended by the Joint AIEE/IRE Task Force on 
Semiconductor Notations: 

hu, ■ Transistor small-signal, short-circuit, 
input resistance, measured in the 
common-base configuration. 

hrp « Transistor small-signal, open-circuit, 
reverse-transfer voltage ratio, 
measured in the common-base configura¬ 
tion. 

hfp « Transistor small-signal,short-circuit, 
forward-transfer, current ratio, 
measured in the common-base configura¬ 
tion. 

hop = Transistor small-signal, open-circuit, 
output conductance, measured in the 
common-base configuration. 

These symbols have been reduced to the 
practical symbols shown in Table III by invoking 
the rule that all transistor h-parameters are 
measured in the common-base configuration, re¬ 
gardless of the end use of the transistor. 

OLD SYMBOL NEW SYMBOL 

EXACT PRACTICAL EXACT PRACTICAL 

41b 41 4b hi 

4.2b 42 hrb hr 

h21b h21 hfb 4 

h22b h22 hob ho 

An Example 

As an example of the use of matrix methods 
in the handling of complex transistor circuitry, 
the derivation of the formula for the voltage 
gain of a common-emitter transistor amplifier 
containing an external emitter resistor, as 
illustrated in Figure 17, will be carried through 
from the original common-base h-parameters. 

This circuit may be redrawn, for the sake of 
analysis, as shown in Figure 18. This latter 
arrangement is seen to comprise two individual 
"black boxes" with their input terminals in 
series relationship, and with their output 
terminals similarly connected. According to 
Guilleman,“ the z matrix of such a combination is 
equal to the sum of the z matrices of the in¬ 
dividual boxes. 

The h-matrix of the upper box containing the 
common-emitter-connected transistor is, from 
Figure 2. 

(30) 

-(hf + D) ho

M ’ “M 

By using a table of matrix interrelations, 
the z matrix of the transistor "box" is found 

(31) 

The z matrix of the lower "box", containing 
the resistor is, by inspection: 

(32) 
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The z matrix of the combined circuit is the 
sum of these two matrices: 

(33) 

te rms 
The voltage gain of a circuit, expressed 
of the z matrix is? 

in 

(34) 

Substituting, from equation (33), 

Av= (^ + «L 
o (35) 

V 0 + hf) + 

' hi + + boVL 

(D + ^ + h^) 

T " hl + + M1 + bo^^ 

Which is the desired formula 
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Fig. 1 
The “classical" two-terminal pair, or 
four-terminal network, indicating the 
numerical designation of the terminals. 

53 



TRANSISTOR DESIGN FORMULAS IN THE SEVERAL COMMON- EMITTER ARRANGEMENTS 

note: 
THEh-PAR 
METERS A 
MEASUR 
IN THE 

COMMON-B 
CONFIGURA 

i h.—► 
i,n

’r g V| n

A-
RE 
ED 

ASE 
TION 

-

JRg 

L * ? . 
— €

n 

Ù1 out 
*< 

», 
1 k 
n Í 

1 

1 out ' 

R V° 
>E

»♦ < 

^̂ out 

>r e 

ut 

L. — 

-r l 

-o—- -Q- - — 

VOLTAGE 
GAIN 
/v out\ 

\*in / 

(P+h f ) R L (D + hf ♦ 1o R e’ Rl (P + h f +h0RE) Rl

h|*D R L h j ♦ D R R g ( 1 + ho R l) U + PRl+Re l + hoCRg + Rud + RstM + ho Rl ) 

C URRENT 
GAIN 
out\ 

J in / 

P+h f P + h f
+ h0RE 

M 

P+hf+h0RE

h0 R L + M h0 < R  E + RL) + KqÍ R e + R L ) *M 

INPUT 
RESISTANCE 

w 

DRL* h l 
h0RL+M 

Dv hi* 
^0 (Rg 

RE(l + h0RL) 

♦ r l)+m 
r b* 

DRL+hj ♦ RE( | + hoRL) 

R EL)* M 

OUTPUT 
RESISTANCE 

Ç «out') 

h¡ ♦ MR-1 G 
D + h0R0

h¡ ♦ MRG+RE

P+h0 ( 
( l +h0RG) 
Re ♦ R c) 

h¡+M(R B+R g)*Re 
D + h0(RB + 

1 +h0(R B+R G) 

r e * r g) 

EQUIVALENT 

h-MATRIX 

k - h' k D-hf 

" M 2 M 

_-(P+hf) ho 
"21 M ”22 M 

h = hi* RE 
nll 

M+h0R, 

-<p+hf+h0 r e* 

hîl M+h0RE

. P-h r*h0R 
12 M + h0R 

ho 
h*2 ' M + h0

E 

E 

’e 

h -R . h i * R E h .DJVh 

11 B M+h0RE M + h0

_-(P+ hf + h0 RE ) b _hp 
h*' M + h 0RE £i M+h(

or e 

r e 

5R E 

0 = h| ho " hf hr M=D-h r + l + hf 
Fig. 2 

The exact formulas for some of the properties of the common-emitter transistor amplifier, 
expressed in terms of the common-base h-matrix parameters. The resistors shown are 

all external to the transistor. 



TRANSISTOR DESIGN FORMULAS IN THE SEVERAL COMMOr 4-COLLECTOR ARRANGEMENTS 

note: 
THE h-PARA-

METERSARE 

MEASURED 

IN THE 

COMMON-BASE 

CONFIGURATION 

'in_ f A 
— 1 i 

r—n 

?r. *' 

-
± Rc 

:rl 

k "J * 6 *i 

_ 

m 

n 

■* z-K-W -
j ou t Rc

Vout < r l 

1 1 -ó —Ã—-

SRg 

A Vn Vout < 
1 1 

It 

’Rl 

n 1 < 
Vout 

VOLTAGE 
GAIN 

/ V out A 

V ln / 

( l-h r ) Rl

• h|+R L

(l-h r*h0Rc) R L (l-h r*h0Rc ) R L 

h¡ + R u(l+h0Rc)*D Rc h i ♦ D R o ♦ R L l+ho( Rb * Rc)] ♦ RB (M*h0Rc) 

CURRENT 
GAIN 

Í 1 out\ 

V In / 

l-hr 
ho RL * M 

l-h r*h0Rc

h0 (Rc + Rl) + M 

l”hf *h0Rc 

h0(Rc+RL>+M 

INPUT 
RESISTANCE h¡ ♦ r l 

ho R 

h¡* R L+Rc(D + h0Ru) 

ho (Rc+ Rl)+M 

h 
r b +

¡♦R L+R c(D+h0RL) 

h0(Rc+R L)+M

OUTPUT 
RESISTANCE 

( R out') 

hj*MR c 

1 ♦ h 0 R g 

h¡ ♦ MRG4Rc(D*h0R6) 

|+h0(Rc+R6) 

+(M + h0Rc)(R B+ Rg)*DRc 

1 + h0 (R b+Rc + r g) 

EQUIVALENT 

h -MATRIX 

y
 
y
 

-
 
=
 

'i
-

h
»
 
Ñ
 

Í
’
 
-
k
 

hj ♦ DR C
h"‘ M+h 0Rc h|* 

hr”l" h0Rc
h2i* M + h R 0 c 

♦h f + h0Rc 

M + ho Re 

ho 
M ♦ h 0 Rq 

h 
hj ♦ DRc 

"• R b+ M ♦ h0Rc h|í! 

hr^-hç^ . 
h«l‘ M + h0Rc 22

♦hf *h 0Rc
M +h 0Rc

ho 
M+h 0Rc

D= h h0-hf h r M=O-hr ♦ 1 ♦ hf 

Fig. 3 
The exact formulas for some of the properties of the common-collector transistor amplifier, 

expressed in terms of the common-base h-matrix parameters*. 



TRANSISTOR DESIGN FORMULAS IN THE SEVERAL COMMON-BASE ARRANGEMENTS 

note: 
THE h-PARA¬ 
METERS ARE 
MEASURED 
IN THE 

COMMON-BASE 
CONFIGURATION 

VOLTAGE 
GAIN 

~h f R l 

h¡ ♦ D R l h | + D R l+ R B( M ♦ h0 R L ) 
_ RL(h0RB-hf)_ 
h| + DR L*R B (M*hoR L*hoRE) ♦ R E(l*h0RL) 

CURRENT 
GAIN 

~hf 

h o R L ♦ I 

h O R B ” h 1 
l+h 0(R B +R l ) 

ho r b~ hf 
l + h0 (R B ♦ Rl ) 

INPUT 
RESISTANCE hj+ DR 

l+h 0RL

h|+ DR L + RB(M+h0RL) 

• ♦h 0(R b ♦ R l ) 

h|+ DR L+RB(M+h0RL) 
R e + ■ 
E l♦ho(RB♦R L) 

OUTPUT 
RESISTANCE hl* RG hi * Rg^b^^oRg’ h| + R G + R E+R B [M+h 0(RG+R Eí 

Ç Kout J D* h 0RG D*h0 (R b >R c ) D*h0(RB +RE+R G> 

EQUIVALENT 
h - MATRIX 

h h * h ¡ h JJ ■ h r

h 21 ~ h f h22 - h0 

h,+ MR b h r*MR B
n 11 - n 12 -

1 ♦ h 0 R B 1 * h0 R b 

hf-h0RB h0
h , i «- h » » * -

1 + h0 R g 1 ♦ ho R b 

h -R . h¡ M R B hr + h0 R e
n h K e *- h i2 -

1 ♦ h0RB 1 * h0 R B

. hf hoR B . . % 
21 1 * h0RB l*h 0 RB

0 = h¡ h0-hf hr M = D-h r*l*hf

Fig. 4 
The exact formulas for some of the properties of the common-base transistor amplifier, 
expressed in terms of the common-base h-parameters. The resistors shown are all 

external to the transistor. 



APPROXIMATE TRANSISTOR DESIGN FORMULAS 

L — -O-♦ -O - -■ --V——w-

VOLTAGE 
GAIN hf rl r l "hf Rl _ 

Vput > 

Vin J 

h¡ + R E + R B (l+hf) h¡ + Rl +R b ( I + hf ) h¡ fr e + r b (i + hf) 

CURRENT 
GAIN hf 1 

“hf 
f ' out 

\ Un > 

1 + h f 1 + hf 

INPUT 
RESISTANCE h¡ + R E h ; + R, 

R„ F 1 L Re+ hj + R B ( 1 -Fhf) 

(R in) 
Rb ’ 1 + h f B 1 + hf 

OUTPUT 
RESISTANCE 

( ^out ) 

h¡ + R g +(RB + RB)( 1 + h f) 

ho(R E +R B + R 0 1

h¡ + (R B + R a )( 1-Fhf ) 

l + h0 (R B + R # + %) 

h ¡ + R e + Rg+Rgtl^^f) 

h0(R E+R B + R 8) + D 

D * h ï h0 — h f h r

D =h| h 0-hf hr M = 0-h r+ l + hf 

Fig. 5 
Approximate formulas form some of the properties of transistor amplifiers, in the three basic 
circuit configurations, expressed in terms of the common-base h-matrix parameters. The 

resistors shown are external to the transistor. 



COLLECTOR CURRENT . MA 

Fig. 6 
The h-matrix parameters of the 2N43A transistor, illustrating 

the variation of each parameter with changes of collector 
curre nt. 

Fig. 7 
The h-matrix parameters of the 2N109 transistor, illustrating 

the variation of each parameter with changes of collector 
current. 
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Fig. 8 
The h-matrix parameters of the 904 transistor, illustrating the 
variation of each parameter with changes of collector current. 

Fig. 9 
The h-matrix parameters of the 905 transistor, illustrating the 
variation of each parameter with changes of collector current. 
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Fig. 10 
The h-matrix parameters of the 952 transistor, 
illustrating the variation of each parameter with 

changes of collector current. 

The basic common-emitter amplifier. 

Fig. 12 
Common-emitter amplifier with emitter 

circuit degeneration. 
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Fig. 13 
The fundamental six-terminal network. 

Fig. 16 
The four-terminal network derived from the 
six-terminal network of Fig. 13 by shorting 

the 3*, 3 terminal pair. 

The transistor as a six-terminal network. 
Note that the unprimed leads comprise a y-con 

nection independent of the transistor leads. 

Fig. 17 
A common emitter amplifier with an unbypassed 

resistor in the emitter lead. 

Fig. 15 
Polarity conventions of the six-terminal network. 

The polarities indicated are all “positive." 

Fig. 18 
The circuit of Fig. 17 redrawn to illustrate that 
it comprises two simple boxes in series. The 
z-matrix of the combination is equal to the sum 

of the z-matrices of the individual boxes. 
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AN AUDIO FLUTTER WEIGHTING NETWORK 

Frank A. Comerci and Eliseo Oliveros 
U. S. Naval Material Laboratory 

Brooklyn, New York 

Summary 

Listener preference ranking of selected 
sanpies of programs containing many types of 
flutter are compared to measurements of the same 
flutter using a meter weighted with respect to 
flutter rate in accordance with the threshold of 
perceptibility. It is shown that the correct 
weighting curve varies with the level of flutter 
and modification should be made to the flutter 
meter in order to obtain objective rankings of 
various types of flutter which will agree with 
subjective rankings of program containing the 
same type of flutter. 

Introduction 

In a recent publication1 it was shown that 
the effect of flutter on music program was 
similar to its effect on a 1000 cps tone and it 
was proposed that a flutter meter, incorporating 
a flutter rate weighting network based on flutter 
perceptibility thresholds for tone and music 
program, coupled with a well damped root-mean-
square indicating meter could be used to provide 
a realistic measurement of flutter or "flutter 
index". In the experiments reported herein, 
such a meter was built and flutter index measure¬ 
ments of many varieties of flutter were compared 
with subjective quality rankings of three types 
of program containing the same flutter. 

Flutter Index Meter 

An available flutter meter was selected 
which contained a low impedance output section 
for operating an oscillographic recorder. A 
filter and a standard "VU" meter were connected 
to this output. The "VU" meter was selected as 
an indicating instrument in order to have a 
standard damping characteristic. Differences 
between "VU" meter readings (rectified average 
over a standard time period) and thermocouple 
meter readings (root^nean-square over a non 
standard time period) on complex flutter wave-
siapeswere found to be small enough to be 
neglected. The sensitivity of the flutter index 
meter was as shown in Figure 1 and was adjusted 
so that the meter gave a reading of 100 oercent 
for a flutter amplitude of 2% peak at a flutter 
rate of 3 cps. For the low flutter rates where 
the meter tended to follow the instantaneous 
flutter amplitude rather than indicate an average, 
the average peak swing was used as the reading 
since it was felt at these low flutter rates a 
peak measurement was more realistic than an rms 
measurement. 

Subjective Rankings 

The ranking technique employed was the 
Listener Preference test described in the 
previous paper. This test consisted of 
paired comparisons by a group of judges on 
program samples containing many variations 
of flutter. One flutter variation represent¬ 
ing that least perceived was used as a 
standard to which each of the other variations 
was compared and judged as being "much worse"-
"worse"-"same"-"better"-or "much better". The 
judgements for each program were then quan¬ 
tified for each judge, assigning a number of 
rank to each judgement category for each 
judge. The average number of rank assigned 
by the group of judges for each flutter 
variation was then taken as the "ranking 
score". 

Flutter Generation 

The flutter was introduced into the 
program material by means of the Material 
Laboratory Flutter Generator described in 
the previous article which used a mag¬ 
netic head mounted to a loudspeaker cone 
to generate the flutter and also by means 
of a tape recorder which had a low flutter 
content when operating without a fly wheel, 
introducing the desired flutter by varying 
the frequency of the power source used to 
power the synchronous driving motor. The 
former was found to be wanting for flutter 
rates below 5 cps but ideal for the high 
flutter rates whereas the latter was ideal 
for the low flutter rates but wanting at 
the high rates. The latter system »1 
made it possible to duplicate the type of 
flutter found in equipment by driving the 
motor by means of the amplified signal 
from a 60 cps recording as played back 
on the particular equipment. Since two 
different flutter generators were used, the 
experiments were divided into two parts for 
any differences other than flutter between 
the two generators might have influenced 
comparisons. In the first experiment, 
approximately 10 second passages of piano, 
military band, and speech program were selected 
from recordings of live local F.M. broadcasts. 
Piano and band were selected as being more 
susceptible to the effects of flutter. These 
selections together with a 20 second samóle of 
a 3000 cps tone, which was recorded on the same 
recorder used to record the program, were 
spliced together at the center of a 1200 ft 

62 



reel of tañe. The selections were then played 
back on the flutter generator, adding the 
flutter as required and rerecording on another 
recorder to obtain samples of fluttered program 
for use in the subjective tests and samples of 
tone for use in obtaining flutter measurements» 
Since the 3000 cps samples of tone had under¬ 
gone the same operations as did the program, 
the flutter on these samples was the equival¬ 
ent of that introduced in the program. Flutter 
oscillograms obtained from the tone samóles are 
shown in Figure 2 to indicate the complexity 
and range of flutter variations used in this 
experiment. The program samples were spliced 
together to permit A-B comparisons between 
each flutter variation and the standard varia¬ 
tion for each program. Program randomization 
was not employed in this experiment and for 
each comparison the standard was presented 
first. In the second experiment approximately 
10 second passages of piano, band, and speech 
program were used. The method of introcbcing 
flutter was similar to experiment one except 
that the special recorder was used. In the 
first experiment/ the particular flutter 
variations used were selected to give a 
representative sampling of flutter rates from 
b to 100 cps and amplitudes which were judged 
to provide a range from non-perceptible to 
maximum perceptibility. In this second 
experiment 20 single rate flutter variations 
were chosen with amplitudes randomly chosen 
to provide equal increments of perceptibility. 
Ten additional variations were randomly selected 
to contain a combination of high and low flutter 
rates with amplitudes judged to provide equal 
increments of perceptibility. Ten additional 
variations were representative of actual pro¬ 
jecto» disc playback, and tape recording equip¬ 
ment. Representative oscillograms are show 
in Figure 3. The samples of fluttered program 
when spliced for the subjective comparisons were 
arranged in a statistically random fashion with 
respect to type program, flutter variation and 
presentation of standard. 

Listener Preference Tests 

For the Listener Preference tests, 18 
judges all male ranging in age from 23 to 1*0 
years were located in an acoustically soft 
listening room. The program comparison tapes 
were played back through a triaxial loudspeaker 
system to the group which was located about 20 
feet from the speaker along the length of the 
room. The response of the overall system from 
initial program recording to final presentation 
to the judges was essentially that of the loud¬ 
speaker which ranged from approximately 1*0 to 
15000 cps with only minor peaks and dips in 
response. The harmonic distortion for sinus¬ 
oidal signals from 100 to 10000 cps representing 
the anplitude of the program peaks was less than 
1| percent while the signal to noise ratio was 
about 1*5 db. Inherent flutter in the overall 

system was about 0.3Í peak at a flutter rate 
of 6 cps. Amplitude variations in the order 
of seven percent peak were random in nature 
and introduced by the magnetic tape recording 
processes. Any amplitude variation which 
might have been caused by the flutter gen¬ 
erators could not be detected in the electrical 
signal. Listener preference ranking scores 
were computed for each of the three programs 
for each experiment. Results were expressed 
in percent of the maximum score obtained. 
Finally, the listener preference tests of 
the second experiment were conducted for the 
following different room conditions, frequency 
response ranges, and sound levels and compared 
to ascertain any significant effect of these 
conditions on the listener preference rankings. 

Condition A (Used for Listener Preference 
Test 1 and 2) 

An acoustically soft listening room about 
100 ft. long, 20 feet wide and 10 feet high. 
The walls and ceiling were polycylindrleal and 
covered with acoustic tile. The floor was 
rug covered concrete. 

Condition B 

A diffuse reverberation chamber with 
polycyl in dri cal walk and ceiling of poured 
concrete. The floor was poured concrete but 
flat. The chamber was about 20 feet long, 20 
feet wide and 10 feet high. The reverberation 
time in the absence of the judges was about 
5 seconds at 1000 cps. 

Condition C 

A room about 20 feet long, 15 feet wide 
and 12 feet high having flat brick surfaces on 
which were hung removable panels of acoustic 
tile randomly spaced over the wall surface. The 
floor was rug covered. The reverberation time 
of this room was about 0.5 seconds at 1000 cps. 

Condition D 

Same acoustic conditions as C but the 
frequency response of the system was restricted 
to the range 300 to 3000 cps. 

Condition E 

Same acoustic conditions as C tut peak 
program level was reduced by about 10 db to 
80 db. 

Condition F 

The judges were presented the program at a 
level of 60 db (program peaks) through high 
quality earphones having a range from about 
1*0 to 8OOO cps. 
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RESULTS 

The flutter index measurements and listener 
preference ranking scores for the thirty flutter 
variations used in Listener Preference Test 1 
are shown in Table 1 along with peak to peak 
flutter readings which were determined from 
flutter oscillograms for each flutter variation. 
Comparison of the ranking scores with the peak 
to peak flutter measurements, as expected, shows 
that little relationship exists between them. 
An appreciable relationship between the listener 
preference ranking scores and the flutter index 
measurements did exist. 

The flutter index measurements and listener 
preference ranking scores for the forty flutter 
variations used in Listener Preference Test 2 
are shown in Table 2 along with peak to peak 
flutter readings which were determined from the 
flutter oscillograms. Again, little relation¬ 
ship exists between the ranking scores and peak 
to peak flutter but an appreciable relationship 
exists between these scores and the flutter 
index measurements. When the average preference 
scores for piano and band were plotted against 
flutter index readings for each test, it was 
noted that the points seemed to indicate two 
straight line relationships, one for low flutter 
rates and another for high flutter rates, shown 
as A and B respectively in Figure h. When the 
listener preference ranking scores for speech 
were plotted against flutter index, the same two 
straight line relationships were indicated. 
However, in the case of speech there was a 
scattering of points on that side of the lines 
which signified good quality tut an excessive 
flutter index. This was expected, for it was 
known that large amounts of flutter at flutter 
rates below 5 cps could not be detected in 
speech. The weighting curve used in the flutter 
meter was considered applicable to music only 
but it was felt that it could also be aoplied 
to speech since any resulting flutter index 
measurements would always be on the safe side. 

On examining the two straight line relation¬ 
ships it was noted that practically all of the 
points indicating the line B on Figure li were 
associated with a flutter rate between approx¬ 
imately 10 and 25 cps and amplitudes greater 
than 1% peak. This was thought to be due to 
either the particular room acoustics under which 
the listener preference tests were performed or 
a non linearity in the relationship between the 
effect of flutter and Its amplitude for this 
flutter rate range. Further experiments showed 
that the room acoustics, at least for the 
recorded program used, had only a minor effect 
on the results of the listener preference tests. 
Therefore, the discrepancy was attributed to 
non linearity. It is conceivable, that in 
detecting flutter at flutter rates above 10 cps, 
human factors differing from those used at 
flutter rates below 7 cps come into play. 

To correct for the above would require a 
new extended experiment to determine the exact 

relationship existing between the flutter 
perception and amplitude for various listen¬ 
ing conditions. However, as an Immediate 
means for obtaining a realistic measurement 
of flutter, a simple expedient was considered. 
As mentioned, the excessive ranking scores or 
more accurately stated, the low flutter index 
readings, occurred only when the flutter 
exceeded 1 percent. It would then only be 
necessary to measure the average unweighted 
flutter for flutter rates above about 10 cps. 
If the 1? peak level (0.7% r.ra.s. level) were 
not exceeded then the flutter index meter having 
the weighting curve of Figure 1 would be sat¬ 
isfactory. If the 1% level were exceeded then 
the weighting curve would have to be modified. 
Fortunately in Listener Preference Test 2 
enough sinusoidal flutters of known amplitude 
were included to permit an adequate estimate 
of the proper modification to the weighting 
curve. 

A flutter index meter was subsequently 
designed which incorporated the two weighting 
networks with an automatic electronically 
operated switch. The two weighting curves 
employed are shown in Figure 5. Curve A 
represents the active weighting characteristic 
for the switch open position. Curve B represents 
the active weighting characteristic for the 
switch closed position. The operation of the 
automatic switch was controlled by the un¬ 
weighted flutter signal as shown by its operating 
characteristics in Figure 6. The switch 
actuating circuit operated on a rise time-
constant of 0.1 sec and a decay time-constant 
of 0.25 sec. 

Flutter index readings obtained with this 
modified flutter index meter for the flutter 
variations of both listener preference tests are 
compared with the average listener preference 
ranking scares for piano and band in Figure 7. 
The flutter index measurements are tabulated in 
Table 3. The relationship is considerably 
improved. The relationship for speech was 
similarly improved. 

The piano and band ranking scores of the 
flutter variations used in Listener Preference 
Test 2 for the six types of listening conditions 
are listed in Table h and show that the differ¬ 
ences in listening conditions had small effect 
on the subjective ranking. 

Conclusion 

A flutter index meter having the character¬ 
istics of the modified flutter meter used in 
these experiments will provide a reading that 
will adequately predict the subjective ranking 
score which would be obtained were that flutter 
introduced in program samples and included in a 
Listener Preference test similar to that employed 
herein. Thus, such a meter will provide a 
realistic measure of flutter in program material. 
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Discussion 

The various types of flutter employed in 
this experiment were representative of all the 
amplitudes and waveforms encountered in actual 
recording equipment over flutter rates from 
0.5 to 100 cps. It might be expected that 
flutter rates above 100 cps might be encoun¬ 
tered. Recently, flutter rates as high as 
3000 cps are being observed in magnetic tape 
recorders. In view of this, it would have 
been interesting to extend the experiments to 
these flutter rates. Unfortunately, the 
flutter generators available could not produce 
adequate flutter amplitudes above flutter rates 
of 100 cps. Besides, previous observations 
indicated that judgements of flutter per¬ 
ceptibility in program for this range were 
erratic. It has been shown by H. Schecter^ 
that in the range above flutter rates of 100 
cps flutter perceptibility thresholds for tone 
can be used to predict the masking curves for 
the ear. It therefore would appear that per¬ 
ceptibility of flutter for such rates would be 
alien to the perceptibility of noise and could 
be included in a noise measurement (noise behind 
the signal). 

It should be noted that In a few of the 
flutter variations the peak flutter amplitude 
varied periodically with time, for example 
observe types 9 and 16 in Figure 2. For this 
type of variation, the effect on the listener 
seemed to be connected with the average amplitude 
of the flutter over about a two-second time 
period. It also seemed to be a function of how 
the large amplitude periods coincided with the 
program peaks. Since, in obtaining flutter 
index readings, the average peak swing of the 
indicating instrument was used to indicate the 
flutter index, the flutter index readings 
tended to be too high relative to the correspond¬ 
ing listener preference score. Such a reading 
applies a margin of safety for that type flutter. 

In a recent British publication* a flutter 
meter with a peak indicator and a flutter weights 
ing network which peaks at flutter rates between 
5 and 10 cps was proposed for obtaining real¬ 
istic flutter measurements. This contradicts 
the results of the experiments reported herein. 
Another flutter meter was built using the above 
proposed weighting network. An oscillographic 
recorder was used as an indicator from which the 
peak weighted amplitudes for all of the flutter 
variations of Listener Preference Test 2 were 
obtained. The corresponding ranking scores were 
compared with these readings but little correla¬ 
tion was obtained. Most of the variation 
appeared to be due to the different weighting 
network but it was felt that some also resulted 
from the use of a peak indicator. A concrete 
explanation for the contradiction can not be 
advanced at this time. 

In order to compare the results of the 
present experiments with those of the previous 
experiments the listener preference ranking 

scores of the latter for flutter rates from 
0.5 to 5 cps and amplitudes up to 5 percent 
peak were replotted In the form of equal 
ranking score contours as shown by the solid 
lines of Figure 8. On this curve were plotted 
1*3 of the 70 flutter variations employed in the 
present experiments, indicating in circles the 
appropriate ranking scores obtained. The 
remainder of Lhe 70 flutter variations were not 
included since they either duplicate observât lens 
that are shown or their amplitudes and rates 
could not be determined adequately. The rank¬ 
ing scores, indicated at the plotted observa¬ 
tions, are related to the contour lines. It 
should be noted that most of the ranking scores 
between 25 and 30 percent fall on or below the 
threshold curve, all the ranking scores of about 
33 percent fall near the LP-30 line etc. until 
all ranking scores between 80 and 100 percent 
fall above the LP-80 contour line. This shows 
agreement between the previous and present 
experiments. The dotted lines on this figure 
represent an extension of the equal ranking 
score contours to flutter rates above 5 cps 
as estimated from the results of the present 
experiments. These extended contours, by 
their squeezing together above 10 cps, suggest 
the non-linearity experienced for the flutter 
rates between 10 and 25 cycles per second. It 
is obvious that further experiments are required 
to obtain an adequate measure of this non 
linearity. 
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Table 1 

Flutter Index Measurements and Listener Preference 
Ranking Scares for Listener Preference Test I 

Flutter Measurements Listener Preference Ranking Scores 
Flutter Peak to Peak Flutter _(i of Max» Score)_ 

Variation No. Flutter * Index Piano Band Speech Aver-Piano i Band 

1 14.0 55 59 hl 20 50 
2 2.5 55 61 59 38 60 
3 6.2 67 100 97 89 98 
I, 3-5 149 75 83 70 79 
5 3.0 I49 62 77 66 70 
6 2.7 57 51 56 60 5b 
7 5.6 8I4 82 97 89 90 
8 2.14 52 51 55 59 53 
9 5.7 I43 63 57 145 60 
10 5.0 55 86 88 8I4 87 
11 2.5 31 I49 I4I4 50 147 
12 I4.0 52 I4I4 59 3I4 52 
13 5.0 61 66 86 60 76 
II4 I4.0 39 32 I48 36 bo 
15 1.5 25 28 22 25 25 
16 8.5 55 85 76 60 81 
17 I4.I4 58 62 7I4 87 68 
18 8.0 58 65 71 82 68 
19 1.2 23 25 19 25 22 
20 1.8 I4I 12 9 22 11 
21 3.5 5I4 33 142 39 38 
22 3.6 U7 I48 59 59 5b 
23 5.5 61 93 97 100 95 
2I4 2.7 38 29 27 30 28 
25 2.7 25 53 bo 57 b7 
26 3.7 U3 1*1 50 69 I46 
27 1.0 26 20 lb 15 17 
28 3.3 5I4 69 85 8I4 77 
29 3.5 26 3I4 23 26 29 
30 7.5 58 91 100 8 7 96 
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Table 2 

Flutter Index Measurements and Listener Preference 
Ranking Scores for Listener Preference Test H 

Flutter Measurements Listener Preference Rankine Scares 
Flutter Peak to Peak Flutter Flutter (% Max. Score) 

Variation No. Flutter (%) Rate (cps) Index Piano Band Speech Aver-Band & Piano 

1 6.6 0.5 90 93 93 39 93 
2 7.6 0.5 97.5 89 91* h? 92 
3 2.0 0.75 31 65 19 39 1*2 
{* 3.0 1 55 43 h7 1*7 45 
5 7.6 1 100 97 100 1*8 99 
6 1*.6 1.5 97 93 88 33 91 
7 2.6 2 55 36 51» 1*7 1*5 
8 3.0 3 60 43 44 49 44 
9 l*.l* 3 8 5 87 86 53 87 
10 6.0 4 87 91 100 52 96 
11 1.6 6 20 39 31* 1*1 37 
12 5.1* 6 55 98 98 41* 98 
13 0.8 8 10 26 23 44 25 
11* 1.5 10 18 35 28 38 32 
15 2.4 5 32 39 1*1 31* 1*0 
16 5.6 10 45 88 92 84 90 
17 7.0 15 48 100 100 100 100 
18 3.6 20 32 64 83 69 74 
19 5.6 20 40 77 99 86 88 
2° 5.3 25 36.5 9 3 90 87 92 
21 8.6 0.5 95 100 100 92 100 

1* 12 
22 6.0 0.75 96 87 98 73 93 

2.0 27 
23 1.0 1 20 32 27 35 30 

0.2 12 
21* 3-6 2 90 57 78 49 68 

2.0 9 
25 2.6 2 75 71* 1*1* 41* 59 

0.8 24 
26 4.0 3 88 86 89 51* 88 

2.0 24 
27 1.0 4 20 34 33 32 34 

0.5 21 
28 4.1* 4 68 94 95 62 95 

3.0 18 
29 3.1* 5 1*3 75 73 58 7I* 

1.4 18 
30 4.8 6 56 98 83 65 91 

2.0 15 
31 - - 10 35 32 1*3 31* 
32 - 55 90 91* 84 92 
33 - - 35 39 51* 1*6 47 
A - - 25 25 39 1*6 32 
35 - - 60 53 59 1*6 56 
36 - - 1*5 1*6 43 1*1 45 
37 - - 25 21 27 4 7 21* 
38 - - 28 37 41* 31 1*1 
39 - - 25 30 25 1*9 28 
4° - - 1*0 31 25 31 28 
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Table 3 

Flutter Index Measurements Obtained with Modified 
Flutter Index Meter for Listener Preference Tests I and II 

Experiment Flutter Type Flutter Index Flutter Type Flutter Index 

I 1 - 16 70 
2 17 95 
3 120 18 85 
1* 77 19 23 
5 70 20 35 
6 58 21 65 
7 98 22 63 
8 59 23 115 
9 55 21* 35 
10 95 25 65 
11 50 26 60 
12 55 27 25 
13 85 28 80 
Ú 65 29 25 
15 33 30 115 

n 1 80 21 130+ 
2 95 22 120 
3 35 23 25 
1* 1*5 21* 87 
5 120 25 80 
6 100 26 100 
7 55 27 25 
8 65 28 98 
9 9 5 29 70 
10 102 30 91* 
11 30 31 15 
12 98 32 95 
13 12 33 1*8 
11* 30 31* 35 
15 1*2 35 1*5 
16 9 3 36 1*5 
17 116 37 25 
18 75 38 35 
19 95 39 25 
20 83 1*0 1*0 
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Table h 

Comparison of Listener Preference 
Ranking Scares for Various Listening Conditions 

All 
Flutter-Listening Condition_ List. 
Variation A B C D E F Cond. 

No. Piano Band Piano Band Piano Band Piano Band Piano Band Piano Band Aver. 

1 93 93 95 97 92 100 100 100 92 89 9h 100 95.h 
2 89 9h 9h 91» 96 97 100 97 100 98 96 99 96.2 
3 6$ 19 55 28 1*0 19 1*3 19 52 21 ¡¡6 21* 36.0 
b b3 U7 55 51* 57 50 73 1*8 56 56 61* 59 55.2 
5 97 100 83 9b 100 100 100 100 100 100 100 100 97.8 
6 93 88 100 97 100 100 96 100 100 97 93 95 96.6 
7 36 51* 5b 1*9 28 1*6 31 57 1*0 50 36 1*9 bb.2 
8 1*3 1*1* 1*8 1*1 1*9 38 1*7 1*2 61 1*3 30 Uh hb.2 
9 87 86 96 81 89 86 100 9b 96 85 90 82 88.5 
10 91 100 91 93 100 100 100 100 98 100 88 100 96.8 
U 39 3h 39 25 29 25 39 32 bO 25 31 30 32.3 
12 98 98 100 100 100 100 100 100 100 100 92 100 99.0 
13 26 2 3 28 23 29 27 30 26 21 2b 3b 26 26.h 
lb 35 28 29 26 18 26 29 33 33 31 33 30 29.3 
15 39 bl 62 55 l*b 51 bb 36 b3 57 h2 39 b6.1 
16 88 92 98 8h 100 100 100 97 100 100 85 97 95.1 
17 100 100 96 93 100 100 100 100 96 100 100 100 98.8 
18 6h 83 71 79 82 81 98 95 92 89 1*2 68 78.7 
19 77 99 87 96 100 97 100 100 9h 100 68 9I 92.¿ 
20 93 90 96 77 98 91 96 93 95 93 79 83 90.’ 
21 100 100 100 100 100 100 100 100 100 100 100 100 100.Ó 
22 87 98 92 87 9b 100 100 100 100 97 80 97 9b.’ 
23 32 27 27 30 22 2h 29 27 19 30 31 37 27.9 
2b 57 78 78 76 66 83 69 90 91 83 69 83 76.9 
25 7b bb 92 63 8h 52 100 60 9I bl 80 39 68.3 
26 86 89 88 92 97 96 100 100 100 100 7h 95 93.1 
27 3b 33 35 33 32 31 30 31 3h 25 36 31 32.3 
28 9h 95 100 90 100 100 100 100 100 100 90 96 97.1 
29 75 73 96 77 83 82 100 8 3 87 83 5b 73 80.5 
30 98 83 100 81 92 91 100 89 100 92 79 86 9O.9 
31 35 32 28 31 b3 2h 37 21* 38 20 b8 2b 32.0 
32 90 9h 100 86 96 100 95 100 92 100 95 90 9b.8 
33 39 5b 36 b8 33 56 35 52 39 h9 29 bh h2.8 
3b 25 39 26 36 25 36 17 30 21 26 27 30 28.2 
35 53 59 36 h6 63 59 56 59 55 6b 5b 65 5^.8 
36 b6 h3 8b b3 50 39 56 b2 52 bO 63 bo 2*9.8 
37 21 27 25 31 25 32 17 31 22 2h 30 30 26.3 
38 37 bh hh 39 28 2 6 32 32 33 38 28 31 3h.3 
39 30 25 29 27 bh 29 26 28 27 26 3h 26 29.3 
1*0 31 25 bl 32 30 18 3h 30 25 2h 33 26 29.1 
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Fig. 1 
Sensitivity vs. flutter rate for material 

laboratory flutter index meter 
Input flutter 2.0% (Peak) 

measured sensitivity 
------ - design objective 

Fig. 2 
Oscillograms for flutter variations used in 
listener preference test I (Photo L167 11-1) 
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Fig. 4 
Average listener preference ranking scores 
for piano and band programs vs flutter index. 

Includes data from Listener Preference Tests I 
and II. X listener experiment 1 O experiment 2. 

Fig. 3 
Oscillograms for more complex flutter variations 

used in listener Preference Test II. 
(Photo L16711-2) 
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Fig. 5 
Sensitivity vs flutter rate for material laboratory 
modified flutter index meter. Input flutter 2.0% 
(Peak). Curve A - Sensitivity for switch open 

position. Curve B - Sensitivity for switch 
closed position. 

FLUTTER RATE FREQUENCY IN CYCLES PER SECONO 

FLUTTER INDEX 

Fig. 7 
Average listener preference ranking scores for 

piano and band program vs. modified flutter index. 
Includes data from Listener Preference Tests I and II 

X Experiment 1 O Experiment 2. 

Fig. 6 
Operating characteristic for automatic electronic 
switch of material laboratory modified flutter 

index meter. 
Switch actuating circuit rise time constant 0.1 sec. 

Switch actuating circuit decay time constant 0.25 sec. 



Fig- 8 
Comparison of listener preference ranking scores 

with results of previous experiments. 
a - Flutter threshold for recorded piano program 
(Material lab) b - Contour lines for equal listener 
Preference ranking scores c - Flutter threshold 
for 1000 cps tone in reverberant auditorium (Bell 
telephone labs) d - Stott and Axon flutter threshold 
for piano. Encircled numbers represent ranking 

scores obtained in experiments 1 and 2. 
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A FLUTTER METER INCORPORATING SUBJECTIVE WEIGHTINGS 

M. A. Cotter 
Consumers Union of the U.S., Inc. 

Mount Vernon, N. Y. 

ABSTRACT 

An instrument is described which incorporates 
flutter rate weighting networks and utilizes a true 
rms indicating meter. Another feature is an 
aperiodic fm detector utilizing a pulse counting 
technique, which permits using a wide variety of 
carrier frequencies for flutter measurement, as 

well as direct frequency (or medium) speed indica¬ 
tion. The rms indicating meter incorporates a 
control response damping characteristic. The in¬ 
strument shows little aging drift and good stability 
to calibration. The unit can be readily constructed 
from standard components. 
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A SIMPLIFIED METHOD FOR THE PERFORMANCE 
MEASUREMENT OF MAGNETIC TAPE RECORDERS 

J. B. Hull 
Ampex Corporation 

Redwood City, California 

Introduction 

Magnetic recording has become one of the 
most useful and versatile tools in the audio 
field. Recording studios almost universally 
use tape for recording material to be processed 
onto discs. Broadcast stations utilize tape for 
delayed program operation, split program -
ming, on-the-spot recording, and as a con¬ 
venience facility for storing material to be 
released either in modified sequence or at 
some later time. Although widespread use is 
made of tape machines in other fields such as 
computer networks and instrumentation, the 
primary emphasis in this paper is in the audio 
field. 

Advances in engineering design and in manu¬ 
facturing processes have made possible ma¬ 
chines of greatly improved characteristics over 
those made a few years ago. They are reliable, 
relatively simple and inexpensive to operate, 
and a large amount of recorded material can be 
stored in a relatively small space. Generally, 
the performance which can be obtained from a 
professional tape recorder exceeds that re¬ 
quired in actual service. 

In essence, the operator of a tape machine 
desires three qualities in the performance of 
his recorder: consistency of performance, 
equivalence of input and output, and inter¬ 
changeability of tapes among his recorders 
and others like it. 

In order to maintain this operational utility, 
careful performance checks must be made 
periodically on the machines in question. There 
are several approaches to the problem of per¬ 
formance checking, and two will be examined 
here: first, a method such as might be em¬ 
ployed in the engineering laboratory, and 
second, a simplified technique derived from 
these laboratory procedures which minimizes 
the time and equipment requirements for the 
task. 

Problem Statement 

A tape recorder may be considered as a 
variable delay transmission network having both 
electrical and mechanical elements. The design 
of these elements is directed toward achieving 
a linear input versus output characteristic. The 
electrical characteristics should be such that 
frequency response from record amplifier input 
to the output of the playback amplifier through 
the tape should be uniform. Further, tapes re¬ 
corded on one machine should be reproduced on 
other sinailar machines within the recorder per¬ 
formance specifications. To accomplish these 
objectives it is necessary to provide record and 
playback amplifiers having suitable equalization. 

Although the mechanical elements are largely 
fixed by the design and manufacturing operations, 
the quality of the mechanical performance is re¬ 
flected in the quality of the electrical output. For 
example, velocity variations in the transporta¬ 
tion of the tape over the record and playback 
head appears in the output of the machine as 
flutter in the case of the relatively higher fre¬ 
quency variations or as a timing error in the 
case of the very slow variations. 

To examine some of the characteristics of 
the network over which surveillance must be 
exercised, let us consider the case of record 
and playback amplifier equalization. 

Figure 1 shows a typical record amplifier 
equalization curve with pre-emphasis at the 
higher frequencies to take advantage, first, of 
the decreased average program energy distri¬ 
bution in this frequency range, and, second, to 
compensate for head losses. The NARTB 
standard playback amplifier equalization curve 
is represented in Fig. 2. The 6 db per octave 
negative slope through the mid audio range, 
necessitated by the converse positive slope in 
playback head voltage versus frequency char¬ 
acteristic, is modified at the higher frequencies 
to compensate for decreasing head output voltage 
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due to gap effect and head losses, and to give a 
flat overall frequency response in conjunction 
with the record equalization. 

The importance of the playback amplifier 
standard equalization curve should be empha¬ 
sized here. If the record amplifier equalization 
is adjusted to produce a flat overall frequency 
response in conjunction with a particular play¬ 
back equalization, then it is clear that the ulti¬ 
mate flux versus frequency pattern which is then 
recorded on the tape depends primarily upon 
this particular playback equalization, assuming 
that heads of fixed electrical characteristics 
are being used. Furthermore, the interchang,e-
ability of tapes between machines depends upon 
the flux pattern and hence demands we standard¬ 
ize on the playback equalization. 

Testing Techniques 

A typical arrangement such as might be used 
in the laboratory of the equipment required to 
check recorder performance is shown in Fig. 3. 
Provision is made for checking the playback and 
record equalization by means of an oscillator, 
a precision attenuator and a precision vacuum 
tube voltmeter. The record amplifier output 
level is set so that the magnitude of the distor¬ 
tion in the recorded signal does not exceed the 
selected specification value. Flutter is checked 
with a conventional flutter measuring bridge. 

The physical layout of the equipment in the 
block diagram of Fig. 3 is shown in Fig. 4. The 
input and output measuring vacuum tube volt¬ 
meters, the input oscillator, and the precision 
attenuators for adjusting amplifier input voltages 
to those of the design center curves are shown 
to the left. The oscilloscope is used for ob¬ 
serving the character of the amplifier noise as 
well as the input and output signal conditions. 
The standard recording level is set to specifi¬ 
cation limits with the distortion analyzer. Fur¬ 
ther adjustments which may be checked include 
overall frequency response curve of the re¬ 
corder, the bias level setting for optimum re¬ 
cord performance, the essential head position 
adjustments, as well as final record amplifier 
equalization setting so that, with the standard 
playback amplifier equalization curve, the re¬ 
corder will record and play back essentially 
flat throughout the useful audio frequency range. 

This approach requires a considerable amount 
of equipment and time to examine the various 
adjustments on a recorder as just outlined. The 

simplified method previously referred to eli¬ 
minates the need for a large part of the equip¬ 
ment shown and reduces quite considerably the 
time required to test the recorder performance 
satisfactorily. 

This simpler method mades use of the 
Standard Alignment tape. With this tape it is 
possible to check the head alignment, the output 
of the playback amplifier, the frequency re¬ 
sponse and thus the equalization adjustment of 
the playback amplifier, its signal-to-noise ratio, 
as well as to make an audible check on flutter, 
without the cumbersome equipment set up of 
Figs. 3 and 4. In fact, the Standard Tape may 
be looked on as a secondary measuring stand¬ 
ard. Moreover, it eliminates the maintenance 
required on the test equipment which it replaces. 

The information program contained on a 
typical Standard Alignment tape for recorders 
is shown in Fig. 5. Following a voice announce¬ 
ment identifying the tape and the speed at which 
it is to be played, a signal of short wavelength 
is provided for head azimuth adjustment. Head 
azimuth adjustment is done at the beginning to 
assure the accuracy of subsequent high frequency 
response readings. The next section on the tape 
is recorded at 250 cps at a reference level of 
-10 on the VI, which is used throughout the fol¬ 
lowing frequency response section. This refer¬ 
ence level is 10 db below the normal program 
level (zero on VI) in order to avoid the effects 
of tape saturation which would occur at the 
higher frequencies where the record equaliza¬ 
tion takes effect. Following is a series of fre¬ 
quencies covering the audio range for establishing 
the frequency response of the playback amplifier. 
These frequencies are recorded to include stand¬ 
ard record amplifier equalization, so that the 
output reading of the playback amplifier will be 
constant with frequency, provided its equaliza¬ 
tion is correct. It is important to note that the 
performance of the record and playback heads 
are also being checked. The final section on the 
Standard Tape is recorded at the standard pro¬ 
gram level of 1% distortion (zero on VI). Un¬ 
usual deviations from the normal range of equali¬ 
zation adjustment, head azimuth or settings are 
sufficient evidence to warrant further investi¬ 
gation. 

Returning to Fig. 1, the contrast between 
the laboratory set up and the simplified approach 
using the Standard Alignment tape, one oscillator, 
and one vacuum tube voltmeter (heavy outlines) 
is emphasized. The simpler procedure is 
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essentially outlined in the program on the tape. 
When this program has been accomplished, the 
playback section of the recorder is properly 
checked and the oscillator is then used to com¬ 
plete the alignment by setting the record bias 
level, record head azimuth, and record equali¬ 
zation in that order for flat overall frequency 
response. 

The requirements for a machine on which 
Standard Tapes can be produced are rather 
stringent. As an example of the mechanical 
problems involved, continuous certainty of ac¬ 
curate tape guiding is essential to accurate azi¬ 
muth control. In this respect, a constant tension 
tape supply is also mandatory. The record am¬ 
plifier must have extraordinarily stable gain 
and equalization characteristics. In actual pro¬ 
duction each tape is made individually, thus 
giving the greatest practical quality control 
over the azimuth, recorded level and frequency 
response of the signals. 

Conclusion 

The increasing use of tape recorders in the 
broadcast, studio, motion picture and profes¬ 

sional audio fields reflect the effectiveness of 
these recording techniques. As such, it is im¬ 
portant to maintain this equipment to secure the 
quality of performance which is inherent in 
today’s professional machines. By using the 
Standard Tape approach, the time and equipment 
required to satisfactorily maintain magnetic re¬ 
corders in the fieldj are simplified. The more 
frequent checks which are consequently permis¬ 
sible will then assure a greater possibility of 
realizing the inherent excellent performance, 
flexibility and usefulness of today’s high quality 
magnetic tape recorders. 
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Fig. 1 
Typical record equalization curve. 
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Fig. 2 
Standard playback equalization curve 

Fig. 3 
Equipment layout for 

overall performance test 
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Fig. 4 
Physical arrangement of equipment for 

overall performance test 
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A 3000 WATT AUDIO POWER AMPLIFIER * 

Alexander B. Bereskin 
Professor of Electrical Engineering - University of Cincinnati 

Consulting Engineer - The Baldwin Piano Co. 

Introduction 

A number of successful design variations 
of the Bereskin Power Amplifier! have been 
produced since the circuit was conceived. 
These have included various power and fre¬ 
quency ranges, in particular a 3000 watt unit 
which presented a number of problems leading 
to what are believed to be interesting solu¬ 
tions. It is the purpose of this paper to 
discuss these problems and their solutions 
and to present experimental test data on the 
completed unit. 

Basic Circuit 

Figure 1 shows the basic circuit of the 
Bereskin Power Amplifier. In this circuit two 
beam power tubes are connected in push-pull 
with their cathodes at common ground poten¬ 
tials. The screens are fed from any suitable 
power supply which need not be derived from 
the plate power supply. The screen and plate 
supply voltages may therefore be chosen inde¬ 
pendently to best suit the particular applica¬ 
tion. 

The dual triode acts as a direct coupled 
phase inverter and driver supplying enough 
bias and drive for Class Bx operation of the 
beam power tubes. Class B operation of the 
output tubes requires that the output trans¬ 
former primaries be bifilarly wound in order 
to avoid the conduction transfer notch. A 
feedback winding, closely coupled to the 
bifilar primary and to the secondary, and 
statically shielded from them, is connected in 
series with the input to the grid of the left 
hand section of the dual triode. Good coupling 
between the bifilar primary and the secondary 
is assured by dividing the primary into two 
sections and sandwiching the secondary between 
these two sections. 

This type of circuit has produced stable 
operation with 1*0 db of feedback, but this 
amount of feedback requires an excessive amount 
of driving voltage so that a value closer to 
25 db is generally used. Due to the large 
amount of feedback used, the circuit is rela¬ 
tively insensitive to screen and plate supply 
ripple and regulation. The input signal may 
be either transformer or impedance coupled to 
the phase inverter-driver. Resistance-capac¬ 
itance coupled input has been found to be 
relatively unsatisfactory due to the large de 
resistance introduced in the grid circuit of 
the input triode. Grid current flow in this 
resistance tends to produce de bias unbalance 
in the output tubes. 

An appreciable amount of capacitance exists 
between the bifilar wound primaries of the out¬ 
put transformer. This capacitance tends to 
limit the high frequency power delivering capac¬ 
ity of the amplifier. This undesirable effect 
of the primary interwinding capacitance is 
reduced by operation at low plate signal voltage 
and high plate signal current. The capacitance 
itself can be reduced by approximately one third 
by transposing the bifilar winding at each turn. 

Design Problems and Solutions 

The specifications for the power amplifier 
proper required that it be capable of delivering 
3000 watts in the frequency range between 1*00 
and hOOO cycles per second with a distortion not 
to exceed 10%. The amplifier developed was able 
to deliver the required power with less than 2% 
distortion. 

Investigation and analysis of available 
tubes showed that a pair of h-1000A tubes 
operated Class Bx Push-Pull would be capable of 
delivering slightly in excess of 3000 watts 
within the rated plate and screen dissipation if 
operated with 5 kv plate supply voltage and 1.25 
kv screen voltage. 

Information of this type is not usually 
available in the tube data supplied by the manu¬ 
facturer. In order to develop the permissible 
peak plate currents without positive grid 
voltage drive it is necessary to operate the 
tubes with screen voltages considerably in ex¬ 
cess of the values specified for Class ABa and 
Ba operation. This is generally permissible if 
the various insulation and power dissipation 
limitations are not exceeded. 

Insulation limitations must be determined 
either from manufacturer's data or by test. For 
this particular tube EIMAC specifies in pamphlet 
Number 3 "Pulse Service Notes" that the h-1000A 
tube may be operated with 2.5 kv screen voltage 
and 15-30 kv plate supply voltage in pulsed 
operation. While the operation involved here is 
not of the pulsed variety, the insulation avail¬ 
able is believed to be entirely adequate for the 
purpose. 

The determination of plate and screen dis¬ 
sipation requires transposition of the available 
plate and screen characteristics to values 
corresponding to the desired value of screen 
voltage. This can be done if it is remembered 
that the voltage field pattern and the current 
distribution will not be altered if all inter¬ 
electrode voltages are either raised or lowered 
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by the same relative amount. The current values, 
however, will take on new values in accordance 
with the 3/2 power law2. (EIMAC suggests that 
the use of the U/3 power provides more accurate 
information.) If an adequate amount of feedback 
is used then it can be assumed that a sinusoidal 
input signal will result in sinusoidal plate 
current and plate voltage variation. 

The manner in which the deliverable power 
can be computed is shown in Table I. In this 
table the first two columns were obtained from 
the e ■ 0 V, e ■ 1 kv data supplied by the 

ci °a 
manufacturer. Columns 3 and 1* represent com¬ 
puted data for e “ 0 v, and e " 1.25 kv. 

ci ca 

Column 3 »as obtained by multiplying the values 
in column 1 by 1.25. Column 1* was obtained by 

multiplying the values in column 2 by 1.25^^ “ 
1.31*7« Column 5 represents the maximum ac power 
that can be developed in Class Bj Push-Pull 

operation for e “ 1.25 kv when ej, and ib 
c2 min max 

correspond to the values in columns 3 and 1* 
respectively and a plate supply voltage of 5 kv 
is used. 

Maximum average plate dissipation, with 
sine wave signal, will occur when the plate is 
driven 2/3 of the way to zero volts, correspond¬ 
ing to a peak ac signal voltage of 3333 volts. 
For the condition of row 2 in TABLE I this re¬ 
sults in a peak plate current of 1.27 amperes 
and an average plate current, for the two tubes, 
of .805 amperes. The de input power is there¬ 
fore 1*025 watts while the ac plate power devel¬ 
oped is 2115 watts. The maximum average plate 
dissipation is therefore 1910 watts. The condi¬ 
tion of row 1 would not supply the required 
3000 watts of output power while the conditions 
of rows 3 and 1* would ha"e plate dissipation 
conditions exceeding the rated value of the 
tubes. 

Maximum screen dissipation occurs at maxi¬ 
mum drive. TABLE II shows the manner in which 
the information can be set up to compute the 

TABLE I 

Power Delivering Capacity Calculations 

^b ' 5 kv ’ Ec, ' K25

E • 1 kv 
ca 
e - 0 v 
C1 

E ■ 1.25 kv 
ca 
e - 0 v 

e^ (volts) ib (amp.) e^ (volts) ib (■»P») W (watts) max 

600 
800 

1000 
1200 

.930 
1.130 
1.270 
1.31*0 

750 
1000 
1250 
1500 

1.252 
1.520 
1.710 
1.805 

2660 
301*0 
3210 
3160 

TABLE II 

Maximum Signal Performance Calculations 

(Ebb ' 5 kT ’ Eca “ 1,25 kT’ ^n " 1 kT> lbmax " 1>52

At operating value 
of E (1.25 kv) 

ca 

At nearest available curve 
value of E (1.0 kv) 

ca 

At operating value 
of E (1.25 kv) 

ca 

e 
(degrees) 

% 
(volts) 

Composite 

ib (amp.) 

Tube 

(amp.) 
% 

(volts) 

Tube ib 

(amp.) 
’ci 
(volts) 

^a 
(amp.) 

e 
ci 
(volts) 

i 
ca 
(amp.) 

0° 
22.5? 
1*5.0° 
67.5^ 
90.0 

1000 
1310 
2180 
31*70 
5000 

1.520 
1.1*05 
1.072 
.581 
0 

1.520 
1.1*05 
I.O72 
.581 
.100 

800 
1050 
171*5 
2780 
1*000 

1.130 
1.01*3 
.798 
.1*32 
.071* 

0 
-17 
-1*1* 
-78 
-11*0 

.350 

.120 

.01*0 

.015 
0 

0 
-21.2 
-55.0 
-97.5 
-175 

.1*71 

.161 

.051* 

.020 
0 
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expected screen dissipation and other important 
quantities assuming sufficient feedback is used 
to force a cosine variation of plate current 
and plate voltage. 

The value of zero signal tube plate current 
was arbitratily chosen at »100 ampere to produce 
50% of rated plate dissipation. This represents 
a reasonable compromise between severity of 
Class B bias and quiescent plate dissipation. 

Fourier analysis applied to the data of 
TABLE II yields the following information: 

1^ “ .°80 ampere 

I “ .118 ampere 
ca 

Screen dissipation ■ 1U8 watts 

Plate circuit input power ■ 1:900 watts 

AC power developed ■ 3OI4O watts 

Plate dissipation • i860 watts 

Plate efficiency • 62% 

This last tabulation indicates that the 
operating conditions chosen will yield the re¬ 
quired power output within the plate and screen 
dissipation ratings of the tubes chosen. Of 
course the correct operating conditions are 
rarely obtained on the first choice and a few 
incorrect operating conditions may have to be 
investigated before the correct one is deter¬ 
mined. 

There is no de voltage between the two 
primaries but an instantaneous peak voltage of 
ItOOO volts appears between adjacent points of 
these windings at full signal. Conmiercially 
available polyvinyl chloride, Teflon, and Kel-F 
insulated wires have been found to have adequate 
insulation strength for this purpose. Polyvinyl 
chloride insulated wire is not satisfactory be¬ 
cause of its high dielectric constant (6.5), 
which would produce a high primary interwinding 
capacitance and thereby interfere with the high 
frequency power delivering capacity, and its 
high power factor (0.10) which would produce 
excessive insulation temperature rise. Both 
Teflon and Kel-F had acceptable dielectric con¬ 
stant and power factor. Kel-F insulation had 
the advantage of higher dielectric strength, 
listed as high as 2500 volts per mil, high 
resistance to cold flow, and lower cost. At 
the time of this development polystyrene foam 
insulation was being discussed in the literature 
but was not commercially available. This insula¬ 
tion would have a marked advantage from the 
point of view of dielectric constant which would 
approach 1.00. Its other characteristics would 
require further investigation. 

The wire used for the bifilar primaries 

was .#22 (7-30) wire with ,01b" wall of Kel-F 
insulation. Twisted samples of this wire were 
tested with 20 kv peak 60 cycle power without 
breaking down. The manufacturer specifies that 
100% of wire of this type with .008" wall is 
subjected to an Insulation Flaw ("Spark") Test 
with an impressed voltage of 7500 volts rms. 
Samples of the .008" wall wire must also pass the 
manufacturer's test of a four hour inmersión in 
tap water, with the wire ends left out of the 
water, with a subsequent application of 5000 volts 
rms for one minute between the conductor and the 
tap water. All of these tests represent appre¬ 
ciably greater dielectric stress than that en¬ 
countered between the two adjacent wires of the 
bifilar winding. No trouble has been experienced 
due to the lack of insulation in the bifilar 
winding. 

Preliminary calculations indicated that the 
high frequency power delivering capacity would 
begin to fall off at frequencies slightly below 
U kc so it was decided to take advantage of the 
reduction in primary interwinding capacitance 
obtained by transposing the bifilar winding at 
every turn. Subsequent performance tests showed 
that the high frequency power delivering capacity 
specifications would have just barely been met 
without this refinement but were quite adequately 
met with the refinement. 

The output transformer was designed to be 
used with two Moloney MA-306 grain oriented C 
cores. The winding buildup for this transformer 
is shown in Figure 2 and the complete circuit 
diagram is shown in Figure 3. 

In order to supply the grid driving voltage 
required by the U-1000A tubes without introducing 
excessive grid circuit resistance, the double 
triode was replaced with two 6aü6 tubes. This 
provided the additional convenience of being able 
to provide de balance by adjustment of the 6AU6 
screen voltages. The choke in the impedance 
coupled input is a Thordarson T2OC51 choke modi¬ 
fied by full interleaving of the laminations. 
The voltage limi ts of the plate and screen supply 
voltages are also shown in Figure 3. 

Performance 

The effect of various amounts of feedback 
on the residual hum and on the full signal input 
required is shown by the curves in Figure 1:. 
Operation of this amplifier was stable with the 
maximum possible feedback of 30 db corresponding 
to the full seven turns in series. A single 
feedback turn corresponding to 13 db provided an 
adequate hum level 57 db below 3000 watts and 
only required 8.7 volts input voltage for 3000 
watts output. The remaining tests were performed 
using the single turn feedback winding. 

The 1 kc Power Loss and Distortion Charac¬ 
teristics are shown in Figure 5. The plate 
dissipation curve in this figure was obtained by 
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subtracting the transformer losses from the total 
plate circuit losses. The plate dissipation ex¬ 
ceeds the rated value by 2% in the 1.1» kw output 
region while the screen dissipation remains be¬ 
low the rated value up to full power output. 
Residual Hum and Distortion remains at about 
0.8% over most of the operating region rising 
rapidly to 1.1*% at 3000 watts output. Addi¬ 
tional reduction in the residual hum and distor¬ 
tion could have been obtained by using more 
feedback but the performance was already much 
better than that required by the specifications. 

The Power Delivering Capacity of the ampli¬ 
fier is shown in Figure 6. At each of the fre¬ 
quencies shown in this figure the input was ad¬ 
justed to produce 2% distortion in the output. 
The amplifier is capable of delivering in excess 
of 3000 watts within the plate and screen dis¬ 
sipation ratings of the tube over the required 
frequency range of 1*00 to 1*000 cycles per second. 

The Frequency Response Characteristics are 
shown in Figure 7» The upper curve in this 
figure is the 2% distortion power delivering 
capacity plotted to a db scale. The lower curve 
is the Low Level Frequency Response Character¬ 
istic obtained by maintaining constant input 
voltage while varying the frequency. This 
characteristic deviates by less than 1 db from 
the middle frequency response over a frequency 
range of 100 to 38,000 cycles per second. The 
low frequency peak in response is due to series 
resonance between the input capacitor and the 
modified T20C51 choke. 

Figure 8 is a photograph of the completed 
amplifier, exclusive of power supplies, showing 
the chassis arrangement of the various compo¬ 
nents and the blower used for forced draft 
cooling of the tubes and transformer. The bot¬ 
tom of the chassis was enclosed and the blower 
provided positive air pressure inside the 
chassis. The air was allowed to escape through 
the air system sockets for cooling the 1*-1000A 
tubes and through suitably located holes for 
cooling the transformer. 

A characteristic of this type of amplifier 
is that the transition from very low power level 
to very high power level is made in a single 
step. The relative sise of the two 6AU6 tubes 
used to drive the two I*-1000A tubes is clearly 
seen in Figure 8. 

The transformer, complete with mounting 
hardware, weighs 26.5 pounds while the complete 
amplifier shown in Figure 8 weighs 51*.5 pounds. 

Only one unit of the amplifier under dis¬ 
cussion was required. If another unit had been 
required certain minor modifications would have 
been introduced in the transformer construction. 
The primary and secondary turns would be in¬ 
creased by approximately 1*0% and the primary 
wire size would be changed to 21* (7-32) with 
a .011*" wall of Kel-F insulation. The secondary 
wire size would have been changed to /’IO Heavy 
Formvar. The changes indicated should reduce 
the 1 kc - 2% distortion core loss from 201* watts 
to 111* watts while increasing the copper loss 
from 20 watts to 1*0 watts. The increase in 
copper loss is not serious and the decrease in 
core loss is highly desirable. The increase in 
turns should move the low frequency end of the 
power delivering capacity curve to the left so 
that this curve would cross the 3000 watt level 
at about 280 cycles per second. The increase 
in number of turns would tend to increase the 
primary interwinding capacitance but this would 
be overcome to a large extent by the reduction 
in the wire size so that the high frequency 
power delivering capacity would not be expected 
to change appreciably. 

If the specifications had called for opera¬ 
tion at considerably lower frequencies than those 
required, the transformer would have been de¬ 
signed with a much larger magnetic path cross¬ 
section. Modifications in the number of turns 
and wire size would also have to be made. 

The amplifier developed satisfied all of 
the design specifications and showed very good 
correlation between design data and final per¬ 
formance. 
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Fig. 1 
Basic Be reskin power amplifier circuit-

Fig. 3 
3000 watt audio power amplifier. 

2 LAYERS .010" ELECTRICAL TAPE 

14 LAYERS .005" kraft paper 

196 tr ans posed bifilar turns of NO 32 (7-30) QCgX¿) 
wire with .014” wall of Kei" F insulation (.OSS^^ÕT C2XÖ 2 

Fed 9 t urns per inch and ap proxim at ely 28 turns 
per layer. 

2 THICKNESSES .005" KRAFT 

32 IE 

22 TURNS °9HFV WIRE 

18 LAYERS .005" KRAFT 'PAPER 

Fed 9 turns per inch and a pproximately 28 turn s 2 

per layer 2 
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5LAYERS ' Ç  "y" > 
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Fig. 2 
Output transformer coil buildup for 300 watt 
audio power amplifier. (Note: Proper pro¬ 

portions on a vertical scale only.) 
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Ln 

Fig. 5 
Power loss and distortion characteristics 

Frequency response characteristics. 



Fig. 8 
A 3000 watt audio power amplifier. 
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HIGH-GAIN ANTENNA. ARRAYS FOR TELEVISION BROADCAST TRANSMISSION USING A 
SLOTTED RING ANTENNA 

by 

Andrew Alford and Harold H. Leach 
Alford Manufacturing Company, Inc. 

Summary . 

The paper deals with high gain antenna ar¬ 
rays, both directional and omnidirectional, which 
utilize a slotted ring antenna. The theory of 
operation of the slotted ring antenna and the 
various parameters that can be used to control 
the frequency range of operation as well as the 
impedance characteristics are discussed. 

Several applications of the slotted ring 
antenna in commercial television broadcasting 
including the use of high gain omnidirectional 
slotted ring antenna arrays with low power trans¬ 
mitters to achieve authorized ERP's are shown. 

The variety of horizontal patterns obtain¬ 
able by directionalizing the slotted ring anten¬ 
na with relatively simple structures are dis¬ 
cussed. Measured horizontal patterns are in¬ 
cluded showing patterns which conform to the 
10 db rule of the FCC for this country as well as 
several special patterns with extremely high 
gains and with considerably deeper nulls. 

The object of this paper is to describe a 
type of antenna which has been found useful in 
television broadcast transmission, both as an 
omnidirectional and a directional radiator of 
horizontally polarized waves. Its particular 
merit is that it allows one to obtain relatively 
high gains with a relatively simple feeding ar¬ 
rangement . For example, an array with an RMS 
power gain of 20 requires only five feed points. 

The antenna can best be understood by con¬ 
sidering a balanced transmission line shunted by 
a number of small loops or rings. It is possible 
by arranging the separation and cross-sectional 
area of the rings to substantially increase the 
phase velocity at which a high frequency wave is 
propagated along the transmission line. Figure 1 
shows such a loaded transmission line which has 
been short-circuited at one of its ends and is 
fed with a balanced signal generator at the 
other. The standing waves which are set up 
along the line have an apparent wavelength Xq 
which is normally larger than the free space 
wavelength. When the number of rings along the 
balanced transmission line is of the order of 
twelve per free space wavelength and the diame¬ 
ter of each ring is of the order of 0.1h X. 
(where X. is the free space wavelength) the 

apparent wavelength Aa will be approximately 
twice the free space wavelength.1

If the arrangement shown in Figure 1 is fed 
at the center through a length of transmission 
line as shown in Figure 2 and short-circuited at 
both ends, then a wave propagates from the center 
feed point towards each of the two short cir¬ 
cuits. The reflections from these short-circuited 
ends set up a standing wave and the difference of 
potential between the conductors of the balanced 
t.T-a ngml m i on line is distributed approximately as 
shown by the dotted line. The phase of this dif¬ 
ference of potential is substantially constant 
over the entire length of the line for the spac¬ 
ing from the center feed point to either short 
circuit is only approximately 0.U apparent wave¬ 
lengths . It is possible then to feed cophasally 
with one feeder a loaded transmission line of 
this kind having a total span between short cir¬ 
cuits of some 1.5 free space wavelengths. This 
unit is known as a half bay. 

The potential which exists between the bal¬ 
anced conductors causes circumferential currents 
to flow in the shunting rings. Since the poten¬ 
tial, and hence the currents, are very nearly 
cophasal, the overall behavior of the loaded line 
is similar to that of an array of closely stacked 
loops. This fact results in a substantial con¬ 
centration of the power radiated by the rings in 
the direction of a plane passing through the 
halfway point along, and perpendicular to, the 
balanced conductors. The current which flows in 
each ring is a maximum at a point opposite to, 
and equidistant from, the balanced conductors 
while the minimum value of current occurs where 
the ring is joined to these conductors. The 
radiation pattern, then, of the rings in the 
plane of the rings is not quite an exact circle, 
but is rather an oval with slight maxima along 
a diameter which passes through the point of 
maximum current and with slight minima at ap¬ 
proximately right angles to this diameter. 

Since the potential on each ring at the 
point of maximum current is essentially zero, 
these points may all be joined to an electrically 
conductive common member without distorting the 
radiation pattern of the array. Further, since 
the potential increases gradually from zero on 
both sides of these neutral points, supporting 
masts of adequate size may be used without sub¬ 
stantially affecting the operation of the an¬ 
tenna. 

87 



Such an antenna has been made for tele¬ 
vision broadcast transmission. As may be seen 
from Figure 3, it consists of a series of slotted 
rings mounted on a channel. Two rods are mounted 
to the rings, parallel to each other, one along 
each side of the open portion of the rings, to 
form a slot and to act as the balanced transmis¬ 
sion line. The rings are lenticular in cross¬ 
section with the long axis in the plane of the 
rings so that the wind resistance of the struc¬ 
ture may be as low as possible. 

A portion of a slotted ring antenna is 
shown in Figure h, mounted on a supporting mast. 
In order that a larger vertical aperture could be 
excited with a single external transmission line 
feeder, a feeding arrangement was developed which 
utilizes a portion of the rods and channel as an 
outer conductor to propagate an approximately co¬ 
axial TEM mode to the center of the slot in con¬ 
junction with an exposed inner conductor. It was 
then possible to mechanically join two half bays 
together, which were fed in the center through a 
coaxial tee. The overall length of a so-called 
bay then was approximately 3.U free space wave¬ 
lengths with substantially the entire aperture 
excited essentially cophasally with a single 
external rigid coaxial transmission line feeder. 

The exposed inner conductor is an extension 
through a large teflon coaxial end seal, of the 
coaxial tee inner conductor. It passes through a 
portion of the rings to the center ring of each 
half bay and is there connected to one side of 
the ring. Various inner conductor diameters are 
possible but the relatively small inner conductor 
presently used offers two distinct advantages. 
It is sufficiently small not to alter the distri¬ 
bution along that portion of the antenna through 
which it extended as compared to the remaining 
half which contained no inner conductor and yet, 
in conjunction with the rods, channel and slotted 
rings, it presented a characteristic impedance 
which resulted in a substantial improvement of 
the impedance versus frequency characteristic of 
the antenna; i.e., made the antenna more broad 
band. 

If, at the center ring, the exposed inner 
conductor were connected to the neutral point of 
the ring (the point of attachment to the channel) 
the impedance seen would be that of a few ohms. 
If, instead, the exposed inner conductor were con¬ 
nected to a point on the center ring just to one 
side of but adjacent to the slotted portion, the 
impedance seen then with the components and spac¬ 
ings presently used would have a real component 
of the order of magnitude of 70 ohms. The center 
ring, therefore, in conjunction with the bar 
which joins the exposed inner conductor to the 
ring can be made to act as a transformer which is 
capable of transforming the real component of the 
slot impedance from approximately 70 ohms as an 
upper limit to a few ohms, if desired, as a lower 
limit, 

A typical slot impedance when the point of 
attachment has been properly chosen is shown in 

Figure 5. Through the use of a relatively high 
impedance (approximately 160 ohm) line section 
made up of the exposed inner conductor and its 
effective outer conductor, and further by con¬ 
trolling the length of this line section 
(slightly over one apparent wavelength) this slot 
impedance is transformed to the relatively small 
circle of impedances shown on the same figure. 

The frequency range of operation of the an¬ 
tenna is controlled to some degree by adjusting 
the spacing between, and the size of, the rods. 
Since the phase velocity of propagation is equal 
to 7/CC , increasing the diameter of the rods 
or decreasing the spacing between rods will de¬ 
crease the phase velocity. To maintain a con¬ 
stant apparent wavelength, the center of the 
operating frequency range must also be decreased. 
In this manner the same antenna may be tuned to 
operate in several different television channels. 
The change of rod spacing and/or diameter also 
changes the slot impedance of course, and this 
must be compensated for by a slight movement of 
the point of attachment, on the center ring, of the 
exposed inner conductor. 

The slotted ring antenna has several prop¬ 
erties which are desirable for television broad¬ 
cast transmitting antennas: 

(1) It radiates almost pure horizontally 
polarized waves and its horizontal 
radiation pattern is essentially 
omnidirectional 

(2) Because of its relatively large 
components, including the teflon 
seal, it can handle high power 

(3) It is relatively insensitive to 
snow and ice formations because of 
the relatively low slot impedance 

(U) The antenna exerts a relatively low 
shear and overturning moment and 
yet is extremely rugged 

(5) Finally, it can be easily stacked 
to achieve quite high gains with 
only a few feed points and there¬ 
fore an extremely simple inter¬ 
connecting harness. 

When the antenna is stacked vertically to 
achieve higher gains, rigid 3-1/3" coaxial teflon 
transmission line is used to make up the inter¬ 
connecting harness. So that an input VS® over 
the assigned six megacycle band may be guaranteed 
without necessitating the complete assembly and 
testing of the entire array at the factory, a 
common principle of interchangeable manufacturing 
is applied; i.e., maximum input VS®'s are as¬ 
signed to each of the various components of the 
system in such a way that even if all reflections 
were to add in phase at some point in the fre¬ 
quency range of operation, the resultant input 
VS'® of the system would be less than 1.10. The 
individual bays are tested and compensated 
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separately to a maximum VSW of 1.06. The entire 
interconnecting harness is then assembled and 
terminated in matched low power precision loads. 
A maximum VS1SR limit of 1.02 is assigned to the 
complete harness. A typical impedance plot on 
an expanded Smith Chart for a typical harness is 
shown in Figure 6. 

Since the supporting masts are not perfectly 
rigid and often deflect considerably under hur¬ 
ricane winds, and because of the differential 
coefficient of thermal expansion between the 
copper transmission line and the steel mast, 
careful design of the interconnecting harness 
and its supports has been an important part of 
the reliability of the stacked arrays. Through 
the use of double 90° elbows for connecting the 
feeders to the individual bays and through the 
use of sealed coaxial expansion joints, the 
interconnecting transmission line harness is al¬ 
lowed to deflect with the supporting mast with¬ 
out undue stress. 

A five-bay omnidirectional slotted ring 
antenna array with a gain of approximately 20 
has been built and installed in Washington, North 
Carolina, for Station WITN (TV). In conjunction 
with a 20 kilowatt transmitter, it radiates an 
ERP of 316 kilowatts. A field intensity radial 
as measured on this installation by Mr. Raymond 
Rohrer of Jansky & Bailey, Inc. is shown in 
Figure 7A. In order to determine the effects of 
the terrain, if any, and for comparison purposes, 
similar radials were measured on a nearby sta¬ 
tion which also radiated an ERP of 316 kilowatts 
with a higher power transmitter and a lower gain 
antenna. The measured field intensity radial for 
a corresponding direction on this installation is 
shown in Figure 7B. Both of the measured curves 
follow fairly closely the predicted curves cal¬ 
culated from the FCC (5O,5O) curves. Further, 
there is a remarkable similarity between the two 
measured curves in their slight deviations from 
the predicted curves. As closely as could be 
determined, the gain of the WITN five-bay antema 
was found to be the value predicted from model 
measurements. 

The calculated vertical beam width, based 
on measured half—bay patterns, at the half power 
points of the five-bay array is 2.9° as compared 
to approximately 3.6° for the lower gain antenna 
of the adjacent station. Measurements of the 
close-in fields for the two stations were also 
recorded and the instantaneous values of field 
strength measured are plotted in Figure 8 for 
the two stations as a function of distance from 
the respective towers. 

Although the fundamental horizontal radia¬ 
tion pattern of the slotted ring antenna, even 
when mounted on a supporting mast, is essential¬ 
ly circular as described above, the antenna 
lends itself to achieving a variety of direc¬ 
tional horizontal patterns through the addition 
of relatively simple beam shaping members. 
Several types of beam shaping members have been 
used, depending on the application and require¬ 

ments of the various directional antennas. 

For television broadcast transmission, these 
beam shaping members have taken the form of rela¬ 
tively small rectangular bar stock of various 
lengths attached directly to each alternate active 
ring of the antenna. Sufficient beam shaping 
members are then present along the slot so that 
the distribution of potential remains essentially 
unchanged as does the vertical radiation pattern 
of the antenna. Several different horizontal 
radiation patterns have been achieved in this 
manner. Three typical patterns have been shown 
in Figure 9, all of which conform to the so-called 
10 db rule set up by the Federal Communications 
Commission. Further, all of these patterns are 
essentially circular except in one sector where 
they have a null or nulls which are no more than 
10 decibels below the maximum. The maximum power 
gain of a directional antenna depends, of course, 
not only on its vertical aperture but on the di¬ 
rectivity of the horizontal pattern as well. The 
increase in gain which is achieved in certain di¬ 
rections as a result of this horizontal directivi¬ 
ty allows a given maximum ERP to be radiated with 
a fewer number of directional bays (i.e., a 
smaller vertical aperture) than with omnidirection¬ 
al bays. The typical directional horizontal pat¬ 
terns shown have maximum gains which vary from ap¬ 
proximately 5.6 to 7.2 per bay, depending on the 
particular pattern chosen, as compared with an RMS 
or omnidirectional gain of approximately U.O per 
bay. 

The rings provided with beam shaping members 
act differently from simple rings in that a sub¬ 
stantial portion of the current which normally 
flows in the ring is diverted into the beam shap¬ 
ing members. The horizontal radiation pattern of 
a modified ring is determined not only by the 
shape and the length of the beam shaping member, 
but by its point of attachment to the ring as 
well. Because the potential along the ring varies 
from a maximum on both sides of the slot to zero 
at the neutral point, the nearer the point of at¬ 
tachment of the beam shaping members to the neutral 
point of the ring, the smaller is the amount of 
current diverted from the ring. The less then is 
the deviation of the directional horizontal pat¬ 
tern from the primary horizontal pattern of the 
slotted ring antenna itself. 

To calculate the horizontal pattern of the 
slotted ring antenna after the addition of the 
beam shaping members described above would mean 
either the solution of a difficult boundary value 
problem or the integration of measured current 
distributions along the various antenna elements. 

Fortunately, it was found practical to de¬ 
termine the optimum method of achieving a desired 
directional horizontal radiation pattern by per¬ 
forming measurements on accurate scale antenna 
models. Agreement between the model studies and 
the full scale antenna measurements has been 
checked many times and found to be good. 
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Although not presently authorized in this 
country, nulls considerably deeper than 10 db 
have been investigated through model studies. 
While it is possible to achieve almost complete 
nulls with the beam shaping members described 
above, the nulls are ordinarily quite narrow. For 
those installations where it is desired to sup¬ 
press the radiated signal over a considerable sec¬ 
tor in order to protect the coverage area of an 
adjacent station, considerably broader nulls have 
been achieved through the use of two auxiliary 
but driven radiators in conjunction with the main 
antenna. 

In 191*8, a series of model measurements 
were made which showed that a null over 30 db 
down from the maximum could be radiated over an 
azimuthal sector of some 1*7° Such a pattern is 
shown in Figure 10C. The main antenna consisted 
of a slotted cylinder with solid wings as the beam 
shaping members, as shown in Figure 1QA. The 
horizontal radiation pattern of this antenna 
alone is as shown in Figure 10B. The voltage 
which is set up across the slot originates a wave 
which travels outward along the wings. When the 
wave arrives at the edge of the wings, some of 
the energy is reflected back towards the slat and 
some travels in such a way as to keep the ends of 
the electric lines of force normal to the sheet. 
It is the energy which travels around the edge 
that causes the back lobe. 

The field near the edges can be considered 
as two Huyghens' sources which radiate in all 
directions. These two sources are in the same 
phase with each other and their contributions add 
in the direction of 180°. As one deviates from 
180° there is a difference in path length between 
the radiations from the virtual sources. At some 
given angle, this difference is a half wavelength 
and there is a null. As the angle approaches 90° 
the field of the main slot becomes predominant 
with the smaller effects of the two edges super-

Balanced transmission line loaded with 
shunt rings 
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imposed. By properly choosing the magnitude but 
reversing the phase of the power fed to the two 
auxiliary driven antennas, and by the choice of 
the proper spacing, the horizontal radiation pat¬ 
tern of the driven antennas was made to track and 
cancel the patterns of the Huyghen sources fairly 
closely over a relatively wide sector. 

An extremely high gain antenna has been 
modeled and tested for the Air Force Cambridge 
Research Center for possible use in forward 
scatter ionospheric propagation. It utilizes a 
slotted ring antenna to feed a series of stacked 
wire vees which are attached, at the narrow end 
of the vee, to the two balanced conductors along 
the slot and at the wide end to two auxiliary 
supporting towers as shown in Figure 11A. At 
upper band VHF television frequencies, a four bay 
array of this type would have a vertical aperture 
of some 75 feet. With 1*0 foot long wires and a 
vee included angle of approximately 25°, a maxi¬ 
mem power gain over a dipole in free space of 2$0 
can be achieved. In spite of the attachment of 
the stacked wire vees to the slatted ring antenna, 
the major lobe of the measured vertical pattern 
of a modeled half bay of this array was essen¬ 
tially the same as that of the slatted ring half 
bay alone. The horizontal radiation pattern of 
such an array is shown in Figure HR . 
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Fig. 3 
Portion of a slotted ring antenna 

Fig. 5 
Slotted ring antenna impedances 

Fig. 4 
Portion of a slotted ring antenna bay 

Fig. 6 
Impedance of a typical interconnecting harness 
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Fig. 7 A 
Measured field intensity radial for Station WITN 

Fig. 7B 
Measured field intensity radial for station WNCT 
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Fig. 9 
Typical directional horizontal radiation patterns, 

relative field 

complete array, relative field of individual components, 
relative field 

Fig. 11A 
An extremely high gain directional antenna 

Fig. 1 IB 
Horizontal pattern, relative field 



SELF-DTPLEXING T-V ANTENNA 

by 
C. B. Llayer 
P. U. Pan 

General Electric Company 

Introduction 

The broadcast of television, consisting 
of the audio and video information on separate 
carrier frequencies, requires the use of two 
transmitters• All present-day transmitting 
systems use the same antenna for both signals. 
This requires the use of complex filter diplexing 
systems in order to isolate the two transmitters 
and get both signals onto a common transmission 
line. 

The system which is described here 
eliminates the need for these complex filter 
systems. This is achieved by propagating the 
signals to the antenna in the form of two orthog¬ 
onal transmission modes within the circular an-

Fig. 1 
Cross wound helix. 

tenna mast, and then, by the use of a separate 
helical antenna for each signal. The two an¬ 
tennas are so arranged that in overlapping por¬ 
tions their windings are in the opposite sense, 
thus producing a cross-wound helix as shown in 
Fig. 1. 

Since simplicity is the key to relia¬ 
bility of operating equipment, increased simplic¬ 
ity can result whenever a part of an operating 
structure is made to perform several functions 
s imultane ously. 

Using this principle, the original 
helical UHF-TV transmitting antenna, introduced 
five years ago, was the first to make large 
strides toward simplification. The number of 
feed points required for high gain antennas was 
reduced by a factor of about 15 to 1. 

Now, further developments in the feed 
system again permit an increase in overall system 
simplicity. This results from increasing further 
the functions performed simultaneously by parts 
of the operating structure. 

Present-Day Diplexing Schemes 

In order to fully appreciate the sig¬ 
nificance of the development of this system, let 
us take a closer look at the transmitting systems 
in present use. 

A typical system which is used by 
General Electric to meet the FCC specifications 
on sideband signal rejection and to perform di¬ 
plexing action at UHF is shown in fig. 2b. (The 
system shown in Fig. 2a does not meet the speci¬ 
fications.) It consists of eight cavities and a 

Fig. 2 
Diplex - sideband filter system. 

number of hybrid rings. The cavities Cg , C3 and 
Cl are single-tuned cavities, while C^ is a 
double-tuned cavity. (An analysis of such a 
system is shown in Appendix A.) The problem of 
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obtaining a particular Ç and resonant frequency 
in each of these cavities, and maintaining suf¬ 
ficient stability in operation is not an easy one, 
to say the least. This becomes more apparent 
when we realize that the losses in each of these 
cavities is generally greater than UOO watts, and 
cooling must be required to prevent changes in 
resonant frequency and Q due to temperature rise. 
Other manufacturers might use fewer cavities, but 
the performance is not as good. 

Another difficulty encountered with 
such a system is the phase error introduced in 
the signal fey transmitting color television and 
thus the need for considerable phase compensation» 

The cost of such a system as this is in 
excess of $10,000. Thus the need for an entirely 
new approach to the problem is apparent. 

The system which is described here 
eliminates all this complexity with the exception 
of the video sideband filtering which may be done 
easily at low signal level. 

This is accomplished, as we said above, 
by the use of two orthogonal transmission modes 
within a waveguide mast to provide almost complete 
isolation of the two signals within the wave¬ 
guide. The signals are isolated on the outside 
of the mast ty means of a cross-wound helical 
antenna using different windings for the two 
signals. 

Excitation of the Two Modes 
and Cross Coupling Between Modes 

Now, since the transmitter mast is 
usually a hollow pipe, it is convenient to use 
this as a circular waveguide and use two TEu 
modes to propagate the signals. The transverse 

*U(N0 COUPLER 

Fig. 3 

electric field pattern for these two modes is 
shown in Fig. 3« The size of the guide is chosen 
so that all other modes are beyond cutoff and 
will not propagate. 

We notice that these modes are identical 
except for the fact of the 90° rotation of the E 
vectors. This is particularly advantageous since 
the propagation constant for each signal will be 
the same. Also, since both modes are the same, 
the coupling to the antenna can be done in iden¬ 
tically the same way and offer great simplicity. 

Theoretically, there should be no cross 
coupling between modes if the waveguide mast is 
a perfect cylinder and the two modes are at 90° 
to each other. However, in practice the masts 
are not perfect so one might expect some cross 
coupling. Before starting on the experimental 
development, an analysis was made to determine 
to what extent the eccentricities found in a 
practical waveguide would cause cross coupling. 
(See Appendix B.) This analysis indicated that 
the amount of cross coupling that would be caused 
by waveguide imperfections was very small. Thus 
the first problem was that of devising a means of 
exciting these two modes in a manner which will 
isolate the two transmitters and have the neces¬ 
sary bandwidth requirements. 

One method of exciting a TEjj mode in a 
circular guide is by a straight axial transfor¬ 
mation from the fundamental or TE.q mode propa¬ 
gating in a rectangular guide. This mode we shall 
refer to as the axial mode. In our model, the 
wave impedance in the rectangular guide was 
slightly different from that in the circular 
guide, so a 1/U wavelength transformer of rec¬ 
tangular cross section was placed between the 
two to perform the transformation. This does 
the job very nicely and is quite broadband. 

A second method of exciting a TE^x 
mode in the circular guide, also from a rectan¬ 
gular waveguide carrying the TE.q mode, is to 
come directly in through the side of the circular 
guide. A short circuit is then placed 1/U wave¬ 
length below the opening to propagate all the 
energy in one direction up the mast to the an¬ 
tenna. This mode we refer to as the "side mode". 

These two systems may be combined very 
nicely into the dual mode transducer shown in 
Fig. h. 
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Fig. 5 

Fig. 4 
Dual mode transducer. 

The orientation of the "axial mode" is 
arranged so that its E vectors are at right 
angles to the "side mode". Under these condi¬ 
tions, the smaller cross sectional dimension of 
the quarter-wave transformer acts as a waveguide 
beyond cutoff to the "side mode", thus providing 
the short circuit necessary to send all the 
energy from getting back into the "axial mode" 
transmitter. This transducer provided better than 
Ü0 db isolation between the two transmitters when 
the circular guide was fed into a matched load. 

One difficulty which arose with the 
transducer was a very high standing-wave ratio 
which occurred in the "axial mode" near the center 
of the band. This was due to the rather large 
opening in the side of the circular waveguide for 
the other mode. It was found that placing any 
sort of metallic bar across this opening would 
eliminate the discontinuity satisfactorily. In 
order not tó disturb the impedance match of the 
"side mode", however, a resonant window was 
placed across the opening (see Fig. 5). 

It was found that this resonant window, 
when placed in a matched rectangular guide, was 
very broadband. The VSV.P is below 1.2 for a band¬ 
width in excess of 20 per cent. Thus, this repre¬ 
sented a good way of preserving the match in the 
"side mode" and eliminating the discontinuity in 
the "axial mode" caused by the opening in the 
pipe. 

Coupling the Energy to the Antenna 

Having achieved the excitation of the 
two TE^ modes in our waveguide mast, the prob¬ 
lem of coupling the energy to the antenna was 
taken up. Probe coupling appeared to offer the 
best solution. Consider again the transverse 
electric field pattern for the two modes shown 
in Fig. 3. If a probe is inserted into the field 
in the vertical direction as shown, it will 
couple only to the video signal and, if it is 
inserted in the horizontal direction as shown, it 
will couple only the audio signal. 

The initial probe design was scaled 
from a similar probe coupling system used at X-
band. The proven design is shown in Fig. 6. The 

Fig. 6 
Probe coupling devices. 
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threads on the inside and outside of the teflon 
washer enabled the positioning of the washer and 
the depth of the probe to be made independently. 
The trapezoidal-shaped connector is screwed onto 
the end of the probe and holds the helices. 

A calculation of the probe and antenna 
impedance (see Appendix C) indicated that the 
match should be easily obtained. 

100 Per Cent Coupling 

In order to transfer all of the energy 
within the mast to the antenna, it is necessary 
to place a short circuit one-quarter wavelength 
beyond the coupling probe. (In this particular 
case, the choke short described in Appendix D 
was used.) Since, in our system, the two signals 
are not coupled out at the same point on the mast, 
it is necessary to have a device which will re¬ 
flect the energy of one mode but transmit the 
other with a minimum of reflection. 

To perform this function, a "dual mode 
filter" was devised. The principle applied here 

Fig- 7 
Dual mode filter. 

was to use a section of rectangular waveguide 
one-half wavelength long. The dimensions are 
such as to present a matched impedance for the 
one mode (thereby transmitting it on through) 
while presenting a waveguide beyond cutoff to 
the other mode thereby acting as a short circuit. 
A photograph of this device, using finger tip 
connectors, is shown in Fig. 7. Experiments 
showed that this type of connector was good 
enough for the purpose. It is important to bear 
in mind that the connector should contact the 
waveguide at all points evenly or cross coupling 
will occur between the two modes. The choke 
short is by all means much superior. 

Tests which were run, using a helical 
antenna of 2-1/2" pitch and diameter of 3-7/8", 
indicated that 100 per cent of the energy could 
be coupled from the guide to the antenna with 
sufficient bandwidth using this type of coupling. 

50 Per Cent Coupling 

In order to extend the antenna to 
multiple bays, it must be possible to couple out 
less than 100 per cent of the energy at various 
points along the guide. In particular, the next 
to the last bay must couple 50 per cent of the 
energy. 

When the probe depth was adjusted to 
couple out half the power from the guide, the 
VSWR turned out to be about 2.0 over a fairly 
wide frequency band. 

Since a power split at the probe would 
produce an input impedance of Zo/2 (see Fig. 8) 

RADIATION LOSS 
IN FIRST BAY Z0

Fig. 8 
Impedance matching for probe. 

and since an impedance mismatch of 2:1 causes a 
VSWR of 2.0, this appeared as the obvious cause. 
Thus moving back towards the generator, the cor¬ 
rect distance, the mismatch was tuned out satis¬ 
factorily by means of a capacitance probe screwed 
in through the side of the guide, parallel to the 
coupling probe. Measurements showed that this 
caused very little cross coupling to the other 
mode. 

Extension to any Per Cent Coupling 

From the results obtained in the 50 per 
cent coupling case, the extension to any per cent 
coupling using the same basic procedure appears 
straightforward. The amount of power coupled to 
the antenna is adjusted by means of the probe 
depth and the mismatch caused by the power split 
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is eliminated by a capacitive probe at the cor¬ 
rect distance from the coupling probe toward the 
generator . 

Antenna 

It should be noted here that the devel¬ 
opment model was scaled to 3000 me for experi¬ 
mental convenience. 

The antenna which was used to continue 
the isolation of the two signals on the outside 
of the mast, and thereby complete the self-
diplexing system, was an extension of the basic 
helical antenna. 

To understand this, let us review 
briefly the theory of operation of the basic 
single-bay helical antenna shown in Fig. 9. 

Fig. 9 

Two traveling waves are launched along 
the helices at the feed point. Each helix acts 
very much like a single wire above a ground plane 
(the mast). The spacing between the mast and the 
helix is such that there is a considerable amount 
of radiation per turn. In the practical design, 
each helix is about five turns. Each turn is an 
integral number^ of wavelengths so that the cur¬ 
rents at a given aiimuthal angle are in phase. A 
high gain antenna is achieved by stacking a 
number of such single—bay antennas along a mast. 

Use of the Basic Single Helix Antenna for 
Self-diplexing__ 

The first attempt at a self-diplexing 

Fig. 10 
Single wound helix (signal at each end). 

antenna was to use a single helix and to feed the 
two signals by means of probe coupling at 
opposite ends of the helix as shown in Fig. 10. 

It was hoped that sufficient isolation 
would result between the two feeds due to the 
radiation loss to produce a practical solution. 
However, the isolation obtained was only 13 db 
at one point in the band which was not suffi¬ 
cient. But this can be improved to 20 db by 
using mode suppressors. 

The "Bifilar" or Parallel-wound Self-diplexing 
Antenna 

Fig. 11 
Parallel wound 

helix. 

Another method of obtaining isolation 
is to use two separate "basic" helical antennas 
arranged so that their windings run parallel to 
each other as shown in Fig. 11. 
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An attempt was made to feed the two 
signals at the same point along the mast, but it 
was found that considerable cross coupling was 
introduced between the two probes inside the 
guide due to higher order modes. However, con¬ 
siderable improvement was obtained over the 
single helix type when the feeds were displaced 
in a maimer similar to Fig. 10. The isolation 
achieved with this scheme on a two—bay antenna 
ranged from 18 to 26 db over the operating band. 
This can be further improved by mode suppressors. 

The Cross-wound Helix: Self-diplexing Antenna 

It was felt that further improvement 
might be obtained if the windings of one of the 
antennas were reversed, thus producing a cross 
winding in the overlapping portion of the aper¬ 
ture between the feed points. Figure 12 shows 

Fig. 12 
Cross wound twin helices. 

a set of the helices before mounting on the mast. 
A physical picture of why this might be so is 
obtained if we again consider the fact that the 
antenna acts as a single wire above a ground 
plane. This is equivalent to a two-wire trans¬ 
mission line. In the case of the bifilar or 
parallel winding scheme, this is analogous to 
two parallel transmission lines running side by 
side for many wavelengths. Thus, one might ex¬ 
pect to get considerable coupling between them. 
However, the case of the cross-wound helix is 
analogous to two transmission lines which cross 
each other at an angle of 30 to U0°, and one 
would expect very little transfer of energy from 
one line to the other. 

A two-bay cross-wound self-diplexing 
helical antenna was built (see Fig. 13), and the 
anticipated improvement was achieved. The iso¬ 
lation between the two signals now ranged from 
23 to 38 db over the operating band. Isolation 

Fig. 13 
Complete assembly two-bay self 

diplexing antenna. 

Since 20 db of isolation is sufficient for this 
application, the cross-wound helical antenna 
does the self-diplexing job very nicely. 

Antenna Patterns 

Having obtained the isolation necessary 
to complete the self-diplexing of the two signals, 
the one remaining question is whether or not the 
antenna patterns are very much changed by the use 
of the cross winding. 

Basic Helical Antenna 

Let us first take a look at the pat¬ 
terns normally achieved with the basic 3 X mode 
helical antenna. 

Fig. 14 
3 X mode G.E. 2 bay helical antenna relative 

voltage pattern. 

Vertical Pattern. The vertical pattern for 
a basic two-bay helical antenna is shown in 
Fig. Ih. The energy is concentrated in the 
horizontal plane due to the size oX" the vertical 
aperture. The beam width achieved is about 
8-1/2° - ?°. 
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Horizontal Pattern 

Fig. 15 
Horizontal pattern 3A mode 2 bay G.E. helical 

antenna relative voltage. 

1. Cyclic Effect - The horizontal 
pattern of the basic helical antenna as shown in 
Fig. 15 is not quite as straightforward as its 
vertical pattern. In general, there appears a 
cyclic effect of about il-1/2 db. The number of 
cycles is equal to 2 times the number of wave¬ 
lengths per turn. 

2. Deep Null - A single deeper null 
also appears at one point in the pattern. The 
cause of these variations in the horizontal pat¬ 
tern is due to two modes propagating on the 
helix. 

Fig. 16 

.The first of these modes is the radia¬ 
tion mode'’' which has a well behaved distribu¬ 
tion as shown in Fig. 16a. This is the desired 
mode. The other mode, the transmission mode, 
shown in Fig. 16b is not so well behaved, and 
causes the deep null and cyclic effect. 

Considerable success has been achieved 
in eliminating the deep null and reducing the 
cyclic effect oy means of mode suppressors. 
These are described in a General Electric Report 
TIS No. R55ELPU2. 
Cross-wound Helical Antenna 

Fig. 17 
3 A mode cross wound self-diplexing 2 bay 

helical antenna relative voltage. 

The vertical pattern of a two-bay model 
cross-wound self-diplexing antenna is shown in 
Fig. 17. It is seen to be essentially the same 
as that of the basic helical two-bay antenna. 
The vertical beam-width is 8-1/2 to 9 degrees. 

Horizontal Pattern 

Fig. 18 
Horizontal pattern 3A mode 2 bay self-diplexing 

helical antenna (relative voltage). 

The horizontal pattern shown in Fig. 
13 shows the same cyclic effect and deep null 
found in the basic antenna, which indicates that 
the two antennas are acting nearly independent of 
each other due to the cross winding. 
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Over-All Performance 

Fig. 19 
Two bay cross-wound diplexing helical antenna. 

The over-all isolation achieved for 
the two-bay model constructed using the cross¬ 
wound antenna is shown in Fig. 19. It is seen 
that the minimum isolation is 23 db near the 
center of the band and ranges above 30 db else¬ 
where in the band. 

Input VSWR vs. frequency. 

The VSWR for the two-bay cross-wound 
self-diplexing antenna, fed by the dual mode 
transducer and probe coupling, is shown in Fig. 
20. While this is not quite as good as the 
coaxial fed basic helical antenna, it is felt 
that further improvement could be achieved by 
careful design and additional matching. 

Conclusions and Summary 

We have seen that UHF television trans¬ 
mission requires the use of elaborate filter di¬ 
plexing schemes when using a single antenna to 
transmit audio and video signals. The cost of 
these systems is in the order of $12,000. How¬ 
ever, we have shown here that, by the use of two 
orthogonal transmission modes within the hollow 
antenna mast and a cross-wound helical antenna, 
it is possible to produce a self-diplexing an¬ 
tenna system which eliminates the need for these 
complex and costly filters. The system described 
here is a two-bay model. The extension of this 
model to high gain multiple bay systems appears 
quite feasible. 
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Appendix A It introduces hybrid rings• Proper cavities are 
placed in the legs of the hybrid rings. The 

Diplexing System for TV Transmitters ideal operation of the square hybrid ring with 
matched loads was analysed by a number of workers• 

In order to use the same antenna both 
for the video and audio signals in the present This analysis obtains the voltage re¬ 
television transmission, a diplexing system must lationships when the ideal hybrid is fed from a 
be used. One typical example is shown on Fig.A-1 matched generator and terminated with two mis¬ 

matched loads and one matched load. 

Fig. A-l 
T.V. diplexing. 

Fig. A-3 

Filters I will reject all the audio 
signals, while filters II will reject all the 
video signals. Because of the FCC specification 
on sidèband isolation, bandwidth and signal 
levels, the filters must have very high Q and at 
the same time be broadbanded, so as to meet the 
requirements. 

The new approach used nowadays is the 
filterplex as shown in Fig. A-2. 

It is assumed that the arms of the hybrid are 
exactly one-quarter wavelength long. The cir¬ 
cuit can be analyzed by replacing the admittances 
T and Y^ with matched loads and voltage gener¬ 
ators e„ and e^. These generators will be ad¬ 
justed in magnitude to produce the proper volt¬ 
age and current relations on the output terminals. 

For example, consider the arm with ad¬ 
mittance Ya, the incident voltage is 1, and the 
reflected voltage is P- which is the voltage 
reflection coefficient. 

Fig. A-2 
Filterplex for T.V. diplexing. Fig. A-4 
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The generator ea must then be The resultant voltage diagram is shown below. 

ea . 2Pa (A-l) 

where 
Pa . To “ Ya (A-2) 

f + Y ■ 
xo a 

The effect of each voltage generator on the cir¬ 
cuit is determined from the "superposition" 
method. Two generators are short circuited, then 
only one generator is in operation, with matched 
loads on the other three arms. 

The sketch following shows the system 
of equivalent generators with the direction of 
propagation indicated. 

A table below shows the voltages with their di¬ 
rections due to each of the generators : 
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From the characteristics of the cavi¬ 
ties, such as 'Q', the response of the diplexing 
system of TV transmitters can be obtained. 

Appendix B 

Decoupling Due to Orthogonal Modes in 
Circular Waveguide_ 

To analyze the coupling of the two 
orthogonal TE-q modes in the circular guide, due 
to the irregular shapes of the guide, it is nec¬ 
essary to have the polar equation of an ellipse 
centered on the axis of the waveguide. This is 
given by _ 

/2 
1 - — (1 - cos 26) 

2 

where r - radius of circular guide 

b = semi-minor axis 

e « eccentricity of the ellipse 

For small eccentricities (e « I) this 
reduces to 2 

r ■ b(l + j— cos 2 6) (B-l) 

and, therefore, 

be2 Re2 , . 
rmax “ rmin 2^2 

where R is the mean radius of the cross section. 

Fig. A-6 
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To obtain the propagation constant for 
TEjq waves polarized along the major and minor 
axis of the èllipse, we proceed as follows: a 
potential type function is introduced from which 
the field components may be obtained by differ¬ 
entiation. 

Tf = U (r, 0) exp j (œt - ßZ) (B-3) 

where Z is the axial direction of the waveguide 

g = guide wavelength 

and U (r, Ô) gives the transverse field pattern. 
For TEj2 mode, it is of the form 

(K r) exp j0 (B-4) 

For an exactly circular boundary, K and 
thence ß can be found by applying the boundary-
conditions. For a slightly non-circular boundary, 
we shall find that there will be two new values 
of K, differing slightly from the old value. The 
two new ß values give rise to a slow rotation as 
they progress along the waveguide. 

The boundary conditions that the tan¬ 
gential electric field or normal magnetic field 
vanish are expressed as 

dU _ $ or W • n • 0 

>n “ 

where it is the direction of the normal. For a 
circular guide, n is the radial direction; but 
for non-circular cases, there will be an angular 
component involved. To derive the appropriate 
expression, refer to the Fig. B-l where C and D 
are areas of the unperturbed and perturbed cir¬ 
cular cross-sections respectively. C' is 
concentric with C. 

The equation of the cross-section is given by 

r . R [ 1 * h(e)3 

where R is the radius of the original circular 
cross-section, and h is a small variable which 
describes the new contour. 

For changes in the separation constant 
K, as shown in equation (B-4), K is introduced 
to represent the small change. Therefore, far 
TE-q mode it is 

J! (K r) exp j 0 

To get an expression for h, it is ex¬ 
pressed in Fourier series 

h = S (an ejn0 ♦ e“Jn0) (B-5) 
ns i 

and h - (An cos n 0 + Bn sin n 0) (B-6) 
«=• yZ 2 Á2 + B2 

* v2 p2 + i J 2 2 
we have K = —K/2 -x—x- I A2 + Bg (B-7) 

K R - 1 * 

The propagation constant of ß is related 
to K through the familiar expression 

Since the cut-off wavelength 

2nR 
KR 

I« = 
K2 R2

K R 
(B-9) 

For example, a 11-1/2" circular guide, whose 
major axis - minor axis - 20 miles, equation (B-2) 
gives e ■ 0.059. For the TEy. mode, KR ■ 1.84 
and at 68O me ß « 0.169/in 

C 2 2 2 
5 P = .577 J *2 ♦ Bj - .577 g-

-li 
= 4.85 X 10 /in. 

For decoupling of X db 

XlogC<H;SßZ (B-10) 

Therefore, the decoupling is obtained. 
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Appendix £ 

Calculation of Probe and Antenna Impedance 

An approximation to the impedance of 
the probe may be made by assuming that the cur¬ 
rents in the probe return to the guide through 
the capacitive reactance between the end of the 
probe and the guide walls. 

mniT IMKOAMCI TO TM Molt II 

Fig. C-l 

The current, I, along the probe, pro¬ 
duces an electric field intensity and the 

charge at tne end of the probe produces an 
electric field intensity ¿E. 

The input impedance to the probe is 

Thus, the probe impedance is the sun of 
its own capacitive reactance (which excites no 
modes) and the impedance due to a current element 
of length f. The real part of the impedance is 
given by the second term. 

The real pcwer we can find by integra¬ 
ting the fields across the entire guide. The 
real part of the voltage is given by 

The power is given by 

P 3 I E x ÎT • dA 

Jimence 
(C-2) 

Thus the real part of the probe im¬ 
pedance may be written 

v2 r/ï-ar] 2
2(real) ~ _(real) = _ °_ c-3 

"(real) — — 
E x H • da 

Now and He are given ty 

5 = Er ~ T (̂ )2 H°Ji sln^ 

where e and 0 are the angle in the transverse 
plane about the axis of the cylinder 

X c is guide cut-off wavelength 

- Ho is the peak H field intensity 

p is the angular radian excitation 
frequency 

“ He . (^«)2 Ho2 JX (*£) sin^ (C-5) 

Thus 

Also 
dA = (C-7) 

Substituting C-6 and C-7 into C-2 yields 

Using C—¿i and assuming the probe to be oriented 
in the direction where sin <jP - 1, we have 
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Substituting C-8 and C-9 into C-3 and simplifying 
we obtain 

zp = I z0 (c-;o) 

for an assumed probe depth of 7/8"^ P this 
becomes J 

Zp = 26.5 ohms (C-ll) 

Calculating the impedance of the co¬ 
axial section at the exit to the guide for the 
chosen dimension, we get 50 ohms. 

The impedance of the helix was cal¬ 
culated as 350 ohms. However, the feed sees two 
helices in parallel, so that the impedance is 

Z? - 350 _ 175 
h 2 -

For a match, it is desired to have 

zc = (zpzn)1/2

Zc = 69 ohms 

The calculated value was about 50 ohms, 
indicating that the match should be easily ob¬ 
tained and that it may be adjusted by changing 
the probe depth. 

Appendix D 

Choke Short 

A choke short is used at the end of the 
waveguide to insure the perfect 100$ coupling. 
The choke is a conventional XgA short. 

This choke short has a VSWR of 1.15 
over the bandwidth of t 10%. A choke short not 
only reflects most of the energy to let the last 
probe pick it up, but it will also serve as a 
good short ail around the guide, so that no cross 
coupling between modes will result. 
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TELEVISION FIELD STRENGTH MEASUREMENTS - A TOOL IN 
TRANSMITTING ANTENNA PLANNING 

Raymond E. Rohrer and Oscar Reed, Jr. 
Jansky & Bailey, Inc. 
Washington, D. C. 

Extensive experience with field strength 
measurements is useful in the planning for tele¬ 
vision transmitting antenna systems, and station 
transmitter plant location. Measurements made on 
stations located in various types of terrain show 
a difference in the slope of the curves depicting 
the ratios of decile to median values. The re¬ 
sults show some correlation with transmitting 
antenna height and antenna gain. The impm-tanre 
of providing for relatively uniform signal level 
over urban areas is illustrated. Field strength 
measurements can also be used to determine areas 
in need of booster and satellite transmitting 
stations. A discussion of the validity of height¬ 
gain assumptions depending upon the terrain over 
which measurements are made is also contained. 

There are numerous problems involved in the 
planning of the transmitting facilities for tele¬ 
vision broadcast stations. It is desirable to 
provide a uniform signal of high level to the 
main city and also to provide a useable signal to 
the widest area possible. Such a desire dictates 
the combination of maximum effective radiated 
power and antenna height above average terrain. 
An ever increasing number of commercial tele¬ 
vision stations operating In the VHF band are 
utilizing a combination of maximum power and 
height as evidenced by the fact that as of March 
12, there were 52 commercial VHF stations author¬ 
ized to operate with maximum height and power. 
There are presently a total of 407 commercial VHF 
stations operating and authorized. Of the remain¬ 
ing 355 authorized VHF stations, 9 have appli¬ 
cations pending requesting maximum height and 
power. There are 93 UHF commercial stations in 
operation. 

The desire for maximum height and power and 
the attendant increase in antenna supporting 
tower height and antenna gain has been accompanied 
by a number of problems. It is necessary to 
choose a transmitter location which will allow the 
station to provide the widest coverage possible 
and also a uniform signal to the main city. This 

choice of site is somewhat dependent upon the 
type of transmitting antenna used since some of 
the high gain antennas have undesirable nulls in 
their vertical radiation patterns and care must 
be taken so low signal strength resulting there¬ 
from does not occur in populous areas. Care must 
also be taken so that the main city does not lie 
in a shadowed area due to terrain obstacles. It 
is also desirable to select a transmitter location 
which will allow line-of-sight to as large an area 
as possible within the normal service area. 

Numerous field strength measurements have 
been made on television broadcast stations since 
19^8 with the majority having been made on 
stations in the VHF portion of the spectrum. 
These measurements have been made in various sec¬ 
tions of the country and for various frequencies 
and combinations of power, antenna height and 
antenna type. The field strength measurements 
made in various sections of the country show the 
effects of terrain on the propagation of tele¬ 
vision signals. Since television coverage 
contours are determined on the basis of the per¬ 
centage of receiving locations and time, it is 
necessary to analyze these measurements by the use 
of statistical methods. The results and analysis 
of these measurements allow us to better determine 
the type and location of future transmitting 
antenna systems. 

Field strength measurements made on four 
typical stations in various parts of the United 
States show different characteristics depending 
on the type of terrain traversed. Two of the 
stations were operating with effective radiated 
powers of approximately 28 kilowatts and antenna 
heights of 5OO feet above average terrain. One 
station operated on Channel 10 and the other 
operated on Channel I3. Both stations employed 
six-bay superturnstile transmitting antennas. The 
third set of measurements were made on a Channel 
12 station operating with an effective radiated 
power of 12 kilowatts and an antenna height of 
850 feet. These stations are located in three 
different types of terrain. The measurements 
made on a fourth station operating on Channel 3 
along the coastal plain region of the Atlantic 
Coast show somewhat different characteristics. 
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Fig. 1 
Channel 10 Field Strength Radial 

Fig. 2 
Channel 12 Field Strength Badial 

Fig. 1 shows one of the analyzed field 
strength radials for the Channel 10 station. The 
analyzed curve represents the measured median 
field strength adjusted to a receiving antenna 
height of 30 feet. The calculated curve is based 
on the methods outlined in the Technical Standards 
of the Federal Communications Commission. The 
terrain profile for the path is shown at the 
bottom of the graph in order to correlate the 
received fields with the terrain roughness. This 
set of measurements was made in semi-rough terrain 
and the measured fields are generally equal to or 
larger than the calculated fields for the greater 
part of the first 36 miles. Beyond this point, 
the measured fields fall below the calculated 
fields. In this case, the end of the measuring 
route is more than 300 feet below line-of-sight. 

Fig. 2 shows an analyzed field strength 
radial for the channel 12 station which is loca¬ 
ted in a rough area in the northeastern part of 
the United States. In this case the measured 
fields are almost entirely below the calculated 
values. Also, most of the measuring route is at 
least 300 feet below line-of-sight. Fig. 3 
contains the field strength and terrain data for 
a typical radial for the Channel 13 station in the 
Midwest. The measured fields are generally equal 
to or greater than the calculated fields along 
this radial even though the end of the measuring 
route is approximately 600 feet below line-of-
sight. 

Fig. 3 
Channel 13 Field Strength Radial 
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Fig. U 
Channel 3 Field Strength Radial 

Fig. 4 is a field strength radial for a 
Channel 3 station operating in the coastal plain 
area. This station operates with a six-bay 
superturnstile antenna with an effective radiated 
power of 100 kilowatts and an antenna height of 
98o feet above average terrain. The average 
measured curve is somewhat above the Federal 
Communications Commission curve for the entire 
radial. At a distance of 57 miles, 10 miles 
beyond the radio horizon, the measured signal and 
ihe Federal Conntunications Commission curve are 
equal. Beyond this point the measured signal is 
progressively greater than the Federal Communi¬ 
cations Commission curve. It can be seen that the 
terrain is relatively flat out to 50 miles and 
then begins to rise. At 90 miles the measuring 
route is 1600 feet below line-of-sight. Fig. 5 
is another radial for the Channel 3 station. In 
this case the terrain is approximtely the same 
elevation from the transmitter out to the end of 
the radial. The measured field strength curve 
averages close to the Federal Co^unications 
C»ilsslon curve and falls below the FCC curve 
beyond 70 miles. 

Fig. 5 
Channel 3 Field Strength Radial 

In addition to the disparity between the 
measured and theoretical median fields, consider¬ 
ation should be given the percentage of potential 
viewers who would be able to receive a useable 
signal. This factor leads to the statistical 
analysis of field strength measurements to de¬ 
termine signal levels exceeded for various per¬ 
centages of locations. Experience has shown that 
the relationship between the median value and the 
decile values (values exceeded at 10 and 90 per 
cent of the locations) varies with the type of 
terrain and also the distance from the transmitter. 

Analysis of numerous field strength measure¬ 
ments made on Frequency Modulation and Television 
stations, indicate that the disparity between 
measured and theoretical fields generally increases 
as the frequency increases and also as the terrain 
becomes more rugged. These factors should be con¬ 
sidered, along with the Television Technical 
Standards of the Federal Cosmnmi cations Commission, 
when planning the type and location of television 
transmitting antennas. 
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The calculated curves shown on Figs. 1, 2, 3, 
4, and 5 were determined using the standard methods 
outlined in the Television Technical Standards of 
the Commission. The measured contours are based 
on mobile field strength measurements made at a 
height of 8.5 feet above ground. This measured 
data has been converted to equivalent field 
strength at 30 feet by applying a linear height-
gain relationship. It is necessary to apply this 
"correction" factor since the Commission uses 30 
feet as the height of the standard receiving 
antenna. There is considerable doubt as to the 
realization of such a relationship, particularly 
in rough and mountainous terrain where evidence 
to the contrary exists. Results of certain 
height-gain measurements outlined herein lead to 
this conclusion. 

In order to determine more fully the effects 
of frequency and terrain on the propagation of 
signals in the VHF band of television frequencies, 
studies have been made of field measurements on 
selected IM and TV stations. These measurements 
were made on FM and TV stations using the same 
transmitting site in an area of relatively smooth 
terrain and also in an area of rough terrain. 

Field strength measurements have been made 
in a midwestem city at a broadcasting installa¬ 
tion which includes an FM and a TV station. The 
measurements were made on an FM station operating 
on 97.1 megacycles with an effective radiated 
power of 53 kilowatts and an effective antenna 
height of 430 feet. The transmitting antenna was 
an RCA Type BF-14D four-section pylon radiator. 
Sets of TV field strength measurements have also 
been made on three different transmitting instal¬ 
lations employed by this station which operates on 
Channel 10 (192-I98 megacycles). The first set 
was made when the station used a six-section 
superturnstile antenna with an effective radiated 
power of 28.4 kilowatts and an effective antenna 
height of 485 feet. Further measurements were 
made when the station employed a twelve-section 
superturnstile antenna with an antenna height of 
451 feet and an effective radiated power of 220 
kilowatts. The final measurements were made with 
an effective radiated power of 219 kilowatts and 
an effective antenna height of 710 feet. The 
station employed a twelve-section superturnstile 
antenna modified to give null fill-in when the 
final set of measurements was made. 

The second group of field strength measure¬ 
ments was made at a broadcasting installation in 
a city in the northeastern section of the United 
States. The measurements were made on an FM 
station operating on 100.5 megacycles with an 
effective radiated power of 12 kilowatts. Measure¬ 
ments were made when the station was operating 
with an effective antenna height of 800 feet. The 
TV station operates on Channel 12 (204-210 mega¬ 
cycles) fron the same site. Measurements have 
been made on the station under a number of dif¬ 
ferent operating conditions. The station first 

operated with a six-section superturnstile 
antenna with an effective radiated power of 12 
kilowatts and an effective antenna height of 850 
feet. Further measurements were made when the 
station was operating at 250 and 166 kilowatts 
with effective antenna heights of 820 and 1200 
feet, respectively. 

Fig. 6 
Field Strength Measuring Equipment 

The field strength measurements used in 
connection with this study were made using com¬ 
mercial field strength meters. The meters were 
installed in a field car with a tape recorder 
geared to the speedometer drive, driving the chart 
at a speed of four inches per mile to obtain a 
continuous recording of field strength versus 
distance along eight routes running radially out¬ 
ward from the transmitting antenna. Fig. 6 shows 
the equipment mounted in the field car. A non-
directional horizontally polarized antenna is 
mounted above the center of the car positioned to 
place it 8.5 feet above ground. The car and 
measuring equipment were calibrated as a unit, 
using the basic calibration of the manufacturer. 
Fig. 7 shows the field car and the antenna in 
place for making measurements. 
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Fig. 7 
TV Receiving Antenna and. Field Car 

The field strength chart recordings were 
analyzed using a special Chart Analyzer developed 
by Jansky & Bailey, Inc. The individual charts 
were broken down into various sectors for the pur¬ 
pose of analysis. The sectors were established 
every half mile from 1 to 7 miles, every mile 
from 7 to 14 miles, every 2 miles from 14 to 30 
miles and every 5 miles from 30 miles to the end 
of the measurements. It is possible, using the 
Chart Analyzer, to obtain the signal exceeded for 
10, 50, and 90 per cent of the distance within 
each sector. 

It is believed that the relationship of the 
10, 50, and 90 per cent values is a very impor¬ 
tant tool in the study of field strength measure¬ 
ments and their relationship with frequency, 
power, antenna height, antenna gain and terrain 
features. The Federal Commun!cations Commission 
recognized the relationship between the 10, 50, 
and 90 per cent values when they issued the "Third 
TV Freeze Report" on March 24, 1951. This report 
contained a curve for converting the median field 
for 50 per cent of the locations and 50 per cent 
of the time to a field for "L" per cent of the 
locations by the application of a proper factor. 
For VHF stations this curve indicated that the 
field at 10 per cent of the receiving locations 
in a given area could be expected to be 11 db 
larger than the median field. Likewise, the 
expected field at 90 per cent of the locations was 
indicated to be 11 db smaller than the median 
field. 

Studies have been made of the data obtained 
at the two aforementioned installations in order 
to determine what effects, if any, the frequency, 
power, antenna height, antenna gain and terrain 
have on the 10, 50j and 90 per cent relationship. 
The data for each condition was analyzed to give 
the 10, 50, and 90 per cent values of field 
strength for three representative sectors along 
each radial. These sectors were from 2 to 3 
miles, 5.5 to 7 miles and 20 to 28 miles. The 
ratios of the 10 to 50 per cent and 90 to 50 per 
cent values of field strength were obtained for 
each sector. 

Fig. 8 
Median-Decile Relationship in 
Semi-Rough Terrain 2-3 Miles 

Fig. 8 shows the relationship between thèse 
values for the sector 2 to 3 miles from the 
station located in semi-rough terrain. The dif¬ 
ference between the fields exceeded at 90 per 
cent of the locations from the various antennas 
is approximately I.5 db with the maximum differ¬ 
ence being between the conditions when the station 
was operating with the TF-6AH and TF-12AH antennas. 
An average value of 5.4 db can be assumed for the 
difference between the decile and median values. 
Fig. 9 is a similar plot for the sector from 5.5 
to 7 miles from the station. In this case the 
maximum difference is 1.0 db. The average for the 
decile values (10 and 90 per cent) for this case 
is 4.7 db. The data regarding the sector from 20 
to 28 miles is shown on Fig. 10. The values for 
all four conditions are approximately equal and 
decile values of 5-8 db would average these condi¬ 
tions. The decile values obtained for these three 
sectors are all substantially less than the value 
of 11 db which is given in the Commission's curve. 
There is a difference of only 1.1 db between the 
average decile values for the three sectors so it 
is difficult to detect any major effect on the 
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decile values for this installation due to 
frequency, power, antenna height or antenna gain. 

Fig. 9 
Median-Decile Relationship in 
Semi-Rough Terrain 5-5-7 Miles 

The data regarding the Channel 12 station, 
which is located in rough terrain, was also 
analyzed to determine the median and decile values. 
Fig. 11 contains the data for the sector from 2 
to 3 miles from the site. In this case, the 
curves for the fields fron the FM and the high 
gain television antennas are identical. The 
decile values for the six-bay television antenna 
differ by only 1 db from the decile values for 
the other operations. The curves shown on Fig. 12 
are for the sector from 5-5 to 7 miles from the 
transmitting antenna. The maximum difference 
between the decile values is 1.5 db with the maxi¬ 
mum being between the TF-6AH antenna values and 
the Federal and FM antenna values. This set of 
curves shows a slight effect of antenna height and 
antenna gain on the slope of the curves but is so 
small that it can be neglected. The curves shown 
on Fig. 13 for the 20 to 28 mile sector also 
exhibit a difference in the slope of the curves 
depending on the height and gain of the antenna. 
In this case the decile values approach more 
nearly the originally postulated 11 db departure 
from the median. The relationship of the re¬ 
ceived fields from the antennas with the higher 
gain and higher effective height result in curves 
which have less slope (lower decile values) than 
the low gain television antenna. The ÍM antenna 
though, results in received fields which exhibit 
characteristics similar to those exhibited by the 
fields from the Federal antenna. The fields for 
all three of the sample sectors for this instal¬ 
lation showed the same characteristics relative 
to the various types and heights of antennas. 

Fig. 10 
Median-Decile Relationship in 
Semi-Rough Terrain 20-28 Miles 

Fig. 11 
Median-Decile Relationship in 

Rough Terrain 2-3 Miles 
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Fig. 12 
Median-Decile Relationship in 
Rough Terrain 5-5-7 Miles 

terrain installation exhibit a random character¬ 
istic. The values for the 2 to 3 mile sector for 
the semi-rough terrain installation are approxi¬ 
mately the average of the 5.5 to 7 mile and 20 to 
28 mile sector values. This would indicate that 
in smooth or semi-rough terrain the relationship 
between the 10, 50, and 90 per cent values remains 
relatively constant regardless of the distance 
fron the transmitting antenna. Tn the case of 
installations in rough terrain, the relationship 
between the decile values and the median value 
varies with the distance from the transmitting 
antenna - exhibiting a greater difference as the 
distance increases. The decile values obtained 
at these two installations are all lower than the 
value obtained from the "Third Report" of the 
Commission. It is interesting to note that 
measurements made on a station in smooth terrain 
yielded decile values of about 3 db which are 
less than those shown on Fig. 14. A considerably 
larger number of measurements in various types of 
terrain must be analyzed before a comprehensive 
conclusion can be reached regarding the complete 
relationship of the decile values. 

Fig. 13 
Median-Decile Relationship in 
Rough Terrain 20-28 Mlles 

In order to make a direct comparison of the 
decile values for the various sectors for the two 
types of areas, the individual values have been 
averaged for the respective sectors and these 
averaged curves are shown on Fig. 14. These 
curves show the decile values for the installa¬ 
tion in the rough terrain to be larger than the 
values for the installation in the semi-rough 
terrain. The curves for the rough terrain instal¬ 
lation also show more divergence between the 
values at 2 to 3 miles and the values at 20 to 28 
miles. The values are increasing with distance 
from the transmitter for the rough terrain instal¬ 
lation while the values for the semi-rough 

Fig. 14 
Composite Median-Decile Relationship 

It is also important in the planning of 
television transmitting antenna installations to 
provide as uniform a field as possible to the 
main city to which the channel is assigned. Field 
strength measurements made along a number of 
routes in a city serve to indicate the variations 
of received signal and also serve to detect any 
areas of low signal due to the vertical null a in 
the radiation pattern of the transmitting antenna. 
The measurements can be analyzed to determine the 
variability of the signal over the entire city. 
An example of such an analysis is shown on Fig. 
15 which contains curves obtained for two differ¬ 
ent conditions of operation for a typical high 
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band VHF station. In this case, field strength 
is plotted versus percentage of receiving loca¬ 
tions. It will be noted, while we are accustomed 
to think in the simplified terms of the median 
value, it should nonetheless be kept in mind that 
for this particular set of circumstances Includ¬ 
ing frequency, type of terrain, and city charac¬ 
teristics, signal peaks of the order of twice the 
median value will frequently be experienced and 
what is more important, signal minimums of the 
order of one-half the median value will occur over 
a substantial area. 

Fig. 15 
Field Strength Distribution in 

Typical VHF City 

The received field from the transmitting 
installation having the most height was more uni¬ 
form than the field from the other installation. 
The antenna employed with an antenna height of 
1200 feet had the nulls filled in to a greater 
degree than the antenna which was used with a 
height of 820 feet. The variation between the 
10 and 90 per cent field strength values was 3-2 
to 1 or 10.1 db for the 1200-foot installation 
and 5.9 to 1 or 15A db for the 820-foot instal¬ 
lation. The practical result of this increased 
null fill-in was to increase the strength of 
received signal to the city and also to remove the 
areas of low field strength which existed with the 
820-foot operation. For the 820-foot installation 
a narrow band of low field strength, approximately 
10 millivolts per meter, was measured over an arc 
within the city. Within this region, there were 
numerous complaints from viewers who were 
troubled with ghosting problems. The four to five 
per cent of the locations within this area are 
very important to the station since it is these 
people who call and write the station caeçlaining 
of these problems. Numerically speaking this 
percentage can represent a large number of people. 
Field studies showed regions of very high field 
strength, 100 millivolts per meter, contiguous to 

these areas suggesting the possibility that re¬ 
flections from buildings in the high signal areas 
cause the ghosting in the low signal areas. After 
the completion of construction of the new 1200-
foot operation, measurements showed these areas of 
low signal to be eliminated. Also, the contiguous 
areas of extremely high and low field strengths 
were eliminated. 

Field strength measurements, similar to the 
aforementioned, made in various urban areas 
within the coverage area of the station can serve 
to indicate cities which are in need of satellite 
or booster installations in order to provide the 
desired service from the particular station in¬ 
volved. The field strength measurements can be 
used to locate the areas of lowest signal and it 
is desirable to locate the satellite or booster 
station so that it provides the maximum signal to 
these areas. 

A number of field strength measurements were 
made for various receiving antenna heights at 
several locations within the coverage area of a 
typical VHF station in semi-rough terrain. The 
measurements were made using the calibrated dipole 
antenna mounted on top of a supporting structure 
which yielded five different heights. Fig. 16 
shows the dipole antenna in the 30-foot receiving 
position. 

Fig. 16 
Receiving Antenna for 30-Foot Measurements 
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Four measuring points were selected on each 
of two radials and a series of measurements with 
progressively greater receiving antenna height 
were made at each location. Fig. 17 contains 
curves of height-gain experienced versus re¬ 
ceiving antenna height. Since the normal measur¬ 
ing and recording height for this equipment is 
8.5 feet, the field measured at this height is 
the reference field. The theoretical linear 
height-gain curve is shown for reference purposes. 

Fig. 17 
Measured Height-Gain Function 

The solid curves represent measurements 
made on one radial along which the terrain was 
gently rolling. At the distance of 11.8 miles 
from the transmitter there is a terrain dis¬ 
continuity where the measuring route crosses a 
creek. The measured field strength at various 
heights at a point in the shadow of this dis¬ 
continuity indicated a height-gain of approxi¬ 
mately unity, even though the land dropped off 
only of the order of 25 feet. The next set of 
measurements made at 13.8 miles on this radial 
was in the clear and the resulting height-gain 
locus approached the theoretical relationship. 
The location at 29 miles wai partially obstructed 
and no gain was experienced with increasing 
height until the antenna cleared the obstruction. 
The final point on this radial was in a region 
where there were no abrupt terrain discontinuities 
but the gain obtained at 25 feet was still less 
than theoretical. 

The other radial 
traversed both smooth 

selected for these tests 
and rough terrain. The 

first set of measurements made at 11.3 miles 
yielded a height-gain relationship which closely 
approximated theoretical. The remaining three 
locations were in locally unobstructed locations 
but the intervening terrain was rough. This 
condition became very severe at 59 miles as can 
be seen by the measured curve which shows the 
measured field strengths at 18.5, 20 and 25 feet 
to be lower than those measured at 8.5 and 13.5 
feet. 

In order to further study the effects of 
terrain on the height-gain relationship, a series 
of field strength recordings were made for short 
sectors in four different areas. These record¬ 
ings were made at 8.5 and 30 feet and were 
analyzed to determine the median values for each 
set. These measurements were made over sectors 
which varied in length from 0.4 to 1.6 miles. The 
measurements made at 6.3, 16.3 and 53-5 miles 
yield gain figures which show good correlation 
with the theoretical figure of 3-53- These 
measurements were made in areas in which the local 
terrain was flat and the intervening terrain was 
gently rolling. The route for the fourth measure¬ 
ment was along a path perpendicular to the radial 
from the station and about 500 feet from an inter¬ 
vening ridge having a height of approximately 50 
feet above the road. At this location, negligible 
height-gain was observed. 

A possible reason for the difference in the 
results obtained by the two methods is the fact 
that one set represents measurements made at 
specific locations while the other set comprises 
median values obtained over distances from 0.4 
to 1.6 miles. The spot method gives a representa¬ 
tion of what can happen at an individual receiving 
location while the recording method results in a 
value which might be expected to exist for the 
average location. 

Where it was possible to obtain good un¬ 
obstructed measuring locations for both spot and 
mobile measurements in terrain which was not 
particularly rough, good correlation was noted. 
However, where the terrain is rough, gains with 
antenna heights were not experienced and it was 
apparent that roughness of either a general or a 
localized nature produced this effect. The 
cumulative effects of these discontinuities is 
very evident in the shaping of the slope of the 
field strength versus distance curves. Each dis¬ 
continuity takes its toll in attenuation for the 
total path, and the relative number and severity 
of these, directly influences the distance to 
which the signal is propagated. Further studies 
of this type should be made for all types of 
terrain and various frequencies in order to obtain 
more information regarding the effect of terrain 
on received signals at various receiving antenna 
heights. 

116 



A NEW MONITOR FOR TELEVISION TRANSMITTERS 

Charles A. Cady 
General Radio Company 

Cambridge, Massachusetts 

Summary 

This paper will describe the development of 
a complex monitor that provides the means for 
testing and measuring several characteristics of 
modern television transmitters. The advent of 
color television has made it desirable to review 
the monitoring techniques employed to date for 
monochrome television, and to introduce addi¬ 
tional methods of measurement, as for example, 
the measurement of incidental f-m noise on the 
visual transmitter, in the presence of normal 
video (am) modulation. 

In developing such an instrument, many new 
concepts were introduced as a result of investi¬ 
gations in diverse fields. Studies in crystal 
oscillator stability were made to obtain an in¬ 
expensive and reliable oscillator with long-term 
stability of 5 parts in 10-?. Hie precise 
temperature control required led to the develop¬ 
ment of a small enclosure maintaining constant 
temperature within a few hundredths of a degree, 
without the requirement of elaborate control 
circuits. 

The instrument must operate over a wide 
range in input frequencies, from 50 to 900 Me, 
necessitating investigations in the field of 
low-noise frequency multipliers employing both 
tubes and crystal diodes. New types of discrim¬ 
inators have been used to solve the problems of 
linearity and sensitivity for modulation detec¬ 
tion, and for sensitivity and stability for 
metering purposes. 

The entire device has been assembled into 
a package of novel design which provides high 
heat dissipation in a relatively small volume 
without forced-air cooling and provides maxi¬ 
mum access to all parts. 

Introduction 

The introduction of color TV broadcasting 
has imposed new and more exacting requirements 
upon the equipment used to monitor TV transmit¬ 
ters. In addition to the requirement of in¬ 
creased accuracy in the measurement of trans¬ 
mitter frequency, several new measurements are 
about to become a matter of station routine. 
Accordingly, a new TV transmitter monitor has 
been designed to provide for these changes. 

Many new features, both mechanical and electrical 
are included which provide the operator with a 
convenient means of making these measurements. 

A discussion of a TV transmitter monitor 
can properly begin with a review of the signal 
upon which it is expected to operate. Figure 1 
shows the frequency spectrum of a standard TV 
channel. The relative positions of the visual 
and aural transmitter carrier frequencies are 
shown. In order that we may measure various 
functions of these two carrier frequencies, we 
place a master reference frequency 150 kc below 
the aural transmitter carrier frequency. Ey 
heterodyne action, we may then obtain two IF 
output frequencies. 

A 150-kc IF frequency is obtained, which 
contains the signal information present on the 
aural (fta) carrier. Another IF frequency is 
obtained at 4-35 Me, which contains the signal 
information present on the visual (cm) carrier. 

The 150-kc IF signal (fm) passes through 
a limiter amplifier to a pulse-counter discrim¬ 
inator operating at 150 kc center-frequency. 
The output of the discriminator is shown on the 
lower right. As the aural carrier frequency 
changes with respect to the master-reference 
frequency, the 150-kc IF frequency also changes 
by the same amount. Thus, the d-c output com-. 
ponent can be used to operate a d-c meter cali¬ 
brated in deviation of the aural transmitter 
frequency from its assigned channel frequency. 
The a-c components in the range of 30-15.000 
cycles comprise the audio modulation (fm) of 
the aural transmitter. 

The 4.35-Mc IF signal (video-modulated) 
will be used in two ways, first in the measure¬ 
ment of the visual transmitter frequency; and 
secondly, in the measurement of residual fm 
(noise) on the visual transmitter, as will be 
shown later. Frequency metering circuits at 
low frequencies are convenient and stable, hence 
the 4-35-Mc IF signal is heterodyned with an¬ 
other crystal oscillator, offset ty 1750 cycles. 
This action is illustrated in the left center 
portion of Figure 1. As the visual carrier 
frequency changes, a linear change in (audio) 
frequency is obtained from a discriminator, 
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which is centered at 1750cycles. The d-c output 
of this discriminator is used to operate a d-c 
meter calibrated directly in terms of the (+) 
frequency deviation of the visual transmitter 
carrier frequency from the assigned channel fre¬ 
quency. 

Figure 2 shows the block diagram of the 
principal circuits used. The two transmitter 
inputs are heterodyned with a common master¬ 
reference frequency. Hie 150-kc (fin) system is 
shown on the center right, and provides for the 
frequency and modulation monitoring of the aural 
(fm) transmitter. On the center left is the 
4«35-Mc IF system, the second conversion step, 
and low-frequency meter discriminator, providing 
for the frequency measurement of the visual trans¬ 
mitter. 

This arrangement has been in use for some 
years in previous monitors and may be readily 
recognized. The advent of color TV broadcasting 
has made it desirable, however, to provide addi¬ 
tional measurements. For example, FCC frequency 
tolerances impose limits on the visual transmit¬ 
ter, and also on the difference frequency. It 
thus becomes desirable to provide a measurement 
of the aural transmitter carrier frequency, and 
a direct indication of the difference frequency. 
This can be done ty the addition of a detector 
to recover the (4.5-Mc) difference frequency, 
an IF amplifier, and a converter to produce an 
output of 150 kc. At this point, the signal can 
be applied to the existing IF system. Since 
this includes complete audio monitoring facili¬ 
ties, the result is a complete Intercarrier 
Monitoring System, shown to the right in Figure 
2. 

The output of the first mixer is nnm-inelly 
4-5 Me, or intercarrier frequency, and contains 
the modulation products of both transmitters, 
i.e., video (am) and sound (fm). If we are to 
monitor the aural functions in a manner analo¬ 
gous to sound recovery in an "intercarrier" 
type of TV receiver, we must first remove the 
unwanted video components. This is accomplished 
initially by having a band-pass IF system, 
centered at 4.5 Me and thus effectively removing 
directly-detected video components in the first 
mixer output. After passing through a fast¬ 
response, 4.5-Mc limiter, the 4.5-Mc IF signal 
is subsequently converted to I50 kc in a second 
conversion ty heterodyning with a 4.35-Mc local 
crystal oscillator. The resultant signal may 
then be passed to the IF limiter-amplifier 
system. This IF (150-kc) system has an input 
band-pass characteristic as shown. High-frequency 
video components are thus attenuated and any 
remaining amplitude-modulation components are 
reduced by the Hmi ters. 

Several advantages accrue from this addi¬ 
tional measurement. Note that we are measuring 
the difference frequency ty reference to an 
independent crystal oscillator and thus provide 

for a measurement independent of the original 
system. Since we are deriving the sound from an 
intercarrier system, correlation of extraneous 
noise, etc., as experienced on "intercarrier TV 
sets", is now possible. In the new monitor, 
this mode of operation is available ty turning 
a selector switch. 

Another measurement has recently become 
significant, particularly in color TV. This 
concerns the direct measurement of the residual 
f-m noise existing on the video carrier in the 
presence of normal video modulation. To the 
left in Figure 2, additional facilities are 
shown. In using the existing 4.35-Mc IF system, 
we find that additional amplitude-limiting is 
necessary to remove the effects of the normal 
amplitude video modulation. Bandwidth require¬ 
ments are based upon the el t mi nation of all 
video components within the audio range, and 
also the 4.5-Mc beat frequency due to inter¬ 
carrier spacing. It is, however, necessary to 
avoid "ringing" in the tuned circuits due to 
phase shifts, which would appear as residual 
noise in the discriminator output. 

In the interest of sensitivity, a simple 
tuned-circuit discriminator operating at 4.35 Mo 
is used. Since this system will only be used 
to measure residual f-m noise and will not be 
called upon to accept full modulation deviation, 
the discriminator does not have to be as elabo¬ 
rate as the one used for fidelity measurements 
of the (fm) aural transmitter. In the absence 
of a reference (100% mod) f-m calibration, an 
external a-c voltage is used to match the 
stabilized discriminator output level to permit 
calibration of the noise meter. In actual use, 
measurements of -50 to -60 db below 100% mod 
(25 kc) residual f-m noise on the visual trans¬ 
mitter carrier were made while standard color 
programs were in progress. 

Since this measurement of residual f-m 
noise on the visual transmitter carrier is 
continuously available, it is possible to moni¬ 
tor this characteristic continuously, using 
an external Distortion and Noise Meter. The 
transmitter operator can thus instantly recognize 
overmodulation due to excessive (negative-white) 
modulation. Since the carrier frequency com¬ 
ponent will momentarily go to zero in the presence 
of full negative-peak video modulation, a burst 
of audio noise will appear in the discriminator 
output. Thus, during normal video modulation 
conditions, a continuous level of -50 to -60 db 
may be indicated ty the Distortion and Noise 
Meter. Sudden appearance of noise bursts above 
this level are a warning to the operator of 
excessive negative-video modulation. 

Hie same effect is experienced with color 
TV operation, where it is recognized that cer¬ 
tain saturated colors may modulate the trans¬ 
mitter to 100%, unless prevented from doing so 
by limiting controls in the video input system. 
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Tests made, indicate that no noticeable differ¬ 
ence exists between monochrome and color TV 
operation in the measurement of residual f-m 
noise on the aural transmitter carrier frequency. 

Details of Operation 

Having outlined the objectives of this 
equipment, a closer look at the individual cir¬ 
cuit detail is in order. Basic to the operation 
is the generation of the master-reference fre¬ 
quency, which is accomplished in the R-F Section. 

R-F Section 

Figure 3 shows the general form of this part 
of the monitor. A quartz crystal, operating in 
the region of 5-7 Me, is used to drive a buffer 
amplifier and then a single frequency doubler 
stage. From this point, two individual frequency¬ 
multiplier chains are used to develop a signal in 
the fundamental range of both the aural and visual 
transmitters. A dual system is employed in order 
to isolate the individual mixers used with the 
visual and aural transmitters. In this manner, 
cross modulation is avoided, and coupling between 
transmitters through the monitor itself is 
minimized. 

The upper illustration shows the UHF 
arrangement. The final multipliers in this 
chain are germanium crystal diodes, which gen¬ 
erate frequencies in the 470-890-Mc range, where 
conventional receiving-type tubes became in¬ 
creasingly difficult to handle. 9005 diode 
mixer tubes are used and feed directly to 6BE6 
tubes used, in this case, as IF amplifiers. 

Bie lower illustration shows the VHF 
arrangement which is stmt lar to the above with 
the exception that the 6BE6 tubes now function 
as mixers, and the crystal diode multipliers 
are omitted. 

Aural IF System 

lhe aural IF system is shown on Figure 4. 
Here successive amplifier-limiter stages are 
used to convert the frequency-modulated 150-kc 
output of the aural mixer into a square wave of 
constant amplitude. To insure complete freedom 
from the effects of amplitude variation in the 
measurement of residual f-m noise, -80 db below 
100% modulation signal level, a high degree of 
limiting is necessary. The first three amplifier 
stages, plus the two diode limiter stages are 
used for this purpose. The fourth (dual) stage 
establishes the exact magnitude of both positive 
and negative peaks of the square wave. The 
lower tube (6CL6) is driven between saturation 
and cutoff. Positive excursions are thus equal 
to the regulated plate supply voltage. A 6J6 
tube is used to clamp the negative peaks, with 
its grid maintained at a fixed potential with 
respect to the regulated supply voltage. Nega¬ 

tive cathode swings below this critical voltage 
cause conduction through the tube thus limiting 
any further negative excursion. In this manner 
both positive and negative peaks are basically 
determined by the regulated plate-voltage supply. 

The fifth, or output stage (dual), consists 
of an upper tube (6CL6) acting as a modified 
cathode follower to proviue a low-impedance 
source for the purpose of driving the discrim¬ 
inators. A lower tube (6CL6) is used in lieu 
of a cathode resistor. The combination provides 
a low-impedance source for both positive and 
negative excursions of the square wave. 

The output of this section is thus a 
frequency-modulated square wave of constant 
amplitude. 

Discriminators 

It has been found advantageous to operate 
a center frequency meter directly from the 
discriminator output signal, without any inter¬ 
mediate d-c amplifiers, ty use of a novel 
differential system. This is shown on Figure 5. 

The input (150 kc - fin) signal is shown on 
the left. A simple pulse counter arrangement 
forms one-half of the circuit. The capacitor 
is charged once per cycle, through the diode 
connected to ground, and then discharged into 
the larger capacitor C2 on the alternate half 
cycle. Consequently, a voltage E2 appears 
across this capacitor C2. This voltage in¬ 
creases linearly with frequency. 

To the right is shown a series LRC circuit. 
This low-Q circuit is series resonant at a 
relatively low frequency, and in the region 
of I50 kc the potential across the capacitor C 
is inversely proportional to frequency. Co and 
the two associated diodes constitute a charge¬ 
discharge circuit, wherein the charge is trans¬ 
ferred from C3 to C/, and the voltage across 
the latter is thus inversely proportional to 
frequency. 

E^ and E^ are two opposed d-c voltages 
which vary in accordance with changes in fre¬ 
quency as shown on the lower diagram. The d-c 
meter current, Io, is the difference between 
1} and I2. Thus} at 150 kc, the operating 
center frequency, Io, becomes zero and will 
change to plus or minus as the center frequency 
is shifted. A zero-center d-c microammeter 
(100-0-100 pa) is calibrated to read -3, 0, +3 
kc and used to indicate carrier frequency devia¬ 
tion from the assigned center frequency. 

Since this d-c meter is grounded at one 
side, external recording devices or meters are 
readily connected. Also, since the system is 
symmetrical, about a zero center, minor changes 
in the amplitude of E, are balanced out at 
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center scale. In this discriminator, symmetry 
and stability are emphasized, to provide a stable 
meter circuit capable of a full-scale resolution 

±3/150, or ±2% (of the 15O-kc center fre¬ 
quency), and possessing a long-term stability 
better than 200 cycles, or 0.133% of the operating 
frequency. 

To recover the audio signal, emphasis is 
placed upon discriminator linearity and freedom 
from noise. Consequently, the pulse-counter 
discriminator shown in Figure 6 is used. The 
upper illustration shows a simple pulse counter 
in general use. Such a device is inherently 
linear, but it suffers from low sensitivity and 
requires extensive filtering to remove the high-
amplitude IF pulses that appear in the output. 
By the relatively simple expedient of balanced 
operation, the fundamental of the IF frequency 
can be balanced out in a coupling transformer 
in the circuit as shown below. In this case, 
the transformer serves the dual purpose of low-
pass filter (with a 30-kc cut-off) and that of 
a coupling device. It is not quite a simple 
transformer, however, since it must provide a 
flat audio response from 30-30,000 cycles at 
low distortion, maintain good balance, have 
low-input capacitance, and be very well shielded 
between primary and secondary; nevertheless, its 
cost can be held to a small part of the equiva¬ 
lent filter network that would be necessary with 
an unbalanced discriminator. With the circuit 
shown at the bottom, a transformer has been 
designed which will give one volt audio output 
with less than 32 millivolts of IF appearing on 
the secondary side. Thus, to achieve a final 
signal-to-noise ratio of -80 db, we require 
about 50 db of additional audio filtering. 
Owing to the balanced arrangement, most of the 
residual IF appears as second harmonic, which 
further simplifies the filter problem. 

Positive or negative modulation-peak 
response is obtained By reversal of the trans¬ 
former polarity. 

Audio System 

The audio signal is passed directly to a 
preamplifier which includes an active filter 
network, as shown in Figure 7 at the top. For 
convenience in transmitter testing, a switch is 
provided to establish reference levels of 100% 
modulation equivalent to 25- and 50-kc devia¬ 
tions. 

Three separate audio functions are provided. 
On the lower left is shown the output cathode 
follower, which includes a 75-^sec de-emphasis 
network. An audio output for both aural monitor¬ 
ing and fidelity measurement is thus provided. 

In the center is shown the semi-peak-
response diode voltmeter (left half of tube) 
and the d-c amplifier used to drive a d-c 
meter, indicating modulation. The time constants 

are so chosen that the diode circuit has a rapid 
charge and slow discharge. Overall dynamic 
response, including meter ballistics, conforms 
to existing FCC regulations requiring a fast 
upswing and slow return of the modulation meter. 

To the lower right may be seen the over¬ 
modulation indicator. The 12AT7 tube is 
arranged as a monostable multivibrator. In 
the quiescent state the left half is biased at 
cut-off, with the right half conducting due to 
its positive grid bias. A positive signal peak, 
in excess of the bias voltage setting on the 
MOD. PEAKS dial, will momentarily trip'’the left 
half of the tube into conduction. The resultant 
negative pulse is transferred to the grid of 
the right half and momentarily stops its conduc¬ 
tion. A positive pulse is generated in its 
plate circuit which is used to trip the thyra¬ 
tron. A lamp in the thyratron anode circuit 
flashes, indicating a modulation peak. A-C 
bias is used to keep the thyratron at cut-off 
during quiescent periods. 

Intercarrier 

The preceding entire aural-monitoring 
system is operated directly from an intercarrier 
signal ty adding the circuits shown on Figure 8. 

A separate intercarrier mixer (6AL5) is 
used to derive a 4.5-Mc beat frequency between 
the aural and visual carriers. In general, 
the full monitoring output of the visual trans¬ 
mitter is applied directly to the diode, and 
residual leakage through the t.ranami t.t.ar multi¬ 
plexer provides enough aural transmitter carrier 
(-20-40 db) to give normal detection. By having 
the aural (fin) carrier the smaller of the two, 
the beat frequency output tends to be propor¬ 
tional to it rather than the amplitude-
modulated visual carrier, and provides consider¬ 
able amplitude limiting in the resultant IF 
output. 

Because the IF output does contain both 
a-m and f-m components, severe filtering and 
limiting is necessary. The former is obtained 
in the band-pass characteristics of the three 
tuned amplifiers, as shown. The low frequency 
end of the video modulation spectrum is effec¬ 
tively removed. The f-m components of the 
aural transmitter modulation are retained, and 
care must be exercised to avoid introducing 
phase modulation in the successive stages. 

A local crystal oscillator (4.35 Me) is 
used to convert the IF signal in the 6BE6 
mixer tube to 150 kc. Here again the constant 
amplitude local oscillator is made much ^»1 1 pt-
than the 4.5-Mc intercarrier amplitude applied 
to the mixer to produce effective amplitude 
limiting. At this point, we have a 150-kc IF 
(fm) signal which can be passed on to the (fm) 
system previously described. In this instance, 
the system will indicate the aural-visual 
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transmitter difference frequency directly; and 
the andi o functions obtained will simulate those 
obtained on an "intercarrier"-type receiver. 

Visual-Carrier Frequency 

The frequency-metering section for monitor¬ 
ing the visual transmitter carrier frequency is 
shown in the upper portion of Figure 9« The out¬ 
put derived from the "visual" mixer is at 4.35 Me 
and is converted to a low audio frequency 
(1750 c) in the 6BE6 mixer tube by heterodyning 
it with an offset crystal oscillator. 

In the interest of meter-circuit stability, 
this low audio frequency is used, since there is 
no fm present which would require wider band¬ 
widths. The limiting amplifiers and diode clip¬ 
per are used to develop a constant—amplitude 
square wave; and an output cathode follower 
drives a conventional pulse-counter discriminator 
and meter, calibrated to read +I5OO cycles about 
a zero center. Since the actual audio frequency 
is 1750 + 1500 cycles, a guard band of 250 cycles 
(x2 between image response) is provided, and a 
bias voltage equivalent to 250 cycles prevents 
initial deflection until this frequency (or 
higher) is reached. 

Although this measurement of the visual¬ 
carrier frequency requires dual conversion, the 
second (or interpolating reference) oscillator 
contributes an additional error barely visible 
on the meter scale. Hie meter circuit itself 
has a stability of 2%, or 35 cycles,at the zero¬ 
center point. 

Visual-F-M Noise 

For the purpose of monitoring the residual 
f-m noise on the visual transmitter, the same 
4.35-Mc IF signal is used, and the circuits 
shown in the lower portion of Figure 9 are added. 
The problem here is to separate the residual f-m 
noise components occurring within the band of 
30-30,000 cycles from the unwanted broadband 
a-m video components. 

One IF amplifier-limiter stage is included 
in the B-F Section previously described, and 
this signal then feeds the three cascaded limiter 
amplifiers as shown in Figure 9-- A conventional 
tuned-circuit discriminator is used to derive 
the residual f-m noise components, which are then 
fed to an external Distortion and Noise Meter for 
measurement. 

In this Instance, advantage is taken of the 
high sensitivity provided by this type of dis¬ 
criminator. Since the residual noise signal will 
be -40 db or more below reference modulation 
(100% = 25 kc) or 2.5 kc or less, bandwidth and 
linearity requirements are not severe. The 
absence of an f-m calibrating reference requires 
an external (60 cycle) signal to standardize the 

external Distortion and Noise Meter against the 
fixed output level obtained from this discrim¬ 
inator. (This is not shown in Figure 9.) 

Power Supply 

The power supply is shown in Figure 10. 
Requirements for this instrument were such that 
existing rectifier tubes were not readily adapt¬ 
able, being just beyond ratings for many types 
and inefficiently loading others. Selenium 
rectifiers might have been used, but uncontrolled 
temperature environmental conditions are prob¬ 
lematical and require extreme derating. Series-
regulator tubes have rather large heater-power 
dissipations, and are wasteful of plate power as 
well. In an effort to reconcile these conflict¬ 
ing requirements, investigation led to the devel¬ 
opment of a thyratron-regulated plate supply. 
Here the rectifier could be made to serve the 
dual purpose of rectification and control. In 
the event of failure, replacement is easy, 
obtained directly from normal tube stocks main¬ 
tained by the station operator. 

ïhe rectifier is a full-wave system, employ¬ 
ing two 2D21 thyratrons. Regulation is obtained 
by means of a d~c voltage applied to the thyra¬ 
tron control grids, together with a phase-shifted 
a-c voltage which improves the thyratron grid¬ 
control characteristic. A voltage-reference 
tube (565I) and a d-c amplifier (12AT7) are used 
to develop a d-c control voltage, inversely pro¬ 
portional to the output d-c voltage. 

Note that the ripple filter is placed in 
the negative (ground) lead, rather than more 
conventionally in the positive lead. This was 
done specifically to remove all ripple frequencies 
from the d-c control circuits, including the d-c 
reference tube, amplifier, and the grid-cathode 
circuit of the thyratrons. In this arrangement, 
the entire control circuit operates without 
interference due to stray a-c voltages being 
induced in the control system. To insure this, 
the RC network (shown at the extreme right) is 
used as a filter around the d-c amplifier cir¬ 
cuit. 

The ripple frequencies now appear on the 
transformer secondary winding. It is a rela¬ 
tively simple matter to isolate this Individual 
winding by means of electrostatic shielding, 
and the generation of stray a-c fields, which 
might cause interference within the monitor 
itself, is localized in one place, i.e., the 
power transformer which is shielded. 

Precision Temperature-Controlled Crystal Oven 

The "heart" of any frequency measuring 
device is its master-reference frequency. To 
maintain this as stable as possible against 
changing ambient temperatures requires a pre¬ 
cision temperature-controlled enclosure. Such 
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devices have been made in many forms and sizes. 
Reduced size and close control with low heater 
power all imply low heat loss. Since this 
implies exceptional insulating qualities, a 
Dewar Flask (vacuum bottle) is a natural choice. 

These devices are commercially available 
in relatively few sizes and shapes, hence the 
problem becomes one of building the proverbial 
"ship-in-a-bottle". Consequently, a likely size 
and shape bottle was selected, and a crystal and 
associated parts were arranged to fit inside. 

Figure 11 shows the arrangement used. An 
outer aluminum cylinder encloses the entire unit 
for mechanical protection. Since the internal 
elements must remain in a fixed position when 
the vacuum flask is removed, these components 
are mounted upon a Balsa wood plug. (Literally, 
this is the equivalent of the bottle "stopper".) 

With this arrangement, the Balsa-wood mount 
may be affixed to a panel and a thermometer in¬ 
serted from the front to show the internal tem¬ 
perature. Two frequency-adjusting capacitors 
are available from the panel by extension shafts 
brought out from two internal air capacitors. 

Since the major heat loss is through the 
Bal Sí* wood mount (i.e., the vacuum flask 
"stopper"), the main heater winding is wound 
upon an aluminum disc, which is then mounted 
directly against the inside of the Balsa-wood 
plug. A thin-wall aluminum tube attaches 
directly to this disc and serves to distribute 
the heat toward the inner part of the vacuum 
flask. Since the heat loss is greatest near the 
mouth of the vacuum flask, the heat source is 
thus concentrated at this point. 

The quartz crystal itself is mounted in a 
modified 9-pin tube socket, located well inside 
the vacuum flask, at a point of minimum heat 
loss. Small-diameter wires connect the crystal 
to its series air capacitors, and are brought 
out through the heated aluminum disc thereby 
tending to compénsate for the heat losses due to 
conduction along the wires. 

Control Circuit 

The temperature-control system is based 
upon the operation of a sensitive mercury— 
column thermostat, which is used in a very simpi a 

on-off heat-control circuit. An "anticipator" 
heater is wound around the "bulb" of the thermo¬ 
stat which effectively minimizes "overshooting" 
of the controlled space temperature with ordi¬ 
nary changes in both heater power and external 
ambient temperature. 

The simple control circuit used is shown in 
Figure 12. Current is flowing through the heater 
winding during the normal conduction period of 
the thyratron. When the mercuiy-column contacts 

close upon a rise in temperature, an a-c bias is 
applied to the thyratron grid to stop conduction. 
Because of the very low peak—power requirements 
(3.8 watt, maximum), a small 2D21 thyratron is 
used. 

This control system successfully eliminates 
problems usually found due to "contact resistarces" 
in low-current thermostat circuits, and "sticking" 
relays as well. Resistances fully protect the 
sensitive mercury-column thermostat for accidental 
burn-out due to shorts or grounds in the circuit.. 
Moreover, the system will operate with more than 
a megohm contact resistance developing in the 
thermostat itself. 

Figure 13 illustrates the dynamic control 
characteristics obtained with the unit. The 
upper chart is made from a recording of the 
temperature of the quartz crystal mounted within 
the vacuum flask, while the lower chart shows 
the external ambient temperature. Note that 
when the external ambient temperature was sud¬ 
denly changed from 24 to 48°C within a period 
of 10 minutes, the internal temperature rose by 
+.04°C and then nearly recovered its control 
point within 45 minutes. The dynamic response 
of the unit was not fast enough to follow this 
extremely rapid shift in external ambient. Fans 
were used during the test to assure rapid air 
circulation around the outside of the vacuum 
flask. 

On the second rapid change in ambient tem¬ 
perature from +48 to +2°C in a period of 10 
minutes, the internal temperature dropped by 
-.075°C and then recovered to its normal control 
point in about 90 minutes. 

These rapid changes in external ambient 
were made to illustrate the dynamic response of 
the device and are not likely to occur in normal 
use where air flow is less violent and physical 
mountings provide additional shelter. Fluctua¬ 
tions in ambient temperatures at rates which 
are likely to be encountered in normal environ¬ 
ments do not show significant shifts in the oven¬ 
control temperature. For most purposes the oven 
controls within a few hundredths of a degree, 
for any slowly varying ambient temperature 
between 0 and +50°C, and for any fluctuation 
in input power caused by line-voltage changes 
from 105-130 volts. 

Mounting 

This monitor has been designed to meet the 
environmental conditions found in a TV trans¬ 
mitter room. Accordingly, it is intended to be 
rack-mounted, as shown in Figure 14, and is 
provided with slides to enable it to be with¬ 
drawn from the front of the rack. A locking 
device holds it in place when extended out in 
front of the relay rack, and a tilting maehani <ur, 
provides access to all parts. All controls, 

122 



cables, connectors, etc., are reached with the 
instrument extended on its slides, as shown in 
Figure 15, and «11 maintenance can be performed 
from the front of the rack. It is not necessary 
to go around to the rear of the rack or cabinet. 

When pushed back into its normal position, 
the monitor provides an unobstructed path for 
cooling air to pass completely through from top 
to bottom. Thus, cabinet racks provided with 
vertical air flow will not be blocked off and 
overheat. 

All necessary test facilities have been 
built into tlie monitor. A switch, located di¬ 
rectly behind the easily removable front panel 
(which now serves mainly as a dust cover) con¬ 
nects a meter into various circuits of the monitor 
for checking purposes. With the panel in position 
only "authorized" controls are available. By 
turning four hand fasteners, the panel is removed 
disclosing the test switches, input-level controls 
and adjustments. Parts identification and signal 
tracing diagrams have been plainly marked on the 
two vertical-mounted chassis. All tubes project 
into the open space between the vertical front 
chassis, located directly behind the panel and 
the rear vertical chassis. Thus, most of the 
heat generated by the tubes is dissipated di¬ 
rectly into the high-velocity air stream passing 
through the center of the instrument. Conse¬ 
quently, no blowers are necessary to dissipate 
the 265 watts of a-c power used by the monitor. 
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Fig. 1 
Principles of operation for frequency-measuring 

circuits. 
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Fig. 2 
Elementary monitor circuits. 

Fig. 3 
R-F sections. 
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Fig. 4 
Elementary schematic of aural IF section. 

Fig. 5 
Balanced discriminator as used for center 

frequency meter. 
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Fig. 6 
Pulse-counter discriminators. 
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Fig. 7 
Elementary schematic of audio circuits. 
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Fig. 8 
Elementary schematic of intercarrier 

monitoring system. 

Fig. 9 
Visual transmitter, frequency-meter and F-M 

noise sections. 
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Fig. 10 
Elementary schematic of regulated thyraton 

power supply. 

Fig. B 
Precision temperature-controlled oven. 

Fig. 12 
Elementary schematic of control circuit for 

crystal oven. 

Fig. 13 
Control characteristics of precision temperature 

control. 



Fig. 14 
Panel view of monitor. 

Fig. 15 
View of monitor showing access to 

interior sections. 
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A PACK TYPE TELEVISION SYSTEM 

Introduction 

William B. Hariris 
Defense Electronic Products Division 

Radio Corporation of America 
Camden, N. J. 

A Television Equipment unhindered by cables 
and designed for man-carried operation offers com¬ 
plete portability and maximum flexibility. The 
United States Signal Corps, recognizing the mili¬ 
tary potentialities of such a device, awarded RCA 
a contract for development of a Pack Type Tele¬ 
vision System. While details of military appli¬ 
cations for this equipment may not be discussed, 
it takes little imagination to visualize possible 
uses, among them artillery fire observation and 
reconnaissance of enemy territory. 

Because of the rugged field conditions under 
which the equipment has to function, every effort 
was directed toward achieving a high degree of re¬ 
liability, stability, and simplicity of operation. 
The features which make this equipment effective 
for the Military also recormend its use for special 
commercial broadcast applications. Its complete 
portability permits penetration of area inaccess¬ 
ible to standard television equipment enhancing 
on-the-spot coverage of sports, disasters, and 
special events. 

System Description 

The complete system consists of a Roving 
Station, a Receiving Station, and a Processing 
Station. Figure 1 is a block diagram of the 
system. 

The Roving Station consists of a vidicon 
camera weighing R pounds and a back pack unit 
weighing h7 pounds. The camera is equipped with 
a pistol grip handle for hand carry operation, 
but facilities for triped mounting are also in¬ 
cluded. A pack board is used to distribute the 
weight of the back pack unit evenly thereby 
minimizing inconvenience to the wearer. A 52$ 
line, 30 frame interlaced picture can be trans¬ 
mitted over a half mile range. Arrangements are 
made for bypassing the transmitter and sending 
video over five hundred feet of RF-59/u coaxial 
cable. Two hour operation is possible without 
recharging the batteries. Figure 2 shows the 
Roving Station in operation. 

A television receiver, 10 inch monitor, and 
power converting equipment, all capable of ve¬ 
hicular mounting, comprise the Receiving Station. 
A switch on the receiver panel provides selection 
of either the RF input or any one of four video 
inputs. 

The Processing Station is made up of a TG-12A 
Held Sync Generator, a modified TA-5D Stabilizing 
Amplifier and power supply, and a battery charger. 
All of these are portable. The first two units 
remove the norG-standard synchronizing signals from 

the received signals and reinsert RETMA standard 
sync locked in phase with the original. The 
battery charger in addition to charging the 
batteries is c apable of operating the Roving 
Station from a 11$ volt, 60 cycle source. 

The entire system has been designed to with¬ 
stand the shock and vibration incident to port¬ 
able and vehicular use. 

All equipment will function properly at 
temperatures from +20 to +125°f., relative humid¬ 
ities up to 90$,and altitudes up to 10,000 feet 
above sea level. Splash-proof construction of 
the Roving and Receiving Stations assures that 
operation will not be impaired by long periods of 
exposure to rain or snow. 

When the RETMA resolution chart is viewed, 
the received picture quality is as follows. 

a. Horizontal limiting resolution in 
excess 350 lines. 

b. Correct reproduction of eight steps 
in the horizontal and vertical gray 
scales. 

c. Horizontal and vertical linearity 
such that no point is displaced by 
an amount more than 2$ of picture size. 

d. Shading such that the chart background 
is an even gray. 

e. Ringing less than 5$ of reference white. 

Equipment Description 

A block diagram of the Pack Unit and Camera 
is shown in Figure 3. The hand carried camera 
features a vidicon pick-up tube, selection of 
which was dictated by size limitations and circuit 
simplicity. The deflection and focus coils chosen 
are of the type used in the RCa TK-21 Film Chain. 
Regulation of the focus current is obtained by 
drawing through the coil a portion of the plate 
current of the first three video stages which are 
current regulated. The conventional alignment 
coil normally used to correct for discrepancies 
in vidicon gun alignment and shading has been re¬ 
placed by a two ring permanent magnet. This pro¬ 
duces a rotatable transverse field in the vicinity 
of the vidicon gun. 
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The video pre-amplifier employs a cascode 
amplifier with a high mutual conductance hl7A 
triode as the ground cathode portion and one 
section of a 6111 dual triode as the grounded 
grid portion. The output stage of the pre¬ 
amplifier utilizes the other section of the 6111 
tube as a cathode follower. The pre-amplifier 
has a gain of $0. 

The Camera contains a kinescope viewfinder 
providing the operator with a means of monitor¬ 
ing system operation. The 2 inch kinescope is 
viewed through a magnifier lens for which a light 
shield is provided. Kinescope deflection and 
signal amplifier circuits are mounted on a sub 
chassis in the Camera. 

Placement of all operating controls is such 
that they may be adjusted without interrupting the 
flow of video information. Recessed knobs are 
located along the top of the camera for fingertip 
control of focus, target, beam, and video output 
for the vidicon circuits and of focus and bright¬ 
ness for the viewfinder. A 6 foot cable connects 
the camera to the Pack Unit. 

All circuits and components in the Pack Unit 
are grouped according to function on a miniaturizei 
rack and panel assembly. The front and rear 
panels are easily removable providing ready access 
for servicing. This unit contains the following 
plug in assemblies; sync generator, vertical de¬ 
flection chassis, horizontal deflection chassis, 
video amplifier, and RF chassis. The video 
signals from the camera pass over the cable to 
the pack unit and are coupled into a three stage 
video amplifier of conventional design. The 
overall video bandwidth is 5.5 megacycles. A 
keyed feedback clamping circuit maintains the 
grid of the last video stage at black level for 
blanking reinsertion. A control is provided for 
adjusting for optimum "set-up". A diode clipper 
provides for clean blanking output. To produce 
a picture with sharp edges generally requires 
reinserted blanking be wider than camera blanking 
The slightly trapezoidal shape of the blanking 
pulses suggested a relatively easy means of 
accomplishing this objective. The pulses are 
amplified before reinsertion and the gain of the 
amplifier adjusted so the width at clipping level 
is greater than the width at vidicon cutoff level. 

A crystal controlled, amplitude modulated 
transmitter operating at 360 megacycles provides 
the RF link for the system. It features two 
watts peak power output and a bandwidth of 10 me 
at the 3 db down points. A 60 megacycle third 
overtone oscillator, a buffer amplifiers and a 
doubler stage comprise the exciter section of the 
RF chassis. In the oscillator circuit a coil is 
used to tune a Pi network the output capacity of 
which excites the buffer amplifier. This circuit 
does not favor the crystal fundamental frequency 
thus reducing the possibility of 20 megacycle 
operation with maladjustment of the tuning. The 
oscillator uses the triode section of a 6u8 tube 
and the buffer uses the pentode section. The 

frequency is doubled to 120 me in a 5686 pentode 
stage. The frequency is then tripled to 360 me 
in a grounded grid circuit using a 5893 pencil 
triode. The final amplifier also uses a 5893 
pencil triode in a grounded grid circuit. 

The tripler plate circuit and the final 
amplifier plate and cathode circuits all use 
tuning elements of the coaxial line type since 
this approach is most convenient for the frequen¬ 
cies involved. The plate lines of both tripler 
and final amplifier are a quarter-wave length 
long. The decision to employ cathode modulation 
dictated the selection of lines a half-wave 
length long to tune the cathode of the final 
amplifier. Modulation is applied at the midpoint 
or low impedance point of the cathode line thus 
reducing the capacity presented to the modulator. 
In. cross-section the lines are about 11/2 inches 
square for the outer conductor and 3/8 inches 
diameter for the inner conductor. When properly 
loaded by the antenna, the efficiency of the final 
amplifier is U5%. The output from the plate tank 
is loop coupled to a coaxial transmission line 
which feeds the transmitting antenna. 

The modulator stage serves a dual purpose. 
In addition to cathode modulating the transmitter, 
it functions as a video line amplifier for cable 
link operation. A switch is provided on the top 
of the pack unit for selection of either mode of 
operation. The signals from the video strip are 
amplified by a 6CL6 pentode to a level sufficient 
for 100? modulation of the final amplifier. 
Diode clamping at the grid of this stage is 
employed to restore the DC component of the video 
signal. White clipping occurs when the negative 
white signals go beyond the cutoff point of the 
modulator. Sync mixing is accomplished by apply¬ 
ing the sync signals to the screen-grid of the 
modulator. Video from the modulator plate is 
supplied to the viewfinder signal amplifier during 
both transmit and cable operation. 

A vertical quarter wave antenna and a ground 
plane comprise the transmitting antenna. This 
assembly is mounted on an aluminum tube long 
enough to allow the ground plane consisting of h 
rods to clear the operator's head. The antenna 
and ground rods are constructed of flexible steel 
to prevent breakage when going through underbrush. 
The flexible steel rods are declined 22 degrees 
from the horizontal in order to match the trans¬ 
mitter output circuit without recourse to trans¬ 
former sections. Another desirable effect of this 
is the lowering of the radiation angle. The 
antenna is omnidirection in the horizontal plane. 
The VSWR is less than 1.2 over the frequency 
range of 335 megacycles to 365 megacycles. 

The sync generator provides the system with 
composite sync, composite blanking, and horizontal 
and vertical drive pulses. A block diagram is 
shown in Figure U. In the interest of conserving 
power and reducing complexity, a simplified sync 
signal is used. This sync, represented in Figure 
5, varies from stand in two ways; by the absence 
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of serrations, equalizing pulses, and front porch, 
and by the sync and blanking pulse widths. 

Eight dual triodes are used in the sync 
generator. A crystal controlled Miller Oscillator 
operating at 31.5 kilocycles provides the master 
frequency for this system. Buffer stages isolate 
the oscillator from the count down circuits. Two 
stabilized monostable multi-vibrators are used 
for counting from the master frequency down to a 
field rate of 60 cycles. Their counting ratios 
are 2$:1 and 21:1 respectively. These count down 
circuits exhibit a high degree of independence 
from tube characteristics, supply voltage vari¬ 
ation, and temperature changes. 

The output from the 21:1 counter is a ne¬ 
gative pulse, 8U0 micro-seconds wide, from which 
both vertical sync and blanking are derived. To 
obtain vertical sync the pulse is differentiated 
and drives a zero biased amplifier far beyond 
cutoff. The output of this amplifier is a posi¬ 
tive 350 micro-second pulse which is applied to 
the sync mixer and to the vertical deflection 
chassis as a drive pulse. The sync mixer circuit 
consists of two triodes connected in series, one 
of which operates as a cathode follower, the 
other as a conventional amplifier. The 15.75 
kilocycle sawtooth from the 2:1 blocking oscillator 
is shaped in an R-C circuit and applied to the 
other section of the sync mixer. The resultant 
pulse is U.5 micro-seconds wide . The horizontal 
and vertical pulses are combined in the output 
circuit of the mixer. A series clipping circuit 
assures flat topped horizontal and vertical pulses 
of equal amplitude. The output cathode follower 
supplies composite sync signal. 

The blanking system is similar to the sync 
system just described. The output of the 21:1 
counter which has correct width for vertical 
blanking is applied directly to a zero biased 
amplifier. The mixer, clipper, and cathode 
follower output stages are identical to those 
used for the sync circuits except that RC 
circuits are designed for blanking pulse widths. 

The output of the 2:1 counter is used 
directly for Horizontal drive. 

The deflection circuits are more or less 
conventional in design, however, special emphasis 
was given to keeping size and power consumption 
to a minimum. 

The horizontal deflection system is similar 
to that used in television receivers. It was 
necessary to exercise special care in the choice 
of components in order to meet the linearity 
requirements of the system. The horizontal drive 
pulse is amplified and shaped to produce a 5 
micro-second pulse of sufficient amplitude to 
trigger the sawtooth generator and to provide 
drive for the feedback clamping circuit in the 
video chassis. The sawtooth voltage is also 
coupled to the grid of a 5763 output tube which 
together with a 6Xh damper and a miniature output 

transformer provides deflection power for the 
vidicon. A portion of the output is rectified by 
a selenium rectifier to furnish a negative bias 
for the vidicon. A 5705 subminiature high voltage 
rectifier supplies 2000 volts from the horizontal 
flyback to operate the kinescope viewfinder. 

Vertical deflection power is derived in a 
conventional manner. A sawtooth initiated by the 
vertical drive pulse is amplified and drives the 
vertical output stage. The output is transformer-
coupled to the vertical deflection coils. A saw¬ 
tooth voltage is developed across a resistor 
connected in series with the deflection coil and 
applied to the cathode of the sawtooth amplifier. 
This feedback loop assists in meeting the linearity 
requirements of the system. 

Viewfinder deflection circuits employ two 
subminiature dual triodes which are located in 
the camera. The vertical feedback voltage is 
amplified in a cathode coupled amplifier to the 
level required for kinescope deflection. The 
voltage pulse appearing across the horizontal de¬ 
flection coil charges a capacitor through a resis¬ 
tor and silicon diode. The capacitor discharging 
through the resistor provides a sawtooth voltage 
which is applied to a cathode coupled amplifier 
similar to that used for vertical deflection. 

Primary power for the Pack and Camera units 
is furnished by five silver-zinc, rechargeable 
batteries connected in series. They furnish the 
30 amperes at 6.7 volts required for the Roving 
Station. Since the equipment must operate for 
two hours without interruption, 60 ampere-hour 
cells are used. An essentially flat discharge 
characteristic contributes to system stability. 
The batteries are mounted in a removable tray 
permitting a change of batteries to be made rapidly. 
The weight of the battery supply is 9 pounds. 

A dynamotor is used to convert the 6.7 volts 
to the 160 and 260 B + voltages. The dynamotor 
is extremely small, weighing only U pounds. Ex¬ 
tensive filtering in both the primary and output 
leads is employed to prevent dynamotor noise from 
appearing in the picture. All power supply com¬ 
ponents are located in the bottom of the Pack Unit. 

Receiving Station 

The equipments comprising the Receiving 
Station, Figure 6, are normally mounted in an 
Army jeep and can be operated while the vehicle 
is in motion. A portable inverter converts the 
2h volts DC from the vehicle power source to 115 
volts, 60 cycles for the Receiving Station equip¬ 
ment. 

The receiver which picks up off-the-air 
signals from the Roving Station is also capable 
of accepting cable inputs from four additional 
equipments. Selection between these inputs is 
provided for by means of a switch on the front 
of the receiver panel. The receiver consists of 
an RF unit, an IF unit, a distribution amplifier, 
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and power supplies. 

The RF unit converts the 360 me signal 
received by the antenna to a 30 me I.F. signal. 
Lumped constant L-C tuning elements are used in 
the RF unit. The antenna is coupled to the 
cathode of a grounded grid RF amplifier utilizing 
a U17A triode. A copper strap connected from the 
cathode to ground is broadly resonant with the 
input capacity of the U17A at 360 me. A push-
pull oscillator using both section of a 6101 tube 
operates at 330 me. Good frequency stability is 
obtained by employing a high Q tank circuit with 
loose coupling to oscillator and mixer grids. A 
second U17A serves as a mixer. The RF and 
oscillator voltages are parallel-fed to the grid. 
The last stage of the RF unit is an IF amplifier 
using a 6CB6 tube. 

In order to obtain the required IF band width, 
stagger tuned, triple stages are employed using 
nine 565h pentodes. The tuned frequencies are 
23.8, 30, and 37.8 megacycles. The output from 
the last triple tuned stage is amplified by a 
broadband 6an5 stage and then rectified by a diode 
detector. The diode detector is directly coupled 
to two 6CL6 video amplifiers. One operates as a 
cathode follower and delivers the composite video 
signal to the distribution amplifier. The second 
amplifies the video signal and applies it to a 
sync separation circuit. The DC cathode voltage 
of this circuit is proportional to the average 
value of the video signal. This is applied to 
the control grid of the AGC rectifier. The 
horizontal sync appearing across the plate resister 
of the sync separator is amplified and then 
applied to the plate of the AGC rectifier. AGC 
voltage is developed across the load resistor. 
Since the AGC tube only conducts for the duration 
of the horizontal sync pulse, the system exhibits 
a high degree of noise imnunity. 

The receiver has a gain of 10$ db, a noise 
figure of 10 db, and a bandwidth of 10 megacycles 
at the 3 db down points. 

The distribution amplifier supplies video to 
the Display Unit and to four 75 ohm terminated 
lines. A series amplifier, a cathode follower,and 
a series-parallel output stage comprise the dis¬ 
tribution amplifier. The series amplifier con¬ 
sisting of 2 tubes in series provides for high 
current gain. The cathode follower isolates this 
amplifier from the high input capacity of the out¬ 
put stage thus preserving the high frequency 
response. The video response is flat from several 
cycles to 5 megacycles rolling off to the 6 db 
point at 15 megacycles. The gain of the amplifier 
is 2.5. 

The receiving antenna is a directive, high 
gain yagi antenna with a beam width of 35° at the 
3 db down points. A weather proof antenna rotator 
with provisions for mounting on a Military vehicle 
is included with this antenna. 

The Display Unit is a commercial ten inch 
monitor ruggedized and repackaged for Military 
use. 

Processing Station 

The primary purpose of the Processing 
Station is to process the signal received from 
the Roving Station to conform to RETMA standards 
for monochrome television. An RCA TG-12A Field 
Sync Generator.and a Processing Amplifier per¬ 
form this function. The Processing Amplifier 
consists of a TA-5A Stabilizing Amplifier modified 
to accept blanking reinsertion and provide a 
simplified sync output. The Processing Amplifier 
strips the simplified sync from the received 
video signal and feeds it to the Sync Generator. 
Here the Genlock circuits lock the local sync to 
the remote sync. The new sync signals are mixed 
with the original video signals in the Process¬ 
ing Amplifier. Standard blanking signals,wider 
than pack unit blanking, are supplied for re¬ 
insertion in the Processing Amplifier. 

The Sync Generator, Processing Amplifier 
and its power supply are each mounted in 
individual carrying cases. 

Conclusion 

The system described in this paper has 
been evaluated by the United States Signal Corps 
in simulated field operations. The results of 
their evaluation revealed that stability and 
picture quality have not been sacrificed for 
portability. The equipments met all the rigors 
of field conditions without impairment of operat¬ 
ing effectiveness. 
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BLOCK DIAGRAM 

OF 

PACK TYPE TELEVISION SYSTEM 

Fig. 1 
Block diagram of pack type television system 

OF 
PACK UNIT ANDCAMERA 

Fig. 3 
Block diagram of pack unit and camera 

Fig. 2 
Roving station in operation 

BLOCK DIAGRAM 

OF 

SYNC GENERATOR 

Fig. 4 
Block diagram of sync generator 
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VERTICAL SYNC. 

VERTICAL BLANKING 

HORIZONTAL BLANKING 

HÖR. 4- VERT. BLANKING 

COMBINED SYNC. & BLANKING 

SYNC. GENERATOR WAVE FORMS 

Fig. 5 
Sync generator wave forms 

Fig. 6 
Receiving station 
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EQUALIZATION CONSIDERATIONS IN DIRECT MAGNETIC 
RECORDING FOR AUDIO PURPOSES 

Ross H. Snyder 
James W. Havstad 
Ampex Corporation 

Redwood City, California 

In this paper, the authors explain the purpose of equalization in direct magnetic recording for 
audio purposes, and explore the limits which are imposed by the medium and by the nature of the in¬ 
formation to be recorded. A specific recommendation is made of a particular method of equalization. 

Fundamentals 

In this discussion we will confine our¬ 
selves to the relations which exist between the 
magnetic recording medium and the magnetic heads 
with which it functions, as these affect fre¬ 
quency response and signal-to-noise ratio in a 
magnetic audio recorder. The discussion assumes 
that high frequency bias is optimum in level, 
that its waveform is substantially sinusoidal, 
and that its frequency is approximately six times 
the highest audio frequency of interest. 

A pattern of magnetic flux is produced on 
tape by passing it across a magnetic recording 
head, which subjects it to a magnetic field which 
varies in accordance with the impressed audio 
signal. As a crude approximation, the magnetic 
flux density on the tape is proportional to the 
current in the coils of the recording head, and 
the voltage across the terminals of the playback 
head is proportional to the rate at which the 
playback head scans the lines of force surround¬ 
ing the magnetized tape. This is to say that, as 
a first approximation, the voltage output from 
the playback head will rise with frequency along 
a slope of 6 decibels per octave if the tape as¬ 
sumes constant flux density at all frequencies. 
It is also to say that flat frequency response 
would be obtained at the output of the playback 
amplifier if it contained an integrating network, 
and if the current in the record head were made 
constant with respect to frequency.® 

Since recorded flux density is primarily 
dependent upon recording head current, recording 
characteristic curves are usually referred to 
current, rather than to voltage. And since in 
practical circuitry the voltage output of the 
playback head is linear (although not constant) 
with respect to flux density throughout a con¬ 
siderable portion of its bandpass, playback 
characteristic curves are usually referred to 
voltage, rather than current . 

Practical Operating Conditions 

It is necessary to modify the approxima¬ 
tions given in several ways. The curve of 
voltage-response, even of a theoretically perfect 
reproduce head, peaks at an upper mid-range fre¬ 
quency, and then declines, due to the approach of 
"gap null," when playing a tape of cons tant flux 
density. Self-demagnetization of the magnetic 

particles occurs at short wavelengths. 

In contrast to gap null and self-demagne¬ 
tizing effects, which depend upon wavelength, 
certain losses dependent upon frequency are in¬ 
herent in most practical recording head designs, 
the most important being hysteresis and eddy 
current losses. If the tape is to be recorded 
with constant flux density at all frequencies, a 
certain level of high frequency pre-emphasis must 
be added to the record current characteristic to 
compensate for these effects. Simple "constant 
current" in the recording head will usually not 
produce a tape of constant flux density. 

Recording and Reproducing Heads 

Certain compromises which must be made in 
designing recording heads in order to accommodate 
high currents need not be considered in the de¬ 
sign of reproducing heads. The configuration of 
the repreducing head is, however, of very great 
importance to its performance, and the degree of 
precision involved is very high. The record head 
gap width, for one thing, appears to be well 
selected at approximately one-mil. A narrower 
gap than this provides inadequate bias penetra¬ 
tion, since the thickness of the magnetic tape 
coating rapidly becomes comparable to the record 
gap if this is under one-mil, yet a larger gap 
than this will result in loss of definition and 
consequent degradation of high frequency response. 
The record head can efficiently impress signal 
images on the tape of wavelength as little as 
half its gap, since the information recorded on 
the tape is a function of the field to which the 
tape was exposed immediately prior to leaving the 
gap; the tape, then, remembers only what it last 
"saw." A one-mil recording head gap will satis¬ 
factorily record half-mil wavelengths, although 
the playback gap must be substantially less than 
a half-mil if it is to produce useable output at 
the frequencies corresponding to such wavelengths. 
Thus, one-quarter-mil gaps are routinely used in 
high quality magnetic reproducing heads. 

Reduction of the gap width of the repro¬ 
ducing head to less than half the shortest wave¬ 
length to be handled must reduce the useful out¬ 
put, and usually to reduce the signal-to-noise 
ratio, if the gap depth is held constant. Or, 
the gap depth may be reduced so that additional 
turns of wire may be added to compensate for the 
reduction in useful output, thus maintaining good 
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signal-to-noise, with the result that the useful 
life of the head is reduced. Head life, fre¬ 
quency range, and useful output are mutually op¬ 
posed parameters, no one of which may be changed 
excepting at the expense of one or both the 
others. A reasonable choice among these design 
parameters can result in the head which is re¬ 
sponsive to half-mil wavelengths, with sufficient 
output for 60 decibels of signal-to-noise ratio 
or more, and for useful life in excess of fifty¬ 
million feet of tape.5 

Figure 1 illustrates the frequency re¬ 
sponse of a reproducing head of negligible 
electrical losses, when playing a tape which has 
been recorded with constant flux density at all 
frequencies. The increased area under the curve 
of response for the quarter-mil gap head indi¬ 
cates the possibility of obtaining useful output 
at half-mil wavelengths, provided the reproducing 
characteristic or the record characteristic or 
both are suitably modified. This corresponds to 
an upper useful bandpass of 15,000 cycles at the 
7s inch per second tape velocity. Indefinite 
extension of frequency response is not possible, 
because the response curve becomes vertical and 
its output zero at,that frequency which corres¬ 
ponds to a recorded wavelength equal to the gap 
size of the reproducing head. 

Selection of Record-Reproduce Characteristics 

In establishing satisfactory pre-emphasis 
and post-emphasis curves for use with direct 
magnetic recording for audio purposes, two 
extremes are possible. Figure 2 shows the re¬ 
cording characteristic which would be necessary 
in order to obtain flat overall output if the 
playback amplifier were compensated to a constant 
6 decibel per octave declining slope, at 7? 
inches per second. Figure 3 illustrates the 
playback curve which would be necessary with a 
theoretically perfect head of quarter-mil gap, if 
the recording characteristic were flat with re¬ 
spect to current and frequency, modified upwards 
in the higher frequencies only to compensate for 
such electrical losses as may exist in the re¬ 
cording head. 

Neither of these curves is satisfactory. 
In the extreme of incorporating all compensation 
in the record process, overloading of the tape 
may readily occur with signáis of normal intensi¬ 
ty from ordinary audio sources, at the higher 
frequencies. On the other hand, if all of the 
compensation is applied in the playback circuit, 
high frequency hiss becomes exceedingly promi¬ 
nent. 

If we are to lean in one direction or the 
other, in making our selection somewhere between 
these options, it may well be in the direction of 
lower hiss and greater likelihood of occasional 
high frequency overloading. This philosophy is 
urged, because the direction in which the audio 
art is moving is toward microphone and loud¬ 
speaker equipment of smoother and flatter high 
frequency performance, in which range the pre¬ 

ponderance of noise products are concentrated. 
As loudspeakers of smoother and more extended 
high frequency performance become available, hiss 
in the reproduction becomes more and more promi¬ 
nent, and since it is present at all times it is 
the major source of objection by users. We are 
also justified in leaning away from hiss because 
of the graceful overload characteristic of magne¬ 
tic recording. 

It remains, then, to determine what shape 
we may reasonably assign to that curve which de¬ 
scribes maximum useful (that is to say, sub¬ 
stantially undistorted) output across the audio 
spectrum while yet keeping hiss components well 
down. Even at economy tape speeds, this curve 
must surely have a slopewhich is no steeper than 
that of the average spectral distribution of 
energy in typical program material, and should 
probably have substantial dynamic reserve to ac¬ 
commodate at least the large majority of in¬ 
frequent high frequency peak energies which may 
be encountered. 

It is conventional to construct magnetic 
tape recorders which are capable of operation at 
more than one tape velocity. Logically, then, 
one of these tape velocities might well be se¬ 
lected in accordance with the physical capabili¬ 
ties of the medium so as to accommodate even the 
greatest extremes of peak energy which may be en¬ 
countered in unusual program material, for use in 
the original recording of high quality material, 
and for its preservation for long periods of time. 
For such exacting purposes, a higher tape velocity 
is appropriate, and the increased medium costs 
are not inappropriate for the purpose. 

On the other hand, one or more economy 
tape velocities are certainly needed, one of 
which may well be selected to accommodate wide 
range high quality material, with the sacrifice 
only of the ability to record the most extreme 
peaks of unusual high frequency energy. The 7 2 
ips velocity, it may be shown, is well adapted to 
this purpose. Even lower velocities are appro¬ 
priate when a limitation of the bandbass2 to, 
say, 8 or 10 kilocycles may be accepted, and when 
a somewhat narrower dynamic range is anticipated. 

Figures h and 5 illustrate the U.S. NARTB 
playback and recording curves, which are recom¬ 
mended for the first two purposes mentioned. 

In Figures 6 and 7 lie the data upon which 
justification is sought for the record and repro¬ 
duce curves of Figures U and 5» The curves de¬ 
scribing maximum useful output and accumulating 
noise are absolute measurements, made on a 
machine whose performance for audio purposes is 
limited by tape characteristics alone, and not 
by limitations inherent in the machine. (Ampex 
Model 350, full-track, 7a - 15 ips.) This is to 
say that the inherent electrical noise in the 
amplifying system is less than that originating 
from a tape in motion, and whose amplifier over¬ 
load point is substantially higher than that 
which occurs as the result of the approach of 
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tape saturation, the electronics thus contribu¬ 
ting negligibly to distortion at the upper 
dynamic limit. The curve of peak energy? is 
arbitrarily attached to the figure at maximum 
level, in order to illustrate the likelihood of 
overload at any frequency under gain conditions 
such that peaks in the mid-range touch but do not 
exceed the maximum useful (substantially undis¬ 
torted) record level on the tape. This curve is 
derived from an extensive study of typical origi¬ 
nal and first-copy tapes recorded by major Ameri¬ 
can recording companies, and supplied to us by 
their courtesy, and from a series of especially 
prepared original recordings of orchestral music, 
which were deliberately recorded far below normal 
level in order to register all peaks without 
"clipping" due to the approach of tape saturation. 
Energy maxima from all these fell at or below the 
curve shown. This curve is in substantial agree¬ 
ment with the data of Sivian, Dunn, and White1 
excepting in the region 3 to 8 kilocycles, where 
our studies confirm the presence of somewhat 
higher energy levels in the program material se¬ 
lected, which is believed to be representative of 
a change in both musical taste and manner of 
orchestration and performance since the Sivian, 
Dunn, and White studies of the late 1920's. The 
average energy curve3 shown is also derived from 
the Sivian, Dunn, and White papers1 and is simi¬ 
larly applied to the figures. It will be seen 
from Figure 6 that unusually high peaks of in¬ 
frequent occurrence may be expected to saturate 
the tape at the 7z ips velocity if the gain is 
adjusted so that mid-range peaks exactly touch 
the upper limit of recordability. In exchange 
for this relatively infrequent hazard, which is 
entirely controllable if "needle banging" is 
avoided on program material of unusual high fre¬ 
quency content, we continuously benefit by the 
highly desirable noise characteristic described 
on the figure. It is apparent that the high fre¬ 
quency noise energy output of the tape-machine 
combination is substantially below that of normal 
or "white" noise, which would describe on the 
figure a curve ascending at the rate of 3 deci¬ 
bels per octave throughout the spectrum. Since 
this is the characteristic "hiss" of any trans¬ 
mission device which is sufficiently refined so 
as to be limited by random noise products, it may 
be seen that the curve achieves the highly de¬ 
sirable condition of continuous relative quiet¬ 
ness in exchange for the controllable hazard of 
rare tape overload. In Figure 7 it may be seen 
that the 15 ips curve provides about equal over¬ 
all signal-to-noise ratio, and substantially no 
likelihood of tape overload at the frequency 
extremes.^ Desirable as this may be, the industry 
still needs more signal-to-noise ratio. In recent 
experiments, -tu in which the music of a live sym¬ 
phony orchestra was compared immediately with 
stereophonic reproduction of itself, the limita¬ 
tion upon realism was tape hiss, not distortion 
or frequency response irregularities. This was 
true even though the perhaps extravagant 30 ips 
speed was used, enabling the playback curve to 
decline constantly at 6 db per octave. If even 
at this extreme of available signal-to-noise 
ratio (70 db or more) hiss is still the limiting 

factor upon faithful reproduction, we hold there 
can be no substantial ground for favoring a 7a 
ips curve which offers 6 or more decibels less 
signal-to-hiss ratio than the U.S. NARTB curve. 
A curve such as that recommended by the COIR must 
be regarded as leading us toward a degradation, 
not an improvement, in international standards of 
performance. 

The ultimate test of the acceptability of 
the U.S. equalization curves is in the analysis 
of the experience of those who use them.8 

During the five years since these curves 
were standardized, user reports of difficulties 
over noise have approximately equaled those over 
the occurrence of "splatter," substantiating the 
original engineering estimate that the 7 2 ips 
curve chosen was a good compromise between these 
conflicting extremes. There is a tendency now, 
toward a preponderance of complaints over noise, 
which, in our belief, indicates that the original 
compromise erred, if at all, in the direction of 
too little high frequency pre-emphasis; certainly 
the increasing need for less noise does not point 
to less pre-emphasis, and the U.S. NARTB curves, 
which have been described here, are in realistic 
agreement with the needs of the recording 
industry. The only foreseeable reason for chang¬ 
ing the standard to one of lower pre-emphasis 
would be the result of large improvements in tape 
coatings. The peak-output versus noise of the 
tape itself, at short wavelengths, must be im¬ 
proved before such a change could reasonably be 
contemplated. The U.S. manufacturers of record¬ 
ing tape are continuously investigating the 
possibility of such improvements. Experiments 
with higher output tapes have been made, but none 
thus far have produced a coating of substantially 
greater output capability at short wavelengths. 

APPENDIX I 

Measurement Methods 

The equipment used to derive the curves on 
maximum signal and noise spectra included an 
Ampex Model 350 (7? - 15 ips, full-track), the 
necessary instrumentation, and a tape of "center-
line" characteristics. Recording tape varies 
considerably in output capability, in maximum 
output versus wavelength characteristic, in bias 
requirement, and in noise.? We are indebted to 
the Minnesota Mining and Manufac Luring Company, to 
Reeves Soundcraft Corporation, to Audio Devices, 
Inc., and to Orradio, Inc., for their unlimited 
cooperation in submitting samples of their various 
tapes, and of separate runs of manufacture, which 
has enabled us to establish a "centerline" of per¬ 
formance from tape in each of the characteristics 
mentioned above. 

"Maximum useful output" was established in 
two ways. First, the tape was completely satura¬ 
ted with signals whose frequency included the 
entire spectrum, and the maximum. fundamental tone 
which could be derived from the saturated signal 
was measured. Second, the departure from linearity 
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of output versus input was measured at 1*00 cycles 
at that level of tape magnetization at which the 
r.m.s. total of distortion products equaled 3%. 
It will be seen that, in a device of limited 
overall bandpass, total distortion measurements 
at frequencies whose harmonics would considerably 
exceed the upper bandpass of the ins trument would 
be meaningless, and artificially high. Therefore, 
the "maximum useful output" curve describes that 
level at which the non-linearity of the machine's 
transfer characteristic is equal to that found at 
1*00 cycles at 3% distortion. 

Noise measurements were made in accumula¬ 
ting half-octaves, beginning at 33 cycles. The 
highest noise figure shown, at 15 kilocycles, is 
the measured total of noise products in the band 
30 to 15,000 cycles. 

It will be seen that overall signal-to-
noise ratios described by the figure are some¬ 
what in excess of published specifications on 
the equipment. This reflects conservatism on 
the part of the manufacturer, for the ratios 
indicated are in no way artificially weighted. 
The equipment was aligned, the bias adjusted, and 
the equalization circuitry set precisely accord¬ 
ing to instructions in the published manual. The 
machine is considered in everv way typical, and 
the results obtainable on most machines whose de¬ 
sign is refined to the point where performance 
limitations are imposed by the tape. 

APPENDIX II 

Design Considerations In The Construction Of 
Equipment To Record And Reproduce The Curves 

Described 

Among the other considerations upon which 
the curves were selected was that of the desira¬ 
bility of using curves which are readily repro¬ 
ducible with comparatively simple circuitry. 
Since the interchangeability of tapes among dif¬ 
ferent machines depends most heavily upon uniform 
adherence to the flux densities in the tape im¬ 
plied, primary emphasis was placed upon the 
establishment of a playback curve which is of 
readily reproducible characteristics. The 
coincidence which permitted the establishing of 
identical curves for the reproduction of both 15 
and ips tapes was a happy one, and the curve 
may be reproduced with simple resistance-capaci¬ 
tance components. The record circuitry is the 
point at which such complications as may be re¬ 
quired should be concentrated, in our opinion. 
This gives the manufacturer who wishes to adhere 
to the standard curve the option of constructing 
comparatively inexpensive record circuitry, at 
the expense of the widest possible range, if this 
is appropriate to the grade of equipment contem¬ 
plated. That is to say, a 7a ips machine whose 
upper frequency response may be limited to 10 
kilocycles can be constructed with electronics of 
gain adequate only to realize the equalization up 
to that frequency, and the more costly elements 
needed to extend the record curve to 15 kilo¬ 
cycles may be omitted yet the machinery still be 

capable of producing tapes which will play back 
"flat" up to the upper frequency limit selected 
through playback equipment adhering to the 
standard curve. In equipment of still less cost, 
where the record circuitry cannot incorporate the 
elements necessary even for the steep rise to a 
low upper frequency limit, and where less "roll¬ 
off" of the playback circuit is thus necessarily 
imposed in order to match the simpler record 
equalization, it is still a comparatively simple 
matter to incorporate sufficient range of "tone 
control" in the equipment to give the recommended 
playback curve. By this means, such a machine 
could be used to play back "flat" professionally 
recorded tapes which are more and more becoming 
available for sale, while yet retaining the 
ability to play self-recorded tapes satisfactori¬ 
ly. The professionally recorded tapes, in this 
case, would, of course, exhibit less noise in the 
output. 
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DESIGN OF A HIGH FIDELITY 10 WATT 
TRANSISTOR AUDIO AMPLIFIER 

by 
Robert P. Crow 
Robert D. Mohler 
Motorola, Inc. 

Introduction 

Since the recent availability of relatively high 
power junction transistors, considerable effort 
has been put into development of audio amplifiers 
with outputs of 5 watts and higher. The push-pull 
class B amplifier provides the best utilization of 
the transistor's well-known capabilities of high 
efficiency and low standby drain. I. 2.3 It is the 
purpose of this paper to consider this type of am¬ 
plifier andits problems, along with a practical de¬ 
sign of a 10 watt unit. While much of the work 
presented in this paper is based on operation from 
so-called "12 volt" sources, which are being used 
extensively for automotive and other applications, 
the general considerations and results will apply, 
or can be adapted, for other supply voltages. Also, 
while the characteristics and other transistor data 
presented are specifically for the 2N176, manu¬ 
factured by Motorola, there are a number of other 
units available that are similar. The 2N176 is an 
alloy PNPtransistor with the collector junction di¬ 
rectly connected to a copper mounting base which 
acts as an initial heat sink. The unit has a col¬ 
lector dissipation rating of 10 watts with a mounting 
base temperature of 80°C. 

Basic Design Considerations 

Although characteristics and de sign consider¬ 
ations of large signal transistor amplifiers, in¬ 
cluding push-pull class B types, have been con¬ 
sidered at length in many publications, and will 
not be repeated in detail in this paper, a few points 
should be reviewed. Asis well known, transistors 
can be used as power amplifiers with three basic 
connections, the common base, common emitter, 
and common collector, which have characteristics 
analogous to the three basic tube connections, the 
common or grounded grid, common cathode, and 
common plate or cathode follower. In considering 
characteristics of these three basic transistor con¬ 
nections, several points should be kept in mind. 
Among the important class B amplifier design con¬ 
siderations are th e abilities to provide good power 
gain and low output distortion, which generally re¬ 
quires linear gain characteristics. In addition, 
because of the fact that in a class B circuit the two 
halves work independently on each half cycle, the 
ability to provide and maintain equal gains for each 

half, is necessary. There are obviously other 
factors too, such as efficiency, cross-over dis¬ 
tortion, or transients, temperature stability, and 
size of circuit components. 

Power Gain 

It is generally true in high level amplifier de¬ 
signs that the required load impedance is deter¬ 
mined not by the output impedance characteristics 
of the amplifying device, but rather by the required 
output volt-ampere swing, the output power for 
class B sine wave conditions then being given by 
1/2 the peak voltage ti mes the peak current. Most 
transistors have characteristics, as will be shown 
later, that approach the ideal in that a reasonably 
linear current-voltage swing can be extended from 
nearly zero voltage drop on one end to nearly zero 
current, or cutoff, at the other end. As a result, 
an approximation for optimum collector load re¬ 
sistance, Rj_,, for a class B amplifier is given by 
the ratio of collector (supply) voltage, Eq, over 
the peak collector current, or in terms of sine 
wave output power: Rl= Eq/ZP^. The actual 
value of Rl  will, of course, always be somewhat 
lower in order to allow for the losses in the tran¬ 
sistors, output transformer, and bias circuit. 
This above relation is essentially independent of 
the transistor connection. 

A comparison of transistor power gain versus 
load resistance and output power for the three 
basic connections can be made. Figure 1 shows 
such a comparison for a typical 2N176 transistor. 
The power gain shown is the ratio of maximum 
"undistorted" output over the input power required 
to produce this output, thereby taking into account 
any effects of non-linearity. The load resistance 
is that presented to the individual transistors and 
for a conventional push-pull class B circuit would 
be 1/4 the collector-to-collector load. The power 
output shown is the maximum "undistorted" output 
directly from the transistor and is, of course, a 
function of supply voltage, which in this case is 14 
volts, the fully charged voltage of the "12 volt" 
systems. As is well known, and can be seen from 
this figure, the common emitter connection pro¬ 
vides the highest gain, although it drops, rapidly 
at low loads and high power levels. The common 
base connection, while starting at low powers in 
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second place, ends up at the bottom with almost 
useless gain at 20 watt and higher levels. As a 
result it cannot be seriously considered for high 
power amplifiers unless relatively high supply 
voltages are used. The gain of the common col¬ 
lector, while starting at the lowest value, does 
not fall as rapidly as that of the other two con¬ 
nections with increasing power output. 

Although the common emitter gain exceeds 
the common collector gain throughout the load 
range shown by these curves, the advantage of the 
common emitter circuit rapidly disappears at high 
power levels. When the effects of unbypassed 
emitter circuit resistance are taken into account, 
the gain of the common collector circuit can actu¬ 
ally exceed that of the common emitter circuit at 
high power levels. Such emitter circuit resistance 
is needed for temperature stabilization and cannot 
be bypassed in a class B circuit. Temperature 
compensation in the base circuit can be used over 
a limited temperature range but is not a complete 
substitute. In the common collector circuit, the 
output transformer winding resistance, which is 
in series with the emitter, can provide the neces¬ 
sary stabilization. 

Collector Characteristics 

The collector characteristic family for the 
2N176is shown in Figure 2. This family of curves 
is well adapted for common base amplifier use. 
It will be noted that relatively even spacing between 
emitter current lines is maintained to at least 2 
amperes, indicating a high degree of linearity 
with this connection, if driven from a constant 
current generator. 

Because the common emitter connection has 
the attraction of providing considerably more gain 
than the common base, this connection has been 
preferred in most applications. The "common 
emitter" collector characteristic family is shown 
in Figure 3. This curve shows the relationship 
between the collector-to-emitter voltage and the 
collector current for various fixed values of base 
current. It can be seen that the lines of constant 
base current are not uniformily spaced as are the 
comparible lines in the common base characteris¬ 
tic, but decrease in spacing with increasing col¬ 
lector current. This is further illustrated in 
Figure 4, a curve of small signal collector-to-base 
current, beta(ß), versus collector current. This 
curve essentially shows the rate of change of the 
spacing of the constant base current lines of F igure 
3 with increasing collector current. Ideally, 
should be a constant and a high value over the 
whole range, but it can be seen that there is an 
appreciable drop-off, primarily due to the loss in 
emitter efficiency, at the relatively high current 
(density) levels."^ 

Circuit Linearity 

One is not, however, restricted to providing 
a current generator for the input of either this or 
any other transistor connection; in fact, the more 
usual case is an approximate match to the tran¬ 
sistor input. In order to better see the effects of 
driving generator impedance on linearity of out¬ 
put along with a more complete comparison of the 
three transistor connections, curves of the input¬ 
output relation using a simulated high power am¬ 
plifier have been taken for the three cases. The 
same supply voltage (14 V) and load resistance 
(6 ohms) were used in each case, the combination 
being suchthat a maximum output of 10 to 15 watts 
could be realized, depending on circuit efficiency. 
Other reasonable values of voltage and load will 
not appreciably change the shape of the curves. 
Figure 5 shows the curves for the common base 
circuit. It can be shown that the test circuit con¬ 
ditions very closely simulate actual AC operation 
so long as high quality transformers are used. 
The two curves on this figure, as well as for the 
following figures, very closely approximate acon-
stant voltage generator (R_ = O) and a constant cur¬ 
rent generator (Rg =10 onms in this case*), thus 
giving the limiting conditions as far as the effect 
of generator impedance is concerned. Any prac¬ 
tical circuit conditions will give a curve between 
these two. To facilitate comparison, voltage has 
been normalized so that the values for both curves 
coincide at approximately the full current swing. 
As previously mentioned, and as seen on this fig¬ 
ure, the characteristic for a constant current 
generator is very linear over the entire input ex¬ 
cursion with the only departure from a straight 
line being a slight curvature at the higher current 
values. The constant voltage generator curve, 
however, is far from linear because of the change 
in input impedance with current, indicating that 
this is obviously not the way to drive this type of 
amplifier. 

Figure 6 shows the curves for the common 
emitter connection. The curve with a constant 
current generator (Rg = 5000 ohms) supplying the 
base is seen to have considerable curvature 
throughout most of the current range and is the re¬ 
sult of the drop-off in , shown in Figure 4; an 
integration of this factor (ß ) with respect to Ic pro¬ 
duces the same curve. The constant voltage gen¬ 
erator curve appears similar to the corresponding 
curve of the common base connection, but the cur¬ 
vature at both low and high levels of input is 
greater. Although not shown, acurve with Rg = 40 
ohms follows the 5000 ohm curve closely except 
near the origin where it is similar in shape to the 
zero resistance case. For any value of Rg the 
common emitter has greater non-linearity than the 
common base circuit with a constant current gen-
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erator. 

The curves for the common collector circuit 
are shown in Fig. 7. It will be noted that, for all 
practical purposes, the constant current generator 
(Rg 5000 ohm) curve is identical with the cor¬ 
responding one for the common emitter current, 
both having considerable curvature. However, 
for the constant voltage generator, (R„ = O), ex¬ 
tremely linear characteristics are obtained. In 
fact, one has to look closely to see the slight hook 
at the origin and the very slight curvature near 
the peak. This non-linearity is, however, far 
less than for any other circuit condition. 

Thus, the basic advantages of higher power 
gain and lower distortion of the common collector 
over the common base circuit indicate, along with 
other de sign factors, th at the common base circuit 
should be dropped from further serious consider¬ 
ation 

Cross-Over Distortion 

Along with large signal linearity consider¬ 
ations, the manner in which the two transistors 
work together in the cross-over region is import¬ 
ant. The transition from conduction of one tran¬ 
sistor to the other must be smooth and linear in 
order to eliminate cross-over distortion. As in¬ 
dicated in Figures 5, 6 and 7, circuits operating 
with constant current generators have the advan¬ 
tage that they are very linear in the region near 
the origin. Consequently, a true class B ampli-
fiercouldbe designed with little or no cross-over 
distortion, exclusive of any transformer leakage 
reactance effects. 

Cross-over distortion can take on different 
forms depending upon the transfer characteristic 
of the transistor and the operating conditions. As 
can be readily seen, an attempt to design a true 
class B amplifier using acommon emitter ampli¬ 
fier with a constant voltage generator (see Figure 
6) would result in considerable distortion of the 
type shown on Figure 8(a). The transfer charac¬ 
teristic of this distorted wave is shown on the left. 

In order to eliminate this distortion, it is 
common practice to supply a small bias current 
to each amplifier section, thereby overlapping the 
low gain regions near cut-off. The result should 
then be a linear transfer characteristic that will 
provide an undistorted output, as seen in Figure 
8(b). If, however, an excessive amount of stand¬ 
by, or no signal collector current, is used, there 
will be an appreciable region where both transis¬ 
tors are operated at full gain, actually providing 

* The transistor input impedance is a fraction of 
an ohm over most of the current range, thus being 
small compared to 10 ohms. 

class A ope ration for low and medium signal levels. 
But at high levels only the one transistor is pro¬ 
viding power and as a result of this type of tran¬ 
sition, a discontinuity in the amplifier transfer 
characteristics occurs as shown in Figure 8(c). 
The resultant distortion of a sine wave is also 
shown. 

So it appears that there is an optimum stand¬ 
by current for minimum distortion over the full 
range of signal level. The actual value depends 
on the particular circuit conditions, and is usually 
under 10% of the peak current, and in some 
cases may be less than 1%. The transfer, or in¬ 
put-output characteristics of an amplifier, as 
shown in Figure 8, can be presented on an oscil¬ 
loscope, and such a presentation has been found to 
be an accurate and rapid way of adjusting stand-by 
current. 

Transistor Matching 

It is obvious that the two gain elements in a 
class B amplifier should be identical in charac¬ 
teristics or a distorted output will result even 
though the individual units may have linear charac¬ 
teristics. Itis rather common practice to closely 
match transistors in o rder to eliminate or greatly 
reduce this distortion; while this practice may be 
acceptable in the laboratory, it is rather costly 
for production use. In order to illustrate the ef¬ 
fects of mismatch, curves of distortion versus 
mismatch for the common emitter and common 
collector circuits, are shown in Figure 9. The 
mismatch between the two amplifier transistors is 
in terms of p , the predominant gain determining 
factor, with other parameters like hjie essentially 
equal. Mismatch ratios up to 2:1 are shown as 
many transistor manufacturers are using this ratio 
as a production tolerance of The distortion is 
shown in terms of the two predominant harmonics, 
the second and third, in order that the mismatch 
effects may be better seen, the second harmonic 
being proportional to the unbalance and the third 
being primarily a function of transistor non¬ 
linearities. Optimum driver impedance (20 ohms 
base-to-base) and standby current were used for 
the common emitter amplifier, anda practical low 
limit value of driver impedance (60 ohms base-to¬ 
base) and standby current were used for the com¬ 
mon collector amplifier. The upper half of the 
Figure 9(a) shows the results with the full output 
of 10 watts. The effects of the unbalance can 
readily be seen by the large rise in second har¬ 
monic for the common emitter amplifier. The in¬ 
ternal feedback of the common collector circuit, 
however, reduces the effects of transistor mis¬ 
match and results in much lower distortion. It 
will be noted though, that in the case of the com-
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inon emitter amplifier, the third harmonic is 
larger than the second even for the 2:1 mismatch, 
and the amount of distortion due to unbalance is 
not large in comparison to the distortion due to 
the high level signal. However, if the input of 
these amplifiers is decreased to provide 1 watt 
output, as is shown in 9(b), the third harmonic 
drops tomuch lower values, butfor the unbalanced 
common emitter amplifier, the second harmonic re¬ 
mains at nearly the same high value as at 10 
watts. Thus, even at relatively low power levels, 
the distortion from this amplifier is high unless 
matched transistors are used, whereas the com¬ 
mon collector can tolerate a rather large variation 
in transistor parameters and still provide rela¬ 
tively low distortion in its output. 

Even if the transistors of an amplifier are 
balanced under a given set of conditions, temper¬ 
ature and supply voltage variations produce changes 
in ß and other parameters that are not necessarily 
equal. Changes in (3 with time, or aging, occur 
on most present-day transistors. Thus, even if 
initially accomplished, it is difficult, if not im¬ 
possible, to maintain any good degree of balance 
between a pair of transistors. 

Inverse Feedback 

The use of inverse feedback loops for reducing 
distortion caused by non-linearities, cross-over, 
and unbalance with tubes and some transistor am¬ 
plifiers is common. Its use has been considered 
and tried with a number of power transistors in an 
attempt to minimize or eliminate some of the above 
problems with the common emitter connection, but 
this method was found to have a basic limitation. 
The ß cut-off frequency on the 2N176 is generally 
10-20 Kc, and other units have been found to be 
comparable, or in some cases considerably lower. 
As a result, the associated transistor phase shift 
in the middle and high audio frequency ranges is 
relatively large (i. e. 45° at ß cut-off frequency). 
It is apparent then that high frequency instability 
and/or oscillation will occur if more than a few 
db of feedback are used around two or more stages? 
If the high frequency phase shifts of the trans¬ 
formers are taken into account, instability is a 
problem with feedback around even one stage. At¬ 
tempts to tailor the amplitude-phase character¬ 
istics of the loop in known manners greatly reduces 
the band width. Although the transistor phase 
shift adversely affects the operation and stability 
of the common collector circuit it can be shown to 
be considerably more serious for the case of com¬ 
mon emitter amplifier with an external feedback 
loop. 

Common Collector Amplifier Design 

It has been shown that the push-pull class B 
common collector amplifier has low distortion when 
driven by a zero internal impedance generator. 
This may raise the question of the advisability of 
attempting to design a practical amplifier with this 
requirement, however, the problem is not too dif¬ 
ficult to solve. A common collector driver stage 
with its inherently low internal output impedance 
provides an excellent driving source. This driver 
stage may be either a push-pull class B or a sin¬ 
gle-ended class A stage and derives its low in¬ 
ternaloutputimpedance from the negative feedback 
inherent in this configuration. The common emit¬ 
ter amplifier has a high output impedance, but 
could be considered as a driver if sufficient volt¬ 
age feedback were used to lower this internal im¬ 
pedance to an acceptable value. However, it would 
then have essentially the same gain as the common 
collector and would have the problems inherent in 
an external feedback path such as transformer 
phase shift, and feedback circuit losses. The 
schematic of a practical two-stage amplifier using 
a single class A driver stage is shown in Figure 10. 

Calculations based on the common collec¬ 
tor transfer characteristic for a constant volt¬ 
age driving generator (Rg = O) and the proper 
value of no signal bias, give a value of harmonic 
distortion on the order of 1/4% for an audio output 
power of 10 watts, assuming realizable output trans -
former efficiencies and transistor collector ef¬ 
ficiencies. Since the lowest practical value of 
driver source impedance, including driver trans¬ 
former losses, is on the order of 10-15 ohms 
(40 - 60 ohms base to base in a push-pull stage) , 
the acutal output stage distortion is on the order of 
1/2 to 1% at this output level. In order to elimin¬ 
ate cross-over distortion due to the very small 
departure from linearity in the transfer charac¬ 
teristic near the origin, a no-signal bias of about 
20 milliamperes per transistor is required. This 
bias current is about 1% of the peak collector current 

The design of the transformers for the circuit 
shown in Fig. 10 is an important factor in deter¬ 
mining the performance of the amplifier. Their 
design is considerably diffe rent than any associated 
with vacuum tube circuitry. Since the output stage 
is ope rating with ve ry low no-signal stand-by cur¬ 
rent, the coupling between the two halves of this 
stage must be very good if switching transients 
are to be avoided. To accomplish this, the two 
halves of the secondary of the driver transformer 
T2 and the two halves of the primary of the output 
transformer T3 are wound bifilar. The associated 
high interwinding capacities would cause serious 

145 



trouble in vacuum tube circuits, but here they are 
of little consequence because of the low impedance 
levels. The coupling between the primary and 
secondary windings of these transformers is of 
less importance since no feedback need be ap¬ 
plied around them. If a dual battery power supply 
is permissible, the output transformer can be 
eliminated and ideal coupling achieved by means 
of a modified circuit directly coupling the loud¬ 
speaker to the transistors. 

The driver transformer represents the most 
difficult design problem since its losses appear 
directly as an increase in the effective driving im¬ 
pedance of the driver stage, thus increasing the 
distortion in the output stage. The total effective 
winding resistance of this transformer must be 
kept as low as is consistent with the necessary 
primary inductance and turns ratio. In addition, 
within this limit, it is desirable to make the sec¬ 
ondary resistance as low and the primary as high 
as practical to aid in stabilizing the operating 
points of the driver and output stages. The re¬ 
sistance of the secondary is used together with Rj 
and R4 to form the base bias bleeder for the out¬ 
put stage. The resistance of the primary winding 
is used as an emitter resistor in the stabilization 
of the driver stage. To aid in maintaining the low 
driving impedance, the primary to secondary turns 
ratio of T2 should be as low as possible. The 
lowest value that can be used is determined by the 
less-than-unity voltage gain of the common col¬ 
lector output stage and the desirability of having 
reserve driving power. With the same supply volt¬ 
age for both the driver and output stages, the min¬ 
imum primary to one-half secondary voltage step 
up ratio must be slightly greater than the voltage 
loss in the output stage. The total secondary to 
primary turns ratio will thus lie in the range of 
2.5 to 3. 

The power input requirement of the driver 
stage is much lower than that of the output stage, 
therefore, the current gain and input impedance 
excursions of the driver are less. Thus, while 
the design requirements of the driver input trans¬ 
former Tj are similar to those of the driver out¬ 
put transformer, T2, they are not nearly as 
severe. The generator impedance seen by the 
driver (Rg inFigure 10) should be low with respect 
to the input impedance of the driver stage and this 
can be accomplished either by the use of inverse 
feedback around a common emitter stage or the 
use of a common collector stage preceding the 
driver. 

Common Collector Amplifier Performance 

An indication of the performance oían ampli¬ 
fier of the type just described is shown in Figure 
11. This figure shows a curve of total harmonic 
distortion vs. power output for this two-stage 

amplifier, using standard production Motorola 
type2N176 power transistors. Using experimental 
type transistors having less ß fall-off at high col¬ 
lector currents, $ the distortion at all levels can 
be considerably reduced. The schematic of a com¬ 
plete four-stage amplifier having the same char¬ 
acteristics is shown in Figure 12. A push-pull 
driver stage is used to eliminate direct current 
saturation effects in the'driver output transformer, 
thus reducing the required transformer size. How¬ 
ever, this does not otherwise effect the overall 
performance. The power gain ofthis amplifier is 
65 db with 14.2 db gain in the driver stage and 
13.5 db gain in the output stage. The frequency 
response is flat within one db from 30 cps to 
20, 000 cps. The Intermodulation distortion at 10 
watts output is 2.3%, measured by the SMPTE 
method using frequencies of 40 and 4000 cps mixed 
1:1. The no-signal current drain with a 14 volt 
supply is 140 milliamperes and the total drain with 
a sine wave audio output of 10 watts is 1.3 am¬ 
peres. The over-all, (4 stage) amplifier efficiency 
at 10 watts output is about 55%. The no-signal 
current drain can be considerably reduced by oper¬ 
ating the driver stages class B, however, this re¬ 
sults in a slight increase in distortion. 

A small portable public address amplifier 
using the circuit of Figure 12 is shown in Figure 
13. This unit, together with its associated micro¬ 
phone, loudspeaker and enclosure makes up a high 
quality portable public address system that will 
operate for several hours from its self-contained 
battery. This unit has a preamplifier suitable for 
a high quality dynamic microphone and incorpor¬ 
ates a frequency response shaping network that 
gives the best over-all acoustic response with the 
associated speaker and enclosure. A small, sealed 
nickel-cadmium storage battery powers the am¬ 
plifier and is mounted on the same chassis to¬ 
gether with a built-in charger for recharging the 
battery from a 115 volt 60 cycle AC power source. 
A close-up vie w of the 2N176 power transistor used 
in this amplifier is shown in Figure 14. 

Conclusion 

Consideration of all the basic factors influ¬ 
encing the design of a low distortion class B power 
amplifier leads to three possible circuit configu¬ 
rations; the common base, the common emitter 
with inverse feedback, or the common collector. 
At high power levels the common base has lower 
gain and higher distortion than the common col¬ 
lector, thus it can be eliminated as a choice. The 
higher power gain of the common emitter configu¬ 
ration is very attractive, however, when the in¬ 
herent high distortion is reduced to the level of 
the common collector configuration with sufficient 
feedback, the advantage of high power gain disap¬ 
pears and the difficulty of achieving this amount of 
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feedback remains. Thus, the common collector 
configuration remains as the first choice and has 
been shown to produce excellent results in a prac¬ 

tical amplifier design. 
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Fig. 3 
Common emitter collector characteristics 
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Fig. 5 
Common base transfer characteristics 

Fig. 4 
Common emitter current gain vs 

collector current 
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Fig. 6 
Common emitter transfer characteristics 
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Fig. 7 
Common collector transfer characteristics 

Fig. 8 
Class “B" amplifier cross-over distortion 

Fig. 9 
Transistor mismatch effects' on distortion 

Fig. 11 
Total harmonic distortion for 10 watt class B 

amplifier 
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T1-INTERSTAGE TRANSFORMER 
(CHICAGO-STANDARD 24861) 

T2-DRIVER TRANSFORMER 
(CHICAGO-STANDARD 25138) 

T3-OUTPUT TRANSFORMER 
(CHICAGO-STANDARD 24246) 

TRANSISTOR TYPES 

01 - XN2 
02 -XN6 
0 3,4.5,6- 2N176 

Fig. 12 
Transistorized high-fidelity 10 watt amplifier 

Fig. 13 
10 watt transistor amplifier with battery supply 

Fig. 14 
2N176 power transistors 
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PERFORMANCE OF THE "DISTRIBUTED PORT" LOUDSPEAKER ENCLOSURE 
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Syracuse, New York 

Summary 

There is a short discussion of the require¬ 
ments of a loudspeaker enclosure followed by a 
description of the "Infinite Wall" type of baffle. 
Frequency response and power output curves are 
presented for a typical loudspeaker in the "In¬ 
finite Wall " baffle. A short description of the 
"Distributed Port" enclosure is given, followed 
by performance curves on three designs. A brief 
theory section containing impedance curves and 
electrical analogs is added for those who desire 
more detailed information. 

The subject of loudspeaker enclosures is a 
very controversial subject. This controversy is 
due to the complexity of the subject and to its 
rather widespread interest among experimenters. 

The complexity of the subject becomes appar¬ 
ent when analysis or synthesis of enclosures is 
attempted. First of all, it is necessary to work 
in three systems: Electrical, Mechanical, and 
Acoustical; and to make the necessary transforma¬ 
tions from one system to another. As if this 
were not enough, enclosures which utilize back 
radiation result in a three terminal pair network: 
1 input and 2 outputs. 

This paper does not intend to provide suffi¬ 
cient information to design a "Distributed Port" 
loudspeaker enclosure, although readers schooled 
in acoustics can extract this information from 
the theory section. The great majority of readers 
will profit more from data which will allow them 
to correctly utilize the features of this system. 
For this reason, only a description of the per¬ 
formance of the enclosure will be given, along 
with sufficient theory for a clear evaluation of 
its performance. 

Method of Attack 

First, the necessity of loudspeaker en¬ 
closures and the criteria by which they should be 
judged will be explained. Next, the performance 
of a typical loudspeaker in a basic type of en¬ 
closure will be discussed. And last, a compar¬ 
ison will be made between the performance of the 
loudspeaker in a "Distributed Port" enclosure and 
that in the basic enclosure. 

Curves showing the response and distortion 
of loudspeaker enclosures can be very misleading. 
For this reason, great care was taken in plotting 
the curves accompaning this article. Room effects 
were carefully eliminated; and hum, noise, and 

distortion were prevented from giving false read¬ 
ings on the frequency response plots. Less effi¬ 
cient loudspeakers and/or enclosures will obvi¬ 
ously show less distortion in the output for the 
same power input. For this reason, distortion 
curves in this article are always plotted as a 
function of power output (sound pressure). The 
corresponding voltage input is merely shown to 
give an indication of driving requirements 
(amplifier output). 

Requirements of a Loudspeaker Enclosure 

There are three main requirements that any 
loudspeaker enclosure should fulfill: 

1. Prevent interference between the front 
and back radiation from the loudspeaker. 

2. Improve low frequency response. 
3. Improve low frequency power handling 

ability. 

Interference 

A loudspeaker acts as a di-pole radiator. 
The sound coming from the back of the loudspeaker 
is 180° out of phase with the sound coming from 
the front. This means that there will be cancel¬ 
lations and additions at various frequencies when 
a loudspeaker is operated without some sort of 
baffle. The amount of cancellation or addition 
depends on the difference in distance which the 
sound has to travel when coming from the back and 
front of the loudspeaker, and the frequency in¬ 
volved. 

In other words, a loudspeaker acts like the 
piston in an air pump. Without some sort of 
baffle around the piston (loudspeaker), the air 
displaced in front of the piston will merely cir¬ 
culate around to the back without building up any 
useful pressure. Figure (1) shows what happens 
to the low frequency response of a good 12" loud¬ 
speaker when it is operated without any baffle. 

Response 

It is desirable that the low frequency res¬ 
ponse of a loudspeaker system extend down to the 
lowest frequency that is contained in the program 
material normally fed into it. It is also neces¬ 
sary that the response be smooth so that tonal 
balance of the program is maintained. Sharp dips 
or peaks in response curves indicate points of 
high distortion and/or poor transient response. 
A gentle slope in bass response is permissable 
since this may be offset by additional bass boost 
in the driving amplifier. However, this boosting 
wastes power and may severely limit power output. 
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Power Handling Ability 

It is not enough for a loudspeaker to have 
smooth response and wide range. Due to the fact 
that the ear is insensitive at low frequencies, a 
loudspeaker system must also have sufficient power 
handling ability to make the frequencies it re¬ 
produces audible to the listener. For example, 
sounds at 50 cycles per second must be 52 db 
louder than those at one thousand cycles per second 
in order to be heard. Therefore, it is necessary 
to check the low frequency acoustic power handling 
ability (sound pressure or intensity - not power 
input) of a loudspeaker system at a tolerable level 
of distortion to see if it is sufficient for the 
application. 

Figure (2) shows the frequency and volume 
ranges of speech and music. The solid line in¬ 
dicates the limits of normal hearing. The upper 
boundary of the solid line indicates the level at 
which sound becomes painful. The lower boundary 
indicates the level below which sounds become in¬ 
audible. In order to be adequate, a reproducing 
system for music must be capable of the frequen¬ 
cy and volume range included in the shaded area. 

The acoustic pdwer handling ability of a 
loudspeaker is limited by the maximum sound 
pressure that the loudspeaker can produce without 
running into distortion. At low frequencies, this ' 
pressure is determined only by the maximum dis¬ 
tance that the loudspeaker cone can move before it 
is limited mechanically or magnetically. It makes 
no difference in this discussion whether the cone 
movement is limited by magnetic distortion in the 
flux gap or mechanical distortion in the cone 
suspensions. The important fact is that every 
loudspeaker has some definite maximum cone move¬ 
ment. Because the acoustic power handling ability 
depends only on cone excursion, it is interesting 
to note that the stiffness of the cone suspensions 
or the fundamental cone resonance of the loud¬ 
speaker has little effect on the power handling 
ability of the loudspeaker system (providing the 
linearity of the stiffness is the same). 

The "Infinite Wall" Baffle 

The previously mentioned interference 
problems may be completely eliminated by simply 
preventing the sound from the back of the loud¬ 
speaker from reaching the front. One means of 
doing this would be to mount the loudspeaker in a 
hole in a large wall, see Figure (3). This is 
known as an "Infinite Wall" type of enclosure. 
Because this is a simple enclosure which is com¬ 
paratively easy to analyze, and actually may be 
realized in practice; it can be used as a standard 
of comparison when evaluating the performance of 
other types of enclosures. 

Interference 

With this type of baffle, obviously there is 
no interference between the front and back radia¬ 
tion - they are separated by a wall, infinite in 
size. 

Response 

The low frequency response of a loudspeaker 
in this type of baffle depends on the size of the 
loudspeaker, the efficiency of the loudspeaker, 
the damping factor of the amplifier driving the 
loudspeaker, and the low frequency resonance of 
the loudspeaker in the baffle. Figure (3) shows 
the response of a typical high quality 12" loud¬ 
speaker in this type of enclosure. 

This particular loudspeaker had a fundamental 
resonance of 60 cycles per second when mounted to 
the wall baffle. Note that this fundamental 
resonance was not apparent in the response curve. 
Instead of a resonant rise, the response was 
gently sloping off in the region around resonance. 
This is characteristic of all high efficiency 
loudspeakers when driven from a feedback ampli¬ 
fier or other low impedance source. The electro¬ 
magnetic coupling is so great that the amplifier 
shunts the resonant circuit, causing it to be 
overdamped (low "Q"). This makes for good tran¬ 
sient response, but requires some sort of compen¬ 
sation to bring the low frequency response up to 
where it should be. 

Figure (4) shows the effect of efficiency on 
the low frequency response of a loudspeaker in an 
"Infinite Wall" type of baffle. The efficiency 
of this loudspeaker was varied by de-magnetizing 
it in steps and thus plotting a family of response 
curves. 

Curves (a) and (b) show the over-damped case, 
curve (c) shows the critically damped case, and 
curve (e) shows an extreme under-damped case. 
Assuming the same type of construction, each time 
the high frequency response was reduced by 3db it 
was equivalent to reducing the magnet weight to 
one-half. This is the reason why loudspeakers of 
high efficiency often seem to lack bass response 
unless the bass end is compensated in some way 
(either in the amplifier or the enclosure). 

Power Handling Ability 

Figure (5) shows the acoustic power handling 
ability (P ) of the above loudspeaker in the 
"Infinite Wall" baffle for five and ten percent 
harmonic distortion. 2

Figure (5) also shows the corresponding 
electrical input to the voice coil (EL ). Note 
that the power at higher frequencies is limited, 
not by distortion, but by the maximum heat dissi¬ 
pation rating of the voice coil. 

In order to eliminate the amplifier from this 
discussion,the frequency response curves shown in 
this paper areplotted with a constant voltage 
input to the loudspeaker. 

2— 
The average sound pressure that this same loud¬ 

speaker system can produce throughout a typical 
living room is approximately 3 db below the level 
shown here (which is measured 18" in front of the 
loudspeaker in a "dead" room). 
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Note also that the electrical input to the 
loudspeaker must be greatly reduced at very low 
frequencies to prevent driving the loudspeaker 
into severe distortion. Rumble coming from the 
turntable and/or the record will often drive a 
loudspeaker into distortion, even though the 
rumble itself is too low in frequency and ampli¬ 
tude to be heard by the listener. To eliminate 
this difficulty it is usually desirable to have a 
sharp cut off low frequency filter somewhere in 
the system. 

If the loudspeaker in figure (5) were less 
efficient it would handle more electrical input 
at low frequencies; however the maximum acoustic 
output at low frequencies would be the same, and 
due to lower efficiency, the maximum acoustic out¬ 
put would be less in the region where the power is 
limited by the voice coil dissipation. 

The "Distributed Port" Enclosure 

The "Distributed Port" enclosure is a reflex 
type of enclosure in which the back radiation is 
added to the front radiation at low frequencies. 
By this means it improves both the low frequency 
response and the power handling ability. It 
differs from most reflex enclosures in that the 
response and impedance characteristics are con¬ 
trolled by the addition of a specific amount of 
acoustic resistance. 

Interference 

There is no cancelling between the front and 
back radiation at high frequencies due to the fact 
that the reflex action has an inherent high fre¬ 
quency cut off of back radiation. 

In the useful low frequency range a con¬ 
trolled amount of back radiation is added to the 
front radiation, increasing the output and power 
handling ability. 

At very low frequencies (usually sub-audio) 
there is cancellation between the front and back 
radiation and air is merely pumped from the front 
to the back of the loudspeaker. This character¬ 
istic is common to all loudspeaker enclosures 
which utilize both front and back radiation, and 
makes it even more desirable to use a "rumble" 
filter such as mentioned above. 

Low Frequency Response 

Figure (6) shows the low frequency response 
of a typical high quality loudspeaker in three 
"Distributed Port" enclosures. Also shown, is 
the "Infinite Wall" response for comparison. 
Note the large increase in output and the smooth¬ 
ness of response at low frequencies, where the 
reflex action occurs. Adding the correct amount 
of damping in this design matches the impedance 
of the enclosure to that of the loudspeaker. This 
means maximum power output from the enclosure and 

^The GE Al-901 record filter is an example of 
such a filter. 

broad-band response (low "Q"). Putting this 
damping in the form of a "Distributed Port" - a 
fixed number of holes spread over a definite area-
assures the permanent accuracy of the damping. 

Power Handling Ability 

Figures (7), (8), and (9) show the acoustic 
power handling ability (Pa) of these same "Dis¬ 
tributed Port" enclosures. Note the great in¬ 
crease in the undistorted sound pressure that 
these enclosures are capable of delivering at low 
frequencies. Note that, at some frequencies, the 
larger enclosures will handle less voltage input 
(E^j.) than the smaller ones, although the sound 
pressure (Pa) produced by the larger enclosures 
is greater. This is due to the fact that they 
are more efficient than the smaller enclosures at 
these frequencies. 

Construction Data 

The 6 cubic foot enclosure is available 
commercially as the GE Al-406 loudspeaker en¬ 
closure. Dimensions for constructing "Dis¬ 
tributed Port" enclosures are given in figure 
(10), views (a) thru (c). 

The Al-400 loudspeaker features a hand¬ 
somely styled protective front plate, making the 
use of a grille cloth unnecessary in many in¬ 
stallations. To take full advantage of this 
feature, the speaker should be mounted on the 
front surface of the speaker mounting board. If 
a grille cloth is required for styling purposes, 
the material used must not impair the transmission 
of high frequencies. Suitable materials are 
woven plastic or fabric, having a light porous 
weave. The grille cloth should be mounted in a 
manner which will not allcw vibration of the cloth 
against the cabinet. When grille cloth is used, 
the speaker is attached to the rear surface of 
the speaker mounting board. 

Use plywood at least f" thick for the 3 and 
6 cubic foot sizes and 5/8" thick for the 10 cubic 
foot size. Line back, bottom and one side of the 
3 cubic foot enclosure with 1" of fiber glass or 
similar soft acoustic material. Line bottom and 
two back sides of the 6 and 12 cubic foot en¬ 
closures with 2" of fiber glass or equivalent. 
Glue all joints. Make front or back removable, 
if speaker is to be mounted on the inside sur¬ 
face of the mounting board. The 1X2 brace is 
to keep the speaker from setting up vibrations 
in the front panel, which will subtract from the 
low frequency output. 

The shape of the enclosures may be altered 
to suit the needs of the user as long as the 
internal volume and the configuration of the 
front panel are maintained. 

Loudspeaker Characteristics 

The results presented in this paper are 
accurate only when the loudspeaker used has 
characteristics which are similar to those of the 
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GE Al-400 loudspeaker. However, the ganara! char¬ 
acteristics Indicated in this paper are typical of 
all loudspeakers and must be kept in mind when 
choosing or designing a loudspeaker, or enclosure, 
or associated equipment. 

The important characteristics of the Al-400 
"woofer" for enclosure design are given below: 

Nominal Diameter 
Effective Cone Diameter 
Free air resonance 
Mass of moving system 
(exclusive of air load) 

BL (Force Constant) 

12 inches 
26 centimeters 
60 cycles/second 
25 grams 

12,000,000 gauss cm 

Similar types are the GE 1201-A and 1203-A 
loudspeakers. 

Using loudspeakers of larger diameter than 
12"' in these "Distributed Port" enclosures will, 
in general, improve the power handling ability 
but result in a poorer low frequency response. A 
smaller loudspeaker will give correspondingly 
better low frequency response and poorer power 
handling ability. A larger loudspeaker should 
not be used with the 3 cubic foot enclosure and a 
smaller loudspeaker should not be used with the 
10 cubic foot enclosure. 

Room Effects 

It should be noted that the curves presented 
in this paper were taken under conditions which 
did not include reflections and resonances usually 
found in the listening environment. This is 
desirable because the effect of the room on the 
performance of a loudspeaker system is usually 
the same regardless of the system used. These 
same effects also color the music as the listener 
hears it when live performers are in the room, 
and therefore are not necessarily harmful. 

Every hard object of appreciable size in a 
room sets up reflections. The most important 
objects to be considered at low frequencies are 
the walls, ceiling and floor. Standing waves are 
set up in a room at frequencies where the distance 
between parallel surfaces is equal to f, 1, if, 
2, etc. wave lengths. These standing waves always 
build up high pressure points at the walls which 
cause them. The impedance match between the loud¬ 
speaker and the room is best at these high pressure 
points. For this reason, the best place for a 
loudspeaker system is the corner of the room where 
all walls meet, and efficient coupling is made to 
all room resonances. 

In most rooms, the only resonance which might 
be objectionable is the standing wave between the 
floor and ceiling which usually occurs between 60 
and 80 cycles per second. Coupling to this reso¬ 
nance may be reduced by placing the loudspeaker 
enclosure in the corner, but off the floor (half 
way up the wall is best). This is usually ob¬ 
jectionable appearance wise. An equally good 
solution is to damp the resonance by applying 
sound absorbing material to the ceiling. To 

absorb these frequencies may require padding up to 
8" thick, or hung 8" below the true ceiling. 

Figure (Ila) shows the response of a 6 cubic 
foot "Distributed Port" enclosure placed in a 
corner of a live room. Curve (b) shows the re¬ 
sponse of a typical back loaded folded comer 
horn enclosure of equal size under the same con¬ 
ditions. This figure was originally made to 
answer those who feel that horn enclosures have 
a "comer" on response in the comer of a room. 
However, it shows very nicely the effects of 
room resonances on two different loudspeaker en¬ 
closures . 

THEORY 

In order to obtain a clear understanding of 
the performance of loudspeaker enclosures it is 
necessary to delve into the theory behind their 
operation. 

Note, The equivalent circuits in this sec¬ 
tion show all of the elements as they appear when 
reflected back into the electrical impedance of a 
typical high quality 12" loudspeaker. The values 
given are approximate only, and are intended 
primarily to indicate the order of magnitude of 
the various elements. 

Infinite Wall Baffle 

Figure (12) shows the low frequency equi¬ 
valent circuit of a typical high quality 12" loud¬ 
speaker when placed in an "Infinite Wall" baffle, 
(a) shows the circuit broken down into its elec¬ 
trical, mechanical and acoustical sections where: 

Rvc - Electrical Resistance of the voice coil. 

= Motional Impedance of the loudspeaker 
system. 

Rs = Mechanical Resistance of the cone sus¬ 
pensions. 

Cs = Compliance of the cone suspensions. 

Mc = Effective mass of the moving system. 

Ral = Resistive component of the air load 
on the front of the cone. 

Mal = Mass component of the air load on the 
front of the cone. 

Ra 2 = Resistive component of the air load on 
the back of the cone. 

Mal = Mass component of the air load on the 
back of the cone. 

The acoustic output is represented by the 
power in the radiation resistances (Ral ) and (R ). 
The cross over in the acoustical part of the 
diagram indicates that the back radiation is 180° 
out of phase with the front radiation, (b) shows 
the combined equivalent circuit. In this case 
there is no interference between the front and 
back radiation and therefore the phase consider¬ 
ations may be neglected, (c) shows the simplified 
circuit for equivalent output and response at low 
frequencies. r 

Rat = Rat 
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Figure (IJ) shows the impedance curve of a 
loudspeaker with characteristics similar to those 
shown in the simplified circuit of Figure (12c). 
Well above resonance the motional impedance (Z^ 
is low and capacitive (mass controlled). In this 
region the current flowing thru the output re¬ 
sistor is relatively constant, and therefore the 
frequency response in this region is flat. Well 
below resonance the motional impedance is again 
low, but inductive (compliance controlled). In 
this region, the current through the output re¬ 
sistance is reduced to each time the frequency 
is reduced to f its original value. This causes 
the response well below resonance to slope off at 
approximately 12 db per octave. At resonance, the 
motional impedance is high and resistive. This 
causes a constant voltage to appear across the 
mechanical impedance in this region, which in turn 
causes the current thru the output resistance, and 
hense response, to slope off at the rate of 6 db 
p>er octave towards low frequencies. The extent of 
the region around fundamental resonance in which 
the loudspeaker is resistance controlled depends 
on its efficiency. This effect has already been 
shown in Figure (4). 

Reflex Enclosure 

Figure (14) shows the equivalent circuit of a 
loudspeaker mounted in a 6 cubic foot reflex en¬ 
closure where: 
Ra' = Resistive component of the air load on 

the front of the cone (combined and 
simplified as above). 

Cv = Compliance of the volume of air inside 
of the enclosure. 

R ' = Resistive component of the air load at 
ai the port as reflected back to the loud¬ 

speaker cone. 
M ' = Total effective mass at the port as re-
p fleeted back to the loudspeaker cone. 

The total output is obtained by adding the 
power due to direct radiation (Raj) and that due 
to port radiation (Raj) as vectors. The crossed 
lines again indicate 180° phase shift. 

It can be seen that the reflex enclosure is 
a high "Q" series resonant circuit shunting the 
mechanical impedance. At its resonance the en¬ 
closure presents such a low impedance that most of 
the output comes from the port of the enclosure 
(Ra0 and very little is supplied by direct radia¬ 
tion from the speaker (Ra J ). 

If there were some way to reduce the "Q" of 
the enclosure resonance, a better impedance match 
could be made to the loudspeaker, resulting in 
smoother response and greater output at enclosure 
resonance. The simplest means of doing this is to 
place some acoustic damping material across the 
port of the enclosure. The main problem here is 
mechanical: to add a controlled amount of acoustic 
resistance that will not change with time. The 
"Distributed Port" design is one accurate solution 
to this problem. 

"Distributed Port" Enclosure 

Figure (15a) shows the equivalent circuit of 
a 6 cubic foot "Distributed Port" enclosure where: 
Cv * = Compliance of the volume of air inside 

of the enclosure. 
Rd = Damping due to distributed port as re¬ 

flected back to the loudspeaker cone. 
Ml = Mass due to distributed port as reflected 
p back to the loudspeaker cone. 
RaJ = Resistive component of the air load at 

the port as reflected back to the loud¬ 
speaker cone. 

Ma'z = Mass component of the air load at the 
port as reflected back to the loudspeaker 
cone. 

Breaking up the port into a series of holes 
will introduce acoustic resistance, although it 
also increases the mass load. However, it is 
possible to compensate for the added mass by 
spreading the port over a larger area and thus re¬ 
ducing the air mass load a like amount. Figure 
(15b) shows the same circuit with the mass loads 

Thus, we have the same circuit as the reflex en¬ 
closure except that a controlled amount of re¬ 
sistance has been added. 

Figure (15c) shows the complete equivalent 
circuit combined with the loudspeaker. 

Figure (16) shows the impedance curve of a 
typical high quality 12" loudspeaker in a 6 cubic 
foot "Distributed Port" enclosure. Note that there 
are three resonances: Two high impedance shunt 
resonances separated by a low impedance series re¬ 
sonance. The low impedance resonance (which in 
this case appears at 50 cycles per second) is the 
enclosure resonance mentioned above. At this fre¬ 
quency the port output is 90° out of phase with 
the speaker output and the two outputs add as 
right angle vectors. Above enclosure resonance, 
the enclosure appears as a compliance (inductive 
in this analogy) and resonates with the mass at 
the speaker cone (70 cycles per second in this 
case). At this resonance the port output is in 
phase with the speaker output but considerably 
reduced in level; and serves to fill in the re¬ 
sponse between enclosure resonance and the fre¬ 
quency at which the speaker attains full output. 
Below enclosure resonance, the enclosure appears 
as a mass, and with the speaker mass resonates 
with the compliance of the speaker suspensions. 
At this resonance the port output is 180° out of 
phase with the speaker output, producing almost 
perfect cancellation. This resonance appears at 
35 cycles in Figure (16). 

The dashed line in Figure (16) indicates the 
impedance curve of a reflex enclosure. Note the 
change in impedance at enclosure resonance (50 
cycles per second). This shows that the addition 
of damping in the "Distributed Port" design has 
reduced the shunting effect, and hence the "Q" of 
enclosure resonance. 
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Conclusions 

1. Lou¿speakers are capable of handling very 
little input at extremely low frequencies. If the 
full capabilities of a loudspeaker are to be real-
ized, low frequency rumble and noise must be elimi¬ 
nated from a reproducing system. 

2. High efficiency usually means less, rather 
than more bass response, unless a proper enclosure 
is used. 

3. The use of a "Distributed Port" enclosure 
will improve the bass response and increase the 
low frequency power handling ability of moderately 
efficient loudspeakers similar to those mentioned 
in the text. 

4. The use of a "Distributed Port" greatly 
complicates the design of an enclosure. However, 
this also makes it possible to optimize the design 
for range, response, or power handling ability in 
a given size. 

Cycles/Second 

Fig. 1 
Response of a typical high quality 12" loudspeaker 

without any baffle. 

Fig. 4 
Effect of magnet size on the response of a 
typical high quality 12" loudspeaker. (Made 
by de-magnetizing the loudspeaker in steps.) 

Fig. 2 
Frequency and volume ranges of speech and 

music. The solid line depicts the boundaries of 
normal hearing, that is, the upper and lower 
limits of intensity and frequency. (From Bell 

Laboratories Record, June 1934.) 

Fig. 3 
Response of a typical high quality 12" loudspeaker 

in an “Infinite Wall” type of baffle. 

Fig. 5 
Power handling ability of a typical high quality 12" 
loudspeaker in an “Infinite Wall” type of enclosure. 

Fig. 6 
Frequency response of a typical high quality 12" 
loudspeaker in several “Distributed Port” en¬ 
closures. Infinite Wall” response shown for 

comparison. 
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Fig. 7 
The acoustic power handling ability of a typical 
high quality 12" loudspeaker in a 3 cubic foot 

“Distributed Port” enclosure. 

Fig. 8 
The acoustic power handling ability of a typical 
high quality 12" loudspeaker in a 6 cubic foot 

“Distributed Port” enclosure. 

Fig. 9 
The acoustic power handling ability of a 

typical high quality 12" loudspeaker in a 10 
cubic foot “Distributed Port” enclosure. 

b. c. 

Fig. 10 
Sketches of three “Distributed Port” enclosures: 

(a) 10 cubic foot enclosure 
(b) 6 cubic foot enclosure 
(c) 3 cubic foot enclosure 
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Fig. 11 
(a) Response of a typical high quality 12" 
loudspeaker in a 6 cubic foot “Distributed 
Port” enclosure in the corner of a“live" 

Fig. 14 
Equivalent circuit of a typical high quality 12" 

loudspeaker in a reflex type of enclosure. 

room, illustrating the effect of standing 
waves and reflections on response, (b) 
Response of a typical back loaded folded 
corner horn enclosure of equal size under 

the same conditions. 
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JlOOuf. Equivalent circuit of a “Distributed Port" enclosure. 

(a) Air load and port separated, (b) With mass 
loads combined, (c) Combined with the 

loudspeaker. 

C. 

Fig. 12 
The low frequency equivalent circuit of a 
typical high quality 12 " loudspeaker in an 
Infinite Wall baffle, (a) Broken down into 

its components, (b) Combined, and (c) 
simplified. 

Cycles/ Second 

Fig. 16 
Impedance curve of a typical high quality 12" 

loudspeaker in a 6 cubic foot “Distributed Port” 
enclosure. (Dashed line indicates impedance of 

similar reflex enclosure without damping). 

Fig. 13 
Impedance curve of a typical high quality 12" 

loudspeaker in an “Infinite Wall" baffle. 
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A PHONOGRAPH SYSTEM FOR THE AUTOMOBILE 

Peter C. Goldmark 
CBS Laboratories, a Division of 

Columbia Broadcasting System, Inc. 
New York, N. Y. 

As the automobile became one of 
the most prized and necessary posses¬ 
sions of almost every American family, 
the question was frequently asked why, 
with the amount of time snent driving, 
recorded music and speech is not avail¬ 
able in the car? 

The question is quite proper 
because driving nowadays in modern cars 
is so effortless that the driver's at¬ 
tention to road hazards is almost the 
only exertion required. It is a proven 
fact that listening to the radio while 
driving does not interfere with one's 
ability to drive safely; as a matter of 
fact it contributes towards the driver's 
alertness by preventing drowsiness. It 
would thus seem quite natural to provide 
the driver with a system of recorded 
sound, giving him a choice of programs 
most suited to the environment and his 
interests. Thus the CBS Laboratories 
and the Chrysler Corporation established 
a joint program in the area of recorded 
sound for the automobile with the pur¬ 
pose in mind of introducing to the 
motoring public this new medium if the 
result of the studies and subsequent 
technical development should warrant it. 

The successful conclusion of this 
program has recently been announced to 
the public by the Chrysler Corporation. 
Under the name of "Highway Hi-Fi", 
Chrysler is making available in all 
their 1956 models (Imperial, Chrysler, 
De Soto, Dodge, Plymouth) a special 
automobile phonograph which is mounted 
under the dash and uses a 7" extra long 
playing record. 

Prior to tackling this specific 
development by the CBS Laboratories, 
other methods were first examined. 
Everything else being equal, choosing 
a system already used in the home was 
considered to be a desirable goal. 
First the pre-recorded magnetic tape was 
investigated since it apneared to be the 
most logical system for the car. The 
taoe, for instance, could meet such 
basic requirements as very long play -
up to two hours per reel - if double 
track with a speed of 3.75"/sec. were 
used and if size of reel is of no con¬ 
sequence. The long, uninterrunted play 
is an important factor in the car be¬ 
cause driving offers the opportunity to 
listen to entire musical works, books, 

stories for the young and grown-uos, 
travelogues, etc., and even the person 
who makes relatively short trips to and 
from his work (or shopping) can listen 
to recorded books or musicals, stopping 
the Instrument when leaving the car and 
resuming listening when entering it 
again. 

Another advantage of the taoe 
system is that it can be made to resist 
without undue complications, shocks, 
jars and vibrations occurring in the 
automobile. 

Unfortunately the tape system has 
many disadvantages. The cost of the 
magnetic tape itself, compared with the 
cost of record material, is much higher. 
The customary method of threading the 
tape would not be practical in the auto¬ 
mobile, and so a self-threading cart¬ 
ridge with automatic take-up mechanism 
would be required for each individual 
reel of tape. The cost and the required 
storage space of these recorded works 
could then be quite excessive. There 
are still other disadvantages to consi¬ 
der. For instance, a particular section 
on a recorded tape would be quite diffi¬ 
cult to spot unless some fairly elaborate 
and costly system were employed. Also 
the electrical output of the tape being 
low and requiring considerable equaliza¬ 
tion would necessitate the use of a 
pre-amplifier as part of the tape ma¬ 
chine. Last but not least, the public 
has been accustomed to the use of records 
to such an extent that, unless some ex¬ 
tremely foolproof and simple method were 
found to play tape, considerable inertia 
would be encountered from the very outset 
against large-scale use of tape. 

The next medium which was inves¬ 
tigated dealt with phonograph records. 
The 78 rpm type record is wasteful of 
speed, space and time, and so the 45 rpm 
record was considered next. Its small 
size (7" diameter) and availability, at 
least in the popular music field,made it 
seem attractive at first glance. How¬ 
ever, further investigations revealed 
that from the point of view of the auto¬ 
mobile driver the mere fact that this 
record can be played on his machine (if 
he has one) at home does not offset some 
serious disadvantages. The maximum 
playing time on the current 45 rpm 
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records is 8 minutes on each side (ex¬ 
tended play) or 16 minutes per record. 

Thus, to provide two hours’ enter¬ 
tainment, almost 8 of these records would 
be required (7.5 exactly). This then 
calls for a record changer which has to 
be loaded with 7 or 8 records in their 
proper sequence, and for each hour the 
listener will get 7 or 8 interruptions. 
Clearly this is not desirable in a new 
system designed for many years to come. 
The manufacturing costs of putting two 
hours of program on 7 or 8 records would 
be of considerable extra expense to the 
ultimate customer and the storage of such 
stacks of records in the car represents a 
problem in itself. The space occupied by 
a record changer, even of the 45 rpm 
type, and its accompanying cost are un¬ 
desirable features, too. 

The next consideration was given to 
the standard long playing records which, 
as is known, turn at 33-1/3 rpm. The 
maximum playing time per side of a 12" 
LP record is approximately 30 minutes, 
and does not fully satisfy the playing 
time requirements for the automobile. 
Due to the large diameter of the record, 
it would be difficult to design a shock¬ 
proof player mechanism without undue size 
and cost and the storage problem also 
could be a difficult one. 

It then appeared that the possi¬ 
bilities among the existing systems were 
exhausted and thus something entirely new 
and more suitable for the car had to be 
found. It would seem best to omit the 
trials and tribulations of the period of 
research that followed. The final out¬ 
come was a new record and record player, 
mated to each other, and described in the 
following. 

The record is seven inches in 
diameter turning at 16.6 rpm and can carry 
up to 45 minutes of music, or one hour of 
speech, on each side. The 45 minutes of 
music playing capability was established 
on the basis that 96% of classical and 
semi-classical pieces have less than 45 
minutes duration. The number of grooves 
per inch is approximately 550 (or twice 
as many as the conventional LP). The 45 
minutes of playing time per side does not 
take variable pitch recording into ac¬ 
count. Its use would provide further 
leeway in the recording of long musical 
works. Economically this new record 
represents by far the least expensive 
method of reproducing music. With a 
maximum of one-and-a-half hours of music, 
or two hours of speech, this seven inch 

record brings the physical manufacturing 
costs of music or speech reproduction 
to an absolute minimum. The basic de¬ 
sign of the records is such that after 
complete mastery of the cutting and 
production techniques, they should give 
performance substantially equivalent to 
current DP records. In the following 
some theoretical considerations will be 
given which will serve to substantiate 
this statement. 

There are many criteria which will 
influence the performance of a record, 
but among the important technical con¬ 
siderations one should consider the 
following three, which will determine 
its basic capabilities: 

1. Frequency response 
2. Signal-to-noise ratio 
3. Tracing distortion. 

There exists a close interrelation be¬ 
tween these three items and the last 
one is particularly dependent on the 
dimension of the reproducing stylus. 

Linear groove velocity and groove 
deviation (recording level) for a given 
reproducing stylus radius are the chief 
factors determining record performance.» 
The inside grooves of standard LP records 
for maximum playing time lie along a 
diameter of approximately five incnes 
and represent a linear velocity of 8.64 
Inches per second. Tracing distortion, 
one of the determinants of record per¬ 
formance, is primarily a function of 
the minimum radius of curvature of the 
traced waves as recorded on the disc, 
and of the effective reproducing stylus 
radius. Distortion Increases very 
rapidly when the effective stylus radius 
exceeds the minimum radius of curvature 
of the traced wave. 

The minimum radius of curvature 
of the traced wave on the record can be 
expressed as: 

.(1) 

where À is the wavelength of the re¬ 
corded signal and D the peak-to-peak 

»The Columbia Long-Playing Microgroove 
Recording System. P. C. Goldmark, R. 
Snepvangers, W. S. Bachman, Proceedings 
of the IRE, August 1949, pp. 923-927. 
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displacement of the groove (recording 
level). The wavelength A as traced at 
any given point of the record is equal 
to the linear velocity V of the groove 
at that point, divided by the frequency 
F of the signal delivered to the record¬ 
ing stylus. Thus (1) can be written: 

V2 , 
4JT2 F2D .(2) 

For minimum tracing distortion it is 
necessary that where 

is the effective radius of the 
reproducing stylus tip and equals tip 
radius time cos ‘/h , where ck is the 
total groove angle. For = 90°, 
Teff = . Thus the follow¬ 
ing relationship exists in place of (2): 

.(3) 

The new seven-inch records are designed 
for use of a 0.00025" reproducing stylus 
tip radius. For commercial phonographs 
with somewhat limited frequency response, 
0.0003" tip radius is entirely adequate. 

Using the expression for the effec¬ 
tive stylus tip radius, the ratio of 
recording levels will be determined for 
the standard LP and the new XLP records 
for equal amount of tracing distortion. 
The ratio of groove displacement for the 
conventional LP (index 1) and the new 
records (index 2) will be determined by 
applying formula (3) to both types of 
records. 

F2 D. 

.(5) 

From (4) and (5) follows that: 

.(6) 

Now the Inside grooves of the new records 
after 45 minutes playing time follow a 

diameter of 3.93 inches and V2 will be 
JT.cLi-16,6/60 or 3.42 Inches/sec. For 
standard LP records 8.75 inches/sec. is 
the value for V^ corresponding to an 
inside diameter of 5 inches; also 

= .OOl/jz - .00071 " 

and x> , -- .000x5/{z ~ .00018 ' 
Thus 2/d, — .61 
Therefore, for equal amounts of tracing 
distortion the maximum groove displace¬ 
ment (recording level) for the new 
records should not exceed 61^ of the 
standard LP records. 

Actually a recording level of ap¬ 
proximately 6 db below LP records is 
employed, corresponding to a 2.5 cm/sec 
lateral groove velocity standard at 
1000 cycles/sec. Tests have shown that 
though the signal output from the new 
records is roughly one-half that of the 
LP records, the signal-to-nolse ratio 
remains substantially the same. This is 
apparently due to the lower stylus force 
(2 grams) and the smaller contact area 
(.25 mil tip radius) as well as to the 
lower linear speed. 

The use of low stylus force also 
results In reduced stylus wear even 
though the stylus pressure has the¬ 
oretically Increased. Life tests carried 
out with sapphire stylli on the new 
records showed less wear after the same 
number of hours playing time as the 
1 mil radius stylli with 6-8 grams 
pressure, playing standard LP records. 
These paradoxical results could be ex¬ 
plained by the "size effect" described 
in a paper of Professor F. V. Hunt.« 

It may be Interesting to determine 
what performance the new records are 
capable of at the maximum outside di¬ 
ameter of 6.626 inches in terms of the 
equivalent diameter of a standard LP 
record.for equal amount of tracing 
distortion. 

From equation (6) 

. (7)

Substituting for V2 ••• 

and for V^ ... 

where d2 is the diameter of the outside 
groove of the new records and d^ the 
diameter of the standard LP groove with 

«F. V. Hunt, "On Stylus Wear and Surface 
Noise in Phonograph Playback Stylus", 
Journal of the Audio Engineering Society, 
Vol. 3, No. 1, Jan. 1955. 
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the same performance quality in terms of 
tracing distortion. 

Now (7) can be expressed as: 

cU ■ ¿ I . ¡52 

thus cL t - 1,2$ .(8) 

and for dg - 6.625", d^ will be 8.5". 

Thus the tracing distortion in the 
new seven inch records during 45 minutes 
of continuous playing between the di¬ 
ameters of 6.625” and 5.93" will vary as 
the tracing distortion on standard LP 
records between the diameters of 8.5 and 
5". 

When recording speech, each side of 
the new records is capable of carrying 
one full hour or two hours per record. 
The inside grooves for one hour duration 
correspond to a diameter of approximately 
three inches. At that diameter, the 
linear groove velocity is decreased over 
the inside groove velocity for music and 
from (3) the frequency for which the 
minimum radius of curvature equals the 
effective stylus tip radius can be ex¬ 
pressed as follows: 

.(9) 

Now substituting for the linear velocity 
V... Tie! 16,6/60 Inches/sec. where d is 
the groove diameter and rpm is 16.66, the 
resultant frequency will be: 

F = O, l4.ct V p 
.(10) 

For equal maximum groove deviation D and 
effective stylus tip radius, the rela¬ 
tionship of frequencies for 4" and 3" 
diameters will be 

.(ID 

Thus for speech records of one hour 
duration per side, the recording charac¬ 
teristic should be so modified that the 
amplitude excursions at frequencies above 
2 or 3 kilocycles be limited to 3/4 of 
the values used for music recording at 
the larger Inside groove diameter. In 

practice it was found that because of the 
natural lack of high frequencies in 
speech, the above conditions are ful¬ 
filled automatically and thus the stan¬ 
dard recording characteristic can be 
employed. 

The new 7" extra long playing 
records designed for automobile use 
cannot be played on existing home instru¬ 
ments. There are several types of home 
phonographs on the market which contain 
the 16-2/3 speed but the relatively 
heavy pickup arm and the 1 mil stylus 
radius are not suited for playing the 
extra fine grooves. 

In the car these records meet all 
the necessary criteria mentioned earlier 
In this article. During a two hours' 
program only one interruption Is re¬ 
quired, namely to flip over the record, 
and thus there will be no need for a 
record changer. The required storage 
space for the maximum playing time Is at 
a very minimum, as are the manufacturing 
costs. Fig. 1 shows a commercial press¬ 
ing of one of the new records, with 
Tchaikovsky's Sixth Symphony on one side 
(42 minutes) and a series of Russian 
Dances on the other. Fig. 2 is a tabu¬ 
lation comparing some pertinent data of 
the various recorded music systems. 

Because of the small size of the 
record, it was feasible to design a 
compact player which, with the coopera¬ 
tion of the Chrysler Corporation, was 
fitted into their 1956 series of cars. 
In its current form the player is mounted 
on a base which can slide in and out of 
a metal container mounted underneath the 
dash (see Fig. 3). When opening the 
door, the player can be pulled out a 
sufficient amount to drop a record onto 
the turntable (Fig. 4). 

The pickup and arm device represent 
a radical departure from existing prac¬ 
tice. The distance between the stylus 
and the vertical arm axis is only 3^". 
Between the vertical axis and the arm 
bearing there is a fluid of proper vis¬ 
cosity (30,000 centistoke) furnishing 
adequate friction to permit the arm to 
follow rapid torsional movements of the 
car, at the same time providing a vir¬ 
tually frictionless bearing for following 
the extremely fine groove pitch. Also 
this method helps to damp out arm reso¬ 
nance and vibration transmitted from the 
road and engine. 

Inside the arm Is a cartridge 
assembly which pivots around a horizontal 
axis and is carefully balanced so that 
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acceleration forces in a vertical plane 
are neutralized and will not displace 
the stylus from the groove. A small 
spring applies approximately grams 
force on the cartridge in the direction 
of the record, thereby assuring adequate 
tracking of the stylus in the groove. 
The arm assembly is also counterbalanced 
around its vertical viscously damped 
axis. This prevents the development of 
torsional forces around the vertical 
axis of the pickup arm which would pro¬ 
duce acceleration components in a radial 
direction of the record. 

To start the record, one presses a 
tab protruding from the left side of the 
pickup arm, thus disengaging the arm from 
its resting position, and moves the arm 
to the right until it hits a stop. Now 
the pickup is automatically set down on 
the lead-in spiral of the record, and the 
turntable starts to rotate automatically 
too. This mode of operation makes it 
possible for the driver, once familiar 
with his instrument, to place a record on 
the turntable afid start playing it with¬ 
out having to take his eyes off the road. 
The record cannot be damaged by sliding 
the arm across it because the arm is 
rigid in a vertical plane and the only 
force exerted by the stylus against the 
record is the spring pressure of 2^-
grams, which will not produce an audible 
scratch on the record. 

The player mechanism is mounted on 
a specially designed rubber shock mount 
system which has a sufficiently low 
natural period to filter out harmful 
shocks and vibrations. The weight of the 
player unit is evenly distributed among 
the three suspension points and the 
lateral compliance of the shock mounts 
is also equal. As a result, forward or 
sideways jolts cannot be translated into 
torsional movement in the plane of the 
record, causing wow. The most vehement 
acceleration or deceleration of the car, 
or driving over bad road conditions, 
will not cause the stylus to leave the 
groove or create any audible effect. 

A great deal of attention had to 
be paid to the constancy of speed. The 
possibility of wow has been eliminated 
by the type of drive applied to the turn¬ 
table, and variations in speed due to 
supply voltage changes have been taken 
care of by the use of an AC induction 
type shaded pole motor and a 60 cycle 
vibrator which provides substantially 
constant turntable speed for primary 
voltage variations from 10.5 to 15.5 
volts. 

The player contains a half-Inch 
high record storage compartment for six 
records (equal to a maximum of 12 hours 
listening), in the bottom of the player 
where a spring and pressure plate Insure 
that the records will stay flat even 
under the maximum temperatures encoun¬ 
tered in the car (such as when parked in 
the sun with windows closed). A separate 
storage compartment for an additional 25 
records will also be made available. 

The cartridge employed has been 
specially developed for this use in 
cooperation with Shure Brothers, and is 
of the ceramic type. The frequency 
characteristics of the cartridge are 
such that when playing the new automo¬ 
bile records through a flat amplifier, 
the resulting response will be substan¬ 
tially uniform between 50 and 10,000 
cycles. 

The output of the ceramic cart¬ 
ridge is sufficient to play it through 
the audio portion of the automobile radio 
without need of a pre-amplifier. The 
audio section of the automobile radios 
for all 1956 Chrysler Corporation cars 
have been modified to take advantage of 
the record player fidelity and are also 
provided with a five-prong jack for con¬ 
necting to it the record player. The 
switch to change from radio to phono¬ 
graph is located in the player unit and 
is also indicated in Fig. 5, which shows 
the circuit diagram of the car phono¬ 
graph and one of the modified automobile 
radios. 

In addition to the six records 
supplied originally, Columbia Records 
has released some additional 30 records 
with a wide variety of selections from 
symphonies and musicals to books and 
stories for grown-ups and children. The 
program possibilities for this new medium 
are almost endless; travelogues, spoken 
editions of magazines, educational 
records, etc., all will help to enter¬ 
tain the automobile driver and his 
passengers, and also keep restless 
children under control. 
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A MAGNETIC TAPE SYSTEM FOR RECORDING AND REPRODUCING 
STANDARD FCC COLOR TELEVISION SIGNALS-GENERAL CONSIDERATIONS 

H. F. Olson 
RCA Laboratories 
Princeton, N. J. 

ABSTRACT 

A system for recording and reproducing tele¬ 
vision signals by means of magnetic tape was 
described and demonstrated more than two years 
ago. Since that time further developments have 
been made as follows: a reduction in tape speed 
from 30 to 20 feet per second. An increase in 

resolution by the use of improved heads and the 
addition of a fifth channel for carrying the com -
bined highs. Recording and reproducing a com¬ 
plete composite FCC color signal. An improved 
servo system for maintaining constant equivalent 
tape speed in recording and reproducing the tele¬ 
vision signal. 
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A MAGNETIC TAPE SYSTEM FOR RECORDING AND REPRODUCING 
STANDARD FCC COLOR TELEVISION SIGNALS-ELECTRONIC SYSTEM 

W. D. Houghton 
RCA Laboratories 
Princeton, N. J. 

ABSTRACT 

The most important consideration in the selec¬ 
tion of a system for producing FCC color signals, 
from information stored on magnetic tape, was the 
phase stability of the color carrier and burst com¬ 
ponents. In order to insure the desired stability in 
a practical field test system, the color carrier is 

not recorded on the type. Instead, the composite 
color signal is decoded into its simultaneous color 
components. These signals are then recorded on 
separate tracks on the tape. In reproduction, the 
simultaneous signals are applied to a different 
color carrier by standard encoding equipment. 
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A MAGNETIC TAPE SYSTEM FOR RECORDING AND REPRODUCING 
STANDARD FCC COLOR TELEVISION SIGNALS-THE MAGNETIC HEAD 

J. A. Zenel 
RCA Laboratories 
Princeton, N. J. 

ABSTRACT 

A magnetic head, capable of recording and re¬ 
producing a complete video signal, or any similar 
wide band of frequencies, has been developed by 
the RCA Laboratories. The head is capable of re¬ 
solving wavelengths considerably smaller, and at 
a rate considerably faster, than that which has 
been possible in previous magnetic recording 
practice. The basic unit has been incorporated in 

a multichannel head which has proven itself in 
three years of experimental video recording. RCA 
Laboratories heads were used by the RCA video 
tape recorder in the public demonstrations of 
December, 1953, and May, 1955. Mechanical and 
electrical problems concerning the basic unit, as 
well as those posed by the demands of the record¬ 
ing system, are discussed. 
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A MAGNETIC TAPE SYSTEM FOR RECORDING AND REPRODUCING 
STANDARD FCC COLOR TELEVISION SIGNALS—THE TAPE TRANSPORT MECHANISM 

A. R. Morgan and M. Artzt 
RCA Laboratories 
Princeton, N. J. 

ABSTRACT 

The problem of providing a tape transport 
mechanism for recording and reproducing video 
signals might be specified by a statement to the 
effect that the reproduced picture on a kinescope 
must not have more ‘jitter” than one or two pic¬ 
ture elements. 

The approach to meeting such a specification 
has been the use of two servomechanisms in tan¬ 
dem. The first is a servomechanism controlling 
the motion of the capstan so as to minimize the 
irregularities of recording and reproducing of the 
video signal. The second servomechanism con¬ 
trols the motion of a movable reproducing head 
so as to reduce further the irregularities remain¬ 
ing from capstan operation. 

Considerable attention must be given to such 
details as tape tension and guiding, minute adjust¬ 
ment of all aspects of head alignment, reel con¬ 
figuration, starting and stopping of the tape, and 
perhaps most important of all the precision of 
mechanical design and shop work. 

In the present system it has been established 
that commercially ‘jitter” free pictures can be 
reproduced with a tape speed of 20 feet per second. 
Reels with a diameter of 20 inches can give a 
playing time, per reel, of 15 minutes. Starting 
time with a full reel of tape is the order of 5 to 7 
seconds. 

The capstan synchronizing system will be most 
effective when the tape loading is constant. This 
effect is obtained if the tape tension is maintained 
at a fixed value. Two separate servo systems are 
required to accomplish this, one controlling the 
braking applied to the supply reel and one control¬ 
ling torque on the take-up reel drive. Two meth¬ 
ods of obtaining constant tension in both supply 
and take-up reels have been developed and are 
described. Both are apparently satisfactory in 
operation; choice between them largely depends 
on practical rather than theoretical considerations. 
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A MAGNETIC TAPE SYSTEM FOR RECORDING AND REPRODUCING 
STANDARD FCC COLOR TELEVISION SIGNALS-AUDIO SYSTEMS 

J. G. Woodward 
RCA Laboratories 
Princeton, N. J. 

ABSTRACT 

Because of certain requirements of the video 
portions of the television tape-recording system, 
conventional audio-recording methods are not 
satisfactory, and the audio program signals are 
recorded by means of a modulated carrier. Both 
amplitude- and frequency-modulated carriers 
have been used. Tape noise and distortion are 

serious limitations in a simple AM carrier sys¬ 
tem. A two-carrier AM system provides a degree 
of noise reduction, but here too, the tape is the 
limiting element. With a wide-deviation fm sys¬ 
tem the tape does not contribute significantly to 
noise and distortion, and tape speed constancy in 
the television recorder permits an adequate 
signal-to-noise ratio. 
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The Technical Boundary Conditions of Subscription Television 

Alexander Ellett and Robert Adler 

Research Department 

Zenith Radio Corporation 

Chicago 39» Illinois 

Summary 

This paper undertakes to state the en¬ 
gineering problem which we set our¬ 
selves when we undertook the develop¬ 
ment of a system of subscription tele¬ 
vision and to outline in broad terms 
the direction in which we have sought 
solutions. Briefly, this problem has 
been to devise a system of subscrip¬ 
tion television, using the regular 
broadcast channels and existing tele¬ 
vision sets. These requirements impose 
some rather stringent technical condi¬ 
tions — the boundary conditions of the 
problem, if we may borrow a phrase from 
the mathematicians. 

It is necessary that the program should 
not be available to non-subscrlbers and 
that there be a way of collecting fees 
from those subscribers who choose to 
pay or to obligate themselves to pay 
for a particular program. Hence, the 
transmissions must be scrambled. 

We consider several ways of scrambling 
and ask ourselves whether adequate 
scrambling will result and whether the 
picture may be unscrambled without 
degradation when the signal is re¬ 
ceived through a commercial receiving 
set. It is well known that video am¬ 
plifiers and deflection circuits of 
commercial sets show appreciable de¬ 
partures from linearity. It is indi¬ 
cated how this fact influences the 
choice of a preferred means of scrambl¬ 
ing and unscrambling the picture. 

Problems due to non-linearity are 
avoided and the picture effectively 
scrambled by the introduction of a 
sideways jitter at a faster than field 
rate. This is accomplished by chang¬ 
ing the phase of the video relative to 
the synchronizing signals. This can be 
done by the use of a delay line at the 
transmitter and compensated by a simi¬ 
lar delay line at the receiver. A de¬ 

lay of a few microseconds corresponds 
to a sideways shift of the picture of 
about an inch on picture tubes used 
today. 

If the receiver is told whether video 
is to be transmitted in the delayed or 
non-rdelayed mode, it can eliminate the 
scrambling and put the picture back to¬ 
gether again. 

If this information which the receiver 
requires is supplied over a controlled 
channel, means is thereby provided for 
recording the subscriber's use of the 
program and for making appropriate 
charges. 

In the simulated commercial test con¬ 
ducted in Chicago in 1951 by Authoriza¬ 
tion of the FCC, this controlled chan¬ 
nel was provided by the use of tele¬ 
phone circuits. This means of control¬ 
ling the distribution of decoding in¬ 
formation is simple, at least in 
principle, but it appears to be too ex¬ 
pensive. 

It seems that it might be possible to 
construct a decoder which would get its 
decoding Information directly from the 
picture content; for example, by cor¬ 
relation of successive lines of video. 
We have constructed decoders of this 
kind and have made them perform fairly 
well. To do even fairly well, such a 
decoder must be quite elaborate, and 
the chance of simplifying it to the 
point where it could conceivably be 
used commercially seems to be infinite¬ 
ly remote. Since it turns out to be 
impractical to obtain decoding infor¬ 
mation from the picture content, or 
over wire circuits, you may ask how 
this information can be furnished to 
subscribers. 

Systems have been developed which use 
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repetitive cycles of mode information. 
A fixed sequence of modes repeats itself 
over and over throughout the program. 
Information regarding the sequence is 
sold to subscribers. 

In exoerimenting with systems of this 
kind, we found them not very secure. 
Short sequences can be determined ra¬ 
ther easily by a simple cut and try pro¬ 
cedure. Long sequences require imprac¬ 
tically expensive storage devices for 
each subscriber. They also make it dif¬ 
ficult for late arrivals to get into the 
theatre. 

A system providing adequate security is 
based on an apparent naradox. Mode in¬ 
formation is transmitted together with 
the scrambled television signal during 
the vertical retrace period preceding 
each field. At first glance, this seems 
to make no sense at all. The system is 
apparently devoid of security. The 
trick consists in the manner of trans¬ 
mitting the mode information; the mes¬ 
sage takes the form of a multi-digit 
pulse code signal which permits millions 
by permutations. Each of these is as¬ 
signed to one of the relatively few 
modes in which the picture may be pre¬ 
sented. 

This method, which we refer to as Air 
Code, is analogous to sending the letter 
R by picking at random a name which 
starts with R in the telephone directory 
and transmitting the seven-digit number 
listed with that name. This is a high¬ 
ly wasteful method of transmitting In¬ 
formation, but there is little informa¬ 
tion to transmit. To translate the 

number back Into the letter R, the sub¬ 
scriber needs, of course, a reverse 
directory, and we assume that everyone 
has a nice collection of such direc¬ 
tories. The Information for which the 
subscriber pays is an Important detail -
namely, that the directory to be used 
for the specific program which he has 
selected is the one for Iowa City, 
Iowa. For the next program it will be 
a different one, and if he wants to see 
that program, too, he will have to pay 
again in order to find out which di¬ 
rectory it is. 

So much for analogy. In practice, the 
decoding instruments for this air code 
system are equipped with a switching 
mechanism which works something like a 
combination lock. Any one combination 
of settings corresponds to a specific 
directory which assigns a specific mode 
of presentation to each possible pulse 
code group. Moreover, the combination 
lock type switching mechanism is made 
unique to the Individual subscriber. 
This can be done using identical parts 
but differently assembled, very much as 
it is done in the case of combination 
locks. 

In solving the problems here depicted 
in broad outline, it has been necessary 
to solve a host of special technical 
problems. We think the solutions of 
many of these problems are ingenious 
and interesting. Mr. Roschke will pre¬ 
sent the first of a series of papers 
which we purpose to submit to this In¬ 
stitute, dealing with technical pro¬ 
blems in the field of subscription 
television. 
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AN INTEGRATED SYSTEM OF CODED PICTURE TRANSMISSION 

E. M. Roschke, W. S. Druz, Carl Ellers 
and Jan Pulles 

Zenith Radio Corporation 
Chicago, Illinois 

SUMMARY 

This paper discusses principles and 
engineering details of the Zenith PHONE¬ 
VISION system, its method of picture 
scrambling, system of code transmission 
and its security. 

The picture is scrambled by delay¬ 
ing alternate 16-line groups with respect 
to the horizontal synchronizing pulses; 
the delay Is under control of a square 
wave which has a period equal to 32 hori¬ 
zontal lines. 

While many switching circuits are 
known which might be used to Introduce 
video delay, difficulties such as circuit 
complexity, switching spikes and varying 
non-linear tube characteristics have led 
to the development of a simple circuit 
using a beam deflection tube. The tube 
(the 6AR8) employs two anodes; a delay 
line is connected between these anodes. 
Video fed to the grid is delayed or not 
delayed under control of a square wave 
applied to the deflectors. 

By applying Inverse delay to the 
video signal at the receiver which con¬ 
tains a similar 6AR8-delay line circuit, 
unscrambling Is achieved. Specifically, 
those portions of the video signal which 
are delayed at the transmitter are not 
delayed at the receiver and vice versa. 
This assures proper time relationship 
between adjacent groups of 16 horizontal 
lines. 

While scrambling as described will 
make the picture unintelligible, the 
system would have no security. It would 
be possible to use a 32 to 1 countdown 
generator actuated by horizontal pulses 
and by trial and error obtain phase lock¬ 
ing of the decoding square wave. Such a 
trial and error procedure should, of 
course, not be required of subscribers; 
with regard to non-subscrlbers, security 
measures must be added. 

Phase locking of the square wave 
can be accomplished by sending infor¬ 

mation to both transmitter coder and 
receiver decoder to reset the 32 to 1 
countdown unit which in this system 
consists of an 8 to 1 blocking oscil¬ 
lator followed by 2 binary stages or 
mode multivibrators. Resetting is ac¬ 
complished by applying pulses to the 
blocking oscillator and to a reset grid 
of each binary stage. Intermittent 
reset pulses, applied simultaneously to 
transmitter and receiver, will cause the 
system to lock In. 

Security is added by Introducing ad¬ 
ditional code pulses, sent during the 
vertical blanking period, which cause 
the square wave to assume a specific 
phase condition among the 32 possible 
conditions. The code pulses are applied 
to six Input points: the two reset In¬ 
puts and the common or counter Input of 
each binary stage. Application of the 
same code pulses to corresponding points 
of the mode determining circuits in 
coder and decoder results in phase lock¬ 
ing of the system. 

The code pulses can be sent in 
numerous combinations each of which may 
be considered equivalent to a code word. 
But they can result in only one of 32 
phase conditions of the square wave. 
The high level of redundancy which ex¬ 
ists between words and final phase con¬ 
ditions is an important factor governing 
the security of the system. 

Subscribers’ decoders contain a 
switching device which permits variable 
permutation of the pulses applied to 
the mode determining circuits. Unique 
setting of the switches is required to 
distribute the pulses properly among 
the six Inputs. The large number of 
ways in which the pulses can be applied 
to the Inputs of the mode circuits per¬ 
mits the use of multiple permutation 
for individualizing subscriber decoders. 
This provides Inter-subscriber as well 
as Inter-program security. 

173 



CHROMATICITY COORDINATE-PLOTTING PHOTOMETER 
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Sm eary 

An instrument which will respond to a color¬ 
ed light source and will compute and plot the 
chromaticity coordinates of the color on the 
screen of a cathode-ray tube is described. 

The instrument consists of three parts. The 
first part is the known Sziklai tristimulus 
photometer. The second part is an analog comput¬ 
er which determines the chromaticity coordinates 
of the plotter. The third part of the instrument 
plots the computed chromaticity coordinates on an 
oscilloscope screen. The analysis of the instru¬ 
ment system and the response characteristics 
will be discussed. 

Introduction 

In the study and analysis of color tele¬ 
vision systems, it would be very desirable to 
have an instrument which would not only measure 
color parameters accurately, but would also 
indicate the results rapidly. As for the par¬ 
ticular parameters to be measured, several sys¬ 
tems are in use today, but the most common sys¬ 

tem for scientific specification of a color is 
the trichromatic system as standardized by the 
International Commission on Illumination (CIEJ. 
In this system, three primaries are defined such 
that any color may be created by an additive com¬ 
bination of the three, the relative amounts of 
the three primaries reouired being termed the 
tristimulus values of the color being measured, 
(Fig. la). 

The chromaticity coordinates of a color are 
defined by the equations: 

X 
X = X + Y r Z 

Y 
y “ X + Y + Z 

_ 2 
z ~ X + Y + Z 

where X, Y, and Z are the tristimulus values, and 
X, y, and z are the chromaticity coordinates. 
Since the sum of the chromaticity coordinates is 
always 1, then only two of the coordinates need be 
specified, and these may then be plotted in 
rectangular coordinates. 

Presently at Lincoln Laboratory, M.I.T., 
Lexington, Massachusetts. 
Presently with U. S. Navy, USS Valley Forge 
CVS-45. 

The CIE has standardized on the x and y coordin¬ 
ates as abcissa and ordinate respectively, and the 
resulting plot of the chromaticity coordinates of 
pure and saturated spectral colors and their 
complements is termed the chromaticity diagram 
(Fig. Ibj. Since there are only two coordinates, 
only two of the three color parameters are 
specified: dominant wavelength (hue) and satura¬ 
tion (purity) in this case. The chromaticity 
coordinates are independent of luminance (bright-
nessj. 

Instruments which will measure the tris¬ 
timulus values of a color rapidly have been con¬ 
structed 2,3»*»5» a8 has a computer which will 
calculate the chromaticity goordinates of a color 
from manually inserted data . Described herein is 
an instrument which will measure the chromaticity 
coordinates of an illuminated color directly, and 
will plot the result on a cathode-ray oscillo¬ 
scope. 

General Description 

The chromaticity coordinate photometer con¬ 
sists essentially of a Sziklai tristimulus ohoto-
meter followed by a logarithmic analog computer. 
The photometer furnishes three currents,each 
proportional to one of the tristimulus values of 
the color being measured. These currents are fed 
into the computer which determines the x and y 
chromaticity coordinates according to the pre¬ 
vious formulae, delivering the results as voltages. 

In steady-state analysis, the tristiraulus-
photometer outputs may be converted directly to 
chromaticity coordinates by the use of current¬ 
ratio meters, as discussed later. For dynamic 
studies, the output of the computer may be dis¬ 
played as a point plotted on a cathode ray oscill¬ 
oscope, as is the case in the described instrument. 
For this type of display, the outputs of the com¬ 
puter are time sampled at a high rate, and the 
sampled data is fed through the amplifiers of the 
oscilloscope for ease of adjustment of the axis 
magnitude and position. 

By multiplying the response of a given 
photoelectric transducer by that of certain com¬ 
binations of chromatic filters, reasonable approx¬ 
imations to the CIE tristimulus value curves may 
be obtained. Proceeding in this manner, an 
instrument may be designed which will derive 
electrical analogs of the tristimulus values of an 
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illuminated color. Sziklai has described just 
such an instrument2, and it was his tristimulus 
photometer that was chosen for the first section 
of the chromaticity coordinate-clotting nhotometer 

In this system (Fig.2) the incoming chromatic 
light is split into three directions by a crossed 
semitransparent mirror arrangement, each resulting 
component then nassing through suitable filters 
and impinging upon the cathode of its respective 
photomultiplier. Type IP22 photomultipliers were 
selected, and the filters used are Corning Class 
Works filters, Corning numbers CS 3-113, GS 4-111, 
and CS 5-79 for the X, Y, and Z characteristics 
respectively. In order to obtain a closer approx¬ 
imation to the X curve in the 400 to 500 milli¬ 
micron region (see Fig. la), an undirectional 
current path is afforded from the Z channel to the 
X channel by means of a diode and a variable re¬ 
sistor, so that an attenuated Z characteristic is 
adied to the X characteristic. Since the input to 
the computer is an interconnected resistive sum¬ 
ming network, it is necessary to place another 
diode in series with the Z channel output to pre¬ 
vent undesirable cross currents. Variable resist¬ 
ors are provided in each of the photomultiplier 
circuits so that their luminous sensitivities may 
be adjusted to obtain the proper relationships. 
The Z-channel output is adjusted for twice its 
relative value for reasons discussed later. 

The high voltage for the photomultipliers is 
furnished from a high freouency oscillator. Care 
must be taken to insure that the D.C. power fur¬ 
nished to the oscillator is free from 60 or 120 
cycle ripple, since this may then impress a sim¬ 
ilar nipple on the high voltage supply which will 
pass unattenuated through the high freouency fil¬ 
ter. With regard to color television work, this 
will vary the sensitivity of the photomultipliers 
at the same rate as the vertical sweep, and con-
seouently the photometer will exhibit different 
characteristics for different areas of the picture. 

Chromaticity Coord inate Computer 

The chromaticity coordinates are computed 
from the tristimulus values by logarithmic means', 
thus affording a substantial saving in components 
in this specialised computer as compared to regu¬ 
lar analog techniques. In general (Fig. 3), the 
photometer output currents are first converted to 
voltages proportional to X, Y, and Z, and these 
axe then added, giving (X x Y + Z) Through the 
use of logarithmic amplifiers, log X, log Y, and 
log (X x Y x Z) are found, and then the differenoes 

log X - log (X x Y x Z) = log x / y”7z 

and log Y - log (X x Y x Z) = log x Y x Z 

are taken by means of difference amplifiers. 
Finally an antilogarithmic amplifier derives the 
antilogarithms of these, giving the desired x- and 
y-chrf maticity coordinates. 

The addition is performed by a standard re¬ 
sistive summing network , the innut resistors of 
which pe’-form the necessary current-to-voltage 
conversion. The Z channel input resistor is 

smaller than either of the respective X- or Y-
channel input resistors. This is to afford 
necessary attenuation, since the Z channel in the 
tristimulus photometer is far more sensitive than 
the others due to the S-8 phosphor of the photo¬ 
multipliers which peaks in the blue region. 

A stage of amplification is needed before 
the logarithmic amplifiers to obtain the necessary 
input voltages (100 volts maximum). These ampli¬ 
fiers use negative feedback for both D.C. sta¬ 
bilization and for gain adjustment of the X- and 
Y- amplifiers. Since the feedback resistors are 
connected to the outputs of the vol tage- zeroing 
potentiometers, gain adjustment of an amplifier 
will not affect its zeroing, thus making thses two 
functions independent. The gain of the X- and Y-
amplifiers should be adjusted so that the three 
amplifiers (including the summing network) have 
equal gain. D.C. zeroing of these amplifiers 
has to be accomplished iteratively due to the 
negative feedback and the interconnected inputs. 
Adjusting the output voltage of one amplifier 
simultaneously changes the input voltages of the 
other two, and consequently changes their output 
voltages. Neon bulbs were placed at the output 
of each of the three linear amplifiers as over¬ 
load indicators. Their ionization potential is 
slightly less than 100 volts, the upper limit of 
the linear region of operation, and will ionize if 
the input luminosity is too great. 

The logarithmic amplifiers use the principle 
Chat there is a logarithmic relationship between 
g-id current and plate current in a vacuum tube 
for small values of positive grid current^»!0. 
It will be noted that, although log 1 = 0, no 
offset voltage is included in the logarithmic 
amplifiers so that this restraint may be complied 
with, since this constant voltage would only be 
cancelled out in the following difference ampli¬ 
fiers, and would therefore be superfluous. The 
output of the logarithmic amplifier is linear on 
a semilogarithmic plot for innut voltages ranging 
from 0.15 volts to more than 100 volts, or over 
almost three decades. 

Following the logarithmic amplifiers are 
standard difference amplifiers in a long-tailed 
configuration. The logarithmic outputs must be 
attenuated so that they will not drive the 
difference amplifiers into their non-linear region. 
Similarly, the outputs of the difference ampli¬ 
fiers must also be attenuated so that the anti¬ 
logarithmic amplifiers will retain in their linear 
range. Fach difference amplifier outout-balancing 
potentiometer should be adjusted for zero voltage 
output when eoual voltages are applied to both 
inputs of the respective amplifier. 

The antilogarithmic amplifiers are of 
rather novel design. Ideally the output should 
vary from 0 to 1 for respective input variations 
from -ooto 0. Since the input voltage must of 
course have a finite maximum, the amplifier was 
designed to be linear on a semilogarithmic plot 
only for a range of output voltages corresponding 
to the numerical range .01 to 1, or over a range 
of two decades. This entails no functional loss 
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since the minimum chromaticity coordinates of 
realizeable colors are annro-imately equal to this. 
(In color television measurements, the lower 
coordinate limit is even higher: x . = .140, 
y^ = .080. This is due to the reaiprimaries 
useS, simce no color can be reproduced by an add¬ 
itive process that lies outside of the triangle 
formed by the location of these primaries on the 
chromaticity diagram (see Fig. lb)). The log¬ 
arithmic amplifier ideally approaches infinite out¬ 
put for infinite innut, but if the circuitry is so 
arranged that the amplifier saturates quickly for 
increasing inputs, then the voltage asymptotically 
anoroaches a constant voltage. If an offset volt¬ 
age is now furnished so that the resulting 
asymptotic voltage is eoual to zero, then (disre¬ 
garding sign) an antilogarithmic characteristic 
may be approximated. A 6SJ? is used for proper 
saturation characteristics, and the stage is other¬ 
wise similar to the logarithmic amplifiers. 'The 
proper offset voltage (equal to the negative of 
the saturation voltage of the antilogarithmic 
stage) may be obtained from the output D. C. 
balancing network. However when used in con¬ 
junction with the presently described plotter for 
oscilloscope display of the chromaticity coordin¬ 
ates, there should be no offset voltage as such, 
but rather the output level should be s^i-eted so 
that a zero voltage corresponds to the numerical 
value of 1. 

The. Chromaticity-Coordinate Plotter 

In order to display the computed chromaticity 
coordinates on an oscilloscope screen, the repre¬ 
sentative voltages must first be amplified from the 
27-volt maximum swing obtainable at the computer 
output to a value determined by the deflection 
sensitivity of the cathode-ray tube used. Since 
steady-state as well as transient measurements 
are desirable, this amplification must be accom¬ 
plished either with additional D. C. amplifiers or 
by using a carrier-modulated system. 

The latter method^ was chosen for various 
reasons. Primarily, it would minimize D. C. 
drift, a problem which is small in the computer 
itself, but one which might gnow with increasing 
D. C. amplification. In addition, by modulating 
the computer outouts with a souare wave, the re¬ 
sults may be amplified by the oscilloscope ampli¬ 
fiers, conseouently allowing the scale magnitude 
to be adjusted by the oscilloscope gain controls, 
and the origin location to be controlled by the 
horizontal and vertical positioning controls. 
Furthermore, in the steady-state condition, the 
selected point is energized for only a portion 
of the time, and consequently there is no fear of 
burning a spot in the screen . 

The modulation source is a conventional 
50 kilocycle multivibrator (Fig. 4). Its output 
is shaped by a clipper and fed to the control grid 
of each modulator, a sharo-cutoff pentode. Here 
the positive portion of the souare wave is clamped 
to the computer output voltage. When this voltage 
is zero, it corresponds to a chromaticity -coord¬ 
inate value of one, and when it is equal to the 
control-grid-cutoff voltage, it corresponds to a 

zero value. The oeak-to-peak amplitude of the 
souare wave is greater than the cutoff voltage 
of the modulator under the operating conditions 
present. Therefore, the modulator output is a 
square wave whose amplitude is proportional to the 
output of the chromaticity-coordinate computer. 
The computer outout swing must be adjusted so 
that it will vary from ground to modulator cutoff, 
a range of about 3 volts. 

This of course, is ideal. Actually, in the 
region near cutoff, the modulator transfer 
characteristic becomes rather non-linear. To 
overcome this difficulty, the lowest value of 
clamping voltage (computer output voltage) for 
which the transfer characteristic is Still linear 
is defined as corresponding to a chromaticity¬ 
coordinate value of zero, and the small value of 
signal occuring in this state is subtracted from 
the output by a biased diode clipper, as follows. 
The modulator output, after amplification, is 
first clamped negatively with respect to ground, 
and then only that portion of the square wave more 
negative than a certain critical value passes 
through the series diode to the outout. This 
critical voltage is determined by the amount of 
negative bias applied to the anode of the diode 
through the adjusting potentiometer, which is 
adjusted for zero outout with a D. C. input 
voltage corresponding to a zero value. The 
biasing network is isolated from the clipper 
AC-wise by a low-pass filter. The outout of the 
X and y channels are now fed through the horizon¬ 
tal and vertical amplifiers respectively of an 
oscilloscope for display on its screen. 

A positive pulse is also derived from the 
multivibrator and is timed to occur during the 
middle of the positive portion of the souare wave. 
To form this pulse, the multivibrator output is 
first delayed about 5 microseconds (one-fourth of 
a period), and then differentiated. The result¬ 
ing negative pulse is amplified and the positive 
pulse clipped off, so that the output is a posi¬ 
tive pulse occuring at the correct time. This 
pulse is then fed to the intensity grid of the 
cathode-ray tube so that only a portion of the 
positive part of the square wave is displayed. 
This eliminates a mirror effect that would other¬ 
wise be obtained due to the negative portion of 
the signal. It also reduces the phosphor-ener-
gization time to a fraction of a period, so that 
the screen is in no danger of burning in steady-
stete conditions. 

PHHXURMANCH CHARACTKRISITCS 

The overall accuracy of the chromaticity coord¬ 
inate-plotting photometer is in the order of 10>. 
A closer look will reveal that the accuracy of the 
tristimulus photometer is not much better than 
this due to the approximation methods used. It 
is entirely feasible that more accurate and pro¬ 
bably more complex methods may be used to obtain 
closer approximations to the C. I.E. tristimulus 
values ’, and conseouently this will increase the 
overall accuracy of the instrument almost pro¬ 
portionally. It is also interesting to note 
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that the results, although accurate to only 10 i 
on a linear coordinate scale, are much more 
consistent than this. In fact, no variance of 
results within the resolution of a five-inch 
oscilloscope were noticed over an extended period 
of time. Hence, this suggests that, by distorting 
the coordinate axes, a very accurately calibrated 
instrument may be obtained. 

One of the factors contributing to the 
consistency of results is the high D.C. stability 
of the computer, assuming good regulated power is 
furnished to it (including a D. C. filament supply! 
This is due to the fact that most of the stages 
have very low gain, and the high-gain stages 
(X, Y, and summing amplifiers) employ negative 
feedback for effective D.C. stabilization. This 
also means that, once the instrument has been 
warmed up and the D.C. balancing potentiometers 
have been adjusted, these adjustments need be 
checked only once in a while during operation. In 
the laboratory model constructed, each of the 
balancing-network outputs were brought out to a 
samoling switch and V.T.V.M. for ease of adjust¬ 
ment. The remaining adjustments in the system 
need only be made once, and until component aging 
has taken its toll or a tube has been replaced, 
they need not be touched. 

The frequency response of the system was 
measured by holding one or more inputs of the 
computer at a constant voltage, while impressing 
a sinusoidal voltage of appropriate amnlitude and 
D.C. level on the remaining inputs. This 
caused a certain variation in the output, the 
amnlitude of which was measured with increasing 
frequency. The point at which the output amp¬ 
litude was 0.7 of its low freouency value was 
called the upper frequency limit of the system 
or its freouency response. (Note that this is 
not the true half-power point since the output is 
not necessarily sinusoidal.) 

The overall frequency response of this sys¬ 
tem, as measures by the preceeding methods, is 
about 10 kilocycles. The main detriments to the 
response are the large plate resistors in the 
computer necessary for the proper characteristics, 
and the excessive capacitance created by the 
large number of adjusting notentiometers used in 
the laboratory model for flexibility. 

As mentioned earlier, the tristimulus photo¬ 
meter results may also be converted directly to 
chromaticity coordinates by using a current-ratio 
meter (Weston Electrical Instrument Corp.). iy 
summing the three output currents and using this 
total current (after suitable amplification) for 

driving one of the coils, and the amplified X or 
Y current for driving the other, a very accurate 
conversion may be obtained for steady-state 
measurements. 
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Fig. la 
Tristimulus Value Curves 

Fig. lb 
CIE Chromaticity Diagram 

Fig. 2 
Tristimulus Photometer 
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Fig. 3 
Chromaticity-Coordinate Computer 

Fig. 4 
Chromaticity-Coordinate Plotter 
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RECENT IMPROVEMENTS IN BLACK-AND-WHITE FILM RECORDING 
FOR COLOR TELEVISION USE 

by 

William L. Hughes 
Engineering Experiment Station 

Iowa State College 

SUMMARY 

At the 1954 national convention of the Insti¬ 
tute of Radio Engineers, a system was proposed 
for recording and reproducing color television 
images using black-and-white film as a storage 
medium. At the national convention in the follow¬ 
ing year, a complete experimental system was 
described. There were certain problems con¬ 
nected with this system which were yet to be re¬ 
solved. It is the purpose of this paper to describe 
how those problems have been resolved. 

The first part of the paper will be concerned 
with a brief review of the basic theory of opera¬ 
tion. At the time that the system was first put 
into operation, it became apparent that the most 
serious problem was the need for greater resolu¬ 
tion in both horizontal and vertical directions. 
The lack of resolution was due primarily to the 
inability of the 5ZP16 scanner tube to meet con¬ 
flicting requirements in the system. It was de¬ 
sired to have a single line scan when film was 
running since the vertical sweep was produced by 
the continuous film movement. In order to pre¬ 
vent rapid deterioration of the scanning tube phos¬ 
phor, it was necessary to lower beam current and 
accelerating voltage appreciably. In order-to get 
reasonable life from the scanner tube, these tube 
parameters fell at about 10 microamperes and 
15,000 volts respectively. This very low value of 
accelerating voltage made it quite difficult to get 
adequate definition in the pictures. This problem 
was compounded with respect to vertical defini¬ 
tion because the anamorphic nature of the images 
makes a slightly defocused spot a more serious 
detriment to vertical definition than to horizontal 
definition. 

It should probably be said at this point that no 
definition problems have been encountered with 
the film itself. Both horizontal and vertical defi¬ 
nition capabilities of the film exceed the highest 
values necessary for good television transmission. 

The definition problem just described was 
solved in two steps. The second and major part 
of the paper will be concerned with this solution. 
The first step was to insert a special cylindrical 
optical system between the flying spot scanner 
tube and the spherical lenses of the regular op¬ 
tical system. 

The complete optical system will be consid¬ 
ered in some detail in the paper. This cylindri¬ 
cal optical system was designed to provide a vir¬ 
tual image of the scanner tube face which was 
scanned with a full raster. This image was 
greatly compressed in the vertical direction and 
thus approximated a scanning line. Quite inci¬ 
dentally, it can be shown that an oblong raster, 
with a very little height (such as is provided by 
this cylindrical optical system) is actually better 
for the purpose than a single scanning line be¬ 
cause it permits use of film area which would 
otherwise be scanned during the vertical blanking 
period. This will be discussed in detail in the 
paper. The second step was to use a scanner 
tube with a more efficient phosphor (re: P 24) 
which operates at 27,000 volts and 200 microam¬ 
peres beam current with a full raster. The com¬ 
bined results of these two steps were as follows: 
The scanning spot was anamorphosed in the same 
direction as the image so that full definition is ob¬ 
tainable in both directions if the scanner tube is 
focused normally. The higher accelerating volt¬ 
age makes it -quite easy to get excellent focusing 
characteristics. The higher voltage, beam cur¬ 
rent, and more efficient phosphor together pro¬ 
vide a tremendous light increase so that the in¬ 
herent inefficiency of the cylindrical optics is 
overcome, the regular lenses can be stopped 
down, and the resulting definition is extremely 
good in both directions. Furthermore, the pic¬ 
tures are essentially noise free. Several color 
photographs of images produced on a dichroic 
display from the system will be shown. 

An additional problem in the initial system 
was concerned with stability of the film transport 
mechanism. A standard Simplex 35 mm film 
trap assembly has been modified to be used with 
a synchronous motor-reducer combination which 
was specially machined. This simple film trans¬ 
port mechanism will be described in some detail. 
When the mechanism is properly adjusted, film 
stability is quite satisfactory. 

REVIEW OF SYSTEM PRINCIPLES 

In the last two years, three papers have been 
presented which describe a method of recording 
color television images on black-and-white film. * 

*(See next page. ) 
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The system is, in theory, capable of all of 
the recording functions currently required by the 
color television broadcast industry. First, films 
can be taken by a mechanical camera and played 
directly after development on the flying spot 
scanner reproducer. Secondly, the system is 
adaptable to a relatively easy method of making 
kinescope recordings. In addition, there are cer¬ 
tain obvious advantages with regard to ease and 
cost of operation as well as picture quality theo¬ 
retically obtainable when compared with present 
day 16 mm color film. These advantages are dis¬ 
cussed in detail in the previous papers and will 
not be elaborated on here. 

The basic reproducer system is illustrated in 
figure 1. Vertically compressed television fields 
are shown on a continuously moving piece of film. 
The left hand column of images represents suc¬ 
cessive fields of the luminance signal. The right 
hand column of images represents alternate fields 
of chrominance information which in this illustra¬ 
tion are red and blue. As the film moves contin¬ 
uously, an image frojn the scanner tube is focused 
by means of a beam splitter on each of three film 
images; they are a luminance image, thé chromi¬ 
nance image beside that luminance image, and the 
chrominance image directly above and to the right 
of the luminance image. The cathode ray scanner 
tube produces either a single line scan or a very 
narrow raster. This narrow raster might be pro¬ 
duced either optically or electronically. Photo¬ 
multipliers gather the light from each of the three 
scanned images. Photomultiplier 1 continuously 
reads luminance information at the same time 
that photomultipliers 2 and 3 are continuously 
reading chrominance information. If the recorded 
chrominance information is red and blue, then 
photomultiplier 2 will read red one field, blue the 
next field, red the third field, and so on. Photo¬ 
multiplier 3 reads different color information on 
successive fields as does photomultiplier 2; but in 
any given field, one of them reads blue and the 
other reads red. An electronic switch keyed at a 
field rate is used to sort this information out so 
that cne luminance signal and two consistent 
chrominance signals are always available. There 
is one sprocket hole on the film per television 
field so that if 35 mm film is used, the film is 

I. Feasibility and Technique of Storing Color 
Video Information on Black-and-White Film. Pre¬ 
sented at 1954 National I.R.E. Convention; II. Ex¬ 
perimental Equipment for Recording and'Repro¬ 
ducing Color Television Images on Black-and-
White Film. Presented at 1955 National Conven¬ 
tion of I. R. E. and at Chicago Convention of 
S.M.P.T.E.; III. A New Recording Method for 
Color TV Using Black-and-White Film. Presented 
at Pacific Coast Convention of A. I. E. E. 

consumed at a rate of 56 feet per minute. Field 
recognizer marks are shown on the film in figure 
1. These marks might be used to provide a check 
on switching phase. Since the film is driven by a 
synchronous motor, however, they have been dis¬ 
pensed with in the initial experimental model. 
Once the film is started correctly, it stays in 
proper switching sequence unless some external 
cause disrupts it. 

The possibility that color fringing might oc¬ 
cur during fast motion has been mentioned at var¬ 
ious times. It is not likely that this will be ob¬ 
jectionable. If it does become a problem, how¬ 
ever, a relatively simple modification of the basic 
switching and scanning scheme will eliminate it. 
This modification is discussed in detail in one of 
the previous papers and will not be further elab¬ 
orated on here. 

A possible type of kinescope recorder is il¬ 
lustrated in figure 2. Here the unexposed film is 
moved continuously at a synchronous rate. The 
left hand column of images is recorded directly 
from a cathode ray tube with a single line or com¬ 
pressed raster. The tube is modulated by the 
luminance signal. The right hand column of im¬ 
ages is recorded directly from a second cathode 
ray tube with similar sweep characteristics. 
This second tube is modulated on odd fields by one 
piece of chrominance information and on even 
fields by the other piece of chrominance informa¬ 
tion. This alternate throwing away of chrominance 
information results in a loss of vertical chromi¬ 
nance detail. The total loss of vertical chromi¬ 
nance detail is, however, considerably less than 
the horizontal chrominance detail lost in the stand¬ 
ard encoding process. It is reasonably certain, 
therefore, that the resulting color information re¬ 
maining should be more than adequate to produce 
a good color picture which really hinges on the 
quality of the luminance image. It appears desir¬ 
able, in both direct and kinescope recording, to 
keep as much of the luminance information as pos¬ 
sible coming from the luminance image and as 
little luminance information as possible coming 
from the chrominance images. 

INITIAL OPERATION OF THE 
EXPERIMENTAL SCANNER 

An experimental model of the previously de¬ 
scribed scanning system was first put in operation 
late in 1954. It used a 5ZP16 scanner tube with a 
single line scan (no vertical raster). A test pat¬ 
tern film was made to use with the scanner and to 
evaluate its capabilities. The individual images 
on the test film were approximately 4. 75 mm high 
and 10 mm wide. This width is standard for a 
regular 16 mm frame. The definition in both hor¬ 
izontal and vertical directions on the film was 
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more than adequate to provide a very good televi¬ 
sion picture. Getting that information off the 
film, however, presented certain complications. 
The initial color pictures obtained from the scan¬ 
ner suffered from some obvious defects. The 
definition was rather poor in both horizontal and 
vertical directions and the pictures were quite 
noisy. These defects were directly traceable to 
one fundamental problem. To prevent rapid'phos-
phor deterioration on the scanner tube due to the 
single line scan, the beam current was cut to 10 
microamperes and the ultor voltage to approxi¬ 
mately 15,000 volts. Even at these values it was 
necessary to move the scanning line often. Rea¬ 
sonable scanner tube life could have been achieved 
by this method, but at best it was quite inconveni¬ 
ent. Further, the light output was quite low at the 
ultor voltage and beam current mentioned, which 
accounted for the objectionable noise characteris¬ 
tics. A further and perhaps more serious diffi¬ 
culty was that at the low ultor voltage the scanner 
tube would not focus well enough to give a really 
high definition image. Still another and even more 
fundamental problem occurred which caused con¬ 
siderable degradation in the vertical definition of 
the reproduced image. The image on the film was 
compressed to a little over 0. 6 of the height of a 
normal 16 mm image. Even though this allows 
good vertical definition as far as the film is con¬ 
cerned, the spot of the scanner tube is essentially 
round and therefore discriminates against vertical 
detail as compared to horizontal detail in a verti¬ 
cally compressed image. This can be corrected 
by either using a much smaller scanner spot 
(which is not a particularly practical solution with 
present scanner tubes) or by optically compress¬ 
ing the scanning spot in the vertical direction. 

To get an idea of resolution obtainable by com¬ 
pression of the scanning spot, let us choose a few 
numbers regarding resolution that might be ex¬ 
pected from film and from a television scanning 
tube. A rather conservative figure for film reso¬ 
lution that might be expected under field condi¬ 
tions is 100 television lines per mm. This is 
equivalent to 50 photographic lines per mm. An 
image with a height of 7.5 rrim then would be cap¬ 
able of about 750 lines. If this is scanned with a 
scanner tube with 600 line definition (ignoring for 
the moment that we only have 500 or so usable 
lines in the television display), the resulting defi¬ 
nition would be about 470 lines. Now let us sup¬ 
pose that we have a film image 4. 75 mm high 
which is scanned with a spot that is compressed 
vertically by a factor of 6:1 or so. The resultant 
definition capability of the film alone is 475 lines, 
but the scanning system is capable of reading out 
essentially all of that definition; provided, of 
course, that there are more than 475 scanning 
lines in the first place. In other words, we can 
increase definition either by increasing film area 

or by decreasing equivalent scanning aperture 
size. It is true that the limiting definition of the 
7. 5 mm image would be improved by using the 
compressed spot. However, we begin to enter the 
area in which the absolute upper working limit is 
controlled to a greater and greater extent by the 
television scanning standards. 

There is one other factor regarding vertical 
resolution in a video signal that is worth consider¬ 
ing. Essentially all of the vertical resolution pres¬ 
ent in the video signal usually does reach the grid 
of the picture tube in the home receiver. Further, 
in a properly focused receiver, the vertical reso¬ 
lution displayed exceeds horizontal resolution dis¬ 
played because of the transmitter and receiver 
band pass characteristics. It is probably much 
less desirable to degrade horizontal resolution 
even by a small factor than it is to degrade verti¬ 
cal resolution by the same factor as long as verti¬ 
cal limiting resolution still exceeds horizontal. 

DESIGN AND USE OF 
COMPRESSION OPTICAL SYSTEMS 

From the preceding discussion, and from the 
experience gained in the initial operation of the 
scanner, several things were successively appar¬ 
ent. To get good focusing characteristics and a 
high light output from the scanner tube, much 
higher values of beam current and ultor voltage 
were required. Therefore, the use of a single 
scanning line was not feasible because of the rapid 
phosphor deterioration. If a raster was required 
on the scanner tube, then some sort of compres¬ 
sion optical system was needed to get the proper 
image aspect ratio as well as to improve vertical 
resolution characteristics. 

As has been implied, it is not necessary to 
compress the raster vertically until it is approx¬ 
imately the height of a normal single line. As a 
matter of fact, if the vertical raster is com¬ 
pressed to about 1/26 of the normal raster height, 
the net result is to eliminate the area on the film 
that would normally be black during the vertical 
blanking period. Thus, the film is used with ab¬ 
solute minimum waste area. In practice, a com¬ 
pression of 10:1 or more gives a perfectly satis¬ 
factory aspect ratio änd the result is essentially 
undistinguishable from the ideal compression 
figure. 

It is necessary to arrive at some compromise 
between electronic raster compression and optical 
raster compression. If compression is completely 
electronic, there is a loss in vertical definition for 
reasons explained earlier; and it is quite likely 
that the life of the scanner tube phosphor will be 
shortened. On the other hand, it has proved im¬ 
practical to get all of the required compression 
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optically and still use cylindrical lenses of rea¬ 
sonable cost. 

Still another factor must be considered. If 
such a device is to become commercially practi¬ 
cal, it is probably necessary that the system be 
capable of showing still frame pictures. If good 
vertical definition is to be available in these still 
frame pictures, the spot must be compressed 
vertically by a factor of about two to one. Also 
the resultant image of the scanner tube on the 
film must have a proper television aspect ratio. 
Since the picture image on the film is compressed 
by a factor of about 0.6, then the image of the 
cathode ray tube on the film is approximately 0. 6 
times as high as it would be if it were scanning a 
standard 16 mm film image. The raster on the 
scanner tube, then, must be 1.2 times as high as 
it would be if it were scanning a standard 16 mm 
film. This allows for the desirable 2:1 compres¬ 
sion in the vertical direction which is obtained 
optically. The width of the raster on the scanner 
tube has been nominally about 4 inches. This 
width gives good horizontal definition, and it is 
desirable to avoid sacrificing this feature. The 
height of the raster for still frame pictures is 
then 3. 6 inches. A little corner trimming occurs 
on a five inch scanner tube with this raster 
height, but this probably can be ignored for still 
frame purposes. 

For running film, it appears that optical sys¬ 
tems with a vertical compression of 6:1 can be 
designed with nominal complexity. Beyond this 
figure the optical systems either get quite com¬ 
plex or have too great a light loss. The remain¬ 
ing theoretical compression of 4. 33 (26 divided 
by 6) can be obtained by electronic compression 
of the raster; although it has been found that 2:1 
or greater electronic compression is quite satis¬ 
factory. If any objectionable overlap of succes¬ 
sive fields occurs at the top or bottom of the pic¬ 
ture, it is easily removed by reversal of vertical 
sweep direction on the scanner tube, and the re¬ 
sulting aspect ratio distortion is insignificant. 

From the preceding discussion, the require¬ 
ments of a practical optical compression system 
can be stated. 
It should have a vertical compression of 2:1 for 
still frames. 
It should have a vertical compression of about 6:1 
for running film. 
In addition, when switching from running film to 
still frame, it is necessary to disable the elec¬ 
tronic switch and increase the size of the vertical 
sweep. 

The first compression optical system that 
was used is shown in figures 3 and 4. Figure 3 

shows the arrangement of the optical elements 
when the film is running. Its operation is de¬ 
scribed briefly as follows: The negative piano¬ 
cylinders, Cp produce a virtual image (vertical 
only) of the-scanner tube face approximately 31 mm 
to the right of their geometric center. The single 
positive piano-cylinder, C^, has a relatively long 
focal length. The distanC^from to the virtual 
image produced by Cj is considerably less than 
the focal length of The net result is that C¿ 
forms a second virtual image (in the vertical 
only) at the face of the scanner tube. The height 
of this second virtual image is 1 /6 of the height of 
the actual raster. Thus, the spherical Tessar 
lens "sees" a raster of normal horizontal dimen¬ 
sion but with the vertical dimension compressed 
6:1. Figure 4 illustrates the optical configuration 
when the film is not running. The only thing that 
is changed is that the negative cylinders are re¬ 
moved and two positive piano-cylinder s, C3, are 
inserted in another position which is closer to the 
scanner tube. The function of C3 is to form a 
real image of the scanner tube face (vertical only) 
at the same position as the virtual image of the 
negative cylinders which were removed. The re¬ 
mainder of the optical system can then be left 
alone. This configuration gives the net compres¬ 
sion of 2:1, which is required for still film. 

The overall system was satisfactory in every 
respect for still film. The compression character¬ 
istics and optical image quality were quite satis¬ 
factory for running film. There was, however, an 
overall light loss in the system of about 6:1 for run¬ 
ning film. The basic reason for this light loss can 
be explained from a fundamental rule of optics-. It 
is not possible to increase the radiant flux per unit 
area per steradian of solid angle. This means that 
to place a compressed raster on the film with the 
same radiant energy as a normally uncompressed 
raster it is necessary to increase the lens aperture 
or make provisions for an auxiliary lens closer to 
the film. There was, of course, a considerable 
increase in the light output of the scanner tube due 
to the higher ultor voltage and beam current. This 
increase very roughly made up for the light loss in 
the compression optical system. The overall re¬ 
sults, therefore, were that image quality and defi¬ 
nition were much improved but the noise character¬ 
istics remained about the same. 

The noise problem was largely overcome by 
using a scanner tube with considerably more total 
light output than the 5ZP16. That tube is the 
5AUP24. The 5AUP24 has its main application for 
color film flying spot scanners and has a relatively 
wide band spectral output. This characteristic is, 
of course, relatively unimportant when used with a 
system of the type discussed in this paper. The 
phosphor correction requirements for the 5AUP24 
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are somewhat more severe than those of the 
5ZP16, but the light output is sufficient to over¬ 
come this disadvantage and still have a light ad¬ 
vantage over the 5ZP16 of perhaps 4:1 or more. 
The overall noise characteristics are satisfactory 
with this arrangement, but there is not enough lee¬ 
way to allow for losses that invariably occur when 
such devices are used in commercial applications 
instead of in a development laboratory. 

A safety factor can be built into the equipment 
rather easily by redesigning the optical system. 
Figures 5 and 6 illustrate a new compression op¬ 
tical system which performs the same geometri¬ 
cal functions as the original system, but is be¬ 
tween two and three times as efficient. Figure 5 
illustrates the system for running film. 

The operation of the second optical system is 
as follows: The two negative cylinders, Cj, pro¬ 
duce a virtual image (vertical only) approximately 
75 mm to the right of Cp The 75 mm spherical 
Tessar lens produces a real image (of the virtual 
image of Cj) approximately 25 mm to the left of 
the film plane. The function of the two positive 
piano-cylinders, C¿, is to move the vertical im¬ 
age of Sj back to The film plane. The overall com-
pressioñ"of this system is 6:1 over the image re¬ 
duction effect of the 75 mm spherical lens alone. 
Figure 6 illustrates the system for the film 
stopped. The only change is that the negative cyl¬ 
inders have been removed and two positive piano¬ 
cylinders, Cj, have been inserted at the position 
shown. The“function of C3 is to produce a real 
image (vertical only) in the same place as the vir¬ 
tual image produced by Cj when the film is run¬ 
ning. The overall vertical compression beyond 
the image reduction effects of Sj alone is 2:1. 

At the time of writing of this paper, this opti¬ 
cal system is being constructed. It is hopefully 
expected that there will be no further need to in¬ 
crease the system light efficiency. 

For purposes of clarity, it should probably be 
mentioned that the optical systems illustrated in 
figures 3 through 6 are shown for only one chan¬ 
nel. In the actual system, the cylindrical lenses 
in front of the spherical Tessar lenses are made 
physically quite large. It is thus possible to split 
the light for each Tessar lens by using rhomboid 
prisms and to use the same cylindrical lenses for 
all three channels. In the second optical system 
described, the positive cylinders, C¿, must for 
physical reasons be very small, aricTthus, one 
complete set of them must be used for each chan¬ 
nel. Figure 7 illustrates how the light is split for 
the two chrominance channels. The luminance 
channel is left out for clarity. Figure 8 is a 
photograph showing the mounting of the lenses and 
three of the rhomboid prisms. 

At the oral presentation of this paper, a num¬ 
ber of color slides of color television pictures 
produced by this system are shown. Some of them 
show "before" and "after" characteristics of the 
system for some of the difficulties which have been 
overcome. 

FILM TRANSPORT MECHANISM 

One of the more serious problems often en¬ 
countered in continuous motion systems is the dif¬ 
ficulty in obtaining sufficient stability in the film 
transport mechanism. A number of elaborate sys¬ 
tems have been built involving moving optical sys¬ 
tems and feedback loops to position the scanning 
raster in agreement with the film position. It was 
considered desirable to avoid these complications 
if possible. A number of simple transport mech¬ 
anisms have been tried. 

In this experimentation, it has been found that 
the stability of a small synchronous motor-reducer 
combination can be made with adequate stability. 
A difficulty arises, however, in getting the same 
stability in the film gate. The current transport 
mechanism (and the best one obtained thus far) 
consists of a standard Simplex film trap assembly 
that has been machined to make provisions for 
mounting the three photomultipliers and their as¬ 
sociated optical lucite light pipes and prisms. A 
Bodine synchronous motor-reducer with a drive 
sprocket mounted on it is placed directly beneath 
the Simplex film trap. The stability of this mech¬ 
anism compares reasonably well with the stability 
of the average 16 mm motion picture projector and 
probably would be adequate for television broad¬ 
casting with films of moving objects. A system 
for kinescope recording would have to be somewhat 
better. It is quite possible, however, that the 
film could be recorded directly on a drive sprocket 
assembly and would not have to go through a gate, 
since there is no need to gather the light into a 
photomultiplier behind the film. If this were done, 
the stability of the motor assembly alone might be 
quite adequate. Figure 9, a photograph of the en¬ 
tire transport mechanism, shows the photomulti¬ 
plier housing mounted on the film trap assembly 
and the film drive mechanism. 

THE ELECTRONIC SWITCH 

In previous papers, the circuit of an electronic 
switch that would perform satisfactorily was pre¬ 
sented. There were eight adjustments in this 
switch. Each time the switch was balanced, it was 
necessary to use an oscilloscope and check each 
of the eight adjustments. In recent months, the 
General Electric Company has manufactured a 
new tube for electronic switching purposes. Its 
designation number is 6AR8. Basically, it is a 
multi-grid tube with beam deflecting electrodes 
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and two anodes. Either anode can be selected, 
depending on the potential applied to the beam de¬ 
flecting electrodes. The valuable feature of the 
tube in this application is that its transconduct¬ 
ance is essentially independent of the anode being 
used. This means that when one channel is dy¬ 
namically balanced, the other must be also. 

If two of these tubes are used as shown in the 
electronic switch circuit of figure 10, only four 
adjustments (two d-c and two dynamic) are neces¬ 
sary. Further, if the two tubes are once balanced 
d-c wise and sufficient low frequency degenera¬ 
tion is introduced, the little d-c drift which oc¬ 
curs is easily removed by the keyed clamping cir¬ 
cuits . When one of the dynamic adjustments is 
set to some medium value, the entire electronic 
switch can then be balanced by the other dynamic 
adjustment. This means that it can be rebalanced 
visually without using an oscilloscope while the 
film is running should some severe change in gain 
occur in a chrominance channel. Thus, no shut¬ 
down of the equipment is necessary. 

KINESCOPE RECORDER 

As yet, a kinescope recorder for this system 
has not been built. A kinescope recorder for 
black-and-white television which has similar prob¬ 
lems (i. e. , a continuously moving film and a com¬ 
pressed vertical raster) has been built and oper¬ 

ated successfully in England. * The optics for a 
kinescope recorder in this system are quite sim¬ 
ple since the light does not have to be gathered be¬ 
hind the film after passing through it. It is hoped 
that this work might be undertaken in the near future. 

CONCLUSIONS 

It is believed that the principles upon which 
this device operates are sound and that good qual¬ 
ity color pictures can be obtained from it. Fur¬ 
ther the versatility of this system in doing all 
television jobs would seem to be a great advantage. 
Also, the amount of black-and-white film used per 
minute is a little over half that used by other sys¬ 
tems of this general type. 

The writer is indebted to many people for as¬ 
sistance in this project. In particular, Mr. Paul 
Kristensen of Iowa State College has lent consid¬ 
erable help. Assistance with the optical system 
has come from Mr. Arthur Cox, Optical Director 
of Bell and Howell, and from Messrs. Larry Iver¬ 
son and Albert Anderson of Benson Optical Com¬ 
pany in Ames, Iowa, and Minneapolis, Minnesota, 
respectively. 

4e16 mm Television-Recording for Sequential Tele¬ 
vision Systems. V. B. Hulme. Electronic Engi¬ 
neering, December, 1955, pages 516-522. 

Fig. 1 
Continuous film scanner for color 

television (first type). 

Fig. 2 
Continuous motion kinescope record¬ 

er for color television. 
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Fig. 3 
First type of compression optical system 

(film running). 

Fig. 4 
First type of compression optical system 

(film stopped). 
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Fig. 5 
Second type compression optical system 

(film running). 

Second Type of Compression Optical System 

( Film Stopped) 

75mm spherical lens 
(Col Zetss lessor) 

d 
Rim 
plane 

Two positive 
piano-cyMnders with 
equivalent total focal 
length of 21mm 

C4 

Two positive piano -
cyHnders with 
équivalent total 

focal length of 

118 mm 

520 nw_ 

Fig. 6 
Second type of compression optical system 

(film stopped). 
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Diagram, light paths for 
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chrominance channels. 

Fig. 8 
Lens mounting. 

Fig. 9 
Film transport mechanism. 
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Fig. 10 
Electronic switch. 
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DESIGN CONSIDERATIONS FOR A HIGH QUALITY TRANSISTORIZED 
PROGRAM AMPLIFIER FOR REMOTE BROADCAST USE 

John K. Birch 
Gates Radio Company 
Quincy, Illinois 

Summary 

Small size and extremely low battery 
drain make transistors attractive for use 
in portable broadcast equipment. However, 
they present many unique problems, includ¬ 
ing temperature sensitivity and non¬ 
linearity, which conflict with the high 
standards set up for broadcast equipment. 
Solutions have been found in special cir¬ 
cuit techniques, which are embodied in a 
program amplifier available commercially 
in several forms. 

Introduction 

Manufacturers of remote broadcast 
amplifiers work in a field where miniatur¬ 
ization is very desirable, but extremely 
difficult to attain. Such factors as A 
and B battery packs and high quality 
attenuators and transformers place a de¬ 
finite limit on unit size, limiting fur¬ 
ther improvement to the areas of styling 
and deluxe features. The appearance of 
the improved low cost junction transistor 
made possible the development of a remote 
amplifier of small size, light weight and 
long battery life. 

Early in the development of transis¬ 
torized audio amplifiers a number of prob¬ 
lems arose which are peculiar to transis¬ 
tor circuits and which require special 
techniques to solve. Four of the most 
important of these problems are: 

1. Temperature sensitivity. 

2. Distortion due to non-linearity 
in the output stage. 

3. Transformer design. 

4. Narrow range of input levels for 
the preamplifier stage. 

It is the purpose of this paper to 
illustrate these problems, and to present 
solutions which are feasible for standard 
production techniques. 

Objectives 

In the beginning, it was necessary to 
list the design goals, which it was felt 
must be included in the new equipment at 
any cost: 

1. The remote amplifier must be as 
small as possible, limited mainly by 
transformer and battery size. 

2. Only battery operation would be 
considered, since the small size of the 
equipment would make it ideal for use in 
locations far removed from power sources, 
or where a line cord would be a needless 
encumbrance. The use of mercury batter¬ 
ies could possibly provide operation for 
a whole season without change. 

3. Frequency response and distortion 
must be held close to ratings of previous 
equipment. Response must be held within 
2 db from 70 to 10,000 cps., and distor¬ 
tion under 2% at full output. 

4. An adequate overload factor must 
be included; at least 6 db over the nor¬ 
mal output level of /8 dbm, or /14 dbm 
out of the isolation pad. 

5. A line isolation pad of suffi¬ 
cient attenuation must be included to 
reduce the effect of variations in line 
impedance to a negligible amount. The 
loading of the output stage is rather 
critical and requires an isolation pad 
of 4 db attenuation for dependable re¬ 
sults. Allowing 1 db for a production 
safety factor and as a margin for battery 
aging, the maximum amplifier output level 
must be /19 dbm, or 80 milliwatts. 

6. Although the nominal output level 
of a microphone is -60 dbm, it can easily 
increase by 20 db with some types of pro¬ 
gram material. Thus the desired specifi¬ 
cations must be obtained at an input 
level of -40 dbm. 

7. Noise must be as low as with va¬ 
cuum tube equipment, calling for an equi¬ 
valent input noise figure of -115 to -120 
dbm. 

Temperature Sensitivity 

The first design problem, temperature 
sensitivity, results from the increase in 
collector cut-off current with tempera¬ 
ture. This increase appears in the 
collector circuit multiplied by the 
factor 1-a, and is especially serious in 
stages operating at low collector volt¬ 
ages and with a high value of collector 
load resistance. A change in 15 degrees 
C. in one circuit tested increased the 
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collector current from .73 ma to 1.0 ma 
and dropped the collector voltage from 6 
volts to 0.5 volts, resulting in extreme 
clipping. 

Methods of temperature stabilization 
are well known and will not be described 
in detail here. The most common proce¬ 
dure consists of biasing the base from a 
bleeder across the battery, and supplying 
emitter current from a constant current 
source, which is done effectively by 
connecting a resistance in series with 
the emitter.! Stabilization to 60<>C. is 
obtained in this manner in the amplifier 
being described. 

The Output Stage 

Design of the output stage centers 
around two choices: between Class A and 
Class B operation, and between the common 
base and common emitter configurations. 

Class B operation cannot be con¬ 
sidered for high quality performance, in 
spite of its offer of high power output 
and low quiescent current. Biasing is 
extremely critical and is subject to shift¬ 
ing with temperature changes. Distortion 
is difficult to control due to the notch 
effect, and is especially serious at high 
frequencies where variations in current 
gain and phase shift between transistors 
cause unbalance. 

Push-pull Class A operation elimi¬ 
nates the notch effect, and the bias point 
is more easily stabilized. It is the 
logical choice, at the price of higher 
battery drain. 

Distortion in the power stage is due 
to two factors: non-linearity of the 
collector family curves, and non-linearity 
of the emitter-base diode. 

Figure 1 shows the collector family 
for the common emitter configuration,* 
with a load line of 4000 ohms superimposed. 
The crowding at the high current end indi¬ 
cates a source of distortion for operation 
at maximum output, which in this case is 
about 43 mw. 

Figure 2 shows the 4000 ohm load 
line plotted on the common base curves.3 
The constant spacing makes operation at 
the maximum output of 45 mw. possible 
with low distortion. 

Measurements made on a push-pull 
amplifier at 2% distortion using 2N44’s 
show maximum output for common emitter to 
be /15 dbm; for common base, /19 dbm, or 
more than twice as much power. 

The disadvantage of the common base 
circuit is its low gain. A difference of 
20 db was measured in the comparison just 
described, and part of this is due to an 
intentional input impedance mismatch to 
be described later. The extra undistorted 
power available was considered to be more 
important than the power gain in this 
application. 

Figure 3 shows the second source of 
distortion - non-linearity of the trans¬ 
istor input circuit. This is a graph of 
collector current vs. emitter volts for 
zero generator resistance in the common 
base circuit. A sine wave output can be 
obtained only by supplying signal to the 
emitter from a constant current source, 
which is accomplished by employing a 
source impedance higher than the input 
impedance. The input impedance of the 
common base power stage under considera¬ 
tion is about 40 ohms. 

With a source impedance of 50 ohms, 
the distortion for maximum output is 3%; 
for 150 ohms, 1.5%; and for 600 ohms, 
1.2%. Loss in gain is 3 db at 150 ohms, 
â db at 600 ohms. 150 ohms is chosen as 
the best compromise between gain and dis¬ 
tortion. 

Transformer Design 

The transformer is the most critical 
factor in high quality transistor ampli¬ 
fier design, and the most serious ob¬ 
stacle to miniaturization. 

Although many extremely small trans¬ 
formers are available, they are unusable 
below about 200 cps. for the equipment 
under consideration. Extending the range 
another octave and a half requires a 
larger core and involves a juggling pro¬ 
cess between core materials, D.C. in 
windings, and efficiency to determine the 
optimum combination for the size allow¬ 
able. Nickle alloy cores are used, and 
shielding is provided by the mu-metal 
case. 

The Input Stage 

Distortion in the microphone pre¬ 
amplifier is produced mainly by two 
factors. 

First, the low collector voltage 
required for low noise operation limits 
the a.c. collector voltage swing to a few 
volts, beyond which clipping occurs. In 
a typical common emitter amplifier, with 
a collector to emitter voltage of 3 volts, 
source impedance 600 ohms, voltage gain 
of 460, clipping occurs at an input volt¬ 
age of 5 mv., or -43 dbm. 
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Second, the non-linearity of the 
emitter-base diode causes even-harmonic 
distortion, as in the case of the output 
stage described earlier. In this case, 
however, the impedance of the source - a 
microphone - is fixed. Linearity can be 
improved by adding an unbypassed resis¬ 
tance in series with the emitter, with 
results as shown in Figure 4« This is a 
plot of collector current vs. base volt¬ 
age, for emitter resistances of 0 and 200 
ohms. 

This procedure also results in de¬ 
generative current feedback, which further 
reduces the even harmonic distortion in 
the same manner as cathode degeneration 
in vacuum tube amplifiers. Degeneration 
has a valuable side effect, in almost 
completely equalizing the gain figure for 
transistors of any one type, and provid¬ 
ing good predictability for the overall 
gain of the amplifier. In a sampling of 
fifteen transistors, gain variation was 
only 0.5 db. 

Figure 5 shows the effect of emitter 
degeneration on the signal handling capa¬ 
bilities of the preamplifier. The de¬ 
creasing slope of the curves as resis¬ 
tance increases is due to the improving 
linearity. In each case, however, the 
curve turns up sharply when the clipping 
point is reached. 

Degeneration also increases the 
transistor input impedance. A 200 ohm 
emitter resistor raises the input imped¬ 
ance to 2500 ohms, which is low enough to 
eliminate the need for an input trans¬ 
former, and high enough to satisfy the 
requirement that the microphone must work 
into an unloaded input circuit for op¬ 
timum performance. 

The noise figure for the overall 
amplifier is about 10 db better than the 
average vacuum tube remote amplifier with 
low-level mixing. This is accomplished 
through the use of high-level mixing, low 
noise transistors and low collector volt¬ 
ages for the first two stages. With an 
input level of -60 dbm and /8 dbm output, 
the noise is down -55 to -60 db. 

Commercial Applications 

These design factors have been uti¬ 
lized in the development of three new 

pieces of equipment for the broadcast 
station - a single channel remote ampli¬ 
fier, a two channel remote amplifier, and 
a microphone booster amplifier. 

Figure 6 shows a simplified schema¬ 
tic diagram of the single channel remote 
amplifier. All biasing and stabilizing 
resistors have been omitted for clarity. 
Low noise 2N106 transistors are used in 
the preamplifier and booster stages; the 
driver and push-pull output transistors 
are type 2N44 medium power units. 

All the design specifications men¬ 
tioned at the beginning are included in 
this amplifier. In addition, the weight 
is 3 pounds, size is 9" x 3" x 2", and 
battery life is about 80 hours. 

Figure 7 is an external view of the 
amplifier. 

Figure 8 shows the internal construc¬ 
tion, with the printed wiring chassis for 
the amplifier and line isolation pad. 

Figure 9 shows the two-channel remote 
amplifier. The principle differences are 
the extra input circuit, the VU meter, 
and provision for a spare battery. 

The booster amplifier shown in Figure 
10 is a single stage preamplifier with a 
gain of 15 db, output impedances of 150 
or 50 ohms. It is designed to be used 
with boom or overhead microphones, and 
will run continuously for a year on its 
self-contained battery, permitting place¬ 
ment in difficult locations. 

These units illustrate the most 
appropriate use at present for transistors 
in broadcast equipment. They provide the 
closest approach yet to perfect porta¬ 
bility, benefitting station and listener 
alike. 
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Fig. 1 
Collector characteristics for 2N44 
in the common emitter connection, 

illustrating crowding at high collector 
current. 

Fig. 2 
Collector characteristics for 2N44 in the common 

base connection, illustrating even spacing. 

Fig. 3 
Non-linear relationship between collector current 

and emitter voltage in the common base connection. 

Fig. 4 
Effect of external emitter resistance on linearity 

of emitter-base diode. 

CHIT 

Fig. 5 
Effect of external emitter resistance on maximum 

input signal. 

Fig. 6 
Simplified schematic diagram of single channel 
remote amplifier. Bias and stabilizing circuits 

omitted for clarity. 
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Fig. 7 
External view of single channel remote amplifier. 

Fig. 9 
Two-channel remote amplifier with carrying case. 

Fig. 8 
Internal view of single channel remote amplifier, 
showing printed chassis for amplifier and line pad. 

Fig. 10 
Microphone booster amplifier. 
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