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Preface

Radio is a very important part of life today. Since its
beginnings in the early 1920s. broadcasting has undergone
many changes. net only in its style of operation. but in its
adoption of new technologies as well.

Although AM broadcasting is the older service—FM, after
its faltering start in the late 1940s—caught its second wind in
the 1960s. and today it is an important broadcast service. While
different transmission techniques are required of AM and the
FM stations, in every other aspect they are the same. In this
book, they are treated as one—a radio broadcast station.

The role of individuals in broadcasting. including
engineers, has also changed. While operational changes and
new technologies have on the one hand. reduced the actual
number of engineers required at a station, the need for greater
knowledge and more maintenance by those remaining has
increased.

From personal experience of 30 years as a broadcast
engineer. I know that when problems develop or it is necessary
to do major maintenance in the middle of the night. the
broadcast engineer needs practical answers to problems
rather than theoretical exercises. In this book. the material is
presented with a practical view, little mathematics. and
hands-on theory concepts. The engineer in the field needs to
“put a handle” on the theory so he can produce practical
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results. And in the end, correct results are what count; and not
the theories that led to these results.

My book views the station as a complete system and
encourages the engineer to view his station and technical
problems that develop in the same manner. So that
maintenance is not done haphazardly or inefficiently, methods
are suggested for planned routine maintenance that work for
the engineer. Some general theory is presented on how
equipment works, but the main emphasis is on operation and
maintenance, including methods of performing required
annual audio proof-of-performance tests.

Patrick S. Finnegan
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Chapter1

Typical Broadcast
Systems

Every broadcast station is shaped by its market. economic
forces, programming type and style. environment, and many
other factors. These factors result in each station becoming a
unique entity. It is very doubtful that a typical or average
station could be described with any degree of accuracy, but
even though each station is unique. all stations have many
things in common. And one thing all do have in common is the
need for technical maintenance.

Because of this uniqueness of each station, the engineers
charged with the installation. maintenance, and operation of a
station must be able to shape general principles into a form
that apply at that particular station. And to apply the general
principles to that station. the engineer should have an
understanding of its technical system.

In the discussions that follow. some of the factors which go
into the shaping of a station are discussed briefly. and then a
method is explained which can help the engineer bring the
technical operation of his station into better perspective.

The physical arrangement of the station and many
operational factors dictate some of the basic equipment
requirements. These also contribute to the technical
complexity of the station and the maintenance problems.

COMBINED STUDIO-TRANSMITTER

This arrangement is popular at many stations (Fig. 1-1),
but all can use it. All of the studio and transmitting equipment

9
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* TRANSMITTER

Fig. 1-1. Combined studio-transmitter arrangement. This is the simplest
form and requires the least equipment.

is housed under one roof with the antenna nearby. The control
room. studios, and transmitter are all clustered together for
ease of operation. The transmitter may be located in the
control room itself, or in an adjacent room where it can be
observed through a soundproof window. This arrangement is
the most efficient in operation and requires the least amount of
equipment. Also. the job of maintenance and making
measurements is easier to perform.

There are at least two variations of the combined
studio-transmitter arrangement (Fig. 1-2). Although the studio
and transmitter are combined under one roof, the transmitter
may be located in another room or on another .floor. The
transmitter is no farther than 100 ft nor more than a floor away
from the operator. Whenever the transmitter is moved away
from direct visual and manual access by the operator,
additional equipment is required and the system’s complexity
increases. Maintenance problems increase in direct
proportion. The transmitter must have extension meters, and
there must be a wired control so the operator can monitor and
operate the transmitter.

In the second variation, the transmitter may be over 100 ft.
and several floors away. Once the transmitter has been moved
out past the limits described in the first variation, the station
requires special FCC authorization, and a regular remote
control unit must be used. Such arrangements are often found
where tall buildings are available. The transmitter is located
on the top floor and the antenna on the roof of the building. The

10
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Fig. 1-2. Two variations of the combined studio-transmitter arrangement.
In A, the transmitter is not over 100 feet away nor more than one floor
away. In B, we have the second variation, in a tall building. This requires
FCC remote control authorization.

building supplies tower height. and the use of a floor close to
the tower will reduce the length of transmission line needed.

SEPARATE STUDIO-TRANSMITTER SITES

This is a very common arrangement (Fig. 1-3). The
studios are located at some convenient place in the city, while
the transmitter and antenna may be several miles away,
usually out in the country. This is also the most complex of the
arrangements and requires considerably more equipment.
Maintenance and measurements are more difficult to
perform, and travel time often becomes a factor. In those
stations that do not have operators on duty at the transmitter
site, security of the building also becomes a factor. Unmanned
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Fig. 1-3. A separated studio-transmitter arrangement. This is the most
complicated and entails considerably more equipment and maintenance
difficulties.

transmitters must have an FCC remote-control authorization
and an approved remote-control unit in operation.

The two sites must have an interconnection link. There
must be an audio circuit, a circuit for controlling functions of
the transmitter, and provision for monitoring transmitter
parameters. The interconnecting link is often provided by the
telephone company. but it may also be a station-owned
microwave link.

TYPE OF SERVICES

AM and FM stations. while both engaged in broadcasting,
operate in different services. Everything at the transmitter
and beyond is also different. So the service affects the
equipment required, and maintenance problems are also
different. The audio equipment can be the same for both types
of stations. as long as the FM is a monaural service.

STYLE OF OPERATION

The *'live’ style of operation will dictate a certain number
of equipment items as well as their arrangement. This type of
operation is used by many stations. Typically,the majority of
programming comes from records played on turntables in the
control room, operated by a combo man (one who also acts as
an announcer). In another live situation, there may be both an
announcer and an engineer performing the work in two
different rooms—that is. an announcer’s booth and a control
room working together. The combo arrangement usually
requires the least amount of equipment.

12




STEREO OPERATION

For FM stations that operate in stereo, the equipment
requirements literally double from those of monaural
operation. And stereo places more exacting demands on
equipment performance and operating practices. This also
creates numerous maintenance problems. There must also be
special stereo monitoring equipment and an FCC-
approved stereo modulation monitor for the transmitter. And
to convert the left and right audio channels to a composite
signal which modulates the transmitter, a stereo generator is
required.

At this time there are two additional stereo proposals
before the FCC, but as yet there has been no approval. These
are for quad stereo and AM stereo. The quad method uses four
channels instead of the present two. Quad is being transmitted
now. but it is converted to two-channel for transmission and
then converted back to quad at the receiver.

The proposal for stereo on AM is for two-channel system.
The main carrier would be amplitude modulated as is now
done. and the subchannel would phase modulate the carrier.

ANTENNA SYSTEMS

The antenna system of a station is often a very strong
determining factor in how the station is arranged and the
equipment to be used. Besides the technical requirements,
there are often site problems. And when an AM station must
use a multitower, directional antenna system, the equipment,
problems, and maintenance all multiply rapidly.

The FM antenna must have relatively great height
because of the transmission characteristics at VHF The
antenna itself is relatively small. so it must have some tower
or other supporting structure for height. The antenna may be
mounted on a short pole above a tall building. or on its own
tower mounted on the ground. In either case, a transmission
line is necessary to cary the RF from the transmitter to the
antenna. Long lines in not-too-accessible locations make it
difficult to perform maintenance, and when repairs are
necessary, rigging equipment and tower crews must be called
into do the work.

While the tower is the supporting structure for the FM
antenna, in AM the tower itself is the antenna. Although many
stations can operate with only a single tower, a great many of

13



them must use a multitower directional system. These
systems require several towers working togeher to obtain the
required radiation pattern. Still other stations use two
different directional patterns. one for day and the other for
night operation. The tower is actually only half of the antenna.
The other half is the ground system underneath the tower,
made up of many copper wires fanning out from the base of the
tower at least as far from the tower as its height. These can be
simple two-tower arrays or multitower arrays. They all
increase the station’s complexity.

To demonstrate how various factors can shape the station
into a unique individual and affect its operation and
complexity. one station with which I had a special problem
required two different directional patterns for its day and

TRANS. - _|
; ey CTehOME |
SITE 1 FOR DAYTIME '
PATTERN |
|
|
[
c
<
[+ W
<
[72]
w
2
| =2
| |
|
I
SITE 2 |
I
-

DIRECTIONAL

Hiaits FOR NIGUTTIME

™
LIS PATTERN

Fig. 1-4. A station with a real problem. It takes two separate transmitter
sites and antenna arrays to soive it. The two were located 11 miles apart.
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night operations. It wasn’t possible to create these two
patterns from the same set of towers at this site (Fig. 14).
Consequently. it had to erect an additional multitower antenna
system at another site 11 miles away! There are two different
transmitter sites, one for the day operation and one for the
night operation. Fortunately, there are only a few stations with
problems such as this.

Directional antennas take up a lot of real estate, which is
one of the reasons that most of them are located out in the
country. There are many stations today that operate with a
directional system within the city limits, but in most cases
these stations had origionally built out in the country and the
city grew out past them.

PERIPHERALS

Peripheral operations abound at any station. These are
programming activities that cluster around the core of the
station and make a heavy contribution to the station’s
programming. One important area is the news-gathering
operations and the news room. Newsrooms today are often
very well equipped with many electronic items.

Not necessarily associated with news. but often used by
the news department, are the mobile remote pickup
transmitters. Some stations have several of these units. The
remote pickup requires its own peculiar methods of
maintenance, and it generates its own problems as it also
involves a somewhat different technology.

Additional program services—such as connection to a
national, regional, or sports network, and the station’s own
remote broadcast arrangements—contribute to the station’s
complexity.

AUTOMATION SYSTEMS

Program automation systems. whether used on a
part-time or fulltime basis, rapidly multiply the needed
equipment units, and if the system operates in stereo (Fig. 1-5)
doubles its complexity and maintenance problems. When all
the station’s programming passes through an automation
system, there is a need for recording booths for local
production purposes. How well these are equipped depends
uponhow much of the automated programming iscreated at the
station. In a station that uses full automation of its
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programming. there usually isn’t acontrol room as this term is
used in the general sense. One of the production booths must
have some arrangement so that it can be placed on the air as a
substitute for the automation system when the system fails.

COMPLEXITY AND MAINTENANCE

It should be very evident that whenever a station grows
more complex for any reason there is a direct growth in the
number of equipment items in use. And along with this growth
in complexity and equipment numbers, there is a greater
mumber of equipment failures. This is because there are just
more things that can go wrong. Consequently, there is a need
for more and better maintenance.

SYSTEM DIVISION

Although the discussions in this book must, of necessity,
deal in generalities. the engineer on the job must always try
relate these general discussions to the particular station for
which he is responsible (Fig. 1-5). Even though one station

Fig. 1-5. Program automation systems increase the station's complexity
and maintenance. Shown is a major program system by Systems Market-
ing Corp. (Model 3060), using a sequential programmer.
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may have the same equipment lineup and may operate
similarly to another, they will not necessarily have the same
problems. Always remember that each station is unique. Each
of its parts has its own stresses, wear. and possible abuses.
For example, one station may have an operator who programs
the automation computer keyboard with a feather touch, but
another station may have an operator who pounds on the
keyboard as if it were an ancient typewriter. It goes without
saying that the latter station will soon have to replace keys on
the keyboard.

So that engineer can develop a better understanding of his
own station and its operation, the overall system should be
divided into many separate parts. This does not mean that the
equipment should be physically rearranged or even that the
divisions need be written down on paper. However, drawing
the divisions out in simple block diagram form could prove
helpful. especially when new members are added to the staff.
But the divisions should essentially be done in the engineer’s
mind.

THE MASTER SYSTEM

This is a term that can be applied to the station’s complete,
overall electronic operation, from its microphone inputs to its
antenna outputs. Everything within this system must interface
properly and work together as a single unit to produce the
station’s signal. This master system is made up of many parts
that all dovetail together. And this master system can be
divided into subsystems in a descending order of importance
to master system. See Fig. 1-6.

Major Subsystems

The first division of the master system is the major
subsystem. There can be several major subsystems of equal
importance. A major subsystem can be described as an
operational area in which a number of units work together to
create a somewhat independent product or activity. One
example would be the studio area of a station. All of its various
subsystems work together to create the station’s audio. This
product is generally used to modulate the transmitter, but it
can also be used for other purposes. It could. for example, be
fed to a tape recorder. The recorded program could be sent to
other stations or reserved for use at another time.

17



This same thinking can be applied in division of the master
system into other major subsystems according to the
particular station arrangement. But do not have divisions into
major subsystems, than the particular situation warrants.

MASTER
SYSTEM
MAJOR MAJOR MAJOR MAJOR
SUB-SYS SUB-SYS SUB-SYS SUB-SYS
A
*ETC. *ETC. fETC.
MINOR MINOR
SUB-SYS SUB-SYS

'

MINT [MIN] MIN MIN MIN] MIN
S1LS éﬂ SJLS

Fig. 1-6. Basic outline of the master system division into subsystems. This
is similar to a company’s personnel organization chart. Subsystems at the
low end of the stack play the least role in the station’s system.

Minor Subsystems

Each major subsystem can then be divided into minor
subsystems, and, again, each of these ranked according to the
importance of its role within that major subsystem. And each
minor subsystem can be further divided into its own
subdivisions. This dividing and subdividing creates a pyramid
structure, all narrowing from a broad base to the single
master system at the apex.

Many individual items that are low ranked in this
particular arrangement are very expensive, high-quality units
that can stand as master systems in their own right—but in
other situations. A tape recorder, for example, is a complete
unit in itself and can stand alone. But when used in the control
room as a program source, it plays a lesser role and therefore
is ranked as a minor subsystem. Thus, use in the operation
determines the ranking.

18



Maintenance Aids

Dividing the station into its various parts proves very
helpful to an engineer when problems develop and must be
corrected in a hurry. It also helps the engineer visualize the
total operation and not become confused by an apparent
variety of independent operations. When he understands the
total operation. he can quickly isolate problems to specific
subsystems. Then another minor subsystem may be
substituted. or bypass arrangements can be made so the
station can continue its programming with little interruption.

COMMON DIVISIONS

As was pointed out earlier. each station is unique, but all
have many things in common. In this chapter. we use the
division method and discuss some of the equipment found in
the various subsystems of a station (Fig. 1-7). In later
chapters, those various equipments are discussed in more
detail.

MASTER SYSTEM

- = === == = == == =——-= 1
| |
| |STUDIO CONNECT- TRANS- ANTENNA| |
I |AREA ING MITTER SYSTEM | |
| LINK AREA |
I )
I —_———————— -

(ACTIVITY FLOW FROM LEFT TO RIGHT)

Fig. 1-7. The most common division of any station into four major sub-
systems.

Any station’s master system can be subdivided into at
least three or four major subsystems. Some stations may have
more, but all will have at least this many. These major
subdivisions are: studio area. connecting link, transmitter
area, and antenna system.

THE STUDIO AREA

This major subsystem is composed of a variety of minor
subsystems, surrended by many peripheral subsystems, all
working together to produce the station's programming (Fig.
1-8). Further subdivision can be made in this manner: control
room and its minor subsystems; recording booth and its
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Fig. 1-8. Typical minor subsystem of the studio area. This is similar to a regular block diagram, except
placement should be according to importance of role.



subsystems; second recording booth (if used); audio
processors (if used at this location); peripheral systems,
starting with the newsroom and its subsystems; remote pickup
base transmitter and mobile units; network connection,
regional network, and sports network: local remote lines and
QKT circuits (voice coupler); and EBS (emergency broadcast
system) equipment.

This is only a rough division, and each station should set its
own order of priorities according to the actual equipment it
has in use.

Control Room

This should be the highest ranking subsystem in the studio
area of any station that uses a control room. (Automated
stations may not.) In the control room, the highest ranking
equipment item should be the control console. All other
subunits feed into this console. there the programming
material is mixed. blended. and controlled in the desired
manner to produce the finished program product. The console
is often referred to as the control board. or simple board.

Microphone System

Microphones originate a considerable amount of
programming. whether live or recorded. For the live-tape
operation, in which the main announcers work out of the
control room, the microphones rank as a minor subsystem.
There may be one or two located in the control room. one or
two located in an announcing booth, and one or more located in
each studio that is in operation. All of these feed directly to the
console and are controlled by it. Microphones are low-level
devices, so they must have preamplification. The
preamplifiers are generally located in the console itself,
although in some cases they are located in a rack.

Turntables

The second major source of programming is the
turntables. There are a minimum of two turntables in the
control room. It is extremely clumsy for a disc jockey to do a
music show with only one turntable.

Although the term turntable is often applied to this
program source, it is really a system made up of several
subsystems: the turntable itself, drive meter, cabinet,
cartridge and stylus, tone arm, equalizer, and preamplifier.
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The signal output of the pickup cartridge is a low-level
signal that requires amplification. The usual practice is to
locate the preamplifier and equalizer in the turntable cabinet
itself. close to the tone arm. The equalizer may be a separate
vnit, or it may be built into the preamplifier. The preamplifier
brings the low-level signal of the cartridge up to program level
of +8 dB (decibel) or the level desired.

Tape Recorders

Another important program source for the console is the
tape machines in the control room. Tape machines may be of
the open-reel type or the cartridge type. The cassette recorder
isanother type that is increasingly common.

In most cases. the open-reel machine is basically a
two-system machine. That is. it is both a recording machine
and a playback machine. It is the playback section of the
machine that is used as a program source for the console. It
may play tapes that have been recorded on this machine, other
machines, or tapes that have been sent to the station. The
playback amplifier can provide normal +8 dB program output
levels.

The recorder section of the machine also has much use in
the control room. The input to the recorder is often a selector
switch so that the recorder can record from many sources.

Cartridge tape machines are newer than the open-reel
machines, and all stations have two or more of these machines
in use today (Fig. 1-9). Besides the different method of
handling the tape. the configuration of these machines is often
different. That is. many are playback-only machines which
can play only prerecorded tapes. And there are often
multideck machines that incorporate more than one playback
section in the same unit. In the multiple units, some of the
functions are shared. such as the cabinet. drive meter. etc.
Ordinarily. each has its own head. playback amplifiers, and
control circuit. When multideck units are employed. each slot
is often referred to as a tray. For example, a machine may be
a 3-tray unit or a 48-tray unit. The output of each of these trays
or each unit is normally at program level of +8 dB.

A cartridge tape system is somewhat limited if only
playback machines are used. So there is one or more recording
units in the station, although the control room may have only
one.

22




Fig. 1-9. Cartridge tape equipment comes in many styles, from the
single tray unit to muititray units such as the 24-tray model shown here.
(Courtesy Systems Marketing Corp.)

Peripherals

As mentioned earlier, there are usually many peripherals
in the studio area. They vary from station to station, not only
in type, but in numbers. Most stations have a newsroom. And
how large this area is depends upon how much the station does
in the news area. A major newsroom has a small console or
mixing arrangement along with open-reel and cartridge tape
recorders. There s a variety of electronic sources used in the
news-gathering process; some may be portable and others are
telephone circuits in the station. Most of these sources are
channeled through the small console or mixer, so that editing
can be done and completed news tapes produced. In many
stations. the newsroom is well equipped so that it acts as a
subsidiary control room for news programming. That is. when
it comes time for the news. the newsroom is switched into the
main control room as though it were a remote program. and
the news is presented from the newsroom itself.
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There are many other items that are helpful in the
news-gathering process, such as receivers that monitor police,
sheriff, and fire channels. There also may be a base
transmitter-receiver located here for use of the remote pickup
mobile units for news stories.

Remotes

Many program sources originate outside the station and
are brought into the station over telephone circuits, or there
may be remote pickup stations. Each of these is fed into the
console in the control room for the switching, blending, and
other processing needed. Programs may originate at stores,
auto showrooms, fairgrounds, or any place that makes a good
program or news source. These wire circuits are called
broadcast loops and are leased from the telephone company for
the occasion. Some may be equalized, others not, depending
upon the quality of circuit required.

QKT Circuit

This type of circuit has become popular in recent years
because it can be less expensive on a long-distance broadcast
than regular broadcast loops. The QKT, also called a voice
coupler, is supplied by the telephone company. It is a regular
telephone that contains either an exclusion key, or a cutoff
key, and a transformer to connect the station's remote
amplifier to the telephone circuit. The broadcasts are handled
as regular long-distance telephone calls. At the studio, it is
necessary to arrange a connection to the telephone company
circuit for the phone number in use, that is, a connection to the
console.

Signal Processing

There may be several processors in the studio area. These
are devices such as AGC amplifiers, peak limiters, equalizers,
etc. They may be used at any place this action is required. In
combined operations these follow the console output, but in
separated operations they may be placed at either or both ends
of the connecting link.

Processors are also used with production booths, and AGC
amplifiers are often used to control incoming levels from a
remote line. Here again, the use and location of the processor
determines its ranking in your divisions.
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Other Program Sources

There may be a variety of program sources feeding the
console besides the equipment in the control room. Each
station would apply a ranking to the source according to its
importance to the station. That is, if the station carried a very
heavy schedule from a sports network, this network is given a
higher ranking that an occasional remote. Other sources can
be from a sister AM, FM, or TV station the newsroom, or a
production booth acting as a subsidiary control room.

EBS Equipment

All stations are required to have a receiver that receives
the EBS alerts from key stations, and they must also send out
EBS tests each week. The new FCC rules. which went into
effect April. 15. 1976. require that a dual-tone system be used.
That is, two tones—3853 Hz and 960 Hz—are transmitted for 22
seconds. The receiver must be in operation all the time the
station is on the air and must set off alarms when the alerting
signal is received. There have been many changes in this
system since its origination.

THE CONNECTING LINK

The second major subsystem that some stations have is
the connecting link between the studio and transmitter. For
stations with the transmitter in the control room, or in the next
room, the connecting link is simply a pair of audio cables. A
simple arrangement like that is hardly considered a major
subsystem. But many stations have their transmitter out of
sight and out of reach of the operator. The connecting link then
does become a major subsystem.

Whenever the transmitter is far away from the operator,
he must be able to monitor and control it. as well as feed the
audio signal to the transmitter for modulation. There must
always be an audio feed from the studio to the transmitter for
the program audio. So let’s consider that first.

Audio Circuit

The audio circuit is perhaps the most important subsystem
of the link. The quality of this circuit must be as least as good
as that required of the rest of the station itself. The
audio-frequency response, distortion, and noise are the basic
characteristics, although line losses are also a factor. A simple
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way to remember the quality of line needed is to consider the
limits allowed when making a proof of performance. All the
system audio must pass through this circuit. These are usually
telephone lines that are equalized. And if the station transmits
stereo. two identical circuits are needed for the left and right
audio channels.

Transmitter Control

The operator must be able to do everything (almost) to the
transmitter at a remote location that he can do to it while
standing in front it—at least the controlling functions of
turning it on and off, raisng power, etc. This involves a
remote-control system. There are different models of
remote-control units. and some of these use metallic telephone
circuits. There is a sending unit at the studio which controls
the different functions of the transmitter through a receiver
unit at the transmitter site.

Metering

All of the important parameters of the transmitter must be
metered. The parameter samples are sent from the unit at the
transmitter site to a receiving unit at the control point, where
they operate one or more meters. These devices usually scan
the samples in sequence, and the unit at the control point is
sychronized to this scan. In the simple units, these are
stepping relays that send DC (direct current) voltage samples
back to be measured. A single pair of wires is needed.

Sophisticated Units

Besides the simple control units, there are many modern,
sophisticated units. These are basically digital devices that
convert analog samples and control functions to digital
signals. These use (frequency-shift keying) of an audio
carrier signal to transmit information over the lines, if
telephone company pairs, or the modulator of an STL
(studio-transmitter link) microwave unit owned by the station.

STL

As just mentioned, these are microwave links. Such links
are common in television stations and are becoming more
common for FM radio. They are not as yet very popular in AM
broadcasting. When the station uses its own microwave link,
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except for the quirks of Mother Nature on propagation, it
places the control of the connecting link back in the station’s
hands. The STL, by the way. only replaces the telephone
circuits that would otherwise be used. There must still be a
remote-control unit for the transmitter.

Monitoring

Transmitter parameters must be monitored—also the
antenna system, tower lights, and building security system (if
used).

Transmitter modulation must be monitored by an
approved modulation monitor. When the station is operating
by remote control, the modulation monitor must be located at
the remote-control point. When placed at the remote-control
point, an RF amplifier is often required to increase the RF
signal level so that the monitor can operate properly. When
work must be done at the transmitter site that requires a
monitor. there can be some extra difficulty in doing the
maintenance.

Controlling and monitering the transmitter from any
distance can become a rather complex operation (Fig. 1-10).
When the more sophisticated remote-control units are
employed. and a STL. then other technologies become
involved: digital and microwave. When dividing by the
subsystem method. the rank must be established aceording to
that which is used at a station. Several of these technologies
can be of equal rank. But always remember that the ranking is
relative: it is designed to help the engineer quickly isolate
problems that develop. as well as aid his understanding of the
overall station operation.

TRANSMITTER AREA

This is the third major subsystem of the master system.
This equipment receives the audio from the studio area,
develops the RF carrier, impresses the audio on the carrier as
modulation, and sends it to the antenna system for radiation.
This area includes systems that could be classed as major
systems, but in a station they work together as part of one
major subsystem.

Transmitting Gear

Any transmitter is composed of many internal
subsystems. Transmitters differ according to make, model,
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Fig. 1-10. Moving the transmitter out of direct visual view and control by
the operator increases station complexity and requires more circuitry and
routines. In A, the simple system requires nothing more than a pair of
audio wires. In B, there must also be wire control circuits and extension
meters. The further away the transmitter is moved, the more complex it
becomes.

power range, and type of modulation. The transmitter is
usually a self-contained unit that requires only an audio input
and AC power input to provide a modulated RF output to the
transmission line.

AC Power Input

Low-power units work on 230V AC, single phase., while
high-power transmitter employ three-phase 230V AC. Very
high-power units use 440V AC. this AC power is brought to the
building over high-voltage mains, then stepped down to the
230V by transformers on a pole or on the ground. It is fed to a
main power entrance, where there is fuse protection. Then it is
distributed throughout the building. One of these circuits feeds
the transmitter. In some of the older transmitters (and even
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some newer ones), the transmitter crystal is installed in an
oven; this even usually has a separate AC circuit. The power
feed should be through conduit.

Audio Input

The audio from the control room must be fed to the
transmitter audio input. This audio is usually run through
processors before it gets to the transmitter itself. There
usually is an AGC amplifier to control program levels and a
peak limiter right before the transmitter. There may also be
speech enhancers or other dyamic equalizers in the line also.
The AC and limting amplifiers may be combined in a single
unit or may be separate units. When the transmitter is at a
distance, these processors may be split up. or they may all be
at the transmitter site. Much depends upon individual
preferences and the particular situation. There are different
types of processors used for FM and AM, as well as a different
arrangement when stereo is in use. The same types can be
used. but today the ordinary AGC amplifiers and peak limiters
are giving way to more sophisticated ypes.

Peak limiters, designed for AM, switch the highest peak of
a cycle to the positive modulation side before sending it into
the transmitter. This allows the positive modulation to be
higher than 100%. and at the same time limit the negative side
to no more than 99% modulation. The output of these units are
polarized.

FM peak limiters must contend with the 75 microsecond
preemphasis in the transmitter. So some shape the audio to a
true preemphasis curve by clipping. if need be, so as to attain
a higher degree of modulation without overmodulating. Both
stereo AGC amplifiers and limiters are strapped together so
that they operate as a single unit, although controlling both left
and right audio channels.

Stereo Generator

With stereo, the audio signals must be processed through a
stereo generator before they are fed to the transmitter input.
The generator is a very important subsystem in the stereo
process. The composite output of the generator modulates the
transmitter—not the audio signals themselves. The generator
output contains both audio and supersonic signals that have
been specially processed.
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Monitoring

The monitoring of the transmitter can be classed in two
categories: the modulation and the parameters.

Modulation—There must be an FCC-approved modulation
monitor in operation. The AM monitor has provisions for
monitoring the positive or negative modulation envelopes,
provides audio output for speaker monitoring (after
amplification), and provides outputs for measuring audio
distortion during proof-of-performance measurements. The
FM monitor provides the same capabilities as the AM monitor,
except that the positive and negative modulation is not as
important. The FM station does not use asymetrical
modulation as do many AM stations. If the FM is stereo. there
must be an FCC-approved stereo monitor. This monitor has
many additional capabilities and provides many switching
positions and pads for making the stereo proof measurements.

All monitors will have provisions for remote metering of its

various functions necessary for the FCC-required monitoring
of percentage of modulation. These functions can be routed
over an extension-metering arrangement.

Parameters—Certain parameters of the transmitter must
be metered and logged. When on remote control, or if
extension meters are used. a sample of the parameter must be
provided. Most modern transmitters already have the
samplers built into them. Older transmitters, however, may
not have the samplers. and these must be added. The
output-stage power input—that is, voltage and current—and
the transmitter power output must be logged. There may be
other samplers provided also.

Transmission Lines

Once the RF signal has been generated and modulated, it
is sent to the antenna over transmission lines. Some stations
still use the old open-wire transmission line, but the majority
use coaxial line. Coaxial lines come in different diameters, are
either rigid or flexible, foam filled or air dielectric, and may
be bare on the outside or jacketed. Air systems may use dry
air or gas under pressure. Pressurization may be done by gas
cylinders or an air pump.

The length of the line between the transmitter and tower is
called the horizontal run. This may be suspended on posts or
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buried under ground. When the line feeds an FM antenna, it
must also continue up the tower. This is called the vertical run.

When a transmission line is not properly terminated,
standing waves are set up along the line. That is. some of the
transmitter power is reflected back to the transmitter. The
standing-wave ratio (SWR) is the ratio between the forward
and reflected powers. If the voltage of the waves are used in
the calculations, the termis VSWR.

Standing waves on the line can cause damage to the line
itself or to the output stage of the transmitter. FM trans-
mitters use a device that monitors this VSWR and shuts the
transmitter off when VSWR reaches a predetermined value.

Cooling Systems

Transmitters must have cooling for proper operation.
There is a subsystem built into the transmitter to provide its
cooling. The air or water temperatures in the cooling system
are sampled. and if the flow stops or decreases. an interlock
shuts the transmitter down.

Transmitters are also designed to function within certain
ambient temperature ranges, that is, operating temperatures.
Either end of this range may be uncomfortable for humans.
But if the ranges of air temperatures vary outside the
transmitter limits. cooling or heating must be added.

ANTENNAS

The antenna system is the final point where the station has
control over its signal. The antenna system is complex enough
to be classed as a major subsystem; this is particularly true of
the multitower AM directional systems. AM and FM antennas
are classed in different categories. Their treatment is
different because of the difference in frequencies. They
require different operating and maintenance practices.

AM Antenna

This may be a single tower, or many towers in an array.
The tower itself is the antenna. so its height has a definite
relationship to the station’s carrier frequency. Thus a vertical
antenna is used. with the other half of the antenna system in its
ground system. Primary coverage in AM broadcasting relies
on the ground wave signals. The ground waves are more
limited in distance but are more reliable than sky waves. But
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sky waves do enter the picture, and that is the reason stations
cut back power at sunset and change to directional patterns,
for the sky wave reaches farther after sunset.

Antenna towers may be either self-supporting or guyed.
When guys are used, they are segmented with insulators so the
guys do not affect the radiation of the signal. The guys are not
part of the antenna; they are only for support.

The antenna may be series fed or shunt fed. There are
some shunt-fed towers around today, but the majority are
series fed. In this method, the antenna must be insulated from
ground.

Coupling Units

When a series-fed antenna is used. a coupling unit must be
used to match the transmission line to the antenna. This unit is
usually a T-arrangement of coils and capacitors which
matches the impedance transmission line to the tower,
cancelling out any reactance of the tower itself.

In a directional system, each tower has a coupling unit,
but there are also power dividers and phasers that divide and
distribute the RF to the different towers in the array in the
amounts needed to obtain the desired pattern. The whole
system is interconnected with coaxial transmission lines.

Antenna Monitoring

In the single-tower. omnidirectional system, the power at
the base of the antenna must be measured as the station output
power. In a directional system, the power to the common-point
feed of the system is measured for power output. And the
phases and base current of each tower must be sampled and
fed back to a phase monitor so that the proper operation of the
antenna can be observed as an operational requirement. The
samplers for this are usually small loops mounted at the
appropriate place on each tower, or on poles away from the
tower, yet close enough to get an adequate sample. The RF
samples are fed back to the transmitter room over
small-diameter coaxial lines.

FM Antenna

This antenna is small in physical size because of the
carrier frequencies (VHF) used. Because of the small size,
many antennas are often stacked one above the other, suitably
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spaced. This arrangement provides power gain. Each one of
the units is called a bay; the whole array is the antenna. A
directional pattern is possible when antennas are stacked, but
the usual pattern is circular (but with increased power gain).
Although each bay may be small, a typical 12-bay antenna can
measure 100 feet in length.

FM Propagation—Signals at VHF behave far differently
than those in the AM broadcast band. They tend to travel more
in the line of sight, although they do get far over the horizon.
They suffer more propagation losses. To overcome some of
these factors, the antennas are mounted as high as possible
within the limitations set by the FCC. This ordinarily requires
a tall steel tower, unless a suitable building or other tall
structure is available.

Weather Effects on FM Antennas—Weather affects the
FM antenna far more than it will the AM antenna. Heating and
cooling by the air or sun can cause the elements to expand or
contract and detune the antenna. The most serious problem is
sleet or ice forming on the antenna. This will seriously detune
the antenna and cause serious VSWR losses on the transission
line. To overcome this roblem, heaters are inserted in the
antenna elements to melt any sleet or ice. These heaters are
operated from 120V or 230V AC and are usually
thermostatically controlled by a unit mounted near the base of
the FM antenna. In some areas of the country, where icing is a
very severe problem, the entire antenna is often enclosed in a
radome.

Towers

Towers are used as supporting structures for FM antennas
or as the antenna for AM stations, or a tower may serve in both
capacities at the same time. Aside from the electrical
characteristics and consderations as antennas, towers are
large physical structures that require maintenance if they are
to remain standing for many years.

Both for greater visibility and weather protection, the
towers are painted. This painting and the colors used must
conform with the FCC rules. The painting is mainly for
visibility. but it does add increased weather protection. Other
methods, such as galvanizing, will contribute the major share
of weather protection. Weather is not the only thing the metal
must be protected from, for these are other chemical
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elements. such as salt near the oceans and a variety of
chemical elements added to the air in industrial areas.

Also for visibility. the towers must be lighted, and the
lighting arrangement must conform to FCC standards. The
rules specify a different arrangement for different tower
heights, depending on whether the location is close to an
airport or air lane. The lighting system requires 120V AC, and
there must be one or more flashing beacons and side-marker
lights at different levels. These lights must be turned on at a
certain level of sky intensity (light), which is usually sensed by
a photecell. This lighting must be observed each day for
operation and then logged. If the tower cannot be visually
observed. then samplers must be included that send data back
to the control point to indicate that all lamps are operating
properly. A new method of lighting recently developed is
high-intensity strobe lighting. This type can be seen farther
than conventional lamps.

Lightning Protection—Of course, a tall tower makes a
likely target for lightning. Lightning develops tremendous
forces. and the best we can do is divert it to prevent damage.
Unless some precautions are taken, damage can result the
elements in the tuning section. transmission line, transmitter,
and transmitter building. Some very complex arrangements
have been developed to prevent lightning strikes. Old-time
remedies make use of lightning rods on the tower, ball gaps
across the insulator of an AM tower, and static-drain chokes.

Isolation—The AM tower must be insulated from ground.
But there are many metallic conductors that need to cross the
base—or at least the signals they carry must cross the
base—so special arrangements must be made.

Tower lighting and heaters for FM antennas require 120V
AC. There are two ways to cross the base with AC power. The
first is the large open-ring transformer. There is no connection
except through the magnetic flux of the transformer windings.
The second method feeds the AC power through large RF
chokes.

FM antennas may be mounted at the top of an AM tower.
The coax transmission line must cross the insulator at the
tower base. Again. there are two methods of doing this. The
preferable way is through an isolation unit. There is no direct
connection to this unit. It maintains the impedance
characterisic of the coax line. The second method makes use

34




of an insulated quarter-wave section of the coax line. The
quarter-wave length is figured at the FM carrier frequency.

When directional AM antennas are in use, the RF signals
from the samplers are fed back over small coaxial lines. These
must cross the base. Usually, large coils of the line are formed
in an amount that creates an RF choke at the AM frequency to
prevent shorting out the base. In another arrangement, the
sample loops are on small wooden poles on the ground, but
close enough to get an adequate sample from the tower.



Chapter 2

Maintenance Techniques

The term maintenance is a general term often used to cover
any technical work on equipment. But there are different types
of maintenance which can be divided into at least three
general categories: troubleshooting. routine or preventive
maintenance, and updating or modification.

TROUBLESHOOTING

Technical problems occur almost daily and may range
from simple operational problems to major equipment
breakdowns. The more units of equipment in a station, the
higher the proportion of equipment failures. There are simply
more things that can go wrong.

Troubleshooting is different from other forms of main-
tenance in that it is directed at failures in the operation, which
often require attention.

Troubleshooting may be defined as: the application of
general and specific knowledge, in a systematic manner, to an
evident problem, so that data may be collected upon which a
rational judgement can be made as to the solution and
correction of the problem.

Each phrase of that definition has a special meaning and
should be studied carefully (Fig. 2-1). For a better un-
derstanding, then, let’s take each of the phrases and explore it
more fully.
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Application of General Knowledge

The troubleshooter must have a general understanding of
basic electronics. He needs to know how components work and
how they work in circuits, he must have some general
knowledge of circuits and the particular technology in which
the fault lies. For example, if it is an audio problem, he must
understand audio systems, and if it is an RF problem, he must
know general RF technology. Unless the troubleshooter has a
good grasp of the fundamentals, he is groping in the dark! He
could, in fact, cause more damage than he corrects. And in
some sections of the system. such as high-voltage areas of a
transmitter, he could cause himself harm.

Specific Knowledge

Although a good understanding of the fundamentals can go
a long way in solving problems, efficiency dictates that the
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troubleshooter have a reasonably good understanding of the
particular system and its equipment components. This is not
about systems in general—for example, how transmitters
work—but how a particular one works.

Systematic Manner

The engineer should follow definite routines or procedures
in his search for the fault., rather than jumping around
helter-skelter like a grasshopper. Without definite procedures,
his efforts may be very inefficient, ineffective, and un-
productive.

Evident Problem

This means that something in the system is acting ab-
normally or has failed. Actually. this is crux of trou-
bleshooting. A problem already exists; it has happened and-
needs correction. Other forms of maintenance are
anticipatory, but the troubleshooter must chase present
realities.

Data Collection

One of the major aspects of troubleshooting is asking
many pertinent questions and obtaining correct answers.
Questions must be asked of those who were operating the
equipment when it failed. and questions must be ‘“‘asked” of
the system by checking various meter readings and any other
source that turns up data which helps in the solution of the
problem.

Rational Judgement

Without facts, there can be no judgement—only guess-
work. The gathering of data turns up facts and also turns up
many irrevelant bits of information. These must be sorted out
so that only pertinent facts remain upon which to make a
judgement. When asking questions of nontechnical people who
may have been operating the equipment at time of failure,
extreme care must be used in assessing the answers they give
so that real information may be uncovered.

The Solution and Correction of the Fault

In the sense used here, solution and correction are not the
same thing. Solution means that the fault has been uncovered,
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and the engineer knows what it takes to restore the unit to
normal. Correction means the steps taken to get the system
operational again, even though this may be some temporary
arrangement, such as bypassing the unit or substituting with a
spare unit.

DEGREES OF TROUBLESHOOTING

There are degrees of troubleshooting just as there degrees
of severity in problems. Consider a few examples that can help
describe both.

In the first situation. the operator is sitting at the console
ready to switch up a very important program coming in from a
remote location. He is tense and doesn’t realize he has his hand
on the wrong key. When the time comes to switch, he throws
that wrong key! Now he panics and calls for help. Technically,
this is a simple problem (although it may not sound that way
on the air). Solution calls for finding the correct key;
correction calls for turning it on and the wrong one off.

In the second case. it is the same situation, but instead of
the wrong key. he does throw the correct key—the console goes
dead (the fuse blows). Technically. this problem is more
severe and requires a little more troubleshooting.

Another example—assume that at the moment he throws
the key, his air monitor goes dead and alarms warn that the
transmitter is off the air! The fault this time is a burned-out
section of rigid coaxial line, and there isn’t a spare section in
town. Technically, this is a very severe problem, and it
requires considerably more expertise on the part of the
troubleshooter in finding the fault. Besides that, in this case it
also takes a considerable amount of latent ingenuity—or
friends at a neighboring station with a spare section of line—if
he is to get the transmitter back on the air with little loss of air
time.

Troubleshooting can be translated into its long-term and
its short-term aspects. Quite often, both of these aspects come
into play when a problem occurs.

Short-Term Troubleshooting

In the short-term sense, time is usually a critical factor.
That is, something fails and must be corrected immediately or
within a short time. For example, a main program amplifier
fails, shutting off the program that is on the air. This fault in
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the system must be found in a hurry and corrective steps taken
immediately to remedy the situation. In this case, the de-
fective amplifier is found and is bypassed with a patch cord,
some level adjustments are made for the lack of gain, and the

_program is back on the air. Or the unit may be replaced with a

spare unit, which is patched into place, and the programming
resumes. Time is a critical factor in this example. since the
programming must be restored quickly. This is the short-term
aspect of troubleshooting.

Long-Term Troubleshooting

Whenever there is a defective equipment unit which is a
low-priority item and the correction can be done whenever
there are less pressing problems, then long:term aspects of
troubleshooting come into play. Again a defective amplifier
must be replaced with a spare unit or bypassed. But now time
is not the critical factor that it was in short-term
troubleshooting. With the system operating satisfactorily,
using the substitute amplifier, the faulty amplifier can be
repaired when time allows.

Although the short-term aspect took the master system or
at least a major subsystem into consideration while isolating a
defective minor subsystem (the amplifier), the same
troubleshooting technique is used to isolated the defective
component or fault in the amplifier. That is, for this problem,
the amplifier now becomes the master system. All of its
circuits and components become major and minor
subsystems.

Mental Attitudes

Since time can be an important factor in short-term
troubleshooting, additional elements enter the picture. One of
these elements is mental attitude. Loosely translated, this
means: the engineer’s tendency to hit the panic button!

When one has allowed himself be drawn into a panic
situation. his reasoning powers are severely hampered—he
simply cannot think straight. Under such circumstances,
much costly air time can be lost until the fault in the system is
remedied and programming resumed. Besides that, there can
be additional equipment damage caused by the engineer in a
condition of mental panic. He may, for example, begin twisting
every knob in sight, turning switches on and off, and even foul
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up special setup adjustments which can cause other units to
operate far out of tolerance and even burn up components in
them. In fact, anything can happen! To do his job effectively,
the engineer who is naturally excitable must learn to discipline
himself.

Lack of Knowledge

Besides an excitable engineer’s natural tendency to panic,
there are other possible causes of panic (Fig. 2-2). One cause is
the lack of a good, basic technical knowledge—in particular,
knowledge of the system and the parts with which he works on
aregular basis.

PANIC
LACK OF LACK OF LACK
EXCITABLE| | BASIC SPECIFIC OF A
INATURE ELECTRONIC KNOWLEDGE‘ METHOD
KNOWLEDGE

Fig. 2-2. Causes of a panic situation.

Another cause of panic can be the lack of a troubleshooting
method. Without some method. the engineer may make much
movement and effort but find it very unproductive of results.
Over a period of time, most troubleshooters develop some
method which they apply to help quickly isolate and correct a
problem. One such method is described a little later on.

Decision Making

When short-term troubleshooting has isolated the fault in
the system, decisions must be made in most cases. The de-
cisions may not always be made by the troubleshooter alone,
but he contributes his share to the decisions. And if he allows
himself to become panicked, he probably won’t be able to
make a satisfactory decision or contribute logical information
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to the decision-making process of others who may make the
final decision.

The scope of these decisions are tied to the facts in each
case. He may need to decide alternate routes or alternate
equipment for substitutions, or time may be an element in the
correction and he may need to assess this aspect. For
example, should he try to operate a faulty transmitter with the
PA (power amplifier) plates glowing white hot, wedging in the
circuit breakers, in hopes of staying on the air the last 5
minutes of an important broadcast? Will the tubes be
damaged? The broadcast could be of great enough importance
to warrant sacrificing the output tubes! Another example: A
component has failed and a spare is not immediately
available. Should he try to use one of less rating, and will it
hold up? It may not last long, and the transmitter will be
down again. So, would it take less time to dash off to the parts
store to get a replacement, or take a chance that the low-rated
part will hold up? Many such decisions must be made, and the
engineer needs a cool head. If he doesn’t have to make the
desision himself, at least he should provide correct
information on the situation and point out alternatives he can
provide, so that others responsible can make the correct
decision.

DEVELOP A METHOD

Any method eventually helps the engineer find the causes
of problems and correct them. However, whatever method is
used, it should be graded by its efficiency in terms of time,
effectiveness, and productivity of results. And whatever
method an engineer is using, he should review it from time to
time to see if it really does the job for him. Is it really a
method. or just a set of old habits? After all, what good is a
method. when through its use, it takes an engineer all day to
correct a problem that could have been corrected in a
half-hour?

Whatever method you use, review it from time to time
against changing technologies; make whatever adaptations or
modifications that appear necessary.

One Method

The troubleshooting method described here is one that I
have developed over the years It has proven itself successful in
most cases.
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When an equipment failure occurs, apply first the
technique of taking a mental step back from the equipment.
This mental step back is most important and is especially
helpful to an engineer who tends to hit the panic button. The
step back has the effect of mentally placing one outside the
situation so that he can be objective. It also allows time for the
reasoning machinery to get into gear. This mental step back
should only take a few seconds to accomplish. It is somewhat
akin to the saying,. “Look before you leap.”

Once the mental faculties are brought into proper
receptive mood, careful observation is made of the events
taking place. At the same time, proceed with the collection of
data and other facts that provide clues. As the data and facts
begin to pour in, the reasoning powers are brought to
bear—sorting, discarding, and isolating data—until a solution
is reached. As soon as a solution is reached, a decision is called
for on the part of the engineer. Since the correction of the fault
may not always be a simple matter, a decision must be made
on what course of action to take. One usually needs to decide
which course of action takes less time tor correcting the fault,
selecting alternate routes, substituting equipment, and so on.

Restating this method in condensed steps (Fig. 2-3): (1)
Take a mental step back from the equipment, (2) Collect data
and facts by a careful observation of what is taking place, (3)
Arrive at a reasoned judgement based on the facts uncovered,
(4) Make whatever decision is required.

The Wide View

Carefully observing events unfolding and collecting data
and facts must be done in a systematic manner.

Once you have taken the mental step back from the
equipment, look first at the overall system. that is. the master
system or at least the major subsystem in which the events are
taking place (Fig. 2-4). For example, if you were called about
a problem in a recording booth, it is highly unlikely that you
need to consider the station’'s overall master system. Consider
only the recording-booth system. This initial wide view
indicates that many parts of the master system are
functioning properly.

Next, proceed to a narrower view of the system, scanning
that section. With each step, make the view smaller in scope as
data and facts indicate portions are working properly, until
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you finally arrive at a very narrow view, which is the
particular fault or circuit in trouble itself. If the engineer has
divided his station system in various sections or subsystems as
described in the previous chapter, this scanning of the system
can be done in a very short time.

This technique of starting with a wide view and narrowing
the view progressively is similar to a TV cameraman covering
a baseball game. When action is about to begin, since he
doesn’t know what will happen, he opens his lens to a
wide-angle shot to cover a large area. As soon as the action
breaks and he can determine the direction it is taking, he then
begins zooming in with a progressively narrower view until he
ends up with a very tight closeup of the outfielder catching the
ball.

The Senses

All the senses should be brought to bear on the in-
vestigation of a problem, and this should also be done in a
systematic manner. For example, suppose a defective
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Fig. 2-4. Proceed from the wide view to a very narrow view.

amplifier hasbeen pulled out of the system, and troubleshooting
of the unit begins.

First, visually scan both sides of the chassis or circuit
boards, but do this systematically (Fig. 2-5). Read it as you
would a book or printed page. That is, start top left, read
across, then move down a section on the left side, and again
left to right, until the whole board is scanned. Continue this
process until both sides of the chassis have been scanned.
During the scanning, be on the lookout for obvious faults, such
as discolored or charred resistors and other components,
leaky capacitors, arc-over points, broken wires, etc. But even
if you find something of this nature, continue the scan until the
whole chassis is scanned. There can also be other defective
parts on the chassis, but at some other place or on the other
side.

Smell—Use your sense of smell at the same time you are
scanning the chassis. Overheated components, burned or
charred wiring and components, all give off distinctive odors.
Although the component is not used as much today as it was a
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Fig. 2-5. Scan the chassis or printed-circuit board as you would a printed
page.

few years ago, one needed only to step into the room where a
selenium rectifier went defective to know what it was. The
odor was very distinctive—rotten eggs. With a little practice
and experience, the engineer can soon learn to distinguish
these different odors, and they can be definite clues in locating
the problem.

Touch—While the visual scan is taking place and you are
on the alert for distinctive odors. the sense of touch can also be
used. But be careful if the power is on the unit, and also be
careful not to get burned.

Overheated components often radiate heat that can be felt
without actually touching them. Do not touch large power
resistors, as those normally run at a temperature that give a
very bad burn. Other components, such as electrolytic
capacitors, should run cool. If an electrolytic is leaking
internally. it will run warm or hot. Many small transistors can
normally run very hot. In all cases, be very careful.

Aside from heat, the sense of touch can also check for
loose connections by gently wiggling components, cables, and
other wiring. Do be gentle! Overworking and bending wires,
terminals, etc. can create open circuits. If the connection is
loose. gently pulling on it will show it up, or you may need to
use a probing action. When power is applied to the chassis, it
is wise to use some insulated tool such as an RF alignment tool.
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Hearing—Many defective components create noise; this
may be either electronic, acoustical, or both. It is acoustical
when it vibrates, buzzes, or gives off noise directly from the
component or via the chassis. It is electrical when the noise
becomes part of the electronic signal, for example, as hum in
the program audio. Listen for noise, both from the chassis and
from earphones or a loudspeaker. Microphonic components
and noisy resistors often show up as noise in the speakers when
the parts are probed or tapped with the alignment tool.

There are other noise sources that can be very misleading.
These are the low-background/mechanical noises in a
recording booth or studio. These noises are picked up by
microphones. By the time they are processed along with other
program material, their level may be much higher than was
originally heard in the studio. Such noises come from
air-conditioning units, heat ducts, turntables, tape machines,
fluorescent-lamp ballasts, and elsewhere. When trouble-
shooting noise problems in the program material. listen care-
fully for this type of background noise. But listen in the studio
or recording booth without any program running and with the
speakers quiet. In other words. listen to the studio itself. You
can turn tape machines into the “run’’condition, then turn on
the mike to mute the speaker. This will show up mechanical
noise from the machine itself.

A systematic investigation making use of all the senses
detects many of the areas in which the fault lies. But don’t
expect to find all problems this way.Thereare many problems
that do not give off external clues, except through erratic
operation of the equipment or the poor quality of the program
sound. In those other cases, it is necessary to resort to making
measurements of the signal, stage parameters, voltages, and
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Fig. 2-6. Defective electrolytics can leak, swell, and get hot.
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even checking out suspected components. Still, the habit of
using all the senses during the troubleshooting process should
be developed.

Brain Power

Systematic use of the senses may have uncovered a de-
fective component. but it would be a mistake to assume that
the component is the real fault or entire problem. On the
contrary, it may only be one of the results of the real fault.
Naturally, defective components must be replaced. but we
must investigate why the part failed or burned up. If we simply
replace the defective parts without correcting the real cause,
the new parts will only burn up also. For example. upon
investigation, suppose a burned resistor is found on a circuit
board (Fig. 2-7). We assume this is the problem and replace
the resistor with a new one. But if this resistor is in the

SHORTED TRANSISTOR IS REAL CAUSE

g P BURNT — '\ S/
AND

OPEN
RESISTORS

Fig. 2-7. Defective parts are not always the real cause. In this case, the
shorted transistor burned out the resistors.

collector of a shorted transistor, it won’t take long to burn up
the new resistor. Go ahead and replace the defective parts; but
before turning on the equipment, investigate the reason the
part failed in the first place and correct that also. There can be
many reasons for component failures. The part may have been
underrated for its use in the circuit or may have simply worn
out, but more than likely it was overloaded by abnormal
circuit conditions or failure of another part. Reasoning must
be used in making many of these determinations.
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Reasoning

As discussed earlier, the investigation gathers facts about
the problem and a reasoned judgement must be made. The
reasoning applied should be cause-and-effect reasoning. This
simply means that., when certain conditions exist—
cause—certain results are obtained—effect. The same rea-
soning can be used in reverse order. that is. when certain
effects are present. they have given causes. This is the usual
reasoning in a troubleshooting situation. since the effects have
already occurred. and now you must find the cause.

Knowledge

One cannot effectively bring reason to bear upon a
problem unless one has some knowledge upon which to base
the investigation. And this knowledge is of three types (Fig.
2-8). The first is general knowledge of electronic funda-
mentals that is acquired through schooling, home study

-SCHOOLING T WORK ON
-BOOKS EXPERIENGE ASPECIFIC
-READING SYSTEM

GENERAL ELECTRONIC| PRACTICAL SPECIFIC

KNOWLEDGE KNOWLEDGE KNOWLEDGE

ENGINEER'S
TECHNICAL
KNOWLEDGE

Fig. 2-8. Sources of technical knowledge.

courses, and books on electronics. The second is the engineer’s
practical knowledge. gained through a variety of working
experiences with equipment and under a variety of situations.
And third is specific knowledge of the system or equipment
that now has a problem needing correction. The engineer can
be weak in one or more of those areas and still do an
acceptable job. but it takes longer to correct the problem.

If the engineer is weak in his knowledge of electronic
fundamentals, there is really no excuse, since a wealth of
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technical knowledge is available through many good technical
books. including many by TAB BOOKS, technical trade
magazines, and information from equipment and component
manufacturers.

As for specific knowledge of the system and its components
in a particular station, any station with a reasonable amount of
technical equipment in use has a wealth of technical
information available in the equipment instruction manuals.
And in the majority of troubleshooting cases, it is the practical
information and knowledge that is used to find solutions and
make corrections. The engineer does not need to know how to
design the circuits in use—he need only have a fair
understanding of how they work. As a matter of fact, the
engineer who has only theoretical design knowledge, not
tempered by practical knowledge, may have difficulty in
troubleshooting problems because he always looks for the
worst in any situation.

I know a broadcast engineer who once worked in
equipment design for an equipment manufacturer. This
fellow’s hangup is capacitors. In his design work on critical
circuits, he well knew the variations and caprices of
capacitors in these circuits. Whenever he had a broadcast
problem to solve at a station, he made a beeline to the
capacitors in the unit at fault. He eventually got the real
problems solved, but his equipment unnecessarily sported
many new capacitors.

PRACTICAL PROBLEMS

Most modern equipment is stable and reasonably trouble
free. During the first few weeks of shakedown, the weak or
borderline components and transistors are weeded out. There
can also be marginal or faulty designs that begin to show up
with problems, or local situations may push some equipment
into marginal operation—for example, high or low power line
voltages on a regular basis put marginal components to the
test. After the first few weeks, the equipment usually settles in
and “‘purrs” along.

Still there are daily technical problems for the engineer to
contend with. But a very high percentage of those day-to-day
problems are usually minor in themselves, although it may not
sound that way on the air. Wrong keys or switches thrown, a
dirty jack, a sluggish relay or one with dirty contacts, a patch
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cord left out or plugged into the wrong jack, a transmitter left
on the dummy load after nighttime maintenance—these are
but a few of the more common problems the engineer is called
upon to correct during the broadcast day.

Because so many of these problems are simple in nature
and simple to correct. the engineer who looks for the worst or
panics can cause a considerable loss of air time. The engineer
who expects to find the worst situation imaginable, most often
completely overlooks the fact that the problem could be
simple! In a very short time, he has the system so completely
disassembled that a considerable amount of time is required
simply to put it back together again—and perhaps he still
hadn’t found the patch cord plugged into the wrong jack.

On the other hand. the engineer who panics starts twisting
every knobin sight, twittering screwdriver setup adjustments,
and really getting the system fouled up. sounding worse than it
did before he leaped into action.

Major problems develop from time to time. but the wise
and efficient troubleshooter expects and looks for the simple
causes first.

AnIllustration

A hypothetical troubleshooting situation should help
illustrate many of the principles that have been discussed.
Consider this situation: A station has its transmitter on remote
control, located several miles from the studios. The only
engineer on duty is also working the control room as an
announcer. He spins a record, cues up the next one, and leans
back—going to take it easy for a couple of numbers, simply
segueing from one turntable to the next. Suddenly his monitor
goes silent! Now anything in the system could be at
fault—from the turntable itself to the antenna collapsed on the
ground.

He should apply first the technique of a mental step back
from the equipment, then observe the system—wide
view—scanning the system in a systematic manner, gathering
and sorting facts, and making judgements. First, he observes
the console VU meter showing audio levels. and the meter is
dancing along merrily. From his knowledge of the system, he
knows the meter is at the output of the console. so he reasons
that everything is okay to this point. He also knows there isn’t
much between the console and transmitter but a line am-
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plifier telephone lines. He checksthe transmitter readings and
modulation monitor indications. All of these are normal. Since
most of the system is operating properly, he reasons it must be
the monitor amplifier itself, which is the last thing in the chain.
There is a small portable radio in the control room, so he tunes
in the station and in comes his music loud and clear. But now a
decision is called for: what to do about the monitor. He makes
a decision: He uses the small receiver with an earphone for
monitoring the on-the-air audio and tries to see what is wrong
with the amplifier when he gets free.

Thus, by the use of the method, he quickly runs down to
isolate the problem and makes alternative corrections—all
before the record runs out—and the listening audience never
even knows he has a problem.

But consider what can happen if he panics. He may start
flipping switches on and off, causing many disruptions to the
program on the air. Worse, he may leave a switch off and then
no program would be on the air. He could switch the
transmitter on and off several times in quick succession,
causing something to blow up and trip a circuit breaker. This
necessitates a trip several miles out to the transmitter
site—for the station is now really off the air.

Mark the Manuals

Another important aspect of troubleshooting is the matter
of accurate circuit diagrams and equipment manuals. Since
time is critical in many situations, the engineer must have aid
from the prints and manuals and not confusion.

Most broadcast electronic equipment today has other
applications or may be sold outside the U. S. Consequently,
there must be some different circuitry for other applications
and standards. There is a variety of instructions in manuals
telling how to set up under these other conditions. And besides
all this, the particular unit may have other possible
configurations., for example, a tape machine may be either
monaural, stereo, or multitrack.

An instruction manual, then, may have several different
diagrams, different sets of explanations, and a variety of
instructions to hook it up. From the manufacturer’s point of
view, this necessitates only one instruction manual to cover all
these other usages and standards for the unit. But from the
troubleshooters point of view, all this extra information
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and becomes a briar patch that he must wade
through to find the current print or instructions he needs. It
can be extremely frustrating. especially if the station is off
the air and the fault must be corrected with as little time lost
as possible. Under these circumstances. the engineer simply
doesn't have time to sort out all these prints for the correct

one.
When a new unit is installed and working. go through the

instruction manual to line out all the information that does not
apply. The information does not have to obliterated, simply
lined out (Fig. 2-9). If it is an arrangement that may later be
used. then the information can be restored.
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Fig. 2-9. Line out unused instructions.

On unused circuit diagrams, if they are detachable,
remove them from the manual. Store them in a safe place. If
not. then mark a large X across the diagram. On the correct
print, out in the margin or in some other conspicuous place,
write OUR UNIT in large letters. Any similar words can be
used. but they should quickly identify the print.

In those sections which show different terminal con-
nections, use a red pencil or some other color that stands out to
show which arrangement is actually in use.

When a troubleshooting situation exists where time is at a
premium, these markings help the engineer find the correct
prints faster and save both time and frustration.

And one further word—don’t use a pen to mark prints. Use
1 pencil or something that is easily erased. You may want to
change the method of operation or hookup at some later time.
If you have made changes in pen, you end up with a scribbled
mess on the prints.

SIGNAL TRACING

A dynamic method for isolating faults and defective
components is signal tracing. This method can be used only in
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those cases where the equipment is still operational.
Naturally, if the equipment is smoking or operating in some
other very abnormal manner, it must be shut down, or
additional damage can be done. Signal tracing is not confined
to a single unit. It can be used on the master system just as
well, or on any subsystem. In the method of troubleshooting
previously described. signal tracing is an important part. It is
used in the area of collecting facts and data about the system
or unit that is malfunctioning.

Signal tracing is rather simple in principle. The unit is
placed in an operational mode, either in its normal location or
on the workbench. An input signal of correct amplitude is
applied. then some type of signal detector is used to follow the
signal through various circuits of the unit until the output is
reached. At the place where the signal fails to appear,
becomes distorted. or seriously abnormal, the faulty circuit
has been isolated.Although the technique is simple in principle,
results depend upon near-correct operation of the unit in a test
setup., correct signals, and interpretation of the results
observed by the troubleshooter. Proper interpretation is very
important, otherwise, the engineer may spend much fruitless
time and effort running down false trails.

Signal tracing may or may not lead to the defective
component itself. But it ordinarily leads to the defective
circuit. How much further the signal tracing can go depends
upon the circuit and the test equipment being used. When the
signal tracing can go no further, then other methods are
necessary to isolate the actual component at fault. For
example, signal tracing may lead to a stage whose gain is far
below normal. In a stage, as opposed to other nonspecific
circuitry, there are many components which set its operating
parameters. An oscilloscope can further the signal tracing, but
this may not isolate the real fault. It is necessary to measure
the DC operating voltages and perhaps check for shorts or
component values that have changed. Although signal tracing
does not always isolate the faulty component, it helps isolate
the faulty stage—this is half the battle.

Test Signal

Signal tracing can be performed more efficiently if a test
signal of steady amplitude is used, such as the sine wave from
a signal generator. The steady sine wave, with its known
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amplitude and shape, helps in detecting variations through the
unit under test by making comparisons easier. And as a
practical matter, if the unit is on the workbench, connecting up
the signal generator is easier than trying to ‘“haywire” a
connection to the program channel for a test signal.

Sine waves can also be used when signal tracing parts of
the system itself. But for the program channels that have
failed during programming, the more practical signal is the
program itself. The sine wave does not have to come directly
from a signal generator; it can be recorded on a tape or test
record, then played by a tape machine or turntable.

The difficulty with a program signal is that its composition
is constantly changing. This makes it difficult to getacorrect
level setting for comparisons and to compare input/output
signals. For example, you set the correct input levels to start
signal tracing. You suddenly find the signal very low. The
program may be music that has hit a period of low-level
passages, which can be embarrassingly misleading.

Signal Detector

Some detector is needed that gives an indication of what
the signal is doing along the circuit path. The detectors in Fig.
2-10 all work well in audio circuits. If working with RF or
digital circuits, different detectors as well as techniques must

be used.
SYSTEM
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Fig. 2-10. Some audio detectors.
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On the Bench

When signal tracing is done to a unit on the workbench
there are several precautions to take in the test setup. The unit
is always hooked up during the tests, even though it is faulty
now, in its normal manner. Thus, the AC power to the unit, its
input/output impedances, and signal levels should be those
that are normal to its use in the system. And don’t forget the
grounding of the unit and the shields of the cabling.

Input impedances and levels should simulate those found
in the amplifier’s normal habitat in the system. For example,
the bus which feeds the amplifier may normally run at +8 dB,
but the level into the amplifier is lowered with a 20 dB pad, so
that the input to the amplifier actually receives —12 dB. In
determining what input level to feed the amplifier, find out
where the pad is located. If it is external to the amplifier. then
feed the amplifier at —12 dB. But if the pad is located inside
the amplifier, then feed +8 dB to the unit. Also, during the test,
make sure the amplifier is terminated in its proper load
impedance.

Signal-Tracing Illustration

Assume that a self-contained audio amplifier which needs
only AC power and input signals and output load (Fig. 2-11) is
on the bench. A signal generator is used for theinput signal and
an oscilloscope is used for the detector.

First, set the input to the correct level, with the output
impedance of the generator matching the input impedance of
the amplifier. Place the oscilloscope across the input signal at
the generator terminals. Observe the amplitude and waveform,
calibrating the oscilloscope to some arbitrary setting. Next,
move the oscilloscope to the output of the amplifier. This is
important, for you may find that there is nothing wrong with
the amplifier itself! The problem may be in the plugs and
interconnecting wiring. This input-to-output look can then save
signal tracing all through the amplifier only to find the fault is
elsewhere.

But for our example, assume the output signal was low in
level but not distorted. Proceed then to check stage by stage.
The option is yours whether you move front to back or vice
versa. But whichever method you select, be consistent and go
stage to stage, that is, don’t jump around.
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Fig. 2-11. Signal! tracing. Measure the input first, then the output, then stage to stage.



Inside the amplifier, levels are high or low at different
stages, but this does not necessarily mean that a stage is
defective. This may be part of the amplifier’s design. When
you come across a spot where the levels vary considerably,
move on to the next stage. If it is a design parameter, the
levels probably come back to somewhat normal after the
following stage. But. if the signal does not recover, then you
have the faulty stage. If you can proceed into the stage itself,
go ahead. But remember, even a normal stage can have a
variety of different signal levels across components that can
be misleading. For example, you may place the oscilloscope
across a resistor in the emitter of the stage, finding the signal
very low—lower than expected—or nonexistent. The resistor
may be bypassed to eliminate any AC signal across it. or it
may be used as part of an equalizing or shaping factor of the
stage. All these things should be considered before taking
components out and replacing them. Ordinarily, voltage
measurements and checking components for shorts or value
change do more for isolating the actual faulty component (Fig.
2-12).

Signal Tracing the System

Signal tracing the system is not difficult when the station
has the foresight to install adequate monitoring and metering
points during the installation.

When a fault occurs in the regular program channels, use
the metering and monitoring positions throughout the system.
If the problem is distortion. monitoring the audio is usually
more effective, although metering indicates if levels are too
high. overloading something and causing the distortion.

The procedure is the same as signal tracing a unit on the
workbench, except that now the unit is spread out over a
considerable area, and it is not always easy to see the results
as easily as when everything is within arm’s reach. Use the
system’s normal metering points (Fig. 2-13): the VU meter at
the output of the console, meters on AGC amplifiers and peak
limiters, and the modulation meter. There may also be a VU
meter panel where several points of the system are tied up into
a selector switch so that meter can quickly check levels
throughout the system.

Use the system's aural monitoring arrangement. This is
available at least at the console output. There may also be
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Fig. 2-12. When signal tracing has isolated a defective stage, use other
methods to check components in the stage.

other parts of the system switched into a master-monitoring
arrangement. A pair of headphones can be used in the circuit
path at the patch panel.

Use care when patching the earphones into the patch
panel, so that you don't take the program off the
air—assuming the program is still on the air. Look for those
positions which have a multiple jack wired to them. Tap into
this multiple for the monitoring. If there aren’t any multiples
at the points you wish to monitor, here is a trick you can use:
Take a patch cord. insert the plugs into both the input and
output jacks. but don't push them in far enough to break the
circuit. Next, with one motion, shove both plugs in very
quickly. at the same time. There should be no break in the air
signal, and if there is, it is so brief that no one notices it. This,
of course, assumes the circuit is balanced. If it is not, make
sure you have the correct polarity on both plugs or you will
short out the circuit! Now that the patch cord is in place, it is
taking the place of the ‘“‘normals’ (normally closed contacts)
on the pair of jacks. Use the headphone either with the
patch-type plug or alligator clips and pick up the signal at the
pair of screws on either of the plugs of the patch cord (Fig.
2-14). By the way, this little trick with the patch cord does, in
itself, locate many a problem with the normals on a jack! The
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Fig. 2-14. When there is no multiple on a jack, use a patch cord to sub-
stitute for the jack “normals.” Use earphones with alligator clips and at-
tach to screws at rear of patch plug.

patch plugs either clean up the contacts or give a solid
circuit that is lacking previously.

ROUTINE MAINTENANCE

Routine maintenance can be defined as the cleaning,
oiling, testing. and adjustments made to the system on a
regular scheduled basis. without being triggered by some fault
or failure in the system.

In effect. routine maintenance looks ahead to eventual
problems that can arise, and doing that which is necessary to
forestall many problems. For this reason, routine
maintenance is also called preventive maintenance. These
routine procedures often detect small problems that are cured
in their infancy. long before they develop into large, serious
problems.

Fireman’s Approach

There is another ““method™ of doing maintenance which is
unfortunately, practiced at some stations. This can be called
the fireman’s approach to maintenance. In effect, no
maintenance is done until something fails! Then, of course, the
engineer goes to work correcting the problem. This is not the
recommended way. But, unfortunately, many stations in
smaller markets do not have adequate engineering personnel.
There may be an engineer who takes care of the station on a
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contract basis, or there may be one full-time engineer who
must devote the majority of his time to other matters at the
station, such as announcing and programming. Even the
station that does have adequate engineering personnel can find
itself so covered up with problems or major construction that
the routine maintenance suffers for periods of time.

When the fireman's method is practiced at a station,
whether this be due to an engineer’s own attitudes or as a
result of station management, the results can often be costly,
not only in replacement costs, but in station down time.

Although routine maintenance doesnot detect and cure all
early stages of problems brewing it can catch many of them,
minimizing headaches and ulcers .

Scheduling

To be effective, routine procedures must be done on some
regular basis and not in a haphazard manner; otherwise, some
will get done and others may not get done at all. Memory can
be a poor substitute for schedules and records. The station
should decide which procedures to do on a regular basis, then
set up schedules. Be realistic and practical in deciding what is
to be done and how often. When setting up schedules, do not
make them hard-and-fast rules that must be observed no
matter what. Be practical and allow a certain amount of
flexibility. What is necessary is the realization that schedules
are important and things should be accomplished according to
schedule whenever possible.

One scheduling means is the desk-type calendar. When a
new calendar is obtained at the beginning of a year, go through
the whole calendar and mark the dates in each month of the
year when certain maintenance procedures are to take place.
For example, if certain measurements should be made on the
second Monday of each month, go through the calendar to
mark each one. As the calendar page is turned for each month
during the year, the entry will already be there to act as a
reminder. But sometimes when the event is scheduled, some
other important job must be done instead. This is where
flexibility enters the picture. The scheduled procedure may be
shifted to another day of that week. or may be even skipped
until the following week. A week off the normal scheduling is
still valid as far as routine scheduling is concerned.
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Keeping Records

Scheduling ahead is one thing, but records alse need to be
kept which show that the maintenance was actually done. In
the calendar, a small check alongside the scheduled entry can
serve to indicate it has been done (Fig. 2-15). If the routine has
to be done later in the week, a mark on the original entry is
still adequate. But if the routine was bypassed for the month
because of other things, then do not add the mark. The lack of
the mark indicates the routine hasn’t been done. If the date is
important, then show the date it was actually performed even
though that was not its regular scheduled date.

SUN. MON. TUE.
|Mini PROOF ON
SYSTEM
15 16 17
CALIBRATE CAL PWR
FM POWER METER
OUTPUT /
METER
22 23 24
REGULAR CALENDAR

Fig. 2-15. Use a calendar for scheduling. In some cases, show date it was
actually done, as here, on the 24th.

Reports

Whenever maintenance is done which is either routine or
in correction of a catastrophic failure, a daily maintenance
report is used (Fig. 2-16). These reports can be saved for
several months or longer and can be a valuable reference
when certain problems seem to come up often. For example, a
certain capacitor has failed in a particular unit. But something
tells the engineer that this was replaced only recently. With
the report sheets. he can check previous reports. Checking
further, he realizes the same part has been replaced twice this
year already. This makes him take a harder look at the rating
of the capacitor. and he may decide to use one with a higher
voltage rating this time. Or perhaps there is an identical unit
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TECHNICAL REPORT

DAY _MONDAY DATE _7-7-77
TIME TROUBLE ENG.
9AM [ MODULATION MONITOR S.v.

COMPLETELY DEAD.

REPAIRS

9:10 | FUSE BLOWN IN MOD. MONITOR.| P.F.
AM { COULD FIND NO OTHER FAULT.
REPLACED FUSE. MON. BACK IN

SERVICE.

11:00| MODIFIED JACK 2E8 ADDED JJ.
AM | AMULTIPLE 2E9.

Fig. 2-16. Use some type of maintenance report daily.

that gets as much operation as this unit without failure. This
leads the engineer to look for more subtle reasons why this unit
has been failing so often.

There are a variety of records devised which cover
maintenance situations or routines. The calendar and report
sheet are but two. Other records can also be made, including
those for transmitter power tubes and memory joggers for
events that happen infrequently, such as a quarterly
tower-lighting-equipment inspection (Fig. 2-17). Even though
many of these inspections require maintenance log entries,
there are separate records kept that consolidate those dates
for easy review.

WHAT TO DO

What maintenance procedures that a station should set up
depends a lot upon how much equipment is in use and how
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FM POWER METER CALIBRATION

1976 1977 | 1978
FEB.3 |
JUNE 10
AUG. 25
oCT. 1

Fig. 2-17. Consolidate widely spaced entries made in maintenance log on
aseparate record for easy location.

sophisticated the equipment is. The station has to make its own
decisions in this area.

Gradual Wear

Aside from catastrophic equipment failures that must be
corrected, equipment that is in use for many hours a day
simply wears out. This daily wear is not perceptible, because
the increments are too small. It is only after many of these
small increments add up that we begin to notice the fall in
performance or mechanical wear. Because of this small daily
drop in performance, different sets of measurements should
be scheduled at intervals so that performance drops can be
measured and replacement or correction can be made before
the performance becomes bad or fails altogether.

Spot Checking

What is needed. then , is some method of spot checking the
equipment performance from time to time (Fig. 2-18). For
example, if response, distortion, and noise measurements are
to be made on the system once a month, those need be only at a
few audio frequencies that outline the system bandpass, rather
than a full set of measurements as required in a proof of
performance. In this way, the checks don’t become
cumbersome—but they give useful information.
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FM SYSTEM TEST RUN

RESPONSE DISTORTION NOISE

100 Hz | -1.0DB 1.0%

400 Hz| -0.4DB 0.6% -63DB
REF. 1kHz 0 0.3%

10kHz | + 12DB 0.5%

15kHz | + 16DB 0.7%

Fig. 2-18. Use a few frequencies to spot-check the system. This cuts down
the time to make measurements and outlines the system’s behavior.

Areas for Routine Maintenance

As mentioned earlier, what specific routines to set up
depends upon the equipment and how much there is of it. plus
the usage it gets. Usage is a very important factor. Wear is
directly related to how much use the equipment gets. For
example, a small station with two tape machines that play a
few spot announcements or other programs occasionally from
the machines during the day doesn’t have the same procedures
as a station with several tapes machines—many of which may
be in a large automation system where everything is played
from tape all day long.

A few areas where routines can be advantageous are:
periodic measurements on the master system; each tape
machine; system level checks; individual equipment level
checks (such as tape machine playbacks that feed a console);
mobile radio transmitters, for power, frequency, and
modulation; carrier frequency measurements; and power
meter calibrations. Some of these are required by the FCC,
others are required according to usage.

Other Maintenance

Besides making sets of measurements to keep tabs on
performance, other maintenance should be done on a regular
basis: Tape machine heads and pinch rollers need cleaning on
a regular basis, meters in various machines and exhaust fans
should be oiled or greased at intervals, air filters should be
inspected. Some of these are important maintenance items.
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For example, the bearings in tape machine drive motors can
run dry. causing noise on the reproduced audio, and they will
soon become totally defective having to be replaced. Without
proper oiling, the bearings may run dry, freeze up, and stall
the motor, burning it out also. Tape machine drive meters are
expensive.

Fan motors can gradually become defective or ineffective
in moving air (as can clogged air filters). Dirt may build up on
the blades or squirrel cage so that the actual amount of air is
reduced considerably. Or the bearings may dry up, get noisy,
and put a drag on the motor. The lack of cooling airhas many
side effects in solid-state equipment. In transmitters, air flow
interlock switches shut the transmitter down when the air
pressure drops below its present control level.

All of these type measurements and routines should be
scheduled in some manner, keeping records for reference.

UPDATING

With technology advancing so fast these days. a particular
piece of equipment may have several modifications done to it
within a year. Weaknesses of the original circuit design show
up. bringing improvements by the factory. Updated parts,
circuits. and similar information arrive in the mail from time
totime.

As far as circuit weaknesses are concerned, the problem
may never occur in the particular unit in your station. If the
unit is performing satisfactorily there may seem to be no need
to update the unit until the problem happens. The
modifications, however, should be performed. When the
modification is completed, be sure to correct the circuit
diagrams and instructions where needed. There is nothing
more exasperating in troubleshooting than to discover that the
circuit diagrams do not match or agree with the actual circuit.

Spare Parts

Equipment updating through modification can change the
stock of spare parts. Of course, good judgement must be used
inthis area.

When modifications require new specialized components,
such as ICs or transistors, those on the shelf can become
orphans unless they are used elsewhere in the system. And if
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the part is very specialized and costly, the dealer may not
want it back.

There is usually another effect on spare parts—tubes,
transistors, and ICs—by equipment modification. If the
modification calls for a new type, the present stock may
already cover it. But as it often happens, this usually is an
altogether new type and you will want to stock some spares in
the inventory. And if your luck runs like mine, it is a stock
number that falls somewhere in between numbers in the parts
drawers. So, all the drawers have to be shuffled down the line
to make room for it. When you are setting up your initial
inventory, leave a few open drawers at different places to take
care of the new numbers. Then, many drawers do not have to
be moved.

UPDATING YOUR KNOWLEDGE

Advancing technology has its effect on equipment ob-
solescence. It can have the same effect on the engineer’'s
technical knowledge. The engineer must keep constantly
abreast of changes or he will wake up some morning to find the
field has passed him by, and he is now in a different technical
world. True, many of the old principles are still in practice, but
there are a great many new ones on the scene also.

The broadcast engineer must keep abreast of not only the
new technologies, but also of components and equipments.
There are ways he can do this:

First, subscribe to technical magazines relating to
broadcasting. such as Broadcast Engineering. These
magazines provide articles on operation, maintenance, new
theories, and different types of broadcast equipment
available.

Second. obtain specification sheets and literature on new
broadcast equipment whenever possible. Write to equipment
manufacturers for information and application notes on new
equipment in your field of interest. Don’t try to cover
everything or you will be inundated. If you are in radio, get
data on audio, radio transmitting, and test equipment; don’t
worry too much about the television aspect. Of course, you
may desire to advance into another aspect and want to keep
informed.

Third, obtain data sheets and application notes on new
components whenever you can. These can be found in catalogs
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from parts dealers and manufacturers. There are also several
trade papers available on a subscription basis that deal with
components of all types. These are usually directed to
purchasing agents of factories and other large component
users, but read them whenever you can.

There may be times when the station’s economic picture is
not good so the station makes do with its old equipment until
things get better. But don’t allow this to discourage you from
keeping up to date on what is available should the station
decide to purchase. You should keep up to date so that when a
purchasing decision is going to be made, you can make
knowledgeable recommendations on what equipment should
be obtained. Even if your recommendations are not
considered, you will at least know what is going on in the
industry. And should you move to a job at another station that
is equipped with state-of-the-art equipment, the transition
will not be difficult to make.
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Chapter3

Planning and
Installation

Whenever new equipment is to be installed, changes made in
the old. a complete remodeling, or a completely new station is
installed, a certain amount of planning should come first.

PLANNING

Installation planning could be described as follows:
carefully fitting together many equipment items so that they
physically and electronically intermesh into a single master
system that is efficient in its ease of operation and can be
easily maintained.

We must distinguish between general planning and
installation planning, as they are not the same thing. General
planning concerns itself with such questions as what model to
purchase, price ranges, station objectives, etc. Installation
planning concerns itself with how the particular equipment
that has been purchased will actually be wired into the
system: What are the terminal numbers? Where must you
drill the holes? And so on.

The amount of planning which must be done is dictated by
the project at hand. Thus, there are both stages and degrees of
planning. Major projects, for example, should receive much
overall planning; and the multitude parts of the project must
also have individual planning.

Small projects should receive their share of planning.
There is a natural tendency to give small projects only cursory
planning—with most of the planning actually occurring after
the installation has taken place and failed! As the saying goes,
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“Back to the drawing board.” In fact, most of these small
projects never get on the drawing board in the first place.

Any project, regardless of its size, should be considered in
relationship to the master system and what effects there may
be when this project is completed. Even small system
modifications can create large system problems. For
example, an engineer designs an alarm device which contains
several internal relays and incandescent lamps. No provision
is made for power. It is expected to simply attach to the sys-
tem power supply.But what is not known is that the power sup-
ply is loaded almost to its maximum capability. Any additional
load will push the power supply into a near-overload condition.
Consequently, the new alarm device loads the power supply so
that parts of the master system become unstable, with some
intermittent relay operation at various places. An engineer
may spend much of his time searching for other problems in
the system which are really caused by the overloaded power
supply. Proper planning of this small project would have
investigated the power source. Having found it loaded without
spare capacity, the engineer could have provided another
source of power for the alarm.

DRAWINGS

Drawings are the maps of a broadcast system. These
drawings have many uses that, under different circumstances,
provide different benefits. That is. they are used for
troubleshooting problems, making system changes, and
providing general information about the system. There are at
least three types of drawings: block diagrams, schematic
diagrams, and pictorial diagrams.

Block Diagram

The diagram of the overall system should be a single-line
block diagram (Fig. 3-1). Block diagrams should also be made
for each of the major subsystems and even minor subsystems,
showing direction of the action flow, signal levels, and other
pertinent data. Try to balance utility against clutter. It is
possible the diagram can have so much information that it
is difficult to use. Shoot for a happy medium.

Schematic Diagrams

The single-line block diagram is the best tool to obtain a
wide view of the system. But for all the specialized areas of the

4



I CONSCLE

UL PAD !
: s 1c1 1Dt lﬂ
— —10dB | . 2
—-t—
% 1C4\/1D4 |
|
§TT1 —10dB /N | Fider
17 w7 ||
QO X
TAPE 1 » 1048

Fig. 3-1. Typical one-line block diagram (partial). Note the amount of in-
formation supplied in a simplified form.

system, it is necessary to employ the schematic for all the
detailed information that is required.

All the individual projects within a large overall
installation project, must have schematics drawn of the area
involved (Fig. 3-2). These drawings provide the necessary
detailed information required to complete the installation.
Typical information must show terminal numbers, wire color
coding, shield treatment, and similar information needed to
get the job done properly.

When equipment units are to be modified through change
of circuitry, or if additional components are to be added,
schematics are a necessary requirement. For example, the
console may contain one or two unwired lever switches so that
the user may wire according to his own needs. If one or both of
these switches are to be wired for station use, a schematic
must be available—draw it now. And during the wiring
operation, if any changes take place they should be entered on
the schematic as they happen. Such specialized schematics
should be preserved for future reference.

Regardless of how well the system installation may have
been planned, the final results invariably contain changes
from the original plans. No matter how much planning is done,
it just isn’t possible to foresee all contingencies—or a change
of mind. Changes are to be expected. But when changes do
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Fig. 3-2. Schematics are needed for specific sections to show the necessary installation data. Notice the in-
formation on shields, parts location, and other data.



take place, it is important that the diagrams are altered at the
same time, not at some later date. Making changes to the
drawings as the work progresses does tend to make the
drawings look a bit shop-worn, but they are accurate!

Soon after the new system has been put into operation and
is functioning as desired, make up a completely new set of
drawings and records from the working set. If equipment
modifications have taken place, correct the diagrams in the
instrument’s manual also. And while correcting the manual
diagrams, also correct the other instructions, such as terminal
numbers, etc. A good set of accurate drawings and correct
circuit diagrams are far better for future use than a hazy
memory.

Pictorial Diagrams

There are many occasions when simple sketches are very
helpful during the installation. These need not be works of art
but should at least be accurate enough that they convey the
necessary information. Such diagrams can be very helpful
when it is necessary to wire a multiple-leaf switch, since the
terminals at the rear of the switch appear opposite to that of
the actual switch arrangement from the front that is
indicated on the schematic diagram. These diagrams are
almost always used in conjunction with a schematic diagram.
The schematic shows the actual circuit. while the pictorial
helps with the physical arrangement.

WORK PATTERNS

We humans tend to develop patterns of doing things and
then follow those patterns as a matter of habit. Many industry
practices in regard to equipment layout have developed
partly through utility and partly to agree with the way many
people naturally do things. For example, we read a printed
page left to right, line by line, from the top of the page to the
bottom. Thus, most terminal boards are laid out in a
left-to-right fashion. Everything, of course, can’t follow such
patterns and somethings must be designed for the specific
usage. But you can expect to find many functions which follow
natural human practices.

When laying out a new station, we must develop a number
of patterns that are helpful for that station. Use standard
industrial practices where they can be applied. But in the
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many other cases where it is purely a local situation, try to
develop a practice that follows natural human practices when
possible. But work at these beforehand. give them some
thought. then be comsistent when applying them throughout
the construction.

OPERATOR'’S VIEWPOINT

An example of a natural pattern translated into equipment
is a row of leaf switches on a panel. These must be assigned
their numbers from the operator’s view standing in front of the
rack, console, or whatever is holding the switches. The
engineer wiring the switches from the rear must learn that his
wiring pattern is always the reverse—right to left from the
rear of the rack. While this may be a bit awkward for the
engineer, the operator’s position must take priority.

AUDIO CONNECTIONS

The audio throughout the system should be kept phased,
just as a matter of good operating practice (Fig. 3-3). In a
monaural system, there is no real burning issue why this
should be done. As a matter of fact, the system works just as

TERMINALS TERMINALS
1 D (HIGH]) RED (\) Jlj 1
2 D (Low) BLK /; D 2

Fig. 3-3. It takes very little extra effort to keep the monaural system
phased. Just be consistent in the terminal numbers and the color coding.

well regardless of phase. But it is just as easy to have a phased
system as one that is haphazard by simply following a set
pattern when wiring up the audio cables. It is simply a matter
of assigning terminal numbers and maintaining color-coded
wiring throughout.

Multiconductor Cables

Stations have many uses for multiconductor cables. These
are not cables which come already wired with a particular
piece of equipment, but rather those which the station wires.
When possible, try to use regular industry color coding for the
circuits. But when these are not suitable, assign colors—then
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stick to the pattern—especially when several cables perform
the same functions on a number of different units, for
example, remote-control panels.

The real danger in the use of the same cable for different
circuits and functions without being consistent in the coding is
that an engineer on a troubleshooting mission may follow the
natural pattern. When arriving at the nonstandard cable, he
starts checking it as per the previous cables. If +5V DC is on
blue and —5V DC is on white, in the original scheme, he may
want to pick up this IC supply voltage and use it as a pulse to
send a trigger into the circuit. But, if the same pattern wasn’t
carried into the second cable, there may be +24V DC on the
blue and —24V DC on the white. Feeding this into the IC could
wreck it—be aware!

Jack Fields

The jack fields should be planned carefully. They should
be assigned areas before the actual installation begins. This
little exercise in planning often points out the need for more
jacks than had been anticipated. Without this planning and
assignment, installation can fill out the jack field long before
all the necessary circuits have been completed, leaving no
convenient space left in the rack to add additional jacks.

Jacks are operational units that must be viewed from the
front of the rack. So, when making the assignments,
remember this fact. From the front, they should read from left
toright as far as their number assignment is concerned. As far
as the actual circuit they carry, this must conform to other
considerations.

Audio Terminal Blocks

As with the jacks, the main audio terminal blocks in each
rack or major component should be assigned ahead of time.
The main block in the console already has its own assignments
since it came partially wired with the console.

When assignments are made on each block, give thought to
the separation of various circuits according to the signal levels
and functions the circuits carry. And give thought to the main
circuits that need to pass along on these blocks. It is surprising
the number of terminals that can be used when simple changes
in the wiring are desired—for example, adding a jack to the
output of an amplifier circuit. What may have been two
terminals before the decision is now doubled to four terminals.
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Planning and assigning ahead of the installation points out
the need for more terminals in many instances, and it is handy
to know this before actual installation begins. It is far easier
mounting new blocks in an empty or unwired rack than to add
new ones once there are bundles of cables in place. And it is
especially important if holes must be drilled in the rack or
frame to hold the additional terminal blocks. One thing more,
always be sure to include many more terminals than are
actually needed for the initial installation. There is always
need for some spare terminals in future times.

Block Sheets

Assignment of the circuits on the terminal blocks can be
done most efficiently if block sheets are used. There should be
one sheet for each block. This form can be easily designed by
the station to suit its own way of doing things. The important
thing to remember is that the information must be readily
determined from the sheet at some later time when a problem
arises—the troubleshooter needs information in a hurry, or
when there are to be circuit modifications or additions.

A simple way to design a form is to list the terminal block
numbers from top to bottom of the page (Fig. 3-4), or perhaps
to slit the numbers into two columns from top to bottom of the
page. On the left side of the numbers, leave space to write in
the name of the circuit or other pertinent identifying data. On
the other side of the numbers, leave space for circuit and
identifying numbers. Head the spaces to the left of the
numbers as external and the spaces to the right of the numbers
as internal. A normal block has 80 terminals, so leave space
for all of these. At the top of the sheet, number or name the
block and show its position, rack, and use.Use your own
judgement. What is needed here is information that helps the
troubleshooter find the correct block in a hurry when the
information is needed. Always remember that in
troubleshooting major problems there is no time for shuffling
papers to find information. The information must always be in
such a form and stored a place that the information can be
readily found.

When wiring up the blocks and making the assignments,
be consistent whenever possible. This is just another of these
patterns we discussed earlier. If the external wiring is
supposed to enter the block on the left side, then make sure
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WXXX
POSITION LEFT

USE LOW LEVEL AUDIO

BLOCK 3
i

RACK

EXTERNAL INTERNAL EXTERNAL INTERNAL

“A” HI 1 JACK 41
MIKE LO 2 E5 42
KEY 3 JACK

No.3IN 4 F5

39 79
40 80

Fig. 3-4. Typical audio terminal block sheet. List all the terminals even
though they may be spares at the moment.

that this is done in all cases where possible. Of course, this can’t
be done in every case, but try to be consistent. When the
engineer comes along at a later date looking for circuifs or
chasing problems, he assumes that the input side of the
terminals is on the left. If it is necessary to lift a terminal, he
can do so with the expectation he is getting the correct one.
Consistent wiring patterns are always a help to the
troubleshooter (which may be yourself). This is particularly
the case on terminal blocks because once all the wiring is in
place and laced up, it is almost impossible to determine the
actual physical direction individual cables are going. Of
course, we are visualizing several blocks at the base of a rack
and many cables. A single block and a few cables do not
present so much of a problem. However, being consistent and
following patterns always proves helpful later. So even though
you are at the moment working in a unit with only a few
circuits, stick to your established pattern. It is no more
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additional work to do it according to a standard pattern than to
simply wire it without thought to a pattern.

EQUIPMENT PLACEMENT

The actual physical placement of the equipment is usually
very different from that shown on diagrams. Diagrams are
used to show circuits and similar information that is
necessary: they can’t always show physical placement.
Sometimes units which are placed at a distance or in some
other unit are shown on the block diagram by enclosing them
in dashed lines (Fig. 3-5). This is very helpful if a unitis
placed in another room and interwired.

CONSOLE
—
.
1a1 B!
/\
1C1 \[101;
p———— N

r M
1C2 v 102, A1 A2
AN T X 1

b e e
CONTROL ROOM

Fig. 3-5. Equipment location can sometimes be shown on the block dia-
gram with a dashed-in box.

Careful thought should be given to the physical placement
of equipment because thoughtless placement causes consid-
erably more wiring, work, and maintenance difficulty. That is,
the actual placement of a unit has a direct bearing on the
number of jacks, terminals, circuits. and length of cables
necessary to interconnect the unit.

To show how the placement of a unit causes considerably
more circuitry and installation work. consider one of those
optional-placement situations. A peak-limiting amplifier is to
be used at the output of the console in a recording booth.
Should the limiter be placed in the booth or in an equipment
rack in another room? There may be no convenient place in
the booth for mounting. but it could be arranged if desired.

Consider first the booth location: Input and output wiring
should be direct from the console to the recorder selector
switch. This places the operating controls in easy reach so that
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operation can be observed more easily. But on the other hand,
there is no way to get into the input or output of the unit
without actually disconnecting wires. Plus, it may not be such
a good idea to have the unit within easy reach of the booth
operators, who may twiddle the controls as an operational
procedure.

This arrangement requires longwiring circuits from the
booth to the rack and then back again. At the rack, at least four
sets of block terminals are needed, and four sets of jacks. Four
sets of terminals means eight terminals that must be
accommodated on the terminal block. Of course, you could
wire directly to and from the limiter in the rack without jacks
or terminal blocks, but this is poor practice. If the unit is to be
mounted in the rack, good engineering practice calls for test
entry into and out of the unit.

As you can see from this example, adequate planning
should be given to equipment physical location and to
supplying the additional circuits, jacks, etc., that are needed
to get the job done.

RACK SPACE

Adequate rack space seemsto be a perennial problem, not
only during an installation, but at later dates as well. It is wise,
therefore, to carefully plan the efficient use of every inch of
rack space carefully, then allow for additional space to take
care of some of the future needs. Unless this careful planning
is done, the engineer can soon discover that he has filled all the
available space, leaving several more important units that
must be mounted. This problem is really compounded if the
empty racks are beautifully mounted or built into a wall during
remodeling. The only way now to get additional space is to
knock out some of those new walls. In the worst situation, a
space is selected for racks that absolutely doesn’t allow for
additional racks unless outside building walls are knocked out.
So. figure the space carefully ahead of time and then make
sure there is additional space for future use.

Figuring the Space

As a first step in computing absolute rack space needed,
total up all the panel heights of all equipment to be mounted in
the racks. These figures can be found from equipment
specification sheets, equipment manuals, or by actually
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measuring the panels if the equipment is on hand and
uncrated. Figure the total space in inches. Figure all the
heights, including all those fractions of inches. If the panel is
5'a inches, you may call it a 5-inch panel, but in the
measurement make sure it is figured at 5.25 inches. This gives
the total vertical mounting space absolutely needed.

Next, measure the vertical panel space the particular
racks permit. This may be taken again from the rack
specification sheets. Be careful here. If the specification sheet
says it can only mount so much, use that figure even though it
may appear you can get in more equipment. Don’t gamble on
appearances. Now total all the available space for all the
racks. This is the mounting space you have available. If the
required absolute mounting space is more than the available
absolute space—you are in trouble already' If these two
figures are equal, then you are still in trouble unless you
simply want a display of equipment. There are other factors
which reduce the usable allocated space.

Most Efficient Use of Room

The rack space must be planned for its most efficient and
practical use. As mentioned, other factors reduce the
theoretical available space. The first is spacing of the bolt
holes predrilled into the rack. These holes are drilled at
intervals called rack units, each being 1.75 inches. The panel
heights are in multiples of these rack units. For example, the
5.25-inch panel is three rack units, etc. By the use of standard
racks and standard panels, all the panels fit snugly together,
filling up the mounting space without gaps. If you start
mounting equipment in the middle of the rack rather than at
the top or bottom, make sure you line up the edge of the panel
at the right location between the holes. You should notice that
these are drilled in an uneven pattern. Place the edge of the
panel so that it falls between a pair of the closely spaced
holes. Then the holes in the panel line up with bolt holes. The
opposite edge of the panel then should be done in a similar
position. Be careful. as it is easy to start wrong. Then all the
panel holes won't line up and you end up with gaps.

There are also racks and panels today that use different
patterns. These have the holes at the edge of the panels. They
don’t fit the standard rack. Although you can mount them, you
end up with many gaps between panels. If this type panel is
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used, the rack should be one that accommodates such a panel.
Or you can drill holes to match, either in the rack or in the
panel itself. It is best not to intermix too much, or there is too
much waste space and a poor front appearance.

Another important factor which can affect the use of
front-panel space is what is mounted behind the panels,
particularly what is mounted at the base of the rack (Fig. 3-6).
There must be room for such things as audio terminal blocks,
transformers, AC power wiring, cables, and sundry other

RACK FRONT
—

-

USABLE
PANEL
SPACE

N ~ UNUSABLE PANEL
Eﬁ \ SPACE
TERMINAL | \

BLOCKS, < :
caBLEs, 7 NOT ENOUGH DEPTH
ETC. TO MOUNT EQUIPMENT

Fig. 3-6. Equipment, terminal blocks, cabling, etc. mounted in the rear of
the rack will limit the usable panel-mounting space.

things mounted at the base of the rack in the rear. Ali these
things make the front-panel space of little use for equipment
mounting, as there is little depth left for the equipment to
project back into the rack. In reality, those bottom panels are
mere dress panels, covering up the front opening, hiding all
the wiring at the base of the rack.

Thus. to be practical, the actual rack space provided must
be reduced to a figure something like 75% of what is available.
That is. if the rack has 72 inches of panel-mounting space, only
about 54 inches of this can be used for equipment mounting. Of
course, this figure can vary somewhat, depending upon what is
limiting the bottom space.
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Heat-Producing Equipment

There is still another factor which affects the practical use
of rack space—the heat-producing equipment. Solid-state
equipment is sensitive to heat. Care must be exercised when
intermixing with heat-producing equipment such as tube
equipment or power supplies. The solid-state units should be
placed as far from the heat as possible; if they are in the same
rack, they should be mounted lower in the rack. Heated air
rises and accumulates more heat from other equipment as it
does. The air at the top of the rack is hotter than that at the
bottom of the rack. Everything that helps air circulation
should be used, such as louvered doors, vented tops of the
racks, an exhaust fan to remove the rack heat quickly, etc.

When you must intermix such equipment, give careful
thought to its placement in the racks, and adjust your required
rack space requirements accordingly.

Future Racks

After you have determined the practical amount of rack
space required, then make the addition of one or two racks to
the lineup for future expansion, even though these racks
remain empty. Broadcast stations seem to be in a state of
constant expansion, so it seems wise to provide additional
space now when the racks are being built into a wali or similar
arrangement. There is the tendency to use space right up to
the amount provided. You have planned your present needs
very carefully, now go ahead and use that planned space as if
it is the only space available. Use it wisely and sparingly. As
far as the spare racks are concerned, leave them empty.
Simply close up the front with rack panels. A less-expensive
method is done with regular pegboard material that is cut to
fill in the full length of the rack. The pegboard can be painted
toblend in with the rest of the surroundings.

WIRING

The air is filled with a great many signals and noise
pulses. All these electromagnetic radiations are potential
interference and noise problems for the broadcast system.
And to compound the problem, all the solid-state devices used
now are more susceptible to these interfering signals than
old-style tube equipment. Careful selection of good shielded
wire for use throughout the system helps immunize the system
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against interference. Equipment manufacturers realize the
problems with the broadcast systems and are building
protection circuits and components into the equipment so that
they are less sensitive to RFI. But unfortunately, the
interconnecting wiring often defeats what has been built into
the equipment.

Shielded Cable

Select a basic audio cable that can be used in many
applications throughout the station and can be bought in bulk
at quantity discounts. The cable can be used for other
applications such as low-voltage control circuits, pilot lamps,
and many other low-voltage applications—these can all be
shielded.

Of course, the cable should mainly be used for audio
circuifs. When selecting the wire, look over the specification
sheets. Try to find one that provides 100% shield coverage and
also a ground drain wire. Many of the audio cables today are
available in this style. They cost a little more than those with a
little less protection, but it will be well worth the extra cost to
keep RF1 out of the system.

Buy in bulk when you can. This is far easier than buying
different varieties of cables. Stocking is simpler, and some can
be kept on hand even after the installation has been completed.

Try to use the audio cable wherever possible in control and
other low-voltage circuits. By the use of shielded cable, there
is less chance of RFI entering the system through these back
doors. Besides the RFI and noise problems, the shielded cables
also reduces the possibility of crosstalk from these other
circuits. Audio may be picked up and carried along a control
cable, which does not affect the relay or similar control
circuit, but it can carry the audio into another audio circuit,
causing crosstalk or even oscillations.

Microphone cables must be flexible in use and still be
shielded. So select a good microphone cable. This should be a
three-wire shielded cable, using one of the wires as a solid
ground.

Although shielding is an important specification in cable
selection, another important factor is the capacitance within
the cable. This capacitance is directly in parallel with the load
impedance. It affects the high-frequency signals passing
through the cable. In the specifications, try to select a cable
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with a low-capacitance-per-foot value. Remember that this
capacitance is in parallel, which adds up as the length of the
cable increases. At the end of a very long cable run, this
capacitance is considerable. And there can be many long cable
runs, even though the particular apparent run is short. For
example, a cable may run from a console about 50 feet to a
rack, then through several feet in the raek, then back 50 feet to
the console output, and on to connecting circuitry. By the time
the signal gets to its destination, it may have run through 200
feet of cable in what appears to be a 50-foot run.

Insulated Cable

Although shielding is important in keeping out unwanted
signals from the circuit paths, these shields can themselves
carry the unwanted signals. When selecting a basic cable,
choose a type that has a plastic outer sheathing. This prevents
individual cable shields from intermittently touching each
other. When shields are bare, this intermittent contact of
separate shields can create varying potential differences at
various places on the shields—problems. Bare shielded cable
should be tied together tightly in cables, so that the shields
make a definite contact all along the way. But the better cable
has an insulated outer sheath. This insulated sheath allows you
to control over the points where the shields are grounded. The
basic cable is used for purposes other than audio and can be
routed into areas of low-voltage circuits; a bare shield could
short out these circuits. The insulated shield prevents these
problems.

Cable Separation

When many cables of different signal types and levels are
run close together over long spans, there are all sorts of
potentials for crosstalk, hum, noise, and other types of
interference created. Shielding is a must, but in many cases
additional techniques are also required. The cables should be
segregated into types and levels. By types is meant control,
power. and content.

Cables need physical isolation as well as signal separation.
This can best be accomplished through the use of conduit or
ducts. The conduits must be large enough to accommodate
a number of cables of similar groupings. In a few cases,
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separate conduit for a single circuit is used, but for the main
cable runs, several, large conduits are necessary.

When ducts are used, all the cabling run in the same duct,
but they should be separated as much as possible. Some ducts
have metal separators running lengthwise. If not, the cables
can be anchored at various places to keep them apart.

Since broadcast stations have a propensity for quickly
outgrowing their facilities, when making the basic decisions on
conduit or ducts, be generous in the number provided. That is,
try to look ahead for future needs. You can be almost sure your
guess is wrong, but at least try to provide some extra capacity
now. Ducts and conduits are some of the first items installed
during construction of a new building or in a remodeling
project. So try to get the added capacity now because it is very
difficult and expensive to add at a later date.

Signal Levels

Separate cables according to signal levels (Fig. 3-7). Don’t
get carried away. What is important is that the principle of
separation be kept in mind and applied within practical limits,
not only during the initial installation, but at any time cable
runs are made, now or in the future.

The usual cable groupings that I use are these: (1) micro-
phone or similar low-level signals below —20 B, (2) mid-
level signals in the range —20 dB to +18 dB. (3) high-level
signals above +18 dB and speaker runs, (4) power and control
circuits. These are relative groupings. so a few decibels one
way or the other won’t upset the pattern. Each of these
groupings can be further subdivided if the situation seems to
call for it. But as with all patterns, once you decide to use one.
be consistent and stick with it whenever possible.

Fan-In

Although you maintain cable separation on the trunk lines,
cables must eventually telescope back together as they arrive
at their destinations, either in the rack or the console. Even so,
the principle of separation can be maintained to some
practical degree. For example, one rack contains high-level’
circuits and equipment, while the other rack contains low-level
preamplifiers and similar circuits. Or a single rack may be
divided, with high-level units at the top and low-level units at
the bottom. Other similar separation can be done, such as one
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Fig. 3-7. Segregate cables by signal levels.

row of jacks for microphones, and another row, as far away as
possible, for speakers; one audio terminal block at the
base of a rack for low level, and another block for high
level—or a single block with low level on one end and high level
on the other end. The principle is simply keeping them apart
whenever possible and practicable.

Internal Wiring

Cabling within a rack must also have separation.
High-level cables must be laced together in one large cable, all
midlevel cables into one large cable, and low-level cables into
another large cable. Even these larger cables can be run
separated. For example, dress the high-level and midlevel
cables up one side of the rack, and the low-level cables up the
other side of the rack.

GROUNDING

Throughout the station, a definite plan of grounding should
be established, not only during the construction and
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installation stages, but at any time in the future when changes
are made. This grounding can be divided into at least three
main aspects: cable shields, common ground system, and the
relationship of the grounds to lightning surges.

Controlled Shield Ground

The most successful method of handling the cable shields
in the system is through the controlled ground. This method
provides a positive control over the normal noise, crosstalk,
hum, and similar interfering signals that crop up. The system
is most effective when it uses a balanced system of wiring for
all signal circuits. By balanced, is meant that both sides of the
signal circuit are above ground potential.

The underlying principle is this: The shield of each cable is
connected to the main ground at only one place on its run (Fig.
3-8). The shield must be insulated from all other shields except
at that one grounding point. This means that jacketed cable

(A ) opopmunddh W "

Fig. 3-8. Principle of the controlled shield ground. In A, when the cable is
grounded at both ends, circulating currents can be set up in the shields. In
B, the shield is grounded at one end only. Any currents picked up are
routed to ground and can't circulate.

should be used throughout. By connecting the shield at only
one place, there is an incomplete circuit path to any unwanted
signal that may be induced in the cable shield. And any
currents that are induced are carried to ground at the single
grounding point rather than being allowed to circulate
throughout the shield system. And these grounding points are
only at selected points, not in some haphazard method. The
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majority of audio cables available today are jacketed and
work with this method.

Ground Points

Actually, there are many grounding points within the
overall system. But these are definite, selected points of
contact with the main ground. Each major unit—such as rack,
console, and transmitter—have a connection to the main
ground. The control of the shield grounding must be planned
ahead of time. A decision should be made ahead of time as to
where the individual cables should be connected to the main
ground. There are often questions during the installation as to
which end of the cable gets grounded. So these should be
anticipated and designated ahead of time. Consistency is
important. or some cables may end up grounded at both ends.
This allows a complete circuit path for unwanted signals
carried on the shield, and circulating currents set up.
Circulating currents must be avoided.

Make a Plan

To plan the shield system, draw a single-line diagram of
the entire system. On this diagram (Fig. 3-9), show the points
that shields terminate. A common grid can be set up when the
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Fig. 3-9. Plan the control of shield grounding ahead of time.

overall system is laid out this way. For example, circuits that
run to a rack ground at the rack. Circuits to a console, ground
at the console. In other words, the grounding is always at the
end of the cable run. A microphone circuit, from a studio that
runs into a rack, through a jack field, and then back out to a
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console must have its shield grounded first at the terminal
block as it enters the rack. The next grounding point is at the
console terminal block. The shield of this cable leaving the
rack has its shield cut off and insulated from other shields. In
effect. this cable run has two grounding points: first at the
rack receiving point, and second at the console receiving point.

Individual Projects

When schematics are drawn for the individual wiring
projects and interface points, always add the shield
information to that drawing. This answers any questions that
arise during the actual wiring as to what to do with the shields.
Except for the major wiring projects. such as the rack or a
console. it is all these small interface areas where problems
arise. So draw in the information to help the installer keep the
system in order. Two installers may be working on the same
circuit but at the different ends. If both are confused and tie
down the shield, there is a ground loop provided, resulting in
possible problems at some later date. Remember to retain this
installation information for later reference when the system is
in operation.

The controlled-shield-grounding method is only one of the
methods in use. There are others that work as well in some
situations, but the controlled method works the best when it is
maintained.

Any grounding system is not a guarantee that there won’t
be problems in the system. By taking precautions with the
grounding in the first place, you are at least providing a
greater amount of protection against all these problems; and
for most ordinary situations, you do, in fact, come up with a
very ‘clean” system. But outside changes can alter the
situation, and greater measures may be called for. For
example, I installed a complete studio system that measured
under 0.5% distortion and noise well below 80 dB. It sounded
beautiful until we increased our FM power to 50 kW and added
vertical polarization to the antenna by moving the antenna
directly overhead. This subjected the audio system to a
tremendous RF field. That blasted FM signal popped out of the
least crack in the system!

Common Building Ground

So that a common reference for all signals and equipment
in the station is obtained, a common building ground must be
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provided. This is the station’s main ground. If this common
ground is not provided, many possibilities exist for differences
of potentials developing across any intermittent contact or
irregular ground point that can produce problems of hum,
crosstalk, transient noises, signal intermodulations, and
system instability. At the same time, searching out and
correcting problems that do develop is made more difficult.

The building ground should be a heavy copper strap run
throughout the building and connected to ground at one or
more places by copper rods driven several feet into the earth.
Everything within the station is grounded to this strap.

There are many ground currents flowing through this
strap and from many sources, so it must be a heavy strap and
electrically one continuous piece. It must provide a very low
resistance to all these currents. It should be at least two inches
in width and wider if the expected currents are to be higher
than average. Some stations with high-power transmitters
nearby use a width of six inches or more for the strap.
Remember that RF signals travel on the surface due to skin
effect. so a wider strap is recommended with large RF signals
close by.

Naturally, it is difficult to roll out a single strap to route
throughout the station. It is normally several pieces connected
together. But when connections or splices are made in the
strap, make sure they are very low-resistance joints. Use a
hard solder, such as silver solder, to make the electrical
connection. Any resistance produces voltage drops. If the joint
is a nonlinear resistance because of corrosion or other
chemical action, intermodulation of signals occurs.

Each major unit of the system must connect to this main
ground by another heavy copper strap. The strap at the unit
need not be as wide as the main ground strap itself, unless the
piece of equipment has heavy ground currents. Thus, each
rack, console, transmitter, conduit, and power circuits must
connect to this ground bus. At each unit, make sure the strap is
bolted or soldered to the frame of each unit. On a rack or any
other unit that is painted, scrape away the paint so that a good
metal-to-metal contact is made.

Lightning and Grounds

Lightning generates enormous potentials and currents.
Currents must flow to earth ground by the shortest route and
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as quickly as possible; they must not be allowed to circulate
through the system ground. If these currents do circulate
through any part of the ground system, there can be many
unexpected results at the most unexpected places.

A surge or transient increases to a very high-potential
peak value, then trails off to a lesser value that may oscillate
into one or two overshoots or rings at the trailing edge of the
transient. The duration of the transient is very short. in the
order of milliseconds. with the rise time in microseconds.
This sudden change has AC characteristics and can be
translated into megahertz from a frequency standpoint. Since
this is an AC signal. the length of the ground conductors takes
on importance. since they exhibit inductance components at
the high frequency of the transient (Fig. 3-10). And since this
surge current is in the order of 20 kA. tremendous inductive
voltages build up between the ground conductors and other
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Fig. 3-10. The inductance of the long ground lead at the transient fre-
quency generates dangerousty high inductive voltages that arc over to ad-
jacent units.

nearby objects such as racks or equipment. These potentials
are dangerous; they create tremendous arcs just like the ones
in science fiction movies. In our previous considerations of
the building group strap. we were concerned with its
low-ohmic values and the skin-effect RF resistance. But the
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length, in this case, should also be given full consideration
when designing the ground.

When any length of the building ground bus must be more
than 25 feet in length, try to break it up in some way. This may
be done by running parallel conductors or some sort of grid
system that breaks up all the runs into small segments. That
is, run several crisscross members to the ground bus and
make sure these are all soldered together. Take the ground bus
to earth ground at as many points as you can. What you are
trying to do here is break up the length so that is does not offer
a suitable inductance to the current that may gei into the
system from the surge transient.

SURGE PROTECTION

The deadliest interference problem in the age of
solid-state is the transient signal problem. Solid-state
equipment is very suceptible to transients and most vulner-
able to damage. The station must take adequate precautions to
protect against this problem, or it will find its solid-state
equipment on the bench for repairs more often than it is in the
racks operating.

The transient can come from many sources, both within
the station and outside the station. From inside, transients can
be caused by heavy motors turning on and off, such as large
air conditioners: switching of heavy current loads, such as in
transmitters; and similar switching operations that cause an
abrupt change in current flow. Studios have shownthat the
normal 120V AC power systemn can carry transient spikes of
over 5000V for a very brief period. These spikes are so brief
that they don’t trip a circuit breaker or blow a fuse, but they
can blow out solid-state equipment quickly.

From outside the station, transients can be generated by
manufacturing plants and their heavy equipment or power
lines swinging together in a windstorm, but the most common
cause is lightning. The lightning does not need to strike the
line. Nearby strikes induce large transients into the power
lines.

Once a transient begins to build up, it needs to be routed to
earth ground quickly. Let’s consider the lightning surge over
the power lines as our main problem. The best place to route it
to ground is at the power entrance to the building. Some type of
arrester or suppressor must be mounted directly to this
primary entrance with a direct path to earth ground provided.
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The alternative method is protection of each individual
equipment item (Fig. 3-11). However, it is better to stop that
surge at the door, rather than let it circulate, raining lightning
kbolts through the building. But if the incoming arrester is not
totally effective, it won’t be a bad idea to also protect some of
the more sensitive equipment.
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Fig. 3-11. Individual units can be protected from transients coming in on
the AC power circuit by the use of devices such as the General Electric
metal oxide varistor.

Lightning Arrester

There are several firms supplying arresters. While these
different models try for the same end results, they are far
from the same in their principles of operation. Each of the
manufacturers has a different way of doing the job. But
regardless of the method, all fall into the category of a
“crowbar” circuit. That is, once the transient comes on the
line, it turns on the arrester. The arrester shorts the power line
to ground for the period the transient is in operation.
Ordinarily, this is only for a few microseconds or perhaps
milliseconds. At any rate, it is always less than a half-cycle of
the power line frequency. But during the transient turnon, the
power line itself is also shorted to ground. And it is important
that the arrester shut itself off once the transient has passed. If
it doesn’t, the power line remains shorted to ground. The flow
of current from the power line to ground is called power follow.

Fusing

Tremendous currents are flowing during a transient, but
only for a very brief period of time. However, the circuit
breaker or fuse of the power line itself must be such that it
doesn’t trip during this flow of current. If the arrester is wired
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into the primary ahead of the main fuse, the arrester itself
must be fused. There must always be a fuse or circuit breaker
between any load and the primary power. But the particular
fusing must be of a special slow-blow type, otherwise the fuse
or circuit breaker trips every time a transient comes on the
line.

Grounds

As discussed earlier, very high currents flow through
these grounds when a strong transient is present. The ground
lead from the arrester to earth must be very short and direct.
Besides that, this ground lead should also be insulated from
nearby objects so that any potentials that build up will not also
flashover. Avoid tying it into the building ground system.

Power Line Circuit

Power distribution throughout the country is not done in a
uniform manner. It often depends upon practices in various
parts of the country as well as the individual power company.

Selection of an arrester for your station requires
information on the method of power distribution at your
station. Unless this information is already on hand, a call to
the local power company will probably obtain it for you. But
stations which have been in operation for many years may
have had many changes over the years, so the power company
records may nut be up to date. However, they wish to have
their records up to date, so they usually send out an engineer to
survey the system to give you the desired information.

A station can do its own investigation and come up with the
information. This requires a visual inspection of the
transformer banks as the power lines arrive at the station.

Take a paper and pencil and sketch the number of
transformers in the bank. Take particular note of the
secondary connections. It won’t be difficult distinguishing
which are primaries and which are secondaries. Observe how
many wires go into a weatherhead (the down conduit to the
station). There are several transformers in the bank, but each
grouping feeds a power entrance to the building. There can
also be more than one entrance from the same bank because
very heavy equipment may have its own special feed
directly from the bank. These additional feeds are easy to spot
since they tie to the same place on the secondaries as do other
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Fig. 3-12. Typical open-delta secondary connections for a 3-phase system.
One transformer provides a 120V single phase. Voltages shown are the de-
sign parameters.

weatherheads. But observe carefully—one of the transformers
may be a part of a three-phase bank but also providing a
single-phase entrance. Also note the main power panels where
these enter.

Measure the Voltages

Now that you have drawn a sketch of the transformer
banks and the wiring of them, go to the power entrance panels
and measure the actual voltages (Figs. 3-12 and 3-13). When
three-phase and single-phase power are obtained from the
same bank, the secondaries may be in either an open- or
closed-delta configuration. If it is an open delta, there are only
two transformers in use; one of these has a center-tapped
secondary. This tapped transformer provides 120V AC
single-phase power on each side of the tap. On a closed delta,
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Fig. 3-13. Typical Y-connected secondaries of a 3-phase system. Voltages
shown are design parameters.
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the third transformer is used for the third phase. and the
single-phase power is obtained from one of the transformers as
is done in the opendelta.

In either case, you should be able to measure 120V AC
from center tap to either end of the transformer. From the end
of the delta opposite the center tap to the center tap, the
voltage measures 208V AC. End-to-end voltage measurement
across each transformer in the bank provides 240V AC. That
208V is called the high phase, even though its voltage is lower
than the end-to-end measurements.

These voltages are the design norms so they may or may
not be the exact values that you measure at your installation.
Actual voltages depend upon the voltage of the primaries
themselves, but the ratios remain the same.

Selecting an Arrester

When selecting an arrester, the normal values of voltages
you measured are important, as well as the fluctuations.
However, the high excursion is the more important than the
low one. This is because the arrester selected may be working
near its maximum design limit. When a transient comes on
and turns the arrester on, it may not be able to turn itself back
off when the transient passes. When requested, the power
company usually installs a recording device on the line to
measure its high and low excursions during a 24-hour period.

Installation

This job is best left to an electrician, and in many areas of
the country, only a licensed electrician can do the job anyway.

The arrester is normally connected directly to the
incoming power line at the building entrance and ahead of the
main circuit breaker (Fig. 3-14). If it cannot be mounted ahead
of the breaker, you may have to change the breaker to a
slow-blow type. If the arrester is connected ahead of the
breaker, it must have a disconnect switch and its own fusing.
When possible, add small neon lights to the input side of the
arrester, so that these can be an indication that the fuse is
okay and that the unit is connected to the power line. Without
some indication, it is possible the arrester is open, the fuses
are open, or the switch has been left open. In all these cases,
the protection has been removed from the circuit.
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Fig. 3-14. Typical surge arrester installation on a 3-phase system.

The ground lead from the arrester should be as short as
possible and should go directly to earth ground. This should
also be an insulated wire to prevent flashovers to adjacent
panels if high voltage builds up on the ground lead.

Maintenance

Actually, there is little to do in the way of maintenace of an
arrester. One should check from time to time to see that it is
actually in the circuit and that the fuses are still intact or
circuit breakers not tripped. If there is dust collecting in the
box, blow this out occasionally. But be very careful when doing
anything around these circuits. A short across a pair of the
buses creates a blinding flash that can damage the eyesight
and cause serious burns.

INSTALLATION

After all the planning has been done, we must sooner or
later get about the task of making the installation, and there
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are easy as well as hard ways of doing things. The following
are few of the techniques I have developed and used with
reasonable success:

Pulling Cable

On a large project, when many cables are run through
conduit between two locations, it is difficult determining what
length to cut the cable or cables.

First, run a “snake” through the conduit. Then tie onto the
end of the spool to pull in one cable. Make sure it is adequate
length to reach the desired location on each end of the conduit.
If the distances vary, then make them all reach the farthest
point. To accomplish this, pull the first cable back out of the
conduit. Use that measured cable as the yardstick for the rest
of the cables. Tie or tape them together every couple of feet, if
desired. so that you don't end up with a tangled mess on the
floor before they all get pulled into the conduit.

Now that you have made a large cable out of all the small
cables, tie these onto the end of the snake. Make sure there is a
good tie. The end of the snake should be bent over into a hook.
There is tremendous pull on that joint; make sure it is tied
down good and tight. Next, tape over the hook on the snake so
that it can’t hook a cable already in the conduit.

Of course, you should have decided which end of the
conduit you will work from. It takes some elbow room for the
cable when the pulling action starts; be sure to find the best
way to pull. It doesn't matter as far as the wiring itself is
concerned. Have someone feed the cable into the end of the
conduit. He can keep any kinks straight and help keep the
cable from binding on the edge of the conduit opening.

Identifying Cables

There are a couple of ways the cables can be identified.
One method calls for tagging each cable before it is bundled
into the large cable. But this can be time consuming, and if the
tags are not the small roll-a-round type, they can become so
mangled after the pulling operation that they are unreadable
anyway.

The next method is the ringout. In this method, all the ends
of all the cables are bared back so that you can get at the
wires. Simply skin back the insulation a bit and keep the wires
apart so they don’t short to each other. You can use an
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Fig. 3-15. Two different ways to ring out the cables. In A, an audio os-
cillator and a pair of headphones are used. In B, shorting one end of the
cable and then using an ohmmeter at the other end is the method.

oscillator with a pair of headphones or use an chmmeter. With
the oscillator method. attach the oscillator to one pair of
cables. then go to the other end and listen across various
cable pairs until you find the pair with the tone. With the
ohmmeter method. short one pair of wires; go to the other end
with an ohmmeter and look for the short. If there is any doubt,
make and break the short while watching the meter. Either of
these methods works better when you have a helper. At least
there is a lot less walking between the ends. If you have some
intercom arrangement, use one of the cables for a
communications pair until you finally wire all the others into
the circuit. then do that one last. It is best to find a pair, wire
in both ends to the terminal blocks. find another, and so on.

There is still one more way: Wire in all the cables to the
terminal block at one end of the run; then ring them out. But
be careful that you aren’t reading the input resistance of a
transformer or stage.

If you have many cables to check, another little trick can
speed the process. Fan out all the cables on the floor, holding
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them with your foot. Then take the ohmmeter and quickly
cross each pair until the shorted one is found.

Jack Fields

Wiring up jack fields is a tedious process; there are many
connections to be made. Whenever there are many repetitious
actions to make, always try to employ production-line
techniques.

Many jacks are constructed so that a single piece of bare
No. 14 wire will lay right across the ground terminal of each
jack in the field. This makes a neat installation, but keep the
wire straight. If it is bent in many places, it can be
straightened by placing it between a couple of boards and
giving a few taps with a hammer. Lay this bare wire across
the ground terminals, but make it long enough so that it
reaches to the main rack ground. Solder each of the jacks, then
solder the end of the wire to the main ground. This is the only
ground necessary at the jacks because all the audio cables are
grounded at the terminal blocks at the base of the rack. The
shield at the jack ends are cut off (on the cable).

Jumper Connections

There are many small jumpers to be made and wired in
for the ‘‘normal” connections on the jack field. Do this: First
deside on the length one of the jumpers should be. Don’t install
it, but instead use it as the measure. Then measure and cut off
all the necessary jumpers for all the jacks. Install the jumpers
on all jacks mechanically first. Next, solder all of them. It is
less time-consuming to wire in all the normals than to wait and
decide which will have normaled jacks and which will not.
When the normal is not desired, it can easily be snipped off.

Wire Dress

Whenever there are hundreds of connections to wire and
dress. practice motion economy. That is. use as few motions as
necessary to do the operation. For example, first decide the
length the outer covering must be stripped. Mark off the
sample length near the spot you are working. You may be able
to mark the length on the strippers themselves. Then it won’t
be necessary to actually measure each time—just use the
marks each time to measure (without laying down the
stripper). Do the same with the individual wires. Thus your
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operation should be simple motions—measure the outer shell,
strip, measure the individual wires, and strip—all this without
putting down the stripper or changing position in your hand.
Practice the motion economy that works best for you; make it
a habit. If you think this is a small point, observe other
engineers in the way they dress the end of a wire cable. It can
be amazing the number of motions some individuals make in
this simple operation!

Fan-In

When dressing the cable into a jack strip, terminal block,
or whatever connector, the cable must usually approach from
one end of the terminal. A neat job can be done if the wires are
measured and fanned into the connections.

Make sure all the cables are long enough to reach the
greatest length, then tie the cable at the entrance to the
terminal unit. Make sure it is tight so that individual cables
cannot be pulled out. Again, the stripper may be used for a
measure; decide the length of the first one, strip, and so on.
This process can be measured for the first few, but it won’t be
long before the engineer can eyeball the length and come very
close. Start with the shortest cable and work each one until the
end one is reached. Work the length so that it is directly behind
the jack before measuring the length into the jack.

Lacing

After the wires have been carefully dressed into position,
lacing will make the finished product. You can either use a
lacing twine or some of the cable ties. The twine makes a
better looking job, but it takes a little longer to use. Use a good
waxed lacing twine. Cut off a few feet; don’t make it too long
or it will be difficult to work. As each piece runs out, simply tie
another piece to it. Make the loops so that each one pulls down
tight and stays in place if let go. That is, lace over and under so
that the tight straight piece is holding the loop in place. At the
end. make three or four knots; snip off the excess. Another
hint: Use a golfing glove or simply use a couple of Band-Aids
over the little-finger joint where you naturally pull the string
tight. After a couple of ties, you will be able to determine
where this spot occurs. If you don’t do this, the string
eventually cuts through the skin and you will have some very
sore fingers.
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Chapter 4

Audio Characteristics
and Problems

There are several important audio characteristics that affect
the operation of a station's audio equipment. Many of the
problems that arise and require maintenance can often be
traced to these characteristics, which have either been
ignored or inadvertently disturbed. Only a few of the main
characteristics are discussed in the chapter, along with some
problems and their sources.

LEVEL SETTING

There are two different aspects of signal levels that should
be distinguished in these discussions. Program levels are
those which occur during normal programming, caused by the
program itself. Standard system levels are those around which
the system has been designed, that is, the setup levels.

Program Levels

During operation, program levels vary according to the
particular program, but the peaks should be maintained as
read on the VU meter. When signal levels are very high, they
should be adjusted back within limits by the gain control. The
same can be said of low signal levels: Adjust upward to get
them within limits. This is simply old-fashioned gain riding,
which is a lost art today. This is so because too much reliance
is placed on AGC (automatic gain control) and limiter
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amplifiers to take care of all gain problems. And secondly,
many operators are basically announcers doing their own
switching. Actually, AGC amplifiers do a fine job of riding
gain—so long as signal levels are within their range. They
cannot do the entire job; but when signals are within their
range, they can often do a better job than an operator.

Meter Pads

The signal levels read on the VU meter are not necessarily
the true signal levels of the bus they are monitoring. The VU
meter itself has a definite full-scale range, just as any other
meter. When the bus levels must be higher than the normal
range of the meter, then pads must be inserted to bring these
levels back into range. The pads, however, must only control
the signal level to the meter, and must not affect the actual
signals on the bus itself.

The range of the meter is approximately —20dB to +3 VU,
full scale. The meter can read bus levels that are within this
range, but in many cases they are higher than this. A pad must
be inserted to bring the bus level back within range of the
meter. Consequently, the meter may be peaking at 0 VU, but
the bus level may actually be +8 dB on the peaks.

The VU meter almost always has pads in its path (Fig.
41). The internal impedance of the meter is 3900 ohms, and if

I
PROGRAM BUS } B 6000
LEVEL ++4 LOAD

l METER INTERNAL

" IMPEDANCE IS

= =NMNN-

|—-> w 39000

75000

PAD

Fig. 4-1. VU meters always have resistance pads added, so they present at
least a 7500-ohm bridging to the program bus. With a total of 7500 ohms
for the pad and meter, the meter will indicate 0 VU when busis +4 VU.

this is placed directly across a loaded 600-ohm bus, it will load
the bus down a little (about 0.6 dB). Usually, there is enough
resistance added so that the meter circuit appears to be

104



approximately 7500 ohms. The meter will read lower, of
course. It will be lower by approximately 4 dB, or to put it
another way. it takes +4 dB on the bus to make the meter read
o0VvU.

Standard Levels

The system is arranged to operate at certain levels, for
example +8 dB. The VU meters are then padded to read 0 VU
when these levels are present. That is, the system levels are
+8 dB. and not the 0 VU that the meter-and-pad combination
indicates. Every station should have its system set up around
standard levels. Industry standards may be used, and this is
preferable; but any standard can be set. Most broadcast
equipment. however, is designed to operate at the nominal
industry standard levels. Industry standards are essentially
these: low-level microphones —55 dB; midlevel, —12 dB,
program bus levels, +8 dB; other high-level monitor circuits
+24 dB. The station standards need not be these exact values,
but should be in the neighborhood.

Consumer Items

Many times, certain equipment items designed for the
consumer or hi-fi market find their way into broadcast
stations. This happens quite often in smaller stations, and even
in some of the larger ones. This is not to say that such
equipment should not be used, but the methods of designating
input and output levels and impedances may be different.
When mixing such equipment with regular broadcast
equipment, look at the specifications carefully to determine
what they mean. You don't want to compare apples and
oranges. The broadcast standard is based on power and a
definite impedance (Fig. 4-2). Program buses are at 1 mW in
600 ohms, representing a0 VU level. This is also a voltage level
of 0.775V across a 600-ohm impedance.

Sine and Complex Waves

The program signals are made up of complex waveforms
and are far different from the sine-wave signal obtained from
a signal generator. It is a paradox that our broadcast system
must use the complex wave for all its program operations, but
the majority of our test and setup adjustments must be made
with the sine wave. This is necessary since many
measurements require the signal to ‘‘stand still” long enough
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Fig. 4-2. The broadcast standard reference level is a measurement of
power in a program circuit, with a specific 600-ohm load impedance. This
is designated as 0 dBm(the small m means milliwatt reference).

so we can measure it. The unfortunate part of this is that the
equipment often behaves differently when amplifying the
complex wave than it does with the sine wave. Consequently, it
is important that the engineer understands the differences
between the two waveforms, and the different equipment
reactions, so that more meaningful measurements and
adjustments can be made to the system.

The sine wave obtained from a signal generator will
provide those nice. symmetrical *‘text book” waveforms. The
positive and negative halves of each cycle are identical in
amplitude and beautifully shaped, and each cycle repeats
itself until the generator is shut off. There are many things
that can be said for the use of this test signal. It does meet all

SINE WAVE COMPLEX WAVE

Fig. 4-3. The sine and complex waves.
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the standard formulas for AC signals—peak-to-peak value,
averages, etc.—regardless of the audio frequency that is used.

The complex wave is another story altogether. In the first
place. very few of the cycles repeat themselves. Actually,
there are many cycles mixed together as the sounds the wave
represents occur. As a matter of fact, they bear little
resemblance to cycles in the sense of a sine wave. Besides
that, positive and negative portions are not always identical in
amplitude. The term complex wave adequately describes this
signal. Besides being so irregular in shape, the average, RMS,
and peak values are constantly changing in relationship to
each other, depending upon the program content at the
moment. These relationships are further changed when the
program signal is run through signal processors and
equalizers.

Peaks and Averages

The average value of an unprocessed complex wave in
relation to its peak value is almost always far lower than in a
sine wave (Fig. 4-4). This change in relationship is due to the
waveform itself. To get a higher average value, each cycle or
time period must have more “body’"; that is, cycle width in
relation to peak amplitude. In a given time, say one second,
the complex wave may run through a dozen or more cycles,
each with a different width-to-peak ratio. Anyone familiar with
pulse measurement, and particularly trying to rectify a pulse
signal to obtain a DC voltage, knows what a disappointingly
low value of DC voltage will be recovered from a
high-amplitude, narrow-width pulse train.

The peak amplitudes of the complex wave canbe 8 to 12 dB
(or more) higher than the average value of the signal. And it
takes a special meter to read these peaks with some degree of
accuracy. This meter is the VU meter, and it is especially
designed for reading the peak values of a complex wave. It has
special damping to prevent overshoots and vibration of the
meter hand. and other ballistics so that it can reasonably
follow the wave. When it is measuring a complex waveform, it
is indicating in volume units (VU), and not decibels. The
standard AC voltmeter. as found on regular test sets or
multimeters, does not have these characteristics and will not
read correctly.

Any meter, including the VU meter, is an electro-
mechanical device, so there is inertia present. Consequently,
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Fig. 4-4. Comparison of sine wave, complex wave, and pulse.

fast, narrow peaks arrive and go by before the meter can
react. A sine wave, however, can be measured with the VU
meter (Fig. 4-5). With symmetrical, repetitive sine waves,
both the AC voltmeter and the VU meter will read the same.
They will also both indicate in decibels. But even with all its
special characteristics, the VU meter, on a complex wave, will
still indicate lower than the true peaks of the signal. And these
peaks will be far different than the decibels read on the VU
meter with a sine wave.

An interesting test can be set up to verify the foregoing
discussions on complex and sine waves (see Fig. 4-6). Use the
console, and a remote amplifier or similar device that has a
VU meter across its output. Make sure the output is properly
terminated in 600 ohms and the input signal is not the type that
has been processed. Use a microphone for best results, or use
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a record without any other processors. (The peak-to-average
values will be somewhat distorted because of the processing of
the program before recordings.)

Next. feed a signal generator into one input, making sure
to use the correct impedance matching, and set the VU meter
toread 0 VU. Select a frequency that will not fall within some
equalizer range. Now, place an oscilloscope across the output
resistor and set the signal display to some arbitrary value.
However, make sure you leave plenty of space on both top and
bottom of the trace. Do not change the scope input after this
calibration.

(A

—»-0dB PEAK
C“/o’,
P -
VUMETER (SINE WAVE)
INDICATION %2 CYCLE SHOWN

+8W— — —— — — — —TRUE
/\/\ A/\ PEAKS
—»0VU v‘
- - ,\

VUMETER (COMPLEX WAVE)
INDICATION

Fig. 4-5. When sine wave signal is used to set up the program level, (A) VU
meter will read 0 on sine wave peaks but program peaks will be much
higher. (B) The meter will indicate peak values as 0 VU, but the true peaks
will be 8to 12dB higher.
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Fig. 4-6. A test setup to compare sine wave with complex program wave.
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Do not change any gain controls, but switch off the signal
generator. Feed the mike or program source into another
fader and adjust the gain control of the channel so that the VU
meter is reading 0 VU on the peaks. Observe the oscilloscope.
The program peaks will be much more than double the peaks
obtained with the sine wave. The scope, by the way, is
indicating peak-to-peak values, but it will be the same for both
signals, so the indications are still valid. The scope also reads
voltage. Since the program peaks are more than double the
sine wave peaks, they are more than 6 dB higher. Doubling the
voltage is 6 dB. but since these peaks are more than double,
the figure is more than 6 dB. This is only a relative test to
visualize what is happening in the circuit. Compressors and
peak limiters, of course, lower these peaks considerably.

Headroom

A very important aspect of level setting and control, which
is often overlooked. is headroom (Fig. 4-7). The amplifier
designers do give consideration to headroom; how much will

AMPLIFIER
STATURATION POINT PEAK IS

TRUE PEAKS CLIPPED

VUMETER  INPUT SIGNAL OUTPUT SIGNAL
INDICATION
Fig. 4-7. Headroom is the space between the peaks as read on the meter

and the amplifier saturation or overload point. Any peak past the satura-
tion point will be clipped.

reflect the quality of the amplifier. In the previous discussions

and demonstration, it was shown that the peaks of the program
material are far more than what shows on the VU meter. The
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amplifier must be able to pass these peaks without going into
nonlinear operation or clipping. The region between the peaks
indicated on the VU meter and the point the amplifier goes into
distortion is the headroom.

Lack of headroom can be due to poor amplifier design, or
it can be due to an improperly chosen system standard level or
improperly adjusted levels. For example, if +8 dB is chosen,
make sure all VU meter pads are set to indicate 0 VU at this
level. If they're set wrong, levels can be higher than indicated.

Check for headroom after the levels have been set up.
Feed the signal generator at 10 dB higher to the system.
Measure distortion first at the standard level, and then at the
10 dB higher level. If distortion increases at the higher level,
then headroom is not adequate and the program peaks will be
distorted. It will be necessary to choose a lower standard
system level. In this case, perhaps 0 dB should be used as a
standard system level.

DISTORTION

The signal going into a system should come out the other
end unaltered in any way, except for an overall increase or
decrease in signal amplitudes across the pass band. Whenever
the signal is altered in some way, it is distorted. In practice,
however, there may be many deliberate, controlled alterations
of the signal. Although in a strict sense these are distortions,
they are not necessarily bad. We don’t usually think of these
controlled alterations in terms of distortion, but those which
are uncontrolled and detract from the signal are considered
distortions. They fall into four categories: phase, frequency.
amplitude, and intermodulation distortions. Whenever any one
of these forms is present, other forms can also be present.

Phase Distortion

This type of distortion occurs when all signals in the pass
band do not pass through the system in an equal time
reference. That is, some frequencies may lead or lag other
frequencies. Faulty components and stage overload can cause
shifts in the phase. Small amounts of phase shift may not be
detectable in a monaural system nor give any real problems.

FM stereo is a two-channel system that relies on the
matrix action in the stereo generator and in the receiver for
proper operation. Phase is very important, and varying
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amounts of incorrect phasing will cause deterioration of
channel separation. Out-of-phase (180°) signals cause channel
reversal and cancellation in a recovered monaural signal (Fig.
4-8). Each channel should be identical in the stereo system,
and the patch length of each should be electrically the same.

(A)

LEFT LEFT (RIGHT)
=~ — — = LE
\}/ STEREO
N RIGHT | PROCESS
RIGHT . o AN (LEFT) RIGHT

(CABLES REVERSED)

(B)

— LEFT
LEFT QO——
" MONAURAL | =\ o o

COMBINING ——~

T /\RIGHT _|PROCESS x ouTPuT

? OUTPUT
SIGNAL
‘ROENVEEEQEB,E CANCELLED

Fig. 4-8. When 180-degree phase shift occurs: In A, the cables in the stereo
system are actually reversed, which interchanges left and right channels.
In B, when one of the stereo cables is reversed and stereo is fed into a mix-
ing process to produce a monaural signal, the out-of-phase signals
cancel.

Both of these phasing problems can be caused in the
installation as well as the operation. Path length problems
often develop when telephone company lines are used for the
connecting link to the transmitter. Both of these lines are
equalized, and this in itself can cause phase shifts. The
physica' length of the individual line may vary considerably.
There are other forms of phasing problems, and from
different sources, although we may think of these in terms of
feedback. That is. output signals get back into the input stages
in various ways, such as circuit capacitance, wiring
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capacitance between cables, input/output connectors too close
together, or connections close together in jack fields, terminal
blocks or elsewhere. If the output signals are in a phase
direction to increase signal amplitude, this is positive
feedback; and if they're in a direction to reduce or cancel
amplitude, this is negative feedback. In positive feedback,
oscillations can occur. However, if the feedback is not quite
enough to cause the circuit to go into oscillation, circuit gain
near certain frequencies can rapidly increase (Fig. 4-9). This
is similar to the condition used in the superregenerative
receiver. The @ of the circuit near the resonant frequency,
however, may not be high enough, so the resonant curve will

! I IN-PHASE
FEEDBACK
! |/ SIGNAL PEAKED OUTPUT
[ l WITH FEEDBACK
[
(A) , I  NORMAL SIGNAL
|
—,QUI—> AMPLIFIER OUTPUT
| |
NORMAL
INPUT
SIGNAL
(B) |n|
|
(’[ [l \ : ! —\
1K 5K 10K 20K 100 7K1 5K} 10K 20K
AMPLIFIER ¢ ¥ v v
BANDPASS HIGHQ LOWQ
CURVE IN CIRCUIT IN CIRCUIT

Fig. 4-9. (A) Positive feedback can create a signal boost or oscitlation. (B)
How wide the affected frequency area of the bandpass depends upon the
Qof the audio circuits involved.

be broad. Only a few frequencies are affected, and this creates
a peaking effect. In negative feedback, there is an opposite
effect. That is, there is a cancellation of a few frequencies, or a
notch effect. What actually occurs in each case will depend
upon circuit conditions and the nature of the feedback signal
itself.
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RFI

Another source of feedback can occur when RF
interference (RFI) is present from the transmitter being
modulated with the same audio signal. The RF signal is picked
up and demodulated by circuit components, and the resulting
audio fed into the offending stage. The same conditions can
exist as were discussed for regular audio feedback. But there
can also be another type situation. In this case, there may be
considerable delay (Fig. 4-10). The resulting signal then has an
echo effect, and the greater this delay, the worse the effect.
This is similar to the effect of the input/output signals from a
tape recorder being fed into two open channels on the console.

RFIFEEDBACK

AUDIO
‘ NORMAL OUTPUT SIGNAL
i ECHO SIGNAL
1
I
£ AMPLIFIER—L 47 -
% . N
| l f
]
DELAY- CANCELLATION
THIS AREA
NORMAL IN
AUDIO

Fig. 4-10. RF feedback to the audio that is delayed can cause an echo
effect.

Strong RF signals can be rectified by circuit components
or the transistor itself. This can be converted to DC voltages
by circuit elements filtering the rectified RF. This voltage
may then be applied to a stage’s bias, for example, and thus
shift its operating mode into a distortion zone. The stage may
be able to handle most of this, or the pickup may not be strong
enough: but the shift can be to the point that the signal is being
clipped on the peaks. This has its own pecnliar sound in the
audio. that of a severely overloaded stage.

Whether from shifting operating points or a strong audio
input signal. the positive or negative peaks, or both, may drive
a stage into saturation. This means outright clipping of the
signal. There will be distortion because the output is not a
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perfect reproduction of the input, and a clipped signal will be
very rich in harmonic content.

Frequency Distortion

This type of distortion occurs when all the audio signal
frequencies are not amplified equally across the pass band. In
other words, the response curve of the pass band is poor. This
frequency discrimination can occur in any part of the pass
band (Fig. 4-11). For example, if the discrimination occurs at
high frequencies, there will be a rolloff or cutoff of the

(A) RESONANT CONDITION CAN CAUSE PEAKING

1 1 1 1
100 1K 5K 10K 15K

(B) SHUNT CAPACITY CAN CAUSE
HIGH-FREQUENCY ROLLOFF

100 1K 5K 10K 15K

(C) LOW-VALUE SERIES CAPACITANCE CAN CAUSE
LOW-FREQUENCY ROLLOFF

[
100 1K K 10K 15K

Fig. 4-11. Different ways frequency distortion can occur in the pass band
of the unit or system.

response curve at the high end. And when it occurs at the low
frequencies. the low end of the respone curve suffers in the
same manner. If there is a sharp rise of a few frequencies at
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any place in the pass band, this is described as peaking or
boost. and the opposite of this is a notch or cut. Naturally,
equalizers do all of these things to a response curve; that is
their purpose. It becomes distortion when the amplifier or
circuit does it all by itself.

Reactance

Two factors which cause frequency distortion are the
capacitance and inductance of circuits or components. Both of
these have a reactive value that is frequency dependent.
Perhaps the capacitive reactance is the biggest offender in
audio.

Series capacitance will affect low-frequency audio. This is
because the reaetance increases at lower frequencies. For
example, a large-value coupling capacitor with a
several-microfarad value dries up or opens up, so that its
effective value is now only a few picofarads. Only a few of the
higher audio frequencies will get through, and none of the
lows. This is, in effect, a differentiator circuit. The actual
effect. of course, depends upon the actual values present.

High-frequency rolloff is usually caused by capacitance
across a circuit. That is, the reactive element is parallel to the
load. When the capacitance goes to ground, this is usually
considered a bypass. Since the reactance of a capacitor
becomes less as the frequency goes higher, the capacitor will
provide a low-resistance path for the high frequencies; and if
the values are such as to produce a very low-resistance path, it
will short out the highs. One source of the problem is
capacitance across the audio cable. This is also one of the
reasons for low-impedance circuits, since this reactive path is
parallel with the impedance.

Impedance Matching

Mismatching of impedances can also cause the frequency
response to be affected. The mismatch will present a different
impedance value to different frequencies. And unless the
voltage developed across the impedance is the same for all
frequencies. there is frequency distortion. A source of the
problem can bethe T-padon abalanced circuit. The padis
intended for unbalanced circuits but is often used on balanced
circuits because it is less expensive than an H-pad. (Here we
are talking about the variable type used as a gain control.)
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This pad will work all right, so long as it is kept in midrange.
Toward the extreme sides, there can be serious response
problems.

Defective Components

When circuit components become defective, they can
change their characteristics drastically. These changes
contribute to many distortion problems. Something may, for
example, move a stage into a position of near oscillation. This
could create a peaking condition in the audio. The same type of
conditions that are caused by feedback can occur when
components become defective.

Amplitade Distortion

One of the more common forms of distortion is amplitude
distortion. This is usually caused by misadjustment or mis-
operation of the system. Whenever some stage does not
amplify the audio signal in a linear fashion, the output is
distorted, and there are usually second- and third-harmonic
components present. Amplitude distortion is often called
harmonic distortion.

Aside from simply overloading amplifiers by not adjusting
gain as needed, there can be several other factors which can
cause this type of distortion (Fig. 4-12). A stage’s operating
parameters may shift when components fail or change value.
For example, a voltage-dropping resistor in series with the
power load may go down in value, thus allowing more voltage
to the stage than design permits.

Temperature Effects

Solid-state units are sensitive to temperature changes.
Temperature effects can cause a transistor to shift to a
different operating mode, and this can cause distortion. It is
important that heatsinks be kept clear of air obstructions and
that they are in place. It is easy to forget to replace one when
changing a transistor. Another cause of heat buildup is the
small ventilating fans often used and their filters. Filters can
become clogged and shut off the air circulation of a unit, or the
small motor can fail.

Push-Pull Stages

Stages in push-pull operation must be kept balanced or the
output signal will be nonlinear. This is due to the nature of the
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Fig. 4-12. Two ways amplitude distortion can occur: In A, stage operating
point has changed on its input-output curve, causing output to be non-
linear. In B, input signal is too high, causing stage to be driven into clip-
ping.

stage operation, as one side of the stage amplifies only one half
of the cycle, the other half cycle being amplified by the
opposite side of the stage. Both of the amplified halves of the
signal are reunited in the output of the stage. Should
components fail or change value, that would cause the two
sides of the stage to unbalance and the output waveform to be
distorted (Fig. 4-13). For example, both sides of a push-pull
stage normally operate as a class B stage, but the bias on one
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Fig. 4-13. Class B push-pull stages must be kept balanced. If bias should
shift one half of the push-pul circuit so that one stage acts more like Class
C., the combined output will be nonlinear.

side has increased so that side begins to act more like class C
than B. The output waveform from this side is less than the
other side, so the combined waveform is nonsymmetrical and
distorted. Many complex waveforms are nonsymmetrical.
That is, the positive side may be higher in amplitude than the
negative, or the reverse of this. The human voice often
generates such waveforms, and since these are natural, they
are not considered distorted. The amplifier should reproduce
them the same way they are received. Of course, shaping
circuits may be used to make these waveforms symmetrical.
At any rate, as long as the stage is faithfully amplifying what
is at its input (even a distorted signal), that stage is not
causing distortion.

Intermodulating Distortion

Whenever a stage is operated in a nonlinear manner or
clips the signal and there are two or more signals present of
different amplitude, intermodulation distortion will occur. A
single tone passing through an amplifier and driving the stage
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into severe clipping will result in a very distorted output
signal, but there will be no intermodulation distortion present.
The conditions are right, but there can’t be intermodulation
distortion without a second signal present. When the conditions
are such that distortion can occur, and the second signal is
added. one signal will modulate the other. Note that this is a
modulation process, and not simply a mixing process (Fig.
4-14). Signals can be mixed without modulation taking place;
in fact, this is what the program material is—many mixed

(A) MIXING

LOW
FREQ. %-—
SIGNAL N W

AMPLIFIER f————
HIGH A MIXED
FREQ. W—» SIGNAL
SIGNAL OUTPUT

(B) MODULATION

LOW-FREQ.
SIGNAL o
AMPLIFIER

HIGH FREQ. MODULATED
o SIGNAL
; OUTPUT

Fig. 4-14. Intermodulation distortion is a modulation process—not mixing.

sounds, all blended together. When a stage operates in a
nonlinear fashion, however, and especially if clipping is taking
place, then modulation will take place. This is similar to the
process which takes place in the first detector or mixer stage
of a superheterodyne receiver. The same results are obtained:
Both original signals are present, plus sum and difference
frequencies of both, and many harmonics are present. But the
program signal has many different frequencies present at the
same time. Many of these can be modulating each other and
producing all the results, and all the additional harmonics are
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also tossed into the stew. The harmonics will be outside the
system pass band, but the sum and difference frequencies will
be in the pass band. They can’t be removed. The sound of this
defect on the air will depend upon the degree of distortion
taking place. Small amounts may go unnoticed, but they tend
to “muddy” the signal, or dull its clarity and brilliance.

Stereo Signal

Stereo signals that have been recorded with narrowly
restricted bandwidth in the original material may be
accompanied by high-frequency noise or other unfiltered
signals. When this is fed through a limiter that also clips the
peaks above a preemphasis curve, unexpected results can
occur. Severe popping and cracking sounds can be heard in a
monitor speaker causing the modulation meters to inter-
mittently peg. In one situation where this occurred, news
people had done some interviews with a small cassette
recorder, dubbed this to a regular monaural cartridge, and
then dubbed the monaural cartridge to a stereo cartridge. All
of this dubbing certainly didn’t enhance the quality of the
signal, but on top of this, there was a very high-frequency hiss
(probably tape hiss) in the background. Although barely
audible, it did have a high amplitude, which kept the limiter
continuously in a clipping condition. The pops on the air
monitor speakers were not gentle pops, but more like the
crack of a bullwhip.

GENERAL CAUSES OF DISTORTION

It is important to remember that the master system of the
station must work as one unit, and no part of the system should
contribute an inordinate share of the total distortion. Besides
audio amplifiers. other parts of the system can contribute to
distortion. Faulty components in a unit may cause distortion,
as can power supplies. equalizers. signal processors. trans-
mitter modulators, and RF tuned circuits that are of insuf-
ficient bandwidth. In sections of the book where individual
units or parts of the system are covered. distortion possibilities
with the unit and its operation will be brought out. For now,
only a few of these general aspects are discussed.

Power Supplies

A power supply sets the operational parameters of all the
stages in a single unit or units that it supplies. These may be

122



regular or bipolar supplies, regulated or nonregulated. Even
the regulated supplies can drift and need to be measured and
adjusted from time to time. Most regulated power supplies
today are solid-state units themselves, and the regulators are
large power transistors or ICs. Temperature changes can
affect these regulators just as much as they can affect signal
transistors in the amplifier stages, and will cause the output
voltages to drift or the supply to go out of regulation.

A power supply may have several different output
voltages that are derived through resistor networks. Some
fault in the load can cause higher than normal current through
the current-limiting and dropping resistors for a given tap
(Fig. 4-15). Two things can happen: The higher current will
cause a greater voltage drop, so the bus voltage will be lower
than normal. Second. the higher current may exceed the
power rating of the resistor changing its value and eventually
opening it up. During this time (which may be several days or
weeks) that voltage bus is low. Consequently, other units or
stages relying on the voltage bus to set their operating
parameters will shift operation. This new mode of operation
can be susceptible to overloads or other forms of distortion.
With the stage operating with lowered voltages, even normal
input signals may now be too high and cause it to overload.

Jacks

Either loose connections or dirty jacks can cause a form of
distortion that is difficult to find. The difficulty in finding the
culprit comes from our natural tendency to suspect an
operating unit rather than a passive unit. As heard on a
monitor speaker, this form of distortion sounds as though peak
clipping were taking place in an amplifier. There can also be a
loss of low frequencies because of the low value of capacitance
that couples the signal across the contact.

In jacks, the “‘normal” contacts are usually at fault. The
springs may not have enough tension, and oxidation may build
up on the contacts, forming a high-resistance path for the
signal (Fig. 4-16). The same situation can occur on a loose
connection at a terminal board or any spot on a printed circuit
board that didn’t get soldered. When wiring up a new station or
new jack field, there are many, many connections to be made.
It is easy to overlook soldering one or two of these. In all cases,
the oXidgatioa will Le resistive and will discrimminate against all
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frequencies; and when the resistive value gets high enough, it
becomes an open circuit to the signal. But the two conducting
surfaces separated by a thin insulator will form a small
capacitor. And only the very high audio frequencies get
through.

Transistor Stage Design

Design problems are not ordinarily a problem for the
engineer in the field, unless he is building his own circuits or
remodeling other circuits. But a little knowledge of some of the
factors important in circuit design are helpful. That is, the
engineer can be on the lookout for those things which are
important to the design and most likely upset stage operation
when components change. And this is usually what causes
distortion—a small shift in stage parameters.

Distortion is one of those subjective qualities about a
signal. The hearer may not understand or recognize that he is
hearing distortion, but instead, the distortion may be sensed or
felt. (Serious amounts of distortion are something else and will
require immediate correction.) Thus, a stage parameter may
drift, resulting in a small increase in distortion, perhaps 1%.

INPUT o——¢ ©
t
. Y
|
' .
-l :
-
]
!
'
'
OUTPUT & 2 °
] 1
1T
INPUT 4./& = OUTPUT

Fig. 4-16. Oxidation on jack “‘normal™ contacts can create high series re-
sistance and form a small capacitor. This is equivalent to an open circuit
with a small capacitor across it. Only the very high audio frequencies wilt
get through.
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This additional 1% will add to the system’s total distortion, and
this may push the system out of FCC tolerances, even though
that 1% would not be discernible by itself.

A transistor stage has two sets of conditions: DC, AC. The
resistors around the stage and the DC power supplies set the
DC parameters. In a sense, these values are noncritical. They
are selected so that the transistor stage will operate within the
range of the transistor itself and the stage gain desired. What
is important about the resistors is that the ratios of these
resistance values remain the same. All of these values can
change a long way, just so long as they all change in the same
direction and the ratio remains constant.

The change, however. must not move the operation out of
the transistor’s range. Under these conditions, there will be a
change in the impedance and gain of the stage, and this could
cause distortion in a following stage if the gain goes too high.
What is important, from a distortion-and-troubleshooting
viewpoint, is that one of the resistor values may have changed
radically in a stage. This would definitely upset the stage
parameters, perhaps its bias. So when troubleshooting resistor
values around a stage, do not be concerned if all resistor
values are off 10% or 20, as long as they are all off in the
same direction, either low or high. If one resistor has changed
by 50¢ to 75% of its stated value, it should be replaced. The
replacement should be as near the stated value as possible
(assuming the other resistors are so). Thus, if the circuit calls
for a 1000-ohm resistor and the closest value in the parts box
measures 950-ohms. add a 50-ohm resistor in series with it to
make 1000-ohms. The combination may not look as nice as a
single resistor. but the stage will work as it should.

The DC operating mode is the static mode of the stage. The
other mode is the AC, or dynamic mode. Control of the AC
characteristics is just as important as the DC characteristics.
The capacitor values around the stage are important, for if
they change value, the AC characteristic will change, and on a
frequency-dependent basis. Impedance and the AC gain will
also change. and distortion may result. When a capacitor must
be replaced. the replacement should be as near the stated
value as possible. That is, the handiest value in the parts
cabinet should not be used. simply on the theory that there
ought to be some capacitance in the stage at this point and any
value will do. If the correct value is not available, add
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capacitors in parallel to get more capacitance, or in series to
reduce the value or get a higher voltage rating.

Equalizers

The excessive use of equalizers in a system can often lead
to distortion. There may be too much boost to certain
frequencies, which can overload following stages. There is no
problem in this regard if the frequencies are lacking in the
original signal (there could be noise problems) and the boost
is required to bring the response back to normal. But when the
original signal is not lacking in these frequencies, and the
boost is done for effect. the boosted frequencies can overdrive
other stages following the equalizer and create distortion.

IMPEDANCE MATCHING

A variety of equipment can be interfaced electrically and
the most efficient transfer of signal power from one unit to the
other is obtained through impedance matching. Impedances
have been standardized in the broadcast industry.

Impedance is a term for an electrical value containing
both resistance and reactance and is expressed in ohms. The
amplitudes of signal levels in and out of an amplifier are
directly related to the impedance value. To obtain the most
efficient transfer of power from one circuit to another,
impedances should be matched, and this match must hold
across the pass band.

Impedance Mismatch

Mismatching always results in some penalties in terms of
poor system levels, amplitude and phase distortion, and poor
response curves across the pass band.

How severe the penalties will be depends upon the degree
of mismatch and how critical the application. A source and its
load should be matched. The source is called the driving
impedance. This is the output impedance of the amplifier
feeding a bus or other load. The input of the next stage, at the
receiving end of the bus, is called the load impedance. The
following are a few examples of how mismatching can become
an operational problem.

When the load impedance is mismatched towards the low
side of what it should be, the signal amplitude across the lower
impedance will also be lower. To overcome this lower level,
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the operator may increase the driving-amplifier gain. This will
cause the driving amplifier to work harder than normal. But
the increased gain may affect the headroom designed into the
amplifier so that it has all but disappeared, and clipping may
take place, causing distortion. At the same time, the output
stage of the driving amplifier is also working harder to deliver
more signal current. This increase may be more than its
design permits. This could damage the output transis:or, or it
may drive the stage into distortion.

When the input impedance of an amplifier is low in
relation to the driving-amplifier impedance, a mismatch again
occurs. (This is the same situation as in the previous example,
except now we are discussing the other amplifier.) The
mismatched impedance will provide low input voltages to the
amplifier. And with a low input signal, the operator may
increase the gain setting of this amplifier to make up for the
signal loss. Now, however, the signal-to-noise ratio will suffer.
At the same time, an amplifier running at high gain is
susceptible to interference signals, especially RFI.

Reactive Components

If the reactive components of the driving and load
impedances are not properly compensated (as during a
mismatch situation). there are frequency-related effects. The
type of frequency-related effects depends upon the type of
reactance and how much is present. If there is a resonant
condition, peaking of one or more frequencies will occur.
Should there be shunt capacitive reactance, a high-frequency
rolloff will occur. A typical example is a long cable run
terminated in a high impedance rather than a normal low
impedance. The capacitive reactance will be in parallel with
this load impedance and the response curve will show high
frequency rolloff (Fig. 4-17).

The Ideal and the Practical

Most theory and calculations are based on ideal
conditions, but practice often falls somewhat short of the ideal.
There are many cases where a mismatch does occur, and the
theoretical penalties also occur; but in any particular situation
they may have no real effect and may go unnoticed. Although
mismatch will occur in some situations, how much penalty can
be tolerated will depend upon the particular case. For
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1
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CABLE CAPACITY 55 pF/FOOT X 500 FT=0.0275 puF
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500FT
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6doq T -
AT AT
10 kHz 10kHz

Fig. 4-17. Cable capacitance will shunt the high-frequency response. In
the example, even a properly terminated cable will have a rolloff at the up-
per frequencies when the cable is very long.

example. a schedule E telephone company remote line has a
very poor response curve. Even a loaded line has a pass band
of approximately 200 Hz to 3 kHz. Now when the system
receives a program over such a line, but mismatch occurred in
the patchup that caused the audio to roll off above 10 kHz, the
effect would be unnoticeable, since there isn’t any signal
frequencies left in this range after passing through the line. As
a matter of good engineering practice, it is well to strive for
the ideal. but also realize that there may be situations in which
the ideal is not achieved, yet the results are acceptable.
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Typical Cases

A usual situation where impedance mismatching can
affect system levels is the overloading of a signal bus by too
many circuits, so that the net load on the driving amplifier
becomes a very low impedance. This can be a case of
disregarding the impedance factor in the first place, or
forgetting that all impedances in parallel compute the same as
resistances in parallel. For example, a 600-ohm program bus
is normally terminated at the end of the run by a 600-ohm load
(Fig. 4-18). But at several places earphone outlets are tapped
into the bus. Plugging in an earphone with a 2000-ohm

(A
PROGRAM NORMAL
BUS 600
TERMINATION
2K 2K 2K 2K =500Q

(B) EQUIVALENT

PROGRAM BUS 2730

600 TERMINATION

Fig. 4-18. Impedances in parallel figure the same as resistors. Here, the
four earphones will cause double loading of the bus.

impedance will have little effect on the bus signal levels, but
suppose during some special program there is an earphone
plugged into four of these locations. Four 2K impedances in
parallel represent an equivalent impedance of 500 ohms across
the bus. Since the bus is already terminated in its normal
600-ohm load. the circuit is, in effect, double terminated. This
will drop the bus level by 3 dB at least.
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PADS AND TRANSFORMERS

Matching impedances and controlling signal levels
throughout the system are usually dome through the use of
resistive pads and transformers. Transformers also provide
circuit isolation, since there is no direct connection between
the two circuits except through the magnetic fields of the
transformer and its windings.

Most broadcast equipment is designed with standard input
and output impedances. For high-level program units, this
value is 600 ohms. Although designed for this standard
impedance. the amplifier does not necessarily have a
transformer on either end of it. Specification sheets are not
always specific in this matter. but some sheets state that the
amplifier is to have input and output transformers. The better
amplifiers will have transformers, both for isolation and
impedance matching.

Transformers

Isolation transformers have the same impedance on the
primary and secondary. These are 1:1 transformers (Fig.
4-19A). They are not designed for matching, but solely for
isolation. An isolation transformer can be a big help if wired to
jacks on a patch panel. Whenever two incompatible circuits,
such as a balanced and unbalanced one. must be patched
together, inserting the isolation transformer between the two
will make the circuit work without upsetting either. Many a
hum problem can be corrected by the insertion of an isolation
transformer.

Matching transformers (Fig. 4-19B) are similar to
isolation transformers. except they have more than one
winding on both the primary and secondary, or the primary
and secondary may be tapped. Those with separate windings
are usually strapped in series or parallel on the primary or
secondary to obtain the desired impedance. Of course, there
are many matching transformers that have a variety of taps
available, but here we are discussing the usual type used for
matching the standard impedances in the broadcast system.
This same transformer can also be used as a 1:1 isolation
transformer.

A bridging transformer (Fig. 4-19C) is often used in the
broadcast system. The input of this transformer is a high
impedance, while the output is a standard impedance. Some of
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(A) ISOLATION TRANSFORMER
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(C) BRIDGING TRANSFORMER
20kQ 600/150 Q OUT

STRAP: SERIES FOR 600 Q
PARALLEL FOR 150 Q

Fig. 4-19. Useful transformers for audio. Windings are strapped in series
or parallel to get the desired impedance.

these have series resistors built into them and enclosed inside
the case. The input side of this bridging transformer is 20K and
the secondary is 600 ohms. When this transformer is used to
bridge a circuit, there will be a 20 dB loss across the
transformer, so the following circuit must be able to make up
this loss. Often, however, the lower signal level is what is
desired.

Resistor Pads

Pads used around the station are mainly of two types,
bridging and matching. There is also the loss pad, which is
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often used. Resistors are always loss devices: even the
minimum-loss matching pads have an insertion loss. So,
whenever a resistor pad is to be used for matching, always
consider this insertion loss and its effect on the system. There
are many styles of precision commercial pads available in
either balanced or unbalanced types.

Homemade Pads

For many situations around the station, homemade pads
may be used successfully. They don't look as nice as the
commercial models and aren't as precise in either loss value
or the impedance. The lack of precision is because the exact
value of resistors calculated will not be available in standard
resistor values. Besides that, the standard values may be 10%
or 20% of the stated value.

Building a Pad

When building a pad, consider whether the circuit is
balanced or unbalanced. The input/output resistances of the
pad will be the same in either case. However, if the circuit is
balanced, the input resistance will be divided equally into two
parts, that is, half on each side of the circuit (Fig. 4-20). The

(A) UNBALANCED "'T" MATCHING PAD
R1 R2

IN — R3 —= OUT

(B) BALANCED “H" MATCHING PAD

v2(R1)  12(R2)

IN  — R3 — OUT

%(R1)  %2(R2)

Fig. 4-20. To make a balanced pad from a T-pad calculated resistor values,
divide R1 and R2 in half for each side of the circuit (R3 remains the same).
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output resistance will be divided the same way. For example,
suppose calculations show that the input resistance must be
100 ohms. If this is to be used on a balanced circuit, use a
50-ohm resistor on each of the input legs of the pad. In effect,
this is converting a T-pad to an H-pad.

Don’t accept the indicated resistor values on the resistors,
that is, the markings. Actually measure each resistor for its
true value and then select resistors which are as close as
possible to the calculated values. Even though values found
will not be exactly the calculated values, select identical
values for each side of a balanced pad.

Once the pad has been constructed, make a test setup and
actually measure the loss of the pad. This can be done by
connecting a signal generator to the input side of the pad and
measuring the level of the signal at the output of the pad (Fig.
4-21). Make sure the generator is driving with the correct
impedance and that the pad is terminated with the correct

OUTPUT Z=INPUT Z OUTPUT Z=TERM
z Y4 z
SIGNAL PAD TERMINATION
GENERATOR RESISTOR

MEASURE INPUT MEASURE OUTPUT
LEVEL FOR LEVEL FOR
REFERENCE LOSS OF PAD

Fig. 4-21. Test setup to measure loss value of homemade pad.

impedance. Unless the generator has a calibrated output
meter/pad arrangement, the signal into the homemade pad
must also be measured so that you have a reference. If the pad
is removed to measure the output of the generator, make sure
the generator is properly terminated. With this arrangement,
the loss of the pad can easily be determined.

Because the standard resistance values didn’t come too
close to the calculated values, the loss of the pad will be off a
few decibels from the calculated value, but it will work
satisfactorily in most cases. However, when circuit values are
critical, use the precision commercial pad.
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Transformer Strapping

When different windings must be strapped in various
manners to obtain the desired impedance of the input or output
of the transformer, the values don't figure out in such a
straightforward manner as with resistors. This is because of
the construction of the transformer; whether the windings are
separate or tapped, the turns ratio of primary to secondary,
and the magnetic flux lines that affect all the windings. Thus if
two windings on the primary are tied in series to obtain 600
ohms, when tied in parallel the result will be 150 ohms, and not
300 ohms (Fig. 4-22). But if two separate transformers have

(A

-4

15092 6000
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(B)
6000} 3”
PROGRAM BUS ><
6000 g ’ l

Fig. 4-22. When windings on a transformer are strapped in parallel, they
usually provide one-fourth the impedance value of the series strapping.
When two separate transformers are strapped in parallel, the impedance
is halved.

60092

60002

the primaries tied in parallel, the two 600-ohm primaries will
result in 300 ohms net impedance. With two separate
transformers, the flux lines do not connect the windings of the
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transformers. Actually, this is what happens when two
amplifiers with 600-ohm input impedances are placed across a
600-ohm bus; the resulting load is 300 ohms. It is the same
situation when the inputs of the left and right audio channels
are strapped together for test purposes in stereo. The resulting
lcad on the signal generator is 300 ohms.

Making a Bridge

As mentioned earlier, bridging transformers are
available. These usually have resistors built into the case and
wired to the input winding to provide 20K input impedance.

A homemade variety can be created with a couple of
resistors and an isolation or matching transformer. (This also
has the advantage of converting back to a matching ar-
rangement when bridging is no longer desired.) Simply insert
a 5K resistor in each leg of the input of a 600-ohm transformer.
This will provide a 20K bridging impedance and the loss across
the transformer/resistor combination will be approximately
20 dB.

Ohm’s Law

For operational purposes, impedances can be treated as if
they were resistances. For practical purposes, this will be
accurate enough, as long as the presence of the reactive
component is recognized. Whenever several outlets are tapped
off a circuit, remember to calculate the total value of
impedance placed across the circuit (as was done with the
earphones in an earlier example). There is often a tendency
not to consider the values when the taps are bridging. Usually
this is all right, as long as the standard 20K bridging units are
in use. In that case, it would take approximately 33 of these
units across a circuit to represent a 600-ohm load. This is not a
likely situation. But when making use of homemade varieties,
the resistor values are not always as high as the standard
values of a bridge. In some cases, the circuit following the
bridge cannot tolerate the 20 dB signal loss, so a smaller
bridging value is used. Actually, such a bridge can be made
with as little as 2K, and the effect on the bus will be less than 1
dB drop in the bus level. But care must be taken not to add any
more such bridges to that bus. This 2K load is about the same
as for a pair of headphones.
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RFINTERFERENCE

There has always been a problem of RF signals getting
into the audio system, but the problem in the past was not as
severe as it is today. Tube-type equipment is not as susceptible
to this type interference. and FM causes more trouble than
AM. With certain precautions in wiring and a few corrective
tactics. the problem could once be solved easily. But this is not
the case today. In recent years, the industry has converted to
solid-state audio equipment. And there has been a sharp
increase in the number of stations operating, not only in
broadcasting. but in all other services. So now a station must
not only be concerned with RF signals of its own, but must also
be on the lookout for a variety of other transmitters that may
be nearby. In many cases. several stations share space on the
same tower for FM. TV, two-way communications. etc., as well
as AM. Interference. however, comes from very strong signals
nearby. and not the usual clutter of signals that are picked up
when tuning across a receiver band.

There are many ways that RF signals can get inside an
amplifier. This can be direct radiation to an open chassis,
carried on signal lines, shields, DC control circuits, and AC
power circuits. Once the signal enters the amplifier, the basic
reaction takes place at one or more transistors, and the results
are amplified.

When a strong RF signal is presented at its terminals, a
transistor can act as a diode and demodulate the signal
through rectification. This is easily understandable, since the
transistor is essentially two diodes back-to-back in the same
case, sharing a common base. The most sensitive part is the
base-to-emitter diode. and when detection takes place here,
the results are amplified by the same transistor. In other
situations. the bias shifts so that the stage acts like a class B
detector; or slope detection may take place on an FM signal.

Detection of the RF signal’s audio is not the only way RF
can be a problem. Situations can exist where only reclificatior
of the RF is taking place. but the audio is not recovered or is
filtered out. and only a DC voltage remains. This DC voltage
can shift the stage parameters so that the stage operates in a
distorted manner. This is the same as operating the stage with
improper adjustments. Although no audio is recovered from
the RF signal. hum or other noise on the carrier may be added
to the audio signal. The engineer troubleshooting the problem
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may be led down false trails attempting to find other circuit
defects.

Another false trail can occur when the RF is demodulated
and fed back into the audio. This is the same audio that is
modulating the transmitter. If it is coming from another
transmitter. this injected RF audio will appear as crosstalk.
When it comes from the transmitter being modulated and the
delay isn't so great as to create an echo, the audio heard from
speakers may sound as if a stage is being overdriven slightly
and is distorting on the peaks.

General Remedies

There are no surefire solutions to RFI, but there are a
number of defensive measures that can be taken to reduce the
possibilities of problems. Always keep in mind that the RF
signal doesn't need wiring to enter a unit. An RF signal has
both a magnetic and electrostatic field around it. A circuit
carrying RF energy—whether this is a sampling-loop coaxial
cable. open-wire transmission line, or even the terminal-type
coaxial line end connectors—can radiate a signal.

When the transmitter is located adjacent to the audio
equipment, there can be direct radiation from the cabinet of
the transmitter unless it is kept tight. The actual amount of
radiation from the cabinet must be kept very low so the
transmitter will meet FCC type approval requirements. But
this is for its manufacture. When it is in operation at the site,
care must be taken that all the antiradiation devices built into
the transmitter remain functioning. As a transmitter design
engineer once told me during a discussion of this problem. the
FCC type acceptance measurements are those of the
electrostatic field only, although a transmitter cabinet may
have a strong magnetic field radiated from it. And it is this
magnetic field which is the biggest offender in RFI problems
in the station.

Aside from the transmitter itself and the transmission
line, there is. of course, the antenna. The very purpose of the
antenna is to radiate a signal. Adjacent to an antenna there are
very strong RF fields. The FM antenna that is only horizontally
polarized provides less problems when the studios are located
near it than does the same antenna with vertical polarization
added. With vertical polarization, there is a strong field
directly below the antenna.
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A Clean Environment

The best defense against very strong RF fields is tightly
screening the entire building, but this is also very expensive
and many stations could not afford to do it. The next best
defense is screening of the operational areas of the station.
This method is also expensive unless the station is undergoing
complete remodeling or it is a new station.

There is still another way of providing a clean
environment for the audio circuits themselves, and this is
through the use of conduits, metal ducts, enclosed equipment
racks and equipment cabinets, and good shielding of the wiring
throughout.

A Tight System

Whenever plans call for a complete or partial updating of
the station. good shielding should be kept uppermost in these
plans. A first step is a carefully controlled ground system
throughout. This ground system should be consistent all
through the system.

Very tight shielding is necessary for all wiring, racks,
consoles, and other cabinets, and all of these should be given
careful treatment throughout the installation. The audio wire
itself should have a shield with 100% coverage; this in-
formation about a cable will be described in its spec sheets.
Enclosed equipment racks should be used rather than
open-frame racks. The steel panels and doors of an enclosed
rack will divert quite a bit of the RFI.

Ground Leads

Ground leads from equipment to the main building ground
should be kept as short as possible. Whenever this lead must be
longer than a few feet, the ground lead should be shielded (Fig.
4-23). Now this may sound a little odd, shielding the ground
lead, but RF at FM frequencies has short wavelength. The
ground lead can actually become an antenna at the FM
frequency. At 100 mHz, a quarter-wave antenna is about 2.34
feet long. At the upper FM channels, the antenna length
becomes shorter yet. See Fig. 4-24.

Cabinets

Often, there is a single unit mounted in a cabinet by itself,
rather than a rack. This cabinet must be kept tight. with all the
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Fig. 4-23. Long ground leads at amplifiers should be shielded.

panels and screws in place. The cabinet itself must connect to
the building ground. but paint can often insulate the panels
(this can also be the case with anodizing processes). This
makes an attractive cabinet, but is a poor shield since all the
panels are insulated from each other. Remove paint,
anodizing. or similar dress features so a good metal-to-metal
contact is achieved.

Equipment manufacturers are aware of the problems with
RFI in broadcast stations and are taking steps to make their
equipment less susceptible to RFI by adding internal
protection circuitry to and components. Although this
RFI-proofing does do the job in most cases, it does not
guarantee that a particular application or installation will not
have RFI problems. Equipment made by other manufacturers
who do not ordinarily make equipment for the broadcast
market. but for consumer use. may not have any of this
protection built in. If a station makes use of consumer-type
equipment. caution should be observed in its specific
application so that it doesn’t introduce RFI to the rest of the
broadcast system.

Brute Force Remedies

In spite of the best installation efforts, RF will find its way
into equipment at some locations in the station. When this
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occurs, brute force methods may be necessary to eliminate the
specific problem. But when such methods are used, care must
be observed that the audio signal of the program does not
suffer deterioration from the treatment. At the same time, do
not forget that those old-fashioned problems of hum, shield
buzz. crosstalk, and other interferences are waiting just
outside the door.

Identification of RF1

The first step to take when a problem occurs is to identify
both the offending RF signal and the affected stage. This is
easier said than done! RF can usually be identified by its
programming. Use any of the various signal-tracing methods
and different test instruments to isolate the affected stage. but
whatever instrument is used. make sure the instrument test
leads themselves do not also pick up RF and feed it into the
system. This will only contribute to confusion, rather than a
cure. An oscilloscope is a good instrument to use. but it may
not be sensitive enough, because the RF may be a very low
level signal getting into a low-level, high-gain stage.

Bypassing
Once the offending stage has been located, try bypassing
the base-to-emitter junction of the transistor (Fig. 4-25). Place
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Fig. 4-24. Ground leads can become antennas at FM carrier frequencies.
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Fig. 4-25. Bypass the emitter to base at the transistor if this won't upset
stage.

the capacitor directly on the transistor terminals. The value of
this capacitor must be chosen so that it doesn’t upset the stage
operation or cause a rolloff of the higher audio frequencies.

Bypassing, when used as a defensive technique in any
circuit, places a capacitive reactance across the circuit.

15 kHz = 1200 Q(APPROX)

OF 0.01uF AT:
* XC 1200 kHz = 12 Q (APPROX)

(B) CIRCUITIMPEDANCE CAN BE AFFECTED AT 15kHz

NORMAL Xc

------ :
< 400Q
00 % 2 = %
60002 + 12000 2 AT 15 kHz
- ——— - [}

(C) EFFECT ON LOW-IMPEDANCE CIRCUIT WOULD BE LESS

NORMAL Xc

""" y
’~
A 12000 <|» %AT 15 kHz

Fig. 4-26. Figure the value of the reactance of the bypass at both the of-
fending frequency and at the highest audio frequency.
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Before deciding upon the final value of this capacitor, always
compute its reactance, not only at the offending radio
frequency, but also at the highest audio frequency you want to
preserve. And the capacitor should be one of the better
ceramic or silver/mica ones. When bypassing to ground on a
balanced circuit, use equal-value capacitors on each side of
the circuit to ground. There is always the danger of rolling off
the high audio frequencies when bypassing, and it is for this
reason that the technique cannot always be used (See Fig. 4-26.)

Inductance

The pickup of RF may be due to a tuned situation in the
input circuit of a transistor stage. That is, all the elements
form the proper components of a resonant circuit at the
offending RF signal and thus develop an efficient antenna.
Small ferrite beads can be added to a circuit lead and cause a
detuning effect on the RF signal. These beads have a small
hole in the center and can be slipped over the wire lead and
soldered in place. These are the same ferrite beads often used
in video circuits to prevent parasitics.

T-Pads

On balanced circuits that use a T-pad type of gain control
located on the line side of the input transformer, there can be
RFI problems (Fig. 4-27). Grounding one side of the circuit can
eliminate the RFI; but grounding one side makes the circuit
an unbalanced circuit, so other problems can be created.

GAIN INPUT TRANSFORMER
CONTROL. x
BALANCED STAGE
CIRCUIT INPUT
—— /
SHIELD
GROUND ONE
SIDE OF CIRCUIT

Fig. 4-27. When a T-pad gain control is used ahead of the transformer on a
balanced circuit, it may be necessary to ground one side and run un-
balanced.
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There can also be problems if this circuit is patched into other
balanced circuits. However, it works sometimes and is worth a
try.

Power Circuits

Another port of entry for RFI is the AC power wiring to a
chassis (Fig. 4-28). Each side of the power circuit should be
bypassed immediately after it enters the amplifier. Ad-
ditionally, series RF chokes may also be inserted in each side
of the line. If chokes are used, be sure they can carry the

AMPLIFIER
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‘—_rfYYY\_>
POWER
PANEL  120VAC /}9
o— Y Y Y
/}g NEUTRAL — T
BYPASS /}} I
BOTH SIDES MAY ADD
OF LINE SERIES RF CHOKES

Fig. 4-28. Even though neutral is grounded at the power panel, treat AC
power circuits as balanced circuits for RFI.

current drawn by the amplifier. The 120V AC power circuit is
unbalanced. with the neutral grounded back at the power
panel. When treating a power circuit, consider it as though it
were a balanced circuit as far as RF is concerned. Although
the neutral is grounded at the power panel, a long stretch of
line is ungrounded as far as RF is concerned.

RF1is one of those phenomena that can’t be pinned down
to a simple theory. A theory can be developed for a particular
case if all the elements of that case are known and can be
accounted for. And that, perhaps, is the nub of the whole
problem—identifying the elements that are peculiar to a
specific case. If those are known, solutions can be derived. But
the elements are not easy to identify. Consequently. after all
the typical solutions are tried and fail, it then becomes a
cut-and-try process until a set of techniques will eventually
work. It can be a long frustrating operation.
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Chapter5

The Control Room

Most of a station’s local programming will either originate in
or pass through its studio area. There are many items of
equipment working together in this major subsystem. The
heart of the studio area is the main control room, and the piece
of equipment of greatest importance in the control room is the
console.

CONSOLE

The selection, mixing, controlling, and blending of all the
program sources into the station’s finished program product is
the main purpose of the console (Fig. 5-1). To carry out these
functions, the console must be able to select quickly a variety
of program sources, mix them at will, amplify the mixture,
and route it to some output receiving equipment. During the
process, it must be able to monitor not only what is taking
place within the console, but must be able to monitor other
sources that are getting ready for the process. And at the same
time, it must be able to send out warnings that certain
functions are taking place and be able to mute selected
speakers so that feedback does not occur with open mi-
crophones.

Although the basic console concepts are relatively simple,
a console can become a rather complex unit with many
interlocking switches, faders, relays, amplifiers and meters
(Fig. 5-2).
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Input Selector

A console has a number of input selector switches, which
may be either the lever type or push switches. In the usual
arrangement, with a lever switch, the selector can select one
of three sources to feed to the fader. The push switch can select
perhaps five sources. The contacts of these switches perform
many functions at the same time. They switch the audio from
the desired source into the fader, back-load the unused
sources, select and interlock the DC relay voltage for speaker
muting, etc. Any additional functions taking place depend upon
the particular console design.

The lever-type switch is a 3-position switch with all three
positions active. That is, there is no OFF position. Each of the
positions selects a source. The push switch is really several
switches, but they are interlocked so that only one can be
operated at a time. That is, when one is pushed *on,” the
previous switch will pop out and turn off.

The selector switch connects directly to the input sources.
There are no transformers or pads between them (unless the
station has added one). The purpose of the switch is to select
one of those sources to feed into the console and maintain the
load impedance on the unused sources.

Preamplification

Most consoles provide preamplification for low-level
sources. while some provide preamplification on all the fader
inputs. In the usual arrangement, only the faders designated
for microphones have built-in preamplifiers. The other fader
inputs have a plug-in assembly (usually a dummy cord) that
directly connects the input/output terminals, or they may
include an isolation transformer. Should the station desire
preamplification in any of these other paths, they can plug in a
preamplifier instead of the dummy cord. The output of the
preamplifiers are at about.—10 dB, which is compatible with
the design of all faders. That is, each fader will need about — 10
dB. whether from a preamplifier or from the source itself.

Mixer Bus

Once the source has been selected and routed through the
preamplifier or dummy cord, it feeds directly to the fader
input terminals. Each of the faders on the console is a part of
its mixer system. The output of each fader is switched to a
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common mixing bus, and this is where the mixing action takes
place. The fader maintains correct impedance with the
selected source or preamplifier and attenuates the signal
according to the setting of its control. At the same time, it
maintains the impedance of the mixing bus.

Faders

A mixer system must be well designed if it is to control a
variety of program sources and at the same time not interact
with all the faders connected to the bus. That is, program
levels should only change according to the setting of the
individual faders, and not because impedances are shifting
and affecting all the bus levels. The better consoles use
precision faders in the form of ladder-type attenuators or
similar precision units. Some of the less expensive consoles
designed for the production booth often use an inexpensive
potentiometer or wirewound control. The results are not
always too predictable in these units.

Cueing

Another feature used on the precision faders is a CUE
position. By turning the control all the way to OFF and then
beyond, the fader switches into a CUE position. This position
allows the output of the selected source be directed into a cue
bus so that the source may be monitored prior to airing. This is
a very handy feature, especially in the case of turntables or
incoming remote lines and network lines.

Cueing can take place only from the one selected source,
and the only time that cueing can be done is when that fader or
source is not on the air or being routed through the console in
the program mode. If you desired to cue any of the sources at
any time, this would require a different type of cueing
arrangement. However, this arrangement in the standard
console is a very workable system.

Other Inputs

Besides the regular program inputs on a console, there are
usually one or two faders designated for remote and network
lines. The selector switches are usually somewhat different in
the contact arrangement since they need to perform actions
that are not necessary on the regular inputs. Some of the
actions of the regular inputs are not needed here, such as, on
the air lights and speaker muting.
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Ordinarily, these circuits contain an isolation transformer
between the selector and the fader, and there may be pads also
since these are intended for high-level input signals.

Besides selecting one of the available sources for airing,
the switches also have either cortucts or position: which wllow
sending cue signals back out the line. They also permit
talkback to the operator at the remote site before program
airing.

Designation

Different terms are used to describe consoles, and I
suppose the one used depends upon the way the operator thinks
of his console—that is, as either a mixer or a switcher.
Actually, it performs both of these functions and can be
described either way.

Mixer—When the console is described by its faders, one is
thinking in terms of the console as a mixer. The number of
faders the console contains is a good indication of its capacity
to handle a variety of program sources at one time. For
example, if the console has eight faders, it can control eight
program sources at the same time. Each one of the faders can
be feeding program material onto the mixing bus at the same
time. Naturally. if it has six faders, it has less capacity, and if
it has ten faders it has a greater capacity.

Switcher—When described by inputs, one is thinking in
terms of the console as a switcher. For example, the RCA BC-8
console has a capacity of 24 sources, or inputs. This does not
mean that all 24 of those inputs can be used at the same time.
What it does mean is that 24 sources may be wired to the
console at one time, but only 8 of these 24 sources can be used
at any one time.

Although the console does perform many switching
functions, it is not truly a switcher as this term is used in other
fields. The true switcher is merely a routing device that
switches many inputs to a number of outputs. The console only
has one output: All the inputs selected route to a mixer bus so
that there is only one outputof all the combined sources that
have been selected.

Channel Selection

There are always two mixing buses in a console, although
one may not be called such. There is a channel selector
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switch immediately following the fader which allows the
operator to switch that fader to one of these two buses. In the
normal single-channel console, one bus is designated the
program bus and the other one is designated the audition bus. If
it is a dual-channel console, there are two mixing buses plus an
audition bus.

The channel selector switch is a 2- or 3-position switch,
depending upon the console model. The switch routes the audio
from the fader to the selected mixing bus, but there are other
contacts which also control the DC relay voltages for speaker
muting or on the air light relays. Thisvoltageis interlocked and
routed through the input selector switch so that only the
affected studio is muted, not all of them.

Amplification

Mixers are loss circuits even though all the attenuation is
adjusted out of each fader. There is an insertion loss, and of
course, there will be the adjusted attenuation. Levels following
a mixer are down in the low-level category. This requires
amplification.

Immediately following the mixer bus, there are one or two-
amplifiers, again depending upon model. If there are two
amplifiers. the first one is called the mizer follower. The next
amplifier is called the program amplifier. If it is only a single,
high-gain amplifier. it is called a program amplifier.

Each mixer bus must have amplification. In the sin-
gle-channel console, there is only one program amplifier, and
the audition bus may be either a similar amplifier or it may be
the console’s regular monitor amplifier. A dual-channel
console has two separate program amplifiers, one for each
channel. There may also be an audition amplifier, or at least
the bus can be amplified or switched to the monitor circuit.

Master Gain

The individual faders are designed to control the level
from the input source and adjust it to the correct ratio to other
signals being mixed on the bus. But the overall levels must be
adjusted also. Consequently, there is a MASTER GAIN control
on the console. This control works in conjunction with the
program amplifier or the mixer follower. It either works on
the audio directly or on the parameters of the amplifier. In
either case, it controls the overall console gain.
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In the dual-channel console, there are two separate
MASTER GAIN controls. one on each channel. Adjustment of
either one has no interaction on the other; they are on
independent channels.

Metering

Some means is necessary to measure the signal levels
through the console, and this is done with a VU meter. The
meter is connected into the circuit directly after the program
amplifier. There will be meter pads so that the meter can be
adjusted to hit 0 VU on the peaks, regardless of how much
higher the overall level is. The normal output of the console is
at +8 dB. There is usually a pad following the amplifier so the
amplifier output itself is higher than +8 dB. The meter,
however, is connected ahead of the pad on the channel, and it
has its own pad to bring that level into range of the meter.

On the dual-channel console, there may be one or two
meters. If there is only one supplied, there is some switching
arrangement so that the one meter can be switched to meter
either channel. Usually, there is an optional meter that can be
purchased and added to the console. This is the preferred
method. rather than switching the single meter for both
channels.

Monitoring

Besides the VU meter, there are at least two other
provisions for monitoring provided in the console itself. There
are headphone and loudspeaker monitors.

Headphone jacks are supplied, and these normally have a
series resistance for bridging. There is a selector switch so
that many of the internal circuits can be monitored.

A monitor amplifier is provided to drive loudspeakers in
the studios associated with the console and the control room
itself. The output of this amplifier is routed through muting
relay contacts that are controlled by the microphone selector
switches. Whenever the channel key is thrown for the studio
selected. the relay opens and prevents the speaker from
operating. The contacts back-load the amplifier so as to
maintain the proper impedance on it.

Air Cue

One of the selector switch positions on the monitor will
provide for picking up audio from an outside source, such as
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the modulation monitor or a receiver. This will provide for
listening to the program on the air with the console monitor.
The switch position will be labeled AIR CUE.

Cueing Amplifiers

Cueing is necessary so that sources can be made ready
prior fo airing. Most of the faders have a CUE position on
them. This position is connected to the cue bus. A special
cueing monitor amplifier is normally provided and connected
to this bus. Besides the cueing, the amplifier also has other
uses. So, its input is usually on a selector switch. In this
manner, it can receive cue from the fader positions and also
receive cue from incoming remote or network lines.

By further switching arrangements, the input and output
of this amplifier can be reversed so that the amplifier can be
used as a talkback amplifier between the console and any of
the studios or to remote locations. This allows for
communications to the remote locations prior to air time. Of
course, after the line is switched up for air, it can’t be used for
other purposes. This amplifier has its own GAIN control. By
the way. when used as a talkback amplifier, the speaker
mounted in the console is used as a microphone.

Stock or Custom

What we have been describing has been the general
stock-type console. There are a variety of models to choose
from and many manufacturers. Each one has some
differences. but the basic concepts are there. Some may have
more features than others. These standard consoles have been
designed by the manufacturers in the hope they will satisfy a
majority of the necessities of the regular station operation
practices.

But there are also available component units that can be
designed into a custom console. The station may select the
individual units that more nearly satisfy the conditions at that
station. Or the factory can make up this custom unit, using
the station's requirements and putting it together with the
component units. This service costs a little more, but the unit
is all put together and checked out before shipment.

If these units still can't satisfy the station’s needs, a
thoroughly custom-built console can be bought. The station
must supply the specifications and work with the factory
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engineers. Naturally, this type of console is far more
expensive than the stock unit, but many of the very large
stations must do this to fit their needs. For the average station
however. the standard stock model usually comes close to
satisfying their needs.

Dual Channel and Stereo

A dual-channel and a stereo console are not the same
things (Fig. 5-3), even though they may appear alike from the
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Fig. 5-3. (A) The dual-channel console selects and switches a source to
either of two channels. (B) The stereo console selects the left & right chan-
nels of a source and carries this all the way through to the output.

outside. In the previous discussions, many mentions have been
made of the dual-channel console as the conditions applied. In
essence.the dual-channel console is simply two program
channels after the faders. The inputs and faders may be fed to
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one or the other mixer buses and program channels. So there
are simply two program channels.

The stereo console. however, is far different. It must have
two identical channels all the way from the selector switches
to the outputs; and these two channels must operate
simultaneously. These two channels are for handling the left
and the right audio channels of the stereo system. The input
selector switch will select the left and right audio from the
source and feed it to a dual fader. Two faders are ganged
together so that one knob operates both. Then the signal goes
on to the left and right buses, program amplifiers, and output.

The left and right channels must be identical to
maintain stereo channel separation. The audio response curve
through each channel, the noise, the distortion, and the phase
shift should be identical.

CONSOLE INSTALLATION

The console is the focal point of the control room and the
main operating position. Clustered around it are several
equipment items that supply program signals which are mixed
together into the final program. These must be within reach of
the operator or announcer. The physical placement and
location of the console should be given some very serious
thought before the final position is decided on. When this
consideration is taking place. give adequate thought to the
maintenance of the console after the control room is in normal
operation. Also think about the initial installation, when there
will be many. many connections made to the console. And
when it is necessary to troubleshoot problems, the engineer
often needs to get to those terminals to signal-trace.

If at all possible, try to place the console out in the middle
of the room. This will allow easy access to all sides of the
console for maintenance. Unfortunately, the physical
placement is often dictated by the room size and what other
equipment must be placed in the room besides the console. If
you are fortunate enough to get in on the planning of the
building or remodeling, try to get a large enough control room.
If you can’t manage to come up with a decent physical size, at
least try to get enough space to allow the console to be placed
away from the wall. It is extremely difficult doing
maintenance to the wiring side when the unit is against the
wall.
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Maintenance is done on the console in the majority of
cases during programming time; something has failed or is
failing and needs correction, but the console must continue in
operation. We don’t have the luxury of a spare console too
often in the regular radio station. Of course there is some
maintenance done after signoff when all is quiet, but expect
most of the problems to occur during programming.

Grounds

The console should be the main grounding point for all the
cable shields of circuits going to the console (Fig. 5-4). Make
sure to get a good connection to the main building ground from

INCOMING CONSOLE
CIRCUITS
T ~ BOLT
SHIELD \T’ TO
GROUND FRAME
1” GROUND
STRAP
/77
BUILDING GROUND

Fig. 5-4. Get good ground from the console to the building ground.

the console. Use at least a l-inch strap for this connection, and
solder to the building ground. Ground the console frame by
bolting to the strap, and clean off paint to get a good
metal-to-metal contact.

Jacks

Route all the audio circuits both in and out of the console
through a jack field. This requires many jacks, but it increases
the flexibility of the installation considerably and is a great
help for troubleshooting. This flexibility extends to the
operation itself. When all the circuits are on jacks, equipment
may be substituted at will by the use of a patch cord. That is,
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you can bring the regular units in on different faders if the
particular program calls for this arrangement; and if
something fails, other units can be patched into the console in
the defective unit’s place. The substitute units may be left in
their regular positions, such as, in a recording booth. Then,
too, should it be necessary to have another tape machine—for
example, during a special recording session in the booth—one
of the control room machines can be patched in for the
occasion. A jack field pays for itself many times during the
lifetime of the equipment in a station.

MODIFICATIONS TO CONSOLE

Seldom do standard stock consoles exactly fit the needs of a
station. Consequently, each station makes modifications which
customize the console for that station. But when making
modifications, be careful not to alter the normal performance
of the console. The following are a few suggestions to follow
when making modifications.

Power Supplies

Whenever some additional power-consuming modification
is added to the console and it draws power from the console
power supply, investigate the capacity of the supply and how
heavy it is now loaded. There are two things to consider: is
there reserve capacity, and what is its maximum capacity?

The power supply may have its own instruction manal, or
at least there may be a section in the console manual that
gives some specifications on the supply. Determine from this
information what maximum load current the unit can supply
(Fig. 5-5A). This is the starting point, but the figure may not be
given in the manual, or at least not in a form that can be
readily determined. There is a method that can be used to
determine this maximum figure, but it does not give absolute
figures. However, they are close enough to be practical. Look
for a fuse on the DC load side. If there is one, this fuse will
indicate the maximum current that can be supplied. The fuse
is rated somewhat under the maximum value, but the load
current should not exceed the fuse value. Do not increase the
size of the fuse! If youdo, the power supply may be damaged.

If there is no secondary fuse, then look to the primary fuse.
Compute the primary power, using the primary fuse as the
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current value. Consider the power supply to be perhaps 70%
efficient and multiply the primary power by 0.7 to give the
secondary power. Then determine the maximum load current
from the power formula, using the power figure just computed
and the secondary DC voltage (I = P/E).

Next, open the output circuit of the power supply and
insert an ammeter in series with the load. Turn the supply
back on, and turn on as many functions as can be expected in
normal use during operation, plus a couple more as a safety
margin. Subtract this current reading from the maximum
current that you computed. The difference in the reading is the
reserve capacity. This assumes that the measured value was
less than the calculated value. If it is not, that power supply is
working at maximum now and you must go elsewhere for
power.

Relays

When making modifications that require relay switching
actions, look for relays or switches that operate in the way the
modification requires and have some spare contacts. Make
sure they are ‘‘dry’’ contacts—ones with no other connections
to them (Fig. 5-5B). Also make sure that there isn't a contact
with voltage that the spare contacts will make when the relay
relaxes. This could place your modification across unwanted
voltage, which can cause damage to the modification or the
regular circuit. It is best to have the contacts completely clear
of any connection to the console circuits. In this way, you use
the action only but none of the circuits.

However, there may be cases in which you wish to pick up
the switched voltage from the circuit; then it is okay to go
directly to the desired contacts that have that voltage. Another
source is across the relay coil. Whenever you tap into a circuit
in this manner, always make sure the modification will not
upset the regular circuits. There can be too much current
drawn at that point through series resistors, and these may
burn out. While we have been discussing relays, the same
holds for switches as well.

Cabling

Modifications often call for running some outboard cabling
into the console. There are some precautions to take in this
regard.
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First of all, make sure the new cabling follows the regular
console cabling, regardless of how irregular the path it may
take. Remember that when the front panel is down, attached
cables must bend back out of the way for the panel to close. So
attach the new cabling to the regular cabling.

Also be careful of the path of the cabling. The new cabling
may be carrying relay switching transients, hum, or other
noise, so be careful to avoid low-level microphone or similar
circuits. Remember, the circuits immediately following the
mixer bus can be at a very low level also. Just because the new
cables are carrying DC relay voltages does not mean that they
can’t carry other unwanted signals as well.

Switched Voltage

Another source of voltage that can be of use in
modifications is the voltage that is switched to operate

160



speaker-muting relays. This is often brought out to a handy
connection board for selecting the keys to have the mute. At
this point, the voltage can be picked up and used to operate
external relays, such as a relay to start a turntable. This
voltage will switch on and stay on when the channel key for
that fader is thrown, so it works well for this use. But use an
external relay. The contacts of that relay can carry the 120V
AC to switch on the turntable motor. Use of an external relay
avoids carrying the 120V AC into the console where it can
introduce hum into various circuits.

When using external relays to be powered by the console,
try to select those which have a low current demand for the
coil. This makes less of a load on the power supply.

Add-Ons

There are often occasions when it is desirable to add
switches to the console panel, for example. remote start
switches for tape machines. This calls for drilling the front
panel of the console.

First. the location: When a likely position is selected for
the switches. open the panel and check the rear side. Quite
often the reason the panel is clear is that there are components
or cabling on the reverse side. Make sure there is clearance
before deciding on the position.

Before drilling. measure off the panel space and use
masking tape across the area to be drilled. Use a centerpunch.
a small pilot drill and then a larger drill for the final-size hole.
A large drill is difficult to start and can skip out across the
panel. causing scratches that can't be removed. Remove the
VU meter before hammering on the panel to set the
centerpunich: a good jar can damage the meter. Before
actually starting to drill. make sure the drill will not break
through the panel and bore into a bundle of cables. If there are
cables that can be reached with the drill. use a board as a
shield between the drill and cables.

The drill spews filings over a wide area. so care must be
taken to prevent these from getting into switches, circuit
boards. etc. Tape some paper underneath the drilling area to
catch the filings. If a vacuum is available. have it sucking in
the filings right off the drill bit. This will save a lot of cleanup.
When all is done, vacuum out any filings that have gotten into
the console in spite of the precautions.

161



CONSOLE SETUP

When a new console has been installed. it needs the levels
set. and measurements made to determine that it is working
within specifications.

Levels should be adjusted so that the fader knobs and the
MASTER GAIN control will normally operate at 12 o’clock,
that is. half open. Use program material or tones through each
of the input sources and set the output gain on each of the units
so that the console is reading 0 VU on peaks. Try to adjust each
of the sources that will be selected for a fader so that they
balance well. In this manner, switching from one source to the
other requires very little adjustment of the fader.

Make a set of measurements through the console, jacks,
and wiring. There should be a set of response, distortion, and
noise measurements. Also be on the lookout for RFI. In the
area of noise and RFI. here is a little trick: With the sources
attached to the console. but with no programming, turn the
faders and MASTER GAIN control wide open (you should do
the same with the monitor amplifier GAIN control) ; listen for
background noises or RFI. In good installation you will not
hear much of anything. The system is running at very high
gain, and there is a possibility of feedback oscillations, so stay
under this point.

CONSOLE MAINTENANCE

Consoles are generally trouble-free units. but there are
problems from time to time. Amplifiers and components may
fail occasionally. The points of greatest wear are the switches
and faders. and here is where the majority of maintenance
centers.

Switch Problems

The first problem area is usually switches not making
proper contact. Even though these are self-cleaning contacts,
oxidation. dust, or wear eventually makes the contacts
intermittent. Clean these with a burnishing tool or coarse piece
of paper. Place the tool between an open set of contacts. then
close the switch. This will put pressure on the tool and clean
both sides of the contact at one time. Rub the tool across the
contacts several times, and then do the same to the other
contacts. Use caution, as some of the switches also carry DC
relay voltage on some of the contacts. If the power can be shut
off, this is the best method. But if not, use paper to clean those
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contacts. Otherwise, the burnishing tool may short out the
relay power and cause damage. Also, be careful not to bend
springs on the lever-type switches.

Straightening Contacts

If the contact springs on a leaf-type switch have been bent
or have lost some of their tension, be cautious in bending the
contacts. It is best to use special adjustment tools, but it can be
done with a pair of long-nose pliers. The best type has the nose
bent at an angle. Bend the springs in small amounts only.
Overbending can cause a change in pressure distribution so
that adjacent contacts become intermittent.

Wiring Problems

When a switch or other component works loose, the
component can have slight movement during operation, and
this causes the wiring connected to it fo flex. After a period of
time. one or more wires break off. Unless the wire is sticking
out in the open where it can be easily seen. this can be difficult
to find. You must signal-trace the circuit. Follow it through all
the interlocking switches. The troubleshooter may suspect a
bad switch contact. but trace the signal—don't start bending
contacts. If it is an audio circuit. feed program into that path
and use a pair of headphones. Or you can use the monitor
amplifier and a small jumper to complete the circuit from
point to point. If it is open between the points of the jumper
connection. you have the problem isolated. The same trick can
be used by shorting across the contacts on a leaf switch with a
screwdriver. But make sure you are on the correct contacts.
and not on the relay voltage.

Fader Problems

Problems with step-type faders are usually noise or
erratic operation. This is caused by the contacts becoming dry
and oxidized. Of course. they may be wearing also.

Take the cover off the rear of the fader. Use the special
fader cleaning oil. Apply a few drops of the fluid and operate
the control several times through its full travel. Then. with a
clean cloth. wipe off this fluid. Next. add a couple more drops
of lubrication and then run the control through its travel to
distribute the oil. Be stingy here and don’t overoil. Replace the
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cover and send audio through the fader. It should now be clean
and smooth in level adjustment.

Be careful of what type of material you use for a cleaner.
Some solvents will leave the contacts very dry, and they will
wear and become noisy again. Others may leave a gummy
residue. When possible. obtain the special fader cleaning fluid
from either the console manufacturer or the fader manu-
facturer.

Cleaning

The console needs cleaning from time to time. Clean the
front panel with Glass Wax or a similar solvent. This will not
only clean the panel of fingerprints etc.. but will leave a nice
polished look. But be careful of cleaning the face of the VU
meter. This may be plastic and a strong solvent can fog the
plastic so that it is difficult to read. Just use plain water or
one of the regular window cleaners. Be careful not to get any
fluid inside the meter.

Use a vacuum on the inside of the console. It is surprising
the number of paper clips and odds and ends of audio tape that
accumulate inside the console. Clean these out. But don’t give
in to the temptation of closing up the openings to prevent
debris from getting in. These are also for ventilation, and to
close them can cause the units inside to overheat and fail.

MICROPHONES

The microphone collects and directs sound waves in the
air to a diaphragm. This diaphragm may be attached to a
moving coil, part of a capacitor, or a ribbon suspended in a
magnetic field. The sound waves cause this diaphragm to
vibrate in a corresponding fashion, which generates an
electrical signal at its output terminals that is a replica of the
sound waves. The connections have been standardized so the
forward pressure on the diaphragm will cause the ‘high”
terminal on its output to go positive. This is a very simplified
description, but getting the few simple components to
reproduce the sound faithfully is another story.

Over the years, much progress has been made in the
development of microphones. Today, there are many, many
models available that have excellent response curves and fit
many specialized situations. But radio has also changed over
the years, so that very little production work is done today.
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Most of this has moved over to recording studios. In broadcast
use. microphones are employed mostly for speech.

Patterns

An omnidirectional microphone picks up sounds equally
without any directional effects (Fig. 5-6). But this holds true
for only some of the microphones. while others may have some

b=

(A) OMNIDIRECTIONAL—WILL PICK UP SOUNDS EQUALLY
IN ALL DIRECTIONS

(B) BIDIRECTIONAL—MIKE WILL PICK UP EQUALLY FROM
FRONTAND REAR, LITTLE AT SIDES

Pe=

(C) CARDIOID—MIKE WILL PICK UP ONLY FROM THE FRONT,
NO PICKUP FROM REAR OR SIDES

Fig. 5-6. The three most common microphone sensitivity patterns.

directional characteristics. A bidirectional mike will pick up
equally from the front and back, and very little to its sides.
This produces a sensitivity pattern that looks like a figure
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eight. The cardioid microphone will be sensitive at the front
only. very little pickup from the sides and rear. The sensitivity
pattern is heart-shaped.

The specification sheets that come with the microphone
will show the patterns available for a particular microphone
as well as its response curve. Before selecting a microphone
for a specific use. look these over carefully.

Physical Structure

The physical structure has much to do with the per-
formance of the microphone and its directivity. Internally,
there are chambers in which the sound is controlled and
directed. The sound enters the microphone not only through
the front opening. but through slots or ports. By allowing the
sound to enter these other openings, it is directed into various
phase patterns to mix with the direct sound. This is what
produces the various effects and patterns.

When the microphone case is to be refinished, care must
be taken that these small ports are not covered over with
paint: the same is true of dirt or other matter. In use, do not
cover these ports with the hand. If the sound can’t enter the
ports or slots, performance of the microphone will deteriorate
and the directional patterns will be lost.

Switched Patterns

Besides the fixed patterns, many microphones also have
adjustable or switchable patterns and response curves {Fig.

FLAT POSITION
0dB ™~ —
~ 5dB ,+* S~ ROLLOFF POSITION
’
—10d8 | n'l 1 I 1 . t 1
50Hz 100 400 1kH 10 15 kHz

Fig. 5-7. Typical selective response curve of a cardioid microphone. When
switched to its rolloff or cut position, the low frequencies are rolled off.
This is useful in reducing unwanted, low-frequency room noises.

57). Control of the response curve is usually done at the low

end. below 100 Hz. The rolloff is something in the order of 10
dB. This low-frequency rolloff can be a useful device when the
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room has much rumble, reverberation, or other low-frequency
acoustical noises.

In other locations, it is necessary for the announcer to be
very close to the mike. This causes a rise in the low-frequency
response. In effect, it makes the reproduced signal sound very
bassy and muffled. The rolloff helps in these situations. But
some microphones are designed for close talking, and these
have built into them the necessary chambers to cause the
response curve to remain normal during close talking.

Wind Screen

Close talking on a microphone also brings up other
problems. Certain sounds, such as a “*p”’ sound, causes the
microphone to ‘‘pop’* each time the sound is used. When the
microphone is used outdoors where there is wind, the sound of
this wind rushing past the front of the microphone creates
noises. All of these are objectionable sounds in the program.
To overcome these, a wind screen can be used. This is a
porous foam-plastic material that can be shaped to fit the
front of the mike. This can be purchased in form-fitting units
for a particular mike, or it can be purchased in flat sheets. In
sheet form. cut it to size and staple the ends together so as to
make a small sock to cover the mike. Microphones that have
been designed for close talking already have materials built
into them to prevent wind sounds or popping. If you are
caught outdoors on a windy day. a handkerchief wrapped over
the end of the mike will be somewhat effective.

Sports Microphones

These are always close-talking microphones. A regular
mike will give problems. In most of these locations, there is
much crowd noise, and unless the announcer works close to the
mike, he won’t be heard over the crowd. There are special
sports microphones available that are also attached to a
headset. This arrangement keeps the mike at a constant
distance from the announcer’s mouth and also provides for
headset monitoring. Besides that, it allows both hands to be
free. There is one drawback. If the announcer wants to do
interviews, this type of microphone is not appropriate. The
best thing to do is carry a regular hand-held microphone along
for such occasions.
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Impedance

The output impedance of microphones is important. They
may be either high or low impedance. Almost all broadcast
stations use the low-impedance arrangement. The ca-
pacitance across long cables seriously rolls off the response of
a high-impedance mike, and it can be used only with a short
cable. Broadcast situations often make use of very long cables.

Various microphone manufacturers have settled on their
own impedance values. These may be 30. 50. 150, or 250 ohms.
All of these values work into the normal low-impedance circuit
with only a change of a few decibels in signal level.

Phasing

When only a single microphone is used at a location at one
time, the phasing is of little consequence. However, when
more than one microphone is used at the same location at the
same time, phasing does become important. The phases being
discussed are those which are 180 degrees in error, and not
minor phasing problems.

When two microphones are 180 degrees out of phase and
the same sounds are picked up and fed to the amplifier, these
sound signals cancel each other in the amplifier; it is no
different than connecting any other AC signals that are 180
degrees out of phase. The phasing is a matter of connection of
the microphone cables and plugs to the microphone and to the
amplifier or console. Even though all these factors are correct,
it is still possible to get the mikes out of phase when they are
patched in a jack field. by turning over one of the patch plugs.

The output of the microphone is a complex AC signal. and
because it is an AC signal, the operator might give little
consideration to the phasing. This is a mistake. Microphones
should be phased just as a matter of good engineering
practice, whether a multimike situation is expected or not.
There is no great problem keeping the mikes phased if a
standard wiring pattern is set up along with a color-coding
pattern for the cables. The microphones have been
standardized so that when the sound pushes the diaphragm
forward, one of the terminals goes positive; this is the high
terminal. Carry that through the wiring plan. If there is any
doubt. check the specification sheet for the microphone. It tells
what the numbers should be in the plug and the one which is
high. This will be the #2 pin of the plug. The low side is #3, and
the case of the microphone is #1.
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Test Setup

A simple test setup can be arranged to check out the
microphones for phasing (Fig. 5-8). This should be done when
microphones have been sent in for repair also. Select two
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Fig. 5-8. Setup to test the phasing of two microphones.

microphones. plug them in to two diiferent faders on the
console or a remote amplifier. Hold the microphones side by
side or have them on stands side by side, but very close
together. What is needed is the same audio from ap-
proximately the same distance and direction hitting both of the
microphones. Now, with someone talking continuously and at a
steady level into both mikes (mike 1 and mike 2). turn off mike
2. Set mike I's fader so that the peaks are 0 VU on the meter.
Now turn off mike 1. and turn mike 2 on. Set mike 2’s fader so
that the peaks are 0 VU. Turn mike 1 back on. If these mikes
are out of phase, the level on the VU meter will drop
drastically. If they are in phase. the level should increase. In
the out-of-phase situation, the signals are cancelling; but
when in phase. the signals add together.
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Problem Areas

The majority of microphone problems occur in the cables
and plugs. In fixed locations. such as a control room. these do
not occur too often. but in studios or out on remote locations.
the cables and plugs get a lot of flexing and handling. Even in
the fixed locations. problems can occur with the jacks in a jack
field. These need to be cleaned from time to time.

Cables and Plugs—A regular routine maintenance program
should be set up and followed in checking out mike cables and
plugs. Flexing from remote locations often causes the shield
to break. This often appears at about six inches from the plug
itself. When a shield opens up, there is a buzz or sizzling
sound in the audio. It sounds a little more like hum when the
microphone is touched with the hand. The best repair is
cutting off the cable past the shield break and redoing the
connection. Once the cable has been repaired, check it out with
an ohmmeter for continuity and for shorts across the
connectors.

Plugs seem to have a penchant for losing those small
screws that hold them together. The bad part of this is that
they are not standard screws that can be picked up at a local
hardware store. They are hard to come by. The station should
have an assortment of these on hand. They can be purchased
from the plug manufacturer.

Internal—Problems that develop internally are almost
always caused by someone dropping the microphone on the
floor or a similar mishap. Unfortunately, those who use the
mikes often fail to report that the mike has been dropped. A
sharp jolt, as canhappen in a fall, can break the diaphragm or
knock something out of place within the mike. When other
outside tests of the cables and plugs do not correct the
problem, look for internal problems. How far you can get into
the microphone depends upon the type. Some you can't get
very far into without special tools. But even if you can get it
opened up., you may not be able to correct the problem
anyway.

Most microphone manufacturers have repair stations, and
there are some independent repair stations. Quite often these
have a fixed fee for repair of the mike. It usually comes back
as good as the original, and the case will be refinished. It is
better to send in the mike for repair than to try to repair it
yourself. unless of course, the fault is minor.
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Room Noises—Room noises can sometimes be a real
problem, expecially in a fixed location such as a recording
booth. These noises may come from air-conditioner units,
furnaces, motor vibration through the walls, and elsewhere.

Air ducts should be lined for several feet with a sound
insulating material (Fig. 5-9). There are special ducts already
prefabbed that include this soundproofing material. Even
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Fig. 5-9. Method of reducing noise from an air duct.

then. the actual movement of the air itself can cause noise as
the air blows across a louver. Try to move the mike out of the
direct path of the air blast or movement, as the sound carries
stronger in the air stream. When this can’t be done, take off
the louver and add a baffle about six to eight inches away from
the opening of the duct. This makes the air stream shoot into
that baffle (which should be lined with soundproofing
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material) and thus absorb part of the rumble or other noises.
There is still another trick: Use a cardioid mike and place it so
that the dead side is towards the air sounds. This makes the
mike less sensitive to the noise. For an electronic technique,
use one of the mikes with low-frequency rolloff and insert a
high-pass filter in the mike line (this should cut off below 100
Hz).

TURNTABLES

With music as the staple in many radio stations today, the
turntable has become the station workhorse. The turntable is
actually a system composed of several integral parts. There is
the table itself, its drive motor and mechanism. and the
cabinet to house and support the assembly. The electronics
includes the stylus, the cartridge. the tone arm, the equalizer
and preamplifier.

Recording

A master recording is made with a disc recorder. This is
an amplifier system driving a cutter head and cutting stylus to
cut grooves into a blank disc. The audio signal is pre-
emphasized to overcome some of the inherent noise in the
system.

NAB standards describe the width and depth of the
grooves and the direction and angle of cutting (Fig.5-10). On
the stereo disc. the left and right channels are recorded at
45-degree angles into the walls of the groove. The right channel
is on the wall towards the outer rim, and the left channel is on
the wall towards the spindle.

When the left and right audio channels are fed an equal
inphase signal. the cutter modulates the groove laterally: and
when fed an equal out-of-phase signal. the cutter modulates
vertically.

The width of the stereo groove at the top is 0.001 inch, and
at the bottom is 0.0002 inch. This is designed to take a
playback stylus with a diameter of 0.0005 or 0.0007 inch. The
monophonic groove is 0.0022 inch at the top and 0.00025 inch at
the bottom, designed to take a playback stylus of 0.001 inch.

Reproduction

Very few stations today cut their own records. There was a
time, before audiotape, when almost all stations had their own
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Fig. 5-10. In (A), the NAB groove standards for stereo. In (B), the result of
in-or-out-of-phase signals to the cutte.r head.

disc-recording machines. But with audiotape so convenient,
cutting of discs has fallen by the wayside. Today, the station is
basically concerned with the playback of prerecorded records,
which are really pressings made from a master. Some of these
pressings are good. others not so good. Also, the majority of
records made today are in stereo, so most of the tollowing
discussions will be directed toward stereo equipment, even
though a station may be programming in monaural. It is a
simple matter to combine stereo channels to obtain a
monaural system.

Rumble

Very low frequency noise can be generated by the
turntable and its drive mechanism. This is referred to as
rumble. Mechanical resonance of the table itself can set up an
often inaudible mechanical vibration. This vibration travels
from the outer rim to the center spindle and couples to the
stylus through vibration of the record.

The drive mechanism can become hard. develop flat spots,
or be adjusted too tight, and this can set up vibrations. Since
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the drive is often at the outer rim, these vibrations travel
across the table. Some models drive a special rim which has
been forged into the table near the spindle area and out of the
record playing area. Still other units make use of a bolt drive
to soften and isolate noise coupling to the table.

These rumble noises can be annoying to a listener if they
are audible. The broadcast audio system today has an
extended range that amplifies these very low frequencies, and
if they are high enough in amplitude, even though inaudible
they can cause intermodulation distortion. This distortion
degrades an otherwise good audio system. Special filtering is
often incorporated. besides design considerations. to keep the
rumble at a very low value. Measurements for rumble are
made after the filtering and preamplification. This should be
at least down 35 dB on each stereo channel, and preferably
lower than that.

Stylus

The modern stylus is a precision-engineered device and is
afar cry from the old needle of yesterday. The type of stylus to
use will be dictated by the particular cartridge which will use
it. Cartridge manufacturers will also make the stylus. but
there are other manufacturers who make only replacement
styli.

The diamond-tipped stylus is perferred over the sapphire.
The diamond is more expensive. but it wears better and has a
longer life. For stereo. use either the 0.5 mil or the 0.7 mil
stylus. depending upon the equipment and the records the
station plays. When only records are used. the 0.5 mil stylus
will treat the record grooves more kindly. But if 45 RPM
records are intermixed with LP’s. then use the 0.7 mil stylus.
The grooves in the 45s are not always the best nor hold too
close to tolerance. Consequently, the 0.5 mil stylus will drop
too deep into the groove, allowing the cartridge to drag along
the top of the groove. A few plays in this manner and the
distorted top of the groove has a permanent noise problem.
Use the larger stylus for this application.

Cartridges

These are well designed units today. especially those for
broadcast use. They may be dynamic. variable-reluctance, or
ceramic. All of these types have somewhat different charac-
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teristics, but they all do an excellent job. All are designed
for easy replacement of the stylus.

Replacement of the stylus is usually a simple matter of
pulling out the old one and slipping in a new one...no screws or
other parts to take apart. But do use the correct stylus with the
correct cartridge; they don’t interchange. Whenever possible,
the station should use the same type of cartridge in all of its
turntables, not only in the control room, but in the recording
booths as well. Then only one type of replacement stylus need
be kept in stock.

Output Connections

At the rear of the stereo cartridge there will be four pin
connectors. This allows for a 4-wire output system, providing
for both a high and low side of the left and right channels. They
usually come with a strap across the low side, which grounds
to the cartridge frame: but this can be removed when a 4-wire
system is desired. Otherwise, the output is run as a 3-wire,
unbalanced system.

Small pushon connectors are provided to attach the tone
arm wires to the cartridge. These should be soldered to the
wires, but away from the cartridge. After soldering, push
them onto the cartridge pins. Heat from soldering can damage
the cartridge. so do not solder or heat the pins.

Monaural or Stereo

When a station is in monaural, such as an AM station, the
stereo pickup should still be used (Fig. 5-11). There are two
ways to combine the stereo to produce monaural. In the first
method. strap the output terminals of the left and right
channels at the cartridge and feed to a monaural preamplifier.
This places the two outputs in parallel and will affect the
output impedance of each one, but it can be done in most cases
without too much problem. The second method makes use of a
stereo preamplifier. and the outputs of the preamplifier are
strapped together in parallel. This method maintains the
correct impedance load on the cartridge.

Installation

Proper tracking and record wear depend upon several
things. and one of these is a level surface. Before making any
adjustments. the cabinet itself should be leveled and resting on
a solid base. Select a sturdy location or floor section on which
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Fig. 5-11. Two methods of obtaining monaural from a stereo cartridge.

to place the cabinet. If the floor is not supported too well,
someone walking across it can cause the floor to vibrate and
the tone arm to bounce on the record. If necessary, add
additional bracing to the floor.

Cabinets designed for broadcast use have four individually
adjustable feet. Some level-measuring device is needed. A
small carpenter’s level will do, but a better one is the type that
fits directly on the spindle and has a bubble in liquid. under a
window with two crosshairs. Adjust each of the feet until the
bubble is directly in the center. where the hairs cross. but
make certain that all four feet are solidly on the floor at the
same time this occurs. Whatever level device is used, always
measure from the top of the turntable rather than the cabinet
itself.

Tone Arms

Select a tone arm the same size as the table. These are
available in both 12-inch and 16-inch sizes. Most stations use
the 12-inch record or less, so the 12-inch arm and table will be
sufficient. The 12-inch arm will be too short to work with a
16-inch table.

Before making weight adjustments to the tone arm, install
the cartridge in final form on the arm. Use the special small
scales designed for this purpose. Adjust the tone arm pressure
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as stated in the instructions for the stylus and cartridge in use.
This will be somewhere between 1.5 and 4 grams. Try to set the
weight at the lowest stated value that will track the disc.

Load Impedance and Wiring

Most cartridges are designed to work into a 47K load
impedance. On the stereo cartridge, this means that the left
and the right channel will each be loaded with a 47K load. The
cabling to the preamplifier input should be as short as
possible. as the cable capacitance is in parallel with this high
impedance. and a long cable will roll off the high-frequency
response. Mount the preamplifier in the cabinet itself, but keep
it away from the magnetic field of the meter, which will
produce hum in the amplifier.

The shield of the leads from the tone arm should be
grounded at the preamplifier input only. There should also be a
ground lead run from this point to the motor frame. It takes
some experimentation to get the best grounding arrangement.
and this is especially true when RFI is a problem. Without the
proper grounding. there will be a sizzle or hum in the audio.

Signal Levels

Use a good test record as a signal source, such as the NAB
or CBS test records. Those records provide a variety of test
signals for both monaural and stereo.

Use the cut with the standard level and adjust the
preamplifier GAIN control so that the feed to the console
allows the console fader to be at 12 o’clock. This usually places
the preamplifier GAIN control at about the same location.
Ordinarily. there is ample gain in the preamplifier.

Run a set of measurements for response. distortion. and
noise, using the test record as a signal source, and measure at
the output of the console. The tests then indicates the system
performance rather than the turntable performance only. You
will also have a good indication of how well the interface to the
console was accomplished.

Maintenance of Turntables

Most of the turntable problems are with the stylus. The
stylus is a very delicate part of the system, and it is also the
greatest wear point. It is subject to the most accidents and
abuse. The tip is easily damaged if the tone arm is dropped on
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the table or cabinet, and it often loses the tip if scooted across
the record. The operator needs a delicate touch, or accidents
will happen.

Distortion

Inspect the stylus often, especially when all records played
on that unit sound distorted (Fig. 5-12). A small pocket
microscope is an excellent tool for this purpose. It has a very

(A} NORMAL TIP

(B) TIP MISSING

Fig. 5-12. Inspect the stylus with a microscope. Hf the tip of the stylus is
missing, it will cause distorted sound and damage the records.

high power., so it takes some knack getting the tip into focus.
This requires that the end of the microscope be almost
touching the object. and this shuts out the light. Lay out a white
sheet of paper on the desk to reflect plenty of light onto the
hand-held stylus. It also gives backlighting and makes the
point stand out.

Take a look at the tip. Often the tip is missing and the
stylus has been playing records with the blunt stump. This will
cause distortion and probable damage to the record grooves. If
not missing, the point may be worn down. How much wear can
easily be determined by making a comparison with a new
tip—under the microscope.

The size of the stylus may be wrong for the type of record.
Many of the 45 records. especially those with “‘top 40" music.
have the grooves far overmodulated. Not only are the lands
between grooves almost nonexistent in places, but they may be
very wavy. This makes it difficult for the tone arm to track
properly. The 0.7 mil stylus should be used on these records.

When poor tracking does occur. it may have many causes
besides poor grooves. The record may be warped. and this
causes the lightweight tone arm to bounce. Such records
should be discarded. but unfortunately the operator often
starts to tinker with the weight adjustment to make the arm
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track. The adjustments always end up far too heavy. So check
the weight adjustment often to correct for this misoperation
before damage occurs.

Record Cleaning

Records will accumulate dust. oil from the hands, and
other foreign substances. This will build up on the stylus
during play and prevent it from performing properly.

Records can be cleaned with warm water and a mild
detergent, then rinsed with clean water and dried with a
lint-free cloth. Commercial cleaners are also used. but
experiment first, as some of these do not really do the job, and
also leave a residue.

There is a smail record-cleaning machine that is not too
expensive and does a good job. The record is inserted in it, and
it automatically spins the record while internal brushes clean
out the grooves.

Speed

Speed of record rotation is very important to the
reproduced audio. The table should run neither slow nor fast.
and it should not waver. Small strobes are available that are
placed on the turntable to check its speed. These work best
under fluorescent lighting. The test is hest done with a record
on the turntable and the tone arm down and playing. This will
put the normal load on the table. The marks on the strobe
should stand still.

The marks will move either forward or backward.
depending upon the incorrect speed. If you can’t remember
which direction is slow or fast, here is a trick you can use to
make it definite: Place a finger along side of the turntable and
apply a slight pressure, dragging the speed down. Then you
can easily determine which way the marks move and whether
the table has been running fast or slow.

Poor speed is usually due to problems in the drive
mechanism or lubrication of the bearing at the base of the
spindle. The drive puck may have hardened or become oily, or
the table rim may be oily or gummy. Clean these off with
alcohol and make sure the bearing doesn't run dry.

AUDIOTAPE MACHINES

The tape recorder is one of the most basic equipment
items, in the control room, and in other areas of tne broadcast
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station. Needless to say, when the tape equipment is
inoperative, a severe bottleneck is placed in the normal daily
operations.

Tape-Head Area

There are many electromechanical functions in a
recorder. and these can cause problems during operation. The
most critical section of the recorder. however, is the tape
head. All other recorder functions support the tape head
function. Many problems in this area not recognized as tape
head problems are often blamed on other sections of the
recorder. This area deteriorates and goes unnoticed for some
time because the loss in performance is gradual. An example
is a falloff in audio response. Proper tape head function is very
important in both the open-reel and cartridge tape equipment.

Head

The head is a specially designed. properly shielded
electromagnet. A coil of wire is wound on a magnetic iron
core. which is shaped so that the pole pieces are separated
from each other by a very fine gap. The signal current flows
through the coil. producing magnetic lines of flux that are
basically confined to the iron core. The lines of flux are
continuous loops that cross the gap in the pole pieces even
though the gap provides a greater resistance to their
movement. The flux lines follow the signal current in the coil
both in direction and intensity (Fig. 5-13).

Audiotape

The audiotape. with its iron oxide side held tightly across
the pole pieces of the head. is pulled along at a constant speed.
The iron oxide of the tape bridges the gap between the pole
pieces. and this iron has less magnetic resistance than the air
in the gap. Consequently. the flux takes the path through the
tape. In so doing. the flux magnetizes the iron particles in a
pattern that conforms to the flux lines in both direction and
strength at any instant. Thus. the iron particles on the tape are
magnetized in a pattern which is a replica of the signal current
flowing in the head. The pattern is laid down on the tape in a
track as the tape is pulled along.

Low Frequencies—For a given input signal, low
frequencies magnetize particles more deeply in the tape than
high frequencies. This is because the tape speed is constant
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Fig. 5-13. The tape head system in an audiotape machine.

and a low-frequency portion of the tape is subjected to the
signal for a longer period of time than high frequencies. and
have a chance to penetrate deeper into the iron layer.

Signal Levels—Increasing or decreasing signal current
flowing through the head causes a corresponding increase or
decrease in magnetization depth. These factors affect the
playback level recovered from the tape, because the greater
the penetration of the flux into the tape, the stronger the
magnetization of the particles, and the greater the recovered
playback level.

Playback

During playback. the reverse of the recording process
takes place. As the tape is pulled across the pole pieces of the
head. the magnetic fields recorded on the tape induce currents
in the playback head. The output voltage of the head is a
replica of the signal that was recorded on the tape. The
stronger the magnetic track on the tape, the greater the output
voltage of the head. and thus the greater signal level.

Playback and Record Heads

The heads used for these two purposes have different
characteristics. The record head must carry higher currents,
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and has a lower impedance than the playback head. The
playback head usually works into a higher impedance,
although there are some machines that are designed to use the
same head in both positions. In the usual arrangement, they
are different, and when replacing heads, care must be taken
not to get the heads in the wrong positions. The results of
misplaced heads can be disappointing. A record head used for
playback produces a very low output signal.

Equalization

As discussed earlier, low frequencies record deeper into
the tape high frequencies. From this it follows that the output
of the playback head will vary in the same manner—the
high-frequency response falls off. To correct this situation, it is
necessary to preequalize the recording signal before it reaches
the record head. The high frequencies are preemphasized
according to a standard curve. The playback amplifiers use a
standard deemphasis curve.

Erasure

A tape that has been recorded can be reused by erasing the
recorded information. This is done by applying a strong AC
field across the tape, which rearranges the iron particles in a
random fashion on the tape. This field may be applied either
by an erase head. as used on open-reel machines. or by a bulk
eraser as used on cartridge machines. An erase head erases
only the information on the section of tape that passes over it,
while the bulk eraser erases the entire tape at one time.

How well the tape is erased depends upon how strongly the
particles are magnetized and the strength of the erase field.
Tapes that have been severely overloaded—that is, very
strongly magnetized—will take many passes over the erase
head to be completely erased. The portion that is not erased
remains on the tape and appears either as crosstalk or
background noise. With this in mind. caution should be taken in
the use of bulk erasers. which develop strong magnetic fields.
The tape should not be in the field at the moment of turnon or
turnoff. This causes a magnetizing of the tape by itself that is
difficult to erase. Instead. turn on the eraser. then bring the
tape into the field. When done take the tape out of the field
before turning the eraser off.
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Residual Magnetism

There is another important problem in recording that
must be overcome. The head is an inductive device and will not
allow currents to flow through it in a linear manner. This is
due to residual magnetism and the fact that magnetic fields
are reluctant to change directions. Thus. as the current begins
to flow into the head until it reaches it's maximum in one
direction, the field will be established (Fig. 5-14). Now the
current reverses itself and goes to the opposite maximum
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Fig. 5-14. Effects of the magnetic properties of the head and tape cause
distortion near the zero-crossing line.

polarity. However, the reluctance of the magnetic field to
change, along with the residual magnetism in the core and in
the iron oxide on the tape. produces the familiar magnetic
curve. This results in the signal current being distorted near
the zero-crossing line.

To overcome this distortion, a high-frequency bias is used
(Fig. 5-15). The bias is about 75 kHz and several times the
amplitude of the signal current. This bias and the signal are
mixed together before going to the recording head. The audio
signal appears as twin curves riding the peaks of the bias
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signal when viewed on an oscilloscope. During playback, the
bias signal is filtered out, leaving the audio curve undistorted
since the audio signal was lifted into the linear part of the
magnetic curve.

Head Alignment

Head alignment is most important to assure that tapes are
compatible from one machine to another, and output levels
and frequency response are maintained. The face of the head
and the tape must be aligned in their proper relationship.
There are at least five requirements that must be met to
obtain good alignment. These five positions are shown in Fig.
5-16. These requirements may not be met 100% and the results
may still be passable; but the more accurate the settings, the
more consistent the quality of the results. Head alignment is
always necessary when replacing a head.
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Removal and Replacement

Before removing the old head. note the markings and the
positioning of the present head. Try to get the new head into
the old position as closely as possible. Then the new head may
require only a minimum of adjustment to bring it into full
alignment. Some of the manufacturers have gauges and plates
available to assist in the correct positioning of the heads. This
is particularily true for cartridge equipment. These gauges
can put the head into nearly the exact position. But there is
always a need for final adjustment to bring the head into full
alignment.

Playback Head—Always align the playback head first,
while playing a standard NAB head alignment tape. (There is
also a standard NAB cartridge-type alignment tape available.)
Standard tapes should be handled carefully and stored
separately. To prevent stretching, avoid using the fast-winding
capabilities. and especially fast stops. Once the playback head
is properly aligned with the standard tape, the playback will
serve as the standard for the record section and head.

Record Head—Single tones are applied to the record
amplifier input while adjusting the record head. Be careful to
get the standard alignment tape off the machine before switch-
ing into a record mode, or the tape will be ruined. Another
precaution concerns the signal levels into the recorder. These
should be at least 10 dB below standard program-recording
levels, and 15 dB lower is better if noise pickup is low. These
lower levels are required because of the equalizer in the
recorder, which boosts the high frequencies. If levels are too
high going in, the boost causes the head to saturate at high
frequencies, and this appears as a flat response—which it is
not. In reality, the true response may be far from this
indication. The reference level to use is between 200 Hz and 1
kHz. To be consistent, use the same tones that were used on the
standard tape. There will be less confusion when this is done,
and a better comparison can be made.

Cartridge Alignment

Head alignment in cartridge machines must meet most of
the requirements as on open-reel machines, but there are a
number of other requirements that must also be met. This is
because the tape. guides, and pressure pads are within the
cartridge itself. In cartridge alignment, consider these
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conditions: Pressure pads should be in good shape and press
the tape against the head firmly; tape should fall easily and
directly into the guides that may be on the head assembly; the
cartridge should allow the head to penetrate into the tape
deeply enough (check any depth adjustment that may be
provided); the keyhole in the base of the cartridge should
allow the pinch roller shaft to pop through without catching or
pulling the cartridge to one side or holding the roller off the
drive shaft (the cartridge should not touch the drive shaft);
and side guides must be set to allow the cartridge to move
directly into the head assembly. All of these conditions can be
seen by careful observation and adjustments made
accordingly.

On the Bench

It is often more convenient to take the machine to the
workbench to make these alignments, provided that it's
unnecessary to make many haywire hookups. Make up cables
ahead of time that will fit the input and output plugs of your
machines. These cables should also provide for the correct
impedance matching, or at least allow for simply adding
terminating resistors. Keep these cables along with other
maintenance cables for future use.

False Indications

High input levels to the recorder can *‘ring” equalizers so
that they oscillate, giving rise to spurious frequencies. The
output meter can indicate these spurious signals rather than
the input signal. Quite often these spurious tones will be lower
in frequency than the input signal tone. If you have the output
up on earphones or a loudspeaker, you can hear that the tone is
wrong. Reset the input levels below the point where this can
happen.

Worn Heads

The iron oxide on the tape is very abrasive and wears
down the heads. and after much use, a groove or rut will be
worn on the face of the head. These create ridges at the edge of
the groove. Tape may fall so that its edge is riding atop this
ridge and out of contact with the pole pieces of the head. The
result is a pressure problem, and the output from that side of
the tape can be low or nonexistent. On a full-track machine,
this may not show up as a serious problem; but on a multitrack
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head, it produces serious problems. For example, on a
stereo-plus-cue-track tape, the cue track is at the bottom edge
of the tape. If it rides on top of a groove and has low output, the
cue and stop tones on cartridge tapes are low and the machine
will not operate properly.

Besides the erratic behavior of the signal from a worn
head, the amount of wear can often be detected by either
observation or feel. Shine light across the head. If it is worn,
the light shows up the edges of the wear spot. Another method
is to run your fingernail lightly across the face of the head. You
can feel a groove on a worn head.

Clogging

When the head wears, it opens the head gap. Besides
causing a falloff in high-frequency response, this also causes
oxide from the tape to lodge in the gap and short it out
magnetically. Shorting out the gap causes the output voltage to
drop off to practically nothing. Heads in this condition should
be replaced, but until they are, they must be cleaned often. If
the output drops off while the machine is in operation, an
emergency measure can be used. Squirt a head-cleaning
solvent or alcohol onto the head while it is running. The
movement of the tape and the fluid cleans out the gap.

Pressure Pads

Pressure pads must be kept in good condition er the
machine will operate erratically, usually with weak output
signals. All machines do not require pressure pads—it depends
upon the head and the way in which the machine wraps the
tape onto the face of the head. Cartridge machines have pads,
and these should be kept in good condition. The pad maintains
a constant pressure of the tape on the face of the head; but if it
is worn or missing, the tape will flutter past the head or change
pressure intermittently. All of these produce poor output
results.

Capstan and Pinch Roller

Tape speed across the heads is determined by the capstan
speed and the pressure of the pinch roller. The rubber in the
rollers can become glazed from lubricant, or hardened and
glazed with age. In all of these conditions, the roller can slip
and cause speed variations. These show up as ‘wows” in the
program material. The rubber roller can be cleaned with
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alcohol or other solvent. If it becomes hardened, it must be
replaced.

Capstan Motor

The motor often develops dry or bad bearings, and defects
in the windings. With the power shut off, the motor or flywheel
can be spun by hand. This should spin freely and coast for
some time, and there should be no noise. One that is stiff or
stops immediately after spinning needs to be taken out and
reoiled or have the bearings replaced, if possible. If not, then
the motor itself needs to be replaced. Many motor
manufacturers have an exchange arrangement for capstan
drive motors.

Bias Adjustment

The bias affects the output level and high-frequency
response. The best way to adjust this, if metering is possible, is
to record a high-frequency tone and then adjust the bias for the
highest output level on playback. Playback must be observed
while recording. Improper bias can produce some curious
results. even showing up irregularities in brand new tape.
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Chapter6

Peripherals

Although the control room generates the bulk of the station’s
programming, there are many program segments gathered
and prepared outside the control room. Besides the
programming sources, there are auxiliary functions
performed which either contribute to programming indirectly
or facilitate the station’s operation. In this chapter, we
concentrate on newsrooms, recording booths, teleprinters, and
house monitoring.

NEWSROOM

News-gathering operations in today's radio station are
often hectic. fast moving, and require many electronic aids.
The reporter out on the beat carries along an array of
electronic aids. The advent of solid-state equipment, its
corresponding reduction in size and weight, and its
adaptability to battery operation, have enhanced portability to
a high degree. For the first time, perhaps, since the early
beginnings of radio. news gathering is able to make a greater
use of broadcasting’s own tools of the trade—electronic gear.

Whenever called upon to design or arrange equipment for
use by the news department, always follow this basic
concept—keep it simple, as simple as possible while still
getting the job done. Remember that nontechnical people may
operate the equipment. Complicated equipment arrangements
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that only engineers can operate will, when placed in the news
department. probably fail, or at least fall far short of
expectations. This is not intended to downgrade newsmen. On
the contrary. news gathering is demanding work. and the
electronic equipment must assist it, not impede it. During an
interview, for example, the reporter must concentrate on
developing pointed. probing questions. and listening carefully
for shaded meanings in the answers given. He cannet also be
trying to operate complicated equipment at the same time.

What Is Simple?

In this case, simple means ease of operation. Design and
arrange equipment in this manner: cable plugs that can only
go into a jack one way (color coding is helpful); simple
switching that operates in a left-to-right fashion; switches that
have straight on—off operation; functions all labeled clearly;
on/off and nonlocking switches that must be pressed to
operate. Perhaps these are rudimentary conditions, but they
have a better chance of performing as intended. Remember
that the newsman is concentrating on his story. not the
operation.

Many recordings are made in the newsroom that end up on
open-reel and cartridge tape. Consequently, there should be
both open-reel and cartridge tape recorders in the newsroom.
Since the product from these machines end up on the station’s
regular tape machines, the newsroom machines should be the
same quality as the regular machines, and completely
compatible.

Switching

Many tapes from cassettes and portable recorders are
brought in for editing and dubbing onto larger machines. and
other news sources feed into the newsroom. It is necessary to
provide some simple switching arrangement so that all these
sources can be edited and blended together into the final form
desired. A small production console can be used, and some
stations provide this. But a simple switching arrangement
(Fig. 6-1) can be built that allow these sources to be wired in
permanently, and only switching is necessary to pick up the
desired source. In effect, this switcher will customize the
arrangement for that operation.

When designing a switcher, keep in mind the output
impedances of the various sources and try to maintain these as
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much as possible. Remember that when you simply parallel a
couple of sources. you will affect the impedances and signal
levels. If necessary. use bridging connections, and even use
back-loading resistors on some of the switch terminals. Also,
use pads to keep levels within reason.

Input Selection—Allow for the selection of several
program sources, which can be permanently wired to the
selector switch; for example, the telephone, remote pickup
receiver, output of the cartridge tape machine, and output of
the open-reel tape machine. Have one position that wires to a
jack in the regular station jack field. This allows using any
source in the station to feed to the newsroom. Also add an
auxiliary jack so that small, portable equipment can be
plugged into the switcher.

Recorder Selector—The output switch should be able to
select the record input of either the open-reel recorder or the
cartridge recorder. This allows for recording on either one.
Between the switch and the recorders. an AGC amplifier can
be used to good advantage in maintaining levels during
recording.

Monitoring

There should be both earphone and loudspeaker
monitoring. Add a small speaker amplifier and GAIN control
for this purpose. During times that live recording is being
done. the speaker can't be turned up. so earphones must be
used. The earphone can be connected directly to the input
selector bus or after the AGC. The earphones should be ahead
of the monitor ampilifier. A switch can be used to turn off the
amplifier, or the GAIN control can turn it down. The earphone
switch can be arranged so that it will automatically switch off
the speaker when the plug is inserted into the jack.

Telephone Recording

Many interviews can be made over the telephone and
recorded for use on the air. There are different ways this can
be accomplished. In the direct method (Fig. 6-2). the recorder
is connected directly to the phone line. but there should be 0.1
uF series capacitors in each side of the line for isolation of DC
voltages. Use a 600-ohm transformer for other isolation.

Telephone recordings are not always the best, particularly
when there is a poor line with low levels. When gains are
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turned up background noises increase, and the recording is
very poor. An AGC amplifier can be of some value in leveling
out the signals. In almost all cases, the local voice will be
much stronger than that from the other end of the line.

The telephone company can lease a connection device that
has an amplifier plus an AGC unit in it. I have had poor
experience with these. They have regular AGC amplifiers that
cause serious ‘‘breathing” or ‘‘pumping’ effects on some
recordings.

Whenever a telephone conversation is to be recorded or
broadcast live, the person on the other end must be informed
of this, and permission must be given. The rules are very strict
about this. Anytime a phone conversation is to be recorded or
broadcast live, first inform the party and get an okay—then
turn on the recorder or put him on the air. (Stations have been
fined for airing the initial “*hello”” of a conversation without
first having informed the party he would be on the air.) There
are exceptions, of course, such as your own reporter calling in
anews story that he knows is supposed to be recorded or put on
the air live. But don’t become careless in this matter, or the
station can get into hot water with the FCC and may face a
lawsuit from the other party.

Other Monitoring

To keep in touch with activities occurring in the
community, most stations monitor the police and fire
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communications channels. This may be done with a
scanner-type receiver, or each channel may be monitored with
a single crystal-tuned receiver. The scanner can only lock onto
and monitor one channel at a time, but individual receivers
can monitor all channels all the time. Individual receivers
provide more information, as there may be events occurring
on several channels at the same time.

Speakers

Live recording may be going on in the newsroom, so
speakers can’'t be blaring. With a single-scanner, it can be
turned down; but with several individual receivers, it is a
chore to turn down all the speakers at one time. And if they are
turned down. they may not get turned back up again.

A simple switching arrangement can be made that will
switch off all the speakers at one time (Fig. 6-3). Run each
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receiver speaker lead through a multicontact ganged switch
on the speaker box. One turn of the switch turns off all the
speakers at the same time. To make sure the speakers get
turned back on. use a set of contacts on the switch to turnon a
red pilot lamp to warn that the speakers are off.
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Police and fire department channels are private
communication channels. The Communications Act forbids
use of their information in any way. When a station listens in
on these channels for news events or news tips, it is making
use of the information. This is not permitted unless the station
has permission to do so. Therefore, the station must obtain
permission from someone in the particular agency who has
authority to grant permission, for example, the chief of police.
Get these permissions in writing and keep them on file at the
station. And if the individual changes, get the permission
renewed by his replacement.

Maintenance

The majority of problems with news equipment are
operator errors. Problems are also caused by dirty equipment.
damaged plugs. cords. batteries. etc. There can be major
problems in the equipment from time to time, but look for the
simple problems first.

Operator Errors

Operator error is the first thing to look for when called in
to correct technical problems in news equipment. Try to
determine if the operation was done correctly. If the problem
is an operator error and it is obvious the newsman does not
know how to operate the particular equipment, explain its
operation in simple, nontechnical terms.

Dirty Equipment

A lot of news work is done on tape, so the heads. pinch
rollers, and drive shafts need cleaning often to remove oxide
buildup and the bits and pieces of tape that accumulate. Clean
the head with alcohol on a cotton-tipped swab. Clean out any
bits of tape. Sometimes these wrap around the capstan drive
shaft or the pinch roller causing a change in tape speed. Also
look over any pressure pads that might need replacing.

A regular routine should be set up to clean the equipment.
If the news people do this. fine: but even then. check from time
to time that it is getting done. And don’t forget heads on those
cassette machines—they need cleaning too.

Cables and Plugs

Cables and plugs get a lot of use and abuse. Many times
cables will fall on the floor and get stepped on. Look for broken
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leads and shields in the cables, bent plugs. or plugs that are
falling apart. Some of these are molded types, and unless a
replacement plug can be obtained. the whole cable will have to
be replaced.

Microphones

Microphones for outside use must be rugged, for they take
a lot of abuse. Unfortunately, much of this small equipment is
intended for home use and not commercial use. These are
often dropped on the floor or the concrete pavement. In many
cases, it is cheaper to replace the whole mike rather than try
to get it repaired. The fault may be minor, and if it can be fixed
locally. go ahead. Small capacitor mikes used with cassette
recorders have a separate battery that must be replaced
occasionally.

Batteries

One of the big problems with portable equipment are the
batteries. Instruction booklets that come with the instrument
give the estimated life of batteries. This should be a
reasonable estimate. Unfortunately, unless some type of log of
the hours in use has been kept (hours add up quickly), the
batteries may go dead right in the middle of an interview.
Batteries should always be checked out before use. When
possible, try to use rechargeable batteries.

Memory

Certain rechargeable batteries, such as nickel —cadmium,
develop a “memory” if it is not used to full capacity at some
regular interval. If only a small part of the capacity is used
each day and then it’s recharged, the battery will
“remember” this small capacity. and if called upon for full
design capacity. it my run down when it reaches the capacity it
has become accustomed to. This can’t be reversed. and the
battery must be replaced.

Batteries should always be recharged after use, but set up
some schedule to run the equipment on test. Run it until the
battery is all the way down; then recharge it. Caution: Never
leave fully discharged batteries on the shelf for very long. Only
put fully charged batteries on the shelf.

Chargers

Keeping batteries charged depends upon the use of
chargers. Small chargers are as delicate as some portable
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equipment. That is, the plugs and cables are easily damaged
or pulled apart. When batteries fail to charge, check out the
charger by measuring the voltage at the output plug. If the
voltage is there in the correct amount, there are problems in
the equipment or battery. If the voltage is missing, check the
fuse if it has one. (Some small fuses are hard to come by and
must be ordered.) If you have problems, change the fuse
holder to take one of the larger. standard fuses. If it won't fit
inside the case, use one of the line holders. Inside the case,
short across the terminals so as to complete the circuit.

If the batteries still don't charge, check the socket pins,
and especially the battery terminals and contact terminals
inside the unit. These often corrode and develop high
resistance.

Bulk Eraser

Most of the small open-reel portable recorders are
half-track machines. Tapes are brought back into the
newsroom for editing, and the tape is placed on the large
machine. Of course, small machines can be used as a
playback.

The tape may go directly to the control room for play.
Most AM stations use full-track machines. So the other track of
this tape must be clean. If there is recorded material on it, the
full-track will play both tracks at the same time, and the tape
can't be used.

Before going out on assignment, bulk-erase the tapes. In
this way. the track will be clean, but the reporter must only
record on the tape in one direction.

RECORDING BOOTH

Another area that contributes much to the station's
programming is the recording booth. With so much program
material on audio tape. a recording booth becomes an asset.
Not only will the booth free the control room equipment, but it
will allow the announcer to record announcements and other
program material in a more relaxed atmosphere. If the AM
station also operates a sister FM station that is fully
automated, the recording booth becomes a necessity. For tape
recording the booth should become the quality control center
of the station.
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Monaural or Stereo

The equipment used in the booth must match the type of
service the station is supplying. If monaural, then only
monaural equipment is needed, and if stereo, then stereo
equipment must be used. A common combination is the
monaural AM station and a sister station that is stereo. In this
case, the booth should be made to do double duty. That is. use
stereo equipment, but also have a monaural cartridge tape
recorder.

More than one booth may be required if there is a great
amount of recording. When additional booths are set up. they
should all be made identical: but this is optional. One can be a
straight monaural booth and the other stereo if desired.

Identical Booths

There are advantages to making all booths identical in
equipment, layout, and functioning. This allows any recording
in any of the booths and thus makes scheduling easier.
Announcers can work any of the booths, as all the controls and
equipment will be in the same configuration and in the same
places.

There are also maintenance advantages. When one booth
is down, it is easy to compare the faulty equipment with that
which is working properly. This makes troubleshooting easier
and bypasses some of the procedures. If one booth must be
taken out of service, then either monaural or stereo recording
can be done in the other booth. And there will be fewer spare
parts required.

Basic Equipment

There are certain basic equipment items any booth should
have (Fig. 6-4). and any additional needs can be met by adding
specific equipment to fill those needs.

Cartridge Recorders—There should be one master
cartridge tape recorder, and in a double-duty booth one should
be monaural and one stereo. If the station uses the auxiliary
switching tones, then the recorders should be equipped for

these additional features.
Open-Reel Recorders—There should be at least one

open-reel recorder, and if stereo recordings are done. then this
should be double-track stereo. It would be well if this could
also play back 4-track stereo. This recorder can be used for
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monaural. When doing so. feed both the left and right channels
together. The resulting tape can play back on the control room
full-track machines. If there is much dubbing done, then a
second open-reel machine can be advantageous. These
machines should be set up to act both as recorders and
playback machines.

Consolette—There may be a need to do switching,
mixing, and blending in the production of spots and certain
other programming. A small production-type consolette
should be provided. One of the larger control room-type
consoles can be used, but these provide far more capacity
than is really needed in the booth. Most of their features will
not be used and are thus wasted.

Some production consolettes come as a package unit, that
is, with a desk or table, integral monitor amplifiers, and
turntables. These usually serve the purpose well and can save
buying all the components and putting it all together.

Don’t expect to get the same rugged quality in these small
units as in the large consoles. Technically they are okay. but
mechanically they leave much to be desired. The quality of
components is not as good nor as lasting. For example, faders
are often simple carbon or wirewound pots rather than step
attenuators. And the equipment doesn’t hold up as well.
Expect to spend more time correcting problems here than in
the large consoles.

Turntables—There should be at least one turntable in the
booth. The output may be either stereo or monaural, but the
cartridge should be stereo. The stylus size depends upon the
records played—if only LP’s, then use the 0.5 mil diamond.
But don’t skimp on the turntable. The turntable should be of
the same quality as the regular units in the control room.

Cartridge Playback—There should be at least one
monaural and one stereo playback machine for dubbing
purposes. This. too, should be of the same quality as the
master machines and preferably of the same manufacture.

AGC Amplifier—Following the consolette, an AGC
amplifier or a combination AGC—peak limiter should be
used. This will be of advantage in controlling signal levels
and will prevent overmodulating the tape. In stereo. two
identical units should be used for the left and right channels.
Strap the control voltages together so that the units work as a
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single unit. By operating them in this manner, the original
ratios of the left and right channels will be maintained.

Installation

Treat the booth installation just as you did the control
room. Get a good. heavy ground connection to the building
ground., and run a controlled shield ground on the cables.
When wiring up small consolettes, expect to run into some
other arrangements than with big equipment.

Terminal Boards—One of the first problems will be the
audio terminal boards. These may be simple strip units with
screws. and they may be mounted far inside the unit so that
the outside cabling must run all the way into the equipment,
rather than at a terminal block at the rear. When running the
cabling inside the unit, try to follow the regular cabling
routes. Avoid running high-level cables near low-level
circuits. or low-level cables near high-level circuits.

Jacks—When possible, bring the outputs of the consolette
to a pair of jacks on the station’s regular jack field. If AGC
amplifiers are used. bring their wiring to the jack field also.
Should the amplifiers fail. they can easily be bypassed with a
pair of patch cords. Jacks also provide an outlet for the booth
to the rest of the station equipment. There may be times
when the booth can operate as a subcontrol room, or even as
the control room in an emergency. And in cases of an auto-
mated FM station. the booth can be used to golive if the auto-
mation fails or it is desired to remove the booth from
programming for major maintenance.

Input Jack—Try to provide at least one of the inputs on
the consolette as an external input by running this to the jack
field. This will allow patching of any of the station’s other
equipment into the booth for use when needed. and it can
serve such uses as recording from the telephone. A single
jack used in this manner can expand the booth’s flexibility
considerably.

Standards

The master recorders should be the quality control
standards for the station tape-recording facilities. The
standard should be NAB standards, so that your standards will
be compatible with industry standards.
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For open-reel tape, use a NAB standard alignment tape
to optimize the machine. Make sure this is the latest standard.
as there have been changes in the past. These are full-track
tapes.

Standard cartridge alignment tapes are available from
NAB. There is only a monaural test tape. While work has been
done toward developing a stereo test tape. as of now there is
not one available. This monaural test tape has the same track
configuration as regular cartridges. That is, it is not full-track.

The monaural test tapes can align the stereo machines.On
the open-reel machine, since it is full-track, both tracks will
play: but there is no way to actually check out the right
channel head in the stereo cartridge machine. The nearest you
can come is to feed the left head into the right audio channel.
This allows tweaking up the equalizer. but it is being done
against the left head. not the right head. When a monaural test
tape is played on a stereo machine, there is an apparent rise in
the low-frequency response (below 100 Hz) of 3 to 4 dB. This is
a normal condition, so don’t try to level out that tilt in the
response. When a stereo tape is played. the response will be
normal.

Some equipment manufacturers have developed their own
stereo cartridge test tapes. These can be used if desired. In
effect. your stereo tape standards are set to those tapes. but
this is not necessarily anindustry standard.

Local Standards

Once the master recorders have been optimized, make
a number of different tapes that will be used for a variety of
station tape standards. the first of which should be a level set
tape.

Use the same tone as was used for reference on the NAB
cartridge. or select your own somewhere in the range of 400 Hz
to 1 kHz. Feed the tone into both channels of the consolette and
set the fader so both meters read 0 dB. At this point you may
discover the two meters on the consolette do not agree. Check
with your standard test meter at the output of each channel
(properly terminated) to see if they actually are different, or if
itis the meters. In most cases. it will be the meters.

Adjust the recorder levels so that each one reads 0 dB, and
then lock these controls or remove the knobs. These should not
be regular operational controls. Any other adjustments for
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production should be done on the faders. Select a new blank
cartridge (if possible) and run it through one time to seftle the
tape. Erase the tape to make sure it is clean. Then make the
recording. First feed the left channel for awhile. then the right
channel, and then both channels. Add announcements if
desired. but don’t stop the tape. The cartridge should be at
least 2 to 3 minutes’ running time.

When the recording is finished. play it back on the master
recorder. Set its output meters to read 0 dB and lock these
controls. You now have a basis upon which to check other
cartridges in the future.

Make up a monaural tape in the same way, except use the
monaural recorder. Be sure to properly label these tapes and
store them with other test tapes.

Other Test Tapes

Once the equipment has been set up properly and the level
tapes have been made, go ahead and make other test tapes
that will help in the setup and test of station equipment. For
example, an auxiliary tone test tape can be made at this time.
Leave the audio channels blank and use only the auxiliary
tones of 150 Hz and 8 kHz. If using two tones, set up some
pattern in the way they are applied. Space the test bursts about
five seconds apart.This will allow the circuitsin the unit under
test to settle down after being activated. If the equipment is set
up for a variable-length auxiliary tone pulse, record several
different lengths—those that will have particular application
at the station. Label the tape; if special information is
necessary, attach this to the top of the cartridge.

If you use a logging system that makes use of tone pulses
on the cue track of the tape. make up a test of these. Try to get
a variety of combinations that will put the logger through its
paces. And make sure to place a label on top of the cartridge
showing the numbers and the sequence that was recorded.

These tapes. by the way, not only will help in setting up
adjustments on cartridge machines. but they can be used to
measure the actual signal levels the machines put out.

Playback Comparison

When there are problems in station recording and some
question is raised about a tape, the tape should be taken back
to the master recorder and played on that machine. If the tape
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plays all right, there is something wrong with the station
machine. If it doesn't, then it is probably the tape that's bad.
There is a possibility, however, that something has happened
to the master machine and it isn't recording properly. If there
are identical booths, play the tape on the other master for a
check. If there is no other booth, make another short recording
on the master and try it. If it plays okay. the original tape is
definitely defective.

Heads

When head replacement is necessary on the master
machines, do this very carefully. Remember, these are the
masters. Be careful not to get the record and playback heads
interchanged, and replace them with the same quality and
type of head that was taken out. Use premium heads. Be
careful that the wiring to the heads isn’t interchanged. If the
wires are interchanged, phasing problems may occur. Always
be conscious of the fact that these are the machines that set
station standards. and make all the adjustments accordingly.

Track Identification

For heads used on broadcast recorders. the track
placement is as shown in Fig. 6-5.

Head for Monaural Cartridge Tape—The program track is
the one farthest away from the deck; the cue track is next to
the deck.

Three-Track Stereo Cartridge Tape—The left channel is
farthest away from the deck, the right channel is the center
one, and the cue track is next to the deck.

Two-Track Open-Reel Stereo—The left channel is farthest
away from the deck; the right channel is next to the deck.

Phasing

When changing stereo heads, there are two ways in which
the phasing can be affected (Fig. 6-6). In the first case, the
wiring is interchanged to the left and right channels so that the
channels are reversed. In the second case, the high and low
side of one of the heads is reversed. This will place that
channel out of phase with the other channel, and when
combined in a monaural system, the signals will cause
cancellation and low levels.
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Fig. 6-5. Tape track identification on the heads.

Phasing is very important. Before taking the wiring off the
heads. make notations of the wiring and color coding. Also,
make sure the high and the low side remain as they were
before removing, even though they may have been wrong in
the first place—that is, both wires on each track were
reversed. This should have been caught on initial setup, but to
change after many tapes have been made could create
problems. This is particularily true of the cue head. If the
shape of the pulse is such that the leading edge is very steep
(auxiliary tone) the cue circuit in some machines can
interpret this as a cue tone and stop. So replace the wires on
the heads just the way they came off.
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Cartridges

Many poor recordings or failures in the system can be
traced to negligence on the part of the announcer in not
recognizing defective cartridges before they are recorded or
failure to listen to the cartridge after the recording was made.
A simple visual inspection of the cartridge will often detect
faults such as wrinkled or worn tape, missing or defective
pressure pads, a broken case, or missing parts. When a
defective cartridge is recorded and fed to the regular system,
problems are brewing. Expect to get a maintenance call that
something is wrong with some of the program machines.
Check the cartridge as a first step. When it is obviously
defective—for example, in case of missing pressure pads—have
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Fig. 6-6. Two different ways phasing can be incorrect in stereo.

207



a new spot recorded and take that cartridge out for repairs.
Even adding pads will not help the poor recording that is
already on the tape.

If the cartridge doesn’t have any obvious defects, try it on
the master machine or another regular machine. If it plays
poorly on more than one machine, there is more than likely a
cartridge problem or a bad recording. At least it is not the
regular machine at fault. Make a new, short recording on the
same master machine for comparison. Many problems could
be eliminated, fewer spots lost, and tempers saved if the

announcer would audition the tape after it is recorded. This
should detect distorted audio, low signal levels, etc., before.

the cartridge is sent into regular program channels.

TELEPRINTERS

In the newsroom of every radio station, there are one or
two teleprinters in operation throughout the day. One of these
receives news from one of the news wire services, and if there
is a second one, it receives weather information from the U. S.
Weather Service. Just how involved the engineer becomes
with these machines depends upon the station and what
arrangements have been made. The news machine is leased
and the service most likely done on it by some outside service
company or the telephone company. The weather machine
may be station owned and serviced, or it may be leased and
serviced by an outside concern. If you do get to work with
these units., you are involved with a different technology than
broadcasting. This technology has its own way of doing things,
as well as its own language.

Printer

Generally found at the station are receive-only units (RO),
which do not have a keyboard. If a unit needs to send
information. it must have a keyboard. Keyboards on sending
units are not the same in character and symbol lineup as
ordinary typewriters, nor are they the same on all
teleprinters. The keyboard will correspond to the code in use,
and there are several codes. The receive printer must also be
arranged for the code in use on the circuit. A printer can work
on all the usual codes but only works on the code it is adjusted
for. That is, the unit must be adjusted for one of the regular
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codes; this is ordinarily done at the factory, although it can be
done in the field.

Mechanical and Solid-State

Today there are many models with a varying degree of
solid-state electronics incorporated in them. There are still
those that are largely mechanical, and on the other end are
those that are very high in electronics. The Extel Corporation
printers are 80% electronic, and this is solid-state.

Input Circuitry

The printers normally found in the broadcast station for
news and weather use have a DC input circuit. The DC must be
supplied from the signal circuit itself. Look for a tag or sticker
on the machine which will give this input current limit. The
current should not exceed this limit, or the machine will be
overloaded and develop problems. including burnout of some
of the input circuitry.

Each printer is preset for a particular code. and this is
ordinarily done at the factory: but the factory cannot set a
printer to a code unless it has the information. If you are
involved in ordering a machine, determine the code that will
be used and supply the information to the factory.

Signal

The signal is a DC on-and-off type or pulse train. This is
what the printer itself accepts. When the pulse is on (positive),
this is called a mark: and when the pulse goes off (zero), this is
called a space. The width of the pulses do not vary, but
remain constant. There is no gap between pulses; these pulses
line up side by side. Any gaps that appear are spaces and have
a definite meaning in the train. For example. there may be
several mark pulses in tandem. This would appear as a single
wide pulse whose width is equivalent fo the number of mark
pulses involved. The number is what is important, not the
apparent width.

Codes

The present codes are either updates or outgrowths of the
old telegraph codes. and there are several of them. One of the
more common codes used for communications is the ASCII.
These letters are abbreviations for American Standard Code
for Information Interchange. This code can accommodate 128
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characters and is thus more flexible than the Baudot code.
ASCII is an 8-level code, which means that there are seven
pulses which define the character in the pulse train. Actually,
there are 11 pulses in a group for each character sent. There
will always be a space pulse to set up the machine to receive
the pulse group. followed by a combination of 7 mark and
space pulses. then a mark or space pulse for parity checking,
and then two marking pulses (Fig. 6-7). The first pulse and the
last two pulses are synchronization pulses. A group of seven
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Fig. 6-7. ASCHl 8-level code. The full 11-puise group is used to define one
character.

pulses in a variety of combinations defines the character or
symbol. The pulse for parity is a method of checking the
system for errors.

The news wire services use this code, and in some areas,
the U. S. Weather Service is now using it.

Baudot Code

This is a 5-level code and is basically an old telegraph
code. The 5-level means that there are five pulses which define
the character. plus the space and mark pulses for
synchronization. Seven pulses in each group are sent. This
code is limited in the number of characters and control
functions it can accommodate and requires much shifting.
This shifting is the same as on a regular typewriter when you
need capital letters or symbols. These limitations are why the
newer codes were developed and also why they contain more
pulses in the group. More pulses simply allow more
combinations of pulses and thus more functions. But for all its
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limitations, this code is still very much in use today in most
parts of the country. The U. S. Weather Service uses this code.

Transmission

Codes can be sent over a variety of circuits, including
radio channels. The teleprinter signal must modulate some
carrier, and this is usually a midrange audio signal of 2 to 4
kHz. At the receiving end, the signal is demodulated back to its
DC character and fed to the machine. These units are called
modems, for modulator— demodulator.

For the weather service, this is accomplished at the
telephone company’s switchboard. They send the signal to the
station over a local DC line. The news signal comes into the
station as a modulated signal and has an outhboard modem to
convert the signal to the DC pulse input to the printer.

Ordering Weather Service

The services of the U. S. Weather Service are free since it
is a public agency. They supply weather information and
maintain a weather teleprinter network. There is a continuous
stream of weather information sent out over this network 24
hours a day. To obtain this service, the station must provide its
own printer and pay for a local line to the telephone company
switchboard. No formal permission is needed from the U. S.
Weather Service. Order a standard DC teleprinter circuit from
the telephone company and tell them you wish to connect to the
U. S. Weather Service network.

U. S. Weather Service

The U. S. Weather Service is divided into regions, states,
and districts. Your contact will be in the office of the service in
your state. You will need to obtain information from them
about the code, speed of sending, and the severe weather alert
signal used in your area. When ordering a teleprinter, the
factory must have this information. In most areas, this will be:
5-level Baudot code, printing speed of 75 wpm, and the alerting
signal of two or three uppercase Hs followed by a lowercase w.

Weather Alert

The printout for the alert will appear something like this:
###Aw. The symbol # is what prints out when the shift signal
is sent and the H key is pressed on the sending machine. The
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symbol has no significance in itself; its pulse train has simply
been designated as the arming part of the alert signal. Shifting
is the same as you would do on your regular typewriter. If you
would press the carriage shift key and the key for the letter H,
you weuld get the capital letter H. On the keyboard setup for
the Baudot code, however, the uppercase is not a capital H but
the symbol #.

Following the symbols ###, there may be other létters. In
the preceding example, the A (in the state of Indiana) will
open up all the machines in the state that are connected to the
network. Other letters can follow, and these are used for
selective signaling or for verification. Then the w is sent.
When the w is sent, the alarm will sound. There must be some
other character sent after the w, or the alarms will continue to
sound. There is usually a space signal or something sent.
Actually, the message will follow. This is pointed out here in
case you are in a test setup and have the phone company
testboard send a test signal.

When the signal is sent for weather alerts, there is also a
10-bell signal sent as is done with the EBS alert on the news
machine. This bell signal can also be used to set off alarms,
and in fact, that is the way the EBS alarm works.

Station Selector

To receive the special alerting signal from the Weather
Service, or to turn on the motors in some machines and other
special selective calling or signaling, a station selector is
required. This is an outboard device that is located at the
printer location. Servicemen call these stunt boxes. When the
selector is an all-electronic device, it must be programmed
exactly for the signal it is to accept and act upon. Take, for
example, the alerting signal. If the code is ##Aw and the
Weather Service sends ##AFw, the alarm will ignore the
signal and not fire.

Installation

The input signal level to the machine is important, and it
should not exceed the maximum current stated on the
machine. The weather line is adjusted at the testboard to a
fixed figure and maintained at that, but the level on the news
wire is adjustable at the output of the modem. Too high an
input signal will overload the machire, and the printout results
will be garbled.
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On the weather wire, if the standard current set by the
testboard is too high for the machine, shunt a 50-ohm 5-watt
resistor across the input of the printer itself (Fig. 6-8). This
will provide a path for some of the current around the printer.

PRINTER
INPUT
+ -—
PAAAA
500
TELEPHONE Sw
COMPANY

Fig. 6-8. When there is no way to adjust the signal current, add a resistor
across the input of the printer to a provide a shunt path for part of the
signal current.

Selector

When a selector is used. wire the input of this in series with
the input of the printer (Fig. 6-9). This provides less of a load
on the (telephone) circuit, and also provides an interlocking
arrangement with the printer. The selector must be connected,
or the printer will not work.

SELECTOR PRINTER , PRINTER
1 2
INPUT INPUT INPUT
+ = + - + =
+
TELEPHONE
INP
COMPANY i

Fig. 6-9. When other devices or units are used on the same circuit, wire
them all in series across the telephone line.

If it is necessary to shunt a resistor across the printer,
make sure this is not shunted across the selector also, or the
selector may not work properly. This would be the case if the
resistor were shunted directly across the line.

Measure the Current

At the time of installation and at any time when garbling
appears in the printout. measure the signal current on the
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incoming weather line or the input to the news machine (Fig.
6-10). Open one side of the line at the terminal block and insert
a milliammeter in series with the line. You will not be able to
get a good measurement until the line is idle. When messages
are coming in. there are pulse trains on the circuit, and the
meter will read very low and vibrate, as it cannot follow the
pulses. Wait until the sending stops, then get the
measurement. The signal current must be adjusted below the
maximum value and should be set somewhere out in
midrange. where the printer will work reliably The

MILLIAMMETER
/

- ol HPY —-
TELEPHONE Y
COMPANY _ - TO PRINTER lNF:UT

TERMINAL
BOARD

Fig. 6-10. Break one side of circuit and insert milliammeter in series with
line to measure signal current.

maximum for the Extel solid-state printers is 60 mA. If the
current is not there, the circuit is open. There will always be a
steady line current of approximately 60 mA (or local
standard) on the telephone circuit. Absence of current means
the line is open.

Alarms

What type of alarm to use depends upon what is supplied
with the machine and selector. For EBS on the news machine,
a relay is added to the bell circuit. This relay provides dry
contacts so that any external alarm device may be used. The
relay will close each time the bell sounds. An external device
must also sort out the five-bell bulletins from the ten-bell EBS
signal. or the alarm will go off every time the bulletins come
in. And there are many bulletin bells!

The ten-bell signal can also be used on the weather machine
for severe weather alerts in the same way as the EBS is on the
news machine. But if a selector is used for the special-alert
signal. then the output of the selector will fire off the alarm.
Some of the electronic selectors only provide an IC output of
5V DC at 3 mA. This requires an interface if something more
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than a simple electronic alarm, such as the Mallory Sonalert
device, is to be used.

Maintenance

There may be times when the network is active, other
times when it may be idle. The weather network can
sometimes stand idle for perhaps an hour. The station must
know if there is an idle network or if the circuit has gone open.
There is a red circuit-alarm lamp on the machine. This is
normally extinguished, or it flickers on and off rapidly during
transmissions. These are normal conditions. If the circuit goes
open, this lamp will come on at full brilliance. First, check the
line for signal current. If the signal current is not there, the
line is open. For the weather wire, call the phone company
testboard. If the current is present and the lamp is lit, then
there is an open circuit in the wiring to the machine. Check the
connections and plugs.

Power

Of course, the machine can’t print if the AC power is off or
the fuse blown. On each machine, there is a power pilot lamp
(usually green) which shows the power is okay. If there is no
power lamp or if it is burned out, a quick check for power is to
turn the machine power switch off and on. There will be a
single bell when the power comes back on, and if the print head
is out in midstream somewhere, there will be a carriage return
back to the left margin.

Polarity

The input signal to the printer is a DC signal, and this
means that the circuit must be polarized. If it is not, the
printout will be severely garbled. During setup, the circuit and
wiring is determined and polarized correctly. Check the tag on
the machine to determine which terminal is plus and which is
minus. At a later date, when maintenance is done or the wiring
taken off for some reason, it might be reversed. During initial
setup. mark the terminal boards for polarity and color coding
of the wiring. A quick check can determine if the circuit has
been properly restored.

Print Heads

There are a variety of print heads on various models of
teleprinters. Some machines use ribbons and others use
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ribbonless paper. Print heads need to be cleaned from time to
time as they may become clogged with paper, dust, and ink.
Clean these with a stiff-bristled brush.

On the electronic type, the print head provides a5 X 7 dot
matrix to form the characters. A battery of small solenoids are
clustered together. A needle-like plunger pops out of the
individual solenoid to form its dot. These heads can become
clogged so that the plungers can’t operate properly. Clean out
dust or debris from the face of the head with a brush or
airblast. There is a small hole at the rear of each solenoid. Use
a needle or similar small instrument to work the plunger
mechanically. This will usually clean it. Don’t take the head
apart as it is difficult to put back together.

Ribbonless Paper

Ribbonless paper requires no ribbon on the teleprinter.
The ink is imbedded in the fibers of the paper itself, and
pressure from the print head releases the ink so that the
character is formed.

When installed in the printer, the paper must be inserted
so that it will unroll in the proper manner. If it does not, the
wrong side of the paper will face the print head. At first glance
it may seem difficult to tell which is the correct side. One side
will be much darker, however, than the opposite side. If the
paper is put in the wrong way, the printing will be faint and
difficult to read.

There are both heavy-duty and light-duty machines
available. When selecting a machine for station use, get a
heavy-duty machine as it will get a workout in the station, and
the light-duty machine might not hold up well.

AUDIO MONITOR SYSTEMS

All broadcast stations require audio monitoring for
checking the air product, for auditioning, and for maintenance
purposes. A good, reliable monitor system is similar to good
test equipment in producing accurate results.

Classes of Monitors

Monitoring can be divided into four general classes:
control room, house, special, and maintenance.

Control room monitoring includes the directly associated
studios and the console. This monitoring is for the benefit of
those involved in the production of the air product.
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House monitoring is generally from the off-air signal, and
distribution is made throughout the station at comfortable
listening levels. Speakers are provided at many locations.

Special monitoring includes specific areas or circuits to be
monitored. such as network or remote lines, or perhaps the
signal from a sister station.

Maintenance monitoring encompasses all the special
techniques and check-points used to listen in on the signal
throughout the system.

Basic Ingredients of Monitors

Regardless of the size and complexity of the monitor
system in use, there are some basic ingredients common to all.

In all cases, except headphone monitoring, there is a
monitor amplifier. The power output of this amplifier is
dictated by the amount of audio to be distributed and the
levels. The control room console monitor is usually a part of
the console itself, and its power output is specified by the
console manufacturer. This amplifier is basically designed to
supply three or four speakers only. These are located in the
control room and the studios associated with the control room.

House monitor systems often make use of a high-power
amplifier and. in some cases. there is more than one amplifier.
Amplifiers for special-purpose monitoring, on the other hand,
may use low-power units to supply a single small speaker.

Speakers

Speakers are needed at many locations. The
power-handling ability of individual speakers depend upon how
much signal level is required at a given location. The quality of
the speaker and its enclosure will be subject to wide variation.
Many inexpensive speakers and cabinets are available, and
these have a reasonable quality. There are some locations,
such as a client auditioning room, where a high-quality
speaker is desired.

Level Control

It is most desirable to control the signal level at the
individual speaker location (Fig. 6-11). These controls can
have a knob mounted on the cabinet, or a setup control located
inside the cabinet or on the rear, out of sight. Such controls
permit the volume to be adjusted at each speaker location
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Fig. 6-11. Use an adjustable pad at each speaker to control votume.

without affecting the remainder of the system. In a house
monitor system, once the main amplifier gain control has been
set, there should be little reason for its readjustment.

The control room monitor will be used to monitor many
circuits and programs, so its levels will be adjusted quite
regularly. Even so, the speakers associated with the console
should have an individual control at the speaker so that it can
be adjusted to studio listening levels. A comfortable level in
the studio may be entirely too low for control room use.

Speaker controls of both the L and T types are
commercially available. The pad selected should match the
speaker impedance and should be wired between the matching
transformer and voice coil.

Impedance Matching

Impedance matching throughout the system is important.
A matched system will give an efficient transfer of power and
maintain correct frequency response. The amplifier output
transformer will provide a number of impedance taps. A
single system using one speaker would match or connect the
speaker voice coil impedance to that impedance tap on the
output transformer. As the system becomes more complex,
the impedances become more important.

The speakers are the load on the amplifier and can be
computed as any other parallel resistors. In the single-speaker
system using an 8-ohm voice coil connected to the 8-ohm output
tap on the amplifier, the system is matched and an efficient
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transfer of power will take place. Now, if a second 8-ohm
speaker is connected in parallel with the first one, the
combined load impedance is now 4 chms, and a mismatch has
occurred. Add two more speakers in parallel with these two
and the load impedance becomes 2 ohms instead of the
required 8 ohms. Power transfer is now very inefficient. This
situation can be corrected in either of two methods. Either
move the tap on the transformer to the appropriate tap (if such
is provided), or add a matching transformer at each speaker.

Console Systems

Packaged systems supplied with the console have
matching transformers in each speaker. The monitor output
impedance of the console may be listed at 16 ohms. This is
generally set up for four speakers. One might conclude from
these specifications that the tap on the monitor output
transformer is set for 16 ohms, but it is not. It is set for 4 ohms.
This anticipates that the amplifier will see four 16-ohm
speakers in parallel, or 4 ohms. Since most speaker voice coils
are 6—8 ohm impedances, it would require a matching
transformer to translate the 6—8 ohm voice coil to this 16-ohm
value.

Mismatch

Amplifiers designed for use in broadcast systems usually
have a large number of impedance taps available, while those
designed for public address work often have fewer taps. Small
amounts of mismatch are not noticeable, as the amplifiers
usually have enough reserve gain to make up for the loss
caused by mismatch. When the system becomes complex and
there is careless attention to matching, problems can become
more serious. If the mismatch is far off, the amplifier output
stages may be seriously overloaded, which results in distortion
and short life.

High-Current Circuits

The distribution system is very important in a complex
monitor system. These are all very low-impedance circuits,
that carry high currents. The resistance of the wire in the
distribution system should be low, or power will be lost in long
runs. As a matter of practice, these wires should be reasonably
large in diameter, and not the ordinary audio cable. An

219



alternative method is to keep the current lower by going to a
higher impedance distribution system and matching
transformers at the speakers. The higher impedance reduces
the current, and the transformers will restore the impedance
match. The impedance can be as high as 600 ohms if you obtain
transformers to match the 600 ohms of the speaker voice coils.
Going higher than 600 ohms creates other problems with
high-frequency response due to capacitance in the cables.

CONSTANT-VOLTAGE SYSTEMS

The constant-voltage distribution used in public address
systems can be used in a house monitor system (Fig. 6-12). In
recent years, the 25V system has also come into use.
Transformers in this system are marked in power taps rather

25W EA 70.7V TAP

AMP
E 70.7V BUS
QUTPUT ? ’

10W 10W SW 2.5W

AL MATCHING

$ & g TRANSFORMERS
= amm . s
SPEAKERS  /—\ [\ —_— [\

TOTAL LOAD WATTAGE = AMPLIFIER MAXIMUM POWER RATING

—

Fig. 6-12. The 70.7V distribution system. Matching transtormer primaries
are marked in power taps.

than impedance taps. These markings allow the system
designer a simpler method and reduce computation to a
minimum. The amplifier output transformer is marked for
either a 70.7V or 25V tap. The system is based on a constant
bus voltage at the maximum output power of the amplifier into
a matched load. The amplifier usually does not operate at its
maximum output power, as there should be some reserve in
the system. In this system design, the total speaker load must
equal the rated power output of the amplifier.

The design of a speaker distribution system is a simple
matter if one selects components marked for this type of
system. Each speaker transformer has its input taps marked
in power, while the secondary have taps to match various
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speaker impedances. In system installation, simply connect
each primary tap at the level selected for the speaker. The
only requirement is this: The speaker power taps must add up
to the amplifier’s maximum rated power output. Assume, for
example, that a 50W-rated amplifier and 10 speakers are used
in a system, and each speaker receives equal power. The rated
power of 50W divided by 10 gives 5W for each speaker. The tap
on each transformer is set to the 5W tap. Unequal distribution
of power can just as easily be made, as long as the total power
taps equal the amplifier’'s maximum output rating. Don’t
worry about the power rating of the transformer itself, since
no tap available would exceed its rating.

“Unmarked” Parts

A constant-voltage system can be designed even though
components are not on hand or readily available which are
marked for the 70V system. It requires more computation,
some good-quality universal output-to-voice-coil transformers
of adequate power rating, and an amplifier with a suitable
impedance tap.

System Design

Figure 6-13 illustrates how to design a 70.7V system with
unmarked components. First is the amplifier output
transformer. and assuming that it has no tap marked 70.7V or
25V output. compute the imgedance tap required by the use of
the power formula Z = E°/P, where P is the amplifier’s
maximum output rating. E is the bus voltage, and Z is the
desired impedance tap. For example, we have a 50W amplifier
and want a 70.7V line. Then,

Z = (70.7 x 70.7)/50 = 5000/50 = 100 ohms

Find a tap as near to 100 ohms as possible and use that one. If
there is no tap near 100 ohms, we can try for a 25V system. The
impedance for a 25V system will be:

Z = (25 X 25)/50 = 625/50 = 12.5 ohms

The amplifier would most likely have a tap near this value, so
a 25V system could be set up.

Design Variables

We will take a slight detour here from the system design to
point out a few facts. You probably noticed that the impedance
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Fig. 6-13. Design of 25V system with ‘‘unmarked’ components. Compute
output impedance tap of amplifier, and use universal output transformers
at each speaker.



value changes for the different systems. Actually, there is no
standard impedance for these systems. Since the system
voltage must remain constant, the impedance depends upon
the amplifier maximum power. For example, using the 70.7V
system. the impedance for a system with a 50W amplifier is
100 ohms (5000/50 = 100). Now if a 25W amplifier is used
instead. the impedance becomes 200 ohms (5000/25 = 200).

Another fact is that the voltage on the bus will certainly
not remain constant, nor may it even reach the design figure.
That is exactly what it is, a design figure, just as the maximum
output of the amplifier is a design figure. For example, a 100W
amplifier and a 70.7V bus will have an impedance of 50 ohms.
In operation, the amplifier gain controls are set so that the
amplifier is actually delivering only 50W to the line. By the
power formula,

E=VPZ=V5 x5 = V2500 = 50V

Even though the design is for 70.7V, the actual bus voltage is
only 50V. Also. in the computations, the figure 5000 is used as
the square of 70.7. This figure is easier to remember than
4998.49, which is the true figure. The error is small enough to
be ignored.

Back to Design

In our design example. we have a 50W amplifier and the
70.7V constant-voltage system. We have found the correct
output tap on the transformer to use for this. Next, we need
some good universal output-to-voice-coil transformers. We
have eight speakers in the system, and there is unequal power
distribution. Again, use the ordinary power formulas, except
the power figure in our formula is the power we desire the
particular speaker to have. The impedance factor is the
primary impedance of our matching transformer at the
speaker. Thus, Z = EZ/P. or P = E’/Z. We want two 10W,
one 7.5W, one 2.5W., and four 5W speaker locations. The total
wattage is 50W. the maximum of our amplifier. Using this
formula. the primary impedance tap for the 10W speakers will
be:

Z =E’/P = 5000/10 = 500 ohms

For the 7.5W speaker we calculate: 5000/7.5 = 667 ohms. Of
course, if we couldn’t find an impedance value on the amplifier
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output transformer that would give us the 70.7V system and
decided on a 25V system. the 25V figure would be used in the
formulas.

Maintenance of Monitor System

Control Room Speaker System—There are three or four
speakers fed from the console amplifier. It is necessary that
studio and control room speakers are muted when a
microphone is turned on in the particular room. Relays
mounted in the console do this muting. When the relay
operates. it disconnects the speaker and substitutes a resistor
of equal resistance so as to keep the load on the amplifier
constant. Should it be necessary to replace one of these
resistors, the replacement should have a value equal to the
speaker impedance. This value, remember, is the value of the
input impedance of the matching transformer, and not the
voice coil of the speaker. Thus, if the transformer input
impedance is 16 ohms, this is the value to make the resistor.
Make sure it has the correct power rating.

Switch Mute—There are times when it is desirable to
shut the speaker completely off in the studio because
rehearsals are going on. Many of the T-and L-pad controls
used on the individual speakers will not shut off completely. A
switch on the speaker cabinet can be installed that substitutes
a load resistor on the amplifier when switched to remove the
speaker. (See Fig. 6-14.)

SPEAKER CABINET

| MATCHING |
1 TRANSFORMER |
I i
e .
§ 8¢ 25W i
1

| !
1

| _ MUTE SWITCH .

Fig. 6-14. Add a switch to speaker cabinet to act as a manual mute.

Jacks—If individual speakers do not have a cutoff switch,
the speaker input leads should be routed through a jack field.
Should the speaker mute become defective for any reason, a
patch cord plugged into the jack will open the speaker leads.
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A plug with a terminating resistor attached will both open the
leads and terminate the amplifier.

Muting Relays—Contacts can become dirty and cause
problems. The speaker will sound intermittent or distorted.
Contacts should be cleaned with a small relay-burnishing tool
if the monitor amplifier can be turned off; otherwise, use a
piece of coarse paper run between the contacts. It is especially
important with transistor amplifiers that the output does not
become shorted. This will almost certainly blow the transistors.

Other Systems

There may be situations where a separate monitor is
desired for a specific service or purpose. For example, the
station may use a national network service and would desire to
have constant monitoring of the network line. The amplifier
should have a gain control near the operator, so the amplifier
gain can be raised to listen for cues or lowered to a background
for general monitoring. Unless the amplifier can be located at
the control position, this should be a remote control. The
control can be on the speaker itself, or the input. whichever is
more applicable to the situation.

Bridging

Most monitoring is tapped into regular program buses, so
monitoring should have a bridging arrangement so as not to
load the buses. Buses are also balanced, so if the amplifier
input is unbalanced. use an isolation transformer or a bridging
transformer.

>

600() PROGRAM BUS

»

5K
MONITOR
AMP-
600 60012 LIFIER
5K SPEAKER

Fig. 6-15. Always use a bridging connection for the monitor amplifier.
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Fixed bridging may be done in some applications (Fig.
6-15). If the amplifier is a 600-ohm balanced input, use fixed
resistors in each leg. The value should be 5V to 10K in each leg.
If only a single bridge is used on the circuit, the resistors can
be as low as 2700 ohms in each leg. Don’t go much lower than
this and don’t add any more bridges to the circuit if possible.
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- Chapter?7

Remotes

On-the-spot, live, remote broadcasts have been an integral
part of radio since its infancy. Going outside the studios to do
programming does present many engineering challenges. One
major problem is how to get the program back to the studios.
There are two ways to accomplish this: through the use of land
lines or by a radio link. We consider these two methods in this
chapter and also some of the equipment to take out to the
remote. And we delve into the studio-transmitter link. which,
although not a remote, does have many things in common with
remotes.

LAND LINES

A wire circuit leased from the telephone company is a very
common method used for remote broadcasts. The telephone
company has a great many circuits, but only a few of these
ever see use as broadcast channels. When a circuit is assigned
for a broadcast loop, then it must meet the quality of the
service ordered. There are severes grades of circuits, each
with a different bandpass. These are listed by the telephone
company and are filed with the FCC.

Quality
The actual quality of a particular circuit depends upon the
pair of wires assigned, and to some extent, upon the expertise
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of the local telephone company personnel—their
understanding of broadcast needs. But at least the bandpass of
the various local channels are listed; there are several
grades. When ordering a circuit, the station must specify the
grade of circuit desired; otherwise, the lowest grade circuit is
assigned. Tariffs filed by Indiana Bell Telephone Company, for
example, list nine different categories for broadcast channels,
and these are divided into five grades. These range from the
top-grade circuit, a schedule AAA line, which has a bandpass
of 50 Hz to 15 kHz, to the lowest grade, a schedule E line, which
has a bandpass of 300 Hz to 2500 Hz. The reason for the nine
designations in only five grades is due to listing of each circuit
by two designations according to usage. For the top grade,
AAA is the designation given when this circuit is leased on a
monthly basis. But if the circuit is leased only occasionally,
this same grade of circuit is designated schedule BBB. A bit
confusing, perhaps. but probably necessary as far as rates and
tariffs are concerned. One thing to remember when ordering a
circuit: Specify the grade of circuit you want. Contact the Jocal
telephone company and ask for the schedule of broadcast
channels they have available. Don't be afraid to ask about the
rates for the different grade of lines either.

Except for the individual drop from the pole, the circuit
ordered is only one pair in multipair trunk and feeder cables.
To keep the cable diameter within practical dimensions, the
size of each wire is small, generally a 26-gauge wire. For the
same reasons, the insulation around each wire may be a thin
paper wrap or plastic. The small-gauge wire has high-series
resistance, and the close spacing of the conductors gives high
capacitance in shunt across the pair. Both of these factors add
up to high losses for the signal as it passes through the cable.

Losses

The yardstick for measurement in telephone work is
usually the mile. For an unloaded cable pair using 26-gauge
wire, the signal loss for each mile of cable is approximately 2.9
dB at 1 kHz. The losses are worse at higher frequencies—about
9dB at 15 kHz. Rates quoted are based on distance between the
studio and the remote site, but this is not necessarily the actual
cable routing. In most cases, the actual distance is less than
the cable distance. But the signal must pass through the cable,
wherever it meanders, and these losses add up. It is not
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uncommon to have three or four miles of cable in the routing.
This means the losses are three or four times as great as they
are at a mile.

Overcoming the Losses

Both equalization and amplification are required to
overcome the cable losses. Just how much depends upon the
circuit in question.

For ordinary telephone wvoice channels, the phone
company adds loading coils at approximately each mile along
the circuit. Spacing of these coils depends upon the cable, so
the spacing may be at 3000, 6000, or 9000 feet. These coils are
simply an inductance placed in series with the line at that
spacing. cancelling the line capacitance to provide a degree of
equalization. The typical loaded voice circuit has a bandpass
of approximately 300—3200 Hz.

The broadcast channel, however, is not supposed to have
any coils in the circuit. If there are loading coils. then the line
cannot be properly equalized. The coils tend to peak the line at
about 3200 Hz: there is a very rapid dropoff in response above
this frequency. As a matter of fact, the higher end of the
response curve drops into the cellar.

When a circuit is ordered. the phone company may not
have any unloaded cable pairs in the area of the remote. If not.
they assign one of the regular voice channels instead. This
happens quite often these days because of the heavy demand
for circuits. When a voice channel has been assigned, the
phone company should go out to disconnect the loading coils
along the way. They may forget to do this: if you try to
equalize the line. the effort will be in vain. For practical
purposes and when equalization is not going to be attempted,
schedule E line with loading coils left in place provides a
reasonably good circuit for many remotes where the
programming is all talk—such as a sporting event or similar
pickup.

Equalized Circuit

When music is part of the programming from the remote
site, or if a better circuit is desired or required, then either
equalize the circuit yourself or order a better grade line.

When a high-grade line is ordered. the phone company will
equalize it. They use a self-contained equalizer-amplifier unit
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at the studio location. This provides both the equalization and
high-gain amplification to make up the equalizer and line
losses. These are portable units brought to the station for the
occasion. If the station transmitter is at the same location, be
on the lookout for RFI inthese units.

Do-It-Yourself Equalization

Local equalizers may be used that are either the passive
type or those more sophisticated units that allow for boosting
or cutting the response curve in frequency bands. To equalize
the circuit, someone must be at the remote location with a
signal generator or a remote amplifier that contains a tone
generator.

The passive equalizer does its job by reducing the low
frequencies down to the level of the higher frequency point.
This introduces a considerable amount of attenuation into the
circuit. The farther you stretch the bandpass. the greater the
loss becomes. So don’t overdo it.

If you are going to equalize the line yourself, here is a little
trick that helps the process: Insert a matching transformer at
each end of the line. At the remote location, strap the
secondary for 150 ohms (Fig. 7-1). Leave the primary at 600
ohms to match the amplifier output. At the studio end, strap
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Fig. 7-1. Strap transformers as if the line were 150-ohms impedance. This
makes equalization easier.

the primary for 150 ohms, again leaving the secondary at 600
ohms to match the studio equipment. The shunt capacitance is
now across 150 ohms rather than 600 ohms. This has less effect
and the line will be easier to equalize.

On-Air Equalization
Equalization and experimentation must be done before the
program gets on the air. If there wasn’t time to do it, some
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experimentation can be done while programming. However,
do this gingerly, being constantly aware of the attenuation the
equalizer adds to the circuit. Try to make adjustments in small
increments. Keep one hand on the fader, trying to smoothly
correct for the loss introduced. It really sounds bad on the air if
the levels are varying all over the place. Gradually add small
amounts and listen for the voice to crispen up.

Low-Level Output

Whenever equalization is done, whether with the
announcer’s voice or with a signal generator, remember that
the equalization adds attenuation to the circuit. If there is
much equalization, the output of the equalizer can be a very
low-level signal. down at the microphone range or at least in
the preamplifier input range. This makes the output circuit
susceptible to noise pickup, hum, crosstalk from high-level
circuits, and RFI.

30 dB
SIGNAL LEVEL EQUALIZATION
— 20dB
- —_—
TELEPHONE % \g FZ%léAL' —50d8  STUDIO
- —
LOW-LEVEL
OUTPUT

Fig. 7-2. When heavy equalization is done, the output of the equalizer may
be at a low level.

When equalization is done, listen for noise in the
background. A practical trick that gives a relative appraisal of
the signal-to-noise ratio is this: First, set the levels in the
remote system. Have the announcer talk into the microphone,
or use the signal generator. Try to use the spare channel on a
dual console or the console itself. Set the faders and master
gain so the peaks hit 0 VU. If the fader is wide open, there can
be problems. since the console gain is very high. Now take the
signal off the channel and listen to the channel. Turn the gain
on the console wide open and listen to the background noise;
note any reading on the VU meter. The operator must make a
judgement about how much noise is acceptable from the facts
presented and the program to be broadcast. If the program is a
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basketball game in a gymnasium with a screaming crowd, the
program can tolerate a higher noise level than a quiet pickup.
While only a relative method, this can be useful for the
occasion. For example, once you've calibrated for normal
operation, and if the noise peaks do not move the VU meter at
all, the noise is down at least 20 dB. You can estimate from
there. The faders are usually 2 dB per step. So if you now open
the fader 10 steps and the noise peaks start to jiggle the meter
alittle. the noise is down about 40 dB.

Jacks

When a station does many remotes, there may be several
regular weekly remotes, such as churches. Rather than
disrupt these circuits to handle a special remote, have several
circuits from the jack field to the telephone terminal box.
These should terminate on the station terminal board. Before a
remote and after the line has been ordered, the telephone
company usually supplies the information on circuit number
and terminal numbers in the box. Then it is only necessary to
cross-connect between your terminal board and the terminals
on the telephone company board. Post the regular circuits that
are in service so that you don’t take down one of the active
circuits. Post this right at the telephone company box.

Problems in Remotes

Many problems can happen to remote lines both before
and during a program. Some of these are human errors, others
are simply breakdowns in the circuits themselves.

At the Remote Site —One common problem is the
connection of the remote amplifier to the telephone line. In
many cases, there is a four-wire cable that connects to a
four-post terminal block (Fig. 7-3). So the installer ties his four
wires to the block even though only two actually are used. Now

RED - .
g;‘gGRAM GREEN | | |CONNECT TORED & GREEN
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CONNECTING
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Fig. 7-3. Be sure to connect the remote amplifier to the correct pair of
wires. Disregard any other wires.
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the announcer comes along and ties the remote amplifier to
the wrong pair of terminals. He simply isn't connected to the
remote line at all, only to the cable. Do this: Ask the telephone
personnel to instruct their installers to use only two wires, the
active two. Cut the other two off. Also, find out which color
code is used for the program pair. In the four-wire cable, this
is usually red and green, but find out what it is in your area.
When you find out the code. make a small tag. Tape it to the
remote amplifier so the announcer can make sure he connects
to the program pair.

Oscillators —In many cases, the phone company attachs a
small oscillator or buzzer across the line. The battery lasts a
couple of days. They can listen in on the line at the test board
to know the line is still intact. The station can alse listen in
occasionally. If the tone disappears, call the telephone
company and inform them. Some test boards are attached to
an alarm at the downtown office; if the tone quits, an alarm
goes off. Sometimes the batteries play out, but in many
locations such as school gymnasiums, the little oscillators
disappear...!

When an oscillator is used, make sure the announcer
knows he is supposed to disconnect the oscillator before he
attaches the remote amplifier. If he does not, there will be a
low-level tone in the background of his program. It may not be
low either, which will certainly make the program sound bad.
In one case, the phone company thought they would play it
wise and hide the oscillator so the kids wouldn't steal it. The
installer mounted it at the terminal box located in a room
somewhere else in the gymnasium. He used the other two
wires in the cable to route the oscillator output back to the
remote terminal, attaching them in parallel with the program
pairs. This worked fine for line-continuity testing, but the
announcer did not know it was there and attached the
amplifier to the program pairs. The oscillator buzzed along for
a large part of the first quarter, until the station could get the
phone company ¢out-of-town game) down to the gym to cut the
oscillator off. The announcer was not a technical man; he
simply followed instructions. He saw the other two wires
attached. didn’t know what they were, so he left them
connected. Watch out for the tricky installer.

Resistor Terminations —This is the most common method
used for checking line continuity. The installer attachs a 10K
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resistor across the program line at the remote location. The
test board personnel can check for line continuity by mea-
suring across the line; the stationcandothesamething. This
is important for those circuits which are on a permanent basis.
Simply measure the resistance across the line terminals at the
telephone box at the station. You should measure the 10K
resistor plus the line resistance. When the line is first set up
and checked out, take a set of measurements with the
ohmmeter to record these for future reference when there are
line problems with the circuit. The announcer should not take
this resistor off the terminals when he attaches his amplifier.
The high-value resistance does not affect the circuit in any
way. By the way., if the amplifier is attached to the line, vou
will not read the 10K resistance, but the low resistance of the
output transformer. It still provides a continuity checkpoint,
but at first glance, you may think the line is shorted. If there is
any question. have the announcer remove the amplifier.
Naturally, none of this can be done if the program is in
progress.

Noise

Most problems found on the boradcast loop are noise, hum,
and crosstalk. These are balanced lines, and if anything
happens to upset the balance, noise problems occur. So when a
line is first set up, measure each side of the line to ground with
an ohmmeter. There should be anopen (=) reading. There is an
initial kick of the meter pointer as it charges up the line
capacitance, but this is normal.

When these problems show up, measure the line to ground
again. If there is a reading or a short, check the carbon blocks
that are mounted on each side of the line. Pull out the carbon;
if the reading disappears, the carbon has arced through. These
carbon blocks are protective devices against lightning or
similar high-voltage surges that appear on the line. If one of
the blocks has arced through, leave it out of the circuit unless a
new one is available. It should be replaced as soon as possible.

Hum is another common problem. It happens if the line is
unbalanced for any reason. There are other reasons for hum;
it can be caused by connecting the amplifier incorrectly at the
remote site; or it can be that one side of the studio equipment
has been accidentally grounded. In either case, hum comes up
as soon as the equipment is attached; but with the equipment
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off the circuit, the hum disappears. If the ground is in the
console itself, then an isolation transformer inserted in the line
corrects the problem for the moment (Fig. 7-4): At the earliest
opportunity, the real problem or fault should be eorrected.
When hum is strong on the circuit, contact the local test board
personnel to report the problem. Always check out your own
connections and circuits first. It can be embarrassing to have
telephone troubleshooters go out to the site or studios and find
that the station equipment is at fault.
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Fig. 7-4. If one side of equipment is accidentally grounded, insert an isola-
tion transformer as a temporary measure.

In one case where hum was a real problem on a remote
pickup. an announcer went to cover his first ball game. He was
not accustomed to working with balanced circuits. He
connected the line to one of the amplifier’s output terminals
and ground terminal, creating an unbalanced output. We lost a
good part of the game before the hum problem could be
corrected. The telephone man found that one.

Talk-back Hookup
In the ordinary loop, two-way communication is possible
between the studio and remote site. The remote amplifier at
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the site and the talk-back amplifier in the console are used.
Naturally, this can’t be done during the program itself unless
the station is airing a commercial or other announcements.
This talk-back arrangement is very helpful in the
preliminaries before broadcast time in setting up the cues,
timing, instructions, and so on. But if the phone company has
equalized the line, there are amplifiers in the circuit. Two-way
communication is not possible on the equalized line. If
communication is important enough, then order a regular
business phone at the remote site. This is a little more costly,
but there are shows where this is important enough to justify
the extra expense.

QKT Circuit

The use of the regular telephone for remote broadcasts has
flourished in recent years. As with many developments, this
grew out of economic necessity.

Basically, the QKT, or voice coupler, is a convenient
device for connecting the remote equipment to a telephone.
Instead of using the phone instrument itself, regular audio
equipment is used. The telephone contains a jack or an
external box, which contains a transformer for isolation, and a
push-to-talk switch or exclusion key. To do a broadcast, the
announcer simply dials the station phone number. When the
connection is made, he uses the phone in the regular manner.
Without breaking the connection, he simply releases the switch
or turns on the exclusion key. This places the amplifier output
signal directly onto the phone circuit. The program goes over
regular voice channels just as any other phone call. The
station is charged for the phone call but there are no line
charges. There is. of course, the installation charge.

There is one important difference to remember about a
broadcast over a QKT and one over a regular broadcast loop:
The QKT is a regular or long-distance phone call. Therefore,
the announcer must dial the correct phone number at the
station. And at the station, there must be a connection to the
station equipment. Most stations have more than one phone
number, perhaps an unlisted number. Cross-connect the phone
circuits for those numbers in the telephone company’s box to
the station jack field. Use the isolation circuit as described in
Chapter 6 for the news recording.
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Long-Line Network Hookups

Whenever the station is connected to a national, regional,
or special network, the lines will be handled by the Long Lines
Division of American Telephone and Telegraph Company.
These circuits converge at and pass through the toll-test
section of the local phone company. They may have a different
name for it, but it is usually a separate part of the local phone
company with its own personnel.

Generally, broadcast stations and the telephone com-
panies work together well and have very good relations. Good
relations with the local phone company pay off in the long run
and in tight spots.

RADIO LINKS

In many locations land lines are not available or even
practical, so the radio link is used. The remote pickup
transmitter offers a flexibility not possible with fixed land
lines. Use of remote pickup transmitters has been accelerating
over the past few years, as has the use of all mobile
communications systems. Some remote pickups operate in the
shortwave band. There is also a heavy concentration in the
VHF band along with an expanding use of the UHF band.
These small systems, although flexible, are not a cure-all.
They have their own problems and limitations and are not as
reliable as the land line.

Propagation

With radio link, the propagation of the signal is an
important consideration. Radio waves have different
characteristics according to the frequency band in use.
Shortwave signals travel a greater distance with less
transmitter power, but they are subject to more skip than the
higher frequencies. Atmospheric conditions skip the signal
hundreds of miles, causing interference to other signals on the
same channel. Theoretically, the VHF signal is line-of-sight
transmission, but it does spread beyond the horizon and is
subject to more skip than theory indicates. Signal attenuation
along the path requires more transmitter power to deliver a
strong signal where you want it to go. The higher the frequency
band, the higher the path losses. At UHF, the signal does
conform well to the line-of-sight theory, and propagation losses
are more severe.
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Transmitters and equipment operating in these different
bands require different components, antennas, operating
techniques and maintenance procedures. Since there is a very
high concentration of remote pickups in the VHF bands, most
of the following discussions applies equipment in this range.

Antennas

The transmitting and receiving antennas are the interface
with the radio path, thus an important part of the system.
These antennas must be as efficient as we can make them
since we have no control of the signal out on the radio path.
Once the signal leaves the transmitting antenna, it is subject to
the foibles of nature, its own characteristics, and man-made
interference. There are many elements which affect the
antenna and signal propagation that should be weighed against
the practical requirements of a particular system.

Height

In the VHF and UHF bands, height is a very important
element in overcoming the line-of-sight characteristics in
relation to the curvature of the earth. In fact, height is as
important as transmitter output power and, in some cases,
more so. Achieving ideal antenna height is not an easy matter.
The portable transmitters, such as vehicular or walkie-talkie
units, have antenna heights of only a very few feet above
ground. This is typical of most of the remote pickup locations.
To overcome this low height, the receiving antenna at the
studios must be as high as possible. However, there are
practical limitations to this also.

When the studio antenna is too high—several hundred
feet—it becomes susceptible to skip signals. Although the high
antenna enhances pickup from the remote locations, the skip
signals boom in strong enough at times to wipe out local usage
of the channel. Also. a point is reached in height where the
transmission-line losses are greater than the advantage
gained by height.

Gain

Different configurations of antennas collect more receive
signal. reinforcing the signal by proper phasing, so that a
power gain is realized. Actually this gain figure works in both
ways, that is, in receiving and transmitting. The quarter-wave
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Fig. 7-5. The gain of the antenna effectively increases the transmitter out-
put power.

whip anetnna is popular for vehicles and hand held units,
having a power gain of 1 dB. So high-gain antennas should be
used whenever possible. The %-wave length whip antenna has
also become popular. This antenna has a power gain of 2.5 dB,
which is almost the equivalent of doubling the transmitter
output power. For example, a 30W portable transmitter and
the %-wave length antenna radiate almost as much power as a
60W transmitter and quarter-wave antenna.

Higher gains than this can be achieved by stacking or
using special antennas such as the yagi or collinear array. The
yagi is also highly directional and can be used to advantage in
areas where there is much interference, but it is much larger
physically than the whip antennas, not lending themselves to
portable use. They can be used to advantage at the base
station.

Efficiency

Antenna systems are efficient or inefficient, just as any
other electronic devices. Efficiency, as used here, means the
input/output ratio. For practical purposes, the transmission
line is considered as part of the antenna system. Efficiency is
considered as the ratio of transmitter output power versus
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radiated power from the antenna. For example, if losses are
10% of the transmitter output power, the antenna system is
only 90% efficient.

There are many factors that consume power before it is
radiated: physical diameter of radiating elements (skin-effect
resistance) ; resistance in coaxial connectors (corrosion, rust,
or loose connections); resonant frequency of the antenna in
relation to the carrier frequency (incorrect length);
transmission-line losses (high-loss dielectric material or
moisture in cable); standing waves (impedance mismatch);
and other conditions.

Polarization

Another important factor relating to efficiency
propagation is polarization of the antennas. Both the
transmitting and receiving antennas must be in the same
physical orientation, either vertical or horizontal. If one
antenna is vertical and the other horizontal, theoretically,
there is little or no reception. Practically, there are enough
reflections that distort the original field so that reception is
possible over a short distance, but the efficiency is far less
than if both are polarized the same way.

Estimating Coverage

When setting up a system, a rough calculation of the
coverage area can be made by use of FCC charts for either FM
or the upper TV channels. These charts do not truly depict
conditions of the 150 MHz band, but they can provide a rough
idea of what to expect. They also consider the receiving
antenna at a 30-foot height, which is seldom realized in mobile
work.

You can expect at least coverage to the horizon or better,
so if you want to compute this distance, this formula can be
used: D =V 2ht + V 2hr where h: and hr are the antenna
heights at the transmitter and receiver. For a base station
antenna height of 100 feet and a remote unit antenna height of 4
feet, we calculate D =V 200 + V 8 = 14.14 + 2.83 = 16.97
miles. These computations are theoretical and can only be
used as estimates. They all consider the earth to be flat. Hills
and obstructions will alter these figures.

System Bandpass

The next important consideration of the radio link is its
bandpass. There are quite a few factors that affect the
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bandpass. Conversely, bandpass affects the quality of the
audio signal that passes through the system. Bandpass is as
much a design factor as an operational factor. Systems which
are designed for communications work are intended for
speech and provide the equivalent of a good telephone speech
channel. Those designed specifically for remote pickup work
have a bandpass equivalent to that of a class B (or better)
equalized line. See Fig. 7-6.

SPECIAL REMOTE
[, X
30Hz 300Hz 3 kHz 7.5kHz

INDUSTRIAL SYSTEM

Fig. 7-6. There is a different system bandpass on narrowband industrial
transmitters than on wideband special remote pickup transmitter systems.

Primary factors of design which determine bandpass are
the audio and modulator section of the transmitter, and the
bandpass filter and audio system of the receiver. Operational
factors are the adjustments to these sections, as well as the
tuning of various RF and IF stages in both the transmitter and
receiver and the receiver’s discriminator.

Industrial or Broadcast Equipment?

Transmitters that are used for remote pickup service may
be either those designed for industrial services or specifically
for remote pickup service. There are many manufacturers
who build equipment for the industrial services, but only a
very few who build equipment especially for remote pickup
service. There are differences’

First is duty cycle: Industrial units are intended for short
bursts of speech communication in which the transmitter is on
for only a short time. The remote pickup units are designed for
a continuous duty cycle; that is, they can transmit for long
periods of time. This is important when program is to be
transmitted. The industrial unit may overheat and deteriorate
rapidly because the cooling system is not intended for this type
of operation. For example, if the station is trying to broadcast
a ball game over an industrial unit, odds are the unit won’t
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make it to the end of the game. But for shorter programs, such
as news interviews. they seem to work well.

Second is bandpass: Industrial units are narrowband,
while the special remote pickup units are wideband. (Standard
industrial units can be made wideband, but this is a
modification done at the factory.) The audio system in the
industrial unit is adequate to provide speech communications;
however. special remote pickupshave better audiosystems. In
the transmitter. there are provisions for two or more regular
broadcast-type microphones; plus a mixer, peak limiter, and
AGC amplifier built into the unit. It may also have a VU meter.
The receiver audio section has audio filters and pads that may
be switched in. and the output is a balanced 600-ohm
transformer to match the studio equipment.

FCC Rules Regarding Remotes

Remote pickup systems come under the jurisdiction of the
FCC. The technical requirements. operation. and other
information about their use is found in Rules and Regulations
Part 74, Subpart D—Remote Pickup Broadcast Stations. The
remote pickup rules differ in many respects from the rules for
industrial services. but stick to the remote pickup rules when
the station has a system in operation: do not become overly
concerned with the industrial services. In many respects,
especially in bandwidth and frequency tolerance, the remote
pickup rules are more lenient. But in operation, applications,
and licensing. the remote pickup rules are more stringent.

At the time of this writing, the remote pickup rules are
under consideration for extensive revision. Likely changes
include a narrowing of the bandwidth, tighter frequency
tolerance. and licensing of the system rather than each
individual transmitter as is now done.

Maintenance of Remote Pickup System

Like any other electronic system, the remote pickup
system must have a regular maintenance program. There are
some required FCC checks, such as frequency and modulation,
to make periodically, but the system deteriorates over a
period of time. especially the antenna system, which is
constantly exposed to the weather.

There are some general suggestions to be made about
maintenance: First, become familiar with the particular units

242



the station has in use—read the instruction manuals. These
provide the specific tuning and adjustment information that is
recommended for the units. Second, always be conscious of the
system’s bandpass when adjustments are made, whether to
the modulator, speech amplifiers, or RF tuning. Many things
affect the bandpass: unless major adjustments are required. it
is best to leave the tuning alone. This is particularly true of the
IF stages and discriminator in the receiver. If there is a
problem. correct it; but that doesn’t necessarily mean the unit
needs a complete tuneup. If you farm out the work to some
shop that does communications work only, make sure they
don't narrow the discriminator bandpass.

Antennas

Many problems originate in the receiving and transmitting
antennas. Be especially on the lookout for loose connections at
or in the coaxial fittings of the transmission line. Also, look for
rust and corrosion where the antenna mounts to the vehicle.
Whenever poor signals are apparent, look over the antenna of
the particular units involved. If the problem is common to all
mobile units, then look at transmitting or base antenna. Mobile
antennas can be bent or broken off. When the vehicle must be
run through a car wash, try to remove the antenna whip if
possible.

Field Strength

A relative measurement of the field strength of the signal
can be made with one of the small kit-type field-strength
meters (Fig. 7-7). These are not accurate or absolute figures,
but do give a relative indication of how much signal is coming
off the antenna. When a unit is first installed in a vehicle, set
up some arrangement to make a field-strength measurement.

USE SAME DISTANCE VEHICLE
EACH TIME ANTENNA

10°' TO20°

\\\
el
FIELD STRENGTH

METER

Fig. 7-7. Use a kit-type field-strengthmeter to measure radiated power. Do
the procedure the same way each time.
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Do this after the installation is complete and appears to be
putting out a good signal. Save this reading for future
reference. When there appears to be a poor signal output from
the unit at a later date, then make another measurement for
comparison, but use the same setup and procedure as in the
original test. If the transmitter tunes up to full power in a
dummy load, then take the coaxial fittings apart and check the
antenna mountings for corrosion, open connections, and other
problems.

Coaxial Line

When the coax line has fittings at both end, a simple check
can be made of the line. Disconnect the antenna and attach a
dummy load and wattmeter. Tune the transmitter directly into
the load first for a comparison reading. Then move the dummy
load to the end of the coaxial line. The readings should be
essentially the same if the line is in good shape. Cable that is
fished under carpets and seats of a vehicle can become
damaged by crushing or abrasion, or it can simply be cut. This
test will show it up.

Base Antenna

In most cases, the base antenna is mounted on a tall tower
or the station's regular tower. Consequently, it gets less
attention. If it is very high, then treat the antenna the same as
you do the regular FM transmitting antenna. The best device
for checking out an antenna system is the Bird Electronic
Corporation’s Mini-Monitor directional wattmeter. This

K BASE ANTENNA
ON HIGH TOWER
LONG
COAX
FORWARD LINE
POWER
BASE
TRANS- @ DIRECTIONAL
MIT
TER WATTMETER
REFLECTED
POWER

Fig. 7-8. On high base antennas use a directional wattmeter to measure
power and tune to line.
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instrument allows measuring the forward and reflected
power at the transmitter end of the coaxial line feeding the
antenna. If there is anything wrong with the line or antenna,
power is reflected back to the input of the line. This unit does
not read VSWR directly; it only gives you the two power
measurements. To obtain VSWR, it is necessary to compute
the value, using the measured powers. However, absolute
VSWR figures are not really needed: what is important is that
the reflected power is very small. When the station or antenna
system is first installed, measure these values and compute
the VSWR and save for future reference. At later dates, this
should be checked and comparisons made. If there is any
gradual increase in the reflected power, deterioration is taking
place in the line, antenna, or both. But if there is a sudden
increase in reflected power and the transmitter tunes oddly,
something has happened to the system, and it should be
checked out as soon as possible.

Transmitter Qutput

Getting a good match from the line to the antenna is
important. but so is the tuning of the output stage to the load.
The output tuning affects both the radiated power and the
efficiency of the output stage. Most manuals say that the
transmitter be tuned up into a dummy load and wattmeter,
then connected to the antenna without further tuning. This is
all right if the antenna and line have a good match and, in
effect, offer the same load as the dummy load. But this may
not be the case; the output stage can be operating detuned,
thus dissipating too much power. Tune the transmitter into a
dummy load and wattmeter, and load the transmitter to the
correct current values in the output stage. Then attach it to the
line and antenna. If these readings change appreciably, the
antenna is not well matched. Touch up the output stage tuning
in small increments, always keeping the stage current
“dipped.” until the readings approach those of the dummy
load. or at least the maximum loading value.

Modulation Percentage

Even though a strong RF signal is received, the output
audio signal can still be low and the signal-to-noise ratio poor.
This can be the case if the transmitter modulation is not
properly adjusted. To properly adjust mecedulation, a
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modulation meter is needed. The manual may instruct that
this be set with tone modulation. This is okay as far as a
preliminary adjustment is concerned, but it should really be
set on voice peaks. First, adjust the speech clipper so that it is
not in a position to affect the audio. Then use the microphone
and talk into it at program level; that is, make the voice level
at about the same level an announcer would talk at when
giving a report. Set the level on the modulation meter to the
desired amount on the peaks of the voice. If the output of the
receiver (base station) audio can be observed with an
oscilloscope, adjust the level to the point where clipping starts
to occur on the peaks. Now, this may be much less than the
deviation is supposed to be, but in that case, the system cannot
handle the deviation. Back off below this clipping point, then
adjust the regular speech clipper to clip at this point. While the
level may be less than the system is designed for, the audio
will not be distorted, although the output level is less than
expected. If the transmitter cannot reach its required
modulation, then other maintenance is called for.

PORTABLE EQUIPMENT

Doing a remote today is a pleasant experience compared
to what it was years ago, when equipment was heavy, bulky,
and tied to an AC power source. But with the light weight,
solid-state equipment of today and its battery power, the whole
remote kit can be carried in a small bag. Besides that, there
need be no concern about how to find power at the remote site.

Portable Amplifiers

There are a variety of small, battery-powered remote
amplifiers available today, and their quality is as good as the
studio equipment. While all run on batteries, some can also be
run on AC power if desired. They are all light weight and easy
to carry.

There are some models which have a built-in telephone
voice coupler. This type of remote is handy if you would
rather not rent the equipment from the telephone company.

Aside from the desirability of the light weight and size, the
amplifier should have two or more microphone inputs (Fig.
7-9). Although many broadcasts are single-mike situations,
there are other occasions when more mikes are needed. If the
station does many remotes, there should be more than one
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remote amplifier available. When there are several
amplifiers, they should all be the same type. This makes it
easier to stock batteries and parts and for announcers to
operate the equipment. There can be a couple of the smaller
amplifiers for the simple pickup occasions, but several should
be of the multimike input variety.

MIKE 1

®
FADERS

S BRIDGING
MIKE 2 ,\'7§/1

- —
Aaxa —g—o OUTPUT
MIKE 3
AUX MIKE 4 ﬁ‘\‘7§/

AUX 1

REMOTE
AMPLIFIER

Fig. 7-9. The remote amplifier should have several input capabilities for
flexibility.

Inputs

Besides microphones, other inputs are desirable on the
amplifier. These other inputs may be on a switchable
arrangement. The additional inputs can be used to obtain a
feed from the local PA system, or portable tape recorders may
plug into the amplifier to play back special types, such as
interviews. By having a variety of input options on the
amplifier—it doesn’t need to be too complicated—can have
more flexibility to cover more types of remotes.

Tone Generator

For test purposes on the line and for a rough equalization,
an internal tone generator is also desirable. It should provide
at least three audio tones: 100 Hz, 1 kHz, and 5 kH. By use of
these three signals, a rough equalization of the line can be done
before the program starts. There aren’t enough tones to make
a complete response run, but if these three are reasonably
close in response, you can expect reasonably good results from
the line.
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Earphones

Many amplifiers provide a combination earphone jack and
power switch. When the earphone is plugged in, the battery
power is turned on. When the announcer has arrived very
early at the remote site and has set up, he should pull out the
earphones to conserve the batteries.

Many remote amplifiers only provide a single earphone
jack. But on many remotes, more than one announcer may be
involved, and each should have a headset. For example, a
sports announcer and the announcer to do “‘color.” So if the
amplifiers do not have more than a single jack, add more
jacks. Check behind the panels to see that there is clearance.
Mount the additional jacks, and wire them in parallel. Make
sure to use insulated washers on these jacks. The earphones
are usually wired directly across the output of the amplifier,
and if a noninsulated jack is used, it will unbalance the
amplifier output and line.

Program Level

The program fed to the telephone line should be no higher
than +8 dB on the peaks. Higher levels can cause crosstalk
into other circuits in the cables. It the line is a clean line, then 0
dB on peaks will be sufficient. When the remote site is at a
great distance from the station, such as over the long lines of
AT & T. or if the line is equalized. there are amplifiers along
the circuit. If the program level is too high, these amplifiers
can be overloaded and distortion results.

Some remote amplifiers have a meter pad switch that
allows adjusting the meter to read 0 VU on the peaks even
though the actual output level may be +18 dB, for example.
The announcer must make sure this meter pad is set correctly,
or he will be feeding much higher levels into the line than is
desirable.

Multimike Remotes

Some special remote programs may require more mikes
than a particular amplifier has inputs, and these mikes must
be available for immediate switching on and off. Such a
program might be coverage of a special meeting of the city
council or some public hearing. Such remotes require far more
mikes than the normal multi-input remote amplifier can
provide.

248



To solve the problem, two amplifiers can be used (Fig.
7-10). The outputs of the amplifiers may be mixed together in a
simple pad to feed the remote line if the line can stand the 6 dB
loss of the pad, or the two outputs may be simply strapped in
parallel and fed to the line. I have used this technique on
several occasions without apparent ill effect on the system

METHOD 1
MIKES (PAD)
e —— —
REMOTE D
— AMP. 600Q -
—_ 1 .
—
PAD TELEPHONE
w— — — ——» COMPANY
REMOTE
T 6000
S | .
METHOD 2 ‘
(PARALLEL) -—
-—
* TELEPHONE
—» COMPANY
- —l
P~ S

Fig. 7-10. When more microphones are required for the setup, use one or
more amplifiers.
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response effect except some level loss that could be made up.
These were voice broadcasts similar to those mentioned.

Checkout

Before taking equipment out on a remote, it is a wise
procedure to collect all the equipment, set it up, and check it
out for proper operation. Besides determining if all the
equipment works, the practice also determines that enough
equipment has been collected to do the remote. There is
nothing more disconcerting than to begin setup at a remote
location only to discover that some important connector or
adapter has been left behind. If there is no one at the studios to
bring the part. the remote man has to go back after it, leaving
all the equipment in an exposed, unprotected position. He
could return to find his microphones missing! So gather
everything up beforehand to check it out.

Batteries have a definite life span. Whether this happens
right in the middle of a special broadcast or at some more
convenient time depends upon how well someone keeps tabs on
the hours of use the batteries have had. Some remote units do
carry spare batteries internally, so if one set fails, the
announcer needs only to switch in the good set. The instruction
manual provides some estimate of the hours of battery life to
expect. In estimating hours of use, include the time spent in
the checkout of the equipment before the program began. On
very special broadcasts, install a fresh set of batteries before
the broadcast. especially if the program is a very long show.

Remote amplifiers should be ready to use and kept in some
regular storage cabinet. If there is a problem in one of the
units, send it to the shop. That is, keep the defective amplifiers
separated from the rest. When the defective amplifier is
repaired and checked, then it can be returned to the regular
storage cabinet. With this method, there is less danger of
someone using a defective amplifier on a remote.

Maintenance

Remote amplifiers and other components that have been
out on remotes—especially if they have had hard usage over a
period of time, for example, a week or two at the county
fair—should be brought back to the shop on their return to the
station. Here they should be checked out and any necessary
repairs made before returned to the storage cabinet.
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Equipment gets rough handling on remotes. Small things
should not be allowed to accumulate. There are enough
potential problems at the remote site without also having the
knobs falling off the equipment.

Checking before and after use provides a double-check
system. It’s a little extra work perhaps, but if you have driven
150 miles to cover a ball game, only to discover the amplifier
won’t work or is missing, the precheck seems worth the extra
effort.

Measure the Current Drain

Although the estimate of battery life is be reasonably
accurate for equipment that is working well, battery life can be
much shorter if there are circuit faults which cause a heavier
current drain.

When the equipment is new and working well, install a new
set of batteries and measure the current from the batteries
with all the circuits in operation (Fig. 7-11). Save this figure
for future reference. Either attach it to the unit’s instruction

REMOTE AMPLIFIER

AMPLIFIER
- P EamaN

circuits t i @

o MILLIAMMETER

BATTERY

Fig. 7-11. Measure the current drain of a remote amplifier in full operation.
Save the figures for later reference.

manual or keep it in the engineering files. When battery life
seems to be much shorter than usual, remeasure the current.
If the current drain is now much higher than the original
figure. there is some fault in the amplifier that needs to be
corrected.

Batteries

Batteries are composed of corrosive chemicals. Even
though sealed. there can be leakage or “‘breathing” by the
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battery. These chemicals corrode the battery compartment
voltage terminals.

As a safety measure, remove the batteries before the
amplifier is placed in the storage cabinet, especially if it won’t
be used for some time. The batteries themselves can be kept
alongside the amplifier or in a pocket of the carrying case.
When the amplifier must go out again, then the batteries can
be installed. By keeping the batteries out of the unit when in
storage. there is less chance for damage to the battery
compartment by corrosion.

Tag or label the batteries that have been removed from a
particular amplifier, so that they are returned to the same
unit. If the batteries of several units get mixed together then
the estimates of life span become confused.

Type and size of battery to use is dictated by the particular
unit. Although you may prefer to use the larger D-cell for its
extra capacity rather than a C-cell as called for, there may not
be enough space to handle the larger batteries. However, you
can sometimes go to a different kind of battery, although it has
the same physical shape and size. For example, instead of the
regular zinc flashlight battery called for. you can use the
alkaline battery. This is a heavier duty battery and lasts
longer, although it is more expensive than the zinc battery.
The manufacturer claims that this battery has ten times more
energy than a comparable zinc battery. You may be able to go
to the rechargeable battery. This must be recharged from
time to time, but will last a long time before it needs to be
replaced.

INTERCONNECTING LINK

Stations that must operate their transmitters at a great
distance from the studios have a far more complicated system
arrangement. There are considerably more initial engineering
problems and potential operational problems; system
maintenance is more difficult to perform. With the
interconnecting link, as with remote broadcasts, the station
has a choice of using land lines, microwave, or a combination
of the two.

The first need is a routing of the station’s audio from studio
to transmitter. This circuit is an integral part of the station’s
audio system that must perform in all respects with
characteristics comparable to any other part of the system.

252




A second important need is a control link the transmitter
from the studio. The flip side of the coin is the need to monitor
all the parameters of the transmitter from the control point.
These two functions require special equipment at both the
control point and the transmitter itself. The choice of this
equipment and how it operates has a bearing upon the
interconnecting circuits. There are many functions to
perform: to route each one of these separately over miles of
circuit path is uneconomic. With this in mind, the control units
allow for selection of the control command functions and a
sequential-scanning arrangement of the parameters so that all
the information can be channeled over a single wire pair. The
signal of the control unit may be DC, subaudible audio tones,
or frequency-shift keying (FSK) of audio carriers with digital
information.

FM Audio Line

The station needs a top-grade line for this circuit. This
should be a schedule AAA or class AAA. Remember that the
annual proof of performance must include everything from the
microphone input to antenna output. This includes the
interconnecting phone line. Since the system response must be
within 2 dB of the reference at 1 kHz, the line must have a flat
response. The telephone company equalizes the circuit, but a
long circuit is not easy to equalize to 15 kHz or down to 50 Hz.
Easy or not. do not accept a sloppy equalization job. It takes
work, but this circuit should have a flat response within at
least 1 dB of 1 kHz reference. It should not be ‘‘lumpy’’ nor roll
off at either end. Always keep the master system in mind. If
line response. for example, is down 2 dB at 15 kHz, the line
itself meets technical specifications. But this requires the rest
of the audio system to be flat at 15 kHz. Try to explain the
purpose of the line and the severe requirements to the
installers. Ordinarily, when they understand the need, most
telephone people bend over backwards trying to achieve the
desired results.

FM Stereo

The station that operates any part of its broadcast day in
stereo has more severe requirements. There must be two
identical circuits, one for the left and one for the right audio
channels. The equalization process must take this into
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consideration. Identical means the same all the way across the
bandpass. For example, if there is a 0.5 dB rise at 3 kHz on one
channel, there should be a 0.5 dB rise on the other channel at
the same frequency. If the response should drop at that point
on the other channel, this is even worse. Even through each
individual line is within specifications, the two together are not
so good where stereo is concerned. This is a part you may have
particular difficulty making the installer understand.

Path Length

The two lines should have equal path lengths, or there will
be phase problems. Here again, try to emphasize when
ordering the circuits that the two pairs should run side by side,
if possible, and should certainly run in the same cable (Fig.
7-12). When the pairs run in the same cable and on the same
frame at the testboard, there is a better chance that the two

TRANSMITTER
STUDIO SITE TELEPHONE LINE SITE
LEFT AUDIO 5MILES A LEFT
RIGHT AUDIO B 6 MILES / RIGHT
PHASE
PROBLEMS
THIS AT THIS
PAIR END
IN DIFFERENT
CABLE

Fig. 7-12. If two audio circuits run in different cables, there can be dif-
ferent path lengths, which will mean phase problems in stereo.

circuits are nearly equal in length. In spite of all the efforts to
achieve this, it may still be necessary to add some electronic
device, such as the Garron phase corrector, to correct for path
length.

AM Audio

System audio response for the AM station is not as
stringent as for the FM station; if desired, a lesser grade line
may be used. To meet proof-of-performance standards, the
response need be only +2 dB from 100 Hz to 5 kHz. A schedule
A or class A line can be used. Although the class A line is less
expensive than the class AAA line, the station may desire to
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keep the quality of its audio system intact and not allow the line
to restrict the bandpass; all the rest of the audio equipment
should have a response at least to 15 kHz or better.

Control Line

The type of line needed depends upon the type of remote
control the station uses. If the unit is simply used for DC
control and parameter measurements, the line must be a DC
metallic line (Fig. 7-13). If transformers are in the line
somewhere, it is no longer a DC line, and the remote-control
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STUDIO TELEPHONE LINE ?RANSMH’TER

- et

I T

TRANSFORMERS

(B) AUDIOLINE

="

Fig. 7-13. A DC line is a metallic wire pair. An audio line might have
transformers in it.

unit will not work. A line several miles long has considerable
DC resistance in it, and this must be considered in the control
unit design.

Audio Control Line

When the control signals can be sent in the form of audio
carriers, then the circuit can be a regular audio channel. The
more sophisticated control units do this by FSK audio carriers.
These carriers range from about 800 to 2700 Hz. Since this is
midrange audio, it passes through any transformers in the
line. The control signals sent to the transmitter are only half
the story.

Telemetry

Information about the transmitter must be sent back to the
station control point so that the operator knows the transmitter
is behaving properly and can log the meter readings. In units
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with audio carriers, the signals are subaudible tones in the
neighborhood of 22—28 Hz. The ordinary line with
transformers cannot pass this low-frequency audio very well,
if at all. These tones will pass over a DC line. So when an
audio-grade line is used for the control functions, these
telemetry signals for the transmitter parameters are
impressed as modulation on the main AM transmitter carrier
itself, or in the case of FM, ona channel. The return route then
is over the air from the main carriers to receivers at the
control point. When the main transmitter modulation is used
for telemetry, then consideration must be given to FCC
standards relating to the use of these signals.

Maintenance

Actually, the land lines are outside the jurisdiction of the
station personnel as far as maintenance goes. The
maintenance is performed by telephone technicians. But these
lines are very important to the broadcast operation, and station
personnel should make continuing checks on these circuits,
that is. on some periodic basis. A set of audio measurements
should be made on a regular basis. These need not be a full set
of response measurements, but only enough frequencies to
outline the response of the bandpass. Also check signal levels,
distortion, and noise. Cables may get moisture in them, or
grounds may occur which increase hum level or crosstalk.
There could also be problems with the telephone amplifiers,
and distortion may increase. Whenever your measurements
show a deterioration from the original measurements, notify
the telephone company immediately to get them on the
problem.

RFI

Modern line equalizers also contain a solid-state amplifier
that is located at the transmitter site, where it is subject to
strong RF fields. These amplifiers may also be susceptible to
RFI, especially from the AM carrier. Some are more
susceptible than others. Make sure the telephone company
debugs any RFI that shows up in the unit. If need be, have
them try other amplifiers. Debugging RFI may be a new
experience for the telephone technicians, so you may have to
pitch in and give them a hand. There can be problems in
debugging since this is a 15 kHz circuit, and the brute force
methods discussed earlier can't always be used.
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Fig. 7-14. The station may use a microwave unit instead of telephone lines
for the interconnecting link. Shown is the Marti STL-8F transmitter unit,
operating in the 950 MHz band.

Microwave

The station has the option of using a radio link instead of a
land line for the interconnecting link ¢Figs. 7-14 and 7-15). This
is a common practice with many TV stations, both for their
remote sites and for the studio-to-transmitter link (STL).
Although a radio link, this is not the same as the remote pickup
transmitter used for remotes. Instead, it is a microwave RF

Fig. 7-15. The receiving end of the microwave link. This is the Marti Model
R-200/950 F receiver.
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signal focused into a very narrow beam pointed directly at the
receiving location.

Microwave is a different technology that has its own very
special techniques. There are several microwave bands
allocated for different purposes. The frequencies for radio
station STL are 947—952 MHz. Setting up a microwave link
requires FCC applications, construction permits, licenses, and
so forth, and the system must conform to the FCC standards
for this service, found in Part 74, subpart E—Aural Broadcast
STL and Intercity Relay Stations.

Unless the station engineers have a good working
knowledge of microwave techniquesand requirements whenthe
station plans on switching from wire to microwave STL, have
your consulting engineer or the factory application engineers
design the system for your specific case. There are a number
of manufacturers in the microwave business, but only a few,
such as Marti Electronics, specialize in the radio station STL.

Signal Path

Microwave signals need a clear path to the receiving
antenna. This must not be blocked by tall buildings, trees, or
other structures. The beam should clear any obstruction by at
least 100 feet.

A profile is needed of the terrain between the transmitter
and receiver. This shows the contours of the ground and its
elevations. To the eye, the ground may appear to be flat, but in
reality there may be a gradual rise over a long distance. This
stands out very clearly when a profile is drawn.

Large buildings, water towers, or antenna towers can
cause real problems when they are directly in the beam path.
Unless the transmitting and receiving dishes can be mounted
high enough to clear these, then a multihop system must be
installed. For very long distances, a multihop system may be
required anyway.

Relays

When multihop systems are employed relay stations are
required at various points along the path. Even a short path
around a tall building may use a multihop system. In this case,
the beam is angled off to one side of the building, to a relay
station. The relay then shoots the beam to the receiving
antenna. Of course, the relay may be installed on top of the tall
building if permission can be obtained from the owners.
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A relay is a receiver-transmitter unit, each with its own
dish. The incoming signal is received and routed to the
transmitter. which sends it out again from its own dish in
another direction (or on ahead in the same direction).

Diffusion

It is not easy to keep the signal in a sharply defined beam.
The signal always tends to spread out (Fig. 7-16). Some of the
signals leave the beam at angles to the forward thrust,
striking objects, water, or groundsurfaces. Some of these stray
signals reflect back into the beam, but not necessarily in the
same phase.

TRANSMITTER RECEIVER

MAIN BEAM
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WATER, EARTH, OR OTHER
SURFACE

Fig. 7-16. Beam tends to spread out, and stray signal reflects off surfaces
and back into beam with the wrong phasing.

There is considerable attenuation of the microwave signal
along the path; the longer the path, the greater the
attenuation. Weather elements also cause attenuation of the
beam and signal fading. All of these factors must be
considered in the design of the system, and proper
compensations must be made to increase the reliability of the
system.

Remote Control and STL

When an STL is used as the connecting link, both the
station’s audio program signal and the control commands for
remote control are sent over the microwave beam (Figs. 7-17
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and 7-18). At the receiving end, a receiver demodulates these
signals and routes them to their proper functions.For this
application, one of the more sophisticated remote-control units
is used. The command signals are FSK, an ultrasonic carrier
of 20 kHz to 27.5 kHz. This keeps it above the program audio.

For the telemetry of the transmitter parameters, the
station’s main transm