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THE COMPLETE TECHNICAL GUIDE TO WMFD

INTRODUCTION

During the period 1984 - 1985 (or so), the studios of WMFO,
MercdF ord (Tufts University radio) were completely redesigned and
revamped., The work was coordinated by Joe Faradiso and  Leigh
Shein. Details are specified in "press releases", crank letters
from staff members, etc. contained in the appendix to this
document . Various levels of assistance were donated by several
staf+ members. The names of most of these are documented in the
"Tech Crew Staff List" also included in the appendix. This is
but one of many lists generated during the two vear existance of
the "Tech Crew", and represents the staff at nearly maximum
strength. The small subset of this list who helped and supported
L considerably in  this effort (i, Gaorge Haomsy , Dan
Ottenheilmer , and Hill Rosenblatt? deserve special mention.
Others who lent considerable aid and moral support (ie. Greg
Butensky, Chris Rich, Sarah Hood, and Sylvia Giannitrapani) are
specially thanked. Nearly 50% of the staff picked up a soldering
iron  at one time or other during the reconstruction (for better
o for worse), 80 the list of folks to acknowlege is certainly
too large to type. Before I abandon this trajectory, I°d like to
also  thank Grady Moates of Loud and Clean Engineering for his
helpful advice and consultation.

The reconstruction affort turned cut to involve
considerably more time and toil than either Leigh or myself had
anticipated fusually true for these things...). We often

wondereaed why we continued in this endeavor, and frequently came
close to calling it guits and leaving the studios in & complete

shambles. In retrospect, the major force driving us onward was
probably  coreative in natuwe (apart from the social glamouwr of
racdiod. We had an "innovative" vision of what we wanted WMFO to

hecome, and continued owr efforte until we realized these ideas.
The outcome of all of the head-scratching, solder burns, cheap
coffee % donut dinners, and sleepless nignts are summarized in

this epic volume. The first section was compiled by mvself, and
contains  details on all of the custom circuitry designed For
WM. This section is compossd of schematics, brief technical

wirl teups, and data sheets (where applicable). The schematics may
nat be entirely accwrate, since they were derived from notes
soribbled during circuit construction and may not alwavs reflect
modifications made afterward (the level of accuracy should be
well above 99%:;  one may occasionally find a resistor of somewhat
different value, but all circuits essentially Ffollow these
achemnatics). Most circuit descriptions contain a few brief
suggestions on trouble-shooting. ALl writeups contain &
description of the device function and operation, followed by a
cirouit description with discussion of brimming procedures, etc.
Mesdloss to  sayv, I don’t have much time to spend writing this
Junk,  so pardon the stream—of-consciousness stvle and occasional



bad spelling. Hopefully things will be essentially readable.

The second section (compiled by Leigh Shein) containsg a few
genaeral notes on the technical layout of the studios, some
procedural suggestions, and detalled descriptions & diagrams of
the interstudio and patchfield wiring schemes.

The Final section of this report is an  Yappendix®, which
contains & potpouwrri of helpful info and non-technical addendia
which summarize the spirit, color, and bouts of irrationality
sncountered during the reconstruction period.

Hopetully this document is of some aid to interested

rreaders. It should certainly prove invaluable +to WMFO, and
should be consulted whenever any studio modifications are planned
o circuitry fails (as will certainly occuwr  eventually). In

addition, I"1l1  try to set up the "operation” section of these
wri teups such that they may be read by the technically inept, and
used as Yowners manuals" to master the function of the various
and sundry home-made modules scatbtered throughout the station.

Live long and prosper...... Joe Faradiso S/73787
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WRITEUFRS DESCRIBING OFERATION, FUNCTION, AND MAINTANANGCE
QF _WHMFQ CUSTOM-DESIGNED CIRCUITRY

This section of the WHFO technical report contains detailed
descriptions of all custom designed audio and control circuitry.
Much  of this hardware is vital to the function of  WHMFO. bhile
wrriting this  bent, I essentially "brain-dumped" evervihing 1
cowld  remember  about these devices and how they should be used

arnd maintained. This sytle resulted in a wealth of information
e o cled i these pages that not only detail technical
information, but also describe extensively the function of this
equipment, and how to use it in a practical context. These

writeups (particularly the "Function and Opesration" sections)
thus provide a "Functional guide for the advanced WMFO  layvman®.
I+ one reads these sections, one gains an understanding of  how
the station is put together at a minimum of technical JARrgor.
ANy dndividuals  interested in exploiting the capability of the
studios to their fullest should read through the introductions to
wome of the more relevant writeups in this report.  Anvone who is
technically inclined {(or hopes to maintain the hardware) might

want  to read throwgh these writeups cover—to-cover. Ive tried
to present the details as completely as possible.

Because of the wealth of "practical” information buried
within dindividual writeups, 've assembled & quick cross-—

reference below that pairs information that may be needed to keep
WMFO  going  on & day-to-day basis with the relevent writeups to
consult. The pages of this report aren’ t numbered from start to
finishsy in order to locate & particular writeup, one can find its
arder in the Table of Contents and flip through the tewt wuntil it
is located.

Using the Intercom, exploiting the touch—-tones, and
communicating with Studio Dy see The P& Mixer/Intercom. The
Studio D PA/ON-Air Unit

Fatching and general studio structure:; see The Distribution

Connecting "home audio” and external eguipment into  the
boards and patchbays; see The Stereo Interface., The Jacks Fanegls

How to use the Fitch Shifter; see The FPitch Shifter




SBetting levels on tape decks, etc.; see The House Tons
Oescillator, The Line Amplifier

Fatching in Master Control, working with remote lines: see

Communicating with people in a remote zite {(Curtis lLounge,
Ballouw Hall, & MacPhie Fub) via the WMFO Intercom; see: The FA
Migersintercom. The Intercom Fhone Rinoer

Making a DJ " Voice Skim" tape; see The Studico A Cassette

Femnote and Auto-Skim

Doing & "phone-in" show, or interfacing the telephones with
the control boards and studios; see: The Studio A Eludge Cards,
The Studio B Eludoe Box, The Studio C Eludoe Cards, The Music-0On-

Hold Driver and Intercom Bulb Relay

Bwitching studios into and out of the airchain; see The

Studio Switcher

Monitoring and adiusting transmitter functions: see The

Tramsmititer Audio and Fower Monitor, see also the relevant short

description in  the next section of this report, ig. HMisc.

Frocedures and Studio Wiring Conventions
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PRINCIPLES AND OPERATION

oF THE WMFO PHoNE-RINGER/DOORBELL UNIT

-- J. A, PARADISO

ApriL, 1984

(Revised Jan. 1987)




Specifications and External-World Connections

OUTPUTS:
LED/Speaker outputs: 4 independent outputs capable of driving
LED's, 8-ohm speakers, etc.....

Low-level audio output: Drives any mixer, amplifier, etc.

Pushbutton lights output: Drives light bulbs in doorbell pushbuttons
when mike in air studio is live.

Doorbell gate output: A 5 volt gate which goes high when the inside

or outside doorbell is sounding. This gate is
used by the PA Mixer to engage a PA L-pad defeat.

INPUTS:

Outside door pushbutton.
Studio door pushbutton.
Common "ring line'" from telephones.

"Normally ON" connection from mike circuit in air studio.

See Fig. 3 for I/0 connection location.



PHONE/DOORBELL DESCRIPTION

I) Introduction

In this writeup, the phone/doorbell triggered oscillator
system is described. Figures 1 and 2 are schematic diagrams
of all circuitry, and Figs. 3 and 4 show chassis and card layout.
In some of these schematics, resistors in parallel and other
"irrational" things may appear. This is because these schematics
reflect the actual hardware configuration as accurately as possible,
and things like this were done after the unit had been completed, in
order to trim original component values. The symbols used in the
schematics are conventional, and include component values. A small
"x" interrupting a line indicates a connection between the circuit
cards and the chassis. This document is an update of the original
published in 1977; all subsequent modifications are incorporated.

II) Functions

This device produces three distinguishable tones: a constant
tone (signifying the studio door), a slow warbling tone (signifying
the outside door), and a fast warbling tone (signifying the telephone).
The frequency of these tones is adjustable over a considerable range
(via P4, which is mounted on the front panel), and the phone-ringing
sound can be disabled (via S1, which is also mounted on the front panel).
This unit contains four semi-independent amplifiers, which can drive
either LED's or 8-ohm speakers. The volume (intensity) controls are
mounted on the front panel (beware, the pots are wired backwards...!),
and the LED/speaker connections are accessable on the main terminal strip
(as depicted in drawing 3). At present, these amplifiers will only
be used to drive LED's (only 1 channel is needed), since a low-level
audio output is tapped (also on the terminal strip) and routed to a
master PA amplifier via the mixer/intercom unit, making the speaker
option unnecessary. It exists if the need ever arises....

The duration of each tone (studio D., outside D., phones) is adjustable
from roughly 10 millisecs. to 10 seconds via trimmers P1-P3, which are
mounted on the power-supply board. Three LED"'s are mounted on the front
panel, and depict the origin of each tone, ie. phone, studio door, outside
door.

This device also provides facilities which connect to the air studio
mike muting relays (a NRM. ON connection is used; this input will eventually
come from the studio switcher), and illuminates light bulbs inside of the
doorbell pushbuttons when the air studio mike is live (thus the potential
enterer knows that the jock may not hear his plea).



Editorial Note:

SINCE THIS CIRCUITRY IS RELATIVELY UNCHANGED SINCE ITS
INSTALLATION IN 1977 (I BUILT THE ORIGINAL IN 1975/76,

BUT IT WAS DESTROYED IN THE FIRE; MOST BUGS WERE WORKED

OUT DURING THAT TIME. WHEN THIS DEVICE WAS FIRST INSTALLED,
WMFO wWAS ESSENTIALLY THE ONLY LOCATION WITH SUCH “uNusuAL”
SOUNDING PHONE RINGS; NOW AT&T HAS INSTALLED DEVICES WITH
SIMILIAR ACCOUSTICAL PROPERTIES AT EVERY BUSNIESS.....

WMFO was FIRST!!!), 1 HAVE KEPT THE ORIGINAL DOCUMENTATION,
AND INTERRUPTED IT IN A FEW PLACES TO ADD ANY RECENT UPDATES.,
I THINK IT'S LEGIBLE ENOUGH, AND PARDON ANY MISSPELLINKS....



IIT) CIRCUIT DEZCEIFPTION:
This civecuitre looks SomeWhet.
formidable uraon fFirst resl s but
iz zotuslly quite zimels in
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entivels zvound Lhe 555 Limer
IC: mimich iz 2zEile zuzilzple
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herd=-Wired rest freduvence of
zoout 18 hz. Siven be ElO Znd
CF. IC4 thus Frroduces = vibrzsho
-~ effect in our zudia ascillzstor
ICS: Zivinz tha "Herblins" tone.
ICS &nd ICY zve novrmzllwe held in
ra=-zat b= R18 znd R12 =zt rin #4,
nence both the zudio =ndg viprsto
ascillators z2ve normzlle helgdg
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ICl is trissered be 32, the cutside door rushbutton. ICE is tria= r#d o
33, the studio door rushbutton. IC2 iz trisgered b2 2 dror in tsnep
in the lignt-derendsnt vesistor C(LIORD, causaed pe 11 2 -
Mhich flzshes Wwhen the telzrhone rings. One must
pell line" fyom the phons box is tarre Lo odriwve’
ling is novmzlle low. 2nd onle = =3 en My =i
CEES-BE6808, § SEEe, oy Hdddr, I @ ot rulsa
NENSSs UF Zne FHOnG. :

IC7 1s A CMOS SCHMIDT TRIGGER WHICH CONDITIONS THE DOORBELL
LINES BEFORE FEEDING THEM TO THE TRIGGER INPUTS OF THE 555's,
THIS REMEDIED THE RANDOM TRIGGERING OF THE DEVICE, CAUSED

BY POWERING ON TAPE DECKS, THE BUS GOING BY, ETC...

The outruts of IC s 1-3 zrea connezcted to the vra-sat inrputs of .IC 3 4 andg
5 via some simple dicde logic. Let“s trace throcudh each seP¢r¢T¢I§-~..
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NOTE (1987): The input to the '
comparator (IC6) no longer comes
from the audio oscillator output,
but is tapped from its reset pin

(which is driven high when it is allowed -
sound). Thus there is no longer any audio
at these outputs. This was done to avoid
any crosstalk problems in the studios.
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IN CORRESPONDANCE WITH THE VIBRATO OSCILLATOR OUTPUT.
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connections between thz douvics
znd tine cutside world. All
connsctians a2ve madse =t two
terminzl strirss: the lons ops st
the urrer lefit iz for the
electronics: While the shovt one
=t urrer tighnt tiss econnectians
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‘BecAuse ALL oF .THE “NorMALLY OFF” CONNECTIONS

IN THE STUDIO A MIKE RELAY SYSTEM WERE USED
ELSEWHERE, THE SWITCH-BULB DRIVER CIRCUIT

WAS MODIFIED TO RUN OFF OF “NORMALLY ON”
'CONTACTS BY ADDING TRANSISTOR T7 AS A

'SIMPLE INVERTER, THE PRESENT RELAY

CONNECTION CAN NOW BE RUN FROM AN OPEN-COLLECTOR
GATE; THIS IS WHAT WILL BE DONE AFTER THE

STUDIO SWITCHER IS INSTALLED, '
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AGAIN, [ STRESS, LOOK FIRST AND FOREMOST FOR BAD, LOOSE, BROKEN; AND/OR ROTTED CONNECTIONS AND
COPPER STRIPS (SOLDER JOINTS!!! WORST CULPRIT) ON THE MAIN CARD. THIS IS WHAT NEARLY ALWAYS IS
AT FAULT,

If you put the card in wrong, the zener (D9) may blow out. This happened the

last time this unit was serviced. The original problem was a broken etch at

the edge connector (as discussed above), but the card was replaced with the

power on,. and the zener: blew changing: the power supply voltages apprec1ably.

(last serviced in Dec., 1985)




Phone Doorbell Updates (1/87)

As all WMFO data is being collected, I'll give a quick rundown on
the few modifications that were made after the previous text was edited
and assembled in 1984, The device has survived relatively intact since
its inception in 1977 (I never thought it would last that long). The
only problem has beén consistantly traced to broken etch lines near the
edge connectors. With a little patience and understanding from future
technical folks, I suspect this unit can last indefinately.....

The only changes that have been made have involved the LED drive
circuitry and additional diode logic. The audio signal has been removed
from the LED drive, as mentioned in the brief note a few pages back. This
was done because the LEDs have been mounted on the mixing boards in all
studios (causing the wiring to be run through the boards); in order to
involve potential crosstalk from the square-wave tone output from the
phone/doorbell unit, the LED driver signal was tapped from the oscillator
enable line, giving a DC pulse at the LED output. The major consequence
of this change is that speakers will no longer produce the phone/doorbell
tone when connected to these outputs (this option was only really needed
during 1977/1978 anyway, thus it rapidly became obsolete). One of the
outputs is used to drive all LEDs, thus it should be full up (as marked
on the front panel). The other outputs should also still work, but have
no application for now...

The other change in this circuitry has been the addition of diodes
D11 & D12 and R31 on Fig. 1. These diodes OR together the outputs of the
two doorbell monostables ICl and IC3, thus creating a composite '"doorbell
gate'" that goes high whenever any doorbell has been pushed, and stays high
through the duration of the audio tone. This gate is used by the PA mixer
circuitry to engage an '"L-Pad Defeat'", which turns all speakers in the
radio station up to full volume (except for a studio withilive DJ mike).
In this fashion, the doorbell will always sound throughout the station,
increasing the chances of someone hearing it and answering the appropriate
door.

One other related issue:has been the addition of a standard AT&T bell
to the telephone ring line in Master Control. This bell is located behind
the grey monitor/PA rack (in which the Phone/Doorbell unit is stationed), and
is mounted on the wall, It is normally switched off (the switch is mounted
atop the bell's cover). If, for some reason, the telephones no longer ring
through the phone/doorbell unit (first please check that the defeat switch
S1 is off), this bell may be turned on to indicate incoming calls.
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FIGURE 2
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FIGURE 3
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PRINCIPLES AND OPERATION

oF THE WMFO PA Mixer/AmpLIFIER UNIT

---=J. A. PARADISO
AprIL, 1984

(Revised Jan., 1987)



The WMFO Mixer/Intercomlgé Buffer Unit

Specifications and External-World Connections:

INPUTS
Mixer inputs:  Phone/Doorbell audio in.
FM monitor tuner (mono) in.
Studio B program (mono) in.
~Studio C program (mono) in.
Auxiliary audio in.

EBS audio in

L-Pad defeat : EBS receiver active in
gate inputs..?}

Doorbell gate in

————— All above inputs are referenced to a common local ground, -————-
Spare phone line input (intercom line).

————— Above input has an independent floating ground, ————-

OUTPUTS

Mixer outputs: Studio PA line out.

Halls and Offices PA line out.

————— Above outputs are referenced to the common local ground,
and feed each channel of the PA amplifier. ————o

Stereo Headphone output (for mixing and diagnostics).

L-Pad defeat relay driver output.

————— The above line is referenced to the intercom ground
(thus bears no relation to the common local ground) . ————-



THE WMFO MIXER/INTERCOM PUBLIC-ADDRESS BUFFER UNIT

I) Introduction:

This device serves two purposes:

1) It is a two-channel mixer, accepting / inputs [Phone/Doorbell audio, FM
monitor tuner, Studio B/C program output, an arbitrary auxiliary audio source, EBS,
the intercom audio output, and the Random Tune Generator (RTG) output], and
routing them to the studio and Halls/Offices PA lines (the "studio" line serves
Studios A, B, and C; the "Halls/Offices" line drives the speakers placed elsewhere).
The weight of each input is independently adjustable for both channels; separate
potentiometers allow one to set each input to an appropriate level for the
studios and Halls/Offices. During normal use, the phone/doorbell, intercom, and
RTG outputs are routed to the studios, while the former list plus the FM monitor
tuner output are routed to the Halls/Offices. If interesting activity is
occuring in Studio B or C, and one wishes to route this source to the monitor
speakers without interrupting the normal on-air flow eminating from Studio A,
one can pot down the FM tuner input, and pot up the Studio B/C program §nput
(Studio B or C is switch selectable). An auxiliary line is also provided, with
RCA input jacks convienently located on the front panel. One can thus plug
independent external sources (tape deck, etc.) into these, and add them into
the PA mix. The gain of each channel is adjustable from zero to approx. 5 via
gain controls also mounted on the front panel. The mixer outputs feed a
power amplifier which distributes the signal to the speakers scattered throughout
the station; one must avoid turning the gain up too high, or the input stages
of this power amplifier will start clipping.

The front panel of the unit is (was) well-labeled. The layout of the back
side of the panel is shown in Fig. 7. The input weighting potentiometers are
seen as P1-P5 (studios), and P7-P11 (halls/offices). The master gain controls
are P6 (" ") and P12 (" "). The RIG level is controlled by trimmer potentiometers
mounted on the Tune Generator card (see Fig. 8). The input and output connectors
are RCA jacks mounted on a strip located between the gain and input level
controls, in back of the panel (see Fig. 7). They are clearly labeled.

2) The second purpose of the unit is to handle the station intercom system.

A spare phone line is patched into the unit via terminals also located on

the above-mentioned strip. When one picks up a telephone connected to this

line, one can speak over the monitor speakers (provided the "intercom" is

potted up on the front panel; see above). In order to guarantee that this

paging request is heard, two additional things happen when the intercom is

engaged: 1) The FM monitor tuner and studio B/C inputs are attenuated (the

attenuator level is set via trimmers P17 and P18; see Fig. 7), so the pager

doesn't have to shout over any din, 2) The L-pad level controls controlling

the volume at each PA speaker are disabled, so that the message is heard

at full blast, regardless of any local setting (he news office speaker has a.

hidden switch.  to inhibit this feature; this . switch should not be used

except in extrodinary cases, and promptly returned to the "ON" position afterward).

The yellow LED on the front panel (LEDl; see Fig. 7) is illuminated when

the intercom is active; the lights in the phones are not driven by this circuit.
The lower row on the touch-tone phones (¥,0,#) is decoded in this device,

and accomplishes some interesting functions. They are summarized on the following

page. The Studio D "PA/on-air" box has the potential of decoding the intercom "9";

see the description of this circuit for additional details.



Key Function

* Mutes the intercom; the telephones are disconnected
from the PA speakers, but remain active. One can
still converse with other phones on the intercom
line, but the conversation is not heard throughout
the station. The FM monitor levels, local L-pad
settings, etc. return to their quiescent settings
after "*" is pressed.

i Re-connects the intercom line to the PA speakers.
This function is the inverse to "*".

0 Plays a bar or two of a random shlocky tune over the
PA speakers. The monitor attenuation and L-Pad defeats
are also engaged, so all within the station MUST hear
the tune.

I'11 list a few notes below pointing out possible applications of these
features. A possible scenerio follows:

A few ambitious production folks need the facilities of both studio's
B&C for an extrodinary creative effort. To coordinate activities (tape starts,
effects, acting, etc.) between the studios during the extravaganza, they decide
to use the intercom. Of course they don't want their dull conversation to
disturb less adventurous folk elsewhere in the station, so they have wisely
pressed the "*" to mute their conversation. However, some minutes later, the
on-air jock has answered a telephone call for Mary Zeichmann, who isn't in the
main studio at the time. Instead of getting up and looking for her (an important
transition is imminent), he picks up the intercom for a page. Unfortunately
(for him), the intercom is already being used by the production folks. However
this jock knows his options, and wisely presses "#'", re-connecting the intercom
to the PA speakers. He then issues his page for Ms. Zeichmann (which is heard
throughout the studio), and then presses "*", thus re-muting the intercom, and
returning all PA channels to normal. He then apologizes to the production
folks, hangs up, and makes the grand transition.

The zero feature has completely open application. One can hit the zero and
play a tune before issuing a page; using it as a convinent PA break and attention-
getter. One can also use the zero for the sake of pure joy and annoyance of the
less enlightened. It is usually best to hit the "*'" before playing with the "O0"
in order to mute the touch-tone keyboard and prevent it from interfering with the
tune.

The device knows a total of 28 annoying melodies (see Appendix for a full list),
and plays one of them at random when triggered. The tune may be also requested
by depressing the pushbutton S3 on the front panel (see Fig. 7). The red
LED2 is illuminated while the RTIG is at work. Ocassionally (when one requests
a tune too quickly after the preceeding tune has concluded), the tune processor
can lock up into a metastable "active" state, although no tune is being output.
This state is intercepted and cleared after a delay of about ten seconds, after
which the PA and RTG behaive normally. If (for any reason), the tune generator
should lock up and not clear itself, one can reset the unit by cycling on-and-off
the AC power. At the moment, one can not pot the tune generator up over the air,
but provisions will be made to bring the studio PA line up on the Studio C

patch-panel. (NOTE 1/87: The PA line is now available at the patchfields in all
studios, and may be directly potted up on the studio A board). .
The L-pad defeat relay driver line originates from a pair of terminal posts

in back of the front panel (see Fig. 7). The intercom ground (hence the L-pad
defeat and phone lines) are completely isolated from the local and station



grounds, and should not at any point be tied together.

The mixer output also drives a headphone jack; one can monitor the mix
while balancing levels by plugging in a stereo headphone.

IT) Circuit Description:

The circuitry is given in the schematics Fig. 1 through 5. 1I'll try and
quickly go over them.....

Fig. 1 shows the power supply for both intercom and mixer sections. The
mixer (common local) ground is given by the conventional symbol, whereas the
intercom ground is always circled. Both grounds are independent (as sketched
above), hence any voltages in the intercom system must be measured against
the intercom ground (which does not come to the chassis; that is the mixer

ground). I generally use the "-" line of the intercom power supply filter
capacitor (Cl7) for a reference to the intercom circuitry. The mixer
power supply is 18 - volts  regulated, derived via TR1/D1-D4/C16 & the 7818T.

There is not much circuitry in the mixer, hence we build the supply lighter.
The intercom supply is a bit more involved, with 2-amp TR2 feeding D5-D7/Cl17.
Regulators 7809 and 7815 feed a smooth DC voltage to the intercom circuitry,
with the former delivering +9 volts to the tone decoder circuit, and the latter
supplying +15 volts to the rest. Both regulators are heat sunk and mounted

on the tone decoder card.

Fig. 2 shows the entire mixer circuit. It is quite simple, with 741's
ICl and IC2 acting as inverting summers, and mixing all inputs. 741's aren't
the best choice for audio -applications, but for the moderate standard required
in this application, they're certainly adequate. Because the op—-amps are run
from a unipolar supply, the non-inverting inputs are biased up by R9/R10, and
all summing inputs and line outputs are capacitively decoupled. Emitter-followers
Tl and T2 provide sufficent drive to power moderate-impedence stereo headphones.
When the intercom is engaged, the coil of DPDT relay R2 is powered, which
attenuates the Studio B/C and FM tuner inputs by P18 and P17 respectively,
dropping the ambient noise level relative to the intercom audio signal.
The phone/doorbell is not muted, and will still come through as set by Pl and P7.
This circuitry dominates the "mixer card", see Fig. 7.

Fig. 3 shows the circuitry used in driving the intercom phone line, and
decoding the touch-tones. When the intercom is picked up, the phone line is
powered via R45 and R46 (thus LED1 is illuminated). Voice signals show up as
variations in the telephone resistance, which give a proportionally varying
current through R45/46 and the phone line. Thus the fluctuations in voltage
across the phone line correspond to the voice signal, and this (provided relay
R1 is OFF) is AC coupled into isolation transformer T3 (Diodes D20-D23 clip
this voltage to attenuate the large spike created when the phone is picked up
or hung up; capacitor C41 acts as a high-pass filter to eliminate a large "pop"
which can be caused in this case). TR3 isolates the mixer ground from the
intercom ground (point X feeds the summing nodes in the mixer).

When the intercom is picked up, comparator/Schmidt trigger IC8 goes high
(due to the drop in voltage across the phone line), also provided Rl is OFF.
This turns T5 on (D24 is merely to prevent the non-zero low-saturation voltage
of IC8 from keeping T5 on when IC8 is low), and thus pulls current through the
L-pad defeat relays tied here, bypassing all local volume settings at the
PA speaker sites and turning them full blast (see Fig. 6), The tuner/studio
attenuation relay R2 is also tied across here, hence it is also turned on via
T5 in this case. When the intercom is hung up or muted (via R1l), IC8 again
‘goes low, and all relays powered by T5 are again turned off.



IC3 thru IC6 are LM567 tone decoders which are used to decode
the touch-tones. Refer to any National Semiconductor or competitor manual
for detailed information on their function. The inputs of these chips are
all coupled directly into the phone line via C37; diodes D9-D1l1 protect
against overvoltage spikes. The outputs of these chips (at pin# 8) clamps
to ground when the pre-set tone is detected. Since the outputs are pulled-up
by resistors R31-R34, one sees pin# 8 high when the tone is not present, and
low when the tone is detected.

All conventional touch-tone signals are made up of two frequency components;
one for the row, and one for the column. Since we decode the last row only here
(*,0,#), one chip (IC3) detects the common row (hence fires whenever *,0,# are
pressed), and IC4-IC6 discriminate the individual characters. Thus the outputs
of each of IC4-IC6 are AND'ed with IC3 (via diode pairs D16/D17 (#), D14/D15 (0),
and D12/D13 (*)) to determine the unique key pressed; the resultant goes LOW
when the key is on. IC7 is a 555 timer here used as a Set-Reset latch driving
intercom muting relay Rl (when IC7 is set, Rl is ON, hence the intercom is
disconnected from TR3 and the mixer, conversely when IC7 is reset). As plainly
seen, the decoded "*" signal sets IC7 (and mutes the intercom), while the
decoded "#" resets IC7 via T4 (thus re-connects the intercom). When the
intercom is hung-up (all intercom phones are down), the base of T3 goes high,
hence pin# 4 of IC7 is pulled low, reseting the latch. Thus, when one hangs
up the intercom, the muting action of "*" is also reversed.

The decoded "O" is used to trigger the random tune generator (see below).
All tone decoder and muting circuitry is located on the Tone Decoder Card, the
intercom decoupling and driving circuitry is located on the Mixer Card, and the
L-pad defeat drivers, etc. are located on the Phone-Up Detect Card. This is
diagrammed in Fig. 3, and card locations are depicted on the chassis in Fig. 7.

Hopefully the tone decoder center frequencies won't drift much in the
future. They have drifted a bit, hence I installed 1% resistors for R23-R26,
but they still seem to drift somewhat on occasion. This is noticed when it
takes a longer time for a touch~tone button to achieve the desired effect.

If the desired effect does not happen, and the touch-tone panel seems dead

(this has not happened), the center frequencies must be adjusted, This is

done by varying trimmers P13 thru P15 (see Fig. 8). First tune the row
(P13/1C3), by playing one of the touch-tones, and tweaking P13 until pin# 8

of IC3 goes LOW. Then try the other tones and their corresponding pin# 8's

and tuning pots, until they all respond appropriately. When looking at the
voltage on pin# 8 (or any voltage here for that matter), make sure you reference
your measurement to the intercom ground (see above)!!

Figure 4 shows the audio and control circuitry associated around the Random
Tune Generator (RTG). The tunes themselves are produced by IC10., The basic
driving circuit is based around Fig. 1 in the appendix writeup on the AY 3-1350.
A tune is requested via the touch-tone "0" (Pt. Z), or S3, both of which bring
Pin 2 of ICY9 (a 555 also used as a RS latch) to ground, thus setting the output
of ICY9 high. This powers up ICl0, causing it to scan its tune definition inputs
and play the appropriate tune. Upon the tune's completion, ICl0 asserts pin# 12,
which resets IC9, dropping the power, and causing the circuit to wait until
the next trigger. Pin 3 of IC9 also drives LED2 (the “tune active! indicator),
turns on T8 (which is connected to the L-Pad defeator system), and triggers the
timer in ICll. This timer is set for a duration of about 10 seconds, which is
longer than the longest tune played. If the output of IC9 is still high after
that time (signifying a "lock-up" condition if IC10), pin# 5 of ICll goes low,
and (via C50) resets ICY9, clearing the "lock-up". ICll is normally reset at
the conclusion of the tune when pin# 3 of IC9 goes low.

The pitch of the tune voice is adjustable via P19, and the tempo of the tune
can be tuned through P20 (see Fig. 8). The intercom ground is isolated via TR4,
and P21 and P22 control the tune levels in the mixer. A 7806 regulator is driven



from the +15 volt supply to provide a stable +6 volts for this systen.

The circuit which randomizes the tune selected by the circuit is outlined
in Fig. 5. A tune is uniquely defined in IC10 in one of 2 ways:
1) Grounding one of inputs A-E and routing output N to
input 1-4 (or none); see Fig. 10. This generates one out of 25 possible
tunes, as one can see in the list in the appendix.
2) Leaving all inputs A-E untouched (inputs 1-4 don't matter here), and
grounding input F,G, both, or none. This generates one of the 'chimes",
as can be seen in the appendix. ‘

The digital randomizer shown in Fig. 5 does this more-or-less at random.
Decoder ICl4 will ground only one of inputs A thru E according to a three-bit
code present at pins 9-11. ICl6 is a similar decoder which will route the
output at N to inputs 1 thru 4 (or none) according to the three-bit code at
pins 9-11. The 3-bit codes come out of 6 stages of shift register ICl6. This
shift register is fed by digital noise generator ICl5, and it is clocked after
the completion of every tune (via pin# 3 of IC9). Thus we have a chain of
noise bits, advancing after every tune, and picking them at random.....

The chimes are selected with a probability of roughly 1/9 (since there are
3 chimes out of 25 tunes). When the output of astable ICll goes low,
inputs F and G can be grounded, and all inputs A thru E are disconnected via
the inhibit on decoder ICl4 (at pin# 6). In this case, a chime rather than a
tune will be played. Since the duty cycle of ICll is adjusted to be roughly
9/1, this will happen with roughly the desired probability of 1:9. Cute, eh??

All of this circuitry is located on the Tune Generator Card (see Fig. 8).

III) Trouble Shooting Hints

Since this circuitry is relatively new, there really aren't any.
Watch out for bad connections. NEVER connect the intercom ground to the
chassis ground. Beware for a monkey from Ma NYNEX yanking out our intercom
connections in the phone box, Above all, good luck. You're on your own.
(Note: gae ypdate comments on next page for additional hints).

Regards,

c J. Paradiso, somewhere @ MIT 4/4/84



Updates on the PA Mixer/Intercom Unit 1/87

The PA mixer/intercom unit was initially built in 1977. This was a very
simple device, which gradually degraded in performance and was never really
properly repaired. The efforts made in 1984 incorporated major revisions,
and the device was almost entirely re-built. Few modifications were made
thereafter. These modifications were incorporated when this device was
moved from Studio A into Master Control in 1985, and are outlined below.

Most new circuitry is outlined in Fig. 3A, which details the EBS and
doorbell interrupt card. This circuit card was added (see Fig. 7 for its
location) to enable the doorbell and Emergency Brodcast System to activate
the L-Pad defeat line, thereby turning all speakers on at full volume whenever
a doorbell has been pushed or an Emergency Broadcast System warning has been
received. The EBS and doorbell gates are OR'ed together via the two diodes,
thereby turning the transistor on whenever at least one gate is received. This
activates the on-board relay, thereby shorting point "V" to intercom ground
(see Fig. 3) and asserting the L-Pad defeat line. The EBS gate is derived from
the relay in the EBS detector unit. The wiper of this relay is grounded, and
the normally closed contact is applied via the 10K resistor and diode to the
relay's transistor. The normally closed EBS relay contact is pulled up by the
5K resistor to create  the gate when the EBS relay has fired (the normally
open EBS relay contact is used by the studio switcher to flash the warning LED .
upon receipt of an EBS signal).

An EBS audio® input has been added to the mixer circuitry (see Fig. 2).

The designated EBS radio station (WROR @ present) appears at an output on the
EBS receiver unit when an EBS warning signal has been detected. This audio

is routed to the PA mixer, with level adjusted by a 100K trimmer potentiometer
mounted on the EBS & doorbell interrupt card. When an EBS message is received,

all PA speakers in the station (except for those in studios with live muting.mics.)
will blast out the signal from WROR (usually an ominous-sounding announcer gives

the standard "this is a test..." spiel, although occasional weather warnings, and
maybe someday the "big one" are supposed to come through as well). This is an
unusual effect in the halls and offices, where the usual omnipresent air signal

is abruptly replaced by WROR's audio. The only way to stop this barrage is to

go into Master Control, and reset the EBS detector manually by pushing the appropriate
button. This was done to encourage the jock to remember to log the receipt of EBS
tests; one doesn't want him to become lazy... (when rebuilding Master Control, we
found the speaker on the EBS unit taped up in an attempt to avoid answering its call;
this is quite illegal, so we instituted this system to greatly lower the probability
of missing EBS brodcasts in the future).

The EBS & doorbell gates and EBS audio are input on a terminal strip located
on the EBS & doorbell interrupt card (see Fig. 3A). This card isn't mounted very
well onto the chassis, so treat it gently.

Most circuitry has worked nearly flawlessly in this unit since 1984. Most
problems are external (ie. in the intercom line, speakers, etc.). The external
intercom connections have been added to drive intercom lines in MacPhie Lounge
(a modular phone may be directly plugged in near the stage), Curtis Lounge (a modular
phone may be plugged in at the WMFO patch box), and the transmitter site at Ballou
Hall (a modular phone exists there at all times). At one occasion, the intercom lines
to MacPhie shorted, causing the L-Pad defeat to fire, and keeping the intercom engaged.
This was determined by disconnecting the external intercom lines one-by-one (they
enter on the wall under the window in Master Control) until the offender was found,
and complaining to Northern Telecom until our lines were fixed. If the intercom
light bulbs remain lit on the telephones, but the intercom is not really engaged



(ie. L-Pad defeat doesn't remain active), the error probably is in the
circuitry to drive these bulbs (see schematics & writeups for the Intercom KTU
and Intercom Bulb Relay), and not in this unit.

The touch tone detectors for the *,0,# still drift a bit occasionally;
this is generally due to large temperature swings in the Master Control
room, thus heating or cooling Master Control generally solves this problem
(one shouldn't let this room get too hot anyway). If a persistant drift is
observed, the tone detectors may be re-tuned as summarized earlier. I've
used a simpler procedure in the past, which applies when a single digit (#,0, or %)
is acting sluggishly. Under this method, one depresses the offending key, and
tunes the appropriate potentiometer (P14 for *, PL5 for 0, and P16 for #) until
the function is activated. By repeating this operation to obtain maximum response
speed, the unit may be quickly tuned. If all functiomns *,0,# are sluggish, they
may be independently adjusted in this manner to obtain the best possible response,
and then the composite "row" adjustment (P13) may be tweaked to get them all working
promptly. This method of tuning is generally quite quickly accomplished, and doesn't
involve poking around the circuit = card with voltmeters, etc. One must note that
the cheap modular telephones scattered throughout the station produce considerably
louder touch tones than the Northern Telecom phones, thus generally evict much faster
response on out-of-tune functions. When tuning, one generally should not use these
modular phones in order to gain greater semsitivity in the adjustment. In fact, it
is generally a good idea to take a few intercom phones off the hook to decrease
the touch tone signal level further, and have someone send the desired tomes
using a Northern Telecom telephone. The tone detectors may be tuned with :extreme
precision by this method.

Modular telephone jacks have been installed in the Engineering closet (under
the table and behind all the junk), Studio D (on the On-Air/PA unit), Master Control
(on the grey monitor rack), and the news office/telephone room (on the wall near the
phone box). Modular telephones were originally stationed in these areas as well,
but some have begun to dissapear via rip-offs.... Any telephone plugged into one
of these jacks will function as an intercom.




Figure 1

POWQV-

SU\? 9\7‘

WMF O
PA Mixcr/zqemom
_ Shee T & j_
- :5 ?a.»mé 1590
©1177
— Re. 198¢—

- Re. (a6 —

. To mixer
i | Card
@Bﬁr'ﬂs\'l
= o

e—— e—— e m— —

Mixer

%“C Decoéﬁ -

% vl

CarJ

@ e

Circled ¢30

5!'014.\)

nd reaVes (nTercon,

785 T

‘SY$TC~\ ro uu\J
(_S cpare. €rom

COmmmon 31‘01»»«))

RGN IS voITs

&"

Aboce requlaTors eve
Mounte) wiTh ke Sinks



Figure 2

1 )
S| o = (s os 2a9)
= .”..,oﬁoucéuouﬂ.-m_.\ Wihe N Ss V—‘Mﬂp dl“»no_ ’ ¢ @* oﬂ.ﬂ:ﬂ
N e e
e svied 9 a2 A =, Koy “Aoal oL
— | R i
il Aol
>'4 .rl'\}\,?.uﬂ*wlvw al m,.. 130&
mrvmzdh\ ¥ my: /%9
e .
- Mol .
3, Y ¥st T o Acel
b Sueng 1 M < L ety b
Y (L \aJ.%U. 9 ﬁ_L ) :r‘«_—.._v|hv
T ¢ KI_TQHMT S =
}
L wa-9 + T g MWWMT:!V Hoc)
Y J w«i 4
A g4 a?
! ..“u d-g =
FRISA - )
Aoog uﬂa
! T4 Aoa)
” R L T 11
B
| tyo S T
" vo M Ass Wweoujul
“ = :@ n“—liT’))\(/\(l[ “o -sVAb
, “io
@1 — v L 4 QL ey D2xeeayag
| imo € » .....\..e.H #aag wvap
et
- l‘h.l. «<
N | d
7 I
ThTHT
: Ty 4
» - 3
ﬁ....i.(:w wé_%
k.H.ﬂwM...é * e oc..ns N .vm.o vy 4R
hgvl o) vﬂ/io.ow g oimus el
- - - <‘.m.v 9/ w@e
&L_ mL r | @ dﬂs;N:. _u | ) ' s\utbv‘
eriprmd oo = I I )
[ER) terws | TRG T
LY N ——— e Y wwr m.l.V.W & céb,rd
éSbFzH\ AN Y ‘_|||/>>|\%>>\<‘ cst.i& 3 % wm '/_.o ol
1)
Olwm 3 —X o




Tone

b d

FIGURE 3

D!Lo der /::n‘(lr cop~ C oup\tr

R&h\.\r 1§

Phone-up Detect Caeﬂ

[ 5;&..;“‘

WMFYO
ﬁ\\ C‘srum'Tml l'“’\'ﬁ) TN f,ﬂ 3,:‘.‘.; /#-I;\Ttmom
Tone Decoler C.bfé unless oTherwse ld:dd o
(see borvom.) 118
Rev. 1987
+9V
D ™ T+1V v
$3A 1 ? ey ¢ % :
! % 3 567
1% 1"y
c3? bW g s [0,
X s | e K | 6" 1 2| y3r @
oV ,‘J 5;.‘ ) fE‘——l'.‘_AVWt——-“
ﬁovﬂza" Eﬁéaé v
] v
e ? reg 3
¥ f &}
3 S¢3
ANRPTLRTH
.9?.\571 [w]
P Ik | 6 i c w3
.\ “.7 '.s. 4 1
Al 41 Py <
] +9v Dl1
= T v “-3;15 x
4
12 19 1o Point §-vert
3 56?’ $R3T - “ ?.54
5 13366 8 N 2 A
To Infevcom 17’: [0] DU T°" h\.r
Phone line Kt ST w-'n WK o [."““‘]
"Ls' ‘ R'l. R3¢ Sd:-d:c.
. L5
om.f“ "é ‘4"’ 1
Y v
3 ] DIt
I 3R
3 36'7- g 3, ®
14321,
ivA 5 2
sv. N R t X e R37
[}
* L33 j 1Sa B30 L o e
\ #m"’é@é Sop _-—-"L_
~ Tﬂn& C}} ‘3;, C&g - (A
3 <o I""R"{b - o = . 7!-9 P.:h
a7 Ll )acm V" om Torl.




Figure 3A
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FIGURE b
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Figure 7
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B ARCHERS

Catalog Number 276-1782

TECHNICAL DATA

AN EXCLUSIVE RADIO SHACK SERVICE TO THE EXPER‘lMEN\TAEB .

AY-3-1350 Melody Synthesizer IC

Features

25 Different Tunes Plus 3 Chimes

Minimal External Components

Automatic Switch-Off Signal at End of Tune for Power Savings
Envelope Control to Give Organ or Piano Quality

Sequential Tune Mode

4 Door Capability When Used as Doorchime

Single Supply (+5V) Operation

Description

The AY-3-1350 is an N-Channel MOS microcomputer based syn-
thesizer of pre-programmed tunes for applications in toys, musical
boxes, and doorchimes. It has a set of 25 different popular and
classical tunes plus 3 chimes for a total of 28 tunes).

Tunes
? A0 Toreador * A3 O Sole Mio
®B0 William Tell # B3 Santa Lucia
' CO Hallelujah Chorus #C3 The End
¢ DO Star Spangled Banner € D3 Blue Danube
+ EO Yankee Doodle +E3 Brahms' Lullaby
#A1 John Brown'’s Body ¥ A4 Hell's Bells
#B1 Clementine f B4 Jingle Bells
fC1 God Save the Queen % C4 La Vieen Rose

* D1 Colonel Bogey
? E1 Marseillaise

¢« D4 Star Wars
% E4 Beethoven's 9th

VA2 America, America % Chime X Westminster Chime

« B2 Deutschland Leid ® Chime Y Simple Chime
¥ C2 Wedding March # Chime Z Descending

+» D2 Beethoven's 5th Octave Chime
Y E2 Augustine

Absolute Maximum Ratings

"Storage Temperature . . . . ... ... ... ... -55°C to 150°C
Voltage on any pin with respect to ground (Vgg). . —0.3V to +10.0V

NOTES: 1. Total Igy. for all registers must be less than 150mA under
any conditions.
2. Except following pins which have open drain outputs/
inputs: 6,7,8, 12and 13.
- 3. Test circuit: Voo
27K MAN—-I

0sC 1

47pF

I

Pin Configuration
28 Lead Dual In Liné

Top View
anoC]er 23 MAESET
Vee(d 2 27[Josc .
vxx(J 3 26 JCLKOUT
GND( 4 .25 0 Tune Select A
GND[] 5 24 [JTune Select B
Door 3(] 6 23 [JTune Select C
e --Backdoor{} 7 22 3 Tune Select O SR
Captest (] 8 21 O Tune Select E
Tune Select 4] 9 20 [J Tune Select 1
Next Tune(J 10 19 [JTune Select 2
DISCRG ] 11 18 [ Tune Select 3
on/Oft (g 12 17 [JRESTART
Envelope(] 13 - 16 {JSwitch C Group Select
Tune Output[] 14 15 [JTune Select Strobe

Recommended Operating Conditions

Characteristics ISym | Min I Max 'Units I Conditions
DC Characteristics
Primary Supply
Voltage Vpp 4.5 7 \
Qutput Buffer
Supply Voltage Vxx 4.5 9 v
Primary Supply
Current Ipo - 55 mA No load
Qutput Buffer
Supply Current | lyyx - 5 mA No load
Logic Input Low .
Voltage ViL -0.2 0.8 \
Logic Input High
Voitage (Note 2} | Vi1 2.4 Vpp | V
(Except RESET
and OSC when
driven externally)
Logic input High
Voltage ViH2 4 Vpp | V
(RESET and
0SC)
Logic Output High
Voltage (Note 2) | VoH 2.4 Y loy=100
MA
Logic Output Low
Voltage VoL - 0.45 | V loL=1.6UA,
Vxx=4.5V
- - 090 | V loL=bmA,
Vxx=9V
- - 050 | V loL=5mA,
Vxx=9V
i -— 090 | V loL=10mA,
Vxx=2V
(Note 1)
AC Characteristics
Oscillator
frequency
variation for a
fixed RC network | Af —-20% | +20% @CLK OUT
167KHz
(Note 3) ~
CLK OUT OQutput
Period tey 4 20 |us
High Pulse Width tCLKH Yatey
Low Pulse Width tCLKC % tey

CUSTOM PACKAGED IN U.S.A. BY RADIO SHACK, A DIVISION OF TANDY CORPORATION
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"Operational Notes

. There are many ways to connect the AY-3-1350 depending on the

te exact application. Figure 1 shows just one implementation of the

device in a doorchime. This circuit gives access to all 25 tunes from

switch A and one of 5 tunes from switch C as well as the descending

active chime from switch B. The tune selected for switch B follows

the tunes list according to the setting of the two tune select switches

(A—E and 0—4). The tune selected from switch C in Figure 1 is one

of the five tunes AO through EO depending on the setting of the

letter switch. For example, with the letter switch set at E and the
number switch set at 4, the tunes available will be:

Switch A: Beethoven’s 9th (E4)
Switch C:  Yankee Doodle (EQ)
Switch B: Descending Octave Chime (Chime Z)

When the letter switch is in position F there will be chimes on all
doors independent of the number switch setting as follows:

Switch A: Westminster Chime
Switch C:  Simple Chime
Switch B: Descending Octave Chime

There is virtually no power consumption in the standby condition
(external transistor leakages only). When any door switch is activated
the circuit powers up, plays a tune, and then automatically powers
down again to conserve the battery, even if the operator keeps his

. finger on the switch to the end of the tune. He must release it and
re-press to play again with the circuit in Figure 1. Activating any of
the door switches will pull point A to ground turning on the PNP
transistor in the power supply line. This causes +5V to be applied to

. the AY-3-1350 and the first operation of the chip is to put ON/OFF
(pin 12) to logic 0. This maintains the power through the PNP, even
after the switch is released. The device can turn off its own power
at the end of a tune by raising ON/OFF to logic 1.

Figure 1 shows only a typical one-chip implementation. Further
options come from use of different switching and/or from use of the
next tune facilities built into the chip. These will now be considered
in turn,

Switching Options
In Figure 1 the Switch C Group Select pin {16) is not connected,
and one of the five tunes (AQO through EQ) will play if switch C is

activated. Other number groups can be chosen by connecting the
Switch C Group Select pin as follows:

RADIO SHACK, A DIVISION OF TANDY CORPORATION

U.S.A.: FORT WORTH, TEXAS 76102
CANADA: BARRIE, ONTARIO L4M 4W5

Table 2

Switch C Group Select pin (16)
is connected to:

Switch C Tunes

no other pin AO—E0 ¢
Tune Select 1 {pin 20) Al1—-E1 -
Tune Select 2 (pin 19) A2—E2 ’
Tune Select 3 {pin 18) A3—E3 ‘
Tune Select 4 (pin 9} A4—E4 -

TANDY CORPORATION

AUSTRALIA BELGIUM - U. K.

PARC INDUSTRIEL DE NANINNE
5140 NANINNE

91 KURRAJONG ROAD
MOUNT DRUITT, N.S.W. 2770

483-LWC

BILSTON ROAD WEDNESBURY
WEST MIDLANDS WS10 7UN

Which of the five possible switch C tunes will be played depends
on the current setting of the LETTER SWITCH A~E.

Switch C selection can be made by hard-wire connection for a
permanent selection or a third switch can be added for an addi-
tional group selection feature.

LED Direct Drive

Vxx drives the gate of the output buffer, allowing adjustment of
drive capability: -

Vxx VouT Isink (typ.)
5V 0.4V 2.5mA
5V 0.7V 4.2mA
10v 0.4V 5.8mA
10V 0.7V 10.0mA
10V 1.0V 14.1mA

Using the power-up circuit of Figure 1, the AY-3-1350 will have .
+5V applied and be latched within a few microseconds {dependent
upon external components) from any bell-push closing. The device
starts to operate when the RESET pin, reaches logic 1 (about 10ms
with components shown) but in fact the tune select switches are
not interrogated until approximately 6ms iater. The total is sufficient
for most bell-pushes to complete any Pounce period and for a firm
selection of tunes to be made. :

’

’

Next Tune Facilities

At the end of tune play the circuit of Figure 1 powers down because
ON/OFF (pin 12) is raised to a logic 1. Before the power down there
is a test for connection between NEXT TUNE (pin 10) then RE-
START (pin 17) with TUNESELECT 4_(pin 9). At this time NEXT
TUNE (pin 10) then RESTART (pin 17), which are normally at v
logic 1, output a logic 0. This is looked for at input TUNESELECT

4 (pin 9). If neither is found the poWer down system is reached "
as in Figure 1. ® »

A NEXT TUNE (pin 10) — TUNE SELECT 4 (pin 9) connection .
at the moment of test causes the next tune in the list to be played .
after a short pause (equal to a musical breve—the actual time depends

on the setting of the tune speed control). The order of the tunes is

AOQ to E4 as given in the listing of standard AY-3-1350 tunes, If the

last tune (E4) was played then the circuit will go on to play the first
tune AO (and then successive ones). The chimes are not included in

the cycling sequenca.

A RESTART (pin 17) — TUNESELECT 4 (pin 9) connection at the
moment of test at the end of a tune causes the same selected tune
to be played again.

The connections referred to cannot be permanent because otherwise
the circuit would never stop playing tunes. ‘Figure 2 shows how
transistors are used to make the connection in a practical application.

]
AY-3-1350
——1
“10v T 8 7] 9 10 1
I oyl - PIN FUNCTION
6 DOOR 3
” ¢ 33 7 BACKDOOR
9 TUNESELECT 4
N " s $m 10 NEXTTUNE
T’“.“.‘:‘ j:- x,., 17 RESTART
300 uF
= = = THIRD FOURTHM
LLL L

sack #RONT
0OOR PUSHES

Fig. 2

Printed in U.S.A.
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THE WMFQ S8TUDIOD D FA/ON-AIR BOX

# Intercom line

# Remote On-Air Switch

* Modular Jack for Intercom Telephones
* 8-0hm Speaker Output

¥ Remote On-fir LED

* 118-VAC Socket for ON-Air Light

# Intercom Speaker Mute

* Touch-Tone Testpoints TPFR & TFC



THE STUDIO D FA/ON-AIR BOX

I} Functions and Operation:

This contraption is the aluminum box mownted on the wall of
Studio D (opposite Studio E) with loads of cables running into it
and & speaker hung alongside. The purpose of this device iz to
provide a talkback facility (from any intercom telephoneg) and +to
drive the ON-AIR warning light % speaker muting for the “talk®
studio {(ie. Studia D). Each portion of this device is described
separately below:

This circuit is connected to the common WMFD intercom line,
and listens for the "9" touchtone. Whenever a "9" is pressed on
any intercom phone in the station, this circuit will activate an
internal amplifier, and effectively connect the intercom audio to
an attached speaker (with considerably loud volume, allowing one
A chance to be heard above noisy rock bands). Ry talking into an
intercom phone so connected, one is heard directly in Studic D.
There is no muting of any sort on this speaker, so the connection
takes place regardless of the air status of the studio. I+ one
desires to speak to Studio D exclusively, and not be heard
elsewhare in the station, one should first press  the intercom
Yaty,  thereby muting the intercom from all of the FA speakers (as
discussed in the "F& Miser/Intercom writeup), and then press "9v

for unigue connection to Studio D. The speaker is turned off
whern all intercoms are again hung-up, or when the red "reset®
button on the front panel is pressed. A green LED on the front
panel  dis illuminated when the spaaker is connected. I one
wishes to speak with someone in Studio D over the intercom, the
normal practice is to kit "#9Y to connect volusively to  the

Btudio D speaker, and ask for the desired person to pick up the
phone;  as soon  as  he answers the Studio D intercom (i not
before), this person should hit the "resest" button to turn the
speaker off and prevent a blast of teedback from occuring when
his intercom is picked up.

This device has exhibited some temperature sensitivity, and

occasionally  is sluggish in responding to touch tones. I+  the
"t function is sluggish or doesn‘t work, the tone decoders may
need to be retuned, as described later in this report. O+

course, at this point in time, the touch-torne drivers in most of
the multi-line phones at WMFO have been disconnected as a matter
of station policy, thus none of the touch-tone functions
(including the "9") can be accessed from these devices.

The other function of this box is to manage the ON-AIR light
switching and FA speaker muting for Studio D. The studio may be
placed (or removed) from AIR status by toggling either the ON-AIR
sWwitch on the front panel of the box  in Studio D, or the
corresponding  switch mounted on the wall of Studio B, These
switches are wired in an exclusive OR, thus they function as dual
light switches in conventional home wirings ie. toggling any
switch reverses the ON-AIR state of the studio, thus allowing one
to take the studico on or off air from Studio B (where most
recording  is done) or Studio D itsslf. When Studio D is placed



ON-AIR, the warning light over the studioc door is activated, and
the PA speaker in the studio ceiling is muted (preventing even
intercom pages from reaching Studio D of cowse the "9" function
described above still remains active). ’

'y Circuit Descriptions:

The +first page of the schematic diagram shows the power
supply and circuitry for the "99% function. The intercom line is
constantly monitored by two 5867 tone decoders 101 & 107, ICi is
sel  to decode the touch-tone row, and IC2 is set to decode the
touch~tone column. The outputs of these devices (at pin &) clamp
to  ground when the appropriate tone is decoded {as sebt by
trimmers TL %2 T2 in concert with the 4.7 mfd capacitors). These
outputs are diode OR'ed by D4 and D5 before being applied to pin
#i oof the G855 latch I03.  When both tones are detected, pin #2 of
ICE goes low, which latches the output of ICE (pin #3) high. 1C=

i reset when pin #4 is brought to ground. This happens when
@ither the reset switch (82) is pushed, or transistor ©§1 is
turned on. Bl monitors the intercom—off-hook status. Its base

is driven high by the intercom line whenever the intercom voltage
is above 11.95 volts (ie. when all intercoms are hung-up and the

intercom line is un—-engaged). This holds ICE in reset, and
prevents the latch from being driven high. When an intercom is
off-the-hook, however, the intercom line wvoltage drops

significantly, preventing any current flowing through D& & D7,
and turning 81 off. This allows ICT to be sot by the appropriate
touch tones.

The intercom line is amplified by the programmable power F-
AMF IC4 (which is an LM1IZ2B@) . Its gain is set by trimmer T3,
and its output is buffered by power transistors 03 % 04 in order
to allow an 8-ohm apeaker to be driven at appreciable volume. In
the guiescent case (when the output of ICS is held low), zener DS
dogs not conduct, holding G2 off, and inhibiting the amplifier
from operating {(its output is held at ground) . Whern I03  goes
high {ig. after a "9" has been received) , DB conducts, 02 is
twned on, and the amplifier IC4 becomes functional , routing the

intercom  audio to the speaker output. LED #1 is driven by the
output  of  ICE, thus provides & visual prompt for the Tspeaker
connected” state. The intercom line is also routed to a modul ar

Jack mounted on the side panel of this device in order to enable
a intercom phone to be directly attached.

The second page of the schematic diagram depicts the
circuitry for the ON-AIR portion of this device. Components D9-
D12 and 68,06 form an sxclusive DR gate, whose inputs are derived
firam  the ON-AIR toggle switch mounted on the front panel and the
remote ON-AIR toggle switch mounted in Studioc E. By exclusive
ORing these switches, one may reverse the ON-AIR state via
throwing either switch (the remote switch iz a clamp to ground at
the tie-point “8" in the schematic). 65 buffers the aexclusive OR
output, driving local ON-AIR LED #2 and a remote LED which
attaches between tie-point "L" and ground. When the exclusive £F
gows high, 07 is also twned on, which activates the 14 VYolt

e



relayv. One  set of contacts on this relay apply 118 VYAC to  the
ON-ATR socket mounted on the top of the unit (into which a line
is plugged that runs to the ON-AIR light mounted atop the Studio

D door). The other set of relay contacts are used to interrupt
the FA line running to the ceiling intercom speaker, effectively
"muting" it (the speaker driven by the "9" function remains

unnaftfected) .
IIIY Calibration Frocedures:

The only portion of this circuit requiring calibration ig
the "?2" detector, as portraved on the first page of the schematic
and described above. The frequencies set on the tone decoders
ICL % IC2 may drift, and may be re-adiusted by tweaking trimmers
TL  and T2, These (along with tip jacks for test points TPFR &
TFLY  are mounted on the right side of the device, and may be
accessed  without removing the unit from the wall. The row  and
column settings should be calibrated separately. First (starting
with the row), monitor the voltage between TPR and ground with a
vial tmeter. Fress a touch tone key on the "9" row other than e
(i, use 7 or 8). Adiust Tl while the touch torne sounds to get
zero valts at TPR (it should have gquiescently been at 7 volts or
B3} . Repeat this procedure until the signal at TFR responds
promptly  to the touch~tones (to increase the sensitivity of this
adjustment, several intercom telephones shouwld be off the hook,
thereby lowering the amplitude of the touch-tone signals). Once
the Row has been calibrated, the process can be repeated for the
column {ie. hit a column key other tham "Y [rzs o "&"1, monitor
TFLy  and  adiust T2 . Atter this process is completed for both
row and  column,  the unit is calibrated, and should respond
promptly to the "ov, One important note; before trying to
calibrate the tone decoders, make sure the unit has been powerad
on for several houwrs to avoid any transient effects.

Hecause the range of adjustment is limited {(due  to  the
series resistors together with the 1K range of the trimmer), the
device doesn’'t always want to calibrate to the "9", There are
two potential solutions to this problem. I+ possible, the unit
may be able to be tuned to another number (ie. "gt, AT, or "HYy
the *,#, and "@" are already used by the intercom system).
Otherwise, one could pull the box off the wall in order to lowsr
the series resistors and increase the values of Tl  and TE. I
never bothered to attempt the latter modification myself, dus to
other pressing engagements. One could also replace ICL and ICE
by a crystal—-locked touch-tone decoder I8 {(which have only
recently become available at Radio Shack, etc.). Just a few
possibilities.....

The only other calibration is the amplifier gain set by
trimmer TI. This trimpot controls the volume of the speaker, it
is  already set to be adequately loud, and probably will never
need readjustment. It is located on the circuit card inside the
box {as shown in the 3 'rd page of the schematic).



IV) Practical Considerations and Troubleshooting Hints

I¥ one must take this box off the wall, watch out for
unprotected 1180 VAC contacts on the relay, power switch, fusea,
ety it's really easy to get zapped if vou're careless (the
voice of edperience). Before one decides to take any maasures,
first make sure that the unit is getting AC power; the pilot
light is & bit dim, and people occasionally twn it off (which is
strictly forbidden).

I¥ no audio is coming out of the speaker after the "9" isg
angaged {and the green LED #1 goes  on  indicating command
acceptance?), first check that the speaker is connected properlys
the connections at  the speaker aren’'t aextremely secure, and
people occasionally mess with these things. I this is Ok, and
audio  is still missing, the problem may be in the IC4 network.
If 02 & DB are working O and 03 & 04 are fine, the problem may

indesd be a defective [04. This has never happened before. Tf,
howsver , IC4 has to be someday replaced, one must bear a few
important  pointers in mind. When building this circuit, I

noticed that not all LMIZOBO s disconnect their output (allowing
the S3.1K resistor to bring it to ground and turn off O3 & 04
when disabled at pins 7 & 2 via 02, I had to try several devices
until I found some that worked this WAY .« This is important: if
there dis a bias on the output of IC4, the transistors will
quiescently load DC voltage into the 8-ohm speaker, causing
things to become hot and unhappy. Wher checking different
LMIZE8A s for this effect, disconnect the speaker, thus unloading
this output to prevent such undesired heating.

The maximum power supply voltage recommended for the LM1Z880
is 19 volts. Because of the +9 and -12 volt rails on the powWer
supply in this circuit, the LMIZEB80 is being driven approximately
&b volts above its rating (which may edplain some of the anomolies
noted above). This has not caused any apparent difficulty =o
far, and the device has been functioning flawlessly for over two
WA .

I+ the intercom line is connected backwards, 01 will be
unable to reset ICYT when all intercoms are hung-up, leaving the
speakar  connect and LED #1 illuminated until the reset button ig
presseed. It's connected properly now, but this showld be
monitored in case the intercom is monkeved with.

All  other trouble-shooting should be tairly trivialy there
aren’t too many tricks applied in the other circuitry. The only
problems  which I've had in this circuit have alwayvs been traced
tor bad connections on the FC card (which is a bit of a  meEss).
These have all been located and repaired vyears ago, and the
device has been working fine since. Hopefully it continues this
tradition (knoock on aluminum) .. ..
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THE WHMFO MUSIC-ON-HOLD DRIVER AND INTERCOM BULE RELAY

¥ 608 Ohm Balanced Audio Input (Left)
* H0@ Ohm Balanced Audio Input (Right)
* Intercom Line

# Intercom L-Fad Defeat Line

* VYoltages from Fhone Bos:
~&& Volts, Ground, 1@ VYolts AL, BB

¥ Music-On-Hold Audioc (3 channels)
# LY line for circuit #5 {intercom)

* Modular Jack for Intercom Fhone



THE MUSIC-ON-HOLD DRIVER AND INTERCOM BULE RELAY

IV Function and Operation:

This device is located in the room with the main Northern
Telecom Box (ie. it was once called the "News Office"). It is &
small  black plastic box with aluminum cover mounted on the wall
naxt to the phone box. This box contains circuitry to drive the
arny  {or &ll) of the three telephone lines with an audio signal
when a caller has been put on hold. The audio lines which feed
this device originate From Master Control, where they are
normal led to  the external monitor feed via the patchfisld {ore
can  concelvably override this patch to supply callers on  hold
with the audio of vouwr choice). Three clearly labled toggle
switches are mounted on the side of this plastic box  which
connect or disconnect the telephone lines from the music-on-hold
feed. I any of these switches are OFF, the corresponding
callers will not hear any audio while on hold. These switches
should normally be left OMy, so that the music-on-hold will be
always working. They were installed so that this feature could
be defeated when necessary (ie. when someone "important”  with
fragile moral stature calls during a potentially offensive on-air
RO am) . If any are turned off for any reason, remember to turn
them on again afterward.

This circuit also contains a relay which connects to the
phone  box in order to illuminate the intercom bulbs  (in  multi-
line phones) when the doorbell rings, the EBS system ig
activated, a paging "tune" is playing, or the intercom is engaged
and commected to the speakers (this last task is performed a bit
more  thouroughly by the Intercom ETU mounted inside the master
telephone boxy see its writeup for more details). 6 modular Jjack
is connected to the intercom line via this device, enabling an
intercom telephone to be located in this room, thus allowing its
ococupants to communicate with the rest of the station.

ITY Circuit Description:

This circuit is relatively straightforward, as seen in the
one-page schematic diagram. The power supply is a regul ated 1§
Yolts  drawn from the -~246 Volt main supply of the telephone box.
One important thing to keep in mind here is the polarity reversal
of  voltages in this circuit relative to those in  the Northern
Telecom phone box. The -2& Volts is used as GROUND  in this
circuit, and the Telecom ground is used as an effective +7&

Volts. This means that the ground of this bosx is at -26 Volts
relative to the Telecom Roux {and the rest of the radio
stationt! )y, Thus, when hooking up test aquipment, etc. DO NOT
SHORT THE GROUND OF THIS DEVICE TO ANY REAL GROUND! ! This is

also  true when hooking up the shielded audio inputsy DO NOT
CONNECT  THE GROUNDS OF THESE CABLES TO THE GROUND ON THE  BOX!
I¥ the "grounds" are connected in either of these scenerios, the
~&&  Yolt main supply for the Telecom circuitry will be shorted
out, causing a fuse to blow in the Telecom Box, and knocking out

R




all telephones

short out this
Separate

Master Corntrol

in the station.
"ground.

left and right balanced audio pairs are run  from
and input to differential amplifiers ICla and I01ib

S0 avoid this problem, and don t

{granted, one
line, but we
These OF-AMFs
signals. R
gquality, but

Evervthing is

pair would have been sufficent for a mono phiornes
decided to leave room for future flexibility).
convert the balanced auwdio inputs to single-ended
is a 1458 dual OF-AMF;  not the best choice for
certainly amply adeguate for the telephone lines.
AC isolated via Cl-C4 since all  OF-AMFE  are
referenced to a Y Volt bias via K11 & Riz. The telephone lines
are driven via OF-AMPS IC2-104. These are 5534°'s, and are used
here because of their high (100 mA or so) output current rating.
The gain of each driver is adjustable via trimmers T1-T3, The
output  of each 9534 is AC isclated (because of the 9 Yolt bias),
and fed to line transformers TR1I-TRI via the defeat switches 51—
5% (which are mounted on the side of the bow, as discussed
aboveal ., These transformers isolate the telephone lines from the
local ground. The 4 mfd capacitors (C13-C1%) block the DO
telephone voltage. High Voltage surge protectors (conventional
Radio Shack VDRs) protect the circuwitry from excessive transients
and spikes (these lines do not have any ring signal on them).

The intercom relay is shown in the 1ower part of the
schematic. It is driven by the station-wide intercom L-Fad
defeat line (see intercom wrriteup). When the relay is closed, it
connects  the 10 Volt AC bulb supply to the "L" connection f o
circuit #3, thereby lighting the intercom bulbs in the multi-~line
telephones (An LED on the front cover of this device is also
illuminated).

ITD)Y Calibration Frocedures:

The only adiustment possible to make for this device is
selt the audio level for sach of the three telephone lines.

ie done by tweaking trimmers T1-T3 (located on the circuit
inside the box). To get the best gain balance, call someone s
outside of the university (the lines are "lossier" when calling
outside), and adjust the gain for the corresponding line uwuntil
the caller is satisfied that the music-on-hold level is optimal.

to
This
Card

V) Trouble-Shooting Hintss:

This device is so simple that trouble shooting should be
straightforward., Remember not to connect the loacal ground to any
"real" ground, as emphasized earlier. The KTUs For the 3

telephone lines require a strap to be set in the proper position
for music-on—-hold to work. I've set these straps on the current
ETUs, but they may need to be set again if our KETUs are replaced.

I+ the intercom bulbs seem to remain illuminated {even
though the intercom is unengaged) , the problem may be a stuck
relay  in this cirecwit, however it is more probably  due to

difficulty in the Intercom ETU circuit.

Refer to the writeup on
that device for details.
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THE WMFQ INTERCOM KTU CARD

INPUTS:

#* Intercom Line

# Fower Supply from Telecom Box:
~&£6 Volts, 18 Volts AC, Ground

OUTPUTS:

*# YLE" Bulb line for Intercom



THE INTERCOM KTU CARD

I} Function and Operation:

This circuitry is located on the ETU card sitting in slot #5
of  the card cage in the Northern Telecom box located in  the
former News Office. It senses whenever any intercom telephones
are off-hook, and illuminates the intercom bulbs accordingly in
the multi~line telephones. This is ite only purpose.

IT) Circuit Description:

The basic unaltered ETU from Morthern Telecom did not work,
since 1t contained only a relay, which had too low an impedance
for the intercom line and was not compatable with the 1ower
intercom voltage (15 Volts quiescently, vs. the 50 Volts or 50 of
a standard telephone line). As a result, the simple circuit
portrayed in  the schematic was hacked onto the Telecom KTU in
order to drive this relay and activate the bulbs.

When all intercoms are hung-up, the 15 Volts present on the
intercom line cause a current to flow through zener DI and IR
emitter LEDL. The infra-red light produced by LEDI turns the
infra-red phototransistor 01 on, which drops the voltage at its
collector, thereby turning 02 off and leaving the ETU raelay in
its dormant position. When an intercom is picked up, however,
the intercom line valtage drops, causing a reduction in IR output
from LEDI (perhaps  tuwrning it off entirely if +the intercom
voltage becomss lower than the rener breakover of D1). This
light reduction  decreases the current flowing through &,
correspondingly raising its collector voltage and turning G2 Or
thereby activating the KTU relay and illuminating the intercom
bulbs. Zeners D2 and DI block any quiescent collector voltage on
Bl Ffrom reaching the base of QP when all intercoms are hurg-—up .
Baware of the polarity reversal: what [ call +24 Vaolts here is
really  Northern Telecom ground, while what I term "ground”  is
actually the Telecom ~26 Volt supply.

ITI) Trouble-Shooting Mints:

I+ the intercom bulbs someday appear to be kept illuminated
{even though it has been proven that the intercom line is not
somehow  engaged), this circuit may be at fault (check alsoc the

intercom bulb relay in the music-on—-hold box). AN easy way of
determining if this card is at fault is to remove it from  the
card cage. If the intercom bulbs then go out, vyou've found the
culprit.

I+ the IR output of LED! decreases or the efficency of 01
somehow  declines, the ETU relay may be held on perpetually.
Check or replace LEDL and/or 01. Ferhaps diddle with the values
of D2 or DI Beware the ground reversal, as mentioned above.
LEDI  and ©! must be butted closely together and isolated +rom
autside light (a straw wrapped with black tape is now used).

[
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THE WMFO EXTERNAL _INTERCOM FHONE RINGER

#* Intercom Line In

QUTEFUTS:

¥ Intercom Line {(with ring) Out



THE FHONE RINGER FOR _EXTERNAL INTERCOM MODULAR FHONES

I Functions and Operations:

This device is a small aluminum box (with a large
transformer hanging below) mounted on the side of the grey
"monitor” rack in the Master Control room. When one pushes the
black button on the face of this box, all modular intercom phones
connected at  "external"”  intercom sites (ie. the Eallou Hall
tiransmitter room, Curtis Lounge, and MacPhie Fub) will produce a
fring'. This wcircuit is unable to ring standard old-style
telephones with bells. It can, however, also illuminate a neon
braad b A switch on the side of this box selects the ring rate’.
Most modular telephones will only ring when this switch iz in the
TLOW" position, which also vields an annoving clicking when the
intercom is off the hook. The "HIGH" position will not ring most
modul ar phones (it will work with some of them), but instead
produces  a piercing 700 H:z. squeal when an intercom is off the
hook  (providing a possibility of getting someone’s attention in
this case). The switch should normally be left in  the "LOW"
position. This device should not be activated for more than
about 38 secs. at a time {(otherwise the power transistor mounted
on  the bottom of the box begins to heat upl; ie. don’'t  lean

excessively on the button!! Although there is some pickup on the
Fa o lines, this device does not affect any intercom telephones
inside of the station. It has no effect on the air signal,
@ither.

ITy Circuit Description:

This circuit is quite simple, as seen in the one-page
schematic. A 25 Volt (or so) DO supply is requlated to 15 Volts
via &1 and Di. This 13 Volt supply is used by a 55% astable
clock (IC1). This clock runs at either approx. 7 Hz (when switch
81 is  set slow) or 700 Hz (when 51 is set Fast). When the
pushbutton 852 is pressed, the 15 Volt swing of the 555 is boosted
to 235 Volts (ie. peaks @ the raw supply voltage) via 02. This 3%
Yaolt  sguare wave at the collector of 82 is bufferead by emitter
follower OF (which is a ZNIDS5 power transistor heat sunk to  the
chassis). O3 drives the monitor LEDL and step-up transformer T2.
The secondary of T2 is connected to the external intercom lines
when 82 is pressed, thereby applying the high—-voltage ring
signal . When 82 is released, (02 % 0F are disconnected, and the
input intercom line is routed directly to the external sites.

111 Trouble-Shooting Hints:

"Step-up" transformer T2 is actually a conventional 15 VAC
"bell" transformer connected in reverse, hence its efficency
isn’'t the best, and its lifetime may be limited. I+ problems
Crop up (and none  ever have so far) Z  may need replacing
(hopefully with something more efficent), or 03 may be shot. Of
cowse, first check the fuse and power supply transformer Ti.
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THE WMFO DISTRIBUTION AMFLIFIER

# HBB Ohm Balanced Audio In
{(L.eft and Right Channels:

#* Eight Independent &BE Ohm
Balanced Outputs per Channel



This circuit fans a single 680 Ohm balanced input into eight
independent  &@8 Ohm balanced ocutputs, thereby allowing a single

"professional”  audio device (with output rated at a single &BB
fOhm  load) to drive up to eight devices with balanced &8@ Ohm
inputes. Each amplifier is built in pairs, enabling stereoc
signals to be handled. Each studio has a Distribution Amplifier

wired between the mixing board output and all other device inputs
{ie. all tape recorders and Master Control [ie. potential fesed to
other studios and eventually to the transmitterl). The in-studio
digtribution amplifiers are mounted on the Stereo Interface
panels, and wuse their "raw" power supply voltages, thus turning
the Interface power switch off will also remove power from the
Distribution Amplifier and potentially prevent program output
signals sent out of the mixing board from reaching the outside
world {(this is the reason behind the "ALWAYS LEAVE ON'Y" stickers

taped to the front panels). Fouw Distribution Amplifier cards
are located in Master Control (the lowermost unit in the blue
inter—studio rack). Three of these "DAa'sY (to use the

conventional epithet) fam signals from the studios (which come
from their local DA's) to the other studios, the PA mixer, and
the studio switcher. The fourth D& in this wunit Ffans the
external FM monitor  signal out to esach of the studios (incl.
Studico D, the Mugic-on-Hold, etc. {(the FA feed comes directly

fram the monitor unib). If this unit is ever powered down,
signals generated in any given studio will not reach anywhere
@lsse, and most monitor feeds will be dead. All connection into

and out of the DA's are routed through patchfields {(in  a&ll
studios and Master Control), thus they mavy be overridden via
patohing. In this fashion {(for example), one may drive the
distribution amplifier input with a sowce other tham the
studio’'s mixer board, and route it to whichever devices are
desired (the tapedecks and Master Control feed are driven through
the patchfield for the studio-based DA's). I+ & DA is down, one
may patch directly from the DA input to the most important DA
output  to continue operations while the wunit is being repaired
{ig. Ffor a studio, one might want to patch from the board’'s
program output directly to Master Control). By using a passive
Zeway split on the patchfield, oneg can feed two devices
simul taneously from a single &0B-ohm input, thereby allowing one
to feed, Ffor instance, both the Master Control line and a tape
dechk input.

There are no "controls” which allow operator  interaction
with the Distribution fAmplifiers, except for the Interface power
switch, which should be normally lett on. The opsration of the
DA's are btotally tramnsparent to the casual WMFO disc jockev.

ITY Civcouwit Description:
Since there are usually two of these devices in the airchain

at any given moment, they are designed to have relatively little
effect on the audio signal and are quite simple in nature, as



sean in the single-page schematic depicting one channel of a
sterac DA The 5532 Dual OF-AMFP provides two differential
amplifiers which produce an inverted and noninverted audio signal
{(the + and - inputs are wired oppositely in each amplifier). The
"gain"  trim Tl adjusts the difference between + and - inputs,
allowing the gain across the DA channel to be varied between zero
and approw. 3, The common-mode balance is adiusted via trimmer
T2, The OF-AMF outputs are buffered to very low impedance via
power transistors G1/702 & 02/04 (these are conventional TO-2720
TIF types; because of the relatively low loading no heat sinks
areg nNecessaryd. Diodes DI1-D4 provide biasing to allievate
crossover distortion. Because the emitter voltages are fed-back

to their respective OF-AMPs, the output impedance is consistantly
low, allowing several independent &80-0Ohm loads to be tied to the
+ and -~ outputs via Z0@-0Ohm resistors {(gach channel has been seen
o @asily drive 8 such loads). Integrating capacitors
C1,C2,05,C4 prevent the excessive speed of the S532 from passing
high—frequency "spikes" and causing instabilitv.

The "raw" power supply from the Stereoc Interface front panel
{approx., +/-25 Volts or so0...) is used by this circuitrys it is
fed directly to the buffers G1-04, and is dropped by a pair of
regulators to  form a +/—- 18 Volt supply for the S532's, The
collector  lines for @1-04 are supplied by jumpers run  on  the
underside of the circuit card. Although provisions for 78/7918°'s
exist on both charnnels (the foil patterns are identical for  each
channel), the regulators are installed only on one channel, and
the +/— 18 Volte are bussed directly to the 5532 on the other.

Frinted Circuit lavitouts are shown for a full stereo
Distribution Amplifier card. fAs mentioned,  there are no common
commections between the channels, and all power supply voltages
must  be jumpered. The last page of this writeup shows the
printed circuit pattern with component locations hastily penciled
in {(this was my assembly worksheet for the prototype). Refsr Lo
a completed unit for the actual component mounting, orF puzzle it
out yvourseld from the schematic. The location of trimmers T1 and
T can be seen from the letters "gain" and “"bal." witten
backwards on these sheets.

I11) Calibration and Adjustment:

When a DA is firset built, its gain and input balance must be

trimmad upon installation. First the input balance is adiusted.
Bet the gain to (or near) masimum if it has rnot been adiusted.
Apply  the "-" end of an incoming signal {(ie. an oscillator @
Ikhe)  to the DA ground (ie. chassis or shield of patch cable).
Apply  the "+ end to the incoming signal to both + and ~ inputs
of  the D& under calibration. With a DA already tied into =

patchtisld, this can be done by patching one end of & cord into
the DA input, and attaching clipleads from an oscillator to  the
other end (needless to say, only one channel of a DA should be

calibrated at a time). Connect the DA output to a balanced &BE-
Ohm audio monitor {(ie. patch it into the board, and listen to it
orn progeam  or audition). Adiust T until the oscillator  tone

dissapears (or is minimized). The DA channel is now balanced.

-



ALl DA's at WHMFO have been set to yield unity gain. This
enables one to patch around a DA (when necessary) without
suftering a change in volume. To adjust the DA gain, first patch
a 6@0@-Uhm audio sowce (ie. use the House Tone Oscillator on the
patochfield) into & fader on the board, and adiust this fader

urtil the meter level reads at 8 VU. Then patch the House Tone
into the input of the DA under calibration, and patch one of its
outputs  into the same fader on the board. Adiust  the gain
trimmer T2 wuntil the meter level on the board again reads at @

VU fssuming that the board impedance is a typical 400 Ohms, the
DA channel  is now set to unity gain, and its calibration is
finished.

V)Y Troubleshooting Hints:

These DA's have run beautifully for about 1.5 vears. The
only initial problems have been dus to bad solder connections
{remember, these units were assembled by staff voluntesrs). The
major places where bad solder connections have been found were in
the output  btransistor mountings. During assembly, these
transistors were switched more often  than reqguired {due to
reversals, swaps, etc.), causing the etch here to become & bit
torn up. I have never found a bad transistor, diode, etc.:; it's
always been a bad solder connection at the output transistors.
Check  this first; otherwise the symptoms of & bad output
transistor or biasing diode are fairly conventional. The 5532 s
should live for a while, although they are socketed and easvy to
replace (they normally run a bit hot).

If there is & problem, two spare and tested DA cards are
cwrrently living on a shelf in the Engineering Closet.
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THE _WMFO STEREQ INTERFACE

¥ H@B@-0Ohm Balanced Mix in {(Left & Right)
#* 7 Bingle-ended High-Impedance Stereo
Mix Inputs (Fairs of various jacks on

front pansl).

¥ 6@@-0hm Balanced Line in (Left & Right)

¥ HBB-0hm Balanced Mix out (L & FO

*# 5 Bingle-ended Stereo Line Outputs
(Faire of various jacks on front
panell).



IV Function and Operation:

A0 WMFO stereo interface unit is mounted in a rack in  each
studio. Its primary purpose is to enable stereo signals to be
mixed, processed, and buffered to-and-from the &B@0-ohm balanced
audio standard used throughout the studios. Most "home" tape
decks and  other auwdioco components possess relatively high
impedance unbalanced line outputs (ie. i EOhm or greater). Ore
could somehow "kludge" these devices into the WMFD svstem by
connecting the "-" input to ground, and the "+" input to hot {ie.
going directly from the "jacks panels'). This has at least two
difficultiesy primarily the "unbalancing” of the audio line to a
common ground {(which can create hum and noise), and the edcessive
loading of the device output {(which can create low audio levels,

high-freguency drops, and distortion?. The Sterec Interface
solves this problem by providing a high-~impedance input for “home
audio compornents” and & balanced output to the &08-UOhm world. &

series of Jacks on the left side of the front pansl {see third
page of schematic) allow one to plug & variety of devices into

the interftace mix input. Frovisions are made for two pairs of
standard 174" phone jacks, two pairs of RCA jacks, one pair of
178" phone jacks, one pair of terminal post/bannana jacks, and

one pair of pin jacks. These inputs are rated at 68 E-UOhms each,
and can  be used simaltanecusly without crosstalk or loading
problems. A additional input is provided so  that balanced
signals from the patchfield may be included in  the mix  and
processed via the Interface’s controls {(this input may be thought
of as an "eigth" $front pamel inpuat, although it is fully balanced
Chowever with & 18E-0Ohms input impedance to minimize loading!]
and appears on the patchfield?.

The Left and Right Channel gains of this mix  mav  be
independently adiusted. A swiltch is provided for guick cut-off
of either the left or right channel. A switch and gain control
is  also provided for a special Mono signal. The lefi/right
balance of the mono input may be adjiusted via a ‘'source" pot.
The left/right destination of the mono signal may be adjusted via
a "pan' pot. The mono feed may operate simultarneously with the
stereo fesd so that stereo dynamics and separation can  be
controlled. "Peak”" LEDs are provided for each channel which
illuminate when the corresponding signal level is excessively
high.

A "Right-Channel Invert" switch is included in  the mix
circuitry. This allows ong to invert the phase of the right
input channel . This can be used to correct the phase of one-
channel -inverted tapes and sowce material. It also can be ussd
with the mono feed to cancel vocals, etc. {just tuwrn the stereo
feaeds off, mono feed on, invert the phase, and adiust the
"sowrce” conbtrol until the desired track drops out). When this
featwre is unused, this switch should be left in the "Normal" or
un—inverted position, otherwise the next person to use the



interface may inadvertantly have his right channel inverted.

The rightmost section of the interface panel is concerned
with & balanced to single-ended line output feed. Five paires of
single-ended Jjacks are provided for easy mating to most  home
Ui pmant (le. 174" phone jacks, 1/8" phone jacks, RCA  jacks,
bhannana/terminal  posts,  and pin jacks are provided). Theses
outputs may be used simultaneocusly, and have a 1E-Dhm impedance.
Independent controls are provided for adjusting the left and
right output levels. These line outputs are fed From the
patchfield, and are normalled to a Distribution Amplifier output
(which is normalled to the board’'s program output).

The distribution amplifier for esach studio is also mounted
behind the interface front panel, and taps the interface power
HLEE LY. This means that the power switch for the interface also
controls  the distribution amplifier, thus the interface should
never  be powered down (except in the caszse of a total studio
shutdown) , otherwise the studio becomes effectively disabled.

A small clock/timer unit is also mounted on the interface
front panel. This unit can count seconds (up to 1% min.), and
gives the time, date, estc. Ses attached sheet for instructions.
This clock  also runs off the interface power supply, thus is
reset when it is twned off.

Iy Circuit Description:

The First page of the schematic diagram shows the “miu®
cirouwitry. GE3E OF-AMPs are used throughout the audio chain  to
retain  guality. The balanced mix input from the patchfield is
converted to a single-ended signal via differential amplifiers
ICla and ICZa (note the high 15K input impedance). This signal
is mixed with the inputs from the front-panel jacks in ICib  and
] The phone-jacks (with integral switch contacts) clamp
their inputs to ground when nothing is plugged in. The output of
the right mix may be selectively inverted by throwing a 5534

inverter into the circuit via 51. Both left and right signals
arg welghted by the "mono souwrce" pot Fl before being summed in
ICHE. The driver sections for each channel are composed of 5532s

ICE  and IC4 (which are capable of driving the &80-Uhm outputs).
These selectively mix the feed of each channel (weighted by F4/83

W PS84y with the mono output. The mono gain is set by the
inter-stage pot FPE, and it is selected by switch 82Z. The “mono
pan'  pot F3 adiusts the imbalance in the mono feeds to the left
and  right  channel drivers. A 1488 OFP-AMF (IC&) is wired as &

comparator  to detect large signal swings on either channel.
Whenever the auwdio output ("+" end used here) exceeds a preset
level (set by trimmers T1 & T2), the corresponding "Feak” LED is
illuminated.

The line-output and power supply sections of the interface
circuitry are depicted in the second page of the schematic. I108a
and I0%a are differential amplifiers that convert balanced audio
into single-ended signals (note the high 15K input  impedance?.
These signals are scaled by Fé& & F7 before being buffersd by
voltage followsrs I08b and IC%bh. The individual single-endsd
outputs  are isolated by 1.3E resistors before being brought  to



the front panel.
The before-regulator power supply circuitry is all mounted
o the  front panel {this is also used by the distribution

amplifier, as noted). On-board 7818 & 79218 regulators vield a
stable supply for all O0FP-AMPs (some interface units may use the
TE1H L VYIS for 4715 Voltsd. Diodes DI-DE & buffer @1 drop the

+18 VYolt supply down to 1.5 volts in order to power the
clock/timer mounted on the front panel.
The printed circuit pattern for the interface is given at

the end of this writeup. A hastilv-sketched component placement
guide is also included; refer to a completed unit for details.

ITTy Calibration and Adjiustment:

The only adjustments on the interface circuit cards are the
thresholds for  the "peak" LEDs. These have been set to agree
with the corresponding LEDs in the LFPBR boards. Fatch the house-—
torie pscillator into the interface mix input {via the
patohtield). Turn the left & right feeds off, and mono feed on.
Adjust  the mono pan pot to center. Fatch the interface mix
output to an LFB board input, and adjust the corresponding fader
to the 12:080 half-pot setting. Twn the "mono” volume pot on the
interface up uwuntil the red LEDs on the LFE VU meters +first
illuminate. Adjust trimmers T1L & T2 on the interface card so the
interface’ s "peak” LEDs just barely come on. The adiustment is
OnN@. we o I+ one is calibrating the SBtudio B interface unit,
patch a feed from one of the LFR boards in another studio into
the interface input (the Studio B board is currently a Gates unit
which has no LEDs).

I+ the clock on the front panel reads the wrong time, refer
to the attached instruction sheet for re-setting directions.

IV) Troubleshooting Hints:

There have been no problems with these units in their 1.3
yvaars of operation. Since most of their assembly has been
parformed by staff volunteers, watch out for bad solder doints (1
found guite a few...) and defective wiring on the front panel.



Sose by,

=
>

4 u.\.b-
Ay

23

ng+

()
.||s>.<<.|.0 MT
——stry—0
@
AN S TY " MY C @
1y Td TETE S Tae——rrs
@ JJJVJPIH oMY Odwm
—ww——0
.III.QSA\I‘..Q
0
...u_ —r /0 O\V!JAVV
b
- = t+——mmar—0
e T .
i : %l T A1y
+ T weva = — . !
woz |5 b 5 o o
= .|¢<$¢|II|J- p L] A
sy, s €S ha Usst . + ﬁ,q#dv
e Sd 70 1T A o
w hn, pt I )
13 "N, . Aoal 4o - 1997
v.l.l(fs)wo\ll gn
J i n n 3
iy}



-

~
~Corag

Siy  ox 3
5 Lt Sl
| - < T ] 1812 T T
\aw - [ o 3 ~T
=00 N |
hw 2 = - - “Voop t,
amoy .(_.H J...HN\.. T kool TS
& ¢ T 5T dage| = r:
N+ +o )
— 1 '4&
@9 4 1o
hewml Slol 3 v
A1) Y ?
\ow - aQ dev n oﬁd‘v!s—‘ﬁ{Soo
\}MQHIHI r.—ﬁ.“-_
Atony .
Kl Y r:..ia‘ H .(w.
)| Aiu:.?
TS
thoswvt
T SIVA fof
4 o >
Ame 5 B\VE 5t L
“aatyAdey vomgiatng 1127
RN ~MO
~u 4 Car oflv
n ("N 1) 4a-s
PR it A N
av.rs.:m!t..) ML 2oy g
Oﬂhﬂc}\)\Q uh @

D8] L VI A23Y¢

|V¢JU\V.V¢H \d\.dl_-w. 0%{3

2ard
& by,
2NN
21 ol
R XY B14



‘et e d v (0drq duCedend
Ao e 15 1nd1m0 rreeq T tew
@%O PAME ML Sewny ﬂsﬁvu_sfi

Gyt

$yn) °f)@ RS

Ro-ly L ol

vﬂrb— oA
dJl—l

\iOAw

. 21°n

37C W) A7mg e - $' s
Ave Wy =@

2 ’ [
\/\(.0\6 ] “o ey Amgerd = @ @
. \ﬂ /— u bn w. &obﬂ.éé«—% wiw .stA = 0
AvCoovd B - Q@
..to..r.(ﬁ.«(oV Hdsh
RS oo,
® o [ -3 -0 Ry Q- 3 . T,
L 3 ¢ ? o e0 v 210631 Tan @ @ Ay
1
@ o B/ ) e e @ <
e o O .
® ® @ g - Y | J&\-\t &\—\ 3\.& @ @ @ h«.ﬂm& ¥md
o ‘wonN Cicat ) Ad0 330 dde Yirmg 9
i p QD 2 2 B 7w
® €y anl e g ve MO
N 29 P R o ® @
-Jo) -~ -
ute O 2
d 3 > AWiuayvr 039915 0dAwm 3 I A%
%f\ »55
Aﬁ.:..«mcs g
VA
1. > —_— N M CoA
b e C — XIS 20y A AT 222\ () ol ™M

0..5:\4& < —

L



%\/

L

.\/
T .

(i

| m@@@mmm

@%_4

. \KH/ \M}N/
|| 217° 3.?.4 Jp==
aadw %m@a@a 66888°
At g |-
néI }L P
w%w

(__kY ot (ev- Xv:‘{f(kgb ?C Cavd




I
§
z |
=
"~
o
N
N g
-m
=
m
)
=
[
m
=
! "
- <
(- Oofwi
’ ©o—W
©o—v

D\’A(T O( IA'VQV (&cg Compone.:\’ LQCuTn‘auS
—4 i

“Fov mg;\,~ el o
CompleTel Cu,d.




I V\STPV:;T\-°“5 4

!

-(;r T Nevface Timy/élook
[ 4

T T

;’__,_—-——-j/"

10 USE TIMER:

Lo

INSTRUCTIONS -

O READ TIME:

1. Normal dispiay shows Hour:Minute.
2. Press D once to show Month & Date.

-3. Press D again 10 show Seconds only.

4. To return to rormal display, press
D once more.

TO SET TIME:

1. All setting is done Dy pressing S.
The setting sequence is: Month, Date,
Hour, Minute and Second.

2. To change any function, press S
- until function to be changed appears.
Press D untii correct figure appears.
\When all functions aré “correct, piess

S until Hour:Minute shows ‘with colon

flashing. If colon is not flashing.
press D. T

4. Press T for timer mode. Dispiay will
___.show 0.00 {as shown at right). —.. -

2. Press T again io start timing.

3. To stop timing, press T once more.
Dispiay will snow elapsed time.

4. Press D to return to normal dispiay,
or press T again to reset timer.

5. Timer counts 0 15 minutes, then

resets to zerc and keeps countng in

15-minute increments.

.. SetDate

(D) DISPLAY  (S) SET

" SET MODE FORMAT

Set Month 1
—

e settiour + (2]

"~ Set Minute
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#* HBO~0Ohm Balanced Audiao In (L

¥ Single-—ended 18K-0Ohm
Microphone input {(on panegl)

# External Fitch modulation
valtage input {(on panel)

b R SR N O

2 R

¥ H@@~Uhm Balanced Audio Out (Mono)



I Function and Operation:

There is only one pitch shifter installed currently at WMFO.
It is mounted in the effects rack in Studio B, and its input and
output come up on  the patchfield. The second page of the
schematic shows a rendering of its front panel.

This device can shift the pitch of an input audio source
down by up  to several octaves!!). It is also capable of
aensrating vibrato and strange resonant feedbachk effects. It i=s
based upon an analog delay (vs. newer high-end devices using all
digital technology), hence its sound is a bit rough, noisy, and
glitochy. For the price and simplicity involved, nobody’'s
complaining. It sounds & bit rough on music, but is fine with
VOLCE. The pitch shifter is a mono device, and sums both left
and  right dinputs into a single channel. Balanced inputs and
outputs are provided on the back of the panel {(which come up on
the patchfield). A high-impedance, high-gain input is provided
via a 174" phone jack on the fromt panel in order to allow a
microphone to be plugged directly into the pitch shifter.

The third knob from left (labeled "pitch") controls the

amount of pitch shift. Set at its counter—-clockwise limit, the
input audio sowrce is passed essentially un-shifted and nearly
intact. Az this knob is rotsated clockwise, the input is shifted

progressively lower in freguency, until evervithing sounds like an
QML NOoWsS growl . The next knob to the lett (labeled "Feedforward?™)
controls  the amount of original input audio signal that is mixed
with the pitch-shifted output {(ie. allowing one to spegak in
Yohords". The first knob at left (labeled "Feedback"! adiusts
the amount of pitch-shifted signal to be fed back to the pitch-
shifter inputbt. This can yvield some very weird resonant effects,
and is particulary effective when little or no pitch shift is
selected. I too much fesdback is used, the pitch shifter will
soreech in an absolutely horrible—sounding oscillation: back off
o this pot, and it will cease. When the pitch shifter is first
tuwrned on, this pot should be tuwned full off (counter-clockwise)
20  that one may set the desired effects without encountering
mecillation or other bizarre distortion.

The remaining controls on the pitch-shifter panel allow one
to set an interngl "vibrato" source. The wvibrato option is
enabled or disabled via the accordingly labeled switch {this
switch should be OFF when one first tuwrns on the pitch shifter,
again to minimize confusion when initially trimming an effect).
The vibrato rate is monitored by the panel-mounted red LED. The
vibirato rate is set by the second knob from right {(from well
under 1 He up through 25 Hz or so). The intensity of vibrato is
selh via the rightmost knob. One must remember that this machine
ornly shifts the pitch of the input signal DOWN. I+ the pitch
knob  is set to give very little shift and the vibrato intensity
ie twrned up (with vibrato switch on), one will hear a very loud
and  annoying “pop" each time the vibrato waveform attempts to

k3



shift the pitch up. This pop can be removed by sither turning
the pitch  knob to decrease the average pitch, or turning the
vibrato intensity down {one generally adiusts both of these
controls to achieve the desired effect).

A set of terminal posts/bannana jacks is provided to allow
ong  to input an external pitch modulation voltage {(ie. from  an
pscillator, envelope generator, etc.). A positive voltage at
this input shifte pitch down (only a few volts will doiy  remember
that this is not a "floating” input, and the black post is tied
to chassis  ground). Thie input is wunaffected by the vibrato
switch or any vibrato settings. I+ the disgusting "pop" is heard
as discussed above, elther drop the mean pitch further, or lower
the amplitude of the external input signal.

11 Circuit Description:

The core of this circuwit was derived from the Radio Shack

VEC-1800 Variable Speech Control Cassette Recorder. It is based
around & VBC-474 I0 which controls the clocking and audio
processing of a Sl2-stage buckeb-brigade analog delay. Most of

the circuitry around 102, IC4, ICS, and ICS is directly lifted
from the VEC-1000. IC2 is an AGBC which compresses the inpub
audio somewhat in order to reduce noise from the analog delay.
The other I[Cs are involved in the delay and audioc processing.
Rather than repeat the concepts involved, I've enclosed the
actual documentation Ffrom the VEC-10800 service manual which
beautifully elucidates this topic. It's really fascinating
reading, and I wge all interested parties to give it a skim,
1711 base most of this section instead around the customizing
circuitry.

There are two circuit beoards in this device, as seen in page
2 of the schemabtic. The large printed circuit board includes
ICL-IC7, and a 7BRY (+9 V) and 7912 (-12 V) regulator. The small
hand-wired board includes IC8-IC18, and & 7812 (+12 V) regulator.
The left and right balanced inputs are converted to single-ended

signals via the 5532-based differential amplifiers (I08). They
are mixed with the feedback signal {(scaled by F3) in IC1 {gain
sat by trimmer T1). A 1@E input resistor from the summing node
of ICla also provides a high—-gain microphone  input. The

resulting signal is applied to compressor IC2, and into the pitch
shifter circuitry, as described in the VBU-1000 document. ~After
the "raw" pitch-shifted output is buffered by I, it is doubled,
filtered, and inverted by IC7 (and fed-back to ICla via F3). The
output of IC7 is  boosted additionaly by IC%a. A &HB@-ohm
differential drive is tapped from the 5532 outputs of 109.

The S6é6 function generator (IC18) generates a triangle wave
at pin 4, which is scaled by F2 and input {via B1l) to the
modulation summer [C3, which also adds the external modulation
voltage via R47, and a voltage from the pitch control FIZ via RIZ.
The vibrato waveform is monitored by LED1l, which is driven by the
souare-wave output from pin 3 of IC1@ (buffered by &2).

The compensation network based around 81 was added to the
VEC-13B®  circuitry to cancel a small "thump" heard when the
controlling ramp-wave was reset. It subtracts a filtered



component of the clock waveform from the audio output of the
bucket brigade delay before the audio waveform is smoothed and
Filtersed by ICH. The weight of this correction is adiusted by
trimmer  T7. This circuitry was added later as a ‘"guick fix®,
hence it does not appear on the circuit card, and is jumpered and
"matohed.

The printed circuit pattern is included with the schematic
PAGRS. A coarse component location diagram is also provided:
refer to an existing unit for details.

The power supply is depicted on the second page of the
schematic. A1) circuitry on the printed circuit card (IC1-IC7)
is powered by the +% Volts; the OP-AMPs on this card also use the
-132 Volts. The circuitry on the hand-made card (ICB8-IC1E use a
+12 Volt supply in addition to the —12 Volts fed across from the
printed circuit card.

111y Calibration and Adjustment:

Some of the calibration of this device is straightforward,
and saome is a bit more arbitrarv. Trimmer locations are shown in
the second page of the schematic. Adiust the input gain control
Ti o a nominal  input appears well above any noise, and
distortion is minimal (it may be best to adiust the analog delay
trimmers first before bothering much with this). T8 is adiusted
to vield an optimum output level {(again, it may be best to adjust
the analog delay first). Trimmer T? adjusts the range of the
vibrato oscillator, and T1i0 sets its base frequency. These can
hoth be tuned as desired, using LEDLI as a monitor. Thies
calibration of the VBC-1088 circuitry is detailed in the enclosed
VSC-1080 documentation. I've labeled the trimmer pots in  the
schematic also with their "VR" numbers, so one can refer directly
to the VSC-1000 data. Trimmers VR&~VRIE must be set more-or-—less
as described (it's been so long since I built this device that
I've Forgobtten most helpful hints). When setting the TVRY
adjustments, turn the "thump compensation"” T7 full off. After
the "VR" pots are essentially set, adjust T7 to yvield minimum
clock noise and thump across the entire pitch-shifting range.

IV Troubleshooting Hints:

Thies wunit has not broken over its two-vear current lifespan.
In some respects, this is a miracle, considering how people abuse
and "bang® on it in Studio E. If it ever does break, I 've got no
special hints. Since I built the unit myself, no volunteers wers
involved, and most of the solder joints (the bane of the
community projects) should be Ok. BGood luck....

e final note: ce, IC4, and ICé& may be somewhat difficult

to locate commercially if they ever need to be replaced. The
pasiest means of buyving these parts may be to order them from
Fadio Shack as replacement components. I've listed the Radio

Shack Fart # of these ICs (along with their conventional
designation) on a handwritten page appended to this writeup.
This Radio Shack Fart # is needed in order to obtain  any
cooperation from the conventional Radio 8hack staff.
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BBD DRIVE ADJUSTMENT (Figure 3 and Figure 4)
1. Connect a DC Regulator to TP1 and TP2 (ground).
2. Connect a Frequency Counter to the TP3 and TP2.
3. Adjust the Pitch Control VR (VR3) to 2.0 position.
4. Adjust DC Regulator output to 2.462V, and adjust VR9 on the PCB to Frequency Counter reading
12.00kHz.

5. Adjust DC Regulator output to 0.270V, and adjust VR10 on the PCB to Frequency Counter reading
300kHz.

RAMP PULSE ADJUSTMENT (Figure 3 and Figure 4)
1. Connect a Frequency Counter to TP1 and TP2.
2. Adjust the Pitch Control VR (VR3) to 2.0 position.
3. Adjust VR8 on the PCB so that one cycle wave is 24.9ms.

BBD CIRCUIT ADJUSTMENT (Figure 3 and Figure 4)
1. Connect a VTVM to TP4 and TP2.
2. Adjust Pitch Control VR (VR3) to 1.0 position.
3. Connect a SG. to TP5 and TP2, and adjust the SG. output signal to 36mV and 1kHz.
4. Adjust VR6 on the PCB to minimum distortion.
5. Adjust VR7 on the PCB to minimum noise.

Note: VR6 in very close to mechanism chassis.
Pay attention not to ground the circuit when adjusting VR6.

Figure 4

0




PRINCIPLE OF VSC OPERATION

For a variety of applications, one would like to play back recorded speech at speeds faster than the ori-
ginal recording speed and still have the correct pitch, for maximum intelligibility.

VSC (Variable Speech Control) provides a practical, low cost method of accomplishing this.

When recorded speech is played back at a speed different from that at which it was recorded, all the
frequency components are changed proportionally. If the speech is speeded up, its waveform is “com-
pressed” into a shorter time frame and all frequencies are increased. The result is a distorted, high-
pitched (“chipmunk” sounding) voice. To correct this distortion, the waveform must be restored to its
original frequencies as illustrated in Figure 5-1.

VSC DELETES
REDUNDANT
SOUND WAVES
PROPORTIONATELY

DOUBLE SPEED. DELETED  TO INCREASED SPEED
PLAYBACK \ PORTION
SOUND SAMPLE |

10MS N
P2 s aN s REMAINING

\ SOUND WAVES
RESHAPED TO
VSC RESTORED SOUND SAMPLE ~ NORMAL PITCH
20 MS

Figure 5-1 VSC Method of Pitch Restoration of Speeded Speech.

This restoration consists of “stretching” the waveform back to its original shape. To make room for
the stretched pieces, alternate poi’tions of the waveform must be deleted. Fortunately, this can be done
without impairing intelligibility, since there is a great deal of redundancy in speech. By keeping the dis-
carded portions short and splicing the stretched (pitch-corrected) segments only at zero crossings,
the effect of discontinuities is minimized.

To determine the amount of pitch correction needed at any speeded up playback speed, we first define a
term “C”, the speech compression factor, equal to the factor by which the recording has been speed
up: C = playback speed/record speed. Without pitch correction, the frequency of any signal played
back in this way would be:

fout = Cfin where: fout =frequency of play back signal
fin = frequency of original recorded signal

The pitch correction circuit must produce a pitch change factor, P, such that
P =1/C, for ali C. If this is done,

fout = PCfin = —16‘ CFin = fin

and the frequency of the processed output signal will be the same as the original frequency of the recorded
signal. Thus, pitch corrected, intelligible “compressed speech” is obtained.




While many approaches to speech compression are covered by the various VSC patents, (including two-
channel, read/write “bi-frequency” techniques), the approach used in the new VSC-474 IC is considered to be
the most cost-effective. It is a single-channel “variable delay line” technique. That is, pitch restoration of the
speeded audio signal is accomplished by gradually increasing the delay of a variable delay line during each
sample segment, while audio signal information is continually fed into the delay line. When the maximum de-
lay is reached, the output is blanked for a short period while the delay cycle is reset (to the minimum delay)
and processing of the next segment is begun. During this blanking time the required signal segment deletion
is automatically accomplished. (see Figure 5-2) '

SPEEDED INFORMATION
RESTORED TO NORMAL F:Z-\
| — INCREASING DELAY

[ 7 => WAVEFORM STRETCHING
=> TIME COMPRESSION

c't=(C-1tFORc> 1

SPEEDED f+——SAMPLE —+fs— DISCARD - —>je— SAMPLE —+fe— DISCARD —+js—— SAMPLE —+]

Vicwt) 20-~-30ms
c>1

C ) ) L 1
RESTORED o4 L ] Le !
"——— SAMPLE >~ = SAMPLE e T SAMPLE 1
V{iwt) GAP GAP
1-2ms

Figure 5-2 Signal Stretching by Increasing Delay

A Bucket Brigade Device (BBD), which is an analog shift register, can be used as the required variable delay
line, since its delay time can be controlled by an external clock driver.
It can be shown that if the frequency (period) of this clock driver varies continuously and in such a way that
each clock pulse period maintains a constant ratio to the previous clock pulse (i.e. the clock pulse periods
form a geometrical progression), then frequency change by a factor (P) will occur to any signal passing
through the BBD. The actual relationship is as follows:
1 -

ki

Where P is the pitch factor

R is the geometric ratio, and
n is the number of stages in the BBD

And, as shown above, if ~;— =C, for all C, the requirements for speech compression will be satisfied.




GENERAL DESCRIPTION OF VSC-474 INTEGRATED CIRCUIT

The VSC-474 is a low-voltage monolithic bi-polar integrated circuit in a 16 pin dip package. It provides all

the circuitry for the BBD clock drivers, logic for segment splicing (including blanking), synchronized motor

speed control circuit, etc. The addition of a BBD, filter circuits, and a motor drive circuit completes the sys-
tem. :

This VSC system is capable of producing cost-effective speech compression at up to 2.5 times original re-

cording speed. Its low cost and low voltage operation make it ideal for use in portable, 6 volt consumer cas-

sette players. It can also be effectively applied in dictating machines, telephone answering devices, and video
players (to produce intelligible audio during speeded video playback) and other applications.

The VSC-474 IC contains:

a. A ramp generator and its reset I2L logic circuitry.

b. A voltage controlled period generator (VCPG), which generates the proper series of transfer frequencies for
the analog shift register, combined with a 2-phase clock driver which can be directly interfaced with availa-
ble BBD's. -

. A zero crossing detector.

. Blankable audio amplifier.

. A phase lock loop (PLL) motor speed control circuit providing drive and brake capabilities.

An exponential generator (actually incbrporated in the motor speed control circuit) which is required be-
cause (due to the geometry of the VCPG) the pitch correction factor varies exponentially with the control
voltage. This circuit ensures that motor speed will vary in exactly the same way, for accurate tracking.

O QOO0

MISC
r SUPPORT _‘
| CIRCUITS I
I I
[ 88D : | L |
l VSC 233-28 |
AuD! | | p I .
N
INPUT : \ \ J |
. | p n '
I VSC233-1RB [ |
RATE 2o

CONTROL 7 I |
I J |
| EXPONENTIAL |
- ] GENERATOR |
l |

I B 2

Y
AUDIO QUTPUT

Figure 6-1 The VSC-474 IC includes all circuitry and
ICs indicated within the dotted lines.
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FUNCTIONAL DESCRIPTION (refer to Figure 7-1)

Ramp Generator:

The "ever-increasing delay”, which is one of the central features of the variable delay line type of VSC pro-
cess, is based on a sawtooth waveform (series of ramps) generated at pin 12. The compression rate com-
mand voltage Vec referenced to Vref (pin 3) is developed across Rec (pin 5) as the rate control pot goes toward
ground (O volt), causing a current to flow out of pin 5 and thru Rec. This current is internally mirrored to pin
12 for charging of the ramp capacitor.

The ramp duration (sample period) for various VSC compression rates is as follows, assuming auto reset is
triggered:

VSC Rate Ramp Duration {ms)
1.1 220
1.2 115
1.3 - 80
1.5 52
175 38
2.0 30

The ramp waveform is buffered and fed to the input of 3 comparators. These comparators “look” at different
ramp voltage points, each of which is a certain fraction of the referenced voltage at pin 3. See Figure 8-1 for
action of the ramp voltage in relation to the 3 comparators (for logic point s A, C, and D.)

Ramp Reset (refer to Figures 7-1 and 8-1):

Ramp reset occurs under the following conditions. (a) when the * ‘zero crossmg enable” occurs (at 17% below
the top of the ramp) the ramp will reset at the next zero crossing of the audi, signal at pins 6 and 7. (b) when
no zero crossing occurs during this period (final 17% of ramp), the ramp will automatically reset at the end of
this period (top of the ramp). When there is no audio signal, the “zero crossing” condition is automatically sa-
tisfied.

Figure 8-1

LOGIC A: to blank at next zero crossing (zero crossing enable)
B: Zero crossing present, blank audio and reset ramp
C: Auto reset, zero crossing not required
D: End of reset, start ramp again.
E: Unblank at the next zero crossing (unblank enable)
F: Zero crossing present, unblank audio.

-13 -
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Fig. 8-2

Voltage Controlled Period Generator (VCPG) and BBD Driver (refer to Figures 7-1 and 8-2):
As explained in Section above, VSC requires that the BBD be driven by a (square wave) clock driver, such

that the period of each clock pulse maintains a constant ratio to the previous pulse (i.e. the clock pulse per- -

iods form a geometric progression). This required waveform is generated in the VCPG in the following way. A
charge-discharge circuit produces a symmetrical triangular wave which is bounded by the ramp on the top
side and a fixed voltage level on the bottom side. This envolope causes the period of the triangular wave to
change geometrically. The geometric ratio is a function of the slope of the ramp:

K = the slope of the VCPG waveform (Lg) -
tan @ =the slope of the ramp

R = geometric ratio (see previous)

R= 1+Ktané
T 1-Ktan@
This, in turn defines P, the pitch correction factor, since—g— =RN and N, the number of stages of the BBD, is
fixed.

To actually drive the BBD, the BBD Clock Driver converts the output of the VCPG into two square wave clock
driver signals of opposite phase (see Figure 8-2).

The shortest period of the swept VCPG is 3.3 us due to the fact that it is impractical to clock most BBD’s at
frequencies higher than 300 kHz. On the other hand, the longest period of the swept VCPG shouid not ex-
ceed approximately 83 us (12 kHz clocking frequency), since a lower clock frequency would make it difficuit
to pass the higher audio frequencies in the audio range of interest. The result is a sweep range of about 25 to
1 and hence, in Figure 8-2, the voltage between logic points C and K must be 25 times the voltage between
points D and K. These logic points on the ramp must therefore be generated by precise ratios from the refer-
ence voltage at pin 3.

-14-
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Blanking (Discard) Logic (refer to Figures 7-1 and 8-3): _

When the ramp is reset, there is a discontinuity in the geometric progression. Just prior to the ramp reset, au-
dio information is being loaded into (and transferred through) the BBD at a transfer frequency approaching 12
kHz. After the ramp resets (assuming an instantaneous reset with zero reset time), the loading and unloading
are now suddenly occuring at a rate of approximately 300 kHz. The audio information in the BBD, which was
loaded in a 12 kHz rate is being unloaded at a 300 kHz rate. This causes the audio information being unload-

ed just after the ramp reset to be shifted up in frequency by a factor of approximately 25X instead of being
properly pitch-corrected.

(e ~ A
(A.B) =

-
\/ I \,

SIGNAL BEFORE
BLANKING

SIGNAL AFTER
BLANKING

Figure 8-3
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The blanking period is required until all information which had been loaded into the BBD at a low frequency is
unloaded at the high frequency i.e., while improperly pitch-corrected information is “dumped.” Once informa-
tion which was clocked into the BBD after ramp reset, begins to appear at the output of the BBD, the signal
will be properly pitch-corrected and the output may be unblanked. '

It can be shown that the length of the blanking period should be long enough for the 512 cell BBD (256
stages) to be clocked 256 times.

The time required for the 256 count is:

256
T= Pi where Pi is the period of the it
=1 clock pulse after reset
o 256 ,
_ >, R o1 where R, the geometric ratio, is C 256
- i-1 and P1, the first clock pulse period, is
3.33us
_ (R"-1)
=P Ro1
_ (C-1)
=P R1

Typically varies from approximately 1.05 ms for C=1.5X to 1.228 ms for C=2X. The VSC-474 IC generates a
fixed blanking period of approximately 2 ms. This period is generated by a mirrored lec through a resistor to
create a threshold voltage for the blanking comparator/logic.

The Iec, the angle o (ramp) and the logic E point (see Figure 8-1) track together to generate a nearly constant
blanking period. It is very important that the ramp be linear to maintain a constant blanking period {and, of
course, accurate pitch correction for the whole duration of each sample period). To insure good linearity of

the ramp, a high-grade capacitor with low series resistance such as a polyester (mylar) capacitor, must be
used.

Audio Amplifier Blanking and Unblanking Logic (refer to Figures 7-1, 8-1 and 5-3):
The logic causes the audio amplifier to blank during the signal discard interval and unblank when the discard
has been completed.
The logic function is:
Blank=(A-B}+C
Unblank = (E-F) (refer to Figure 8- 1)
Blank and unblank become inputs to an R/S flip-flop which then gates the audio amplifier.

Zero Crossing Detector and Audio Amplifier (refer to Figure 4-1):

The zero crossing detector inputs are connected in parallel with the differential inputs of the Audio Amplifier.
The detector is actually a window comparator +=5mV wide, centered at the blank level output of the Audio
Amplifier. The detector output, which is independent of the Audio Ampilifier, is used in the Blank and Unblank
control logic function described in previously.

" The Audio Amplifier, is a differential input unity-gain device capable of driving a 1K ohm load. It can be
blanked to a zero-gain state by the Blank Logic without switching transients. When this blank action is al-
ways initiated at a signal zero crossing, minimum disturbance is introduced in the reconstructed output sig-
nal. Input offset adjustment to center or match the zero baseline from blanking to unblanking is not neces-
sary, due to the excellent internal matching of devices.

-16-




Exponential Generator (refer to Figure 7-1):

In most speech compression applications, it is required that a single control be used. That is, the Vec pro-
duced by the rate control potentiometer Rec must control both the motor speed and the pitch correction fac-
tor P. It can be shown from the geometry of the ramp and triangular wave that R, the geometric ratio of the

clock driver pules,isequalto / 1+Kitanf \ , wheretan@ is the slope of the ramp, then,
1-Kitan#@ )

C=f=RV= (fKitang)*

1-Kitan@
Sincetan 8 = éec ,

ramp

1+Kalec\ N
c= (i) Where K or:
K2 =
Cramp
N .

C= (: j))z) Where X =Kalec (Iec being the “rate

control current” from pin 5)
Taking the In of both sides of the equation, we have the log series.

(1+X)
LA CONX+ X3+ X5 +--) =

INnC=N1n
since X is very small for N very large and C in the range of interest.

Therefore, C ='g2NX = 2N (K2|&c)
Thus, the compression ratio, C, varies exponentially with lec. For single lever control, motor speed must

also vary exponentially with lec, and hence the need for an exponential generator. The output of the ex-
ponential generator drives an I/VCO.

-17 -



I/VCO (refer to Figure 4-1):
The I/VCO provides a triangular wave at pin 1, the frequency of which varies exponentially in relation to lec, is
given by the following:
Alec+ A
and A, B and D are constants.

It can be shown that this indicates a relationship between f and lec which closely approximates an exponen-
tial function. Thus, the result is a system which provides a linear relationship to the amount of pitch cor-
rection, expressed as C, for the range of the IC (i.e. C=1 to C=2). This reference frequency is converted to a
voltage and used to drive a motor. This makes possible a single lever system in which the amount of pitch
correction will automatically “track” (be appropriate for) the tape speed, over a wide speed range.

In accordance with the signal flow inside the VSC circuit, the VSC works on the 14-1002 in the following
way.

The signals amplified by the IC-1, Audio Amp, are input to the IC-3, the ALC Amp, which keeps the level of
signal constant (1.2 V p-p). This is to maintain the signal level not to exceed the linear operation range of
IC-4, Analog Shift Register.

The signals are then applied to IC-4, and, in accordance with the clock signal frequency generated by pins 10
& 11 of IC6, are output from pins 7 & 8 of IC-4. VR6 adjusts for the minimum distortion on these signals.
VR7 adjusts to minimize clock signal. However, the clock signal cannot totally be eliminated by VR7, so the
Low Pass Filter (IC-5) is incorporated to remove the clock signal. The output from IC-5 pin 7 is then applied to
VSC circuit (IC-6). :

- The control voltage, set by the Pitch Control VR3, is processed to the Ramp Signal generating circuit, and de-
termines the slope and direction of the Ramp signal. The amplitude of this signal is controlled to be fixed by
certain value, and the repetition frequency is changed by the value of slope. The repetition frequency can be
checked at pin 12. The value at VR3 maximum setting (x2) is determined by VRS to be 24.9 ms.

Then the Ramp signal is added to the circuit which generates the variable frequency clock signal. The clock
signal is output at pins 10 & 11, which drives IC-4, the Analog Shift Register. The clock signal changes in the
range of 300 kHz to 12 kHz. 300 kHz signal is set by the VR10, 12 kHz signal is set by VRS.

The rest of VSC circuit operation is as outlined in the previous section.

The motor speed control is done by the IC-2 and the SPEED control VR (VR2) and not directly related to VSC
circuit,

-18-
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¥ H0@-Uhm Balanced Audio In . & RO

# Unbalanced Audio Inm (L & R

QUTPUTS:

AT, T .

% Unbalanced Audico Out (L & R

* HBO-Dhm Balanced Audio Out . & R
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1) Function and Operation:

The line amplifier circuitry is used to convert 608-0hm
balanced audio signals (which is the "professional" convention
used at WMFD) into single-—ended signals (as used by most "home”
audio equipment). The opposite function {conversion  from
unbalanced to balanced format) is also accomplished. “ll line
amplifier units functioning at WMFO provide a set of female ROCA
jacks for single-ended input and output. Unbal anced audio lines
are connected via barrier strips, which are mounted on the panel
or box housing the circuitry and are generally hand-labeled. Two
triple line-amplifier units (offering three channels of stereo
balanced-to-single-ended conversion and vice-versa) have been
installed at WMFO. One is in the Studio C rack, where it buffers
the cassette deck, the Revox Reel-to-reel, and the Equalizer.
The other is  in the Studio A rack, where it buffers the two
rassette decks (there is a spare line amplifier card in  this
urnitl. A single-channel line amplifier is installed in Studio D
(mounted in a box on the wall opposite the windows), where it
interfaces the Studio D stereo system to Master Control and the
rest of the station. These units are marked "Always Leave ON!'Y,
since removal of power will cause the correspondingly buffered
devices to be effectively isoclated from the outside world (ie.
they will be unable to receive input and send output). One-hal f
of & line amplifier (the single-ended to balanced portion) has
been installed in  the grey Monitor rack in Master Control to
huffer the "Spare Tuner" outputs.

There are no controls on the front panels of the line
amplifier units aside from a power switch (which should generally
‘be left on sxcept in the case of a studio shutdown), thus their
operation is completely transparent to the typical disc Jockey.
It is possible, however , +to adjust the gains across the
balanced/single-ended barrier by setting trimpots in the line
amplifier circuitry as discussed below, Cthus allowing one  to
nenstomize"” the interfaces to particular devices.

11 Circuit Descriptions:

The line amplifier circuitry is exceedingly simple, as seen
in the single-page schematic depicting a balanced to single-ended

converter and its opposite partner. 5EAE Operational Amplifiers
are used exclusively for their low distortion, high bandwidth,
arc ability to directly drive 6@88-0Ohm loads at moderate
amplitudes. The capacitors Cl and C2 in schematic A may degrade

the audio gquality slightly (although there aren’t many people who
would notice this); they are present in all line amplifier
circuits  except for those installed in Studio C. (ne SB532 is
reguired for  the two differential amplifiers used to convert
steren balanced lines to single—ended format, while two 03332 7s
are required to convert a pair of single-ended lines to a sterso
balanced set (ie. the schematic shows only one stereo channell.

i



111 Calibration and Adjustment:

There are two trimmers T1 to attenuate the single-ended
feaeds from the balanced pair, and two corvesponding trimmers T2
to allow adjustment of gain when converting single-ended to
bhalanced. In order to calibrate the single-ended feed of circuit
A {which, for instance, supplies input to & cassete deck), patch
a souwce of average amplitude (the House Tone is perfect) into
the balanced input, and set the input level on the single-ended
device (ie. the cassete deck) to a moderate value. Adiust the
two TL trimpots (one for left & one for right cohannels) wuntil
both channels of the device under test exhibit sufficent and
identical response {(ie. both VU meters of the cassete deck read
at zero diB).

in order to calibrate the single-ended to balanced circuit
{Gohematic B, oubtput a steady mono sound of moderate volume from
the device (ie. play a tape on the cassete deck of the House Tone
recorded at  zero VU,  and patch the balanced line amplifier
output to a fader on the local board set at half-pot. Adjust the
two  trimmers T2 until both meters on the board read at zero VU
The ling amplifier circuit is now calibrated and ready for
operation.

tUnfortunately, I have no general drawing depicting the
ltocation of trimmers Tl and T2 on the line amplifier circuit
cards (since these cards were &ll hand-assembled, there 1s some
small difference between individuals). For trimners Tl, look for
two  trimpots clustered around a single OF-AMF chip. The two T2
trimmers are sach dedicated to an individual 33532, so these may
be positioned farther apart. That’'s the only advice 1 can offer;
otherwise it's trial and error.

I11) Troubleshooting Hints:

These units are so simple that none have failed so far. IF
there seem to be problems, first check the RCA cables or single-
ended device under question, as these will probably be at fault.
Otherwise first check the power supply voltages, and then perhaps

tiry swapping or replacing 5532°'s (they're all socketed). Before
loosing hope, search for bad solder joints; there may be a few of
them still bwied in one of these cards. Aleo look for broken

wires leading to-and-—from the barrier strips mounted behind the
front panel.
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THE _WMFQ HOUSE TONE QSCILLATOR

¥ Linear Sweep In {(front panel)

QUTPUTS:
¥ Studio A Balanced House Tone Out

# Studio B Halanced House Tone Out

#* Studio C Balanced House Tone Out

*

Sine, Triangle, % Sguare Jut {(panel}



THE HOUSE~-TONE OSCILLATOR UNIT

1y Function and Operation:

Thise unit is mounted in the blue inter-studio rack in Master
Control. It is a sweepable function generator which produces the

Meouse Tone" signal fed to all  studios. Sine, triangle, and
sguare wave sowrces can  be selected independently for each
mhudio. The +requency of the oscillator can be adjiusted from
{(these are approximate guesses...) 0.1 - 200 Hz {(ranges switch on
"low™) or BB Hr ~ 20 Ehp {(range switch on "high"). An external

fraquency modulation voltage can be applied via a set of front
panel terminals.

The house tone serves several purposes at WMFO. First of
all, it is the common signal souwrce to which all studios are
calibrated {(ie. all boards are calibrated such that the house
tone signal will produce a @ dB meter deflection at half—-pot).
All lime amplifiers and tape-deck inputs are also adjusted so & &
dB  meter swing is produced with the house tone input at  a
moderate record level. Thus the house tone amplitude is  the
standard to which evervything at WMFD is uwltimately referenced.
The house tone freguency should be guiescently left at 1 Ehz {(the
appropriate settings on the range switch and frequency pot are
marked with & pen). The house tone amplitude is one of the most
important parameters governing WHMFO, and wouldn’t vyou know  that
I've forgotten what we actually set it to (I'm fairly certain
that we re putting out a volt or two F-P into a 308 Ohm load (ie.

two stereo channels bridged to monod. Sorry, but I can’'t guote
vou  an  exact figure in dBm. For details in  adiusting this
amplitude, see the "calibration" setting below.

The house tone can also be used ‘“gualitatively" to  set

record levels on tape recorders, check out patches, etoc. It also
can be used as an audio effect: the freguency may be adiusted and
swept by hand via pot Fl on the front panel (e diagram on
mecond  page of schematic). Interesting effects can also be
derived by inputing & modulation sigrnal {(ie. another ouacillator
ar  envelope generator) at the "Sweep In" terminals on the front
pariel . Thess terminals are high impedance inputs (108K Ohms)
referenced to ground {(beware; the black terminal is actually
chassis ground). In order to suppress spuious noise in the
signal, these terminals are shorted by a guard strap when not in
L. When inputting an external modulation signal, remove this
guarad  strap (it is affived to the black terminal, and may be
swurig around when both terminals are loosened?. Make swe that
this strap is returned after finishing with the modul ation input.

The waveform is selected for sach studio via rotary switches

82 0~ 54, These should normally be set on the sine position,
howsver for diagnostic tests and/or special effects, triangle and
souare  waves can also be selected. These switches are multi-

position rotaries, thus a "blank" setting results in no audio
being transmitted to the corresponding studio {ie. blank settings
are OFF).



Gingle-ended outputs for sine, triangle, and sguare waves
arg  available from terminsl posts mounted on the right side of
the fromt panel. These may be used for monitoring or testing in
Master Control. The balanced house tone outputs are routed
through the Master Control patchfield before being sent to the
various studios, thus one may interrupt this connection and patch
a house tone output to any desired destination. This is an

stremely useful technigue to employ when testing connections,
devices, and complex patch schemes.

Since the house tone should always be made available to all
studios, this uwunit should generally be left on, except in  the

case of a station shutdown. Remember to retwn the frequency
adjustmant (Fl), range switch (51), wavefornm selection switches
(82 - 84), and sweep input ground strap to their default

positions after changing them for any purpose.

Iy Circuwit Description:

Thies tirst page of the schematic shows a&all circuitry
involved. The 8838 function generator (IC1) is used to make all
wavetorms. ICS dis an inverting summer which combines voltage
from the "freguency" pot Pl with signals at the "Linear Sweep®
input. The output of ICS feeds the voltage control input of the
82838 (at pin B8, Zener D1 protects the 8838 modulation input
from severse voltage swings. The Ffreguency of the 838 is

determined by the output of ICH, together with the values of
timing resistors R1 & RZ and timing capacitors C4 & C5. Trimmers

TE-T3  set the amplitudes Ffor sine, tiriangle, and sguare
wavet orms. Trimmer TZ adjusts the shape (hence "purity") of the
SLME WAVE. Each output is AC coupled and buffered by voltage
followers 1C2-1C4. The outputs of these voltage followers are
routed  directly to the terminal posts on the front panel. Thay

areg also bussed to the "waveform select" rotary switches, which
route a specified waveform to 5332-based differential drivers
IC6&~IC8, which boost the input by a factor 1.2% before sending
the signal to the respective studios. Mote that these are mono
outputs; the stereo taps on the patchfields are bussed together
for the house tone signal, resulting in a net J08-0Ohm load. The
SEI2 s have no difficulty in driving these loads at the current
house tone signal levels.

The power supply is depicted at the bottom of the schematic.
There are two bipolar supplies used in the house tone circuitryg
+/-13 Volts to drive the 8838, and +/~15% Volts to drive the OF-
AMFs and related networks. This was done in order to derive
maximum range from the BO038B, whose modulation input saturates at
about 4808 millivolts above its positive supply rail. Thus the
80538 was run at a lower voltage to esnable the OF-AMPs to  reach
this maximuim. This lowsr voltage on the 88038 also causes it Lo
run a bit cooler; the chip does generate some heat due to passive
dissapation in  the sine shaping network. To allieviate anv
problem this may cause, I've stuck a heat sink onto it with a bit
of silicon mounting paste. I+ one replaces or fools with this
chip, please remember to replace this heat sink.



11y Calibration and Adjustment:y

Trimmer locations are depicted in a circuwit card diagram
drawn  on the second page of the schematic. Before setting any
adjustments, make swe the device has remained under power for at
least & half how or so to allow thermal transients to settle.
During calibration, an oscilloscope can monitor the waveform
outputs via the front-panel terminal posts.

Trimmer T1 adjusts the base freguency of the oscillator. To
set this, put switch 51 on "high", and set Fl1 at minimum. Adiust
T =so that the 8038 vields a stable waveform at the lowest
possible frequency (the best wavetform to monitor while making
this measwement may be the triangle; the symmetry may be
signifticantly skewsed at extremely low freguencies). I Tl is way
out of alignment, the range of Pl may be gquite limited, and the
oscillator may shut down when Fl is set to its lowest {freguency
extrems.

T d mmer "2 sets the shape of the sine wave. Monitor the
sine wave with an oscilloscope, and set the oscillator freguency
to arcownd 1 kHz. Adiust T2 until the best-looking and  most
symmabtric sinusoild is obtained.

Trimmers T3I-TE set the output levels for each oscillator
wavetorm. Adijust one of these (perhaps T4) to vield the desired

sigral {(perhaps throw a differential meter across & balanced
autput  when it is driving a full 300-0Ohm load, and set T4

appropriately). After T4 is set, patch the house tone into the
board in one of the studios, and set its input pot to vield @ dE
on the sine wave. Now set the appropriate selector switch to

send the triangle wave down, and adiust T35 until the meter in the
hoard again reads at zero dbB (this may be & two-person opsration
use the intercom for convienent communication). Mow select the
sguares wave, and set T3 to once more vield zero dB on the board.
ALl waveftorms will now output at the same RMS  level, and the
house tone oscillator is now calibrated.

IV Troubleshooting Hinbs:

This wunit has behaved reasonably well during ite 1.5 vears
of use. UOnce a regulator blew and dropped a supply rail (I think
this also took out the BBEB). This may have been a singular
phenomenon. Watch for bad solder joints, and check the supply
rails before coming to any conclusions. 8@I8 chips werse once
plentiful (even Radio Shack carried them when this unit was
braadi 1) They shouldn’'t be too hard to locate if replacement is
necessary  (all chips are socketed). I+ one swaps the BO3H,
remember to re-mount the heat sink.
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¥ Balanced Audio Input (L & R)
(zelectable &08 or l&E ohm)

* FA line (Halls & (Hfices)

# FA line (Studios)

% 8-0hm Speaker Output
# Stereo Headphone Output

* Left/Right/Mono single—ended
outputs (on front panel)



I Function and Operations

The wtility amplifier is mounted at the top of the blue

inter—-studio rack in Master Control. This unit allows one to
monitor a balanced audio source Ffrom the Master Control
patchfields. The souwrce may be monitored in stereoc via a

headphone Jjack on the front panel. Either the left or right
channels (or a mixed mono feed) may also be selected to drive the
monitor speaker mounted in the ceiling of Master Control. The FA&
lines {as in other studios and offices) may also be routed to

this speaker. Single—ended signals (for left, right, and mono
sources)  are available at the front pamnel (via 1/4", RCA, and
terminal /bananna Jacks). These feeds may drive conventional

single~ended audio devices, or serve as taps for monitoring and
testing. They may be used simultaneously.

The front panel is portraved on the second page of the
srhematic. The input to the wtility amplifier comes up on  the
Master Control patchfield. The single-ended line oubtputs are
available at the left of the panel (the black terminal post is
tied to chassis ground). The audio level present at the Left and
Right outputs is unaffected by the volume (F1) or selector switch
(52 & 83 settings. The Mono outputs are affected by F1 {but
still not 852 & 53).

Bwitch 81 allows one to set the impedance of the balanced
inputs. In the down position, the inputs are loaded at &80 Ohms
{which is the standard +For WHMHFO patcochfields). In the up
pasition, the inputs are loaded at a mere 186K Uhmsy this often
vields a louder audio level, and can be used to monitor lines
which are (for some reason...) at higher impedance.

A set of stereo headphones (any impedance’ may be plugged in

where indicated. The headphone volume is set by Fl. Fi  also
sets the master volume of the speaker feed. In order to send the
amplifier audio to the overhead speaker, "Audio Level® pot P2

shouwld be set at madimum and selector 853 should be set to "Amp".
The sowce {(Left, Mono, Right) actually sent to the speaker is
selected via SE. Adjust the speaker volume with Fl. Do not
adijust the speaker volume with P2 (leave it at maximumd, since
this may cause vou to set Fl too high and overdrive the amplifier
(causing much distortion). I+ one desires to twn the speaker
off (ie. when monitoring with headphones), turn P2 entirely down,
and set 5% to "PA StudiosY.

The speaker fesed may also be assigned to the '"Halls &
Offices" PA line, or "Studios" FPA line via 83, This assignment
does not  employ any active circuitry in the utility amplifier,
thus the device may be powsred off when monitoring FA lines. The
L=Fad P2 will then exclusively control the speaker volume. When
not in use, this urit is generally powered off (an exception for
the devices outlined in this document), and the speaker select is
sat to one of the FA lines.

The ability to monitor any balanced audic feed {and

Fd



selectively audition each channel) is extremely useful when
setting up patches, remote broadcasts, or making tests in Master
Gontrol . This wunit played an extremely vital role when the
interstudio wiring was installed and debugged.

1y Circuit Description:

Most circuitry is depicted in the Ffirst page of the
schenatic  diagram. The balanced audio inputs are converted to
single-ended signals through differential amplifiers IC1. Bwitch
81 is  a DFST which shunts &628-0Ohm resistors across the inputs

when low impedance is selected. The single—ended panel outputs
are derived from the outputs of ICl1, and are isolated via
resistors R1IZ-R17. Sterec pot Fl controls the amplitude of the

-

signal fed to the remainder of the circuit. IC3E and IC4 are 5853
OF-oMPg, which are well suwited as headphone amplifiers because of
their sirzable drive capability (I originally used LMIZBBB's here,
but  they rapidly disintegrated due to the Z8-volt supply rails).

ICR  sums both left and right audio signals to produce & mono
souwce (bewarey bthe phase of this mono sowce is inverted with
respaect  to the original left and right signals). This mono
signal  is  also routed to & set of front panel Jacks, and is
isolated wvia R2I1-R23. The Left, Right, or Mono sowces are
selected by switch 82, which feeds the input of an integrated O
Watt amplifier ILH, This is a 2002 IC in a heat-sunk TO-220

package. It runs off the +135 Volt supply, thus has internal
hiases that are isolated by £B, %, & Cll. C7 and C10 ars
important for stability.

8% selects the line which drives the ceiling-mounted 8-0hm
speaker. In the Amp position, the 2002 output drives the speabker
directly: otherwise a FA line can be chosen (which doss not
involve any  internal watility amplifier circuitryd. 2 is &
standard S@-0Ohm Radio Shack L-Pad which attenuates the voltage
applied to the speaker.

The power supply is depicted on the second page of the
schematic, 7815 and 7919 regulators provide a stable +/- 13 VYolt
supply for all active circuitry. The +13 supply must also drive
the 2002 audio amplifier, thus it is built for higher current.
The 781% regulator is a TO3 package heat sunk directly to the
chassis. The 7215 is a TO 220 package mounted on the circuit
card.

111 Troubleshooting Hints:

There's not much  to go wrong with this circuwit except

{(perhaps) for the ZO0Z. In case of trouble, first check for bad
solder jdoints, and make swe the power supply is working Ok. The
power supply bypass capacitor on the 2002 is CRITICAL!! This

bypass must occur very close to the 2002's +15  and ground
connections, and must be at least @.2 mfd. If there’'s a problem
here, the ZEB2 will oscillate across its supply rails  at
approdimately 1 mHz, and bescome very hot. I've placed several
capacitors across the 2002°s power line to protect against this
contingency.
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THE WMFO JACES FANELS

INPUTS and/or OUTPUTS:

#

2 Pairs of 174" sterec phone jacks
for balanced inputs/outputs.

2 Pairs of RCA jacks for single-ended
inputs/outputs.

2 Btereo patch points in patchfield



THE _JACKS FANELS

Iy Function and Operations:

The Jacks Fanels provide & means of connecting two stereo
sources (balanced or single-ended) into the relevant patchfields.
#a jacks panel is located in esach studio {(mounted on the side of
the cabinebs). A dacks panel is also mounted in the blue inter-—
studio rack in Master Control. Each jacks panel contains  two
pairs of 174" stereo jacks in order to allow external  balanced
signals to be routed directly to and from the patchfield {and
patched anvwhare). The tip of each Jjack is the "+" balanced
connection, and the ring is the "-". The shields &are all
connected to the common studio {(or Master Control) ground.

Hingle-ended signals may be introduced or extracted from the

RCA dacks mounted below the corresponding 174" jacks. Thesa
single-ended jacks may only be used when nothing is plugged into
their respective 174" jack, since an engaged 174" jack will
potentixlly float the "-" balanced connection from ground. e

must  remember that most of the devices which come up on the
patchfield expect &ll outputs and inputs to be SB8-Uhm balanced.
Fatohing a single—ended signal through the jacks panel {which
grounds the """ connection) may potentially degrade the audio
gquality  and intreoduce interference & orosstalk. Single-anded
signals should noroally be input and output via the Interface
cirouit {see assocliabted writeup), which properly buffers and

isolates them before they reach the patchfield. I+ this isn’t
logistically possible (ie. cables too short), any single-—ended
signals to be introduced to a &88-UOhm device (ie. the board)

shouwld be +First rouwted through the Interface Mix input on the
patohfield, since it has an input impedance of lék-UOhms,  which
shouwld not provide an excessive load for most  sguipment. (N5
couwse, different devices vary in their input/output capacities,
thus certain devices may work beautifully when patched into  the
H@@A-0hm lines, while others may not. Experiment & bit....

The Two stereo Jacks lines tied to each panel are  labeled
ALY ardd MIZV. Each has a Left and Right iack. Dtudio B has
Four additional jacks on its panel, grouped into two pairs  “ELY
and  YEZY {each has L & R components). These are for the Biamp
mixer Tchannel patchess", and are also stereo jacks {(the tip is
"gwernd"  and  ring is "receive" according to the Hiamp  manuall.
Coreresponding Ysend!” and "receive" points are available on the
patochfieldy this enables processing and effects to be added
independently Ffor each miser channel. These jacks can also  be
used as  auxiliary commectors for  additional access  to  the
patchfield (remesmber that these jacks are not balanced, but carry
two single—ended signals!)y, and with & bit of improvisation, they
certainly can also be used with any other mixer systems.



11y Circuit Description:

There is no circuitry associated with the jacks panels. The
single-page schematic denotes how the switch contacts on the 1/4"
jacks are used to ground the "-" input when the Jjack is not
engaged (so the single-ended RCA jacks can be used). A diagram
of  the lavout of the standard Radio Shack 174" jack used in  the
jacks panels is given at the bottom of the schematic.

111y Troubleshooting Hints:

I anything is flaky, first check that yvou are not using bad
patchoords. Otherwise, check the connections between the jacks
panel cables and the patchfield Xmas Treesj in  some of  the
studios, these cables were soldered by monkeys.
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THE WMFO EXTERNAL FM _BUFFER/DRIVER/FILTER

* External Monitor In
{(Single-ended L % R

¥ External Monitor Out
{(Balanced L % )



THE EXTERNAL FM BUFFER/DRIVER/FILTER

I Function and Operation:

This circuit is located in & black plastic box mounted in
the grey monitor rack in Master Control. It takes the left and
right single-endesd ouwtputs from the Belar Stereo Monitor, and
converts them to balanced oubtputs (with optional Filtering?,
whiich are nominally input to the External Monitor Distribution
Amplifier via the Master Control Patchfield. A 8 EHz notch
filter is introduced into the signal path by flipping & toggle
switch mounted on the box. This filter can suppress some stabic
& noise, and all-in-all make the external monitors sound a bit
"asweeter” and less harsh. It was built when the noise conbtent in
the stereo Belar signal was faivrly hioh, before the attic Yagi
anternna  and FM cavity filter (also mounted in the grey monitor
rack) was installed. The noise conternt is now substaintally
reduced, thus the action of this filter is a bit subijsctive, and
the assocliated toggle switch may be set arbitrarily {ie.
whichever setting sounds betterd. Note that & spars tuner i1is
also mounted in the monitor rack: it also has & "black box”
associated with it {which is only a line amplifier without
filter). The spare tuner outputs terminate at the Master Control
patchfield, ard must be patched manually to any desired
destination. The mono oubtput of the Belar FM monitor supplies
the FA system {(this is comnected directly, and is neot  routed
through any filters, line amplifiers, patchfields, etc.). The
taft  and right outputs of the Belar Stereo monitor (through the
Buftfer/ Driver/Filter) drive the External monitor DA, and hence
supply the monitor signal to all studios, etc.

11y Circuit Description:

ALl circuitry is listed in the single page schematic. The
single-ended input signal is first routed through band-pass/notoh
fFilters built around ICL. These filters are designed to boost or
cut the fregquency components around 8 EHz. Trimmers T1 and T3
selact the amount of boost or cubt {one extreme iz full  boost,
canter is flat, and the opposite extreme is full cubt). Balanced
Line drivers are bullt around ICZ and ICE. The inputs to these
line drivers is selected by 51 to be either the filtered outpubs
of  ICL or the "Raw! input (81 is mounted on the plastic box for
@asy external access). Trimmers T2 and T4 allow the gain of sach
channel to be independently adjusted.

ITI Calipration and Odiustment:

The Filter sebttings are a bit arbitrary. To esliminate
noise, remove the program material feeding the transmitter, and
leave & blank carrier. Adiust T & T3 to  attenuate residual

static and noise (nake suwwe S1 is set to include the Filters).
Don't  adiuvst these trimmers to attenuate the signal too far (or



audio will sound too "dull") and don’t set them to give a boosty
usually & small bit of notch response is optimal. Fut the
program signal back on the air, and make suwre the sound isn’t too
flaty if it is, back off slightly on the notch ajdustment. Try
arntg  set both left and right channels to yield an  identical
FESPRONSE.

The gains of each channel are adjusted by trimmers T2 and
T4. Serd & mono house tone to the transmitter, reading at zero
dBE on the on-air board. Adijust T2 and T4 to vield identical
levels (it may be a good idea to put the studio switcher in
"mono” while making this adjustment). Set these gains so  that
the external monitor amplitude roughly matches the actual house-
tone level {le. it should drive the meters on any board to zero
dB at half-pot).

The locations of all trimpots and ICs are listed inside the
top cover of the circuit housing. Be sure not to adjust trimmers

- oy

Ti o T3 in lieu of T2 or T4,
Wy Troubleshooting Hintss
This circuit is very simple. It has never failed. I+ it

ever does, it should be very easy to fiux. Check powsr supply
voltages first. ALl Ils are socketed.
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THE WMFO STUDIO

SWITCHER

INFUTS:

*

Studio &
audio in

Studio B
audio in

Studio C
auwdio in

ERS Tone
audio in

&HB@-Ohm
(L. & R}

&ED@—Ohm
(L. & R

&H@B~Ohvm
(. & R

HB@-m
{mono)

Bal anced

BEal anced

Bal anced

Bal anced

EBS Alarm Nrm. ON contacts

Over Modulation warning signal in

Studio A.B, & C Mic.
relay contacts

Live Mrm. ON

Studio A.H,
contacts

¥ O armed/air pushbutton

Main Balanced audio mix out (L. & R

(S@8-0Ohms?

Aux. Balanced audio mix out (L & R

{HBB-Ohms )

Full-Down output for activation
of doorbell bulbs

ERS Warning LEDs (Studios A.B, & O

Over—-Mod LEDs (Studios A,B, & C)

Mic. Live LEDs (Studios A,B, & ()

Armed/Alr LEDs (Studios A,8B, & O



THE WMFQO STUDIO SWITCHER

Iy Function % Operation:

The WHMFO Studio Switcher i mounted in the blue interstudio

rack located in Master Control. It performs several services
related to studio airchain coordination. It's primary  function

is to route the selected studio (or studios) to the airchain. it
has been designed to allow studios to be placed on or off-air
guickly and simply (however a basic secw ity procedure has been
instituted to prevent studios from being put on-air  accidently
without authorization from a studio already having air status).
The Studio Switcher drives all LED indicators in the small remote
pansls mounted atop the console in each studio. A sketch of the
remote panel lavowt is given in page 8 of the schematic. There
are  three bi-color LEDs (labeled "frmed/Air") mounted below the
row of pushbuttons. These reflect the airchain status of each
studio. I¥ & LED is glowing red, the corresponding studio is
connected to the airchain, and any program oubtput will be routed
to  the btransmitber {(unless patches have been thrown Lo override
defaults inside the studic or Master Control). I+ & LED is
glowing green, it is in "armed" status. In this case, the
studio’s output is not routed to the airchain, although one may.
bring the studio’'s status to "Air" (ie. red LED) by depressing
the studio’s button {(only in the studio that is armed). It the
LED  dis unilluminated, the studio is unarmed and off-air; the
studio  must generally be armed by another studio alreasdy having
air status in order to be connected to the airchain. Ay
combination of studios may possess "alr"” status simultanecusly.
More detail on the control procedure is given below.

The remote panels contain a row of three vellow "mic., 1live"”

LEDs mounted below the ‘Yarmed/aicr® LEDs. These LEDs are
illuminated whenever & microphons in the corresponding studio
goes  live (and speakers are muted). They may be consulted to

determine microphone  and muting status in other studios while
coordinating inter-studio events, attempting Lo page someons
working in another studio, etc.

Two  large "superbrite” LEDs are mounted on the fromt of the
ramote panels.  The green LED flashes abt a high, annoving rate in
all studios whenever an Emergency Broadcoast System (EBS) message
is  recelved. This is accompanied by a loud auwdio feed from the
designated EBS station {currently WROR) blasting over every PFA
speaker  in the station {see FA Mirxer/Intercom writeup for
details). Since the FA feed in the studio is muted when the
studio  mic. is live, these flashing green lights were added to
attract the jock’' s attention.

The vellow "superbrite” LED flashes {(only in studios having
Yair' status) when the Belar FM monitor detects an overmodulation
condition, thereby alerting ori—ai e jocks. It remalns
wrilluminated in studios nobt connected to the airchain, whare it
would be merely irrelevarnt and annoving.

The Studio Switoher also provides a feed to the

~y
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phone/doorbell unit which causes the bulbs inside the doorbell
pushbuttons fto be illuminated whenever a microphone goes live in
a studio having air status. This is to alert people waiting at
the doors that the Jock (who may be the only person in  the
station) is talking orn-air, and can’'t answsar the door.

The row of buttons mounted on the studio switcher remote
panals enable control and modification of the airchain status.
Each pushbutton corresponds to a particular studio. The cover of
the button pertaining to the location of the remocte panel is
colored red; the other two are black (ie. the "&" button in
Btudio A is red, the "B" button in Studio B is red etc.).

These buttons must be used in accordance with an  elementary
security protocol in order to place studios on and off  air.
Their function may be most easily explained via a set of

exampl es, Suppose  the only studio with air status is Studio A
tie.  the Yarmed/air" LED for Studio A& is red; all others are
dark). Im order to allow Studio B to join the airchain, someone

in  a studio with air status (presently only Studio &) must press
the button on his/her remote panel that corresponds to Studio B
{the middle buttond. The Studio B button will now glow green,
meaning that Studio B is “"armed". I+ the person in Studio A
decides that he doessn’'t actually want Studio B to eventually join
the alrchain afterall, he can press Studio F's button on his
panel again, which will turn the Studio B LED off, and remove it
from  armed status. The Studio B armed status can  thus be
"Flipped" from Studio & by repeatedly depressing Studio B's
button. Assuming, however, that the folks in Studio & actually
want  Studio B to go on-air, they will only press Studic RB's
button once in order to drive it to armed status. I somsone in
Studio B then presses their button (which is colored red), they
will promptly attain air status {(ie. their LED will glow red, and
Studio B will be connected into the airchaing.

There are now two red LEDs (hence two studios on  the air
chain) corresponding to Studios & & H. Studio C's LED is still
dark;  whenever a studio has no air/armed status (ie. the LED is
dark), one may press any pushbuttons on the studio’s remote panel
without attaining an effect. Studios may not change their status
(ow the  status of any other studio) without first being  armed
from a studio with "air" status. Studio C {(ir this scenerio)
may, of cowse, now be armed by either Studico A or Studio By if
this is done (and the person in Studio C depresses their button
atter being armed), all three studios may be placed into the
ailvrchain simultaneouslv.

There iz one exception to the security function, however.
I all studios have no status (ie. all three LEDs are dark), the
first studico to push its own bubtton will be able to arm itself
arnd subsequently go to air. This feature was implimented to
allow rapid recovery from power—failure and lightning glitches
which may knock all studios out of the airchain.

Bo far, I have not discussed the means of removing & studio
from air status. This is relatively straightforward. finy studio
having air status {ie. red LED) may take any other studio
tincluding itself) off air by pressing the button corresponding
to the studio desired to be removed. There is a Z-second delay

i



placed into this operation, however, to prevent studios from
accidently leaving the airchain due to unintentional hits on the
remote  panel. Whenever an "air" studio depresses the button of
another "air" studio, that studio’'s LED will start flashing. (One
must hold this button down until the LED stops flashing {approx.
= secs.) to take the studio off-air.

Whern taking any other studio remotely off air, the studio’'s

status will drop to "armed"; one more depress of the button will

remove the "armed" status and disable the studio. When taking
vouwr  own studio off air, the studio status will be entirely
dropped;  de. the studico goes from air (red LED) directly to
Yelwmad {dark LED). This will not allow you to put vour studio

back into the airchain without authorization from another on-air
studio, so befores putting yourself off-air, make swre that it s
really  what vyou want to do (or make sure vou have friends in
another studio with air status).

With regeard to owr above scenerio, the people in Studic &
can remove  their stuwdio $rom the airchain {(hopefully after
placing Studio B on the air) by pressing their own button  and
holding it down for a few seconds.

The above discussion summarized the function of the studio
switcher 's remote panels; the airchain contfigwation can  be
dynamically and easily modified by following these procedures.
fpplications  and  methods of studio switching may certainly be
prracti ced ared developed for maintaining Yamooth! ori-aiv
continuity. The techingue of switching studios in the midst of a
ot (as opposed to a segue or break in programming) deserves +to
res outlined for posterity: it has proved guite usatul ,
particularly when there is only one person in the studios who
must manage the switch in the middle of his show.

I+ one decides to switch from Studio & to Studio © while a
cut  is plaving (for example), one first puts Studioc C into the
airchain with Studio A (per the procedure discussed above; both
LEDs should be red). Studio A's program feed can be routed to a
fader in Studio O via the Studic C patchfield. One then slowly
brings the Studio A feed up on program in Studio © by gradually
incrementing the corresponding fader; bring it up until it reads
at  a good median level. Studio A is now feeding the airchain
both directly and through Studio C. Studio A& may now be put off
air  from Studio C (hold down the Studio & button on the remote
panel ). The small "glitch" in volume created when Studioc & Qoes
off  is compensated fairly well by the airchain COmMPpr@SS0r; in
most cases, one has no chance of noticing the switch. When the
record in the now unattended Studio A is finished, one can pot it
down in Btudio £, and continue with the show from  the new
location.

The Ffront panel of the main Studio Switcher unit in  Master

Control is depicted in page & of the schematic. A row of  three
"mode"”  switches (81 - 83) may override and “hardwire" the
airchain shtatus. When one of these switches is in  the "up®

position, the corresponding studio is held in "air® status, and
can  not be taken out of the airchain by the remote panel
switches. When one of these switches is flipped down, the studio
is  removed from air (ie. the LED goes dead), and canm not  be

4




placed into the airchain via the remote switches. When this
switch is in the center {(auto) position, the airchain switching
is entirely governed by the remote panels, as discussed at length
above. Needless to say, these switches should stay in the certer
position {allowing full remote functioning) unless some special
circumstances warrant  airchain  control directly Ffrom Master
Corntrol.

The switcher front panel also contains & red “reset”
pushbutton (557 . This is a "panic" button which removes all
studios from the airchain when it is pressed. Duplicate airchain
status and mic. live LEDs are also mounted on the switcher panel.
LEDs are also present to indicate EES and Over Modulation states.
A panel LED dis illuminated whenever the doorbell bulbs are
cammanded on.

A switch (81)  is also provided on the switcher panel +to
allow the airchain feed to be bridged into mono. The normal
position of this switch is down (ie. stereo). I it is flipped
up, a warning LED will be illuminated, and the station airchain
ovtput  will be monawral. No change in audio level occurs when
this switech is thrown. It has been installed in  the studio
switcher in order fo facilitate calibration of the airchain
fesds, Optimod unit @ the transmitter site, and Belar Stereo
meond tor . It may also be used to put the station into mono in the
event of phone line trouble on a single channel (the stereo pilot
may also be dropped via the transmitter remote control  wunit  in

the Stuwdio A rack). Needless to say, this switch should stay in
the "stereco” position dwing normal operation.

Two LEDs labeled "peak" are also present on  the switcher
front  panel. These LEDs are illuminated by large audic swings

(they don’'t really correspond to satwation of the Studio
Switcher [there should be lots more headrooml, but serve as  an
indication of generally "hot" levels). These LEDs are driven by
a timer, and stay illuminated for a second or so  after being
triggered by loud levels.

The studio switcher inputs all come through the patchfield.
They may be dynamically re-defined by throwing the appropriate
patches (le. a studio may be replaced in the airchain by a remote
Lime, eto.l. The EBS tone signal is also routed through the
patchfield; this is a special multi-tone sound which should be
transmitted during designated EBRS tests (which aren’ 't done at the
momant) , and as otherwise authorized by the EES pooh~bahs. This
fesd into the studio switcher and airchain is alwavs actives it

ig not switched in or out (it is also mono, in case it is
overridden by another patch). There is no signal on this line
unless the EBS tones are triggered by the EBES generator. There

is a remote bkeyswitch to do this in the Studio A boardsy by
inserting the key and turning, EBS tornes will immediately be
transmitted, regardless of the air status of any studio.

f couwrse, the studio switcher output is only routed to the
airchain  1f it is normalled or patched appropriately in  Master
Control . The default normals currently installed route the main
sWwitcher output  through the airchain compressor {a Compellor
uritly ,  and  from there directly to the transmitter phone lines.
The normal from Compressor output to telephons lines is currently




a bit flaky, so0 a patch cord remains in semi-perminant residence

across  this connection. The studio switcher also provides a
"apare’ HA@-Uhm  output which comes up on  the Master Control
patchfield. This oubtput may be routed or monitored as desired,

vielding a simultaneous tap on the composite airchain signal.
1y Circuit Description:

This circuit is perhaps the most complicated ever built at
WMFD, as sesn in the 9 pages associated with the schematic
diagram. I got the idea for this circuaitry nearly three years ago
{(the basic functional design was doodled on a napkin while I was
waiting in & restauwrant for & pizzal. I was guite enthusiastic
about constructing ity in fact the idea of eventually installing
my hi-tech studio switcher is one of the major impulses  that
inspired me to continue pushing to complete the WHFD rennovation.
Aly, we e all occasionally slaves to abstract concepts, aren’t
we'? Perhaps someday I finally learn my lesson, and stop getting
slch wild ideas.

The circuitry is broken into two sections, one "awdio card
{which containg all analog and  audio electronics). and  one
"eontrol? card  {which dis primarily composed of COMOS digital
electronics). Both cards are mounted on the rear of the rack
panel:  the auwdio card is mounted vertically, while the control
card is horizontal. The only connections between the btwo cards
are sent  on a P-conductor cable which containg  the three A&IR
sigrnals (one for each studio, high £+5 VYoltsl on air status) and
their complements, along with a +5 Volt power supply line. Both
circuit cards use a common untiltered power supply mounted behind
the rack panel.

All circuwitry on the audio card is depicted in  the {first
page of the schematic. At left, one sees the 7 differential line
recelvers  that  convert  the balanced S88-Uhm input signals to
single—ended format. Three dual S532 O0P-AMPs (IC1-ICE) buffer
the three studio inputs {(one IC dedicated to each studio), and
the 5534 (IC4) buffers the EBS tone input. Superior audio guality
may be obtained if the coupling capeacitors (C1-C14) are removed
{they aren’'t really needed). These are 1 mfd. mylar non—-polar
capacitors, which aren’t the best choice, and may introduce a bit
of Tvapacitor distortion” due to hvsteresis effects, etc. Thea
guality of the studio switcher auwdio chain iz probably good
ernough, but if one is upgrading, these capacitors could either be
bypassad with & more suitable grade of capacitor, or removed.

The three studio lines are switched by & bank of three
LFIZEZ202 JFET analog switches (I've included data sheets on these
devices at the conclusion of this report). One LFLI3202 chip is
dedicated to sach studio {(each chip switches both lett and right
channels) . Each LF13282 package is wired as a DFDT switch, which
rottes  the inputs of summers 108 either to the studioc output
{when the studio has "air' status, and the appropriate AIR line
is high and its compliment "&IR-bar” is low), or to ground {(when
the studio does not have "air" status, and the states of the AIR
lines are reversed). The clamp to ground was incorporated to
avoid orosstalk problems due to summing nodes left floating in

&



the vicinity of live audio signals.

The two summing amplifiers (ICB) egually mix  the switched
oubtputs from sach studio into two channels. The EBES tone signal
is also mized (unswitched) in ICB: the amplitude of the EBS tone
in the mix is adjustable via trimmer T1. Trimmers T2 % TIE allow
the left and right master mix gains to be specified. The outputs
of IC8 are mixed in IC9 to form & mono feed (the input resistors
are calibrated to give & unity mono gain). Switch 51 (mounted on
the front panel) allows one to select either the original stereo
mix (directly out of IC8) or this mono feed from IC9 to be routed
to the output buffer circuitry. IT1I8 and ICLL create a
differential signal Ffrom esach chamnnel to form  balanced audio
lines {(half of ICI® and ICLI1 act as unity gain inverters, the
other half are non-inverting voltage followersl. IC1@ and I011
dirive fouwr complimentary transistor buffers (Q1-088), which allow
balanced lines of lower impedance to be driven. Diodes DI-DS
bias these transistors to avoid corossover distortion. Two
outputs are tapped from the emitters of the output buffersy A setb
of outputs isolated by 23 Ohm resistors provides a low impedance
drive (main output), while another set of outputs isolated by 208
hm  resistors yvields conventional 688-0hm balanced pairs (the
auxilary output).

The "+" end of each channel is also input to comparators in
IC12. These comparators detect signal levels crossing thresholds
adjusted via btrimmers T4 & TH, When a threshold is corossed, the
apprapriate monostable timer in ICIE is  activated, and the
corresponding  LED lights for & second or two to indicate the
Ypeak! condition. Zeners D9 & D18 clamp the +/-15 Volt swing of
12 to a 65 Volt excwsion that is within the supply limits of
ICLE.

The next 4 pages of the schematic depict circuitry living on
the control card. All ICs are labeled with their location on the
control  card {(letter column and numeric row;  see lavout on page

#$7). Fin numbers are listed for all IC comnections. A cross-
reference  which converts alphanumeric IC designation into  an
actual device btype is given on page #9. 11 logic circuwitry is

chriven by & 12 Volt regulated supply, except where suplicitly
nobed.
Fage #2 shows an assemblage of miscelansous logic functions

which are provided by the switcher. The dual clock (Cl) creates
clocks used to flash the EBS warning LEDs and blink the armed/air
LEDs  betore a studio is removed from air status {ie. Ywarning
flash olock?” hered. The EBS alert signal (buffered in a2 i
gated into the EBS clock such that the EBS LEDs flash only  when
an EBS alert has been received. The EBS flash rate is adjustable
{(over a small margind by trimmer T2, The O0f+-Air flash rate {(and
total Ygatety provision® Of F—Air deadtims) ism  adiustable via

trimmer Ti. The "Over Modulation" flasher voltage from the Belar
FiM o monitor  dis buffered in A2 and gsated by the IR signals  from
sach of bthe stuwdios before being applied to their remote "0V MODY
LEDs  (note that the subscript LY on the AIR lines refers to &
"local' selt of signals which go to logic 1 (12 VYolits here) when &
studio has air status).

The "Mic. Live" lines from each studio are buffered by A3



and  routed to the remote panels in sach studio to illuminate the
"mic. live" vellow LEDs. The "mic. live" status from each studino
ig AND ed with the AIR status of the studio in A4y these outputs
are all 0OR'ed in D2 before being routed to the phone—doorbell
unit (via B9 in order to activate the doorbell bulbs whenever at
least one studio with air status has a live mic.

The three AIR status lines are OR ed together +to Fform a
composite  signal which goes high whenever at least one studio iz
i the airchaing  the "All Aier? signal is used in the switoching
logic, as discussed below.

The next three pages of the schematic depict the switching
logic used for sach studio. The circuitry is identical in  each
schematicy the only differences are the I0s and pins dedicated to
the particular studio, as marked on the diagrams. This discussion
will analyre the Studio A circutry for simplicityy; all  other
studios follow identical concepts.

The pushbutton contacts dealing with Studic A $rom  all
remote  panels are input at left, and conditioned/buffered by
Sohmidt  triggers (A1/7062) and Filter capacitors  (C1-0C3y, The
Studio A pushbuttons located in the other two studios are first
gated with their AIR signals, in order that they can  have no
effect wunless their studio is connected to the airchain. These
signals are all OR‘ed in DP (along with the & pushbutton  in
Studio A gated with the "A11 Air" signaly this allows the studio
to arm itseld if no studios bhave air status). The output of e
clocks a T-type latch (D& which reverses the "armed" status of
the studios. The output of the "arm" latch D7 aates the studio’'s
pushbutton in D33 this allows the next push of the studio’'s
pushbutton (after the studic has been armed) to clock latch Dé,
which brings the "air" status of the studio high (the output of
the air  latch [D& herel provides the local studio oaIFR line
referred to in the logic diagrams). The air latch output also
resets  the fArm latch (D& through OF. If the studico has air
status (ie. O of D& is high), depressing the "A® pushbutton in
any studio having air status {including Studio &3 these are 0F sd
in C% and gated with A's AIR line in D4) will allow counter 05 to
be clocked. The divide-by-2 output of this counter causes the
Armed/Oir LED of Studic A& to flash (via gate C5); this provides
the off-air warning signal. When the counter has coveoled through
&4 clock input pulses (52 LED flashes), pin 4 of D5 will go high,
which (via OR gates in C2 % O3 will reset the AIR latch Dé
thereby removing Studio & from air status. Cournter DI (which is
clocked from the “Warning Flash Clock" derived from Ol =3
discussed earlier) thus provides the "“"deadtime® in taking a
studico off-air; it one relesses the pushbutton while the LED is
flashing, counter DI will reset, and  subseguent attempts
(ocowing when the button is again held down) will still reguire
&4 clock pulses before the air latch is reset.

The armed and air latches can also be instantly reset by the
Studio A mode switch on the main panel (S2) or the Master Reset
Button (also  mounted on the main panel). Switch S% (in its Ui
position) can also directly set the air latch, thereby putting
the studio immediately into the air chain. The "AIR" and “"AIR~
bar® signals are derived from the § and Q-bar outputs of Al




tatch Doy buftfer Fl acts as a level-shifter to convert the 12~
Volt  output  of Dé to a D-Volt swing that is digestable by the
LFIZEBE s on the audio card.

The armed/air LEDs for sach studio are driven by LMIZESO
power  OF-AMPs  which take the difference in voltage between the
aoutputs of armed and air latches. When the armed latch is high,
the air latch is low, and the LMIZ@BE is driven negative, which
illuminates all LEDs pertaining to the corresponding studio in
I G 6 . When the air latch goes high, the armed latch is reset,
and  the LMIZEBE swings positive, illuminating all LEDs for this
studio  in red, I+ the studio is "dead" (ie. neither armsd or
aird, both inputs to the LMIZBBO are at ground, and the output
stays at zero, thereby keeping all LEDs associated with the
studio darkened.

The power supply is depicted on the sixth page of the
schemaltic. +/= 3 Volts (for the audio card and LMIZ@088 '), +/-
18 Volts (for the auwdio card), and +12 Volts (for the logic on
the control  card)  are provided by  ZE-terminal TFE/T9 Lty
regulators. The +/-18 Volt regulators are mounted on the audio
card; all others (I think...} are located on the control card.

The remote panels consist of 8 LEDs and 3 switches which
have one end tied to ground, and the opposite end tied to a cable
which feeds to the studio switcher in Master Control. See the
diagram on page 8 of the schematic.

IIT) Calibration and Adjustment:

Even though the circuitry is fairly complex, there’'s not too
much to btune in the studio switcher. Locations of all  trimmers
arg alluwded to in  the card lavouts listed on page 7 of the
sohematic.

First, 1’11 detail calibration of the audio card. Flace only

one of the studios in the airchain (let’'s say Studio &), Fot up
house-tone & rero dB in Studio A, Pateh the output of Studio A's
distribution amplifier in Master Control {which should bra

normalled  to the studio switcher input) into a metering device
{(the ER in Master control may suffice; otherwise use a bhoard in
ancther studio). Adiust the gain on the EG (or board) to vield a
zero dB meter deflection. Mow patch the studio switcher main
output directly to the calibrated meter (ie. board or EG;  pull
the patch from  the Studio A DA output, and put it into the
switcher output). Adjust the gain trimpots (T2 & T3 on the audio
card)  to again vield zero dB meter deflection. The studio
switcher gain is now adjusted to be unity (the convention we ve
satablished @ WMFD; the only airchain component giving gain  is
the Compellor?. I¥ needed, the switcher is capable of vielding
gains of zero through 5 or so0; we're presently using the uwunity
gain standard.

Newxt, remove Studioc A& from the airchain (de. flip Front
panel  toggle 82 down), activate the EBS tones (make sure they
aren’t transmitted for legality’'s sake), and adjiust trimmer T1 on
the audio card to again vield & zero dB swing on the calibrated
meter (board or EG).

Finally, the peak LEDs should be adiusted. Fut Studio &



back into the airchain {(via front panel switch 82). Fot up the
house tone in Btudio A until the LEDs in the board begin to
illuminate. Ad just threshold trimmers T4 & TS on the audio card
until the peak LEDs on the studio switcher panel barely begin  to
light {the one second-or-so minumum flash on these LEDs makes
thiszs adiustment a bit hairy)., The audio card is now calibrated.

There are only two adjiustments to make on the control card.
Firet, trip off the EBS alarm, and adjust trimmer T¥ on  the
control card to vield & nicely irritating flashing rate on  the
EBE  LEDs (if I can recall, there’'s not too much leesway in  this
adiustmenty decrease R4 and increase 4 if more range is
desired?. Mext, reset the EBS (to avoid all the noise), and set
the "Off-fir warning flash ratesduration” by having someone hold
down & button to put a studio off-air. While the LED is
tlashing, adiust trimmer 7T1 on the control card to vield an
acceptable flash rate and reasonable deadtime (I found a 2 second
deadtime  {or so0) to be optimal). The studio switcher is now
calibrated; remove all patches, and let her ripo....

IV Troubleshooting Hints:

The Studio Switcher, in spite of its complexity, has not
failed during its first vear of use. I+ it ever does {(and the
audio circuwitry stops working), 1t may be esasily patched around
in order to keep the station working (after all, this flexibility
i the puwpose of the station patcochfields).

The audio circuitry may be traced Ffairly esasily. The
digital circuitry is & bit of a "rats nest", however all ID pins
and  connections are given in the schematics, which showld make
troubleshooting and tracing & bit simpler, and certainly do-able.
Before tearing into the circuitry, check the audio and control
signals coming into the switcher to make swe that they are all
praoper (the problem may indeed be a connection, relay, or
patochfield in & studior. Check also the power supply voltages.
fAbove all, don't panic, and good luck.....

1@
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Natlonal

LF11331/LF12331/LF13331
LF11332/LF12332/LF 13332
LF11333/LF12333/LF 13333

LF11201/LF12201/LF13201 _

Semlconductor

quad SPST JFET analog swntches
4 normally open sw&tches with disable
4 normally closed sw1tches with disable

4 normally closed switches

[LF11202/L F12202/LF13202

general description

. These devices are a monolithic combmatnon of blpolar'
“and, JFET - technology producmg the industry’s first

- one chip quad JFET switch. A _unique circuit technique
is employed to maintain a constant resistance over the

" analog voltage range of +10V. The input is designed to
operate from minimum TTL levels, and switch operatlon
also ensures a break-before-make action,

, ‘features .
- Analog signals are not loaded

® Constant "ON" resustance for s»gnals up to +lOV and

100 kHz

B Pin compatlble with CMOS switches with the advan

tage of blow out free handling

4 normally open swntches) P

i

Small sngnal analog s;gnals to 50 MHz
Break-before-make action

'High open switch isolation at 1.0 MHz -
Low leakage in “OFF" state IR

TTL DTL, RTL compatlblllty ST

Smgle disable pin opens all swntches in package on
 LF11331, LF11332, LF11333 | - ‘

. LF11201 s pin compatible w:th DG20‘!

‘An’alos swit,c:ﬁ.es

BI-FET Technology -

2 normally closed switches and 2 normally open swntches wnth dlsable

torr <tow
-50d8B
<10 nA

. These devices operate from +15V supplles and swing a

+10V analog signal. The JFET switches are designed for

applications where a dc to medium frequency analog

) signal needs to be controlled.

connection dlagrams (Dual- In Line Packages) (All Switches Shown are For Logical “0")

LF11331/LF12331/LF 13331
"IN, D4 54 DISABLE+Vce S3 D3 IN
Chs is lu Iu Iu 1 |1 |

LF11332/LF12332/LF13332
e D& SA DISABLEWVee S3 03 Ny
bs lis Lo Dis bz 1o {se ls

S ]

l - 3 = ‘ 4 ¢

P—— .‘f--z I i b e :---l ..... bee -——d
— . Z-“‘ - —;-|
¢ »; | P 1 4 4 . .
i Pl PrE BT I I EGE ¢ Is s P |p
N, D1 St Va -Vge S2 D2 N W, 0 st V._-—Vu $202 W,

! ' . TOP VIEW
i .

;LF11201/LF12201/LF13201
Ny D4 SE ee NCS3 D3 INy

ls Jis Qi D bz fon fie |s

vl LY

O K S N S
Ny, DTSt Ve Va S22 D2 N
[ TOP VIEW

test cnrcunt and schematlc dlagram

©ovan .. -t ANALDG S ] Ay el s
INPUT (V) 1 N "L°"VW1| > n I, o
Yao ' : val T
ol = . LoGIc
. ) Lo S W

INPUT

oo v oo 1.
wosic 1200 |
L

TOP VIEW

Order Number LF11201D, LF12201D,

LF13201D, LF11202D, LF12202D,
LF13202D, LF11331D, LF12331D,
LF13331D, LF11332D, LF12332D,
: LF13332D LF11333D, LF12333D
. or LF13333D
See NS Package 0166

Order Number LF12201N, LF13201N,
" LF12202N, LF13202N, LF12331N, =~ °

LF13331N, LF12332N, LF13332N,
LF12333N or LF13333N
See NS Package N16A

LF11333/LF12333/LF13333

iINg 04  SA DISABLE +Vec .S3 D3 Ny

be Jis Jia D3 Jiz Qi fo o

1 2 3 4« Is || |1 . || :
Ny D1 S Vp -Veg S2 D2 IN;
Torview

LF11202/LF12202/LF13202

N D4 S& Ve NC S3 D3 Ny

w s e fis P o fe s

|1 2 E] In ls ll /Ir Il
W D1 S1 Ve Vo S2 02 K
. TOP ViEW

O +Vee i%\

TR |

_ \5 The .
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FIGURE 2. Schematic Dlagram {Normally Open)
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LF11331, LF11332, LF11333, LF11201, LF11202 Series
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THE _WMFQ ON-AIR RELAY EBOXES

INPUTS:

# Normallv—off contact from
control board muting relay or
microphone switoch

¥ Geveral sets of Mormally-off
and Normally-on contacts



THE _WMFQO ON-AIR RELAY_ BOXES

I Functions and Operation:

There is an on—air relay box located in each studio. Im
Studios A % B, the relay boxes are mounted on the side of the
right Turntable Cabinet, beneath the board. Imn Studio ©C, the
relay box is mounted on the side of the Turntable Cabinet, inside
the door below TTi1.

The purpose of these devices is to create several readily
available relay contacts (which switch when a studio mic. i
Vive) From a single normally-off contact inside of the board.
Since these relays are located outside of the board chassis, one
may  switch  any  type of signal  through them without risking
crosstallk  into the audio lines (only a low-current DU signal  is
brought  into the control board to trigger the relay box). The
relay  box  contacts  are normally used to mute the studio  PA
speakers, activate the "ON-AIR" warning lights atop the studio
doors,  and  illuminate the "Mic Live" LEDs inside the studio
switcher panels (as well as illuminating the doorbell pushbuttons
when the transmitting studio goes live). The relay box contacts
in Studio & are also used for the "Cassete Skim" option (see
"Htudio A Remote Control/Auto-Skim" writeup). Spare contacts are
available in  most studios Ffor Ffuture expansion. Additional
relavs may also be added fairly gasily if extention of capability
i required.

THy Circuit Description:

The basic relay driver circuit is very straightforward, as
sean in the single-page schematic. A EIS-Volt (untused; be
careful ') power supply is input to emitter—follower 1. When the
air mike goes live in the control board, the base of 01 is driven
high through RZ, causing it to pass collector current and switch
any  relay{s) wired between its emitter and ground (D1  protects

against back-bias transients from the relav coils). The actual
implimentation of this circuit varies in esach studio. Im Studio
C, &ll electronice seept the relay are housed inside a small
aluminum  boxg the relay {(which has 4 poles) i mounted
axtarnal ly. Im Studio B, evervthing is mounted in a single
aluminum chassis; here 01 drives several socketed multi-pole
relaves. The arrangement is & bit different in Studio A, where

all electronics and a single relay are mounted in a black box.
The relay has two contactss one is available for general use,
while the other switches 110 VAC which is used to drive another
sat  of socketed relayes mounted in a separate aluminum chassis.
Sorry for the lack of standardization: these boxes were all built
out of available Jjunk, and assembled at different times.



ITI) Troubleshooting Hints:

The symptoms to watch for are PA speakers that don't  mute
(or are always off), ON-AIR lights that are always on or aff, and
"Mic. Live" LEDs in the Studio Switcher control boxes that remain

it o dead. This circuit is readily checked with a wvolt-
ohmmeter . Make sure that the relay box is  plugged i, andg
receiving AC power. Make sure that the input from the board is
switoching Ok, Make sure that the problem is not a single bad

relay contact (ie. if only one device driven by the relav box is
malfunctioning, this might be the problem). I the difficulty
seans inside the relay box, first check the power supply voltage,

and then check (or replace) G1l. The only problem with one of
these happened in Studio C recently, where 91 blew out {ie. the
beta went down to zero)d. This is probably because I originally

omitted DI from the design. I installed it while making repairs
tthe relay boxes in the other studios may not have Di installedy

it they blow out due to a bad 01, install DLY. Their longevity
seemns quite good; the device in Studio A has been running already
for 18 vears without a hitch. The box in Studio B has been

opaerating for 3 yvears without problems.

Note that the FA mute and "Mic Live" LEDs use Normally ON
contacts. The ON-AIR lights employ NMormally OFF contacts. The
118 VAC  switching Ffor the ON-AIR lights actually ococurs in &
circuit  mounted behind a panel sitting in the grey monitor rack

in Master Control. This circuit uses a low trigger voltage to
switoch the line current via solid-state relays {(and was built by
Jeft Goldsmith, E74). The light bulbs inside the ON-AIR light

fivtures will occcasionally need replacing:;  they use conventional
"might-light" 7 Watt {(or so) bulbs.

The connections on the relay socket block in Studico C  might
be & bit flaky; if this relay seems to be problematic, check
these connections first.
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THE WMFO _CASSETTE REMOTE CONTROL/AUTO-SEIM

¥ Wiper, Normally ONM, Normally OFF
contacts from a "live mic." relay

¥ 426 Volts from LPE control board

* Fause and Flay pull-to-ground
outputs to control cassette deck



THE CASSETTE DECE REMOTE CONTROL/AUTO-SEIM

I} Function and Operation:

This device is located in a small chassis mounted atop  the

Studio A control board. It provides remote-control capability
for & rack-mounted cassette deck. Only the "pause" &  "play"
buttons are remoted in this device. MNesdless to say, beware of

removing a cassette under "pause’; the "stop” button on the deck
shouwld always be hit before the cassette iz ejected.

This circuit also enables "skim” tapes to be made {ie.
recordings  are made only when the studio microphones are live,
causing the DJs voice and/or live on-air material to by e
axclusively captured:) . To set up "skim" operation, first place
the cassette deck into record, and activate Tpause", Turn the
switch  on the remote control panel to  Yskim®. Whenever the
studio mics. are activated, the green light on the remote control
panel  will flash, and the cassette deck will record. When the
mics. are off, the green light is extinguished, and the cassette
deck goss back into pause.

Under normal  operation, leave the remote control in  the
"NEMY position, otherwise the cassette deck will always try  and
put itseld into pause when the mikes are off, and put itself into
play  when the mics are on. If a cassette tape winds to its
conclusion wnder "skim" operation, the remote will still beapn
trying to put the deck into play (even though the cassette deck
continues to stop itself shortly thereafter). This will cause an
annoying periodic "clunking" as the cassette deck cycocles between
play and stop. To avoid this, flip the switch on the remote to
"Nrm. " shortly after the skim tape winds to its end.

This remote wunit was designed Ffor a modified JVC-3220
cassethte deck. The pause and play pushbutton contacts on  this
deck  were  brought  out externally via & 3-terminal  connector
mounted on the rear of the chassis. The deck that was modified,
unfortunately, died after a year or so (presumably not due to the
action of this remote). The deck is now sitting on a sheld in
the tech room waiting for eventual repair. I¥ this deck is ever
repaired properly, it might be retwnrned to its place in  the
Studio & rack, and re-connected to the remote unit. Diherwl se,
this remote wunit may easily be modified to work with other
cassebte decks. ‘

Iy Circuit Descriphtions:

The circuitry in this remote control box is guite simple, as
drawn in the single-page schematic. The JVC-22 pushbuttons
operate by clamping their contacts to ground. This is also
accomplished in the remote control whenever pushbuttons 872 or §3
are pressed, or whenever transistors 088 or 03 are turned on. I+
switch 81 is in the "Nrm." Position, these transistors remain
off, and control must be accomplished solely via $2 and 3. When
81 is in the "skim" position, the output of the 555 astable [01



will drive either 02 or B3, depending on the state of the “mic-—

on relay to which the remote is connected. When the mics. are
off, 101 will pulse 02, which keeps the deck in pause. When the
mics. go live, OF iz pulsed instead, which puts the deck into
play. The "mic.-on" relay which is used here is located in  the

“On—-Air Relay Box", located under the counter (see the associated
writeup for detailsy.

ICL produces square waves at approx. a 2 Hz. rate. It was
introduced due to transients in the rasponse of the cassette
dech, Because the internal processor in the deck scans the
control buttons periodically, a rapidly changing state (such as a
switching relay) may be missed, causing unpredictable operation.
By pulsing the control buttons repeatedly via ICL, the cassette
deck’'s processor eventually responds to a changing input {(usually
betore the third pulse arrives).

Transistor @1 and zener DI drop the 26 Volt supply from  the
LFE board down to 5 Volts or so, which happily and safely drives
the 555,

This woircuit will directly control any cassette deck which
operates  its control  lines on a “pull-to-ground" basis. By
adding pull-up resistors onto the outputs, it will also work for
any  opto-isolated syvstem. Additional relavs or isolation
circuits  may be installed to drive systems which don't work on a
pull —to-ground basis. By using a bit of ingenuity, one should
gasily be able to adapt this circuit to control any cassebte
deck. Mow  that the original deck has been removed from the
Studio A rack, the remote cable is dangling there, terminated in
a S-prong connechor.

ITH Troubleshooting Hints:

Firet, make sure the dechk is not at fault. This is easily
accomplished by disconnecting the remote cable, and testing the
deck independently. Check the relay connection in  the on-air
relay box  to make sure the remote-skim is being switched
correctly. Check that power supply voltages are proper. Check

the 555,
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THE WMFQ STUDIO A MONO/STEREQ MIC. RELAYS

# 2 Pairs of Left & FRight Mic.
Inputs (from Fot #1B and Pot #28)

# 2 DC activation lines {(from
selector switches for Fots #1 2 #2)

# 2 Mono mic. outputs (with both
left and right inputs mixed).
These are routed to Pots #16 & #74.



THE STUDIO A MONOD/STERED MIC. RELAYS

IM Function and Operation:

This circuit is located on a breadboard mournted on the rear
wall of the Studio A control board (inside the console). It
engages special relays whenever the studio mics. {ig. ‘the mics.
on pots #1 and #2) are on-—channel and the respective  selector
switches are set in position B ("Stereo Mics."). Each pot (#1 or

H2) has two mics. associated with it. Fot #1 has the DI mic.
(which is assigned to the right channel), and one guest mic. (on
lefh). Fot  #2 has two interview mics. {one each for left and

right). R jacks for Pot #2 (R & L) and Fot #1 L are mounted on
the outside face of the cabinet supporting the control board.
The XLR jack for the DJ mic. is mounted on the top cournter of
this cabinet, adiacent to the control console and DJ mic. boom.
Whern  the selector switch for Fot #1 or FPot #2 is in the "8" (ie.
"mono’) position, the two respective mics. are padded together,
and  both left & right channels are supplied with a mono sigral
{ie. both mics appear in the "center"). When the selector switch
i in the "stereo” position (ie. "E"), this mixing pad is broken,
and  each mic. will appear separately in the assigned stereo
charnnel .

The creative applications of this feature are consideralle;
one  can have the DJ assigned to center, and guests on  either
side, or assign DJ and guests to the sides and place & phone
caller in the center (phone calls will always be in mono unless
somsbody does some creative patchingl). Have Fufe.....

Iy Circuit Details:

There is no active circuitry here, as seen in the single
page schematic. = The LFPE board in Studio A has 4 mic. preamps;
one each for left and right channels of both pots #1 and #2. The
balanced microphone lines coming into the board are tied to  the

input terminals for pots #$1B and #2E. These terminales are also
routed to the relays located on the handwired card mounted on the
rear  wall of the console. When the relavs are off {ie. mike

selectors are in the "A" position), the Left and Right mic inputs
are mixed by 759-0Ohm balanced pads (ie. the 27-0Ohm resistors).
The outputs of these pads are routed to both left and right input
terminals for FPots #1686 and #$26 (ie. the mono feeds). It & mic.
selector is placed in  the "Stereo” {ig. B)Y position, the
assoClated relay on the handwired card will be activated, causing
the corresponding mixing pad to be broken  and placing each
microphone  discretely in left and right channels. The  &88-0Ohm
resistor  drops the 26 Volt LPE supply to provide 12 Volts needed
to activate the DIF relay (these resistors must be rated at least
2 Watts). Diode D1 is mounted on  the selector switch, and
isolates the control of the DIF relay from the master on-air
muting line.

3y

i




Iy Troubleshooting Hints:

Check  the microphone input connections. Check the mic.
P @amas . Check first the wiring in the board {(atter re-puilding
the board, this wiring was a bit flakey due to repeated stress.
Most  of the bad wiring and poor connections have already been
isolated and repaired; the board has been running fine for over a
VEAr oWl . Check  the selector and program/audition switohes;
these contacts occasionally get corroded, and need cleaning. The
DIF relavs are socketed for aasy replacement.
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THE _WMFQ _STUDIO A GAS LIGHT

* Balanced Mono Audio In
{appears on Studio A Patchfield)

#* Modulated 118 VAC
{standard outlet which normally
is connected to GAS Light socket)



THE WMFQ STUDIO A _GAS LIGHT

Iy Function and Uperation:

The Studio A GAS Light is mounted at the top of the Studio A
rack. The BAS Light is a small red indicator light which
illuminates to display the word "GAS" whenever an  input audio
level crosses a pre-set threshold. The GAS light input is routed
through the Studio A patchfield, and normalled to an output of
the Studio A Distribution Amplifier (which is mormalled +to  the
program output of the board).

The GAS light is mainly for aesthetic purposes {ie. it's &
hack) . It flashes amusingly with the source material on program
i Btudio &, It may also be patched to another source, and
thereby serve a potentially useful purpose as an  indicator of
audio level,

Iy Circuwit Description:

The GAS light circuitry is guite straightforward, as shown
in the single-page schematic. The circuitry is actually locatsd
in two places, as noted in the schematic. The mixer/driver OF-
AMFE (101 is mounted on a piece of perfboard piggvbacked on  the
Studio & distribution amplifier card (from which it draws its +/-

18 Volt supply). I+ one turns the distribution amplifier (i,
interface) off, the gas light certainly won't work {(although mary
more  severe  things will happen as  well)d. The +triac and

associated circuitry which modulate the 118 Volt ling current for
the GAS  Light bulb are located in a small aluminum box mounbed
behind the chassis at the top of the Studio A rackh. The  OF-&MF
driver illuminates LED #1ly; this light changes the resistance of
the CODE Fhotoregsistor PRI, which can turn the Triac TRLI  on,
thereby illuminating the GAS Light. The photoresistor is shunted
via potentiometer Fl; this adjustment allows one to btweak the G548
light sensitivity and response.

ITD)y Calibration and Adjiustment:

First, remove &ll audio from the GAE light input {(ie. cut
the Btudio A program output, or insert a dummy patch into the BAS

Tight input). Adiust F1 (mounted on the aluminum  box  located
bahind the BAS Light panel) so that the GAS light just begins to
illuminate. Back off a bit so that the GAS light remains

conpletely dark.

Mow  introduce nominal audio into the BAS light input {ig.
remove the dummy patch, and put something on the Studio & board
at,  average level). Ao just trimmer Tl {(located on the perfboard
piggybacked on the Studio A distribution amplifier [behind the
interface panell) so that the GAS Light pulses nicely with the
music.  The GAS Light is now calibrated.

Pl



IV Troubleshooting Hints:

Every year or two, the light bulb in the GAS Light Ffixture
blows out and will need replacing. THIE I8 A VERY  IMPORTANT
TASE;  THE GAS LIGHT MUST REMAIN FUNCTIONAL ! !! It was a favorite
hack of the tech crew, and we'd like to see it maintained. This
ie very sasy to do. The GAE Light takes conventional 7 Watt {or
H5e3) "mightlight”" bulbs, easily available anywhers (the OM-AIR
ights mounted above the studio doors take the same bulbs).

I+ the GAE light remains on for some reason, check the
adjustment of PFL, as mentioned above (check also the audio

it . I+ the GAB light still remains on, the triac TR may
nesd replacing {(this should be available via Radio Shack). I+

the GAE light remains off, check the fuse. Check alsa the input
audio  feed, and the adiustment of trimmer Ti. Checl: LEDI.
Betore vou do anything rash, make sure the GAS light bulb is Ok,
and  plugged into the driver bos. Make swe the driver boxw is
plugged into the 110 Volt AC line. Don't get a shock.
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INFUTS:

# Halanced External Monitor Feeds
(L. % R ’

# Stereo Headphone Feeds
(from headphone level pot and
souwrce selector switch)

# 4 Ralanced microphone inputs

¥ Frogram Feeds (L & R

# Center-Tap from Telephone fader
(L. & RO

# Cue Bus Feed
¥ fMudition Feed

# +26 Volts from LFBR board

# Single-Ended External Monitor (L/R)
* Stereo Headphone Outputs (L/R)

* Telephone audio fesd (nono)d
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D) Function and Operation:

The phrase "Studio A Kludge Cards" refers to two handwired

perfboards mounted inside of the Studio A mixing console. Thie
purpose of these cards is to augment some of the functions of the
LPE board. The card mounted at left {(facing the board +from

front) contains & stereo headphone amplifier and sterso external
monitor line receiver.

The headphone amplifisr allows several sete of monitor
headphones {(of any impedance) to be plugged into the console.
Two headphone jacks are provided below the console countertop (in
front), two headphone  jacks are provided at the side of the
console  cabinet (next to the interview mic. Jdacks), and one

headphone Jjack is provided at the rear of the board. All  of
these Jjacks are driven from the headphone amplifier mounted on
the leftt kluwdge card. The headphone souwrce {(ext. mon., program,

cue)  is selected by the appropriate knife switch on the console,
and  the headphone volume is adiusted via the console-mounted
control .

The external monitor line receiver converts the balanced
axternal  monitor signal supplied to the studio inte a single-
ended line used by the LFB board. Connecting the balanced signal
directly to the single-ended inputs caused considerable noise and
crosstalk, hence the line receivers were installed.

The kludge card mounted at the right side of the console
creates  the audio feed supplied to the studio telephone. When
working with the telephones, the "handset” switch mounted on the
top of the telephone should be off, inhibiting audio feeds to and

from  bthe telephone handset. The handset should be removed from
the switchhook, and the desired line depressed on the telephone
selector buttons. Audio from the telephone line appears on pot

#&y by potting this up, callers may be placed on the air. Fot #&
may also be placed in cue so callers can be auditioned before
going live (eliminating the necessity of ever using the handset).
The handset can be left off the hook throughout the duration of
the  shows; to disconnect the caller, merely punch the button on
the telephone corresponding to the unused line {(presently line
#4). Make sure the telephones are potted down on the board
betore doing this in order to avoid a blast of noise and
potential feedback.

The SHtudio A setup allows one of three signales to be fed
down the telephone line to the caller. The telephone source is
determined by the setting of the "Feed to Telephone” knife switch
orn the console. If this switch is in the "mics. only" position,
ar  audio feed from all 4 microphones in the studio (2 on pot  #1
Cincluding DJI and 2 on pot #2) is continuously fed  down the
selected telephone line {irrespective of whether any mics ars on
program o pobted wupl. This is the simplest way of doing a
telephone interview, and perhaps the most commonly applied @
WHFO. Using the '"mics. only" feed, one can esasily preview



callers in cue without ever having to use the handset, as
mentioned above.

I+ the telephone selector switch is set to the “"Aud,
position, the console’ s audition mix is fed down the telephones
line. This allows one to pot up music, voice, stc. on audition,
and send it to the caller. Anvithing appearing only on program is
mot sent. By also potting up the audition line on program, the
audition awdio is directed both to the caller and on-air
audiences.

It the telephone selector switch is set to  the "Fom,
position, the console’'s program output is sent down the tel ephone
lineg to the caller. Since the signal from pot #& (which is

defaulted to the telephone) is subtracted from the caller s fead,
the caller may be potted up on program without feedback while all
ather program material is still sent down the ctelephone line.
This is perbhaps the most convienent means of using telephones in

a music/talk context {(ie. “NMame That Tune"); whatever is being
played over the air in program (except the caller’'s voice) ig
sent to the caller. This option has two minor hitches, however.

Because of inherent difficulties in subtracting out the caller s
vaice from the telephone feed, feedback and "howling” can result
when the caller is potted up excessively high. This is generally
not & problem, since enough feedback—free range exists for most
taelephone connections. The problem may becoms more evident when
the caller is at a very low level {ig. poor telephone
connection), causing more gain to be needed. In these cases, one
should resort to the "fesdback—free” mics. anly or audition
feeds. Another guirk of this "Pgm." feed is that anything on cus
will also be injected into the telephone line {except for cues on

pot #&) . Thus, if vou're cueing up a record while talking to a
caller under the "Fgm." feed, the caller (and potentially the
Listening audience) will hear the record being cued. MAgaEin, use

another type of telephone feed if this becomes a problem.

Because of the way in which pot #& is subtracted from the
telephone fesd under the "Fgm." setting, the telephone oubtput can
not be patched to another fader when this feature is being wused
{otherwise terrible feedback will immediately result). The
telephone  output may be re-routed to any fader when either the
Audition or Mics. Only feeds are used.

The outputs of the telephone feeds from each studio are
routed to the Master Control patchfield, where thev are normalled
to  the audio inputs of the Symmetrix telephone interface units.
These audio feeds may be re-directed in Master Control for obher

purposes; for  instance, the "mics. only” feed can provide a
direct line-level microphone output from each studio which is
independent of the miding consoles. This feed has proven o be

ideal for espionage, vocal effects processing {iem, real~time
pitoh shifting), eto.

Symmetrix TI-101 telephone interfaces are used to connect to
the telephone lines. There are three of these units mounted in
the blue interstudio rack in Master Control. Each of these units
buffers the telephone line selected by the telephone in  sach
studioc {ie. one wnit is dedicated to Studio Ay another is
dedicated to Studio B, and a third is dedicated to Studio O).



The telephone line selected is the line punched up on the studio
telaphone. Several lines may be punched up simultaneously on
these telephones (they ve been specially modified; try punching
two buttons at oncel; this enables the lines to be "conferencesd?.
The WMFO intercom line may also be used with the telephone
interface in the same fashion. One can as well conference the
intercom to an outside line (this is useful if vou are located in
a remote site [ie. transmitter rooml, and need to make an outside
call on the intercom).

The Symmetrix TI-181 buffers the audio feed to the telephone
lime, and also creates an audio output from the telephone to the

studio. This audio output supposidly "subtracts" the input audio
+ @ec {ie. the DJ's voice) from the output feed in true "hvbrid®
fashion. This doss not work too well, however, hence  owe
Symmetrix TIi-1@ls have been modified to work also as Vphone
switoches”, where the amplitude of the DJI's voice attenuates the
telephong oubpulb. This can create potential conflict when both

partiss try to spesk simultaneously, howsver this problem has
ot surfaced wnder operation, and the Y"switching" action of the
telephone interface enables a VEY Crilsp, clean, ard
professional —sounding telephone show to be conducted.

Ty Civcuwit Description:

The circuitry on the left-hand kludge card is depicted in
the +irst page of the schematic. The hesadphone amplifier (A) is
based around  two LMIZABE power OF-AMPs (101 & ICE). The 7815
regulator drops the &6 Volt LFE supply down to 135 Volts, which is
digestable by the LMIZB8E0 =. Since they operate off a single-
ended supply, the OF-4MPs must be biased up (RZ7,R18) and DO
isolated from the outside world (C1,C2,06,07y. The output of the
headphone  amplifier essentially comes right off of the OF-AMPs;
7E-Ohm buffering resistors (RE-R7 and RI&G-RED) sre inserted in
s@rigs  with the headphone outputs at each headphone jack (theses
resistors are not mounted on the card). Because these resistors
effectively isolate esach headphorne port, headphones of  any
impedance  may be plugged in without disturbing the other sets
already connected.

The lower portion of this diagram (B) shows the external
monitor line receiver circuitry. This is a standard pair of
differential amplifiers built around a D53 dual OFP-4MPF.  Because
of  the single-snded supply, all OP-4MPs  are Dbiased wp via
REI/RE2E,  and outputs are DO isolated (C9 & Cl@). The oubtput of
leftt and right channels may be independently trimmed via T1 & TZ.

The telephone interface circuitry {located on the right
Eludge card) ism depicted in the second page of the schematic.
Fowr differential amplifiers based around 5522 dusl OF-aMPs  (I0Z
B ICEY pre—amplify the signals from all 4 studio microphones (3
interview and 1 DJi. These amplitiers are fairly high impedance
(22 EOhm to ground on inverting inputs), thus they are parallel
Jjumpegred with the console mic lines {(at the input terminals for
faders 1B and 2B) with negligable effect on the audio quality of
the console microphone feeds. The outputs of 102 &8 ICE are
summed by 04, with additional gain set by trimmer T4. The DC

a4



bias on the output of IC4 may be adjusted to 13 Volts {halt of
the LFB  Zé&-Volt supply). via btrimmer T5. When the selector
switoh (51 is set to "Mics. Only", the output  of IC4 is
acdditionaly amplified and converted to a differential bal anced
signal by driver ICS5. When 51 is set to "Aud. ", the single-endsad
audition output From the consocle is input directly to the
halanced driver (ICSY  to send the audition channel down the
telephone line.

The center—tap of the telephone fader (Fot #&) is subtracted
from the program output in IClb (these signals are inverted with
respect  to  one  another, thus they are simply summed). Thie
left/right program balance is adjiusted via T2, and the program
level  is set via T3 such that the signal from pot #é& is
completely nulled. HBecause the input audio is also routed to the
tader center-tap when it is put into cue, the cue bus output must
as well be subtracted from the fader signal to enable fader #& to
be used in cue. ICla inverts the cue bus for this subtraction,
and Tl adjusts the cue amplitude such that the cue feed of pot #é
can be completely canceled.

Because of the single-ended supply voltage (all circuitry in
the telephone driver operates off the LFE 24 Volt supplvi, all
OF-AMFs in this circuwit are biased up at 13-Volts (via RIO &
Ri1), and all inputs and outputs to this circuit must be DC
isolated via coupling capacitors.

ITIy Calibration and adiustment:

Firet, 1’11 outline the calibration of the left-hand card
{first page of schematic). The Headphone amplifier needs no
calibration. The external monitor levels may be set by adiusting
TL % TZ. With a good, robust audio source sounding over the air,
place the board into "Ext." monitoring, set the monitor level at
mid-pot, and tweak Tl & T2 until a comfortably loud, left/right

balanced audio eminates from the monitor speakars., The External
monitor line driver and distribution amplifier should already be
calibrated before attempting this adjustment; e their

asgociated writeups for details.

1711 now outline the calibration of the right—hand card
(sacond page of schematic). Several adjiustments must be made to
=@t up the telephone driver circuitry. First place the selector
switch (81) into the "mics. only" position. Measure the output
of IC4 with a voltmeter, and adjust trimmer TS5 to vield 13 Volts.
Mext, speak normally into a microphone, and adiust trimmer T4
until a nominal, understandable auwdio level is recieved over the
telephone (this adjustment may depend somewhat upon the settings
cf  the Symmetrix TI-181 telephone interfaces; consult  their
manual  for details). Atter T4 is adjusted, TS5 may require
additional trim to maintain the 13 Volt quiescent output bias.

Next, the program nulling circuitry must be balanced.
First, pot up the house tone oscillator over program {(set it to
read  zero dBE on bthe meters: don't use fader #&). Adiust T2 to
vield an esgual left/right balance at its output. This can be
done in several ways: one is to invert one channel of the proge am
B CE (iw. plug the house tone through the Interface before it




ie input to the board, and hit "right channel invert'. Use only
the mono output, and make suwre it is perfectly balanced [patch it
through & mono bridge to inswe thisl). Monitor the output of
the telephone feed on audition {(ie. patch the Studico A telephone
input feed from Master Control into a fader on the Studio & board

{other than fader #4), and put it into auditionl. Set T3 +to
maximum, and adjiust T2 until the house tone is nulled {(ie.
dissapears from the audition audiol. Next put both house-bone

channels back  into phase {(ie. Flip the "R-Ivt." switch on  the
interface back to "Mrm.", or disconnect the interface entirely).
Fatoch the house-tone (or interface output) into fader #&4, and put

it into program at half-pot. Adjust trimmer T3 such  that the
house—-tone  component  in the telephone feed {(monitored over
awdition? is  at & minimum. The house-tone feed is entirely

removed when T3 is full off, however this sxitreme is undesired;
ancther intermediate setting of T3 will produce the null, and
this is what is called for.

Mext, place pot #6 into cue, and adiust trimmer T1 such that
the house-tone awdio {(which should re-appear over audition), is
again nulled from the telephone feed.

The Studio A kludge cards are now calibrated. The telephons
program null dis affected by the setting of the master program

gain control mounted inside the board. I+ this gain control is
adjusted Ffor any reason, the telephone program null must  be
grtirely re-calibrated as discussed above. Alwavs trim these

nulle aftter plaving with the master program gaint!

The location of all kludge card trim pots are labeled inside
the top cover of the LFE board. Refer to these diagrams for
assistance.

IVY Troubleshooting Hints:

The functions of the kludge card are discretely broken  up;
ie. headphone driver, external monitor intertace, and telephons
+ered {(the rtelephone feed circuitry is further subdivided into
mics., audition, and nmalled program sections). The symptoms of
defects {ie. which functions are inhibited) shouwld point fairly
divectly to the vicinity of the problem. The kludge cards tie
gquiite heavily into the imnnards of the consoles if anvone monkevs
with the conscle, these connections may be disturbed, causing an
apparent malfunction.

I+ the microphone feesd seems distorted or inhibited, check
the bias adjiustment T3; it may drifh. I+ the nulled program fesd
seems  to be feeding back and howling excessively, T1-T2 on  the
telephone card may need to be re—-calibrated as discussed above.

The Studio & Bludge cards have operated without & hiteh for
1.5 vears. Hopefully there’'s lots more longevity in store. I
another console is installed in Studic &, one should perform
mimilar ocustom modifications to maintain the functions of  these
kludge cards. Perhaps the original kludge cards in the LFE board
can even be bramnsplanted.....
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THE WMFQ STUDIO C KLUDGE CARDS

#* Halanced External Monitor Feeds
(L. & R

# Stereo Headphone Feeds
{from headphone level pot and
sgurce selector switch)

# 2 Balanced microphone inputs

¥ Frogram Feeds (L % FO

# Center—-Tap from Telephone fader
(. & RO

# Cue Bus Feed

# +2& Volts from LFE board

¥ Bingle-Ended External Monitor (L/F)
# Stereo Headphone Outputs (/R

* Telephone audio feed (mono)



IV Function and Operation:

The phrase "Studio C Kludge Cards" refers to two handwired

pertboards mounted inside of the Studio C mixing consocle. The
purpose of these cards is to augment some of the functions of the
LPE board. The card mounted at right {facing the board from

front) contains a stereco headphone amplifier and sterec external
monitor line receiver.

The headphone  amplifier allows several sete of monitor
headphones (of any impedance) to be plugged into the console.
Two headphone jacks are provided below the console countertop (in
front), and two headphone jacks are provided at the side of the
tuwrntable cabinet (next to the interview mic. Jjack). A1l of these
Jacks are driven from the headphone amplifier mounted on  the
right  kludge card. The headphone source (ext. mon., EHT OO &M,
cue) is selected by the appropriate knife switch on the console,
and  the headphone volume is adjusted via the console-mounted
control.

The external monitor line receiver converts the balanced
external monitor signal supplied to the studio into a single—
ended line used by the LFR board. Connecting the balanced signal
directly to the single-ended inputs caused considerable noise arl
crosstalk, hence the line receivers were installed.

The kludge card mounted at the left side of the console
creates  the audio feed supplied to the studio telephone. When
warking with the telephones, the "handset" switch mounted on the
top of the telephone shouwld be off, inhibiting audio feeds to and

from the telephone handset, The handset should be removed from
the switchhook, and the desired line depressed on the telephone
selector buttons. Audio from the telephone line appears on pot

#4445 by potting this up, callers may be placed on the air. Fot #4
may also be placed in cue so0 callers can be auwditioned before
going live (eliminating the necessity of ever using the handset).
The handset can be left off the hook throughout the duration of
the showy to disconnect the caller, marely punch the buttorn on
the telephone corresponding to the unused line {presently line
Hady . Make sure the telephones are potted down on  the board
betore doing this in order to avoid a blast of n+oise  and
potential feedback.

The Studio C setup allows one of two signals to be fed down
the telephone line to the caller. The telephone sowce is
determined by  the setting of the "Feed to Telephone" toggle
switch on the console. I this switch is in the “mics. only®
(up) position, an audio feed from all % microphones in the studio
(1 on pot #1 Lie. DJI and 2 on pot #2) is continuously fed down
the selected telephone line (irrespective of whether AnY mMics are

Con program or potted up). This is the simplest way of doing a
telephone  interview, and perhaps the most commonly  applied @
WHF . Using +the "mics. only" feed, one can gasily preview
callers in cue without ever having to use the handset, as

P



mantioned above.

If the telephone selector switch is set to the ‘Yoffn
{center) position, no audio is fed down the telephone line (this
allows one to use the telephone and handset in  a conventional
fashion.

If the telephone selector switch is set to the "Fam. " {down)
position, the console s program output is sent down the telaephone
line to the caller. Hince the signal from pot #4 (which is
defaulted to the telephone) is subtracted from the caller’'s fesd,
the caller may be potted up on program without feedback while a1l
othaer program material is still sent down the telephone  line.
This is perhaps the most convienent means of using telephongs in

a music/talk context (ie. "Name That Tune");:; whatever is being
plaved over the air in program {except the caller’'s voice) is
sent to the caller. This option has two minor hitches, however.

Because of inherent difficulties in subtracting out the caller s
voice from the telephone feed, feedback and "howling" can result
when the caller is potted up excessively high. This is generally
not a problem, since enough feedback—fres range exists for mosht
telephone connections. The problem may become more evident when
the caller is at a very low level {ie. poor telaephone
connection), causing more gain to be needed. In these cases, one
should resort to the "feedback—free" mics. orly feed. Arnother
gquirk  of this "Fgm." feed iz that anything on cue will also be
injected into the telephone line {except for cue on  pobt #43 .
Thus, if vouw're cueing up & record while taliking to & caller
under the "Pgm." feed, the caller (and potentially the listening
audience) will hear the record being cued. Again, use another
type of telephone feed if this becomes a problem.

Because of the way in which pot #4 is subtracted +from the
telephone feed under the "Fgm." setting, the telephone output can
not be patched to another fader when this feature is being used
{otherwise terrible feedback will immediately result). The
telephone  output may be re-routed to any fader when the HMics.
Only feed is used.

The outputs of the telephone feeds from each studio & e
routed to the Master Control patchfield, where they are normalled
to the audio inputs of the Symmetrix telephone interface units.
These audio feeds may be re—directed in Master Control $or ot her

purposes;  for  dnstance, the "mics. only" feed can orovide  a
direct line-level microphone output from sach studio which is
independent of the mixing consoles. This feed has proven to be

ideal Ffor espionage, vocal effects processing tig. raal-tims
pitoch shifting), stc.

Bymmetrix TI-101 telephone interfaces are used to connect to
the telephone lines. There are three of these units mounted in
the blue interstudic rack in Master Control. Each of these
buffers the telephone line selected by the telephone in each
studio  {ie. one unit is dedicated to Studio A, another is
dedicated to Studio B, and a third is dedicated to Studio Cra
The telephone line selected is the line punched up on the studio
telaphone. Several lines may be punched up simultansously  on
these telephones (they ve been specially modified; try punching
two buttons at onced); this enables the lines to be "conferenced”.



The  WMFD  intercom line may also be used with the telephone
interface in the same fashion. One can as well conference the
intercom to an outside line (this is usetul if vou are located at
& remote site [ie. trarnsmitter rooml, and need to make an outside
call on the intercom).

The Symmetrix TI-101 buffers the audio tfeed to the telephone
line, and also creates an audio output from the telephone to the

studio., This audio output supposidly "subtracts" the input audio

teed (ie. the DI's voice) from the output feed in true hybrid®
fashion., This does not work too wall, however, hence our
SGymmetrix  TI-1@ls have been modified to work also  as  "phone
switches", where the amplitude of the DJ's voice attenuates the
telephone  output. This can create potential conflict when both

parties try to speak simtltanecusly, however this problem has
not surfaced under operation, and the "switching” action of the
telephone interface enables a VEI Y Crism, clean, atiel
professional -sounding telephone show to be conducted,

ITY Circuit Descriptions:

The circuitry on the right-hand Eludge card is depicted in
the first page of the schematic. The headphone amplifier &) is
based around two LMIZO80 power OF-&MFs (101 & ICT). The 7815
regul ator drops the 26 Volt LFR supply down to 15 Volts, which is
digestable by the LMIZDER s. Bince they operate off a single-—
ended  supply, the OF-AMFs must be biased up (R1,RZ)  and DO
isolated from the outside world (CZ,04,05,C08). The output of the
headphone  amplifier essentially comes right off of the OF-AMPs;
P9-0hm  buffering resistors are inserted in series with the
headphone outputs at each headphone jack (these resistors are not
mouwnted on the ocard). Because these resistors effectively
isolate each headphonse port, headphones of any impedance may be
plugged in without disturbing the other sets already cornected.

The lower portion of this diagram (B) shows the external
monitor  line receiver circuitey. This is a standard pair of
differential amplifiers built around a 5532 dual OF-AME. Because
of  the single-ended supply, all OF-AMPs  are biased up via
RI1/R1Z, and outputs are DC isolated (09 % C10). The output of
left and right channels may be independently trimmed via T1 & T3,

The telephonsg interface circuitry (located on the left
Eludge card) is depicted in the second page of the schematic.
Two differential amplifiers based around a 5532 dual OP-&MP (101
pre-amplify  the signals from both sets of studio microphones (2
interview fwhich are padded togetherl and 1 DJ). Thaeseas
amplifiers are fairly high impedance (22 EOhm to ground on
inverting inputs), thus they are parallel jumpersed with the
console mic lines (at the input terminals for faders 1 and )
with negligable effect on the audio aquality of the console
microphonse feeds. The outputs of ICL are passively summed via
Ril & R1Z2. When the selector switch (81) is set to "Mics, Orly®y,
this sum is additionaly amplified and converted to a differential
balanced signal by driver I03. When §1 is set to  "OFFY, the
input to ICE is held at the common bias voltage, and no audio is
passed.



The center-tap of the telephone fader (Fot #4) iz subtracted
from the program output in IC2b {(these signals are invertesd with
respect  to  one another, thus they are simply summed). Thies
eft/right program balance is adiusted via T3, and the PO am
level is set via T2 such that the signal  from pob #4  ism
conpletely mulled. Because the input audio is also routed to the
tfader center-tap when it is put into cue, the cue bus output must
ag well be subtracted from the fader signal to enable fader #4 to
be wused in cue. ICZa inverts the cue bus for this subtraction,
and Tl adjusts the cue amplitude such that the cue feed of pot #4
can be comnpletely canceled,.

Bacause of the single-ended supply voltage (all circuitry in
the telephone driver operates off the LEE 74 Volt supply), all
OF-aMFs in this circuit are biased up at 13-Volts (via Rl & R2¥
and all  dinputs and outputs to this circuit must be DU isolated
via coupling capacitors.,

ITDY Calibration and Adiustment:

Firet, 111 outline the calibration of the right—-hand card
(first page of schemabtic). The Headphone amplifier needs no
calibration. The extermnal monitor levels may be set by adjusting
TL & TZ. MWith a good, robust audio source sounding over the air,
place the board into "Ext." monitoring, set the monitor level at
mid-pot, and tweak T1 % T2 until a comfortably loud, left/right

balanced audio eminates from the monitor speakers., The External
monitor line driver and distribution amplifier should already be
calibrated betore attempting this adjustment; HEeE their

associated writeups for details.

"1l now outline the calibration of the left—hand card
{second page of schematic). Several adjustments must be made to
set  up  the telephone driver circuitry. The amplitude of the
telephone feed is determined by the corresponding settings on the
Gtudio © Bymmetrix TI-1091 telephone interface in Master Control ;
this should be adjusted properly, essentially as discussed in the
Bymmetrix literature (remember that we have had these devices
modified to act as phone switches; perhaps Svmmetrix should be
consulted Ffor details if it becomes necessary to  tweak these
urnits  [they shouwld be OF as praesently set-upll.

The discussion below describes how to calibrate the nulled
program  Feed. First, pot up the house tone oscillator oV
program . {(set it to read zero dBE on the metersy; don’t use fader
a4y, Adjust T3 to yvield an equal left/right balance at its
output. Thiz can be dorne in several WAaYs; ong is to invert one
channel of the program souwce (ie. plug the house tone through
the Interface before it is input to the board, and hit Yright
channel invert™. Use only the mono output, and make swure it is
perfectly balanced ([patch it through a mono bridoge to inswe
thisl), Monitor the output of the telephone feed on  another
device {(ie. patch the Studio © telephone input feed from Master
Control into a tape deck, and listen to it with headphones) . Set
T& to maximum, and adiust T3 until the house tone ie nulled (ie.
dissapears from thse headphone audio). Next put both  house-tone
channels back  into phase (ie. flip the "R-Ivt." switch on  the

i



interface back to "Mrm.", or disconnect the interface entirely).
Fatch the house—-tone (or interface output) into fader #4, and put

it dinto program at half—pot. Adijust trimmer T2 such  that the
house-tone compornent  in the telephone feed (monitored over +the
headphones) is at & minimum. The house~tone feed is entirely

removed  when T2 is full off, however this extreme is undesired;
arnother intermediate setting of T2 will produce the null,  and
this is what is called far.

Next, place pot #4 into cue, and adiust trimmer T1 such that
the house-tone audio (which should re-appear Ve ¥ OLAF
headphones) is again nulled from the telephone feed.

The Studio C kludge cards are now calibrated. The telephones
program null  is affected by the setting of the master program

gain control mounted inside the board. I this gain control is
adjusted for any reason, the telephone program nuwll  must  be
entirely re-calibrated as discussed above. Always trim these

nulls after playing with the master program gaint!

The location of all kludge card trim pots are labeled inside
the top cover of the LFE board. Refer to these diagrams for
assistance,

IV Troubleshooting Hints:

The functions of the kludge card are discretely broken upsg
ie.  headphone driver, external monitor interface, and telephone
feed (the telephone feed circuitry is further subdivided into
mics. and nulled program sections).  The symptoms of defects (ie.
which functions are inhibited) should point fairly directly to
the vicinity of the problem. The kludge cards tie guite heavily
into the innards of the consoles if anyone monkevs with the
console, these connections may be disturbed, causing an apparent
mal funotion.

I+ the nulled program feed seems to be feeding back and
howling excessively, T1-T3 on the telephone card may need to be
re-calibrated as discussed above.

The Studio C kludge cards have operated without a hitch for
over 2 vears., Hopefully there’'s lots more longevity in  store.
I+  another console is installed in Studio Cy one should perform
similar custom modifications to maintain the functions of these
kludge cards. Perhaps the original kludge cards in the LFE board
cann even be transplanted.. ...
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THE WMFQ _STUDIO B KLUDGE BROX

# Balanced External Monitor Feedes
(. & Ry

* Btereo Headphone Feeds
{(from headphone level pot and
source selector switch)

# 2 Microphone preamplifier inputs

* Frogram Feeds (L & R)

# Center-Tap from Telephone fader
(L & R

* Audition Feed

*# Gingle-Ended Cassette Deck Inputs
(L. & R

OUTFUTS:

* Single-Ended External Monitor (L/FR)
* Stereo Headphone Outputs (L/R?
# Balanced Cassette Deck Outputs (L/R)

#* Telephone audio feed (mono)



THE _WMFQ STUDIO B KLUDGE BEOX

I¥ Function and Operation:

The phrase "Studio B Fludge Box" refers to a black plastic
bresx (with green pilot light) mounted beneath the counter
supporting the Studio B conscle. The purpose of this box is to
augment  some of the functions of the Gates board, The card
mounted dinside this box contains a stereo headphone amplifier,
stereo external moni tor line recelver, cassette dech
buffer/driver, and telephone feed generator/driver.

The headphone amplifier allows several sets of moni bor
headphones  (of  any impedance) to be plugged into the console.
Two  headphone  jacks are provided on the front panel of the
consale,  and two headphone jacks are provided at the side of the
tape-deck cabinet (next to the interview mic. Jacky. All of these
Jacks are driven from the kludge box's headphone amplifisr. The
headphone  sowce (ext. mon., program, ocue) is selected by the
appropriate knife switch on the console, and the headphong volume
is adjusted via the console-mounted control.

Thie sternal  monitor line receiver converts the balanced
@xternal  monitor signal supplied to the studio into  a single-—
ended  line used by the Gates board. Connecting the balanced

sigrnal directly to the single-ended inputs caused considerable
noise and crosstalk, hence the line receivers were installed,

The Cassette deck buffer/driver converts the high—impedance
single-ended outputs of the cassette deck into balanced &GP~ Obvm
lines which are compatible with the "professional standard used
at WMFO.

The kludge box also creates the audio feed supplied to  the

studio telephone. When working with the telephones, the
"handset" switch mounted on the top of the telephone should be
wif, inhibiting auwdio feeds to and from the telephone  handset,
The handset shouwld be removed from  the switchhook, and the
desired line depressed on the telephore selector buttons. Audio
from  the telephone line appears on pot #5; by potting this up,
callers may be placed on the air. Fot #5 may also be placed in
cue w0 callers can be auditioned before going live {(eliminating
the necessity of ever using the handset). The headset can be

lett off the hook throughout the duration of the show;  to
disconnect the caller, merely punch the buttorn on the telephone
corresponding to the unused line (presently line #4), Make sure
the telephones are potted down on the board before doing this in
order to avoid a blast of noise and feedback potential.

The Studio B setup allows one of three signals to be fed

down the telephone line to the caller. The telephone sowce is
determined by the setting of the "Feed to Telephone® rotary
switch on the console. If this switch is in the ‘“mics. ornly"

position, an audio feesd from both microphones in the studioc (DJ
and  interview, both on pot #1) is continuously fed down the
selected telephone line (irrespective of whether any mics are  on
program  or potted upl. This is the simplest way of doing a



telephone  interview, and perhaps the most commonly applied @
WM, Using the "mics. only” teed, one can easily preview
callers in cue without ever having to use the handset, as
mentioned above.

I+ the telephone selector switch is set to  the i,
position, the console’'s audition mix is fed down the telephone
Line. This allows one to pot up music, voice, etc. on audition,
and send it to the caller. Anything appearing only on program is
not sent. By also potting up the audition lirme on program, the
audition auwdio is directed both to the caller and an—air
audience.

I+ the telephone selector switch is set to  the UPgm.
position, the console’'s program output is sent down the telephone
line to the caller. Since the signal from pot #5 (which is

defaulted to the telephone) is subtracted from the callers fead,
the caller may be potted up on program without feedback while all
other program  material is still sent down the telephone line.
This is perhaps tne most convienent means of using telephones in

a music/talk context {ie. "Name That Tune"); whatever is being
played over the &ir in program {(except the caller’'s voice) is
sent  to the caller. This option has one minor hitch, however.

Becauwse of inherent difficulties in subltracting out the caller ‘s
volice from the telephone feed, feedback and "howling” can result
when the caller is potted up excessively high. This is generally
not a problem, since enough feedback-free range exists for most

telephone connections. The problem may become more evident when
the caller is abt a very low level {ie, poar telephone
connection) , causing more gain to be needed. In these cases, one
should resort to the "feedback-free" mics. only or audition
feeds,

Because of the way in which pot #5 is subtracted from
the telephone feed under the "Fgm." saetting, the telephone feesd
carn  not be patched to another fader when this feature is being
usad {(otherwise terrible feedback will immediately result). The
telephone feed may be re-routed to any fader when either the
Audition or Mics. Only feeds are used.

The outputs of the telephone feeds from each studio are
rouwted to the Master Control patchfield, where they are normalled
to the audio inputs of the Symmebrisx telephone interface units.
These audio feeds may be re-directed in Master Control for other
purposes; for  instance, the "mics. only" feed can provide a
direct line-level microphone ouktput from each studio which is
independent of the mixing consoles. This feed has proven to be
ideal for espionage, vocal seffects pProcessing {ig. real-time
piteh shifting), etco.

Bymmetrix TI-181 telephone interfaces are used to connect to
the telephone lines. There are three of these wunits mounted in
the blue interstudio rack in Master Control. Each of these units
buffers the telephone line selected by the telephone in  egach
studic {de. one unit is dedicated to Studio A,  ancther i
dedicated to Studio B, and a third is dedicated to Studio ).
The telephons line selected is the line punched up on the studico
telephone. Geveral lines may be punched up simul tansously  on
these telephones (they ve been specially modified:; try punching

ied



two buttons at once); this enables the lines to be "conferenced”.
The WMFO intercom line may also be used with the telephons
interface in the same fashion. One can as well conference the
intercom to an outside line (this is useful if you are located at
& remote site lie. transmitter rooml, and need to make an outslde
call on the intercom).

The Symmetrix TI-101 buffers the auwdio feed to the telephone
line, and also creates an audio output from the telephone to the
studio. This audio output supposidly "subtracts” the input audio

feed (ie. the DJ's voice) from the output feed in true Thybrid®
fasmhion. This does not work too well, howesver, hence our
SGymmetrix  TI-1@ls have been modified to work also as  'phong
switches", where the amplitude of the DJ's voice attenuates the
telephone output. This can create potential conflict when both

parties try to speak simultaneously, however this problem has
not swfaced under operation, and the "switching" action of the
telephone interface enables a VEFY Crisp, clear, anrcl
professional -sounding telephone show to be conducted.

IT) Circuit Description:

The circuitry for the headphone amplifier and exzternal
monitor  line driver is depicted on the first page of the
sohematic. The headphone amplifier (1) is based arcund  two
LMIZ@80 power OF-AMPs (101 % I09). The kludge box power supply
delivers +/-12 Volts: this is a bit higher than the 1% Volt
maximum at which the LMIZB80 is rated, however these ICs have run
without problem for over two vears, and the overvoltage hasn't
proven catastrophic., The output of the headphone amplifier
essentially comes right off of the OF-AMPs; 75-0hm buffering
resistors  (R4-R7  and R1L1-R14) are inserted in series with the
headphone outputs at each headphone jack (these resistors are rot
mounted on the card). Because these resistors effectively
isolate each headphone port, headphones of any impedance may be
plugged in without disturbing the other sets already connected.

The lower portion of this diagram (2) shows the external
monitor  line receiver circuitry. This is a standard pair of
differential amplifiers built around a S532 dual OF-GME.  The
output  of left and right channels may be independently trimmed
via T1 & T2,

The Cassette Driver (3) circuitry is depicted at the top of

the second page of the schematic. Due to the limited space
available on the kludge box’'s circuit card, these are not
standard differential line drivers, but single ended buffers
{with adjustable gain? which drive external isolation
transformers ussd to balance the casssette outputs. Thess
transformers are housed in & metal box which is mounted below the
console  countertop. This metal box also contains 2 additional

transformers  to buffer the cassetite inputsg these transformers
are inserted directly into the cassette input lines (between
patchfield and cassette deck) without additional intervening
cireui bryv.,

The telephone interface circuitry (4) is depicted at the
bottom of  the second page of the schematic. Since the



microphones are input directly to twa microphone preamplifisrs in
the Gates board (without first being routed through the channel
selection switches, as in  the LFE boards), the microphone
preamplifier outputs may be tapped directly, and used as +the
input to the "Mics. Only" telephone feed. When the feed selector
switch  (81) is set +to "Mics. Only", the output of these
microphones preamplifiers are  mixed and converted to a
differential balanced signal by driver 105, When 81 is set +to
Aud. "y, the single-ended audition output from the console is
routed  to the balanced driver (ICS) via I0&, thereby sending the
audition channel down the telephone line.

The center-tap of the telephone fader (Fot #5) is= subtracted
from the program output in ICSa (the program signals are inverted
by ICé& so they can be subtracted). The left/right program balance
is adiusted via Té, and the program level is set via TS such that
the signal from pot #5 is completely nulled.

ITI) Calibration and Adiustment:

First, I"11 outline the calibration of the circuitry on the
first page of the schematic. The Headphone amplifier needs no
calibration. The external monitor levels may be set by adjusting
Tl & T2, With a good, robust audio source sounding over the air,
place the board into "Ext," monitoring, set the monitor level at
mid-pot, and tweak T1 % T2 until a comfortably loud, left/right

balanced audio eminates from the monitor speakers. The External
monitor  line driver and distribution amplifier should already be
calibrated betore attempting this adiustment SEE their

asgsociated witeups for details.

"1l now outline the calibration of the circuitry on  the
second  page of the schematic. In order to set the cassette
driver level, play a tape recorded at an ideal level (ie. house
tone recorded at  zero dB), adjust the output level of thie
cassette deck to its midpoint (ie. "3y, and pot the cassette Ly
on program at half-pot. Adjust T3 & T4 until both channels meber
at zero dB on the console.

Adiustments to set up the telephone driver circuitry (] ower
portion of schematic) are detailed in the following text. The
amplitude of the telephone feed is determined by various settings
on  the Studico B Symmetrix TI-101 telephone interface located in
Master Control. This unit should be calibrated as discussed in
its associated literature. Remember that these urnits have been
modified to act as  phone switches (this mod. was made by
dymmetrix themselves), +thus the front pansl controls may nobt all
act as eupected. They are calibrated properly at present, and
should  not  need further adjustment unless something drastic
acocurs in the telephone lines or telephone feed.

The only kludge box calibration necessary for the telephone
feed to operate properly is the adjustment of the program nulling
cirouitry. First, pot up the house tone oscillator CVEF O am
tset it to read zerc dBE on the meters: don't use fader #5) .,
Adiust Té&  to vield an egqual left/right balance at its output.,
This can be done in several ways: one is to invert one channel of
the program souwrce {(ie. plug the house tone through the Interface




before it is input to the board, and hit "right channel invert®.
Use only the mono output, and make sure it is perfectly balanced
Fpatch it through a mono bridge to insure thisl). Monitor +the
output of the telephone feed on audition {ie. patch the Studio B
telephone  input  feed from Master Control into a fader on  the
Studio B board (other than fader #5),  and put it into audition.
Set TS to maximum, and adiust Té urntil the house tone is nulled

{ie. dissapears from the audition audiol . Mext put both house-—
tone channels back into phase {ie. flip the "R-Ivt." switch on
the interface back to "Nrm. ", or disconnect the interface
entirely). FPatch the house—-tone (oF interface output) into fader
#5, and put it into program at half-pot. adiust trimmer TS5 such
that the house-tons conponant in the telephone feed {monitored
over audition) is at a minimum. The house-tone feed is entirely

renoved  when TS is full off, however this extreme is undesired;
another intermediate setting of T8 will produce the muwll, and
this is what is called for. The Studio B kludge box  is  now
calibrated.

The location of &11 trim pots are labeled inside the top
cover of the kludge bos. The location of all ICs and trimpots
are  also depicted in the third page of the schematic diagram.
Refer to these figures for assistance.

IVY Troubleshooting Hints:

The Kludge Box performs many important services in Studio B.
It provides headphone outputs, buffers the external monitor
inputs, buffers the cassette deckh output, and generates the
telephorne feed. If none of these functions are working, a global
problem  exists within the kludge box. Check the grsen pilot
Light mounted at the front of the unit (under the countsr  in

Studio BY. If this light is dead, the device is not receiving
i@ Volt line cwrent. Make sure it is plugged in properly.
Check the fuse. I¥ some extravagant loading problem inside the

kludge box  persists in blowing repeated fuses (don 't raise the
fuse rating!), check the Eludge box power supply, and look  $or
shortad OF-OMFPs. Remember that we are running  the LMIZESE s
nearly 1@ Volts over their recommended maximum ratings these have
given no problem over the vyears, bul are a prime suspect if
problems  evaolve. I+ these are at fault (and vou don 't want  to
continue using LMIZEBG ) one might consider using another tvipe
of power OF-AMF heres Just remember that the LMIZGEH pirn—-put is
nat  conventional, and the socket may need to be re-wired if &
substitution is attempted.

The Ffunctions of the kludge box are discretely broken up;
i@. headphone driver, external monitor interface, cassette driver
and  telephone fecd {(the telephone feed circuitry is further
subdivided into mics., audition, and nulled program sections!.
The symptoms of defects (ie. which functions are inhibited)
should point fairly directly to the vicinity of any problem. The
kludge box ties guite heavily into the innards of the consoley if
anyone  monkeys with the console, these connections may be
disturbed, causing an apparent malfunction.

I+ the telephone program feed seems to be feeding back and




Fowling scessively, TS5 &% Té& may need to be re-calibrated as
discussed above.

The EBtudio B kludge box has operated essentially without a
hitch for over 2 vears. The only problem has been a manually
dislodged fuse (perhaps by a roudy trainee), which killed all
Eludge box  functions entirely (once the fuse was replaced, the

unit agsin worked fine). Hopefully there’'s lots more longevity
in store. I+ another console is installed in Studio B, the

kludge box could still be used if some simple custom console
madifications were performed.
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THE WMFD TRANSMITTER AUDIO AND POWER MONITOR

* WMFO Intercom line input
¥ fAntenna input for FM tuner

¥ Ext. audio line inputs (L & R
{panel RCA jacks)

¥ Transmitter current tap irput
(@.3 Volt differential at 50 Volt

common mode)

# Transmitter voltage sense irnput
(standard tap off transmitter)

* SBpeaker Outputs (L & R

# Stereo headphone output
{panel jack)

¥ fAudio line outputs (L & R
{panel RCA jacks)

* Transmitter current sense vl tage
out (barrier strip on rear)

# Transmitter power monitor valtags
out (barrier strip on rear)

¥ Transmitter power monitor voltage
out (test terminals on front panel )

# Drive voltage output for remote
Uptimod stereo/mong switching



I¥Y Fundamentals and Operation:

The Trarnsmitter Audio and FPower Monitor i a device mounted
in  the WMFO rack located at the transmitter site on  the fowth
floor of Ballouw Hall. This device serves several PUFpDOSES. It
contains a FM/6M stereo tuner and amplifier connected +to  two
speakers, This allows one to monitor WMFD in reasonable guality
BLEreo; Aaf important and necessary feature when making
transmitter adiustments and tweaking the airchain components. £y
panasl-mounted headphone jack is also provided for precise stereo
moritoring. Two RCA jacks provide the capability of introducing
an external single-ended line input into the ampliftier, and two
other RCA  jacks provide single ended line output taps. These
line oubtputs allow one to monitor the transmitted audio with an
oecilloscope  or  other piece of test equipment. The auxilary
inputs allow one to use the amplifier % speakers to monitor an
alternative audio sowce (a switch on the front panel cuts off
the tuner feed). The tuner can, of cowse, be tuned to any other
station wer MEeCessarys; this can provide miach needed
entertainment and noise to break the manotony of working on  the
transmitter in Ballouw Hall during the evening.

The front parnel of this wunit contains two volume controls
(one  each for left and right charnels) and two toggle switches
{one  to mute the speakers, and another which cuts the tuner
faed) . The FM/AM tuner is also mounted on the front panel ; its
operation is fairly conventional.

When the intercom line is "rung” to get the attention of the
Ballou crew (the "Intercom Fhone Ringer" which does this iz
mounted on the grey rack in Master Controly; see its associated
wrriteup  for details),  an annoying "tone" will eminate from the
speakers (provided that they are switched ony. This is to insure
that Folks in the studio can gain the attention of the Rallou
craw, even  when  the tuner audio is potted up  at appreciable
vl wime,

Another major  function of this device (one which has very
little interface with the front panel) is to monitor  the
transmitter ocutput power. A speciallyv-installed tap into the GEI
transmitter measuwres the transmitter s output stage current {the
current  tap provided by OFI was drifting, thus this alternative
souwrce  was added),  and another tap (OFI-installed) iz  used to
measswre the output stage voltage. By multiplyving +these two
signals  together, this device derives a valtage which is
proportional to the power output from the transmitter
{iddeallve.. .t This power monitor voltage is routed te  the
remote metering svstem, and currently may be read on channel #7.
It also appears on terminal posts mounted on the front panel to

aid in calibration and diagnostics. Another monitor  voltage
which is proportional to the transmitter s output stage cwrenht)
s also generated by this wunit. This signal may be monitored by

the remote metering system as an alternative to the current  tap




provided by B8EI in the event of problems {(this is not presently
wseds  the GELD tap is employved, and appears on Channel #7 of the
ramote meter).

Beacause of problems with the OFI current consumption, the
Vinearity of these current and power monitor voltages is somewhat

cuestionable. In order to develop & more reliable feaed, the
directional coupler in the OFI transmitter was also tapped to
faed the remote mneter. This feed directly measures {foward
transmitter power, and appears on remote channel #3, It iwm
calibrated to yield "1000" on the meter at the maximum  allowed
operating  power of WMFO (72 Watts presently [19871). The

"raloulated” transmitter output power appearing on remote channel
#7 (produced by this unit as mentioned above) iz also calibrated
to yield "188@" at the FCCU maximum of 77 Watts, The latter
signal corresponds to the total power put out by the transmitter
(and is accuwrate to better than 10% or 50...). The former signal

is the measured  foward power feeding the antennag it
i wsed as the primary power measurement (it is regularly logoed,

and  the transmitter is continually adjusted to keep it at 1000 .
The "raise” and "lower" buttons on the remote control consol @
will raise and lowsr transmitter powar on channels #2 and #3. The
caloulated power  appearing on remote channel #7 is used as an
additional transmitter check and bhackup reading.

Another  tap  from  the transmitter’'s directionsl coupler
measuwres reflected power. This is also read by the remote meter
lappearing on channel #4), and is calibrated in Watts w 188, I
it reads above 200 or so, the reflected power is running a  bit
high. Since it is a function of transmitter and anterna cabling,
weather conditions, eto. it iz impossible to adiust  without

partforming repairs. It should also be logged, since it affects
the air signal guality considerably. The "forward/reverse"

switch  on the CEI transmitter should be left in  the indicated
position to maintain the calibration of the forward and retlected
power as monitored on the remote meter.

This wunit also provides a voltage which is used to enable
remote  switching of the Optimod stereo/mono  furctions, The
Optimod stereo pilot is monitored on remote Channels #5 and  #é.
Tt is calibrated to read 1000 when transmitting in  stereo, and

mearly {or exactly) zero when transmitbting in mono. The "raiszss"
and  "lower" controls on remote channels #5 and #6 will put  the

station into stereo (raise) or mono (lower). Lowering channel #%
puts  the Optimod into "mono ledt® mode,  and lowering channel #&
puts the Optimod into "mono right" mode (beware; my memory may be
Dackwards. ... ). These options might be needed if one of the
telephone  lines feeding audio to Ballowu Hall goes bad {the
station output may be bridoed to mono via a front panel switch on
the Studio Switcher).

SQince this device provides these voltages for monitoring
transmitter operation and switching the Optimod, it should
normal ly be left on. The tuner feed should be switched off when
the orew leaves the Ballou area {(otherwise the omnipresent audio
will certainly annoy the staff that works there during the day).



IIY Circuit Details:

ALl circuitry is depicted in the Z-page schematic diagram,
The {first page shows the audio circuitry used +to amplify  the
tuner signal and phone FALTGH IClL is a telephone ringer circuit,
which produces an anoving "ping/blast” at its output when a ring
voltage is applied on the intercom line input. Data shests on
IT1  are appended to this Wi beus . The general quality of this
sound may be adjusted by trimmer T1. Transformer Tl iscolates the
intercom ground from the local Ballou grournd. Diode DI aids  in
reducing RF pickup {the AM induced signal in Ballou Hall i
immanse! ! I+ wvour grounds aren 't clearn, AM stations show LA
over everything!)., This "ring" audio is inverted and filterad
via 02, and fed to audio mixers ICE, which also mix outputs from
the Aiwa TU-B1 tuner and audilary input iacks. The level of the
"ring" signal which is applied to ICT is trimmed via the "Dvnamic
Ring Trim" T4. Since the outputs of ICE are scaled by the volume
controls (FL/P2), this "Dvrnamic® ring level is the amount of rarig
audio  which scales with the selected master virl wime . ICE  also
provides the line outputs that feed the front panel RUCA  jacks.
IC4 mives audio from ICE (scaled by FI/FZ2) with the "static® i
signal lwhich is a bias level at zero volume) as walghted by TH,
The outputs of IC4 feed the integrated % Watt auvdio amplifiers
ICS & ICs. These are 2002 's (data sheets are contained in the
appendix to this document). Their outputs feed the speakers (via
muting switch 82)  and headphone jack (which will accept any
impedance of headphone) . Since the ZBOZ = are very sensitive to
power  supply bypassing (thevy will oscillate at wtremely  high
freguency  and get quite hot if the bypassing isn’'t adeguate),
redundant supply  shunting-capacitors are installed across the
circuit card in this region.

The power supply for the Aiwa TU-@1 tuner pack (which came
from a former Walkman of mine) produces a stable & Volits by
dropping  the 15 Volt supply rail with a 7804, Bwitch 851 allows
one  to mute the tuner feed to the amplifier {thereby allowing
exclusive monitoring of the external inputs).

The circuitry used in calculating the transmitier oubtputl
powar is given in page #2 of the schematic. The current monitor
input is actually the valtage across a very small resistor placed
in series with the output stage collector circuit {(this resistor
wasn 't put in by me; it’'s standard in this QEI transmittber). The
drop  across  this resistor is generally under 8.3 Volts at a =@
VYolt common mode potential. DEI solved the problem of removing
the common mode by emploving a chopper stabilized amplifier. The
resulting cuwrrent monitor often drifts guite a bit, so the
resistor  leads were brought out of the transmitter (with 4.FE 1A
series resistors buffering each side) to enable common moce
isolation to be performed directly with the circuitry depicted in
this schematic.

The input voltages are buffered by voltage followers 109 &
IC18 (both LMIO8 precision OF-AMFs). The S@-Volt common mode is
dropped  to within the 1% Volt input range of the OF-6MPs  via
dividers RIJRZ and R4/RS, ITIE (which is a 725 precision OF-—
AMF) is used as a differential amplifier to subtract the outputs




of  IC% & 1016, thereby removing the common mode and amplifving
the residual signal (which should be proportional to transmither
current) ., The differential balance in IC1%7'g input is  adjiusted
by trimmer T1. Trimmer T7 injects a small bias into ICLZ2 which
compensates for non-linearity in the QT transmitter s  output
stage cwrrent-vs. -power characteristic {(this nonlinearity sesms
to be significant!). Bwitch 83 (mounted behind the rack parel )
allows this compensation voltage to be turned aff siele
calibration.

The output of IC12 is additionally amplified by IC11 {again
a LMIBBY; this voltage appears on the rear barrier strip as an
alternative "ourrent szense" output that can be monitored by the
remote meter (this tap may be useful it the chopper amplifier in
the CEI transmitter starts to drift ag&ird .

The “voltage sense" output of the GEI transmitter is
amplified in IC14. The output of IC14 (transmitter voltage) is

multiplied with the output of IC11 (transmitter current? in  ths
precision multiplier ICI3 (this is an Analog Devices ADEIEHD
vielding a voltage proportional to transmitter output power. Té
trims  the guiescent multiplier offset to zero. The outputs of
ICLIE  are routed to the front panael terminal posts {(where the
caloul ated  power may be monitored for calibration) and the rear
barrier strip (which connects to the remote meter) ., Data sheests
o the ADIEEZH are appended to this Wi teup.

All critical resistors in this portion of the circuit are 1%
met &l film. ALl OF-A8MFs  are selected for excellent De
characteristics. Because of the lousy GEI current tap, howsver,
I don’'t trust these current and power outputs  to extrems
precisiong I think thev're better than 1@3%, but have never really

tried to measuwre their stability. This power output has  besn
somawhat obsoleted by the OEI directional coupler tap on  channel
#H3E. It provides a valuable backup and verification capability,
however, and should be maintained. Remember, this caloulated

powar  signal  measwres power actually burnt in  the transmitter
oubtput, while the directional coupler tap detects only powses thatb
flows to the antenna.

The third page of the schematic shows the power supply,
which is mounted behind the rack panal . The +/-15 Volts is used
to power all OF-&PMPs, Dince the ZOB2 auwdio amplifiers also use
the +15 Volt supply, the 7815 regulator is a TOZ case heat sunk
to the rack panel {(where it never grows hotl. The 7915% is =&
TOZ28  mounted on  the circuit card. The circuit lavout is
diagrammed in the lower portion of the page; all IUs and trimpots
are specified.

ITD) Calibration and adiustment:

ALl trimpot locations are depicted on page #3 of the
schaematic. The first adjustments to be made set the irbarcomn
ring levels and sound gquality. Have someone in Master Control
hold the button down on the phone ringer (don’'t ring for over
EDPEOH . A8 sec. without waiting a few seconds for the phone
ringer to recover it wasn't built for continuous operation?.
Adiust  Trimmer T to vield the most acceptable ring sound (make

th




sure TS5 and T4 are potted up and speakers are switched ond. The
phone ring seems to be flaking out these davs; it might sound
more  like a "pop" rather than a "ring®. Adiust T to  vour
praference, although vyou might not have much range., With the
volume controls on the front panel (FL % F2 all the way  dowrn,
set T3 to yvield an acceptable ring level. MNext, ©tuwn the tunes
feed on, pot up the volume controls (F1 & B to yield a
confortable listening level, and adiust trimmer T4 to obtain a
ring level that can easily be heard over the music.

The remaining calibration tunes the transmitter output powsr
circuitry. Turn  switch 83 (mounted behind the panal)  off.
Ground the + and - inputs to the current monitoring circuitry.
These inputs appear on the barrier strip mounted behind the rack
pansl. They are clearly labeled. Disconnect the taps from the
transmitter before grounding these inputes. Measure the oultput
voaltage of ICLL with a voltmeter (this output is brought to the
raear barrier strip as "I out"). Adijust IC12's offset trim T2 to
vield zerc volts at this output. Mext, remove the + and - inputs
to the current monitor feom ground, and connect them both up to
ong of the taps from the QEI transmitter {(which should be sitting

at D8 Volts with the transmitter on). Adiuvst the common  mode
tirim Tl to again vield zero volts at "I out" (ie. output of 1011
o barrier strip). Disconnect the transmitter taps, and once

more put both current monitor inputs back at ground. Monitor bthe
output  of ICLE (which is available at the terminal posts on the
front panel) with the voltmeter. Adiust output offset trimmer Té
to vield zero volts here.

Next, re-connect both transmitter current taps to  the
current  monitor in the conventional configuration (if vou get
and - reversed, the output voltage of IC11 will be negativetlls,
With the transmitter powered up (it should have been powered wup
during this entire calibration), measure the output of ICIZ  at
the panel-mounted terminal posts. Turn the FM exciter off (but
leave the transmitter on'). The transmitter output power and
current should drop to zero, as seen on the meters mounted on the
transmither. Turn  switch 83 on and adjust trimmer T7 to &AL
vield zero volts at the terminal posts. Leave 53 oang it should
be in  this position during normal operation. The Transmitter
Audio and Power Monitor is now calibrated.

The power monitor voltage range will scale with the
amplitude of the transmitter voltage sense output. This outpub
is  adiustable at the rear of the BEI  transmitter (it is &
surewdriver-tune pot). If the power monitor voltage is too small
or  too large (it should measure around 4-& Valts), adjust this
screwdriver pot to vield a better value. Remember, i+ this pot
is moved, the remote meter channel #1 must be re-calibrated.

After adiusting the power monitor circuitry, channel #7 of
the remote monitor must be calibrated to give a reading of 188
at an oubtput power of 772 Watts.

The transmitter output power may be measured directly via
the pansl-mounted inline Rird Wattmeter. This meter (with slug
set to monitor forward power) should read at 72 (that 's our limit
i 1987 it may eventually change if WMFD ever gets a B ower
increasea)l. I+ it’'s too high or too low, the exciter outpul power

&
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may  be tweaked to return it to 72, Make sure that the remote
adijustment on transmitter power iz at mid-range bafore attempting
to change the exciter output.

V) Troubleshooting Hints:

This unit has been operating nearly perfectly for approx. 9
months. The only problem was a bad 7815 regulator (which dropped
the +1% Volt rail to +5% Volts). If problems crop up, they showld
be relatively esasv to isolates. Check power supply voltages
first. I+ the difficulty iz in the transmitter moni toring
circuitry, make sure the input feeds are all (k.
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. .. Catalog Number 276-1302

I ARCHERD-
TECHNICAL DATA

AN 'EXCLL!SIVE RADIO SHACK SERVICE TO THE EXPERIMENTER

TCM1512A Ring Detector/Driver IC _ Rosc NG outPUT  pos
.. : 4 3 2 1
Description I_]—] H ’Tl I—]
The TCM1512A is designed for use as an alerting device in a | osc P EuLL !
line powered telephone. The IC (with a minimum of external 1
components) is powered and activated by the telephone t aov
line’s AC “ring” voltage to generate a signal suitable for , [T} --TONEGENERATOR | | o - d e
driving a piezo buzzer element. In a typical telephone ; Lot
application this AC ring voltage can vary from 40 to 150 av |

f f . h SERIES ANTI-TAPPING
\{RMS_ over a frequency range 'o 14 to 68 Hz. The output 3 rescRlEs Ao
signal is a square wave alternating between two frequencies

in a ratio 1.14:1; and with the average of these two frequen- | v

cies set at 1250 Hz, a ‘‘warble’” rate or shift rate of EJ I_GJ u l 8 l

approximately 10 Hz, BELL P o Neo
: TAPPING FILTER INPUT

' } SENSE 4
During standby (prior to activation) the ringer presents an

impedance of 100K ohms or greater to prevent any inter- Pin Configuration
ference with parallel “‘off-hook’’ telephones transmitting
DTMF or voice frequencies. The IC is designed to handle
lightning strikes on the line of 1500 V, 200 usec duration.
In addition, dial pulses from parallel phones are ignored so
a false ringing of the bell (tapping) won’t occur.

Features :
* Low external component count

® Built-in static and lightning protection circuitry

The primary application for the 'TCM1512A is to detect o Built-in anti-“tapping” cireui
telephone ring voltages and to drive a piezo buzzer, replac. - © Bullt-inanti- apping circuitry
ing the ’standard’’ electromechanical bell.

~—————

® Built-in voltage regulators

In the typical application, shown in Figure 1, the network

formed by the 1.8 uF DC blocking capacitor, the 2200-ohm * High standby impedance

resistor and the full-wave diode bridge, supply the IC with 4

power from the phone line. A differing ring voltage may it

require adjustment of the value of the blocking capacitor

(as indicated in the graph shown in Figure 2). ot

Typical values of Rogc will be in the range of 100-200K. wits T

Figure 3 is a curve showing the typical average output wd

uency vs R Values may vary from IC to IC. — nesHow

freq y osc. Val y‘ Y ~szzmen e

Typical Application $52620 wiezon
PIE20 TRANSDUCER : *5 P 10 T 2?0 7

==

jB SVE 1P INPUT CAPACITANCE (1]

)__' - Figure 2: Minimum Operating Voltage vs Input Capacitance as a
22x 1.8uF Function of the Load
100v
m 2 1 (INPUT CAPACITOR) _ N 4
200
B
ouTPUT Rosc
: {kOHMS)

Y
aov : 150 4
TONE GENERATOR
LoGic
0
1ov
-TAPPING
semies || ANTITAPRI 100 ]
AND L
Gjrecutatons( 1 o tecrion
I L l 6 7 8 .
o i + 3 i ; " >
! —>
~VE P as 10 15 20 .
10ue o\[ FAvG tkHel )

=3 Figure 3: Typ.ical Average Qutput Frequency Favg vs
Figure 1: Typical Application > Tuning Resistor Rosc
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Absolute Maximum Ratings

Input Voltage (between pins 1 and 8): 70 volts
Supply Voltage (between pins 6 and 7): 63 volts
Operating Temperature: -20t0 +70°C
« Surge SCR on-state current: 0.9 amperes
Input Current: 0.5 amperes
(RMS)

Maximum Power: 1 watt (25° C)

Recommended Operating Conditions

Parameter Conditions Min. | Typ | Max | Units
Operating Voltage
(noload after
threshold reached 14 65 | V
Operating Current | Ry =open L1 mA
(Pin 1) Vin=40V 4.0 | mA
Vin=55V
Standby Current R =open 20 | uA
{Rin 1) VIN=5V
Threshold Voltage | R{=open, Pin| 18 28 |V
5 open,
Rp=open,P5 | 10 151V
activated

~ Additional Application

The TCM1512A contains all the active components necessary
to build a security alarm system. A few external capacitors
and resistors are required, along with a 16 V or 24 V trans-
former. The external 20 uF capacitor stores voltage during
alternate half-cycle’s that is added to the next half-cycle’s
voltage to generate 30 V (Pk) across Pins 6 and 7. The
voltage doubler allows the IC to turn on with lower supply
- voltages than are normally required.

The IC is in standby {Off), when the ‘‘trip”’ switches are in
their normally closed position (Figure 4). The 6.8K-ohm
resistor doesn’t allow the 10 uF capacitor (Pins 6 and 7) to
charge up to its 11.5 V threshold voltage. The instant the trip
switch is opened, the capacitor charges and the alarm sounds.
Even if the trip switch is closed, the alarm will continue to
sound. This is due to a latch circuit internal to the IC. The
alarm is disarmed by opening the Reset/Set switch. When
using a “‘Piezo Horn’' for a transducer, sound pressure
levels of 105 dB or greater can be achieved with as little as
10 mA supply current.

Parameter Conditions Min |Typ |Max| Units
Pin 6 Voltage @ (relative to P7)) 7 14|V
Thresbold P5 activated .
Threshold Current  |R =open, P5 08 {1.0|] mA
open
SCR Trigger Current 55 1050 mA
Trigger Voltage 65 80 Vv
Holding Current 100 KA
BC Pk Output Voltage V=65V
Current Sink/
Source =
T 5mA 37 \
Output Frequency
Range-Vary
Rosc
Maximum 2000 Hz
Minimum 800 Hz
Maximum Oscillator 1 %
Drift over Full
Operating Temp
Output Frequencies, when FAyg=1250 Hz
High Tone 1338 Hz
Low Tone 1172} Hz
Warble (Shift Rate) 9.8 |- Hz
AAA Y]
VVv p/)
7 204F )
sov
1 2 3 4 -
= loan
D
120\EHEW {20va) TCM1512A :E soox
g 7 6 & Y
(RESET) OFF/SET l
o ")
/1
10uF
s0V
I TRIP i v

Figure 4: Alarm Circuit
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ANALOG
DEVICES

FEATURES

Pretrimmed To £1.0% (AD532K)

No External Components Required

Guaranteed £1.0% max 4-Quadrant
Error (AD532K)

Diff inputs For (X1—X32) (Y4~Y2)/10V
Transfer Function

Monolithic Construction, Low Cost

APPLICATIONS

Multiplication, Division, Squaring,
Square Rooting

Algebraic Computation

Power Measurements

Instrumentation Applications

PRODUCT DESCRIPTION

The AD532 is the first pretrimmed single chip monolithic
multiplier/divider. It guarantees a maximum multiplying
error of £1.0% and a £10V output voltage without the need
for any external trimming resistors or output op amp. Because
the AD532 is internally trimmed, its simplicity of use provides
design engineers with an attractive alternative to modular
multipliers, and its monolithic construction provides
significant advantages in size, reliability and economy. Further,
the AD532 can be used as a direct replacement for other IC
multipliers that require external trim networks (such as the
AD530).

FLEXIBILITY OF OPERATION .
The AD532 multiplies in four quadrants thl‘m a transfer
function of (X1 —X2)(Y1—Y2)/ IfOV, c}ividcs :jn two quadrants
with a 10VZ/(X1—X>) transfer function, and square roots in
one quadrant wiih a transfer function of i"\/ 10VZ. In addi-
tion to these basic functions, the differential X and Y inputs
provide significant operating flcxibilitytbgthnf:;pailiizl;ralc
ation and transducer instrumentatio ons.
;‘(::lnl:lfl;r functions, such as XY/10V, (Xz_—Y2 Y10V, £X2/
10V, and 1ovz/(x1_x2) are e:fsxly attamcd', and are ex-
tremely useful in many modulation anc} function generation
as well as in trigonomctrl{c cz}lculam})lns fo;

i :oation and guidance applications, where the
:x?:;;;:h?: ‘:,:lg::t:uctiong:nd small size qf' the ADS ?2 offer
considerable system advantages. In addition, the high CMRR
(75dB) of the differential inputs makes the AD532 especially
well qualified for instrumentation apphcatlonfs, as it can
provide an output signal that 1s the product of two transducey-

generated input signals.

applications,

i i lieved to b
og Devices is be e acc
nsibility is assumed by Analog De':iate
ts of patents or other rights gf v -co

e. No license is granted by ,,;;:‘"':'ad
DeViCQs.

information furnished by Anal
and reliable. However, no respo -
for its use; nor for anylmffm:geif;‘s Us

arties which may resuit frof ;
gion or otherwiseyunder any patent of patent rights of Analgg

Internally Trimmed

. Tel: 617/329-4700

Integrated Circuit Multiplier

S

GUARANTEED PERFORMANCE OVER TEMPERATURE
The AD532] and AD532K are specified for maximum multi-
plying errors of £2% and *1% of full scale, respectively at
+25°C, and are rated for operation from 0 to +70°C. The
ADS532S has a maximum multiplying error of +1% of full
scale at +25°C; it is also 100% tested to guarantee a maximum
error of 4% at the extended operating temperature limits of
~55°C and +125°C. All devices are available in either the
hermetically-sealed TO-100 metal can or TO-116 ceramic DIP,

ADVANTAGES OF ON-THE-CHIP TRIMMING
OF THE MONOLITHIC AD532

1. True ratiometric trim for improved power supply
rejection.

2. Reduced power requirements since no networks
across supplies are required.

3. More 'reliable since standard monolithic assembly
techniques can be used rather than more complex
hybrid approaches.

4.  High impedance X and Y inputs with negligible
circuit loading.

5. Dift:e'rcntial X and Y inputs for noise rejection and
additional computational flexibility,

P.O. Box 280; Norwood, Massachusetts 02062 U.S.A.

Twx: 710/394-6577

Telex: 924491 Cables: ANALOG NORWOODMASS



25°C, V= =15V, R=2kQ Vo5 grounded)

SPECIFICATIONS c -

ADS32) ADS32K ADS5328
) . Min Typ Max Min Typ Max Min Typ Max Units
MULTIPLIER PERFORMANCE
. X -X)(Y,-Y)y) X =X)(Y,-Yy) X} -X)(Y;-Yy)
. Transfer Function v BT —v
Total Error (- 10V=X, Y= + 10V) *1.5 +2.0 *0.7 +1.0 *0.5 +1.0 %,
T a =min to max *2.5 *1.5 +4.0 %
Total Error vs Temperature +0.04 +0.03 *+0.01 =0.04 %/°C
Supply Rejection (= 15V = 10) +0.05 +0.05 *0.05 %/%
Nonlinearity, X (X = 20V pk-pk, Y = 10V) +0.8 +0.5 +0.5 %
Nonlinearity, Y (Y = 20V pk-pk, X = 10V) +0.3 *0.2 +0.2 %
Feedthrough, X (Y Nulled,

X =20V pk-pk 50Hz) 50 200 30 100 30 100 mV
Feedthrough, Y (X Nulled,

Y =20V pk-pk 50Hz) 30 150 25 80 25 80 mV
Feedthrough vs. Temp. 2.0 1.0 1.0 mV p-p/°C
Feedthrough vs. Power Supply +0.25 *0.25 *0.25 mV/%

DYNAMICS
Small Signal BW (Voyr =0.1 rms) 1 1 1 MHz
1% Amplitude Error 75 75 75 kHz
Slew Rate (Vour 20 pk-pk) . 45 45 45 Vlips
Setding Time (10 2%, AVoyt = 20V) 1 1 1 WS
NOISE
Wideband Noise f = SHz to 10kHz 0.6 0.6 0.6 mV (rms)
f=5Hzto5MHz 3.0 3.0 3.0 mV (rms)
OUTPUT
Output Voltage Swing +10 *13 *10 *13 *=10 *13 \'
Output Impedance (f= 1kHz) 1 1 1 Q
Qutput Offset Voltage *=40 =30 *30 mV
Output Offset Voltage vs. Temp. 0.7 0.7 2.0 mV/C
Ourput Offset Voltage vs. Supply *2.5 *2.5 *=2.5 mV/i%
INPUT AMPLIFIERS (X,Yand Z)
Signal Voltage Range (Diff. or CM

Operating Diff) . +10 +10 =10 v
CMRR 40 50 50 dB
Input Bias Current X

X, Y Inputs 3 L5 4 1.5 4 rA

X, Y Inputs T min 10 Taax 10 8 nA

Z Input =10 5 *15 =5 *15 7.

Z Input T min 10 Tinax *30 *25 +25 1.1
Offset Current =03 *0.1 +0.1 pA
Differential Resistance 10 10 10 MO

DIVIDER PERFORMANCE
Transfer Function (X,>X;) 10V Z/(X, - X5) 10V ZI(X, - X,) 10V Z/(X; - X5)
Total Error
(Vx=—10V, —10V=Vz= +10V) *2 *1 =1 %
(Vx= - 1V, - 10V=V,= + 10V) *4 *3 = %
SQUARE PERFORMANCE .
~X,)2 - ~X,)2
Transfer Function Q(-L)TXZ)- ¢ IIOV 2 (XIO#'
Total Error *0.8 *0.4 *=0.4 %
SQUARE-ROOTER PERFORMANCE
Transfer Function (X, - X,)¥10V X1 =Xp¥10v (X, - X)¥10V
Total Error(0V=Vz=<10V) *1.5 *1.0 *1.0 %
POWER SUPPLY SPECIFICATIONS
Supply Voltage

Rated Performance *15 *15 *15 v

Operating =10 +18 =10 +18 +10 =22 \Y
Suply Current

Quiescent 4 6 4‘___4\_ 6 4 6 mA

NOTE

Specifications subject to change without notice.

Specifications shown in boldface are tested on all production units at final electri-
cal test. Results from those tests are used to calculate outgoing quality levels. All
min and max specifications are guaranteed, although only those shown in

boldface are tested on all production units.
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PIN CONFIGURATION & DIMENSIONS
Ly Dimensions show in inches and (mm) v, ; % M
" im n nd (mm). 1 i
AD532H R R
x z
v ; ¥10—i+ ouTPUT
M Y2 O—i~
10R
Vos
v (X1 - Xa) (¥ - Y3) R
our = — 0V ~

{WITH Z TIED TO OUTPUT)

Figure 1. Functional Block Diagram

TO-100
REF PLANE — o.n5 (2.92)
e o] L2Ges FUNCTIONAL DESCRIPTION
¥ e\ R The functional block diagram for the AD532 is shown in
%é%—?:,%r Figure 1, and the complete schematic in Figure 2. In the
S 0m ][ | N multiplying and squaring modes, Z is connected to the output
Tr. \¢ /}og::: o to f:losc the fe.ecilback arounq the output op amp. (In the
sozioan _j| 0018 043 1o, 51 % S0 divide mode, it is used as an input terminal.)
‘.’,’?‘.“—m—:l— e L The X and Y inputs are fed to high impedance differential
SEATING PLANE amplifiers featuring low distortion and good common mode
AD532D : rejection. The amplifier voltage offsets are actively laser
trimmed to zero during production. The product of the two
X1 NGO NC WO Vs OuT 2 inputs is resolved in the multiplier cell using Gilbert’s
[1 [1 [5] [+ Gl 2] [ lirfearized transconductance t:chnique. Thc:g cell is laser
trimmed to obtain Vg, = (X1—X2)(Y1—Y2)/10 volts,
The built-in op amp is used to obtain low output impedance
C and make possible self-contained operation. The residual
output voltage offset can be zeroed at Vi in critical applica-
tions . .. . otherwise the Vo pin should be grounded.
W W EE |
NC X2 GND Vos Y2 Y3 Vs 13—y .
TO-116 "2 rs s L :uzz .

T z
= 0.420 uo.sz)--' 1 @ at}e-don o o o pton nss

o — oo =

T nee 1 T n22
. 0.040R 1.02) I " 08
o . I 1 Xy 0 D an - mﬁw_
) R28
com.
PIN #1 IDENTIFIER -—, |-—

e
0.700 £0.010 | ’ ’
1778 2028) ~ .

0.035 £0.010 f naz m

(0.89 $0.25) | emsn———————a | .
! 0.085 (2.16) g J fors
T [.II IL” ” " " H l&?:? R LU P =l g -
0.047 0007 om-’-:{o[-:o:-—{ |=011258 v
( 043008 Figure 2. AD532 Schematic Diagram
43-0.05
ORDERING GUIDE

Model Max Mult Error Temperature Range Model Max Mult Error Temperature Range
AD532JH $2.0% 0to +70°C AD532SH +1.0% -55°C to +125°C
AD532JD +2.0% 010 +70°C AD532SD +1.0% -55°C to +125°C
AD532KH +1.0% 0to +70°C ADS532SH/883B +1.0% -55°C to +125°C
AD532KD +1.0% 0to +70°C AD532SD/883B +1.0% -55°C to +125°C




AD532 PERFORMANCE CHARACTERISTICS
Multiplication accuracy is defined in terms of total error at
+25°C with the rated power supply. The value specified is in
percent of full scale and includes X;, and Yjp, nonlinearities,
feedback and scale factor error. To this must be added such
application-dependent error terms as power supply rejection,
common mode rejection and temperature coefficients
(although worst case error over temperature is specified for
the AD532S). Total expected error is the rms sum of the
individual components, since they are uncorrelated.

Accuracy in the divide mode is only a little more complex. To
achieve division, the multiplier cell must be connected in the
feedback of the output op amp as shown in Figure 13. In this
configuration, the multiplier cell varies the closed loop gain of
the op amp in an inverse relationship to the denominator
voltage. Thus, as the denominator is reduced, output offset,
bandwidth and other multiplier cell errors are adversely af-
fected. The divide error and drift are then €, + 10V/X, ~X3)
where €y, represents multiplier full scale error and drift, and
(X1—=X3) is the absolute value of the denominator.

NONLINEARITY ‘
Nonlinearity is easily measured in percent harmonic distortion.
The curves of Figures 3 and 4 characterize output distortion as
a function of input signal level and frequency respectively,
with one input held at plus or minus 10V dc. In Figure 4 the
sine wave amplitude is 20V(p-p).

1.0

—_—

PERCENT DISTORTION
e
by

2 4 5 6 7 8 9 0 N 12 13 14
PEAK SIGNAL AMPLITUDE - Volts

0.0

Figure 3. Percent Distortion vs. Input Signal

100

—

-
-

— 20V P-P SIGNAL

PERCENY DISTORTION

*
o

G /‘Vin'
T .

01

10 100 * 10k 100k ™
FREQUENCY . Hz

Figure 4. Percent Distortion vs. Frequency

AC FEEDTHROUGH

AC Feedthrough is a measure of the multiplier’s zero
suppression. With one input at zero, the multiplier output
should be zero regardless of the signal applied to the other
input. Feedthrough as a function of frequency for the
AD532 is shown in Figure 5. It is measured for the condition
Vx =0, Vy=20V(p-p) and Vy =0, Vx = 20V(p-p) over the
given frequency range. It consists primarily of the second
harmonic and is measured in millivolts peak-to-peak.

1000 -
k] Pt
T /~\
—t
Y FEEDTHRU /
,, |
> 10 - -
E i + e
M N e
E A
= R | :
a Lo ; A
] - - X FEEDTHRU
10 - - -
i
1
100 *® 10k 100k ™ 10M

FREQUENCY - Hz

Figure 5. Feedthrough vs. Frequency

COMMON MODE REJECTION

The AD532 features differential X and Y inputs to enhance
its flexibility as a2 computational multiplier/divider. Common
mode rejection for both inputs as a function of frequency is
shown in Figure 6. Itis measured with X1=X3=20V(p-p),
(YI_YZ) =+10V dc and Yl = Yz = ZOV(p-p_), (Xl —Xz) =
*10V dc.

SN
|~ N

50 MODE REJ

+10V.

!
2 %0 (U
A H
. LN
S X COMMON MODE RES \\\
S 30 (¥y-Y2) = 410V \
\
20 N\
N
\
0| :
102 103 104 1085 ‘108 107

FREQUENCY - Hz

Figure 6. CMRR vs. Frequency

t Ri=2k2 € =1000pF
£ 7
7 i Ry=2kQ2 Cy=0pF
g o
g \Y
i \
———
—
0.0
ok 00k ™ 1om
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Figure 7. Frequency Response, Multiplying
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DYNAMIC CHARACTERISTICS

The closed loop frequency response of the AD532 in the
multiplier mode typically exhibits a 3dB bandwidth of
IMHz and rolls off at 6dB/octave thereafter. Response
through all inputs is essentially the same as shown in
Figure 7. In the divide mode, the closed loop frequency
response is a function of the absolute value of the
denominator voltage as shown in Figure 8.

Stable operation is maintained with capacitive loads to
1000pF in all modes, except the square root for which
SOpF is a safe upper limit. Higher capacitive loads can be
driven if a 100 resistor is connected in series with the
output for isolation.
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—_—

V2201 X Vy SN 6T

~ EANCE

NN
. \ \

“10K 100k ™ WM
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-
L
/

Figure 8. Frequency Response, Dividing

POWER SUPPLY CONSIDERATIONS

Although the AD532 is tested and specified with £15V dec
supplies, it may be operated at any supply voltage from
%10V to 18V for the J and K versions and +10V to +22V
for the S version. The input and output signals must be
reduced proportionately to prevent saturation, however,
with supply voltages below £15V, as shown in Figure 9.
Since power supply sensitivity is not dependent on external
null networks as in the AD530 and other conventionally
nulled multipliers, the power supply rejection ratios are
improved from 3 to 40 times in the AD532,

] I i

SATURATED OUTPUT /
SWING

4
N

g 10 ;

- i
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g MAX X OR Y INPUT
2 . FOR 1% LINEARITY
-

2

Q
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%

§ 6 T

*40 12 a ) 8 T R—
POWER SUPPLY VOLTAGE - Vohs

Figure 9. Signal Swing vs. Supply

NOISE CHARACTERISTICS . )

All AD532s are screened on a sampling basis to assure thae
output noise will have no appreci'able effegt on accuracy,
Typical spot noise vs. frequency 1s shown in Figure 10,

o

N

SPOT NOISE - ywW/vHz — o
W

-

10 100 * 10k W00k
FREQUENCY - Wz

Figure 10. Spot Noise vs, Frequency

APPLICATIONS CONSIDERATIONS

The performance and ease of use of the AD532 is achieved
through the laser trimming of thin film resistors deposited
directly on the monolithic chip. This trimming-on-the-chip
technique provides a number of significant advantages in
terms of cost, reliability and flexibility over conventional
in-package trimming of off-the-chip resistors mounted or
deposited on a hybrid substrate.

First and foremost, trimming on the chip eliminates the
need for a hybrid substrate and the additional bonding wires
that are required between the resistors and the multiplier
chip. By trimming more appropriate resistors on the AD532
chip itself, the second input terminals that were once
committed to external trimming networks (e.g., AD530) have
been freed to allow fully differential operation at both the X
and Y inputs. Further, the requirement for an input
attenuator to adjust the gain at the Y input has been
eliminated, letting the user take full advantage of the high

input impedance properties of the input differential amplifiers.

Thus, the AD532 offers greater flexibility for both algebraic
computation and transducer instrumentation applications.

Finally, provision for fine trimming the output voltage offset
has been included. This connection is optional, however, as
the AD532 has been factory-trimmed for total performance
as described in the listed specifications.

REPLACING OTHER IC MULTIPLIERS

Existing designs using IC multipliers that require external
trimming networks (such as the ADS5 30) can be simplified
using the pin-for-pin replaceability of the AD532 by merely

grounding the X3, Y, and Vos terminals. (The Vos terminal
should always be grounded when unused.)

APPLICATIONS
MULTIPLICATION

P Yo o —
X2 Oy

»—O Vour
Y1 O——ro

Y2 O—roud —~

(X1 -X2) {Yy - V3)

Vour = 0V

{OPTIONAL)

+Vs -Vg

Figure 11. Multiplier Connection



For operation as a multiplier, the AD532 should be connected

as shown in Figure 11. The inputs can be fed differentially to
the X and Y inputs, or single-ended by simply grounding the
unused input. Connect the inputs according to the desired
polarity in the output. The Z terminal is tied to the output
to close the feedback loop around the op amp (see Figure 1).
The offset adjust Vo5 is optional and is adjusted when both
inputs are zero volts to obtain zero out, or to buck our other
system offsets. '

SQUARE

z

ADS532 Vout)—@—0C Vour

VN2
+ V. Ve Ve Vi d
S 0s S ouT 0V

T (OPTIONAL)

A
\AAS

20k
Q o
+Vs Vs

Figure 12. Squarer Connection

The squaring circuit in Figure 12 is a simple variation of the

multiplier. The differential input capability of the AD532 can

be used, however, to obtain a positive or negative output
response to the input....a useful feature for control
applications, as it might eliminate the need for an additional
inverter somewhere else.

DIVISION
ZO
7 vour- tovz
XO———d Xy z
X2
ADS532 ouT
Yy
LY v -V
- ﬂ()
SF
L —" A A —— (
> '
22k 7% VW 10k
20k
[ {Xo) o
= -Vs -Vs

Figure 13. Divider Connection

The AD532 can be configured as a two-quadrant divider by
connecting the multiplier cell in the feedback loop of the
op amp and using the Z terminal as a signal input, as shown
in Figure 13. It should be noted, however, that the output
error is given approximately by 10Vep, /(X1—X3), where €,
is the total error specification for the multiply mode; and
bandwidth by fr, * (X1—X2)/10V, where fy, is the band-
width of the multiplier. Further, to avoid positive feedback,
the X input is restricted to negative values. Thus for single-
ended negative inputs (OV to ~10V), connect the input to X
and the offset null to X5 ; for single-ended positive inputs
(OV to +10V), connect the input to X, and the offset null
tc Xy. For optimum performance, gain (S.F.) and offset (Xq)
adjustments are recommended as shown and explained in
Table I.

For practical reasons, the useful range in denominator input
is approximately 500mV <|(X;—X) |<10V. The voltage
offset adjust (V) if used, is trimmed with Z at zero and
(X1—X3) at full scale.

SQUARE ROOT

ZO
X 2z Vourt = -m
X2
AD532 Vour —O Vout
Y1
—iY2 v
== Vs s L
Vv (s%)
Vv
RS R 1
322k 20k ) 10k
O (Xo)
.J__ +Vs -~V -

Figure 14. Square Rooter Connection

. The connections for square root mode are shown in

Figure 14, Similar to the divide mode, the multiplier cell is
connected in the feedback of the op amp by connecting the
output back to both the X and Y inputs. The diode D, is
connected as shown to prevent latch-up as Z;j, approaches
O volts. In this case, the Vg adjustment is made with

Z;p = +0.1V dc, adjusting V¢ to obtain -1.0V d¢ in the
output, Voue = —+/ 10VZ. For optimum performance, gain
(S.F.) and offset (X¢) adjustments are recommended as
shown and explained in Table I,

DIFFERENCE OF SQUARES

X O— X1 z
X2
AD532 ouTt —O Vour
20k 20k Y1 v . X2 -vy2
Y O—4 " Y2 +Vg Vos -V ouY = Tov
(OPTIONAL)
10k 4
AD741KH 20k
= o]
+Vs -Vg

Figure 15. Differential of Squares Connection

The differential input capability of the AD532 allows for the
algebraic solution of several interesting functions, such as

the difference of squares, X2—Y2/10V. Asshownin F igure 15,
the AD532 is configured in the square mode, with a simple
unity gain inverter connected between one of the signal
inputs (Y) and one of the inverting input terminals (—Yijn)

of the multiplier. The inverter should use precision (0.1%)
resistors or be otherwise trimmed for unity gain for best
accuracy,

TABLE 1
ADJUST PROCEDURE (Divider or Square Rooter)
DIVIDER SQUARE ROOTER
With: Adjust for:  With: Adjust for:
Adjust X Z Vout z Vout
Scale Factor —10V  +10V +*10V +10V -10V
Xo (Offset) —1V  +0.1V %10V +0.1V. -1V

Repeat if required.

C136e-5-7/85
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SECTION TWO

Misc.
Procedures
and
Studio Wiring
Conventions







A) Interstudio Wiring Details







WHMFO GENERAL WIRING NOTES:

Internal master gain pots on all mixing consoles are adiusted to vizld
UdB meter deflection for a standard source (Housetone @ lkhz) at fader
midpoints. All sources have been padded or adjusted to matech standard
souwrce meter deflection at fader midpoint. ALl mixing consoles ars
padded at the output to vield unity gain at fader midpoint. @all Da's
and the Studio SBwitcher are adjusted to vield unity gain into &0O0
ohms. Thus, any element of the air chain may be bypassed or added,
via patch bays, with minimal gain changs. The only gain change
{increas=) is at final stage, the compressor {(Compellor), {feeding the
phone line to the transmitter.

In Master Control (M.C.) and Studioc & the Rlue "EEFCOY cables
connecting the patch bays have ten pairs each. These are numbered in
decades corresponding to the patch bay jack numbers they are tied to
(Unless otherwise marked). To find actual pair number, add the inner
Jacket numnber to the outer jacket number. For example, the cable in
Studio A labeled "IZ0+" contains pairs 21 to 30, Cable "IZ20+", pair
"8" corresponds to patch bay I, iack number "ZER",

In Master Centrol cable "I90+", pair 100 is spare (hanging) From D.A.
rack to wall.

Tie Lines linking patch bays in one studio to patch bavs in another
are listed as "A-to-B 1 L" and "A-to—-E 1 R". All tie lines are

normalled through the Master Control patch bavs.
I+ telephone outputs in the studics are patched to another fader, the
interface system will not function when feeding the "program" signal

down the telephone line.

Chamnel#l = Left, Channel#2 = Right

INTER=-STUDIO AND MASTER CONTROL WIRING NOTES:
Cables from the studios to Master Control terminate at christmas trees
o each end. In the studios they are located under the consoles, in

M.C. they are on the wall at the Distribution Amp (blus) rack.

Inter-rack cables fron the D.A. (blue) rack to the Monitor {gray) rack
terminate at christmas trees on the wall.

For cable and pair number positions see diagrams.
For pair assignmnents see tables.
Fair numbers not listed are assumed unused.

Color codes listed in notes column are for linking cables. Colors are
continued on all links except where noted.



STUDIO & CABLE
Fair
Number Signal
Ci-1 Frogra
Ci1-2 Frogra
Ci1-3 Studio
Ci-4 Studio
Ci-5 Auditi
Cl-& Studio
Ci-7 Ext. F
Ci-8 Ext. F
C1-9 Teleph
C1-10 Teleph
Ci-11 Curtis
Ci-12 Curtis
Cl—13 MackFhi
Ci—-14 MackFhi
Ci—-15 blus E
grrs 0O
C2-1 Houset
D22 Telaeph
CE2-3 Studino
c2—-4 Studin
Ca2-5 A-to-F
C2—6 A-to-g
C2-7 A—-to-B
C2-8 A-to~-B
CE-9 fA-to-C
C2-10 A-ta-C
C2-11 A-to-C
Ca2-12 -t
C2-13 Interc
C2-14 M. ©
C2-15 N.C. ™
Ci~brn Studio
Ch-red Studio
CE-org  Studico
Cli-yel Studio
CE3-blu Btudio
CE3-vio Studio
CE—gry Studio
Ci—pnk Studio

Cl—stripe
Ci~Fair
Mo
Coi—Rater [Gnd.
Pousy
Ll Mesiemr Erid.
Ca—-brn/red
Cd—org/vio

Cad~Fair

ASSIENMENTS

(DA feed to
{DA) feed to
E program out
B program out
orn out (mono)
D out Z
M monitor
M monitor
one audio
one audio
Lounge 1
Loungs 2
e Fub 1
& Fub Z
BS LED,
vermod LED
one
one audio send
C program out 1
€ program out 2
1
i
.

.
"3
g
1
1
-
Z

in
M

tead
teed
return
return

1

X
a

[N

nrraroror

-3
&

om L—pad defeat
ic relay
ic relay
Switcher
Switocher
Switcher
Switcher

switch
switch
=witch
status
status

£
B
LED
LED
status LED
Switcher mic LED A
Switcher mic LED R
Studio Switcher
Intercom speaker feed

i

Awitocher

mic LED

Motes

wht from wall to S8witcher

Bussed across all studios
To OM &IR light control
To Btudio Bwitcher gry/brn

a
E
C

C beige, wall to

Studio Switcher groundgp) blk from
Fhone/Doorbell LED (haiJAY_ Bussed across
Fhone/Doorbell LED (o) Bussed across all
EBS gen switch

Line feed from telephons set org{+),

Studio D out 1

HIQP7 froam

Switcher
Bussed across all shudios
% padded to feed fader
wall to Bwitcher
all studios
studios

wall to rack
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STUDIO B CABLE

Fair
Number Signal B
C1—-1 Frogram (DA) +fesd to MO 1
ci-2 Frogram (DAY feed to MO 2
C1-3 Studioc C program out 1
Ci-4 Studio C program out 2
Ci1-58 Audition out 1
Ci-4 Audition out 2
Ci-7 Ext. FM monitor feed 1
Ci-8 Ext. FM monitor fesd 2
£1-9 Telephone audio return 1
Cl-10 Telephone audio return &
£1-15 bBlu: ERS LED,
grnrn: Overmod LLED
Ci—-14 Line feesd from tslephone sst Fai
C2-1 Housetone
cz2-2 Telephons audio send
2-3 Studio A& program out 1
CZ-4 Studio A program out Z
C2-5 A-to-B 1 L
C2-46 A-to-B 1 R
c2-7 A-to-B 2 L
Cc2-8 A-to-B 2 R
c2-9 B-to-C 1 L
C2~-10 BE-to-C 1 R
c2-11 B-to-C 2 L
£2-12 E-to-C 2 R
C2-13 Intercom L-pad defeatb
CZ~14 M D. Mic relay To
CiE—-15 M.C. Mic relmy Tao
C3—brn &tudlo Switcher switch A
Ci-red Studio Switcher switch B
Ci~org Studio Switchsr switch C
Ci=vel Studio Switcher status LED A
Ci-blu Studio Switcher status LED K
Ci-vio Btudio Switcher status LED O
Px ~gry  Btudio SBwitcher mic LED &
Ci-pnk  Studio Switcher mic LED B
Ci-stripe Studio Switcher mic LED C
CEZ-FPair Intercom speaker feed
Mo

Coh—ger G,

Pl
CE—Mar Grid.

ADSIGMMENTS

Studio Bwitcher ground

Fhone/Doorbell LED (bed)3™"
Fhone/Doorbell LED (geound)

i\aT

whit from wall to

Switcher

i I8 from wall to rack

Fhase (red/blk) reversed
Fhase

{(red/blk) reversed

Bussed across all studios

OM AIR light control
Studioc Switcher pnk/red

beige, wall to Switcher
Bussed across all studios
% padded to feed patch bay

blk from wall to Switcher
Bussed across all studios

Bussed across all studios
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STUDIO C CABLE ASSIGBNMENTS

LED C

Fair
Mumber Signal
C1-1 Frogram (DA) feed to MO
Ci-2 Frogram {DA) feed to MO 2
C1-3 Studio B program out 1
C1i-4 Studio B program out 2
ci1-7 Ext. FM monitor feed 1
Ci-8 Ext. FM monitor feed 2
Ci-9 Telephone awdio return 1
Ci-10 Telephone audio return 2
C1-18 blu: ERS LED,

grr: over mod LED
Ci-1i4 Line feed from telephone set
g2-1 Housetone
cz-2 Telephone audio send
C2-3 Btudio A program out |
C2-4 Studio A& program out 2
C2-3 A-to-C 1 L
Cz-6 A-to-C 1 R
c2-7 A-to-C 2 L
C2-8 A-to—~-C 2 R
C2-9 B-to-C 1 L
CE2—10 B-to-C | R
Cz-11 B-to-C 2 L
C2-12 B-to-C 2 R
C2-13 Intercom L-pad defsat
C2-14 N.G. Mic relay
Ca-1% M.C. Mic relay
Ci-brrn Studio Bwitcher switch A
LCi~red Studio Switcher switech B
Li=org Studio Switcher switch C
Cli-yel Studio Bwitcher status LED A
Ci-~blu Studio Switcher status LED E
Ci~-vio Btudio Bwitcher status LED C
Cli—gry Studio Switcher mic LED &
Ci=pnk  SBtudio Switcher mic LED R
Ci—stripe Studio Switcher mic
CE~Fair Intercom speaker feed

Main
3P Grid.
chiv‘

Ch—derta Grid.

Studio Switcher ground
Fhone/Doorbell LED
Fhone/Doorbell LED

(et

(gl

4 )
heT

n)

=
)
it
i
i

wht from wall to Switcher

#I19%9 from wall to rack

Bussed across all studios
To ON AIR light control
To Studio Switcher beige/org

beige, wall to Switcher
Bussed across all studios
¥4 padded to feed patch bay
R2lk from wall to Switcher
Bussed across all studios
Bussed across all studios
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INTER-RACKE CABLE ASSIGMNMENTS

Fair
Number

Ci1-1
Ci-2
C1-=
Ci-4
C1-5
Cl-&
Ci-7
Ci-8
Cl-%
Cl-10

Ci-11
Ci~1%
£2-1
Ca-z
Ce-3
C2-4
Cz-5
CE—é
Ce-7
C2-8
C2-5
C2~10
Ca-1

CE-2

C3~-3
CE—4

CI-5
CI-4
CE-7
CE-8
Lo
CT~10

Signal

Mod. Mon. flasher signal
FM Monitor out L

FM Monitor out R

Spare Tuner out L

Spare Tuner out R
Studic B mono out

Studio C mono out
Intercom L-pad Defeat
Fhone/Doorbell LED feed
Doorbell lights

Spare Remote Line L

Bpare Remote Line R

Studio A N.O. mic relay
Studio B N.O. mic relay
Studio C N.0O. mic relay

FA Speakers 1 Studios

FA Speakers 2 Halls

EBS Gen. start switch
EBES Gensrator tone out
EBS Mon. Alert relay
Spare to Monitor rack
Spare to Monitor rack
Upstairs doorbell switch

Upstairs
Intercam

doorbell light
line

Intercom line with ring

MacFhie Fub line i
MacPFhie Fub line 2

FAC from Transmitter
RACD to Transmitber

F/AL to Transmitter 1 L.
F/l. to Transmitter 2 R

Notes

i}

arni+) hlk (- gnd)

Fadded to mono on wall

at DA rack

Fadded to mono on wall at Da rack

brn/wht
bilk/red
vel (+) /vio{-),

jumped from terminal strip

red(+) /grn (=)
yvel (+) /Anlk (=)
org/vel
blu/grn
brn/wht
arg/yel
blu/grn

WIFER to Gndibluw, N.O.

red/org from switch,
Dlk/svel to Monitor rack
blk/yvel to Monitor rack
bBluswht {(+) From Monitor
Jumped Ffrom teminal

to HOT {wht)

rachk,

strip

red/grn from Monitor rack,
Jumped from terminal strip

padded to isolate
padded to isolate
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MISCELLANEDOUS TERMINAL STRIFS MEAR MONMITOR (GRAY) BACE
(On TELCO pairs: solid = hot, stripe = ground)

Color Code Signal Notes

TELCO Room {near Studio ) Lines (& pair twisted TELCO)
blusetripe Intercom line to TELCO box blu/wht from rack
grn/stripe Ring signal from TELCO bowx prnk/vio to rack

MacFhie Fub Remote Lines (& pair tﬁisted TELLCO)

blu/stripe Intercaom line red/grn to inter—rack tree
org/stripe Audic line 1 red/blk to inter—-rack tree
gri/stripe Audio line Z grin/yel to intgr—-rack tree

Downstairs Doorbell Line (4 condutor TELCO)
Switch contact boige/ary to rack
Light brn/org from rack
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B) Patchfield Layouts

'UC
UG
UG

io A
io B
io C

G VARARA

as’

fer Control




 WMFO Studio A
Patch Bay I (upper)

‘ Fader 1c { gz = E,} (spare) ;
L £
Fader 2c ¢Sl i»} PA Line out
il
Fader 3a e Ei <=3 2 > Turntable 1
w4
Fader 3b €3 < 3 Jacks 31
o
Fader 3c i E' < 1: 3 Curtis Lounge :
Fader 4a e ;Z <=» 13 Turntable 2 5
Fader 4b < 2i <= 1? > Interface Mix out 2
&= . 15 . o
Fad 4 < L= 3 McPhie Pub -
ader 4c oa ” » 3
Fader Sa { :Z <= ig T Turntable 3 N
Fader Sb { i; <= iz > Cassette 2 out ?
Fader Sc < EZ <-» 213 yousetone (monao)
7 22
Fader 6a T R Y
72 24
P73 L. 25,
Fad &b { D ;5 Telephone out
ader 74 26 P
Fader 6&c €79 ¢ 273 studio B out >
VAS) 28 g
77 .. 29 . - A
Fader 7a ‘og - <0 ° Cart 2
Fader 7b €77 <3 Il Cassette 1 out 2
80 2 . >
Fader 7c {Bi <= Ei 7 Studio C out N
Fader 8a {gz <= gz 3 Cart X
Fader 8b {ge <=3 i;: Reel out
Fader 8c {gg <— zz > Studieo D out
External Mon. in {gz <= 2i} FM Monitor out
Interface Mix in {Zi 22 ¥ FM Monitor out (spare)
A-to-B 1 5 a3 Ato-C 1
A-to-B 2 {Zz 2; } A-to-C 2

<=2 = normal

Odd numbers = left channel
Even numbers = right channel
(revised 11/85)




WMFO Studio A
Patch Bay 11 (lower)

To M.C. ¢ 27 <> 13 paout 1
50 2
d : 51 RN 3 3} DA + 2
Reel in { 5o =3 a out 2
Cassette 1 in 22 <=> 93 DA out =
o4 &
Cassette 2 in €27 <=> 73 pa out 4 ‘
56 8
Interface Send in { 9/ <—3 0} DA out 5
o
- (59 L1t .
DA in ‘40 > 53 Frogram out
To M.C. (mona) <ol < 1’2 > Audition out
5 ¢ 9 S 2
15 dB Pad o4 16 Jacks J
15 dB Pad <o g > Split
Mono Bridge <ol 193 split
Mono Erid ¢ 89 21y 5plit (insout)
ge $ o 5o pli in/ou
Gas Light in A 223 DA aut 6
. 73 25 |
t 74 26 7
75 27 |
(N 76 2 J
77 29 .
t 78 I0 °
(79 31,
. 81 33
(N 82 =4 r
.83 z5 .
A9 84 36 r
. 89 37,
T 86 38"
. 87 39,
" 88 40 °
. 89 a1
N 90 42 >
7?2 44"’
93 as |
9?4 46
93 47
€ on M

<=2 = narmal
O0dd numbers = left channel

Even numbers = right channel
(revised 11/85)



0dd Numbers-Left Channel UPPER PATCH BAY WMFO=-FM
Even Numbers-Right Channel STUDIO B
11/84 revised

KEY =(

DA In -(gg > ;)- Program Out
Interface Send In -(g; <> 2)- DA 1 Out
Interface Mix In 93 5)- Interface Mix Out

“\54 6

Tape 1 (Reel) In -(33 &= ¥)- Da 2 out
Tape 2 (Reel) In -(J7 <> ,2)- DA 3 out
Cart 1 In (35 <> 11)- DA 4 out
Cassette In -(gé —> }i)- DA 5.0ut
Fader (Cart 2) —(22 > 12)- Cart 2 Out
Fader (TT 1) ~(82 «> 12)- Turntable 1 Out
Fader (Tape 1) —(gg < ;g)— Tape 1 (Reel) Out
Fader (TT 2) -(gg o« g;)- Turntable 2 Out
Fader (Tape 2) -{;; > 22)- Tape 2 (Réel) Out
Fader (Cart }) -(;Z <> gg)- Cart 1 Out
Fader (Cassette) -(;g < gg)- Cassette Out
Fader (Telephones)—(;g > %g)— Telephones Out
Fader (Studio C) -(;g &> 1y~ studio C out

-2 22)- Studio A Out
Ext. Monitor In (32 &> 32)- FM Monitor Out
EQ In -(gg gg)- EQ Out
Space Station In -(gg 23)- Space Station Out
DBX In -3o %3)- DBX Out
To M.C. -(33 <> 32)- Audition Out
BC 1 -G3a 1o)- AB 1
BC 2 -2 47y_ aB 2




0dd Numbers-Left Channel LOWER PATCH BAY WMFO-FM

KEY -(Even Numbers-Right Channel STUDIO B
' 11/84 revised

~(s0 2)-

(32 -

~(33 o)-

~(35 8-

"(gg 13)'

~(so 12)-

~(62 )"

~(o4 19"

~(s6 18-

~(53 20)-

~(70 22)-

~(72 24"

(74 200
1SdB PaD -3 HOF
15dB pR: -(Gg . 29)- spuit
PA Line Out (53 23)- Split
House Tone Out -(g% gi)- Split (mVoU;}
Jacks E2 Receive -(gz gg)- Jacks E2 Send
Jacks E1 Receive -(gg gg)- Jacks E1 Send
Jacks J1 -(gg Zg)- Jacks J2
Mono Bridge 2 -(gg 2;)- Mono Bridge 1
Mono Bridge 2 -(gé 32)— Mono Bridge 1
Pitch Shifter In —(33 10)- Pitch Shifter Out
DA6 Out ~(g8 <= 1D- o M.C







KEY -(

0dd Numbers-Left Channel

Even Numbers-Right Channel
DA In -3 <>
To M.C. -3 <>
Tape (Réel) In -(gz <>
Cassette In -(gg <<~
Cart 2 Input -G <«
Interface Send In -(zg <>
Interface Mix In -(g;
Mono Bridge -(gz
Fader 1 (A) -(gg —
Fader 2 (B) -(gg &S
Fader 3 (A) -(gg RN
Fader 4 (A) —(3; &>
Fader 4 (B) -(53 <>
Fader 5 (A) -(J% <>
Fader 5 (B) -(;g <
Fader 3 (B) -(gg <>
Jacks J1 ~(gé
Jacks J2 -(gz
Ext. Monitor In -(gg &
EQ In (3%
Split (30
Split ~(32
AC 1 -(33
Ac 2 -3 -

- BC 2 . .r e -

PATCH BAY WMEG~FM

STUDIO C
12/84 revised

Program Out

DA 1 Out

DA 2 Qut

DA 3 Out

DA 4 Out

DA 5 Out
Interface Mix Out
Mono Bridge
Cart 1 Out

Cart 2 Out
Turntable 1 Out
Turntable 2 Out
Telephones OQOut
Tape (Reel) Out
Cassette Out
Studio B Out
Studio A Out

.PA Line Out

FM Monitor Out
EQ Out

House Tone Out
split (in/ooT)
BC 1




P : WMFO Master Control
Patch Bay I (upper) -

F/L to Transmitter < gz {—> i} Compressor out
DA . (A) in. €25 <> T3 Studic A out
(B) in £33 o 5y i
DA‘ BR) in s4 < 6 Studio B out
o 99 . 7 .
DA (€) in { S6 <= 8'} Studio C out
B ot
. . . 57 9. . ’ ’
DA (Manitor) in < sg =3 107 FM Monitor out
To Studio Switcher (A) £ ZO {—=> li‘} DA (A) out 1
To Studio B el s 135 pa ) out 2
&2 ’ 14
To Studio C ISR iz > DA (A) out 3
To Studio Switcher (B) ¢ :2 <= i; > DA (B) out 1 )
. 67 19 '
r PO 3
To Studio A Ceg ST o0 DA (B) aut 2
To Studio C ¢ 57 < 213 DA (B) out 3
, . F 71 . 83
To FPA Mixer (B) <o == o4 7 DA (B) ocut 4
o . 73 .25
To Studio Switcher () ¢ 74 L= 26 ° DA (C) out 1
To Studio A < 7‘; K= ‘2‘8 > DA (C) out 2
. 77 29
To Studioc E < <= > PA (C) out 3
78 30
. 79 31
'S <= 3
To PA Mixer (L) { go © 32 DA (C) out 4
., B1 . 33
To A FM Mon. go <= 34 7 DA (Mon.) out—1 -
F 83 ._, 35 | . -
Ta B FM Mon. ‘ g4 <=2 36 ° DA (Mon.) out 2
85 37
I N 2, A
To C FM Mon. ¢ gg T =g ° DA (Mon.) out =
Ta D FM Mon. c gg <=3 zz } DA (Mon.) out 4
To Music—-on-Hold { gZ‘<~> :; > DA (Mon.) aut 5
3
To Curtis (lines 324) ¢ 21 <> 2% 3 pa (Mon.) out 6 ;

(spare) ﬁa%&ﬂf Tepmmls 93 <=» 3 DA (Mon.) out 7 (spare)

W)

an (VX SV PN W\A}u\y) 94 46
95 47 |
Transmltter R/C tap < 94 ag ° DA (A) out 4 (spare)

<=2 = normal

Odd numbers = left channel
Even numbers = right channel
(revised 11/85)




WMFO

Fatch
To‘8¥udio A <
To Studio A <
To Studio A {
A-to-B 1 (to B) {
A-to-R 2 (to B) {
A-to-C 1 (to C) £
A-to-C 2 (to ©) <
B-to-C 1 (to ©) <
B-to-C 2 (to ) {
To Studiao A (mono) {
To Studio B (mono) {
To Studio € (mona) <
To Studio A {
To Studio B {
To Studio C <
Tel. Sys. Audio in A) <
Tel. Sys. Audio in (B) £
Tel. Sys. Audio in () <
Utility Amp in {
Jacks Ji T
Jacks J2 {
To Studio Switcher (ERS) £
Intercom <
EQ@ in £
<=> = normal

Odd numbers = left channel
Even numbers =

(revised 11/8%5)

Master Control

Bay I1I

49
50

=
J

22
a3
54
38
96
a7

[
J

L
ot

&0
&1
&2

-
o

64
65
b6
&7
68
&7
70
71

-
L

73
74
75
76
77
78
79
80
81
82

84

=
e

86
87
88
89
?0
91
92
93
24
95

26

right channel

»~
|
s

(middle) - -
!'3 studio D out :
‘;;} Curtis (lines 1%2)
z:- MacPhie Pub
7,
g° A-to-B 1 (to A)
?3 A-to-B 2 (to A)
10; a Q t
11
1¢} A-to-C 1 (to A)
13,
14 ° A-to-C 2 (to A)
S B—-to-C 1 (to R)
16 °
17 e
1g - B-to-C 2 (to B)
19 .
g Housetone out (&)
ii} Housetone out (B)
2T )
;;.} Housetone ocut ()
fz‘z } Tel. Sys. Audio out (A)
=73 Tel. Sys. Audio out (E)
:’Z > Tel. Sys. Audio out (C)
=13 Tel. Audio Feed 4rom A (mono)
;2} Tel. Audio Feed from B (mona)
;Z > Tel. Audio Feed from T (manao)
ig} Spare Tuner out
27 3 B Auditi t
40 h udlition ou
41 A Auditi t ( )
472 B} uagltion au mono
43
44 - EBS Tone out (mono)
43 | . .
46 ° Curtis (11nes'5&6)
47 > E@ out




WMFO Master Control ,;“_>“ “72
Fatch Bay 111 (lower) CoTE

Mono Bridge 2 ¢ 49 13 Mono Bridge 1
S0 2 9
Mono Bridge 2 {gi 2} Mono Bridge 1
Spilt 2 ¢ ;; o3 Split 1
Split 72 s ;Z ;} Split 1
o7
Split 2 (in/out) ¢ og 12} Split 1 (in/out)
15 dB Pad Con o Mays 4r pad
61 3 . . .
Compressor in L &2 ST 14} Studio Switcher cut (main)
&3 =
< LJ} Studio Switcher out (aux.)
&4 16
. 69 17 .
L b6 18:
s &7 19 ey - .
v &8 20 &
. 69 21,
<38 o
r 71 ‘: A,
- 72 24 4
. 73 25 b3
v 74 26-’
- 79 27
AS 76 28 )
77 29,
k. 5
78 30
.79 31
v 80 32 J
. 81 33,
£ go 222
a3 35
£ p
= 84 3 P
. 85 37,
1N 86 381
. 87 39 .
v 89 40 S
89 41
< 90 42}
71 43
¢ o2 a5 7 ‘
3 45
{ 94 46}
¢ 93 47 |
96 4g “

<=>» = normal ;
Odd numbers = left channel
Even numbers = right channel
(revised 11/8%5)




IHE WMFO PATCHFIELD PADS

As noted on the patchfield diagrams, the patchfield arrays in all
studios and Master Control have at least one "3-way split" and "mono
bridge". These are passive resistor networks (wired physically onto the
Xmas Trees associated with the corresponding patchfield), which allow
one to combine two independent stereo outputs ("split"), or sum both
stereo channels into mono ("bridge"). Diagrams of the two types of
resistor pads are given on the following page, and a summary of opera-
tional modes is included below.

1) 3-Way Split

‘ The 3-way split essentially follows the function of a stereo ny"
cord. It allows one signal to be split into two paths, or combines two
independent signals into one. This "splitting" is accomplished in a
balanced fashion; ie. all patches plugged into the split will sink or
source somewhere around 600 Onhms (each leg of the "Y" is isolated by a
resistor to prevent shorting). = These pads are denoted simply by the
phrase "split" on the patchfields; Studios A,B,&C each have cne split on
their fields, while Master Control has two.

Keeping the "Y-cord" analogy in mind, the "in/out" designation on
the split patches denotes the base of the "Y", while the two other split

locations correspond to the arms of the "y". In practical terms, when -

combining two outputs via the split to form a sum, the two outputs to be
combined are patched into the non-descript "split" locations (the arms
of the "Y"), and the composite signal is available at the "in/out" port
(the base of the "ym). Conversely, when splitting one output into two,
the original output is patched into the "in/out" port (the base of the
"y"), fanning it into two outputs available at the other "split"
locations (the arms of the “y"). In order to prevent crosstalk, funny
levels, or excessive loading, this policy should always be followed.

2) Mono Bridge

The Mono Bridge patch allows one to bridge a stereo output into
mono (ie. both channels are combined). Studios A&C each have one mono
bridge wired into their fields, while Master Control and Studio B each
have two.

The mono bridge is very simple to use; simply patch the stereo
signal desired to be "mono'ed" into one port of the bridge (itvdoesn't
matter which patchfield port is used), and the mono signal is available
at the other patchfield port. Like the 3~way split, the mono bridge
uses resistor networks to maintain somewhere around a 600-0Ohm impedance
and prevent direct shorting of Left and Right signals.

The mono bridge is perhaps the most direct means of combining both
channels of an audio source into mono (the Interface circuit provides a
more flexible means of doing this; the Studio B board and Studio Switch-
er also possess the capability of being switched into a "mono" mode) .
One may desire to use a patch of this sort if, for example, a tape that
is recorded onto a single channel must be played over the air;




naturally, one desires audio on both channels, thus the tape deck output

can be patched first into the mono bridged before being patched into the
mixing board.

3) Other Patchfield Pads

Studio B also has a "i5 dB Pad" wired into its patchfield; any
audio source patched through is reduced in amplitude by 15 dB. This
patch is used to reduce the level of "hot" audio sources (such as the
Biamp Mixer) before intreducing them intc the Gates mixing board.
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Notes on Interstudio Patches

Each studio possesses two independent lines to the other two stu-
dios which may be accessed via the patchfields (ie. Studio A has 2 lines
to Studio B labeled "A-to-B", and 2 lines to Studio C labeled "A-to-C").
A source patched into "A-to-C 1" in Studio C is available at the corre-
sponding "A-to-~C 1" port in Studio A, and so on for the other interstu-
dio patch lines. These allow signals to be routed to other studios for
processing, enable devices in one studio to be directly potted-up in
another, etc. They provide an extremely flexible environment for inter-
studio coordination and production.

All interstudio lines are also normalled through the Master Con-
trol patchfields, thus they may be interrupted, comandeered, and re-
routed elsewhere. This provides yet another level of flexibility; for
instance, suppose one would like to use four stereo balanced lines
between Studios B and C. The normal protocol gives only two "B-to-C"
lines, however the "A-to-B" and "A-to-C" lines may be re-routed in Mas-
ter Control so they really run between Studios B and C, thereby creating
the two additional needed lines. When patching and re-assigning these
interstudio defaults in Master Control, one must remember which end of
the line one is working with. To eliminate any ambiguity, the Master
Control patchfields are clearly labeled with the destination of the
cable concerned; ie. the "A-to-C" line is normalled across "A-to_C (to
A)" and "A-to-C (to C)" patches.

Several other audio lines run from the studios into Master Control
(ie. program lines, studio outputs, telephone feeds, etc.). These may -
also Dbe overridden via the Master Control patchfield to provide addi-
tional interstudio cables. Since the studio structure is defined by the
Master Control patchfield, one must remember to remove all @ patches
thrown there after work is completed, soO signals will appear where they
should, and the studio can run as it normally does.




C) Transmitter Power Monitoring







TRANSMITTER FOWER CALCULATION

The table below
valtage and
multiplier and the produ
schematic for "Transmitter
reading is normalized such that

{(s@e
1000 =

Birnce this signal Posesses some drift, a forward

caloulate Transmitter output powsr from
This is now performesd by an analog

is available on Remote Control channel #7
Audio and Fower Monitor").

This

100% = nominal operating power,

power tap directly

aff the Transmitter's directional coupler is available on Remote

chamnel #3.
operating powsr,
output powsr,

This is also normalized such that 1000 =

This channel should be logged to monitor

100% = nominal

Transmitter

The power may row be increased or decreased via the "Raise" and
"Lowsr" buttons on channesl #3, '
Old Fowsr Calculation Table: .

To calculate power match voltage across top with
Lowar current if power is under dotted line.

I 48 4% =50 a1 22
- -—....-—..l.. ___________________________________________
i
1.8 | 85.84 57.3 @SRe.E S7.40 &0,59 41,78
i
1.9 1 8B.94  50.19 £1.45 42,70 A%.95  &5.21
i S e am o amomoaE e e e sw s
220 1 A2.04  AF.FH L4, 468 1hHb. 00 67 .32 AB.A4
] % s s um o w o nomas syl
.l 1 SE. 14 14653 &7.91 49,30 7h.69 TR0V
leannonwd
2.2 0 ABL24 A9.70 71415 240 T4,.05 7H,E0
1
EH

current along side,







D) Generd Studio Structure
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SECTION THREE

APPENDIX

e Relevant data sheets

e Important Company Names, Addresses,
and Contacts

e WMFO Insurance Estimates

e Press Releases, Crank Letters,
and other Tech Crew Trivia







Chris, Fred, and whoever comes after.....

Just a quick note to specify some ideas and priorities to
future upgrades with regards to the WMFO proposed budget. Since
we recently finished upgrading the boards somewhat during the
Tech Crew overhaul, +they aren’t in terrible shape. We also
customized the Dboards considerably (ie. telephone patch,
headphone amplifiers, external monitor feed, multi-microphone
feeds, patchfield layout, etc.). Any new boards installed in
WMFO should also be modified in this fashion so that they will
fit into the station protocol (this may not be too simple a job).
I don’t think that a “cheap" board is by any means worthwhile.
The board used at WMBR and WZBC is becoming a standard these
days, and has an excellent reputation. This is a "Wheatstone
ASZ@" eight fader board, and costs around $14,@00. If you want
to replace the board, 1I’d encourage you to wait until you save
such dough (ie. fund raisers, benefits, sponsorships, and good
relations with the university may help). It’s not worthwhile at
this point to comprimise in haste (things are working fine with a
bit of routine maintainance; this is required with any board).
Wait wuntil you have enough bucks for something good before you
move on this issue. Also remember; you either need an
experienced and willing tech. crew to install the board (not an
easy Jjob to do it properly), or get ready to shell out 31000 -
$200@ to have somebody come in and do it.

The boards already installed can be modified fairly easily
(and much less inexpensively) to upgrade their performance.
Because of our airchain compressor, the discrete fader steps can
become quite noticable when they’re set at low volume or the
source material is very soft. This can be remidied by replacing
the critical faders (ie. the three turntable faders in A) with
"continuous" rotary faders that have no discrete steps. These
can be purchased from broadcasting outlets (perhaps ask LPB for
advice; make sure you get units with integral cue switches), and
probably cost around $19@. apiece. They are easily installed.
Make sure you continue to lubricate the remaining switch faders
approx. every six months with the appropriate grease to minimize
"scratchyness" and extend +their lifespan. I’ve noticed
occasional ‘“glitching" in the board switches; whenever +this
happens, I’ve repaired it fairly easily with a hit of "tuner
cleaner" spray. This +tradition should also keep the switches
operational for a while.

Another "obvious" improvement to the board audio quality is
to replace all isolation transformers (both input and output)
with high-quality devices (ie. Jensens). This is harder work,
and is considerably more expensive. I don’t think this is really
needed at WMFO (the board quality is good enough for now), and
when it comes time for this upgrade, it’s probably better to get
a new board.

The most important activity at WMFO should be to improve the
transmitter and air signal. This can start now by having someone
look at the tower and radiators (the reflected power [remote #41]
is often up ferociously; it'’'s running above 3@ at the moment,
and it should meter at 199 or 50). I’ve heard mention that our




tower guy wires are metallic. If this is so (and it nearly
certainly 1is true), +they can cause considerable multi-path and
"fade-in/fade-out"” effect in the signal. Get a tower service
(ie. "Art Bump and the Beacon Tower Service" were recommended by
Grady) to 1look at the situation, and get an estimate for
replacement of our guy wires with a non-conducting composite,
such as "Philly Strand". The antenna cable or its tie-point to
the radiators may also be damaged (ie. the large reflected
power). This should also be investigated.

Grady spoke of the possiblity of power boosts for all of the
stations @ 91.5. This should be extrapolated and checked. Grady

seems to be very difficult to locate these days, but the
information actually comes from "Ed Perry", who is another
engineer around here. This guy orgainizes power boosts, etc. for
all college stations around, and has worked quite a bit with WZRC
and WMLN. He should pProbably be contacted directly. Be careful,
he may be a bit of a sleeze, but the oppertunity could be grand.
If our power can 80 appreciably upward, we may need a new
transmitter at some point, so this should be kept in mind for
furture outlays....

Finally, misc. +things around the station which were always
needed can be entered into the budget. Stereo cart machines
(incl. a triple decker in A) would be nice. A second operational
cassette machine for A would also be good. The Otari for C has
long been a needed luxury. This list can be extended almost
forever. ...,

In closing, +there is a lot which should be accomplished and
investigated before coming near to the reality of buying a new
board. The +technical maintaince is almost non-existant. You
guys should also budget money to bring someone competent in on a
periodic basis (perhaps also on-call) to handle this. I’ve heard
Ken Haverly mentioned, and he’s a reasonable choice. The station
rebuilding put things into a good state; with a bit of
maintaince, it could last a while. As the station evolves, new
innovation can be added wherever needed. Please make sure that
things are done properly; a quick "kludge" will often cause more
destruction than benefit, and I’ve seen plenty of the former at
WMFO.

Good luck getting it all together,

Joe Paradiso 16-Feb.-87




TI-101
Telephone Interface

Data Sheet

The Symetrix TI-101 Telephone In-
terface is the most practical, yet eco-
nomical device on the market today
designed specifically for the con-
nection of professional audio equip-
mentto telephone lines in broad-
cast and production operations.
The TI-101 employs a carefully en-
gineered electronic hybrid circuit
which creates a maximum trans-
hybrid loss, yielding effective isola-
tion between your studio’s send to
the telephone line, and your caller
return signal. Your netresultis clear,
intelligible telephone audio which
helps you keep pace with today's
rapidimprovements in AM, FM, and
TV audio.

The TI-101 provides you with not just
some, butall of the features you need
inatelephone interface. Atthe same
time the unit is simple to connect, sim-
ple to adjust, and simple to operate. An
output buss or mic pre-amp feed from
your console connects to the T1-101
and sends your studio signal down the
telephone line. The Ti-101 allows you
to optimize your send level for
maximum intelligibility. Atthe same
time you can adjust the unit’s built-in
send limiter to prevent overdrive of the
telephone line. The return signal from
the T1-101 to your console is just the
caller's voice. The DJ or host voice has
been effectively nulied out.

Impedance and level matching to
and from the telephone line and
your console are done correctly by
the TI-101. In addition, you can
bring the caller’s voice up on your
studio monitor speakers without
feedback. There's no need to wear
headphones if you don'twant to.

One of the mostimportant fea-
tures of the TI-101 is that it is atrue
hybrid. This means thatthere is
no objectionable “gating” asin
“speakerphone” type phone
boxes. You get natural, two-way
conversation between hostand
caller.

Features

Caller equalization. A two band
equalizer with 8dB of boost and cut at
400 Hz and 2.5k Hz brightens up the
caller and enhances intelligibifity.

Send limiter. The send signal passes
through a limiter with user adjustable
threshold level. When properly ad-
justed this limiter maximizes host
level, prevents overdrive of the phone
line, and helps improve the send and
receive circuit isolation.

Receive compressor/expander. This
circuit also has a user adjustable
threshold level. Above threshoid the
compressor rides gain on the caller,
helping to maximize level, and most”
importantly keeping things under
control during caller-host “shouting
matches.” Below threshold a noise re-
ducing expander takes over and is.

especially valuable for keeping long
distance noise down during calier
pauses.

Caller mute. A user provided remote
contact closure mutes the caller in-
stantly without clicks or pops.

LED clip indicators are provided for
simple optimization of send and re-
ceive levels. When setting levels
there's no guesswork involved. The
user simply increases the level con-
trols until the LEDs flash on and then
backs off on the setting slightly for the
optimum operating point.

Conference linking. Two TI-101's may
be selectively linked together for
simultaneous conferencing between
two incoming telephone lines and the
host.

Level compatibility. Back-panel gain
switches permitthe TI-101 to operate
with virtually any professional mixer or
console.

Bandpass filtering. A sophisticated el-
liptical filter is provided on the TI-101's
send section which prevents studio
generated signals outside of the tele-
phone passband from interfering with
telephone company signaling fre-
quencies. On the receive section,
sharp “Chebychev” filters limit the
passband from 300 to 3k Hz prevent-
ing spurious signals on the telephone
line from interfering with your broad-
castaudio.
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7012 277 ST. W,
TACOMA, WA 98466
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TIi-101
Telephone Interface

Specifications

Input impedance

16.7K ohms (electronically balanced)

Outputload impedance

> 600 ohms (transformer balanced)

Telephone portimpedance

560 ohms (transformer isolated)

Nominal input and output level ranges

back panel switchable between

~10dBm and +8dBm
Maximum output level +20dBm
Maximum input level +21dBm
Typical THD 1%
Controis send level, send limit, receive level, link, coarse, low frequency, and high

receive compress/expand, 400 Hz
and 2.5k Hz equalization, conference

frequency null adjust.

Visual indicators

LED’s forindication of send clip, send
limit, receive clip, receive compress/

expand, receive mute, and power on

Frequency response

(measured from telephone port to out-
put port) 300 Hz to 3k Hz, =3dB.

Typical transhybrid loss

20dB over the specified frequency
bandwidth

Connectors

3 pin “XLR" type for input and output
ports, dual banana posts for telephone
tip and ring, ¥4" phone jax for external

mute and conference interconnect
cables.

Physical size

134" high, 19" wide, 6" deep (4.45 x
48.3x15.2cm)

Shipping weight

7lbs (15.4 kg)

Power requirements

60 Hz, 120 VAC, standard

50 Hz, 220 VAC, upon request

Construction

Aluminum front panel, plated steei
chassis, all connectors pc mounted for

maximum reliability

In the interest of continuous product
improvement and development,
Symetrix, Inc., reserves the rightto
change or modify any ofthe above
specifications or features, whenever,

in our opinion, such a change pro-
duces an advantage mutual to our
customers and ourselves.

Printedinthe USA
Copyright 1982, Symetrix, Inc.
Allrights reserved
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Dr. J. Paradiso
C.S. Draper Lab.
Mail Station 4C
555 Technology Sq.
Cambridge, MA.
02139

Charles Woodard

Factory Mutual Engineering
Box 9102

Norwood, MA. 02062

Dear Mr. Woodard,

Enclosed is the estimate which we have compiied
detailing the cost of replacing the equipment at the WMFO studios. The
summary is broken down intc several different areas (each studio is
listed separately, and individual lists are given for the master control
room, misc. other equipment around the station, and the Ballou transmit-
ter site). These are rough estimates of what it may cost to replace the
existing hardware with new equipment (We've compared notes with other
college stations in the Boston area that have recentliy upgraded their
studios with modern equipment). Much of the hardware at WMFO has been
completely designed and built in-house or has been custom modified (mak-
ing it difficult to assign an exact figure), but we have done our best
to arrive at these estimates. Feel free to call me if you find any
ambiguities.

Best Regards,

Joseph A. Paradiso




3 3 1151 Boston-Providence Turnpike
Factory Mutual Engineering 33 Boston P
Norwood, Massachusetts 02062
February 13, 1987 Telephone (617) 762-4300

Telex 92-4415

‘Dr. J. Paradiso

C.S. Draper Laboratory
Mail Station 4C

555 Technology Sq.
Cambridge, MA 02139

Dear ®r. Paradiso:
Thank you for the inventory and replacement cost estimates for WMFO, Tufts.
It is immensely helpful to me in preparing the overall valuation of univer-

sity property.

Very truly yours,

@A&A&umm&%wﬁ ;

Charles F. Woodard, Jr.

CFW:wm




FINANCIAL ESTIMATE FOR FACILITIES OF WMFO, TUFTS UNIVERSITY

Compiled on 8-Jan.-87 by: J. Paradiso, L. Shein (Tech. Crew Directors)
D. Ottenheimer (General Manager, 1985/86)

I) Studio A (Air Studio)

1 Mixer board..... ceseen Ceetetteeaeens ceeaenn ceeeeas veee..514,000.
3 Turntables (with tonearms,cartridges)....... certeeee cens 900.
3 Turntable preamplifiers...eeeeeeennenennnnnn... ceesroas 500.
3 Cart machines (or one triple machine)............. ..e.. 5,000.
1 Otari reel-to-reel deck.vuvevunnennnennnn... ceeeseseana 2,000.
2 Cassete decks (prof. quality)............. Cereee PR 800.
2 Patchbays (prewired)..... t ettt etetterenaanens cesenene .. 1,400.
1 Triple line amplifier.eeeeeeeennunnnnnn.. ceesnnan cesenn 700.
1 Interface/Distribution amplifier unit....... ceeeeeseses 1,000.
1 "Gas Light" unit...eveevinnnn.... ceeeaas ceeanes ceenaen . 500.
1 Transmitter Remote control (studio half) i ennnnnnnns 2,000.
1 Monitor amplifier and speakers........oo.o...... teessnna 800.
Misc. custom hardware, cabling, racks, etc.......... ..... 1,500.
L1 S N ceenens ceseean 31,100,

II) Studio B (Production Studio)

1 Mixer Board........ ceeean. ceeean Ceeeeittiiteceeeenannae $10,000.
2 Otari reel-to-reel decks..... Cteeeceettcttrenennnns .... 4,000.
2 Catridge machines (one with recording capability)..... . 4,500,
2 Turntables (with tonearms, cartridges) coveeeennn.. ceeen 600.
2 Turntable preamplifiers.............. ceveenns ceeannes .o 300.
1 Cassete deck (prof. quality)..... Cerceneieas Cecteeraaan 500.
2 Patchbays (prewired).....covvuuunn... Ceeetrenatanaan ... 1,400.
1 Stereo EQUalizer e e eeeeeeennennnennnnnnnnnnnnnnnn, 1,000.
1 Stereo digital reverberator (Space Station).......... .. 3,000.
1 Stereo DBX noise reduction system........ ceeeas Ceecesans 1,500.
1 Pitch Shifter....... ceeseans cectesns ceecercanns ceeeseess 1,000.
1 Interface/Distribution amplifier UNite.eeeonunennnnn... 1,000.
1 Monitor amplifier and speakers......... ceveseans ceesnaa 800.
Misc. custom hardware, cabling, racks, etc.cveveerineeee. 1,000,

TOTALo'oooooooo ooooooo ®e e 000000 AL I 2 L L I I I R B A N P SO 3096000




T Mixer Board.....ouiuiiiiiiinniniin e, $ 7,500
2 Turntables (with tonearms, cartridges).......... cessene 600.
2 Turntable Preamplifiers......... cecoas cecrns seennas . 300.
1 0tari reel-to-reel deck.eeueuenunnenenunnenunnnnnnnnn., 2,000
1 Cassette deck (Med. quality).............. Cereen ceteee. 300.
1 Patchbay (prewired) ...vevviuenniinnunnnunnnnnnnn.. ceen 700.
2 Cartridge machines (one with recording capability)..... 4,500.
1 Triple line amplifier uniteeeeeeeunnn..... ceesetsesenen 700.
1 Stereo Equalizer......... ceeean Cteereareaane seececeesss 1,000.
1 Interface/Distribution'Amplifier Uniteeeeeeanas cecenn .. 1,000
1 Monitor Amp. and Speakers...... Ctectecaeaaan seeesentnns 600.
Misc. custom hardware, cabling, racks, €tC.oveeeeeeenn.. .o 750.
TOTAL.eieeennn.. ceesearereans cereeee ceesteratracas ceeses .. 19,950.
IV) Studio D (L R { { Auditi Studio)
1 Turntable (with tonearm, cartridge) ...... ceeeen ceeennn .S 300.
1 Integrated Amplifier..oeeeeeeenneeennneennnnnnn... «....$  300.
1 Dubbing Cassette Deck.uveewweeeewnnnn.... Ceeeenn e ..$  300.
2 Monitor Speakers........ ceeees Ceeeeen Ceceretecernnennns $ 500
1 Line amplifier unit........ ceeven cereeen Cetestsaceceacan $  200.
1 On-Air driver/PA talkback device........... Cetiereeaaan $ 500.
TOTAL..vvvinnnnnn.. Ceesenn cerean cireee tereenarievann eeees  2,100.
V) Master Control Room
1 Belar Frequency Monitor System
(includes RF amplifier, FM monitor, Stereo monitor)....$ 6,500.
1 EBS system (incl. receiver, detector, tone gen.)....... 1,500.
1 Haffler stereo PA amplifier...eeeeeennnnnnn.... ceereann 300.
1 Intercom/PA mixer unit......... e ecesetantaeaenana eeees 2,500.
1 Telephone ringer/doorbell UNite.eeeeensenneensnnnnnn... 1,000.
1 Spare FM tuner.......... ceseens Ceerresenaann ceeessnnen 200.
1 0n-Air light driver.eoveeeeeeeennnnnnn.. ceesaan ceeeans . 400.
Remote telephone ringer, line amplifiers, etc..... ceeas 600.
1 Utility Amplifier......... ceanans cecnas ceeeoae teseens .o 400.
1 House Tone Oscillator......... ceeess cecenensncans certens 400.
1 Equalizer (w. line amplifier).eeeeeeeeunn.... Ceeeens ... 1,000.
3 Patchbays (prewired)......... ceeeen e tetecrennan ceeeens 2,100.
1 Automatic Studio Switcher unit............. ceetenas «.es. 3,000.
1 Stereo Compellor (audio COMPIreSSOr) veueeenenenennnnnnns 1,000.
3 Symmetrix telephone coupler units (specially modified). 3,000.
1 Quad stereo distribution amplifier unit........ ceesran . 1,500.
Misc. (cable, racks, custom electronics)..... cesaeen eee.. 2,000.
TOTAL.eveeennnnnn, teesne ceesteereenseens cecses ceecssses ... 27,400.




1 150 Watt FM Transmitter...... e enenas creeeen Ceeenns .$ 8,000.
1 10 Watt FM Exciter....ee...... cerees ceeenn Ceessacsrenes 3,000.
1 Optimod 8000 (custom modified)........ Cetcecaeeanns .... 4,000.
1 Remote Control unit (transmitter half)...oooun.. ceeeceaes 2,000.
1 Bird Wattmeter (with slugs).....c.vvun.... Ceeeeen ceeeen 400.
1 Audio and Power monitor........ e e ececcttecesensane .... 1,000.

Misc. (cables, rack, fans, etc.)........ Cre e reannas .. 500.

Antenna, FM elements, labor (for antenna only), etec.... 17,000.

TOTAL..ecvveenn... D T ceesens cecesa . 35,900.
VII) Misc. Equipment )

Music-on-hold driver and custom telephone equipment......$ 500.
Stereo Headphones......... ceenenn ceeene Ceseesccanenan cees 600.
Microphones..... ettt cecetcttnsaanan cececns seeens seeecas .. 3,000
Biamp 12-channel stereo mixer......... ceeoan cecesearacnane 1,300.
2 Marantz portable cassette recorders..... cesees sesessnas 600.
Tape cartridge winder....................,......... ...... 600.
Tools, etc..... cesens Ceennn ceeanas coencan ceenns ceeeeean .. 500.
Electronic test equipment (oscilloscope, oscillator, etc) 1,000.
2 spare REVOX reel-to-reel deckS......... cereans ceeean ... 2,000.

. viII) Labor Estimates

Curtis Hall (Studio and Master Control Installation)....$20,000.

Ballou Hall (Transmitter, etc. Installation) .ooeen... ... 1,000.
TOTAL...... cecenn ceceenee Cesvtecrencnens ceeereeecacannn ... 21,000,
IX) Summary

Net Hardware at Ballou Hall site.....;...............‘..S 35,000.

Labor required at Ballou Hall site....... Ceeeresseceanas 1,000.

Net Hardware at Curtis Hall studios..eeeienieiinnennen.. 126,750.
Labor required at Curtis Hall studios..cvieenenenenaan.. 20,000.

TOTAL COST OF WMFO REPLACEMENT evvvvennnnnnnnnnn.. cese...5183,650.

NOTE: The above estimate does not account for replacement of the
record library, furniture (not related to equipment), etc.
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WMFO 915

PARTY

* Location: WMFO Radio, 3'rd floor of Curtis hall
Tufts University, Medford |
db. 381-3800
* Time: Saturday, Dec. 7
9:30 pm through oo
* Basic party -essentidls & on—air music provided

---Note: The WMFO studios are located In Curtls Hall on
the Tufts University Gampus, which Is much easier
to locate than one might Initially think after
looking at the maps on the filp side of this Invitation
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For further information:
Leigh Shein 254-7511
Joe Paradiso 332-1460
Dan Ottenheimer 776-9874

The Tufts University radio station, WMFO, recently completed a
year long project to rewire the station and rebuild its studios.

"With our extensive record collection and the new studios, we
probably have one of the best stations in all of Boston, including
the professional ones," General Manager Dan Ottenheimer (ES88) said.

 Dan continued by stating," aside from already containing many T
sophisticated pieces of equipment, the studios were designed so that'
any new device could be added to the system." , o

The project was started over a year ago by alumni Joe Paradiso
(E77) and community member Leigh Shein. Joe worked at WMFO as an
Uhdergraduate at Tufts and came back to work with the radio station
aftér,obtaining a Jjob in Cambridge. " I really enjoy the creativity
that MFO has, and knowing the bad shape the studios were in I realized
that there must be an all stafrf pProject that would ultimately allow
Jocks to have even more freedom," Joe said. .

The main broadcast studio has been taken apart and then
physically redesigned and electrically rewired. The production studio
now has many pieces of eguipnment for use in doing creative worlk.

Each of the three studios now have a DA/Studio Switcher unit in

them which enables the rapid Switching and combining of on air studios.

TUFTS UNIVERSITY RADIO MORE  [ORE MORE
Deliveries: Tufts University, 490 Boston Avenue, Medford, Massachusetts 02155




The Interface unit in each one enables the cuick addition of any
additional equipment. .

Relying on his Chief Engineer experience from his college radio
station, Leigh Shein designed most of the rewiring work. " I really
care about college radio," Leigh said, " and when I moved to Boston
and heard VWIMFO, I knew that this was where I'd fit in."

In 1978 a fire struck the WiiFO studios and they were rebuilt
quickly in order to get the station broadcasting again. This apparently
was not the best procedure in the long run Dan tells us," Leigh
spent hundreds of hours fixing all the shoddy work done previously,
while Joe designed, tested, and built new electronic devices. The
two of them, with help from dozens of other staff members have brought
WIFO out of the Stone Age and into the forefront of the Technological
Age." -

Leigh Shein comes to WMFO from HorthWestern University as well
as other college radio stations. His show is on Saturday mornings from
6-10 AM. Joe Paradiso has a PhD. and works at.Dréper Labs in o

Cambridge. He does a show on Tuesday evenings from 8-11 PlI.
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Reconstruction at WMFO-Medford
I Tufts' Radio Station B

WMFO, a community broadcast service of Tufts University operating
at 91.5 mHz. FM, has just undergone an intensive rebuilding and reno-
vation, making it "one of the best engineered and best equipped stations
in the Boston area," acording to General Manager Dan Ottenheimer, E'86.

The reconstruction process, which has been underway for nearly one
and a half years, had become increasingly necessary since the 1977 fire
at Curtis Hall, which houses the station. "At that point, speed, not
sophistication, was important to get us back on the air," said Leigh
Shein, a community volunteer, who, along with Draper Lab physicist Dr.
Joe Paradiso, E'77, masterminded the rebuilding process. With the open-
ing of the new studios this fall, 'we compare very favorably to profes-
sional stations and rank highest amoung college stations in technical
quality," Shein added.

Three compliete stereo studios have been installed at WMFO; these
studios have been built to stringent professional audio standards, and
can be put on-air in any combination via a flexible switching scheme.
The reconstruction has brought to the station's operation a sophisti-
cated yet easily handled system for on-air and production creativity,
with specialized recording options, convenient features added to exist-
ing equipment, and patching access that allows audio from any source to
be routed to any studio and processed through any available equipment
for better creative control.

Joe Paradiso and Leigh Shein achieved these technical developments
buying little new equipment and spending no money on labor. . All the
skilled work and effort required to renovate the studios was donated by
a volunteer team of students and community members. Wherever possible,
existing equipment was repaired, modified, and upgraded for use in the
new studios. Most special professional audio equipment needed for the
reconstruction project was designed by Joe Paradiso (who also donated
most of the required electronics and components to the station), and
assembled by the all-volunteer technjcal staff. Costs were thus cut to
a fraction of the expenditure hecessary to procure equivalent commercial
audio devices. The complex task of organizing the thousands of cables
running between the studios and patchfields was coordinated by Leigh
Shein; he was aided by a crew of student and community volunteers who
have by now become quite proficent at the art of soldering. "This
amount of dedication shows the importance of WMFO to its staff and lis-
tening audience," Ottenheimer said. Under S was invested to com-
plete the entire project; if professional labor was contracted and all
equipment was purchased, costs could easily have run an order of magni-
tude higher.

Of course, its hardly possible to affix a price tag upon the par-
ticular attention devoted to the project by Paradiso and Shein; their
creative approach has made WMFO certainly one of the most unique audio
installations anywhere. The studios certainly have achieved a special
personality; original devices have been incorporated such as a pitch
shifter that can turn even the most timid freshman voice into an ominous




"growl, an intercom system which subjects the studios to a the opening
notes from a random popular tune after a ""zero" is pressed on the tele-
phones, and a large indicator light which illuminates to display the
word "GAS" whenever the on-air DJ has set his audio levels too high.
"After all, we had to have some fun...," apologizes Paradiso.

' WMFO provides an alternative programming format, featuring on
weekdays "Radio Free Jazz" 9 am to 2 pm, and "Contacto", a program pro-
~duced and aired by the Portuguese community from 6 to 8 pm. The majori-
ty of the programming is "Freeform'", defined as "a coherent mixture of
music and sounds not limited by the barriers of popularity of labels,"
according to Program Director David Hirschberg, A'88. WMFO is fortunate
in owning one of the largest and most diverse record collections of any
radio ststion, and works diligently in maintaining and expanding its
library. ' o :




I l’ — [" \!
D@Q{ : lec C?CW

T s Noon fo | P.f}; g.‘jh cu" &J; B (s a_ L,‘7L moudy,

Ao one  cloold ose 5 foo more  fhan b ot & hoors ot a

TS B Ml hen] Tk gebti B et g i
Losls : this T all well a-d fue Lof Lyowzm\aoulr asl ia ?Z;i&;:s Some. l
Conceede (i"'lrc\‘icq,( Zv'ﬁs+%¢5 nste) of ym(rr"tj fo Lome P""){"{ oF
nguﬂlﬁ)“%oag . _ _ Tl

LOWILL LISTENVERS B2 fzie T0 DeTecT o
WeTichBlE DitFerepce ?

2 WILL THE STARF eyen Acruf Ly

Do dyyTHW & T mAcimf Tive WITH 4¢
THS  CTuRED |

e

Ot o Covq)g)l,& ZUQ5‘J‘r\ef7: Ts ¢h
Meay men‘*!’? — Used +o Lo

et Cerw ce

C"M»‘“_"SV’* et 1l

:S Svrecgc,) +0 LQ Some l(l\f\) l?'L
0 a Moavmat {o mJ as ',\qu-anJ °U+
“’lJ ?mjcqmm&nj Lot +(«Q$e. Wece at leagt ol

e  air SQU.]J . -~

S moan) he Stadn )
Most ot W 'f“\tM&, T LC«cw 3 ; Lm:' L afion \;—34‘:’5 o Sovnd (qme/
9"'\"8 ToRs et T Tt s sed Lo g e geu
) ('\35 U ecs) (,( e Le'% ~ll e Fire & he Quer gobs e::er
< 0% ’ww‘\"j q’:j Hlog o “C"‘ML’E:/\! 3

o

“‘Lﬁs 61«3"\&. . ((4
tatv}r Grd)
+o

+. Asl ygo reeleg
| v ‘a"u Wa[( pt’&( “‘t“fl“'ﬁ"egjb\j ‘H';(\:: Sij»:‘ 095
. ‘(uoa/ DQU l/ 4‘1\’1(6 }+$ m™i [l% jC“QC/(O(JS of mel
et &erﬁc}a‘(&' jcuv oLu)L O—J :
«nd twu}{‘)oq a® Uil .

‘,R Gt(g.'go‘{‘! Pm.,,,,
yeu C i + v O x.,‘ o

- a“,b [N S PN & - ne it {'H\Q/ oﬂ‘Ur
Soom. Bagieally

1o rattess Mete w5 a1 ‘(H_Q(\'t—v‘ﬁl(m_ "‘th')

this sfatisn Svels Yo \xdo {o Moce o fo, Hon
._.Qouné— - and hoy c)mjou g%\ 30‘_9 edk‘mcé
:DOV\‘"‘ Wg(ﬁf‘j‘ ZT_, V\/or:}L L\4.)!(9 V"l:) LYQ_‘C‘H\ wa\"“

O dedeqeh fogmr this.

Un
Cons I\JQ,(&(L ( e Q

-j L P An Qagpvec | -




AT S R R S R i’

~~~~~~

D —_—— { -
Foal ltgcnh Ctew,
) - —

i Saer:’) e A sasg «“ Wt ng o (Zau SUSS ofe.

0

o\ 1{) altar q“, T gce what c:!)é(} afe. qu"nj .

C'r’x—e_g;,~¥ ._\_n&—',. J‘./m.v.'_r m/ao:\ lt‘.#‘pfngrg 'Cﬁon-; /4(‘{:(06{0/} i
eell to Cnm{)]f;.ﬂ. aé@uf not E&c\nj a‘c(c’- ) gicl(

U%) *(AO Q‘FGL:‘C?A ";(‘ﬁm 'C:\dé_ /n:[es Jr\S ';“az;tt:_‘ we.

v LY
- ,:)uc.“(" €c¥ om on  HetDd & L(.e,j con hModrg

'I‘F %Xnauq{n e @Lnng . BPotts, d@oc".
. A { J—o

&Qﬁk«i '('Lovql" < t‘: Eoé,' ‘.\[1& M Sleat S‘;X
. < ; J

& {D:,c)fj \AQ.S X){;\"‘ o ‘h iu (v\ ‘5\]{) L R( ¢ ¢AU D “1’/ v
Cﬁc)C)u bﬁ‘.ﬁ‘ﬁ Q. t_»\','/‘;’.(n .  Mes£S~C ~ G Q‘;{)G.’?\’S N L)f){'ﬁd’ng‘ 7
N S ‘ | ¢
and Jeves by o boada scared ol) Lile
ch) M«i{qgo _ctm) Jot'(h:.l/c c)m, sa e ll “iLLLe, +ime

OX\ \N'o“ . R qaaé) \/J\’"I)

§+ ‘”‘54’@% Aad ot ,taa< Sow gon* L:voa(« Heo ,\3{'

@S D?@(‘)r(* L(\} G /[/ca[,.r_




79‘)/%0 /SO

| PIONITE® C:lm Wriro ,EX
pioneer Decorative Laminates Lf/ /'7' / 9'7
! | K
AR N\OE R
TH S(AG HERE | 4T ABIE 3] A STARING__fr1 THIS [MFD
JOFFA| Ve ARE | Jefude | iR L Ux JBOURG. (ACTUALLY. 108
rHE AxRPoRT) Nl A Fen WooRs, [T CANT REALLY | RererieeR
WHAT| T 5UPRSE0 [Ty 15 | Mokhl - TWE/ER PoT o Ak
=G0 RRord | WART [ Vo0 [ cAd'T (D3 TTANY Y
590 TVE coMPILE

D & [REQKAAN %l& WTERRACI ANY e yTeRral
i J DO s RarRIER

o~ T

TE 000 TRECS 7
S

RS | WHAT wps T
AN How " 1y T 0P % %) R, kedidg | g
~qRe HAWEWIND | SART o] FJRSPE.
BREAY THE| |stobis:]| Me LEn apn) | R |
RVIERE ViR [LOvEM SodRe | AS| bl Asl We W An
ADRECS [ e bl | SEND T biT. | |
TNHANIKS | R THE] IR UTTerK PRANB 7S || TRES
*COC)L" i N 1 .
QUTA |TACK] NoW| BST Wil WRrE SErH,
LOVE |/
vfo?—?%\"
v/ : /
Ur e ¢
§ /% i )
ket OUTR
[ Not 2 -/
!
PlONEER PLasTICS Drawn By:

Division oF LOF Puasrics Inc.
A LiBBEY-Owens-Forp Company




in Posterity,

Yours

Paradiso

Joe

Shein

Leigh







