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Function generators are 
intended to produce 
several different 
waveforms and are, 
therefore, very flexible 
instruments. Most of them 
generate a sine, 
rectangular and triangular 
waveform over a 
frequency range of up to 
1-50 MHz. Some also 
have the capability of 
producing pulse 
waveforms. Generally, the 
performance of a function 
generator is inferior to 
that of dedicated 
instruments, but the 
digital design of which 
the first of three parts is 
presented in this issue has 
the capability of accurate 
frequency setting coupled 
with very low distortion 
of the sine wave output. 

In next month's issue 

• Class A amplifier 
• Dissipation limiter 
• Function generator [2] 
• Experimental quadri-

form ferrite antenna 
• 24-bit full-colour video 

digitizer 
• Four-terminal networks 
— Part 2 

• Computer-aided 
electronics design 
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KELVIN DIGITAL 
MULTIMETERS 

Kelvin Meters backed by a 
2 Yr Warrant - Parts & Labor 

100 Basic 150 Basic* 200 Advanced 

DC VOLTAGE 
AC VOLTAGE 
DC CURRENT 
RESISTANCE 
CONTINUITY - 
t,••., Buszer 
DrOCE TEST 
BATTERY TEST 
3 ' 2 Digit LCD 
I OW BATTERY 
ACCURACY 
• 5'. ROC. 
KELVIN 
100 Basic 

$19.95 

DC VOLTAGE 
AC VOLTAGE 
DC CURRENT 
RESISTANCE 
CONTINUITY 

ii DIODE TEST 
TRANSISTOR ',FE Test Buuei 
BATTERY TEST 
3 1/2 Digit LCD 
LOW BATTERY 
ACCURACY 
• Ob FID(, 
KELVIN 
150 Basic+ 

$29.95 
Protective Cases 

For Models 100, 150, 200  54.25 Case For Model Pro 400 

PRO 400 with 
201,11-11 

Frog Counter 

DC VOLTAGE FREQUENCY COUNTER 
AC VOLTAGE TO 20MHZ IDEAL FOR 
DC CURRENT TROUBLE SHOOTING 
AC CURRENT AGOG VOLTAGE RANGES 
RESISTANCE AC DC CURRENT RANGES 
CAPACITANCE 5 FREQUENCY RANGES 
CONTINUITY 5 CAPACITANCE RANGES 

LOGIC TEST 
DIODE TEST CONTINUITY TESTERBUZZEI, 
TRANSISTOR nEE DIODE CHECK 
3 1/2 Dig) LCD TRANSISTOR EFE TEST 
LOW BATTERY LED TEST VERIFY GOODS«) 
ACCURACY DISPLAY . 3 1/2 DIGIT LCD 
• ROG ACCURACY 05% 
KELVIN IMPEDANCE 'omega 0.'-

200 Advanced KELVIN PRO 400 
$39 .95 $69.95 

i"• I rainer Manual (100 Pgs) 
r• gives detailed instructions 
* ••• " • An excellent training tool 

covering topics tor High 
SChOOI (Beg.nner Advsixedi. 
Trade School (Beginner - 
cttermectatel & College 

FEATURES 
• ONE DIGIT TRUE HEXADECIMAL DISPLAY 
WITH BUILT IN LOGIC (MEMORY, DECODER. 
DRIVERS) FULL ALPHA CHARACTERS 
III TWO INDEPENDENT CLOCKS - USER 
ADJUSTABLE FREQUENCY & DUTY CYCLES 
• BREADBOARD:500 PT PROTO-TYPE AREA 
TWO POWER DISTRIBUTION BUSSES IONS. YCCI 
• 4 DATA BIT SWITCHES 
• MOMENTARY PUSH BUTTON SWITCH (SPOT) 
• 4 LED DISPLAYS w IC DRIVERS 
• POWER SUPPLY. WALL PLUG-IN TYPE. U.L. 
LISTED 
• VOLTAGE REG o5 VOLTS. SHORT CIR, 
OVERLOAD PROTECT 
• HOOK-UP WIRES 
• COMPACT CARRYING CASE 
• INSTRUCTION MANUAL FOR BEGINNER TO 
ADVANCED USERS 

MADE WITH PRIDE IN THE USA 

FREE COMPREHENSIVE 
TEACHERSTUDENT LAB MANUAL 

WALL TRANSFORMERS 

WALL 
TRANSFORMER 

I el 

STOCK NO TYPE - Earful., 

220069 9V DC/500 mA  $3.9▪ 5 ea 
220068 12V DC 500 mA $4.25 ea 

MALE JACK 
STOCK NO TYPE 

370048 2.1 mm Male 

5.49 eu  5.39 lo. 

Stock No TYPE   YOUR COST 

600021 555 TIMER  $ .20 EA 
600029 556 DUAL TIMER   .40 EA 
600039 LM566 PLL $ .60 EA 

FUNCTION GENERATOR 

600018 741C OP-AMP. .30 EA 
INTERNALLY COMPENSATED 

A PERFECT FIT WITHIN 
ANY DIGITAL CURRICULUM 

YOURCLASSROOM 
TEXTBOOK 

THE KELVIN 
L D T 

Laptop 
Digital 
Trainer 

ONLY 

$99 • 95 

Stock No 840460 

BREADBOARDS 

680093 

680098 
Stock No Post 

680093 0 

680097 0 

680098 2 
680100 4 

680097 

680 00 
Contacts  YOUR COST 
500   S 4.25 

840   $ 5.55 
1380   
2390   $22.95 

j 
WIRE JUMPER KIT 

Pre-cut, Pre-Stripped 

330289 140 Piece Set ...$ 
600026 1458 OP-AMP.. .35 EA 330290 350 Piece Set ...$ 7.75 

DUAL 741C OP-AMP DIP 

630041 2N2222  $ .18 sit 
630383 PN2222 $ .08 EA 
600023 7805 VOLTAGE REG .36 EA 
SILICON CONTROLLED RECTIFIER 
(Similar to GE C106C1) 40 AMP, 100 Ply 

600014 $ 89 E., $ .79 FA 504. 

AUTHORIZED 
DEALER 

FLUKE 87 

BEST BUY NEW Series II 

FLUKE 70 Senes II, D 63 
FLUKE 73 Series II 5 89 
FLUKE 75 se. II $127 

FLUKE 77Ser,esII $149 
FLUKE 79 se.es II U 169 

FLUKE 83 T 199 
FLUKE 85  229 
FLUKE 87  $269 

FLUKE 86  $367 
FLUKE 88  $423 

FLUKE 8062A   $329 
FLUKE 8060A   I $395 

FLUKE 8010A   C 329 
FLUKE 8012A   5359 
FLUKE 8050A   $439 

FLUKE 37  $249 
$579 FLUKE 

SCOPES 
20 MHz SCOPE $345 
Dual Trace 2 Yr Warranty-Parts & Labor 

SCOPE 
PROBES 
60 MHz X1 & X10 
SPECIAL 

700072  
150 MHz, 010 

700073 $39. 95 

BATTERIES 
Duracell / Eveready 

9V Alkaline Battery 
1.95 ea 

$1.75 ea,1 0+ 

9V Battery 
SNAP & HOLDER 
Snap $.15 ea $.10 ea/100+ 

Holder $.20 ea '.10 ea 100+ 

HEAVY DUTY NI-CAD 

RECHARGEABLE BATTERIES 
STOCK NO. TYPE . . YOUR COST 

220039 AAA  $3.30 ea 
220025 AA $2.85 ea 
220027 C  $6.00 ea 
220037 D  $6.00 ea 
220038 9V  $8.90 ea 

NI-CAD 

BATTTERY 
CHARGER 
4 Cell Charger for AAA, AA, C, D or 9V 
STOCK NO 
220035 SPECIAL $9.95 ea 

PreM 

LED CENTER 
SPECIAL SPECIAL 

RED LED 
As Low As 

e ea 1000* Oty 

JUMBO 

LED 

SPECIAL 

TYPE - T 1 3/4, 5mm 
STOCK NO .. YOUR COST .. 1000. Oty 

260020 Bed s .06 ea 100+ S.05 ea 

260027 Green $.08 ea 100+ s .07 ea 
260026 Yellow $ .08 ea:100+ .07 ea 

LED HOLDER 
for T 1 3 4 SIZE, BLACK 
Stock No. 250019 
$ .1 0 ea . 100+ Oty 

$.06 ea 1000+ Oty 

0.37" 
7 SEGMENT 
LED READOUT I 

STOCK NO. TYPE COST 120.01s 

260022 Anode $.95 $.75 

260090 Cathode $1.25 $.99 

0.6" 7 SEGMENT 
LED READOUT 
STOCK NO. Anode Jumbo 
260021 COST '1.15 

20.00 5 .99 e. 

RED LED 
DISPLAY 
Bar Graph 
STOCK NO. Color YOUR COST 10.• ON 

260058 Red s 1.99 e. 1.79 e. 
260088 Green $ 1.99 e. '1.79 
260089 Yellow 1.99 '1.79 
MOVING SIGN DISPLAY 
for FabricalIng Your Own Moving Sign Omplay 
50 rem 
STOCK NO 
260091 

'5.95 ee 
55.45 .20 

IC CLIPS 
SOLDER TYPE 
SPRING LOADED 
Stock No COLOR COST 25+ Oty 
990104 BLACK $ .65 ea .50 ea 
990105 RED $ .65 ea $ .90 ea 

IC TEST 
LEAD SET 
5 COLOR CODED 
18" LEADS WITH 
MINIATURE HOOK ON 
PROD AT BOTH ENDS 
Stock No YOUR COST 
990108 $8.95 ea 

DOUBLE 
BANANA 
JACK 

Stock No YOUR COST 
600056 '2.30 ea 
FEMALE 
BNC TO 
DUAL 
BANANA 
PLUG 
Stock No 
990103 

DUAL 
BANANA 
BINDING 
POST TO 
MALE BNC PLUG 
Stock No. YOUR COST 3+ Oty 
600058 '5.95 ea '4.95 ea 

3+ Oty 
'8.25 ea 

3+ Oty 
'2.07 ea 

YOUR COST 
2.95 ea 32..071g '  ea 

BNC TEST CABLES 3Fr. 

-re 
MALE TO MALE 
Stock No. YOUR COST 3+ City 
990101 1345 ea '2.95 ea 

7 Fairchild Avenue, Plainview, NY 11803 

SolderIng 

IRON 
with STAND. BLUE 
LONG LIFE TIP 
Stock No, 990098 

54.50 ea 
Project 

Speaker 
2", 8 Ohm. 1 Watt 
Stock No, 350009 

59 0 

Project 

BUZZER 
3 - 9 Volt DC. 80 db 
Stock No. 680089 
'1.59 ea 

$1.39 eat 10+ oty 

HORN 
ALARM 
Loud Penetrating Sound 
Stock No. 640001 
5.75 ea 

$.69 ea 10+ Oty 

DC MOTOR 
for SOLAR ROBOTIC-

Stock No. 852211 .50 ea  

5.45 ea / 20+ Oty 

XENON STROBE 
Stock No. TUBE 
260050 
2.95 ea 
$2.50 ea / 20+ Oty 

TRIGGER COIL 
for XenonStrobe Tube 
Stock No. 320037 
'1.25 ea 
s .89 ea / 20+ Oty 

INFRARED LED 
IR Pair, LED infrared 
transmitter 
and receiver 

Stock No. 260061 

$2.79 ea 

NEON LAMP F• 
NE2, Long Lead. 
Stock No, 260003 
5.15 ea 
$ .12 ea / 100+ Oty 

PHOTO CELL 
CADMIUM SELENIDE 
Stock No. 260017 

$.99 ea 
PHOTO CELL 
SULPHIDE 
Stock No, 260018 

5.99 ea 

PUSH-BUTTON SWITCH 
PUSH-ON, PUSH-OFF 
Stock No, 270021 N 

5.55 ea 
5.49 ea / 100+ Oty 

SUB-MINIATURE MOMENTARY 
SWITCH 
Stock No. 990002 
'.35 ea 
$.28 ea / 100+ Oty 
MINIATURE TOGGLE SWITCH 
Type - SI% 

Stock No. 270034 
s.90 ea 
$.79 ea / 50+ Clty 

KELVIN 
ELECTRONICS 

CIRCLE RESPONSE CARD or 
WRITE for our CATALOG full of 
WHOLESALE PRICED ITEMS. 

OVER 10,000 ITEMS 
IN STOCK 

ELECTRONIC COMPONENTS 
& TECHNOLOGY ACTIVITIES 

VISA 2. MASTERCARD ACCEPTED 
$20 MINIMUM ORDER 
MINIMUM FREIGHT $5 

Call: 1 (800) 645-9212 
  1 (516) 349-7620 
FAX: 1 (516) 349-7830 
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FALL KIT SPECIALS! 

LET US KNOW! 

Old Colony will soon be offering a 

number of its kits in assembled 

form. If you have seen a good can-

didate in our ads or catalog, 

please be sure to let us know of 

your interest. Every vote counts! 

MITEY MIKE TEST MICROPHONE KD-2 
Joseph D'Appolito $149 
At long last, a top-quality test mike at a great price! Mitey Mike is the 

answer to many an audiophile's loudspeaker testing dreams, providing 
flat free-field frequency response; high, undistorted SPL capability; ex-
cellent measurement repeatability; and guaranteed long-term stability. 
Plus, it's a snap to build! Typical specs—response (rel. lkHz): ± ldB, 
20Hz-101(Hz; ± 2dB, 10kHz-20kHz; - 3dB @ 3Hz and 25kHz; sensitiv-
ity: 39mV/Pa, ± 2dB; max. undistorted SPL: > 120dBA; wideband noise 
level: <42dBA; power consumption: 5mW typ. ; 7mW max. 
Unassembled kit comes complete with PC board, mike cartridge, cus-

tom brass wand, all components, and (=drilled) blue case. For greater 
accuracy, a mike calibration service is available at a small additional 
charge (details come with kit), although most users do not find this step 
necessary. Tripod, 9V battery not included. From SB 6/90. 
Other purchasing options available: 

KD-2AM 
KMW-1 

KMW-1AM 

KMWP-1 

Assembled Mitey Mike with calibrated cartridge $229 
Unassembled KD-2 (above) plus unassembled compan-
ion KK-3 Warbler Oscillator (case included; please see 
complete KK-3 specs elsewhere in this section), at a sav-
ings of $19! 

Assembled KD-2 with calibrated cartridge plus assem-
bled KK-3, at a savings of $29! 
Unassembled KD-2 (above) plus unassembled compa-
nion KK-3 Warbler Oscillator (case included) plus unas-
sembled companion KSBK-E4 Super Switchable White/ 
Pink Noise Generator (case included; please see com-
plete KSBK-E4 specs elsewhere in this section), at a sav-
ings of $38! 

KMWP-1AM Assembled KD-2 with calibrated cartridge plus assem-
bled KK-3 plus assembled KSBK-E4, at a savings of $58! $449 

$229 

$349 

$289 

THE WARBLER OSCILLATOR 
Dick Crawford $99 
This unit will produce a swept signal covering any 1/3 octave between 

16Hz and 20kHz. The total harmonic distortion at the output is less than 
1.5%, and the output voltage is adjustable from 0 to 1V. When used with 
a microphone, the Warbler is more effective than a pink noise source in 
evaluating speaker system performance. It also reveals the listening en-
vironment's effect on sound through reflection and absorption. The sweep 
rate is set at about 5Hz. The kit includes 3 1/4 " x 3 %" PC board, trans-
former, all parts, and article reprint. Case included. This device is the 
most accurate tool available for determining a speaker system's actual 
performance in a room. From TAA 1/79. 
Other purchasing options available: 

KK-3A Assembled Warbler $149 

KMW-1, ALSO AVAILABLE IN COMBINATION WITH MITEY 
KMWP-1 MIKE TEST MICROPHONE AND SUPER SWITCHABLE 

WHITE/PINK NOISE GENERATOR. PLEASE REFER 
TO KIT KD-2 ELSEWHERE IN THIS SECTION. 

SUPER SWITCHABLE WHITEIPINK NOISE GENERATOR KSILK-E4 
Bernhard Muller $79 
This unique kit features a stereo/mono/reverse-polarity switch that 

distinguishes it from other generators. CMOS digital circuits form a 
pseudo-random bit stream generator switchable between mono, stereo, 
and stereo reverse, and another switch selects pink or white noise out-
put. Pink noise rolls off between 16Hz and 20kHz at 3dB/octave and at 
6dB/octave above 20kHz, while white noise is constant through the 
16Hz-20kHz range. The unit is powered by a 9V battery, not included. 
Included is an article reprint outlining the generator's use in audio system 
evaluation; the article is especially helpful with speaker evaluation 
methods and room placement problems. The kit comes complete with 
4 1/8" x 2 3/16 PC board, ICs, precision resistors and capacitors, and 
switches. Case included. From SB 4/84. 
Other purchasing options available: 

KSBK-E4A 

KMWP-1 
Assembled White/Pink Noise Generator $129 
ALSO AVAILABLE IN COMBINATION WITH MITEY 
MIKE TEST MICROPHONE AND WARBLER OSCILLA-
TOR! PLEASE REFER TO KIT KD-2 ELSEWHERE IN 
THIS SECTION. 

ADCOM POWER SUPPLY REGULATOR KY-2 
Kit Ryan $99 per chan. 
This popular mod was designed for taming Adcom's GFA-555, but it 

adds sweetness and definition to just about any amp in the 80V-in, 60V-
out, 10A-regulated family. Mounts in existing case; complete with PCB, 
custom heatsink, and Iapanes transistors. Two usually needed. From 
TAA 4/89. 

Yes! Please send me 
  $  $  

  $  

  $  

SHIPPING   

TOTAL $  

SHIPPING: Postpaid in U.S. In Canada, please add 
10% for surface; others, 20% for surface. Airmail: 
Please inquire. 

OLD COLONY SOUND LAB 
PO Box 243, Dept. E91 

Peterborough, NH 03458 USA 
24-hour telephone: (603) 924-9464 
24-hour FAX: (603) 924-9467 

NAME MAGIC NO. 

STREET 

CITY STATE ZIP 

MC/VISA EXP DATE 

CALL OR WRITE FOR YOUR FREE CATALOG! 

DEALER INQUIRIES INVITED. 

ELEKTOR ELECTRONICS ESA OCTOBER 1991 
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IBM PC SERVICE CARD 

This card was developed for assi-
stance in the field of service, 
development and test. The card is 
used as a bus-extension to reach the 
measurement points very easy. It is 
also possible to change cards without 
having a "hanging computer". 

Ready Assembled Module 

$145 

IC TESTER FOR IBM-PC-
XT/AT 

COLOUR TEST PATTERN GENERATOR 

With the ELV IC tester logic func-
tion tests can be carried out on 
nearly all CMOS and TTL stan-
dard components, accommo-
dated in DIL packages up to 20 
pin. The tester is designed as an 
insertion card for IBM-PC-XT/AT 
and compatibles. A small ZIF test 
socket PCB is connected via a 
flat band cable. Over 500 stan-
derd components can be tes-
ted using the accompanying 
comprehensive test software. 
Complete Kit including Textool 
sokket, connectors, sockets, Flat 
band cable, PCB, Software. 

Ready Assembled Module 

EUROPE'S 

HOTTEST KITS 

NOW AVAILABLE 

IN 

NORTH AMERICA! 

PLOTTER MARK-II 
completely reworked version: see Elektor Electronics March 1990. 

* Max. width 50 cm. 
• All mechanical parts supplied ready-drilled, filed and tapped, so get 
ring at once. 

• Complete kit, including 2 stepper motors, 3 pen lift solenoids, HPGL software 
on disk (IBM), stepper motor control board 

A PAL-compatible colour video source that 
supplies a number of test patterns for 
aligning television sets. 

A test pattern generator is virtually indispens-
able for troubleshooting in television sets 
because it supplies a video signal that is 
known to be stable, and thus easily 
displayed and synchronized on an 
oscilloscope. 

Inc. care and front 100.111$175 

loaloo $275 

MICROPROCESSOR-CONTROLLED 
FREQUENCY METER 

A professional grade multi-purpose fre-
quency meter, designed by Elektor Elec-
tronics, that can be build by many at 
affordable cost. Described in Elektor Elec-
tronics December 1984, January & February 
1985. U665B-based prescaler. 

• Frequency meter: 
0.01 Hz to 1.2 Ghz. 

• Pulse duration meter: 
0.1 to 100 s. 

• Pulse counter: 
0 to 109 pulses 

• Period meter: 
10 ns to 100 ns 

• Sensitivity: 
Input A: 10 mV rms (Z , = 2 Ma); 

• Input B: TTL or CMOS compatible 
(Z „ = 25 ki2); 

• Input C: prescaler input: 
10 mV rms (Z in = 50 n). 

• Auto-ranging and completely menu-
driven. 

• 6 or 7 digit accuracy. 

ELEKTOR P.C. i/o card 

$200 • 220.007 $175 
ELEKTOR ELECTRONICS USA OCTOBER 1991 

Kit includes power supply, 
prescaler and enclosure 100.112 $300 

WorldRadioHistory



BASIC COMPUTER 
With Intel 8052AH-BASIC 

$160 

ANALOG MODULE 
eps 880162 100 113 $80 
DIGITAL MODULE 
eps 880163 100 114 $55 
ADRESSDECODER 
eps 880159 100 115 $45 

MULTIFUNCTION MEASUREMENT 
CARDS FOR PCs 

The high-performance insertion card de-
scribed in this article allows your IBM PC-XT, 
PC-AT or 100 % compatible to measure direct 
voltage at 12-bit accuracy, as well as fre-
quency and a host of other parameters 
related to pulse-shaped signals. The accu-
racy and versatility afforded by the card are 
of a level associated with much more ex-
pensive, industrially rated products. The 
menu-driven control software developed for 
this exciting project allows you to keep tabs 
on up to eight voltages quasi-simultaneously, 
while up to eight remaining inputs can be 
used for time-related measurements includ-
ing frequency, duty factor and pulse dur-
ation, not forgetting the event counter. 
Connected to the sensors and timing de-
vices of your choice, this card turns a PC 
into a powerful central controller in a com-
plex measurement and control system. 

220.040 $225 

SPECIAL PARTS SERVICE 

We are the no. 1 suppliers of hard-to-find 
components for Elektor Electronics pro-
jects.Always contact us first if you see an 
unfamiliar component. Items include 
analogue & digital ICs (HCT, SMD), preci-
sion resistors (1%, 0,1%), capacitors 
(MKT/styroflex), inductors (Neosid. Toko), 
transducers, enclosures (Telet. OKW) and 
quartz crystals. 

FOR FURTHER INFORMATION, 
PLEASE SEND A BUSINESS-SIZE 
SASE TO OLD COLONY SOUND LAB 
(ADDRESS ABOVE), AUN: MEEK IT. 

S-VHS/CVBS-TO-RGB CONVERTER 

Following last month's introduction into the 
main characteristics of the Super-VHS system, 
we close off the article with details of a 
practical converter circuit that allows an S-
VHS-VRC or camcorder to be connected to 
the RGB inputs of a colour TV or monitor. The 
circuit presented here forms a state-of-the-art 
approach to all-analogue picture standard 
conversion, and is based on the latest in IC 
technology available for this purpose 

220.039$150 

MICROPROCESSOR-CONTROLLED 
TELEPHONE EXCHANGE 

The telephone exchange presented here 
allows up to eight pulse-dialling telephone 
sets to be connected, and has an option for 
connecting calls to or from an external 
(trunk) telephone line. The unit is controlled 
by the popular 8052-based BASIC computer 
we introduced a few years ago. 

220.057 $190 

400-WATT LABORATORY POWER 
SUPPLY 

Here is an all-purpose d.c. power supply for 
symmetrical as well as asymmetrical use, 
and capable of supplying high output cur-
rents and voltages. An all-analogue design 
based on discrete parts only, this 400-watt 
PSU deserves a prominent place on your 
work bench. 

ex. case 220.036 $525 

AVAILABLE FROM: 

OLD COLONY 
SOUND LAB 

PO Box 243, Dept E91 
Peterborough, NH 03458 USA 

24-Hour Lines: 

Tel (603) 924-6371 FAX (603) 924-9467 

• Check, money order, MCNISA 
accepted. 

• Please allow 6-8 weeks for delivery. 

• SNIPPING: Airmail shipping to USA 
included in price. Others: Please 
inquire. 

• CUSTOMS: USA residents may be 
required to pay 5-10% customs 
duty. Others may vary. 

MAIN FEATURES 

• 8 Internal lines 
. 1 external line 
• memory for 10 numbers 
• Internal through connections 
• versatile computer control 
• automatic hold for external line 
• simple-to-extend 
• can be interfaced to o PC 
• selective external call 
acceptance 
• shortcut dial Codes for external 
number 
• works with pulse-dialling tele-
phone sets 
• one optinal relay for extra 
switching function 

MAIN SPECIFICATIONS 

• Mode: Single 
- one adjustable power supply 
with current an voltage 
controls. 
- Output. 0 - 40 Vat0- 5A 

• Mode: independent 
- two identical, electrically 
separated. power supplies. 
- Outputs 

2 x0- 40Vat 2 x0- 5A 

• Mode: Tracking 
- two indentical. series connec-
ted, power supplies. 
- Outputs: ± 0 - 40 ot 0 - 5 A 

0 -80Vat0-5A 
- Voltage and current of slave 
follow master. 

• Mode: parallel 
- two identicol, parallel con-
nected. power Supplies. 
- Outputs 06 - 39 4 V at 0 -10 A 

• Maximum output voltage: 
O - 40 V (at full load) 

48 V (no load) 

• Maximum output current:: 5 A 

• Rippie: 10 mV (no load) 
SO mV (at full load) 

• Voltage difference in 
tracking mode: 50 mV 

ELEKTOR ELECTRONICS USA OCTOBER 1991 
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NOW AVAILABLE! 

- = ,g 
F— Row to plan an audlo system. 12 arnphliers 

I and r ;olld state technques and ca. 
and 6 loudspeaker destgns 

le; 111. 11.0 1191.• .11. 

.111. 111.111111.. OCYA01. 
.111 019.11,11. .10 

Dealer Inquiries Invited 

AUDIO ANTHOLOGY, Volume Four 
Edited by C.G. McProud 

The 34 articles from 1955-1957 in this fourth col-
lection from Audio Engineering magazine take a new 
tack, emphasizing an overall view of the home sound 
system and offering guidance on how to plan a sys-
tem, how to keep it simple, and how to understand 
and maintain the equipment. Solid state techniques 
and circuits are introduced here, along with designs 
for amplifiers and preamps and 6 loudspeakers. 

Chapters include: How to Plan Your Hi-Fi System; System Simplicity for 
Audio; Adequate Audio Power in the Home; Building Simplicity into the Hi-Fi 
System; The Care and Treatment of Feedback Audio Amplifiers; High Quality 
Dual-Channel Amplifier; Stereo Monaural Companion Amplifier for the "Preamp 
with Presence" [Volume Three]; Stereosonic Magnetic Recording Amplifier; 
High Quality Treble Amplifier; Amplifier Uses Cheap Output Transformer; Effect 
of the Cathode Capacitor on Push-Pull Output Stages; What's All This About 

Damping?; Electrical Adjustments in Fitting a New Output Transformer; 
Which Tube Shall I Use?; Understanding Intermodulation Distortion; 

The Sad Tale of a Half-Watt Resistor; Compensation for Amplitude-
Responsive Phono Pickups; A Versatile Bass-Treble Tone Con-

trol; Record Speed and Playing Time; Recording Characteristic Simu-
lator; Transistor Action; Transistor Preamps; Transistor Tips and Tech-

niques; Transistor Preamp for Low-Output Pickups; A Transistor Playback 
Amplifier; Transistor Tone Control Circuits; A Transistor VU Meter; Distor-

tion in Tape Recording; A Time Delay Commercial Suppressor; Baffles 
Unbaffled; Ported Loudspeaker Cabinets; The "CW Horn"; The Aperiodic 
Loudspeaker Enclosure; and The Standard Speaker System. 

Heavily illustrated. 1957, 1991, 144pp., 8 1/2 x 11, softbound. 

BKAA3/4 $16.95 

ALSO AVAILABLE! 

BICAA3/1 Audio Anthology, Volume One (1947-50) $16.95 

BKAA3/2 Audio Anthology, Volume Two (1950-52)   16.95 
BICAA3/3 Audio Anthology, Volume Three (1952-55)   16.95 
BICAA3/X3 Choose any 3 volumes, at a savings of $8.951   42.00 
BICAA3/X4 Complete 4-volume set, at a savings of $12.851 . . 54.95 Please circle the books you have ordered: 

SHIPPING: In the US, please add $2 for first book, 75e each addl. In Canada, please 
add $4.50 for first book, 754t each addl. Overseas, please add 20% to order. 

PAYMENT BY: D MC VISA D D CHECK/MONEY ORDER 

OLD COLONY 
SOUND LABORATORY 

PO Box 243, Dept. E91 
Peterborough, NH 03458 

24-Hour Lines: 
Tel. (603) 924-6371 
FAX (603) 924-9467 

YES! Please send me 

QTY ITEM 

. = . 

Vol. 1 Vol. 2 Vol. 3 Vol. 4 

SHIPPING = . 

TOTAL ORDER = $ 

NAME MAGIC NO. 

ADDRESS 

CITY STATE ZIP 

MASTERCARD OR VISA NO. EXPIRATION DATE 

DAYTIME TELEPHONE NO. TODAY'S DATE 

FOREIGN CHECKS MUST BE IN US FUNDS DRAWN ON US BANK. 

CALL OR WRITE FOR YOUR FREE CATALOG TODAY! 

ELEKTOR ELECTRONICS USA OCTOBER 1991 
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Courteous Service • Discount Prices • Fast Shipping 

P.O. 

9 flics 
Box 567 - Van Nu 

conp. 
s CA 91408 

HIGHEST QUALITY METAL CASSETTES (ERASED) 
Premium quality metal tape in C-60 and C-90 cassettes (30 or 
45 min. per side). One d the finest 'brand-name' tapes on the a Bill—ohir 

market, In durable, clear plastic transport mechanisms. Recorded 
and bulk erased, the record-protect tabs have been removed and OMO 

therefore, need to be taped over to re-record. Audiophiles will 
appreciate the wide dynamic range of this tape. If your cassette ilierei.rxterrJ, 

deck has a 'metal' setting you will hear the difference. A reel bargain I 
60 min. tape - CATO C-6061 81.25 each • 10 for $10.00 
90 min. tape - CATO C-90M $1.65 each • 10 for $15.00 

d a 
CASSETTE STORAGE CASE 
Black. unbreakable plastic autio cassette storage case. 
CATO CBOX 5 for $1.00 • 100 for $15.00 

TOUCH DIMMER SWITCHES 

The 'brain' 
part of the 
"LITE 

SPOT Mini-Toggle (Flat Handle) 
C8K it 7101 or equivalent 

TOUCH' 
touch 
dimmer, 
when connected to any lamp, wit turn it on 
and off and change the brightness level when 
any metal part is touched. We don't have the 
wiring harness that originally connected this 
to the lamp, but we can provide a simple 
hook-up diagram and instruction sheet. The 
solid-state circuitry Is contained In a therrro- 
plastic box 1.91' X 3.11' X 0.835'. 

CATO DMR-1 $3.50 each 

Standard size SPDT 
mini-toggle switch with ,t,„ 

flat lever handle. 1/4-40 %gill 
threaded bushing. Solder 
loop termlneds. Rated 5 amps ei 125 Vac 

CATI MIS-14 $1.35 each 

SPST N.O. Pushbutton 
-SPST normally open de. 
p.c. mount pushbutton. %rtas 
0.47' square mounting pad. 
Plunger extends 0.47" above surface. No 
pushbutton cap available. Ideal, inexpen-
sive switch where look is not important. 

OPTO SENSOR 4 p.c. pins on 0.2' X 0.5' mounting centers 
CATO PB-35 5 for $1.00 

GE HI 381 

U-shaped opto with irri_ 
0.125' gap between •7.-. 
emmiter and sensor, 
0.75' mounting centers. 
CATO OSU-11 2 for $1.00 

-.• 

Mini Snap-Action Switch 
Ornron D2F-L 
Miniature snap-action 
switch with lever. 
Rated 1 amp (d) 125 Vac. 
0.50' L X 0.26' H X 0.22' W. Lever ex-
tends 0.05' beyond end of switch 

Special Reduced Price 
PHOTOFLASH CAPACITOR 

CATO She3-282 75c each 10 for $6.50 

Rubicon CE 

AUDIO SLIDE POT 

210 Mfd 330 Vol photoflash Dual 1K audio 

capacitor. 0.79' die X 1.1' high. 
These are new capacitors that 
have been prepped with 1.4' 
black and red wire leads soldered to the ter-
minals. CATO PPC-210 $1.25 each 

3 1/2- long. 
2 1/2' slide 
CATO ASP-1KD 
Reduced to 50e each • 100 for $40.00 

10 for $11.00 • 1C0 for $100.00 20 AMP RFI/EMI FILTER 

ler112.111efthrl'Pfel:1114: *mom, 2098 

12 Vdc 500 ma. 111••• 
2.1mm D.C. power plug with %II 
center negative. White case. 
CATO DCTX-125W $4.50 each 
12 Vdc., 200 ma. --- - --- - 
2.1 mm D.C. power plug with center negatrve. 
CATO DCTX-122 $3.00 each 

4PDT - 24 Vdc RELAY 

20 amp RFVEMI 
general purpose 
common-mode filter. 
Controls Ine-to-ground 
noise Small size, low leakage. 
3A6' X 1.16' X 2.81'. UL and 
CATO RR-201 $8.50 each 

HEAT SINK COMPOUND 

- IL 
CSA listed. 

24 Vdc. 650 ohm coil - 
3 amp contacts 'lei - '11 
Standard 14 pin 
(ICE CUBE) style. Il Lii I • 
Plastic dust cover. .----redee' 
Size: 1 1/4' X 1 354' 
X 7/8' CATO 4PRLY-24N $4.00 each 

G C Electronics ii 10-8109 • For effective 
transfer of heat between components and 
heat sinks. Z9 silicone heat sink com-
pound. CATO FISC-1 $2.00 per 1 oz tube 

TOLL FREE ORDER LINES 
1_800_826_5432 
CH,4RGE pei.pees lo Vefa,MititiorGerd or Oiscover 

TERMS: Minimen order St 0.00.S/upping and handhng for rho 48 continental USA. $.3 50 
per order. All others inducing AK, HL PR or Canada must pay hit:shipping All orders 

delivered e CALFORNIA rout include slate Wee tax (7 1/ 4 , 7 1/2, 7 3/4 or a 1/4%). 
Quinetiee Limbed. NO COO Priced tula¡ed to change without mete 

CALL OR WRITE FOR OUR FREE 64 PAGE CATALOG 

ALL ELECTRONICS CORPORATION 
P.O. Box 567. Van Nu CA • 91408 

*** ANNOUNCING * * 

* * 133rd SMPTE* ,fr* 
Technical Conference * 
and Equipment Exhibit 
The Conference That Defines Motion Picture 

and Television Technologies 

October 26, 27, 28, 29, 1991 
Los Angeles Convention Center 

Seminars 
Meetings 
Papers 
Tutorials 
Exhibits 
Friday Tutorial 
Weekend Workshops 
Daily Technical Papers 
Daily  Equipment Exhibits 
Daily  Social Events 

Who Will Attend? 
• Presidents, CEOs Owners • Producers • TV Maintenance Supervisors 
• Sales & Marketing VPs • Marketing Managers • Production Managers 
• Consultants • Publishers • Graphic Artists 
• Directors of Operations • Chief Engineers • Tape Editors 
• Students • A/V Technicians * Video Editors 
• Cameramen • Systems Engineers • Digital Effects Designers 
Designers • Technical Supervisors 

OOOOOOOOOOO • • • e • • • • • e • • • 

For More Information, Mail To: 

• 

OOOOO • 

EE • 
• 

Society of Motion Picture and Television Engineers 
595 W. Hartsdale Ave., White Plains, NY 10607 

(914) 761-1100 • Fax # 914-761-3115 

• 

• 

• 

• 

PLEASE RUSH THE FOLLOWING INFORMATION: • 

D Exhibitor U Full Conference Registration so 

E Exhibit Only U Tutorial U Seminar Workshop 
• • 
• Name Title  • 
• • 
• Co.  • 
• e 
• Street Coy  • 
• • 
• State Zip Country  • 
• • 
• Tel Fax  • 
• • 
• • • • • • • • • • • • • • • • • • • • • • • • • • • • • • • • 
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OLD COLONY'S 
USER-FRIENDLY SOFTWARE 

Speaker DesignerTM 
Release 1.2 by Stuart E. Bonney 

A loudspeaker system design aid and modeling tool for use with 
both closed and vented systems over the frequency range from 
10 to 300Hz. Computes and displays system frequency response, 
power handling capabilities, and relative sound pressure level 
(SPL) outputs for each of 26 discrete frequencies over this range. 
Includes one year support by the author when the user registers 
this Shareware product. Each $19.50 

lam IPA" 360K D$/DO  SPD-165 

Loudspeaker Modeling Program 
by Ralph Gonzalez (SB 1, 2, 3187) 

LMP produces a full-range frequency response prediction for 
multi-way loudspeakers, including the effect of the crossover, 
driver rolloffs, interdriver time delay, "diffraction loss," etc. (In-
cludes author support.) Each $17.50 

Specify: 
Apple II 51/4 " $1100 (DOS 3.3) LMP-1A5 
ANA, Macintosh 31/2 " $1100 1./AP-2M342 
IBM PCIXTIAT 51/4 " DIUDD  LMP-2650 
Commodore 64 5V4" DS/DD LMP-1C5 

"Souped-Up" LMP provides professional-quality graphics and 
a fast, friendly, user interface. Remains compatible with LMP data 
files and is available for IBM PC (CGA, EGA, VGA, or Hercules 
graphics) and Macintosh computers. The Macintosh version also pro-
vides square wave analysis with audible output. 

Each $49.50 (upgrade price: $39.50') 
Specify: 
IBM PCIXTIAT IPA" DIUDD  LMP-3115O 
Apple Macintosh 31/4 " SS/DD  LMP-3M30 

Original LAW disk or sales receipt must be included vr/ order. 

Driver Evaluation 
and Crossover Design 
by G. R. Koonce (SB 5188) 

Disk 1 evaluates the suitability of drivers for closed, vented and 
passive radiator enclosures, and allows detailed designs of vented 
boxes. 
Disk 2, in addition to driver evaluations, allows the design of 

first-, second-, and third-order crossovers. 5VIBM: 360K, DS/DD. 
Each $12.50 

XPecify: 
Driver Evaluations DRI-165 
Crossover Design CRS-165 

Active Filter Design 
by Fernando Garcia Vie«. (SB 4/88) 

Calculates component values for Butterworth filters in four con-
figurations: High- and low-pass in second- and third-order. (In-
cludes author support.) Each $17.50 

IBM IPA" 360K 08100 ACT-1615 

Two-Way Active Crossover Design 
by Gary Galo (SB 5188) 

Performs the calculations for the eight two-way active crossover 
designs described by Bob Bullock using formulas exactly as given 
in the articles; plus a program to calculate VTH. (Includes one 
year user support.) Each $20 

Specify: 
IBM 51/4 " 360K DS/D0  TWO-1115 
IBM 31/2 " 720K DIUDD  TWO-133 

Stepped Volume Controls 
by Joseph O'Connell (TAA 4/88) 

These ready-to-run Mac programs come on a 31/2 -inch SS/DD disk 
initialized as a 400K disk for compatibility with all machines. 
Also included are the Pascal source codes, should you wish to 
customize them for your own use. Program A. Precisely matches 
the resistor values to the measured or estimated source and load 
impedances, yielding great accuracy. Your volume control can 
have 3 to 99 positions. The program will ask you how many dB 
each step should be attenuated and has provisions for a standard 
audio taper or any other taper you devise. Program B. Calculates 
the taper that will result with your actual resistor values, because 
you are limited to standard values or with series and parallel com-
binations. It can also show the effects of different source and load 
impedances on the taper. Both programs (contained on the same 
disk) allow you to save their output to a text file and include 
author support via mail. Each $25 

Appal, Macintosh 31/2 " $1100 SVC-1M3 

BULLOCK & WHITE 
BOXRESPONSE 

Model-based performance data for either closed-box or 
vented-box loudspeakers with or without a first- or sec-
ond-order electrical high pass filter as an active equalizer 
[SB 1184J. The program disk also contains seven additional 
programs as follows: 

Air Core: This program was written as a quick way of eval-
uating the resistance effects of different gauge wire on a given 
value inductor. The basis for the program is an article in 
Speaker Builder (1/83, pp. 13-14) by Max Knittel. The pro-
gram asks for the inductor value in millihenries (mH) and 
the gauge wire to be used. (NOTE: only gauges 16-38.) 

Series Notch: Developed to study the effects of notch filters 
in the schematics of some manufacturers. Enter the com-
ponents of the network in whole numbers (i.e., 10 for 10µF 
and 1.5 for 1.5mH) and indicate whether you want one or 
two octaves on either side of resonance. Output is frequency, 
phase angle and dB loss. 

Stabilizer 1: Calculates the resistor-capacitor values needed 
to compensate for a known voice coil inductance and driver 
DC resistance. 

Optimum Box: A quick program based on Thiele/Small to 
predict the proper vented box size, tuning and — 3dB down 
point. It is based only on small signal parameters, therefore, 
it is only an estimate of the response at low power (i.e., limited 
excursion). 

Response Function: Calculates the small signal response 
curve of a given boxIdriver combination after inputting the 
free-air resonance of the driver (fs ), the overall "Q" of the 
driver (Q's ), the equivalent volume of air equal to the 
suspension (VAS ), the box tuning frequency (fe ), and the 
box volume (VB ). Output is the frequency and relative out-
put at that frequency. 

L-Pad Program by Glenn Phillips: Appeared in Speaker 
Builder (2/83, pp. 20-22). It is useful for padding down a 
tweeter or midrange while still retaining the same load as 
the driver itself. 

Vent Computation by Glenn Phillips: Calculates the 
needed vent length for 1, 2 or 4 ports of the same diameter. 
Input box volume in cubic feet and required tuning fre-
quency (f8), output is vent length and vent area for each 
case. 

Medium: 51/4" SS/DD Disk. Price, $25. 

Specify: 
BOXRESPONSE 
Apple BOX-1A5 
Commodore 64 (Disk)  BOX-105 
Commodore 64 (Cassette) BOX-3CC 
IBM BOX-1B5 

IBM Plus Graphics 
BOXRESPONSE  BOX-2B5G $50 

PASSIVE CROSSOVER 
This disk is a result of Mr. Bullock's extensive research 
concerning first-, second-, third-, and fourth-order passive 
crossovers in Speaker Builder 1, 2 & 3185; $25 

Specify: 
PASSIVE CROSSOVER CAD 
Apple  PAS-1A5 
Commodore 64 (Disk) PAS-105 
IBM PAS-1B5 

IBM Plus Graphics 
CROSSOVER CAD 514" demo PX0-3B5GD $ 5* 
CROSSOVER CAD  PX0-3B5G $50 

CALSOD 
Computer-Aided Loudspeaker 

System Optimization and Design 
by Witold Waldman 

CALSOD is a new entry into the field of crossover net-
work optimizing software available for the IBM PC 
desktop computer. It combines the transfer function 
of an LC network with the acoustic transfer function 
of the loudspeaker, by using some form of iterative 
analysis. CALSOD creates, through the process of 
trial-and-error curve fitting, a suitable transfer func-
tion model which it can then optimize. The program 
is the subject of CALSOD author Witold Waldman's 
research paper "Simulation and Optimization of 
Multiway Loudspeaker Systems Using a Personal 
Computer" which appeared in the Audio Engineer-
ing SocietyJourna/ for September 1988, pp. 651-663. 
CALSOD differs considerably from other software 
since it models the entire loudspeaker output of a 
multiway system, including the low-end response, 
and the summed responses of each system driver. 
The program performs a lot of tricks. One of the 

more spectacular of these allows the designer to spec-
ify the location of the driver acoustic centers using 
an XYZ coordinate system. Thus, if the designer ex-

pects to mount a driver combination on a flat baffle, 
the summed response can be optimized to compen-
sate for rearward displacement of a woofer's acoustic 
center with respect to a tweeter. CALSOD can model 
up to seven drivers at a time in a four-way system giv-
ing the summed response and acoustic phase response 
of the entire system. 
The CALSOD program comes on a single 360K 

floppy, and requires one directory and two subdirec-
tories in installation, plus access to the DOS GRAF-
TABL file, which it uses for a couple of special sym-
bols. The 133-page User Manual, provided on a sec-
ond disk, is well written, adequately describes the 
various program functions, and contains an excellent 
tutorial example, which demonstrates the use of the 
program. 

specify: 
IBM 51/4 " DEMO  CAL-2136D 

IBM 31/2 " DEMO  CAL-2B4D 

IBM 2 z 51/4 " 360K D8/DD  . CAL-28S 

IBM 31/2" 720K MUDD CAL-284 

$ 5.00* 

$ 6.00 • 

965.00 

967.50 

• Usable as credit toward later purchase of fuN package. 

NOTE: OLD COLONY SOFTWARE *MOWN ON 
THIS PAGE NI NOT RETURNABLE FOR REFUND 
OR CREDIT. ALSO, BECAUSE OF UNREASON-
ABLE TAXATION REQUIREMENTS BY THEIR 
STATE, WE REGRETFULLY ARE UNABLE TO 
SELL SOFTWARE TO RESIDENTS OF CONNEC-
TICUT. 

POSTAGE & HANDLING: In US, please add $2.00 for first disk 
and 75e each additional disk. In Canada, please add $4.50 for first 
disk, 75e each additional. Overseas, please include 20% of total 
order for shipping. 

DEALER INQUIRIES INVITED 

CALL OR WRITE FOR YOUR FREE CATALOO ! 

ELEKTOR ELECTRONICS USA OCTOBER 1991 

OLD COLONY SOUND LAB 
PO Box 243, Dept. E91, Peterborough, New Hampshire 03458 usA 

(603) 924-6371 / FAX: (603) 924-9467 

Answering machine for credit card orders only: (603) 924-6371 
before 9:00 a.m., after 4:00 p.m. and weekends. 

Have information plus MC/VISA available. 
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SCIENTIFIC TRAVELS IN REAL AND VIRTUAL WORLDS 

A N exciting new world is being built in 
..Britain that appears, in some respects, 
to be a fantasy, straight from the pages of a 
science fiction novel, but it is utterly unlike 
the worlds envisaged by classic SF writers 
such as H.G. Wells and Jules Verne—it is the 
world of Virtual Reality. 

Virtual Reality (VR) is a fast-growing 
branch of Information Technology (IT), one 
of Britain's strongest suits in today's com-
petitive research market. VR is entirely com-
puter-generated and is as like the real world 
as computer graphics can make it. 

In its simplest form, VR is experienced 
by one person wearing a pilot-style helmet 
that seals the senses off from the outside 
world. A typical VR helmet contains two 
VDU screens, filling the visual field with a 
computer-simulated landscape fed via ca-
bles from a powerful, specially-program-
med computer. The computer reacts to head 
movements by updating the visual display 
inside the helmet so the wearer feels as if he 
or she is surveying an actual landscape. 

In some sophisticated VR systems, the 
participant also wears a special glove that re-
lays hand movements to the computer. In 
these systems, a hand depicted in computer 
graphics also appears in the visual display 
inside the helmet. 

Thus, if you reach out to touch a virtual 
object in the virtual reality environment, you 
see your virtual hand mimic the movements 
of your real one. Some gloves are also 
equipped to give the wearer an impression 
of touch and weight so that objects in the 
simulated world can be apparently caught 
and held, as if they had physical substance. 

Serious application 
In more complicated systems, two or more 
people can interact and, because the virtual 
world is entirely computer-generated, dis-

tance is no object. Delegates at a conference 
in the United States recently watched VDU 
screens in amazement as two people in dif-
ferent cities shook hands in VR via linked 
computers and, of course, the indispensable 
helmet and gloves. 
Two British companies are among the 

front-runners in this strange new technol-
ogy. One, Advanced Robotics Research of 
Salford is developing remote-controlled ve-
hicles that can be manoeuvred in VR by a 

Helmet-mounted display system as 
used in 'virtual reality' experiments at 
Advanced Robotics Research Ltd. 

driver sitting somewhere else. 
This has the serious practical aim of pi-

loting vehicles into hostile environments, 
such as the cores of nuclear reactors or sub-
merged wrecks, without exposing a driver to 
obvious danger. He or she will view a virtual 
environment fed from sensors on the vehicle 
itself. 

The other company, W Industries of 
Leicester, is exploring VR's potential for en-
tertainment. It has launched a machine of-

fering a variety of simulated experiences that 
can be enjoyed in a purpose-built seat 
equipped with two joysticks and a helmet 
(called a Visette) wired for sound. 

One of the offered experiences is that of 
piloting a Harrier jump-jet on a fighter mis-
sion involving attack by enemy aircraft, 
mid-air refuelling, and a hair-raising landing 
on the deck of an aircraft carrier. 

Improving computers 
Designers will soon be able to experience 
their designs at simulated first hand. Archi-
tects will enter VR to walk around their 
building on the other side of the world at the 
planning stage. In the United States, sur-
geons are already experimenting with safe 
virtual worlds in which they can practise vir-
tual operations on virtual patients, before 
trying their hand at the real thing. 

Meanwhile, British computer scientists 
are trying to make computers more power-
ful. A team at Essex University has begun 
looking for ways to change the basic logical 
structure of computers, which has changed 
surprisingly little in the past 25 years. 

Professor S.H. Lavington believes that, 
although silicon chip technology is slowly 
making computers faster and cheaper, many 
computers and their languages are becoming 
inadequate for solving many of the problems 
now confronting science and industry. The 
inadequacies, he says, relate not only to 
shortcomings in performance, as measured, 
for instance, by speed of execution, but to 
the time and effort taken to produce error-
free programs. 

Solutions being investigated include 
various forms of parallel processing in 
which information can be fed into linked 
computers simultaneously, allowing them to 
divide processing tasks between them for 
greater speed and accuracy. 
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ILOW NOISE PREAMP IC TO SIMPLIFY SYSTEM DESIGN 

Analog Devices' SSM-2017, an audio pre-

amplifier featuring ultralow input noise, is 

a fully integrated microphone preamplifier 

that replaces discrete solutions made from 

up to 20 passive components, four transistors, 

and an op amp. Housed in an 8-pin mini-DIP, 

the SSM-2017 requires only one external gain-

set resistor, from which you can program 

gains from 1 to more than 1,000. Applications 

include audio mix consoles, intercom/paging 

systems, digital audio systems, automotive 

differential gain stages, and sonar equipment. 

Initially released in an 8-pin cerdip, the 

SSM-2017 will also become available in 8-pin 

plastic mini-DIP and 16-pin surface-mount 

packages. All devices are guaranteed for op-

eration over the extended industrial temper-

ature range of - 40 to + 85°C. Prices begin 

at $1.80 in 100s. 

For more information, contact Dan Parks, 

Analog Devices, Inc., Precision Monolithics 

Division, 1500 Space Park Dr., Santa Clara, 

CA 95052, (408) 562-7513. 

MACSPEAKERZ HAS ADDED 

RESPONSES AND CALCULATORS 

True Image has announced version 2.0 of 

MacSpeakerz, a loudspeaker design applica-

tion for the Macintosh. In addition to fre-

quency response, this version calculates and 

displays cone excursion, impedance, phase, 

and group delay responses for loudspeaker 

drivers in a closed or vented enclosure. Ver-

sion 2.0 also includes an array of interactive 

loudspeaker calculators, each dedicated to 

a particular aspect of loudspeaker design. 

The program requires 512K of memory 

and one 800K disk drive. It is fully compati-

ble with System 7. 

MacSpeakerz 2.0 will be shown at the 

Acoustical Supply International booth dur-

ing the 91st convention of the Audio Engi-

neering Society to be held in New York City 

October 4-7. It sells for $299. Registered 

users can get upgrades at a discount. 

For more information, contact Sharon 

Alsup, True Image, 349 W. Felicita Ave., 

Suite 122, Escondido, CA 92025, (619) 

480-8961. 

ELECTRONICS SCENE 

INEW METALLIZED MULTICAP 
MIT has introduced a metallized version of 

its MultiCap capacitor, designed for use in 

audio products to eliminate the distortions 

to music caused by parasitics in capacitors. 

The metallized MultiCap is recommended 

for low-current applications such as preamps, 

amps, and electronic circuits. They offer the 

same precision in design and construction, 

the same patented coaxial structure, and the 

same sonics found in the film-and-foil Multi-

Cap. Each unit contains multiple paralleled 

capacitors optimized into one package. 

For more information, contact Music In-

terface Technologies, 3037 Grass Valley 

Hwy., Suite 8212, Auburn, CA 95603, (916) 

883-1186, FAX (916) 823-0810. 

ISECURITY HEX DRIVE BIT SETS 
A variety of 1/4 " security-type hex drive bit 

sets are available from Jensen Tools for ser-

vicing equipment protected by manufac-

turer-installed security screws. The sets avail-

able include a four-piece set of spanner bits, 

a four-piece tri-wing security bit set, a two-

piece T-5 Torx bit set for Compaq laptop 

computers, and a 10-piece security hex bit 

set for access to a variety of electronic equip-

ment. All are 2" long security-type bits for 

manual use or for use with cordless tools. 

Jensen also offers a Security Flex-A-Bit set 

containing a 71/2" flexible extension for 

cordless screwdrivers and drills, a magnetic 

bit holder, and a selection of bits from the 

sets above, including #8 and #10 spanner 

bits, TT15 and TT20 security Torx bits, 5/32 

and 3/16 security hex bits, and #2 and #3 tri-

wing bits. 

Sets are featured in Jensen's "Q" Catalog 

Supplement. For more information, request 

a free copy from Jensen Tools Inc., 7815 S. 

46th St., Phoenix, AZ 85044, (602) 968-6231. 

IPCBoards LAYOUT SOFTWARE 

PCBoards version 1.7 now supports Her-

cules, CGA, EGA, VGA, and Super VGA. 

The software runs on any IBM PC or com-

patible with 384K RAM and one disk drive. 

With its lx generated artwork, you can make 

your own films for producing high-quality 

prototype boards; 2x artwork is generated for 

production quality. You can produce single-

or double-sided boards. 

PCBoards Layout has output for dot-matrix 

(9 and 24 pin) and laser printers and for pen 

plotters. You can also print to a file. A stand-

alone program, it also has two companion 

programs: PCRoute (the autorouter) and 

SuperCAD (a schematic capture program). 

PCBoards Layout, PCRoute, and Super-

CAD each sells for $99. To download demos, 

call (205) 933-2954. For more information, 

contact PCBoards, 2110 14th Ave. S., Birm-

ingham, AL 35205, (205) 933-1122. 

I12-BIT DACs 
OPERATE FROM SV SUPPLY 

Requiring a single + 5V supply, Analog 

Devices' DAC-8412 and DAC-8413 12-bit 

digitallanalog converters eliminate the need 

for a negative supply used solely for analog 

I/O. This monolithic device provides four in-

dependent analog outputs, sharing a com-

mon bus interface (with 70nS access time) 

and digital readback. The DACs also provide 

bipolar outputs when powered from dual (up 

to ± 15V) supplies. Applications include auto-

matic test equipment, servo control, military 

and aerospace systems, and industrial pro-

cess control. 

Integral nonlinearity is 1/4 LSB (typical) and 

V2 LSB maximum over the - 40 to + 85°C 

temperature range. The output span of these 

DACs is set by the user-supplied high and 

low references; reference voltages can be 

from + 2.5 to ± 10V. Power dissipation is less 

than 60mW for + 5V operation and less than 

330mW with ± 15V supplies. The DAC-8412 

has "reset to center scale" operation, the 

DAC-8413 resets to minimum scale. 

Available in 28-pin plastic DIP, cerdip, 

PLCC, and LCC packages, the DACs prices 

start at $34.50. For more information, con-

tact Analog Devices Inc., 181 Ballardvale St., 

Wilmington, MA 01887, (617) 937-1428. 
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IDIFFERENTIAL EQUATION SOLVER 

ENCOURAGES EXPERIMENTATION 

MicroMath has announced DIFFEQ, an or-

dinary differential equation solver for IBM 

PCs or compatibles. Features include a graph-

ics user interface and drop-down menus 

(with optional mouse support) and import/ 

export of Excel, Lotus, dBase, DIF, or ASCII 

files. The program includes several methods 

for solving models and EMS and XMS 

memory support. Output is to dot matrix, 

laser, and PostScript printers. 

For more information, contact MicroMath 

Scientific Software, PO Box 21550, Salt Lake 

City, UT 84121, (801) 943-0290, FAX (801) 

943-0299. 

ITEST/SERVICE SYSTEM REPLACES CONVENTIONAL INSTRUMENTS 

Neutrik's A 1 Audio Test and Service System 

contains a sweepable generator, analyzer, 

and oscilloscope. It measures wow and flut-

ter, noise, crosstalk, frequency, and THD 

+ N. A large backlit LCD shows single mea-

surements numerically or as sweeps in 

graphical form. Hard copies of screens are 

available when connected to most standard 

dot-matrix printers. For more information, 

call (908) 901-9488. 

IAN AMATEUR REMOTE IMAGING SOCIETY PUBLICATION 

The Amateur Remote Imaging Society 

(ARIS) publishes WeatherSat Ink, a journal 

devoted to environmental satellite applica-

tions by amateurs. ARIS goals are to educate, 

inform, and share applications and tech-

niques for receiving and using all forms of 

imagery from environmental satellites. 

The journal is published quarterly on each 

solstice and equinox. Membership is $15 per 

year or $20 foreign in US funds. For more in-

formation, contact Tom Glembocki, Editor, 

WeatherSat Ink, 4821 Jessie Dr., Apex, NC 

27502. 

INEW AUDIO ITEMS FOR 1991 FROM SESCOM 

Sescom has available a catalog of new prod-

ucts. It includes new product areas as well 

as extensions of other product categories. 

Categories are isolator series, hand-held test 

equipment, field pro-series, new portables, 

and rack electronics. For a catalog, contact 

Sescom, Inc., 2100 Ward Dr., Henderson, 

NV 89015-4249, (702) 565-3400, FAX (702) 

565-4848. 

. • • 

ELECTRONICS SCENE  

IREMOTE CONTROL AND FILE TRANSFER SOFTWARE 

Remote-Console has announced version 2.2 

of its system software, a remote access com-

munications and control system used to link 

two PCs, or a PC and H/Z-19 terminal, via 

modem or by direct cable connection. It pro-

vides complete control of the host computer 

and can be used to run virtually any program 

or an unattended host computer from a 

remote location. 

The Remote-Console system runs on all 

IBM PCs including the PS/2 and compatibles, 

operates with MDA/CGA/EGA/VGA and 

Hercules video systems, and comes on S'A" 

and 3½" disks. It requires DOS 3.0 or higher 

and internal/external 300, 1,200, or 2,400 

baud Hayes-compatible modems. COM ports 

1, 2, 3, and 4 are supported. The $99 price 

includes host and remote sides. For more in-

formation, contact Louis E. Wheeler, PO Box 

888, Oceano, CA 93445, (805) 481-5687. 

IINTELLIGENT DIGITAL MULTIMETER 

Global Specialties has announced the PCI-

DMM, an intelligent digital multimeter on a 

card for PCs. The PCI-DMM is a virtual in-

strument using a plug-in card and software 

package that can be operated like a benchtop 

DMM. The card provides the usual functions 

of the instrument, the software creates an 

easy-to-use front panel emulation, and the PC 

gives you intelligence, data storage, and 

graphics facilities. 

You use a mouse to operate the buttons on 

the computer screen. Add-on instruments 

like a chart recorder and data logger come 

standard. The resolution is 4.5 digits, and the 

functions include AC/DC volts, AC/DC cur-

rent, resistance, capacitance, and decibels. 

Other features include relative or absolute 

measurements, short or long range averag-

ing times, and automatic range selection. 

Inputs are isolated to 500V DC and the 

board is equipped with self-resetting thermal 

fuses. If you overload the board, it will reset 

itself once you remove the input. 

The PCI-DMM requires an IBM PC/XT/ 

AT/386 or compatible, with 640K RAM and 

EGA/VGA graphics. The unit sells for $795. 

For more information, contact Global Spec-

ialties, 70 Fulton Terrace, New Haven, CT 

06512, (800) 572-1028. 

I1.3GHz MULTIFUNCTION COUNTER 

WITH 0.5 PPM TIMEBASE 

A multifunction counter with 5Hz-1.3GHz 

bandwidth and a TCXO (temperature com-

pensated crystal oscillator) timebase is avail-

able from B&K Precision. The Model 1856 

has frequency, period, period average, and 

totalize functions. The timebase has 0.5 PPM 

stability at 23°C ±5° and 1 PPM stability 

from 0-50°C. 

The device has period measurement capa-

bility, which lets you measure tone encoding 

frequencies used in many communications 

systems. The period function's range extends 

from 0.285AS to 0.2S. The 1856 is compatible 

with 100, 120, 220, or 240V AC ± 10% (switch 

selectable) input voltage. Options include an • 

antenna for checking transmitter frequency 

and a deluxe 10:1/direct probe. It comes with 

detachable power cord, schematic, parts list, 

spare fuses, and instruction manual. 

The 1856 sells for $495. For more informa-

tion, contact B&K Precision, 6470 W. Cort-

land St., Chicago, IL 60635, (312) 889-1448. 

GET THE SAME COVERAGE 
WITH PORTABLES THAT YOU 
GET FROM YOUR MOBILES. 

Midland Sn -Tech II Vehicular Repeaters 

IMIDLAND BROCHURE ON VEHICULAR REPEATERS 

A four-page color brochure from Midland 

LMR describes a built-in "vehicular re-

peater" for the company's Syn-Tech IITm 

mobile radios. It shows how a low-power 

portable message is picked up by the ve-

hicular repeater and automatically retrans-

mitted at higher power, giving the portable 

the same range as the mobile radio in the 

vehicle. The brochure also discusses a 

number of options and gives complete 

specifications on the Midland Syn Tech II 

vehicular repeater. 

For a free copy, contact Midland LMR, 

Marketing Department, 1690 N. Topping, 

Kansas City, MO 64120, (800) 643-5263, 

ext. 1690. 
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UPGRADE FOR 
MCS® BASIC-52 
V1.1 
(Part 1) 
The 8052AH-BASIC from Intel is a versatile 
microcontroller with a powerful BASIC 
interpreter lurking in its on-board 
mask-programmed ROM. The authors, 
having worked with this IC for some time, 
discovered certain flaws in the BASIC 
interpreter, and set out to produce a 
better, faster version that can be run from 
EPROM. 

by Dusan Mudric and Zoran 
Stojsavljevic 

T° be able to make changes to the MCS-52 BASIC interpreter in the 8052AH-
BASIC microcontroller, it is necessary to first 
unload it from the IC. This is done basically 
as described in an earlier article on the MCS 
BASIC-52 interpreter, Ref. 1. The result of 
reading the 8-KByte ROM is a file in Intel-
Hex format that contains the machine code 
of the MCS BASIC-52 interpreter (version 
1.1). 
MCS BASIC-52 (Ref. 3), extracted from 

the 8052AH-BASIC V1.1 microcontroller, 
was disassembled and texts, tables and con-
stants were extracted in order to produce an 
assembler version of the interpreter. The size 
of this assembler file was approximately 
4,000 lines. Studying the program, we found 
that the operation of the interpreter could be 
improved by rewriting certain lines of as-
sembler code. Subsequently, a number of al-
gorithms were developed and substituted 
for the ones originally implemented by Intel. 
Furthermore, errors found in a number of 
routines were corrected. 

Floating point nucleus 

One of the routines in the BASIC interpreter 
found to contain programming errors is the 
floating-point arithmetic nucleus. The errors 
can be demonstrated by running two small 
programs: 

10 a= .10000001E30 
20 b=.99999993E29 
30 ?a—b 

The result, 2.74E22, is erroneous, and should 
be 1.7E22. Similarly, 

10 a=.10000001E30 
20 b=.99999997E29 
30 ?a—b 

ADDR CODE INSTRUCT ION 

19F2H 752400 NOV 
19F5H 71C8 ACALL 
19F7H 7F04 NOV 
19F9H 792E NOV 

19F8H 749E MOV 
19FDH C3 CLR 
19FEH 9C SU88 
19FFH D4 DA 
1A0OH CC XCH 

1A01H 7001 JNZ 
1403H FC NOV 
1A04H 845000 CJNE 
1407H 302316 JNB 
1A0AH 83 CPL 
1A08H 5119 ACALL 

1A0DH 5008 JNC 
1A0FH 0524 INC 

2AH,1100H ; +ØØØT 
1BC9N 
R7,1104H ; +0041 

R1012EH ; +046T 
AMEM ; +1581 

A,R4 
A 
A, R4 

1A04H ; $ + 03V 
R4,A 
A,I150H,1A07H ; +080T ; S + C3H 

238,14221i ; S + 113ii 

1A19ii 
1A17t1 ; $ + OAH 

910128-12 

Fig. 1. Original floating-point nucleus in the MCS BASIC-52 interpreter. 

produces 1.34E22 instead of 1.3E22. 
The disassembly listing of the original 

floating point nucleus developed by Intel is 
given in Fig. 1, and the version developed by 
the authors in Fig. 2. When implemented in 
the BASIC interpreter, the nucleus shown in 
Fig. 2 produces the correct answers to the 
above subtractions. 

Other corrections 

Further improvements were made to the 
hex-to-BCD conversion routine, both in re-
gard of efficient programming and speed. 
For example, two approaches are possible 
for extracting BCD digits a, b, c, d, and e in 

xyzwH = aD*10000D + bD*1000D + cD*100D 
+ dD*10D + el:Y*1D 

These possibilities are: 
1. successive extraction of BCD digits 

starting with the most significant digit, a; 
2. successive extraction of BCD digits 

starting with the least significant digit, e. 

If the original version of the hex-to-BCD con-
verter is studied, it is seen that the first pro-
cedure is employed. The DPTR is used as a 
'weighted register', and the procedure is 
based on finding a suitably weighted sub-
traction number from a variable value. 
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UPGRADE FOR MCS BASIC-52 V1.1 (Part 1) 

ADDR CODE INSTRUCTION 

19F2 752400 5699 MOV FP_MSB-1,800 ; preparation of equal exponents 
19E5 700 5700 ACALL SHIFUIGHT 
19F7 704 5701 MC'? R7,11LEN BYTE 
19c0 792E 5702 MOV RI,IFP_FSB 

5703 

5704 ;FPEFPEFREFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEREFPEFPEFPEFFUPEFPE 
570.5 

5706 FLOATING POINT ERRORS, FOUND BY D.MUDR1C AND LSTOJSAVLJEVIC 
re7 
5706 MOV 0,09E4 ;ERROR NUMBER 81 
5709 

5710 ; VALUE IN 04 MbST BE COMPLEMENTED WITH 1001 (190), 17 MUST BE THE 
571: ; F:RST COMPLEMENT 
57:2 
5713 CR C 

57:4 SUBB 4,94 
5715 DA A 
571e 1C4 A,R4 
57:7 J42 1+3 
.5718 ROY R4,A 
5719 

5720 ERROR NUMBER 82 
5721 

5722 WITH SUBS1RACTION, AFTER REDUCING BOTH THE MINUEND AND THE 

5723 SUBTRAHEND TO THE SAME EXPONENTS, WHEN R4 {1. 0, IT IS OBVIOUS 
5724 THAT ONE ALWAYS HAS TO MAKE A BORROWING FROM THE FIRST HIGHER 

5725 POSITION OF THE MINUEND, NOT AS IT IS STATED BY THE ORIGINAL 
5726 WHERE IT IS MADE ONLY WHEN 04 .> 504 
5727 

5728 CJNE 4,0504,8+3 ; deal with rounding 
5729 J48 FRESER,FP_SUBB ; test for subtraction fatention to Catty' 
5730 

573: ;FPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEFPEUEFFEFPEFPEFPEFPEFPEPEFPEFPEFPEFPE 
5732 
5733 ; PROPER ROUNDING, DEVELOPED BY D.MUDRIC 
5734 

19FB 749A 5735 HOY A,I9AH 
19FD C3 5736 CLR C 
19FE 9C 5737 SUB 4,04 
:9FF 00 5738 DA A 
1400 CC 5730 1C4 4,04 
1401 30231E 5740 JNB FRESER,FP SUBB 
1404 045003 5741 CJNE A,15.014,14 
:407 00 5742 DB 0,0,0 
140E 00 
1409 00 

5743 ; contine nornal code 
5744 

1404 93 5745 CPL C 

:498 5:19 5746 ACALL ADD_MANTISSA 
1A0C 5008 5747 MC JMP COPY_TO_TOS 
:AOE 0524 5748 INC FP_iSB-: 

910128-13 

Fig. 2. Assembly listing of the improved floating-point nucleus. 

OLD: 

1080 
1090 

OE A5 
05 6D 

02 
12 

06 
19 

9F 
A3 

12 
12 

09 
OE 

73 
A5 

7B 
A3 

00 
B9 

79 
OD 

07 
00 

A3 11 
40 22 

IA 
A3 

12 
EO 

19F0 7F OA 75 2A 00 71 C8 7F 04 79 2E 74 9E C3 9C D4 
1A00 CC 70 01 FC B4 50 00 30 23 18 113 51 19 50 08 05 

1E00 E4 3B FB 22 E4 90 27 10 F1 21 90 03 E8 Fl 21 90 
IFIO 00 64 FI 21 90 00 OA FI 21 90 00 01 Fl 21 60 20 
1F20 22 7E FF OE CA 135 83 00 CA 40 12 C8 95 82 C8 CA 
1E30 95 83 CA 50 EE C8 25 82 C8 CA 35 83 CA 4E 60 EO 
1F40 74 30 2E 811 AO F3 09 B9 00 01 OB 22 D1 A7 A2 36 

NEW: 

1080 
1090 

OE 
12 

AS 
19 

02 
A3 

06 
00 

9F 
00 

12 
00 

05 
00 

73 
00 

7B 
00 

00 
B9 

79 
OD 

07 
00 

A3 12 05 
40 22 A3 

60 
EO 

19E0 7F OA 75 2A 00 71 C8 7F 04 79 2E 74 9A C3 9C 04 
1A00 CC 30 23 IE B4 50 03 00 00 00 B3 51 19 50 08 05 

1F00 E4 3B FB 22 70 00 EA 75 FO OA 84 FA E8 54 FO 45 
IFIO FO C4 75 FO OA 84 C4 FE E8 54 OF C4 45 FO C4 75 
1F20 FO OA 84 4E ' F8 E5 FO 24 30 OD CO EO EA 48 70.1)6 
1F30 DO BO 8B AO F3 09 B9 00 01 OB DD F4 22 00 00 00 
1F40 00 00 00 00 00 00 00 00 00 00 00 00 D1 A7 A2 36 

910128.11 

The second procedure is based on suc-
cessive division of the variable value by 10, 
where, with each division, one BCD digit ap-
pears as the remainder. 

By simplifying the conversion to suc-
cessive division-by-10, the original code of 
72 bytes is reduced to 57 bytes. The im-

proved hex-to-BCD converter no longer re-
quires the DPTR contents to be stored, 
returned and incremented after the conver-
sion is finished. As a result, it is faster than 
the original converter implemented by Intel. 
Table 1 shows a few 'bench-mark' ex-
amples. 

Table 1. Hex-to-decimal conver-
sion time 

P (hex) P (dec) told (ms) toe., (ms) 

0000 0000 141 56 

0009 0009 276 56 

4000 16384 507 268 

EA5F 59999 820 268 

Action! 

If you are interested in the improvements 
made to the MCS BASIC-52 interpreter as 
described here, unload the interpreter from a 
8052AH-BASIC, modify it, put it back into an 
EPROM and run it either with an 80C32, or 
as a turnkey-EPROM with an 8052AH-
BASIC. All this is pretty straightforward and 
described at length in Refs. 1 and 2. First, 
copy the interpreter into an EPROM. Next, 
use the OLD function of the EPROM pro-
grammer on the BASIC computer (Refs. 4, 5) 
to make sure that an exact copy is available. 
Then load the contents of the EPROM into an 
EPROM programmer, and use the edit func-
tion to make the changes indicated in Fig. 3. 
Finally, program a new EPROM with the 
modified BASIC interpreter. The EPROM 
used may be a 27C64, a 27C128 or a 27C256. 
Alternatively, you may want to use an EE-
PROM Type 2864A. LI 

References: 
1. "CMOS replacement for 8052AH-BASIC", 
Elektor Electronics January 1990. 
2. "ROM-copy for 8052 BASIC computer", 
3. "MCS BASIC-52 Users Manual", Intel 
Corp., 1986. 
4. "BASIC computer", Elektor Electronics 
November 1987. 
5. "8032/8052 Single-board computer", 
Elektor Electronics May 1991. 
® MCS BASIC-52 is a registered trademark 
of Intel Corp. 

Fig. 3. Overview of address locations to be 

modified in the 8-KByte interpreter. Remem-

ber, you can not overwrite data just like that 

in an EPROM — a 0 will remain a 0 unless you 

erase the EPROM using ultra-violet light. The 

modified version of the interpreter must, 

therefore, be loaded in a blank EPROM. 
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DESIGN IDEAS 

The contents of this article are based solely on information obtained from the author 
and do not imply practical experience by Elektor Electronics. 

AUDIO SPECTRUM SHIFT TECHNIQUES 

Although spectrum shift 
and spectrum inversion 
have been known for quite 
some time as a means of 
protecting voice links 
mainly over the telephone, 
little has been written on 
the design and operation 
of the electronics involved. 
This article aims at offering 
you a design base and two 
practical circuits to start 
experimenting with an 
interesting form of 
analogue audio scrambling 
and descrambling which 
may be used to, say, personalize a voice link (cassette mail, telephone, wireless 
babysitter, etc.). Remarkably, you will not be able to tell the difference between the 
encoder and the decoder until you compare the two units and spot a couple of 

components with different values. 

by C. White Halfoat 

r‘NE may wonder why analogue audio 
scrambling is still used when digital en-

coding systems are relatively simple to im-
plement whilst offering a good degree of 
security. The reason is simple: digitized 
audio data requires a bandwidth which is 
greater than that of the analogue source sig-
nal. Thus, where a limited bandwidth is 
available to convey an audio signal — say, 
3 kHz for voice signals, and 15 kHz for 
music signals — digital encoding is simply 
out of the question, and different means 
must be sought to protect the information as 
it is conveyed from the transmitter to the 
licensed receiver. 

Encoding principle 

An all-analogue encoding system is de-
scribed that renders an audio signal totally 
unintelligible by shifting the entire spectrum 

between 50 Hz and about 10 kHz by 1 to 
2 kHz within the existing channel. When the 
shift is 1 kHz, a source signal of 50 Hz is 
shifted to 1,050 Hz, while a source signal of 
10 kHz is shifted to 11 kHz. In this system, 
the frequency range below 1,050 Hz is, in 
principle, empty after encoding. The shift 
operation is shown diagrammatically in 
Fig. la. Figure lb shows an alternative ver-
sion, where the audio spectrum is addition-
ally mirrored around a certain frequency. 
Both encoding systems yield a new audio 
signal that is virtually unintelligible, with 
speech pauses and stress on utterances (i.e., 
volume variations) as practically the only 
recognizable features (in fact, we have heard 
such scrambled signals described as the 
sound of "a lot of squabbling chipmunks"). 

Each of the two encoding systems de-
scribed by Figs. la and lb has its advantages 
and disadvantages. The second system 
(Fig. lb) is simple to realize both at the trans-
mitter and the receiver. However, when ap-
plied to an FM (frequency modulation) 

Fig. 1. Principle of spectrum shift (upper 
drawing) and spectrum inversion (lower 
drawing). Both techniques are used to 
scramble audio signals conveyed over air, 
via cables or magnetic media. 
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communication link, the signal-to-noise 
(SIN) ratio at the receiver side suffers be-
cause the shifted audio signal contains more 
high-frequency components than the orig-
inal (source-) signal. By contrast, when the 
first encoding system (Fig. la) is applied, the 
bulk of the intelligence is carried by compo-
nents in the lower part of the spectrum, so 
that SIN degrading will not occur (in fact, 
there is psychoacoustic evidence that most 
information in speech and music is con-
tained in the frequency range from 300 Hz to 
1,000 Hz). 

The system whose spectrum is shown in 
Fig. la yields almost unintelligible output 
signals, and is not easy to decode. The de-
coding process required to restore the signal 
to its original spectrum can be subdivided 
into a number of operations as illustrated in 
Fig. 2. As shown in Fig. 2a, the first function 
of the decoder is to limit the bandwidth of 
the encoded signal, i.e., to fit this into a fre-
quency range from 500 Hz to 10 kHz. The fil-
ter slope at the high end of the spectrum 
prevents intermodulation products being 
generated in the decoding process, while the 
high-pass filter prevents whistles between 
1 kHz and 2 kHz as a result of low-frequency 
components that are possibly added to the 
channel. 

The block diagram of the decoder (Fig. 3) 
shows that the input signal is taken through 
a low-pass filter before it is amplified and ap-
plied to a high-pass filter. A switch con-
nected ahead of the output buffer allows the 
user to select between encoded and non-en-
coded signals. When the switch is set to 'non-
encoded', the input signal is fed direct to the 
output buffer, i.e., it is not amplified. This is 
done to ensure that the signal level of non-
encoded signals is not changed by the 

decoder. Thus, the amplifier merely serves to 
compensate losses introduced by the phase 
filters used for encoding or decoding the 
input signal. 

Frequency transforms: 
Hilbert & Fourier 

Shifting an audio spectrum can be achieved 
in three ways, which are familiar from radio 
communication techniques used for genera-
ting and demodulating SSB (single-side-
band) signals. The first two systems are 
based on narrow-band filters. These are 
widely applied, and do not present problems 
with audio signals whose frequency range, 
for radio communication purposes, extends 
from 300 Hz to 3,000 Hz only. 

Transmitting music via a communication 
link based on spectrum shifting poses more 
problems than speech because a much larger 
frequency spectrum must be conveyed with-
out distortion. It is for this, and other, reason-
s, that the present encoding system is based 
on the so-called 'third method', a term fam-
iliar to most licensed radio amateurs and 
radio engineers (Ref. 3). 

So how does the encoder work? First, the 
audio signal is split into two components. 
Both have the same amplitude, and contain 
the source signal. The only difference be-
tween these components is the phase shift 
between the frequencies they consist of. This 
phase shift is 90°, and one of the components 
is called the Hilbert transform of the other 
(the two signals are called a Hilbert pair). A 
Hilbert transform is a frequency shifting 
operation that unfortunately exists in theory 
only. In practice, however, a number of sys-
tems have been developed that yield close 
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Fig. 2. Multiplication with two phase-locked 

carriers, filtering and sideband suppression 
are the main functions into which the decod-
ing process can be subdivided. 

approximations of such an ideal transform. 
One of these systems is applied in the pres-
ent encoder. 

Fig. 3. Block diagram of the frequency shift encoder decoder. The FC lit input selects one of two system clocks from which the amount 
of frequency shift is derived. Note that the encoder/decoder has a bypass function, which is controlled via the S. 0/1 input. 
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The Hilbert pair is required to suppress 
one of the sidebands that is generated when 
the filtered input signal is shifted ('trans-
formed') to a higher frequency. The multiply 
operation carried out after shifting the phase 
of the input signal over +45° and -45° gives 
rise to two double-sideband (DSB) signals. In 
the decoder, these signals appear around a 
24-kHz component — the actual frequency 
depends on the shift used during the encod-
ing, and will be discussed further on. 

As shown in Fig. 2b, one of the sidebands 
disappears when the two DSB signals are 
added. The mathematics underlying this 
operation are shown inset in Fig. 4, a draw-
ing reproduced from an earlier article in this 
magazine on frequency transformation 
(Ref. 1). The operations shown in Fig. 4 de-
scribe largely what happens in the decoder. 
The equations go to show that there is no 
way to avoid a Hilbert transform function 
when one of the sidebands is to be selected 
without resorting to (very complex) filters. 
As shown in Figs. 2b and 2c, the upper side-
band is removed in the present design. 

Multipliers or double-balanced mixers 
can take a number of practical shapes. Al-
though their design is mostly plain sailing, 
they do have to be balanced with the aid of 
adjustments, and may have insufficient li-
nearity for some applications. Good results 
at a very small outlay, and without the need 
of adjustments, can be achieved with elec-
tronic analogue bilateral switches, e.g., those 
contained in the 4053 CMOS multiplexer IC. 
These switches are particularly well suited to 
use in the decoder where they enable high 
suppression of the 24 kHz component to be 
achieved. When this suppression is insuffi-
cient, a 1.5-kHz signal (whistle) would read-

ily appear in the decoded spectrum, corre-
sponding to the amount of frequency shift 
applied. The main disadvantage of the anal-
ogue switches is that they generate a fre-
quency spectrum with spurious components 
centred around odd-numbered harmonics of 
the 24-kHz switching signal. It will be re-
called that switching is the same as multi-
plying with a rectangular signal. Thus, in 
terms of the spectrum, switching can be de-
scribed as a multiplication with the Fourier 
series 

sin (wt)- V3sin(3w0+1/5sin (5cot)-1/2 sin... 

The sidebands of the third harmonic, which 
are visible in Fig. 2c, are removed with the 
aid of a low-pass filter designed for a steep 
roll-off at 30 kHz. This is done to prevent the 
sidebands causing interference in the mixing 
operation that restores the original fre-
quency band. 

The actual decoding process is relatively 
simple. As shown in Fig. 2d, the encoded sig-
nal is subjected to a second multiply oper-
ation, this time with a frequency of 22.5 kHz. 
The equations in Fig. 4 once more prove that 
the decoding operation works and yields the 
desired output signal. 

Finally, the decoded signal is taken 
through a low-pass filter to remove spurious 
components generated by, among others, 
the switching mixers. 

Which frequencies? 

The frequency shift of 1.5 kHz used in the 
decoder is achieved by first shifting the spec-
trum to 24 kHz. Next, the spectrum is shifted 
down again with the aid of a signal of 

22.5 kHz, or the difference between 24 kHz 
and 1.5 kHz. This restores the spectrum to 
the frequency range it has at the input of the 
encoder (which may be thousands of miles 
away, or just round the corner). In other 
words, we have decoded the scrambled sig-
nal. Note that it is also possible to shift the 
spectrum 'direct' by 1.5 kHz, but not when 
analogue switches are used as mixers. 

Even though a special kind of frequency 
synthesis had to be implemented to ensure 
the required stability of the frequency trans-
form, the 'third method' is used in the 
decoder for reasons already mentioned. For 
example, a stability of ±5 Hz is equal to 
0.33% at 1,500 Hz. However, the 1,500 Hz 
signal is not generated directly, but indi-
rectly as the difference between 24 kHz and 
22.5 kHz. At 24 kHz, an error of ±5 Hz is 
equal to 0.021%, while at 22.5 kHz it equals 
0.022%. When these two switching frequen-
cies are generated independently, the accu-
racy of each of them must be 0.01% to ensure 
that a total error of ±5 Hz is not exceeded. It 
is readily seen that 0.01% is a pretty tough re-
quirement as regards stability, particularly 
when the relevant oscillators are to be de-
signed as free-running types to enable a free 
choice of the shift frequency. However, it can 
be shown that if these two frequencies have 
fixed phase relation, the common (central) 
oscillator from which they are derived is 
good enough if it has a relative deviation 
equal to the maximum permissible error at 
about 1,500 Hz, which is 0.33%. In the pres-
ent decoder, this is realized with the aid of a 
central oscillator in conjunction with two 
digital dividers. Basically, the first divider is 
set for a divisor of 15, the second for a divisor 
of 16. The frequency of the central clock is 

SPECTFiUM SHIFT DECODER: 

sin (cost) sin ((kt) = 0.5 cos (ok -(os) - 0.5 cos ((Oc + (os) 
cos (cost) cos (wt) = 0.5 cos (ok - (os) + 0.5 cos (Oc + (os) 

cos ((Oc - (Os) sin (o)c2) = 0.5 sin (ok + ok2 - (os) + 0.5 sin (ok2 - ok +oh) 
substituting, and after the low-pass filter, 

cos ((Oc - (os) sin (0k2) = 0.5 sin [ 2rt.(fs - 1500)] 

Fig. 4. The 'Feedback killer' (Ref. 1) is a practical realization of a Hilbert transform. 
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Fig. 5. Circuit diagram of the spectrum shift encoder/decoder. 
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Fig. 6a. Track layout (mirror image) of the single-sided printed circuit board designed for the spectrum shift encoder/decoder. 

calculated as follows. Assuming a spectrum 
shift of 1,500 Hz, then: 

fosc / 15 — fosc / 16 = 1,500 
16 fosc / 240 — 15 fos, / 240 = 1,500 
fos, / 240 = 1,500 

••• fosc = 360 kHz. 

Since the 24-kHz frequency must be avail-
able as four signals with a phase shift of 90°, 
i.e., 0°, 90°, 180° and 270°, the actual oscilla-
tor frequency is four times higher than calcu-
lated, i.e., 1.44 MHz, while the divisors of 15 
and 16 change to 60 and 64 respectively. This 
is illustrated in Fig. 3. The 24-kHz signal is 

fed in quadrature to two identical mixers 
(4053). After adding the results of the multi-
plication, the upper sideband is compen-
sated. Via a 30-kHz low-pass filter, the signal 
is fed to the third multiplier where it is trans-
formed to the original frequency band. 

The encoder 
So far, we have not discussed the encoder, 
and this has a very good reason: it is virtually 
identical to the decoder! In fact, the same cir-
cuit is used, which allows the encoder and 
the decoder to be built on identical printed-
circuit boards. The only difference between 

Fig. 7. Completed printed circuit board. A decoder is shown here. 

the two units is the value of 29 passive com-
ponents, of which a number determine the 
frequency response of the phase filter built 
around two opamps, IC3 and IC4 (see the cir-
cuit diagram in Fig. 5). These components 
define a pass-band of 1 kHz to 10 kHz in the 
decoder, and a pass-band of 120 Hz to 7 kHz 
in the encoder. The accuracy of the phase fil-
ter is determined by the accuracy of the 
passive components used. The performance 
of the filter depends on the number of sec-
tions it consists of, and the ratio between the 
highest and the lowest input frequency. This 
ratio is about 10 in the decoder, which, based 
on a phase filter with three sections, achieves 
an SIN ratio of about 60 dB. Also based on 
three filter sections, but designed to handle a 
max/min frequency ratio of about 58 
(7,000 Hz/120 Hz), the encoder has a worse 
SIN performance of about 40 dB, which is 
not bad given the simplicity of the design. In 
any case, the results are perfectly acceptable 
for speech. 

The shift of +1.5 kHz in the encoder (in-
stead of —1.5 kHz in the decoder) is achieved 
by suppressing the lower sideband instead 
of the upper sideband (see also Fig. 2b). 
Since the spectrum in Fig. 2b then extends 
from 24 kHz to about 31 kHz, the roll-off fre-
quency of the 30-kHz low-pass filter must be 
shifted up to about 36 kHz. In addition, the 
input and output filters must be adapted to 
the spectrum to be passed. All the changes 
necessary to effect this, i.e., to turn the 
decoder into an encoder (or vice versa), are 
summarized in the components table you 
find inset in Fig. 5. 
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Fig. 6b. Component mounting plan. 

COMPONENTS LIST 

Resistors: 
1 331(0 
5 221(0 
4 21(02 
1 220û 
16 10k0 1% 

3 100kû 
2 41(Q70 1% 
3 41(07 
4 2k07 
2 4700 
2 27kÛ 
2 31(03 
1 1042 
1 471(0 
1 11(0 
1 501(11 preset H 

Capacitors: 
13 100nF 

1 1nF5 2.5% polystyrene 
1 2nF7 2.5% polystyrene 
1 6nF8 2.5% polystyrene 
1 1µF 25V radial 
1 1nF2 
1 3nF3 
1 390pF ceramic 
1 1nF5 
1 8nF2 
1 4µF7 25V axial 

R1 
R2;R3;R5;R6;R58 
R9;R50;R53;R60 
R10 
R11;R24;R14;R15; 
R18;R19;R22;R23; 
R27;R28;R31;R32; 
R35;R36;R37;R25 
R38;R65;R66 
R39;R40 
R41;R54;R61 
R42;R47;R51;R57 
R48;R49 
R55;R56 

R62;R63 
R64 
R59 
R67 
Fl 

Cl;C4;C5;C15; 
C16;C17;C18; 
C27;C28;C36-039 

C8 
C12 
C13 
014 
C22 
C23 
C25 
024 

C26 
C29 

1 330pF 2.5% polystyrene 

1 180pF 2.5% polystyrene 
1 68pF ceramic 
1 22µF 25V radial 
2 47µF 25V radial 

C30 
C31 
C32 
C33 
034;C35 

Inductors: 
2 7A1S assembly (Neosid); Li ;L2 

for winding details see text 
2 47mH radial choke; L3;L4 

Toko 181LY473 

Semiconductors: 
1 1N4148 

3 TL084 
2 4053 
1 HEF4060* 
1 4516 
1 4013 
3 BC547B 
1 BC557B 

D1 
IC1;1C3;1C4 
IC2;1C5 
IC6 
IC7 
IC8 
Tl;T2;T3 
14 

* do not substitute by CD4060, HCF4060 or 
MC14060 

Miscellaneous: 
1 printed-circuit board 910105 

ENCODER/DECODER COMPONENT 
VALUES 

Pos. Encoder Decoder 
02 1nF2 820pF 
03 1nF 680pF 
06 470pF inF 
C7 2nF7 1nF8 
C9 6nF8 2.5% 2nF7 2.5% 
010 24nF 2.5% 6nF8 2.5% 
C11 1nF5 2.5% 2nF7 2.5% 
019 330pF 560pF 
020 1nF 1nF8 

C21 330pF 560pF 

R4 101(0 5% 31(03 5% 
R7 10kû 5% 31(03 5% 
R8 1001(0 5% 33kû 5% 
R12 251(05 1% 21(049 1% 
R13 21(037 1% 390Û 5% 
R16 43k0.2 1% 121(Q1 1% 
R17 6801(0 5% 3901(52 5% 
R20 100k0 1% 101(.0 1% 
R21 161(02 1% 101(.0 
R26 7k015 1% 51(1249 1% 
R29 431(02 1% 241(03 1% 
R30 6801(0 5% 820k0 5% 
R33 1001(0 1% 471(05 1% 
R34 61(08 5% 21k05 1% 
R43 61(.08 5% 51(06 5% 
R44 181(0 5% 151(0 5% 
R45 181(0 5% 151(0. 5% 
R46 271(0 5% 221(Q 5% 
R52 271(.0. 5% 22kû 5% 
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Fig. 8. The rear panel of the Teko 222 enclosure has on it the frequency select switch (FC 
WO, the scrambling on'off switch (S. 0/1), the input and output sockets, a DC adaptor socket, 

and a 7812 voltage regulator with decoupling capacitors. 

The circuit in detail 

The following description applies to the en-
coder as well as to the decoder, which are 
electrically identical circuits. Where necess-
ary, a distinction will be made. 

The audio signal applied to the input of 
the circuit is fed to a low-pass filter built 
around IC1 ci and ICic. The roll-off frequency 
is set to 10 kHz in the decoder, and to 
6.6 kHz in the encoder. The previously men-
tioned high-pass filter is formed by capaci-
tors CI, C4 and Cs and resistors Ri, R4 and R7. 
The roll-off frequency is set to 500 Hz in the 
decoder, and to 150 Hz in the encoder. Apart 
from functioning in the active filter, ICic am-
plifies the input signal about 10 times. 

The phase filter is formed by the circuit 
around opamps IC3 and 101. The indicated 
component values must be maintained to en-
sure the correct operation of the filters. The 
frequency-determining capacitors are types 
from the E12 series with a tolerance of 2.5% 
or better. Here, polystyrene types are used in 
combination with 1% resistors from the E96 
series. The theoretical roll-off frequencies of 
every filter section are indicated in the circuit 
diagram. The equation 

fc =1 / RC 

applies for the roll-off frequency, and may be 
used to match capacitors and resistors if you 
can not secure the ones given in the circuit 
diagram and the parts list (consult Ref. 2). 
The resistors must not be made smaller than 
about 2 kn, or larger than about 200 kn. For 
instance, if you can not get hold of a 24nF 
2.5% capacitor (Cio in the encoder), look at 
the pole of the filter section, which is 356 Hz. 
Verify this using the above equation and 
given that R=116.2 kn (R2o+R21). Next, sub-
stitute Cio by, say, 27 nF 2.5%. The total re-
sistance of R2o+R21 works out at 103.2 kn. 
Since resistors are available in far more 
values than capacitors, this value is easier to 
create than 24 nF. 

The multiplication with the 24-kHz sig-
nal is effected by electronic switches ICsb 
and ICsc. Two 1% resistors, R39 and R40, add 
the product signals. Transistor Ti functions 
as an impedance transformer to ensure that 
low-pass filter L3-L4-09-C2o-C21 is termi-
nated correctly. Next, the filtered signal is 
fed to a second multiplier built around T2, T3 
and IC2b. This circuit supplies the decoded 
signal in the decoder, and the encoded signal 
in the encoder. A low-pass filter fitted at the 
input of opamp 'Oa suppresses the un-
wanted high-frequency products, and pro-
vides the drive signal for the output buffer, 
ICib. An electronic switch ahead of ICib 
allows you to disable the decoder/encoder 
by applying +12 V to the s.o/i (scrambling 
on/off) terminal. 

The central clock oscillator is contained in 
IC6, an HEF4060 CMOS oscillator/divider, 
which is used with an inductor, Li or L2, in-
stead of the rather more usual R-C combina-
tion, to determine the oscillator frequency. 
Properly constructed, the L-C oscillator 
meets the 0.33% accuracy requirement. Note 
that capacitors C30 and C31 must be types 
with a low temperature co-efficient (NPO- or 
COG-class devices; these are ceramic capaci-
tors with a black band at the top side of the 
body). Alternatively, fit 2.5% tolerance poly-
styrene types, which are more readily avail-
able. The presence of two oscillator 
inductors enables you to switch between two 
different frequency shifts. The selection is ef-
fected via switch IC2c, which is controlled by 
applying +12 V or 0 V to the FC H/L (fre-
quency control high/low) input of the 
board. This is also useful when a single 
scrambled source makes use of two encod-
ing frequencies. 

The HEF4060 combines the function of 
central oscillator and divide-by-64 prescaler 
to supply the 22.5-kHz switching signal. The 
divide-by-60 function is realized by a 4516, 
10, and 4013, ICs. The former is wired to 
divide by 15, the latter to divide by 4. The Q 
and IT:2 outputs of the bistables in the 4013 

supply the control signals for multipliers 
ICsb and ICsc. 

Construction and adjustment 
As already mentioned, the printed-circuit 
board (Fig. 6) can be used to build the 
decoder as well as the encoder. The construc-
tion itself is straightforward, and not ex-
pected to cause problems. Note that there is 
one wire link on the board, and that a fair 
number of parts are fitted vertically. Make 
sure you select the right component values 
from the parts list when building up the 
decoder and/or the encoder. The value cod-
ing of the 1% E96-series resistors may cause 
confusion if you have never used these de-
vices before — when in doubt, use your digi-
tal multimeter to establish the value. 

The inductors, Li and L2, consist of 
100 turns of 0.1-mm dia. (SWG40) enamelled 
copper wire on Type 7A1S formers from Ne-
osid. After winding the inductor and sol-
dering the wires to the appropriate pins 
(look on the component overlay!), fit the fer-
rite cup, and secure it with a few drops of 
wax or glue. This must be done to ensure the 
stability of the oscillator. Next, fit the screen-
ing can and the core, check the continuity of 
the inductor at the base pins, and mount the 
assembly on the PCB. Solder all the pins, in-
cluding those of the screening can, quickly to 
prevent overheating. The self-inductance of 
Li and L2 is about 100 µH. 

The central oscillator may not work 
properly if you do not use an HEF4060. The 
HEF4060 is a Philips Components product, 
and a LOCMOS version of the ubiquitous 
CMOS 4060. We tested a few 'ordinary' 
4060s of different makes in the circuit, and 
found that none of these achieved the relia-
bility and stability of the HEF4060. 

Apply 12 V to the decoder, and an en-
coded input signal. Connect an amplifier to 
the output. Adjust Pi for an input amplitude 
of about 200 mVpp. Leave the FC H/L and s.o/i 
pins unconnected, and adjust Li until you 
measure 1.44 MHz at pin 9 of the HEF4060 
(IC6). Remember, the central clock frequency 
determines the shift, which you are free to 
set between 1 kHz and 2 kHz. A shift of 1,500 
Hz is obtained with a 1.44 MHz clock. Take 
the FC H/L pin logic high (+12 V), and adjust 
L2 similarly. Listen to the output signal, and 
fine-tune the inductor(s) for best results. 
Your ears are the best test instruments for 
this purpose. 

The adjustment of the encoder is identical 
— the only difference in the set up is that the 
output is connected to a transmitter, a cas-
sette recorder, etc., instead of to an amplifier 
for direct sound reproduction. 

References: 
1. "Feedback killer", Elektor Electronics Fe-
bruary 1990. 
2. "Wideband phase-shift networks", in Elec-
tronic Filter Design Handbook (1981), by Art-
hur B. Williams, McGraw-Hill Publishers. 
3. "HF transmitters", in Radio Communication 
Handbook, published by the Radio Society of 
Great Britain (RSGB). 
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INTERMEDIATE PROJECT 

Fig. 7. Auxiliary circuit for testing the key assembly. 

Fig. 8. How to use relays as trigger switches. 

A series of projects for the not-so-experienced constructor. Although each article 
will describe in detail the operation, use, construction and, where relevant, the 
underlying theory of the project, constructors will, none the less, require an 

elementary knowledge of electronic engineering. Each project in the series will be 
based on inexpensive and commonly available parts 

BUILD THE OPTICALOCK PART 2 

by Michael Swartzendruber 

Test procedures for the 
key assembly 

1) Construct the circuit shown in Fig. 7. 
2) Enable one of the emitter circuits at a time 

by leaving all DIP switches off, except the 
channel currently on test: that channel's 
switch should be turned on. 

3) Aim the emitter on test at the test circuit. 
4) Look at the voltage or logic level of test 

point A. 
5) If the emitter passes test, disable this chan-

nel and proceed to the next channel until 
all have been tested. 

6) Trouble-shoot as necessary. If all emitters 
fail, double-check the battery connections, 
or check the device polarity for correct 
installation on to the board, or check the 
device with a junction tester. 

Test procedures for the 
detector/amplifier array 
1) After the assembly is completed and passes 

all visual inspections and voltage tests, 
install the two transistor arrays and con-
ned the assembly to a 5-V d.c. supply. 

2) The assembly is tested with the aid of the 
key assembly. Enable all emitters on the 
key by setting all DIP switches to 'on'. 

3) Locate the test node for the first amplifier 
channel and place the probe of the volt-
meter or logic probe at this node. 

4) Aim the key at the completed detector 
array (these two assemblies should have 
been constructed so that the key array 
mates with the detector array) and enable 
the key by closing the push-button switch. 

5) The voltage or logic level at the node of 
the channel on test should swing to logic 
level 1 or about 4 V and should remain at 
this level as long as the key is aimed at 
the detector. When the key is removed, 
the logic or voltage level should return to 
zero. 

6) Proceed to the next channel of the array 
and repeat the test. Trouble-shoot as nec-
essary. 

7) If all detectors fail the test, check the wiring 
of the supply, all polarized devices for 
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24 INTERMEDIATE PROJECT 

Fig. 10. View of the Opticalock's main logic board ard the key-
hole' connected by a ribbon cabre. 

Fig. 9. Mounting method of the optional bypass capacitors con-
nected across each photodetector of the infra-red detector 
array should they be required to remove fluorescent interfer-
ence. 

Fig. 11. Two views of the Opt calock's key'. The one on the right shows a detail of the method used to mount the infra-red array 
at a right angle to the board. A 20-pin, 0.1"x0.1" connector is soldered to a right-angle header assembly and the array is inserted 
into the socket. 

Fig. 13. General view of the entire Opticalock systen. Fig. 12. General view of the key and keyhole. 
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BUILD THE OPTICALOCK - PART 2 

correct placement with particular atten-
tion to the infra-red detector array. 

Test points for the infra-red detector/am-
plifier can be found at the following points 
of the circuit. 

Channel IC 

2 
3 
4 
5 
6 
7 
8 

2 
2 
2 
2 

Pin 
12 
3 
5 
10 
12 
3 

I o 

Interfacing the logic driver 
board 
The relay driver outputs of the logic driver 
circuit can be used in a number of ways. 
Some simple examples are given to aid any 
custom applications. 

Example 1. How to use the lock relay to drive a 
solenoid deadbolt. 

A) Solenoid coil can be driven by 24 V d.c. at 
250 mA. Directly power a solenoid coil with 
PwrDrv-1 by connecting the solenoid coil leads 
to 'load +' and 'load —' pads next to IC8, 
which becomes actuated by the lock driver 
circuitry. 

B) Load is high voltage or high current load. 
Use 'load +' and 'load —' pads adjacent to 
IC8 or IC7 to actuate a 24 V d.c. coil relay or 
triac. Use the switch contacts or device for 

load isolation and control. 

Example 2. How to use the relays as trigger switches. 

To interface the alarm relay into an existing 
alarm loop, use the appropriate relay contacts 
and insert them into the loop—see Fig. 8. 

For instance, to hook the Opticalock's alarm 
relay into a parallel, normally closed loop, con-
nect the the normally closed and common con-
tacts of the relay into the loop and simply 
add the relay contacts as another parallel 
branch. 

To interface the relay into a series (normally 
open in most cases), break the loop at some 
convenient point and splice the relay into 
the series by using the normally open and 
common contacts. 

Example 3. How to use the unlock relay to pro-
vide an alarm enable/disarm switch. 

To use this technique, a method must be de-
veloped to hold a voltage level high or low 
without having to excite the relay continu-
ously. One very easy way of doing this is to 
use the normally open and common contacts 
of a relay to trigger a flip-flop (bistable)— 
see Fig. 9. 

Programming and initial 
system testing 
Set the combination of the DIPswitch on the 
key to match the combination of the DIPswitch 
on the main logic board. Align the key with 
keyhole and press the push-button key. The 
LED indicating that the lock is 'unlocked' 
should light. 

y +5V 

relay 

logic 
board 

NO 

COI 

debounce 

91009' -H- 16 

mono 
stable 

JK MS 
flip-flop 
(bistable) 

current 
amplifier 

load 

Fig. 14. How to use the unlock relay to provide an alarm 
enable/disarm switch. to look at some installation 

Change the setting of one 
of the DIPswitches and press 
the push-button on the key 
three times, whereupon the 
alarm drive should become 
actuated. If you wish, you 
may elect to use a logic probe 
on the Q outputs of the JK 
bistables (flip-flops) while 
performing the three ille-
gal-entry attempts to moni-
tor the counting action of 
this chip. 
These tests should give a 
pretty good idea as to how 
the system works. Switch 
S5 may be used to disable 
the 'unlocked' output al-
together to prevent the cir-
cuit from providing an un-
lock signal even when some-
one has the IR key with the 
correct combination. 

Finishing touches 
and 
installation 

Now the electronic part of 
the combination lock has 
been completed, we need 

ideas to make the project a useful addition 
to an existing security system or to help for-
tify some accessible doorway by providing a 
pick-proof lock system. 

To augment a security system, the contacts 
of the alarm relay can be interfaced easily with 
an existing alarm loop, or its contacts can be 
used as a switch for an alarm horn circuit. 

The lock relay may be used to drive a 
solenoid-driven lock system such as an elec-
tric car door lock or it may simply be connected 
to any solenoid (modified for use as a dead-
bolt) with a spring return latch assembly. 
With these approaches, the lock will always 
be in a locked mode unless the relay is actu-
ated. The lock relay may also be tied to an 
existing alarm as the arm/disarm switch 
using the contacts of the relay to toggle a 
bistable (flop a flip-flop). 
A word of caution: you may void any 

warranty of a professionally installed alarm 
system by attempting to connect the opticalock 
to it. Consult your professional installer if you 
are not sure or have any questions regarding 
connection of the device to this type of alarm. 

Experienced computer enthusiasts may 
want to consider the following computer/op-
ticalock interface possibilities. The lock driver 
output and the alarm driver outputs may be 
used to drive a bistable and this flip-flop can 
be monitored by a monitoring control system. 
In addition, the 8-position DIP switch on the 
main logic board can be driven by a parallel 
output port on a control system. 

As for security, the detector array can 
be located at any remote location in rela-
tion to the rest of the system. If the dis-
tance between the detector and logic board 
exceeds more than a couple of feet (about 
a metre), additional pull-up and bypass cir-
cuitry may be required at each end of the 
connecting cable. 

The detector should be well-armoured 
against vandals and attempted intrusions. 
However, its destruction will not give ac-
cess to any unauthorized persons; bear in 
mind, though, that access may also be de-
nied then to authorized persons. So you 
may consider a rather beefy metal plate 
assembly to guard it. 

The lock disable switch should be located 
inside at a convenient position. 

The alarm reset switch should be situ-
ated in a semi-secure area that is easy to 
get to should it have to be used by those 
who should know its whereabouts. 

Should you opt to use a solenoid-driven 
dead-bolt, or indeed any electric lock, that 
may be located at a remote position also. 

The system can easily be made to work 
in many different situations. You may wish 
to experiment with it on some inner-struc-
ture door, such as a closet, or your labora-
tory door, to find out the finer points of a 
possible application. 

The opticalock makes an innovative use 
of opto-electronics, and with the numerous 
benefits of this type of lock system, it would 
not be surprising to see more designs like 
this very soon. Who knows, perhaps you 
have just built the key of the future. • 
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50 MHz 8-BIT DAC 

The digital-to-analogue converter described here is fast, based on 
discrete components, and comparable — in terms of performance — 

to pretty expensive integrated circuits. 

by R. Shankar 

Fig. 1. This fast digital-to-analogue converter is based on discrete components rather than the latest in IC technology. 

THE converter can directly drive a 75-e 
load at a full scale voltage of 0.510 V, and 

a settling Uwe of less than 10 ns to 1 LSB. The 
temperature coefficient of the output voltage 
is 0.005%/K, which is significantly better 
than that of many integrated DACs. 

The circuit is based on the conventional 
R-2R ladder network, with current switching 
accomplished by Schottky diodes and a 
high-speed Advanced Schottky (ALS) TTL 
latch. Resistors Ri to RI4 form the ladder net-
work, the output impedance of which is 
75 12. This enables the DAC to drive a load 
via a 75-12 coax cable. 

Transistors Ti to Ts form the current 
sources that supply 6.67 mA each to the lad-
der network via D9 to DI6. When any output 
of ICI goes low, the resulting current is 
diverted to ICi via Di to Ds. This arrange-
ment requires the outputs of ICi to go nega-
tive with respect to ground. Therefore, ICi is 
operated with a dual supply of —1.25 V and 

+3.75 V. To make the inputs TTL compatible, 
a level translator like the one shown in Fig. 2 
may be used at each input. The input loading 
('fan-in') of the translator is equal to that of 
3 standard UL inputs. The circuitry around 
T9, T10, IC2 and IC3 is necessary to obtain a 
low temperature coefficient. 
A suggested power supply circuit is 

shown in Fig. 3. The current consumption of 
the DAC is of the order of 170 mA. 

Construction hints 

Although no PCB design is available for this 
project, the construction is fairly simple even 
on a prototyping board. Di to D16 can be any 
Schottky diode that meets the following spe-
cifications: ID.,,≥10 mA; VBRk5 V; Ve0.5 V 
at 10 mA. 

The connections of the ladder resistors, 
the Schottky diodes, ICI and C2 should be 
kept as short as possible. A large ground 

Flg. 2. TTL-compatible input level transla-
tor. 
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50 MHz 8-BIT DAC Eirl 

Fig. 3. Regulated power supply for the DAC. 

11111111111111111111111111 

Popular modem IC set upgraded to 
include FAX 

Fax transmit capability can be added 
easily and at nominal expense to stand-
alone modems or for such applications as 
PCs, laptops and portable computers, 
using Silicon Systems' new 
SS! 73D24 I 7 modem IC set. 

The new chip set adds fax capability 
as an upgrade to its popular 
SS! 73D2407 2,400 baud modem chip 
set which offers a turn-key 'AT' com-
mand interpreter with MNP classes 2-5 
for error control and data compression. 

The SS! 73D2417 combines V.27ter 
fax transmit capability at 4,800/2,400 
baudrates with 2,400 baud multimode 
(V.22bis/V.22/V.21, Bell 212A/103) 
data communication and 'AT' command 
controller. 

NEW PRODUCTS 

The SS! 73D2417 is said to provide 
an easy way to enhance conventional 
2,400 baud modem designs by adding 
MNP5 and basic fax features without sig-
nificantly increasing cost. As an exten-
sion of Silicon Systems' proven 
73D2404 modem IC set, it gives users a 
reliable basis on which to develop PC fax 
designs with a minimum of design effort. 

The SS! 73D2417 modem IC set is 
comprised of four ICs. The 73M214 is an 
analogue processor that performs the fil-
tering, timing adjustment, level detec-
tion and modulation functions. The 
73D215 is the receiver digital signal pro-
cessor. The 73D218 is a command pro-
cessor that provides supervisory control 
and command interpretation. The 
SS! 73D225 is a ROM that provides stor-
age for integral control software. The 
four devices are available in both DIP 
and surface-mount packages. 
Silicon Systems • 14351 Myford Road 
• Tustin • CA 92680. Telephone (714) 
731-7110 ext. 3575. 
Silicon Systems International • Wood-
peckers • The Common • West Chilt-
ington • Pulborough RH20 2PL. 
Telephone: 07983 2331. Fax: 07983 
2117. 

plane should be provided, and the earthed 
ends of Ra-R14, Ri and C2, should meet at one 
point. 

Without component matching, the li-
nearity is of the order of 2 LSB. However, by 
carefully matching the resistors with the aid 
of a digital multimeter, a linearity of better 
than 0.5 LSB can be achieved (tip: use the 
closely matched resistors towards the MSB). 
Similarly, the transistors can be matched by 
measuring the resistance of the base-emitter 
junction, and noting the values. This meas-
urement should be carried out with the col-
lector and the base connected via the test 
probe. Additionally, Ti to T9 may be 
mounted on a common heat-sink for close 
thermal tracking. 

PREVIEW 

SPEAKER BUILDER 

Issue 5, 1991 

• Fibrous tangle effects on 
acoustical TLs 
• A quasi-electronic crossover 
• An interview with 
Ken Kantor of NHT 
• A party loudspeaker 
• A loudspeaker cable 
• A speaker-to-ear interface 

TVRO analysis and dish aiming 
software 

Greg Grissoms' TVRO System Ana-
lysis and Antenna Aiming Computer Pro-
grams for Satellite Technicians is a 
software package aimed at satellite TV 
enthusiasts, professionals as well as 
TVRO dealers. It can also be a useful 
adjunct in demonstrating how changing 
parameters such as dish size or LNB 
noise figure affect picture quality. 

The upgraded version of the program, 
version 1.1, includes a system configure 
screen that allows a number of factors 
that refine the program operation to be 
set. These include the cutoff angle above 
the horizon below which satellites can 
not be 'seen', noise weighted factor, pre-
emphasis factor, peak-to-peak conver-
sion factor and video noise bandwidth 
factor. The last four factors differ be-
tween NTSC, PAL and SECAM broad-
casts. The new version of the program 
offers a user-edited database of satellite 
positions. 

The users manual and software, on 
either a 5.25 or 3.5-inch diskette is avail-
able at £35.00 plus £2.00 P&P from 
Baylin Publications • 24 River Gar-
dens • Purley • Reading RG8 8BX. 
Telephone (0734) 414 468. 
Baylin Publications • 1905 Mariposa • 
Boulder CO 80302. Telephone: (303) 
939-8720. Fax: (303)449-4551. 
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COMPUTER-
STATION 
PART 2: ELECTRONIC 

The electronic hygrometer, 
or relative humidity (RH) 
sensor, discussed here is 
remarkably accurate, and 
functions automatically as 
part of the PC-controlled 
weather station we set out to 
describe earlier this year. 

by J. Ruffell 

AA MONG the basic measurements carried ..out daily by amateur meteorologists are 
those of air temperature, air pressure and 
relative humidity. In the first instalment of 
this series, Ref. 1, we described an electronic 
indoor/outdoor thermometer that works in 
conjunction with an advanced I/O card for 
PCs and compatibles (Ref. 2), and dedicated 
control software. This month we propose to 
extend the function of this PC-based system 
with a relative humidity (RH) sensor. Sen-
sors to capture other meteorological data 
such as air pressure, wind speed and wind 
direction, will be described in future instal-
ments. 

The present circuit measures the relative 
humidity of ambient air with the aid of a 
special sensor manufactured by Philips 
Components. The sensor is basically a non-
polarized variable capacitor whose capacit-
ance is a function of the ambient air 
humidity. Unfortunately, the capacitance 
does not change linearly with humidity, but 
that can be corrected fairly easily with the 
aid of the computer, which is at the heart of 
our weather station. The computer also 
greatly facilitates the calibration of the sen-
sor. 

Relative humidity 

Relative humidity, RH (or U in physics), is 
the ratio of the pressure of ambient air, e, to 
that of saturated air over a plane liquid water 
surface at the same temperature, e', and is 
normally expressed as a percentage, that is, 
RH = 100e/e'. The relative humidity depends 
strongly on air temperature. A relative hu-
midity of 0% indicates a total absence of 
water particles in the air. In the evening and 
at night, RH values can rise to 80-90%, while 
in dense fog the RH is virtually 100%. Typi-
cal daytime RH values are between 60% and 
70% in sunny weather. 

Professional meteorologists measure RH 

ONTROLLED WEAT 

HYGROMETER 

with a wet and dry bulb hygrometer. This 
consists of two mercury-in-glass ther-
mometers mounted side by side. The dry 
bulb thermometer shows the air temperature 
in the usual way, while the other has its bulb 
kept moist continually (by means of a small 
reservoir mounted underneath it) and ex-
posed to an adequate draught. The rate at 
which the air takes moisture from the reser-
voir depends on how far it is being saturated 
with water vapour. If the air is already satu-
rated, it takes up no more and the two ther-
mometers read the same (that is, RH=100%). 
The lower the humidity of the ambient air, 
the more it tends to take up moisture, and the 
lower the reading of the wet bulb ther-
mometer compared with that of the dry one. 
The difference in temperature gives a highly 
reliable measure of relative humidity, which 
is read from tables. 

Another, less accurate, method to 
measure the RH makes us of a hair. This 
based on the fact that the length of a strained 
hair depends on the humidity of the ambient 
air. This inexpensive way of measuring the 
RH is applied mainly in simple hygrometers 
of the type hung up in the living room. 

RH measurement: the 
electronic way 

Unlike most electronic hygrometers, which 
are based on a hygristor (a component 
whose electrical resistance varies with hu-
midity), the one described here is based on a 
Philips Type H1 sensor whose capacitance 
changes with humidity. The capacitance of 
this device varies between about 110 pF and 
145 pF for RH values of between 10% and 
90%. The RH-dependent capacitance is used 
to vary the frequency of an oscillator based 
on the well-known 555 timer IC — see the 
circuit diagram in Fig. I. The RH sensor and 
the external components around the 555 give 
the oscillator a nominal frequency range 
from 43.6 kHz to 33.1 kHz. Since the capacit-
ance of the sensor has a maximum tolerance 

MAIN SPECIFICATIONS 

Electronic hygrometer 
Range: 0`/)0 to 95% 
Channels: 2 (indoor and out-

door) 
Recording: continuous (interval 

= 10 minutes) 
Measurement: once every minute 
Measured values: current, day max-

imum, day minimum 
Indication: percentage RH; 

low, normal, high 
Software: memory-resident 

data logger, cali-
bration utilities and 
full-colour graph 
display programs 

System requirements 
IBM PC XT, AT, 386, or compatible 
640 KByte RAM 
EGA or VGA display adapter 
DOS 3.3C or later 

of 15%, the lower frequency may drop to 
28 kHz, while the upper frequency may rise 
to about 52 kHz. Capacitance-to-frequency 
(C-to-F) conversion is applied here to allow 
the measured RH value to be carried over a 
considerable distance via a cable. 

The software that runs on the PC takes 
care of the linearization of the sensor charac-
teristic. The method developed for this pur-
pose is remarkable because it reduces the 
number of adjustments in the hygrometer to 
one! By making use of the 6-digit frequency 
meter function provided by the measure-
ment card for PCs, the electronic hygrometer 
achieves a resolution of 1%. 

Two H1 sensors and associated interfaces 
are used since it is usually required to 
measure the indoor and outdoor RH values 
simultaneously. The two frequencies pro-
duced by the sensor interfaces are applied to 
the F6 (RH indoor) and F7 (RH outdoor) in-
puts of the PC measurement card. These two 
connections are located on connector K6. 
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ELECTRONIC HYGROMETER 29 

Fig. 1. Circuit diagram of the capacitance-
to-frequency converter. 

The two sensors may be connected to the 
computer via ordinary wire, e.g., a 4-wire 
telephone cable. Cable lengths up to 15 m 
(50 ft) should not present problems. Each in-
terface requires a supply voltage of 5 V, 
which is conveniently taken from the stabi-
lized +5-V supply rail brought out on con-
nector K6 of the PC measurement card. 
Decoupling capacitors CI and C2, and reser-
voir capacitor C3 compensate the impedance 
of the (long) supply wires, which would 
otherwise degrade the stability of the C-to-F 
converter. With CI, C2 and C3 fitted, the 
measured value, at RH=50%, varies no more 
than 0.004% per mV of variation in the sup-
ply voltage. 

In some cases, it is not desirable that the 
sensor interfaces are powered by the PC. The 
alternative is to build a small, regulated 5-V 
supply based on, for example, an 7805, and 
fit this in the sensor enclosure. The stability 
of the C-to-F converter is best when the volt-
age regulator is located as close as possible to 
the sensor interface board. The enclosure 
used to house the sensor should offer plenty 
of space for the regulator and the usual de-
coupling capacitors at its input and output. 

Construction 

Figure 2 shows the printed circuit board on 
which the sensor is mounted. The construc-
tion of the interface is downright simple, and 
merits no further discussion. The PCB fits 
exactly in a Type E406 enclosure from Bopla. 
Other enclosures may be used, but may re-
quire some drilling and filing to fit the PCB. 

Drill two 1.5-mm holes in the cover of the 
enclosure to allow the connecting terminals 
of the HI sensor to pass. Extend the H1 ter-
minals with 5-cm long wires before securing 
the device to the cover with a few drops of 
two-component glue. The two wires are sol-
dered to the PCB holes marked Rhcl. Drill a 
hole in the side panel of the case to allow the 
cable to the PC to pass. This hole should be 
just large enough for the cable to pass. Fit a 
strain relief on the cable at the inside of the 
enclosure. 

The interface must be protected against 
moisture. This is best achieved by applying a 
little silicone compound on the edges of the 
enclosure before this is closed. Also use the 
compound to seal the holes for the sensor 
wires and the cable to the PC. In both cases, 
apply the compound at the inside of the en-
closure. Before the enclosure is closed, the 
holes in the bottom half must be sealed with 
compound. Like the thermometer module, 
the sensor is temporarily connected to the PC 
via a small piece of stripboard. 

Software in action 

The floppy disk supplied for this project, 
ESS 1561, contains the software required for 
the adjustment of the sensor, the measure-
ment routines, and the automatic logging 
routines. In addition, it contains the first up-
date (version 1.1) of the control software for 
the thermometer module. The new software 
is marked by an extended version of the 
memory-resident data logger. It integrates 
temperature and RH measurements, and 
provides links for the wind speed and wind 
direction modules sensors to be discussed in 
future instalments of this article. 

The name of the background program 
has been changed from TLOGGER into 
XLOGGER. The update takes into account 
that XLOGGER is the only program that ad-
dresses the PC measurement card — i.e., 
XLOGGER now performs measurements 
continuously, and adds measured values to 
the log file every 10 minutes. The programs 
for the graphics display of temperature and 
relative humidity, TEMP and HUM respec-
tively, translate the data contained in the log 
file into graphs on the PC screen, and at the 
same time open a RAM data path to XLOG-
GER. This path allows them to receive the 
current measurement results, i.e., maximum, 
minimum and current temperature, and 
maximum, minimum and current relative 
humidity. This data transfer avoids complex 
synchronization protocols between XLOG-
GER and other programs, and prevents the 
hardware on the PC measurement card 
being addressed simultaneously by two syn-
chronous routines, which would cause the 
PC to crash. 

The communication between XLOGGER 
and the calibration utilities, HADJUST and 
TADJUST, is similar to that described above. 
XLOGGER performs all its functions in the 
background, i.e., as a memory-resident 
utility. This allows you to use the PC as be-
fore for word processing or drawing. The 
relative humidity is measured once every 
minute, and the temperature once every 
15 minutes. XLOGGER can be actuated by 
typing XLOGGER /I from the command 
level. The program takes about 50 KBytes of 
the base memory in the PC. 

.LOG and .CFG files 

Users of TLOGGER should note that log files 
produced by this program (Tyymmdd.LOG) 
are not compatible with the new log files 
produced by XLOGGER (Xyymmdd.LOG). 
The old files may still be viewed with version 
1.0 of TEMP, however, provided XLOGGER 
is removed from memory. This is achieved 
by typing XLOGGER /U. 

The new Xyymmdd.LOG files contain 

COMPONENTS LIST 

Resistors: 

2 100k121% 

Capacitors: 
1 100nF 

1 22nF ceramic 
1 10µF 16V 

RtR2 

Cl 

C2 

C3 

Semiconductors: 

1 TLC555 ICi 

Miscellaneous: 
1 H1 humidity sensor Rhcl 

(Philips Components 2322 691 90001) 

1 ABS enclosure, size approx. 
65x50x30 mm; e.g., Bopla EG406 

1 Printed circuit board 900124-2 

1 Control software on disk ESS 1561 
Fig. 2. Single-sided printed-circuit board for the relative humidity sensor. 
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Fig. 4. Screen layout of HADJUST (left) and HUM (right). 

voltages, frequencies and binary codes only. 
The calibration utilities create transfer files, 
HTRANS.CFG and TTRANS.CFG, that 
allow these quantities to be converted into 
relative humidity and temperature, respec-
tively. TTRANS.CFG contains two linear 
functions, while HTRANS.CFG is used to 
store the arithmetically determined frequen-
cies that correspond to a relative humidity of 
0%. The status windows of TADJUST and 
HADJUST show the content of these transfer 
files. It should be noted that the transfer files 
must be saved before the sensors are recali-
brated, which may be necessary after some 
time. Without the saved transfer files, it is 
impossible to convert the existing log files 

into the correct values. 
The RAM channel conveys frequencies, 

voltages and codes only. The calibration 
points are recorded in the TCALI and 
HCALI configuration files. 

The main program, XLOGGER.EXE, uses 
a configuration file, XLOGGER.CFG, from 
which it reads a number of initial par-
ameters. XLOGGER.CFG is a text file which 
may be opened and modified with any 
ASCII-compatible word processor. The first 
text line defines the path and the directory 
where the log files are stored. The path is also 
used by TEMP and HUM, and may have to 
be modified depending on your require-
ments. The next four lines in XLOG-

XLOGGER — background to a complex and powerful 
program 

A/D conversion 
XLOGGER controls the A-D converter on board the PC measurement card in an interesting 
way. Each measurement result is based on an average of 500 measurements. The start-of-
conversion command for the ADC is generated by the system clock of the PC. Unfortunately, 
the USER-$1C-TIMER-T1CK interrupt can not be used without modifications because it would 
result in excessive wait times for 500 or so conversions. This interrupt is executed at a rate 
of only 18.2 Hz, which is so slow that it would cause the total conversion time to rise to 
27.5 seconds. XLOGGER reduces the conversion time to 5 seconds by reprogramming the 
prescaler in the system clock. When XLOGGER is installed, the standard interrupt BIOS 
routine $08, which controls, among others, the real-time clock, and is started at the end of 
the $1C handler, is replaced by a new routine that takes care of the data acquisition 
operations. This interrupt-$08 routine calls the standard BIOS routine (and with it interrupt-
$1C) every 55 ms on average, so that the real-time clock continues to function normally. 

Pop-up handler and frequency meter 
XLOGGER uses interrupt-$1C to pulse the PBO line when an error condition occurs. Interrupt-
$1C also starts a so-called pop-up handler every 15 seconds. The pop-up routine reads the 
results of the interrupt-controlled frequency measurement, starts the next measurement with 
a new channel number, and adds the captured values to the log file every ten minutes. The 
main advantage of the pop-up handler is that DOS operations such as disk I/O may continue 
to run asynchronously. By virtue of the pop-up handler, the fact that DOS is not re-entrant' 
is no stumbling block any more in the development of interrupt routines and memory resident 
programs. When the pop-up handler is run, the PBO line is briefly actuated. 

Instal I/Un in stal 
When XLOGGER is started, the presence of a valid parameter, the /I (install) or /U (uninstall) 
switch, is checked. The program terminates with an error message when the parameter is 
missing or incorrect. When the /I option is used, XLOGGER is installed only when it is not 
already present in the memory. The uninstall option, /U, works only if no other memory-resi-
dent programs were loaded after XLOGGER. Note that DOS PRINT is a memory resident 
program! 

GER.CFG are the labels, or names, assigned 
to the sensors. These labels are used by TAD-
JUST, HADJUST, TEMP and HUM, and may 
be changed if necessary. 

One line of text has been added to 
ADCF.CFG — this will be reverted to below. 

Interrupts 

XLOGGER can not be used without the 
hardware on the PC measurement card. 
Since the hygrometer makes use of the fre-
quency meter on the measurement card, one 
of the jumpers JP2-JP7 must be fitted to en-
able the interrupts to be handled correctly. 
First, determine which interrupt line is still 
free in your PC (in most cases, this is IRQ2). 
Fit the respective jumper on the X-row. Next, 
check that jumper JP8 is fitted in position E. 
The interrupt line used by XLOGGER is 
found in the last line of the configuration file 
ADCF.CFG, and must be the same as the line 
selected by the jumper. Make sure that this is 
the case by opening ADCFG.CFG with your 
word processor, or typing TYPE ADCF.CFG, 
and looking at the interrupt number. If 
necessary, change the number to match the 
hardware interrupt selection. 

Software: features and 
applications 

HADJUST 

This is the calibration program for the hy-
grometer function. The layout of the screen, 
and the use of pull-down menus are similar 
to those of TADJUST, which may already be 
familiar from the earlier article on the ther-
mometer module. Adjusting the RH sensor 
is much less complicated than the tempera-
ture sensor because it involves only one set-
ting for each sensor. This is achieved by 
virtue of purposely written calibration rou-
tines contained in the HADJUST program. 
The principle of linearization is explained 
separately elsewhere in this article. Before 
the calibration is started, the two sensors are 
placed in an environment of which the 
relative humidity is known. It is best to use a 
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IIIELECTRONIC HYGROMETER 

calibrated hygrometer for this purpose, and 
you may need to go to your local weather 
centre to ask for assistance. 

Install XLOGGGER, and run the HAD-
JUST utility. The menu appears, and two 
windows, one containing the calibration 
status, the other the currently measured 
values. When the program is run for the first 
time, the calibration window shows a de-
fault status, which is simply a rough esti-
mate of the expected calibration data. The 
other window displays the frequencies pro-
duced by the two sensors. From the installa-
tion of XLOGGER, it takes about one minute 
before the two frequencies are measured for 
the first time. Until then, the frequency vari-
ables remain at nought. The Currently 
Measured Values (CMV) window also 
shows the relative humidity values derived 
from the frequencies and the calibration 
status. 

When the first frequency measurement is 
complete, select the 'inside' option from the 
menu, after which the 'EDIT H' window is 
opened. Press the return key, and enter the 
actual humidity (the value read from the ref-

erence hygrometer) at the cursor location. 
You will notice that the calibration status 
and the calculated relative humidity are 
automatically updated. The other sensor 
(option 'outside') is calibrated likewise. 

Leave the program via the 'quit' option, 
and subsequently select 'update' to save the 
transfer and calibration files. Do not select 
'abandon' at this stage, as this will terminate 
the program without storing the previously 
obtained calibration data. 

HUM 
HUM (for humidity) handles the graphics 
presentation of currently measured as well 
as previously saved values. The screen 
layout of HUM is basically the same as that 
of TEMP. HUM displays two analogue hy-
grometers with an RH percentage scale in 
the left-hand bottom corner of the display. It 
should be noted that RH measurements are 
carried out only when XLOGGER has been 
installed. The current RH value is also 
shown numerically on the screen, together 
with the minimum and maximum values 
measured during the last 24 hours. The anal-

ogue RH meters have scale areas marked 
'low' (for RH values smaller than 45%), 'nor-
mal' (for RH values between 45% and 65%), 
and 'high' (for RH values greater than 65%). 

The control menu appears in the top left-
hand corner of the screen, while the auto-
ranging 24-hour graphs take up most of the 
right-hand side of the screen. Below the 
graphs you find the name of the log file and 
the minimum and maximum values in this. 

Finally, function keys F3 and F4 allow 
you to request the RH value logged at every 
full hour. The other function keys serve to se-
lect certain program options: a graphics or 
non-graphics graticule; inside RH or outside 
RH graph or both; producing hardcopy 
(Epson FX-85 mode only); loading another 
log file; and leaving the program. 

References: 
1. "Computer-controlled weather station — 
Part 1: indoor/outdoor thermometer", Elek-
tor Electronics March 1991. 
2. "Multifunction measurement card for 
PCs", Elektor Electronics January and Fe-
bruary 1991. 

minnum+b- HUMIDITY SENSOR CALIBRATION — WITH A SINGLE ADJUSTMENT igemmlimal 
The Type H1 humidity sensor from Philips 
Components is basically a non-polarized ca-
pacitor whose capacitance depends on the 
humidity of the air around it. The dielectric 
consists of a non-conductive foil with a thin 
gold layer at both sides. The two gold layers 
form the electrodes in this sensor. The dielec-
tric constant, c, of the foil is a function of the 
atmospheric humidity. The absolute capacit-
ance of the capacitor is calculated from 
Eq. (1). In the equation, r is the relative hu-
midity, A the surface of the electrodes. and d 
the thickness of the foil. Unfortunately, the 
characteristic of the sensor is non-linear (see 
the curves below). This means that converting 
a measured capacitance (or a frequency 
which is inversely related to the capacitance) 
into a relative humidity value is not so simple. 
A further complicating factor is that the real 
characteristics of the two sensors you have 
lie somewhere between the Cmax and Cmm 
curves. This spread is caused by production 
tolerances on the thickness of the dielectric. 
The problem with the spread can be solved by 
basing all calculations on the capacitance fac-
tor, K(r). calculated from Eq. (2), instead of on 
the absolute capacitance. Substituting Eq. (1) 

Table 1. RH - K correlation 

r (%) K(%) 
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in Eq. (2) proves that K(r) is independent of 
the thickness of the dielectric. Eq. (3) shows 
that the dielectric constant, e(r), is the single 
factor that determines the actual capacitance. 
This means that Km is independent of the 
spread on the sensors, so that it can be used 
as a repeatable starting point. Table 1 shows 
a few discrete values of K(r). Remember, K(r) 
is expressed as a percentage. 
In effect, the oscillator frequency is measured 
instead of the sensor capacitance. The fre-
quency is an inverse function of the capacit-
ance. In Eq. (4), parameters a and b are 
oscillator-dependent constants which have 
no further significance here. Combining 
Eq. (1) with Eq. (4) yields Eq. (5). Finally, 
substitution of Eq. (5) in Eq. (3) yields the 
output frequency formula, Eq. (7). 

Calculations 
Assuming that f(o) is known, Eq. (6) enables 
us to calculate the capacitance factor on the 
basis of a measured frequency f(r). The 
relative humidity (RH) associated with the 
value of Kir) may then be deduced, by inter-
polation, from Table 1. 
The frequency at 0% RH, f(0), is also deter-

mined arithmetically. This is done by perfor-
ming a frequency measurement at one, 
known, RH value. The capacitance factor fol-
lows from Table 1 via inverse interpolation. 
Next, the measured frequency and the result 
of the interpolation are entered into Eq. (7). 
The result is a frequency, f(0), expressed in 
Hertz. 

9... 
C(,)- 

)x A 
d 

  100 
i‘(r)- C x (r) 

[F] Eq. (1). 

MI Eq. (2). 

Substituting Eq. (1) in Eq. (2) yields: 

Er) — e(0)  
X 100 

E(r) 
1%1 Eq. (3). 

The oscillator frequency is a function of the 
humidity as expressed by 

a  
f(r) = „ u 

1Fizl Eq. (4). 

Substituting Eq. (1) in Eq. (4) yields: 

a x d 
e(r) =  Axbxf(r) 

[F/m1 Eq. (5). 

Substituting Eq. (5) in Eq. (3) yields: 

K(r) = ( 1   ) x100 [(70] Eq. (6). 

After calibration, Eq. (6) can re rewritten as 

fro 
,f(0)= 1 - Ko.)/ 100 [HzI Eq. (7). 
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MEASUREMENT TECHNIQUES PART 7 

High-frequency measurements 

by F.P. Zantis 

THE test methods described so far in this 
series apply only to low-frequency (LF) 

equipment. In circuits carrying high-fre-
quency (HF) signals, the effects of the mea-
suring equipment become an important fac-
tor. First of all, of course, the test instru-
ments used must be designed for HF mea-
surements. Also, unless suitable measures are 
taken, tests may result in reflections and ra-
diation of HF energy, which will invalidate 
the test results. 

Measuring HF voltages 

The bandwidth of virtually all inexpensive 
voltmeters makes them unsuitable for mea-
suring HF voltages. Moreover, the capaci-
tance of the test leads and that of the input 
circuit of the instrument will adversely af-
fect the measurement. Also, in case of in-
struments with a not very high input im-
pedance, the circuit Q will be derated. 

For accurate measurements of HF volt-
ages, special HF peak recti tiers are used. After 
rectification of the voltage, a standard DC 
instrument indicates the peak value of the 
measurand. It is then not possible to mea-
sure the r.m.s. value of non-sinusoidal volt-
ages. The rectified voltage should be fed to 
the test point in a direct way to ensure that 
the leads from the test point to the display sec-

tion have no detrimental effect on the mea-
surement. In many cases, therefore, a probe 
as shown in Fig. 61 is used. The rectifier diode 
should have the smallest possible junction ca-
pacitance and this is met by germanium 
types. The wide-band properties of this diode 
determine the overall bandwidth in the first 
instance. The coupling between the tip of 
the probe and the diode is capacitive, so that 
any direct voltage at the tip is blocked. Errors 
in measurement are normally caused by in-
correct earthing. The earth point of the probe 
should be as close as possible to the test 
point and be connected to the earth of the 
equipment on test. If the frequency is higher 
than about I GHz, even these measures are 
not sufficient, since part of the HF energy is 
then radiated by various components and 
the wiring, which, of course, makes the mea-
surement invalid or even impossible. 

For voltage measurements at frequencies 
up to about 2 GHz, coaxial insertion probes 
are used whose construction obviates the 
unwanted radiation. 

Alignment of tuned circuits 

Relative measurements suffice in the align-
ment of tuned circuits—see Fig. 62. Therefore, 
if a probe is not available, the measurement 
may be carried out by connecting a low-

value capacitor, C, in series with the instru-
ment. This reduces the effect of the input 
capacitance of the test instrument on the 
tuned circuit. The circuit is aligned by ad-
justing C2 for maximum or minimum de-
flection of the voltmeter. In direct voltage 

measurements, the effect of the meter is re-
duced by connecting a high-value carbon 
resistor (which has a high parasitic induc-
tance) in series with the meter. As in a probe, 
it is advisable to connect the series capaci-
tor or resistor close to the test point. 

It will be realized that these simple meth-
ods can only be used for alignment and not 
for absolute measurements. 

The effect of the instrument on the cir-
cuit on test can be reduced further by the 
absorption method, for which a circuit as 
shown in Fig. 63 is used. 

Coil L1 is brought close to the inductor 
of the circuit on test. Mutual inductance 
causes a potential across L1 that may be fed 
to an oscilloscope or, after rectification, to a 
voltmeter. If, owing to screening of the in-
ductor in the tuned circuit, inductive coupling 
is impossible, wiring that carries the HF 
voltage may be touched with the tip of the 
probe. Capacitor C1 is adjusted for maximum 
voltage across the tuned circuit, after which 
he frequency can be read on the oscillo-
scope or. if this is provided, the scale of C1. 
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To really minimize the effect on the tuned 
circuit, it is advisable to amplify the voltage 
obtained by inductive coupling. A suitable 
circuit is shown in Fig. 64. Coil L1 may be 
a plug-in type to make alignment over a 
wide range of frequencies possible. The tap 
on the coil ensures matching to the low-im-
pedance transistor input. 

Dip meter 

The dip meter is still the most popular in-
strument for the radio and television amateur. 
Although it is basically a small HF transmitter, 
the meter functions in a manner similar to 
the absorption method described earlier. 
This active instrument makes the effect on 
the circuit on test even smaller, and, of course, 
greater sensitivity is obtained. 

As in the absorption meter, the frequency 
is read on the scale of the variable capacitor, 
while the meter serves merely as a maxi-
mum or minimum indicator. 

Apart from its use as a resonant-frequency 
measuring instrument, the dip meter may also 
be used as a signal source in signal tracing 
in HF circuits. 

The values of the coil and variable ca-
pacitor are readily calculated with the fol-
lowing formulas if the value of one and the 
frequency (in MHz) are known. 

L = 25,400/Cf2 [µ1-1] 

C = 25,400/Ff2 [pF] 

A suitable circuit based on a field-effect 

transistor—FET—is shown in Fig. 65. The 
HF signal is generated across the gain-drain 
junction. The display instrument is con-
nected either in series with the gate bias re-
sistor as in A or across the source as in B. 
The sensitivity of the circuit is set with the 
potentiometer. 

When the circuit is used as an absorption 
meter and the display instrument is con-
nected as in B, the 100 û potentiometer must 
be disconnected to ensure that the full sen-
sitivity of the meter is available. 

Winding data for coils are given in Table I. 

Measurements on 
transmission lines 
The characteristic impedance of a transmis-
sion line is the value of load resistance that 
enables maximum power transfer from source 
to load. The characteristic impedance of a 
transmission line, Ze, is given by 

Zc = NI(Ld/Cd), 

where Ld is the distributed inductance per unit 
length and Cd is the capacitance per unit 
length. Practical values of Z, vary from 
100û to 1000 12 for parallel wires and 10 SI 
to 150 12 for coaxial cable. 

When a transmission line, such as that con-
necting a transmitter to its antenna, is termi-
nated by an impedance different from its char-
acteristic impedance, some of the forward sig-
nal wave is reflected back. The reflected 
wave mixes with the forward wave, and the 
resultant amplitude at any point of the trans-

mission line is the algebraic sum of the am-
plitudes of the two waves. 

The nodes and antinodes do not move 
relative to the transmission line, that is, they 
are stationary and the waves are called stand-
ing waves. An important consideration in 
transmission line and antenna design is the 
standing wave ratio—SWR. 

The SWR may be ascertained with the 
aid of an SWR meter as shown in Fig. 66. 
The pick-up consists of three conductors of 
which the centre one is the core of the trans-
mission line, while the outer two, called re-
flected pick-up wire (top) and forward pick-
up wire (bottom), are spaced equally from 
this. 

Usually, the pick-up unit is made as a 
pattern on a printed-circuit board: a strip 
line. The 51 û resistors are, in this case, 
equal to the characteristic impedance of the 
transmission line (if this were 75 LI, the re-
sistors would also have to be 75 12). In op-
eration, any RF signal on one of the pick-up 
wires will be rectified by the relevant diode 
and then applied as DC to the associated in-
dicator. 

To ensure that the indicators can be used 
independently of the actual power, their scales 
are calibrated in relative values. That in the 
forward pick-up circuit, F, shows the rela-
tive power as a percentage, whereas the other 
shows the SWR. The ratio is given by the 
formula 

SWR = (1-t-Ur)/( I—U,), 

Continued on page 62 
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DIGITAL FUNCTION GENERATOR - PART 1 
by T. Giffard 

The outstanding properties of this function generator are its 
accurate frequency setting and very low distortion of the 

sine-wave output. It is, therefore, eminently suitable for use as 
an a.f. generator for test and design. 

TTNLIKE many function generators pro-
duced over the past 15 years or so, the 

one described here is NOT based on the 
ubiquitous XR2206, but on discrete compo-
nents. Although this does not necessarily make 
it easier to construct, digital ICs are fairly 
inexpensive and a digital circuit has fewer 
calibration points. 

Basic design 

The block diagram in Fig. 1. shows that the de-
sign is based on four printed-circuit boards, in-
dicated by the dashed lines. The heart of the 
frequency-synthesis board at the top left is 
the phase-locked loop (PLL). A phase com-
parator compares the output frequency of a 
crystal oscillator with that of a voltage-con-
trolled oscillator (VCO). Any phase differ-
ence between the two signals causes the com-
parator to generate a voltage that is used to syn-
chronize the VCO with the reference oscilla-
tor. 

The wanted output frequency of the gen-
erator is determined by the divisor of a di-
vider in the PLL, which is set by means of a 
keyboard on the front panel. The divider also 
provides the information for the four-digit 
LED display. 

The VCO and the display share a com-
mon power supply, although the supply volt-
age to the VCO is 6.6 V, whereas that to the 
remainder of the circuit is 6.0 V. 

The divider provides a rectangular sig-
nal, which is directly proportional to the out-
put frequency of the generator, to a digital-
to-analogue (D-A) converter. This converter 
consists of a shift register and an appropri-
ate resistance network. 

Each period of the wanted sine-wave sig-
nal is built up of 32 clock pulses provided 
by the divider. This means that the clock sig-
nal for the D-A conversion must lie between 
32 Hz and 3.2 MHz if the generator is to pro-
vide an output frequency of 1 Hz to 100 kHz. 

Since, in addition to the high precision of 
the wave shaping, the D-A converter is fol-
lowed by a phase-locked filter, the distor-
tion factor is even smaller than that of a Wien-
bridge type sine-wave generator commonly 
used for a.f. design and test measurements. 
Usually, function generators produce a sine 
wave that is converted into rectangular and 
triangular signals of the same frequency: this 
technique does not result in low distortion fac-
tors. 

Fig. 1. General view of the digital function generator. 

FRONT COVER 
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Output voltage 

Offset 

Output impedance 

Frequency stability 

Frequency resolution 

Third-harmonic 

distortion 

Slew rate 

Technical data 

Sine wave 

1 Hz-99.99 kHz 

1 Vrms. e.m.f. 

0.9-1 Vrms into 5012 

±2.5 V (U0=0 V) 

±4.75 V (U0=1 Vms) 

Rectangular 

1 Hz-99.99 kHz 

0-12 V e.m.f. 

0-6 Vpp in to 5012 

±12 V 

60012 5on 

Three digits better than shown on display 

0.01% of full-scale reading 

0.03% typical 

130 V/1.ts 

Triangular 

10 Hz-99.99 kHz 

0-12 V e.m.f. 

0-6 Vpp into 5012 

±12 V 

5012 
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Fig. 2. Block diagram of the digital function generator. 
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Fig. 3. Mode of operation of phase comparator IC4. 

DIGITAL FUNCTION GENERATOR - PART 1 EEI 

After the amplitude has been set, the sine-
wave signal is fed to the output socket via a 
buffer amplifier. 

For the other two wave forms, the shift reg-
ister in the sine-wave section is used as a di-
vider to ensure that the frequency remains the 
same as that of the sine-wave signal. The sig-
nal is fed to the rectangular/triangular out-
put socket via a voltage amplifier, change-over 
selector and power amplifier. At the same time, 
it is used to drive an operational transcon-
ductance amplifier (OTA) which converts 
the rectangular signal into a triangular one. 

Divisors 

An expanded, more detailed block diagram 
of the I'LL frequency synthesis section is 
given in Fig. 5. Apart from the crystal oscil-
lator, the VCO and the presettable divider, the 
section contains several more dividers and 
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Fig. 4. Internal circuit diagram of the Type 74HC696 counter. 
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Fig. 5. Block diagram of the phase-locked loop (PLL) section. 
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36 TEST & MEASUREMENT 

P‘RTS LIST 

Resistors: 
R1 =2.2kû 
R2,R14,R15,R17,R19 =1 Mû 
R3 = 10 
R4 = 470 SI 
R5 = 390 0 
R6,R7,R10,R20,R22 = 100 kû 
R8,R9,R13,R18,R21,R23 = 10 kcl 
R11,R12,R16,R61—R65,R67, 

R68 = 47 kû 
R30—R60 = 470 û 
R66,R69 = 1 kû 

Capacitors: 
Cl = 100 pF 
C2 7. 45 pF trimmer 
C3,C51—053 = 100 nF ceramic 
C4 = 47 µF, 10 V, tantalum 
C5 = 10 !IF, 40 V, bipolar, radial 
06,C44 = 100 µF, 10 V, radial 
C7,C8 = 47 nF 
C9,C10,C12,C14,C15,C17, 

C18 = 100 nF 
C11 = 470 nF 
C13,C16 = 3.3 nF 
C19—C37,C45 = 100 nF, ceramic 
C38—C41,C50 = 47 nF, ceramic 
C42 = 1000 µF, 25 V, radial 
C43 = 10 µF, 10 V, radial 

Semiconductors: 
D1 = BB 212 
D2—D6,D10 = 1N4148 
D7 = 1N4001 
D8,D9,D11 = LED, 3 mm 
B1 = B80C1500 
LD1—LD4 = HD 11310 
Tl—T4 = BC 547 B 
T5 = BC 557 B 
IC1 = 74 HC 4060 
1C2 = 74 HC 40103 
IC3 = 4013 
IC4 = 74 HC 4046 
IC5 = 74 HCU 04 
106 = 74 HC 4040 
IC7 = 74 HC 151 
IC8 = 4059 
IC9,1C10 = 74 HC 4518 
1C11 = 4067 
IC12 = 74 HC 4017 
IC13-1C16 = 74 HC 696 
IC17 = 74 HC 682 
IC18,1C20 = 4093 
IC19 = 4001 
IC21 = 7806 
1C22-1C25 = 74 HC 4543 

Miscellaneous: 
X1 = quartz crystal 5.12 MHz 
Sl,S2,S4,S6,S7 = push-to-make 

switch 
S3 = double change-over switch 
S5 = SPST switch 
Tri = mains transformer, 

secondary 9 V, 500 mA 
PCB 910077-1 
PCB910077-2 
Front panel foil 910077-F 
Ki, K3 = 34-way D-type plug for 

PCB mounting 
K2 = 14-way D-type plug 

for PCB mounting 
Li = 45 turns 0.2 mm dia. 

enamelled copper wire on 
Neosid Type 7A1S former 
(= 19µH) 
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counters. 
The heart of the section is IC4, which con-

tains the phase comparator and a VCO that 
is not used here. The comparator compares 
the two input signals, Cin (the reference fre-
quency) and Sb, (the signal frequency). Its out-
put goes high when the phase of the signal 
frequency leads that of the oscillator fre-
quency, and low in the opposite situation 
(see also Fig. 3). For this purpose, it uses the 
first transitions, not the duty factor, of the 
signals. After both transitions, irrespective 
of in which order, have been received, the out-
put of the comparator has a high impedance 
until the next first transition arrives. The du-
ration of the 'low' and 'high' periods is, there-
fore, directly proportional to the phase shift. 

The low-pass loop filter at the output of 
IC4 determines the properties of the loop as 
regards capture range, bandwidth, transient 
response and stability. After passing through 
this filter, the output voltage of the com-
parator controls the VCO 

The state when the two signals are in per-
fect synchronization, that is, are locked, is 
indicated by the LED at the LOCK output of 
IC4 going out. 

The reference frequency of 160 Hz is ob-
tained by dividing the 5.12 MHz oscillator 
frequency by 32 000. 

The required frequency range of 32 Hz 
to 3.2 MHz is, however, not so easily ob-
tained, because a large bandwidth leads to a 
long transient response and poor stability. That 
is why the range, outside the loop, is split 
into five by decadic divider IC9—ICE): the 
wanted range is selected by multiplexer ICE. 
This means that the PLL is only active when 
the highest sub-range, that is, 320 kHz —3.2 MHz, 
is selected. 

The highest sub-range is itself further di-
vided into four, so that the frequency of the 
VCO must be a multiple of two, which makes 
the PLL very stable. Depending on the set 
frequency, IC6-1C7 divides the VCO frequency 
by one, two, four or eight. The combined di-
visor of IC3b and IC8, which counts down from 
a preset number (max. 9 999) to 1 000, and 
IC6—IC7 lies, therefore, between 16 000 and 
32 000. Since the frequency of the signal fed 
by IC3b into IC4 must always be 160 Hz (ref-
erence!), the frequency range of the VCO is 
2.5-5.12 MHz. 

The setting of the divisor within the PLL, 
and thus the frequency within one of the 
sub-ranges, is effected by four cascaded up-
down counters, IC13—ICI b. These counters have 
been set to a predetermined start value by 
jump leads. The start value may be overrid-
den at any time by pressing the 'up' or 'down' 
push-button key. 

The set divisor is strobed by comparator 
IC17, whose output is active as long as the ratio 
is lower than 3 200. This is of importance for 
the locked filter in the analogue section. 

The signal for the analogue section is taken 
from junction IC7—IC8 (pins 5 and 1 respec-
tively). The frequency of this signal lies be-

Fig. 6. Circuit diagram of the digital sec-
tion of the function generator. 
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tween 320 kHz and 3.2 MHz. 
The signal is applied to divider IC9-ICio, 

whose outputs have frequencies of 100, 10-1, 
10-2, 10-3 and 10-4 times that of the input. 

The sub-range is selected by multiplexer 
IC 11, whose setting is determined by a 0-4 
counter. 

The analogue section thus receives a sig-
nal whose frequency lies between 32 Hz and 
3.2 MHz and information, from DO-D4 of IC12, 

as to which sub-range has been selected. 
The display board is fed with data repre-

senting the frequency setting via bus lines 
Q0-Q15, DO-D4. It is also connected to the 
'unlock' pin (PP) of IC4. 

Circuit description 

Digital section 
The reference oscillator is formed by fourteen-

stage shift register ICi. The 5.12 MHz clock 
is divided internally by 27. The resulting 
40 kHz signals is taken from pin 6 and fed to 
a synchronous, binary down-counter, IC2. A 
start count, related to the divisor (here :125) 
can be set at inputs PO-P7. From that start, 
the IC counts to zero, resets itself via pin 15 
and at the same time triggers flip-flop) IC3a. 

The bistable functions as a binary scaler, 
which provides a pure signal with short tran-

• P17  
00000000C42   

C113 C40.2. 

K r201100 II 01 R22 I-0 01 R23 10 

Fig. 7. Printed-circuit board for the digital section of the function generator. 

ELEKTOR ELECTRONICS USA OCTOBER 1991 
WorldRadioHistory



DIGITAL FUNCTION GENERATOR - PART 1 39 

fRia :ZS 

-----

411:  

zzzzzzzzz 
pm•Z=ZZ, 
seMernMi 
:Mee= frarae-mamit 

mfirMUZIW Aim 
M MUMfflMMMIlli• 

glifgaISSa4 

ege.MMUMMMM, 
mmilinmeMMMMY 
MIUMMMMUMM 
MIMMIMMUM 
MMMUMMI, 
UMMIUMM M 

MUMMMIEM 
MMIUMMMMUM 
IMMMUMMUMM 
MMUMMUMM 
MMUMMMUMM 

n "%we wumumumumuuMumpneYemue,.. mm-,e,uueum 
mt.. mom mmuumuu .rmuu.ovtzuum 

rimalw,e- um 

!Ilheleied 
1188.18114.84.1814 

IIIIVeger11811 

Illilitte 
MINIM  

l inataingp. 

z "gig' 
zzzz  8° 

muummumme  mum 
smummumm 

mmulumuum 
m muuummum 

181: 2:21212:11% oulemeriari ummuumammuumm uu:"..ullumu"momm"umra" 
mum Imu u mumuummumu mu 

mmuuu..,,,gw.cumumm miumummm umuum 

ammaimmussms mgaiszemmum_mm 'WI MU mil MMWMUMMMEM WWWWOMMOMMUMM 

WanOCCEMMUUM 
MMUUUSIMMIMIMMUl 
wirmarainarar 
unimantiniumumarai 
tairamanitatu 
ailianimuimat 

MMURM:MM UM 
INUMMMIMM 81111MM MUUMUU 

MMUMMMUMNIM MIMMMUMWM. W&MMMMUM 
MMMeaMMUMMITIMMeme4MmMUMm:Mm 

MOIMMUMMMIMUMI • UMMII 
UMMUUMMIMM MU UMM MMMIIIIMMIUMIUM 

........ 
I. ......... ......... 

M UMMM M UMMIMMMUMUMMUMMIUMMUMMMM 
MMUMMMIIIIIMMIMMIMMIMMMUIMMMMUMMMIMUM MMUMMIIIMMIMIUMMIMMUMMMUMMIUMMUMM 

MMMIUMMIMMUMMIMUMMUIMMUMMMUMMIMMM MMIMMUMMIUMMMIMIMMISMM 

MMIUMMUI 
MUMMU 
MmMUMM 

Fig. 8. Photo of the completed digital section board. 

sition durations as required by IC4. The loop 
filter consists of R4-R8-C8-C6. 

The VCO consists of inverter IC5d, which 
functions as an amplifier, and an LC circuit 
that is tuned by dual capacitance diode D1. 
The control voltage for that diode is derived 
from potential divider R6-1Z7. The VCO sig-
nal is taken from across IC5c. 

The setting of divider IC6-IC8 is rather com-
plex. The fundamental VCO frequency ex-
ists at pin 15 of IC7; scaled by two at pin 9 of 
IC6; divided by four at pin 7 of IC6; and di-
vided by eight at pin 6 of IC6. Which of these 
signals is passed on depends on the three 
bits at inputs A-C of multiplexer IC7. 

The output of IC7 (pin 5) is fed to IC9-
ICurICH and thence to the analogue section 
and is also used as the clock for programmable 
n-divider IC8. This chip consists of four cas-
caded four-bit counters, which operate as 
decade scalers. The decade range of the three 
that determine the thousands, hundreds and 
tens is determined by appropriate bits at 
each of the groups of inputs J13-J16, J9-J12 
and J5-J8 respectively. That of the fourth de-
pends on the level at inputs KA, KB and KC. 
This counter determines the units of the over-
all divisor. If, for instance, n is to be 1507, 
J13-J16 must be set to 1000; J9-J12 to 1010; 
J5-J8 to 0000; and J1-J4 to 1110. 
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Fig. 9. Circuit diagram of the analogue (display) section of the digital function generator. 
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The first three are also applied to IC7 in 
such a manner that when the divisor lies be-
tween 1 000 and 1 999, the VCO frequency 
divided by eight (pin 4 of IC7) is internally 
coupled to the output (pin 5) of IC7. When 
the divisor is between 2 000 and 5 999, pin 3 
(VCO frequency divided by four) is con-
nected to pin 5; when it lies between 6 000 
and 7 999, pins 1-2 are connected to pin 5; 
and when it is between 8 000 and 9 999, pin 
15 (VCO frequency) is coupled to pin 5. The 
overall divisor can, therefore, be set between 
8 000 and 16 000. 

The signal is applied to IC9—IC10, where 

it is divided by powers of 10 (101-104) as de-
termined by the last transition of the clock. 
The four resulting signals, as well as the di-
rect output of IC7, are applied to pin 9 of 
multiplexer ICH. This makes it possible to 
cover five decadic ranges with the same over-
all divisor, that is, 32-320 Hz, 320-3200 Hz, 
3.2-32 kHz, 32-320 kHz and 0.32-3.2 MHz. 

The multiplexer connects one of inputs 
X0—X4 or X8 to pin 1 (COM) and thence, via 
K2, to the analogue section. 

The multiplexer is controlled by DECADE 
switch S7. Combination Rio—C9 forms an anti-
bounce network. When S7 is pressed, a pulse 
is generated by Schmitt trigger IC20c and 
used to dock Johnson counter IC12. Successive 
outputs of IC12 go high at each clock input. 

To avoid elaborate settings of the divisor 
by means of binary coded decimal switches 
and to make presetting possible, UP and 
DOWN switches, S2 and Si respectively, are 
used in combination with counters IC13—IC16. 
These circuits function as synchronous decade 
scalers with presettable output latches. Figure 
6 shows that these circuits consist of three 
stages: the counter/divider proper; a mem-
ory (4-bit register); and a three-state output. 
The circuits are cascaded in such a manner 
that IC13 processes the lowest decade, and 
IC16 the highest. Preset inputs A—D on each 
of the scalers are connected to ground or the 
positive supply line by wire bridges or jump 
leads, except pin 3 of IC16, which is con-
nected permanently to +6 V to ensure that 
the start-up value is always 1 000. It is, of 
course, possible to set this value to a higher 
number. 

The counters may operate in either of two 
modes, determined by RECALL / U-D switch 
S5. If their pin 11 is high, the output buffer 
writes the content of the register, which in 
its turn stores the data of the counters when 
a first transition appears at pin 9 (RCLK). This 
transition is generated by switch S6 (STORE). 
In practice, this means that, when S5 is set to 
RECALL, S6 must be pressed briefly to ensure 

that the counter status is stored and passed 
to the output of the IC. When S5 is set to 
U/D, pressing S6 causes the counter status 
to be written into the register when the ICs 
receive the clock signal at their pin 2. Depending 
on the level at pin 1, the counters count up 
or down at every first transition. 

The correct timing of the above process is 
ensured by the networks associated with 

Fig. 10. Printed circuit board for the analogue (display) section of the generator. 

Fig. 11. The foil for the front panel is available through our Readers' services. 
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switches S1 and S,. 
When S1 is pressed, a rectangular pulse is 

generated by IC18, and applied directly to 
the U/D input of IC13-IC16. The frequency 
of the pulse is determined by Ci2 and C13.The 
clock is delayed slightly by network R18-C18 
and inverted by IC 18,-ICi8d-ICi9b-ICi9d-
IC,ob and then applied to pins 2. This ar-

Fig. 12 Photo of completed analogue (display) section board. 

rangement ensures that the level at U/D is 
always low before the first transition arrives. 

When S2 is pressed, a pulse is generated 
by ICi8b which ensures that pins 1 remain high 
so that the ICs can count upwards. 

Switch S3 enables selection of a low or 
fast clock. The clock speed can be altered by 
changing the values of C13 and C16 (fast: S3 

open) or C12 and C15 (slOW: S3 closed). 
Although the clock is connected to all four 

pins 2, the ICs do not count identically, be-
cause the RCO output of IC13 enables the 
ENT input of IC14 only when in counter po-
sition nine the next first transition arrives, that 
is, at every tenth input pulse. The same hap-
pens between IC14 and IC15 and between 
IC15 and IC16. 

Gates ICi9a_b_d, IC18d and a (discrete) OR 
gate disable the counters when position 1000 
or 9999 is reached. For instance, when the 
10 000th pulse is received, the RCO output 
of IC16 is applied to NAND gate IC18b so that 
the clock is disabled. The same happens when 
the four highest bits, Q12-Q15, are low si-
multaneously (divisor <1 000) and the out-
put of the wired-OR gate, D2-D5, is also low. 

The counters can be reset to the start value 
by pressing the DEFAULT switch, S4. Network 
IC20a—Cil—R15 generates the required pulse, 
which is applied to the LOAD input. 

Analogue (display) section 
The display section (circuit diagram in Fig. 9 
is constructed on a separate board, shown in 
Fig. 11 (see also Fig. 10). All inputs to the sec-
tion are via plug and socket (K1). 

The Q-bus is split into four. Each of the four 
groups is coupled to a BCD-to-seven-bit con-
verter, IC22-IC25, which drive the four display 
segments. The decimal points and the Hz/kHz 
LEDs are controlled via the DO-D4 lines. 

Diode D11 lights when the PLL is not locked. 

The second instalment of this three-part article will 
be published in our November 1991 issue. 

Anatomy of a practical pulse 

Pulse start line 
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TECHNICAL literature is sprinkled with 

vague, misleading and ambiguous terms 

applied to a pulse. What does the term 'pos-

itive edge' mean when applied to a negative 

pulse? Is it the 'positive-going' edge, that 

is, in this case, the last transition, previously 
called 'decay' or 'fall' time, or is it the 'first 

transition', previously 'leading edge'? 
Another common error is to assume that 

the 'pulse duration (or width)' is the dura-

tion between the first and last proximals, 

whereas, in fact, it is the duration between 

the pulse start and stop lines. 

It should also be noted that the term 'duty 

cycle' should not be used in connection with 

pulses; the proper term for the ratio of the 

pulse duration to the pulse repetition period 

of a periodic pulse train is 'duty factor'. 

Fortunately, there are national and inter-

national standards (among them British Standards 

and IEC) that normalize the terms describ-

ing properties of a pulse waveform: the most 

important are shown in the drawing. • 
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SCIENCE 8c TECHNOLOGY 

A review of coding theory 

by Brian P. McArdle 

1. Introduction 

The general area of Coding Theory for telecommunications and 
computer applications is reviewed to provide a simple introduction 
to the subject. For further information, the reader should consult the 
books in the reference section. 

There is no formal definition of a code. Essentially, messages are 
represented in some form more easily transmitted than normal writ-
ten language. In this article, a code is a digital electronic signal that 
represents a message symbol, such as a letter or number. For exam-
ple, a teleprinter code would have to have a signal for every possi-
ble symbol (26 letters, 10 numerals and other symbols) and signals 
for every operation (that is, space, carriage return and line feed con-
trols). Figure 1 shows the arrangement. 

Source 

Source Alphabet lap 

Channel 

Encoder 

Encoding Operation Ê 

Decoder 

Decoding Operation E 
 AI> Receiver 

910102 - 11 

Fig. 1. Encoding/ decoding operation. 

An encoding operation Ê turns a message symbol ai into coded 
form for transmission over a channel. The set I ai 1 is the source al-
phabet and (Pr(a)1 is the set of probabilities associated with this al-
phabet: Pr(a) is the probability that ai occurs. In normal language, 
this is the probability of occurrence of letters. The word 'channel' 
has a general meaning. It could be a cable, radio link or storage medium 
where the receiver is retrieving the messages at some later time. 
Obviously, the receiver must be able to apply a decoding operation 
Ê-I. Hence, the principal requirement for a satisfactory code is that 
the coded symbols be uniquely decodable. In mathematical terms, 
Ê[ai]cannot represent more than one symbol. E[a1] cannot equ,a1Ê[ai] 
unless ai and ai are effectively the same symbol. For example, E might 

not distinguish between upper and lower case letters. The decoded 
messages may be printed in upper case letters only. Thus, apart 
from small variations that should not affect normal understanding, 
the encoding operation, irrespective of its complexity or purpose, 
must be exactly and uniquely reversible. 
A more formal mathematical definition is that the set of coded 

symbols IÊ[ai11 must be uniquely partitioned (that is, can be di-
vided into subsets that do not overlap) such that each partition can 
be associated uniquely with a source symbol. Figure 2 shows the ar-
rangement. 

The remainder of this article attempts to explain the meaning of 
Ê in different applications, such as error-detection-correction and 
encryption. It is always assumed that the encoding operation is uniquely 
reversible unless otherwise stated. Another important assumption is 
that a memory-less source is involved. The probabilities Pr(ai)s are 
the probabilities of the general occurrence of these symbols in nor-
mal language. In reality, letters occur in groups (digraphs and tri-
graphs). i before e, except before c is a well-known expression. 
Consequently, the probability of occurrence of a particular letter could 
be influenced by preceding letters. It is also assumed that a mem-
ory-less source is being considered unless otherwise stated. The 
analysis is mostly confined to digital coding except for Section 6, 
which deals with coding for analogue signalling. 

2. Different codes 
Codes can be analysed from many different viewpoints, but engineers 
are generally concerned only with two main categories. 

(a) Fixed length codes 
Every character of such a code is represented by a block of bits with 
every block having the same length. A typical example would be a 
computer code, such as ASCII or EBCDIC. Both of these use blocks 
of eight bits. Thus, there is a total of 28 or 256 difference blocks. 
Any two blocks of the same code would have to differ in at least 
one bit. The blocks need not be symbols (letters, numbers, punctu-
ation marks) but can be controls (carriage return, line feed, etc.). 

(b) Variable length codes 
Consider an alphabet of five symbols fa, h, c, d, el. In (a), this 
would require a code of three bits per block or symbol with 23-5 = 3 
redundant blocks. However, if the following arrangement of three 
blocks of two bits per block and two blocks of three bits per block 
is used, 

a= 00,1)= 01,c= 10,d= 110,e= 111, 

the average length of a message would be reduced. Blocks still have 
a specific length, but it is no longer the same fixed length. The basic 
requirement for unique decoding must still be maintained. For ex-
ample, the bit sequence 011100011110 is easily decoded to bdaec 
with no errors. This must apply for all combinations of the symbols. 
An important quantity is the average length L of a block given by 

910102 - 12 j 
L = Ep r [Eq. 1] 

Fig. 2. Partition of the set of coded symbols. 
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where pi is the probability of occurrence of block type j with Ti bits. 
Ideally, this should be as small as possible to minimize the total 
number of bits per message. To ensure this requirement, the large 
probabilities would be paired with the smaller blocks. Morse code 
is another example where the common letter e is a dot, but z is two 
dashes followed by two dots. 

This particular example has a special significance in addition to 
variable length blocks. If it is rewritten in the form of a diagram as 
below, it seems to have a tree-type structure with different branches. 

10 =C 

00 = a 01=b 

110 =d 

111 = e 

message seems instinctively correct. However, this method of mea-
suring information has no connection with an actual signalling sys-
tem. The entropy for A= f ail is given by 

H ( A) = — E Pr ( ai)logPr ( ai ) [Eq. 3] 

and is a measure of the average information. An alternative expla-
nation, which has become more common in recent years, is that it is 
a measure of the uncertainty in the information. H(A)=0 means that 
Pr(ai)= 1 and Pr(ai)=0 for all other messages. Consequently, there 
is no doubt about the message. The maximum value occurs when 
the probabilities are the same and all messages are equally likely. If 
there are n possible messages, H(A) is between 0 and log(n). The di-
mension is information bits per symbol. 

To apply information theory to coding theory, consider Fig. 3 where 
there is a noisy channel between sender A and receiver B. The joint 
entropy is given by the equation 

H(A,B)=H(A)+H(BIA) [Eq. 4] 

910102 - 16 where H(B/A) is known as the conditional entropy or equivocation. 

Each branch is terminated by a symbol. The branches join together 
at nodal points which do not in themselves represent symbols. This 
arrangement indicates an instantaneous code. This means that the 
decoding operation does not require a 'memory', that is, it does not 
refer to blocks before or after any block that is being decoded. In 
the decoding of bdaec, it was not necessary to test the 3rd bit before 
deciding that the first two bits, 01, represented b. This property re-
mained true for the full operation and for all decoding operations ir-
respective of the combinations of symbols. (This should not be con-
fused with a memory-less source, defined earlier, where there is no 
relationship between the occurrence of different symbols.). In an 
instantaneous code, no block can be a prefix or suffix for another 
block. Huffman codes, which are too involved to be considered in a 
simple overview, come into this category. However, it must be em-
phasized that any collection of blocks of varying lengths does not 
make an instantaneous code. There is a specific requirement given 
by the Kraft inequality 

E ( ) 

j 2 j 

to form such a code. Further analysis is outside the scope of this 
paper and the reader is referred to the Reference Section for further 
study. 

3. Information theory 

Information theory has steadily increased its profile over the past 
few years and it is no longer possible to study telecommunications, 
especially coding, without touching on it somewhere. At first glance, 
the ideas behind it can appear too general and abstract for simple, 
direct applications. The fundamental fact is that the basic concepts 
of entropy, equivocation and channel capacity come from informa-
tion theory, which, in turn, has influenced coding theory, and re-
quire some explanation. 

There is a fundamental difference between an electronic signal and 
its value as information. In sound broadcasting, un unmodulated 
carrier would not convey any programme content to a listener. 
Therefore, there is a need to be able to quantify the value of a sig-
nal as information. In the 1920s, Hartley put forward the idea that 
the logarithmic function could be used as a measure of information. 
This was one of the landmarks in information theory. If two messages, 
ai and a, are independent, 

log f Pr(ai) and Pr(ai) 1=loglPr(ai)14-log I Pr(ai)1 [Eq. 2] 

and the base 2 is normally used. Remember that log' is not a linear 
function. The idea that the information contents of two independent 
messages is simply the sum of the information of each separate 

This in turn is defined as 

H(B/ A) = EH(B/ai)Pr(ai). [Eq. 51 

In non-mathematical terms, H(B/A) is a measure of the informa-
tion loss in transmission. The channel capacity is given by 

C(A,B)=maximum H(A)—H(A/B). [Eq. 6] 

This appears correct because the limit on the information conveyed 
over a channel is determined by the original uncertainty of that in-
formation (before reception) reduced by the uncertainty after recep-
tion. Essential capacity is limited only by noise and the Hartley-
Shannon law sets an upper limit of Wlog(l+SIN), where W is the in-
formation bandwidth, Sis the signal power and N is the noise power. 
For technical reasons, present-day systems operate well below this 
limit. The reader is referred to the Reference Section for further study. 

Sender A Receiver B 

910102 - 13 

Fig. 3. Communications channel. 

From the point of coding and electronic engineering, Eq. 6 can 
be simplified for normal use. Consider the case for a binary channel 
where A and B represent the input and output respectively. In gen-
eral, the probability of a '0' or '1' is /2, which gives H(A)=Iog(2)=1. 
(The entropy of the source alphabet could be computed from the prob-
ability of occurrence of the various symbols, but it is the channel 
that is now under consideration.). If p is the probability of an error 
where a '0' is received as a ' 1', or vice versa, the channel condi-
tional probabilities are 

A 1 

O (l—P) P 
1 p (1—p) 

From Eq. 5: 

H(A,B)=Pr(0)[—(1—p)log(1—p)—plog(p)1+ 
Pr( I)[—(1—p)log(1—p)—plog(p)] [Eq. 7] 

which gives a new expression for the channel capacity: 
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C(A ,B)= l+plog(p)+(l—p)log(1—p) [Eq. 8] 

in bits per symbol. This is the usual expression in most textbooks on 
telecommunications. If the signalling rate is R symbols per second, 
the right-hand side is multiplied by R to give bits per second. Thus, 
information theory can be useful in the analysis of codes. The entire 
area has become extensive and has been treated only superficially 
here. 

4. Error detection and correction 
Error detection and correction is one of the main applications of 
coding theory and paralleled its development. Figure 3 showed the 
problems with errors where a '0' can be received as a ' 1' or vice 
versa. The use of the word 'receiver' is general in that it could rep-
resent a storage medium, and so on. It suffices to say that data is 
corrupted, which limits its value upon reproduction. Section 3 
demonstrated that channel capacity is limited only by noise. To re-
duce the effects of errors, and therefore noise, extra bits are added 
to a block of data bits to create new and larger blocks, which in turn 
allow errors to be identified. 

Consider the (7,4) Hamming code as follows: 

Position: 7 6 5 4 3 2 1 c4=(d7+d6+d5) mod 2 

Bit: (17 d6 d5 c4 d3 c2 cl C2=(d7+d6+d3) mod 2 

c =(d7+d5+d3) mod 2 

There are three check bits in positions 1, 2 and 4 which have 
been derived from the data bits in the other four positions. The code 
is linear in the sense that the check bits are linear combinations of 
the data bits and the encoding operation is simply the application of 
the three linear equations. Since every block will have a total of 
seven bits without exception, the code is in the fixed length cate-
gory. The position of the check bits within the block is very signif-
icant. A receiver generates the check bits from the received data 
bits and applies the decoding rule in Appendix 1. For example, if d3 
has been altered, c1 and c2 will not be validated and so on. The ar-
rangement to check five data bits is given in Appendix 2. In both 
these examples, the set of coded blocks is such that the minimum 
variation between any two blocks in the same set is three bits. This 
is known as the Hamming distance. The reader is referred to Reference 
2 for a more detailed explanation. The main point to note is that the 
method identifies only one error per block. In general, r check bits 
have (2r-1) possible combinations and thus r bits in a total size of n 
bits must satisfy the condition (2r-1)≥n in order to identify and 
therefore correct one error. To correct two or more errors per block, 
a code with a larger Hamming distance and more complicated ar-
rangement would be needed. 

Cyclic codes are the most commonly used for error detection and 
correction. These are also of the fixed length variety. For a block of 
total size n, the check bits are produced by a generator polynomial 
which is a factor of (xn+1). A typical example is the specification 
MPT 1317 for the transmission of data over radio links. The format 
is as follows: 

DATA 
Bit 64 63 62 . . . . 17 

CHECK 
16 15 . . . .2 

PARITY 
1 

with a block size of 64 bits. However, the first bit is for parity and 
is generated by the other 63 bits. The 15 check bits are generated 
from the 48 data bits using the generator polynomial 

ex).x151.x144.x 13+x I I + x44-x2+ 1 [Eq. 9] 

which is a factor of (x63+1). Refer to Appendix 3 for an exact break-
down. The data bits are the coefficients of the terms x62 down to x15 

inclusive. Some books write the data bits on the right-hand side of 
the format, but this is not important provided they represent the 
high power terms of the polynomial. The polynomial consisting of 
only the data bits is divided by g(x). The remainder is then added 

back to produce a new polynomial such that g(x) is now a factor of 
the new polynomial. Since the check bits are essentially the original 
remainder, they represent the terms x14 down to xo. Then a parity bit 
is added in order to detect odd numbers of 1 s and the full 64-bit 
block should have even parity. Refer to Appendix 4 for the genera-
tion of a parity bit. The overall result is that the code can identify 
and correct up to four errors per block. This is a considerable im-
provement on the (7,4) Hamming code, but the operation is much 
more involved and the block size nine times larger. To check for er-
rors, the receiver divides the polynomial by g(x) and there should 
be no remainder.. 

Another example is the POCSAG code for paging, which uses 
the format 

DATA 
Bit 32 31 30 . . . .12 

CHECK 
11 .... 2 

PARITY 
1 

and the generator polynomial 

g(x)=x1O-Fx9+x8+.01-x5+x3+1 [Eq. 10] 

which is a factor of (x31 +1). Refer to Appendix 5 for an exact break-
down. The overall method is the saine with the 21 data bits gener-
ating the 10 check bits to produce a 31-bit block plus an extra par-
ity bit. 

5. Encryption 

In encryption, the Ê operation, defined in Section 1, represents a se-
crecy operation and is usually written as ÉK in most textbooks. The 
parameter K is known as the key and its purpose is to vary the op-
eration. This is in complete contrast to error-detection-correction 
where exactly the same operation is performed on all blocks with-
out exception. The importance of K is that it is generally the part of 
ÉK that is kept secret. In a publicly known algorithm, such as the 
Data Encryption Standard (DES), the complete algorithm is known. 
A user chooses a key from the set of possible keys (K) and encrypts 
the data. Thus, only encrypted data appears on the channel of Fig. 1. 
The data can be recovered by the inverse or decryption operation ÊK-1 
which also requires the correct key. If the key in use is kept secret 
and only known to authorized receivers, the data is kept secret. 
Obviously, (IC) must be sufficiently large to prevent an unautho-
rized user from trying each key in turn. There are a number of other 
requirements that are outside the scope of this paper. 

There are three main methods of encryption. 

(a) Stream encryption 
In Fig. 4, each bit of the data is added modulo 2 using an XOR logic 
operation. A sequence of key bits is produced by the key generator 
such that each data bit is encrypted by its own particular key bit. 

910102-14 

Key Generator 

Fig. 4. Stream encryption. 

The authorized receiver must know the method of key generation to 
reproduce the exact same sequence. The inverse operation is simply 
to apply the key sequence in the correct order to the sequence of en-
crypted bits. It would be too complicated to discuss the various 
techniques of key generation, but the most common method uses 
shift registers to generate a pseudo-random binary sequence. Generally, 
part of this process must be kept secret, such as the number of stages 
and feedback arrangements. The current proposals to provide en-
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cryption facilities on the cellular system GSM or for digital short-
range radio DSRR are believed to use a form of stream encryption. 
However, the information is confidential and it is very likely that 
the exact method will not be made public. 

(b) Block encryption 
Block encryption—see Fig. 5—differs from stream encryption in that 
a block is encrypted as a single unit. The most widely known method 
is the US Data Encryption Standard, which uses blocks of 64 bits 
for input and output. The algorithm was published in 1977 and the 
exact method is for public information. The actual key is a 56-bit 
block, so that the number of possible keys is 256. In operation, the 
authorized receiver would know the particular key in use and apply 
the inverse or decryption algorithm. Controversy has always sur-
rounded the key size and recent articles have suggested methods for 
an improved DES. 

Input Block 

Block 

Operation 

Bk 
Output Block 

Key 

910102.15 

Fig. 5. Block encryption. 

The main advantage over (a) is that a satisfactory block opera-
tion creates interdependence between the bits of a block. If one bit 
of an input block is varied, a number of bits in the output block are 
altered. However, it is generally much slower than stream encryp-
tion and cannot be used for high-speed telecommunications appli-
cations. 

(c) Public key encryption 
Public key encryption differs from the methods in (a) and (b) in that 
part of the key is made public, whence its name. The main require-
ment is that the part which must remain secret should not be easily 
deducible from the public part. A typical example is the RSA method 
introduced in 1978. Each user publishes two numbers, N and e. N is 
very large, of the order of 80 digits, and the product of two primes, 
P and Q, while e and d satisfy the equation 

1=ed mod (P-1)(Q-1). [Eq. 11] 

Only e is made public; d, P and Q remain secret. If user A wishes to 
forward the message 'a' to user B, A looks up the parameters N and 
e for B and transmits 

b = ae mod N. 

User B recovers the original message from 

a=bd mod N; 

processing was in use. However, codes are also used in analogue 
electronics, but their application is rather limited. For example, in 
the PMR service, CTCSS (continuous tone controlled signalling 
system) has been around for a number of years. During transmis-
sion, an encoder generates a specific audio tone that modulates the 
radio frequency carrier. This tone is continuous for the duration of 
a message. In the absence of a CTCSS signal, the decoder at the re-
ceiving end is deactuated. 

Another example is tone selective calling, such as EEA and 
ZVEI. In these methods, a sequence of five tones is used to form an 
address for a receiver. Both EEA and ZVEI have a total of 12 pos-
sible tones. Each possible address consists of a set of five, which 
actuates the receiver from the point of the user. However, despite these 
examples, coding has remained almost exclusively digital and the cel-
lular GSM standard actually prohibits the use of tones. 
On the secrecy side, there are voice scramblers that use fre-

quency inversion, but increasingly the trend has been to digitize speech 
(for instance, ADPCM—Appendix 6) and to apply the techniques 
of Section 5. Coding in analogue signal processing is very restricted 
and need not be considered seriously. 
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Appendix 1 

The receiver re-calculates the check bits and validates them against 
the received values. 

c 1 and c2 are not validated = d3 is incorrect 
ci and c4 are not validated d5 is incorrect 
c2 and c4 are not validated d6 is incorrect 
c1, c2 and c4 are not validated (17 is incorrect 

[Eq. 12] The sum of the indices of the check bits indicate the location of 
the erroneous bit. The correction process replaces a '0' by a ' 1' or 
vice versa. The principal difficulty is that two errors can cause a 
correct bit to be changed. 

[Eq. 131 

since d is one of the secret parameters, this cannot be done by any 
other user. From a secrecy point of view, an unauthorized user 
would have to factor N into P and Q to calculate d. Thus, as long as 
N is sufficiently large, this is impractical and the method is secure. 
There are other methods, such as the Merkle-Hellman-Knapsack 
Method, but they all follow the same principle of a public and a pri-
vate key. Equations 12 and 13 are the equivalents of the encoding 
and decoding operations. 

6. Coding for analogue signalling 

In the preceding four sections, it was assumed that digital signal 

Appendix 2 

The Hamming code for five data bits is d9 cg d7 d6 d5 c4 d3 c2 c1 and 
requires four check bits with the same procedure as in the (7,4) 
code. r check bits can test up to 2r-1 locations. For r=3, this gives 
n=23-1, which leaves four data bits. For r=4, there is a block size 
n=15 which allows for 11 data bits and four check bits in the order: 

d15 d1.4 di 3 (112 d11 d10 d9 cg c17 d6 d5 c4 d3 c2 cl. 

Appendix 3 

For a 63-bit block, the factors of the modulus are: 
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(X63+1 )= (X+ 1 )(X2+X+ 1 )(X3+X+1 )(X3+X2+1)(X6+X+ 1)(x6+x3+1) 
(x6+x4+x2+x+1)(x6+x4+x3+x+1)(x6+x5+1)(x6+x5+x2+x+1) 
(x6+x5+x3+x2+1)(x6+x5+x4+x+1)(x6+x5+x4+x2+1). 

Each of these factors is irreducible in that it cannot be factored 
further while keeping real coefficients that are 0 or 1. In MPT 1317, 
the generator polynomial has the following factors: 

x15-Fx14+x13-Fx I I +x4-Fx2+ 1 = (x3-1-x2+ 1 )(X6+X+1)(x6+x4+x2+x+1) 

and is a factor of (x63+1) as per the mathematical conditions. 

Appendix 4 

Consider the generation of a parity bit in the following table 

d3 
d2 
c 1 

0 0 1 1 
0 1 0 1 
0 1 1 0 

In mathematical terms, the appropriate generator polynomial, g(x), 
divides the polynomial (d3x2+d2x+1). Let 

g(x)=(x+1) and d3x2+d2x+c i=(w ix+w2)(x+1) 

Equating terms on each side gives 

w =d3 wi+w-,=d2 

w2=wl+d2=d3-Fd2=c1 
w2=c1 

as per the table. In Appendix 3, the generator polynomial is not a 
factor of (x64+1), but of (X63+1). The 64th parity bit has the genera-
tor polynomial (x+1). 

Appendix 5 

For the POCSAG, the modulus has the following factors 

(X31+1 )=(x+1)(x5+x2+1)(x5+x3+1)(x5+x3+x2+x+1) 
(x5+x4+x2+x+1)(x5+x4+x3+x+1)(x5+x4+x3+x2+1) 

and the generator polynomial consists of the factors 

x I 0+X9+X8+X6+X5+X3+1=(x5-i-x2+1)(x5-i-x4+x3+x2+1) 

and thus divides (X31 +1). 

Appendix 6 

ADPCM (adaptive differential pulse code modulation) was ac-
cepted by the CCITT in 1984 for encoding speech. Each sampled 
speech signal is originally encoded into a 12-bit block. This is com-
pared with 16 quantizing levels and the nearest level chosen. This 
means that a block of 12 bits can now be replaced by a block of only 
four bits. The actual mechanism is quite complicated and is consid-
erably different from PCM. The final result is a transmission rate of 
12 kbit/sec. 

FOUR-TERMINAL NETWORKS - PART 1 

Getting to grips with attenuators 

by Steve Knight, BSc 

Most electronic equipment has an attenuator or attenuators of one 
sort or another. The object of these is to reduce to manageable 

levels a signal we have elsewhere worked like mad to build up. The 
usual objective is to turn out more than we want, then cut it down to 
the size we do want. This might sound like an easy option but, like 
many other things electronic, what we want and what we get aren't 
always identical. So, apart from the intrusion of Sod's Law which 

reigns universally, I hope that what follows will cast a ray of light on 
the often neglected subject of attenuator systems. 

W E might define transmission networks 
in general terms as circuits that have 

two input terminals and two output termi-
nals which are introduced between a gener-
ator and its load impedance. These networks, 
which are referred to as four-terminal net-
works, have properties that depend on the 
work they have to do in the transmission 
system; in the case of an attenuator, which 
is our main concern, it must enable us to ob-
tain as output some desired fraction of the 
input which is entirely independent of the sig-
nal frequency. Clearly, such an attenuator sys-
tem must be built up from purely resistive Fig. 1. Elementary attenuator. 

elements, since reactive components will lead 
to frequency discrimination over all or cer-
tain parts of the band. Further, existing im-
pedance conditions in the system into which 
the attenuator is introduced must not be dis-
turbed. 

The most elementary attenuator of all is 
the potential divider network that usually turns 
up in the form of a variable resistor. Figure 1 
shows the system; our input goes between ter-
minals 1 and 2 and we get the output from 
terminals 3 and 4. This is a four-terminal 
network, two of whose terminals are com-
moned, and we obtain an output that can be 
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a fraction of the input lying between the lim-
its of 0 and 1. This is, no doubt, quite a sat-
isfactory arrangement for turning the vol-
ume up and down on a radio receiver, but it 
fails dismally if we harbour ambitions for 
making precise quantitative measurements. 
Outside of the simplest applications to which 
such an attenuator might be put, the disad-
vantages are not hard to find. 

The output has to feed into some kind of 
load impedance; assume for a moment that 
this is resistive. What the input terminals 'see', 
therefore, is not a constant resistance, but 
one that is made up of a non-linear combi-
nation of two resistances in parallel. Hence, 
the generator loading is variable and the po-
tential difference—p.d.—at the input termi-
nals is itself changing as the attenuator is 
operated. Not really the sort of thing we 
want if we are concerned with exactly how 
much attenuation we are getting and how it 
might affect the characteristics of the trans-
mission path. What do we require from an 
attenuator if it is to do a worthwhile job? Well, 
we want it to introduce any needed degree 
of attenuation, but at the same time we want 
the input and output resistances to be such 
that the impedance conditions existing in 
the circuit are not upset in any way: if I 
want to insert an attenuator into a 300 
line, the attenuator impedance must also be 
300 e. 

Let us see how well-defined characteris-
tics can be applied to attenuator networks so 
that we can get the quantitative results we 
want for our own particular requirements. 

Basic characteristics 
Four-terminal networks may come in two for-
mats: symmetrical, in which we can inter-
change the input and output terminals with-
out affecting in any way the electrical char-
acteristics of the circuit; and asymmetrical, 
in which this last condition does not hold. The 
simple attenuator of Fig. 1 is clearly asym-
metrical. Each of the two formats may be 
balanced or unbalanced, definitions to which 
we shall revert later on. 

Symmetrical systems have two funda-
mental characteristics that are essential to our 
understanding of their function in life: the 
characteristic impedance, symbolized Z. in 
the complex case, and the attenuation con-
stant a. For purely resistive networks, we 
can talk about characteristic resistance, Ro, 
and attenuation factor N. 

Fig. 2. Defining the characteristic resistance of a network. 

Characteristic resistance 
Let us use our imagination for a moment. 
Suppose we have a network made up of an 
infinite number of identical repetitive sec-
tions as in Fig. 2a. Each section contains a 
number of resistances, but how these are ac-
tually arranged is not important at this stage. 
Suffice it to say that the resistance measured 
at the input terminals, 1 and 2, will have a 
certain magnitude that will depend only on 
the nature and circuit arrangement of the in-
dividual sections. Suppose this resistance to 
be R0. 

Now, it might appear that we are getting 
into deep water by this approach: as the net-
work is infinitely long, what chance do we 
have of calculating R, for a specific case 
where the contents of only one (or of a finite 
number) of the sections is known? Fortunately, 
there is a way out of the impasse by a rela-
tively simple dodge: suppose we remove the 
first section of the infinite chain as in Fig. 2b. 
The input resistance of the remainder of the 
array as measured at terminals 5 and 6 will 
be the same as that measured originally at 
terminals 1 and 2, because the infinite na-
ture of the assembly is unaffected by re-
moving the first section (or any finite num-
ber of sections, come to that); so we could still 
measure Ro. The input resistance of the sec-
tion we have removed, however, is very un-
likely to be Ro, but we can make it so in one 
of two ways: by replacing the rest of the in-
finite chain (not a very practical way, to be 
sure), or by putting across terminals 3 and 4 
a single resistance of a value equal to Ro. 

Now, this second method gives us the 
clue we want: no matter how many finite 
sections we remove from the infinite chain, 
if we terminate them with a resistor of value 

R1 

(b) 
910103 - 1 • 3 

Ro, the input resistance will also be equal to 
R, since these sections are effectively ter-
minated by R, when reconnected to the rest 
of the infinite array. With this proper value 
of termination, that is, the characteristic re-
sistance of each section, therefore, the input 
conditions are such that anything connected 
to the input terminals cannot distinguish be-
tween an infinite network or a finite net-
work so terminated. 

Hence, we can define the characteristic re-
sistance, Ro, of an attenuator network: any 
symmetrical network terminated in R, will 
have an input resistance also equal to Ro. And 
this, of course, must also be true when work-
ing from output to input. 

Attenuation factor 

What about the attenuation constant, or the 
attenuation factor as it is more generally 
known for resistive networks? Well, this 
simply tells us the loss sustained in each 
section of a network. This loss may be ex-
pressed as a fraction of the input or as a re-
duction in decibels (dB); if the output is one-
half the input, for example, the voltage (or 
current) attenuation is 6 dB. 

Each section of an attenuator network 
will attenuate at identical rates, but the ac-
tual amount of attenuation is different as we 
proceed along the chain. Suppose, for instance, 
that we start off with unit input and lose half 
of this input in each section. The output of 
section 1 will be 1/2 and this becomes the input 
to section 2. Here again, half the input is 
lost, so the output of section 2 will be 1/2x1/2 
or 1/4. After the following section, the out-
put will be 1/4x1/2=1/8. Hence, the amount 
of loss differs for each section because the 

Fig. 3. The forms of the T-section and the it-section 
attenuators. 

Fig. 4. Extreme termination conditions enable Ro to be 
calculated. 
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magnitude remaining to be attenuated at any 
stage is becoming progressively smaller. 
The rate of loss, however, remains constant. 

For n sections, each reducing the input 
by some fraction p, the output will be pn; if 
the attenuation is expressed in dB, n sec-
tions, each having a loss of p dB, will have 
an overall loss of np dB. 

Finding R0 

Let us get down to the job of calculating the 
characteristic resistance of an attenuator 
section from a knowledge of its component 
parts. 

The forms taken by individual sections 
of the general attenuator array are T—sec-
tions or it—sections; these are illustrated re-
spectively in Fig. 3a and Fig. 3b. The T—sec-
tion, as its configuration clearly implies, is 
made up of a divided series-arm and a cen-
tral shunt-aim. Used between equal impedances, 
the section is symmetrical when the series-
arm contains two equal resistances. The 
it—section, again as its form implies, con-
sists of a single series-arm and two shunt-
k.rms. This section is symmetrical when the 
shunt-arms are equal resistances. Both sec-
tions, though symmetrical in the way de-
scribed, are unbalanced in the sense that the 
series-arm members are on one side of the 
section 'through' wires. It is essential not to 
get 'symmetry' confused with balance when 
talking about attenuator sections. 

Working on the T—section for convenience 
(the it—section will lead us to exactly the same 
end-result), suppose we terminate the section 
at points 3 and 4 with the extreme condi-
tions of, first, an open-circuit, and secondly, 
a short-circuit. Figures 4a and 4b show these 
cases. Clearly, in the first case, the input re-
sistance seen at terminals 1 and 2 will be 

Roc.R1+R2, 

and in the second case, it will be 

Rs,-,R 1+R 1R2/(R 1+R2). 

Now, between these open-circuited and 
short-circuited conditions at the termina-
tion, there can be an infinite range of resis-
tance values; as the termination changes 
through this range, the input resistance will 
change also. It seems reasonable, therefore, 
that there will be some value of the termi-
nating resistance that will make the input 
resistance also equal to this value. This value 

Fig. 6. How sections can be cascaded. Fig. 7. Networks with identical R, but different 
attenuations. 

Fig. 5. A correctly terminated section. 

must be, in accordance with our earlier stated 
definition, the characteristic resistance of 
the attenuator section. So, from Fig. 5 we have 

ReRi+Rel-FR0)1(Ri+R2+Ro). 

Solving this for R0, we get 

1?„=*R12+2RIR2). 

This enables us to find the characteristic 
resistance of a section from a knowledge of 
the resistor values making up the section. 
We can now go one step further and find 

Ro without necessarily knowing the values 
of the elements used in a section. All we 
need to know is the input resistance (which 
can easily be measured) when the output 
terminals are either open-circuited or short-
circuited. For, looking back a few lines, we 
have the product RocR„ expressible as 

RocRs,=(Ri+R2)[Ri+RiR21(RIA-R2)], 

and multiplying this out, we get 

RoeRsc=R12+2R1R2. 

The right-hand side of this is R02, so that 

ReNI(R0,1?„), 

which provides us with a very neat way of 
calculating the characteristic resistance of any 
section. 

Cascaded sections 

Although a single section will operate suc-
cessfully as an attenuator, it is usual to have 
a number of sections in cascade or tandem 
so that a range of attenuation is provided. 
Once the R, of a particular section has been 
found, another section may be added to it with-
out affecting the overall characteristic resis-
tance. For, if in Fig. 6a section A is terminated 

correctly by R0, an identical section connected 
in place of R„, will in turn correctly termi-
nate A, since section A will be unable to 
distinguish between the presence of section 
B or the presence of a single terminating re-
sistor equal in value to R,. 

It is plain that no matter how many such 
sections are wired in cascade, the input re-
sistance will remain at R0. What will change 
as we progress along the chain is the total 
attenuation: each section will introduce the 
same attenuation, but the desired overall at-
tenuation can be achieved by using the re-
quired number of sections. 

Finding the attenuation 

Knowing the characteristic resistance of a cir-
cuit into which an attenuator is to be in-
serted, the problem of design boils down to 
finding suitable values for R1 and R2, given 
R, and the required attenuation. 
A desired value of Ro can be obtained 

with numerous combinations of RI and R2; 
looking at Fig. 7, for instance, both sections 
shown have a characteristic resistance of 30 S2 
(check on this for yourself!), but the net-
work on the right will provide a greater de-
gree of attenuation than the one on the left. 

As we have already mentioned, the at-
tenuation may be expressed as a fraction, 
that is, as a ratio of output voltage (U0) to 
input voltage (Ui). Expressed in decibels, 

attenuation=20log(Ui/U0). 

If the ratio of the input power, Pi, and the 
output power, P,, is taken, 

attenuation=l0log(Pi/Po) [dB] 

=20logNI(Pi/P0) [dB], 

whence UilU,=.4(Pi1P0)=N , the attenuation 
factor. Notice that with this notation the at-
tenuation is expressed as a whole number, not 
a proper fraction. This often makes calcula-
tions easier. 

In next month's concluding part of this 
article, we shall see how the attenuation can 

be provided, and how practical attenuators 
can be built to suit a variety of occasions. 
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Fiber Optics Part 2 

Last month we discussed the basic theory behind optical fiber 
systems. It was learned that fiber optics are the light equivalent of 
microwave waveguides, and that they are capable of immense 

bandwidth communications. In this month's final instalment we will 
look at fiber communications and some of the circuits that can be 

used with experimenter grade optical fiber kits. 

by Joseph J. Carr 

Losses in optical fiber 
systems 
Decibel notation can be used for optical fiber sys-
tems and refers to the gain or loss of each stage or 
component in the system. The dBkm scale uses 
decibels of gain or loss relative to the attenuation 
of a standard optical fiber section over a one ki-
lometre (1 km) length. Alternatively, either dBmi 
(dB loss relative to attenuation over 1 mile) or 
dB1 (a normalized unit length) can be used. 

The light power at the output end of a optical 
fiber (P.) is reduced compared with the input 
light power (PO because of losses in the system. 
As in many natural systems, light loss in the fiber 
material tends to be decaying exponentially 
(Fig. I a), so obeys an equation of the form: 

po = pin e ( -AIL) 

Where: 
A is the length of the optical fiber being con-
sidered; 
L is the unit length, i.e., the length for which 

CA/1-• = e . 

There are several mechanisms for loss in fiber op-
tics systems. Some of these are inherent in any 
light-based system, while others are a function of 
the design of the specific system being con-
sidered. 

Defect losses 
Figure 1 b shows several possible sources of loss 
owing to defects in the fiber itself. First, in unclad 
fibers, surface defects (nicks or scratches) that 
breech the integrity of the surface will allow light 
to escape. In other words, not all of the light is 
propagated along the fiber. Second (also in un-
clad fibers), grease, oil or other contaminants on 
the surface of the fiber may form an area with an 
index of refraction different from what is ex-
pected and cause the light direction to change. 

And if the contaminant has an index of refraction 
similar to glass, then it may act as if it were glass 
and cause loss of light to the outside world. Fi-
nally, there is always the possibility of inclusions, 
i.e., objects, specks or voids in the material mak-
ing up the optical fiber. Inclusions can affect both 
clad and unclad fibers. When light hits the inclu-
sion it tends to scatter in all directions, causing a 
loss. Some of the light rays scattered from the in-

Fig. 1. (a) Exponential decay of signal strength along an optical fiber; (b) mechanisms of 
loss in fibers. 

clusion may recombine either destructively or 
constructively with the main ray, but most do not. 

Inverse square law losses 
In all light systems there is the possibility of 
losses caused by spreading (divergence) of the 
beam. If you take a flashlight and point it at a 
wall, and measure the illuminance per unit area at 
the wall at a distance of, say, one meter, and then 

back off to twice the distance (two meters) and 
then measure again, you will find that the illumin-
ance has dropped to one-fourth. In other words, 
the illuminance per unit area is inversely propor-
tional to the square of the distance (1/d2). 

Transmission losses 
These losses are caused by light that is caught in 
the cladding material of clad optical fibers. This 
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Fig. 2. (a) Air coupling creates reflection losses; (b) matching liquid coupling improves the 
junction. 

light is either lost to the outside, or is trapped in 
the cladding layer and is thus not available for 
propagation in the core. 

Absorption losses 
This form of loss is caused by the nature of the 
core material, and is inversely proportional to the 
transparency of the material. In addition, in some 
materials absorption losses are not uniform 
across the light spectrum, but are thought to be 
wavelength sensitive. 

Coupling losses 
Another form of loss is caused by coupling sys-
tems. All couplings (of which more is said later) 
have loss associated with them. Several different 
losses of this sort are identified. 

Mismatched fiber diameters 
This form of loss is caused by coupling a large 
diameter fiber (DL) to a small diameter fiber (Ds); 
i.e., the larger diameter fiber transmits to the 

lesser diameter fiber. As a ratio, this loss is ex-
pressed by: 

loss= —10 logHsj (dB) [2] 
DL 

Numerical aperture (NA) coupling losses 
Another form of coupling loss occurs when the 
numerical apertures of the two fibers are mis-
matched. If NAR is the numerical aperture of the 
receiving fiber, and NAT that of the transmitting 
fiber, then the loss is expressed as: 

NAR 
loss= —10 log [—NAT) (dB) [31 

Fresnel reflection losses 
These losses occur at the interface between the 
optical fiber and air—see Fig. 2a—and are 
caused by the large change of refractive index at 
the glass-air barrier. There are actually two losses 
to consider. First is the loss caused by internal re-
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flection from the inner surface of the interface, 
while the second is caused by reflection from the 
opposite surface across the air gap in the coup-
ling. Typically, the internal reflection loss is of 
the order of 4 per cent, while the external reflec-
tion is about 8 per cent. 

Any kind of reflection in an optical trans-
mission system may be compared to reflections 
in a radio transmission line (standing-wave ratio). 
Studying standing waves and related subjects in 
books on RF systems can yield some under-
standing of these problems. The amount of reflec-
tion in coupled optical systems uses similar 
arithmetic: 

r_ (pi -p2)2 
pi+p2 

[4] 

Where: 

r is the coefficient of reflection; 
Pi is the coefficient of reflection for the receiv-
ing material; 
P2 is the coefficient of reflection for the trans-
mitting material. 

Mismatched reflection coefficients are analogous 
to a mismatch of impedances in a radio trans-
mission system. Whereas the cure in a trans-
mission line system is to use an impedance 
matching device, in fiber optics, a coupler that 
matches the 'optical impedances', that is, the 
coefficients of reflection, is used. Figure 2b 
shows a coupling between the two ends of fibers 
(lenses may or may not be used depending on the 
system). The gel or liquid used to seal the coup-
lings must have a coefficient of reflection similar 
to that of the fiber. The reflection losses are 
thereby reduced or even eliminated. 

Optical fiber 
communications systems 

A communications system requires an informa-
tion signal source (e.g., voice, music, digital data, 
or an analogue voltage representing a physical 
parameter), a transmitter, a propagation media (in 
this case optical fibers), a receiver preamplifier, a 
receiver, and an output. In addition, the transmit-
ter may include any of several different forms of 
encoder or modulator, and the receiver may con-
tain a decoder or demodulator. 

Figure 3 shows two main forms of communi-
cations link. The simplex system is shown in 
Fig. 3a. In this system a single transmitter sends 
light (information) over the path in only one di-
rection to a receiver set at the other end. The re-
ceiver can not reply or otherwise send data back 
the other way. The simplex system requires only 
a single transmitter and a single receiver module 
per channel. 
A duplex system (Fig. 3b) is able to simulta-

neously send data in both directions, allowing 
both send and receive capability at both ends. The 
duplex system requires a receiver and a transmit-
ter module at both ends, plus two-way beam split-
ting Y-couplers at each end. 

There is also a half-duplex system known in 
communications, but this is of little interest here. 
A half-duplex system can transmit in both direc-
tions, but not at the same time. 

Fig. 3. (a) Simplex communications system; (b) duplex communications system. 
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Fig. 4. (a) Digital driver circuit; (b) anal-
ogue driver circuit; (c) d.c. offset bias is 
needed to prevent distortion of the analogue 
signal. 

Receiver amplifier and 
transmitter driver circuits 

Before the fiber optics system is useful for com-
munications, a means must be provided for con-
verting electrical (analogue or digital) signals 
into light beams. Also necessary is a means for 
converting the light beams from the optical fibers 
back into electrical signals. These jobs are done 
by driver and receiver preamplifier circuits re-
spectively. 

Figure 4 shows two possible driver circuits. 
Both circuits use light emitting diodes (LEDs) as 
the light source. The circuit in Fig. 4a is useful for 
digital data communications. The signals are 
characterized by on/off (high/low or 1/0) states in 
which the light emitting diode is either on or off, 
indicating which of the two possible binary digits 
is required at the moment. 

The driver circuit consists of an open-collec-
tor digital inverter. These devices obey a very 
simple rule: if the input (A) is high, the output (B) 
is low; if the input (A) is low, the output (B) is 
high. Thus, when the input data signal is high, 

point B is low, so the cathode of the LED is 
grounded. The LED turns on and sends a light 
beam down the optical fiber line. But when the 
input data line is low, point B is high, so the LED 
is ungrounded (and therefore turned off) — no 
light enters the fiber. The resistor (RI) is used to 
limit the current flowing in the LED to a safe 
value. Its resistance is found from Ohm's law and 
the maximum allowable LED current: 

(U+) — 0.7 
R1 = 

"max 
[5] 

An analogue driver circuit suitable for voice and 
instrumentation signals is shown in Fig. 4b. This 
circuit is based on an operational amplifier. There 
are two aspects to this circuit: the signal path and 
the d.c. offset bias. The latter is needed in order 
to place the output voltage at a point where the 
LED lights at about one-half of its maximum bril-
liance when the input voltage, Un„ is zero. That 
way, negative signals will reduce the LED bright-
ness, but will not turn it off (see Fig. 4c). In other 
words, biasing avoids clipping of the negative 
peaks. If the expected signals are monopolar, Ut 
is set to barely turn on the LED when the input 
signal is zero. 

The signal Utn sees an inverting follower with 
a gain of RF/Rin, so the total output voltage (ac-
counting for the d.c. bias) is: 

— [—UniRF)+ tit (RF I) 

Rin 
[ 6 

Because the network R2/P1 is a resistor voltage 
divider, the value of Ut will vary from 0 volts to 
a maximum of: 

Ut = 
R2 + PI 

(U+)Pt 

Therefore, we may conclude that Uo(max) is: 

( 
—Uin RF) ((u+) PI  j[RF , ) 

tionax) — Rin + R2 + p i  Rin + i 

[7] 

[8] 

Three different receiver preamplifier circuits are 
shown in Fig. 5: analogue versions are shown in 
Figs. 5a and 51), while a digital version is shown 
in Fig. Sc. The analogue versions of the receiver 
preamplifiers are based on operational amplifiers. 
Both analogue receiver preamplifiers use a 
photodiode as the sensor. These p-n or p-i-n junc-
tion diodes produce an output current, 4, that is 
proportional to the illumination on the diode 

junction. 
The version shown in Fig. Sa is based on the 

inverting follower circuit. The diode is connected 
so that its non-inverting input is grounded, i.e., at 
zero volts potential, and the diode current is ap-
plied to the inverting input. The feedback current 
(IF) exactly balances the diode current, so the out-
put voltage will be: 

Uo = Io RF 

Fig. 5. (a) Inverting follower receiver; (b) 
non-inverting follower receiver; (c) digital re-
ceiver based on Schmitt trigger. 

RF 
Up =10 RI, + 

Ain 
[10] 

Both analogue circuits will respond to digital cir-
cuits, but they are not at their best for that type of 
signal. Digital signals will have to be recon-
structed because of sloppiness caused by disper-
sion. A better circuit is that of Fig. Sc. In this 
circuit, the sensor is a phototransistor connected 
in the common emitter configuration. When light 
falls on the base region, the transistor conducts, 
causing its collector to be at a potential only a few 
tenths of a volt above ground potential. Conver-

sely, when no light falls on the base, the collector 
of the transistor is at a potential close to U+, the 
power supply potential. 

The clean-up action occurs in the following 
stage: a Schmitt trigger. The output of such a de-
vice will snap high when the input voltage ex-
ceeds a certain minimum threshold, and remains 
high until the input voltage drops below another 
threshold (these thresholds are not equal). Thus, 
the output of the Schmitt trigger is a clean digital 
signal, while the sensed signal is a lot more 

sloppy. 

9] Conclusion [ 

The non-inverting follower version shown in 
Fig. 5b uses the diode current to produce a volt-
age drop (Ut) across a load resistance, RL. The 
output voltage for this circuit is: 

Fibre optics can be used by experimenters and 
small users: even Radio Shack (Tandy) has fiber 
optics kits available. Other suppliers can be found 
by perusing the ads of this magazine. Edmund 
Scientific (USA) has a particularly nice selection. 
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AM BROADCAST RECEIVER 

In these days of stereo FM, medium-wave AM reception is often 
viewed with contempt, and the quality of a sophisticated hi-fi stereo 
tuner is solely judged by the specifications of the FM section, with 
the AM section taken for granted. No wonder that the AM reception 
of these hi-fi tuners is no better than that of any cheap portable 

radio. 

by R. Shankar 

THIS article describes a top-of-the-range 
AM receiver with the following features: 

• High quality audio output with a —6 dB 
bandwidth of 12 Hz to 4.5 kHz, and a 
total harmonic distortion of only 0.5%. 

• High input signal range of nearly 60 dB 
with virtually no change in the audio out-
put level. 

• A phase-locked loop (PLL) which keeps 
the intermediate frequency (IF) at exactly 
455 kHz even when the receiver is 
slightly mistuned to a station. Since a 
small difference between the tuning of 

the antenna and that of the oscillator sec-
tions is inevitable in any receiver, this re-
laxation can be considered as a kind of 
fine tuning. Also, oscillator drift has no 
effect on the IF. 

• An extremely steep IF cut-off charac-
teristic thanks to a communications-
grade ceramic filter. 

Principle of operation 

Basically a superheterodyne type, the pro-
posed receiver is considerably more sophis-

ticated than a good many hi-fi stereo tuners. 
A few salient differences are listed below. 

AFC 
As mentioned before, the local oscillator fre-
quency is adjusted by a PLL so that the IF is 
held at exactly 455 kHz. This AFC (automat-
ic frequency control) function may be turned 
off by a switch, in which case the local oscil-
lator runs free, functioning just as in most 
other receivers. A certain level of carrier has 
to be present for the AFC to function. Other-
wise, it is automatically switched off to en-

Fig. 1. Front end of the AM broadcast receiver. 
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Fig. 2. Basic schematic and response of the of the automatic gain control (AGC). 

able tuning to a different station. 

AGC 
Most AM receivers use a single transistor for 
the AGC (automatic gain control) function. 
By contrast, this receiver uses an elaborate 
two-stage AGC circuit to obtain a level con-
trol range of nearly 60 dB without overload-
ing or excessive noise. 

Active detector 
Whereas most AM receivers use a single 
point-contact diode for the detector, the 

present design is based on an active detector 
stage, which has a distortion of less than 
0.5% rather than the more usual 2% intro-
duced by a diode. 

Design background 
The total circuit, excluding the power sup-
ply, uses 6 standard ICs and 15 transistors. 
Two ceramic filters are used. At first, it was 
decided to have only two IF stages, but in the 
end four were found necessary. The reason 
is as follows: in order to keep the audio out-

put as flat as possible up to 4.5 kHz, the Q 
factor of each IF stage has to be reduced to a 
maximum of 25 by loadig it. Inevitably, re-
ducing the Q reduces the`gain. Further gain 
reduction is caused by the insertion loss of 
the ceramic filter. So, in order to obtain a 
high input sensitivity (27 µV for 20 dB sig-
nal-to-noise ratio), four IF stages were found 
necessary. 

For 4.5 kHz sidebands, the relative gain 
roll-off of the IF stages alone (including the 
ceramic filter) amounts to about 4 dB. The 
roll-off of the antenna tuned circuit is an-

Fig. 3. IF amplifier and demodulator. 
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other 2 dB. This means that the total audio 
attenuation at 4.5 kHz is 6 dB, which is con-
sidered good for an AM receiver. 

An important point must be made about 
the IFTs (intermediate frequency transfor-
mers) used in this circuit. These are basically 
468-kHz types with built-in 180-pF capaci-
tors. Though these IFTs can be tuned to 
455 kHz, the stability suffers. For this reason, 
every IFT is fitted with an external 10-pF ca-
pacitor across the primary winding. Note 
that these 10-pF capacitors are not shown in 
the circuit diagram. The IFTs have not been 
used in the order suggested by the manufac-
turer, Toko. The reason that these particular 
468-kHz types were selected is that there 
were no good 455-kHz types available from 
the author's supplier, Cirkit. Since the signal 
levels and impedances in the IF amplifier 
have been painstakingly ascertained, no at-
tempts should be made to use types of IFTs 
other than the ones indicated, or the purpose 
of this project is defeated. 

As regards distortion in amplifiers based 
on bipolar transistors, odd-order harmonic 
distortion is negligible for base-emitter volt-
age swings of less than 5 mV. At 3 mV, for 
example, the third-order harmonic distor-
tion is only 0.06%. The second-order har-
monic distortion, however, is nearly 3%. 
Fortunately, even-order products do not 
matter in the IF stages as they fall outside the 
pass-band. The upshot is that the simple 
single-ended common-emitter stage is per-
fectly acceptable. Not so in the mixer stage, 
however, where even-order intermodula-
tion products are troublesome when the re-
ceiver is tuned to about 910 kHz (twice the 
IF), because they coincide with the image fre-
quency. As the second-order products are 
considerable even for small input swings, a 
differential amplifier should be used for the 
mixer. 

Contrary to popular belief, bipolar tran-
sistors are better suited to AGC circuits than 
FETs or MOSFETs. There are two reasons for 
this. First, the linearity of a FET or MOSFET 
deteriorates rapidly when its transconduct-
ance is made smaller than a tenth of its maxi-
mum value. Interestingly, precisely that 
condition would arise when a strong signal 
is received. Second, the exponential charac-
teristic of a bipolar transistor results in an 
AGC loop gain which is independent of the 
carrier strength. For a FET, it can vary by a 
factor of 100, giving rise to wildly varying 
loop response times and lower cut-off fre-
quencies. 

The circuit 

Input stage 
Figure 1 shows the input stage of the re-
ceiver, which comprises the mixer, the first 
IF amplifier, and the AGC. The antenna 
tuned circuit comprises Li, Cl a, C2 and C3, 
with the ferrite rod, Li, tapped at a fourth 
from earth. When the signal strength is high, 
a resistor can be switched in series with the 
tuned circuit for two purposes. First, it in-
creases the bandwidth so that the high-fre-
quency response is improved. Second, it 

Fig. 4. Local oscillator. 

decreases the signal level, and prevents dis-
tortion. 

Transistor Ti is a buffer that prevents the 
mixer stage from loading the tuned circuit, 
especially at the higher end of the band. Ti 
operates at id=fdss, which results in maxi-
mum gain and linearity. 

The mixer stage is formed by T2, T3 and 

T4, with the local oscillator signal injected 
into their emitters. The mixer stage also func-
tions as a part of the AGC. At low input le-
vels, T4 conducts fully so that the maximum 
possible gain of the mixer stage is achieved. 
The operation of the AGC now depends 
mainly on the current through Tri. When the 
input signal is fairly strong, T3 steals some of 

Fig. 5. Phase-locked loop. 
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Fig. 6. Overview of crucial signal levels, quality factors and transconductance requirements at various points in the receiver. 

the current through T4, so that the signal at 
the base is limited to about 3 mV. At still 
higher input levels, T4 starts to conduct less 
while T11 has a flat gain. Figure 2 shows a 
simplified model of the AGC stage. Here, 
current sources have been used instead of 
transistors. Currents It and /2 are 1 mA and 
50 µA respectively. It can be shown that the 
total gain varies purely exponentially with 
the control voltage. 

The two-stage AGC ensures that the first 
IF stage can not be overloaded by strong sig-
nals. This means that the signal handling ca-
pability of the receiver is increased by a 
factor equal to the mixer stage gain. 

Transistor Ti o is included because the 
base currents of Ts and T7 are comparable to 
the collector current of T6. Compensation is 
achieved with C8 and C7 which also ensure 
an AC path from the bases of Ts and r to 
ground. To improve stability, resistors R8, 
R14 and R17 provide RF isolation for IC1. The 
10042 resistors likewise prevent spurious 
VHF oscillations of the transistors. 

IF amplifier and AM detector 
The circuit diagram of the second, third and 
fourth IF stage, and the active detector, is 
shown in Fig. 3. The input and output of the 
ceramic filter are matched to 1.5 kn. 

The active AM detector is formed by T14-
T17. T14 and Tis form a voltage-to-current 
converter with the collectors of the transis-
tors at a relatively high impedance. A push-
pull rectifier based on D2-D3 is used. The 
rectified RF current that flows through D3 
develops a voltage across R5°, which is 
smoothed by C26. The circuit around T16, T17, 
04 and Ds provides a quiescent current of 
about 1 µA through D2 and 03 to keep the 
voltage swing at their junction to a mini-
mum. The detected audio signal across R50 is 
filtered by Rsi and C28, and buffered by TIE; 
before it is taken to the output of the receiver 
(to reduce traces of IF to an absolute mini-
mum, one more ladder section consisting of 
a 470-n resistor and a 10-nF capacitor can be 
added before lis). 

The AGC feedback is also taken from this 
point. The instantaneous carrier level is inte-
grated by 119, and fed to the base of T8. Ex-
cluding 119, the gain of the AGC from the 
base of Ts to the base of T18 is Vbe/Vt, or 
about 23. The lower cut-off frequency of the 
audio signal is 23/ (2/cRs4C3o), or 20 Hz. As 
mentioned earlier, this cut-off frequency is 
virtually independent of the carrier strength. 

Local oscillator 
Figure 4 shows the local oscillator based on a 
single CA3046 transistor array. The oscilla-
tor is basically a Hartley type, although a 
portion of the current through L6a is also fed 
to Lob by 123. This causes the effective induct-
ance of L6 to change by a small amount. The 
ratio of the currents through T23 and 124 
varies between 3:1 and 1:3, corresponding to 
lie values of 4 V and 8 V respectively. The 
total frequency variation achieved is about 
2.5%. At the lowest oscillator frequency, 
975 kHz, the variation is about 25 kHz — 
more than enough to correct tracking devia-
tions between the antenna and oscillator sec-
tions. When the AFC is disabled, Vc is held 
at half the supply voltage to minimize fre-
quency drift. In this case, 123 and T24 conduct 
equally. 

122 is the positive feedback transistor 
whose d.c. setting determines the strength of 
the oscillations. 120 and 121 are used to con-
trol the amplitude to about 1 mA(0.6/ R64) by 
reducing the d.c. voltage at the base of 122 
when 06 and 07 start conducting. 

For optimum tracking of the antenna and 
oscillator sections, the parallel combination 
of C36 and C37 should be equal to 0.978 times 
the total antenna tuning capacitance at the 
lowest frequency. This works out at 285 pF. 
Capacitors C36 and C37 should be 1% types. 
When C2 and C39, the trimmers associated 
with the tuning capacitor, are properly ad-
justed, a worst-case deviation of smaller than 
5.5 kHz is possible. 
PLL section 
The zero crossings of the IF output signal are 
shaped by Ni and N2 and fed to one phase 
comparator input of the 4046 PLL. The other 

input is supplied with the reference fre-
quency of 455 kHz from a ceramic resonator 
oscillator based on N3. The output of the 
phase comparator is fed to a ladder filter to 
remove traces of the product IF/4. When the 
AFC is switched on, the 'A' inputs of IC4a 
and IC4c are made logic 0, provided a suffi-
cient carrier strength exists (for this, the cur-
rent through T11 has to be smaller than 
1 inA). The output of the PLL is fed to the 
loop filter formed by R81, R82 and C44. The 
AGC time constant is about 0.05 s while the 
damping factor is about unity. 

If V, is between 4 V and 8 V when the 
AFC is switched on, Ds lights to indicate that 
the PLL is locked. If the AFC is off, or if the 
carrier is too weak, or if V, exceeds its range, 
D8 is off. When the AFC is not on, IC4a selects 
the resistive divider, and Vc becomes 6V. At 
the same time, IC3 is disabled. 

Signal levels 
Figure 6 shows the signal levels at various 
points in the RF-IF chain. For the IFTs with 
190 pF total capacitance, the parallel loading 
corresponding to a Q factor of 25 is 46 k.Q. 
Since the IFI's have an inherent Q of 90, ad-
ditional loading is necessary to reduce the Q 
factor to this value. With the transistor types 
used, the base-emitter swings of all stages, 
except the mixer, have been kept in the 2 to 
3 mV range as this is the best compromise 
between noise and distortion. Note, how-
ever, that even the mixer can handle up to 
13 mV of RF, and still produce less than 1% 
distortion. At higher signal levels, Ri may be 
switched on. 
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THE DIGITAL COMPACT CASSETTE 

WILL IT SUCCEED? 

based on an original article by P. van Willenswaard 

Just when consumers were getting reconciled with the idea that 
digital audio tape (DAT) is virtually dead and started to buy 
more CDs, the two DAT protagonists, Sony and Philips, 

decided to confuse the market afresh by each announcing 
another new system: the Mini Disc (MD) and the Digital Compact 

Cassette (DCC) respectively. We briefly explain the reasons 
behind these new systems and have a closer look at the 

digital cornpact cassette technology. 

W ITH the demise of the digital audio tape 
(DAT) system—killed by the music in-

dustry which believed (probably rightly) 
that a system that enables the making of per-
fect copies from copies would cost them 
thousands of millions of dollars—audio equip-
ment manufacturers began to reformulate their 
development programmes with the aim of get-
ting a larger slice of tomorrow's market. 

They found that cassettes are bought pri-
marily for portable or mobile equipment; CDs 
and LPs almost exclusively for use at home. 
Moreover, three times as many cassettes 
(recorded and blank) as CDs and long-play-
ing records (LPs) are sold world-wide. Because 
of their higher prices, CDs and LPs bring in 
a much larger revenue, of course. See Fig I. 
This schism is further illustrated by consid-
ering the apportioning of tape decks over 
the various types of audio equipment. About 
12 per cent are used in hi-fi separates or in-
tegrated systems; the remainder, that is, al-
most 90 per cent, are used in car radio/cas-
sette players, walkman equipment and other 
portable sets—see Fig. 2. 

Annual sales of compact 
cassettes amount to a 
staggering 2,600 million 

The realization that the bulk of the demand 
for audio equipment is for portable/mobile 
units form the basis of Sony's and Philips' 
development programs. 

Sony, still smarting from the collapse of 
the DAT market on which they had pinned 
much hope for the future, decided to get 
away from cassettes for the time being and 
have another look at their tremendously suc-
cessful CD system (CDs today account for 
about half the £13,000 million—$22,000 mil-
lion — world market for recorded music). 

Knowing that CDs cannot compete with 
the cassette in the popular mobile/portable 

markets, Sony recently unveiled Mini Disc 
(MD). The MD is considerably smaller than 
the Compact Disc, but it has the tremendous 
advantage over its big brother that it is record-
able and erasable. Moreover, the system is 
immune to shocks and jolts, which means that 
it can be used on the move, that is, in portable 
and mobile (car) units, with impunity. 

Philips has gone back to its earlier inven-
tion, the compact cassette, but now in digi-
tal format: the Digital Compact Cassette 
(DCC) system. Since a large part of the 2,600 
million cassettes sold every year are used in 
fairly inexpensive equipment, Philips rea-
soned that, to stand a chance of cornering a 
sizeable part of that market, they had to offer 
something that works with relative inexpen-
sive tape decks and tape. Even better if the 
new system would also accept standard com-
pact cassettes. 

Both systems are promised (threatened?) 
to be on the market in late 1992. The suc-
cess, or otherwise, of the new systems is in 
the hands of confused consumers and a cau-
tious music industry which will insist that both 
systems are fitted with appropriate circuitry 
that will prevent copying from copies. It is 
still their, and many others', opinion that 
home taping is nothing but theft. 

DCC requirements 

Recording 16-bit audio samples at a rate of 
44 100 times a second in two channels re-
quires 1.4 Mb/s; if space for encoding and 
error correction is included, that figure should 
be doubled. This kind of high-density record-
ing is impossible on cheap tape. Ways have, 
therefore, to be found to make recording 
with fewer data possible. 

At the same time, the choice of inexpen-
sive, slightly modified compact cassette tape 
decks means a considerable reduction in de-
velopment cost and time. The most frequently 
heard complaint about the current cassette 
system is the varying quality of sound re-
production: there is loss of high frequencies 
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Fig. 3. Division of the tape into nine digital tracks; 
at the end of the tape, head and direction reverse 
and the lower half is written to or read from. The 
head also has two slits for the playing of analogue 
recordings. 

Fig. 4. Block schematic of a DCC player. 

owing to misaligned or dirty heads; 
the sound quality is proportional 
to the quality of the tape trans-
port (causing fading at high fre-
quencies and wow and flutter) 
and to minor damage of the tape. 
A digital recording, if ade-

quate error correction is pro-
vided, is fundamentally immune 
to such imperfections. A digital 
compact cassette would, there-
fore, in many instances give an 
appreciable improvement in sound 
reproduction, which would make 
it immediately attractive to large 
numbers of potential users. This 
presupposes, of course, that pro-
duction costs are low enough to 
make the sales price acceptable 
at the lower end of the market. 
This is quite feasible, because the 
tape decks of the DCC player 
are not very different from those 
of current cassette players, while 
the cost of the electronics would 
become low enough if manu-
facturing quantities were large. 
There are an estimated 200 mil-
lion cassette players in the world; 
even replacement of 5-10 percent 
of these would ensure success. 

Reverting to the question of 
audio quality: how is good qual-
ity to be ensured if the audio sig-
nal is stored digitally in a much 
smaller space than 1.4 Mb/s? 
The tape width of a compact cas-
sette is 3.78 mm. The vertical tol-
erance of transporting the tape 
across the head is about 0.05 mm. 
This means that the DCC re-
mains within that tolerance if 
half the tape width is divided into 
nine tracks, each 185 gm wide, 
of which 70 Arn is used for read-
ing (play-back) and the remain-
der for writing (recording)—see 
Fig. 3. Eight of the nine tracks 
are allocated to audio; the ninth, 
to system information. 
It has been found that at the stan-
dard tape speed of cassette play-
ers (4.76 cm/s), about 100 kb/s 
per track can be saved reliably. 
There is thus about 800 kb/s space 
for the audio signal; this has been 
standardized at 768 kb/s. Half 
of that, however, is used for the 
Reed-Solomon interleaving (in 
aid of effective error correction), 
synchronization bits, and a 10:8 
modulation mode, which means 
that only 384 kb/s remain for 
the audio information proper. 
That is about a quarter of the 
earlier established 1.4 Mb/s; in 
other words, at a sampling fre-
quency of 44.1 kHz, there would 
only be space for a four-bit am-
plitude description per channel. 
That is, of course, quite unac-
ceptable. Philips has, therefore, 

THE DIGITAL COMPACT CASSETTE El 
developed precision adaptive sub-band cod-
ing—PASC. 

Precision adaptive sub-band 
coding 
PASC is not, as one might suppose, a highly 
developed form of data compression as used 
in computers or data links. Whereas pulse-
code modulation (PCM) systems give a total 
and perfect (within the constraints of 16-bit 
linear encoding) digital representation of 
the sound that reaches a microphone, PASC 
uses a perceptive approach: it takes human 
hearing as reference. PASC analyses the sig-
nal and computes what may be audible and 
what not, and stores only what is in a very 
efficient notation. Subsequently, the result-
ing digital information is reorganized in such 
a manner that the available space is reallo-
cated optimally. 

Only what may be audible is 
stored and encoded 

The way a signal is processed in DCC is 
shown schematically in Fig. 4. First, the a.f. 
range is divided into 32 sub-bands: the rea-
son for this will become clear later. The di-
vision is linear, not logarithmic as in human 
hearing: each sub-band is, therefore, about 
600 Hz wide. In digital signal processing 
(DSP), it has been possible for some time to 
divide the a.f. band into sub-ranges that can 
later be recombined without any errors or 
deterioration as far as frequency and phase 
are concerned. Philips is confident of being 
able to put this entire process on to one chip 
in the near future. 

Threshold and masking 
of hearing 
The next step occurs in every sub-band. The 
minimum intensity a sound requires in order 
to be heard depends on its frequency—see 
Fig. 5. This means that in each sub-band a 
threshold has to be determined; any infor-
mation below that limit is ignored. 

Another aspect is masking: it is well known 
that there are circumstances in which a strong 
signal will mask, that is, make inaudible, a 
weaker signal at a frequency not far removed 
from its own—see Fig. 6. When someone 
whispers something to you in a quiet street, 
you can understand it perfectly. If, however, 
just then a noisy lorry passes by, you have to 
be a lip-reader to understand. 

Another form of masking occurs in time. 
If a weak sound is preceded a few millisec-
onds earlier by a strong sound, we cannot hear 
the weak sound. Even the opposite can hap-
pen: a weak sound emitted a few milliseconds 
before a strong one may, in certain circum-
stances, mask the strong sound. It all de-
pends on the difference in intensity and the 
separation in time. 

The PASC processor analyses the signal 
in each of the sub-bands and constantly adapts 
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the various thresholds to the actual signal. 
The thresholds are, therefore, not static, but 
follow the signal content. This results in 
higher efficiency, because only the part of 
the signal above the threshold, i.e., that which 
is audible, is stored and encoded. 

Mantissa and index 
The amplitude of the part of the signal that 
remains above the thresholds must be quan-
tized. Whereas compact disc technology 
uses 16-bit linear quantization, PASC uses a 
floating-point technique. This works in a man-
ner similar to the presentation of a large 
number on a pocket calculator: with a man-
tissa and an index (exponent). The mantissa 
of most pocket calculators is normally eight 
digits long and represents the value of the 
number. This is followed by the exponent, 
normally two digits (positive or negative), 
which weights the numbers. 

In PASC, the mantissa is 15 bits long, but 
the processor may decide to work with a 
shorter one if not all the 15 bits appear nec-
essary. This may happen, for instance, when 
the signal is just above the noise level or thresh-
old of hearing. The mantissa thus determines 
the resolution of the system, while the index 
shifts the area over which the mantissa op-
erates up and down the dynamic range. 

The index is not linear over the entire dy-
namic range, but reflects the non-linear ac-
tion of the ear. After all, the ear does not dif-
ferentiate between sounds at 118 dB and 120 
dB: both are too loud. At the other end of 
the range, however, 2 dB steps would be much 
too coarse, because the ear is highly sensi-
tive to subtle differences when listening to 
weak sounds. Defining the amplitude in this 
flexible manner gives a further increase in 
efficiency compared with the linear encod-
ing used in PCM. 

If PASC fulfils its early 
promise, it will mean a 

revolution in digital audio 

The maximum length of the mantissa of 
15 bits is reflected in DCC by what Philips 
calls the (theoretical) THD+N figure of-92 dB, 
which is 1 bit, or 6 dB, above the —98 dB of 
CD technology. But that technology is not 
flexible, so that the THD+N figure is always 
referred to the same absolute level: a —20 dB 
signal will, therefore, have its THD+N fig-
ure only 78 dB lower. Because of the float-
ing-point amplitude description, in DCC the 
THD+N distance of 92 dB will, however, be 
maintained until the noise threshold of the 
system is reached. Philips states a dynamic 
range of —108 dB, which is 10 dB better than 
that of CD. 

All internal calculations are carried out 
with 24-bit wide words. The associated noise 
level is —146 dB, but Philips claims that the 
resolution made possible by the mantissa 
and index system will handsomely exceed 
that level. The real problems arise not in this 

part of the system, but in the ana-
logue-to-digital (A-D) converter that 
needs to precede the PASC. The 
crux of the matter is that even the 
best state-of-the-art converters can-
not provide more than 18-19 bits 
of reliable al information. 

Reallocation 

One of the nicer properties of music 
is that the waveform varies con-
stantly. This means that not all avail-
able space in the 32 sub-bands is in 
use all the time: that in a number of 
them will, in fact, be empty (above 
the threshold, that is). A certain 
space is reserved in the ultimate 
code that is written on to the tape 
for each of the sub-bands. A sub-
band that is temporarily partially, 
or wholly, empty would not be very 
efficient. When the recording code 
is being composed, PASC moves in-
formation from full sub-bands to par-
tially, or wholly, empty ones (and 
provides it with an address code to 
ensure that during play-back the 
signal is reconstructed correctly). 
The process of moving the infor-
mation is called reallocation. 

The gain in efficiency resulting 
from this method of signal pro-
cessing is surprising: from 16 bits 
per channel for linear PCM to an av-
erage 4 bits per channel for PASC. 
This means a gain of a factor 4 in 
data content. PASC does not work 
with two channels, but with a stereo 
signal (the correct encoding of stereo 
signals proved to be quite difficult; stability 
gave particular problems). Just as there is 
no sharp division between left-hand and 
right-hand, there is none between one sam-
ple of the signal and the next: PASC works 
with small groups of samples. On average, 
the code for each stereo sample contains 
eight bits of space that are written on to the 
tape. These are not bits of waveform: the 8-
bit code generated by PASC is much more 
intelligent than that. The 8-bit words should 
be considered as pieces of a continuously 
developing jigsaw puzzle, which are resolved 
by the decoder during playback. 

The decoder need not be high-tech, be-
cause the intelligence is stored in the code 
itself, since this contains all necessary keys 
for encoding and reallocation. In other words, 
the keys have become part of the 8-bit codes. 

Storing the keys in ROM near the de-
coder would seriously limit the system (per-
haps even make it unworkable), because 
each sound is different from others and thus 
requires its own unique PASC code. The 
keys in the 8-bit code control the operation 
of the decoder: what is the reallocation in-
formation; which mantissa and index were 
used; and so on. The code is the brain: the 
decoder only carries out orders. 

The decoder is, therefore, suitable not 
only for working with DCC codes, but with 
all codes within the same family, such as Digital 

Fig. 5. Characteristic to indicate the threshold of 
hearing, both as regards loudness L (vertical scale) 
and frequency F (horizontal scale). Sounds below 
the curve can be omitted. Sound A is just percep-
tible. 

Fig. 6. Strong signal B raises the threshold of 
hearing locally, as it were, so that sound A is no 
longer audible: B masks A. 

Audio Broadcasting (DAB) codes (in the 
framework of the European Eureka project, 
Philips partakes in DAB experiments), or even 
simple 2-bit codes of limited audio quality. 
Moreover, the code may change from one to 
another instantly because the decoder does 
not have to switch over. 

Breakthrough in digital audio 

If PASC fulfils its promise, it will mean a 
revolution in digital audio. Storage space 
for the large amount of data generated by 
digital audio has always been a problem. 
Until now, storage with simple means, a 
longer playback time, a substantially higher 
sampling rate than the current 16 bits of 
amplitude, and so on, were not possible in 
practice. It may also well be, because a sig-
nal after being processed in PASC is tech-
nically less complex, that the analogue elec-
tronics in the play-back chain can become 
less complex. 

As far as the sound quality of DCC is con-
cerned, it is too early to make a definitive 
judgement. However, first impressions gained 
during a recent demonstration of the sys-
tem to a number of international journal-
ists were good. When amplifiers of reason-
able (not high-end) quality were used, there 
was no perceptible difference between a 
CD and a DCC. 
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APPLICATION NOTES 

The contents of this article are based on information obtained from 
manufacturers in the electrical and electronics industry and do not 
imply practical experience by Elektor Electronics or its consultants. 

SWITCH-MODE VOLTAGE REGULATORS LM2575/LM2577 
(National Semiconductor) 

FrHE recently introduced LM2575 and 
LM2577 switch-mode voltage regulators 

in the Simple Switcher series from National 
Semiconductor have a wide voltage range, 
and are remarkably easy to get going with 
only a handful of external components. The 
devices in the LM2575 series are step-down 
regulators, and those in the LM2577 series 
step-up regulators. Offering an efficiency of 
over 80%, these ICs are a good alternative to 
the ubiquitous 1-A regulators in the 78)oc 
series. 

The new step-up and step-down conver-
ters are based on switch-mode voltage regu-
lation, which gives them a higher efficiency 
(70-90%) than linear voltage regulators (30-
60%). By virtue of the on-chip power stages, 
the external component count remains low 
— basically, only a choke, a power diode and 
a few decoupling capacitors are required. 
The adjustable regulators in addition require 
a voltage divider that determines the output 
voltage. All devices in the LM2575 and the 
LM2577 series are available in a 5-pin TO220 
case (LM257xT), and a 4-pin TO3 case 
(LM257xK). The case of these devices is al-
ways connected to ground. Fixed voltage as 
well as variable voltage devices are available 
— see Table 1. The LM1575 and LM1577 
should be used in heavy-duty applications 
where an extended temperature range (1) up 
to 150°C) is required. The main technical 
data of the regulator family are summarized 
in Table 2. 

Since the switch-mode regulators are 
based on a fixed oscillator frequency with a 
variable duty factor, they do not require the 
usual minimum load current to operate cor-
redly. The ICs feature an internal thermal 
overload protection which is actuated at 
1)=125 °C, and an output current limiting 
circuit. A further advantage of these new ICs 
is that they are inexpensive and uncritical of 
the choke type used. 

Step-down regulator LM2575 

The operating principle of the so-called buck 
(step-down) regulator is illustrated in Fig. 1. 
Switches Si and Sz close in alternate fashion 
at a certain rate. When Si is closed, the self-
inductance of the charge choke, L, causes a 

Table 1. Overview of devices in LM2575/LM2577 Simple Switcher family 

Type 

Step-down 

Step-up 

Output voltage 

5 V 

12 V 

15 V 

adjustable 

12 V 

15 V 

adjustable 

TO220 case 

LM2575T-5.0 

LM2575T-12 

LM2575T-15 

LM2575T-ADJ 

LM2577T-12 

LM2577T-15 

LM2577T-ADJ 

TO3 case 
LM2575K-5.0 

LM2575K-12 

LM2575K-15 

LM2575K-ADJ 

LM2577K-12 

LM2577K-15 

LM2577K-ADJ 

slowly rising current to flow. This current 
causes energy to be stored in the form of a 
magnetic field in the core of the choke. When 
the switches toggle (Si is opened, and S2 is 
closed), the self-inductance first causes a cur-
rent IL to be fed through L. As a result, the 
magnetic energy stored in the choke, and 
with it IL, decreases gradually. This process 
is repeated as Si and Sz close and open alter-
nately. Capacitor C smooths the output cur-
rent, /our, because it is charged as IL rises, 
and discharged by the load as /L drops again. 
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Fig. 1. Basic operation of the LM2575 
step-down regulator. 

By controlling the mark-space ratio of indi-
vidual pulses, ¡our can be set such that the 
desired output voltage Uour appears across 
the load. The drawing in Fig. 1 illustrates this 
process when the output current drops. 
Switch Si is actually a power transistor con-
trolled by a rectangular wave generator 
(Fig. lb). The other switch, S2, is formed by a 
diode that enables /1, to continue flowing 
when the power transistor is switched off. To 
prevent losses as a result of the relatively 
high currents, the diode must have a fast 
switching characteristic. This requirement is 
met by the use of a Schottky power diode. 

The internal circuit of the step-down 
regulator Type LM2575 is shown in Fig. 2. 
The power transistor is an n-p-n type that 
switches the input voltage, U1N, to the output 
pin marked OUT. The transistor is driven by 

LM2575 

UIN 
1 A swItching transistor 

thermal 

limiting 

ON/OFF 

OUT 

current 
onver 

limiting 

52 kHz 

oscillator 

error amplifier 

1.23 V 

910018 • IT 

Fig. 2. Internal schematic diagram of the 
LM2575. 
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an oscillator with a fixed output frequency of 
52 kHz. The pulsewidth of the oscillator out-
put signal is controlled by an error amplifier, 
which compares the voltage supplied by a 
potential divider connected across the out-
put with a fixed voltage supplied by an inter-
nal 1.23-V reference. 

Apart from the protection circuits for the 
power transistor (junction temperature; out-
put overload), there is a reset generator, 
which is also used to switch off the output 
voltage via the TTL-compatible ON/OFF 
input of the regulator. 
A typical application circuit of the 

LM2575 is shown in Fig. 3. Here, the adju-
stable device Type LM2575T-ADJ is used. 
The output voltage is set with the aid of an 
external circuit. When a fixed-voltage device 
is used in this circuit, pin 4 must be con-
nected to the output. A 3-A Schottky diode 
Type 1N5821 is used as the previously men-
tioned power diode. Components R2, 1D2 and 
Cs supply a voltage of +5 V for the ON/OFF 
control input, whose function may be tested 
with the aid of jumper Ji. When the ON/OFF 
function is not required, the 5-V supply and 
the jumper may be omitted, and pin 5 con-
nected permanently to ground. As indicated 
in Fig. 3, the circuit must have a single ear-
thing point. This arrangement prevents volt-
age fluctuations as a result of current peaks 
upsetting the control loop, and should be 
taken into account when a PCB is designed 
for the supply. Spurious pulses are sup-
pressed by electrolytic capacitors C2 and C3 
at the input and output of the regulator. In 

Table 2. LM2575/LM2577 main technical data 

Parameter 

Input voltage 

Output voltage 

Output current 

Current limit (typ.) 

Switch saturation voltage 

Quiescent current 

Reference voltage 

Input current at VFB 

Oscillator frequency 

Efficiency 

Operating temperature 

Protections 

Special features 

UIN 

UOUT 

IOUT 

'CL 

USAT 

to 

UFB 

IFS 

fOSC 

LM2575 LM2577 

3.5 - 35 V 

1.23 - 30 V 

(always < VIN) 

1 A 

2.2 A 

0.9 V 

10 mA 

1.23 V (±2%) 

50 nA 100 nA 

52 kHz (±10%) 

80% 

-400°C < Ti < +1250°C 

internal current limit 

thermal shutdown 

ON/OFF input Soft-start 

undervoltage detector 

3.5 - 40 V 

max. 60 V 

(always > VIN) 

2 A (depends on VouT) 

4.3 A 

0.5 V 

some cases, the a.c. resistance of C3 may be 
too high, when the capacitor is best replaced 
by a number of capacitors in parallel with the 
same total capacitance (small electrolytic ca-
pacitors have a lower parasitic inductance 
than large ones). The value of C3 must al-
ways be greater than 330 µF. The datasheet 
advises against the use of tantalum capaci-
tors, which cause instability of the control 
loop. When the output voltage is higher than 
25 V, C3 must be replaced by a type with a 

UIN 

7...35V 

0 

O  

*see text 

40V 

R2 

IC1 

LM2575T-ADJ 
UIN OUT 

ON/OFF GND UFB 

L1 
2 

D2 * 

5 

C5* 
mim * 

1 

100e 0 3 

+1.23V 

500pH 

UouT < U IN 
1.23...25V 

1A 

(max.30V) 

10k 

P 1 

Dl 

A 1 - 2 = ON 
1N5821 

2-3 = OFF 

C3 C4 
0 MOM 

770700e 

25V 

910018 - 13 ° 

Fig. 3. Application circuit with the LM2575. 

Table 3. Test data for application circuit in Fig. 3 

12 V to 5 V 

20 V to 12 V 

low- (A) POUT (W) (IN (A) PIN (W) Efficiency Ripple (mV) 

0.1 0.5 0.07 0.84 60% 1 

0.3 1.5 0.2 2.4 63% 1 

0.6 3.0 0.35 4.2 71% 1.2 

0.1 1.2 0.08 1.6 75% 2 

0.3 3.6 0.2 4.0 90% 2 

0.6 7.2 0 4 8.0 90% 2.2 

1.0 12.0 0.7 14.0 86% 2.5 

working voltage of 40 V or more. Capacitors 
Ci and C4 form a virtual short-circuit for the 
fast pulse edges, and so secure the necessary 
RF suppression. 

The output voltage, Uour, of the regulator 
is simple to calculate. Potential divider Pi-Ri 
reduces the desired output voltage to 1.23 V. 
The equation for the current, I, allows us to 
determine the values of Pi and Ri: 

I = 1.23 V /Ri = (UouT - 1.23 V) /Pi 

This allows the value of Pi to be determined 
when Ri is known: 

Pi = (Uour - 1.23 V) /1.23 V 

= (Uour / 1.23 V - 1) 

The value of Pi should lie between 1 ki2 and 
10 kil Evidently, the operating principle of 
the regulator does not allow an output volt-
age that is higher than the input voltage. The 
results of a test on the circuit of Fig. 3 at two 
different settings are given in Table 3. Par-
ticular attention was paid to the behaviour of 
the LM2575 when the input voltage was in-
creased slowly. The result: the set output 
voltage was maintained exactly (by contrast, 
some other regulators produce spurious out-
put voltages higher than the set value when 
the input voltage drops below a certain mini-
mum value). The measured values show an 
efficiency of between 60% and 90%, and an 
output voltage ripple of a few millivolts 
(measured in mV,,,,s with an a.c. millivolt-
meter). 

Step-up regulator LM2577 

Before discussing the operation and applica-
tion of the LM2577, it may be useful to reca-
pitulate the principle of the step-up or boost 
voltage regulator. Figure 4 shows the basics. 
It is seen that the charge inductor, L, is con-
nected ahead of switches Si and S2 (compare 
Fig. 1) which are closed alternately. When S2 
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Fig. 4. Basic operation of the LM2577 
step-up regulator. 

is closed, the choke is connected to the full 
input voltage, UIN. Because of the self-in-
ductance, the current through L can only rise 
linearly, i.e., not pulse-like. As in the step-
down regulator, magnetic energy is stored in 
the core of the choke. As soon as S2 is opened, 
and Si is closed, the self-inductance the 

choke forces the current IL to keep flowing in 
the same direction. The voltage developed 
by the self-inductance is polarized such that 
it is added to the input voltage. Hence, the 
output voltage is higher than the input volt-
age. Capacitor C smooths the output current, 
/Our. In the LM2577 (Fig. 4b), switch S2 is 
formed by a power transistor, and Si by a 
fast switching diode. The diode is reverse 
biased when the transistor conducts. The 
voltage and current waveforms that occur in 
the circuit when the output current is re-
duced are shown in Fig. 4c. 

Figure 5 gives the block schematic diag-
ram of the LM2577. Like the LM2575, the 
LM2577 contains a 52-kHz pulse-width 
modulated oscillator driven by an error am-
plifier which obtains its control information 
from the voltage at the VFB input. In addi-
tion to thermal and current overload protec-
tion circuits, the LM2577 features a soft-start 
generator that prevents a high rush-in cur-
rent through choke L. Another preventive 
function is that provided by the undervolt-
age limit circuit. When the input voltage 
drops below 2.9 V (typ.), the power stage is 
automatically switched off to prevent it con-
ducting almost continuously. When the 
undervoltage detector is actuated, the out-
put voltage drops to virtually the input volt-
age. 

An application circuit of a step-up volt-
age converter based on the LM2577 is given 
in Fig. 6. Here, the adjustable device Type 

UIN * 
3.5...25V 
(max.40V) 

Li 

500pH 

ICI 
LM2577T-ADJ 

UIN SWITCH 

COMP GND UFB 

3 

Cl 02 R2 
Mmi 

1007470p 
mom 

25V 
C5 

330n 

2 

D1 

1N5821 

+ 1.23V 

*see text 
U OUT >U IN 
(max.60V) 

10k 

R1 
a 7 4707700n 63V 

910018 - 16 

Fig. 6. Application circuit with the LM2577. 

Table 4. Test data for application circuit in Fig. 6 

5 V to 12 V 

12 V to 28 V 

IOUT (A) POUT (W) 'IN (A) PIN (W) Efficiency 

0.1 1.2 0.3 1.5 80% 

0.2 2.4 0.6 3.0 80% 

0.3 3.6 0.9 4.5 80% 

0.1 2.8 0.3 3.6 77% 

0.2 5.6 0.6 7.2 77% 

0.3 8.4 0.9 10.8 77% 

Ripple (mV) 

4 

8 

15 

6 

10 

15 

Fig. 5. Internal schematic diagram of the 
LM2577. 

LM2577T-ADJ is used. The 1N5821 and the 
500-01 choke are familiar from the step-
down regulator (Fig. 3), as are the central 
ground point and the possible problems 
with a single electrolytic capacitor in posi-
tion C3. 

Since the same reference voltage of 1.23 V 
is used, the calculation of the output voltage 
is identical to that shown above for the 
LM2575. It should be noted, though, that the 
circuit in Fig. 6 can not supply output volt-
ages lower than the input voltage. The maxi-
mum output current depends on the 
properties of choke Li, the ratio Uour/LIN, 
and the maximum permissible current 
through the power transistor in the LM2577 
(4.3 A typ.). The datasheet provides the fol-
lowing information on /our and Uour: 

Uour < 60 V 
Uour < 10 UIN 

/our < 2.1 A UN / Uour 

Also, when the output voltage is higher than 
30 V, the 1N5821 should be replaced by a 
type with a higher rated voltage. 

The main results of tests carried out on 
the circuit of Fig. 6 are listed in Table 4. 
Clearly, the efficiency rises as the difference 
between the input and the output voltage 
becomes smaller. The ripple on the output 
voltage is higher than with the step-down 
regulator, but a mere 10 mV„„„ or so will not 
be a problem for most applications. When 
experimenting with the LM2577, make sure 
that the voltage divider is always connected. 
Without a properly dimensioned and closed 
control loop, the IC may be destroyed easily. 

Source: 
Datasheets LM1575-ADJ / LM2575-ADJ - 
Simple Switcher Step-Down Regulator. Na-
tional Semiconductor 1990. 
Datasheets LM1577-ADJ I LM2577-ADJ - 
Simple Switcher Step-Up Regulator. National 
Semiconductor 1990. 
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PSYCHOACOUSTICS 
By E. Zwicker and H. Fastl 
ISBN 3-540-52600-5 

350 pages—illustrated 
Price $59 (hardcover) 

Psychoacoustics is aimed at practicing acous-
tics engineers, students of acoustics and phys-
ics, and anyone interested in how the human 
hearing system processes sound. It presents 

quantitative relations between sound stimuli 
and auditory perceptions in terms of hearing 

sensations. Modern views are outlined of pe-
ripheral activity in the inner ear, which plays 
an important role in the development of 
many hearing sensations. The dependence of 
these sensations on acoustic parameters is 

described in psychoacoustical terms. 
The ability of our hearing system to receive 

information is determined by the qualitative 
relation between sound and impression, as 
well as by the quantitative relation between 
acoustical stimuli and hearing sensations. 

With the advent of digital audio techniques, 
the science of the hearing system as a receiver 
of acoustical information, that is, the science 
of psychoacoustics, has gained additional im-

portance. The features of the human hear-
ing system will have to be taken into account 
in planning and realizing future acoustical 
communication systems. Each technical im-
provement in this area will be judged by lis-
tening and relating the result of listening to 
the cost. 
Research scientists, acoustics engineers, 

and students of physics and acoustics alike 

continued from page 33 

where Ur is the reflected voltage. It is assumed 
that the forward voltage has been set to 100% 
of the relative power. Optimum performance 
is, of course, established when Ur= 0. A 
good antenna system has an SWR that varies 
between 1:1 and 1:1.2. Poor systems have 
ratios greater than 1:1.5. Most SWR meters 
do not give a reading beyond 1:3. 

Measurement of field strength 

For tuning a transmitter or testing an an-
tenna system, a field strength meter is al-
most essential. In its simplest form, such an 
instrument consists of a basic receiver in which 
the headphones have been replaced by a sen-
sitive moving-coil meter. A possible circuit 
is shown in Fig. 67. 

The meter is zeroed with the 50 IcS2 po-
tentiometer. For relative field strength mea-
surements, the antenna circuit need not be 
tuned: setting the tuned circuit to the centre 
of its bandwidth is sufficient. Otherwise, a 
number of different inductors may be selected 
with the aid of switch SI, which makes it 
possible to tune and test transmitters over a 
wide range of frequencies. 

NEW BOOKS 

will welcome the wealth of data and the many 
examples of practical applications of basic 
research results this book contains on the 

human hearing system as a receiver of acous-
tics information. 

Professor Zwicker and Dr. Fastl are asso-
ciated with the Institute for Electroacoustics 

of the University of Munich. 
Springer-Verlag 
775 Fifth Ave. 

New York, NY 10010 

BATTERY REFERENCE BOOK 
By T.R. Crompton 

ISBN 0-408-00790-7 
734 pages 
Price $150 (hardcover) 

Not so long ago, most people thought of a 
battery as a car battery or a torch battery. 
Nowadays, there exists a wide variety of bat-
teries, primary and secondary, ranging from 

minute button cells to large installations 
weighing several hundred tons. Indeed, 

there is such an assortment of batteries it is 
doubtful whether anyone knows their details 
without referring to one or more reference 
books. But, until Battery Reference Book be-
came available, what reference book(s)? I 
and many of my colleagues had nothing to 
refer to but the manufacturers' data sheets. 

Mr. Crompton, formerly research manager 

at Oldhams Batteries, has now given us in 
one volume a guide through the subject in 
logical sequence. The work covers electro-

chemical theory as it applies to batteries; bat-
tery selection; theory, design, electrical, and 
performance characteristics; applications of 
various types of battery; and theory and 

practice of battery charging. It includes in-

formation from battery manufacturers about 
the performance characteristics they supply. 
A number of appendices cover suppliers of 

primary and secondary batteries, battery 
standards, battery journals, and trade organ-

izations and conferences. Finally, the book 
has a useful glossary, bibliography, and de-

tailed index. 
Battery Reference Book should prove a god-

send for designers of all types of battery-

operated equipment, battery manufacturers, 
and electrical and electronic engineers and 
technicians who use batteries in their work. 
It should also prove to be useful to research 

organizations. 
Butterworth-Heinemann 
80 Montvale Ave. 

Stoneham, MA 02180 

In the September issue of EE USA, "Opti-
calock —Part 1" has an error on p. 44: D10 

is shown incorrectly in Fig. 3. Its polarity 
should be reversed. 

Range Frequency 

(MHz) 

1 1.2-2.4 

2 2.3-4.7 

3 4.6-9.2 

4 8.2-16.6 

5 16.2-32.6 

6 22.2-44.8 

7 38.4-77.6 

8 74.5-150.0 

Table 1 

Inductance 

(µH) 

300 

82 

21 

6.5 

1.7 

0.9 

0.3 

0.08 

No. of 

turns 

76 

36 

18 

8 

5 

3 

3 

1 

Wire dia. 

(mm) 

0.5 

0.5 

0.5 

1.0 

1.0 

2.0 

2.0 

2.0 

The coil diameter for ranges 1-6 must be about 38 mm (1.5 in.) and that for range 7, 25 mm (1 in.). 
The coil for range 8 is shaped like a hairpin, 50 mm (2 in.) long; wire separation is 10 mm (0.4 in.). 

Finally 
Instruments are usually multi-purpose: for in-
stance, it is quite common for an SWR meter 
to be combined with a field strength meter 

and a power output meter. 

Next month's instalment will deal with 
"Measurements in digital circuits". 
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Meek It Electronics 
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FOR SALE 
Leader LAT-45 attenuator, solid state, 1991 model, nearly 
new, $69; B&K 177 VTVM with PR-43 probe, mint, $69; 
White's CoinMaster metal detector, mint, $69. J.C. 
Ohlsen, J-281 Caracas St., Ext. Forest Hills, Bayamon, 
PR 00619. 

Esoteric Electronic Equipment from private recording stu-
dio. High power lasers and projection systems, decks, am-
plifiers, signal processing speakers, MIDI software, syn-
thesizes, photographic, stage lighting, and more. Request 
free list. Richards Elektor List, PO Box 33623EK, Seattle, 
WA 98133. 

TRADE 
GET YOUR "FCC COMMERCIAL GENERAL RADIO-
TELEPHONE UCENSE." Electronics home study. Fast, 
inexpensive! Free Details! COMMAND PRODUCTIONS, 
D-266, Box 2824, San Francisco, CA 94126-2824. 11/92 

RADIO—TV RECEIVING, TRANSMITTING, C.R.T. 
TUBES, SAM'S FOTOFACTS AND MORE. P.E.M. 
TUBES, 8005 Florin Road, #10, Sacramento, CA 95828, 
(916) 383-9107. 13/92 

CLUBS 
THE ATLANTA AUDIO SOCIETY is dedicated to furnish 
pleasure and education for people with a common interest 
in fine music and audio equipment. Monthly meetings 
often feature guest speakers from the audio manufactur-
ing and recording industry. Members receive a monthly 
newsletter. Call: Chuck Bruce, (404) 876-5659, or Denny 
Meeker, (404) 872-0428, or write: PO Box 361, Marietta, 
GA 30061. 

AUDIOPHILES IN THE DAYTONISPRINGFIELD, 
OHIO AREA: We are forming an audio club. Please con-
tact me if you're interested in construction, modifications, 
testing, recording or just plain listening to music. Ken 
Beers, 1756 Hilt Rd., Yellow Springs, OH 45387, (513) 
767-1457. 

CONNECTICUT AUDIO SOCIETY is an active and grow-
ing club with activities covering many facets of audio— 
including construction, subjective testing, and tours of 
local manufacturers. New members are always welcome. 
For a copy of our current newsletter and an invitation to 
our next meeting, write to: Richard Thompson, 129 New-
gate Rd., E. Granby, CT 06026, (203) 653-7873. 

CLASSIFIEDS 

THE COLORADO AUDIO SOCIETY is a group of audio 
enthusiasts dedicated to the pursuit of music and audio-
phile arts in the Rocky Mountain region. We offer a com-
prehensive annual journal, five bi-monthly newsletters, 
plus participation in meetings and lectures. For more in-
formation, send SASE to: CAS, 4506 Osceola St., 
Denver, CO 80212, or call Art Tedeschi, (303) 477-5223. 

ELECTROSTATIC LOUDSPEAKER USERS GROUP is 
now a world-wide network for those interested in sharing 
valuable theory, design, construction, and parts source 
information. If you are interested in building, or have built, 
your own SOTA ESL we invite you to join our loose-knit 
organization. For information, send an SASE to: Barry 
Waldron, 1847 Country Club Dr., Placerville, CA 95667. 

THE HI-FI CLUB of Cape Town in South Africa sends 
a monthly-newsletter to its members and world-wide 
subscribers. To receive an evaluation copy of our cur-
rent newsletter, write to: PO Box 18262, Wynberg 7824, 
South Africa. We'll be very pleased to hear from you. 

THE BOSTON AUDIO SOCIETY invites you to join and 
receive the bi-monthly B.A.S. SPEAKER with reviews, 
debates, scientific analyses, and summaries of lectures 
by major engineers. Read about Apogee, Nytal, Conrad-
Johnson, dbx digital, Snell, music criticism and other 
topics. Rates on request. PO Box 211, Boston, MA 02126. 

THE CATSKILL AND ADIRONDACK AUDIO SOCIETY 
invites you to our informal meeting. Join our friendly 
group of audio enthusiasts as we discuss life, the uni-
verse and everything! Toobers, Tranzzeestors, vinyl can-
yons or digital dots. No matter what your level of interest, 
experience, or preferences, you are welcome. Contact 
CAAS at (518) 756-9894 (leave message), or write CAAS, 
PO Box 144, Hannacroix, NY 12087. See you soon! 

CHICAGO AREA ENTHUSIASTS WANTED for audio 
construction club. Call Tom, (312) 558-3377 or (708) 516-
0170 evenings for details. 

PIEDMONT AUDIO SOCIETY Audio club in the Raleigh-
Durham-Chapel Hill area is meeting monthly to listen to 
music, demonstrate owner-built and modified equipment, 
and exchange views and ideas on electronics and speaker 
construction. Tube and solid state electronics are of in-
terest and all levels of experience are welcome. Kevin 
Carter, 1004 Olive Chapel Rd., Apex, NC 27502, (919) 
387-0911. 
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Trade ads are 75e per word and indicate number of insertions. 
Deduct 10% for a 6 x contract; deduct 15% for a 11 x (year) con-
tract in Elektor Electronics USA. 

Please remember to include your name, address and telephone 
number. In order for Private For Sale and Want ads to be free, 
you must be a current subscriber. Ten dollar minimum for charge 
card orders. Payment MUST accompany first ad. 

II1Check/Money Order Enclosed E Please charge to my MasterCardNisa: 

CARD NUMBER EXP. DATE 

NAME 

COMPANY 

STREET & NO. 

CITY ST ZIP 
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READERS SERVICES 

All orders, except for subscriptions, should be 
sent to Old Colony Sound Lab: by mail to PO 
Box 243, Peterborough NH 03458-0243; Visa/ 
MasterCard charge orders by FAX to (603) 
924-9487 (24 hours) or by voice 8-4 weekdays 
to (603) 924-6526 or 8371. Please use the form 
opposite for all orders. All prices are postpaid 
to customers in the fifty states except for books 
Please add 92.00 for the first book and 756 
for each additional book ordered. Cana-
dians, please add 94.50 US for the first 
book, and 756 for each additional one. Out-
side North America, please add 20%. Cana-
dians may expect Canadian duty charges on 
shipments of any items except books and 
subscriptions. 

SUBSCRIPTIONS 

Subscriptions can be provided anywhere In the 
United States and its territories as well as 
Canada by sending mail subscriptions to Elektor 
Electronics USA, PO Box 876, Peterborough NH 
03458-0878. Visa/MasterCard orders may be 
telephoned directly to (603) 924-9464 between 
8 and 4 on business days and to our machine 
recorders at other hours and on weekends. 
Orders may be FAXed at any time to (603) 
924-9467. US subscription rates: $28 for one 
year (11 issues); $50 for 2 years. Canadian rate: 
$38.80 for one year. Student rate to full-time, 
registered students, $15 per year (photocopy of 
student ID required). 

PAST ISSUES 

Back issues of the British Elektor from July/ 
August 1987 onward are available from World-
wide Subscription Service Ltd., Unit 4, Gibbs 
Reed Farm, Pashley Road, Ticehurst TN5 7HE, 
England, United Kingdom. Single copies are 
$4.50 surface mail, $7.50 airmail. Back issues 
of Elektor Electronics USA from October 1990 on-
ward (except 2/91) are available from Old Col-
ony for $4 postpaid, $6 for July/August or De-
cember double issues. 

PAST ARTICLES 

Photocopies of articles from the British Elektor 
from January 1979 onward are available from Old 
Colony Sound Lab for $5 each (multi-part articles: 
$5 per part); $6 in Canada. Indexes are available. 
Send a stamped (506), self-addressed business-
size envelope to Old Colony, at the address 
above, for EACH YEAR desired. A complete set 
of indexes for 1979-90 is available for $7.50 
postpaid. Also available postpaid: 
Digital model train (13 parts) $15.00 

TECHNICAL QUERIES 

Although we are always prepared to assist 
readers in solving difficulties they may ex-
perience with projects that have appeared in 
Elektor Electronics USA, we regret that these 
cannot, under any circumstances, be dealt with 
by telephone or FAX. 

COMPONENTS 

Components for projects appearing in Elektor 
Electronics USA are usually available from ap-
propriate advertisers in this magazine. If you 
have difficulty finding parts, please send a self-
addressed postcard listing the parts you desire 
and we will attempt to locate a source. If dif-
ficulties in the supply of components are en-
visaged, a source will normally be advised in the 
article. 

BOOKS 

The following Elektor books are currently avail-
able from Old Colony Sound: 
301 Circuits  $12.50 
302 Circuits  $12.50 
303 Circuits  $15.95 
Data Sheet Book 2 $16.50 
Databank 3  $17.95 
Databook 4  $17.95 
Microprocessor Data Book  $17.90 

SHELF BOXES 

Blue heavy-duty Elektor vinyl shelf box 
(holds 6 issues)  $6.00 

FRONT PANEL FOILS 

PROJECT No. Price Issue 

Video mixer 87304-F 33.00 1-4/90 
The complete 890169-F 15.00 3/91 
preamplifier 

All solid-state 890170-F1 33.50 12/89 
preamplifier 890170-F2 18.50 1/90 
LF/HF signal 890183-F 18.50 12/89 
tracer 
meter 900031-F 23.00 4/90 

Budget sweep/ 900040-F 20.00 5/90 
function generator 

High current 900078-F 28.00 2/91 
hFE tester 
400W lab 900082-F 35.00 10-11/90 
power supply 

MIME COME OWNERS 
OLD COLONY SOUND LAB 6613) 924-9371, 9244921 

PO SOX 243 ORDER FORM Amman maim Wire 9 am., PETE/110601W 9$ 03458 FAX: MP) 924-9487, 24 Mart 

CUSTOMER ADDRESS SHIPPING ADDRESS IF DIFFERENT 

NAME NAME 

STREET .1 NO COMPANY 

CITY STATE ZIP STREET X NO 

MAGIC NUMBER (FROM SUBSCRIPTION LABEL) CITY STATE ZIP 

PAYMENT 

D CHECK 

CARD 

AUTHORIZED 

METHOD FOR CHARGE CARD ORDERS UNDER $10, PLEASE ADD $2. 

E MONEY ORDER 0 MASTERCARD 0 VISA 

NUMBER EXPIRES / 

SIGNATURE DAYTIME PHONE 

Qty. Part Number and Description Price Total 

CALL OR WRITE FOR YOUR FREE OLD COLONY CATALOG! 

SUBTOTAL 
Please supply the following: For PCBs, front panel foils, EPROMs, and cas-
settes, state the part number and description; for books, state the full title; for SHIPPING 
photocopies of articles, state full name of the article and month and year of 
publication. Please use block capitals. TOTAL 

Variable AC PSU 900104-F 28.00 6/91 
Universal battery 900134-F 11.00 6/91 
charger 
Milliohmmeter 910004-F 28.00 
Wattmeter 910011-F 16.50 
Digital phase 910045-F 20.00 
meter 

Timecode 910055-F 15.00 9/91 
interface 

Digital fund, gen 910077-F 18.00 10/91 

12/90 
4/91 
6/91 

EPROMS/PALS/MICROCONTROLLE RS 

PROJECT 

Multifunction 
measurement card 
for PCs 

MIDI control unit 570 20.00 
(1 x 27C64) 

Digital model train 
(1 x 2764) 
Darkroom clock 
(1 x 27128) 

Slave indication 700 30.00 
unit for I.T.S. 
(1 x 8748H) 
EPROM emulator 701 30.00 
(1 x 8748H) 

Microcontroller- 702 95.00 
driven power supply 
(1 x 8751) 
Autonomous I/O 704 95.00 
controller (I x 8751) 

Video mixer (1x 2A4) 5861 20.00 
Four-sensor 5921 20.00 
sunshine recorder 
(1 x 27128) 

pP-controlled 5941 26.00 
telephone exchange 
(1 x 27128) 
MIDI program 5961 
changer (1 x 2764) 

Logic analyzer 5971 14.00 
(IBM interface) 
(1 x PAL 16L8) 

MIDI-to-CV interlace 5981 26.00 
Multifunction I/O 5991 14.00 
for PCs 
(1 x PAL 16L8) 

Stepper motor board 8011 14.00 
(1) (1 x 16L8) 

8751 programmer 7061 70.50 
(1 x 8751) 

No. Price 
$ 

561 17.50 

Issue 

2/91 

6-7/90 

572 33.50 2-5,7/89-
4/90 

583 18.50 2/90 

3/88 

12/89 

5,6,9/88 

12/88 

14/90 
6/90 

10/90 

26.00 4/91 

1-2,4/91 

2/91 
7-8/91 

6/91 

11/90 

DISKETTES 

PROJECT 

Digital model train 

Logic analyzer for 
Atari ST (b/w only) 

Computer-controlled 113 20.00 
Teletext decoder 

Plotter driver (Lewetz) 117 11.50 
FAX interface, IBM PCs 119 14.00 
RAM extension for 123 10.00 
BBC-B 
EPROM simulator 129 11.50 
RS-232 splitter 1411 11.50 
Centronics ADC/DAC 1421 11.50 
Transistor 1431 13.00 
characteristic plot-
ting (Atari ST b/w) 
ROM-copy for BASIC 1441 13.00 
Multifunction 1461 13.00 
measurement card 
for PCs 

8751 programmer 1471 13.00 
PT100 thermometer 1481 13.00 
Logic analyzer 
software, incl. GAL 
IBM 1491 33.00 
Atari 1501 33.00 

Plotter driver 1541 19.00 
(Sijtsma) 

PC-controlled weather 1551 13.00 
station (1) 

PC-controlled weather 1561 13.00 
station (2) 

I/O interface for Atari 1571 13.00 
Tek/Intel file converter 1581 13.00 
B/W video digitizer 1591 19.00 
Timecode interface 1611 13.00 
RTC for Atari ST 1621 13.00 

No. Price 

109 11.50 2-5,7/89-
4/90 

111 20.00 10/89 

Issue 

10/89 

5-6/88 
6/90 
7/89 

12/89 
4/90 
5/90 
5/90 

9/90 
2/91 

11/90 
11/90 

6/91 
6/91 
9/91 

3/91 

10/91 

4/91 
4/91 

7-8/91 
9/91 
6/91 

PRINTED CIRCUIT BOARDS 

PROJECT 

APRIL 1991 
Logic analyser (3) 
control board 
MIDI program changer 
8-bit I/O for Atari 
6m band transverter 
Wattmeter 
meter board 
display board 

No. Price 

900094-5 31.50 

900138 11.50 
910005 21.00 
910010 19.50 

910011-1 11.00 
910011-2 7.00 

MC preamplifier 
Dimmer for halogen lights 
transmitter 
receiver 

MAY 1991 
8032/8052 computer 
Battery tester 
Moving-magnet (MM) 
preamplifier 

Universal I/O interface 
for IBM PCs 

JUNE 1991 
Universal battery charger 
Logic analyser (4) 
power supply board 
Atari interface 
IBM interface 

Digital phase meter 
(set of 3 PCBs) 

Light transceiver 
Variable AC PSU 
Light switch w/TV IR Tic 
RTC for Atari ST 
Stepper motor board (1) 
PC insertion card 

JULY/AUGUST 1991 
Multifunction I/O for PCs 
B/W video digitizer 
Stepper motor board (2) 
power driver board 
LED voltmeter 
Wien bridge 
Angled bus extension 
card for PCs 
Sync separator 

SEPTEMBER 1991 
Timecode interface 
for slide control 
main board 
display board 

Asymm-symm converter 

OCTOBER 1991 
PC-controlled weather 
station (2) 

Digital function generator 
main board 
display board 

Audio spectrum shift 
encoder/decoder 

910016 18.00 

910032-1 7.00 
910032-2 7.50 

910042 20.50 
906056 7.00 
900111 11.50 

910046 18.50 

900134 16.00 

900094-7 
900094-6 
900094-1 

910045-1/2/3 

UPBS-1 
900104 
910048 
910006 
910054 

910029 
910053 

910054-2 

914005 
914007 
914030 

15.00 
21.50 
24.50 
44.50 

3.90 
10.50 
9.50 

10.50 
49.50 

41.50 
38.50 
48.50 

9.50 
7.00 

20.50 

914077 7.50 

910055 41.50 
87291-9A 7.00 
910072 9.50 

900124-2 6.50 

910077-1 
910077-2 
910105 

37.00 
21.50 
17.50 
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TERMS OF BUSINESS 
PRICING 
Prices, except as noted, include shipping in the con-
tinental USA. The minimum order is $10. A $2 ser-
vice charge will be added to orders of less than $10. 
Prices are subject to change as our costs change. WE 
RESERVE THE RIGHT TO MAKE PRICE CHANGES 
WITHOUT NOTICE. 

TELEPHONE ORDERS 
Telephone orders are welcome between the hours of 
9:00 a.m. and 4:00 p.m. EDT, Monday-Friday. Orders 
for parts are to be made on the ORDER FORM pro-
vided. Payment for telephone orders is by MC/VISA 
only. Our TELEPHONE ORDER NUMBER IS (603) 
924-6371 or 924-6526. Our answering machine for 
MC/VISA orders during non-business hours is (603) 
924-6371. FAX: (603) 924-9467 (24 hours). 

PAYMENT 
All remittances MUST BE IN US FUNDS DRAWN 
ON A US BANK. Payment for telephone orders must 
be made by MasterCard or VISA. Mail order payment 
may be made by MC/VISA, money order, cashier's 
check or personal check. If payment is made by per-
sonal check, allow up to 2 weeks for clearance before 
order is shipped. Should check be returned for any 
reason, there will be a $10 charge. 

SHIPPING 
Unless noted, freight is prepaid by Old Colony. 
All orders shipped USPS first class mail or by UPS. 

Allow two to three weeks for delivery. Please inquire 
about appropriate funds for special handling (UPS 
next day or second day). UPS requires a street ad-
dress. If you cannot receive UPS delivery, please in-
clude an extra $2 for insured service via Parcel Post. 
We cannot accept responsibility for safety or delivery 
of uninsured Parcel Post shipments. Absolutely no 
COD shipments. 

BOOKS, RECORDINGS, CDs, and SOFTWARE 
The shipping/handling charge for the US is $2.00, plus 
75e each additional item. In Canada, please add $4.50 
for the first item, 75€ each additional. No returns. 
According to the Connecticut Dept. of Revenue Ser-
vices, Regulation #27, Section 12-426-27, in order to 
sell software to residents of Connecticut, we must 
register with the department as well as collect taxes 
for the state from the purchaser. We regret to inform 
our customers that we will not sell software to anyone 
from Connecticut, as it will prove to be too costly and 
burdensome. 

OVERSEAS ORDERS 
For orders to be shipped outside North America, add 
20% to the total order to cover shipping. 

RETURNS 
If you wish to return all or part of an order for any 
reason, please call or write first. If we are in error, 
correction will be made promptly, without charge. 

WARRANTY 
We warrant that all items sold conform to the qual-

ity and specifications set forth. We make no represen-
tations. We accept no responsibility whatever for fur-
ther use by the customer. We accept no monetary 
liability in excess of the original cost or replacement 
of the material if originally defective or damaged in 
transit. 

COPYRIGHT 
All drawings, photographs, articles, printed circuit 
boards, EPROMs, software, and cassettes published 
in our books or magazines (other than in third-party 
advertisements) are copyright and may not be repro-
duced or transmitted in any form or by any means, 
including photocopying and recording, in whole or 
in part, without the prior permission of Elektor Elec-
tronics USA in writing. Such written permission must 
also be obtained before any part of these publications 
is stored in a retrieval system of any nature. 
Notwithstanding the above, printed circuit boards 

may be produced for private and personal use without 
prior permission. 

LIMITATION OF LIABILITY 
Elektor Electronics USA shall not be liable in contract, 
tort, or otherwise, for any loss or damage suffered 
by the purchaser whatsoever or howsoever arising 
out of, or in connection with, the supply of goods or 
services by Elektor Electronics USA other than to sup-
ply goods as described, or at the option of Elektor Elec-
tronics USA, to refund the purchaser any money paid 
in respect of the goods. 

BOOKS FROM ELEKTOR ELECTRONICS USA 
301 CIRCUITS 
This book follows the theme of the first in this series, 300 Circuits (now out of print). It con-
tains over 303 assorted circuits first published in the 1979, 1980, 1981 summer issues of 
Elektor Electronics. 
The circuits range from the simple to the more complex and are described and explained 

in straightforward language. The book is a comprehensive source of ideas and construction 
projects for anyone interested in electronics. 
ISBN 0-905705-12-2 
BKAA11 Price $12.50 

302 CIRCUITS 
The popularity of this book is shown by its having been reprinted no fewer than three times. 
It otters a selection of the most interesting articles from the 1982, 1983, 1984 summer issues 
of Eleictor Electronics. 

In it you will find circuits for audio and video; car, cycle, and motorcycle; home and garden; 
receivers and aerials; hobbies and games; measuring and testing; oscillators and generators; 
current sources and power supplies; microcomputers and music electronics; and a miscellany 
of other interesting subjects. 
ISBN 0-905705-25-4 
BKAA12 Price $12.50 

303 CIRCUITS 
Like its predecessors, 303 CIRCUITS offers a comprehensive collection of practical ideas, 
concepts, and developments in the gamut of electronics. Unlike its predecessors, the book 
is arranged in 11 subject sections to make it easier for the reader to find that long-sought circuit. 

In well over 300 pages, the book otters 32 Audio and Hi-Fi projects; 14 circuits for Car 
and Bicycles; 43 Computer & Microprocessor circuits; 11 Electrophonic projects; 24 HF and 
VHF circuits; 16 circuits for a number of hobbies and pastimes; 54 projects for Home and 
Garden; 29 Power Supply circuits; 29 circuits for Test and Measurement equipment; nine 
TV and Video projects; as well as 42 Design Ideas. 
ISBN 0-905705-62-2 
BKAA13 Price $15.90 

DATA SHEET BOOK 2 
Like its predecessor (now out of print), this book offers concise, relevant, and rapidly ac-
cessible information, which is both practical (e.g., the pin-out of a device) and informative. 
The book contains data on integrated circuits as well as on discrete transistors and diodes. 

Moreover, it gives an introduction to fast (HCMOS) devices and a review of the new sym-
bolic logic as laid down in British Standard BS3939:Section 21 (IEC Standard 617-12). 
The final part of the book deals with a number of computer chips, such as memory devices 

(including programming information for these) and Kr circuits. This section also includes data 
on a number of non-digital discrete arid integrated devices, such as op amps, as well as 
on some microprocessor peripherals (e.g., the 6599 VIA, the 6580 ACA, and the 8355A PPI). 
ISBN 0-905705-27-0 
BKAA14 Price $16.50 

DATABOOK 3: PERIPHERAL CHIPS 
This book lists the most important design data of peripheral chips whose type numbers and 
functions relate them unambiguously to a microprocessor in the same family. All listed devices 
form part of families based on widely used microprocessors or microcontrollers. Their most 
evident application will therefore be in conjunction with the associated microprocessor. This 
should, however, not be taken to mean that a peripheral cannot be used in another ap-

plication. Far from it, as witness the familiar type MC146818A real-time clock and the type 
MC6845 cathode-ray tube controller. It deserves a place on the bookshelf of anyone con-
cerned with the design, maintenance and servicing of microprocessor-controlled electronic 
equipment. 
ISBN 04105705-30-0 
BKAA15 Price $17.95 

MICROPROCESSOR DATA BOOK 
This book has come about because of a need by Elektor Electronics engineers, technicians, 
and editorial staff of a ready reference work on the most important microprocessors. This 
implies that it does not only contain information on the latest devices, such as the transputer, 
but also on older, well-established types, such as the Z80 and the 6800. 

A general description, hardware block schematic, software structure, DC characteristics, 
and instruction sets are given for over 70 microprocessors. To prevent the book from becom-
ing unwieldy (and to keep costs down), timing diagrams and AC characteristics have, however, 
been omitted. The detailed information on all manufacturers mentioned will, however, enable 
any additional information to be obtained quite readily. 

Included in the book are, among others, the 68000 series; the 6502 family; the Z80, 8080, 
and 8085; Intel's 8086, 80186, 80188, 80286, and 80386; the NS32>00( series, and the IN-
MOS transputers. 
ISBN 0-905705-28-9 
BKAA16 Price $17.90 

DATABOOK 4: PERIPHERAL CHIPS II 
This final volume in Elektor Electronics' Microprocessor Data Book series deals with general 
peripheral chips that, at least as far as their type-coding is concerned, do not belong to a 
specific family of microprocessors. There are so many of these, however, that only a portion 
of them can be dealt with in one book. Those contained in this collection have been chosen 
carefully on the basis of their practical application and frequency of use. Complete data are 
given for coprocessors from the 80 series (AMD, Cyrix, rr-r, Intel, Weitek); real-time clocks 
from MEM, OKI, Statek, National Semiconductor, and Dallas Semiconductor; transmitters 
and receivers of serial interfaces Wei:), 422, 423, 485 from Motorola, Newport Components, 
Maxim, Texas Instruments, National Semiconductor, Dallas Semiconductor, arid Linear 
Technulogy; UARTS, DUARTS, and QUARTS (i.e., programmable ICs intended for data 
transfer); and the CS8221 set of ICs from Chips & Technology that are used in a great number 
of PC mother boards (also included is the data sheet of agsnriated software LIM 4.0 for the 
management of the Extended Memory System). 

Apart from the actual data, the book contains much other useful information, such as com-
parisons between and second sources for all important IC families; addresses of manufac-
turers and their representatives; and overviews of all peripheral chips (including many that 
could not be included in this book) that are available from various manufacturers. 
ISBN 0-905705-32-7 
BKAA17 Price $17.95 

SPECIALS! 

BKAAL1 BKAA11, 12, 13: all 3 for $35 (Save $5,95!) 

BKAA7J2 BKAA14, 15, 16, or 17: ANY THREE for $45 (Save $7.35!) 
(BE SURE TO SPECIFO) 

BKAALS Complete Elektor library- all 7 for $85 (Save $26.20!) 

These books are all available direct from Elektor Electronics USA through the Readers Services, from a number of bookshops and electronics retailers in the US and 
Canada, and from selected bookshops throughout the world. Special prices are those of EEUSA only. 
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TELL OUR ADVERTISERS YOU SAW THEIR AD IN ELEKTOR. 67 

<Project Pro) 
Call For FREE Catalog 

Call (800) 800-3321 or (216) 425-8888 

Project Pro brings a complete line of electronic 

enclosures, hardware, and tools to both the 
professional project engineer and the hobbiest. 

Everything you need to bring ANY project 
from development to finished product. 

Electronic Enclosures 
* Aluminum 

*Steel 

*Plastic (ABS) 

Racks 

Custom Services 
* Fabricating 
* Screening 
* 72 hour-

turnaround 
Chassis  

Fasteners 
*Nickel Plated 

*Black Zinc 

Tools 

1710 Enterprise Pky. Twinsburg, Ohio 44087 

Printed Circuit Boards 

Working for you! 

Time • Quality • Service 

• Prototype Specialists 
• Printed Circuit Board Design 
- CAD or Hand Generated 

Design Layout 
- RF, Digital, Analog 

Capabilities 
• Modem Transfer 

Single double sided board fabrication 
Multi-layer design services 

Midland Technologies 

fir Orders: 1-800-726-8871 
Inquiries: (406) 586-1190 
FAX: (406) 586-0300 

Large or small...you'll find us suprisingly affordable! 

34374 E. Frontage Rd. • Bozeman, \IT 59715 

P-C-B ARTWORK MADE EASY I 
Create and Revise PCB's in a Flash 

* HERC, CGA, EGA, VGA, SUPER-VGA 
* HELP SCREENS 
*EXTREMELY USER FRIENDLY 
*AUTO GROUND PLANES 
*DOT- MATRIX, LASER and PLOTTER ART 
* GERBER and EXCELLON OUTPUT 
* CREATE YOUR OWN FILMS with 1X ART 
*LIBRARIES 
*DOWNLOAD DEMOS from 24 hr. BBS! 

REQUIREMENTS: IBM PC or Compatible, 384 K RAM 
DOS 3.0 or later. IBM compatible printers, HP Laser 

PCBoards - layout program 99.00 
(PCBoards HP or HI PEN PLOTTER DRIVER 49.00) 

PCRoute - auto-router 99.00 
SuperCAD - schematic pgm. 99.00 
Demo Pkg. - (includes all 3 programs) 10.00 

Call or write for more information 

PCBoards 
2110 14th Ave. South, Birmingham, AL 35205 

1-800-473-PCBS/ (205)933-1122 
BBS/ FAX (205)933-2954 

CRESTWOOD PRODUCTS INC. 
40994 GIBBEL RD. REMET CA. 92544 

ORIGINATOR, MANUFACTURER & DISTRIBUTOR 

V U.- THR U VCR DIAGNOSTIC TOOL 
1-800-544-8583 

PATENTED 

MODEL 0 VT 102 

Made in USA 

A CLEAR PLASTIC SHELL THE SAME SIZE & SHAPE AS A 
STANDARD VHS VIDEO CASSETTE 

BY FAR MOST VCR MALFUNCTIONS ARE MECHANICAL 
With the VU-THRU TOOL & 9 page ILLUSTRATED MANUAL 
you can get many VCR's back in working order without special 
tools or equipment 

Typical VHS mechanism with 
VU-THRU DIAGNOSTIC TOOL in place 

10 

12\  

15 

Fig. 1 

With power on & the VU-THRU TOOL in place the following will happen in a normally 
working VCR when "PLAY" is pressed. The tape tension ann (2) will move to the left causing 
the tension bend to apply to the supply spindle (1). Loading posts (4) will move forward 
carrying the tape to the video head (8) & stopping at loading post supports (7). The video 
head will be rotating CCW at 1800 RPM. pinch roller (11) will move toward the capstan 
(12) & press tape between (11& 12). The capstan will be turning CW pulling tape across video 
head. The idler wheel will be driving take-up spindle in a CW direction. 
THE ADVANTAGE OF THE VU-THRU VCR DIAGNOSTIC TOOL IS NOW OBVIOUS. Now 
ou can SEE all of the above action without • video cassette blockin our view. 

IN 
si-Ruc7-toN 
reNuFm_ 

V T 102 

VU-1.0eU 
vCR 

C'IveG1NCOrC O 

S 9.95 each 
3.50 S&H 

$13.45 total 

SPECIAL ORDER TWO 
FOR $ 19.90 i 
WE PAY S&H ) 

COD add $ 3.50 
CA. orders add 7% sales tax 
VISA - MASTERCARD 

CANADA - MEXICO 
ADD $ 5.00 U.S. 

WANTED!! DEALERS 01 ITSIDE OT 1 III. USA VRIll TOR 1111 I DT I AILS 
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&EMI? 
ELECTRONICS 

USA 
WOULD YOU LIKE TO... 
SUBSCRIBE? 
YES! Just check the appropriate boxes in the 
"renew" section and fill in name and address. 

1J RENEW? 
Fill in the appropriate sections below. For 
faster service use your mailing label and 
subscriber number. 

Ul 1 year at $28 

[j 2 years at $50 
EJ Check/MO enclosed 
[:11 Charge MC/VISA 

Canada add $8 per year postage 

Remit in US $ only 

Subscriber 0 
Services 
Complete the applicable 

section(s) below and 
mail to: 

Elektor Electronics USA 
PO Box 876 

Peterborough, NH 
03458-0876 

SUBSCRIBER NUMBER 

NAME 

STREET 8. NO 

CITY ST ZIP 

MCNISA 

CHANGE YOUR ADDRESS? 
Fill in your new address to the 
right and old address and subscriber 
number above. 

EiGIVE A GIFT? 

CITY ST ZIP 

What a thoughful idea! Fill out your name and 
address above, the recipient's name and address 
to the right. We'll even send a gift card 
announcing your gift. 

CITY ST ZIP 

ifi• 1=i TELL YOUR FRIENDS ABOUT US? 

Eti 

EXP 

MY NEW ADDRESS: 

NAME 

STREET & NO 

Print their names and addresses below or photocopy this form for them. 
We'll take care of the rest. 

NAME NAME 

STREET 8. NO STREET & NO 

CITY ST ZIP CITY ST ZIP 

Li COMPLAIN ABOUT YOUR SUBSCRIPTION? YOU CAN CALL US 
Yes, it sometimes happens. We try to avoid it at 
all costs, but it you have a problem, we want to 
know. Call or write with all pertinent information. 

(603) 924-9464 
Subscription Department 

9-4 Business Days 
Answering Machine 

All Other Hours 
FAX: (603) 924-9467 

24 Hours 

dime. 

C1=11 II 11I 

ELEKTOR ELECTRONICS USA OC1 OBER 1991 
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NOW THAT YOU'VE SEEN OUR 
NEWEST TREASURE „ . 

WHY NOT HAVE A LOOK AT THE REST? 

does-e;nunlo 
The newest publication from 
the folks who bring you 
Audio Amateur and Speaker Builder 

Glass Audio features the best vacuum tube 
designs for audio reproduction—past and contem-
porary. The new designs take advantage of im-
proved components and control techniques that 
make the end results far superior to anything possi-
ble during the early days of audio's rebirth after 
World War II. 

That's why tubes are having such a renaissance 
of interest as a perfectionist approach to good 
sound'. And that's why tubes are reappearing in 
original equipment, in high end consumer and pro-
fessional audio systems. 

Published twice a year in June and December, Glass 
Audio will inform you about new innovations in 
the field and about parts sources. We'll also in-
clude modification projects, reviews of technical 
basics and regular columns such as Tube Troubles, 
Tube Tips and much more. 

Subscribe today! 

/ 

.2.-.'.\»\i` ,-... 

e.--- GLigseeibi _---..  „ 
z............z. 
1., pze..... , .:-• - 

GLASS AUDIO 
E Two years, (4 issues) 
III One year, (2 issues) 
Canada add $2 per year postage 

Audiailinateur 
THE JOURNAL FOR AUDIOPHILE CRAFTS 

The innovative, independent 
audiophile journal for the thoughtful 

and capable music lover 

Audio Amateur's articles deal with how audio 
equipment works, as well as how to build or mod-
ify it. Construction and modification articles are 
plentiful, supplying all needed parts, performance 
and assembly details. Exceptionally high quality 
designs. 

Audio Amateur offers a number of features in each 
issue that abound with useful ideas. The Letters 
column is an open forum for problem solving and 
information interchange; Classic Circuitry reprints 
schematics of state-of-the-art gear—old and new; 
Audio Aids relates readers' experience with sim-
ple modifications to equipment and construction 
techniques. We also feature many useful and prac-
tical hi-fi accessories you can build to further your 
audio enjoyment. 

For a small investment you can make your music 
system sound better—very probably a lot befter. 

SpeakerBuilder 
THE LOUDSPEAKER JOURNAL 

The magazine 
that finally deals seriously with 

the art and craft of speaker building 

The Art of building a speaker is to optimize that 
mixture of design and engineering to balance all 
the parameters for the most beautiful sound pos-
sible. The Craft is knowing how and why. 
Speaker Builder gives you knowledge—from 
driver parameters and crossovers to woodwork-
ing—to develop and refine your techniques, and 
to get the most out of your system. 

Speaker Builder helps you explore new designs 
with how-to construction articles, and can show 
you how to modify your old speakers and make 
them sound better than ever. Learn from our writ-
ers who turn abstract theory into practical ap-
proaches, and from the experience of other 
readers who have been down the road before you 
Speaker Builder is the best investment you can 
make in your system—six issues per year filled 
with stimulating and exciting ideas. 

AUDIO AMATEUR 
$18 El Two years, (8 issues) 
$10 LI One year, (4 issues) 

Canada add $4 per year postage 

SPEAKER BUILDER 
$35 El Two years, (12 issues) 
$20 E One year, (6 issues) 

Canada add $4 per year postage 

NAME 

STREET & NO. 

CITY STATE ZIP 

MC OR VISA NUMBER EXPIRE 

S45 
S2$ 

AUDIO AMATEUR PUBLICATIONS 
PO Box 576, Dept. E91, Peterborough, NH 03458-0576 • (603) 924-9464 • FAX: (603) 924-9467 

Answering machine for credit card orders only: before 9:00 a.m., alter 4:00 p.m. and weekends. Have all information plus MC/VISA available. 
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70 TELL OUR ADVERTISERS YOU SAW THEIR AD IN ELEKTOR. 

EVERYTHING YOU EVER WANTED TO ASK ABOUT YOUR CD PLAYER 
BUT WERE AFRAID TO KNOW! 

After 18 months of painstaking research and several trial pressings, here is the most complete and functional test 
package ever available on the market. Created in the studios of Pierre Verany, with the collaboration of the French 
audiophile magazine Compact the final product was submitted to the creators of the CD concept and its 

standard—the Philips laboratories in Eindhoven, Holland. Their verdict: "a beautiful piece of work!" 

The compact discs in this copiously documented set are unique. For the first time, they offer the consumer a tool for 
verifying the qualities and defects of a given CD player, with no required measuring equipment or in-depth technical 
knowledge. However, they have been shown to yield startling performance demonstrations even under the strictest of 

laboratory conditions. 

CHANNEL SEPARATION * FREQUENCY RESPONSE * HARMONIC DISTORTION * SIGNAL-TO-NOISE 
RATIO * TRANSIENT SIGNAL RESPONSE * INTERMODULATION DISTORTION * CONVERTER 

OVERLOAD EFFECT * CD CUTTING VELOCITY * TRACK PITCH * DROPOUTS 

PIERRE VERANY 
DIGITAL TEST PV 788031/32 (2 Compact Discs) 

106 Demonstration tracks and equipment tests, accompanied by a detailed 68-page instruction booklet. 

COMPACT DISC ORDER FORM 

Note: Discs and recordings are not returnable for credit or exchange. 

NAME MAGIC NO 

STREET & NO 

CITY STATE ZIP 

MCNISA E XP 

Please send me PV 788031/32 (2 CDs) at $34 per 

set plus $2.25 handling. Outside USA, please add $7 for 

air shipment. 

Postage   

El Check/MO E MC E VISA TOTAL S_  

OLD COLONY SOUND LAB 
PO Box 243, Dept. E91 

Peterborough, NH 03458-0243 USA 

(603) 924-6371 / 924-6526 FAX: (603) 924-9467 
Answering machine for credit card orders only, (603) 924-6371 before 9.00 a.m after 4.00 pm and weekends 

Have information plus MCNISA available. 

ELEKTOR ELECTRONICS USA OCTOBER 1991 
WorldRadioHistory



TELL OUR ADVERTISERS YOU SAW THEIR AD IN ELEKTOR. 

M NITORING TIMES and 

ÁROVE ENTERPRISES 
The perfect combination 

for global reception! 

Since 1982 Monitoring Times has been the most 
authoritative guide for radio listening. Whether your 
interest is international broadcasting or two-way 
communications, MT's monthly updates on frequencies, 
schedules, station profiles, equipment reviews and 
monitoring tips, written by the leading experts, 
delivers the information you need. 

And for the best possible reception -- and the 
fastest service in the industry -- see the new Grove 
Catalog and Buyer's Guide, the discriminating choice 
for equipment, accessories and publications for better 
listening. 

Send now for your free Grove catalog. A sample of 
Monitoring Times (mailed in U.S.) is only $3 and a 
one-year subscription -- 12 monthly issues -- is only 
$19.95 

Grove Enterprises 
P.O. Box 98, Brasstown, NC 28902; 704-837-9200 

WorldRadioHistory



PARTS PLACESV 

(1) 

Parts Special-Order Hotline. Your local 
Radio Shack store stocks over 1000 popu-
lar electronic components. Plus, we can 
special-orcer over 10,000 items from our 
warehouse—linear and digital ICs, tran-
sistors ano diodes, vacuLm tubes, crys-
tals, phono cartricges and styli, even 
SAMS' service manuals. Your order is 
sent directly to your Radio Shack store 
and we notify you when it arrives. Delivery 
time for most items is one week and there 
are no postage charges or minimum order 
requiremerts. 

(1) Shielded RS-232 Jumper Box. Top-
quality inline D-sub 25 adapter. Wire the 
included jumper wires and board to suit 
your need. #276-1403 9  95 

(2) Computer RS-232 Tester. Dual-
color LEDs monitor seven data/control 
lines to help you spot problems quickly. D-
sub 25. Connects inline. 
#276-1401   14.95 

(3) Grounded-Tip Soldering Iron. 15W. 
#64-2051 7  49 

(4) Vacuum-Type Desoldering Tool. 
#64-2120 6  95 

(5) Locking Forceps. 6" long. Stainless. 
#64-1866 4  95 

(6) Rosin Soldering Paste Flux. 1 oz. 
#64-021 1  79 

(7) Lead-Free Solder. 96% tin. 4% sil-
ver. 0.25 oz. #64-025 1  99 

(8) 10-Amp Microwave Oven Fuses. 
#270-1256   Pkg. of 2/1.29 

(9) 2-Amp Fast-Acting Fuses. 
#270-1275   Pkg. of 3/79C 

(10) 5-Amp "Blade" Vehicle Fuses. 
#270-1205 ...... Pkg. of 2/89e 

Computer/Printer/Business Machine 
AC Power Cords. 6 feet long. 

(11) Extension. Just plug in to lengthen 
existing cord. 
#278-1259 4  99 

(12) With Space-Saving 90° CEE Con-
nector. #278-1260   5.99 

(13) With Straight CEE Connector. 
#278-1257 3  99 

(1) NEW! "Shirt Pocket" Multimeter. Take it along! Features LCD 
display, autoranging with manual override, continuity sounder. Mea-
sures to 400 volts AC/DC and resistance. With fold-up vinyl case, 
manual and replaceable batteries. #22-169   27.95 

(2) NEW! Building Power Supplies. Easy-to-understand, 96-page 
book explains linear and switching supplies. Includes complete plans 
for building five useful supplies with Radio Shack parts. 
#276-5025 4  95 

(3) Mini Audio Amplifier. Great for computer voice/music synthesis, 
signal tracing and more. Has a built-in speaker, 1/8" headphone jack, 
1/8" input jack and volume control. Put one on your bench today! 
#277-1008   11.95 

(4) Digital Logic Probe. LEDs and tone outputs reveal logic states 
instantly. It's the fast way to check operation and pinpoint problems in 
all types of digital circuits. 
#22-303   16.95 

Since 1921 Radio Shack has been the place to obtain up-to-date electronic 
parts as well as quality tools, test equipment and accessories at low prices. 
Our 7000 locations are ready to serve you—NOBODY COMPARES 

Prices apply at participating Radio Shacic stores and dealers. Radio Shack is a division of Tandy Corporation 

(1) Voltage Regulator ICs. Feature 
built-in overload protection and ther-
mal shutdown. Great for custom pro-
jects. Maximum input: 35VDC. 
7805. 5V. #276-1770 119 
7812. 12V. #276-1771 119 

(2) Low-Voltage Motor. Just the thing 
for science projects, robotics and solar 
power demos. Operates from 11/2 to 
3VDC. About 11/2" long. 
#273-223  99C 

(3) High-Speed 12VDC Motor. Up to 
15,200 RPM, no load. About 2" long. 
#273-255 2  99 

(4) "Ding-Dong" Chime. This IC and 
mini-speaker combo is ideal for a 
customer-entry alert or doorbell. Pro-
duces 80 dB sound pressure at 12VDC. 
Operates from 6 to 18VDC. 
#273-071 8  99 

(5) Surface-Mount Resistors. 200-
piece assortment of 15 popular values. 
Rated 1/8 watt, 5%. 
#271-313   Set 4.99 

(6) Metal Project Cabinet. An attrac-
tive, easy-to-drill housing at a low 
price. 3 x 51/4 x 
#270-253 6  79 

(7) Power Supply Project Case. 
Vented 21/2 x 45/8 x 31/4" molded case. 
#270-287 3  99 

(8) 0 to 15 DC Voltmeter. Quality jew-
eled movement. #270-1754 7.95 

(9) Box/Board Combo. Molded en-
closure plus predrilled 2 x 31/8" board, 
labels and more. 
#270-291 4  99 

(10) Eight-Position Audio Phono 
Jack Board. #274-370 1  69 

(11) 1:1 Audio Transformer. Z: 600-
9000. #273-1374 3  59 

(12) Three-Pin XLR Mike Plug. Metal 
body. #274-010 2  99 

(13) Three-Pin XLR lnline Socket. 
#274-011 2  99 

(14) Three-Pin XLR Panel Socket. 
#274-013 3  69 

Raft!. /hack 
AMERICA'S TECHNOLOGY STORE 
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