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Feed audio modulation to one input, a car-
rier to another and the output of this side-
band generator will be upper and lower
sideband with supressed carrier. Where is
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speech scrambler.

it used? Try a sideband rig or a telephone
Work the scrambled
signal into the modulation input to un-
scramble your speech scrambler output.




Low-cost IC circuit
makes messages unintelligible
without a similar unit

The art and techniques of

security in

communications today

Y .
OULD vyou like to be able to keep unauthorized
people from listening to your private communica-

tions? Thanks to recent advances in integrated circuit

technology, it is possible to build a low-cost voice
scrambler that will make your message unintelligible to
aryone who doesn’t have a compatible unscrambler. Of
course, voice scramblers have been around for many
years, but most of them are too expensive or too difficuit
to use (or both). This circuit is easy to build, is reliable,
and can be used as either the scrambler or unscrambler.

How Scrambling Works. The block diagram in Fig. 1
shows how the scrambler works. The incoming audio
signal is filtered to remove all frequency components
above 3 kHz as shown at (A). The signal is then used to
modulate a 3.5-kHz oscillator signal, with a linear four-
guadrant multiplier as the balanced modulator. The out-
put (B) of the multiplier includes the sum and difference
frequencies between the two inputs. Another filter re-
moves the sum frequencies and any remaining 3.5-kHz
carrier, leaving only the difference frequencies as shown
at (C).

N OT TOO long ago, ‘‘security” meant

something very different from what
it does today. Now, it is a synonym for
“protection” from thefts of anything from
real property to communication informa-
tion. So high is the interest in s cure
communiations that the U.S. Government
plans to make all official communications
secure by the mid-1980’s. Other govern-
ments and many industrial and commer-
cial establishments throughout the world
are following suit. So too are a number of
private citizens who want to preserve the
privacy of their communications.

The growth of electronic communica-
tion since 1940 has revolutionized the
secret world of cryptology. Wires and
radio waves now carry unbelievable
quantities of communication information
at staggering rates. Electronics provides
the means of unauthorized and illegal
eavesdropping on this information. Some
of this eavesdropping is done by
specialists with expensive “bugging”
equipment, posing a real threat. Much of
itis by amateurs, listening in on business,
Motorola Inc.  Public Safety, and other “'private” radio
Products Div.  broadcasts.
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it is interesting to note that, in the output, the voice
channel from 300 to 3000 Hz is contained in a single-
sideband signal from 3200 to 500 Hz. It can be recorded
or transmitted like any other voice signal, but the fre-
quency spectrum of the output is an inversion of the
input. (For example, an input frequency of 300 Hz is 3200
Hz in the output and an input of 2500 Hz is 1000 Hz in the
output.) The inversion thus makes the voice message un-
intelligible.

When the scrambled signal is coupled to the input of a
similar unit, the signal is re-inverted and the original
audio comes out in unscrambled form as shown at (D)
and (E) in Fig. 1.

Circuit Operation. The complete schematic of the
voice scrambler is shown in Fig. 2. Integrated circuit /C7
is used as a high-input-impedance buffer amplifier to
prevent loading on the signal source. Resistors A2 and
R3 control the gain of the buffer. An active low-pass filter
with a cutoff frequency of 3000 Hz is provided by /C2 and
IC3. The shape of the filter is controiled by the feedback
components (R4-A7 and C2-C7) and the circuit is de-
signed to provide a four-pole Chebyshev filter charac-
teristic with 1 dB of ripple in the passband and a sharp
rolloff. Integrated circuit /C5 is a stable square-wave os-
cillator operating at a frequency determined by R76, R17,
and C9. Potentiometer R17 is used to adjust the oscillator
frequency so that two or more units can be matched. The
oscillator output is attenuated by resistors R78 and R79
and modulated by the output of /C3, the filtered input
signal. The balanced modulator is /C4. Trimpots R27 and
R28 provide balancing adjustments for the modulator.
When they are properly adjusted, only the sum and dif-
ference frequencies of the two inputs will appear at the
output. Integrated circuits /C6 and /C7 form a low-pass
filter to pass only the desired output signal.

The output of /C7 can be used to drive load impe-
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Radio receivers are readily available for
monitoring taxicab, aircraft, and police
despatches. Some police departments
might condone ‘‘good-citizen” monitor-
ing of their broadcasts since it increases
the number of observers on the lookout
for stolen cars, fleeing suspects, etc.
More often than not, however, they prefer
that private citizens do notlisten in. Some
communities, in fact, have enacted laws
that make it illegal for any but authorized
law enforcement personnel to monitor
police broadcasts.

Security Goes Public. Industrial and
private secure-communication systems
generally employ simpler enciphering
techniques than those used by the high-
level governmental agencies. While these
are relatively simple systems today, they
would have boggled a cryptanaiyst’s
mind only a few decades ago. Most such
systems are electronic, designed to effec-
tively thwart the casual would-be eaves-
dropper. They are, however, relatively
easy to decode if the eavesdropper is will-
ing to spend the money to attack them
with sophisticated techniques.
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Most companies that make secure
voice systems use a ‘‘scrambier’” tech-
nique. The scrambler, as its name implies,
mixes up (scrambles) the speech portions
of the audio-frequency range. Scrambiers
have the advantage over more secure
governmental systems in that they are in-
expensive, compact, often require only
narrow-bandwidth transmission chan-
nels, and offer adequate security for their
proposed use. They generally provide '
several hours of security even against the
serious commercial eavesdropper.

A generalized block diagram of a

FREQ IN kHz

Fig. 1. Block diagram and waveforms
show how the scrambler works.

(A) is incoming signal; (B) is

sum and difference; and (C)

s output after filtering.

Uncrambling is shown in (D) and (E).

speech scrambleris shown in Fig. 1. The
operator speaks into the microphone.
Following the mike may be special pro-
cessing circuits like speech compressors,
delta-modulation response-curve
generators, etc. The processed speech
signal then undergoes some form of en-
coding, analog or digital, in some combi-
nation with an electronic '‘key” whose
methodology appears to be random in na-
ture. If an all-digital scheme is used, an
analog-to-digital (A/D) converter be-
comes part of the encoder, while a
digital-to-analog (D/A) converter be-

Y

. SPECIAL
pROCESSOR ] ENCODER MODULATOR TRANSMITTER
MICROPHONE
SPECIAL _ I
PROCESSOR [ DECODER f—f DEMODULATOR RECEIVER -
SPEAKER

Fzg 1. Simplifed block diagram of scrambler using radio link,
but transmitter and receiver can be dirvect-coupled.
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C1, €9, Clo, C19, C20—0.1-uF Mylar
capacitor

C2, C12—3000-pF, 5% capacitor

C3, C13—1200-pF, 5% capacitor

C4, C14—6800-pF, 5% capacitor

CS, C15—300-pF, 5% capacitor

C6, C16—100-pF, 5% capacitor

C7, C17—39-pF, 5% capacitor

C8—20-pF, 5% capacitor

C11—0.22-u4F, Mylar capacitor

Ci18, C21, C22—35-uF, 25-volt electrolytic
capacitor

IC1, 1C2, I1C3. 1C6, 1C7—741 op amp

Fig. 2. Complete schematic of scrambler.

comes part of the decoder. The encoded
signal passes on to a modulator where it
is impressed on a carrier or other trans-
mission medium. At the receiving end, the
reverse of the process occurs.

Encoding Techniques. There are basi-
cally two types of techniques used for en-
coding communication signals to secure
them against immediate unauthorized
decoding by eavesdroppers. They include
a variety of analog and digital ap-
proaches.

Simple Speech Inverters: Inverters

TRANSPOSED

1C4—2308 multiplier (Exar)

1C5—555 timer

RI1, R3, R8, R9, R25, R26, R29, R30
—100,000 ohm, Y4-watt, 109 resistor

R2—27,000-ohm, Ya-watt, 10%resistor

R4-R7, R21-R24—56,000-0hm, Y4-watt, 5%
resistor

R10, R13—300,000-ohm, Y4-watt, 5% resis-
tor

R11, R12—24,000-ohm, Y4-watt, 5% resistor

R14—30,000-0hm, Ya-watt, 5% resistor

R15—62,000-ohm, Y4-watt, 5% resistor

R16—180-0hm, Y4-watt, 10 resistor

transpose the high-frequency compo-
nents of the speech signal to low fre-
quencies. This is done before carrier
modulation in radio transmitters or be-
fore line transmission in telephone sys-
tems. A stable audio oscillator operating
at about 3000 Hz can feed a balanced
modulator along with the voice signal.
The lower sideband generated reflects
the mirror image of the speech frequen-
cies. (See Fig. 2.)

Bandsplitters: Bandsplitters divide the
audio speech frequencies into several
ranges, permitting the narrow frequency
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CARRIER Fig. 2. Inverters transpose high-frequency components.
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S1, S2—Dpdt switch

Misc.—Suitable chassis (Bud SC2132), bat-
tery holders and connectors, mounting
hardware, suitable input/output jacks, etc.

Note—The following are available from
Northwest Engineering Co., 801 Duchess
Rd., Bothell, WA 98011: Pc¢ board
(NOO7-PCB) at $7; 1C4 (N0O0O7-MULT) at
$8.50; case, switches, input/output jacks,
batteries (NO07-CASE) at $17.50; pc
board and components (NO07-PK) at
$33.50. All postage paid in U.S.via parcel
post or UPS.

bands to be rearranged as shown in Fig.
3. Bandsplitting is usually accomplished
with the aid of narrow-bandpass filters.
The outputs of the filters are mixed or
shifted in frequency, then added together
so that some ranges are translated in fre-
quency.

Combined Bandsplitters: Combination
techniques offer added security to the
basic bandsplitting approach. Not only
can the speech frequencies be split and
translated, but some can be inverted as
well. The order in which the frequency
ranges are recombined can also be
changed with time as illustrated in Fig. 4.
(Some manufacturers term these
“rolling-code’’ bandsplitters and rear-
range the frequency band order several
times.) Using more bands makes this ap-
proach more difficult to: decode, and
changing the band sequence a greater
number of times per second makes the
system more secure.

Penalties of the combined bandsplit-
ting technique are that the recovered
speech begins to sound unnatural when
frequency slices increase in nhumber and
closer synchronization tolerances must

POPULAR ELECTRONICS
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dances as low as 2000 ohms. It can be used with most

amplifiers, for speaker applications, or a set of 2000-ohm

headphones.

Construction. To ensure that the active filters are
properly tuned, it is recommended that 5% resistors and
capacitors be used for the critical components (R4-R7,

ano rvo 3QV- w JQV- o

ci8

+VDC

n =VDC our GND

Fig. 3 Actual-size foil pattern for scrambler is shown above at vight, component layout at left.

be exercised during band rearrangement.
Masking Technigues: Constant audio
tones, or coded sequences of tones, are
often used with bandsplitting and inver-
sion. The tones, subtracted from the
signal during recovery and decoding, can
be higher than or the same level as the
intelligence signal (voice). If they are
higher in level, they can reduce range
since they make up much of the sideband
energy and, hence, reduce the system’s
overall signal-to-noise (S/N) ratio.
Pseudo-random noise generators can
also be used in masking techniques. In
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practice, the human ear and brain provide
such selective filtering that in a system
supposedly offering about 400 word
codes, only 10 or 12 might be all that are
really different to a listener. To someone
trained in decrypting such systems, often
50 percent of the information can be
extracted in just a few attempts. Even
inverted speech becomes intelligible after
training. Some languages are often less
affected than others by these conven-
tional scrambling techniques.

The above mentioned analog encoding
techniques have been discussed with

SPEECH BANDS
TRANSLATED IN FREQUENCY

AMPLITUDE

300Hz 3000Hz

TRANSLATOR [————3-TRANSLATOR OUTPUT

Fig. 3. Bandsplitters divide signal and then recombine.
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. frequencies to provide
more security than simple systems.
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R21-R24, C2-C7, and C12-C17). The gain-controlling re-
sistors for the multiplier (R70-R73) should aiso have 5%
tolerances.

Although the circuit can be wired point-to-point on
perforated board, it is preferable to use a pc board such
as that shown in Fig. 3. Be sure to observe the notch
codes on the IC's and the polarities of the electrolytic
capacitors so that they are properly installed.

In using a pc board, note that 8-pin DIP 741 op amps
are required. If point-to-point wiring is used, other ver-
sions of the 741 (round, 14-pin DIP or dual) can be substi-
tuted.

Mount the batteries in holders in any convenient loca-
tion in the chassis. If desired, the power can be obtained
from an external supply between +6 and +15 volts. The
supply voltage is not critical as far as circuit operation is
concerned, but the maximum input signal level and the
overall gain will vary for different supply voltages. The
gain can be adjusted by changing the values of R3 (rais-
ing it to increase the gain) and R78 (lowering it to in-
crease oscillator signal level).

The input and output connectors on the front panel
must be chosen to suit the application.

Adjustment. For proper operation, the oscillator
should be adjusted to 3500 Hz. If an accurate counter or
oscilloscope is available, R17 can be adjusted while
monitoring the output of /C5 (pin 3). An alternate method
of adjustment based on the accuracy of the lowpass filter
can be used if necessary. With the input shorted to
ground and R77 turned fully counterclockwise, adjust
R28 to get an output of 0.15 volt on an ac voltmeter. Now
adjust R77 until the output voltage falls to 0.026 volt. The
oscillator is now adjusted to approximately 3500 Hz.

To balance the multiplier, it will be necessary to adjust
R27 and R28 while monitoring the scrambler output with
an ac voltmeter or a set of headphones. With no signal

reference to voice signals. However, the
same techniques can also be used to
scramble data. They can be applied after
the data is fed into a modem and
converted to a series of audio tones for
analog transmission.

The most sophisticated, expensive, and
secure communication systems are digi-
tal. In Fig. 5 is shown a typical digital

. voice-encoding system. At the heart of
the security system are the digital
encoder/modulator and its counterpart,
the decoder/demodulator. These systems
combine some digital key with the di-

gitized signal. In many cases, synchoniza-
tion requirements can be very stringent.

The complexity of the digital encoder
varies with the degree of security re-
quired. Requirements can range from
several years security for high-level gov-
ernmental communications to a few
hours or minutes in the field for military
tactical operations. A few hours to several
days generally suffice for most industrial
and commercial activities.

The main disadvantages of digital en-
coding systems are their high cost, large
size, and often greater bandwidth re-

quirements on the transmission {inks. On
the other hand, such systems provide the
highest degree of security available for
both voice and data. There is also high
flexibility in transmission routing and
voice, and data links are often compati-
ble.

Most government systems are clas-
sified. Hence, no details of their design or
operating principles can be provided
here. There is a book, however, The
Codebreakers by David Kahn, that goes
into some detail on the subject, using
material from unclassified sources.

ENCODED
DIGITIZED DIGITIZED
SIGNAL , SIGNAL
s
AMPLIFIER/ o A/D 1001010] owraL §oi0r1o] TRANSMITTER
ANACAG PROCESSOR \J ~ JCONVERTER | MODULATOR TRANSMISSION
FORM LINES
QDecooen Fig. 5. Diagram of digital
CLEAR SIGNAL voice encoder which
SIGNAL ; y
N RADIO OR provides the best security.
AMPLIFIER/ | N D/A L ootoiof owraL JO101 101 TRANSMISSION
DEPROCESSOR \Vj CONVERTER DEMODULATOR REéIE'fsER
ANALOG
FORM
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Photo shows how the prototype
was assembled. Batteries are
at left, but an external supply
can be used if desived.

input, adjust R28 for minimum output (near the middle of
its range). To adjust R27, it is necessary to disable the
oscillator by shorting across capacitor C9. With an input
signal of about %2 volt (1000 to 3000 Hz), adjust R27 for
minimum output signal. The scrambler is now ready for
use.

Use. A crystal microphone can be connected to the
input of the scrambler with the output (with unity gain)
connected to the wmic input of a tape recorder or
transmitter. If headphones are used, the scrambled
signal is connected to the unscrambler. Alternatively, the
unscrambler can be connected between the recorder
preamplifier and speaker amplifier (or receiver detector
and audio amplifier).

The multiplier portion of the circuit can be used as a
single-sideband modulator. The multiplier can be
modified to operate with carrier frequencies as high as 5
MHz. Pins 13 and 14 of IC4 should be shorted to pin 4,
with R70 through R73 removed, a 5100-ohm resistor
connected betwen pins 4 and 15, and pin 2 connected to
pin 16. With /C5 removed, the desired carrier signal can
be coupled into pin 4 (using about 1 volt). The output of
IC4, from pin 15, can be coupled into a SSB filter to
remove the unwanted sideband.

The multiplier can also be used as a variable-gain
amplifer, or remote volume control. If the oscillator is
removed, the gain of the multiplier can be controlled by
varying the dc level on pin 5 of /C4 from 0 to 5 volts. One
way to accomplish this is to include a 100,000-ohm
potentiometer in series with a 100,000-ohm resistor
across the positive supply. Remove IC5, R718, and R79.
Connect C10 from /C4 (pin 5) to ground. Connecting the
wiper from the potentiometer to /C4 (pin 5) will provide
the desired variable voltage. For wide-band or hi-fi use,
remove the two active filters. A control range of 50 dB
can be obtained with low distortion. @®

Cryptanalysis. Most industrial spies re-
cord an intercepted message on tape and
then apply successive demodulation
andfor decrypting technigues. Several
switched filter banks and balanced mod-
ulators are used to decrypt band splitting,
while the eavesdropper uses his ear and
brain to tell him when he is getting close
to his goal.

Computers are no doubt used in digital
cryptanalysis. They make a series of pos-
sible solutions of transpositions and sub-
stitutions easy to-print out. Also, it is easy
for the computer to look for patterns in
given languages by determining which
symbols occur most often. In straight En-
glish text, the frequencies of occurrence
of alphabet letters are as follows:

e = 1000 d = 392 g = 168
t = 770 1 = 360 b =120
a 728 u = 296 k = 88
i = 704 ¢ = 280 j = 55
s = 680 m = 272 v = 52
o = 672 f = 236 q= 50
n = 670 w = 190 X = 26
h = 540 y = 184 z = 22
r = 528 p = 168
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(In any average piece of English writing,
letters are found in a standard ratio that
varies only slightly from message to mes-
sage. If the message is Jong enough, it
can be decoded by use of letter-
frequency tables. Since e is the most
commaon letter, all other letters are given
in relation to it. Hence, if e occurs 1000
times, the other letters will be found to
have the approximate ratios given above.)

Future Trends. As one might expect, all
of the communications security equip-
ment currently being designed relies

heavily on solid-state electronics. Most of

the industrial and commercial systems
still empioy discrete components, but the
government is forgipg ahead with more
integrated circuits.

The trend is toward more and more
sophisticated systems, with the demand
for tighter security increasing, as is the
technical competence of the would-be
eavesdropper. Non-government users are
beginning to look at digital techniques.
As lower prices and new IC’s to perform
digital-to-analog and analog-to-digital
conversions become widespread, this

trend toward digital systems will undoub-
tedly accelerate.

The Motorola MC1408 D/A converter IC
is representative of the new integrated
circuits on the market today. A practical
encoder would combine an MC1408 with
other logic and/or speech-processing cir-
cuits to give the particular results desired.
Most filtering and speech processing is
accomplished with the aid of opera-
tional-amplifier IC’s.

The encoding and decoding circuits
themselves can employ many of the stan-
dard shift registers, read-only memories
(ROM’s), random-access memories
(RAM’s), and gate arrays already in com-
mon use, These types of IC’s are available
in today’s popular logic families.

At one time, governments were the only
users of secure communication systems.
Later, commercial organizations became
security-conscious in their efforts to
thwart industrial espionage. Now, the pri-
vate citizen, concerned over bugging op-
erations and other invasions of privacy,
has taken up the security banner. For
him, the voice scrambler seems made to
order.
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PERHAPS THE MOST SERIOUS PROB-
lem with any kind of radiotelephone

transmission is its inherent lack of
" privacy. Anyone can monitor the sig-
nal—using a scanner or a con-
ventional receiver—and eavesdrop on
- both sides of the conversation.

Although there may be legal con-
siderations either in effect now or un-
der consideration that would limit or
prevent the unauthorized reception of
* some or all radiotelephone signals,
- the fact remains that there is un-
authorized eavesdropping that no
amount of laws, rules, or regulations
is going to stop.

To thwart both eavesdropping and
~ the unauthorized use of information
© that might be attained, many com-
munication systems make the signal
unintelligible through some kind of
scrambling; and only those specially-
equipped receivers having matching
decoder circuits can unscramble the
signal.

One relatively simple but effective
. technique that’s used to scramble
voice transmissions is known as “‘fre-
quency inversion.”” Briefly, in fre-
quency inversion a fixed-frequency
scrambling “carrier” is mixed with
the audio signal in such a way that the
original audio spectrum is translated
into a different spectrum, and the re-
sulting transmitter modulation sounds
like duck chatter. As a matter of fact,
the scrambled sound is often called
“Donald Duck.”” Even if the
scrambled duck chatter is translated
back to the vicinity of the original
spectrum, but not necessarily back to
' the original frequencies, the audio
~ will still be unintelligible.

Frequency-inversion scrambling is
commonly used by the police for ra-
dio communications in order to pre-
vent casual listeners from eavesdrop-
. ping on sensitive messages. Private
© enterprises also use similar methods
to scramble telephonic communica-
tions to prevent the interception of
~ proprietary information.

Here's a high-tech version of
the old “Captain Midnight”
secret decoder ring. Only this
time out you scramble and
unscramble sound instead of
written messages.

KEVIN LINDELL

Your own scrambler

If you have a need to scramble and
descramble any kind of radio or tele-
phone voice message, even a cassette

tape that is sent through the mail,

you’ll find you can do the job quickly
and cheaply with the combination
scrambler/descrambler unit described
in this article. The scrambled output,
whether by radio, telephone, or tape,
sounds similar to the duck chatter that
is produced when a single-sideband
radio transmission is received by an
AM receiver.

The scrambler/descrambler uses a
device called a balanced modulator to
produce frequency-inversion scram-
bling. A balanced modulator is a spe-
cial kind of mixer that will produce an
output containing sidebands when fed
both a carrier frequency and modula-
tion. The upper sideband consists of
the swm of the carrier frequency and
the modulating frequencies while the
lower sideband consists of the dif-
ference frequencies. It is the dif-
ference frequencies in the lower
sideband that are used tor scrambling.

The balanced modulator

The balanced modulator inherently
tries to null the two original input
frequencies in the process of creating
new products at its output.

If the carrier and modulation waves
are of the form:

Al;’EAK sin(wt) 1

where, A= Amplitude, o = (2xf),
f=frequency, and t=time, then,
multiplying two such waves produces:

Aout = (A (AL)(sin wb)(sin wt) (2)

where, m=modulation frequency,
and ¢ =carrier frequency.
Recalling the trigonometric identity:

(sinA)(sinB) = J2[cos(A-B) —cos(A + B)] (3)

substituting equation (3) into (2) pro-
duces the following equation, which
clearly shows the sidebands:

_ AA,
2

Acur [oosQn(fc —f

—cos2n(f, + fm)t} 4)

where
cos2nu(f,—f )1t
is the lower sideband and
cos2n(f +f )

is the upper sideband
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FIG. 1—THE MODULATION WILL FOLD BACK ON ITSELF if the carrier is within the modulation
passband. a shows how the modulation is inverted and shifted higher in frequency if the carrier signal
is displaced from the highest modutating frequency. in bthe carrier is just above the audio band so the
modulation is inverted, but the difference frequencies occupy essentially the original passband. In ¢
the carrier is within the audio band, causing some modulating frequencies to fold back within the

audio hand.
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FIG. 2—HOW THE SCRAMBLER’S modulation
works. If the audio signal shown in a is used to
modulate the square-wave carrier in b, the resul-
tant output is the signal shown in ¢: the original
audio chopped by the carrier.

If the carrier frequency is not high-
er than the audio range to be inverted,
then a distortion that is known as al-
iasing will occur in which the audio
frequencies appear to “fold over” on
themselves. Figure 1 shows how the

aliasing effect might affect a
scrambler/descrambler. Figure [-a
might be considered normal modula-
tion/carrier positioning. As the car-
rier frequency moves closer to the
audio band (Fig. 1-b), the sideband
spectrum is shifted lower. When the
carrier is within the audio range (Fig.
1-¢), it causes the output spectrum to
produce false, or aliased, products
that are “‘folded” around the carrier
frequency.

There are two basic ways to make a
balanced modulator. One method

uses devices that have non-linear
characteristics, such as a diode’s volt-
age/current relationship. That method
requires a critical matching of the
components to achieve good perfor-
mance. The second method, which is
used in the scrambler/descrambler,
uses time-variant devices having two
states, either on or off. The two-state
characteristic can be used to pass or
not pass a signal through a circuit or a
circuit path. If the signal can be tog-
gled through a symmetrical pair of
switches whose outputs are summed
in a balanced manner (i.e., with equal
magnitude and opposite sign), the re-
sult will be the signal multiplied in
time by the switching rate.

The balanced modulator in our
scrambler/descrambler uses a quad
FET IC having four closely-matched
switches in a single package (which
reduces the component-matching
problem). The circuit also uses an op-
amp to provide the balanced summing
operation. The switches are con-
trolled by the clock circuit. Toggling
the switches rapidly creates a constant
amplitude and frequency square-wave
carrier for the balanced modulator.

How it works

Figure 2 shows how the scrambler
works in the time-domain. Fig. 2-a
shows a typical sinewave audio-input
signal. Figure 2-b shows the square-
wave carrier. If the input signal is
chopped by the carrier into several
smaller pieces at the carrier rate and
the phase is reversed at each chopped
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FIG. 3—THE SQUARE-WAVE CARRIER produces unwanted audio products in the form of harmonics
and sidebands, shown in a. Those products must be filtered out. The resulting frequency spectrum,
shownin b, has components located at the modulation frequencies both above and below each carrier
harmonic.
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FIG. 4—FUNCTIONAL DIAGRAM OF THE SCRAMBLER. The switching is actually done by a balanced

modulator that is driven from the carrier generator.

interval, the resulting output will ap-
pear as shown in Figure 3-¢ when
viewed on an oscilloscope.

As shown in Fig. 3-«, the square-
wave carrier also produces unwanted
audio products in the form of harmon-
ics and sidebands. Those products
add to the distortion and must be fil-
tered out in order to return the audio
signal to its original form.

Mixing the squarewave with the au-
dio-input signal results in an output
that has sideband components cen-
tered around each harmonic of the
square wave. As shown in Fig. 3-b,
the resulting frequency spectrum has
components located at the modula-
tion frequencies both above and be-
low each carrier harmonic, but there
are no components at the carrier fre-
quency or its harmonics. Filtering out
the lower sideband, which is below
the fundamental frequency of the
squarewave, produces the scrambled
audio output.

As long as the carrier switching-
rate is maintained slightly above the
normal audio range, the scrambled
audio will still be audible, but low
input tones will produce high output
tones, and vice-versa, making the
final output sound highly distorted
and unintelligible. If an identical
method is used to demodulate the dis-

torted speech, the signal will be re-
stored to its original form.

A graphic representation of how
the scrambler/descrambler affects the
normal audio input is shown in Figure
3-b. The carrier, or switch-toggle
rate, is set at 3500 Hz. The audio
input at the instant shown in this ex-
ample equals 500 Hz. Note the side-
bands that are produced. The upper
sideband, also called the sum fre-
quency, is equal to the carrier fre-
quency plus the audio frequency,
which, for this example, is 4000 Hz.
(3500 Hz plus 500 Hz.) The lower
sideband, or difference frequency, is
3000 Hz. (3500 Hz minus 500 Hz).
Having selected the lower sideband as
the scrambled audio, the 500 Hz tone,
which was put into the scrambler, is
changed into a 3000 Hz tone. Sim-

Alarly, a 3000 Hz audio input tone

produces a 500 Hz output tone. Carry-
ing that process on for the entire spec-
trum of input audio frequencies
produces the scrambled result. Re-
versing the process effectively de-
scrambles the audio. The original
carrier tone may still be heard when
there is no audio modulation pres-
ent—although at a volume much be-
low that of the scrambled audio level.
Carrier leak-through is due to the fact
that the carrier frequency is in the

audible range and that the balanced
modulator is not perfectly balanced.

The major components

Figure 4 is a block diagram of the
scrambler’s five major sections. The
CARRIER GENERATOR is an RC clock
and divide-by-four counter that pro-
duces the switching signals for the
balanced modulator.

The ANTI-ALIASING BANDPASS FIL-
TER conditions the audio-input signal
by limiting the frequencies fed into
the balanced modulator to the nomi-
nal range of 300-to 3000 Hz, thereby
reducing the high-frequency compo-
nents that would cause aliasing distor-
tion. Without the filter the balanced
modulator would include erroneous
information that would appear in the
output signal as distortion.

The BALANCED MODULATOR is the
heart of the scrambler/descrambler.
Its purpose is to feed the conditioned
audio input alternately, at the timing-
generator rate, to the inverting input
and then the non-inverting input of a
differential amplifier. That process
mixes the conditioned audio with the
timing generator’s square-wave sig-
nal, thereby creating a composite out-
put signal that contains several
sideband and harmonic frequencies.

The LOwPASs FILTER removes all
but the first lower-sideband frequen-
cies from the balanced modulator’s
output. The filter’s output is “‘inverted
audio,” the scrambled signal.

The SPEAKER AMPLIFIER drives an
internal speaker. When the device is
used as a scrambler the speaker re-
produces the scrambled output from
the lowpass filter. When the device is
used as a descrambler the speaker re-
produces the descrambled sound. Al-
ternately, the sound can be fed
through the TAPE OUTPUT connection
to an external amplifier, speaker, tape
recorder, or whatever.

Circuit description

Figure 5 shows the schematic of the
scrambler/descrambler. Integrated
circuit ICl is an astable 7555-timer
circuit running at approximately 14
kHz. The timer’s frequency is deter-
mined by RI, R2, and C2. Small
changes to the frequency can be made
by adjusting R1, which is an exter
nally-accessible multi-turn trimmer.

The output from ICI is fed to the

- clock input of IC2, a dual D-type flip-

flop that is used to divide the 14-kHz
clock output by a factor of 4 (+2 +
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FiG. 5—THE COMBINATION SCRAMBLER/DESCRAMBLER. Switch S1 controls the power through
one section and bypasses the scrambler through its other section.

-+2). The division creates a 3.5-kHz
50% duty-cycle square wave at 1C2
pin 13, and an identical but inverted
waveform at pin 12. The two square-
wave signals are used as carriers to
control IC4, a quad analog switch that
functions as the balanced-modu-
lator’s switching network.

The other input to the balanced
modulator-is the audio signal from J1
that is to be scrambled. The input
signal should be derived from a low-
impedance source such as a tape-play-
er’s headphone or speaker-output
jack. Using a line-level or aux signal
source is not recommended because
the scrambler’s speaker is connected
directly to the audio input when the
scrambler unit is off, and the low im-
pedance of the speaker would load
down a high impedance line or aux
signal source. The input signal’s fre-
quency range is limited to nominally
300-3000 Hz by bandpass filter IC3-a.

At any given time the squarewave
carrier will turn on either switches

1C4-a and IC4-d, or IC4-b and IC4-c
at the 3.5-kHz rate. When switches
1C4-a and 1C4-d are on, 1C4-d passes
the audio input signal to the non-in-
verting input of differential amplifier
IC3-b, and IC4-a terminates the inver-
ting input. Switches [C4-c and 1C4-d
work similarly on the other half of the
squarewave carrier cycle.

Unity-gain differential-amplifier
IC3-b multiplies the audio input by a
factor of plus or minus one, depend-
ing on the state of the IC4 switches.
Resistors R7 and R8 set the gain on
the inverting input while resistors R9
and R10 set the gain on the non-inver-
ting input.

The balanced-modulator output,
IC3 pin 1, is fed through the R11/C7
low-pass filter, which passes only the
scrambled audio to TAPE ouT jack J2.
The output level from J2 will depend
on the input level to the scrambler. A
sample of the signal fed to J2 is also
fed to audio power amplifier IC5. The
output of that device drives SPKRI..

Switch SI turns the scrambler cir-
cuit on and off. When switch S1 is off,
section Sl-a connects the audio input
directly to the speaker, thereby by-
passing the audio scrambler circuit so
that normal, unscrambled audio, can
be monitored.

Construction

A template for the printed-circuit
board is shown in PC Service. A pre-
drilled board is available from the
source given in the Parts List. Figure 6
shows how the components are in-
stalled on the PC board.

Although there is nothing unusual
about the assembly, standard CMOS
component-handling precautions
should be used avoid damage from
static discharges. Whether you
choose to use a large or a small cab-
inet, installation of the switch and the
Jacks is easier if they are pre-wired to
the PC board before being mounted
on the case.

If you intend to unscramble mes-
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FIG. 7—THIS ARRANGEMENT CAN BE USED for either scrambling or descrambling a signal provided

by a radio or tape player.

sages from several sources using dif-
ferent scramblers, it’s possible that
trimmer potentiometer RI might have
to be re-adjusted for each scrambling
source; hence, to minimize head-
aches later on, R1 should be installed
so that it is conveniently accessible
from outside the cabinet.

Tuning and adjustment
Trimmer potentiometer R1, which
is used to tune the square-wave scram-

bling/descrambling carrier signal,
should initially be set to approx-
imately its center position. If the
scrambling device that was used to
scramble the audio is also used for
descrambling, no further adjustment
will probably be required. If different
scrambler units are used, as is sure to
be the case in a typical two-way com-
munication setup, the receiving unit’s
Rl will have to be tuned manually
until the scrambled audio is suc-

PARTS LIST

All resistors are Y-watt, 10%, unless
otherwise noted.

R1—50,000 ohm, 10-turn trimmer potenti-
ometer

R2—27,000 ohms

R3, R4, R7-R10—100,000 ohms

R5—220,000 ohms

R6, R12~-R14—10,000 ohms

R11—1000 ohms

R15—22,000 ohms

R16—1200 ohms

R17—10 ohms

Capacitors

C1—.01 pF, 100 volts, ceramic disc

C2—.001 wF, 100 voits, mica

C3—.005 p.F, 100 volts, ceramic disc

C4—150 pF, 100 volts, ceramic disc

C5, C6, C13—.05 p.F, 100 volts, ceramic
disc

C7—.033 pF, 100 volts, ceramic disc

C8, C10—0.1 uF, 100 volts, ceramic disc

C9, C11—10 wF, 10 volts, electrolytic

C12—220 uF, 10 volts, electrolytic

C14—100 pF, 20 volts, electrolytic

Semiconductors

- IC1—7555, CMOS timer

1C2—4013, dual D-type flip-flop

IC3—LM358, dual op-amp

1C4—4066, quad analog switch

IC5—LM386, audio power amplifier

Other components

B1—9-volt battery

J1, J2—Miniature phone jack

J3—Two-circuit miniature phone jack

S1—DPDT toggle switch

SPKR1—2%" speaker

Miscelianeous: battery terminals, bat-
tery holder, printed-circuit board mate-
rials, enclosure, wire, solder, etc.

cessfully descrambled and can be
clearly understood.

Applications

The device can be used in many
applications, although its use may be
restricted by local and/or Federal
laws. It should only be connected to
the telephone line through an FCC-
approved interface, and in con-
formance with local regulations or
procedures of the local telephone
company. Be sure to comply with any
restrictions before using the device.

Figure 7 shows the scrambler/de-
scrambler connected to a radio, or a
tape player. In this application, the
device will either scramble the audio
coming from the source or descram-
ble an incoming scrambled transmis-
sion. The output can be monitored via
the built-in speaker and/or passed on
to a tape recorder.

The scrambler/descrambler also
can be connected between a tape re-
corder and its source in order to create

continued on page 77
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AUDIO SCRAMBLER

continued from page 55

SCRAMBLER

scrambled tapes, or between a tape
recorder and its output to decode
them.

The device can also be used to

MICROPHONE
AMPLIFIER IN  QUT
>)) [>
) \ SPEAKER
TELEPHONE
ACOUSTIC
COUPLER
(4 A (]
MICROPHONE
ouT  IN MICROPHONE
AMPLIFIER

SCRAMBLER

FIG. 8—TWO SEPARATE UNITS are needed in order to provide full-duplex telephone scrambling/

descrambling.

baud computer modem.

scramble and descramble two-way
telephone conversations. For in-
stance,-a single scrambler/de-
scrambler unit can be used in a half-
duplex mode, which means only one
person can speak at a time because the
unit must be switched between con-
nections. A mechanical TX/RX
switch can be used to do the switch-
ing. A much better approach is a full-
duplex set-up. Figure 9 shows how
two scrambler/descrambler units are
connected for full-duplex, meaning
that no switching is necessary. (The
conventional telephone is full-du-
plex.) Other than merely eliminating
the RX/TX PUSH-TO-TALK switch
needed in the half-duplex configura-
tion, the full-duplex application of-
fers a more secure environment. A
would-be eavesdropper would have to
descramble both sides of the con-
versation, a difficult task because
each transmitting scrambler unit
would, of course, be tuned to a
slightly different frequency by the
users.

The device can also be used to
provide computer data transmission
security. For that you can connect the
full-duplex configuration to a 300-
R-E
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THE AUDIO SCRAMBLER lets you communicate in privacy. The circuit is built on this PC
board. The story begins on page 51.



AUDIO SCRAMELIN S U 3TEW

I've needed a secure communi-
cations system for years, and your
“Audio Scrambling System” (Janu- -
ary 1988 Radio-Electronics) is the
only device !'ve found that didn’t
cost megabucks. But I've had
some trouble getting it going.
Were there any circuit changes?

| need several units, so | want to
purchase pre-made PC boards.
Where can | buy them? The article
stated that there was a source for
PC boards in the parts list, but it
wasn'’t there.

TIM CATLIN
Chicago, IL

If your project used a PC board
made from our template there is
no circuit change. If you built the
circuit using Fig. 5 in January as a
reference, however, make the fol-
lowing corrections: Delete the
connection between 1C4-a, pin 2
and 1C4-d, pin 12. Add a connec-
tion between 1C4-a, pin 13 and 1C4-
d pin 12. The schematic should
then be correct.

An etched and drilled PC board
is available postpaid for $8.00 from
Wavelink Laboratories, P.O. Box
199, Trumbull, CT 06671. Connecti-
cut residents must add appropri-
ate sales tax.—Editor



THERE ARE MANY INSTANCES
where some form of speech en-
cryption is needed for privacy or
security. Complex and costly
voice-scrambling systems are
common in coverl military oper-
ations. but simpler and less-
expensive systems are adequate
for discouraging the casual
eavesdropper. The voice-encryp-
tion system described here in-
verts the frequency spectrum of
the speech about a reference
frequency to scramble the
audio. and reinverts it to de-
scramble the speech. Although
the system is intended pri-
marily to scramble telephone
conversations, it is not limited
to that. The device can also
scramble tape recordings,
which will be made intelligible
only with the correct de-
scrambler.

This method of speech scram-
bling is accomplished by mix-
ing the audio input to be
scrambled with a carrier tone as

shown in Fig. 1. The mixing pro-
cess is carried ouf with a bal-
anced modulator, which results
in a double-sideband sup-
pressed-carrier signal. The two
resulting sidebands are the
lower-sideband audio frequen-
cies in the voice range (about
150-3000 Hz) and upper-side-
band frequencies (about
3000-7000 Hz).

Since most voice eircuits are
designed for frequencies in the
lower sideband range, the up-
per sideband is filtered out. The
lower sideband contains fre-
quencies that are similar to the
original voice frequencies, but
it has an inverted spectrum. As-
suming a 3000-Hz carrier sig-
nal, an input signal of 500 Hz
will produce a 2500-Hz output.,
and a 1-kHz signal will produce
a 2-kHz output. The spectral en-
ergy of a human voice is more
concentrated at the ends of the
voice spectrum, mainly the
300-1000 Hz range, and some-

»
of [

what less in the 20002500 Hz
range. The resulting output will
therefore have a very high-
pitched sound, and be unin-
telligible. It can, however. be
carried over normal telephone
lines without being understcod
by eavesdroppers.

A digital voice-scrambling
method is used in the circuit
because it requires fewer parts
than an analog systemn, needs
no adjustment, and requires no
switching. Because the de-
scrambling process is the in-
verse of the scrambling process,
the same circuit can be used for
hoth functions. The encryption
system has two channels for
full-duplex operation, which al-
lows easy two-way communica-
tion. Note that two complete
systems-—one at each end of a

phone line—are required for

two people to carry on a
scrambled conversation.

The system operates as lol-
lows: An audio inputf is first fil-
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FIG. 1—AUDIO IS SCRAMBLED by mixing the audio input with a carrier tone. The two
resulting sidebands are the lower sideband audio frequencies in the voice range
{about 1503000 Hz) and upper sideband frequencies (about 3000-7000 Hz).
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FIG. 2—A 1-KHZ SINEWAVE IS SAMPLED {a), and even-numbered samples are inver-
ted, resuiting in a lower-frequency sinewave (b).

tered with an active switched-
capacitor bandpass filter to lim-
it the frequency range to be-
tween 150 Hz and 2700 Hz. The
signal is then digitized with a
sampling rate of 5.86 kHz,
which is more than double the

highest audio frequency (2700
Hz). Every second eight-bit dig-
itized audio sample has its sign
bit inverted while being fed to a
digital-to-analog converter.
That has the effect of inverting
the spectrum of the analog out-

put signal afier conversion from
the digitized audio. The signal
is then fed to a bandpass filter to
remove switching components,
leaving the final audio signal as
one that corresponds to the in-
put signal, except that its spec-
trum is folded arcund one-
fourth of the sampling frequen-
cy. or 1465 Hz.

In Fig. 2-a it can be seen that

" PARTS LIST

All resistors are %-waft, 5%, unless
otherwise noted. .

" R1—2.2 megohms

R2, R3—470 ohms
R4, R5—100 ohms
R6, R7—22,000 ohms
R8, R10, R14, K15, R17—1000 chms
RY, R11—5800 ohms
R12—8200 ohms
R13—~1000 ahms, potentiometer
R16—10,000 ohms, potentiometer
R18-R20—10.000 chms
- R21—33,000 ohms
Capacitors
C1—22 pF, NPO
C2, C3—82 pF, NPO
C4, C5, CH1, C14, C16—0.01 uF, disc
Ce, C9, C10—1 pF, 35 volis, electrolytic
C7, CB—I10 uF, 16 volts, electrolytic
C12—470 pF, disc
C13, C15—470 pF, 16 volts, etecirolytic
Semiconductors ]
1IC1—74HC86 quad 2-input exclusive-or
gate
1C2, IC7—74HC74 dual D-type {tip-flop
IC3, IC4—74HC161 synchronous 4-bit
binary counter .
IG5, IC6—TP3054N Codec {National
Semiconductor)
ICB—LM7905 — 5-voit regulator
IC9—1_M7805 5-volt regulator
D1, D2—1N4002 diode
Q1—2N3565 or 2N3904 NPN transistor
Other components
51, 82—DPDT slide swiich
Ji, J2—RJ-1 4-conductor modular tele-
phone jack
J3—%-inch power connector jack
XTAL1—3 MHz crystal (2.5 to 4 MHz
usable) .
Miscellaneous: PC board, Y%-inch rub-
ber grommets, insutated standoffs,
case, hardware, 6-14 VAC, 100 mA
transtormer, 1C sockets (optional),
wire, solder,
Note: A kit of parts for one voice
scrambiler (two complete units are
. necessary) including a PC board
and al! parts that maunt on it (does
not include a telephone, case,
phone cords, or wall transformer)
is available from North Country Ra-
dio, P.O. Box 53, Wykagyl Station,
New Rochelle, NY 10804 for $59.00
+ $3.80 shipping and handling. A
wall transformer is available for
$9.50. A North Country Radlo cata-
log is $1. New York State residents
must add appropriate sales tax.
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FIG. 3—VOICE SCRAMBLER/DESCRAMBLER SCHEMATIC. The clock and control
circuitry supports the two Codecs, IC5 and IC6 {one for each channel).

a 1-kHz sinewave sampled as

shown, with even-numbered

samples inverted, results in a

lower-frequency sinewave (b).
The process also works in re-

verse; if the lower-frequency
waveform (2-b) is sampled at the

same points, and alternate sam-

ples inverted, the original wave-
form can be regenerated.

Circuitry

Figure 3 Is the schematic of
the voice scrambler/de-
scrambler. Two chips—each a
National Semiconductor
TP3054 coder/decoder, or co-
dec—form the heart of the cir-
cuit. The two integrated cir-
cuits, IC5 and ICB, contain all of
the necessary A/D and D/A con-

verters, switched-capacitor fil-
ters, and associated tuning and
conlrol cireuitry.

The scrambler's “ground”
must be isolated with respect to
true earth ground. Therefore
the PC board of the scrambler
should be mounted on insu-
lated standoffs and fed about 75
milliamperes of isolated, low
voltage AC from a wall-mounted
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FIG. ——FOR LOUDSPEAKER APPLICA-
tions, a small audio amplifier like this
one will generally be needed.

transformer. Do not connect the
unil to the AC line without such
a suitlable isolating trans-
former.

Most of the rest of the circuit
is clock and control circuitry
that supporis the two codecs.
The clock signal is generated by
an oscillator made up of 3-MHz
crystal XTAL1 and {Cl-a and -b.
The 3-MHz signal is divided in
half by 1C2-a to produce the
main 1.5-MHz clock signal, and
1C2-b again divides by 2 to pro-
duce an optional clock frequen-
cy of 750 kHz. That signal is
further divided down by IC3
and IC4 to produce 5.86- and
2.93-kHz signals. D-type flip-
flop IC4 produces a 2.93-kHz
pulse train thats used for bit-
sign inversjon.

The 5.86-kHz pulse shifts a
serial data stream, eight clock
pulses wide, from the codec’s
A/D converter to the D/A con-
verter. Data from an A/D con-
verter (pin 11 of IC5 or [C6) is fed
to ICl-d or -c, respectively.
Those ExcLUSIVE OR gales act as
inverters if one input is held
high, or as straight-through
non-inverting buffers if the
other input is held low. By ap-
plying a 2.93 kHz pulse on one
input. alternate data-stream
sign bits {which occur at a 5.86-
kHz rate) are inverted. There-
fore, the data from pin 11 of IC5
(or IC6) that is fed back to the D/
A converter section (pin 6) has
every other sample reversed in
sign, That has the aforemen-
tioned effect of inverting the fre-
guency spectrum of the recon-
structed analog signal.

The circuitry required to in-
terface the voice-encryption sys-
tem to a telephone is contained

_ SCRAMBIER MICROPHONE
INPUT
IN CH1 QUT gl @
MIGROPHONE
oUT cH2  INp—= ®)
(& () DESCRAMBLER CASETTE
HEADPHONES RECORDER
SPEAKER
-
. _SCRAMBLER
MIGROPHONE
N cH1 ouT INPUT
MICROPHONE RADIO
SPEAKER TRANSCEIVER
oUT CcH2 N OUTPUT
—
OO DESCRAMBLER
HEADPHONES
SPEAKER

FIG.5—THE SYSTEM can make scrambied audio recordings (a), or it can ailso be fitted

to a radio transceiver (b).

in Fig. 3. Resistor R17 couples
audio from amplifier Q1 to IC5.
Transistor {)1 provides about a
10 dB voltage gain.

Modular jacks J1 and J2 con-
nect to Sl and S2 via jumpers
that are configured for your par-
ticular telephone set. Because
direct insertion of the device in
a telephone line would not be
feasible without a lot of switch-
ing due toringing and signaling
considerations, it is necessary
to install this device in the
handset line. This way only the
microphone and earphone have
to be considered.

The TP3054 can drive a 600-
ohm load (the impedance of a
telephone line) directly. 1 tele-
phones are not being used, sim-
ply use the input and output
pins directly of each codec. To
have the chip drive a loud-
speaker. a small audio amplifier,
such as that shown in Fig. 4 is

required. Note that, when using
a microphone to input audie to
the codec. some microphones
have internal audio amplifiers
and can produce well over one
volt of audio. Those microphone
outputs can be input directly to
the codec. Low-output micro-
phones require amplification.

A switching network (51 and
52) is added on the PC board to
switch the scrambler in or out
of the telephone circuit. Re-
sistor R13 sets the sound level at
the telephone receiver, and R16
is set for optimum reception at
the other end of the telephone
line.

Figure 5 shows two more ap-
plications; 5-a shows how the
system can be used to make
scrambled audio recordings,
and 5-b shows how a radio
transceiver can be fitted with
this device. (Bear in mind that
in services such as amateur ra-



FIG. 6—PARTS-PLACEMENT DIAGRAM. Install through-board jumpers In all locations
marked with an “X"" and solder them on both sides of the hoard. All component leads
that pass through a hole copper clad on both sides must also be soldered on both

sides.
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Construction

The circuit can be point-to-
peint wired by hand or made on
the double-sided PC board for
which foil patterns are provided
in this article. Figure 6 is the
parts-placement diagram. Be-
cause the PC board does not
have plated-through holes, first
instail through-board jumpers
in all locations marked with an
"X.” and solder them on both
sides of the board. All compo-
nent leads that pass through a
hole with copper on both sides
must also be soldered on both
sides.

Install all passive compo-
nents such as resistors. capaci-
tors, jumpers, and switches on
the PC board. Then install volt-
age regulators 1C8 and 1C9. Also
install the sockets for the rest of
the ICs, if you are using them
(they are recommended). Before
the 1Cs are inserted in their
sockets, apply 6 to 12 volts AC to
the junction of D1 and D2 and
ground. Check for 5 volts at pin
4 of IC5 and IC6, and pin 16 of
IC2. IC3. and IC4, and pin 14 of
[Cl. Next, verify -5
volts at pin 1 of IC5 and
ICG. If these voltages
check out. insert the ICs
in their sockets. Figure
7 shows how to gang
switches S1 and S2 to-
gether mechanically,
and Fig. 8 shows the
finished hoard, with the
i ganged switches,
mounted in a case.

Testing

- Verify that a 5-volt
peak-to-peak, 1.5-MHz
signal exists at pin 2 of
IC3. Check for a 5.86-
kHz pulse train at pin 15
of IC4, pins 5 and 12 of
IC5, and IC6. Check for
2.93-kHz puise train at
pin 1 of ICI-c and pin 4
of IC1-d. Due to the
short pulse width (250
nanoseconds), it might
be difficult to see these
pulses with an economy
model oscilloscope.

5 INCHES

COMPONENT-SIDE FOIL PATTERN for the voice scrambler.

dio, it is illegal to use encryp-
tion, so check FCC rules to

verify the legality for any intend-
ed application.)

I all checks out, apply
a 0.5-volt peak-to-peak,
1-kHz tone to the junc-
tion of R17 and C9; a 2-
kHz tone should be pro-
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FIG. 7—SWITCHES 51 AND S2 must work in conjunction with one another, so they
must be ganged together as shown here.
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FIG. 9—TO DETERMINE THE POLARITY of the microphone leads, connect the micro-
phone pair to this test circuit and see if the microphone works; if not, reverse the
connections.

Jue 5 INCHES

L=

FIG. B—HERE'S WHAT THE FINISHED
board looks like mounted In the case.
Notice how §1 and S2 are ganged tc-
gether.

duced by IC5. Now temporarily
connect pin 3 of IC5 to the junc-
tion of C10 and R14 using a
100K resistor. Pin 3 of [C6
should produce the original 1-
kHz tone.

Next, apply an audio signal
(from a tape deck or radio} with
about 2 volts peak-to-peak to
the junction of R17 and
C9. Listen to the output
at pin 3 of IC5; it should
sound “scrambled.”
Now listen to the output
of channel 2. It should
be normal, but note that
the high and low fre-
quencies might sound
somewhat attenuated
due to the narrow hand-
width of the system.

Adapting a phone

Note that this unit
cannot be connected di-
rectly to the phone lines.
It will handle speech au-
dio only, and will not
pass ringing signals or
rotary dialing pulses. It
will also distort dialing
tones. You must use
only a phone whose
handset has accessible
microphone and re-
ceiver connections. You
cannot use a unified
telephone (where the

.|

SOLDER-SIDE FOIL PATTERN for the voice scrambler.

»| dial or pad is built into
Continued on page 46
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AUDIO SCRAMBLING

continued from page 42

the handset). The handset
should preferably have an elec-
tret microphene. However, car-
bon microphones (found in
older phones] can be used, if
necessary, but R19 should be
changed to about 1K, and R20Q
might have to be increased if ex-
cessive audio from a carbon mi-
crophone overdrives Ql, caus-
ing distortion.

Depending on the phone you
have, you must make the proper
jumper connectigns on the PC
board near J1 and J2. A Radio
Shack telephone model No.
ET-171 (cat No. 43-374) was
used in the author’s prototype.

You must identify the follow-
ing things on your phoneis):

1. The handset microphone and
earpiece connections

2. The type of microphone (elec-
tret, dynamic, or carbon)

3. Microphone polarity (if it's
the electret type)

4. The base connections

“There are usually four wires
that connect a telephone hand-
set to its base. If you can't visu-
ally identify the wires after
disassembling the handset, iry
connecting a 1.5-volt battery to
alternate pairs of wires on the
handset until you hear a click in
the earpiece. Mark these as the
receiver leads; there should be
between 50 and 1000 ochms be-
tween them. The other two

'~ leads are for the microphone,

Check for short circuits be-
tween both of the receiver leads
and the microphone leads with
an chmmeter on a high resis-
tance range. A low resistance or
a short between any two leads
indicates that they are the
ground leads for the micro-
phone and receiver. If you find
no continuity between the two
sets of leads, connect the micro-
phone pair to the test circuit
shown in Fig. 9, and see if the
microphone works; if not, re-
verse the connections. This will
identify the microphone’s hot
and ground leads. Once you've
identified all of the handset

leads, note their positions on
the modular connector. The
telephone base connections can
now be determined from the po-
sitions of the handset leads at
the modular connector.

When you have all of the tele-
phone connections identified,
install the jumpers on the PC
board near jacks J1 and J2. In
Fig. 6 there are four jumper
pads labeled A-D near each
modular jack; the pads are also
labeled by function. Once you
know the signal positions at
jacks J1 and J2 for your phone,
install four jumpers per jack to
properly route the signals.

The finished board can be
mounted in a case like the one
pictured in Fig. 8, or in any
other suitable case. The case
pictured allows the telephone to
be placed on top of the
scrambler without taking up
any extra space.

With a pair of scrambler
phones in hand, you’re ready to
start talking. All you need now
is someone to talk to and a con-
fidential topic to discuss. Q




ANSWERING THE AUDIO-
SCRAMBLER CHALLENGE

| am responding to Michael Har
wick’s critical letter (Electronics
Now, April 1994) about what he al-
leges is a “design flaw” in my Audio
Scrambling System circuit. He
seems to think that the addition of
resistor R4 and capacitor C12 is a
“patch” to get rid of a troublesome
glitch, and he suggests that the cir-
cuit either will not work or it will have
nasty faults.

When working on the initial
breadboard for that project, it was
evident that the addition of R4 and
C12 solved a potential problem.
When we prepare a construction ar
ticle for publication, we typically
build from five to ten prototypes. All
of those for this and other projects
have worked the first time.

I'll admit that the addition of R4
and C12 is an inexpensive quick
fix—but it works! We stand behind
the reliability and the simplicity of
this circuit. In my opinion, it is one of
the simplest approaches to speech
inversion so far published. It ap-
peared several years ago in an engi-
neering journal. Admittedly the
counter chain has a flaw, but it is
easily overcome.

We expect every one of our pro-
totypes to work satisfactorily the
first time they are powered up with-
out the builder having to resort to
any tricky tweaking or special com-
ponent selection. Unless that goal
is achieved, we continue to work on
the project to iron out all the dif-
ficulties before we submit the man-
uscript for publication or offer part
kits for it.

We also design complex circuits
so that the reader has no need for
specialized, expensive test instru-
ments to complete the projects. We
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know that most hobbyists and ex-
perimenters do not have access to
well-equipped electronics test labs.

Moreover, we strive to achieve
that goal even with radio frequency
projects that operate well up into
the UHF region where more prob-
lems relating to parts layout are like-
ly to appear. If Mr. Hardwick was
aware of all the engineering and
testing man hours that go into the
development of projects such as
those we submit to Electronics
Now, he would have known that we
were aware of the problem he men-
tioned.

We do not want to discourage
any reader interested in building the
Audio Scrambling System. We had
no problems with the prototype, and
it seems that no one else has had
any. We have not been asked about
any difficulties with the circuit so far.

Based on orders for parts that we
we have received, we estimate that

g  well over 100 systems have been
2 built—and repeat orders have been
§ coming in. Thus, we must conclude
S that the probability of any problem
g  showing up at this time is very low.
2 We are confident that any we hear
2  about can be easily resolved.
g We do not design experimenter
2  projects for critical safety or life-
support applications, so we do not
16 perform the kinds of exhaustive en-

vironmental tests that would be re-
quired to qualify projects for those
applications. We have made it a
matter of pride and good business
to help out those readers who have,
through inexperience or error, been
unable to get our projects to work
successfully at first turn-on. If any
components in our kits are faulty, we
replace them free of charge.

Many circuits published in maga-
zines, technical papers and oper-
ator’'s manuals have inadvertent
“glitches.”” Component specifica-
tion sheets might not give enough
design data or support information
to permit them to be applied suc-
cessfully in all situations. (The man-
ufacturer might not have tested his
product extensively enough to pro-
vide this information to cover all
“gray.areas.)

Economic factors might force
component manufacturers to cut
corners in characterizing their prod-
ucts for all possible extremes of op-
eration to save money. Capable
component engineers know how to
get around these “‘blank spots.”
The company can still offer a com-
ponent that satisfies the vast major
ity of customers for general middle-
of-the road applications.

The products are, for the most
part, cost-effective, suitable for
high-volume production, and relia-

ble, despite some technical limita-
tions. Overcoming those limitations
in certain applications requires engi-
neering ingenuity—perhaps the use
of “patches,"” as Mr. Hardwick calls
them. This calls for experience and
judgment not given by computer-
aided design programs.

Perhaps a better way for Mr.
Hardwicke to demonstrate the
viability of his alternative design
would be to write a complete article
describing it, rather than trying to
“sell” it through negative com-
ments in the “Letters” column.
WILLIAM SHEETS, MEE.

Hartford, NY

VINTAGE-RADIO LINE CORDS
I got into the radio hobby/repair
field in the 1930's, so | enjoyed Mar-
ty Knight's article, “Vintage Radio,”
in the January issue of Electronics
Now. | remember many enjoyable
hours spent reading Hugo
Gernsback's Radio Craft magazine.
One thing that Marty didn't men-
tion is the use of power resistors
inside some line cords. Finding a
replacement for them is a special
challenge. (However, if your set has
a transformer, you don't have to
worry about that.)
Resistor line cords were installed
on some AC/DC (transformerless)
-Continued on page 26






