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Saturable core transformers
harden latch memories
by Gordon E. Bloom
IRT Corp., San Diego, Calif.

In certain critical applications, the loss of data in latch
memories caused by supply and command -line failures
or transients can be disastrous to system operation.
However, at a slight sacrifice in switching speed, a
memory -hardening circuit that uses saturable trans-
formers can make the memory latch nonvolatile and
insensitive to false command signals.

As shown in the figure, the subminiature saturable
transformers are placed in the feedback paths connecting
two NOR gates, which occupy half of a 7433 quad
package. The transformers are incapable of an imme-
diate state change, and because they stay magnetically
biased without a voltage supply, they provide a reference
state to which the memory latch returns when the power
is reapplied.

RESET
INPUT

+5 V

The output voltage of each transformer is a function
of its magnetization state (set by a gate output) and a
power -up pulse, which attempts to examine this state.
Each transformer is biased at all times-one in positive
saturation (low -resistance core condition) and the other
in negative saturation (high -resistance core condition). If
power is lost, the magnetization state of each core is
unchanged and remains so indefinitely. When power
returns, a voltage is induced into the primary of the
transformer that is in negative saturation. This voltage
then drives the associated gate, restoring the original
conditions at the latch outputs.

Transistor -transistor -logic gates are used. Resistor
values have been chosen to ensure that primary -to -
secondary coupling of the transformers produce currents
that are sufficient to bias the core properly on its hyster-
esis curve, yet that do not overdrive the gates. In addi-
tion, the total flux capacity of the cores permits adequate
switching time, while placing no undue restiction on the
normal set and reset timing relationships during normal
operation.

When a bit is initially stored in this circuit, the set or
reset pulse must have a minimum width of 35 micro-
seconds, and pulses must be separated by a minimum of

Nonvolatile memory. Saturable transformers remember previous
output state when circuit power fails. NOR gates at right prevent
similar states at complementary outputs. Diodes prevent inductive -
kick transients from destroying gates.

%7433

O OUTPUT

T1 T2 MAGNETICS INC. TYPE 80505 - DMA

CORE WITH Np = Ns = 80 TURNS OF
NO. 34 AWG INSULATED WIRE.

%7433

ALL RESISTORS ± 5%, % W

OUTPUT
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65 prs. Should power fail during operation, the power -
supply fall time must be much less than 35 As; otherwise,
the latch may lose its contents. The same rise -time
constraints accompany power -up.

The circuit may be implemented with other logic
families, but choice of component values must take into
consideration the family's impedance and switching
characteristics.

Special PROM mode effects
binary -to -BCD converter
by D. M. Brockman
The Boeing Co., Seattle, Wash.

Computer software converts a binary number to its
binary -coded -decimal equivalent by algebraically sum-
ming each bit, starting with the most significant bit, and
doubling the result of each addition. The method is the
equivalent of a binary shift register where a shift doubles
the value of the register contents.

But a shift register cannot do the job alone. To make a
hardware binary-to-BcD converter also requires a storage
register and a programmable read-only memory that is
operated in an unusual mode. The circuit is especially
advantageous when processing large binary numbers,
since PROMS may be simply cascaded for additional

BINARY INPUT

n BITS

SHIFT 12 14 18

REGISTER SERIAL
OUTPUT 32 x 8 BIT

aH,GH

74165

CARRY PROM CARRY
IN 74S288 OUT

(MOST
SIGNIFICANT
BIT FIRST)

1 02 04 08

CLOCK
INPUT

D1 02 D3 D4

STORAGE
REGISTER

74174

1 Q2 3 04

BINARY CODED- DECIMAL
OUTPUT

BINARY/BCD CONVERTER PROM TRUTH TABLE

BCD in
(address)

BCD out
(contents) Function

input
Function
output

Cl 15 14 I 2 07 06 05 CO D5 D4 D2 D1

0 0 0 0 0 0 0 0 0 0 0 0 0
1 0 0 0 0 1 0 0 0 1 0 1 2

2 0 0 0 1 0 0 0 1 0 0 2 4
3 0 0 0 1 1 0 0 1 1 0 3 6
4 0 0 1 0 0 0 1 0 0 0 4 8
5 0 0 1 0 1 1 0 0 0 0 5 0 + Co = 1

6 0 0 1 1 0 1 0 0 1 0 6 2

7 0 0 1 1 1 1 0 1 0 0 7 4
8 0 1 0 0 0 1 0 1 1 0 8 6
9 0 1 0 0 1 1 1 0 0 0 9 8

10 0 1 0 1 0
11 0 1 0 1 1

12
13

0 1

0 1

1

1

0
0

0
1

NO DIRECT CONVERSION

14 0 1 1 1 0
15 0 1 1 1 1

16 1 0 0 0 0 0 0 0 0 1 0 + C1 = 1 1

17 1 0 0 0 1 0 0 0 1 1 1 3
18 1 0 0 1 0 0 0 1 0 1 2 5
19 1 0 0 1 1 0 0 1 1 1 3 7

20 1 0 1 0 0 0 1 0 0 1 4 9
21 1 0 1 0 1 1 0 0 0 1 5 1 + Co = 1
22 1 0 1 1 0 1 0 0 1 1 6 3
23 1 0 1 1 1 1 0 1 0 1 7 5
24 1 0 0 0 1 0 1 1 1 8 7
25 1 0 0 1 1 1 0 0 1 9 9
26 1 0 1 0
27 1 0 1 1

28
29

1

1

1

1

0
0

0
1

NO DIRECT CONVERSION

30 1 1 1 0
31 1 1 1 1

CLEAR
INPUT

CLOCK
INPUT

74S288

CARRY CARRY
IN OUT

74174

NEXT STAGE

74S288

CARRY
IN

CARRY
OUT

74174

NEXT STAGE

BCD converter. Storage register in feedback loop with programmable read-only memory allows continuous updating of the memory's
contents. Multidigit conversion, if necessary, is relatively simple because cascade stages are connected by one lead only.
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digits. The circuit speed is typically a few megahertz.
The circuit of the converter is shown in the figure.

After loading the 74165 shift register, which accepts
either parallel or serial data, an n -bit binary word is
serially clocked into the carry input of the 74S288 256 -
bit PROM. This 32 -by -8 -bit memory has input and output
stages that accept or generate BCD data.

The unusual features in the PROM'S use are that its
contents are updated in each clock cycle and that the
updating forms the circuit's desired equation:

BCD output = 2(BcD input) + carry input

The PROM's truth table shows the BCD output for a

given BCD input plus carry input. Any BCD sum
exceeding 9 will generate a carry output, thus permitting
multidigit conversion if the carry output is brought to
the carry input of the next stage of the circuit. If the
most significant bit of the n -bit number is shifted out
first to the PROM, then after n clock pulses, the resulting
BCD -equivalent number will be at the output of all the
74174 storage registers.

The output of each storage register is the input for its
PROM, and its content is that of its PROM during the
previous clock period (ignoring the carry out). The
circuit can convert a 20 -bit number to its BCD equivalent
at speeds of at least a few megahertz.

Automatic gain control
has 60 -decibel range
by Neil Heckt
The Boeing Co., Seattle, Wash.

An automatic -gain -control circuit with an input range of
60 decibels (20 millivolts to 20 volts) can be built using a
junction FET as a voltage -controlled resistor in a peak -
detecting control loop. The circuit exhibits a quick
response of 1 to 2 milliseconds and a delay time of 0.4
second.

As shown in the schematic of Fig. 1, the 2N4861
n -channel field-effect transistor Q2, connecting the
noninverting input of the operational amplifier to
ground, determines the closed -loop gain of the system.
Negative base -voltage peaks from the output of the op
amp, beyond VBE of Q1, turns Q, on, and its collector
current then charges capacitor C,.

The voltage across C, determines the channel resis-
tance of Q2. Since the range of this resistance is 120
ohms to more than 108 ohms, the 60 -dB range of the
circuit is easily realized.

In the absence of an input signal, capacitor C
discharges through resistor R4, cutting off Q2. It is the
C, -R4 combination that determines the delay time of the
circuit. The collector current of Q, and the value of C,
determine the circuit's attack time.

The op amp can be a 741 or any general-purpose
device. Even with input signals of 20 v peak to peak, the
maximum signal at the device's input is 25 my peak to
peak. Thus it is possible for the input voltage to be
greater than the supply voltage.

The op amp's output is ac -coupled to the base of Q,
because the dc operating point of its output varies with
the changing output impedance of Q2. To avoid dc bias
difficulties when coupling to subsequent stages, the
circuit's output is taken from the base of Q,. Figure 2
shows the gain -control behavior of this circuit through-
out its dynamic range.

1. Audio AGC. Input voltage for distortionless output is
millivolts to 20 volts in this quick -response AGC circuit. The input
signal can have greater magnitude than the supply voltage
the maximum signal across the FET is 25 millivolts.

from 20

because

2. AGC characteristics. The output voltage is approximately 1.4
volts over a 60 -dB range. A wider dynamic range would be possible if
the off ion -resistance ratio of the FET were greater.
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Frequency -controlled gate
makes high -Q filter
by Noel A. Sivertson
Denver, Colo.

A bandpass filter in conjunction with a frequency -
controlled gate provides a highly selective filter at low
cost. Its high Q is especially useful for single -frequency
discrimination, where conventional filters falter.

The circuit utilizes the response of the bandpass filter
itself to pass desired signals, and it absolutely rejects all
other frequencies. As indicated by the figure, input
signals encounter A,, a standard bandpass filter. Resis-
tors R, - R4 and capacitors C, and C2 determine the
filter center frequency and bandwidth, and their values
are selected accordingly. The output of A, is then pre-

sented both to A2, which serves as a peak -rectifier detec-
tor, and to the input of the CD4016 analog transmission
gate. The output of A2 is a dc signal having an amplitude
that is proportional to the filter's transmission coeffi-
cient-that is, the filter's center frequency produces the
largest dc output. This output represents the envelope of
the filter response.

A2's output is compared to a user -determined refer-
ence voltage at A3, and when it exceeds this reference
voltage, A, signals the transmission gate to transfer its
input signal to the output. Thus comparator A3 is in
effect a bandwidth adjustment control.

Depending on the quality of the band-pass filter, the
ultimate bandwidth of the circuit could be as sharp as a
few cycles. To retain this sharpness, however, it is
required that the signal be of a reasonably constant
amplitude at the input to the circuit.

This circuit has also been used in an amplifier -
squelching device and to control the range of a sweep
oscillator.

1N914

+12 V

0.001pFI I-

1 kS-2

+12V

470 k.S2

0.1pF

100 100

UR.

kS-2

100 kS2

VDC

Al A4: NATIONAL LM3900

C04016

1M12

1 MS2

O

OUTPUT

Gated filter. Circuit uses pass -band response of ordinary filter in generating voltage reference for gate switching. Transients caused by gate
switching in the audio range are not detrimental to circuit performance but may cause concern at higher frequencies.
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Decoders drive flip-flops
for clean multiphase clock
by Craig Bolon
Massachusetts Institute of Technology, Cambridge, Mass.

A multiphase clock suitable for driving circuits with
strict timing requirements, such as charge -coupled -
device memories, can be built with a counter, decoder,
and set/reset flip-flops. This clock can generate any
number of outputs at any duty cycle, yet never suffers
from the drift and "glitches" encountered in most multi-
phase designs. Although each signal is phase -locked to a

master clock, its timing and duty cycle can be set
independently of the others, permitting great flexibility.

The figure shows a typical application-an eight -
phase clock designed for driving parallel banks of Intel
2416 CCD memories. A master clock drives the 74163
synchronous 4 -bit binary counter. The binary output is
then presented to the combinational logic of two 74138
1 -of -8 decoders.

The decoders count one pulse on the rising edge of
each clock. The first decoder counts eight pulses (0 - 7)
before its outputs are held high by the QD output of the
binary counter. The second decoder is then enabled and
counts an additional eight pulses, after which the 16 -
count sequence is repeated.

Each decoder output controls an R/S flip-flop by
setting or resetting it at the desired moment. Thus, the
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master clock assures synchronous operation, and the
strictly sequential nature of the decoder output keeps it
glitch -free for all time.

The clock waveforms are shown to the right of the
circuit. Phase 2A of the clock, for example, is generated

by setting a flip-flop on count 6 of the 16 -count cycle (W
of the first decoder) and resetting it on count 12 of the
cycle (4 of the second decoder). The number of phases
can easily be increased by expanding the binary counter
and adding decoders and flip-flops.

Noise -reducing filter
switches time constants
by Martin V. Thomas
Boston University Medical Center, Boston, Mass.

To reduce high -frequency noise in a signal waveform
without significantly distorting the signal is often beyond
the capacity of conventional low-pass filters. For this
purpose, a piecewise-linear filter is far more effective,
especially for complex waveforms such as square waves
and sawtooth signals.

The circuit shown in Fig. 1 achieves this improvement
in signal-to-noise performance and has been used for the
precise determination of input -signal amplitudes in the
presence of noise. It makes use of the fact that although
signal amplitude varies significantly with time, the varia-
tion of the root -mean -square value of the superimposed
noise with time is smaller and relatively constant. The
filter normally has a comparatively long time constant,
T,, but switches to a shorter time constant, T2, whenever
the input signal exceeds a certain threshold. Thus, the
circuit allows large transients to pass through it rela-
tively unaffected but filters out smaller variations
(noise).

Input -signal voltages to the operational amplifier
appear immediately at the junction of resistors R, and
R2, so that the normal response time of the circuit is
ReC2, or 100 microseconds. If the input is constant or
slowly changing in amplitude, there is essentially no
difference in voltage between the output and the resistor
junction. Low frequencies pass to the output, and noise is
reduced by the long time constant of the circuit.

A diode is switched on, however, if the voltage at the
junction exceeds the output voltage by 0.7.R2/(Ri+ R2)
volts, or 30 millivolts in this circuit. Diode switching is
possible because of the output voltage lag produced by
the RC circuit, and it occurs if a rapidly changing
voltage is brought to the op amp's input. An additional
current path is established through R3, and the time
constant of the circuit becomes approximately
R3ReC2/(R, + R2), or 2 microseconds, assuming R3 is
much less than RI + R2. This allows the high -frequency
transient to pass through to the output, virtually undis-
torted. Although any noise superimposed on the signal at
this time passes through also, the circuit's average
signal-to-noise ratio for the entire band of frequencies is
much higher than can be expected with conventional
circuits.

Outputs of the filter with a 1 -volt, 5 -kilohertz square
wave input are shown in Fig. 2. The square wave is

1. Dual -value response -time filter. For best performance, C2 is
made relatively large. R3 maintains stability by limiting charge
current, C, prevents oscillation in feedback loop.

2. Square -wave response. Square -wave output is result of circuit's
use of a short as well as a long time constant. If filter uses only long

time constant, overfiltered triangular waveform results. Full square -
wave output yields higher signal-to-noise ratio.

undistorted since both time constants are utilized. The
superimposed triangle wave shows the resulting distor-
tion if the long time constant alone is used.

The filter's time constant and diode switching' thresh-
old can be varied within a reasonable range. Under some
conditions it may be desirable to limit the input signal
bandwidth to the inverse value of the short time
constant, in order to minimize distortion caused by over-
shoot.
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Sample -and -hold and op amp
form special differentiator
by John Nolte
University of Colorado Medical Center, Denver, Colo.

A sample -and -hold module and an operational amplifier
can form a differentiator circuit that is especially useful
at very low frequencies. In both accuracy and noise
immunity it leaves conventional differentiators far
behind, even when they are built with highest -quality
components, i.e. low -drift, high -input -impedance ampli-
fiers and high -value, low -leakage capacitors.

High -frequency noise, which can upset the operation
of the common RC differentiator, is no problem with this
"digital" circuit because its gain is independent of the
noise frequency. In addition, its frequency of operation is
set simply by adjustment of the sampling frequency. The
circuit is therefore capable of a wide frequency response,
quite unlike its analog counterpart, in which the compo-
nents selected to reduce high -frequency noise also
narrow the frequency response.

In essence, this circuit solves the equation for the slope
of a line. The equation may be expressed as:

Er = d(e)/dt

1. Sample waveforms. Input signal V,0

(shown here as cos t) is sampled at rate Vri,
and sample -and -hold output Vs is a saw -
tooth with an envelope that is the derivative
of or -sin t. Final sample -and -hold

produces staircase of derivative, Vo,.

where Er is the final output voltage at the time immedi-
ately before the next sample, and d(e)/dt is the change
in input voltage between sampling intervals, or the deri-
vative of the input signal with respect to time. The
output waveforms in Fig. 1 indeed confirm this equation.
How is the output generated?

As shown in Fig. 2, the input signal V,. at pin 2 is
sampled at a frequency introduced at pin 1 of the AD582
sample -and -hold device. The output of this device
charges capacitor CH with the instantaneous V,. poten-
tial at the sampling instant; therefore the output signal
V, is a staircase approximation to V, for a small
sampling time with many samples taken per input
frequency. (For clarity's sake the waveforms in Fig. 1

show a disproportionately low sampling frequency.) The
difference between V, and the original input frequency
Vi. is amplified by the 741 operational amplifier.

During each sampling period, the difference between
these two signals is zero, making the output of the 741
(VA) also zero. However, during each hold period, the
output of the op amp rises to a value proportional to the
change in input voltage with time. This proportionality is
mere or less linear, because of the small change in V,.
versus V, during a single sample period.

The output of the 741 is therefore a sawtooth wave-
form with an envelope (formed by the sawtooth peaks)
approximating the derivative of V,. To yield a true
staircase approximation of the derivative, a second
sample -and -hold device can be used to sample the peaks

VT1

SAMPLING 111111111111111111111111SIGNAL
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SIGNAL
INPUT
V,

10 Id2

VT1

VT2

2 AD582 7

SAMPLE FREQUENCY
INPUT VT1

HOLD

SAMPLE

HOLD-
-411-5SAMPLE

- H

Vs

10 kS2
VA

741

.-eVV
47 kS2 47k52

AD582 7

- CH

SAMPLE FREQUENCY
INPUT VT2

CH SHOULD RANGE FROM 100 pF TO 0.015 µF
DEPENDING ON OPERATING FREQUENCY

d(Vin)

2. Different differentiator. Particularly useful at very -low -frequency signals, this differentiator uses a sample -and -hold and a difference
amplifier to obtain the slope of the waveform. Second sample -and -hold recovers peaks of differentiated waveform. Negative pulse train (duty
cycle approximately 1%) for sampling signals can be generated by a 555 timer circuit.

of the sawtooth, thus removing the unwanted compo-
nents generated by the first sampling module.

For reasonable accuracy in differentiating a signal,
the sampling frequency should be at least a few times,

but preferably on the order of 100 times, greater than
the input frequency. Decreasing the sampling frequency
will lower the input frequency that produces a full-scale
or maximized -value output. El

FET pair and op amp linearize
voltage -controlled resistor
by Thomas L. Clarke
Atlantic Oceanographic and Meteorological Laboratory, Miami, Fla.

A matched field-effect transistor pair can be combined
with an operational amplifier and a few resistors to form
a circuit in which one FET's drain -to -source resistance
(Rd,) bears a precisely linear relationship to a control
voltage (Vc). Though a single FET can serve as a voltage -
controlled resistor, the relationship of Rd, to the gate -to-

source voltage (Vi,) is nonlinear.
The basic idea in this circuit is to control Vg, through

a feedback loop that senses if the amount of current
flowing through the FET, and hence its Rds, is of the
proper value. As shown in Fig. 1, this is accomplished by
deriving a signal from half of the FET and applying it to a
"summing" node at the inverting port of an op amp.

The output of the op amp is connected to the gate of
the FET, thus forming a closed loop. The resulting change
in V. causes a proportional change in Rd, because the op
amp is a linear device, and because input voltages are
compared to a fixed voltage (V rer) at the noninverting
terminal. Depending on the configuration, Rd, can be
made proportional to V, or its reciprocal.

In the circuit to be seen at the left of Fig. 1, Rd, varies
in proportion to the reciprocal of the control voltage, as

is indicated by the following equation:

Rds = IV refiRAIV,I - IV re0

where Vref is assumed to be between 0 and V. A voltage
divider may be used to derive V ref. Moving V ref to the
drain of the FET, as in the circuit to the right, the
following equation holds:

Rd, = IV,d1RAVc1

where V ref should be a well -regulated source, since it
may have to supply considerable current. These equa-
tions are based on the facts that V, draws current from
the negative input of the op amp through R. and that
this voltage drop results in current flow into the terminal
by the FET. The application of Kirchhoff's law then
yields the above relationships.

As shown in the circuit at the left of Fig. 2, Rd, may
also vary in direct proportion to the control voltage.
Therefore, the relationship becomes:

Rds = R,IV4/(V -1VcI)

where V. is greater than - VP but less than 0 v. This
circuit, while not as linear as those of Fig. 1, can be
improved significantly by replacing R, with a current
source, I, as shown at the right of Fig. 2. The relation-
ship then simply becomes:

Rd, = 11/ci/I

The circuits are built with Siliconix 285 dual FET chips
and LM324 op amps. Use of high-speed op amps such as
the LM318 would permit more rapid variations of resis-
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1. Voltage -controlled resistance. Unused
half of FET Q2 can function as voltage -
controlled resistor in external circuits. R is
inversely proportional to control voltage in
both circuits. V, values are negative for n -
channel FETs, positive for p -channel FETs.

2. Direct proportional control. R varies
linearly with V, in both circuits. If V, exceeds
V,, or breakdown voltages of FET in either
figure, a resistor should be inserted between
output of operational amplifier and gate of
FET to prevent burnout.

tance. No stability problems are encountered because of course, with FETS formed on a common substrate, and
the FET introduces negligible phase shift in bandpass if desired, p -channel devices may be used for positive
frequencies of the op amp. Optimal results are obtained, control voltages.

SCRs make serviceable
relaxation oscillators
by Larry P. Kahhan
Princo Instruments Inc., Southampton, Pa.

Few designers realize that a silicon controlled rectifier
can be used as a relaxation oscillator, just like its sister
thyristor, the programmable unijunction transistor. The
circuit arrangement is much akin to the PUT oscillator, as
shown in the figure.

When power is applied, capacitor CT charges, and the
voltage across resistor RT decreases exponentially. When
the voltage across RT, which is the cathode voltage of the
SCR, drops to 0.6 volt less than the gate voltage, the SCR

turns on. This turn -on produces current flow through CT
and a voltage spike across R3.

Since the large value of RT prohibits there being
sufficient current to maintain conduction, the SCR imme-
diately turns off, and CT begins its charge cycle again.
The period of oscillation is approximately given by t =

RT CT (In 77), where n is the fraction of the supply
voltage that is applied to the gate, or R2/(R, + R2). The
high -impedance (500-kilohm) sawtooth-waveform out-
put is available at the SCR'S cathode, and a pulse wave -

Programmability. An SCR oscillator retains the features of a

unijunction-transistor circuit, including programmability of the firing
point. Values shown yield an oscillation frequency of about 15 Hz.
Gate -to -cathode voltage drop is neglected in the equations.

form appears at its anode. The output impedance at this
point is less than 20 ohms. If a high -current pulse is
desired, a pulse transformer might replace R3.

Design equations in the figure outline the criteria for
oscillation. Values for SCR on -voltage, holding and
forward blocking currents may be obtained from the
data sheets.
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Automatic clamp controls
symmetrical wave -form offset
by George 0. Wright
Washington, D.C.

It is often necessary to shift the dc level or offset of a
signal. Driving transistor -transistor -logic circuits, for
example, requires positive -only signals, but sometimes
circuits may need negative -only signals, or symmetry of
a wave form about a given dc level may be required. An
inverting operational amplifier, an integrator, and a half -

wave rectifier can be used to form such an offset control
simply and inexpensively.

At the flick of a switch, this circuit clamps the input
level at almost any desired value (Fig. 1). Operation of
the circuit is based on the principle that the dc value of
any periodic wave form can be found by integration.
Since the input is dc -coupled, the integrator output V,
will be equal to the dc component of the signal plus any
initial dc offset. As a consequence of its integrating
operation, the circuit can generate an output sym-
metrical about the zero axis.

As shown in Fig. 2, the input signal, which may be a
sine, triangle, square or ramp wave form, is summed
with the inverted output of the integrator A, at the
inverting input of op amp A2. The input wave form at

V1N

10 ED
MA.

100 pFH C2

10 ES2

5 EDI
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15V
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2
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b) TIME
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1. Symmetry or clamping desired? Input ramp at (a) is clamped
to zero (b) or is symmetrical about zero (c). Circuit may be modified
so that clamping to nearly any voltage level is possible.

this point is displaced downward by an amount equal to
its integrated voltage value V,.

To clamp the output at 0 v, the mode switch is placed
in position A. The reference level at the noninverting
input of the differential amplifier A2 becomes minus half
its initial peak output swing because of the signal's
subsequent peak detection at the output of A,. Operation
of amplifiers A, and A2 assure that the initial signal to

2. Level adjuster. Components are chosen for a minimum
frequency of 1 kilohertz. Resistor R, may be a potentiometer to vary
position in horizontal axis of symmetry. A variable -gain dc amplifier in
series with mode switch permits adjustment of clamping voltage.
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A, is symmetrical about 0. The polarity of the output
voltage depends on the orientation of the diode-for the
direction shown, it is positive -going.

To clamp the output at some other value than 0 v, the
mode switch must again be placed in position A, and a
dc amplifier must also be inserted in the loop between
the rectifier output and the noninverting input of op amp
A2 to control the value of the reference signal.

If the mode switch is placed in position B, the output
will always be symmetrical about the zero axis, no
matter what the original input level is. This operation is
roughly equivalent to removing the integrator from the

circuit and placing a capacitor in series with the input
lead to block the dc component of the signal.

Component values in the integrator circuit shown, will
effectively process signals of 1 kilohertz and higher, up
to the frequency limit of the op amp. In general, the
circuit will process almost any signal that is symmetrical
about a horizontal axis. The exception is pulse trains of
single polarity: their short duty cycle makes a symmet-
rical output impossible because the dc component is less
than half the peak value. In this case, R, may be
adjusted to provide the desired output level, which can
be varied over a small range.

Bi-FET devices improve
absolute -value amplifier
by Dan L. Vogler
Lintech Electronics, Albuquerque, N.M.

An absolute -value amplifier, also known as a precision
full -wave rectifier, which features wide bandwidth and
dynamic range, can be built with high -impedance opera-
tional amplifiers to produce a circuit that is more reli-
able than those implementing the usual phase -cancella-
tion technique. The low input current and wide
frequency range of the CA3140 bipolar/field-effect-
transistor op amps eliminate the gain and phase -shift
errors encountered in other designs.

As shown in the figure, op amp A, serves as a unity -
gain buffer, op amp A2 has a gain of + 1 during the
positive half -cycle of the input wave and a gain of - 1
during the negative portions, and A, in association with
the diode forms a precision clamp.

During the positive portion of the input signal equal
voltage is present at both inputs of A2. The op amp
behaves as a unity -gain follower, as determined by the
feedback elements.

During the negative portions, however, the clamping
action of A3 with the diode prevents the voltage at the
noninverting input of A2 from going negative, effectively
tying the pin to ground. Op amp A2 therefore either
operates in the inverting mode or else multiplies the
signal by a factor of - 1.

Precision resistors for the gain -controlling elements of
op amp A2 assure no greater than 2% deviation from the
desired gain. The clamping circuit of A3 can accurately

10k12 1"

ALL AMPLIFIERS RCA CA3140

10 kl2 1°,

Precision full -wave rectifier. Op amp A3, which ensures A2 follows
positive voltages and inverts negative ones, has single -ended power
supply to minimize slew time and maximize stability. Power -supply
pins are decoupled with 0.47-µF capacitors.

process signals down to - 0.3 volt below the negative
supply rail of the amplifier, which in this case is ground.

The result is an absolute -value amplifier which has a
dynamic range exceeding 90 decibels and a bandwidth
exceeding I megahertz. When this circuit is used in
conjunction with a peak detector or integrator network,
it becomes an invaluable building block in ac -to -dc
conversion applications.

555 timer IC freezes
digital panel meter display
by Howard M. Berlin
Wilmington, Delaware

Connecting a 555 timer as an astable multivibrator
produces a sample -and -hold circuit that will increase the
display time of many digital panel meters. This increase
is an advantage in situations where the displayed value
changes rapidly, making it difficult to determine an
average reading. For example, a sensor monitoring pres-
sure changes near a source of mechanical vibration can
produce readings on a 4'/2 -digit DPM that vary as much
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as ± 10 digits in a quarter second, making a visual
approximation virtually impossible.

When used with a DPM with an external -hold input
such as the 41/2 -digit Fairchild 540921, the 555's signal
overrides the internally controlled sampling period at pin
N of the meter (see figure). The external -hold port is
level -sensitive, so it is desirable to sample the test signal
for short times. The output of the timer is a pulse train
with a duty cycle of d = (R, + R2)/(R + 2R2), which
can approach 100%, and a frequency of f = I .443/C(R
+ 2R2) hertz.

The 555 output is inverted by transistor Q1 so that a
logic 1 is periodically presented to the external -hold
input to sample the input analog voltage at pin S for a

time that is small compared to the total sampling time.
When the collector of the transistor is at logic 0, the
sample is held and displayed for the number of seconds
determined by the ratio d/f. With the values shown, the
signal can be displayed for times ranging from 0.7 to 4.2
seconds. Updating is possible every 1 to 4.5 s.

Power for the timer is obtained from the meter, and
the current drain is only 4 milliamperes. The circuit has
been used for controlling several DPMS simultaneously,
with additional transistor circuits connected to pin 3 of
the timer.

3 5 6 10 11 12

AC AC
COMMON

AC
COMMON AC

EARTH
GROUND

FAIRCHILD 540921 (AC)

EARTH
GROUND

+5 LOGIC
OUT GROUND

EXTERNAL ANALOG
HOLD IN

A

(WHITE) (BLACK) (GREEN)

AC INPUT

10 kS2

100 kS2

10 kS2,

50 in

555

M N

+5

68 al CI,

2N2222
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Sample -and -hold flaw. A 555 extends the display period to relax hyperactive digital panel meters. The display can be frozen for 0.7 to 4.2
seconds, and updated every 1 to 4.5 seconds. Power for the circuit can be obtained from the DPM's 5 -volt supply or a battery source.

12



Intelligent multiplexer
increases processor efficiency
by Edward Harriman
Boston, Mass.

The most efficient way to multiplex data into a computer
is to initiate interrupts only when necessary. This circuit
does just that. It polls the input lines and only in the
event of an input change does it interrupt the processor,
otherwise freeing it to attend to other tasks and therefore
speeding overall system operation.

Shown in the figure, the circuit has worked success-
fully with the Motorola 6800 microprocessor. The hard-
ware includes a 74150 1 -of -16 multiplexer, a 74161 4 -bit
counter for encoding each line, and two 74165 8 -bit shift
registers for recording the previous state of each line.
These elements, in conjunction with a standard compa-

rator and RS flip-flop, control the actions of a 6820
peripheral interface adapter feeding the microprocessor.

To initialize the system, the microprocessor loads the
16 -bit shift register (the two 74165 devices) by
performing 16 read operations. The counter, which like
most of the circuit is cycled by the system clock, selects
each of the multiplexer's 16 input lines in turn.
Assuming the system was initialized at line 0, on the
17th read operation the input of that line appears at the
multiplexer's output and is fed to the comparator to be
checked against the previous 0 line bit now stored in the
last stage of the 16 -bit shift register. If the comparator
detects a difference in the two logic levels, it generates
an interrupt to the processor through the peripheral
interface adapter and also resets the flip-flop. This forces
the scan -enable line low, disabling the counter.

Meanwhile, whether or not there has been a change
from the previous state, the multiplexer's output is stored
in the shift register. After 16 scans, the output of the last
stage of the shift register is again compared to the
present state of the input location 0. The loading and
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0

74150
1.0E-16 W

MULTIPLEXER

DATA INPUTS

j15 DATA SELECT

01-A -

SERIAL
INPUT

CLOCK

CLOCK
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8 -BIT

SHIFT
REGISTER
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SERIAL
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CLOCK
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a.
74165
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CLOCK ENABLE
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4
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Smart controller. Sixteen lines are multiplexed to microprocessor, which performs input update only when notified of a state change on any
line. The 6820 peripheral interface adapter is programmed to generate interrupt on negative transition of CA which in turn generates
negative -going CA2 to advance counter by one. For eight input lines, an eight -input multiplexer and just one shift register would be used.
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comparison operation takes place each scan for every
input line.

If an interrupt is generated, the microprocessor,
through prior programming, reads the location of change
and the new data through the peripheral interface
adapter. This operation also sets the flip-flop by gener-
ating a negative -going pulse from the control line CA2.
The pulse sends the flip-flop's Q output high for at least

one cycle, enabling the 4 -bit counter to advance one
count, regardless of the state of the comparator that
initiated the halt. The microprogram is written to
observe if this second scan encounters a change in the
state of the next location-a more efficient procedure
than releasing the microprocessor immediately. This is
done by testing line CAI, the interrupt -status control
line, which is connected to the comparator output.

ICs slash component count
in Costas loop demodulator
by Carl Andren
E-Systems Inc., St. Petersburg, Fla.

Just three integrated circuits can build a Costas phase -

locked loop that will detect differential phase -shift -keyed
modulation. The Costas loop is named after its inventor,
who first detected it with a PLL by regenerating the
carrier in a double-sideband suppressed -carrier signal.
The loop allows tracking of the desired frequency in a
high -noise environment while ignoring carrier phase
reversals caused by modulation.

The Costas loop (Fig. 1) has an input signal split into
two channels. The in -phase channel (I) demodulates the
data, and the quadrature channel (Q) tracks frequency
and phase of the carrier.

The key to the loop's operation is the multiply -by- ± 1

function, which inverts the phase of Q's output signal
upon detection of a carrier phase reversal. This inversion
is reflected in the feedback signal and maintains lock in
the voltage -controlled crystal oscillator. The I channel,
which detects the phase change, determines if the
Q -channel output is to be inverted or multiplied by unity.

In the demodulating circuit of Fig. 2, the two CA3089
frequency -modulated intermediate -frequency systems
and the MC1558 operational amplifier take over the
Costas loop functions. This circuit was optimized for a
data rate of 9.6 kilobits per second in a system with an
intermediate -frequency bandwidth of 40 kilohertz.

The CA3089s replace more than 70 devices usually
needed for the Costas loop. A, fills the Q -circuit func-
tion, while A2 is wired to serve as the I circuit. The high -

gain limiting amplifiers of A, and the monolithic two-
pole crystal -filter in conjunction with the IN5462
varactor make up the voltage -controlled crystal oscilla-
tor. The loop filter consists of the RC network that
drives the varactor. The MC1558 (A3) serves the multi-
plier function. Data filtering is accomplished by capaci-
tive loading (4,700 picofarads) at the output of A2 in

INTERMEDIATE
FREQUENCY
INPUT

AMPLIFIER

VOLTAGE -
CONTROLLED

CRYSTAL
OSCILLATOR

90°
PHASE
LEAD

NETWORK

MULTIPLY
BY ±1

LOOP
FILTER

The Costae loop. An intermediate -frequen-
cy input signal is compared to the voltage -
controlled crystal oscillator signal, and two
quadrature signals are generated. The
output from the Q (quadrature) channel is
multiplied by ± 1 depending on phase
detected by the I (in -phase) channel. The
feedback loop facilitates tracking of the
carrier frequency in high -noise environments

and maintains locking despite phase rever-
sals of the carrier caused by modulation.

DATA
FILTER

DATA
OUTPUT
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conjunction with the device's output impedance.
At the input of A2, an i-f signal at 20 megahertz is

amplified by the device's high -gain amplifiers, which
provide three stages of amplification before presentation
at the I -channel quadrature detector or mixer. A simple
output buffer in this detector links it with the Q -channel
quadrature detector in A,, thus driving the mixers in
both devices with virtually no phase difference.

The I -channel mixer is a balanced transconductance
amplifier, biased relative to pin 10 of A2. It is driven by
the i-f input signal, as well as by the oscillator through a
90° phase -lead network. Its output drives two amplifiers
in A3; A,a is in the feedback loop to the oscillator, and
A3b controls the multiply function through a transistor.
The noninverting amp A3a drives the op amp A3b. The

gain is -1 when transistor Q, is on and +1 when the
transistor is off.

The multiplier's action causes a feedback voltage that
varies the oscillator's frequency through the varactor in
the tank circuit of the oscillator, and phase lock is

readily accomplished. The phase shift of the oscillator's
amplifier network is about 360° at 20 MHZ, and the
crystal filter element has no phase shift at its center
frequency-thus allowing smooth operation near the
lock frequency. The loop filter is designed to provide the
correct loop damping and gain coefficients needed for
proper operation.
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2. Differential-PSK demodulator. Two CA3089 phase -locked loops vastly reduce hardware needed for Costas loop demodulator. The
circuit detects differential phase -shift -keyed signals with an i-f input of 20 megahertz. With proper attention to rf grounding and shielding, the
detector can operate with signals as low as 10 microvolts. An S meter can be connected to pin 13 of A2 for indicating signal strength.
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Self -gating sample -and -hold
controls oscillator frequency
by Peter Reintjes
Research and Design Ltd., Morehead City, N.C.

A phase -locked loop in conjunction with a transmission
gate serving as a sample -and -hold device can remember
the frequency of a short -duration signal by providing a
constant feedback voltage to a voltage -controlled oscilla-
tor. The circuit is useful for electronic -music synthesis
and tuning radio oscillators by remote push button, as
well as other applications.

The circuit can sample and hold frequency bursts
without the error introduced when the direct conversion
of an input frequency to a voltage or digital quantity is
attempted. As shown in the figure, a relatively high-
level, short -duration alternating -current input signal is
amplified, buffered and compared to a user -determined
reference by the three operational amplifiers in the
LM3900 device. The output of the last stage drives the
555 timer, which serves as a monostable multivibrator
(one-shot). The input signal also drives the CD4046
phase -locked loop.

As the one-shot periodically fires in response to the
input signal, the transmission gate conducts, completing
the feedback loop in the PLL. This permits the output of
a selected comparator in the PLL to feed the voltage -
controlled oscillator at pin 9. The output of the com-
parator is a function of the difference between input and
vco output frequencies; the resulting current charges the
RC network in the feedback loop consisting of the 10-
kilohm resistor and the 0.1-microfarad capacitor. The
final dc voltage, across pin 9, controls the vco frequency
and becomes constant when the input and vco frequency
match.

When the amplitude of the input signal fades, thus
signalling the end of the burst, the feedback loop is
opened because the 555 no longer fires. The voltage
across pin 9 remains, however, because the high -input
impedance of the vco terminal prevents negligible
leakage by the RC network. Therefore the vco continues
to oscillate at the same frequency indefinitely. The high
input impedance provides a good "hold" characteristic.

Comparator 1 in the PLL, an exclusive-oR gate, should
be used for high -noise input sources for optimum perfor-
mance. Comparator 2 is an edge -detecting device and
may be used for most other conditions. The LM555
sampling period is adjustable from 10 milliseconds to 1
second. The supply voltage on all devices may range
from 5 to 15 volts.
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Self -gated sample -and -hold. Input -signal burst closes feedback loop in PLL, locks it to incoming frequency. Removal of input opens loop
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Full adders simplify design
of majority -vote logic
by Zhahai Stewart
Penfield Engineering, Boulder, Colo.

A majority -vote circuit-one with an output state deter-
mined by the logic states of the majority of its input
variables-can be implemented by 4 -bit binary full
adders to yield lower chip counts or cost advantages than
with standard designs using programmable read-only
memories. The adders are easily combined to synthesize
circuits used for decision -making or time -and -event -
counter applications.

The circuits described use the 7483 full adder, but
other adders that provide a similar logic function can be
used. Each bit adder in the 7483 (Fig. la) has inputs A
B and C,; the outputs are S, and C,,I. Each adder is
cascaded internally by connecting the C, ports together.

The characteristics of the device are such that there
will be a logic 1 output from the sum (S,) terminal of
each adder if one input is high or all three inputs are
high. The carry output (C,.1) of each stage will assume
the high state if any two inputs or all inputs are high.

1. Binary -adder majority gate. A single 7483 full adder (a) or
similar device can be wired to produce up to a five -input majority -
vote circuit. Five -Input (b) and seven -input (c) gates are built using
adders' truth table as the primary design tool.
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This is the basic design tool used in the design of any
n -bit majority gate.

Only one adder is needed to form majority gates with
as many as five inputs. For example, a three -input device
can be built by introducing the input variables to A3, A4,
and B4 of the 7483, while tying all other inputs high to
form the "trivial case" solution. In reality, only one
quarter of the adder is used to full advantage. The
output, taken from the carry -out port of the adder, will
be high if any two of the three inputs are high.

Figure 1 b shows an implementation of a more impor-
tant case, the five -input gate. Output M is high if any
three of the five inputs are high. The seven -input circuit
(Fig. 1c) is a simple extension of the five -input case
using the design rules outlined above, but it cannot be
built using a single 7483 because its internal -carry
connections are not accessible. While the adders cannot
be directly cascaded, a majority gate of any size may be
easily built as design experience is gained.

When the number of inputs is small, a PROM can
generate the required gate function for slightly greater
cost and design effort. However, when the number of
input variables is greater than 10 or so, the use of adders
will provide clear-cut advantages. An 11 -input gate
constructed from three adders is easier to design than
with a PROM. (Fig. 2a).

When the number of inputs becomes very large, it is

2. No need for PROM.. Implementation with adders offer advan-
tages over PROM designs when number of inputs exceed 10 (a).
Tree networks can replace adders for additional ease in wiring when

the number of input variables is higher (b).
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advantageous to search for devices with characteristics
similar to the adder and use them to reduce wiring and
design headaches-and, in many cases, to minimize chip
count. In Fig. 2b, a 15 -input gate is implemented using
two 74S275 "Wallace trees" and a full adder; the
74S275 provides the function of four adders without the
external wiring. When connected to the external adder,
space and cost are minimized.

If the carry bits of the Wallace tree are wired low,
each tree output will yield the binary sum of the number
of input variables that are high. Alternatively, the X, Y,
and M outputs of two 7 -bit devices (example in Fig. 1)
may provide the binary sum to the external adder, where
Y is the least significant bit. The output of both trees are
then added directly by the 7483, with the result that M
will be high if eight or more inputs are high.

Glitchless TTL arbiter
selects first of two inputs
by Yukihiro Mikami
Ottawa, Canada

Failure to differentiate between independently timed
asynchronous signals only a few nanoseconds apart can
cause glitches in standard transistor -transistor -logic
circuits that spell disaster to system operation. Once the
glitch is detected, it must be eliminated, so that an
arbiter circuit like the one described here is essential in
applications like dynamic memory controllers.

As shown in the figure, the 74S02 cross -coupled NOR
latch will respond to a signal on request line A or B. The
signal arriving first will appear on the corresponding
output line. With simultaneous inputs, however, a single -

pulse glitch, a sinusoidal oscillation, a metastable -state
response (0.8 -to -2.l -volt unassigned or guard -band
region), or a combination of such responses may occur at
each output for an indefinite period before the gate
decides to switch into its desired state.

An RC network and Schmitt -trigger buffer eliminate
these undesirable responses from the circuit outputs
while minimizing the decision time. The amplitude of the
glitch or oscillation is essentially filtered or damped, as
the case may be, by the RC combination of the 330 -ohm
resistors and the 22-picofarad capacitor.

The resistors also combine with the 820-1 resistor at
the input of either Schmitt trigger to form a voltage
divider. This divider effectively raises the positive -going
switching threshold at this point by 0.6 to 2.1 v. Thus
there is no spurious response, even for a 3-v glitch, a 1.5-
v peak -to -peak oscillation, or a metastable -state
response at the NOR gate output. The circuit responds
with an output when the transient dies away, as the latch
may then decide which signal came first. In the event of
the arrival of two truly simultaneous signals, the gate
would render an arbitrary decision.

Nonsimultaneous signals appearing at the appropriate
output of the NOR gate will pass through the deglitching
circuit relatively unaffected. Typical propagation delay
of the arbiter is 20 nanoseconds for nonsimultaneous
inputs and 25 ns for simultaneous input signals.

First come, first served. The input signal arriving first passes to an output, while simultaneously arriving signals produce an eventual output
but no glitch. The resistor network raises the threshold of the Schmitt trigger, and the RCcombination reduces glitch amplitude.
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Single C-MOS IC forms
pulse -width modulator
by Mark E. Anglin
Novar Electronics, Barberton, Ohio

A pulse -width modulator can be constructed with a
single complementary -metal -oxide -semiconductor inte-
grated circuit if the ic's field-effect transistors control
the duty cycle of a free -running oscillator. The output
resistance of the FET varies almost linearly with input
voltage over portions of its characteristic curve, permit-
ting the circuit to be used for applications in switching
power supplies and analog conversion in data -communi-
cations systems.

This circuit uses a CD4007 dual complementary pair
plus an inverter device, which comprises three n -channel
and three p -channel enhancement -type mos transistors.
As shown in the figure, inverters I, and 12, each formed
by two gates in the 4007, themselves form an astable
multivibrator in conjunction with resistor R and capac-
itor C. The frequency of oscillation of the multivibrator
is given by:

f = 1/1.4 RC

The 1-megohm resistor, left in the figure, limits the
feedback current into 11. This prevents the input circuit
from burnout and the inverter from switching prema-
turely and affecting the desired frequency of operation.

The two remaining gates in the 4007, one n -channel
and one p -channel gate, are connected across the output
of I and R. This network is designed to modify R and

Single IC modulator. Pulse -width modula-
tion is achieved by varying duty cycle of
free -running oscillator in accordance with
input voltage Vc. Output impedance of FETs
shunts switching -time element R, permitting
adjustable duty cycle.

thus control switching times t, and t2.
The oscillation (switching) times for this device may

be expressed by two equations:

t, = RC In [(Vdd - Vtr)Vdd]

and

t2 = RC In (V,r/Vdd)

where t is the on time and t2 is the off time of the
oscillator, V,r is the threshold voltage at the gate's input,
and Vdd is the supply voltage.

When the oscillator's output is high, diode D may
conduct. The p -channel output resistance will be in
parallel with R, neglecting the diode's forward resis-
tance. The p -channel gate's output resistance will
decrease as V, decreases.

Similarly, when the oscillator's output is low, D2 may
conduct, and the n -channel output is placed in parallel
with R. The n -channel's resistance will decrease as V,
increases. The duty cycle of the oscillations (in other
words, control of the on and off times) is variable from
1% to 99% of the operating frequency. The duty cycle is
directly proportional to the amplitude of the control
voltage Vc, over a moderate range.

The component values in the figure yield an oscillation
frequency of 1 kilohertz. The change in oscillation
frequency as a function of duty cycle is minimal;
although the basic frequency of oscillation is modified by
the FET5 across II, the output impedance of one always
increases, and the other's decreases proportionately, for
any value of control voltage V,. Thus, the average resis-
tance shunted across R during a cycle is constant.
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Comparators replace
mechanical set -point meter
by Louis A. Perretta
HNU Systems Inc., Newton, Mass.

A standard ammeter and a simple comparator circuit
can replace the expensive and bulky mechanical dual -
set -point meters used for most process control applica-
tions. This electronic circuit provides higher efficiency at
low cost and can be built on a printed -circuit card. With
a slight modification to the basic circuit, a double high
set point and a double low set point may be estab-
lished-a feature that is not available from the mechan-
ical meter.

The mechanical meter used for industrial purposes
contains internal relays and a 115 -volt power supply to
drive them, as well as a meter that triggers when its
pointer or indicating device comes into contact with the
high or low set points on the meter dial.

In the electronic circuit shown in the figure, the
mechanical set control is replaced by two potentiomet-
ers, transistors Q, through Q5, and the LM319 opera-
tional amplifier. A 1 -milliampere meter indicates condi-
tions at the output of the monitored circuit. The meter is

no longer part of the relay triggering circuit, and the
relays no longer need a power supply. If the circuit is to
control heavy loads, relays must be employed, but they
draw only little power from output transistors Q4 and Q5
and can be placed far from the metering circuit.

In normal operation, an input signal is applied to each
of the two op amps in the LM319, which compares it to
a previously set (high- and low -point) reference. In the
circuit, the reference voltages are adjustable from 0 to
-5.6 v. This is made possible by the biasing arrange-
ment at Q,, in which diodes Z, and Di are configured to
supply a constant - 5.6 v at its emitter. The voltage
across potentiometers R3 and R6 thus may vary between
two references, one at -5.6 v and the other at - 0.6 v,
so that the input to the comparator can vary between -5
v and ground.

When the input voltage, as set by the meter, exceeds
the high or low reference, the appropriate output of the
LM319 fires and switches either transistor Q4 or QS,
which closes the proper relay.

The high and low reference points may be set by using
the meter. Switching switch S, to P, removes the
metering circuit from the input signal, and the meter
then displays the high -point reference voltage, which can
be adjusted by R3. With S, moved to position P2, the
desired low-level voltage may be adjusted with poten-
tiometer R6.

The voltage drop across zener diode Z, and the

INPUT

5.1 kS2

Z,
5.6 V

0,
1N4148

R6

100 kE2

1 kS2

-24 V

24 kS2

24 kS2

02
2N4248 10 kS2

10 kS2

10 kS2

=NAN- 4-

10 kL2 Y2LM319N

5 kft
1 mA

C & K COMPANY
3 WAY SWITCH
NO. 7215

+24 V

L

RELAY

/2LM319N 1.2 kS2

(a) Ib)
10

10 V

24 kS2

1N4148

24 kL2

04
2N2222A

i 10 V 2'4 kE2

1N4148

INPUT

C & K COMPANY
3 -WAY SWITCH NO. 7411

Of

+24 V

CI,

2N2222A

1 2 1(2

S2 YAM319N

YAM319N

RELAY

Mechanical to electrical conversion. Implementation of dual -set -point meter using standard meter and comparator circuits (a) is low-cost
and reliable. When a three-way switch is added to circuit (b), double high and low set points can be set.
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number of standard diodes (Di) determines the range of
reference voltages possible. Reversing diode polarities
and changing Q11 Q2, and Q3 to npn devices produces
positive reference voltages.

To establish double high set and low set points, a four -
pole, three-way toggle switch is placed in the path of
transistors Q2 and Q3 and the input of the op amp, as the
lower part of the figure shows. El

High -impedance op amp
extends 555 timer's range
by Ronald Zane
University of California, Los Angeles, Galli

The period of oscillation of the 555 timer can be
increased 20 times or more if the timing components are
replaced by a feedback loop containing a transistor and a
very -high -impedance input operational amplifier config-
ured as an integrator. The circuit is an inexpensive way
of generating timing periods of hours or days to control
industrial processes, to turn on lights in the home for
burglar protection, and for like applications.

As shown in the figure, resistor R5 and capacitor C
combine with the CA3140T op amp to make the inte-
grator that controls the period of oscillation in the 555.
The very low offset current of this op amp (typically 3
picoamperes but no greater than 30 pA) permits accurate
integration of very low input currents (100 pA). Thus it
ensures excellent control over the actual oscillation
times.

The timer, operating in its astable-multivibrator
mode, produces a change of state at pins 3 and 7 each
time the input signal requirements are met at the
threshold and trigger ports of the device. The output
moves low when the input at the threshold terminal is
greater than two thirds the supply voltage V,. It stays low
until the trigger input detects decay of the input signal's
voltage to less than one third of V,. Then the output
assumes a high state.

Transistor Q, switches in accordance with pin 7 of the

555; point El will be at ground when Q, is on, and at
Vs/2 when Q, is off, because of the voltage divider made
up of R, and R2. The voltage at E2, V,/4, is determined
by the divider made up of R6 and R7 (RI, R3, and R4 in
series hardly affect the calculation).

When Q, is on, the current through R5 at the inverting
input of the op amp is thus:

(V,/2 - Vs/4) R4 R41- R5(R3 R4) 4R5 (R3 "F. R4)

and when it is off, the current is:

(0 - V,/4) 114 -Vs R4
R5 (R3 + R4) - 4 Rs (R3 + R4)

The magnitudes of these currents are the same. The
integrator then operates on this input current. Because
its output is E3 = dVs/dt = 1/C by definition, and
because E3 switches between one third and two thirds of
the supply voltage each cycle, the oscillator's period is:

t = 2/3 C
dV,

8(R3+ R4) R5C - 50 R5Cf,I 3R41/3

The low offset current of the op amp allows R5 to
assume values in the hundreds of megohms. Even when
R5 equals 110 MU, the current through it is 1.8 nanoam-
peres, far exceeding the op amp's offset current.

If R5 is 110 MI and C is I microfarad, the 555's
period is 5,500 seconds. Since R5 and C can be
increased, periods of 10 hours or more may be realized
with inexpensive components. If a 510-NASZ resistor and a
10 -AF capacitor is used in the integrator, the oscillation
period will be 70 hours. The bare 555, which may use a
maximum timing resistance of 20 NtS2, coupled with a
10-/2F capacitor for its timing capacitance, would have
an oscillation time of only 280 seconds. El

Time -magnification. Oscillation frequency
of a 555 may be lowered 20 times or more if
a low -input -current, integrating op amp is
used to replace timing components. One
oscillation every few days is possible if a

high -value capacitor, C. is used in integrator.
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One-shot multivibrator has
programmable pulse width
by Stephen C. Armfield
MCI Inc., Fort Lauderdale, Fla.

The pulse width of a monostable multivibrator can be
varied by digital control of its timing network. Using
diode -modified gate circuits solves the interface prob-
lems inherent in driving the RC port with unipolar
devices, while permitting the selection of resistors that
shunt the timing capacitor to control its charging time.

As shown in the timing diagram in Fig. 1, a negative
voltage is generated at pin 11 of a standard 74121
transistor -transistor -logic multivibrator although posi-
tive supply voltages are applied to the device. As a

10 pF < C < 10 1.4F
2 k2 R < 40 kS-2,

1. Standard configuration. TTL circuits alone cannot control the
duty cycle of a one-shot directly because negative voltage is gener-
ated at timing port during normal operation. Reduction of this voltage
to low level permits adjustment of pulse width.

consequence of a triggering signal, the voltage at pin 10,
which started at 5 volts, drops to 0.7 v. The voltage at
pin 11 also drops by the same amount; since its initial
voltage was only 0.7 v, however, its final voltage is - 3.6
v. Thus, the timing (RC) network cannot be directly
driven by standard TTL configurations.

With the use of diodes D. and Db, pin 10 can be
clamped to about 1.6 volts without disturbing circuit
operation, and the negative excursions at pin 11 will be
restricted to a few tenths of a volt, as shown in Fig. 2.
The 7405 open -collector gates can then be used in
conjunction with isolating diodes DI through D. to alter
the charging rate of C. The alteration is accomplished by

2. Pulse width variation. The use of diodes Da and Db clamps pin 10
of one-shot, permits TTL to drive and control the duty cycle.
Actuating isolation diodes D, to D alters the charging rate of C,
providing a choice of duty -cycle times.
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activating the desired digital inputs II through In,
which permit conduction through the isolating diodes,
and consequently, shunting of resistance by resistors RI
through R. The equivalent resistance is:

1 1 1 \ 1 \
IT:=V"I'v+12kR-2)+...I.(ifn)

where I, through In is equal to 1 or 0, corresponding to
logic 1 or logic 0.

The current required by the clamping diodes Da and
Db is 20 milliamperes or so and is supplied by a
transistor internal to the multivibrator. If the increased
power consumption can be tolerated, this programmable
one-shot can be useful in many digital applications. El

Resistor -controlled LC network
drives tunable discriminator
by John W. Newman
U. S. Army Electronics Materiel Readiness Activity, Warrenton, Va.

A single potentiometer can adjust the fixed -tuned
circuits that determine the mark -and -space frequencies
in an audio -frequency -shift -keyed discriminator. This
can be accomplished if the potentiometer controls the
feedback current that passes through the inductor of
each LC combination. Such calibrated single -control
tuning is an advantage when reception of any one pair of
several widely used shifts is necessary, because the mark -
and -space filters do not have to be individually and
repeatedly set by a frequency counter or by some other
instrument.

A LaPlace analysis of a current -driven tuned circuit
will show the dependence of the resonant frequency on
the amount of feedback. The tuned circuit in Fig. 1 has a
transfer function that is:

s + RL
A(s) s' + RLs + 1

Feedback provided by the second amplifier is:

B(s) - s' + RLs + 1

where K is the amplifier gain, a function of the poten-
tiometer setting, and may be positive or negative in
value. The complete transfer function becomes:

s + RLH(s) - s' + RLs + 1 -K

The denominator of this equation, which is of major
importance in this analysis, is of the form:

s2 + (AQ)s + w2

where A is a constant, Q is the circuit's selectivity or
quality factor, and w is the radian frequency of the
circuit. Thus it is observed that w = (1 -K)". This
assumes that bandwidth and gain of the circuit are
independent variables.

Analysis of the feedback loop containing a tuned
circuit that is driven from a voltage source is somewhat
more complicated, but the results are similar. For the
actual voltage -driver circuit in Fig. 2, the transfer func-
tion is approximately:

(s + RL)H(s) - R4[s2 + s(RL + YR4 + YR5) + 1 ±K]

where the radian frequency term is the same, but the
value of Q depends largely on resistors RI and R2, and
the value of K is dependent on R3.

Determination of RI, R2, and R3 is most important for
circuit optimization of Q and transient response. After
limiting of the 2 -to -3 -kilohertz input signal by the first
operational amplifier, the 14 -volt output signal must be
reduced by one half by the voltage divider consisting of
It I and R2. This will prevent overdrive of subsequent
stages containing two identical tuned circuits with equiv-
alent impedance Z,,. In addition, the dc output of the
circuit is a function of the relationship of the mark -and -
space frequency to the frequency of each tuned circuit
(and thus Z RI, and R2).

An unloaded (no -feedback) Q of about 100 is to be
expected at 2,500 Hz from each resonant circuit,
providing a Z. of 138,200 ohms. It is reasonable to set a
loaded Q of 25, providing a bandwidth of 100 Hz.

Resistor R2 is selected for a Q of 50 so that the parallel
equivalent of Z,,, RI, and R2 reduces the Q to 25 and

1. Current analysis. Resonant frequency of
tuned circuit is affected not only by L and C
values but also by magnitude of feedback
current through inductor. Potentiometer may
control gain of amplifier and thus resonant
frequency. Circuit is simpler to analyze but
yields results similar to voltage -driven dis-
criminator network described in text.

R, - EQUIVALENT SERIES RESISTANCE OF INDUCTOR
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27 k2INPUT ---,\AA"-----
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15V

-15 V
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RL = EQUIVALENT SERIES
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+15 V
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-15 V
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100 k2
R5
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+15 V

-7-

80.91 k2

TUNE
CONTROL

I

101.11 kfl

+15 V

R6 R7

-15 V
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2. A discriminating network. Resistor -tuned filters provide one -control adjustment of mark -and -space frequencies. Shifts are continuously
adjustable from zero to 1 kilohertz at a center frequency of 2,500 hertz and are linearly proportional to potentiometer setting.

RESISTOR

POT ROTATION

TUNED DISCRIMINATOR

FREQUENCY (Hz)

(%) MARK SPACE

0 2,500 2,500

10 2,549 2,451

20 2,598 2,401

30 2,647 2,352

40 2,697 2,302

50 2,747 2,252

60 2,797 2,202

70 2,847 2,152

80 2,897 2,102

90 2,949 2,051

100 3,000 2,000

yields the desired voltage division. Thus, R2 is equal to
138,200 0, and R1 is equal to the parallel combination of
Zx and R2, or 69,100 SI

The resonant frequency of the mark -and -space filters
is directly determined by R3. With the potentiometer's
resistance at a minimum as measured from the junction
of the 101-kilohm resistor and the noninverting input of
the 741 op amp, the noninverting gain for the mark filter
is 0.44, which nullifies the inverting gain of 0.44 from
the following amplifier stage. Thus the mark resonant

frequency remains at 2,500 Hz. Feedback through the
space resonant circuit is zero, and it is also resonant at
2,500 Hz. When R3 increases, the inverting gain for the
mark filter becomes greater than the noninverting gain
and the mark resonant frequency increases. The feed-
back signal through the space resonant circuit decreases
the space resonant frequency. The maximum input
signal available across R3 is 0.09 times the output signal;
at this setting the op amp gain is 4. The lowest resonant
frequency is thus (1 - 0.36)12 (2,500) = 2,000 HZ.
Conversely, the mark filter has a maximum frequency of
(1 + 0.44)12 (2,500) = 3,000 Hz.

The table shows the relationship of the potentiometer
setting to the mark -and -set frequency pairs. The
resonant frequency of the mark filters should be
trimmed to a center frequency of 2,500 Hz by R8. The
space filter's lower limit should be trimmed by R6 or R7;
the mark filter's upper limit should be set by R4 or R5.

The dc output is derived from intermediate op amps in
conjunction with half -wave rectifier networks. The
output voltage will always be positive for received mark
frequencies and negative for space frequencies, permit-
ting a suitable source for transistors that will drive radio
teleprinter relays and similar equipment. Rejection of
off -frequency mark -or -space signals is excellent. Mark -

and -space frequency pairs can be within 100 Hz of each
other while still providing good circuit performance.
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Nonmaskable interrupt saves
processor register contents
by Ivars P. Breikss
Honeywell Inc., Test Instruments Division, Denver, Colo.

Linking a battery -powered random-access memory to
the nonmaskable interrupt input available on many
microprocessors will save the contents of the memory
registers in a microprocessor system during power loss.
The NMI input is used to initiate a software routine that,
when alerted to a power loss by such means as a power -
line relay, stores the contents of the registers in the
RAM and then disables the RAM's inputs. These registers
require such protection of their status if the micropro-
cessor is to continue execution of the program at the
point at which it left off when power failure occurred.

The data -save circuit may be implemented as shown in
the figure, using two 5101 complementary -metal -oxide -
semiconductor RAMS in conjunction with the 6800/6820
combination of microprocessor and peripheral interface
adapter. Since each RAM is organized as a 256 -word -by -
4 -bit array, this 8 -bit system requires two of them,
configured as a 256 -word -by -8 -bit device. A set -reset
flip-flop, built by cross -connecting two c-mos two -input
NAND gates, controls the data -enable port of the RAMS.
The flip-flop and the RAMS are powered by a 4.5 -volt
battery if the main power is lost.

During system startup, a pulsed logic I signal is

generated at the A output of the PIA through software
control. The negative -going edge of this pulse sets the
flip-flop and drives the control -enable lead (CE) of the
RAMS. This allows desired system parameters, which may
have taken hours to determine initially, to be stored in
the RAM for protection from power failure.

During a power -down cycle, the address and data lines
of the RAM will usually assume random logic states for
several milliseconds. This condition is likely to destroy or
modify the contents of the RAM unless a logic 0 is applied
to the CE input at least a few microseconds before the
main power is lost.

A loss of line voltage causes the relay to open; once
the operating voltage drops below 4.5 v the battery
immediately assumes the power -delivery chores to the
RAM and flip-flop. Loss of voltage to the microprocessor
and PIA occurs approximately 25 ms later; a pulse must
be delivered to the CE port of the RAM before that time.

Relay dropout initiates the NMI sequence. The NMI
input, which was at 5 v, drops rapidly. The negative -

going transition terminates normal program execution
and initiates the interrupt sequence. During this time, an
output pulse is generated at port B or the PIA. Its
negative edge clears the flip-flop, disabling the RAM by
removing its CE signal. This occurs before operating
power collapses; thus the RAM'S content is not upset.
Capacitive coupling between the PIA and the flip-flop is
employed to prevent false triggering which may occur
during power loss.

This circuit is exceptionally reliable and consumes
littie power. A small 4.5-v battery will store 256 8 -bit
words for more than a year if necessary.

1N34A

14

5 V MAIN

1

OPERATING
POWER

10 k52 10 kS-2 - - IoopF
1 N34A

CE
II

6820 1,000 pF

PERIPHERAL TWO
INTERFACE 5101
ADAPTER RANDOM-

ACCESS _L. 4'5 V
DATA

MEMORIES
1,000 pF L _ _ _ CD4011 ADDRESS

6800
MICROPROCESSOR

NMI

1 3.3 k12

110V LINE

SIGMA 78RE-120AC

To the rescue. Should power to microprocessor or PIA fail, data in their registers is stored in battery -powered RAMs for protection. Control -
enable line of RAMs is enabled during normal operation, disabled on power -down to prevent modification of RAM contents.
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Digital normalizer derives
ratio of two analog signals
by James H. McQuaid
University of California, Lawrence Livermore Laboratory, Livermore, Calif.

The absolute value of a voltage or current at a circuit
point is frequently less important than the ratio of that
quantity to a reference. This circuit compares two analog
signals by using a high -accuracy digital technique for
normalizing the reference voltage, thus simplifying
circuitry and avoiding the use of analog dividers or
microprocessors. It is invaluable in many light -chopping
applications, such as lasers, where the measurement of
light intensity at a specific frequency must take into
account total source -intensity variations. It is also useful
in atmospheric physics when measuring the concentra-
tion of a specific gas in a mixture by infrared techniques
in which the intensity of the beam is subject to drift.

As shown in the block diagram (Fig. 1), the reference
and sample signals are each introduced to a sample -and -
hold circuit. Peak -detection circuitry in this device, in

1. Ratio meter. Voltage comparison of analog sample to time -
dependent reference uses analog -to -digital converters. Voltages are
converted to frequency and counted. Reference count normalized to
unity serves as gating signal to count number in sample counter.
Output of circuit yields ratio of sample to reference voltage.

conjunction with track -and -hold logic, which controls
the sample rate, produces a voltage output that is
presented to their respective voltage -to -frequency con-
verters. Each converter's output is a pulse train with a
frequency directly proportional to the input voltage.

The track -and -hold logic and associated gating
circuits simultaneously initialize both scalar circuits and
allow the output pulse train of both converters to be
counted. When the count in the reference scaler exceeds
its capacity, an overflow pulse is generated that closes
the gating circuit; at this time, the contents of the sample
scaler are clocked into the holding register and then sent
to the display. The contents of the reference scaler are
regarded as a unit voltage, and the reference scaler
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2. Digital normalization. Circuit detects relationship of analog sample amplitude to reference voltage by digital means. Several one -shots are
used to obtain proper timing and gating. Circuit uses C-MOS devices where possible to reduce power consumption.
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controls the gating time to the sample scaler. Thus the
contents of the holding register will normally be some
fraction of the unity -set voltage. The sample scaler and
sampling circuits are then reset, ready to process the
next sample.

As shown in Fig. 2, the sample -and -hold devices are
Hybrid Systems 725LH devices, which are accurate to
within 0.01% and have a droop rate of 15 millivolts per
second using their internal holding capacitor. The sync
input used to control the sampling period is a 5 -volt,
1 -to -100 -hertz pulsed voltage. The converters are Tele-
dyne Philbrick 470501 devices with an upper limiting
frequency of about 1 megahertz. This frequency is
produced at an input of 10 v, and the device's voltage -
frequency characteristic is linear to 0.005%. The
converter may be easily calibrated with its 50-kilohm
trimmer potentiometer and the 200 -ohm rheostat at the
output of the 725LH device.

The 4040 reference scaler is a 12 -bit binary counter.

After reaching its counting capacity (4,096) during a
given sampling period, it clocks the contents of the
Sgnetics 4518B into the 174C174 c-mos holding register
while resetting the gating circuits. The sample scaler
capacity (16 bits) and the large reference scaler capacity
(12 bits) ensure a high counting accuracy, typically to
within 0.1%. In addition, the larger capacity of the
sample scaler allows the signal amplitude to exceed the
reference amplitude while the correct ratio is still
displayed.

The AT function in the block diagram is a small but
important part of the circuit. It is implemented as shown
in Fig. 2 with a number of one shots to achieve correct
timing and edge triggering for data transfer. The digi-
tizing time for the circuit shown is 4 milliseconds.
Greater speed (with less accuracy) can be easily
achieved by reducing the number of bits in the reference
scaler. For instance, a digitizing time of 250 micro-
seconds may be achieved with an 8 -bit reference scaler.111

Differentiator and latch form
synchronous one-shot
by Chacko C. Neroth
Amdahl Corp., Sunnyvale, Calif.

Many logic circuits require all operations to be synchro-
nized with the systent clock, including the firing of
monostable multivibrators, even though the input signals
to the one-shot are time -independent. However, a syn-
chronous one-shot may be implemented using a D flip-
flop and a differentiator network. In essence, the circuit
substitutes a differentiator at the D input for a timing
network in the one-shot in order to provide either imme-
diate or time -delayed synchronous operation upon the
arrival of a suitable trigger.

As shown in the figure, a positive -going input signal is
applied to the D input of the 74C74 complementary -
metal -oxide -semiconductor device through the resist-
ance -capacitance network R,C,. The state of the flip-

flop, which depends on the logic level at the D input
during a clock pulse at the C input, assumes a 1 value at
the arrival of the first clock. The output remains high
until the voltage across the resistor has decayed below
the 1 threshold of the D input (because of capacitor
discharge), and the next clock occurs at the C input.
Thus, assuming the clock period is high compared with
the R,C, period, the approximate pulse width, or on
time, of the flip-flop is equal to 0.69 R,C,; the exact
width of the pulse is an integral number of clock periods
during which the D input is high.

The logic threshold of the c-mos device at the D input
is almost proportional to the supply voltage; therefore
the pulse width output is relatively insensitive to supply
voltage variations. For best results, the resistance -capac-
itance network should be selected to ensure that a decay
in voltage across the resistor reaches the threshold level
at the D input halfway between clock periods. Operation
with negative -edge triggers is possible if R, is connected
to the positive supply line instead of ground.

Monostable controller. Synchronous multivibrator is formed by differentiator and flip-flop, permitting initialization of clocked system by
asynchronous data. Pulse width of multivibrator is determined by time constant of differentiator and clock rate.
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Fast -attack detector optimizes
ultrasonic receiver response
by Paul M. Gammell
Jet Propulsion Laboratory, Pasadena, Calif.

A radio -frequency amplifier with low output impedance
greatly enhances the performance of an ultrasonic
receiver. The low impedance, achieved by an open -
collector output configuration, permits design of a
detector having a fast rise time and somewhat slower fall
time-characteristics important for high -accuracy dis-
tance -measuring applications. This inexpensive circuit is
a wideband receiver with good overload -signal recovery.
It has many pulse -echo uses, including nondestructive
evaluation and depth finding, and performs well in
biomedical ultrasonic applications.

As shown in the figure, a pulsed signal is simulta-
neously applied to a transducer and transistor amplifier
Q,. The transducer is one of many commercially avail-
able devices that will convert a typical 200 -volt,
0.1 -to- 1 -microsecond pulse into an ultrasonic (compres-
sional) wave aimed at a distant target. The echo from
the transducer, with an amplitude on the order of 1 to 10
microvolts, may return only microseconds later. Q, must

therefore recover quickly from the large initial pulse in
order to respond to the echo signal.

Components C,, C2, and D, through D4 aid in isolating
the amplifier circuits from the high -voltage pulse.
Resistor R, improves the transient recovery by draining
off any charge present on C, and C2 that remains
because D3 and D4 have not sufficiently bypassed the
pulse to ground.

Qi is saturated by the initial pulse. Diodes D, and D2
isolate the pulsed current from Q, (and the transducer)
after the pulse drops below 0.7 v, thereby keeping the
nonthermal noise contributions of the pulser out of the
receiver. Q, drives the MC1350 radio-frequency/inter-
mediate-frequency amplifier with a phase -split signal to
increase the effective gain of the circuit and aids in
isolating it from the pulser. To achieve a circuit gain of
more than 50 decibels, a second MC1350 amplifier is
added.

The output of the second amplifier drives a diode
detector composed of D5 and D6 and the filter R10C3.
Fullwave rectification is essential for optimum resolu-
tion, since the echo may be shifted l80° by the reflecting
surface producing it.

A simplified equivalent circuit of the output stage of
the MC1350 is shown at the bottom of the figure. A fast
rise time for incoming signals is achieved by discharging
C3 through the 1-kilohm impedance of one of the output
transistors. The longer fall time needed for a smooth

Pulse -echo receiver. Circuit (a) responds to wideband radio -frequency signals with good signal -handling capability. Time -dependent gain
control is provided for sophisticated sonar applications. Choice of low -impedance rf amplifier (b) optimizes response.
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echo envelope is attained by recharging C, through R10.
In some applications, it is desirable to provide a control
to vary the fall time by adjusting C3 and to reject echoes
of small amplitude by varying R8, R9, and RIO.

At small signal levels, an approximate square -law
response is provided by the logarithmic characteristic of
the 1N916 diodes. The sum of currents I, and 12 in the
MC1350 is 5.6 milliamperes typical, as specified by the
manufacturer. The currents determine the operating
point of the diodes. With the circuit values shown, a
quiescent current of approximately 0.8 mA flows through
each of the diodes D5 and D6.

Although integrated circuits are widely available that
perform low-level detection, the desired detector charac-
teristics can be more easily achieved with the circuit
described. Furthermore, a stable (oscilloscope) baseline
and a large dynamic range are easier to attain if the
detector is driven by a reasonably high rf voltage source.
The amplifiers in this circuit make this possible by
providing adequate predetection amplification.

The signal at the output has a well-defined leading
edge suitable for determining time differences between
the pulse and its echo with an oscilloscope. A 10-v offset
occurs at the output. It may be removed with a base -line
restorer circuit consisting of a decoupling capacitor, a
resistor tied to 12 v, and a germanium diode to clamp
the baseline to about 0.3 v. Another approach uses a
differential amplifier.

For sophisticated systems, a time -dependent gain
control can be added to the rf amplifiers. A 0 -to -12-v
ramp voltage, the amplitude of which depends on the
range and anticipated attenuation of the echo, can be
applied to pin 5 of the devices through R11 and R12,
which control the distribution of stage gain. The ramp
voltage should be positive and decrease with time to
provide a gain that increases with time. If pin 5 is
grounded, the amplifier operates at full gain. Although
the ramp is usually synchronized with the transmit pulse,
it may be synchronized with other sources, such as the
surface echo from an attenuating target.

Biasing the diode improves
a -m detector performance
by Antonio L. Eguizabal
Vancouver, British Columbia, Canada

The sensitivity, dynamic range, and linearity of a stan-
dard amplitude -modulation diode detector improve if the
diode is biased into its conducting region. Sensitivity and
dynamic range increase because the incoming radio -
frequency signal does not encounter the barrier -potential
voltage of the diode before the onset of rectification.

Linearity improves because the biasing voltage shifts the
operating point of the diode into the linear portion of its
characteristic curve.

As shown in the figure, signals are applied to Di, a
Schottky diode that can be used at frequencies
approaching 1 gigahertz. It has a low barrier potential
(Q.35 volt), about one half that of conventional silicon
diodes, and allows linear operation at a lower biasing
voltage than is possible with conventional diodes.

A 5.6-v zener and the voltage divider composed of
the 10-kilohm resistor and Di send 350 my across
D1, making it conduct. The voltage drop across Di
is in effect eliminated for rf signals, making possible the
detection of millivolt -level signals. The demodulated
signal appears across the resistance -capacitance filter
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Tweaked detector. Even the old reliable
a -m detector can be improved. Increased
sensitivity, linearity, and dynamic range are
obtained by dc biasing diode D, into
conduction, to eliminate voltage drop as
seen by rf driver. D2 provides temperature
compensation.
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composed of the 100-picofarad capacitor and the 10-
kilohm resistor.

Most diode detectors are used in conjunction with
automatic -gain -control circuits to produce a constant
audio output over a wide dynamic range. To ensure
minimum response time of the diode detector, which is
required when driving the agc, direct coupling between
the two is necessary. Temperature compensation is
therefore needed to eliminate drift caused by small
temperature -dependent offset voltages.

A second Schottky diode and an operational amplifier,
the CA3140, provide this function. Diode D2 is biased
similarly to DI, with the result that voltage changes
caused by temperature variations are almost identical
across both devices. The CA3140 operates as a unity -
gain wideband amplifier. It has a high common -mode
rejection ratio and draws low input -biasing currents,

qualities required in a good buffer amplifier.
The noninverting port of the op amp accepts the

demodulated signal from the RC filter. The tempera-
ture-variable.voltage drop across D, tends to increase the
output voltage, but this is countered by an identical
voltage across D2 at the inverting port. Thus the net
voltage change at the output as a function of tempera-
ture is approximately zero. Note that the op amp is
operating with a single -ended power supply, which
assures that D2 is used in a temperature -compensating
capacity only and does not upset the operation of the rf
detection circuit.

This detection circuit can respond tr, a 10-mv rf input
signal, and its dynamic range is 10 to 15 decibels greater
than that of conventional diode detectors. In addition,
the linearity of the circuit, especially at low levels, is
noticeably better.

Maximum voltage detector
needs no a -d conversion
by Ronald Lumia
University of Virginia, Charlottsville, Va.

A detector that determines which of a set of analog
voltages has the greatest positive value is useful for
pattern -recognition systems and other classifying
schemes. Only the relative magnitude of the input
voltages is important in these applications, so that costly
analog -to -digital converters are not needed.

As shown in the figure, a sample set of voltages is
introduced at the noninverting port of a bank of 711 dual
differential voltage comparators, which initially switch
each amplifier high. All inverting inputs are driven by
any monotonically increasing waveform, such as a ramp
voltage.

Each comparator switches into the low state as the
ramp voltage exceeds the particular sample voltage
connected to its input, until only one comparator remains
in the high state. The signal at this op amp input has the
greatest amplitude in the sample set.

The combinational logic at the 7430 NAND gate array
then generates a pulse to the 74174 device, clocking the
lone logic 1 signal from the op amp input into the
D input of its associated flip-flop and presenting it to the
processing device. By this time, the ramp voltage has
returned to its minimum value, and the next sample set
may be again introduced.

As shown, the range over which the sample -set
voltages may be detected lies between zero and 5 volts.
This range may be changed by suitable adjustment of
the ramp and supply voltages to the comparators. The
use of comp ementary-metal-oxide-semiconductor logic
circuits is advised when the operating voltage to the
comparators exceeds 5 volts.

Maximum -voltage
V, -V. is determined by ramp generator and logic circuit. Sample
voltages drive all comparators high if values lie above the minimum
ramp voltage. Logic detects lone op amp remaining high during the
ramp sweep and clocks that state to its D flip-flop.

detector. Relative maximum of sample set
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Modular switch array
includes priority encoder
by Thomas L. Sterling
Sigma Consultants Inc., Virginia Beach, Va.

The output ports of this momentary -contact switch array
respond to the first command received, and the circuit
locks out all subsequent commands, providing a time -
sequence priority scheme often needed in industrial
systems. The low-cost circuit prevents simultaneous
switch depressions from spoiling system operation, and
the modularized design technique employed makes it
fairly simple to implement.

The structure for this switch array is shown in the
figure. A number of single -pole, double -throw switches
(SW) are individually interfaced through the same
number of switch buffer modules (Bn) to a single set -
reset flip-flop at the output of the last module. This flip-

flop generates a lock -out signal to ensure that only one
module at any given time can be in the active state.

Each module contains its own SR flip-flop, a gated
output driver with inhibit circuitry, and two AND gates.
The flip-flop is configured to circumvent switch contact
bounce and has its inputs connected to the normally open
(No) and normally closed (NC) contacts of each switch.
The inverting output is combined with the M, input
signal through an AND gate to derive the M. output. The
noninverting output of the flip-flop is applied to the
gated output driver. Each module is cascaded by
connecting the Mo and Ao ports to the M, and A, ports of
the next buffer.

Depressing any switch drives the output of its
associated module low. The Mo and Ao ports of the last
buffer module in the chain move low at this time,
permitting generation of the LCK signal.

The inhibit gate in each module will prevent the
output gate from going low, irrespective of the state of
the input flip-flop, if the buffer module output, P,, is

inactive. If the buffer module is active, the inhibit gate
will be inactive, independently of the state of the LCK
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Priority encoding. First switch to close captures its output buffer. Circuit disables all other butter output lines by generating a lockout (LCK)
signal. Release of switch or switches automatically resets circuit. The truth table of the switch array is illustrated.
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Time

TRUTH TABLE

SW1 SVV2... SW,.. SVVR... SVV_i SW

FOR SWITCH

Pi

ARRAY BUFFER

P2 /34( Pn - 1 Pr, Mon LCK

t0 0 0 0 0 0 0 1 1 1 1 1 1 1 1 0

t1 0 0 1 0 0 0 1 1 0 1 1 1 0 0 1

t2 0 0 1 1 0 0 1 1 0 1 1 1 0 0 1

t3 0 0 0 1 0 0 1 1 1 1 1 1 0 1 1

t4 0 0 0 0 0 0 1 1 1 1 1 1 1 1 0

t5 0 0 0 1 0 0 1 1 1 0 1 1 0 0 1

t6 0 0 0 0 0 0 1 1 1 1 1 1 1 1 0

output. The lockout flip-flop is not reset until the M.
signal at the last flip-flop moves high again. This occurs
when the switch is released.

Once the switch first depressed is released, all module
outputs become inactive, even if other switches were
activated after a particular module had been set. Only

after all switches are released can one of the buffers
become active again. The operation of the switch array is
shown in the illustration.

This design can accommodate up to 30 switches. This
limit on their number is set by the driving capability of
the inverter driver of the lockout flip-flop. 0

Ring counter synthesizes
sinusoidal waveforms
by Timothy D. Jordan
Texas A & M University, College Station, Texas

A digital circuit composed of only two counters and a
weighted resistor network is as good at producing sine
and cosine waveforms as many quadrature oscillator

networks. Because matched components are not used,
design considerations are radically simplified.

Use of the digital technique eliminates many compo-
nents. The upper frequency limit of the oscillator is 250
kilohertz, and it is not affected by the frequency limita-
tions of operational amplifiers, because no op amps are
used. Tweaking the oscillator is not necessary, because
no special circuitry is needed. And the sine and cosine
waveforms are equal in magnitude at every frequency,
because no integrating or differentiating circuits are
used. It is even possible to transform the circuit into a
digital -to -sine -wave converter with little modification, if
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Digitized waves. Frequency dividers and weighted resistor network generate sine and cosine waveforms. The 4018 counters divide input
frequency by 12. First counter provides 12 -bit approximation of sine function. Second device lags by 90°, producing cosine waveform.
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the counters' parallel input ports are used to accept
binary signals.

As shown in the figure, two cascaded 4018
complementary -metal -oxide -semiconductor integrated
circuits wired as a single ring counter are driven by the
master clock. The 4018s divide the input frequency by
12. The digital clock advances the ring counter by one
count on the positive clock transition, and each output
port moves from the high to low state sequentially.

The resulting current through the weighted resistor
network at the counter's output produces a 12 -step

approximation of a sine wave. The output stages of the
second 4018 produce a cosine wave, since it is delayed
three clock periods, or one quarter of a cycle, with
respect to the first counter.

The first appreciable harmonics to appear at the
output are the 11th and 13th, and they may be filtered
out with a passive resistance -capacitance filter. Identical
filters should be used for each counter so that the phase
shift introduced is equal for both output waveforms. The
input frequency may be as high as 3 megahertz; above I
MHZ, no filtering is necessary.

Darlington -switched relays link
car and trailer signal lights
by M. E. Gilmore, and C. W. Snipes
Florence, Ala.

New cars with separate turn and brake signals-a safety
feature-require a special circuit to properly drive the
combination turn -and -brake lights on a trailer; other-
wise, if the trailer lights are connected to the brake
command, the turn signal will not work, and connecting
the lights to the turn command will not yield a brake
signal. But two relays and low-cost transistors will
combine the signals onto a common bus again, ensuring
that the trailer's lights respond to both commands.

As shown in the figure, the brake -command line is
normally connected to the trailer lights through relays
K, and K2 during normal operation. However, a left- or
right -turn command will turn on the respective
Darlington amplifier, Q1Q2 or Q3Q4, thus activating K,
or K2. The turn signal is then routed to the lights.

Capacitors C, and C2 charge to the peak amplitude of
the turn signal, which flashes at one to two times per
second. C, and C2 should therefore be selected to hold
the relay closed between these flash intervals (0.5 to 1.0
second), but no longer. If the capacitance is too large,
the brake signal cannot immediately activate the trailer
lights after the turn signal is canceled. Diodes Di and D2
prevent capacitor discharge through the left or right
turn -signal lines, respectively.
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Auto-to-traller Interface. Relays multiplex brake and turn commands onto common bus line, permit control of brake -turn lights on trailer.

Darlington amplifiers provide high command -line Isolation and sufficient drive for the relays.
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Monolithic timers form
transducer -to -recorder interface
by T. George Barnett
Laindon, Essex, England

Capacitive transducers often require an expensive capac-
itance bridge to transform sensed capacitance variations
into a voltage for presentation on a chart recorder or
oscilloscope. A circuit using two monolithic timers can
provide both a capacitance -to -voltage interface and a
simple and accurate method for measuring the trans-
ducer capacitances.

As shown in the figure, the transducer serves as a
capacitive frequency -determining element for the 555
timer. This makes it possible to measure transducer
capacitances indirectly, while isolating the transducer
from the scope or chart recorder to minimize the loading
effect. The LM555CN timing device is connected in the
astable mode, its free -running frequency set by R, Ry,

and C. The transducer, typically in the range of 0.001
to 100 microfarads, is element C. in the timing network.

As the transducer capacitance varies in response to the
physical parameter being measured, the output frequen-
cy of the 555 varies linearly. The ratio of R. to Ry sets
the duty cycle, which depends on the frequency range
desired.

The output of the 555 is presented to the LM322N
timer. This circuit, wired as a monostable multivibrator,
and combined with the one -pole resistance capacitance
filter, forms a frequency -to -voltage converter. The dc
output voltage varies linearly with the input frequency,
and has a slope of 0.1 volt per kilohertz. The linearity is
within 0.2% over the output voltage range of 0 to 1 v.

A 1-kilohm potentiometer connected to pin 7 of the
322 adjusts the output pulse width, serving to calibrate
the system to a specified voltage at 10 kilohertz or some
other frequency. To ensure linearity, the collector of the
output transistor, pin 12, is fed to pin 4 (VREF), so that
the amplitude of the pulse at pin 1, the emitter of the
output transistor, is constant. The period of the one-shot
should be much less than the period of the astable
multivibrator for best results.

fm ,

OUTPUT

LM555CN

Cx - ,
2.7 kE2

10 kS2

0.01 ,LIF

1 kS2
0.0033 µF

LM322N

10

4.7 kS2

5V

TO CHART
RECORDER
OR

100 k02 OSCILLATOR

dc OUTPUT
0.1 V/kHz

1 kS2 50µF

Transducer -to -recorder interface. Two timers determine transducer capacitance, perform capacitance -t6 -voltage conversion for chart
recorder, while isolating transducer from output -circuit loading. Transducer placea in timing network of 555 astable multivibrator determines
its frequency. LM322 one-shot, which should have a much shorter period than the multivibrator, transforms frequency into voltage
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Resistor -controlled selector
simplifies CB channel synthesis
by Peter Saul
Ferranti Electronic Components Division, Lancashire, England

This selector, which can derive up to 256 channels for
citizens' band or amateur -radio applications, combines
the convenience of single -control tuning with the versa-
tility of digital frequency synthesis. A potentiometer
replaces the binary -coded -decimal thumbwheel or rotary
switches normally used to tune a band about any
frequency initially set by a synthesizer external to the
circuit. There are no special layout requirements.

Although some excellent circuits have been developed
using a slotted disk and optosensors, there are mechan-
ical problems involved in making the disk and sensor
mountings, and the systems are generally too complex
and costly. In addition, these systems do not return to
the set frequency after a power -down. This circuit over-
comes those drawbacks.

The system uses a potentiometer with 10 turns or
more, an analog -to -digital converter, and straightfor-
ward logic designs as shown in the figure. A good choice
for the analog -to -digital converter is the Ferranti

ZN425E, which has an on -chip counter.
A voltage derived by PI (in the tuner circuit) from the

on -chip voltage, VREF, is applied to the noninverting
input of the ZN424P low -noise, high -gain amplifier. The
voltage must be converted to its BCD equivalent by the
a -d converter.

The conversion begins as the ZN425 starts counting in
binary after the initialization from the convert -command
oscillator. The counter is advanced by the clock oscilla-
tor, which is gated through the 7400 array. As the
counter advances, a linear ramp voltage is generated at
its output at pin 14. This signal is introduced to the
noninverting port of the ZN424. When the ramp voltage
exceeds the voltage set by PI, the output of the op amp
falls, resetting the flip-flop in the 7400 and terminating
the count. This process is repeated 70 times per second.

The 7475 latches capture the data and drive the 7447
decoder and drivers so that the channel number, from 0
to 63, may be displayed. The 7 -bit word also drives the
synthesizer. For 256 channels, two additional 74185
converters are needed, as are an additional 7475, 7447,
and seven -segment display. The actual frequency of the
channel is determined by the design of the oscillator in
the synthesizer.

The circuit returns to its initially set channel after
power -off or power failure, because the same comparison
voltage appears at the noninverting input of the
ZN424P. Temperature and voltage stability are good,
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Single -control synthesis. Voltage derived from VREF by 10 -turn potentiometers is converted to BCD equivalent for driving synthesizer. Up to
64 channels are generated by 74185 and ZN425. Additional BCD converters, latches, and displays are needed for a 256 -channel synthesizer.
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provided good -quality potentiometers are used. Under
extreme combinations of temperature and voltage
changes, a one -channel shift has been observed, but that
is not a serious problem. In addition, it is extremely

difficult to set the frequency between channels. Power
drain from the circuit is 350 milliamperes, but it may be
reduced considerably if low -power transistor -transistor
logic replaces the standard devices.

Double -ended clamp circuit
has ideal characteristics
by Keith Wilson
Herga Design and Development Ltd., London, England

The quad operational amplifier and the analog multi-
plexer in this dual -threshold clamp circuit give it ideal
characteristics-in particular, razor-sharp clamping.
Two op amps in the array serve as comparators, deter-
mining the relationship of the input signal amplitude to
the high and low reference levels, and the multiplexer
passes one of the three signals, depending on the op
amps' decision. The absence of feedback networks
simplifies design and optimizes performance and ensures
that component values and layout will not be critical.

The ideal characteristics of the clamper are made
possible mainly by the use of op amps. They permit
independent adjustment of upper and lower clamp points
and simplify the solution of any temperature -compensa-
tion problems. In addition, the op amps will detect
millivolt -level differences between the input signal and
the set thresholds, so that the multiplexer will accept
signals within the thresholds and pass them undisturbed
to the output but will block signals exceeding the
thresholds.

As shown in the figure, an input signal is introduced to
the noninverting ports of two op amps making up one
half of the LM348 device. The high and low reference
levels are applied to the inverting input ports. The op

amps, operating as comparators, run at open -loop gain
and are powered from a single -ended supply. Both drive
the CD4052 differential four -channel multiplexer.

Each comparator may be in one of two states at any
given time. Therefore, in combination, both comparators
may assume one of four possible states. The control
signals from the comparators are applied to the A and B
inputs of the multiplexer, which routes the input signal,
the upper threshold voltage, or the lower threshold
voltage to the output amplifier. Thus a hard clamping
action takes place. Between the limits of the clamping
levels, circuit response is linear, as can be determined
from the truth table at the bottom of the figure.

Changes in the channel resistance of the multiplexer
switches are caused by supply voltage and temperature
variations, but are due chiefly to the amplitude varia-
tions of the input signal. The purpose of the output
amplifier circuit is to compensate for the amplitude
distortion introduced by the multiplexer switches.

Without compensation, the signal encounters a voltage
divider composed of the switch resistance and the 10-
kilohm resistor at the input to the output amplifier
(added to improve switch linearity). By using another
10-kft resistor and the remaining switch in the 4052, the
gain of the op amp can be made to increase proportion-
ately to switch resistance.

Supply voltage changes amounting to several volts
cause negligible change at the output of the op amp.
Temperature variations create errors amounting to only
a few millivolts.
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Dual -threshold clamper State of comparators driving analog multiplexer ports A and B determines which of three inputs appears at V.
Circuit response is linear between threshold limits. Truth table describes circuit function.
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555 timer isolates equipment
from excessive line voltage
by R. J. Patel
Tata Institute of Fundamental Research, Bombay, India

Instruments and appliances can be easily damaged when
the line voltages that power them become excessively
high or low, but a voltage -sensing circuit using the 555
timer will disconnect the equipment from the power lines
if the set limits are exceeded. This circuit offers a better
alternative for protecting instruments than a voltage
stabilizer circuit, which is usually effective for detection
and compensation of short-term variations only.

As shown in the figure, the line voltage is converted to
approximately 15 volts by the step-down transformer,
whose turns ratio is determined by the magnitude
of the incoming voltage at the primary winding. This
voltage is rectified, then filtered by capacitor C and
applied to a 12-v regulator in order to bias the timer and
the 2N2222 sense transistor. The magnitude of the
unregulated voltage varies proportionally with the line

voltage, as is to be expected, and this voltage is contin-
ually sampled by potentiometers P, and P2, the upper
and lower threshold controls.

The 555 timer is used in the bistable mode, and its
state is a direct function of the voltages on its set and
reset ports, pins 2 and 4, respectively.

Under normal conditions-that is, when the supply
line voltage is within the set limits-the unregulated dc
voltage at point A is sufficient to fire zener Z, saturating
the transistor. Pin 4 of the timer rises rapidly to 12 v;
when this voltage exceeds two thirds of the 12-v bias
voltage on the timer, or 8 v, pin 3 moves high and the
relay is energized.

If the ac line voltage is below the low set value, the
voltage at A is below the value needed to fire the zener,
and the relay is de -energized. When the line voltage
shoots above the set upper limit and the dc voltage at pin
2 exceeds one third of the 12-v supply voltage, the relay
is de -energized as pin 3 moves low.

The upper and lower set limits can be set with an
accuracy of ± 5 v of the true ac line voltage if precision
potentiometers are used. There is no set -point hysteresis,
because of the avalanche breakdown characteristics of
the zener Z. Any transients generated by the power line
are rendered harmless by the large filter capacitor C. 

110 or 220 Vac

50 - 60 Hz

UNREGULATED dc

r -

C

1,000 NF
25 V

RELAY: 12 V, 80onA
ALLIED ELECTRONICS,
ELGIN, ILL.
STOCK NO. 703-1015

680 12

1N34

12V

1

2N3055

10052

5 RESET

555
SET

4

TO
INSTRUMENT
OR
APPLIANCE

O

TO 230 Vac

2
100 12

2N2222

220 12

6.2 V

A

560 .11

L _ _
12-V SHUNT REGULATOR

1 kS2

Line -voltage monitor. 555 timer circuit senses if ac line voltage is above or below set limits, then de -energizes line relay if necessary,
removing power from equipment. Simple circuit uses set -control potentiometers P, and P2 to monitor unregulated dc voltage, whose value is
directly proportional to the ac line voltage. Timer and 2N2222 transistor require the regulated power source.
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Resettable electronic fuse
consists of SCR and relay
by Russell Quong
Palos Verdes, Calif.

Most direct -current power supplies rely on a circuit
breaker, current -sensing circuit, or fuse for current -

overload protection, but this simple resettable-fuse
circuit has advantages over all three. Built around a
silicon controlled rectifier and a line relay, it is faster
than a circuit breaker, less complex than most current-

sensing circuits, and never in need of replacement.
How the circuit operates is evident from (a). Momen-

tarily depressing S, closes the relay so that current flows
from the supply to the load. In normal operation, the

voltage across points PQ will be equal to the nominal
supply voltage, and the normal operating voltage will
appear across the relay winding. The relay and resistor
R2 are selected according to the dc supply voltage used
and the relay's rated coil voltage, respectively.

Excessive current to the load causes a voltage drop
across R, greater than 0.65 volt and switches on the SCR.
The anode -to -cathode voltage of the SCR in the
conducting region is approximately 2 v. This voltage,
also across the relay coil, is far below the relay's holding
voltage. Consequently, the relay opens, disconnecting the
load from the supply. The relay may be reset by depress-
ing S, again.

If a variable threshold point for SCR switching is
desired, the SCR'S gate can be connected to R, through
potentiometer R,. Resistor R, is calculated as before. 

Electronic fuse. SCR and relay form resett-
able fuse for dc power supplies. When 1,,,u is
reached, SCR turns on, opening relay and
disconnecting power from load. Depressing
S, reinitializes circuit (a). SCR switching
point may be adjusted with R3 (b).

Versatile phase detector
produces unambiguous output
by L. E. S. Amon and B. Lohrey
University of Otago, Department of Physics, Dunedin, New Zealand

A dual monostable multivibrator and integrator network
forms a detector that not only measures phase difference
between two signals throughout the entire 360° range,
but also produces an unambiguous output signal for
various phase -advance and -retard conditions by gener-
ating a voltage and slope output combination that is
unique for every angle.

As shown in (a) of the figure, a positive zero crossing
of reference signal A triggers the comparator C, and

one-shot MS, at time t where MS, is one half of the
74123 device. This one-shot, in the retriggerable mode
and set so that its pulse width Ti is greater than Ta, the
period of the reference signal, stays on until comparator
C2 and one-shot MS2 are fired by signal B at time tb.
The narrow pulse produced by MS2 resets MS,.

The phase of B with respect to A may be related to the
duty cycle of the output signal from MS,. The duty cycle
may be expressed by:

W
Ta

The output signal may be converted to a dc voltage by
the integrator network connected to the output of MS,.
Alternatively, the phase may be measured digitally [see
Electronics, Dec. 20, 1973, p. 119].

As shown in (b), an increase in the dc output of the
integrator occurs when the phase angle of B increases
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COMPARATOR

74123

COMPARATOR

C2

0.32 R.C.(1+0.7/R,)
(Tin ns, R in kS2, C in pF)

360° phase detector. Dual one-shot and
integrator yield unambiguous voltage and
slope output combination for changing
pnase-lead or phase -leg angles (a). Out-
put from integrator increases when B leads
A, decreases when A leads B(b).

with respect to A. The output decreases when the phase
angle of B decreases with respect to A. Thus the
frequency relation of B to A may be determined from the
slope of the integrator's output if the two signals are of
similar but not identical frequency.

When the two signals are not harmonically related,
their phase relationship will change with time. The
circuit is therefore useful as a phase -modulation detector

a,

MS1

CLEAR

CLEAR

02

TO NEXT
STAGE,

INTEGRATOR METER,
OR CHART
RECORDER

for applications ip communications receivers.
Further versatility can be achieved by placing

frequency dividers at the input ports of the phase
detector to achieve a full-scale output at N X 360°. The
sensitivity can be increased, on the other hand, if both of
the input frequencies are multiplied by N. This reduces
the range of phases that yield an identical output voltage
to 3607N.

39



microvolt -level signals without errors being introduced

Buffer improves converter's by its own or the op amp's offset -voltage drifts. Adding
this buffer also increases the impedance of the signal

small -signal performance (input) port of the converter, allowing it to be driven
from high source impedances.

To understand why an external buffer can improve
converter performance, it is necessary to know how the
converter processes the input signal. The AD7550 uses
the quad -slope integrating method, an improved version

If an operational amplifier is placed in the integration of the often -used dual -slope method.
and error compensation loop of the popular AD7550 A shortcoming of the dual -slope type is that errors at
analog -to -digital converter, the converter can measure the input of the integrator due to noise or comparator

by Will Ritmanich
Precision Monolithics Inc., Santa Clara, Calif.

-5 V

VREF IN

LM113

R7

R6

AD504

R5

'VW

ANALOG
INPUT

+5 V

l-5 V
LH2208A

+5 V

-5 V

AGNO

CLK

VREF 1 VREF 2 AIN

r

IRIN IRJCT !ROUT

INTEGRATOR

COMPARATOR

ST RT TIMING AND CONTROL LOGIC STEN

BUSY BUSY OVRG

TOTALIZING COUNTER

LBEN

HBEN

DB12 080 CIN COUT

AD7550

C1

+5 V

1. Improved performance. AD7550 accurately measures even microvolt -level analog voltages If op -amp buffer is placed in converter's
integrator and error compensation loop. Converter views offsets as just another error that has been introduced In Integrator loop.
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2. Four -phase Integration. AD7550 uses quad -slope method to detect most errors, including op -amp offset voltage drifts. This method
eliminates error by measuring comparator trip -time delay, At, converting At to a voltage and subtracting the voltage at end of cycle.

offset drift show up as errors in the digital output word.
The quad -slope method detects all AD7550 offset -
voltage errors, converts them to a digital equivalent
during the integrating cycle, and subtracts them from
the final count at the end of the cycle.

Normally, a ground signal, a reference voltage, or an
analog input is connected through the converter's inte-
grator input (ORIN) terminal to the integrator junction
(laicr) port. As shown in Fig. 1, the buffer is connected
between the terminal and the port, in series with inte-
grating resistor R,. The choice of signal is determined by
internal logic -controlled switch settings.

Before a four -phase a -d conversion begins, a reference
voltage, VREF 2 , is applied to the inverting input of the
integrator, resulting in a negative -going ramp at the
integrator's output port. The ramp resets the output to
zero. When the output voltage is equal to the compara-
tor's trip voltage, phase 0, is initiated.

At this time, a digital counter starts and the integrator
is connected to input AGND to determine whether the
converter's negative supply voltage is at ground poten-
tial. If not, an error voltage is generated that is propor-
tional to the difference.

The output of the integrator rises proportionally to the
error voltage until the counter stops counting system
clock pulses, at fixed interval T/2, (Fig. 2.) Then 02 is
initiated. The accumulated voltage on the integrating
capacitor, C is proportional to AGND X T/2.

During 02 , the integrator is connected to VREF 2 and
any error voltage on this signal. The output of the
integrator falls at a rate proportional to the error until
the comparator trip point is reached. If there are no
errors, the counter stops after time T; otherwise, the trip
time is delayed by At.

413 then begins, starting a second counter that ulti-
mately displays the digital equivalent of the analog input

voltage introduced during the phase. VREF 2 is again
applied during 4)4 , and the counter continues to run until
the integrator falls below the comparator trip point.
VREF 2 is normally equal to 2VREF , , and the converter
detects any difference.

Because 01 through 03 occupy a total period of 2T if
there are no errors, any errors detected during these
phases must show up as a delay in trip time by At. Since
the charge gained during 03 by the integrating capacitor
is proportional to AIN  X T, and the charge lost will be
equal to V REF 2 X At during 04 , then the number of
counts (N) relative to the normalized (full -count) time is
equal to:

At/t = AIN av/VREF 2 = N

and is displayed directly. Thus any offset error in the
buffer will not affect system accuracy, because it will be
viewed as an additional (series -introduced) error existing
during 41, through 04 . At the same time, the amplifier
can still be used to boost small -signal input voltages.

The gain of the amplifier may be determined by
resistors R2 and R3 and is equal to:

G - (R2+ R3)
R3

To maintain the proper relationship between V REF
and VREF 2 , resistors R2 through R, are employed in the
circuit and are determined by the equations:

V REF I

and:

= (R4/R>)VREF in

R R
V REF 2 - R6 R, VREF in = 2V REF I

VREF
I

and VREF2/2 should be within 6% of each other at
all times. Otherwise, in 02 and 04 , during which time
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VREF
I is compared with VREF 2 , error voltages will be voltage at the V REE2 terminal of the AD7550, and there -

generated that the converter cannot compensate for. fore the LM113 zener diode is used with the low -offset
This conversion technique requires a stable reference AD504 op amp for the greatest accuracy. 0

Timer and converter generate
slow ramp for chart recorders
by David Wingate
London Hospital Medical College, London, England

A long sweep time increases the effectiveness of an X -Y
chart recorder in monitoring slow system changes. An
astable multivibrator operating at low frequency and a
versatile digital -to -analog converter can be used to
generate an extremely linear, low -frequency ramp for
the X axis, and at low cost, too. Although many good
chart -recorder systems have the ability to hold down the
distance the pen traverses to 0.02 centimeter per second,
this circuit can limit it even further-in the neighbor-
hood of 1 centimeter per hour, if needed.

In this circuit, the rate of increase in the ramp voltage
produced by the converter is controlled by the frequency
of the timer. As shown in the figure, the clock for the
circuit is the Ferranti ZN1034E precision timer,
operated in the astable mode. This device is somewhat
unusual in that the pulse width of the oscillations
produced is controlled by R,C, but the frequency of
oscillation is controlled by combination RTCTR,,, . The

second combination is part of the astable network,
detecting the fall of the output pulse and retriggering the
timer, and thus controlling its basic repetition rate.

RT and CT are held constant, with Rcal the variable
resistor. The table in the figure shows the relation of Rca,
to the pulse frequency. The pulse width is not critical for
timebase applications, but it can be varied if required.
The width equals 0.6 R,C, seconds, where R is expressed
in kilohms and C is expressed in picofarads.

After passing through a buffer stage, the clock drives
the binary counter in the Ferranti ZN425E d -a
converter, which is wired to serve as a ramp generator.
The rate of increase in the magnitude of the ramp
voltage is a function of the clock frequency; since the
output rises incrementally, a staircase approximation of
a ramp is generated. After passing through a buffer, the
ripples in the staircase waveform are smoothed by a
standard low-pass filter tuned to the clock frequency.

By increasing the capacity of the converter from an 8 -

to a 12 -bit device, it is possible to generate a ramp
voltage having even greater resolution. The circuit has
served well in an application involving prolonged
recording of biomedical and biological data, but, many
other nonmeasurement applications are possible. 0
Designer's casebook Is a regular feature In Electronics. We Write readers to submit original
and unpublished circuit Ideas and solutions to design problems. Explain briefly but thoroughly
the circuit's operating principle and purpose. We'll pay $50 for each item published.

+5 V 1111111
CLOCK

+5 V

TRIGGER

0.1 µF

ZN1034E

TIMER

5 k2 - 5 MS -2

AT

CT

( CT)MIN
= 10 ns

0.22

3,300 pF

+5 V I

+5 V

+5 V

ZN425E
au dif

-'N.A.nre
1 kl2

15

14
+5 V

741
CONVEMIR 741

-5 V

47 Id2 -5 V

KCAL

250 kS2

ficAL (k2) CLOCK FREQUENCY (Hz)

100 2136 CT RT
150 4095 CT RT
300 7500 CT AT

LOW-PASS FILTER

-141-0

FILTER
COMPONENTS

I

+5 V

741

ZN425E, ZN1034E: AVAILABLE FROM
FERRANTI ELECTRIC INC.,
EAST BETHPAGE RD., PLAINVIEW, N.Y.

-5 V

TO
SWEEP
INPUT

Slow time base. Low ramp frequency for X input of chart recorder, permitting long -period monitoring assignments of various systems, is
generated by d -a converter and timer. Slope of ramp voltage with respect to time is determined by clock frequency.
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Square -root counter
calculates digitally
by S. H. Tsao
National Resarch Council, Ottawa, Canada

A square -root counter has many uses, notably the
measurement of the root -mean -square output voltage of
a transducer that has a square -law response. This
counter finds the square root digitally, rounded off to the
nearest bit, of any analog voltage that has been
converted into a digital train of N pulses by a voltage -to -
frequency converter. In other words, the circuit finds the
square root of N.

Of course, square -root circuits that generate an
analog -voltage output already exist, but they usually
require accurate square -law diodes and scaling compo-
nents like resistor voltage dividers. This circuit, being
all -digital, eliminates those shortcomings and in addition
is much simpler than the digital square -root detectors
now available.

Two registers and a comparator do most of the work.
Four 4029 complementary -metal -oxide -semiconductor
up/down counters, operating in the binary -coded -

decimal mode, form the two synchronously clocked
registers, A and B, as shown in the figure. Register A
clocks up or down, depending on the state of the c-mos
4027 flip-flop. Register B advances by one count any
time an input clock pulse is received and the carry -out
signal (Co) of register A is active, or low. The negative -
going transitions of the input signal clocks both the flip-
flop and B, while positive transitions clock A.

Initially, the flip-flop is reset and both registers are
cleared by means of the JAM lines. After the clock pulse
(N = 1), register B advances to state 1 and the flip flop is
set, placing register A in the count -up mode. Register A
then advances to I and Co moves high, setting the J input
of the flip-flop low.

The c-mos 4063 comparator detects that the contents
of registers A and B are now equal (as they were before,
at initialization, and it brings the K input of the flip-flop
high.

During the next pulse (N = 2), G , inhibits the clock
input to register B, and the flip-flop is reset, placing A in
the count -down mode. Register A returns to zero, again
setting Co low and J high. Then, when N = 3, register B
is incremented to 2, while register A counts to 1. On the
arrival of a pulse (N = 4), counter A increments to 2, and
because the contents of B do not change, an A = B pulse
is generated by the comparator. The entire cycle is then
repeated, as shown in the table.

5V

10

JAM JAM

4 12 13 3

U/0

4029
UP/DOWN COUNTER

0, Q2 03 04

15 10

CLK ICo
51 C1

U/D

REGISTER A

9

6

11

11

14

14 2

4 12 13 3 115

4029

0, 02 03 04

CLK

C

9

6

11

11

14

14

2

3

(A <11)1NBO
81 82 83

A- B
2 A <B),480 8, B2

(A  AN
(A MIN "63 A>B 5 (A>11)1 4063

(A >B1iNA0 Al *2 A3 COMPARATOR Ao

10

6

12 13

14 2

15

A A2

83

A3

A B

'44001
8

9

10 10

OUTPUT -*
6

9
0, 02 03 04

4029

0/0 CLK

10

11

2

14

15

CO 5

REGISTER B

10 4 2 13 3 15

O1 03

L1/0

03

4029

04

CLK

12

10

JAM

4 12 3 3

3

JAM

13

%4001

G4

'44001

4027

K

CLK R

3

'44001

51_16

CONTENTS OF REGISTERS AFTER N PULSES

N 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18

REGISTER A 0 1 0 1 2 1 0 1 2 3 2 1 0 1 2 3 4 3 2 ..

REGISTER B 0 1 1 2 2 2 2 3 3 3 3 3 3 4 4 4 4 4 4 .

O. RESET
(TO PRESET
ENABLE OF
4029s1

INPUT (N PULSES)

1 2

N'. Register B in the circuit yields the square root of N, rounded off to the nearest bit, where N is the number of input pulses received after

the circuit has been reset to zero. Digital circuit eliminates shortcomings of detectors that measure analog voltages directly.
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Thus, register A starts an up count one cycle after it
has reached 0, and initiates a down count one cycle after
it has determined its contents are equal to B. As a result,
the output of register B = N 1/2.

The reset line is activated by G4 whenever both regis-
ters overflow, and this sets both registers to their initial
values. It can also be activated regularly by an

appropriate timebase for time -averaging measurements.
For special applications, the registers may be preset to a
nonzero number via their JAM lines. The registers may
also operate in the binary mode without their square -

root counting function being affected, while the counters
may easily be extended beyond their 8 -bit capacity,
simply by being cascaded.

Optocoupler in feedback loop
aids charger/regulator
by Leonard A. Cherkason
Mt ISA Mines Ltd., Queensland, Australia

A single, inexpensive circuit that serves either as a
voltage regulator or as a charger for low -capacity
batteries can be built easily without resorting to usually
complex voltage -sensing networks. This circuit uses the
diode (emitter) of an optocoupler in a simple feedback
loop, permitting easy detection of output voltage
changes. It produces a 12.7 -volt regulated output at 50
milliamperes or can charge a battery at the same voltage
and current limits, and the limits can easily be changed.

The optocoupler is an ideal choice for a detector. The
diode senses the output voltage without loading or other-

disturbing normal operation, and the voltage drop
developed across its terminals is constant and relatively
small for any charge or load current.

As shown in the figure, the diode bridge and capacitor
C, rectify and filter an ac input voltage. Assume that the
circuit is in the charge mode. If the battery is not fully
charged, its voltage will be below 12.7 v (V, + VD). This
voltage is selected by the choice of an appropriate zener
diode, which is placed in series with the optocoupler
diode. The 1N2270 pass transistor will therefore be
biased on, allowing current to be supplied to the battery.

IA will be limited chiefly by the 220 -ohm resistor.
When the battery voltage just exceeds (V, + VD), the

zener will fire and current I, will flow through the
optocoupler's diode, switching on its phototransistor and
turning off Q. If the battery is removed, thus placing the
circuit in the regulator mode, current will be delivered to
the load at 12.7 v. Now, of course, the current drain will
be determined largely by the load resistance.

The ripple voltage is 25 millivolts in the regulator
mode and 1 my in the charge mode. Line regulation is 30
my/v, and load regulation is 8 mv/mA over a 5 -to -30 -
MA range. Both may be improved if Q is replaced with a
Darlington amplifier.

The output voltage and current may be selected by
proper choice of R , R2, and the zener diode. In turn,
the resistors may be determined if the battery capacity
(C), measured in milliampere -hours, and the input
voltage (across C,) are known.

It has been determined that for best performance, IA
should equal 0.25C. This will occur if the battery is
relatively drained. Assuming the input voltage, V, , is
much greater than the base -emitter drop across Q, then:

R21" V,V0.25C -

where h1 is the dc gain of Q. To find the minimum value
of R2, assume that 10 is known, from which it can be
determined that:

R2 (V, - V0)/I0

This equation assumes that 10 is greater than I.
The value of R, is determined by the minimum value

BT1 = 12 V NiCd, (9 CELLS)

225 mA-1-IR CAPACITY

Regulator or charger? Circuit works as low -capacity battery charger or as voltage regulator when battery is removed. Use of optocoupler
eliminates complex voltage -sensing networks. Output voltage and load current can be selected by suitable choice of R, R2 , and zener diode.
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of lo , which occurs when Q is nearly off. It can be This equation
shown that: equals about 0.

R, (V,- VO)/0.02C
determined by
considerations.

presumes that the minimum value 10
02C, a condition that again has been
experiment, rather than by theoretical

Counter and switches select
pulse -train length and dead time
by Hector Gel& and Enrique Marcoleta
San Luis, Argentina

Only the more expensive pulse generators can repeatedly
generate a pulse train of selectable length followed by an
off time also of selectable length. But this common
requirement is easily met by one cascaded counter, two
switches, and some logic. The number of pulses in the
train is selectable from 1 to 99, and irrespective of the
number of pulses delivered to the output, the off, or
dead, time can also be varied between 1 and 99 clock
periods. The lengths of both the pulse train and the off
time may be extended by adding to the number of stages
in the counter.

As shown in the figure, a system clock drives two
cascaded 7490 binary -coded -decimal decade counters,
and their outputs are converted to a decimal equivalent
by the 7442 BCD -to -decimal decoders. The decoded
outputs are active low, and when the count reaches the

pulse -train length desired (preset in this case to 8 by
switches S1a and Sib), gate G, moves high.

If the 0 output of the 7472 flip-flop is high, as it will
be once the circuit settles after initialization, G4 moves
low. This causes G5 to assume a high state, resetting the
counter and toggling the flip-flop, which in turn disables
G4 and output gate G7.

There is no output until the counter reaches the
number set by switches Sea and S2b G2 moves high,
causing G, to move low and G5 to go high. The counter
is reset, and the flip-flop is toggled, thus once more
enabling G4 and G, . The pulse train now appears at the
output until the settings of switches S,a and Sib are
reached, and the cycle repeats.

The Q output of the flip-flop is a signal having a duty
cycle that may be anything from 1 to 99 times the period
of the system clock. It is essentially an ungated version
of the signal at the pulse -output port.

Cascading additional BCD counters and decoders to
the circuit will extend its pulse -counting and dead -time
limits. Of course, more switches and gates must also be
added, to accommodate a greater number of inputs. 0

CLOCK

3

'47402
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Selectable. Generator produces train of N pulse lengths followed by dead time of M clock pulses, set by 2 -pole, 10 -position switches

through S2b . N and M may assume any value of from 1 to 99. Switches are shown set for pulse train of 8, dead time of 3.
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Feedback extends sequence
of random -number generator
by J. T. Harvey
AWA Research Laboratory. New South Wales, Australia

Altering the periodicity of its sequence from 2" to 2^
makes a pseudorandom number generator more useful in
such applications as frame synchronization, numbering,
or identification in a digital communications system. The
modification has little effect on the pseudorandomness of
the number sequence, and it can be implemented with
just a simple shift register and a slightly changed feed-
back loop.

The usual pseudorandom, or maximal -sequence,
generator is shown in (a). It combines a simple feedback
circuit with a shift register having a serial output that (in
the binary case) is a modulo 2 sum of the nth stage
output and one or more of the previous stage outputs. No
matter what feedback taps are chosen, however, the
output sequence will have a periodicity of 2", because
an n -bit register cannot cycle through the zero state
(where the state is defined by its binary contents).

Obviously as the table in (a) indicates, it is impossible
for all the stages simultaneously to contain a 0, because
once in this state no new state can be generated with the
simple logic used.

Most of the practical sequence generators therefore
employ automatic detection of the 0 state on power up,
in order to generate a logic 1 state at the output of one
register, using a NOR gate as shown. After initialization,
though, the random generator will cycle with a period of
2", because the 0 state never recurs. However, as shown
in (b), the number of states cycled through can be
increased to 2^ if the last input to the NOR gate is
connected to the Qn., stage, instead of the output of the
Qn stage, and if the output of the NOR 15 connected to a
summing port, instead of the set input being connected
at the last flip-flop. The resulting m -sequence will now
contain an equal number of Is and Os.

The logic needed to implement the summing port is
small. In most cases, it need consist of a half -adder or a
few resistors only. Note from the table in (b) that the all -

zero state is detected and used to generate a logic I.
The same basic circuit can be used in the feed -forward

mode to detect a sequence of n bits, too, as (c) proves.
This method for checking the presence of a given
sequence is of value when the error probability is low.
During high -error bursts, however, the circuit's effi-

(a)

CLOCK

(131

DI 01

ADDER (MODULO 2)

I:12

F

OUTPUT MAXIMAL SEQUENCE

EEDBACK

02

STATE CONTENTS FEEDBACK

1 00....1 1

1

dependson2" 10 .... 0 feedclgcnkr uit

OUTPUT EXTENDED M SEQUENCE

ADDER (MODULO 2)

I --I -- I

Di (711 02 D2 -
CLOCK T

(c)

INPUT

01 Q2 On -1

STATE CONTENTS FEEDBACK NOR MODIFIED FEEDBACK

1 00 1 1 1 0

0 00 0 0 1 1

2"-1 10 n
"

depends on
feedback circuit

n
"

depends on
feedback circuit

_ .._.

SYNC INDICATOR (LOW) FOR
VALID INPUT SEQUENCE

ADDER (MODULO 2)

D Gi D2 02

CLOCK --r- 0102 Cln-1

Balanced states. The usual n -stage, pseudo -random number generator cannot generate an equal number of is and Os because it cannot
cycle through the register's all -zero state (a). Modified circuit cycles through all 2" states (instead of the usual 2^ states) and detects Os (b).
Circuit can be used in feed -forward mode to detect repeating sequences (c).
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ciency is reduced because isolated, incorrect bits
generate m + 1 parity errors when there are m taps
driving a half (modulo 1) adder.

Note that the sequence-recognizer circuit in (c) does
not require additional logic to prohibit the acceptance of
the (false) all -zero data state. A standard sequence

checker will give a valid output when it is fed continually
by Os, because it would predict the next input to be a 0,
once the register is filled. Thus, an additional n -input
NOR gate and an exclusive-oR gate must be added to a
standard feed -forward checker to reject an all -zero
sequence within the data stream.

Optocoupler transmits
pulse width accurately
by Tadeuz Goszczynski
Industrial Institute of Automation and Measurements, Warsaw, Poland

Though optocouplers work fine in most pulse applica-
tions, shortcomings in their switching and temperature
characteristics make them poor at such tasks as trans-
mitting pulse -width modulated signals accurately. Add-
ing an operational amplifier to the optocoupler circuit
will improve its response time and reduce the effects of
temperature on output voltage, enabling it to transmit a
pulse width as small as 2 microseconds with an error of
only 200 nanoseconds. If a second optocoupler is added
to the circuit, temperature problems will be virtually
eliminated.

An optocoupler is limited in its ability to transmit
pulse width accurately because of two major factors: the
response speed of the device is reduced by feedback
currents that flow from the output port of the phototran-
sistor to its base, and the current -transfer ratio is highly
dependent on temperature. In either the emitter -follower
or common -emitter configuration, an output voltage
change produces the feedback current and an equal
change across the collector -to -base capacitance. A
certain time is required for the capacitor to charge to the
voltage; this limits the response time and can cause
errors in pulse -width transmission.

In addition, the switching times as well as the ampli-
tude of the output pulse generated by this current source
vary with temperature. All errors may be greatly
reduced if the output voltage of the phototransistor is
clamped to a near -zero level for any level of output
current, in effect making its load resistance zero so that
no feedback current is generated.

Tying a current -limiting resistor and an op amp to the
output port of an MCT-26 optocoupler does the job, as
shown in Fig. la. Two separate bidirectional feedback
loops, comprising a diode in series with a 5.6 -volt zener
diode, are connected across the op amp. The 3.3-kilohm
resistors supply sufficient bias to the zeners.

The op amp works as a zero -cross detector having
essentially open -loop gain. Any signals emanating from
the MCT-26 will be introduced to the LM301A op amp,
causing it to saturate and switching on one of the two
zeners in the feedback loop (depending on the signal
polarity). The input voltage is thus forced to zero.

The switching speed of the optocoupler is high, being
determined mainly by the op amp's slew rate of approxi-

mately 10 volts per microsecond. The circuit speed can
thus be raised above the rated bandwidth of the optocou-
pier, assuming the MCT-26 equivalent load resistance is
only a few ohms.

A small temperature error will still exist, because
temperature variations will cause a current change in the
MCT-26, and this will cause a change in the op amp's
zero -crossing times. Replacing the 75-kilohm resistor
with the phototransistor of another optocoupler, zs
shown in (b), will reduce the temperature error below

+15 V

MCT-26

PHOTOTRANSISTOR

-15 V

(a)

+15 V

1N914 1N5232

-15 V

OUT

(b)

+15 V

MCT 26

-15 V

Accurate transmission. Phototransistor passes signals to output
without pulse distortion. Two feedback loops with op amp work in
zero -crossing detector (a) to reduce response time and prevent
feedback currents that slow circuit speed, causing errors. Replacing
a load resistor by second phototransistor (b) reduces temperature -
generated errors by an order of magnitude.
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3 ns per °C. This ensures equal temperature -dependent
voltage drops across both optocouplers, and with them
connected as shown, the temperature -generated voltages
will cancel. The op amp's temperature coefficient is

negligible in comparison and need not be considered. 

Timer IC circuit separates
rep rate and duty cycle control
by Arturo Sancholuz
Laboratorio Nacional de Hidraulica, Caracas, Venezuela

Combining both halves of a 556 dual timer with an
operational amplifier in this simple circuit enables inde-
pendent control of the output frequency and the duty
cycle. The frequency is adjustable throughout the
normal 10 -hertz -to -10 -kilohertz range of the 556, and
the duty cycle is selectable from 1% to 99% of the total
waveform period.

As shown in the figure, one half of the 556 (A,) is
connected as an astable multivibrator, oscillating at a
frequency given by f= 1.4/(R, + LUC. This oscillator is
the frequency -governing element in the circuit.

The negative -going edge of signal v, periodically trig-
gers timer A2 which operates as a monostable multivi-
brator. An exponential ramp emanating from the
threshold port of A, drives A2 through the 531 op amp.

The duty cycle in this timer is determined not by

external resistance -capacitance elements, but by the
voltage on the threshold port. The output of A2 will
remain high if the threshold voltage stays below two
thirds of the supply voltage, V. This circuit can
generate a dc offset voltage at the port to modify the
threshold -switching time.

The voltage at the threshold port is determined by the
two input voltages, v2 and v3 , at the summing junction.
Thus:

v4 = v4, +5R6 V3(R5R+6R)

Voltage v2 is an exponential ramp resulting from
charging C through resistances R, and R2. The boun-
daries of the signal, determined by the internal compara-
tors of A,, lie between 1/3 Vce and 2/3 V.

The 531 op amp is a buffer for the high -impedance A2
signal and prevents current from flowing into the timing
port, which could charge C from V. through R5 and R6.
Dc voltage v3 can be varied from 2/3 Vc, to V. Thus it
can be seen that R3 will determine how large a dc
voltage is superimposed on v, , thereby controlling the
duty cycle. Since there are no feedback loops linking A,
and A, , it is clear that frequency and duty cycle adjust-
ments are independent.

No relation. A, runs at frequency set by R,. But duty cycle Is selected by R3 , which controls signal offset at threshold port of A2. No feedback
loops link A, and A2 thereby ensuring independent adjustment of rep rate and duty cycle. Timing diagram details operation.
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Adjustable limiter controls
telephone -line signal power
by Tom Hilleary
HMS Corp., Shawnee Mission, Kansas

To minimize crosstalk and other unwanted line radiation
on telephone lines, it is often necessary to limit the input
power of the data or voice signals, and to do so without

amplitude distortion. This circuit does so by using two
shift registers to monitor the relation of a set reference to
the input signal amplitude (which is directly propor-
tional to power at constant line impedance) and then
divert some input current from the line transformer's
primary winding whenever necessary. The limiter is

effective when used with any constant -current data
source. It provides 0 to - 12 dBm of limiting and is

accurately adjustable to 1 dB.
As shown in the figure, data or voice signals having a

maximum amplitude of 1.4 volts at 0 dBm are applied to
operational amplifier A,. The output of A, in turn feeds
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Digital limiter. Circuit provides 0 to - 12 dBm of signal attenuation. Relative amplitude of constant -current data signal to set reference

determines number of logic 1s generated by A2 into 4015 registers over a given time. Signal above threshold loads more 1s into register,

turning on more transmission gates as register is clocked and thus diverting the input current away from the primary winding.
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the noninverting input of comparator A2. The desired
limiting (reference) level is set by five switches, operated
in accordance with the table. A, is a voltage follower and
passes the reference voltage to the inverting input of A,.

A2 compares the peak value of the input signal to the
reference and when the reference voltage is exceeded
generates a logic 1 for the data input of two 8 -bit 4015
shift registers. The 4015s are configured as a single 16 -
bit device that is clocked at an arbitrary 8 -hertz rate. If
the input signal is mostly larger in amplitude than the
reference, the shift register is periodically loaded with
more Is. Conversely, low -amplitude signals introduce
more logic 0 signals into the register.

Thus, as the signal power rises above the value
desired, more register outputs are activated and them-
selves activate more of the 14066 transmission gates,
each of which when switched on places approximately
100 ohms across the transformer winding. As a result,
more of the input current is diverted through these shunt
paths, limiting the current though the transformer's
primary and the induced voltage in its secondary. If the
signal power drops, the shunts are in essence removed,
allowing more of the signal to pass. Either way, the
current output is constant, so that the effective line

DIGITAL

DT PEAK LEVEL
(dBm)

LIMITER

CLOSE SWITCHES

A B C 0 E

0

-1

-2

-3

-4

-5

-6

-8

-9

-10

-11

-12

impedance as seen by the data source does not change.
The sampling rate and the RC integrator following A,

between them control the circuit's response time. Either
or both may be altered for a specific application.

Synchronous timing loop
windshield wiper delay

by John Okolowicz
Honeywell Inc., Fort Washington, Pa.

A 555 timer can control an auto's windshield -wiping rate
by providing a selectable delay time between wipes. The
timer uses a feedback signal from the cam -operated
switch within the wiper motor to synchronize the delay
time to the position of the wiper blades, as measured
from their starting point.

With synchronization, the minimum delay time can
still be reliably kept to nearly zero (normal delay for
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FEEDBACK LOOP

-41 tt 14-
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M 1 9
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1. Wipe -rate selection. Control over the time between sweeps in negative -ground windshield wiper systems is done by the 555 and a
synchronous feedback loop. Delay time can be varied from 0 to 22 seconds. Synchronizing the feedback to the wiper blades' position ensures
that sweep rate will be independent of variations in wiper speed. Terminal block notations are for Volkswagen Rabbit.

50



12 V FROM
IGNITION SWITCH

300 kS2

6.8 kE2

7

20 kE2 n.. 6

Cl

100pF

RESET

DISCHARGE

555

THRESHOLD

TRIGGER

OUT

T F

1

WLf
300 E2
vw

S,,

O'

MOTOROLA
MJ1000

04

REMOVE
JUMPER

me

CAM
SWITCH :\

1 ERMINATED BY
FEEDBACK LOOP

4- t ;

WIPER RETURNS
TO START POINT LJ-

t 2 -.I t 1 4i

Wit, 5' BLADE SWEEP

2. Ground -contact system. Suggested modification for many General Motors vechicles and other autos with positive -ground system
uses same number of components as standard system. Wiper motor is energized by completing ground connection. Note that diodes
D,, D,, and D, are reversed with respect to the polarities shown in Fig. 1 and that pulse -train polarity from 555 output is inverted.

standard systems), which is best for heavy rain. In
addition, it ensures that the delay time is independent of
the wiper speed across the windshield. Further, the
maximum delay time in this circuit can be set to about
22 seconds, which is suitable for mist or light drizzle, or
to any value desired, by suitable selection of the 555's
timing components. This circuit offers a better approach
to synchronous -delay wipers than those that use silicon
controlled rectifiers in parallel with the cam switch,
because cam -switch voltage is affected by dirt and
grease.

The circuit shown in Fig. I is for a Volkswagen
Rabbit, but it can be used in any car that has one end of
the wiper motor always grounded (which requires a
positive energizing voltage). As shown, the 555 assumes the
high state on power -up (S, initialized), driving the
MJ1000 Darlington amplifier, which in turn energizes
the wiper motor. As the blades traverse through an angle
of approximately 5°, the cam switch is engaged to the
12 -volt ignition -line voltage. Thus a feedback voltage is
presented to the trigger threshold port of the 555
through D,. This voltage exceeds two thirds of the
supply voltage on the 555; as a result, the output voltage
at pin 3 falls at time t which is less than the normal
pulse width time usually controlled by the 20-kilohm
resistor and C,.

Normally, C, would now begin to charge, but because
the voltage supplied to the cam switch remains high, the

555 simply sits in the low state. Meanwhile, both wiper
blades reach the far end of their sweep and begin to
move back toward their starting position.

As the blades approach within 5° of their starting
point, the cam switch disengages from the ignition
voltage and moves back to ground. Now C, begins its
slow discharge through the 300-k0 potentiometer. Note
that t2, the delay, is measured from the time the wiper
moves within 5° to the time the 555 fires again. Trig-
gering occurs once C, discharges to less than one third of
the supply voltage.

D, prevents C, from discharging through the cam
switch, and D2 allows independent selection of times t,
and t2. D3 provides suppression of the back voltage
produced when the MJ1000 turns off; without the diode,
the 555 will be retriggered falsely. D4 allows normal
operation when the circuit is not activated and also
prevents the MJ1000 from shorting to ground through
the cam switch.

Some cars have a reversed wiper -motor configuration.
Thus one end of the wiper motor is always connected to
the positive ignition -line voltage, and so requires a
connection to ground to energize it. Figure 2 shows a
suggested modification of the wiper -delay circuit to
handle such cases.
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Frequency modulator extends
tape recorder's If response
by W. B. Warren and W. L. Lively
TRW Subsea Petroleum Systems Inc., Houston, Texas

Tape recorders used in low -frequency data acquisition
systems are, not surprisingly, expensive. But this simple
frequency -modulator circuit extends to dc the effective
low -frequency response of any inexpensive tape recorder.

To do this, the modulator translates a low -frequency
data signal to a frequency falling within the recorder's
limits, thus ensuring that the data will be properly
recorded.

The block diagram in Fig. la illustrates the operation
of the circuit. Recording low -frequency data simply
requires that the frequency of a voltage -controlled oscil-
lator be varied by the amplitude of a low -frequency input
signal. On playback, the recorded data can be recovered
by a phase -locked -loop demodulator, which is formed by
a phase detector, frequency discriminator, and the vco
that was used to record the original data.

The circuit is shown in Fig. lb. In the record mode,
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Data translation. Low -frequency data may be recorded on an inexpensive tape recorder if the signal is first modulated to a higher frequency.
Signal is recovered from recorder by demodulation, using same VCO (a). Modulator uses four chips and two transistors (b).
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data signals are introduced to amplifier A,, which in
turn drives the Exar XR2207 vco. A 0 -to -10 -volt data
signal will vary the vco frequency from 10 to 5 kilohertz
so that the corresponding frequencies can be recorded.

On playback, the recorded data is presented to the
2N2907 buffer, then introduced to one input port (pin 3)
of the XR2208 multiplier, which serves as a phase
detector. Driving the other input port at pin 5 is the vco.
The output signal from the phase detector is the demod-
ulated waveform produced by the multiplication of the
playback signal times the output of the vco.

The 74121 monostable multivibrator (one-shot) serves
as a simple frequency discriminator, which drives the
low-pass filter formed by the 1-kilohm resistor and the
22 -micro -farad capacitor. The filter produces a voltage
proportional to the frequency of the signal from the tape
recorder. The addition of the discriminator to the circuit
provides for rapid and reliable acquisition of the
recorded data and reduces the dynamic range over which

the phase -detector portion of the loop must operate.
The signals produced by the frequency discriminator

and the phase detector are summed by A2 through A, to
generate the control voltage for the vco. Therefore, the
output signal, which is the control (tuning) voltage, is a
dc voltage equal to that originally recorded. Using the
same voltage -controlled oscillator for both record and
playback modes ensures that vco tuning nonlinearities
have a negligible effect on system linearity.

The characteristics of the XR2207 are very stable
with respect to supply -voltage and temperature varia-
tions. The primary sources of error between the record
and playback signals will be those caused by tape stretch
and the tape recorder's variations in speed. Both of these
effects may be minimized by adjusting the potentiometer
at pin 6 of the XR2207 to yield as large a frequency
swing as possible for the range of signals being recorded.
Better than 1% accuracy can be obtained with this
circuit, even if an inexpensive tape recorder is used. CI

Programming a microcomputer
for d -a conversion
by Richard T. Wang
Department of Zoology, University of Texas, Austin, Texas

If the speed of conversion is not an important considera-
tion, a microcomputer can be used for digital -to -analog
number conversion with the aid of this simple pulse -
width modulation program. A resistance -capacitance
filter and a latch, which may be connected to any one pin
of the microcomputer's output ports, are the only items
of microprocessor hardware required. Almost any strip -
chart recorder can be used to record the filtered output
voltage. Although intended for the plotting of bar
graphs, histograms, and spectrograms from data stored
in memory, the program needs only slight modification
to be able to handle real-time data.

The program in the table was written for the Zilog
Z-80 microcomputer system. All data for the graphs to
be plotted is stored as an array in memory. The first two
bytes of the array contain the number of data elements
stored in the area labeled ARRAY. These bytes are loaded
into registers B and C, which keep track of the number
of bytes in ARRAY remaining to be sampled. The
elements of ARRAY are loaded into register A and passed
to a timing loop one at a time, where each will eventually
be converted into an analog voltage.

The timing loop uses the alternate (primed) registers.
Register B' is loaded with a number (N) determined by
the relationship N = PS/E, where E is the number of
elements per inch recorded for a given chart speed (S)
and output pulse rate (P) to the RC filter. B' contains
the number 192-the number of pulses per element (N)
needed to ensure that 50 elements per in. are recorded
for a given chart speed of 30 seconds/in., and a pulse
rate of 320/s.

20

0 1 2 3 4

TIMEIVIINUTESI

System response. Typical graph is accurately reproduced by Heath
EU-205-11 strip -chart recorder. System linearity is confirmed with a

ramp -test pattern, as shown on left. Right half shows a sample
histogram. Total recording time is 4 minutes.

Register E' is loaded with a selected value of 201, a
number that is one greater than the largest number that
may be plotted. E' is decremented through a loop
consisting of six instructions. A NOP instruction is

included for timing compensation. When E' equals the

53



contents of A, the state of the output is changed from a 0
to a 1 and begins to charge the capacitor in the RC filter.
This continues until E' decrements to zero. At this time
the output returns to 0. E' then returns to 201, and the
process repeats until 192 pulses are generated for that
element. The next element then undergoes an identical
process until the entire array has been processed. The
output pulse width (W,) is related to the digital numbers
(D,) for a system clock at 2.5 megahertz by W, = 15.2
D, where W, is given in microseconds.

The critical timing in this program occurs between the
START and TERM instructions. When the number to be
converted is 1 (the smallest number that can be
encoded), this instruction sequence takes 38 clock peri-
ods, or T states, exactly the same as that required by the
START -TERM loop. The program is thus written so that
multiples of 38T are added through the loop for numbers

greater than 1, ensuring a linear relation of the output
pulse width to the digital number stored.

With the output pulse rate of 320/s, an RC filter with
a time constant equal to or greater than 3 milliseconds is
sufficient to smooth the output voltage. To calibrate the
system, the input to the chart recorder should be tempo-
rarily grounded, and its pen position should be set to
zero. ARRAY is then filled with C8 (hexadecimal), the
full-scale value, and the program is initiated. The
recorder sensitivity control is then adjusted for a full-
scale indication.

The figure shows a graph recorded on a Heath strip
chart instrument. The ramp voltage is intended to
display the system's linearity.

Z-89 PULSE VVIDTH MODULATION PROGRAM FOR DIGITAL TO ANALOG CONVERSION

LOC OBJ CODE

23 00

23 00 210030
2303 4E
2804 23
23 05 46
2306 23
2807 7E
28 03 D9
28 09 06C0
2803 0E01
280D 1620
28 OF I EC9

2811 1D
2312 280B
2814 BB
2815 2303
2817 00
2818 18F7
231A ED51
281C C31128
28 1F ED59
2821 10EC
2823 D9
2824 OB
2825 79
2826 BO
2827 20DD
28 29 C9

STMT SOURCE STATEMENT

1 *H D/A CONVERSION
2 ; SUBROUTINE DAC s D TO A CONVERSION BY PULSE
3 ; VI DTA MODULATION. THE GRAPH TO BE DI SPLAYED
4 ; IS SET UP IN ARRAY. THE FIRST TWO BYTES
5 ; INDICATE THE LENGTH OF ARRAY. ANY NUMBER
6 ; GREATER. THAN FULL SCALE ( 200 DECIMAL) WILL
7 ; BE DI SPLAYED AS ZERO.
3;
9 ARRAY EQU 3000H

10 ORG 2300H
11 DAC LD Hi, ARRAY
12 LD C (HL)
13 INC HL
14 LD B,(HL)
15 DSLOOP INC HL
16 LD A,(HL)
17 EXX
18 LD Bo 192
19 LD C01
20 LD D. 100000B
21 SUBDAC LD E,201
22 LOOP DEC E
23 JR ZTERM
24 CP E
25 JR Z START
26 NOP
27 JR LOOP
28 START OUT ( C)  D

29 JP LOOP
30 TERM OUT CC)E
31 DJNZ SUBDAC
32 EXX
33 DEC BC
34 LD AC
35 OR B
36 JR NZ, DSLOOP
37 RET
38 END

;ADDRESS OF ARRAY

:ADDRESS OF ARRAY IN HL
; FIRST TWO BYTES
; INDICATE LENGTH

OF ARRAY
; DI SPLAY L3OP
; NUMBER TO BE DI SPLAYED
; GET ALTERNATE REGISTERS
; REFRESH CYCLES
;OUTPUT PORT ADDRESS
;BIT 5 AS OUTPUT PIN
;SET E TO MAXI MUM + 1

;E AS TIMING COUNTER
;TO TERMINATE PULSE
;A EQUALS TO E?
;IF YES START PULSE
TIMING COMPENSATION
;LOOP IF NOT EQUAL
; START OUTPUT PULSE
;CONTINUE LOOP
;TERMINATE PULSE
REFRESH UNTIL B ZERO

;GET BACK MAIN REGISTERS
; END OF ARRAY?

; I F NOT SHOW NEXT NUMBER
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C-MOS twin oscillator forms
micropower metal detector
by Mark E. Anglin
Novar Electronics, Barberton, Ohio

A battery -powered metal detector can be built with the
four exclusive-oR gates contained in the 4030
complementary -metal -oxide -semiconductor integrated
circuit. The gates are wired as a twin -oscillator circuit,
and a search coil serves as the inductance element in one
of the oscillators. When the coil is brought near metal,
the resultant change in its effective inductance changes
the oscillator's frequency.

Gates A, and A2 in the figure are the active elements in
the two simple oscillators, which are tuned to the funda-
mental frequencies of 160 and 161 kilohertz, respec-
tively. Al serves as a variable oscillator containing the
search coil, and A2 oscillates at a constant frequency.

The pulses produced by each oscillator are mixed in
A3 , and its output contains sum and difference frequen-
cies at 1 and 321 kHz. The 321 -kHz signal is filtered out
easily A4 , the
1 -kHz signal to be amplified for the crystal headset
connected at the output. The headset has a high impe-
dance (2,000 ohms) and therefore will not impose a big
load on A4.

A change in the output frequency indicates a
frequency change in the variable oscillator due to the
mutual -coupling effect between a metal and the search
coil. The device's sensitivity, determined largely by the
dimensions of the search coil, is sufficient to detect coin -
sized objects a foot away.

This device's effectiveness derives from the twin -
oscillator approach, because it is not feasible to directly
vary a single oscillator operating at 1 kHz. An oscillator
operating in this range requires high values of L and C,

3-18 V

36 pF
10 mH

1

FREQUENCY
ADJUSTMENT
TO 161 kHz

3-18 V

161 kHz

100 pF

3-18 V

27 kS7,

36 pF

I

VOLUME

160 pF

50 pFI
10 mH

SEARCH COIL

lAWG 18, 140 TURNS, 6 -IN. DIAMETER)

22 k52

0.1 pF

GAIN -FILTER

CRYSTAL
HEADSET

A1 - A4 44030

Metal detector. Two oscillators and a search coil form a simple
metal detector. Objects near search coil change A,'s frequency of
oscillation and the 1 -kHz output note produced by the mixing of
oscillators Al and A2. A. amplifies and filters audio signal.

and these elements would load down the gate and conse-
quently reduce circuit sensitivity. In addition, the cost of
high -value inductors and capacitors is great.

One -chip fm demodulator
has improved response
by J. Brian Dance
North Worcestershire College, Worcs., England

Coupling a preamplifier that has good selectivity with
the new RCA CA3189E demodulator chip builds a
frequency -modulation detector that outperforms the
well-known CA3089 fm/i-f system. The circuit
described here provides greater rejection of input -signal

noise and high amplitude -modulation signals than its
predecessor, while ensuring better audio -channel muting.
Also the automatic -gain -control threshold can vary.

Although the 3089 and the 3189 are similar, the
external circuit shown in the figure differs considerably
from the standard detector circuit used with the 3089.
An input signal encounters four 10.7 -megahertz ceramic
filters (CF, -CEO and two transistors in the preamp,
which provide the needed selectivity and gain to optimize
the signal-to-noise ratio, even before the 3189 operates
on the signal.

The bandwidth of the intermediate -frequency ampli-
fiers in the 3189 is limited to 15 MHZ, as opposed to
25 MHZ in the 3089; but the narrower bandwidth
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1. Improved tm detector. A good preamplifier and the CA3189 fm/i-f system provide optimum response. The circuit has greater noise
immunity and better protection from a -m signal overload than detectors now used, and the agc threshold is selectable.

improves circuit stability and, if printed -circuit boards
are used, makes layout less critical. More important,
since the overall bandwidth is only slightly greater than
the input frequency, less noise is produced in the
frequency band of interest from intermodulation
products caused by signals outside the band. Also, a
specially constructed zener diode is employed in the
regulator circuit of the 3189 to minimize noise.

Two muting circuits are used. For noise between
stations, part of the voltage change appearing at the
mute -drive port at pin 12 (which is driven by the noise
from previous input stages) is fed to the mute -control
input at pin 5 through a voltage divider that includes
potentiometer R,. The muting threshold can thus be
selected.

Although this arrangement is satisfactory for inter -
station noise, additional components are needed to
combat noise produced by tuning through a signal;

otherwise, a sudden change in the output dc level will
produce the familiar, low -frequency "thump" noise. An
integrating circuit is formed by adding the 47- and 2.2-
microfarad capacitors between pins 5 and 12 to reduce
this noise, but even this step does not eliminate it if the
integrating -circuit time constant is too small for fast
tuning. However, the deviation -muting circuit formed by
placing a resistor between pins 7 and 10 ensures the
noise will be eliminated, provided the deviation is less
than ±40 kilohertz. (The deviation is controlled by
selecting a resistor of 15 MI) Thus any voltage change
caused by noise is reduced at the output, pin 6.

The agc threshold is determined by R2 which sets the
voltage fed to pin 16 from pin 13. The threshold point
can be selected from 0.2 to over 200 millivolts. A 40 -
decibel agc range can be easily obtained if the very -high -
frequency tuner driving the 3189 uses dual -gate metal -
oxide -semiconductor field -effect -transistor stages or sim-
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ilar stages having wide dynamic range.
The signal-to-noise ratio is 50 dB for a 3 -microvolt

input signal. If the first transistor stage in the preamp is
omitted, a s/n value of 20 dB can be obtained for the
same input level using only two ceramic filters. For a
deviation of ± 75 kHz, the a -m signal rejection is 60 dB
for input signal amplitudes greater than 500 µv, and the
limiting sensitivity of the 3189 is typically 12 Ay at 3 dB.
The tuning meter has an approximately logarithmic
response over an input signal range of 10µv to 100 my.

The quadrature tuned circuit between pins 9 and 10
determines the percentage of audio harmonic distor-

tion- typically 0.3%. This figure can be reduced to 0.1%
if the network is a double -tuned circuit.

The 12-kilohm load resistor sets the audio output
level. The 3.9-nanofarad capacitor provides the 50-
microsecond de -emphasis required for reception in
Region 1 (Europe), and a 5.6-nF capacitor is suitable for
the 75-µs de -emphasis required in Region 2 (U. S.). This
capacitor should be omitted when the signal is fed to a
stereo decoder circuit.

Keyboard programs the gain
of an operational amplifier
by P. A. Benedetti
LAFBIC-CNR, Pisa, Italy

Placing a standard keyboard and a few precision resis-
tors in the feedback loop of an operational amplifier
produces a handy gain -programmable amp, useful for
generating any one of several equally spaced voltages at
the push of a button. Applications vary from testing
components to controlling a computer program that
employs an analog -input channel.

As the figure indicates, depressing 1 of 16 keys on the
normally open contacts of the keyboard selects the value

of the feedback resistor placed across the 558 opera-
tional amplifier A,, to which a fixed input voltage V,
has been applied. A ,'s gain varies with feedback resist-
ance, of course, and so the output voltage also varies and
assumes 1 of 17 equally spaced values (including 0),
depending on which button has been depressed. The
resistance values in the feedback loop have been selected
so that the output voltage at A2 is:

number depressed
Vag, = -

16
V,

As might be expected, the programmable -gain prin-
ciple applies to a keyboard of any size. Resistor precision
must vary accordingly, however, becoming greater as the
number of keys increase.

Key -bounce effects are not a problem except in some
computer -based applications. A solution is to include
double -testing of contact points in the software. El

V1

R!4

R/16 R/16 R!16 R/16

SUGGESTED TOLERANCE
FOR ALL RESISTANCES: 1%

5 6 7 8 -KEY NUMBER 
VOUT 16

R/4
1

9 - 10 h- 11

_1-
12

R/4

13 - 14 - 15 - 16

+15 V

A,

1/,558

-15V

+15 V

A,
',558

-15V

VCJU T

Digital control A standard keyboard and a few precision resistors in op amp's feedback circuit generate an output voltage proportional to the
number on the key depressed. Circuit applications vary from component testing to analog -voltage control of computer systems.
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PROM converts weather data
for wind-chill index display
by Vernon R. Clark
Applied Automation Inc., Bartlesville, Okla.

A programmable read-only memory and four arithme-
tic/logic units can convert air -temperature and wind -
speed data in real time into wind-chill temperature,
which is displayed on a direct numerical readout.

The wind-chill equation adopted by the National
Weather Service is:

H = (100W/2+10.45 - w)(33 -TO

where H is the heat loss in kilogram -calories per square
meters per hour, w is the wind speed in meters per
second, and T. is the actual air temperature in °C. A
modified form of this equation is the basis for the well-
known wind-chill temperature chart issued by the
service. In this circuit, the PROM is programmed so that,
in combination with the arithmetic/logic units, it will
generate output values identical to those in the chart for

a wide range of air temperatures and wind speeds.
Basically, the circuit determines from the incoming

data the apparent temperature change (To) caused by
the wind. Then, it adds or subtracts To from T. to find
the equivalent temperature (Te).

The To values are programmed into the PROM for all
combinations of air temperature and wind speed over the
range:

- 60F Ta 50F (10 increments)
0 w 15. 46 miles per hour (2 mph increments).

The circuit must relate each T. and w to each To to find
the equivalent temperature.

As shown in the figure, each To may be accessed by
introducing air -temperature and wind data, in binary-
coded -decimal form, to the PROM (U1) address lines. The
actual values of To programmed in the PROM are shown
in the table.

The value of To appearing at the output, for a given T.
and w, is introduced to two ALUS, U2 and U3. Also
driving U2 and U3 is the T. data. The ALUS compute the
magnitude and sign of To by adding T. and To. U4 and
U5 perform a 10's complement operation in order to
drive the 7300 displays properly. The operation of all
four ALUS is summarized in the figure.
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OPERATION IC2 AND IC3 IC4 AND IC5
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Cold solution. Circuit determines and displays wind-chill temperature (To). Air temperature (Ta) and wind -speed data (w) address PROM lines
to access apparent temperature change (To) brought about by given w at Ta. Arithmetic/logic units U2 and U3 add T. and To to find T..U. and
Us perform a 10's complement operation for the digital display units, for which they serve as an interface.
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PROM CONTENTS - WIND CHILL INDICATOR

LOC LOC LOC LOC LOC

0000R 0002 0070R 2628 00E0R 0000 0150R 4750 01COR 0004
0002R 0409 0072R 3030 OOE2R 0000 0152R 5355 01C2R 0714
0004R 1500 0074R 3100 00E4R 0000 0154R 5700 01C4 R 2500
0006R 0000 0076R 0000 00E6R 0000 0156R 0000 0106R 0000
0008R 2125 0078R 3233 OOE8R 0000 0158R 5960 01C8R 3543
000AR 2933 007AR 3434 00EAR 0000 015AR 6162 01CA R 5055
000CR 3700 007CR 3637 00ECR 0000 015CR 6365 01CCR 6000
000ER 0000 007ER 3738 00EER 0000 015ER 6667 010E R 0000
0010R 3941 0080R 0001 OOFOR 0000 0160R 0003 01DOR 6468
0012R 4344 0082R 0205 00F2R 0000 0162R 0511 01D2R 7275
0014R 4600 0084R 0900 00F4R 0000 0164R 2000 01D4R 7800
0016R 0000 0086R 0000 00F6R 0000 0166R 0000 01D6R 0000
0018R 4849 0088R 1215 00F8R 0000 0168R 2834 01D8R 8082
001AR 5051 008AR 1719 00FAR 0000 016AR 4044 01DAR 8485
001CR 5354 008CR 2100 00FCR 0000 016CR 4800 01DCR 8890
001ER 5556 008ER 0000 00FER 0000 016ER 0000 01DE R 9294
0020R 0002 0090R 2223 0100R 0002 0170R 5255 01 EOR 0000
0022R 0407 0092R 2425 0102R 0409 0172R 5759 O1E2R 0000
0024R 1300 0094R 2600 0104R 1500 0174R 6200 O1E4R 0000
0026R 0000 0096R 0000 0106R 0000 0176R 0000 01E6R 0000
0028R 1923 0098R 2728 0108R 2125 0178R 6466 01E8R 0000
002AR 2730 009AR 2929 010AR 2933 017AR 6768 01 EAR 0000
002CR 3300 009CR 3031 010CR 3700 017CR 7071 01 ECR 0000
002ER 0000 009E R 3132 010ER 0000 O17ER 7273 01 EER 0000
0030R 3537 00AOR 0000 0110R 3941 0180R 0004 01 FOR 0000
0032R 3840 00A2R 0203 0112R 4344 0182R 0612 01F2R 0000
0034R 4200 00A4R 0700 0114R 4600 0184R 2200 01F4R 0000
0036R 0000 00A6R 0000 0116R 0000 0186R 0000 01 F6R 0000
0038R 4343 00A8R 1012 0118R 4849 0188R 3036 01 F8R 0000
003AR 4445 00AAR 1415 011AR 5051 018AR 4247 01 FAR 0000
003CR 4749 OOACR 1700 011CR 5354 018CR 5200 01FCR 0000
003ER 5051 00AE R 0000 011ER 5556 018ER 0000 OIFER 0000
0040R 0002 0080R 1818 0120R 0002 0190R 5660 0200R
0042R 0407 00B2R 1920 0122R 0409 0192R 6365
0044R 1200 0084R 2100 0124R 1700 0194R 6700
0046R 0000 00B6R 0000 0126R 0000 0196R 0000
0048R 1620 0088R 2222 2329 0198R 6971
004AR 2426 00BAR 2323 012AR 3337 019AR 7374
004CR 2800 00BCR 2425 012CR 4100 019CR 7677004ER 0000 00BER 2526 012ER 0000 019ER 7879
0050R 3032 0000R 0000 0130R 4346 01AOR 0004
0052R 3436 00C2R 0000 0132R 4850 01A2R 0613
0054R 3700 OOC4R 0000 0134R 5200 01A4R 2300
0056R 0000 0006R 0000 0136R 0000 01A6R 0000
0058R 3839 0008R 0000 0138R 5354 01 A8R 3340
005AR 4040 00CAR 0000 013AR 5657 01AAR 4652
005CR 4142 00CCR 0000 01 3CR 5960 01ACR 5600
005ER 4243 00CE R 0000 013ER 6162 01 AER 0000
0060R 0002 OOFOR 0000 0140R 0002 01BOR 6064
0062R 0306 00D2R 0000 0142R 0510 01B2R 6770
0064R 1000 00D4R 0000 0144R 1800 01B4R 7300
0066R 0000 00D6R 0000 0146R 0000 01 B6R 0000
0068R 1418 00D8R 0000 0148R 2632 01B8R 7577
OO6AR 2022 OODAR 0000 014AR 3640 01BAR 7980
006CR 2400 OODCR 0000 014CR 4400 01BCR 8283
006ER 0000 OODER 0000 014ER 0000 01BER 8485

Wind speed frequently varies over a wide range in a temperature. One answer to this problem is to sample
short time. This may cause rapid flickering of the display the input data periodically. Another is to use average -
and make it hard to determine the average wind-chill value sensor circuits for smoothing the data.

RAM and d -a converter form
complex -waveform generator
by William A. Palm and G. A. Williamson
Magnetic Peripherals Inc., Minneapolis, Minn.

 A random-access memory and digital-to -analog
converter are at the heart of a programmable waveform
generator that will produce almost any wave, however
complex, at low frequency. It is only necessary to deter-
mine the digital equivalent of the desired wave and store
that in a 256 -word -by -8 -bit RAM, for later transforma-
tion into an analog output voltage by the d -a converter.

The maximum repetition rate of the signals produced

59



is only 7.8 kilohertz, being limited by the RAM'S access
speed and the number of locations; but more often than
not, a complex wave is required only in very -low -speed
applications. If higher speed is desired, the use of emit-
ter -coupled -logic RAMS will increase the repetition rate
to nearly 400 kHz, on the assumption that a high -
frequency clock is available.

As shown in the figure, binary -coded -decimal thumb -
wheel switches SI -S3 are used to address one of 256
RAM locations, and S4 and S5 select one of 256 waveform
amplitudes (over the range 0 - 255 in base 2). Thus each
location can be stored with an amplitude that can be
resolved to 1 bit in 256.

When each location of the RAM is stepped (at a
maximum rate equal to the system clock frequency
divided by the number of locations), its output at any
given instant is in essence converted to one point in a
256 -by -256 matrix. The RAM is formed by two
256 -word -by -4 -bit Fairchild 3538 devices.

Four 74184 BCD -to -binary counters, two 9316 4 -bit
counters, a 75107 line receiver, and several gates and
switches make up the binary address counter. The 75107
allows flexibility in choice of the clock that addresses the
RAM-almost any driving signal will do, whether a sine

wave, ramp, pulse, or square wave. The address counter
either may be single -stepped manually to the desired
location (needed when loading the RAM) or cycled
continuously when the desired waveform is generated.

Two momentary -contact switches perform the actual
address -loading and data -writing operations, and the
address at any given time is displayed by eight light -
emitting diodes. The maximum clock frequency permit-
ted is limited to 2 megahertz by the slow response of the
RAM, and therefore the repetition rate of the output
waveform is 2 MHz/256 = 7.8 kHz.

Storing 256 numbers is a tedious task, especially if it
must be done often. In cases where a given waveform is
needed frequently, consideration should be given to
storing it permanently in a nonvolatile read-only
memory. The ROM could be substituted for the RAM in

this circuit.
When cycled, the output of each RAM location is

converted into a current by the MC1408 d -a converter.
This is then transformed into an analog voltage by the
741 operational amplifier. 0
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Simple storage of complex waveshapes. Programmable generator is capable of producing almost any complex low -frequency waveform.

Once the digital equivalent numbers of the waveform are determined, they are stored in the 3538 random-access memories. The MC1408
digital -to -analog converter transforms the random-access memory's contents into the desired analog waveform.
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Split current source damps
reactive load oscillations
by Yishay Netzer
Haifa, Israel

A standard bilateral current source of the type shown in
the first part of the figure (a) will often generate oscilla-
tions in circuit loads that are grounded and have an
impedance (ZL) that is not purely resistive. Inductive
loads such as cathode -ray -tube deflection yokes and
torque motors are best driven by the modified circuit
shown in the second part of the figure (b). Adding the
differential amplifier and feedback network to the circuit
eliminates undesirable responses while ensuring that the
output current will be virtually independent of the load
impedance.

When the load is reactive, it may cause the circuit's
step response to be underdamped and consequently
unstable, with the result that the output current will
become dependent on the load impedance. As shown in
the equation in (a), the output current is dependent on
the circuit transfer function, which is:

No oscillations. Standard current source (a) cannot drive inductive
loads effectively because undamped circuit responses can occur and

lead to oscillations. Adding operational amplifier A, and feedback
network to circuit (b) enables Fic to adjust damping factor.

co.2
G(s) - Ks2

where wo is the natural undamped frequency of the
circuit, K is a constant, and is the damping factor.

The various parameters are determined by circuit
constants R, Rs , and ZL. Of particular importance is the
fact that once determined by the circuit configuration,
cannot be modified, and that is why oscillations can
result. Furthermore, the oscillations may be impossible
to eliminate in the standard circuit because adding
components may affect the output impedance, making
any type of compensation impractical.

The circuit in (b) circumvents the problem by splitting
the current source into two parts:
 A balanced difference amplifier (A1), which converts
the load current into a single -ended voltage feedback
signal.
 A power amplifier (A2), which, aside from assuming
its original function, reduces the effect of ZL upon IL by
making use of the feedback voltage.

Note that by adding the feedback network, resistor Rc
has been introduced to the circuit, and therein lies the
major advantage of this circuit. Rc can vary (com-
pensate) right down to its optimum value (2l/2 in this
case), without disturbing the proportional relation of V,
to IL throughout the useful range of the circuit; that is,
below co.. The basic transfer function of the circuit is not
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POWER
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altered by the modified configuration, either.
The value of Rc is best found experimentally while

observing the circuit response to a square -wave input.

Note that the constant, K, in G(s) will be slightly
smaller than its original value because of the feedback
currents through Rc.

Exclusive -OR gate and flip-flops
make half -integer divider
by Tung -sun Tung
University of Illinois, Urbana, M.

A simple and inexpensive divide -by -(N -1/2) counter can
be built with D flip-flops and an exclusive-oR gate. The
circuit uses very few parts, largely because, unlike many
such dividers, it does not rely on a collection of mono -
stable multivibrators. Nor are there difficult timing
considerations, which would also complicate the circuit
and act to increase its parts count.

Various logic circuits need to be driven by what may
be termed a half -integer clock signal that is derived from

a master clock. For instance, the MM -57100 video -game
integrated circuit is driven by a 1.0227 -megahertz
signal, which the chip's manufacturer (National Semi-
conductor Corp.) recommends be derived from the tele-
vision set's 3.579545-mHz color -burst crystal oscillator.
This application requires a divide -by -3'/2 counter, which
may be built by modifying a divide -by -4 circuit as shown
in Fig. la.

Flip-flops A, and A2 form the divide -by -4 counter.
The master clock, CIN , drives AI through the exclusive -
OR gate, G. However, the output state of Gi is addition-
ally controlled by A3.

As a result, A3 converts the divider to a divide -by -3V2
counter. A3 is situated in the feedback loop such that it
enables generation of a short pulse at Co for every 3'/2

counts of CIN. The pulse is generated if CIN either falls to
logic 0 or rises to logic 1, which depends on the state of
Qc. Its shortness is due to the delay between the initial
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Half -integer divider. Divide -by -3'/2 counter
is divide -by -4 circuit modified by flip-flop A3
and exclusive -OR gate G, (a). Timing

diagram details operation (b). Method may
be extended to form a divide -by -(N - V2)
counter by replacing flip-flops A, and A2 by
ripple -carry, divide -by -N counter (c).
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0 -to -I transition of Co (caused by CIN) and the change
of state of Qc -as Qc changes state, it disables gate GI,
causing Co to fall almost immediately after it has
reached logic 1. The timing diagram given in Fig. 1 b

details circuit operation.

This method may be extended to the general case of
the divide -by -(N V2) counter, as shown in Fig. lc,
simply by substituting a single synchronous or asynchro-
nous counter for the flip-flops A, that would otherwise be
required.

Dc -dc power supply
regulates down to zero

by P.R.K. Chetty and A. Barnaba
ISSP, Bangalore, India, and CNES, Toulouse, France

In most dc -input, regulated power supplies, regulation
is poor when the desired output voltage is less than the
source's internal reference voltage. In addition, circuit
considerations usually limit the minimum reference
voltage attainable and consequently the minimum regu-
lated output voltage possible. This circuit, however, with
a configuration that can bring the reference voltage to
virtually zero, overcomes both problems.

The LM723 voltage regulator shown, which provides
12 volts at 1 ampere, must be biased with a negative
supply voltage at its -V. port (pin 5) for proper opera-
tion. This voltage is provided by the switching inverter
shown within the dotted lines.

The LM 1 1 1 voltage comparator is configured as an
astable multivibrator that oscillates at a frequency of
about 10 kilohertz. With the aid of the 1 -millihenry
inductor, which generates the counterelectromotive force
required to produce a negative potential from a
switched -source voltage, the inverter delivers a well -
regulated - 7.5 v to the - V, port of the 723.

The magnitude of this voltage is essentially equal to
that of the regulator's internal reference voltage, VREF,
appearing at pin 4, and properly biases its voltage -
reference amplifier. This condition in turn precipitates a
condition in the amplifier whereby VREF clamps to
ground potential. Thus the output voltage may be
adjusted throughout its maximum possible range by
potentiometers R, and R2. Although the potential of
VREF as measured with respect to ground has been
changed, the circuit will retain the regulating properties
of the 723. Both the line and the load regulation of the
supply are 0.4%.
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Full -range regulation. Dc -input supply is regulated all the way down to 0 V. LM111 and associated circuitry provide negative bias required
for LM723 regulator. Regulator's internal -reference voltage, VREF , is clamped to ground; output voltage is thus adjustable from 0 to 12 V.
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Simplified priority encoder
has low parts count
by Tomasz R. Tar ski
Warsaw, Poland

The number of chips in the priority encoder circuit de-
scribed by Sterling [Electronics, Aug. 18, 1977, p. 114]
can be drastically reduced by replacing the modularized
gate arrays by D flip-flops and a wired-oR gate. As in the
original circuit, the output ports of this modified
momentary -contact switch array responds to the first
command received and locks out all subsequent
commands, so as to provide a time -sequence priority
scheme that is useful in many industrial systems. But
this circuit is simpler to build and test, because the
interconnections between elements are minimized.

Depressing any switch, SW,,, shown in the figure sets
the corresponding D input of its flip-flop, D,,, high. The
switch signal also quickly propagates through the 7416
inverters, which have their open -collector outputs wired
together to form an n -input oR gate, and fires the 7437

flip-flop (G). A few microseconds later, the rising edge
of the resultant output from G, stores the signal gener-
ated by SW, into D,, before the D line, at logic 1 for a
time measured in milliseconds, can return to ground.

The strobing signal (LcK) will stay high until all
switches return to their normally closed (Nc) position.
Thus altering the output state of any flip-flop is impossi-
ble, because all other switch commands are locked out.

Resistor R serves in a dual capacity. Its primary
function is as load resistor for the open -collector
inverters forming the wired-oR gate. Its value is selected
so that the maximum current drawn is limited to the
full -on collector current of one gate, independent of how
many gates are activated. Secondly, R, in combination
with C, provides effective switch debouncing. For
optimum debouncing performance, the value of C should
be selected (with the aid of a scope) to provide the
trailing -edge delay required for signals from G.

Not considering the lock -out flip-flop, only one sixth
of a 7416 and 74174 device are needed per switch,
compared with the 1'/2 integrated circuits required in the
original circuit. Only one 7437 is required, even for a
large number of switches. Each input lead of the 7437
can accommodate an 80 -input, wired-oR gate. The LCK

signal can drive up to 180 flip-flops.
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Simplification. Momentary -contact priority encoder uses about one fifth the number of chips of previous design. Circuit responds to first
command received by switches and locks out all subsequent commands, thus forming a first -come, first -served switch.

Switching multiplier is
accurate at low frequencies
by Harold Anderson and Peter Hiscocks
Ryerson Polytechnic Institute, Toronto, Canada

When called upon to multiply low -frequency analog
waveforms, switching -type multipliers are at least an
order of magnitude more accurate than those that work
on the principle of variable transconductance. The
typical output error of a transconductance multiplier
such as the MC1595 is 1%. But this circuit finds the
product of two signals to within 0.05% of the true value
and costs only $5.
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In the basic switching multiplier (Fig. la), an analog
signal of constant voltage V. is applied to the circuit.
The voltage at point Va at any given instant is a function
of the switch position, and the switch position in turn

Vx

(a)

it

R

)b)

'UNITY -Vx
GAIN

DUTY -CYCLE
MODULATOR

KVy = ton - toff +V),

,v VVy
Va

OP AMP
INTEGRATOR

j dt

LOW PASS
FILTER

1'0- toff

Vo

+E

SCHMITT °
(1-14o-TRIGGER

-E

1. Very linear. Switching multiplier (a) is more accurate for finding
product of two signals at low frequencies
multipliers. Duty -cycle modulator may be built with op -amp integrator
and Schmitt trigger (b). Voltages ±E and integrator together form
oscillator of which the duty cycle is controlled by amplitude of V

depends upon the control signal emanating from the
duty -cycle modulator.

The average voltage at point A is:

Va = V, (ton - toff) (1)

as shown in the graph, where ton is the time during which
the switch remains in contact with the + V. position and
toff is the time the switch remains in contact with the
- V. position.

If the duty cycle, ton/(ton + toff), can be made propor-
tional to a second analog input voltage, Vy, then the
following relation holds:

Vy = K(ton - toff) (2)

where K is a constant. If Eqs. 1 and 2 are combined, the
result is:

Va = VVy/K (3)

A block diagram of a duty -cycle modulator which satis-
fies Eq. 2 can be constructed with an integrator network
and Schmitt trigger (Fig. lb).

The average current into the input port of the inte-
grator will be zero over a specified time interval, because
of the high impedance of the op amp. Thus:

= Vy/R = iz = (E/R)tH - (E/R)tL (4)

where tH is the period during which the switch is engaged
at + E and tL is the period the switch dwells at - E. It is
found from Eq. 4 that:

Vy = E(tH -tL) (4a)

If tH can be made equal to ton of Fig. la and tL. can be
made equal to toff, then the preceding equation, when
substituted into Eq. 1, yields:
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2. Multiplier. Building the circuit from the block diagram shown in Fig. 1 is straightforward. A, is inverting, unity -gain amplifier. A, serves as
integrator. Three transistors form standard Schmitt trigger. Four transmission gates provide a practical switching circuit arrangement for ± E,
±V.. Inverting operational amplifier A3 ensures that + E is equal in magnitude to - E.
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Va = VaVy/E (5)
This condition is met by wiring the Schmitt trigger to
engage not only the ± E ports but also the ± Va ports of
the circuit in Fig. 1 a as well.

The block diagrams of Fig. 1 are therefore easily
transformed into the practical circuit of Fig. 2. Note that
voltages ± E are the feedback voltages to the summing
integrator network at the input to A2 necessary to ensure
that ton - toff is proportional to V,. In essence, this part of
the circuit is an oscillator, excited by V, and driven by
+ E or -E feedback.

Also, although V, controls the duty cycle, the basic
oscillator frequency is virtually independent of it. (Note
than when V, = 0, ton = toff + 0).

The Schmitt trigger used is standard. The low-pass
filter RC smooths out any transients that are caused by
the switching process. Four complementary -metal -oxide -
semiconductor transmission gates implement a practical
switching circuit.

As suggested by Eq. 4a, this circuit does require that
the magnitude of -E tracks that of + E. Inverting op
amp A3 generates the mirror voltage required.

Diode sensor and Norton amp
control liquid -nitrogen level
by V. J. H. Chiu
National Research Council, Ottawa, Canada

In parametric amplifier and other cryogenic applica-
tions, it would be handy to have an inexpensive sensor
and controller of the level of liquid nitrogen. One can be
built around a standard silicon diode and a Norton
(current) amplifier.

The circuit's operation is based on the principle that
the diode's junction voltage increases from 0.7 volt at
room temperature to 1.05 v in liquid nitrogen (liquefac-
tion temperature: - 196°C). This voltage change is used
to activate the amplifier, which controls a solenoid valve.

The valve regulates a nitrogen -gas supply, which pumps
liquid nitrogen from a reservoir to the desired container
that houses the sensor.

The controller is shown in the figure. The sensor is
placed in the container at any desired level. When liquid
nitrogen rises to this level, voltage Vs reaches the preset
voltage VR almost instantly, and the output of the 3900
Norton amp becomes zero, closing the valve. When the
liquid nitrogen falls below the desired level, Vs drops
below VR, and the valve opens.

Circuit sensitivity is adjusted by R. The diode need
not be completely immersed in the liquid nitrogen, for its
range is such that liquid as much as 2 inches below it will
start the refilling of the container. Frequent cycling is
thus avoided. The state of the solenoid valve may be
determined by observing the light -emitting diode. 0
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Fixing th nitrognn level. When liquid -nitrogen level in container is below the diode position, solenoid is turned on and pumps in more N2.
When level reaches that of diode, its junction voltage jumps from 0.7 to 1.05 V, turning off solenoid and stopping N2 inflow.
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Accurate thermometer uses
single quad op amp
by Yishai Nezer
Haifa, Israel

For temperature ranges up to 150°C, a thermometer
built around a single integrated circuit has not only
greater linearity than a thermocouple but also far
greater sensitivity-approximately 2 millivolts per
degree Celsius. The sensor achieves this superior per-
formance by exploiting the well-known voltage -to -
temperature relationship of a semiconductor pn junction.

In the temperature -sensing scheme shown, the low -
power LM324 quad operational amplifier and a diode
probe are the central elements. The first two op amps,
Al and A2, have the job of keeping a constant current
through the diode, to ensure that any voltage changes
across the diode are a direct result of temperature
changes at the probe. A 1 serves as a buffer for the input
circuit divider resistors, producing an output of 4.5 volts
that acts as a reference point for the other op amps and
permits them to operate in their linear region. A2, in
conjunction with the LM113 reference diode, produces a
constant 1.5-v output, which is practically independent

of variations in battery voltage or circuit temperature
and thus supplies the diode probe with a constant current
of about 0.5 milliampere.

The output voltage of this diode is buffered by op amp
A3, and changes in A3's output are reflected in the
output of A4, inserted to provide a separate point to
adjust for device sensitivity and calibration.

A simple calibration procedure is necessary for proper
operation. Once the range of temperatures to be
measured has been determined, the zero -adjust poten-
tiometer is set for zero output voltage at the low temper-
ature extreme, and the sensitivity -adjust potentiometer is
set for a convenient output (perhaps full-scale reading)
at the upper temperature extreme. A 1-mA meter move-
ment can be used at the output.

If a wide range of temperatures (0° - 150°C) is to be
measured, a diode -connected transistor (base and
collector connected) is often preferable to a diode,
because its properties better approximate an ideal pn
junction. But in applications where the temperature vari-
ations are small, a glass -encapsulated diode is more
convenient. The probe should be isolated when the
circuit's power supply is not floating with respect to the
tested environment.

Precision is better than 0.1°C, provided shunt conduc-
tances are minimized at the probe. Current drawn by the
circuit is typically 4 MA. Power consumption can be
conserved further by use of a switch. 0

0'1

PROBE

\O
S

9V -=

RI

20 kS2

0 1 ;IF

LM113
1.22 V

R2

20 kS2

R

2

A2

p 100 SZ
%

215 St
3S 1%

ZERO
ADJUST

R6

50 Id/.
10 TURNS

R7

3kt1
1%

Rs

15 kS2

R9 R10 SENSITIVITY

100 kS2 100 kS2
10 TURNS

3

OPERATIONAL
AMPLIFIER:
LM324

Precision thermometer. Accuracy is limited primarily by ammeter readability. Thermometer is sensitive enough for medical applications
where temperature variations are small. LM113 can be replaced by two silicon diodes in series for less demanding applications.
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Expanded test inputs increase
4004 processor capability
by Robert F. Starr
Shell Oil Company, New Orleans, La.

Although it was the first commercial microprocessor, the
4004 is still useful in many control and data -acquisition
systems, especially those using binary -coded -decimal
data, for which its 4 -bit word is a convenient match. To
increase its usefulness, a simple and inexpensive multi-
plexing circuit can furnish the equivalent of an interrupt
feature by gating up to seven extra inputs to the 4004's
test port.

The desired test signal can be selected by means of the
4004's three cm output lines. As generally used, the

designate -command -line instruction (DCL) sets the bina-
ry code at the cm outputs to select one of eight random-
access memories. But here the instruction selects lines To
through T7.

The cm signals trigger their respective 74123 mono -
stable multivibrators. The multivibrators drive the 74151
multiplexer, which routes the desired input line to the
test port.

The duration of the signal generated by the one -shots
is slightly greater than one instruction cycle (10.8 micro-
seconds) to ensure that they may be retriggered. Thus,
true logic signals will be generated on the multiplexer's
select lines, making operation more stable. In some
cases, it may be necessary to insert a no -operation
instruction after the DCL command to allow the outputs
of the one-shot to settle before the software attempts to
check the status of the test line.

The circuit can be built for a few dollars. For the
added flexibility it provides, it is well worth it.
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Expanded teat capacity. Multiplexed test lines increase usefulness of 4 -bit 4004 microprocessor. Selection of test lines To - T, is
accomplished by software. One -shots are retriggerable, transform processor's pulse output to true logic signal for selecting multiplexer lines.

Wideband preamp and LSI pair
form high -quality counter
by James A. Mears
Dallas, Texas

A carefully designed preamplifier, when combined with
two new large -scale -integrated circuits, forms a high-
performance, low-cost frequency counter with a typical
response of 5 megahertz. Among this counter's many
desirable qualities are a high input impedance through-
out the frequency -measuring range, a frequency
response that can be extended to 30 mHz, a single voltage
supply and, if the displays are powered separately, a low

68



power drain that allows battery operation.
As the figure shows, the input signal is applied to the

2N3819 field-effect transistor through a frequency -
compensated attenuator. The combination of the FET

and attenuator produces an input impedance of 1

megohm from 0 to 30 MHz. The input circuit is protected
from overdrive by the 1N914 diode. Q1 is a current -
biased source follower, providing high input impedance,
low output impedance, and high stability even at low
power -supply voltages.

The amplified signal is applied to the cascode ampli-
fier composed of Q2b and Q3. The operating (bias) point
is Q3 is adjustable over a 1 -volt range, so that the
triggering voltage may be properly set even with noise
present on the input signal. The signal is then introduced
to the Schmitt trigger composed of Q2. and Q2d. The
circuit has a fixed hysteresis determined by the
TIL209A light -emitting diode (the LED acts as a low -
voltage zener), which makes triggering precise even with
slowly varying waveforms. This output signal, which will
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1. Frequency counter. A well -designed front end and two LSI circuits permit realization of a high-performance, low-cost frequency counter
The counter's frequency response is 5 MHz, but can be expanded to 30 MHz. Total cost is $50, half that of competitive units.
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2. Easily adaptable. A slight modification to the input circuit makes it absolutely versatile. The circuit can be configured to monitor the
number of electrical or mechanical events (a) or as a period counter (b) for measuring input cycle duration or the time between events.
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be counted by the Intersil ICM7208, has a duty cycle of
approximately 50%.

The ICM7208 contains a seven -decade counter, a
display multiplexer, a seven -segment decoder, and digit
and segment drivers. Additional circuits within the 7208
serve to blank the display, reset the counter inhibit input,
and switch the display on and off. The device can count
to 5 MHZ, and the circuit draws only 1 milliampere or so
at 5 v. A companion device, the ICM7207, supplies a
crystal -controlled time base and other signals for multi-
plexing the display and controlling the sampling interval
of the 7208.

The output frequency of the crystal -controlled oscil-
lator is reduced to 1.6 kilohertz by the 7207 in order to
multiplex the seven -segment LED display. The 7207 is
also configured to produced a gate signal of 20 or 200
microseconds for the 7208 counter. This count window is
switch -selectable. Leading -zero blanking and an on/off

switch for the display are provided for energy conserva-
tion.

The circuit may be simply reconfigured as a period of
event counter, as shown in Fig. 2. Additional divider
stages at the counter's input and control -signal channels
may be used to expand the range of the counter to 30
MHZ.

This counter compares favorably with other designs.
Its sensitivity at 0.1 MHz is 50 millivolts, decreasing to
200 my at 30 MHZ. The current drain is 21 milliamperes
at 5 v, neglecting the LED displays. Total cost for this
circuit is less than $50; a transistor -transistor -logic
frequency counter would cost twice as much and might
dissipate as much as 40 times the power. Commercially
available units cost $200 to $300.

Bias -current network improves
sample -and -hold response
by H. F. Nissink
Physics Department, University of Tasmania, Hobart, Australia

A compensating bias -current network greatly enhances
the voltage -holding quality of a sample -and -hold circuit.
Connected to the noninverting port of the operational
amplifier, the network detects and restores the charge
lost by the hold capacitor.

As shown in the figure, an input signal is sampled at
the NF510 transmission gate by a pulse from switching
transistor Ql. The sampled voltage appears across C
almost instantaneously and should be stored indefinitely.
However, there is a small loss of charge with time
because of voltage drift at the op -amp output. The drift
is due to the op amp's minute bias current, which flows
into the inverting input. This current lowers the output
voltage and thus the voltage across C.

However, because the bias currents flowing at both
inputs of the op amp are approximately equal in magni-
tude (although opposite in polarity) over a wide range of
input voltages, circuitry added to the inputs can
compensate for the bias -current flow. Specifically, if C,
is made equal to C, each port will look out onto an
identical circuit. Thus small changes in the bias current
at the inverting port, which removes charge from C, will
be countered by like changes in the current at the
noninverting port, which charges C,, and the op amp's
input offset voltage will be minimized.

Of course, because of the inherent properties of the op
amp, the magnitude of the input currents cannot
continue to increase for a constant output voltage. A
condition will therefore eventually occur in which the
current at the inverting poll will exceed the current at
the noninverting port, and the output voltage will fall.

The circuit has a hold time-arbitrarily defined as the

Charge restorer. Sample -and -hold response is improved if charge
lost by hold capacitor C is replaced. Voltage change across capac-
itor due to op amp's inverting -port bias current is cancelled by
compensating network. Droop rate, only 100 millivolts per 10 -minute
period, may be improved if capacitors C and C, are matched.

time in which the output voltage decays by 100 milli-
volts-of approximately 4 minutes with the values shown
and about 10 minutes if both capacitors are doubled in
value. The decay is independent of the magnitude or
polarity of the input voltage.
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Fixed -voltage regulator pair
forms bipolar power supply
by S. K. Wong
Torrance, Calif.

Two fixed -voltage regulators and suitable feedback
circuitry can form a bipolar power supply that combines
the excellent voltage regulation, trackability, and high
current capacity of the three -terminal integrated -circuit
voltage regulator with the voltage adjustability of more
expensive supplies. This unit provides bipolar voltage
from 8 to 20 volts at 1 ampere. The trackability, defined
for an adjustable power supply as the voltage difference
remaining between the bipolar ports at the desired
output voltage, is 1%. Regulation for both line and load
is about 100 millivolts.

Many is bipolar regulators are available, but they
provide only 100 milliamperes or so and their output
voltages are essentially nonadjustable. Other popular
regulators provide high current (up to 3 A) but are fixed -
voltage devices. Although is bipolar regulators can be
modified with high -power transistors to boost the output
current capability, and separate positive and negative
voltage regulators can be connected directly to meet
special voltage and power requirements, both designs
still lack both adjustability and trackability. These

features are often needed in many applications.
Figure 1 shows the regulated supply that employs two

popular three -terminal regulators and a three -transistor
feedback circuit. A 115-v, 60 -hertz alternating current
input is transformed to approximately 40 v across its
center -tapped winding, and is rectified and filtered to
generate ± 27 v to the input of the respective regulators.
The positive voltage output is:

VP = [1+ (R2+ R3)/RI] V.+ (R2+ R3)IQ

where Vo may nominally range from 5.75 to 6.25 v for
the fixed -voltage LM340-06 device and IQ is the quies-
cent regulator current, which is 10 milliamperes
maximum and is fairly independent of input voltage and
load current. Adjustment of R2 will change the output
voltage, and accordingly, the negative voltage output VN.
The negative output is:

VN = (1 + R4/ROV + R4(IC ± IR)

where IR is the quiescent regulator current, lc is the
collector current of transistor Q3, and VI is the output
voltage of the negative regulator.

The LM320-05, which is a - 5-v regulator, and tran-
sistors Q1 through Q3 form a slaved configuration. A
differential amplifier composed of transistors Q1 and Q2
monitors the difference in magnitude between V p and
VN through a precision voltage divider R6 and R7 and
compares it to a zero reference. Normally, the voltage at
this junction is zero, because Vp = -VN. Any error
voltage is amplified to cause a change in the collector
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Bipolar -tracking power supply. Adjustable voltage output is obtained with fixed -voltage regulators if each regulator is connected back to
back through current -varied networks. Circuit retains regulation properties, has high current capability, excellent trackability.
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current of Q3, which in turn changes the voltage across
R4 and consequently V N.

The high output current that can be produced by the
supply generates several points where power dissipation
is great. Components must be selected to ensure that
those levels can be adequately handled. The maximum
current through Q3 is 78 mA. The maximum power
consumption is about 500 mw. The 2N2219A transistor

is used for this application. Both regulators should be
mounted on suitable heat sinks. Resistor R3 prevents
excessive current through R2 when its value is low.

Heavy common -mode loads may cause difficulty in
the operation of the feedback network during start-up
unless diodes D1 and D2 are used to clamp the circuit
outputs. C, and C2 are tantalum capacitors for improved
transient response. 0

Time-shared DVM displays
two inputs simultaneously
by Barry Harvey
Siliconix Inc., Santa Clara, Calif.

Two voltages can be measured and displayed simulta-
neously with one voltmeter if the voltmeter is built
around a time-sharing circuit containing a fast -sampling
analog -to -digital converter. The converter is united with
an input -signal multiplexing network, and the system
elicits a normally flicker -free response from a light -
emitting -diode display, while saving the cost of the addi-
tional voltmeter and other parts that would be needed for
two separate measuring units.

As implied by the figure, this circuit accomplishes two
major tasks; it controls the rates at which analog signals
and two banks of LEDS are sampled, and it determines
the strobe rate of each LED in the banks.

The LD130 ± 3 -digit a -d converter was selected for its
relatively fast sampling speed of up to 60 samples per

second. The sampling rate of this complementary -metal -
oxide -semiconductor device is controlled by external
capacitor Cos, in conjunction with the internal oscillator
circuitry of the device. Its output drives transistor pair
Q, and Q2, which in turn drive the sampling and multi-
plexing circuits through the 74C74 D flip-flop. The
output of the flip-flop switches 30 times per second; the
analog input signals are multiplexed at this rate through
the DG301 analog switch, and one of two banks of LEDs
is selected through the CA3083 transistor array. Each
bank contains three MAN3640 displays.

The LD130 periodically samples each signal input and
converts it into a digital output. Each display and its
segments are driven through a strobe sequence; Di -133
determine which digit in each bank is enabled, lines
Bo - B3 of the converter supply binary -coded -decimal
information to the seven segments of each LED through
the 74C48 decoder/driver, and the 74C74 determines
which bank is chosen. The strobe rate for the LEDs is 384
times per sampling period.

Although the measurements are performed 30 times
per second per channel, fast enough so that flickering
would not usually be detectable, flutter of the least
significant digit may occur when the LD130 is sampling
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Two voltmeters in one. If the input signals can be sampled at rates of 60 times per second or greater, they can be measured, then observed
simultaneously at acceptable flicker rates. Key to circuit operation is use of fast -sampling analog -to -digital converter.
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the input signals, because of the ± 1 -count effect
inherent in counter operation. However, in applications
where the output is observed only occasionally, it will not
bother the eye, and in any case, a full three -digit reading
is discernible.

To calibrate the converter, a reference of approxi-
mately 2 volts is required at the V ref terminal, and this is
easily furnished by the 330 -microampere constant -
current diode CR033 and resistors RI and R2. R2 is
adjusted to null the output for no -signal conditions. 111

D -a converter controls
programmable power source
by C. Viswanath
Indian Institute of Science, Bangalore, India

The output of an integrated -circuit regulator can be
digitally controlled to generate any number of voltages
for use in testing components or equipment. A digital -to -
analog converter transforms the digital value into a
current, and the current is converted to a linearly
proportional voltage.

As shown in the figure, the Analog Devices' MDA-
10Z-110 converter generates an output current of 0 to 2
milliamperes with a resolution determined by its 10 -bit
digital input. This current is transformed to an output
voltage of 0 to 6 volts by the following 741 operational
amplifier. The 723 is adjustable over a wide voltage
range (7 - 37 volts), and for use as a 2 -to -22-v regulator
it requires a linear controlling voltage.

The 2N4351 field-effect transistor operates as a volt-
age -controlled resistor to produce voltage V REF, which is
essentially equal to the voltage across resistor R6 and
is linearly proportional to the digital input to the d -a
converter.

The 723 was designed so that its output voltage is
equal to an input voltage times a factor determined by
gain -controlling resistors placed in a feedback loop.
Thus, its characteristic equation may be expressed by:

V. = KV REF

where K is equal to 1 + RI/R2.

The 723 yields a load regulation of 0.02% and a line
voltage regulation of 0.01% at output currents of up to
150 milliamperes. This excellent performance is made
possible by the error -control amplifier in the 723, which
compares V REF to the scaled -down voltage derived by the
resistor feedback network R, and R2. Resistor R. is used
in a current -limiting capacity. A value of R. = 30 ohms
will limit the output current to 20 milliamperes; a value
of R. = 4 ohms limits the output current to its rated
maximum of 150 milliamperes. External transistor
circuitry can be added to easily extend the load current
capacity. El

2. Characteristic equation. Relationship of scale factor K to V,,,,
VGs is linear as shown by curves. Scale factor is controlled by resistor

feedback network at regulator output. FET, used as voltage -
controlled resistor, assures output voltage is proportional to K.
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1. Controlled voltage generator. Digital -to -analog converter determines output voltage of regulator when FET is used as a voltage -variable
resistor. If digital source is computer, specified voltages may be generated for automatic testing of components.
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Eight -trace scope display
checks analog or digital signals
by George 0. Wright
Washington, DC.

Of all the circuits that enable a dual -trace oscilloscope to
display multiple signals simultaneously, none yet
provides the versatility of this one. It can be configured
to monitor analog as well as digital signals. It does not
require the use of the scope's sweep trigger voltage
(which may not be available on some instruments) to
drive the input -signal multiplexer. It also generates logic

signals for stimulating devices under test. Thus the
devices may be examined apart from their operating
systems, which would normally supply the necessary
stimulus. The circuit uses readily available integrated
circuits, too, and can be built for less than $50.

The basic circuit for observing digital signals is easily
implemented, as shown in Fig. 1. A trace generator using
the 555 timer and operating at 60 kilohertz drives a 7474
dual D flip-flop to produce a four -step dc voltage. The
output of each flip-flop is summed across the junction of
the 10- and 20-kilohm resistors at point (a) to generate
an output of 1, 2, 3, and 4 volts. These voltages are then
synchronously added with the signal from the output of
the two 74151 multiplexers, which are driven by the
selected outputs of the device under test. One flip-flop
also switches the multiplexers directly, so that a total of
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1. Low-cost analyzer. Four -step voltage generator, clocks, and counters generate eight -trace display for dual -input scope. Cost is under $50.

Trace generator positions scope beam, while test -circuit generator derives logic signals to control device under test. Output of test circuit is
digitally multiplexed through 74151s; alternatively, transmission gates may be used for observation of analog signals.
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2. Digital application. Test of 74192 counter requires addition of inverters and NAND gates as shown, to derive logic signals for desired test
sequence. Table specifies signal monitored by oscilloscope. Sync signal for scope is obtained from any point in trace generator chain.
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3. Analog application. Replacement of 74151 multiplexers by trans-
mission gates permits observation of eight analog signals, as shown.
Logic generator continues to function in same capacity, driving 4066
analog switches with digital gating signals.

eight possible input signals can be displayed once every
viewing cycle.

The test -circuit generator is similar to the trace gener-
ator but operates at 1,500 hertz. In conjunction with the
7493 decoder and 74154 multiplexer, it produces 16
logic signals for controlling the test pattern generated for
the circuit under examination. The output signals from
the multiplexer are sequential, each separated from its
predecessor by one clock period.

Figure 2 shows a typical application of the circuit-
testing the performance of an 8 -bit synchronous
up/down counter, in this case the 74192. Two NAND
gates and two inverters have been added to derive signals
that the 74154 could not itself generate, to cycle the test
counter. The 74154 produces the clear and load signals,
while the 7493, in conjunction with the NAND gates,
derives the count -up and count -down signals (cu and cp
in Fig. 2). All signals drive the 74151 multiplexers,
either directly, through the counter, or through the logic
gates. All eight output signals from the 74192 are multi-
plexed, four inputs per channel, to the oscilloscope.

As shown in Fig. 3, eight analog signals may also be
observed if a slight modification is made to the basic
circuit. This time, the 74154 provides the logic signals
for the 7404 inverters, so that the 4066 transmission
gates may be periodically sampled. The 74151 multi-
plexers are bypassed.

The trace generator frequency was initially set to
provide acceptable scope viewing at minimum flicker
rate. Step transitions of the four -value generator are not
noticeable on the cathode-ray tube. The test -circuit
oscillator frequency is 1/4o of the trace generator
frequency to permit display of a sufficient number of
events from the device under test; a 5-kilohm potentiom-
eter has been added to permit small -range adjustments.

Both clocks should be separate and nonsynchronous to
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permit the scope's sync trigger input from locking -in to
the output frequency of the four -step generator. Sync for
the CRT can be obtained from any point in the trace
generator chain. (Both oscillators were described in Elec-

tronics , May 13, 1976, p. 95). As mentioned, R1 should
be at least 10 times R2. The current through R2 should
be minimized, so that the 555 can generate sufficient
drive to trigger transistor -transistor logic circuits. 0

Expandable FIFO buffers
improve processor efficiency
by Krishna Rallapalli
Fairchild Camera and Instrument Corp., Mountain View, Calif.

The need to service computer interrupts immediately,
especially in applications where data is supplied to a
computer at a fixed rate, may be eliminated by storing
data in first -in, first -out registers. With the large -
capacity FIFOS presently available, system -interrupt
schemes are simple to design, and the use of complex and
expensive direct -memory -access controllers is avoided.

Data to the computer is typically introduced at a fixed
rate by card readers. Once a card is fetched from the
input hopper of most readers, it travels nonstop past the
read head to the output stacker. An interrupt request
must be serviced after every column of data is read, for
otherwise the data is lost.

This potential problem is surmounted with the circuit
shown. Three Fairchild 9403 16 -word -by -4 -bit FIF0s,
simply cascaded with three 9423 64 -word -by -4 -bit
can provide storage for up to 80 12 -bit words before an
interrupt request is serviced. Even with a busy computer,
data is not likely to be lost.

The particular configuration of the control circuit that
drives the FIFos varies with the application. In all cases,
however, it must generate a reset signal (to initialize the
FIFOS), a data -ready signal, which is the interrupt
request to the computer, and the load -data signal, which
permits parallel loading of 12 bits of new data. The
circuit must also monitor the availability of storage
space in the FIFOS through the load -ready indicator, to
determine if the load -data signal can be generated.

The dump -data signal, which is the interrupt -service
signal, is generated by the microprocessor. It accepts the
data from the output stage of the FIFOS while extracting
the next data word.

Engineer's notebook is a regular feature in Electronics. We invite readers to submit original
design shortcuts, calculation aids, measurement and test techniques, and other ideas for
saving engineering time or cost. We'll pay $50 for each item published.
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No need for DMA controller. Expandable FIFOs can store up to 80 12 -bit words before interrupt request is serviced, eliminating need for
direct -memory -access port. Several easily synthesized control signals generate interrupt and load signals, determine status of FIFOs.
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LED bar -segment array forms
low-cost scope display
by Vernon Boyd
The Welding Institute, Abington, Cambridge, England

Building a small, low -powered, and low-cost oscilloscope
for simple monitoring applications is easy, especially if
light -emitting diodes are used in place of the cathode-ray
tube. This circuit uses 10 bar displays, each containing

10 LEDS, to form a 100 -dot viewing matrix. With this
configuration, of course, resolution is only 10% in both
the X and Y axes, but it can be improved by adding
additional displays and expanding the driving circuitry.

As shown in Fig. 1, the signal -processing and logic
circuits for the scope are straightforward. The signal -
path circuit is extremely simple and has all of the options
usually expected -- ac and dc input coupling, variable
Y-axis gain, and offset control. The signals to be
observed pass through amplifier A,, are amplified up to
100 times by A2 and are inverted by A,, and then pass
through to the display comparator.

The trigger and timing circuits are not complicated.
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1. Signal, timing, and logic. Driver circuits for scope's LED bar displays are straightforward. Input circuit can process ac or dc signals and
has variable Y-axis gain control. A, -A3 is input -signal path. A, , B, , and B2 provide sync for 555 clock generator and 4017 counter, which
strobes bar displays. Circuit has internal, free -run, or power -line triggering option. Maximum sweep rate with 555 is 10 kHz.
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either. During any sweep, the 4017 Johnson counter
steps at a rate controlled by the 555 timer and strobes
each bar display in turn. A4, B,, and B2 synchronize the
counter's location to the sweep rate.

A4 is triggered either by the signal (internal mode) or
by the 60 -cycle power -line input. In the free -run mode,
A4 is not required. These three modes are selected
through S,a, which is ganged to Sib. The trigger level can
be set by the 10 -turn potentiometer at A4's input.

A4 drives the 4013 D -type flip-flop circuit, composed
of B, and B2, through a transistor buffer. The 4013
ensures that triggering on repetitive waveforms will be
reliable, for it is reset at the end of any display sweep by
the final stage (Co) of the 4017. This event causes B2 to
reset B, , which in turn resets the 4017.

As shown in Fig. 2, the bar displays are driven by ten
LM324 comparators and a ten -gate NAND decoder. The
chain of reference voltages, each separated by 1 volt, are
generated by a string of 10 resistors and a 10-kilohm
calibration potentiometer. These resistance values must
be changed to accommodate the Y-axis resolution
required. For example, if there are 20 elements in the Y
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2. Display. Comparators, NAND gates, and transistors drive bar
displays as each is strobed in succession (a). Amplitude of Y-axis
signal determines which of 10 LEDs in each display is illuminated
during sweep. Typical sine wave is displayed on 100 -dot matrix (b).

axis (two 10 -bar displays vertically mounted one above
the other), the resistances must be selected to provide
0.5-v increments. Also, the Y-axis expansion must be
implemented with additional comparators and gates.
The NAND gates ensure that only one LED can be
activated at any given time.

Expansion of the X axis is a bit more elaborate, but
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not overly difficult. Simply cascading additional 4017s
will not do, however, as two output states will occur, one
for each driver. Consequently, these states must be
decoded using NAND gates.

The 555 clock generator will sweep at a maximum
rate of 10 kilohertz. For faster sweeps, a different clock
circuit is needed. The comparators' frequency limits
must also be well above the sweep rate.

Variable oscillator reacts
to magnetic flux changes
by V. Vijayakumaran Nair
Vikram Sarabhai Space Center, Trivandrum, India

An oscillator employing a saturable -core reactor can
detect small changes in the intensity of any magnetic
field that cuts through the reactor's windings. The oscil-
lator utilizes core hysteresis in order to generate a
frequency that is directly proportional to the magnetic
field component along the inductor's longitudinal axis.

As shown in (a), two 2N3020 transistors form a
simple astable multivibrator that oscillates at a

frequency of 11 kilohertz in the absence of an external
magnetic field. The inductor, L, in the collector lead of
Q, has a core made from it metal, a commonly available,
high -permeability magnetic alloy with the characteris-
tics shown in (b). The µ metal consists of nickel, iron,
copper, and manganese. Placed around it is an insulating
layer of phenolic resin impregnated with paper or cloth,
of a kind frequently used in coil forms. As shown in (c),
800 turns of AWG 36 wire, wound over the insulator,
gives L a value of a few millihenries.

Circuit operation may be understood from (d). Disre-
garding any external field for the moment, and assuming
an arbitrary start time of t, , at which point Q, is on and
Q2 is off, current will build through L at the rate of
i = (V/L)t, where V is the supply voltage and t is the
time. Generated in the coil is a magnetic field of inten-
sity H in a direction determined by the corkscrew rule.
As the field increases, the level of flux density also
increases. As t2 approaches, the current rises to a value
sufficient to saturate theµ metal (H sat). The flux density
reaches B., and remains at that value.

As a result, the inductance drops to that of an air -core
inductor, because the core permeability is proportional
to AB/OH. Thus, at t2 , the current increases almost
instantaneously towards an infinite value, and as Q,'s
base current is about V/(R, + R3), too little to keep the
transistor in conduction, Q, is eventually cut off.

The base current into Q2 which is approximately
equal to V/R2, is not quite enough to turn this transistor
on, however. But as Q, turns off, an induced electromo-
tive force, much greater than V, is produced across the
inductor, giving rise to enough additional current to turn
Q2 on and keep it conducting. Q2 remains on until t, ,

when the induced current, which has been falling from
time t2 with a rate equal to - L/R2 , finally decreases to
near zero. The collector of Q2 rises, bringing Q, into
conduction, current builds in L, and the process repeats.

Consider an external field with intensity Ha along the

axis of the coil such that the actual field causing a flux
change is equal to H,± Ha, depending on the direction of
the external field. When Ha is opposing the field, the
current takes longer to bring the total field to a value
equal to Hsa, between times t, and t2 ; hence the oscilla-
tor's frequency will be lower than with no external field
present. Similarly, when Ha is in the same direction as
H5, the core will reach saturation sooner, and the cycle
will be speeded up, causing a rise in frequency.

The frequency will increase from 8 to 14 kHz for an
external field change of ±0.4 oersted. This change can
be obtained merely by rotating the coil in a horizontal
plane from the east - west to the north - south direction
of the earth's magnetic field.
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FIId sonsitive. Saturable core reactor enables oscillator to detect
change in any magnetic field whose flux lines cut reactor windings
(a). Oscillator frequency is determined by the core saturation time
(b). Inductor is made of µ metal, insulated core form, and 800 turns
of high -gauge wire (c). Timing diagram details operation (d).
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O Exactly how inaccurate will a change in temperature
make an analog -to -digital or digital -to -analog converter?
As designers are well aware, a 12 -bit device may provide
a much lower accuracy at its operating -temperature
extremes, perhaps only to 9 or even 8 bits. But for lack of
more precise knowledge, many play it safe (and expen-
sive) and overspecify.

Yet it is fairly simple to determine a converter's
absolute worst -case degradation from its various drift
specifications. Considering these specifications sepa-
rately and examining their basis will help to unravel the
labyrinth of converter drift and show how to go about
calculating the actual worst -case drift error for most
devices.

Accuracy drift for a d -a converter or a successive-

approximation a -d converter has three primary compo-
nents: its gain, offset, and nonlinearity temperature coef-
ficients. Instead of calling out the gain and offset drifts
separately, some manufacturers specify a full-scale drift,
which takes both into account. Another important speci-
fication in many applications is differential nonlinearity,
which reflects the equality (or rather, the inequality) of
the analog steps between adjacent digital codes. But,
since this parameter is really describing only the distri-
bution of the linearity error, its temperature coefficient
does not contribute to the converter's worst -case
accuracy drift.

Examining the components of drift

The transfer function of a d -a converter will illustrate
how the different kinds of drift degrade accuracy.

In a bipolar d -a converter, which produces both posi-
tive and negative analog voltages, offset drift changes all
the output voltages by an equal amount, moving the
entire transfer function up or down from the ideal in
parallel to it (Fig. la). The drift of the converter's
voltage reference is the main cause of this error-which
may also be called the minus -full-scale drift, since it
occurs even when all the input bits are logic 0 or off. In a
unipolar unit, the offset drift is usually much smaller,
being due mostly to drift in the offset voltage of the
output operational amplifier and secondarily to leakage
in the current switches.

Unlike offset drift, gain drift rotates the transfer
function (Fig. 1b). In a bipolar unit it does so around
minus full scale (all bits off), and in a unipolar unit it
does so around zero (again all bits off). The gain drift
affects each output voltage by the same percentage (not
the same amount), tipping the transfer function at an
angle to the ideal. In general, about 70% of this drift is
caused by the drift of the converter's voltage reference.

Obviously, then, reference drift is a major contributor
to total inaccuracy due to gain and offset drift. A
positive temperature coefficient for the reference causes
the transfer function to rotate about zero, as shown in
Fig. lc for a bipolar converter. Since the gain and
bipolar offset drifts due to the reference will always be
opposite in direction, the worst -case accuracy drift may
be less than half the sum of the individual drift specifica-
tions. In a unipolar converter, the gain and offset drifts
may well add together, but the unipolar offset drift is
usually insignificant compared to the magnitude of the

What designers
should know about
data -converter drift
Understanding the components
of worst -case degradation can help
in avoiding overspecification

by Paul Prazak
Burr -Brown Research Corp., Tucson, Ariz.

80



0000

V

V Fs:,L

ERROR
(LSB)4

2

1

-1

-2
-3

la)

ANALOG
OUTPUT
(Vol

.

. .

AVoFFSET

ACTUAL

..

11'111

DIGITAL
INPUT
(b1)

VF,F, . 1V.FS V-FSI 2"-1
WHERE VF,,, = FULL-SCALE RANGE

n= NUMBER OF BITS

131 132 h,
vo = +F,] + V -FS ± VOFFSET

VoFFSET = V-FSpc-ruAL - V FS.FAL

111111111111111 DIGITAL
INPUT

LSB = l/Fs /2"

ERROR
ILSBI 3

2

- 1

-2
-3

031

ANALOG
OUTPUT
(Vo)

ACTUAL

:  
IDEAL

I

AK

AK -

V.FSACTUAL

VFS,,EAL

DIGITAL
INPUT
Ibil

V'S.ACTUAL V'S.,DEAL

Vo VF$1111,61K) [T. T+ +.7] V -FS

FULL-SCALE E ROR =
3.1,Fs,scruAL - V.FsloFF,

b2 13,

111111 I I II DIGITAL
- INPUT

0000

ANALOG
OUTPUT
(VoI

IDEAL

V FS pEAL. yI

11
V FSACTUAL

ERROR
ILSBI

cl

3

2

-01- I 1 "-2

V+FSACTL. AL

0

ACTUAL

IDEA'
I 

: 
1111

DIGITAL
t INPUT

113,1

AV+FS -AV- Fs

GAIN DRIFT = AV.Fs -AV-Fs

DIGITAL
- INPUT

1. Effects of drift. For a bipolar d -a converter, offset drift (a) moves
the unit's transfer function up or down, whereas gain drift (b) rotates
it about digital zero. Both of these errors are chiefly due to reference
drift (c), which causes a rotation about analog zero.

gain drift, so it is not so important a factor.
Full-scale drift describes the change in the output

voltage when all the bits are on. For a unipolar
converter, it is simply the sum of the offset and gain
drifts. In contrast, for a bipolar converter, the full-scale
drift is the sum of half the reference drift, the gain drift
exclusive of the reference, and the offset drift exclusive
of the reference, or unipolar offset drift.

Poor tracking causes linearity drift

Finally, linearity drift reflects the shift in the analog
output voltage from the straight line drawn between the
output value when all the bits are off (minus full scale)
and the output value when all the bits are on (plus full
scale). This error is caused by the varying temperature
coefficients of the ratio resistances of the converter's
current -weighting (scaling) resistors, as well as the ratio
drifts of the base -emitter voltages and betas of its tran-
sistor current switches.

Since the change in linearity with temperature
depends on how closely various parameters track each
other, and not on absolute parameter values, it is fairly
easy to control with present-day hybrid and monolithic
technologies. As a result, linearity drift is usually much
smaller than either the gain or offset drift. Moreover, it
is generally guaranteed to be within some maximum
limit over the converter's full operating temperature
range.

Another specification that is important in some appli-
cations is bipolar zero drift, which reflects the change in
the output voltage of a bipolar converter at midscale,
when only the most significant bit is on and all other bits
are off. This drift error at zero is not affected by
reference drift at all, but is caused mainly by poor
tracking in the converter's scaling resistors and current
switches. Therefore, it appears as a random variation
about zero, and it has a worst -case magnitude equal to
the offset drift exclusive of the reference plus half the
gain drift exclusive of the reference.

To understand more fully how these drift errors are
generated, consider the simplified schematic (Fig. 2) of a
typical 12 -bit bipolar d -a converter. Circuit operation is
fairly simple. The reference current flows through refer-
ence transistor Q0, producing a voltage drop across
resistor R0. Since the base of Q. is connected to the bases
of all the other transistor current switches, the same
potential is also generated across resistors R, through
R12. The multiple emitters of the transistors cause
current density to be the same for each of these binarily
weighted current sources, thereby providing good
matching and tracking of the transistors' VBE and 3.

Tracking errors tend to cancel

Now suppose that, because of temperature or aging,
the value of every resistor on network RN, increases by
1%. Since the reference current remains constant, the
voltage across these resistors also increases by 1%, so the
output current and the output voltage are unchanged. If,
instead, the values of all the resistors on network RN2
increase by 1%, the reference current decreases by 1%,
reducing the voltage across R, by 1% and causing the
output current to drop by 1%. However, since the value
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2. Typical d -a circuit. In general, the circuit design for a d -a converter largely compensates for tracking errors in the resistor networks and
transistor current switches. By far the dominant error source is the drift of the zener diode that makes up the reference.

of the feedback resistor, RF, is now 1% higher, the
output voltage, which is equal to IOUTRF, does not
change.

The converter compensates for variations in transistor
V BE and 13 in the same manner. Although the individual
resistors on RN, and RN2 may have temperature coeffi-
cients as high as ± 50 parts per million per degree
Celsius, the tracking of these resistors, and therefore
their contribution to drift in linearity and gain, is typi-
cally as little as 1 to 2 ppm/°C. In fact, the only error
sources for which the circuit does not compensate are the
drifts in offset voltage and offset current of amplifiers A,
and A2, as well as the drift of the zener reference diode.
By far, the dominant error source is the drift of this
zener, while the offsets of A, contribute to the gain drift
exclusive of the reference, and the offsets of A2 contri-
bute to offset drift exclusive of the reference.

The effect of reference drift

To evaluate the effect of variations in the reference
voltage on the overall accuracy of the converter requires
determining the variation in output voltage for a change
in ambient temperature. A good first -order approxima-
tion is to assume that all other drift errors-those due to
tracking errors and random variations-are zero.

Writing the node equation for the summing junction
at the inverting input of amplifier A2 yields:

VRU T

R
v12 1 2=

where K is a gain constant, and b, through bn represent
the digital bits, which are either 1 or 0, depending on
whether a bit is on or off. This equation may be used to
determine the output voltage for any digital input.

At minus full scale, with b, = b2 = = b. = 0, the
output voltage becomes:

V OUT - V- FS - [-F-Bpop V REF

At bipolar zero (b, = 1, b2 = b3 = = bn = 0), the
output voltage for an ideal converter is equal to zero:

FIL2FRREFZ_
R BP°

\TOUT = V BPZ 0  REF
L

At plus full scale, = b2 = = bn = 1, the
output voltage becomes:

FV OUT = V+ FS = [RK Bpo ,V REF

Solving the equation for V Bpz for gain constant K yields:
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Substituting this expression for K in the appropriate
equations, the variation in output voltage for a change in
the reference caused by temperature may be computed.
At minus full scale, this drift is:

AV_ RF AV REF
AT - RBJ OT

where AT is the change in ambient temperature. As
mentioned previously, drift error at midscale is caused
by tracking errors, not by variations in the reference, so:

AV Bpz

AT - "
At plus full scale, the change in the output becomes:

ANiff.a AV REF
OT - RBpo AT

Therefore, the drift in the output voltage due to refer-
ence variations at minus full scale (or the bipolar offset
drift) will be equal in magnitude but opposite in direc-
tion to that at plus full scale. Each of these drift errors
amounts to half the reference drift. The gain drift due
to reference variations may be written as:

(AV+ FS - AV -FS )/ AT

which is equal to the reference drift. It should be noted
that the gain and reference drifts are specified in
ppm/°C, while the full-scale and offset drifts are in ppm
of full-scale range (FsR) per °C.

Computing the worst -case error

These results may now be used to find the worst -case
total accuracy drift error for the typical converter of Fig.
2. Suppose the maximum temperature coefficient of the
device's internal reference is ± 20 ppm/°C, resulting in a

rs in a d -a converter also hold for a successive -approximation a -d
as one of its circuit blocks, as shown here.

gain drift of ±20 ppm/°C, a plus -full-scale drift of
± 10 ppm of FsR/°C, and a bipolar offset drift of ± 10
ppm of FsR/C. The maximum gain drift exclusive of the
reference is ± 10 ppm/°C, and the offset drift exclusive
of the reference is ± 5 ppm of FsR/C.

The worst -case error occurs at plus full scale. To
compute it, the errors due to the reference as well as
those exclusive of the reference that are due to random
variations must be taken into account. Therefore, the
only contributors to the worst -case full-scale accuracy
drift are the plus -full-scale drift due to the reference,
and the random errors of the offset drift and the gain
drift exclusive of the reference. Summing these together
yields a worst -case full-scale accuracy drift of ± 25 ppm
of FSR/°C or ± 0.0025% of FsR/C.

The converter is a 12 -bit device having a linearity
error of ± V2 least significant bit, or ± 0.01%. Also, for
its operating temperature range of 0°C to 70°C, the
maximum excursion from room temperature (25°C) will
be 45°C. Assuming that gain and offset errors are
adjusted to zero at room temperature, the total accuracy
error may be computed as the sum of the linearity error
and the full-scale accuracy error:

worst -case total accuracy error = (linearity error)
+ (full-scale accuracy error)

= ( ± 0.01%) + ( ± 0.0025%/C)(45°C)
= ±0.12%

which is about 9 -bit accuracy. The accuracy for many
12 -bit d -a converters will typically be twice as good as
this, with most devices providing 10 -bit accuracy.

All of the drift relationships and causes examined in
this article also apply to a successive -approximation a -d
converter, which uses a d -a converter as one of its circuit
blocks, as shown in Fig. 3. In the equations, simply
substitute VIN for V ouT and RIN for RF. Also, in the a -d
converter, comparator drift, rather than op -amp drift,
contributes to the device's unipolar offset drift.
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Chip delta modulators
revive designers' interest
Applications go beyond telecommunications into filters,
speech scramblers, instruments, and remote motor control

by Raymond Steele, Unlyersity,of Technology, Loughborough, Leics.

E Conceived originally as a simpler alternative to pulse -

code modulation, delta modulation never overcame
pcm's head start. It met with success mainly in special-
ized military digital telecommunications systems be-
cause of its ability to perform well in the presence of
many transmission errors. But the use of large-scale
integration to produce delta modulator chips costing as
little as $6 is opening up new areas of applications. The
devices are even versatile enough for a host of non -

telecommunications applications, in programmable digi-
tal filters, for remote motor control and speech scram-
bling, and in a variety of instruments.

Available from several manufacturers, these delta
modulator integrated circuits need very few external
components to encode analog signals into binary ones
and vice versa. They replace all the active components of
existing audio delta modulators, leaving the designer to
supply only a clock signal, the supply voltage, and some
external resistors and capacitors. At present the chips
come in ceramic dual in -line packages, but less expensive
plastic packages are just around the corner.

Principles of delta modulation

Like the PCM system, a delta modulation system
consists basically of an encoder and a decoder,
commonly called a codec. A PCM encoder samples the
amplitude of a continuously varying signal at regular
intervals and represents these samples by binary words.
In contrast, a delta modulator generates single -bit words
that represent the quantized error in a tracking signal
rather than the actual input signal. (See table for a more
detailed comparison.)

In essence, a delta modulator is a closed -loop sampled -

data control system that transmits binary output pulses
whose polarity depends on the difference between the
input signal being sampled and a quantized approxima-
tion of the preceding input signal. In the transmission
network of Fig. 1, the system tracks analog input signal
x(t) with quantized feedback signal y(t) and encodes the
difference between them into binary waveform L(t).
After passing through the terminal equipment and trans-
mission channel, the binary signal emerges at the
receiver as a continuous signal L(t), from which the
regenerator reproduces the binary signal L(t). (Theoreti-
cally, t(t) is identical to L(t), but in practice it contains
transmission errors due to noise, nonlinearity and disper-

DELTA MODULATION
PULSE -CODE MODULATION

Characteristic

AND
COMPARED

Modulation

Delta PCM

Ability to timeshare encoder among
multiple channels

unsuitable suitable

Dependence on frequency compo- overloads in pretense of independent
nents of signal being encoded high -amplitude, high -

frequency components
Cost lower than pcm more than delta

Word synchronization requirement no yes

Tolerance to transmission errors good poor
S/n ratio at low transmission bit rates higher than PCM -
Sin ratio at high transmission bit rates - higher than delta
Suitability for encryption better than PCM -
Requires accurately synchronized
transmitter and receiver for signal
channel transmission

no yes

Filter requirements simple complex
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. Simple system. A delta modulator produces
signal L(t) from an analog input signal x(t). The binary signal,
degraded by transmission, is reshaped by the regenerator, decoded,
and then filtered into a close replica of the original analog signal.

1 a single binary
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sion in the transmission channel and regenerator.) 1(t) is
decoded back into y(t), and from 5,(t) a continuous
signal, 3'40, is recovered. (Transmission errors and quan-
tization effects generated in the delta modulator make
Z(t) different from x(t).)

Linear delta modulation systems

The newer types of delta modulation systems adapt
the step size of the feedback signal to the amplitude of
the input signal, to ensure good tracking over wide
ranges of input signal amplitudes. But the original and
simplest form, linear delta modulation, keeps the step
size of the feedback signal constant. (All delta modula-
tors are actually nonlinear systems, but they are called
linear when the local decoder producing the feedback is
a linear network.)

The linear delta modulator shown in Fig. 2a uses an
integrating network in its feedback loop to locally decode
binary signal L(t) and turn it into the multilevel wave-
form shown in Fig. 3. This feedback signal y(t) tracks
input signal x(t) in the attempt to minimize the error
signal, e(t) = x(t) - y(t). If e(t) is equal to or greater
than 0, then a zero -crossing detector, called a quantizer,
produces a positive voltage level, + V, but when e(t) has
a value that is less than 0, the quantizer produces a
negative voltage level, - V.

Comparison of x(t) and y(t) occurs once every clock
period, T. If at that instant the input signal is the larger
(or at any rate not the smaller) of the two, binary output
L(t) becomes +V for the duration of T. Integration of
+ V increases feedback signal y(t). This continues until
at some later clock instant y(t) exceeds the input signal.
Then error signal e(t) becomes a negative quantity and
L(t) changes from + V to - V, and so on.

The linear delta demodulator shown in Fig. 2b consists
of a local decoder followed by either a low-pass or band-
pass filter. The local decoder produces 9(0, which in the
absence of transmission errors would be identical to y(t).
From Fig. 3 it can be seen that y(t) approximates x(t). A
filter with a cutoff frequency, f that is much lower than
1/T smooths out discrete changes in the slope of y(t),
removing out -of -band quantization noise to recover Z(t),
which is approximately equal to x(t).

As indicated earlier, the difference between the
original and reconstructed analog signals is due in part
to noise introduced by the quantizer. Often called gran-
ular noise, it can be decreased by increasing the
sampling frequency and/or decreasing the magnitude of
the step size y. But note that the delta modulator must
generate some quantization noise in order to produce the
binary positive and negative voltage levels. In practice,
no quantizer can produce an instantaneous change in the
vicinity of zero; the change is gradual and consequently
the error must be large enough to produce either + V or
-V at the quantizer output.

Other considerations
Several parameters such as idle -channel noise, slope

overload, and signal-to-noise ratio must be considered
because of their effect on the overall performance of a
delta modulation system.

Unless care is taken in the design of the delta modula-
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2. Linear delta modulation system. The encoder (shown at top)
comprises a subtractor circuit, quantizer, sampling circuit, holding
circuit, and local decoder, which is essentially an integrator. The
decoder (bottom) needs only a local decoder and low-pass filter.
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3. Watching waveforms. With no input, the tracking signal y(t) is a
series of triangular waveforms corresponding to a binary signal L(t)
of equal and opposite levels. In the tracking condition, the feedback
signal attempts to track input signal x(t).
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predominates; a steeply sloping input produces slope overload noise.

tor, the decoded signal will not be zero when no analog
input signal is present at the encoder. This unwanted
noise signal is called idle -channel noise.

With no idle -channel noise the binary signal, L(t),
must consist 'of alternate positive and negative levels
(logical 1 s and Os) at successive sampling instants. When
L(t) is integrated at encoder and decoder, the resulting
signals y(t) and '(t) will be triangular waveforms if no
transmission errors exist. These idling waveforms are
shown on the left-hand side of Fig. 3. Even though the
recovered signal in the decoder is triangular, no compo-
nents pass through the output filter because the funda-
mental frequency of the triangular waveform 1/2T is
much higher than the cutoff frequency of the filter. But
if because of some asymmetry in the encoder L(t) does
not consist of alternating Is and Os, R(t) may not be 0. A
nonzero value of i(t) when x(t) = 0 is known as idle -
channel noise.

Slope overload

In delta modulation the rate of occurrence of each
binary level is proportional to the instantaneous slope of
the analog input signal. Should this slope increase or
decrease so fast that the feedback signal can no longer
track the input signal, a stream of output bits of identical
polarity is generated by the encoder, which is then said
to be in a state of slope overload. When this occurs the
signal recovered at the output of the decoder may be
very different from the original input signal.

The difference between these signals is the slope over-
load noise, which is generally much larger than quanti-
zation or granular noise. If waveform fidelity is essential,
it is to be remembered that slope overload noise will
cause more waveform distortion than quantization noise.
Quantization noise, on the other hand, is perceptually
more annoying in speech signals.

The s/n ratio decreases with increasing signal power
after slope overload has occurred (see Fig. 4). This is
because noise power then increases more rapidly than
the signal power.

For low input powers, too, the s/n ratio is low. The
tracking is very poor because the feedback signal y(t)
makes substantial variations about the small input signal
and its comparatively large step size creates a significant
quantization noise.

But as the input power increases, the s/n ratio
improves in a linear fashion, for now quantization noise
is substantially independent of the input signal. The
ability of the encoder to track the input signal is progres-
sively enhanced with increasing input power, and the
improvement in s/n ratio continues until the encoder is
slightly slope -overloaded.

Two applications

Figures 5 and 6 show two ways of implementing linear
delta modulation systems. Both are laboratory models.
One is a low -speed encoder for speech (Fig. 5), and the
other is a high-speed model for TV signals (Fig. 6).

The simple D -type flip-flop of Fig. 5 implements the
sample -and -hold circuit of Fig. 2. The circuit could
function with a - 2.5 -volt and + 2.5-v supply, but it is
more convenient to use a single 5-v supply. The binary
output signal L(t) from the Q output of the D -type flip-
flop has voltage levels of approximately 0 and +4 v.
When L(t) is integrated by the RC integrator, the mean
value of y(t) is approximately +2 v.

The subtractor and quantizer functions are performed
by an lc comparator. To ensure the encoder idles with
the required pattern of alternate binary voltage levels at
the output of the flip-flop, a dc voltage level of +2 v is
applied to the noninverting input of the comparator via
the idle channel's feedback network consisting of R, ,

R2 , and C,.
The input signal x(t) is added to the dc level on the

noninverting input, and the sum is compared to the
feedback signal y(t). The signal q(t) at the output of the
comparator is high if x(t) is equal to or greater than y(t),
and the Q output of the flip-flop is also high, thus
charging capacitor C through resistor R. This process
continues until at a particular clock instant x(t) is less
than y(t). At that time, the Q output is low and C
discharges, thus reducing the feedback voltage y(t). The
process continues until x(t) is equal to or greater than
y(t), and the cycle repeats.

For the high-speed encoder shown in Fig. 6, clock
frequencies of 27 megahertz and 92 MHz were arbitrarily
chosen to represent relatively high and low clock rates.
In this circuit the separate comparator has been elimi-
nated, its function being performed by the threshold
circuitry associated with the D input of the flip-flop. The
two 430 -ohm resistors connected to this D input form a
Kirchhoff adder, which sums the input signal x(t) and
the feedback signal y(t). The feedback signal is formed
by integrating the binary signal t(t) from the Q output
of the flip-flop rather than using L(t). By integrating t(t)
it is possible to add the feedback signal directly to the
input signal x(t).

When the input signal is zero, the variable resistor R
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5. Linear delta modulation. A comparator, D -type flip-flop, and a res stor-capacitor integrator are all that is needed for a low -speed linear
delta modulation encoder. The delta modulation decoder requires only a simple RC integrator and a low-pass filter.

is adjusted to obtain the desired idling pattern at the
output of the encoder. Approximately 50 ohms is needed
for the circuit shown. When the error voltage e(t) is

equal to or greater than the switching threshold VT of
the D -input circuitry, the Q output switches to the low-
level state at the next clock pulse. This causes y(t) to
decrease, and e(t) becomes less than VT by the time the
following clock pulse arrives. Q now switches to the
high-level state, y(t) increases, and e(t) becomes equal to
or greater than VT at the next clock instant, and so on.

In tracking an input signal, the feedback loop
attempts to maintain e(t) at VT . If the input signal x(t)
should suddenly increase, e(t) would be equal to or
greater than VT for as many clock periods as it takes for
capacitor C to discharge and bring it below VT . On the
other hand, a decrease in x(t) causes e(t) to be less than
VT, and this drives Q to a high-level state, thus charging
capacitor C. Consequently, e(t) increases until it is equal
to or greater than VT , and the cycle repeats.

The 390 -ohm pull -down resistors are needed to
accommodate the internal circuitry of the MC1670 flip-
flop used. The decoder is simply an RC integrator
followed by a low-pass filter. A third -order Butterworth
type of filter was found to be acceptable when the analog
signal is a composite PAL television signal and the clock
rate is 92 MHZ.

Companded delta modulation systems

A serious deficiency of linear modulation systems,
both delta and pulse -code, is their inability to maintain a
high s/n ratio over a wide range of analog input power.
In telephone applications, for example, the varying
power levels in the speech pattern of different
subscribers produce significantly different s/n ratios.

Linear delta modulation systems employ a constant, or
nearly constant step size in the feedback signal y(t).
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6. High-speed linear system. Just two components, a D -type flip-
flop and an RC integrator, provide the encoding functions. Here the
D -type flip-flop replaces the comparator and sample -and -hold circuit
of Fig. 2; an RC integrator and low-pass filter do the decoding.
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7. Improving s/n ratio. A continuously variable slope delta (CVSD) encoder may be viewed as a collection of linear delta modulator
encoders having different, but fixed, step sizes that between them provide a near peak signal-to-noise ratio over a wide dynamic range.

However, if the step size could be made small when the
slope of the input signal x(t) is small, and large when the
slope is steep, y(t) would track x(t) better over a wide
range of input levels. As quantization noise depends on
the square of step size, making the step size adaptable to
input signal variations would make the noise power vary
with signal power, rather than be independent of it as
with linear delta modulation. Then with noise power
proportional to signal power, the s/n ratio would be
independent of signal power. This is what adaptive delta
modulation does.

Many adaptive algorithms for changing the step size
have been used,' but for telephony the type of adaptive
delta modulation called continuous variable slope delta,
CVSD, is the one most frequently used. Known also as
digitally controlled or syllabically companded delta
modulation, CVSD is mainly designed for handling a wide
dynamic range of speech signals, although it can be used
for other applications as well.

In the cvsp encoder shown in Fig. 7, the step height of
the feedback signal y(t) is varied in a manner related to
the envelope rather than the instantaneous value of the
input signal x(t). Unlike the linear delta modulator, the
input of the integrator R ,C, is not the output binary
signal L(t), but a multilevel signal h(t) with pulses that
have an amplitude H equal to GVc(t) (where G = the
gain of the pulse height modulator), a duration T equal
to the reciprocal of the clock rate, and the same polarity
as L(t). The multilevel signal h(t) at the output of the
pulse -height modulator, which is essentially a multiplier,
is produced by multiplying the binary signal 1(t) and the
voltage Vc(t), which is approximately the integral of the
binary signal s(t) at the output of the sequence detector
and logic circuitry.

The magnitude of the step size in the feedback voltage
y(t) depends on the magnitude of Vc(t), which depends

on the level of the binary signal s(t). Various algorithms
have been used to form s(t), but a popular one is to make
s(t) equal to a voltage, VH , if the current and previous
two values of L(t) are identical. Otherwise, s(t) = VL ,
which is much less than VH , but of the same polarity.

When the input analog signal x(t) is greater than y(t)
for many clock periods, s(t) = VH , and this voltage
charges up C2 via R2 . The voltage Vc(t) exponentially
approaches the value of VH . Most values of R2C2 are 5
to 10 milliseconds, commensurate with a typical pitch
period of voiced speech. But sometimes the time constant
may be as high as 100 ms, which is comparable to the
syllabic durations of speech. The value selected depends
much on subjective preference.

The magnitude H of the pulses in h(t) also increases
at a rate determined by R2C2, until y(t) is equal to or
greater than x(t) at a clock instant when s(t) = VL
Capacitor C2 then discharges through R2 and the output
impedance of the logic circuitry. Consequently, the
magnitude of step sizes in y(t) decreases exponentially
until the input signal x(t) is again equal to or greater
than y(t) at a clock instant, and so on.

Because the magnitude H of the multilevel signal h(t)
varies slowly compared to the clock rate, the CVSD

encoder behaves over many clock periods as a linear
delta modulator. It can therefore be viewed as a collec-
tion of linear delta modulators, with different but fixed
step sizes, that provide near peak s/n ratio for a wide
range of input powers.

L(t) is a binary representation of a compressed speech
signal x(t) and must be locally decoded for it to be
possible to compare the feedback signal y(t) with x(t).
Consequently, this decoding must involve an expansion
of the analog signal contained in L(t).

When the speech signal x(t) = 0, Ve(t) equals a small
dc voltage, which is required along with the feedback
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8. Building block. Putting together a CVSD encoder and decoder requires two integrated circuits, such as Consumer Microcircuits of
America's FX209 delta modulator, along with several resistors and capacitors to provide the selected transmitted bit rate.

from the idle -channel stabilizer to establish the L(t) idle-

channel pattern. The stabilizer can operate on binary
signal L(t) or the output of the comparator, q(t).

The decoder at the receiver uses the same local
decoder portion as the encoder, followed by a low-pass
filter to remove out -of -band quantization noise.

CVSD chips a reality

Several manufacturers, such as Motorola, Harris, and
Consumer Microcircuits of America, have produced
single -chip CVSD encoders that can also be used as
decoders. For example, the FX209 delta modulator ic,
marketed by Consumer Microcircuits of America,
Galesburg, Ill., contains all the active analog and digital
circuitry necessary. The user need only connect resistors
and capacitors to suit the application.

Figure 8 shows a CVSD system using two FX209 ics
and external resistors and capacitors selected for a trans-
mitted bit rate of 32 kilobits per second. The multilevel
binary signal h(t) is formed as previously described, but
a double RC integrator is used to shape the overload
characteristic of the cvsp encoder to the long-term
spectral -density function of the speech input signal, thus
increasing the s/n ratio. Adding resistor r in the double
integrator ensures the stability of the encoder.

The idle -channel stabilizer of the encoder consists of
C, , R, , and Ro . By making R1 greater than Z,o , the
voltage input to the comparator (pin 13) is:

x(t) -1-1:(t)Z,VR,

where Z,. = 1/07C,+ Z5 and Z, is the impedance of the
speech source. With no input signal, resistor Ro is
adjusted until the desired idle -channel pattern of alter-
nate Is and Os is achieved. This occurs when t(t)Zmill,
= 0.45Vco for the FX209.

When the FX209 is used as a decoder, the idle -
channel loop is disconnected, and the binary signal L(t)
is connected directly to the comparator in. the device,
which operates as a binary regenerator. The signal h(t)
is recovered from pin 10 and passed through the double
integrator to give y(t), the original speech signal, plus
encoding noise superimposed on a dc level. The opera-
tional amplifier removes the dc component and acts as a
low-pass filter having a cutoff frequency near the top of
the speech band that reduces the out -of -band quantiza-
tion noise.

Even if the main impetus for delta modulation has
come from the telecommunications industry for binary
encoding and decoding of speech signals, numerous other
applications in industrial control, mobile communica-
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9. Digital filter. Digital encoding and filtering using delta modulation
techniques requires several components. The filter accepts a binary
input from the delta modulator, and the overall filter properties are
changed simply by reprogramming the input to shift register W.

tions, and instrumentation exist as well. These applica-
tions include:
 Digital filters.
 Remote control of motors.
 Scrambling of speech signals.
 Encoding transient signals for storage and display.
 Compressing the amplitude range of an analog signal.
 Delaying an audio signal by different amounts to
produce a reverberated sound.
 Encoding signals for acoustic modems.
 Encoding photographic profiles of objects for comput-
er processing.
 Uses in instruments like voltmeters, wattmeters, etc.

A digital -filter circuit

The integrator and analog filter used in previous linear
delta modulator circuits are linear networks, and their
order in the circuit can therefore be reversed. Provided
the encoding conditions are good (high clock rate and
small step size), the decoded z(t) is a close approxima-
tion to the input x(t). Under these conditions the encoder
and integrator in effect cancel, and the filter may be
viewed as performing some filtering on the input signal
x(t). As the filter is now adjacent to the delta modulator
output, it accepts a binary input, and hence it can be
constructed as a digital filter. Now, by changing the
properties of the filter, it is possible to turn R(t) into a
filtered version of x(t).

The circuit of Fig. 9 illustrates one of many digital
filters using delta modulation techniques. The analog
signal x(t) is linear -delta -modulated. At the nth clock
instant, binary output level is L. and shift register D
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10. Remote control. There is an advantage in using a delta -sigma
modulator for the remote control of an induction motor -the speed -
torque characteristics of the motor can be easily controlled even
when it is separated from the controller by a noisy channel.

contains current and previous N binary levels, Ln
. In a nonrecursive digital filter, each of

these stored binary levels must be weighted and summed
together. The weighting here is binary, and the levels are
stored in the (N + I )1h -bit shift register W. The outputs
of the exclusive-oR gates are summed in an adder, and
the sum is accumulated in an up/down counter. The
counter is necessary because of the binary nature of the
weighting sequence go, -1 , which is the output
binary sequency from an ideal linear delta modulation
encoder when the input is the required multilevel
weighting sequence. The contents in the counter are then
integrated, or accumulated, as part of the decoding to
recover the filtered signal R(t). The counter and accumu-
lator may be combined in a single circuit to eliminate the
need for a separate integrator.

Motor control

Delta modulators can be used to control motor speed
remotely by a binary signal that they transmit by either
cable or radio link. As an induction motor viewed from
its stator windings approximates a low-pass filter, it acts
as a delta -sigma decoder. Thus a sine wave encoded into
a binary waveform, amplified and applied to the stator
windings, will cause the motor to respond as if a sinu-
soidal signal has been applied to it. Therefore, as far as
the motor is concerned, a delta -sigma modulator and a
binary class D amplifier behave like a linear amplifier
having low odd -order harmonic distortion, a very desir-
able feature.

Figure 10 shows the configuration for controlling the
speed -torque characteristic of an induction motor. A
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11. Scrambling speech. Clocking a shift register along with an adaptive delta modulation encoder and adding an exclusive -OR gate provides
a scrambled binary signal, which can be first unscrambled and then decoded by a similar setup at the receiving end of the link.

sinusoidal signal x(t) is encoded into a binary waveform
L(t), is amplified, and produces binary signal M(t)
having levels ± E/2.

The motor speed for a constant torque depends on
both the amplitude and the frequency of the sinusoidal
input x(t). Varying the frequency of a constant voltage
signal a(t) and adjusting its amplitude in the passive
shaping network yields the x(t) signal required to satisfy
the speed -torque criterion.

Two identical capacitors supply smoothing to protect
the power transistors and to provide binary levels of
± E/2 across the motor. When the binary signal L(t) is a
1, transistor Q, is switched on and transistor Q2 is
switched off. When Q, conducts, point A is connected to
+ E volts, and the motor current can flow through Q, or
D,. When L(t) is a 0, the reverse occurs: point A
becomes 0 volt and the motor current selects the appro-
priate path through Q, or D2.

The security of speech transmissions is becoming
increasingly important, and delta modulator ics can
easily be configured into simple speech -scrambler
circuits (Fig. 11). Simply put, the speech signal is
encoded by the delta modulator into a binary signal and
then scrambled by an exclusive-oR gate and a shift
register. This signal is then descrambled and decoded by
a similar delta modulator circuit in the receiver.

The future of delta modulation is bright simply
because of the spread of digital systems. However, its
success is very much tied to the technology of large-scale
integration, which allows complex adaptation algorithms
to be used at relatively low cost. The availability of low
cost tsi circuits depends on the demand for delta

modulators, and the size of that demand to some extent
depends on how rapidly existing analog communication
systems go digital. It seems likely that electronic
exchanges for the telephone network may provide stim-
ulus for these Ls! devices.

Digital future

Exactly where in the telephone network these analog -
to -digital and digital -to -analog converters will be intro-
duced is still a matter for conjecture, but ultimately the
complete telephone network will probably become digi-
tal, and the codecs will be placed in the local subscriber
network. Also, it is possible that adaptive delta modula-
tion codecs will be preferred to the log-pcm type,
provided that they can handle touch-tone dialing and
data signals. But since the rest of the network will almost
certainly be designed to handle existing log-pcm signals,
low-cost, all -digital adaptive-DM-to-log-pcm converters
will be needed. Note that log-PcM encoders can be
produced by using a delta modulator, linear or adaptive,
followed by a digital filter. This technique should
provide reliable codecs, cheap enough to be used one for
each telephone line.

Adaptive delta modulator chips will become available
for digital encoding of television signals for industrial,
but not broadcast quality use, while in military commu-
nications system operating at 16 kb/s, continuously vari-
able slope delta systems modulator chips will probably
remain supreme for the next few years, mainly because
of its good tolerance of transmission errors.

Motorman 1. R. Steele. "Delta Modulation Systems," Pentech Press. London, or Halsted
Press, New York, 1975.
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Quantized feedback takes its place
in analog -to -digital conversion

Thanks to LSI, the charge -balancing approach to a -d conversion
is cost -competitive with the dual -slope approach;

yet each of these integrating techniques has advantages

by Gary Grandbois* and Ted Pickerell, Siliconix Inc., Santa Clara, Calif

1=1 Selecting an analog -to -digital converter has long been
an either/or choice between integrating and successive -
approximation conversion techniques. While that basic
choice still applies, selection of the integrating method
requires a further decision between two different types of
converters: the dominant dual -slope models and the
quantized -feedback (charge -balancing) models, which
have recently licked their problems with cost effective-
ness. A comparison of these two types will lay open the
advantages of each.

The choice between the integrating and the successive -
approximation techniques is clearcut. The successive -
approximation devices shine in applications requiring

'Now with Precision Monolithics Inc., Santa Clara. Calif.

conversion times less than a millisecond, while the slower
integrating devices most often provide a binary -coded -
decimal output useful for display applications.

Successive approximation vs integration

Successive approximation is a fairly complex tech-
nique, requiring a high-speed digital -to -analog convert-
er, a comparator, a successive -approximation register,
and control logic. The device digitizes the analog input
by successively comparing it with the output of the d -a
converter, which is directly coupled to the successive -
approximation register. In this way the comparator
makes a decision on the state of each bit until the
register's contents are the nearest digital representation
to the analog input. The advantage of this technique is
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1. Integrating. The dual -slope analog -to -digital converter (a) has a two-phase operating cycle made up of measure and count intervals.
However, the quantized -feedback a -d converter (b) performs the measure and count functions simultaneously in a fixed-time interval.
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COMPARING QUANTIZED FEEDBACK

Quantized feedback

WITH DUAL SLOPE

Dual -slope

Operation inherently bipolar inherently unipolar

Comparator
resolution required

1 part in 12 1 part in 2,000

Bit width around inherently 1 LSB inherently greater
zero than 1 LSB

Typical integrator
capacitor

0.068-µF Mylar 1-µF polypropylene

Conversion time fixed proportional to
analog input

Short-term drift
of clock frequency

not an error source possible error source

Errors from
capacitor dielectric
absorption

no yes

Multiplexed input yes (sign and mag- no (multiple conversions
nitude determined required to determine
simultaneously) sign and magnitude and

to compensate for di-
electric absorption)

its inherently high-speed operation-a 10 -bit conversion,
say, involves only 10 comparisons. Its complexity and
comparatively high cost are important disadvantages.

As the name implies, the integrating a -d converter
makes use of the averaging property of integration.
Briefly, the average charging current supplied by the
analog input to a capacitor is compared, over a measured
time interval, to the charge supplied by a known refer-
ence current. The digital count that results is a very
accurate representation of the analog input.

Deciding whether the application needs a successive -
approximation or integrating converter rests squarely on

a single requirement: speed. If the conversion time must
be shorter than 1 ms-when the application involves
digitizing several channels, like 8 or 16, of slowly vary-
ing, multiplexed analog inputs or a single channel of a
fast -changing signal-then the choice must be a succes-
sive -approximation device. The speedy conversion, how-
ever, does not negate the shortcomings of this compo-
rent. These drawbacks make it a poor choice for any
conversion that may be done acceptably at slow speeds.
Among them: its digital output is not inherently monot-
onic; its input impedance is low; and it must be built with
tight -tolerance components, which of course tends to
bring its cost up.

On the other hand, the simplicity of the integrating
converter gives it the best accuracy at low cost of any a -d
device. Some models can attain accuracies as tight as
0.00075%. Several of these inexpensive devices can often
replace a single multiplexed successive -approximation
converter, yet provide reduced system cost and complex-
ity. Other advantages of the integrating converter
include an inherently monotonic output, high input
impedance, and high noise rejection. Furthermore, it
may be built with noncritical components and permits
easy implementation of automatic -zeroing circuitry.

Dual slope vs quantized feedback

The two most popular integrating conversion tech-
niques, dual slope and quantized feedback, are similar in
that they both employ the principles of integration and
charge equalization-but the similarity ends there. Dual
slope, the older of the two techniques, is the simpler in
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2. Single chip. Introduced last year, this complementary-MOS integrated circuit was the first single -chip quantized -feedback converter.
Largely self-contained, the device requires only a voltage reference and three external capacitors, yet it delivers three digits of resolution.
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concept and implementation, so it has been the preferred
method. However, linear large-scale integration has
made the more complex quantized -feedback converter
practical, and its performance advantages over dual -
slope can no longer be ignored.

The dual -slope converter (Fig. I a) has a sequential
two-phase operating cycle, consisting of a measure
interval and a count interval. During the measure inter-
val, the analog input charges the integrator's feedback
capacitor for a set number of counts, making the
accumulated capacitor charge proportional to the
average value of the input over a fixed time interval.
During the count phase, the counter is reset, and a
reference current opposite in polarity to the analog input
current charges the capacitor in the opposite direction.
The counter measures this "discharge" time. Besides
high accuracy, the familiar virtues of dual slope are good
temperature stability, simplicity, and low cost.

The quantized -feedback converter (Fig. lb) performs
the measure and count operations simultaneously.
During the single-phase digitization interval, digital
control circuitry feeds quantized units of charge back to
the feedback capacitor in response to the sampled state
of an analog comparator. The converter produces these
charge units by adding and subtracting a reference
current to the integrator input for time periods that are
counted and accumulated. During this time, the device
keeps the integrator output voltage near the level of the
reference voltage. In effect, the quantized -feedback
converter measures the amount of charge required to
balance the charge developed on the feedback capacitor
by the analog input. However, it is the net time the
reference current takes to balance the charge that
provides the count that represents the input.

Examining the benefits

The advantages of such a simultaneous integration are
many. For one, the conversion is done while the analog
input is applied, so any drift in the clock frequency
equally affects the charge supplied by the analog input
and the charge of the reference current. Since the dual -
slope converter integrates the analog input and reference
currents during different time intervals, short-term drift
of clock frequency is a possible source of error.

Furthermore, for a given clock frequency, the fixed
time interval for measure and count in the quantized -
feedback converter may be expanded without requiring a
wider dynamic range of the integrator. With the dual -
slope converter, expanding the time interval does require
a wider dynamic range, perhaps one wider than the
integrator being used can supply.

Since quantized -feedback conversion time is fixed, a
data -acquisition system will not be tied up waiting for
the newly digitized data, once it has been synchronized
to the converter. The conversion time of the dual -slope
device is proportional to the random analog input.

Additionally, automatic polarity selection is a natural
outcome of the quantized -feedback technique, because
the method uses both positive and negative reference
currents. Yet the converter requires only a single refer-
ence voltage and a single full-scale adjustment.

Also, the dielectric absorption of the integrator's feed-

back capacitor with quantized feedback is not a source
of error, as it is with dual slope. Moreover, the converter
is not as sensitive to such comparator errors as noise,
offset voltage, and drift.

In the quantized -feedback converter, zero occurs natu-
rally as a number between minus full scale and plus full
scale. The reference current may be at least twice as
large as the maximum input current, and it is always
present whether the input is at zero or some other
voltage-so the change in the voltage, per unit time, at
the comparator input can never approach zero. Since this
is not the case with the dual -slope converter, it requires
special zeroing circuitry and counter delays, leading to a
dead band around zero that may be several bits wide. As
a result, it tends to lose accuracy for small analog signals
on the order of millivolts.

The table gives a concise comparison of the two tech-
niques. An additional important point is that both can
provide excellent 60 -hertz noise rejection when the oper-
ating clock frequency that sets up the measure interval is
properly selected.

Putting quantized feedback to work

Quantized -feedback a -d converters are easy to use,
and they are available from several semiconductor
manufacturers. For resolutions of 31/2 or 41/2 digits, they
come as two -chip sets, with the analog and digital
circuitry separated. But in the last year, single -chip
devices offering 3 -digit performance have come on the
market. The first of these was the LD130, a complemen-
tary -metal -oxide -semiconductor device that requires
only a voltage reference and three external capacitors to
make a complete converter.

On the chip (Fig. 2) are five operational amplifiers,
five analog switches, three scaling resistors, and the
control logic needed to implement the quantized -feed-
back conversion algorithm. Although the device provides
automatic zeroing and automatic polarity selection, its
power consumption is a low 25 milliwatts. In addition,
linearity error is held to less than 0.1%, while input
impedance is a high 1,000 megohms. In quantity, the
price is less than $4.

The low power and low cost of this converter make it a
natural choice for portable instruments. The unit may be
easily interfaced to a light -emitting -diode or liquid -
crystal display. To build a complete bipolar three -digit
panel meter with an LED readout (Fig. 3a) requires few
additional components. This DPM takes five samples per
second and can make full-scale measurements to
±999 my. High -efficiency light -emitting diodes and a
c-mos decoder/driver keep power consumption to a
minimum, with input current typically measuring about
60 milliamperes.

Greater power savings may be realized by interfacing
the converter with an LCD (Fig. 3b). This application
utilizes only three digits of the four -digit capability of
the DF4II LCD integrated driver circuit. The entire
meter may be powered from a pair of standard 9 -volt
batteries for 150 hours of continuous operation.

Turning the converter into a digital tachometer/dwell
meter is simple-just hook it up to the circuit of Fig. 4.
This setup may be used for four-, six-, or eight -cylinder,
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3. Choice of display. With the appropriate decoder/driver, the single -chip LD130 quantized -feedback converter can interface with either a
light -emitting -diode display (a) or a liquid -crystal display (b) to form a three -digit panel meter capable of measuring to ±999 mV.

four-stroke engines with a distributor ignition system.
The setting of the single -pole, three -throw switch selects
the number of engine cylinders.

As a dwell meter, the circuit can make full-scale
readings of 100° and, as a tachometer, 10,000 engine
revolutions per minute. The dwell -time measurement is

made by taking the average value of the distributor duty
cycle and scaling it to degrees of rotation.

Engine rpm is measured by triggering a monostable
multivibrator with each point closure. The average
threct-current value of the pulse train produced is scaled
to read rpm x 10. When the points open, a second one -

95



0.111F

v

I
1N914

20 kQ

TO DISTRIBUTOR
SIDE OF COIL

20 kl2

8
2N4403

470 52

TO BATTERY
GND

0 05pF 10 k52

1

10kSZ

10 at

I

15

14

1,10

3 2 11 16 7

74C221

DUAL ONE-SHOT

3

REVOLUTIONS -
PER -MINUTE
ADJUST

o.1 /IF

"A.A,
47 k52

TACHOMETER

DWELL

10 k52

FUNCTION
SELECT

10 k52

AVVs.

10 k52

100 k52

1.0µF

2M52
(1%)

2 MS2
(1%)

6

15 k52

TO VREF

10 k52

CYLINDER
SELECT

4

TO
ANALOG
INPUT OF
LD130

4. Build it. Hooking up this circuit up to the LD130 converter enables the device to measure engine revolutions per minute or the dwell time
between point closures, depending on the position of the function switch. The circuit operates from a single positive supply.

shot disables the first one-shot, which is effectively
serving as a frequency -to -voltage converter. This action
avoids extraneous triggering from ignition ringing.

To achieve a proper zero, the circuit employs a dual
c-mos one-shot, because its output does not have the
inherent saturation -voltage offset that a bipolar one-shot
does. Since the circuit's outputs are all proportional to
the positive supply voltage, the reference voltage for the
quantized -feedback converter is derived from the supply.

One of the most common uses for a -d converters is in
microprocessor -based data systems, and the LD130
offers a number of attractive features for such applica-
tions. For instance, its BCD output is the optimum digital
format when the processed data is to be displayed. Since
its output is multiplexed, the converter readily interfaces
with both 4- and 8 -bit microprocessors.

Interfacing to microprocessors
Probably the biggest problem with 4 -bit processors is

interfacing to the bus. The 4 BCD data bits fill the bus, so
there are no bits available for the digit markers. One
solution is to apply the data bits to a 4 -bit input port and
the digit strobes to a second identical input port, thus
identifying the data. In spite of the added component,
this interface is a simple one, although it does require the
processor to use a significant amount of its time to
synchronize itself to the converter.

In contrast, the bus of an 8 -bit processor permits the
data markers to accompany the 4 BCD data bits to the
microprocessor's accumulator register. The eight bus
lines from an 8 -bit input port are taken up with the 4
BCD data bits, three digit strobes, and a data -valid bit.
Such an interface configuration requires the micropro-
cessor to poll the input port occasionally to determine if
the data -valid bit is low.

The single -chip LD130 is representative of the many
second -generation integrating a -d converters that call for
few external components. However, it is unlikely that
these few out -board parts will be put on chip in future
designs. Although c-mos processing gives high input
impedance and low power drain, it cannot provide a
high -quality on -chip voltage reference. A bipolar tech-
nology like integrated injection logic can handle the
complexity of a largely self-contained converter while
delivering the reference, but input impedance becomes
low and bias current high.

The noise problem

Another constraint on the design of all monolithic a -d
converters is the digital noise that inevitably crops up
during the conversion. This noise problem has limited all
single -chip devices to a maximum sensitivity of 1 my for
reasonable conversion stability. Therefore, the two -chip
approach is likely to remain the more viable one when
tighter sensitivities are needed, as is the case with 41/2 -
digit converters. Additional problems could arise if LED
displays were to be driven directly from a single -chip
converter-power dissipation would have to be greater
than 0.5 watt, and thermal drift could be excessive.

Third -generation integrating a -d converters are prob-
ably going to come in two basic configurations-either a
31/2 -digit chip requiring external display drivers, or a
two -chip set incorporating an internal reference and
direct display drivers. In such a two -chip setup, the
external components will be cut to a minimum-just a
few capacitors, a gain -setting potentiometer, and the
display. Although operation from a single supply voltage
will be more common, dual -supply converters will still
have a place for achieving high input impedance or true
bipolar conversions.
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Reducing system interconnections
with multivalued logic

Sending multiple voltage and current levels
over a transmission line enhances

processing capabilities of otherwise all -binary systems

by Clive W. Ross, Plessey Marine, Templecombe, Somerset, England

 Even though all present digital integrated circuits
work with binary data and control signals, binary logic
need not monopolize a digital system. The use of logic
based on more than two levels of voltage or current-or,
better yet, on multiple values of voltage and current -is
possible in parts of today's systems. It will greatly
expand the amount of information they can process and
does not even require the development of new multiple -
state devices.

Most efforts in multivalued logic circuits have concen-
trated on what may be termed a "first order" system,
which quantizes either the voltage or the current levels.
But greater processing capability can be obtained with a
"second order" system, in which both voltage and
current levels are used.

Consider a system in which a transmission path links
control circuits to other circuits where data is either
processed or acquired. Both ends of such a system may
work in a binary mode, but if a second -order nonbinary
regime is imposed on the transmission path, significantly

fewer interconnection paths are required. It can be done
very simply, by using present-day binary devices along
with analog -to -digital and digital -to -analog converters to
generate the multiple voltage and current levels required.
Nor need there be more than, say, three voltage states
and two or three current states to gain the promised
improvement over strictly binary systems-four to ten
times their information processing capability.

The simplest system

To back up a little, a simple device that can be used in
a first -order nonbinary system is the familiar tri-state
integrated circuit. Although the tri-state device works in
the binary mode, it may actually generate more than two
output states. Two of the states in a typical tri-state
device are the normal 1 and 0 conditions, while the third
is a high -impedance or off state, which permits the
device to be controlled by some other source by means of
a bus. A bias network can be used at the output of the
device to assign an arbitrary voltage value to this third
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1. Second -order nonbinary system. Multiple voltage and current levels are generated for single -wire multiplexing. V, converts the binary
input signals into several voltage levels, while I, detects current flow in x -x line. V2 converts the levels back into binary format so logic may
pass desired data. 12 detects data, changing current on line, passing data to output. Digital (a) and process -control systems (b) are similar.
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2. Digital -data application. Practical nonbinary system may be easily implemented. Two-bit d -a converter assumes duties of V, in Fig. 1; a -d
converter is V2. Logic drives current sink 12. Comparator is I,. Offset buffers calibrate current sinks.

state. Thus it is shown to be possible for three voltage
levels or, alternatively, three current levels to be gener-
ated from binary input signals.

A second -order binary system is a more complicated,
but easily understood, network. Generally speaking,
binary control signals retrieve data from a data source
through a bidirectional transmission line and deposit it
at a designated point in the operating system. To do so,
they must generate several voltage levels on the trans-
mission line. Returning on the line is a multicurrent
feedback signal corresponding to the retrieved data.

The basic idea is the same for both a digital data
application (Fig. la) and a control application (Fig. lb).
Voltage source V, converts the binary input signals into
one of several voltage levels, while circuit I, detects the
resulting current flow in the x -x line. Circuit V, detects
and translates the voltage levels back into binary format
at the receiver end. 12 detects a data feedback signal,
which is a function of the data on the line selected, and
changes the line current. Finally the data is transferred
to the output.

Some applications
The relationship of this block diagram to various

applications can be easily demonstrated. In many cases,
only a single wire and ground will be needed for the data
multiplexing.

Figure 2 shows a digital data application-a circuit
using two converters, a comparator, and two -state
current sinking. Obviously there could be multistate
current sinking and the use of multiple comparators, but
for simplicity's sake only two current states and four
voltage states are considered.

As shown, the 2 -bit d -a converter generates four
voltage levels and sends these control signals through
line x - x. The offset buffer applies some low potential to
the line to allow calibration of the current sink.

At the receiver, the voltage steps are level -shifted by
the buffer and fed to a simple analog -to -digital
converter, which in turn feeds a decoder and four gates.
The gates are enabled by the binary signals from the a -d
converter, permitting the data already on particular
gates to pass through to the current sink. The constant -
current sink switches on or off, depending on the state of
the gate array. The data, either a 1 or a 0, is sent back
through the line to appear at the output of the compara-
tor. The comparator detects the current changes in the

line by using a reference input voltage derived by a
constant -current network. In this case, four lines of data
have been interrogated and read out at a remote loca-
tion, using a single line plus ground.

A control application is also easily implemented.
Consider a magnetic -tape recording system having 24
channels and three operating modes (normal playback,
playback from record head, record), in which it is
desired to detect the magnitude of the bias current
flowing through the tape head during a recording period.
This information is to be fed to a remote unit containing
a number of light -emitting diodes that indicate system
status. There are thus five conditions of the system that
must be identified: these three voltage states plus two
bias -current states. These conditions can be detected
with a three -voltage - two -current -state circuit using
only a single control line per channel. For example,
suppose the system has these voltages and currents:
 Normal playback: 0 volt.
 Playback from head: 10 v.
 Record: 20 v.
 Record bias current, below normal or zero: 0 - 0.5
milliampere.
 Record bias current, normal or above: 5.0 MA.

Circuit details

A simple three -voltage - two -current transmitter for
this circuit is shown to the left in Fig. 3. A switch selects
the mode desired, and a two -level current sensor, Q,,
determines the relative magnitude of the bias current.

When the switch is in the record mode, a 1 -hertz
oscillator is connected through diode D, to the red lamp,
the bias -current indicator. Then if a logic decision made
at the receive end indicates normal bias current, the
command -line current rises, transistor Q, saturates, and
the lamp will fully be biased on. Otherwise, the lamp will
be controlled by the oscillator and will flash a warning
indicating low bias current.

A circuit using simple comparators is needed at the
receiving end, to translate the quantized voltages back
into binary form. Also needed is a means of applying a
binary signal to a current sink that is controlled by some
final event, to acknowledge that the chain of command is
by then complete.

In Fig. 3, the ratios of resistors R, to R2 and R3 to R4
are selected so that Q, and Q5 saturate at control -line
potentials of 10 and 20 v respectively. Under certain
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circumstances Q4 and Q5 assume opposite logic states.
So diode D2 has the important function of preventing the
condition where they try to force point B to assume two
different logic states simultaneously.

When the record command is detected, the logic
connected to the binary output points A through D
activates the record -head circuits. The bias current is
detected by D3 and turns on Q2 if the current is greater
than 5 MA, and consequently the current on the control
line will change.

4. Modification. The addition of one current sink and the use of two-
color LEDs provide a three -voltage - three current circuit for moni-
toring a gas turbine system. The output circuit is simplified, because
the diodes convert line current changes directly, needing no tran-
sistors, comparators, or current sinks.

An interesting transmitter is shown in Fig. 4. Though
extremely simple, it produces three voltage states and
three current states. Two current sources and red/green
LEDS provide more capability than the previous circuit.

Conventional binary -logic circuits are in wide use, and
the use of tri-state devices is expanding. It seems certain
that nonbinary systems will soon have considerable
impact in many areas, particularly as a practical second -

order binary system could have 10 times the information
capacity of its binary counterpart. 0
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The right gyrator trims
the fat off active filters

Replacing inductors with gyrators
creates almost perfect filters

by Thomas H. Lynch, Bunker-Ramo Corp., Electronic Systems Division, Westlake, Calif.

 Analog filters exhibiting nearly ideal performance
can be built around a gyrator-if the right configuration
of this active circuit is used. In effect, the gyrator makes
a capacitance behave like an inductor, freeing the filter
of the problems plaguing conventional inductors, like
large size, low Q, winding capacitance, nonlinearity, and
magnetic susceptibility.

Yet most designers look upon the gyrator as an ideal-
istic circuit with a "peculiar" behavior that puts it out of
touch with practical applications. This attitude com-
pletely ignores its power. Unlike other active -filter
circuits, the gyrator permits the designer to take advan-
tage of the large body of data and techniques already
developed for passive LC filters. He can start with a
passive prototype circuit and then replace each inductor
with a gyrator, substantially reducing filter size and
weight for frequencies up to about 50 kilohertz.

Fortunately, too, there is one gyrator realization that
works superbly. Not all of them do-in the past,
different versions have suffered from drawbacks like
instability, poor control of loss, sensitivity to component
matching, and even excessive complexity. But the
preferred version is simple and stable and simulates a
high -quality inductor, permitting very high-performance
filters to be realized. In addition, this gyrator, unlike
other active -filter circuits, preserves the most significant
advantage of coupled LC networks-their inherently low
sensitivity to changes in component values (see "The
strength of LC filters," p. 116).

Understanding the gyrator

Basically, the gyrator is a lossless two -port circuit
(Fig. la) that inverts a load impedance. When used with
a high -Q capacitor (Fig. lb), it simulates the virtual
characteristics of a high -Q inductor. The preferred reali-
zation for the gyrator requires only two amplifiers and
five impedances, as shown in Fig. 2 for both the general
impedance representation (a) and the practical RC
implementation (b). In the latter case, the circuit simu-
lates an inductor having a value of KC, where K is a
constant determined by the resistors:

K = RIR3R5/R2

At first glance, this gyrator's need for two amplifiers
may seem a disadvantage. However, consider the major
drawback of most single -amplifier resonators. They
generally require an amplifier having a gain in excess of
Q2; and those that do not usually are extremely sensitive
to passive -element variations. On the other hand, the
gyrator does not require a high -gain amplifier-in fact,
stable Qs of better than 1,000 may be obtained with only
40 decibels of gain. Furthermore, unlike other active -
filter circuits, the gyrator is remarkably insensitive to
any amplifier parameter, so it may be built with garden-
variety devices, even quad chips, as long as they are
unity -gain -stable amplifiers.

Additionally, with the gyrator, amplifier phase shift
enhances Q, rather than diminishing it as in other active -

1. Ideally. Coupled LC filters simulated with gyrators have character-
istics approaching the ideal. In effect, the gyrator is a lossless two -
port circuit (a) that inverts a load impedance. With a capacitive load
impedance, the circuit (b) simulates a high -quality inductor.
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The strength of LC filters
In theory, coupled LC filters have the lowest sensitivity to
component variations. These doubly terminated reactive
two -ports produce a frequency response by reflecting
power back to the source in the stopbands.In the pass -
band, power transfer is maximum at natural modes (a)
determined by the filter's transfer function.

In the real world, a change in any inductor or capacitor
making up the filter can only cause a loss in the load
power-down from the maximum. This power loss at one
of the natural modes (f1) increases monotonically (b),
while at frequencies other than the natural modes, such as
f2, a small loss exists because of the ripple caused by
reflected power. At any point within the passband, then,
the change in loss has a well-behaved and slowly varying
characteristic that follows the changes of any inductor or
capacitor in the network.

Since no one inductor or capacitor determines a natural
mode, a change in any single inductance or capacitance
can only partially affect the shift in a natural -mode
frequency. It follows that coupled LC filters are inherently
insensitive to changes in component values. Similarly, if all
of the inductors in the filter are replaced by gyrators, this
insensitivity to component variations does not change,

0

LOSS

(a) fi

NATURAL MODES

f2

since the gyrator is an active circuit and adds no dissipa-
tive elements to the filter.

Other active -filter circuits, however, like the biquad and
state -variable or universal active filters, are developed
from the state equations describing a second -order
transfer function. Since these circuits duplicate the prop-
erties of a second -order (one complex pole pair) LC filter,
their component sensitivity is still the same as for coupled
second -order networks. On the other hand, extension to
higher orders requires factorization of the transfer function
into biquadratic (second -order plus lower -order) factors,
each of which specifies a separate Q and natural -mode
frequency. The desired transfer function is then realized by
cascading biquadratic stages. Since these stages are
uncoupled, changes can easily occur in the amplitude or
frequency of the simulated modes, making the high -order
filters built this way sensitive to component variations.

An alternative is the design approach called leap -frog. It
implements the state equations of the prototype LC filter
directly, using integrators and summing amplifiers. But
though the resulting filter does have about the same low
sensitivity as the equivalent coupled LC network, the final
circuit can become very complex for high -order functions.

LOSS

( b)

0

AL OR AC

EQUIVALENT EQUIVALENT
I TO TO

2. Realistically. Preferred gyrator realization (a) requires two ampli-
fiers and five impedances. In practical RC implementation (b), impe-
dance Z, is a capacitor, and the other impedances are resistors. The
gyrator may also be represented by the special symbol shown here.

filter circuits. At the ideal phase shift of 90°, the Q of the
simulated inductor is approximately equal to that of the
capacitor being used. If the phase shift is greater than
90°-which is usually the case-the Q becomes even
higher.

Needless to say, the inductor the gyrator simulates is
not perfect -the gyrator can be no better than the
resistors and capacitors with which it is built. Of the two,
resistors are less worrisome, for tin -oxide, metal -film,
and thin-film types all perform acceptably. Capacitors,
on the other hand, are the weakest link in the gyrator
circuit, and there are usually two or more of them per
complex pole pair. They impose the first limitation-
maximum Q-in any realization, and their capacitance
may change a lot with temperature. The table reviews
the important characteristics of a variety of capacitor
types. Generally, NPO ceramic devices are least affected
by temperature, whereas polypropylene units achieve the
highest Q.

Creating a floating gyrator

One seeming limitation of the gyrator is that it is
grounded at one end. But the floating inductor often
needed in a filter can be simulated successfully-for
example, by connecting two grounded gyrators. How-
ever, this does not necessarily mean that an extra gyrator
is required for every floating inductor in a passive LC
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filter. Figure 3a shows two gyrators sharing the bottom
resistor, R5, at opposite ends, so as to simulate a single
floating inductor. This resistor is described in the gyra-
tion constant:

R1R3R5
L - D C

The equation may be rewritten as:

CRIR3L - R5
R2

which says that the simulated inductance is directly
proportional to the value of R5. Therefore, if R5 in fact
becomes a loaded port for the gyrator, the simulated
inductance will depend on the value of resistance
connected to that port.

A cursory examination of the preferred gyrator reali-
zation (in Fig. 2b) will reveal a corollary to the above
relationship. Between the top of R (the input port) and
the bottom of C, a voltage null exists because of the
amplifiers' input connections. Therefore, the port to
which R5 is connected has the same voltage as the input
port (although the currents are not the same, otherwise
an apparent inductance could not exist). As a result, the
input impedance, ZIN, is also proportional to resistor R5.

This resistor could even be a network of resistors to
describe the topological connections, of, say, a T or pi
network of inductors, as indicated in Fig. 3b.

Designing another floating gyrator

Indirectly, a floating inductor may be achieved in
another way-one that opens up other possibilities for
converting a passive LC filter to its active equivalent.
When a second capacitor is added to the gyrator and one
resistor removed, the circuit becomes a functionally
dependent negative resistor (FDNR)-an element that
appears to be a negative resistance that decreases in
value with frequency.

Consider the transfer function for the basic impedance
converter of Fig. 2a:(

ZIN (ZIZ3Z5)/(Z2Z4)

If Z, and Z3 are capacitors and the other impedances are
resistors, then:

Z, = Z3 = 1/sC

where s = jw. The input impedance can then be written
as:

1 R5 I R5
ZIN = FDNR = C2R2R4 - C2R2R4

This element may be used to solve the problem of
simulating floating inductors in low-pass filters. The
technique is simple-just divide all elements by s, which
is the complex variable, and then replace the 1 /s2 terms
with an FDNR, as shown in Fig. 3c. The floating induc-
tors become resistors having a value of L. Resistor RA
and resistor R8 simply provide bias and response for the
circuit at dc.

Although the gyrator is not the easiest circuit to
understand, designing with it is really not that hard.
Suppose the requirement is for a double -tuned bandpass

CAPACITOR

Type

CHARACTERISTICS

(at 1 kHz)

Temperature
coefficient
(ppm/°C)

Temperature
range (°C)

Mica 600 1 to +70 -55 to +125

Polystyrene 2,000 -150 ±50 -55 to +85

NPO ceramic 1,500 ±30 -55 to +125

Polypropylene 3,000 -115 -55 to +125

Glass 1,500 +140 ±25 -55 to +125

Polycarbonate** 500 , 50' -40 to +100

Mylar"" 100 large -55 to +85

Polyester*" 100 -160" -40 to +100

Porcelain 2,500 ±25 -55 to +125

"0°C to 50°C .0 and C nonlinear functions of frequency and function

3. Floating. Lower terminal of basic gyrator (Fig. 2b) is grounded. To
float the circuit, two gyrators may share the same resistor (a), or a
network of resistors (b). Floating inductors may also be simulated (c)
with functionally dependent negative resistors (FDNR5).
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4. Bandpass filter. Double -tuned bandpass filter of (a) may be built
with two gyrators, as in (b). Sharing resistor RLM, the grounded
gyrators simulate the pi network of inductors in the passive version.
All of the amplifiers may be general-purpose devices.

filter, like the one drawn in Fig. 4a. The procedure is
straightforward. First compile the design data required:

e the desired passband ripple, expressed in peak -to -
peak decibels;

fo, the center frequency in hertz;
fr, the ripple bandwidth in Hz;
C, the capacitance value for both C,, and Cs in farads;
r, the termination ratio of Rp/Rs.

Next, calculate these variables:

A = (10"°) -1

12(1 - 'M)" + r + (1/r)- 2 - 2(1 -A2)"2

Q' = fo/fr
a = 2(1 -A2)"
X = [a (1 + q2)]'/2
Q = Q' X

X' = (I + cell+ [a2 + 4006'20-
a2

Then compute the design results:

Rs -
CrWO 1/2

R,, = Itsr

Lm - Rsru2
wog

LML = L,-
P WO2C LM - 1

G - ri/2 1 +

where Go is the midband gain.

X'BW(3 dB) = -X fr

where BW(3 dB) is the 3 -dB bandwidth.

Building a double -tuned filter

Two gyrators replace the pi network of inductors, as
shown in Fig. 4b. Now assign the same capacitance value
for C as that chosen for Co and Cs. The amplifiers may
be a quad -type 4136, since choosing such a device
ensures a good match between the amplifiers for
optimum gyrator performance. Next, determine the
gyrator resistances from:

L, = (R,R3RL,C)/R2

It is good practice to maintain the resistances at about
the same value, so assume:

R, = R2 = R3 = RLP = R

Then:

R2 = LP/C

The value of R should be large enough to minimize
amplifier loading and slightly smaller than the amplifier
differential input impedance. For convenience, choose
the closest standard value for R and let:

R=R,=R2=R3
Then compute:

AgainRP =sellecPt a/C Rnearby standard value for R Lo and scale

RLM/RLP = LM/LP

This ratio must be maintained, since it determines the
coupling in the circuit. All of the component values are
now known. The tolerances for C may be ± 5% and
± 1% for R, although the tolerances for R,.6 could be
looser as long as the devices' environmental characteris-
nes are acceptable.

Tuning the filter

Tuning is simple. Overall Q has already been deter-
mined by the value of RLM. Using point A as the output,
the primary (left-hand) gyrator is set by shorting point B
to ground and adjusting R, or R2 to achieve resonance at
the center frequency. Reducing R, (by shunting it) will
decrease Lp, raising the resonant frequency. The reverse
holds for R2. Tune for 0° phase shift relative to the
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5. Aliasing filter. Number of floating inductors in low-pass aliasing filter (a) makes implementation with grounded gyrators difficult. Instead
FDNRs may be used (b), each of which requires two capacitors (c). The final circuit (d) employs only three of these FDNRs.

source. Next, disconnect point B from ground, and tune
R4 or R5 for 90° phase shift (at the center frequency) at
the output, or point A, which is equivalent. (Tuning with
a Lissajous circle can provide accuracy to better than
20.)

A second example demonstrates how to design with
FDNRS. The requirement is for a low-pass aliasing
filter -a seventh -order Butterworth circuit having a I-
ds corner at 15 kilohertz.

Using functionally dependent negative resistors

A prototype circuit (Fig. 5a) is first obtained from one
of the standard tables in existing literature. Here, the
number of floating inductors prevents easy implementa-
tion with the grounded gyrators, and the best approach is
to use their close relative-the FDNR.

To convert the LC prototype circuit to an FDNR reali-
zation, first normalize the corner frequency to 1 radian
per second. Next scale the circuit for frequency by
dividing the inductors and capacitors by 27r(15 kHz), and
then scale the impedances for a convenient capacitor
value, say 0.01 microfarad or 1/(0.01 x 10-6) ohms, in
which case multiply the inductances by 108 and divide
the capacitances by 108. Finally, dividing all of the
network impedances by the complex variable, s, results
in the FDNR realization of Fig. 5b.

Each FDNR is actually the basic gyrator configuration,
but with two capacitors (Fig. 5c) instead of just one. In
this example, all of the resistors, except R5, are set equal
to 1 kilohm, and the two capacitors to 0.01 microfarad
each. Then R5 may be computed from:

R5 = (R2R4C1C3)/D

where D is the impedance value of the FDNR. Therefore,
for D1, R5 = 524 ohms; for D2, R5 = 674 ohms, and for
D3, R5 = 1.437 kilohms.

Figure 5d shows the final circuit, in which all seven
capacitors have the same value, an essential point in low-
cost design. The circuit may be built with 1% resistors
having values closest to those computed and with NPO
ceramic capacitors screened to tolerances of ± 1%.
Again, garden-variety amplifiers, like the 4136 quad,
perform well enough for the purpose. CI

Bibliography
L T. Bruton, "Nonideal Performance of Two -Amplifier Positive Impedance Converters,"
IEEE Trans. Circuit Theory, Vol. CT -17, No. 4, pp. 541-549. November 1970.
G. C. Temes and S. K. Mitre, "Modern Filter Theory and Design," John Wiley & Sons, New
York, 1973.
A. Antoniou and K. S. Naldu, "Modeling of a Gyrator Circuit," IEEE Trans. Circuit Theory,
Vol. CT -20, No. 5, pp. 533 - 540, September 1973.
A. S. Sedra and J. L. Espinoza, "Sensitivity and Frequency Limitations of Biquadratic Active
Filters," IEEE Trans. Circuits and Systems, Vol. CAS -22, No. 2, pp. 122 - 130, February
1975.
A. Antoniou and K. S. Naidu, "A Compensation Technique for a Gyrator and Its Use in the
Design of a Channel -Bank Filter," IEEE Trans. Circuits and Systems, Vol. CAS -22, No. 4, pp.
316 - 323, April 1975.

104



Designing with
nitride -type EAROMs

Being nonvolatile and reprogrammable, electrically
alterable read-only memories fill the needs of such systems

as TV tuners, phone dialers, and point -of -sale terminals

by Brian Cayton, General Instrument Corp. Microelectronics Division, Hicksville, N. Y

0 Attracting the attention of digital -system designers is
the electrically alterable read-only memory, or EAROM.
First available in volume production about a year ago,
the electrically alterable ROM is unique among semicon-
ductor memories in combining nonvolatility with repro-
grammability. Like the ordinary Rom, it needs no power
to retain data; and like the random-access memory, it is
electrically erasable and system-reprogrammable over
and over again-in contrast to the 2708 -type repro-
grammable ROM, which requires ultraviolet light for
erasure. In other words, the device operates like an
erasable ROM or a nonvolatile RAM.

As such, it fits the needs of a good many electronic
systems better than either a RAM or a ROM. For instance,
it is perfect for storing channel voltages in inexpensive
digital television varactor tuners. In telephone dialing
systems, it is the most efficient way of storing and
updating phone numbers. It can be designed into point -
of -sale terminals for updating inventory and price infor-
mation or into industrial control equipment for storing
process routines or numerical -control data. It can even
be built into security systems as part of an electronic
lock storing a code the owner can change at will.

Moreover, while not intended for mainframe applica-
tions, which require RAMS with access times in the 150 -
to -300 -nanosecond range or for main program storage,
which requires ROMS in the 500-ns range, MNOS alterable
Roms are improving dramatically in speed. Access times
in new devices are as fast as 750 ns, and erase and write
times are in the 10- and 1 -millisecond ranges respec-
tively. This makes their performance a perfect fit in
systems wherever human input over a keyboard or a dial
controls the operation, as in phones, iv sets, or calcula-

tors, and where high speed is not critical, as in some
microprocessor -based systems, such as point -of -sale
terminals and surveillance gear.

The longest -established way of making semiconductor
storage nonvolatile is to put a nitride layer beneath the
memory's metal -oxide -semiconductor gate electrode.
This method is used in the memories listed in the table
below. (Electrically alterable ROMS using an alternative
approach-a floating -gate structure-have recently be-
come available and are compared to the mNos types in
"An alternative," p. 110.)

A lucky chance

Like so many discoveries in electronics, nitride's value
as a changeable yet permanent mos storage mechanism
was stumbled upon by accident. It all started with the
standard p -channel mos transistor, which with a nega-
tive bias applied to its gate repels negative charges from
the substrate into the region forming the channel
between the source and gate. At the same time, positive
charges (holes) are attracted to the channel, changing it
electrically from n- to p -type material and causing
conduction between drain and source.

A simple mos field-effect transistor of this type has an
operating threshold voltage of 3 to 4 volts, too high to be
driven by the 2 -to -3-v signals of standard transistor -
transistor logic. The most likely remedy appeared to be
the substitution of silicon nitride for the silicon dioxide
of the gate dielectric, because the nitride's higher dielec-
tric constant and greater resistance to ion migration
were expected to lower threshold voltage.

But to the surprise of the early experimenters, the
silicon -nitride transistor exhibited an unstable threshold,

Part Size (bits)

OPERATING TIME

Organization

OF ELECTRICALLY

Alterability

ALTERABLE READ-ONLY MEMORIES

Write time (ms) Erase time (ms)Read access time (µs)

ER1105 1,024 256 by 4 block 2 10 100

ER1400 1,400 100 by 14 word 10 10

E R2050 512 32 by 16 word 6 100 100

ER2401 4,096 1,024 by 4 chip 2 10 100

ER2800 8,192 2,048 by 4 chip 2.6 10 100

ER3401 4,096 1,024 by 4 word 0.95 1 10

105



GATE ELECTRODE (ALUMINUM)

SILICON
NITRIDE

DRAIN

A
SILICON
DIOXIDE

SOURCE

1. The basic transistor. To decrease their operating threshold,
MOSFETs use a silicon -dioxide - silicon -nitride sandwich as their gate

oxide. Without the dioxide, the nitride would store charge-a charac-
teristic exploited in nonvolatile MOS memory design.

one that varied up and down as the device was switched
off and on. It turned out that charges were tunneling
from the substrate into the nitride and being held there
in "trap sites." So device specialists were quick to
abandon this simple nitride structure for one containing
a layer of silicon dioxide deposited between the silicon
nitride and the silicon substrate (Fig. 1). In this struc-
ture, the so-called metal thick -oxide nitride semicon-
ductor device, the oxide was thick enough to prevent
charges from tunneling through into the nitride layer,
yet thin enough to exploit the superior silicon -nitride
characteristics. This MTNS transistor, which was stable
and possessed a TTL-compatible threshold, became the
basis for today's mainline mos device technology.

However, in the late 1960s, researchers found that
they could harness the hysteresis effect of the older
silicon -nitride devices by reducing the thickness of the
silicon dioxide from 500 angstroms to approximately 25
angstroms. Being so thin, the silicon dioxide allows
charge to tunnel through it when a high enough voltage
(25 - 30 v) is applied to the gate. This charge is then
trapped in the silicon -dioxide - silicon -nitride interface,
and since both the oxide and the nitride are high -
quality insulators, it remains trapped for a very long
time. (Data retention for General Instrument devices is
guaranteed for 10 years.) This nitride structure is basic
to today's mNos memory devices.

A typical mNos transistor is put (or written) into the
low -condition state by the application of - 25 to - 30 v

to the gate. This drives electrons from the interface
region through silicon dioxide into the silicon substrate
and leaves the interface region with a net positive charge
(Fig. 2a). The charge has the same effect as a positive
gate bias, opposing the field produced by normal logic -
level, negative signals applied to the gate. The result is a
very high threshold, typically - 12 v, and this condition
serves as the off state of the transistor.

How it works

To put the cell into a low -threshold (high -conduction)
or on state, a positive voltage is applied to the gate (Fig.
2b). This positive voltage attracts electrons into the
interface, producing a negative charge that aids negative
logic signals applied to the gate.

The memory transistor illustrated is, unfortunately,
not quite practical: in the erased state, the threshold may
be so far below the transistor's bias voltage that the
device is always on. Additionally, the gate -enhanced
source -to -drain junction breakdown is so low as to cause
unreliable operation.

Both of these problems are solved by the three -gate
structure shown in Fig. 3. In this structure, the high -
threshold state is still approximately - 12 v. But because
the oxide in the noncritical gate region is now at least 10
times thicker than in the thin storage area -400 as
against 25 angstroms-the low threshold is pegged by
this nonmemory region to approximately -2 v.

Moreover, in this three -gate structure, it is possible to
tailor the process parameters to fit the best possible
tradeoff between data retention and erase/write or
switching time. As the thickness of the silicon dioxide is
decreased, the shortened charge -injection path decreases
switching time. The thinner oxide, however, also allows
easier charge leakage and so decreases data retention.
On the other hand, increasing the nitride trap density
allows faster writing and erasing, but creates dispersion
paths through the nitride, shortening data retention. The
decision at General Instrument was to adjust these
parameters to obtain a minimum data retention of 10
years and then optimize write/erase time. The ER3401,
for instance, has a guaranteed write time of 1 ms and an
erase time of 10 ms.

The simplest of the circuits that can write and read

-v

(a)

ce
0 0 0 0 0 0

0 0 O 0 0 0

1 1 1

Ib)

,rA
O=CSC=O=O=O
0 C

1
0 0

0 0 0 0

1 1 1 1
0 0 0 0

2. Writing and erasing. To write into an MNOS memory, a negative voltage is applied to the gate (a), repelling electrons from the nitride trap
sites in the silicon -oxide - silicon -nitride interface and setting up a net positive charge. Conversely, erasure of data from the MNOS memory
uses a positive voltage (b), which attracts electrons and results in a negative charge at the storage interface.
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FIELD
OXIDE

SOURCE

3. What the three gates do. This three -gate structure allows the
MNOS memory designer the optimum tradeoff between storage -gate
thinness and nonstorage-gate thickness. Here a 20 -angstrom -thick
silicon -dioxide layer In the center of the channel allows charge to
tunnel from the memory's substrate to the oxide -nitride interface
when a high enough voltage is applied to the gate.

and erase data is the two -transistor structure shown in
Fig. 4. (This cell is used in the 512- and 1,024 -bit
alterable ROMS listed in the table on p. 107.) The flip-
flop detects whether an addressed memory location is in
the low- or high -threshold state over a range of input
voltages. The same circuitry also writes a bit into or
erases it from the memory cell.

The cell's operation is unusually simple. Each contains

two transistors. Before writing, both transistors are
erased by being put into the low -threshold state.

To write, the gates are then biased with a negative
signal, and the flip-flop is switched into the desired state.
One memory transistor will then have a high gate -
voltage threshold, indicating a bit has been written into
it; .the other, which still is kept at source potential,
continues to have a low threshold. Reading is then
simply a matter of using the sense flip-flop to detect the
high -threshold transistor. In the erase mode, the drains
of memory transistors are placed at a negative potential,
as is the memory substrate. The decoder circuitry then
positively biases the gates of the memory transistors at
the selected address, erasing their contents.

Figure 5a is a simplified schematic of the device in the
write mode. Q, and Q2 are biased off, leaving the drains
of memory transistors Q3 and Q, floating. In this state
the memory gates are biased negatively. Pass transistors
Qg and Q10 are on, allowing the data signal and the
inverted data signal to pass through to transistors Q3 and
Q4, respectively. Now, if the data is a logic high (posi-
tive), Q3 will see a negative gate -source potential and
will be written. Q4, which has its gate source at the same
potential, will remain in the erased state.

In the read mode (Fig. 5b), Q, and Q2 are on,
providing supply voltage to the memory transistor
drains. As the first part of the read sequence, an internal
clock sends a preset signal to transistors Q5 and Q6,
momentarily shorting the outputs of the sense flip-flop,

WRITE

VDD

DECODE t

L_
MEMORY
SUBSTRATE

PRESET

VDD

Q3 04

1 MEMORY
SUBSTRATE
CONNECTION

J

SENSE
FLIP-FLOP

09

010

WRITE

0<

ERASE

DATA

4. Two transistors. The flip-flop of this two -transistor cell detects whether an addressed memory location is in the low -threshold or in the
high -threshold state over a range of voltages. The same circuitry also writes bits into the memory cell and erases them.
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Voltage (V) Time Voltage (V) Time Voltage (V) Time

pPD454 2,048 -2, +26 100 ms +5, +12 800 ns +36, -40 60 s
voltage to
pins must be
switched

ER3401 4,096 +5, -12,
-30'

1 ms +5, -12,
-30'

950 ns +5, -12,
-30'

10 ms
word erase
or block
erase

'no supplyswitching necessary

thus sensitizing the flip-flop. Then a reference -level signal
is provided to the memory transistors. As the erased or
low -threshold transistors will have a lower impedance
than the off or written transistor, one side of the flip-flop
will see a higher potential; this sets the flip-flop, so that
it is ready to drive the output transistors Q, and Qs,
which form a totem -pole output driver pair.

Although this circuit is fine for memory devices not
requiring high density (1,024 bits and less), its use of two
transistors per memory cell is a drawback. For higher -

density, 4,096- and 8,192 -bit electrically alterable ROM5,
a one -transistor cell is better (Fig. 6). In this configura-
tion, as with the two -transistor cell, erasing is necessary
to precondition the cell before writing. This is done by
biasing the gate with a potential that is positive with
respect to the substrate. The memory cell is then in the
low -threshold (logic 0) state. To produce a high-

threshold (logic 1) transistor, the gate is pulsed with a
negative voltage.

For reading these states, the gate of the memory cell is
provided with a reference bias voltage. A threshold lower
than the reference holds the cell off; a higher threshold
turns the transistor on. A constant current -source is used
to overcome any leakage that might occur from the
charged cell to the substrate.

Although not apparent from the circuits shown in
Figs. 4 and 5, the ability to put a complete memory on a
single MNOS chip required innovative processing as well
as clever circuit design. Early alterable ROMS were
complicated to use because positive gate voltages were
required to erase each cell. Since there was no way of

internally switching the high positive voltage required at
the memory transistor gates, these gates had to be
brought directly out to pins. It then was up to the user to
decode the gates with externally generated signals.

Processing helps, too

Epitaxial wafer processing, a technique developed for
bipolar transistors, provided a means of on -chip decod-
ing. By separating the mos gate from the substrate with
an epitaxial layer, a boron diffusion can successfully
isolate the gate -memory portion of the circuit from the
logic and decoding.

Secondly, because the memory substrate is now
isolated from the logic circuitry, the memory cell's input
voltage can be made independent of the voltage required
for the logic circuitry. If the memory transistor gate is
held at ground and the epitaxial layer is biased in the
negative direction, a positive gate -substrate potential
results that erases the device. The epitaxial layer can
alternatively be held at ground, while the gate is nega-
tively biased to allow writing. This makes it possible to
design parts that are not only chip -alterable, in which an
erase command erases the entire chip, but also word-

alterable, in which the user can address and erase one
word at a time without disturbing the contents of other
memory locations.

Thirdly, once the voltage -switching circuitry has been
placed outside the memory substrate on the fixed -
potential substrate, all control signals can be made rri-
compatible, while on -chip circuitry can buffer and
amplify them to switch supply voltages internally. This
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5. Writing and reading. In the write mode of an MNOS memory cell (a), 0, and Q2 are biased off, and the drains of memory transistors Qs

and a, are left floating. With pass transistors Q9 and Q,c, on, the data signal and inverted data signal pass through to Q3 and writea bit ontc

the storage transistor. In the read mode (b), the flip-flop transistor pair sends a signal to the output totem pole driver Q, and Q8.

makes the alterable ROM as easy to use as a RAM.
The use of epitaxy grants yet a fourth benefit, for it

permits zener diodes to be fabricated with better charac-
teristics than normal mos processing can give. Accurate -
value low -impedance zener diodes provide excellent
static protection, besides serving as on -chip regulated
voltage supplies.

Testing an alterable ROM

With alterable ROMS, the testing of factory parts
is relatively straightforward, consisting of writing and
then reversing in checkerboard fashion all I and then all
0 test patterns. As is the case with ordinary ROMS, the
more sophisticated test patterns used in dynamic RAM

are not required, since the relatively static nature of the
data storage makes soft failures and pattern sensitivities
unlikely.

Tests for data retentivity require plotting the decrease
in threshold voltage with time. Fortunately this degrada-
tion follows a predictable relationship, requiring just a
few points.

As for testing for threshold voltage, since it could vary
with individual part types, each type is tested for its

7. Up to date. In microcomputer -based

systems such as point -of -sale terminals, the
electrically alterable ROM can be used as a
nonvolatile data store for updating inventory
and price information. If the access time is a
key factor in the application, a low-cost RAM
may be used to receive the alterable ROM's
contents on system power -up.

6. A more compact design. Intended for use in high -density electri-
cally alterable ROMs, this one -transistor cell is erased by having its
gate biased positively and read when the threshold is compared to a
reference standard. A constant current source overcomes any
leakage from the charged cell to the substrate.

EAROM
(2,048 -BV -4 -BIT)

(a)

EAROM
(2,C48 -BY -4 -BIT)

8 -BIT MICROPROCESSOR

RAM

I/O

ROM

(la)

RAM

MICROPROCESSOR
I/O

RAM
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8. Tunings television set. In varactor tuning (a), the electrically alterable ROM stores digital information that goes to a digital -to -analog
converter to provide the proper bias to the varactor. In phase -locked -loop systems (b), the alterable ROM stores the proper division
information for the various desired channels by controlling the count ratio of the variable counts.

internally generated voltage reference, and the threshold
voltage is maintained at sufficiently reliable levels above
this reference. This is done by varying the bias voltage
until the point is reached at which the output of the
memory cell is switched. This adjustment can be done
either as wafer mapping, wafer probe, or final die test-
ing. In addition, all devices are "margin tested," a
process that consists of measuring the reference voltage,
\cf., and then increasing or decreasing it by an amount
determined to be equivalent to the change in threshold
over 10 years.

Applying the alterable ROM

Though the electrically alterable ROM is too new to
have accumulated a reservoir of general application
information, several basic configurations have already
emerged to guide a system designer. Figure 7 shows two
microprocessor -based systems that use the device.

In systems in which the microprocessor controls cash
registers or other peripheral equipment that uses manual

input, the electrically alterable ROM provides local
nonvolatile data storage that can be frequently updated.
This is the configuration of Fig. 7a, where the program
information handled by the two 2,048 -by -4 -bit ER2800
alterable ROMS is extensive enough to cope with the
inventory of many supermarkets and department stores.
The 2 -microsecond read times of these devices satisfy the
needs of even the fastest cash -register operator.

Other systems, while still requiring some nonvolatile
reprogrammable memory, may need part of their
data to be immediately accessible to a computer. A
credit-card - cash -register point -of -sale terminal is an
example. Any data needing fast access would then be
programmed into an ordinary Rom while the inventory
data would be coded into the alterable ROM. Since the
two kinds of ROM are generally compatible in voltage,
power, and pinout configurations, the same printed -
circuit board can hold both, with standard interface
circuits used in reprogramming the alterable ROM.

Another configuration (Fig. 7b) combines an alterable
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9. Dialing. An electrically alterable ROM in a repertory dialing system stores telephone numbers, which are then automatically supplied to the
dialing mechanism when requested by the user. This 4,096 -bit memory provides enough data to handle 64 16 -digit numbers.

ROM with a RAM to handle real-time situations where the
system must meet the requirements of many different
stores yet also react quickly to an individual store's
needs. On these occasions, where faster access times are
required than the alterable ROM can provide, the device
can automatically dump its contents into an inexpensive
RAM on system power -up. The RAM then provides the
program information, leaving the alterable ROM free to
be updated at leisure. Moreover, although not intended
as a scratchpad memory, the alterable ROM can also be
used with the RAM to provide data storage off line-a
configuration that could be useful for obtaining running
totals, say.

Large quantities of alterable Roms are also being used
in digital TV tuners, which exploit both the nonvolatility
and the reprogrammability of the devices. In the Omega
system developed by General Instrument (Fig. 8a), the
alterable ROM stores tuning information needed by the
varactor but formerly provided by much more expensive
potentiometer banks.

It works like this. The digital tuning information is
passed through a digital -to -analog converter to supply
the varactor with the proper tuning voltages. But since
varactors differ from device to device, these voltages
need tweaking, and if this is done with potentiometers
during assembly, it is a costly operation. An alterable
ROM, however, can be preprogrammed with the digital
information that goes to the converter, adjusting for the
varactor variations and providing a cheap and very
accurate method of obtaining the right voltages (See
Electronics, April 1, 1976, p. 86, for a full description.)

An alterable ROM can also be used to store the view-
er's own fine-tuning settings. Here, after selecting a
channel, the viewer fine-tunes the set by incrementing or
decrementing the data register with a simple chassis
switch. When he or she releases the switch, the data is
loaded back into the alterable ROM so that it always
contains the most up-to-date information.

Tuning applications are not limited to simple open -

loop tuners. A phase -locked -loop tuning configuration
controlled, by an alterable Rom is shown in Fig. 8b. In
typical phase -locked tuners, channels are selected by
varying the counter division ratio, which changes the
phase -locked loop frequency. In this circuit, the alter-
able ROM stores the proper division information for the
various desired channels, controlling the count ratio of
the variable counts.

:n operation, the crystal oscillator frequency is divided
down to provide a stable reference. The variable counter,
in conjunction with the prescaler, divides the local oscil-
lator to a frequency close to the reference. The two
signals are then fed to the phase detecter. Any error
between the reference and the present frequency is used
to adjust the varactor tuning voltage, reducing the error
and locking in the desired station.

In locks and dialers

In an electronic door lock (Fig. 9), the alterable ROM

stores the key code, which may be periodically changed
by the user against unauthorized entry. To drive the
latch that opens the lock, data from a keyboard is
compared with the data from the Rom and at the same
time fed to a counter. Any error in the data will inhibit
the unlatch signal. But if the full string of numbers is
entered into the counter without error, the counter over-
runs, the solenoid is powered, and the door latch opens.

Finally, there is the telephone repertory dialer of Fig.
10. This system uses a 4,096 -bit alterable ROM to store
64 16 -digit numbers. To select a number, the caller uses
either a push-button pad or a thumbwheel switch to
enter 6 address bits. In the program mode, the keyboard
provides binary -coded -decimal digit data as well as a
common signal for incrementing the address counter. As
each button is pushed, the digit is fed to the memory,
and on completion of the phone number, the counter is
incremented. To recall a number, the oscillator pulses
the 4 -bit counter, scanning through each of the digits of
the desired telephone number.
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