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-~systems was improved by eliminating responses due to tones of 

duration less than the system's time constant, system capability 

was severely limited by the number of different code tones which 

could: be used in the allotted modulation spectrum, while still 

keeping sufficient spacing between these tones. A certain mini-—-.. 

mum spacing between code tones was necessary due to the limited 

selectivity of the tone detectors used in the receiving equipment. 

‘The technical problems encountered caused most FM 

broadcast stations involved in "Storecasting" to eventually resort 

to a simple system’ where back-ground music was transmitted on 

one. subcarrier, and back-ground music interrupted periodically 

by commercial messages was transmitted on another subcarrier 

and directed at one subscriber only. In a given broadcast cover— 

age area, the targer store chains were naturally desirable as the . 

subscriber, leaving smaller businesses unable to even compete for 

the use of this new advertising means. This has caused legal 

problems in some areas due to its alledged discriminatory nature. 

, The MULTIPLEX SELECTIVE BROADCASTING SYSTEM 

described in the following chapters eliminates the problems previ- 

ously mentioned by providing a means for FM broadcast stations to 

provide an almost-untimited number of subscribers with a reliable 

"Storecasting"” service, as well as to continue to provide the 

. standard back-ground music service. 

It is a two-subcarrier system using 67 kHz as the back-— 

 



ground music subcarrier and 42 kHz as the commercial message 

subcarrier. Figure 2 shows the composite modulating signal 

spectrum of a transmitter used in ‘such a system. 

A patent application has been filed on the MULTIPLEX 

SELECTIVE BROADCASTING SYSTEM, but no final action has 

been taken as of this date (February 19, 1975). . 

The FCC Rules and Regulations pertaining to SCA sub— 

carrier use are included in the Appendix for reference. 
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CHAPTER II 

- DESIGN 

Design Goals 

The successful design of the MULTIPLEX SELECTIVE 

BROADCASTING SYSTEM was dependent upon the achievement of 

several design goals. | 

The primary goal was. the construction of a coding system 

with a very low error rate. If the reliability of such a system is 

less than perfect, embarrassing situations could arise, since such 

failures can cause one subscriber to receive another subscriber's 

_ message.’ The problem is evident if the message is a commercial 

message, and the subscribers involved are competitors, 

Other system requirements were low maintenance, ability 

to work in conjunction with SCA receivers presently on. the market, 

‘and reasonable cost: 

Figure 3 shows a block diagram of the basic MULTIPLEX 

SELECTIVE BROADCASTING SYSTEM. ‘The system consists of 

three basic sections; the 42 kHz subcarrier detector, audio fader, 

and. decoder. .. , , 

42 kHz Subcarrien Detector - 

Since the MULTIPLEX SELECTIVE BROADCASTING 

SYSTEM requires the use of two subcarriers, only monophonic FM 

broadcast stations can utilize such a system. Although a number 
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of different subcarrier frequencies can be used by monophonic 

stations, 42 kHz is most .generally used when the primary (back-— 

ground music) subcarrier is 67 KHz. 42 kKHz2 was therefore chosen 

as the secondary or "information" subcarrier. 

The subcarrier detector. used in this system is the filter 

type. A 42 kHz bandpass filter followed by an integrated circuit 

functioning asa combination limiter and detector comprises the 

basic subcarrier detector. 

The design. of the 42 kHz bandpass filter follows the steps 

outlined.2) A Butterworth type response was chosen because of its © 

flat pass-band response and low insertion loss. 

1. Specify the center frequency, Wo, and the 3 dB band—- 

width, W. . , 

a)W,= 21 Ff, = 27(42 X 10%) = Bs4rx 10° 

b) Qs 2Tfy. = 214 X 10%) = eerx 108 

2. Specify the skirt selectivity. - Let AdB be the atten- 

uation desired at some Frequency, wD,» beyond the . 

upper cut-off frequency. 

a) AdB = 30 dB 

b) WO, = 2rf, = 24(63 X 10%) = 1267 109 

3. . Calculate the normalized frequency ratio W bp- 

2CWi-D) _ 2 267x 108 -'84r'x 109 
wo. | 28ir X 103 
  DDbp = 

‘ 
  

2White Electromagnetics, Inc., Filters (Library of Congress 

Catalog Card Number 63-23232, 1963), p. 151 

“44- 

 



Fey) bp. = 3 

Using the Butterworth response plot in the cited 

reference, it is seen that three filter—sections are 

required when Dbp = 3 and AdB = 30 dB. 

The normalized element values for a three section 

Butterworth filter with equal source and load 

impedances are then determined from a table in 

the cited reference. 

a) L4 = 1.000 

_b) Co = 2.000: 

c) Lg = 1.000. 

The normalized values are then used in the com- 

ponent ‘equations for a capacity-coupled resonator 

bandpass filter to determine the component values. 

Figure 4 shows the general configuration of this 

type filter. The filter was designed for a source 

and load impedance of R = 8,000 Ohms, for con- 

venience. _ . / 1 
= © q@) ©) 

a) 2 ar (42 X 10%) (8 X 109) 
  

4/ . 1 

q) @)_ CG). 
2ar (42 X 109) (8 X& 103) 
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co) Laz=ltep=lo= Oar. oj » where Ql = De 
2p (42 X 103) _ QL = aTr_¢ ta 8 
2ar (14 X 10%). 

8 x 10% 
2 +r (42 X& 10%) (3) (1) 
  therefore, Ly~a=lpa=Lo= 

La =by = Lo = 10.1 mh 

_-t 8 1, 

D CAR wD, CAB = (8 X 108) Cm) (14 X 10%) 

(335 < 10718). 

  

Cp = 1086 pf 

~ Li we - — - 2 SB> Ra 7 CaBt CBO) = EX F63) Ga) G4 108) 
(770 X 10712) | 

  

Cp = 751 pf 

-bt _ = 1 _ 
9 PCHRD, Bc (8 X 109) @ar) (14 X 10%) 

(885 X 10712) 

  

Co = 1086 pf 

' Tapped tuning capacitors were used on the ends of the filter 

in order to obtain an input and output impedance of 500 ohms and 

2000 ohms respectively. These values afforded a better match to 

_ the driving-source impedance and load impedance of the devices 

used on either side of the filter. Since the reactance of a capacitor 

is inversely proportional to its capacitance » the ‘voltage across it at 

a given frequency is also inversely proportional to the capacitance, . 

Letting Cy be the total tuning capacitance and Cj the capacitor from 

the tap .point to ground, the voltage step up ratio is GL The 

C1]? C1C ) | P . 1 : P 1Ye : 
impedance step up is then EB - Cry is C1 + Cp” where Ce is 

- 14.-



the capacitor from the tap point to the top of the tuned circuit. 

“The relatively wide tuning range of the coils used in the 

filter allowed the calculated Capacitor values to be modified slightly 

in order to use available components. Figure 5 shows the response 

of the completed filter. Figure 6 is a echematic diagram of the 

complete 42 kHz subcarrier detector. Table 1 shows the components 

actually used in the 42 kHz filter as well as the rest of the detector. 

, The composite output signal from the tuner being ‘used is 

| applied to the 42 kHz bandpass filter through input buffer Qt - Q-1 

is an emitter-follower which allows either low-impedance or high- 

impedance sources to be used, while providing a constant source 

impedance for the 42 KHz bandpass filter. The 67 kHz trap on the 

input side of the emitter-follower provides initial attenuation of the 

67 kHz signal. The 100 pf coupling capacitor, C~2, works in con- 

junction with the input resistance of the emitter-follower providing 

some high-pass filtering to attenuate the main channel audio signal - 

also contained in the composite signal output. Figure 7 shows the 

frequency response measured at the output of the 42 kHz filter 

relative to the composite input. Comparing Figure 5 and Figure 7, 

the effect of the high-pass filtering and 67 kHz trap can easily be: 

seen... , | 

The output of the 42 kHz bandpass filter is applied to I1C~1 

via buffer transistor Q-2. .I1C-1 functions as a limiter and FM 

detector. A unique method of detection called "Linear Gating'is 

-~ 15 -
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ULN2111 or NS111A 

7400 

1N270 

1N270 

1N4148 

2N38394 

2N8894 

2N3394 | 

2N8394_—. a 1K 

2N3394 - | i 2.2K 

2N4125 | 220 K 

2N3394 | 100 

10 mh | 7 O- 10 K Pot. 
10.1 mh nominal (tunable) - 100 - 

10.1 mh nominal (tunable) 

10.1 mh nominal (tunable) 

10.1 mh nominal (tunable) . 

560 pf 

100 pf. ; 

1 

1800 pf 

.005 

300 pf 

1300 pf 

Resistor values are.in Ohms. 

Capacitor values are in pf unless otherwise noted. 

TABLE 1. 42 kHz SUBCARRIER DETECTOR. PARTS LIST   
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The audio output. of IC-1, pin 1, is applied to an audio 

amplifier stage. Q@-3. The audio output of Q-3 is further de- 

emphasized by. C-19 to reduce the background hiss often accompany- 

ing SCA transmissions. Normal 754s de-emphasis is provided by 

C21 from pin 14 of IC-1 to ground. The audio output of Q-3 is 

applied to the 42 kHz input of the ‘audio fader network. Low-level 

audio output from IC-1 is applied to the conference call amplifier 

through Volume control R-16.- 

The output of the 42 kHz bandpass Filter is also applied to 

the carrier detector portion of the 42 kHz subcarrier detector as 

shown in Figure 6. 

The signal is amplified by Q-4 and applied to the voltage- 

doubler composed of CR-1 and CR-2. The filtered De output drives 

the NPN/PNP configuration made up of Q-5 and Q@-6. €mitter 

follower .Q-7 drives the Schmitt trigger composed of the two 2- 

input nand gates. 

R-22 is normally adjusted so that the output of the Schmitt 

trigger is a logic "1" when the level of ‘the 42 kHz carrier is 

normal, and a logic "oO" ‘when the 42 kHz carrier level drops 10. 

dB below its normal level... This signal is used as a "reset" 

signal at the end of a message on the 42 kHz channel, and causes 

the 67 kHz background music material to be switched back to the 

- subscribers audio system. Capacitor C-27 provides approximately 

— 20.-    



a one-second time delay to this action to prevent momentary carrier 

“interruptions from effecting a "reset". The carrier detector output. 

is. connected to each code module board. 

| Audio Fader 

The Audio Fader Circuit has two inputs and one output . As 

shown in Figure 8, the two inputs are the audio. output from the 42 

kHz subcarrier detector and the audio output from the 67 kHz sub- 

carrier detector in the SCA tuner being used . The output is either 

the 42 kHz audio or the 67 kHz audio depending upon the logic state 

of the "fade" input. The "fade" line is essentially the output of the 

decoder. Whena code number has been received which coincides 

with a programmed number, the "fade" line will switch from the 

logic "O" state to the logic "1" state. When in the logic "1" state, 

transistor Q-3 is saturated, essentially grounding its collector. 

This causes C-4 to slowly discharge through R-10. 

C-4 discharging slowly removes the forward bias from diodes: 

CR-1 and CR-2, When forward biased, approximately 30 dB of 

attenuation is obtained between Q-i's output and output stage Q-4's 

input due to the voltage-divider action of R-5 and GR~1 followed by 

R-7 and-CR-2. 

With C-4 discharged, the 42 kHz audio passes through to 

the output stage with little attenuation. The switching action accom— 

plished is a slow transition from one audio source to the other, 

the volume of one fading down as the volume of the other fades up. .  
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The above described action in the 42 kHz leg of the audio 

fader is just reversed. in the 67 kHz leg of the audio fader. The 

"fade" input switching to a logic "1" turns on transistor Q-S which 

cuts off transistor Q-6. This allows C-13 to slowly charge through 

R-21. This slow charging action slowly attenuates the 67 kHz 

audio signal as diodes CR-4 and CRS become more and more 

forward-biased. 

When a Hreset!" signal is generated by the carrier detector | 

described in the previous section, the decoder is cleared and the - 

"fade" line. returns to a logic "oO", Reverse actions occur in the 

two legs of the audio fader causing the back-ground music to be 

slowly faded back up to full volume. Adjustments R-4 and R-28 

on the ‘input buffers set the input audio levels at about 200 mv 

peak. The audio level must be kept at or below this 200 mv 

level so that no clipping due ‘to CR-1, CR-2, CR-4 and CR-5 

occurs. | 

The program balance control R-13 adjusts the relative 

output level of the two audio sources. It is generally desirable to 

adjust this so that the 42 kHz audio level is approximately 6 dB 

above the 67 KHz back-ground music level, 

The low-level audio output from transistor Q-4 is used to- 

drive the audio power amplifier used in the system. 

Decoder Operation 

As previously mentioned, the reliability of the Decoder was 

-e23 -  



of utmost importance in. the design of such a system. A very low 

error-rate was necessary for successful operation. The high 

signal-to-noise ratios necessary in such a system alleviate the 

“problem somewhat, but impulse-type disturbances can still be 

encountered. | 

AFSK (Audio Frequency Shift Keying), sometimes referred 

to as transitional keying, was chosen as the method for code trans- 

mission. . The Frequencies: selected were 600 Hz and 1500 Hz. A 

transition rate of ten transitions per second was selected. This 

rate corresponds to the nominal pulsing .rate of a standard telephone - 

dial which can then be used for generating the code sequences at 

the transmitting end of such a system. A system similar to this 

“is used for the MTS. (Mobile Telephone Service), both land mobile 

and marine mobile. | 

System reliability is derived from the fact that the pre- 

- sence or occurrence of either tone contains no information. An 

information bit is detected only when a transition from one tone to 

the other occurs within a preset time interval. 

A digital technique was developed to detect these information 

bits. ‘The technique used is called CEG (Cornplementary Edge 

Gating). 
Figure 9 is a block diagram of the complete Decoder. 

Figure-10 is a timing diagram showing the state of: the corres— 

pondingly-labeled points on the. block diagram during a 600 Hz to 

7 24 —-
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FIGURE 10. DECODER TIMING DIAGRAM (600 Hz to 1500 Hz Transition) 

  

      

  

  

  

  
  

  
  

  

      

  

  

  

  

  

  

  

  
  

  

  

  

     



1500 Hz transition. 

Line A is the audio signal derived from the 42 kHz sub+ 

carrier detector. Line B is the digital output of the 600 Hz tone 

detector,’ and line C is the digital output of the 1500 Hz tone 

detector. . Lines E and F are the complements of B and C respective- 

ly. Line D is the tone detector output which is a logic "1" when 

either tone is present and has a time constant associated with its © 

trailing edge such that it stays at a logic "1" during normal tone 

transitions. — The signals on lines E, B, Cc, and F are differentiated — 

and applied to Schmitt triggers as shown on lines G through Ne By 

"gating line L with line N and_line K with the line M in the transition 

| detector, an output pulse is obtained, as shown on line Oo; whenever 

a transition from one tone to the other occurs within a time t.. 

This sample time is determined by .the time-constants of the differ—-— 

entiators and the trip-points of the Schmitt triggers. The transition- 

detector output is applied to a pulse generator circuit which generates 

two digit pulses . The digit pulse on. line P goes toa logic "14" upon 

the detection of a transition and stays at a logic "1"! until approxi- 

mately 200 ms has elapsed Since. the ‘occurrence of a transition. 

For example,’ if a five is sent by the encoder, line O will consist 

of five pulses each with a duration of 5 ms to 10 ms. This pulse 

width is also a function of the time. constants of the differentiators 

and trip ‘points of the Schmitt triggers used in the system. The 

spacing between the five pulses will be approximately 100 ms due 

-—.27.-



to the ten-transitions-per-second “rate used, 

Line P will go to a logic "1" when the first transition 

‘ pulse occurs and will return to a logic "oO" approximately 200 ms 

after the occurrence of the fifth transition pulse. This will cause 

the counter portion of the decoder to interpret the next pulse re- 

ceived as part of the second code digit. | 

_ Line Q shows a. short-duration pulse generated from the 

leading edge of P which is used in the counter portion of the 

decoder. 

The counter portion of the decoder is composed of the . 

transition counter and its BCD-to-decimal decoder as shown in 

Figure 9. Provisions for up to ‘six code modules are available ‘in 

the unit constructed, each. containing the basic functional blocks 

shown. in the code module portion of Figure 9. These code modules 

are plug-in: printed circuit boards which are identical except for 

the placement of the program jumpers. The code cards consist of 

a digit counter, a BCD-to-decimal decoder, the coincidence detector, 

and an output latch. | 

Initial conditions are such that the digit counter on each — 

code module board is reset to the 0" state. The first transition 

of the first digit of a transmitted code causes the digit pulses P , 

and Q‘to be generated as previously described. ' Pulse Q pulses 

the digit counter moving it to the decimal “4 state corresponding - 

to the first digit. Q also clears the transition’ counter preparing



it to count the transitions. Since @ is of shorter duration (approxi- 

mately: 50 ys) than a transition ‘pulse, the above actions are com-—- 

pleted before the negative transition (trailing edge) of the first 
i 

transition pulse O. The digit and transition counters are both 

-negative-edge triggered. 

In the coincidence section of the code module, the decimal 

"1" output of the digit counter's decoder is gated with one of the 

ten outputs of the transition counter's BCD-to-decimal decoder. if 

- the first digit programmed is a two, the decimal two output is tied 

to the appropriate input via a program jumper. If the transmitted 

digit agrees with that programmed, feedback from the coincidence 

gates keeps the digit counter from being reset to the 0" state. 

The @ pulse corresponding to the next digit will then step the digit 

counter to the decimal "2" state and again compare the transition 

counter's content with the digit programmed. If all digits of the 

programmed code are received in proper sequence, the output of 

the last digit gate sets a latch to store the fact that a proper code 

sequence is received. The latch is required since the digit counter 

is reset after a code transmission. The output of the latch on the 

code module is used to initiate the desired action. If tied to one 

of the single number inputs of the function summer, the fading 

action from the 67 kHz channel to the 42 kHz is initiated. If the 

latched output is tied to one of the double number inputs of the 

function summer, another proper code reception is required to 
r 

- 29 -  



initiate a channel. fade. This type of operation is used so that two 

or more "families" of subscribers can be placed on standby by 

sequentially transmitting the proper codes. The transmission of a 

release code common to all would then: cause the addressed loca- 

tions to. simultaneously fade to the message channel. Without this 

standby feature, normal sequential code transmissions would be 

heard at. locations which had already received a valid code. For 

example, if three "families" were to be addressed by sequential 

transmission of their normal single number codes, the first one 

addressed would fade to the message channel causing the tone codes 

transmitted to address the last two to be heard. on the first sub- | 

scriber's audio system. 

If the conference call function is desired, the latched output 

of the code module is tied to a mute circuit controlling the audio 

amplifier driving a speaker in the manager's office or other non- 

public location. 

Regardless of the function initiated, at the termination of 

the transmitted message, the 42 kHz carrier level drops 10 dB. 

As previously described, this causes the carrier. detector to 

generate a reset signal for the code module latches, and the back- 

ground. music is restored . 

Decoder Circuit Implementation 

Figure 11 is a schematic diagram of the main portion of 

the Decoder. ‘The NE567 integrated circuits, IC-1 and IC-2, are 

- 380 -   
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phase-locked=-loop tone detectors. “The output of each tone detector, 

pin 8, is at’a logic "1" level. until the detection of an in-band ‘tone. 

The output then goes to. a logic "0" level for the duration of the 

tone. The detection bandwidth is approximately 14 per cent of the.. 

center frequency, when driven by an audio level of 200 mv or 

greater. ‘ 

The center frequency is determined by the RC-network 

1 
between pin 5, pin 6 and ground. The relationship being f = BG? 

where C is the .22 yf capacitor to ground from pin 6, and R is 

the total series resistance between pin 5 and pin 6. The trim- 

control provided allows the free-running frequency of the CGO 

(current controlled oscillator) to be adjusted for the proper center 

frequency, ‘600 Hz and 1500 Hz respectively for the two tone 

detectors. The temperature stability of this center frequency is 

‘essentially a function of the temperature coefficients of the, com- 

ponents used ‘in the frequency determining RCG-network. The inte- - 

grated circuit itself has excellent temperature stability. 

The capacitors connected to pin 1 and pin 2 of each device 

determine the corner frequencies of an input low-pass. and an output 

filter associated with each device. The value of these capacitors - 

was carefully selected to equalize input—to—output delay times so 

that transitions occurred at the same relative phase at the output 

that they did at the input. This was of utmost importance ‘due-to 

the sampling method of transition detection discussed later.  



A slight amount of positive feedback via C-2 and C-9 and 

a relative low value of pull-up resistance, R-1 and R-5, eliminated 

any tendency for oscillation during output logic transitions. 

"Although not encountered in this system, these phase-— 

locked-toop tone detectors are capable of reliable operation with 

input signal-to-noise ratios as low as -6 dB. , 

The tone detector outputs are complemented by a portion 

of IC-3. . The uncomplemented outputs as well as the complemented 

outputs are applied to RC-—differentiators,. ‘each composed of a 22 pf 

capacitor and ‘a.470 ohm resistor. The differentiator outputs are. 

applied to Schmitt triggers IC-4 and IC-5, These Schmitt triggers 

are functionally 4-input Nand gates with Schmitt trigger character— 

istics associated with each input. As used in the Decoder, they 

function as a simple inverter with a Schmitt trigger input character- . 

istic since all four inputs are tied together. 

When a positive-going output of a differentiator exceeds 

the trip point of its associated Schmitt trigger, a negative-going 

pulse will be generated at the Schmitt trigger's output. These 

outputs, K, L, M, and N are the edge samples which are appro- 

priately cross-gated to effect a transition detection. The inverted 

outputs of the Schmitt triggers are applied to two Nand gates which 

are a portion of IC-6. A pulse will appear on pin 18 when a 600 

-Hz -tone: is initially detected and a pulse will appear on pin 12. of 

IC-6 when a 1500 Hz tone. terminates. The output of this gate,



pin 11, will therefore consist of a negative-going pulse whenever a 

1500 Hz to 600 Hz tone transition eccurs. Similar action causes 

a negative-going. pulse on pin 8 of IC-6 whenever a 600 Hz to 1500 

“Hz tone transition occurs. The duration of these pulses is equal 

to the overlap of the edge-sample ‘pulses being gated. 

Another Nand gate effectively functions as an Or gate, 

delivering a positive ‘pulse, O, at its output, pin 6 of IC-6, upon 

the occurrence of either. transition. 

The outputs of the tone-detectors are also applied to pin 1 

and pin 2 of IC-8. When either tone occurs, C-21 is quickly 

charged through the low source resistance of a Nand gate's output 

when in the logic "1" state and the forward-biased diode, CR-1. 

If a small time interval exists between tones instead of an instan- 

taneous transition, the output of the tone-detector Nand gate goes to 

a logic "0". This causes C-21 to be slowly discharged through 

R-15. This time-delay, associated with the trailing edge of the 

tone-detector outputs, allows the above-mentioned intervals to 

exist between tones with no discontinuity existing in the detection 

of the presence of either tone. With the components. shown, the 

tone present line, D, will not discharge: to a level which would be 

interpreted as a logic "0" by the code modules until approximately 

2.ms after the termination of either tone, without the other tone 

eccurring. It is necessary to eliminate any discontinuity in this 

signal to prevent unwanted resetting of the digit counter in each >  



code module. 

Since B denotes the detection of a 600 Hz tone and CG 

denotes the detection of a 1500 Hz tone, the logic equation which 

describes the output of the tone-detector ‘Nand gate (tone present) 

is: , 

da) D=BC 

2) D= BIC 

Letting Bt and Ct represent the logic "1 " to logic "oO" 

transitions and B fand C A the logic Hon to logic "1" transitions of 

the tone detector outputs, the logic equation of the complete transi- 

tion. detector with respect to the tone-detector outputs is: 

  

(1) Oo 0 {rt cy) . (oreT =) 

  

(2) “oO ea . Gaz 

(3) O =(et-cy)+ (ct-5y) 

The transition detector output is connected to the transition 

counter IC-9. IC-9 is a decade counter. The BCD output of. the 

counter is connected to the BCD input of the BCD-to-decimal | 

decoder IC-10. The ten decimal output lines of the BCD-to- 

decimal decoder are all in the logic "1" state except the one which 

corresponds to the BCD input. 

The output of the transition detector gate, O, is also 

applied to the pulse generator portion of the Decoder. The first  



transition pulse of a digit turns on transistor Q-1. The 100 yf 

capacitor, C-14,. from the collector of Q-1 to ground is quickly 

discharged through the saturation resistance of Q-1, This causes. 

the output, P, of the Schmitt ‘trigger Nand gate to go “to~the logic © 

"4" state. The 100 yf capacitor is normally charged up from 

current sourced from the inputs of the Schmitt trigger. The time 

constant associated with the 100 yf capacitor and the input resis— 

tance of the Schmitt trigger is such that the 100 pf capacitor is 

discharged by successive transition pulses of a given digit before 

it can charge up to a level ‘high enough to cause the Schmitt trigger 

output , P, to ‘return to a logic’ "0", The interdigit time between 

transmitted digits is sufficient to allow the. 100 yf capacitor to 

charge up toa level sufficient ‘to return output, P, to the logic No 

state. This signifies the end of the first digit and causes the 

decoder to record the next series of transitions as the next digit. 

The long digit pulse, P, is gated with a delayed version of 

its complement, P, by another Schmitt trigger Nand gate. The 

short duration digit pulse, Q, ‘is thus generated by the overlap of 

P and P. -Q is the inverted output of a Schmitt trigger Nand gate 

and is’ at the logic mq level until the a jaf capacitor on pin 4 and 

pin 5 of IC-7 is discharged through the 220 ‘ohrn ‘resistor, R-16, 

and the ON resistance of the Nand gate generating P.. Q has 

a duration of approximately 50 us, . 

The short duration digit pulse, Q, is applied to the transi-  


