
































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































A similar exercise will yield a corresponding table for the a reference input of 512pA. A table based on 512pA 
A·law part. Multiplying all the numbers in the normalized reference current will have a step size of 1.0pA and is 
A·law table, for instance, will produce a table of currents for tabulated in the ,...Iaw current output table. 

A·Law Current Output Table 

IDEAL DECODE OUTPUT CURRENT IN MICROAMPS (SIGN BIT EXCLUDED) 

CHORD 0 
STEP 000 001 010 

0 0000 0.5 16.5 33 
0001 1.5 17.5 35 
0010 2.5 18.5 37 
0011 3.5 19.5 39 
0100 4.5 20.5 41 
0101 5.5 21.5 43 

6 0110 6.5 22.5 45 
0111 7.5 23.5 47 

8 1000 8.5 24.5 49 
9 1001 9.5 25.5 51 

10 1010 10.5 26.5 53 
11 1011 11.5 27.5 55 
12 1100 12.5 28.5 57 
13 1101 13.5 29.5 59 
14 1110 14.5 30.5 61 
15 1111 15.5 31.5 63 

STEP SIZE 

Reviewing the companding OAC functional diagram Figure 
8 demonstrates the relatio!1ship between step size and IREF. 
For a ,...Iaw device Ico equals 16.5 chord zero steps and for 
an A·law device Ico equals 16 chord zero steps.IC6 is always 
equal to IREF in either system. IC6 is then equal to 64 times 
leo for a ,...Iaw system, and 32 times leo for an A·law system. 
The step size can then be related to IREF by the following 
equations: 

step size = IREF/64 X 16.5 = IREF/1056 (,...Iaw) 
step size = IREF/32 X 16 = IREF/512 (A·law) 

Now for a reference current of 528pA the step size for a ,...Iaw 
system is 528/1056 or 0.5pA. For a reference current of 
512pA the step size for an A·law system is 512/512 or 1.0pA. 
These values concur with those used to generate the tables. 

In the design of the PMI OAC·87 the biasing resistors were 
not scaled to exactly integer values. This was done 
deliberately to standardize somewhat on 528pA input 
reference current for both A-law and ,...Iaw parts. The perfor­
mance of the device is not affected, however the actual 
scaling is somewhat complicated and will not be discussed 
in this paper. 

Finally If encode output tables were desired for current out­
put they could be obtained by scaling to proper step size the 
normalized encode tables or adding one-half step to each 
value in the decode table, where the step size depends on 
the chord number. 

4 6 7 

011 100 101 110 111 

66 132 264 528 1056 

70 140 280 560 1120 

74 148 286 592 1184 

78 156 312 624 1248 

82 164 328 656 1312 

86 172 344 668 1376 

90 180 360 720 1440 

94 188 376 752 1504 

96 196 �~�9�2� 784 1566 

102 204 408 816 1632 

106 212 424 848 1696 

110 220 440 860 1760 

114 228 456 912 1824 

118 236 472 944 1668 

122 244 4BB 976 1952 

126 252 504 1008 2016 

8 16 32 64 

DAC ACCURACY 

Companding OACs must be manufactured to satisfy a unique 
set of parameters. The performance of a companded OAC 
used for telephony must satisfy the requirements of a com· 
munication system on an end·to-end basis. A voice channel 
is first encoded by one COOEC then decoded by a second 
COOEC such that the system performance can be 
measured on an audio·in·audio·out basis. The COOEC per­
formance will be almost completely dominated by the Gain 
Tracking requirement. 

GAIN TRACKING 

Gain Tracking refers to the ability of a system to track Its In­
put power level. The test is normally made with a system 
such as that shown in Figure 12. 

Gain Tracking is measured by monitoring the input and out­
put levels in decibels. At an input level of -10BmO the out­
put is recorded as the output reference level. For ideal Gain 
Tracking, any change (in dB) of the input level must be 
matched exactly by the same change in the output level. 

Figure 12. Gain Tracking or SIN Test 
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This condition is monitored over all input power levels of in­
terest. The extent to which these power level changes differ 
(again In dB) is a measure of Gain Tracking, also referred to 
as gain deviation. The ATT/D3 Gain Tracking specification Is 
show in Figure 13. 

dB 

+1.0 

+0.8 

" +0.6 
+0.5 

" 
+0.4 

g 
+0.2 z INPUT 

~ lEVEL 

~ -so -37 -10 +. dBmO 

~ 
-0.2 

" -0.4 
-0.5 
-0.6 

-0.8 

-1.0 

Figure 13. ATT/D3 Gain Tracking Specification 

CCITT publishes two separate specifications for Gain Track­
ing. The apparatus used for making either of these tests is 
basically the same as that used in Figure 13 except that for 
the first part of the "method one" test the HP3551A would 
be replaced with a suitable white noise source at the input 

dB dB 
+1.0 

" +0.5 ;+0.5 
INPUT 0 INPUT 
LEVEL 

i 
lEVEL 

~ 
-o.s ! -0.5 

~ 

" 
-1.0 

(a) (b) 

METHOD 1: WHITE NOISE TEST SIGNAL METHOD 1: SINUSOIDAL TEST SIGNAL 

Figure 14. CCIT Gain Tracking Specification 

and an RMS reading voltmeter at the output. Gain Tracking 
masks equivalent to those found In CCITT publications are 
shown in Figure 14. 

POWER LEVELS 

For PCM channel performance measurements, power levels 
are characteristically expressed in dBmO. A reference level 
of OdBmO is established by referencing to a code in the 
digital transmission. The binary code pattern required to 
establish a reference level of OdBmO can be found in the 
CCITT publications. This pattern is reproduced in the PMI 
Telecommunications Handbook for the readers conve­
nience. The constant repetition of these binary numbers at 
the normal sampling rate of 8kHz will produce a 1 kHz 
sinusoid at a OdBmO reference level. Starting with this 
definition it can then be shown that a sinusoid whose peak 
value is just at the system saturation level (all "1s" PCM 
output) will have a power level of 3.14 and 3.17dBmO for 
A-law and wlaw respectively. 

SIGNAL·TO·DISTORTION MEASUREMENTS 

Signal-to-Distortion is a measure of the total distortion a 
system will exhibit on an end-to·end basis. As with Gain 
Tracking this measurement is normally performed on an 
audio-to-audio basis. A typical setup for measuring Signal­
to-Distortion is shown in Figure 15. A wideband (3kHz) filter 
may be substituted for the C-Message filter shown for some 
tests. 

Figure 16 shows the ATT/D3 specification mask with the 
performance of a PMI demonstration COMDAC@ based 
shared CODEC system superimposed. This method of meas­
uring Signal-to-Distortion is applicable to either CCITT or 
ATT specifications. 
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Figure 15. Signal-to-Distortion Test Setup 
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Figure 16. ATT/D3 Signal-to-Distortion Mask 
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DAC ACCURACY VERSUS GAIN TRACKING AND 
SIGNAL·TO·DISTORTION RATIO 

The analog portions of a PCM system usually make only a 
minor contribution to either Gain Tracking or Signal·to­
Distortion errors. Thus, the major contribution to error is the 
inability of the companding DAC to accurately follow the en­
coding format. The process of quantizing and coding will 
cause some deviation from the ideal, however the errors 
made by the ideal CODEC system will be well within telephony 
specifications. To conform to the required Gain Tracking 
and Signal-to-Distortion specifications the DAC output cur­
rents must conform as closely as possible to the ideal trans­
fer function as tabulatE!d in the normalized tables. This cor­
responds to a specification of absolute error on the DAC 
output c'urrent with respect to its binary inputs. The 
DAC-86I87 companded DACs are guaranteed to plus or minus 
one-fourth step from ideal values in chord zero arid to plus 
or minus one-half step elsewhere. This information can be 
transformed into tabular form by adding the allowable error 
to the DAC tables. Either the normalized tables or the cur· 
rent output tables can be used as a basis for this exercise. 

PMI1CODEC 
DEMONSTRATION 
PERFORMANCE 

~lJ 1/,.-- ........... ---- .. ,. 
" , 

MINIMUM SYSTEM SPECIFICATIONS 

-- CMSGWTG 
/ILAW ---- 3 KHz,FLAT 

-20 -10 +10 

INPUT LEVEL (dBmO) 
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PMI APPLICATION NOTE 40 
A BUFFER APPLICATIONS COLLECTION 

INTRODUCTION 

This Application Note consists of a collection of circuits 
which apply buffers to the solutions of a variety of problems. 
As will be shown, buffers may be used to make filters, cur· 
rent sources, cable drivers, sample and holds, high speed 
instrumentation amplifiers, line drivers for multiplexers, cur­
rent boosters for voltage references, and high speed voltage 
output DAGs. 

INDUCTORS AND FILTERS 

The active inductor in Figure 1 is realized with an eight·lead 
IC, two carbon resistors, and a small capacitor. A commer· 
cial inductor of 50 henries may occupy up to five cubic inches. 

l_ 

O.l,uF 

L == R,R2C '" 100 HENRIES 
RS = R2 '" lOOn 
Rp = Rl = 10MEGn 

loon 

A, 
10Mn 

ASSUMING eSTRAY (ACROSS RlI OF 5 pF THE UPPER 

FREQUENCY LIMIT IS APPRQXIAMTEL V 7kHz. 

XL = loon AT f O.159H:l 

Figure 1. Active Inductor 

The tuned circuit shown in Figure 2 uses the simulated in­
ductor of Figure 1 (R1' R2, G1) and C2. Depending upon 
whether the circuit is driven at E1 or E2 the responses of 
Figures 3 or 4 result. The resonant response in both cases is 

A2 

lOon 

Cz C, E, e>----j I-~_-jl-___ -I 

100nF 100nF 

fo = 1 
2" .jR1RZC,CZ 

E2 

A, 
2.4Mn 

INPUTS MAY BE AT E1 OR E2_ GRAPHS OF THE TWO 

RESPONSES WILL SHOW ADVANTAGES AND DISADVANTAGES. 

Figure 2. Tuned Circuit 

by Shelby D. Givens 

+ 38dB at 103Hz. The Figure 3 response is + 2.5dB at 200Hz 
and -10dB at 50Hz. On the other hand, the Figure 4 
response is - 9dB at 200Hz and + 2.5dB at 50Hz. 

40 

RESPONSE FROM 

30 E1 TO VOUT 
Rl = 2.4 MEGn 
R2 = lOOn 

20 c, = 100nF 
Cz = 100nF \ '0 
f o = 103Hz 

" '\ :¥ 1'-0. 

-'0 

-20 
/ 

1/ 

-30 
,0 'DO '000 

1(Hz) 

VOUT 

E1 '" 1 _ w2R,R2C,C2 + jwR2C, (1 + ~) 

Figure 3. Response from E1 to Vout 

40 
RESPONSE FROM 

E2 TO VOUT 
30 Rl = 2.4 MEGn 

R2 = loon 

20 c, = 100nF 
Cz = lOOnF 

fo'" 103Hz 
'0 

" \ :¥ 
\ 

-'0 

1\ 
-20 

-30 
'0 '00 '000 

f(Hz) 

VOUT '" 1+jwR2C1 (1+~) 
~ l-w2R1R2C1C2+jwR2C1 (1 +*) 

Figure 4. Response from E2 to Vout 

Figure 5 shows a low pass filter realized for fo of 1MHz. 
What is remarkable about this filter is most IGs do not have 
the full power bandwidth to handle 1 MHz signals in the 5 to 
10 Volt range, while the BUF-03 has a greater than 4MHz full 
power bandwidth for a 20Vp.p sinewave. Similar comments 
apply to the filter in Figure 6. In other words, the extreme 
bandwidth of the BUF-03 extends the bandwidth capability 
of certain classes of active filters. 
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R, 

Wo '" (R1R~C1C2) 'I.. 
IF R1 '" R2 '" R, THEN 

Q = IC1~C21'h 

'. C, C2 Q 

H, n pF pF 

1.OMEG 1.02K 220 110 0.71 

Figure 5. Low Pass Filter (High Frequency) 

C, C2 

V.N o-----II----<~--H-----.--_I 

Wo '" (R1R~'C2) 'h 

IFC,=C2=C,THEN 

Q = (R1/R21'h 

'. H, 

500K 

2 

", 
pF n 
220 2.05K 

R, 

R2 a 
n 
1.02K 0.71 

Figrue 6. High Pass Filter (High Frequency) 

VOUT 

VOUT 

The BUF'()3 can be used to make a 4.5MHz trap for use in TV. 
This circuit is shown in Figure 7, and the elements are 
chosen such that no capacitor is less than 1 OOpF. 

R1 = RZ '" 2Ra 

C1 =C2=¥ 

100pF 'OOpF 

Figure 7. Notch Filter at 4.5MHz 

VOUT 

HIGH SPEED CURRENT SOURCES 

The BUF·03 in combination with an OP·16 produces a bipolar 
voltage·controlled current source. The circuits shown in 
Figures 8 and 9 were breadboarded and found to have rise 
times of approximately 1!'5ec. Since the waveforms had 
definite RC characteristics, layout was suspected as con· 
tributing primarily to the rise times observed. Figure 8 
shows the inverting connection, while Figure 9 shows the 
noninverting connection. 

E(!2V) 

R, 
10kU" 

R3 
10kU· 

"MATCHED so THAT ~ = ~ 
R1 R3 

IL~ -i5·~ 

R2 
1Oku" 

COMPLIANCE OF ABOVE CIRCUIT l.l vu IS ±8V 
WHEN E = ±2V AND RL" 1.6kH. NOTE THAT 
Vo is ± tOV UNDER THESE CONDITIONS. 

R, 
Vo 4021l 

IL'" >5mA 
VL .. .. 

RL 
"';1.6ku 

Figure 8. Inverting Bipolar Current Source (High Speed) 

IL = lSmA R, 
101en" 

R2 
lOkn" Vo 

R, 
40212 VL .. II 

R3 
EI±2VI 10k12 It 

"MATCHED SO THAT ~ = ~ 
E R. 

IL.e= As· Ai 
COMPLIANCE OF ABOVE CIRCUIT (.l VU IS ±8V WHEN 
E '" ±2V AND RL '" 1.6ku. NOTE THAT Vo IS ±10V 
UNDER THESE CONDITIONS. 

Figure 9. Noninverting Bipolar Current Source 

DATA ACQUISITION SYSTEM APPLICATIONS 

Because of the speed of these devices, the BUF'()3 and 
OP·17 allow the fabrication of a high speed instrumentation 
amplifier as shown in Figure 10. The output of the in· 
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E, 
R, 
lkn 

NOTE: ~ = ~ FOR GOOD COMMON MODE REJECTION. 

R4A IS ADJUSTED FOR BEST CMAR. 

R2 

10kn 

Figure 10. High Speed Instrumentation Amplifier 

VOUT 

strumentation amplifier will likely be multiplexed onto a 
common data line. Here the BUF.Q2 or BUF.Q3 can be used 
as the data line drivers because of their speed and current 
capabilities. The connection for this application is shown in 
Figure 11. The realization of a high speed sample and hold is 

MUX-OB 
MUX 

OUT 

RL 
47. 

NOTE 1: STRAV CAPACITANCE AT MULTIPLEXER OUTPUT 
NODE SHOULD BE MINIMIZED TO REDUCE 
CHANNEL-TO-CHANNEL CROSSTALK. 

NOTE 2; A BUFFER WHOSE SLEW RATE IS TOO SMALL WILL 
INCREASE CHANNEL·TO·CHANNEL CROSSTALK. 

Figure 11. High Speed Line Driver for Multiplexers 

VOUT 

possible using the BUF.Q3 and suitable analog switches. 
The circuit shown in Figure 12 provides the highest speed 
because there are no feedback loops to slow down the set· 
tling times. Typically the sample and hold is followed by a 
successive approximation analog·to-digital converter (ADe). 

ICHARGE OF BUF-03 IS ±6OmA. THEREFORE THE SLEW 
RATE INTO A 5DOpF HOLD CAPAC!TOR WILL BE 120VI~SEC. 
TtIUS THE SLEW RATE OF THE SAMPLE AND HOLD 
CIRCUIT IS LIMITED BY THE CAPACITOR CHARGING TIME. 

Figure 12. High Speed Sample and Hold 

The BUF.Q1 is shown in Figure 13 as the input buffer for a 
14·bit ADC. Because of its extreme accuracy, the BUF.Q1 
can resolve 'hLSB of a 10V, 14·bit system. The final applica· 

+'OY 

VREF 

"OY 
14-BIT ADC 

• MAXIMUM ERROR FROM BUF-01 IS ~v. 
• RESOLUTION OF 10V, 14·BIT ADC IS 610tJV. 
• BUF·01 RESOLVES 1/2 LSB OF 14-81T SYSTEM. 

Figure 13. High Resolution ADC Input Buffer 

DIGITAL 
OUTPUT 

tion involves the BUF.Q3 and the DAC.Q8 (digital·to·analog 
converter). Figure 14 shows how it is possible to develop 
both VOU! and Vout. The output capacitance of the DAC.Q8 is 
approximately 15pF, thus as Ro increases in value, so does 
the settling time for Vout (and Voutl. 

SYSTEM WILL DRIVE CABLES OR TWISTED PAIRS. 

VOUT 

"OUT 

1/2 LS8 SETTLING TIME 
;, 100nsec 

Figure 14. High Speed Voltage Output DAC 

LINE DRIVER APPLICATIONS 

If your BIFET "line driver" has the speed but not the stability 
or the current capability to drive coaxial cables, its output 
may be buffered with a BUF.Q3 as shown in Figure 15. Figure 

CAPACITIVE LOAD STABILITY OF BUF·03 MAKES IT 
AN IDEAL INTERFACE BETWEEN BIFET OP AMPS 
AND SHIELDED CABLES' 

NOTE: TO MAINTAIN ACCURACY IN THE BUFFER 
RL> 1kn IS RECOMMENDED. 

Figure 15. Convert BI F ET I nto Cable Driver 
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16 shows an alternative connection when better accuracy 
and more current capability is needed. Note that the limita· 
tion on Rl being greater than 1 K does not apply in this case 
since the added error caused by lower impedances is im­
bedded inside the feedback loop of the op amp. 

VOUT 

R, RL 
;. zoon 

GAIN '" V~~T "', +~ 
MAXIMUM LOAD CURRENT'" ±60mA (lOV -:-.2oon) 

Figure 16. Current Booster 

MISCELLANEOUS USES OF BUFFERS 

An accurate buffer can be useful for isolating a reference 
zener from load fluctuations. In this way the same zener can 
be used in a variety of reference situations. The circuit 
shown in Figure 17 can supply up to 10mA (SmA for the 

V+ 

REFERENCE 
ZENER 

"Ve = 300pV MAX FOR BUF-01 
VE = 1.5mV MAX FOR BUF-02 

Figure 17. Buffered Voltage Reference 

IL = +5mA MIN 
VR=VZ~VE* 

BUF-02) to a load using a BUF-01. Single supply applications 
can be realized using either the BUF-02 or the BUF-03 as 
shown in Figure 18. 

lMn 

V,N O.22pF 

0-----11--4----1 

lMn 

flOW AT VIN = 1.45Hz ) -3dB 
flOW AT VOUT = 1.59Hz 

+20V 

ASSUME Y'N = lOV p.p SINE WAVE (5V PEAK) 
THEN FULL POWER BANDWIDTH IS: 

796kHz FOR BUF-02, AND 
9.55MHz FOR BUF-03 

O.22pF 

21m 

"NEEDED FOR LOW 
IMPEDANCE AT HIGH 
FREQUENCIES 

Figure 18. Single Supply AC Buffer (High Speed) 

CONCLUSION 

While the list is by no means all inclusive, this application 
note has attempted to point out some of the myriad of uses 
for the IC buffer. In particular, the BUF-03 makes possible a 
whole new class of high frequency filters and high speed 
current sources. Many problems in data acquisition systems 
can be solved by the use of buffers. In addition, the BUF-03 
is useful in providing increased drive current, as well as the 
ability to drive long cables without instability. Finally, the 
versatility of the reference zener can be increased by using 
buffers, and for AC applications the buffer can be used on 
Single power supplies. 
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APPLICATION NOTE 41 
IMPROVED SHARED-CHANNEL 

CODEC DESIGN WITH PMI's 
NEW COMPANDING DACs 

DESIGNERS FACE CHOICE 
Designers of telecommunicetions systems are faced with a 
fundamental design decision; they must base the design of 
digital voice transmission systems on either the use of a 
COOEC shared over several analog channels or on the use of 
one COOEC per channel. 

Since 1976, users of PMl's shared-channel approach pOintto 
the economical advantages of a system that incorporates an 
encoder and a decoder capable of accommodating multiple 
voice channels. Proponents of single-COOEC-per-channel 
systems generally cite the straight-forward techniques in­
volved In implementing this concept as the motivation for Its 
selection. 

The use of the shared-CO DEC configuration is appealing 
because fewer integrated circuits per channel are required 
and less circuit board area per channel is needed. Because of 
its lower cost per channel and lower total system cost, the 
shared-channel COOEC concept looms as the logical choice 
for designers provided it can meet the performance needs of 
their systems. 

Recently, new telecommunication components were intro­
duced by Precision Monolithics Incorporated that improve 
the performance that can be obtained from a shared-COOEC 
system; the availability of these devices could influence 
future design decisions in favor of the shared COOEC con­
cept over the single-COOEC approach. These newly deve­
loped devices, including the OAC-88 and the OAC-89 COM­
OAC. companding Of A converters, and the OMX-88 demul­
tiplexer, not only provide performance which is superior to 
previously existing products, they are also easier to apply. 

MULTIPLEXER AID 

TO 

by B.W. Berry 

The degree of improvement offered by these devices and the 
present capabilities of a shared-COOEC system can be 
demonstrated using the circuit configuration shown in Fig­
ure 1. This configuration, an eight-channel digital transmis­
sion system, was designed and breadboarded by PMI as a 
vehicle for measuring the analog-input to analog-output 
transmission parameters commonly used to specify COOEC 
performance regardless of the particular system config­
uration. 

Two of the components employed in the transmission sys­
tem shown in Figure 1, the companding digital-to-analog 
converter and the analog multiplexer represent improved 
versions of previously existing products and are key contrib­
utors to the superior performance the system demonstrates 
over previous versions. 

In the redesign of the companding OAC, it was felt that the 
best results would be achieved by improving the device's 
response within chord O. Two design goals were set: to estab­
lish a reasonable settling time within chord 0 and to provide a 
guaranteed better than ±1f4 step linearity within that chord. 
Excellent results were obtained for both ,..-Iaw and A-law 
devices. 

The new version of the companding OAC typically settles 
within 500ns, thus overcoming a restriction that had pre­
viously reduced the maximum number of channels for 
encoding. The IC's nominally settle to within ±1f8 step of the 
theoretical level in chord 0 and are 100% tested to be no 
worse than ±1f4 step. 

Because of testing time restrictions, the settling time is given 
as a nominal specification. The guaranteed linearity specifi-

MULTIPLEXER 

DIA 

ANALOG 
CHANNELS 

IN 
MUX-88 DIGITAL 

8-BIT 
DATA 
BUS 

DMX-88 
ANALOG 
CHANNELS 
OUT 

200 

F'igure 1. Eight-Channel Test Configuration. 
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cation, in conjunction with the nominal settling time data, 
can provide the designer with the data needed to determine il 
the performance needs 01 his system can be satislied. 

When the earlier version of the output multiplexer was used 
as a sample-and-hold and switch, it was lound that certain 
characteristics 01 the device caused idle channel noise and 
transmission degradation. An analysis showed that reduc­
tion of the charge injected during the switch turn-off would 
enhance the performance 01 the device. The eflect of the 

charge injection becomes important because of the capacit­
ance added to the MUX output. This output drives a high­
Impedance load (the PCM filter) and without a discharge 
path, the charge adds to the analog output being switched 
through the multiplexer. Because 01 the use of an improved 
BiFET switch structure, the new multiplexer exhibits a dis­
charged only 1/4 011/5 01 the value for the previous device. 
Tests reveal that the idle channel noise is reduced by several 
dB when the DMX-88 is used as the output switch and 
sample-and-hold. In addition, the reduced amount 01 charge 
permits the use of a smaller value capacitor and thus 
increases the number of output channels that can be 
decoded. 

DEMONSTRATOR MODIFICATIONS 
The most obvious system improvement provided by the 
eight-channel system depicted in Figure 1, compared to an 
earlier demonstrator developed by PMI (described in the PMI 
application note AN-37). is a simplified encoder clocking 
scheme. In the original circuit, additional settling time was 
required because of the slower changing bits. 

CL~~:----------' 

YCMP I. 
07 

13 
TO CMp·Ol -~""'.-... 

Cl 
0, 

12 
OS 

11 
2502 Q4 

03 • 

i---------------~ 

ADDRESS 
CLOCK 

+,. 

02 
5 

TO 
ENCODE OAe-8I 

Cl 

10 

TO 
INPUT MUX ADDRESS 

C2 

The new version of the clocking circuitry still employs a 
programmable read-only memory (PROM) lor flexibility in 
performing luture modifications and experimentation. How­
ever, the clock pattern is markedly changed. The new SAR 
clock timing diagram is shown In Figure 2. As can be seen, bit 
clocking is accomplished with a set 772 kHz clock. This 

ADDRESS 
100 

SAR CLOCK 

SAMPLE PULSE 

104 

INPUT MUX ADDRESS CLOCK 

loa loe 

lL-____ ---' 
SAR RESET IS) ---u 
DMX ENABLE (CC) I 
DECODER LATCH eLK 

110 114 100 

L 

L 

L 

~~ ____________ ~r 
......-4.66-....1 ... 95 •• _. ___ ------•. 1-------.... ~~ 

aJ SAMPLE, ENCODE 1 CHANNEL = 16.8pS 

b) PROM CLOCK OPERATES AT 1.544 MHz 

Figure 2. Encode Timing: DMX Control. 

3 CE Pi 
DO 00 

S Dl 

7 D2 

9 D3 

18 D4 

18 D5 

20 D6 06 
22 D7 07 

21 

CP 

2 elK 

,. 
+ •• --'VVv-+-""I 

"I 
., 
.2 

•• 
•• 
•• ., 
.7 

OA 
I. 

12 

TO 
DECODE 
DAC88 
(ell 

AD] 
AI 

A2 

TO 
OUTPUT 
MUX 
ADDRESS 
C4 

CRYP'~5 __ ~~~-~--------~ 
TO ._ r--- ,NPUT M~: EN •• LE 

~ +SV OUTPUT :~x ENABLE 
c • 

.:>c,::....-t---'9~O::"'--- 1.!44MHz 

Figure 2A. Encode/Decode Controller 
PAGE 15-191 

Ul 

~ o z 
z o 
~ u 
::::i 

~ 

II 



+5V 

3DO 

74183 ,. 
U44MHz elK QA 

13 
ClB 

12 

1 10 741BBA 
ADA 001 2 

r--~., 
1-_-+-..,--t-"'14 DA 

!-=----..,--t-,. 08 

!-=-----_--t-8,De 

,. 
" ADs D02 3 

12 ADc 
D03 

DO • 

QA 

ClB ,. 

QC 13 

C2 
SAMPLE 
PULSE ac 

" 13 

17 _________ '-17 DO 

DO: 5 
ADDRESS . 
CLOCK' co ADD 

14 DO. • 
ADEceoo, 7 

1. 

3DO ":' +5V 

+5Vo-~~r-~----------------------~ 

Figure 2B. Encode Clock. 

allows 9.1 "s (eight-channel rate) for encoding; the remain­
Ing cycle time (6,5 "s) is used for sampling the analog signal 
and holding the level to be encoded. The remaining cycle 
time Is divided as follows: sample period, 4.55 "s; transition 
'time between the hold signal and the sign bit acquisition, 
1.95 "s. 

The'sampling time for the new clocking scheme is longer 
than It was for the old design (4.5 "s as compared to 3.2 "s) 
and the hold settling time has Increased from 0.65 to 1.95 "s. 
As a result, the values measured for gain tracking differential 
(linearity) at low input levels (-55 dBmO) provide an Indica­
tion of the improved response. 

Since the clocking pattern has been simplified, the number 
of TTL gates needed is less than had been required by the 
original configuration. An even Simpler clocking scheme can 
be designed by replacing the PROM, address counter and 
data latch with a "0" flip-flop and some additional gates. The 
use ofaprogrammable clock generator, however, was 
advantageous in demonstrating the effects of various circuit 
components on the overall transmission performance. For 
example, by increasing the sample time and thereby reduc­
ing the hold settling time (keeping the SAR clock the same 
frequency), the system tends to show different characteris­
tics. The gain tracking stays within spec, but slgnal-to-total 
distortion Increases at levels below -40dBmO. The crosstalk 
performance (adjacent channel) also deteriorates. Appar­
ently both of these effects are results of the output settling of 
the sample-and-hold device. The pOint is that by designing 
with a system consisting of Individual devices the user can 
more precisely determine those components that have the 

74195 

elK 

10 

COI~'2~ ________ ~i 

ENCODE 
DECODE 
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el 

greatest effect on system characteristics. The design can 
then be adapted to maximize certain performance attributes 
in lieu of other,less-lmportant characteristics. The system as 
finalized in these notes is a compromise system, one aimed 
at providing adequate performance In various applicaltons. 
The final design modifications are left up to the Individuals 
responsible for the specific systems. 

In terms of differences between using the older OAC-66/87 
and the new designs (88/89), the requirements actually differ 
only Slightly. Both new devices (88/89) now have idle cur­
rents present on the selected output leads; these currents are 
equal on both the positive and negative outputs and are 
normally around 10"A. However, since both leads have 
equal values, the effect on the output device Is essentially 
zero change. The power dissipation is slightly higher for 
both parts, but less than SmW per channel In a eight-channel 
design. The OAC-89EX is now specified at a lower reference 
current than the OAC-8S/87 or OAC-66. The new reference is 
16"A less than the original value. The tests described here 
were performed with constant reference current for both the 
OAC-SS and the OAC-89. The effect on the A-law measure­
ments means the full-scale output is 2079"A instead of 
201S"A, Although all steps are slightly expanded, for the 
purpose of the data collected here the reference current 
difference Is negligible, 

The normal testing configuration used was to provide a test 
signal input in one channel and monitor the output of that 
channel (or adjacent channels for crosstalk) with a PCM 
receive filter and the prescribed receiver. The test diagram Is 
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improve all system parameters. shown in Figure 3. It becomes important to ground all 
unused encoder inputs to provide the proper termination. It 
also is very important when laying out system boards to 
generate sufficient ground planes and proper isolation 
between analog and digital ground areas. The common point 
ofthese ground areas should be as close to the power supply 
as possible. Also "daisy-chaining" of ground returns should 
be avoided. Careful consideration of grounding can help 

The transmission test results collected with this system are 
shown in Figures 4 through 6. An example of results with a 
different clock pattern is also presented. The improvement in 
the redesigned CAC's becomes evident in Figures 7 and 6, 
which show the faster encoder clock driving the older CAC-
66 and 67 components. 

• UNUSED INPUTS ARE GROUNDED 

TRANSMITTER 
(MI2807AI 

• A·LAW TESTING DONE WITH PSEUOO-RANDOM NOISE 
SOURCE AS INPUT SIGNAL 

• p·LAW TESTING DONE WITH SINUSOIDAL INPUT SIGNAL 
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Figure 3. Test Configuration. 
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Comparisons of Idle channel noise measurements using the 
MUX-88 and the OMX-88 are shown in Figures 9 and 10. It is 
important to notice that these measurements were made at 
the input to the PCM outputfilter. Collecting data at the filter 
output is not feasable because the noise values are too low 
for the equipment being used. To show the difference 
between the new and old components, a measurement was 
made that yielded some data. However, for both devices the 
idle channel noise is well within the normal system guide­
lines. The test data shows the difference due to reduced 
device charge injection of the OMX. Using a 10,OOOpF hold 
capacitor produces at least a 1 OdS Improvement for the OMX 
and when the hold capacitor is reduced, the improvement is 
even more obvious. The smaller hold capacitor allows the 
Of A circuit to drive more channels. Since the current capabil­
Ity of the multiplexer switch is limited, a smaller capacitor 
means less charge-up time is required and a faster settling 
time is possible. The "demultiplexer" allows the user the 
option of reducing the hold capacitance without affecting 
the idle channel noise performance. 

CHANNEL 
MEASURED 

MUX-88 1 
2 
3 
4 
5 
6 
7 
8 

2 

} 
3 
4 
5 
6 
7 
8 

DMX-88 

IDLE 
CHANNEL 

NOISE 

-60.8 
-61.1 
-60.3 
-61.1 
-60.9 
-61.3 
-61.2 
-60.0 

All 
Values 

<-70dB 

HOLD 
CAP 

10000pl 
10000pf 
10000pf 
10000pf 
10000pl 
10000pf 
10000pf 
10000pf 

10000pf 
10000pf 
10000pf 
10000pf 
10000pf 
10000pf 
10000pf 
10000pf 

NOTE: VALUES MEASURED BEFORE PCM OUTPUT FILTER 
WITH HP-355tA (-7OdB IS LOWEST MEASUREMENT) 

FILTER 

GROUNDEO{ 
INPUTS 

AID D/A 

~ 
NOISE MEASURED HERE 

Figure 9. Idle Channel Noise. 

Another demonstrator design change was added to show 
how additional reduction of crosstalk is possible through 
proper control ofthe output multiplexer. The first design did 
not make use of the enable function ofthe output switch. As a 
new digital word was latched to the decode circuit, the out­
put MUX address was switched. The timing involved in these 
two sequences is such that some signal feedthrough is seen 
due to the data latch and Of A circuit (OAC-88f89 and OP-16) 
settling more quickly than the MUX switch can open. Per­
formance is Improved by the MUX being disabled priorto the 
analog channel being switched. This assures, by using lead 
CC, that the MUX is completely open while the new decoder 

IDLE 
CHANNEL CHANNEL HOLD 

MEASURED NOISE CAP 

MUX-88 -57.2 1000pf 
2 -57.2 1000pf 
3 -57.2 1000pf 
4 -57.2 1000pf 
5 -57.2 1000pf 
6 -57.2 4300pf 
7 -57.2 4300pf 
8 -57.2 4300pf 

DMX-88 -68.6 1000pf 
2 -68.6 1000pf 
3 -68.6 1000pf 
4 -68.6 1000pf 
5 -68.6 1000pf 
6 <-70 4300pf 
7 <-70 4300pf 
8 -69.9 4300pf 

NOTE: MEASURED AS SHOWN IN PREV"'OUS FIGURE. 

Figure 10. Idle Channel Noise. 

INPUT 
CHANNEL 

MEASURED CROSSTALK 
CHANNELS (1.02KHz) 

4 -72 
3 -60 
2 -60 
8 -65 
7 -85 
6 -85 
5 -78 

2 8 -72 
7 -80 
6 -85 
5 -85 
1 -85 
4 -84 
3 -85 

3 2 -70 
8 -80 
7 -85 
6 -85 
1 -85 
4 -74 

4 3 -72 
2 -78 
8 -82 
7 -65 
6 -85 
5 -80 

-75 

• CHANNEL NUMBERS AS SHOWN ON ENCODER & 
DECODER BOARDS. 

• INPUT LEVEL'" OdBmO 

• MEASURED WITH HP3580A SPECTRUM ANAL VSER. 

Figure 11. Crosstalk. 
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CONCLUSIONS 
Thanks to the use of newly developed components, the PMI 
eight-channel CODEC demonstrator reveals the performance 
possible with a multiple channel digital transmission system. 
As illustrated by the test results, the transmission perfor­
mance has been improved from that shown in AN-37. 
Moreover, the design is simpler and even more economical. 
Working with an eight-channel system allows the designer to 
investigate additional improvements in and advantages of 
the multiple-channel approach. Because of this, PMI makes 
a set of boards available (encoder, decoder, controller) to 
any customer interested in investigating the advantages to a 
shared-channel design. 

The system is still the basic design presented in AN-37 and 
the work described in that note has aided in continuing 

v-

v. 

COMDAi<>:,,-~1_-
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B. 

Figure 12B. Demo System Decode Board. 
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Figure 12C. Demo System Encode Board. 

improvement of PMI components. A complete demonstra­
tion system schematic is shown in Figure 12. 

PMI is committed to providing telecommunication compo­
nents capable of meeting and exceeding all requirementsfor 
digital switching and transmission systems. We feel the 
shared-channel approach provides economic and space 
advantages over the use of single-channel CODEC's in many 
designs. It has also been seen by several of our customers, 
that since our designs use individual components, by prop­
erly specifying these parts, the overall system performance 
can be guaranteed. This can provide savings in component 
and board-level testing costs. The system designer needs 
only to evaluate the PMI approach to become aware of the 
possibilities it holds in terms of digital transmission system 
design. 
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PMI APPLICATION NOTE 42 
A 1 kHz, OdBmO 

Standard Signal Generator 

The CCITT standards concerning line transmission include 
a specification demonstrating the relationship between the 
encoding laws (A-law or !,-Iaw) and a standard audio signal 
level. The relationship is such that when a specific periodic 
sequence of character signals are applied to the appropriate 
decoder, the output will be a sine-wave signal at 1 kHz with a 
nominal level of OdBmO. The prescribed digital characters 
are those represented in Tables 1 and 2. 

While developing the multiple-channel CODEC systems, it 
became useful to test the encoder and decoder portions of 
the circuit separately. To complete such tests, a CCITT­
standard signal generator was produced. The generator 
consists of five TTL packages and is driven by an 8kHz 
signal. The required digital sequence is simple to implement 
as fourofthe outputs are constant values. Forthe remaining 
active bits, a four bit-binary counter was used to produce an 
appropriate sequence. As is shown in the schematic (Figure 
3), the counter clocks from 0101 to 1100 and then repeats. 
This sequence directly provides the output for bits 4 and 6 
and the inverted bit 8. With additional logic, the remaining 
bit, bit 1, is also available. 

The usefulness of such a generator is seen first of all in 
troubleshooting any preliminary CODEC designs. Secondly, 
for PMI, it provided a small, easily transportable signal 
source to be used in PMl's eight-channel CODEC demon­
stration unit. Using the digital signal generator in conjunc­
tion with a PMI DAC-88 or 89 and an OP-16 provides a analog 
driver capable of producing the CCITT standard transmis-
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sion signal. The completed signal generator schematic is 
shown in Figure 4. 

Table 1. A-Law 
Character Signals Transmitted Characters· 

Bl B2 B3 B4 B5 B6 B7 BS Bl B2 B3 B4 B5 B6 B7 BS 
0 0 1 0 0 0 0 0 0 0 0 
0 0 0 0 0 0 0 1 0 0 0 
0 0 0 0 0 0 1 0 1 0 1 0 0 
0 0 0 1 0 0 0 0 0 0 0 1 

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

*Transmitted Characters for A-LAW are obtained by inverting even bits of 
Character Signals. 

Table 2. wLaw 
Character Signals Transmitted Characters· 

Bl B2 B3 B4 B5 B6 B7 BS Bl B2 B3 B4 BS B6 B7 BS 
0 0 0 1 0 0 0 0 0 
0 0 0 0 0 0 0 0 
0 0 0 0 0 1 0 1 0 0 
0 0 0 0 0 0 0 0 1 
1 0 0 1 0 0 0 0 0 0 1 

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

·Transmitted Characters for wlAW, all bits are inverted. 

L-__________________ ~----------~------~.B. 

L-______ -. B6 

L-~·~--------------.B8 

I • 

TRANSMITTED CHARACTER .. o--.NV''-----...... -------: :: 

~ ~ 
IMI~I~I~I~IMIIDIMI L-______ ... :. :: 

Figure 3. Charater Generator 
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PMI APPLICATION NOTE 43 
THE DAC-76IN CONTROL APPLICATIONS 

This note describes a companding D/A converter that is 
ideally suited for industrial control applications using 8-bit 
microprocessor bus structures. Features, such as 4-channel 
demultiplexing, a reference amplifier that accepts various 
levels of DC or AC for multiplying, and both encode or 
decode capabilities are on-board the COMDAC®. Twelve-bit 
accuracy can be obtained with a logrithmic 7-bit plus sign 
microprocessor compatible D/A converter. . 

The DAC-76 is at its best when measurement and control 
become critical as the signal approaches zero volts. Not all 
control systems that require precise control need the accu­
racy of a 12-bit digital-to-analog converter over their entire 
range of operation. In fact, the non-linearity of a 7-bit com­
panding D/A converter can be quite an advantage. 

DIGITAL 
OUTPtIT (+J 

DIGITAL 
OUTPUT (-I 

Figure 1. Transfer Characteristic 

by Mike Parsin 

COMDAC® CONVERTER CHARACTERISTICS 

The term "companding" comes from compression/expan­
sion which is used extensively in the telecommunication 
industry. Compression is performed in the encode or 
analog-to-digital conversion mode, and expansion occurs 
during decode or 0/ A conversion. The AID transfer character­
istic is seen in Figure 1. Eight points which are referred to 
as chords or segments are selected by a 3-bit binary code. 
Within each chord are 16 steps selected by a 4-bit binary 
code. Each chord segment is linear to 1I2LSB. Step size 
varies from 0.025% in chord 0 to 3.2% (offull scale) in chord 7 
(see Table 1). 

CHORD 
STEP INPUTS INPUTS 
~,...-........-, 

B7 86 B5 B4 83 82 B1 

Figure 2. DAC-76 Equivalent Circuit 

E/D 

IOE(+) 
IOE(-) 
1001+) 
100(-) 

Table 1. Step Size Summary Table Decode Output (Sign Bil Excluded) 

STEP SIZE STEP SIZE AS RESOLUTION 
STEP SIZE STEP SIZE STEP SIZE IN dB AT A % OF READING a ACCURACY 

NORMALIZED IN"AWITH AS A "I. OF CHORD AT CHORD OF EQUIVALENT 
CHORD TO FULL SCALE 2oo7.75"A F.S. FULL SCALE ENDPOINTS ENDPOINTS BINARYDAC 

0 2 0.5 0.025% 0.60 6.67% SIGN + 12 BITS 

1 4 1.0 0.05% 0.38 4.30% SIGN + 11 BITS 

2 8 2.0 0.1% 0.32 3.65% SIGN + 10 BITS 

3 16 4.0 0.2% 0.31 3.40% SIGN+9BITS 

4 32 8.0 0.4% 0.29 3.28% SIGN+8BITS 

5 64 16 0.8% 0.28 3.23% SIGN+7 BITS 

6 128 32 1.6% 0.28 .3.20% SIGN+6BITS 

7 256 64 3.2% 0.28 3.19% SIGN+5 BITS 
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COMDAC® DESCRIPTION 
The OAC-76 contains a logrithmic current output O/A con­
verter, a 4-channel demux, and a reference amplifier. The 
reference amplifier accepts bipolar inputs and sets the con­
verter's full scale output range from 0 to 4.2ma. This output 
current can then be adjusted by the digital input code de­
scribed earlier. Inputs B1 through B3 select the chord while 
B4 through B7 select the steps within the chord (see Figure 
2). A unique switch is used in the demultiplexer section that 
can be programmed for encode/decode (E/O) select, or 
polarity of a bipolar signal selection with the sign bit (SB). 
The combination of both ElO and SB results in the 4-channel 
demultiplexing capabilities. The COMOAC® versatility be­
comes quite apparent in Figure 3. 

Because the nature of O/A converters is to exhibit full scale 
minus 1 lSB when all bits are on, 1I2lSB is added in the 
encode mode to insure full scale accuracy. This corrects the 
error in encode operations but also means there is a 1I2lSB 
error between 100 and 10E (Figure 3a) in demultiplexer 
applications. 

sa INPUTS E/D 

TO SERVO MOTORS, 
o--V=~ CONTROL VALVES, 

o-+'.::O::.D(...,+J~ ~:;~:~~R:6LD 
o--I-''''''-'-I~ AMPLIFIERS, ETC. 

£Ie S8 OUTPUT SELECTION 

1001-1 
100(+) 
loe(-) 

loel+) 

Figure 3a. Demultlplexlng 

Figure 3b. Encode/Decode for Measurement and Control 

CHORD STEP 
INPUTS INPUTS 

Figure 3c. Nonlinear Coding 

MICROPROCESSOR COMPATIBILITY 
WITH 8-BIT /lP'S 

Since the COMOAC@ has 8 digital inputs, all data transfers 
can occur in 1 byte instead of 2 bytes required for 12-bit 0/ A 
converters. Another bit provided for encode/decode is a 
control function and does not affect data transfer speeds. 

Figure 4 shows how simple it is to interface popular I'P I/O 
adapters with 8-bit ports. Anotherfeature is the logic control 
pin (VlC) which can be used to enable the device (logic "0") 
or disable with a logic "1 n. The COMOAC@ accepts all popu­
lar logic levels by applying the logic threshold voltage at this 
pin. The VlC is low for TTL applications. 

Settling time of the OAC-76 is typically 1 microsecond. This 
is within the cycle time of most microprocessor's. 

MICROPROCESSORS 
8080 650X 
8085 6800 

P8l 

PBO 

...I g PA7 

; ~ ~------r-----~ 

" § 

NOTES: 
VREF 

COMDAC« 
DAC·76 ~ __ .... OUTPUTS 

1. 6820 SAME AS 6620. . 
2. 8266 IDENTICAL TO 8155 fOR PORTS A AND B IN MODE 0. 
3. 6820 (66201 IDENTICAL TO 6622 PORTS A AND B FOR SIMPLE DATA TRANSFERS. 

Figure 4. Microprocessor Interface 
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COMDAC® APPLICATIONS 
When choosing between a linear or a logarithmic D/A con­
verter, two factors should be considered. The first is that the 
error signal in control applications is far more important than 
the absolute value. The second is that low level signals are 
more critical than large signals, although a wide dynamic 
range is still a requirement. 

CH 1 

CH 2 

TS ANALOG INPU 
(-5mVTO-5V I 

CH 3 

CH 4 

2.5k 

"'7 

2.51< 

'" 7 

2.51< 

~~ 

V 
2.5k .1 1M 

+ 

I 1M 

1 
+ 

1M 

-

+ 

I 1M 

L+ L-

Figure 5. Four Channel Data Acqulstlon System 

DATA ACQUISITION 

1 

J 

1 

I 

A four-channel Data Acquisition System (DAS) is shown in 
Figure 5 which is unique because only two linear chips are 
needed. Initially, 1/0 port PA is reset and port PB is addressed 
at PBO and PB1 to select 1 of 4 input channels. The computer 
then counts up from zero at port PA until the COMDAC®'s 
output is equal to the analog input voltage at the selected 
comparator. Since the CMP-04 quad comparator has open 
collector outputs, these outputs are OR'ed together and an 
end-of-conversion is signaled when the selected comparator 
output goes low (Figure 5a). The count latched in port PA is 
then the digital equivalent of the analog input. All four chan­
nels can be selected this way with the resulting digital data 
stored in memory. 

Analog inputs ranging from -5 millivolts to -5 volts can be 
measured. To guarantee that the CMP-04 output is normally 
high, at least 5 millivolts is required at all channels. 

----

This circuit is ideal when usually low signals are present at 
the sensor. For example, when measurement of a process' is 
typically+100·C+I-10· C, but can range from 75·Cto 1000·C. 
The alarm is set to trip at 500· C. In this case the COMDAC® 
accuracy should be greatest from 75·C to 110·C, a 35·C 
range. The DAC must have a dynamic range equivalent to 
925 degrees, but only the 35 degree range need be accurate. 

10el+1 
10E( I 
10D(+1 COMDAC~ 

100H " 
DAC·76 

B1 - 87 

VRI+) 

VR( I 

~ 
~ 

+lOV 
REF .. (n 

51< 

10k 

+15V 

+5V 
7 

5k PAD - PA6 PBO PBl 

~ Bl$ I V I/O PORT 

r-lN3904 /'\.. t(".,. ,('). 
51< ] ~ 15 w a: 

'" a: ... ... " z 
'----- "' 11 ~ ",87-

I B085 .p I 

NOTE: 
2.5k RESISTORS SHOULD BE MATCHED 
TO 0.01%. 

":" 

RAMP VOLTAGE 
OUTPUT 

END·OF­
CONVERSION 

"i7 

Figure Sa. Data Acquisition Timing Diagram 
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A logrithmic DAC will then trip the alarm at 500° C, measure 
to 1000°C, and give a very accurate reading from 75°C to 
110°C. Keep in mind the dynamic range of the COMDAC® is 
4000:1 or 72db (excluding the sign bit). 

VALVE CONTROLLERS 
A programmable controller (PC) is shown in Figure 6. To 
complete a "control loop", the data acquisition system just 
described and the PC are required. Today's distributed 
systems need mini or microcomputers at remote stations to 
operate the control loop. The system described here uses 
two DAC's to position the valve opening. A linear DAC-08 
makes the gross setpoint adjustment while the COMDAC® 
makes the fine adjustment to 0.025%. 

The operation of this circuit (Figure 6) is straight forward. 
When the process changes, it is detected by the micro-

FROM 
COMPUTER 

TO VALVE { 
#2 

CAe·os 

OFFSET 

CQMDAC,"; 
DAC·76 

DIGITAL INPUT 

SIGN BIT 

Figure 6. Programmable Controller In Distributed System 

VREF O----Nlt---I 

I/O 

processor which is periodically monitoring the sensor's 
output through the DAS. The processor then determines the 
error between the setpoint and sensor. This "offset" is then 
sent to the COMDAC® for proper valve positioning. The 
offset current is "summed" with the DAC-08 at the amplifier. 

A "reset time", which is the time between valve repositioning, 
is determined by the processor. 

PROGRAMMABLE MOTOR CONTROL 

Another popular application is the motor controller. Here a 
DC motor (Figure 7) is driven from the COMDAC® (requires 
a power amp). Speed is directly proportional to the voltage 
across the motor. The sign bit determines the direction of 
rotation and the 7 magnitude bits determine motor speeds. 
For servo applications a shaft encoder can be used to close 
the loop. 

FROM OTHER ,uP'S AND HOST COMPUTER 
IN DISTRIBUTED SYSTEM 

~RT ~------~~--------~ 
FROM SHAFT ENCODER 

Figure 7, Programmable Servo Motor Controller 
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PMI APPLICATION NOTE 44 
COMPOSITE BUFFER PROVIDES 

SPEED, ACCURACY 

INTRODUCTION 

Suppose a particular operational amplifier Integrated circuit 
satisfies all of the requirements for a voltage follower ap­
plication except for speed. Instead of searching for a faster 
op amp, a design engineer may be able to obtain the desired 
speed by placing a fast buffer, such as the BUF-03, in the 
feedback loop of the op amp. The resulting composite 
amplifier maintains the op amp's accuracy while enhancing 
its speed. 

The BUF-03, possessing a bandwidth of 63MHz, is well 
suited for this type of use. In Figure 1, it is shown in the 
feedback loop of an OP-07, an industry standard for applica­
tions requiring high DC accuracy but also a device with 
limited speed. The compOSite configuration is a fast and ac­
curate noninverting unity-gain amplifier requiring only two 
external resistors. 

V ,N 

L-----''--o -15V 

Figure 1. Use of the BUF-03 and the OP-07 as a 
Composite Amplifier In a Noninverting Unity· 
Gain Amplifier. 

CIRCUIT OPERATION 

In Figure 1, input signals of up to ± 10V are applied to both 
the input of the BUF-03 and the non-inverting input of the 
OP-07. The OP-07 reduces the VIN - Your error of the 
BUF-03 by driving its null terminal, rather than the input of 
another op amp as is commonly done. Resistors R1 and R2 
form a voltage divider which enables the output of the OP-07 
to remain in Its active region while modulating the BUF-03's 
null terminals (nominally at + 14.3V). 

The DC errors of the composite circuit, including input off-
set voltage (VOS), change of offset voltage with temperature 
(TCVos), power supply rejection ratio (PSRR), and gain error 
(output regulation with load) are reduced to those of the 

by Scott Bernardi and George Erdi 

OP-07. The circuit in Figure 1, using an OP-07E (prime grade, 
commercial-temperature version) and a BUF-03F (commer­
cial grade, commercial-temperature version) boasts a Vos at 
VIN = OV of +30,N, and a gain error (VIN - Your) with a 
1,OOO-ohm load of five parts per million (50,N) at ±10V. 

The AC performance of the composite amplifier is that of 
the BUF-03. One of the main advantages provided by the cir­
cuit arrangement is that the BUF-03 remains stable with any 
capacitive load whereas the OP-07 requires a 50-ohm 
decoupling resistor with CL greater than 500pF. Also, the 
BUF-03's 60-70mA driving current will slew large capaci­
tances easily (1,OOOpF and 2k ohms at 60V/p,s for a ±5V 
pulse). This is illustrated in the waveform shown in Figure 2. 
The slew rate of the system with CL = 10pF (probe 
capacitance) is 220V/p,s as revealed in Figure 3. 

+5V 

OV 

-5V 

Figure 2. A Slew Rate of More Than 6OV/p.Sec Is Obtained 
with an RL of 2kO, a CL of 1,OOOpF and SOmA of 
Driving Current. 

+5V 

OV 

-5V 

Figure 3. Very High Slew Rate Is Achieved with an RL of 
2kO and a CL of 10pF. 
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In a composite amplifier arrangement, each of the devices 
dominates the characteristics at one of the two frequency 
extremes and a smooth transition of characteristics takes 
place in between. 

If only low·frequency signals are to be processed, an OP-07 
connected as a voltage follower might as well be used 
alone, unless of course, large capacitive load handling 
capability and large load currents are required. At higher fre­
quencies, the OP-07 cannot respond fast enough to drive the 
BUF-03's null terminal correctly, resulting in improper gain 
error cancellation. However, even the BUF-03 alone has a 
typical gain error of onlyO.5% for a ±10V input with 2k-ohm 
load (using the BUF-03F). The transition frequency occurs in 

the 2kHz to 10kHz region, depending on load conditions. 
There will be a point (up to the transition frequency) where 
the combined performance of both devices is better than 
either device individually. 

CONCLUSION 

The BUF-03 can be used as described with virtually any op 
amp in voltage follower applications to provide speed 
enhancement without sacrificing DC accuracy. This Is true 
even where a high-speed op amp is already being employed, 
and still faster speed is desirable. 

PAGE 15-205 

:; 
z cc 
rn 
w 
I­o 
Z 
z o 
~ u 
:::; 
a.. 
a.. 
CC 

III 



PMI 
® 

APPLICATION NOTE 45 
TIME SHARING PERMITS DESIGN OF 

CONTROLLER WITH SINGLE DAC 

INTRODUCTION 

The DAC-76 COMDACG' Companding D/A Converter Is a 
monolithic IC containing a multiplying logarithmic D/A con­
verter with a demultlplexed output for encode/decode 
switching. 

This application note describes the use of a single DAC-76 
In the deSign of a converter instead of the use of one IC for 
analog-to-cllgital conversion at the Input and another IC for 
digital-to-analog conversion at the output (the conventional 
way of designing a controller). 

In the controller to be described In ·the following 
paragraphs, the DAC-76 not only multiplexes between en­
code and decode, It also compresses 12-bit accuracy Into a 
7-bit format. Its seven bits plus sign make the DAC-76 an 
ideal interface for 8-blt microprocessors. 

THE COMDAC<Il SYSTEM 

The heart of a COMDACG' system is a DAC-76 companding 
D/A converter. Capable of being switched from "measure­
ment" in the encode mode to "control" In the decode mode, 
the DAC-76 Is completely bipolar In both modes because of 
the sign bit. All four outputs sink current. 

The system depicted in Figure 2 uses six support chips. An 
8085 microprocessor and an 8155110 port supply the digital 
data; an op amp, comparator, reference and sample-and­
hold amplifier complete the analog function. 

+15V 

NOTE: 
Rl, R2, R3, R4, ARE 2.Skfi 
AND MATCHED TO 0.01% 

RESET 

Pco 

CHORD 
INPUTS 

83 B2 81 

13 

v-

Figure 1. Equivalent Circuit 

ENCODE MODE 

v·, 

by Mike Parsln 

sa Eto 

VLe 

The measuring mode starts when the Encode/Decode (E/D) 
line goes high. The microprocessor then sends a digital 
count to the DAC that starts a ramp. The encode waveform 
shown in Figure 3a reveals the timing and logarithmic ramp 
from the COMDACIII . This signal is fed to the comparator 
which in turn signals an end-of-converslon (EOC) when the 

ANALOG INPUT 
+/-SVOLTS 

R1 

R4 

-lSV 

Figure 2. COMDACG' Controller Showing Analog InputlOutput 
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ENCODE 

Figure 3. Timing Diagram 

analog input equals the ramp voltage. The count stops and 
the binary result is stored in a one-byte memory location for 
further data processing. This data Is the result of the 
transducer output. 

The software for encoding is described in Table 1. 

DECODE MODE 

The data stored In the encode mode is now compared to the 
data In the previous setting. For example, If the set point 
was set for 100 degrees and the measured value was 110 
degrees, this 10·degree error or "offset" would have to be 
corrected by the control device, in this case a valve. A look· 
up table determines the required change in valve position 
proportional to the offset voltage. Once the correction is 
determined by the microprocessor the data is sent to the 
DAC. A "low" at ElD sets the DAC to "decode" which steers 
current to the inverting input of a high·speed BIFET opera· 
tional amplifier (OP·16) when the sign bit Is "high." 

The sample/hold amplifier samples during this time and 
"holds" the op amps output after it settles. This positive 
analog output of five volts goes to a negative 5·volt output 
when the sign bit is switched (see decode waveform in 
Figure 3b). The waveform shows that the analog output re­
mains constant even when the COMDAC® system changes 
to the encode mode for another sample. The time between 
samples is referred to as "reset time." If the deviation or "off· 
set" starts to increase more rapidly, the reset time is in· 
creased by the microprocessor. The program shown in 
Table 1 exhibits only control and measurement instructions. 
The sample/hold line can be considered a reset control. The 
output voltage Is referred to as the "set point" and Is used to 
control a linear device such as a control valve. 

SINGLE LOOP CONTROLLER 

Following the advent of the computer, most controllers 
became digitally controlled and were used In direct or 
distributed digital control systems. 

The direct digital control system is defined as a single·host 
computer at the hub of a multitude of remote controllers. In 
contrast, the distributed digital control system is centralized 
by the host computer but has many remote micro or 
minicomputers that perform direct control of the loop or 
loops. The host computer is responsible for "supervisory" 
functions. In the case of a direct digital control system, the 

ANA 
OUT 

DECODE 

whole system "shuts down" if the host computer fails. The 
distributed system does not rely on anyone component. 
Any of the remote computers or even the central computer 
can fail with only that particular remote station being af· 
fected. A bus structure referred to as "the data highway" in· 
terconnects the remote computers. 

The controller shown In Figure 4 contains only a single con· 
trol loop driven by a microprocessor; the controller, 
however, could be a part of the distributed system previously 
mentioned. The controller's sensor input voltage is 
amplified by an Instrumentation amplifier converted to cur· 
rent by the VII. 

Current is used to transmit signals long distances because 
it is much less susceptible to noise than voltage transmis· 
sion. The COMDAC® controller accepts the analog input, 
encodes the signal, compares the digitized signal to the set· 
point, and finally establishes a new setpoint if an "error" 
has been introduced. The analog output is then converted to 
current for transmission to an electrically actuated control 
valve. This completes the control loop. 

COMPANDING PRINCIPLE 

"Companding" means compression/expanslon. In the en· 
code mode, the analog signal is compressed into a digital 
format illustrated by the transfer in Figure 5a. Expansion oc· 
curs during decode which expands the digitized signal back 
to analog. Figure 5b shows this transfer characteristic. 
These figures show eight pOints or segments which are 
referred to as "chords." Each chord Is selected by a 3·bit 
binary code. Sixteen "steps" make up each chord which are 
selected by a 4·bit binary code. The chord segmentation is 
shown In Table 2. Note that the change in step size ranges 
from 0.025% in chord 0 to 3.2% (of full scale) in chord 7. The 
DAC·76 is monotonic over the full operating range and linear 
to Yo LSB within each chord. One of four outputs can be 
selected for bipolar operation in encode and decode modes 
(Table 3). 

On·board the chip are a logarithmic current output D/A con· 
verter, an encode/decode demultiplexer, and a reference 
amplifier. Both positive and negative signals can be fed to 
the reference amplifier. These currents are then multiplied 
by the digital input. Inputs B1 through B3 select the chord 
while B4·B7 select the steps. 
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CONCLUSION 

The slngle·loop controller described In this application note 
Interfaces very nicely to an B-blt microprocessor and totally 
eliminates an. AID converter. The COMDAC8 converter or 

Figure 4. Controller In Single Loop Configuration 

DIGITAL 
OUTPUT (+) 

DIGITAL 
OUTPUT (-) 

Figure Sa. Encode Transfer Characteristic 
(AID Conversion) 

system becomes more accurate as the analog signal (In or 
out) approaches zero volts. Very broad changes can be ac· 
complished by using the higher chords and fine ad· 
Justments are possible with the lower chords. 

ANALOG 
OUTPUT (+1 

ANALOG 
OUTPUT I-I 

Figure 5b. Decode Transfer Characteristic 
(D/A Conversion) 
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Tabla 1. COMDA~ Soltware 

;B REG = UP COUNTER 
2000 ORG 2000H 
2000 31CC22O BEGIN: LXI SP,2OC2H ;INITIALIZE STACK POINTER 
2003 3E03 MVI A,03H ;SET PT A&B TO OUT & PT C TO IN 
2005 0320 OUT 20H ;THIS SETS 8155 CSR 
2007 3E07 ENCOD: MVI A,07H ;START ENCODE 
2009 00 NOP 
200A 0322 OUT 22H ;SET EI TO ENCODE & SIB TO ( - ) 
200c 04 LOOP: INR B ;INCREMENT UP COUNTER 
200000 NOP 
200E 78 MOV A,B ;COUNT TO ACCUMULATOR 
200F 0321 OUT 21H ;OUT COUNT TO COMDAC DIGITAL IN 
2011 DB23 IN 23H ;MONITOR END OF CONVERSION 
2013 E601 ANI 01H ;MASK PCO 
2015 C20C2O JNZ LOOP ;LOOP WHEN EOC IS HIGH 
2018 78 MOV A,B ;MOVE RESULT TO ACCUMULATOR 
2019 323C20 STA 203CH ;STORE RESULT IN MEMORY 203C 
201C 0600 MVI B,OO ;CLEAR B REGISTER 
201E 3E7F DECOD: MVI A,7FH ;START DECODE 
2020 0321 OUT 21H ;OUT TO DAC ALL 1'5 + 5V 
2022 3E01 MVI A,01H ;SET ElD TO DECODE & SIB TO (+) 
2024 0322 OUT 22H ;OUTPUT TO S/H & COMDAC 
2026 3E05 MVI A,05H ;SlH TO HOLD ANALOG OUT TO + 5V 
2028 0322 OUT 22H ;OUTTO SlH 
202A 3EOO MVI A,OOH ;ANALOG OUT TO NEGATIVE 
202C 00 NOP 
202000 NOP 
202E 0322 OUT 22H ;OUT TO SlH & COMOAC 
2030 3E04 MVI A,04H ;SlH TO HOLD ANALOG OUT TO - 5V 
2032 0322 OUT 22H ;OUT TO S/H & OAC 
2034 00 NOP 
2035 00 NOP 
2036 C30720 JMP ENCOD ;START ENCODE AGAIN 

Table 2. Step Size Summary Table Decode Output (Sign Bit Excluded) 

STEP SIZE STEP SIZE AS RESOLUTION 
STEP SIZE STEP SIZE STEP SIZE IN dB AT A % OF READING lit ACCURACY 

NORMALIZED IN,.A WITH ASA%OF CHORD AT CHORD OF EQUIVALEN T 
CHORD TO FULL SCALE 2007.75,.A F.8. FULL SCALE ENDPOINTS ENDPOINTS BINARY DAC 

0 2 0.5 0.025% 0.60 6.67% SIGN + 12 BITS 
1 2 1.0 0.05% 0.38 4.30% SIGN + 11 BITS 
2 8 2.0 0.1% 0.32 3.65% SIGN + 10 BITS 
3 16 4.0 0.2% 0.31 3.40% SIGN+9 BITS 
4 32 8.0 0.4% 0.29 3.28% SIGN+8 BITS 
5 64 16 0.8% 0.28 3.23% SIGN+7 BITS 
6 128 32 1.6% 0.28 3.20% SIGN+6 BITS 
7 256 64 3.2% 0.28 3.19% SIGN+5 BITS 

Table 3. Coding lor Output Selection 

ElD SB OUTPUT SELECTION 

o 0 100(-) 
o 1 100(+) 
1 0 10E(-) 
1 1 10E(+) 
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PMI APPLICATION NOTE 47 
BCD OAC MAKES PROGRAMMING 

OF FUNCnON GENERATOR SIMPLE 

Providing analog instrumentation and signal processing 
systems with the capability to be digitally programmed is 
becoming increasingly important for two reasons. The first 
is compatibility with automated digital control systems us­
ing microprocessors or general-purpose interface Bus 
systems. The second reason, unrelated to automation, is 
the need to reduce errors that result from operator ad­
justments of equipment. 

A conceptional view of analog control (using a poten­
tiometer) and digital control (using a digital-Io-analog IC) is 
depicted in Figure 1. Linear control of the analog function 
can be achieved through control of absolute voltage, dif­
ferential voltage or current. Configurations for each of these 
control modes are shown in Figure 2. For maximum flexibil­
Ity in applying digital control to a system, a current output 
DAC, such as the popular DAC-08, or the BCD DAC-20 
should be used. 

Use of a DAC in analog conditioning or signal processing 
systems can be a problem if the linear output of the DAC 
elicits a nonlinear response from the system. To add digital 
programmability to the system, the designer must begin 
with a linear system unless, of course, a log or other 
nonlinear response is desired. 

An instrument that can be significantly enhanced by the in­
clusion of a BCD DAC in its circuitry is the ubiquitous func­
tion generator. A single-chip function generator, such as the 
8038, can provide sine, triangle, and square-wave outputs at 
very low cost. The 8038 can operate over the 0.001 Hz to over 
100kHz range and through three outputs can deliver square, 
triangular and sine waveforms simultaneously. 

In conjunction with a DAC-20 (a two-digit BCD DAC) and a 
few additional components, the 8038 can be used to design 
a function generator having 2% frequency linearity and pro­
viding both digitally programmable output and logarithmic 
sweep. 

At first glance, the circuit shown In Figure 3 appears to pro­
vide the designer with digital control capability. In this cir­
cuit, the 8038 is programmed by the voltage differential be­
tween Vcc and VIN. Unfortunately, the performance of the 
8038 is not sufficiently linear to allow this simple interface 
arrangement to work. A linearization circuit must be added. 

The linearization requirements of the 8038 can best be 
grasped by examining and understanding the way it func­
tions. Initially, the 8038 generates a triangular wave which is 
then used in the derivation of the sine and square wave­
forms. The triangular wave is formed by two voltage-con­
trolled current sources (VCCS), equal to 11 and 212' One of 
the current sources (11) Is always on; the other one (212l is 
switched, so that an external capacitor is alternately 
charged and discharged. 

by Gary Grandbois and Wes Freeman 

POTENTIOMETRIC 
CONTROL DIGITAL 

INPUT 

Figure 1_ Simplified Representation of Analog and Digital 
Control: (a) Potentiometric Control; (b) Digital 
Control_ 

DIGITAL 
INPUT 

'0 

v, 

v, 

t:..v VOLTAGE 
DIFFERENTIAL 

Figure 2. Control Configurations: (a) Differential Voltage 
Control; (b) Ground-Referenced Voltage Control; 
(c) Current Control_ 

BCD 
INPUT 

Figure 3. Basic Digital Control Configuration Using 
DAC·20 and 8038 Function Generator IC. 
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A simplified circuit diagram for the 8038 VCCS Is shown In 
Figure 4. The VCCS output is given by: 

11 = VIN + VBEOI - VBE02 
RA 

(1) 

This current source is not linear enough for the digital pro­
gramming because VBE02 varies with 11 while VBEOI does 
not. Adding a feedback amplifier to the VCCS, as shown in 

Figure 4. Simplified Circuit Diagram for the 8038'. 
Voltage-Controlled Current Source. 

Figure 5. Improved VCCS with Added Feedback Amplifier. 

DIGITAL 
INPUTS 

Figure 6. Digitally Controlled 8038. 

Figure 5, makes the output very linear by forcing the voltage 
at Pin 4 to equal VIN, so that the VCCS output is Simply: 

(2) 

The excellent linearity of the current source permits the out­
put frequency (fout) of the 8038 to be controlled by the DAC 
as shown in Figure 6. The digital inputs to the DAC set the 
voltage at point VIN, and thereby control the output fre­
quency of the 8038. RA and CEXT set the frequency range of 
the 8038 and Rl and R2 set the increment at Which the fre­
quency changes (although there are two current sources, 
the lowest sine wave distortion is obtained when 11 = 12; 
therefore, only RA need be considered in calculating fout). 

The internal comparators of the 8038 limit the triangle wave 
amplitude to 1/3 Vee. If It = 12 so that rise time = fall time, 
and 11 = VIN/RA, then 

-VIN 
fout = 

2/3 Vee RA CEXT 

The voltage at the output of the DAC-20 is given by: 

VoAe = VIN = VREF X 
(R2) 

N 
100 X Rl, 

(3) 

(4) 

where N is a two-ctigit BCD number. The most Significant 
digit of the DAC-20 (comprised of four binary bits) can over· 
range to hexadecimal F (equivalent to decimal 15) so that N 
can range from 1 to 159. 

The complete function generator schematic Is shown In 
Figure 7. The component values listed will control the 8038 
output from 100Hz to 15,900Hz, which covers almost all of 
the audio range. (Note that a 00 Input should halt the 
generator; however, leakages and offsets keep the 
generator operating - in a bread-board version, the output 
was 19Hz.) 

SI and S2 are hexadecimal and decimal thumbwheel 
switches, respectively, for setting the desired frequency. 
Frequency linearity is excellent with fout within 2% of pro­
grammed value over the entire frequency range. Sine wave 
distortion can be adjusted to less than 1 %, and varies less 
than ± 0.2% over the output range. 

The Precision Monolithics REF-02 supplies a very stable 
reference voltage to R3, which sets the DAC-20 full scale 
current at 3.18mA. Rl converts the DAC output current to a 
voltage at the nonlnverting Input of the OP-02, which then 
sets the fout of the 8038. Dl and R6 protect the 8038 input 
from transients during power supply turn-on and Cl-R5 roll 
off the op amp loop. 

Since the DAC-20 has a high-compliance current source out­
put, an external voltage source can be applied at VIN if exter­
nal control of fout is desired. A modulating voltage can also 
be capacltlvely coupled into VIN to provide a frequency­
modulated output. Another way of modulating would be to 
apply the external signal to the DAC reference input to 
modulate the reference voltage. 

Calibration of the generator Is straightforward. Since the 
8038 symmetry adjustments affect frequency, these are per­
formed first. With a digital word of F9 (HEX) applied to the 
DAC, RB2 is adjusted for one 50% duty cycle square wave 
output and R13 and R14 adjusted for lowest distortion sine 
wave. Then, with a DAC input of 01, Rll is adjusted for a 
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50% duty cycle square wave and R7 for foul = 100Hz. Finally, 
with a DAe Input of AO, R2 is adjusted for fout = 10kHz and 
the calibration is complete. 

For audio testing, a generator with logarithmic sweep is 
very desirable. The addition of only 3 IC's provides log 
sweep as well as programmable counters on the input of the 
DAC·20. When S3 is open the oscillator will produce 16 
cycles at each frequency step, producing a logarithmically 
related sweep. The log nature of the sweep is shown by the 
controlling equation for the counter. 

Count = fl~ dt 

but the frequency out, fo, Is proportional to the count 

fo = 100 count 

~ =(fo dt 
100 :n6 

+lSV 
2 

V~OUT 6 

or fo 16 dfo 
100 dt 

A1 
909 

A" 
1k 

01 
lN748A 

When S3 is closed, the 74192 and 74193 counters act as 
transparent latches, so that thumbwheel switches Sl and 
S2 can be used to program foul. 

Microprocessor control of the generator is very simple since 
the DAC·20 is compatible with all logic families. Any CMOS, 
NMOS, or bipolar output device will drive the DAC·20, or a 
memory write pulse can be used to latch data Into the 
counters (Figure 9). If the counters are used with pp control 
one bit of an 1/0 port or an external switch must be used to 
select swept or programmed output. 

The "intelligence" added to this Instrument by DAC control 
allows operation from pp or. thumbwheel switches and per­
mits easy interface to the IEEE 488 bus with the popular 
GPIB chips. 
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100k 
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Figure 7. Complete Circuit Diagram for Programmed Function Generator. 
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Figure 8. Log Sweep Modification of Programmable Function Generator. 
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Figure 9. Microprocessor Interface to Function Generator with Software Selectable Sweep. 
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PM APPUCATION NOTE 48 
DESIGNING DIGITAL REPEATERS WITH Ie's 

® 

This note describes the use of the RPT -81 and the RPT -82, 
PCM carrier repeater integrated circuits, which perform all of 
the active functions required for a regenerative repeater 
operating at 1.544-2.048 Megabits per second (Mbps) data 
rates on PCM lines. 

Most of the problems in digital voice transmission are caused 
by the transmission medium itself rather than by the transmit 
or receive hardware. . 

This is particularly true forthe most commonly used medium, 
twisted-pair cable designed to carry analog voice-frequency 
signals in the 300- to 3700-Hz frequency range. 

As more and more transmission routes are called upon to 
accommodate digital data, it becomes important, in terms of 
system cost and installation time, to use existing cable inter­
changes. As a result, audlo-frequency-grade cable is called 
upon to transmit high-speed digital data. This was made pos­
sible through the development of digital regenerators. 

A digital regenerator consists of two repeaters, one in each 
transmission direction. Repeaters receive digital data streams 
and retransmit them to the next receiver position. Current 
integrated-circuit repeaters eliminate the loading coils that 
were originally used to introduce a flat-band response over 
the voice band. A T1 repeater (the U.S. standard) can accept 
a degraded signal, regenerate it, retime the pulse stream, and 
transmit it over another 6000 feet of twisted-pair cable. The 
action taking place in the regenerative repeater stage is 
depicted within the dashed-line portion of Figure 1. When 
digital carrier repeater circuits are installed, the operating 
error rate for carrier systems with audio-grade cable pairs is 
well within the limits necessary for adequate voice 
communication. 

LINE I 'L.. __ ---I 

DECISION TIMES l"" /r ..... --..., 
'!It!I!' X l 

+ __ ~ l .l.-.J. I ~ __ DECISION " 
, I I 1 1 I LEVEL " 

o I ~_~_~ __ DECISION " 

, l l : LEVel 

Figure 1: Th. functlonal.l.m.nt. of a r.g.n.ratlv. r.p.at.r 
•• ctlon are .hown within the dash.d lin •• Th. 
r •• ults b.lng a re-.haplng of th.lncomlng pul •••• 
which In tum .nabl •• a re-tlm.d and regen.rat.d 
data str.am. 

by B. W. Berry 

Several different integrated circuits are being used in the 
latest generation of repeater equipment. These circuits have 
cut the number of components required to build a digital 
regenerator while Improving its capabilities and performance. 

To grasp the concepts concerning use of the devices, it is 
helpful to first examine some of the basic theories relating to 
practical digital transmission. 

The present T1 carrier uses bipolar or mark Inversion digital 
format shown in Figure 2. There are several specific advan­
tages provided by this coding system. 

UNIPOLAR 

+V 

BIPOLAR 

+v 

-v 

Flgur. 2: In the bipolar (alt.rnat. mark Inv.rslon) digital 
format. alt.rnat. 1 bit. ar. Inv.rt.d In polarity. 

First, the maximum energy of the waveform is found at one­
half ofthe bandwidth (data-transmission rate) ofthe system. 
For a binary code (see Figure 3), the most significant fre­
quency is found at the zero level rather than the mid­
frequency. This means that the energy spectrum encom­
passes double the bandwidth (3.088 MHz) ofthe transmission 
rate for the T1 rate. The bipolar scheme keeps the spectrum 
within the 1.544-MHz bandwidth of the transmission system. 

1.544 MHZ DC 

~UNIPOLAR 
I PCrvI TRAIN 

772 KHZ 

A E\-•. __ .• L..- BIPOLAR - V-~ PCM TRAIN 

!~,~!~ 
772 KHZ 1.544 MHZ 3.088 MHZ 722 KHZ 1.544 MHZ 3.088 MHZ 

FREQUENCV FREQUENCY 

Flgur. 3: Th. (alt.rnat. mark Inv.r.lon) bipolar digital 
format k.eps the .pectrum within the 1.544MHz 
bandwidth of the tran.ml.slon sy.t.m. Th. av.rag. 
dc compon.nt on the tran.mls.lon pair Is z.ro. 
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Another important characteristic of a bipolar code is thatthe 
average dc component on the transmission pair is zero. This 
is important in regenerator development because it allows 
the same channel to be used for data transmission and power 
supply. An advantage of this design approach is that extra 
pairs for powering a repeater location are not necessary with 
a simplex power arrangement. 

Still another advantage provided by bipolar code is the cap­
ability to detect single-bit errors within the transmitted data. 
Since the sequence of pulses has alternating polarity, the 
absence of a pulse will be received as a bipolar violation. 
Though error bursts could produce incorrect error counts, it 
has been purported that the difference between the true 
error rate and measured error rate is negligible in high-error 
channels. 

If the error rate is low enough to show differences for burst­
error occurrences versus single-error counts, the channel 
will probably be performing well enough to make the differ­
ence unimportant. 

There are also some problems associated with bipolar cod­
ing. For example, since retiming depends on the incoming 
pulse stream, a long series of zeroes will have a very low 
energy content. Some oscillator-resonant circuit designs 
may then damp out completely and fail to restart. This will 
depend on the a of the circuit. 

Some carrier designs have moved to different coding schemes 
to restrict the number of zeroes possible in a legal transmis­
sion. In European systems especially, the HDB3 code (high­
density bipolar with no more than three zeroes in succession) 
has often been incorporated. In this discussion, however, the 

II 

FUNCTIONAL DIAGRAM 
OF DIGITAL REPEATER 

straight bipolar coding scheme will be considered when 
determining the relationship of the active components within 
the repeater. 

The functional components of a repeater integrated circuit 
are illustrated in Figure 4. The repeater amplifies the incom­
ing signal and equalizes the received signal to compensate 
for attenuation distortion and phase distortion. The analog 
amplifier also has a feedback loop that provides for a variable 
amplification dependent on the threshold detected for the 
incoming pulses (either positive or negative). Either of two 
methods can be used to obtain equalization: in the first 
approach, a fixed value of cable attenuation is provided; in 
the second approach, automatic equalization can be used 
with constant modification taking place to handle variable 
line lengths in that transmission section. The monolithic 
approach provides an equalization network and variable line 
matching circuitry. 

The repeater must provide a timing-recovery circuit to 
extract the data transmission clock from the incoming pulse 
train. The recovery circuit will normally comprise a resonant 
circuit tuned to the peak energy level of the incoming signal. 
The resonant circuit is "energized" by the transitions at the 
received channel with the resonant frequency dependent on 
the a of the circuit. A higher a can allow the circultto remain 
active through longer periods of zero signals levels. The 
recovered timing pattern is then used in the reproduction of 
the incoming series of pulses. 

The repeater must be capable of differentiating between a 
data pulse and channel noise. The noise due to adjacent 
channel pairs or interference due to signals in adjacent time 
slots must not negate the reception of the proper incoming 
pulse sequence. Jitterdueto timing variations from repeater 
section to repeater section can disrupt the signal detection 

~--+---~" 

THRESHOLD 
DETECTOR 

GATE REGENERATOR BUFFER 

TIMING EXTRACTION 
& SHAPING 

Figure 4: Functional diagram of a repeater Integrated circuit shows the equalizer (to compensate for attenuation and phase 
distortion) and analog amplifier with feedback to provide variable amplification dependent on the detected threshold. 
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by causing pulse thresholds to be measured at the Improper 
intervals. Pulse detection is accomplished by the detection 
of proper threshold levels and correct timing intervals. The 
repeater then will retime the detected levels to provide for a 
new pulse train. It is Important when retlming the waveform 
that the Input from the threshold detector precede the timing 

OSC 
CONTROL 

Vcc, 

strobe. This ensures that the output pulse will follow the 
reconstructed timing, reducing the jitter components. 

The final functional block necessary for the complete repeater 
function Involves the regeneration of the output pulses. The 
buffer stages drive the output transformer to produce a posl-

STROBE 

T(+) 

TH 

1 
1 
17 
1 
1 
I . VCC2 
110 INPUT 

I 
I 1 
L ___ I ________ -<> 

_ DIGITAL 
- GROUND 

REGULATOR 
OUTPUT 
(DIE ONLY) 

Figure 5: In PMI'. RPT-81 and RPT-82, equalization and amplification of the Incoming pulle train take. place through an 
amplifier with an external network controlled by feedback. 
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INPUT LOCKED TO 
FULLWAVE 
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~~ 
PREAMP OUTPUT 

..flI1J1..JlJL (COMPARATOR REGENERATED 
THRESHOLDS) CLOCK 

FULLWAVE REFTIFIER 
PEAK DETECTOR 

L-J 
LOGIC THRESHOLD 
T+ OUTPUT -y-y-y-y-y- STROBE 

LJ 
LOGIC THRESHOLD 
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---Il FF+ Q 

----u--u- FULLWAVE 
RECTIFIER OUTPUT 

rL FF- Q 

~ 
PEAK DETECTOR -l1--v- BIPOLAR 
OUTPUT OUTPUT 

Figure 5A: Voltage waveform. at the output. of the varlou. functional blocks within the RPT -81 Integrated circuit. The output 
pul ... of the amplifier trip some combination of the level-detecting comperetora. 
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tlve or negative signal on the channel output pair. The design 
is such that, in most instances (U.S. and European), the 
generated signals are nominally square pulses. Different 
theories as to improving performance by band-limiting the 
output stage have been discussed and, in some instances, 
implemented. However, the majority opinion still seems to 
favor the square-wave components. 

The repeater can be considered a combination of discrete 
yet interrelated functions. The overall function of the repeater 
is the shaping of incoming pulses, the retiming of these 
pulses, and the generation of an equivalent output stream. 

ICAPPROACH 
In PMI's RPT -81 and RPT -82, the equalization and amplifica­
tion of the incoming pulse train is achieved through a bipo­
lar amplifier with an external equalization network controlled 
by feedback from the amplifier outputs (Figure 5). The result 
is that the pulses peak so the majority of the pulse amplitude 
is restricted to its own time slot. 

The automatic attenuation of the pulses is done by an ALBO 
(automatic line build-out) circuit actuated through a buffer 
circuit on chip. The output pulses of the amplifier will trip one 
or all ofthe three level-detecting comparators. In terms of the 
ALBO feature, if the incoming pulses exceed a specified 
peak-reference value, the comparator generates current 
pulses that flow into the ALBO filter external to the chip and 
charge capacitor CF. 

The voltage at the ALBO filter is applied, in turn, to the base 
ofthe internal ALBO buffer transistor. The buffer will turn on 
when its base voltage exceeds approximately 1.7 volts. This 
'on voltage' is also specified in the electrical characteristics 
of both the RPT-81 and RPT-82. The ALBO diode acts as a 
series impedance, normally much larger, and therefore the 
dominant factor; than the shunt impedance of the external 
network. As the current increases at the buffer, the diode 
impedance decreases and the shunt impedance becomes 
dominant. 

The overall effect is to increase the ALBO attenuation as the 
filter voltage level increases. The result is that the feedback 
loop will adjust itself until the pulses out of the preamplifier 
are equal to the fixed reference. The references for the other 
level detector and rectifier are set at fixed ratios of this peak 
reference. Therefore, their thresholds are fixed with respect 
to the pulse shape and relative amplitude. 

On the RPT-81 (not the RPT-82), a clock shutdown circuit, 
which is activated by the current levels from the ALBO 
buffer, is also provided. This shutdown circuit turns off the 
clock amplifier at low input levels, thus neither the regener­
ated clock nor the strobe outputs are enabled at the output 
buffer flip-flops. The circuit was incorporated to prevent 
random-noise pulses from being reproduced as valid output 
pulses. The problem, however, can be that at long line 
lengths the correct signals are too low in energy to activate 
the clock circuit. Presently, PMI has customers using both 
schemes in their repeater designs. 

The timing of the circuit is based upon the pulsing of a 
resonant tank circuit. The full-wave-rectifier comparator 
output pulses the tank network. The pulses try to "force" the 

oscillator circuit to phase lock to the incoming pulse wave­
form, while the tank attempts to resonate at its preset (with 
external components) frequency. The result of the two fac­
tors is a clock circuit that runs at an average bit rate for the 
incoming waveforms. 

Again, the value of a for the tank circuit will help determine 
the oscillator accuracy. If the a is high, the resonant fre­
quency dominates and it is more difficultto phase-lock to the 
incoming pulse rate. A high a circuit also changes consider­
ably with the temperature and long-term component drift. A 
a value that is too low will cause adverse affects on the 
oscillator circuit by the jitter present in the pulse stream. This 
means the jitter will then also be transferred to the output 
pulse train as well. For both the RPT-81 and RPT-82, as of 
greater than 75 are recommended. 

The logic-threshold comparator provides the detection func­
tion for incoming pulses. For positive received pulses, a 
negative pulse is generated on the T+ line; for incoming 
negative pulses, a pulse is sent on the T- line. The clock 
amplifier "squares" the timing waveform from the oscillation 
circuit and produces a square clock signal and a negative 
strobe pulse. The strobe pulses are 'anded' with the logic 
outputs (T + or T -) to set the output buffer flip-flops. 

The strobe is coincident with the positive edge of the clock 
signal generated by the tank circuit. Once the appropriate 
flip-flop is set by the combination of the logic output and the 
strobe pulse, the output driver stage causes current to flow 
through the proper half of the output transformer, thus 
regenerating the received bipolar pulse. The falling (nega­
tive) edge of the internal clock signal serves to reset the 
output flip-flops and thereby terminate the output pulse. 
This is important to prevent the regenerated waveform from 
following the data threshold instead of the clocking circuit. 

One option is made available to users of both the RPT -81 and 
the RPT-82. The internal clock oscillator can operate in 
either an injection-locked mode or a pulsed-tank mode. By 
grounding a pin on the device, the oscillator is free-running 
but is phase-locked to the full-wave rectified output. With the 
pin open, the oscillator will only operate when pulsed by an 
incoming signal. The circuit then "rings" until the next 
incoming pulse is received from the rectifier. In both cases, 
the overall effect is to phase-lock the resonant circuit to the 
average frequency of the pulse train. 

The completed T1 repeater may look something like Figure 6 
in a typical configuration. The input transformer provides a 
two-to-one step-up from the 100-ohm characteristic Impe­
dance of the line. The matching impedance, in this case, is 
doubled to approximately 400 ohms. A fixed attenuation is 
added to provide a fixed line build-out of approximately 6dB. 
The automatic build-out then provides a varying attenuation 
for line lengths up to 36dB. 

The equalization network is added to give the preamplifier 
higher gains at higher frequencies. This compensates forthe 
roll-off characteristics of the preamp and the transmis­
sion line. 

The oscillator tank circuit provides the resonant frequency 
for the oscillator. It is controlled by current pulses generated 
as the incoming waveform is receiVed. 
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Figure 6: The complete T1 repeater system (1.544MHz) using the RPT -81 Integrated circuit. The Input transformer provldel a 
2:1 Itep-up from lhe1000hm line Impedance. 
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Figure 7: The Ilmplex power .upply de.lgn conllstl of two zener diode. and a diode float connected to the center tapi of the line 
tranlformers. Nominal voltage. are 4.4 and 8.8V. 
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The ALBO filter aids in integrating the pulse output of the 
detector. As the voltage increases, more current flows 
through the ALBO diode. and the line build-out is character­
istic of longer line lengths. 

The power-supply current is available over the signal pair. 
The simplex power design consists of two zener diodes and a 
diode float connected to the center taps of the line trans­
formers (Figure 7). The nominal voltage values required are 
4.4 and 6.8V. 

This design meets the specifications called for in a T1 carrier 
repeater. The integrated circuit uses less than 13mA total 
current (both voltage supplies). This means the maximum 
output current for the total repeater circuit will be under 
50mA at worst-case conditions (all ones output signal). 

A final application of the integrated circuits is the use of the 
repeater device in a clock recovery circuit. Data transmission 
is becoming more important in areas other than long­
distance digitized audio. In these instances, the capability of 
recovering clocking from the data stream can be advantage­
ous. This can mean single-pair connections that can transfer 
data without additional wiring for timing and clock signals. 
Using the RPT-81 in conjunction with a precision compara­
tor, such as the PMI CMP-01, will provide a recovery scheme 

FIGURE IA: Showl the voltage waveforml within the circuit. 
capable of reproducing a clock waveform from input levels 
as low as 35mV peak-to-peak. Any system that requires clock 
retrieval from a data signal and synchronization to that signal 
can use a circuit similar to this design shown in Figure 8. 
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The test circuit was operated with an AMI incoming code at 
frequencies from 64kHz up to 1.544MHz. In the published 
design, the Incoming data waveform is capacltively coupled 
to an input attenuator using fixed external components and 
the internal ALBO diode. Since the impedance at pin 1 of the 
device varies inversely with the amplitude ofthe input signal, 
the voltage at the preamplifier input (through resistor R2) will 
be held to less than 100mV peak-to-peak amplitude. This 
gives the design an Input dynamics range of greater than 
45dB while still producing a constant output waveform. 

This circuit (Figure 8) can work from a single 5-Vdc supply, 
and the tests that have been completed show none of the 
external component values to have critical tolerances. The 
design can be used to recover clocking from an incoming 
data stream-again a capability that has proven advantage­
ous for designers of data interfaces In many areas other th/ln 
telecom carrier exchanges. 

When considering new applications or new repeater designs, 
several possibilities have already been approached. Since 

the European line requirements are somewhat different from 
those In the U.S., a modification in the repeater design has 
been suggested. For example, providing a better line simula­
tion and response over a longer Ii ne could require more than 
one ALBO network. A chip providing multiple ALBO connec­
tions could prove important. In addition, again due to the 
longer line lengths, the current requirements are even more 
critical, a device requiring only a 5-V supply voltage could be 
used in a lower current configuration. 

In the U.S., work is presently being done with the use of a 
duobinary coding design. This would require some modi­
fications to the present RPT-81 and RPT-82 to provide the 
accuracy necessary to reduce intersymbol interference. 

I n ali design areas, higher data rates are being considered as 
well as the basic 1.544MHz (or 2.045MHz).ln such designs, 
monolithic devices could also be valuable to improve trans­
mission and data retrieval. 
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PMI APPLICATION NOTE 49 
® 

DESIGNING A MULTIPLE-CHANNEL 
CODER/DECODER WITH BIPOLAR DEVICES 

(PRESENTED AT ELECTRONIC DESIGN TELECOM CONFERENCE) 

Encoding analog to digital signals and decoding the digital 
words back to analog waveforms can be accomplished 
through the use of several different systems configurations. 
This note describes the building blocks needed to produce 
an economical shared-channel coder/decoder circuit capa­
ble of meeting all necessary system performance require­
ments while costing less, on a per channel basis, than a 
single-channel codec system. 

A codec system in which coding and decoding is provided 
for every channel is shown in Figure 1. In theory, when the 
"digital transmission highway" reaches the individual phones, 
per-channel codecs become the necessary architecture. 
However, a shared-channel system, accomplished by multi­
plexing several analog channels and digitizing them via a 
shared coder, offers many advantages. Besides cost savings, 
these advantages include reduced circuit board area, reduced 
die area, easier incoming device inspection and better com­
ponent reliability guarantees. 

The first "commercial" use of digital transmission within the 
telephone network is normally attributed to the T1 Carrier, 
initially used in 1962. The T1 Carrier incorporated shared-

SINGLE LINE CODEC SYSTEM 

SHARED caDEC SYSTEM 

Figure 1: Block diagrams depict Ihared-channel and single 
(per-channel) codec configurations. 

by B. W. Berry 
channel coders and decoders implemented with discrete 
components and situated on several circuit boards. The 
co dec portion of the T1 Carrier was actually a linear device, 
and compression or expansion of the analog signal was 
carried out tlirough the use of a diode matrix. Later years 
served to provide various improvements in the initial design. 
In 1968, the 02 interface used the wlaw companding loga­
rithm to replace the linear approximation involved in coding 
and decoding. This design continued to evolve until 1975, 
when, in the 03 interface. shared-channel coders and dec­
oders were contained on 40-pin hybrid circuits. For every 24 
channals. four of these hybrid circuits were needed to com­
plete the analog-to-analog conversion. This design was used 
up to 1978 when the 04 system further reduced the conver­
sion circuitry to two hybrids (in DIPs) per 24 channels, a 40 
pin coder and a 32 pin decoder. 

European designs followed a similar pattern of improve­
ment; the basic system was somewhat different in that 32 
channels using a higher frequency clocking scheme were 
employed. However, the most economical design approach 
seemed to designate sharing the coders and decoders 
among multiple channels. 
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LINE OR 
PCM SYSTEM 
MEMORY AND 
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The "heart" of the shared-channel coder or decoder became 
the companding D/A converter. All of the other components 
needed are commonly used In digltal-to-analog conversion 
designs throughout industry. The part unique to telecom­
munications designs· (unique as initially envisioned) is one 
that supplies the non-linear transfer function DAC necessary 
to provide a wide dynamic range while minimizing band­
width requirements. Generally, the function required issimi­
lartothat provided by linear converters (as shown in Figure 2). 
The difference lies in the current output DAC; in a compand­
ing system the step current must increase as multiples ofthe 
previous step size, not linearly. The step size is dependent 
upon the chord, or essentially the distance from the zero 
level. The reference amplifier sets the bias current for the 
chord current generator. The value of the chord current is 
selected by the digital, 1-out-of-8 selector and is fed to the 
step generator. The step generator current is a function of 
the chord pedestal current and the digital input value. 

V- V' 

Figure 2: In a companding DAC. step current Increa.e. as 
multiples of the previoul step size. 

As can be seen, the device provides a select mechanism to 
allow either an encode or decode transfer. The difference is a 
112 step to minimize quantization distortion between the 
encoding and decoding circuits. 

ANALOG 
CHANNELS 
IN 

MULTIPLEXER 

MUX· 
sa 

AID 

Figure 3: Componentl of encoders and decoders. 

The restrictions encountered in producing and designing 
such a part lie mainly in the speed and accuracy require­
ments. Bipolar technology allows the completed compand­
ing D/A converter to decode 24 or 32 channels (5.2 or 3.9 
I'sec per channel) and encode, with the successive approxi­
mation technique, up to 8 channels. 

This is the basic premise of the shared-channel "codec" 
approach offered by PMI. Through the use of high-speed 
bipolar conversion, multiple analog channels are digitized 
using a single set of devices. The devices incorporated all 
have die areas less than 10,000 square mils and are readily 
manufacturable using PMI's bipolar processing techniques. 
The cost savings provided by multiple-channel systems are 
magnified as the systems incorporate more monolithic 
devices. 

Additional advantages are obtained; since the devices are all 
relatively small, the required circuit board area is reduced oil 
a per channel basis. The number of IC's required per channel 
is less than one, and all ofthe integrated circuits have 18 pins 
or less. 

A SHARED EIGHT-CHANNEL DESIGN 
One way to see the subtleties of a shared-channel design is 
to construct one. PMI has had an eight-channel system 
available for customer analysis for two years. In this time, 
more than twenty customers have evaluated its performance. 

The encoder (shown in Figure 3) is comprised of the com­
panding D/A converter (p-Iaw or A-law), an analog multi­
plexer, a monolithic sample-and-hold, a voltage comparator, 
and a voltage reference. To complete the successive approx­
imation technique, a special digital register is added. The 
same analog components, with the substitution of a high 
slew-rate operational amplifier for the comparator and dis­
carding the sample-and-hold, will produce a multiple chan­
nel decoder. In this case, a digital latch is added to interface 
from the digital data base to the digital-to-analog converter. 
Before looking at performance on an analog input to analog 
output basis, the individual AID and D/A circuits will be 
discussed. 

The encoder design is capable of generating an 8-bit digital 
word every 15.6I'sec. This means 8 analog input channels 
can be switched, sampled, and converted to digital represen­
tation by a Single such circuit. To describe the encoder's 
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function, it is helpful to begin with the clocking waveforms 
used to time the successive approximation register, the mul­
tiplexer, and the sample-and-hold. 

When allocating time to the individual components, the first 
area to be considered is the successive approximation 
sequence. Considerable time has been spent at PMI deter­
mining the most efficient method of minimizing the individ­
ual bit times while assuring adequate settling time as each 
step in the conversion sequence is reached. Initially, as 
shown in Figure 4, D/A converters in conjunction with the 
comparator had a combined settling time related to the bit 
being determined. As the approximation moved to lower 
order bits, the settling time required for the DAC and com­
parator increased. This was caused by delays in the internal 
switching of the DAC, and the fact that as lower order bits are 
selected, less current is switched to the output to drive the 
comparator. The result was that for the least significant bits 
to be determined consistently for small magnitude input 
signals, longer delay times between bits were necessary than 
for the higher-order bits. This led to the original 8-channel 
clocking scheme which provided increased 'bit' settling time 
as the approxi mati on routine moved to the lower order bits. It 
was realized that by improving some of the internal charac­
teristics of the DAC, this restriction could be relaxed, thus 
producing an easier system design. The results were the 
redesigned companding DAC's, the DAC-88 and DAC-89. 

SAR 
CLOCK 

SAMPLE ~------H-OL-O-------'L 

ENCODE (SBE) 

CLOCK 
INPUT 

AD~~: --,L ______ Ji~u~x~-------

I 3.2,us 
O.65!.<s 
I I 

6.~s 

_---SAMPLE, E~~:!cl CHANNEL _____ 

Figure 4: System clocks for original sYltem. 

With the present companding D/A converters, the system 
can allow a shorter time for the lower order bits (Figure 5). 
While still deSigning to an 8-channel time period, this means 
a single sub-multiple of the system clock can be used to 
directly drive the successive approximation register. Although 
admittedly designing a shared-channel system can seem to 
require more external circuitry, by careful consideration of 
the individual device characteristics, this extra design effort 
is actually minimal. In terms of the actual analog-to-digital 
conversion, the new PMI companding D/A converters (DAC-
88 or DAC-89) are capable of completing the successive 
approximation sequence in just over 9j.1sec, this leaves more 
than 6j.1sec for the sampling of the analog Signal prior to 
conversion. 

ADDRESS 
100 

SAR CLOCK 

SAMPLE PULSE 

104 

INPUT MUX ADDRESS CLOCK 

108 IDe 

l'--_____ ~ 
SAR AESET (5) 

--U 

DMX ENABLE (eel I 
DECOOER LATCH elK 

110 114 100 

L 

L 

L 

~~------------~I 
~4.55~1.95"'._.1----9.1----_" 

al SAMPLE, ENCODE 1 CHANNEL = lS.6J.lS 

b) PROM CLOCK OPERATES AT 1.544 MHz 

Figure 5: Improved performance provided by the use 01 
DAC-88 and DAC-89. 

The sample-and-hold time becomes the next most critical 
interval within the encoding period. Again, by testing the PMI 
developed shared-channel system, several interesting char­
acteristics which might affect the system performance were 
observed. First of all. and. most obvious. is the required 
sample acquisition time. The typical time for the SMP-81 to 
acquire the input signal when varying between +and-5 volts 
is 3.5j.1sec. It is important to notice that the system timing 
also provides for nearly 2j.1sec of "idle" time between the 
sample-and-hold switching to the hold mode and the suc­
cessive approximation register clocking in the sign bit (the 
first bit of the conversion sequence). This idle time, com­
monly referred to as hold settling time. assures that the 
sample-and-hold output has achieved the sampled input 
value. If there is any ringing effect due to the sample-and­
hold switching from the tracking mode, by allowing some 
settling time, the accuracy of the digital conversion circuit 
will be improved. When clocking the sign bit in too soon after 
reaching the hold mode, for input signals less than -50dBmO. 
the sign bit is often in error. causing an enlarged zero cross­
ing for the reproduced waveform. By assuring a sufficient 
hold settling interval, this zeroing effect is negated, and the 
performance of the encoder Is improved. 

CROSSTALK CONSIDERATIONS 
Another major design consideration is the crosstalk in any 
analog system. In a multiple-channel converter (encoder 
and decoder) the crosstalk possibility is present due to the 
system use of analog multiplexing versus the digital multi­
plexing in per channel designs. However, crosstalk can be a 
factor in all systems. It is more a matter of when the problem 
is faced. and at what level of system architecture, rather than 
if it has to considered or not. 

The major contributor to crosstalk within this shared-channel 
encoder design seems to be the input multiplexer and the 
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sample and hold circuit. Several precautions may be taken to 
aid to reduce the crosstalk levels of the system. The first 
considerstion implemented was to allow ample switching 
time between incoming channels. The MUX-88 provides 
guaranteed break-before-make action when enabled. The 
switching time will consist typically of 200nsec to open, 
400nsec separation interval between switch activations, and 
200nsec for the next addressed switch to close. The address 
selector pointing to the next input analog signal then is not 
changed until the sample and hold has settled to its pre­
viously held value. This sequence assures no timing induced 
crosstalk due to active channels being selected simultane­
ously. Also, a 20kohm discharge resistor to ground is con~ 
nected to the output port (common JFET drain) to provide an 
additional path forthe multiplexer to discharge its old signal 
once the sample-and-hold is in the ho.ld mode and the switch 
is changing addresses. 

While testing several system configurations other than the 
8-channel encoder, it became apparant that by alternating 
the signal inputs to the multiplexer with grounded inputs, 
crosstalk performance improved dramatically. In terms of a 
4-channel encoder, this meant that after one active channel 
was sampled, the address leads were incremented to select 
an unused, grounded input. Then the multiplexer was 
clocked to switch the next analog signal into the system. 
Again, this leads to the conclusion that by using certain 
characteristics of the devices, increased performance levels 
are possible. So designers looking for additional crosstalk 
isolation can (by modifying the design and possibly adding 
an additional integrated circuit) produce the special perfor­
mance levels. It is a matter of designing the system using 
individual components that allow each section of the design 
to be optimized. 

The finsl part Incorporated into the encoder is the voltage 
reference; the 5-volt (REF-02) or 10-volt (REF-01 ) references 
provide excellent output stability with little effect due to 
temperature variations. Although the demonstration unit 
shows separate references for the encoder and decoder, this 
was due more to circuit layout than design requirements. 
Each component has adequate load capability to provide the 
reference currents for several systems. Again this becomes a 
matter of system architecture, and the designer should 
select the appropriate reference distribution after consider­
ing economics and layout restrictions. 

The encoder design was initially tested separately from the 
decoder. This was done by delivering a preCision dc voltage 
level to one or more multiplexer ports. The parallel, 8-bit data 
output of the encoder was sampled using a digital logic 
analyzer. This set-up provided a method of continuously 
encoding a set voltage level and then measuring the consis­
tency and accuracy of the digital approximation. The ana­
Iyzerwould also show any inter-channel interference caused 
by switching or device characteristics. Overall, this test 
method allows the user to vary devices individually and see 
the effect on the conversion process. It proved to be helpful 
In optimiZing certain aspects of the circuit and defining the 
areas requiring special attention during the design phase. 

output channel rate allows for 3.9l'sec settling time for each 
analog output level. The companding CAC's when used with 
a high slew-rate operational amplifier, such as the OP-16 
have settling time more than adequate for their use in such 
designs. The important characteristics to consider are the 
accuracy requirements necessary to provide the proper 
analog signal reproduction at levels down to -60dBmO and 
lower. It is in this regard, that some advantage is again 
apparent in the use of individual components, for PMI can 
provide Ii dc accuracy specification per companding CAC 
and test such performance for each production device. Both 
the wlaw and the A-law devices are guaranteed to ±1/4 step 
in chord 0, the chord nearest to the origin. This specification 
aids in determining the total system performance in terms of 
tracking even at the lowest input levels. Considering produc­
tion restrictions, this also provides a reasonable method for 
incoming testing of codec components, guarantees meeting 
component specifications, and still assures adequate system 
performance. 

In a sampled data system, the normal design architecture is 
to provide an output hold circuit; this generates the common 
'stair-step' type output signal. The 'stair-step' signal is then 
low-pass filtered and compensated for the sampling charac­
teristics (sinxlx response characteristics) to provide the 
analog waveform. Since the multiple-channel decoderencom­
passes an output multiplexer to separate the analog chan­
nels, this component is also used to provide a simple yet 
adequate output hold device. By adding capacitance on the 
output port, the switch not only selects the appropriate out­
put channel but also holds the analog value during the off 
time ofthe cycle. However, while testing different configura­
tions, this design approach led to a realization for multi­
plexer improvement. While a normal analog multiplexer is 
sufficient when the outputs allow charge to be dissipated, 
the situation in a PCM decoder is one where the output is a 
high-impedance filter. When an analog multiplexer switches 
from a selected switch to the open state, the switch design 
normally generates a finite amount of charge that is coupled 
to the now-open switch output. Since the switch is open, and 
the output load is fairly high impedance (>100k In most 
cases), any charge introduced onto the capacitor is not dis­
sipated but is evident as a voltage level. 

This phenomena can be measured as an increase in idle 
channel noise forthe output channels. In terms of physically 
observing the charge distribution, the "idle" channels with 0 
input levels show a square wave output. The waveform oscil­
lates from 0 volts (when the channel is selected) to a voltage 
dependent upon the charge and the hold capacitor on the 
output. The waveform at essentially 8kHz can affect the 
noise level of the supposedly quiet channel even within the 
audio frequency range. 

One approach to reducing the output noise level is to increase 
the output hold capacitor value. By using a larger capaCitor, 
the charge Introduces a smaller voltage on the output, and 
the measured idle channel noise is decreased. This change, 
however, introduces another problem In that the larger the 
output capaCitor, the longer It takes to generate the output 
waveform for each sample. Since the sample time is fixed 
(3.9 or 5.2I'sec), this results in fewer channels per dlgital-to-

The decoding circuit becomes a simpler design than the analog conversion circuit. After investigating the charge 
encoder, especially when consideringthatthesystem require- Induced effect, it was decided that a modification in the 
ments are easier to fulfill. Even In a 32-channel system, the multiplexer design itself could also aid in reducing the 
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charge amount. The measurements showning the improve-
ments in system response are given in Tables 1 and 2. 

TABLE 1: Idle channel noise for the MUX-88 and the DMX-88. 

IDLE 
CHANNEL CHANNEL HOLD 

MEASURED NOISE CAP 

MUX-88 -tl0.8 l0000pf 
2 -tll.l l0000pf 
3 -tl0.3 l0000pf 
4 -tll.l l0000pf 
5 -tl0.9 l0000pf 
6 -tll.3 10000pf 
7 -tll.2 10000pf 
8 -tlO.O 10000pf 

DMX-88 1 

} 
l0000pf 

2 l0000pf 
3 l0000pf 
4 All l0000pf 
5 Values l0000pf 
6 <-70dB l0000pf 
7 l0000pf 
8 l0000pf 

TABLE 2: Idle channel nol8e with reduced hold capacitance. 

IDLE 
CHANNEL CHANNEL HOLD 

MEASURED NOISE CAP 

MUX-88 1 --57.2 l000pf 
2 -57.2 1000pf 
3 -57.2 1000pf 
4 --57.2 1000pf 
5 --57.2 1000pf 
6 --57.2 4300pf 
7 -57.2 4300pf 
8 -57.2 4300pf 

DMX-88 -tl8.6 l000pf 
2 -tl8.6 1000pf 
3 -tl8.6 1000pf 
4 -tl8.6 l000pf 
5 -tl8.6 1000pf 
6 <-70 4300pf 
7 <-70 4300pf 
8 -tl9.9 4300pf 

With a reduction in the charge value, the output voltage level 
is decreased without an increase of capacitor values. There­
fore, the system is able to manage the data rates required. 
The redesigned device, designated the DMX-88, has achieved 
a reduction in the output charge Injection of 114 to 1/5 the 
value measured in the earlier analog multiplexers. This is 
seen as an immediate reduction in the output voltage level 
for common capacitor values. And, more importantly, it ena­
bles the user to reduce the hold capacitor, still achieve the 
system required idle channel noise levels, and decode at a 
higher output rate. 

switch to assure sufficient open time between channels. In 
this design, the enable function of the analog de-multiplexer 
is used to disable the output switches prior to incrementing 
the address. The DAC. in conjunction with the op-amp. is 
fast enough in some transitions to reach the following 
channel output level prior to the previous switch being 
opened. By disabling all switches, changing the digital Input 
mode and the address selector, and then enabling the 
switches, no inter-channel problems are displayed due to the 
output de-multiplexer. This slightly reduces the "on"timefor 
each output channel, however, the DAC and op-amp are still 
more than fast enough to handle the required data rates. 

TESTING 
Final testing procedure is accomplished by comparing the 
performance of the shared-channel codec to the system 
requirements as put forward by Bell System and CCITT. The 
most common tests for digitizing systems are often a series 
of analog-to-analog measurements normally reserved for 
installed transmission or switching systems. The first such 
test is the signal-to-total distortion measurement, done by 
adding a set frequency tone (10200r 1004Hz) to one channel 
and measuring the output of that channel after removing the 
tone by filtering. 

It is in this test (Figure 6) that the response of the compand­
ing conversion laws versus the linear-transfer laws becomes 
obvious. The companding laws are designed to provide a 
flatter signal-to-noise ratio at the higher input levels, while 
approximating a higher order linear response curve at the 
lower input values. There are presently two methods of gen­
erating input signals that are used, dependent upon whose 
specifications are being met. The Bell System approach is to 
provide a straight sinusoidal input waveform at the pres­
cribed frequency. The CCITT recommendations, however, 
also allow for a psuedo-random noise source to be used as 
the input signal. 
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Figure 6: Signal-to-total distortion for the DAC-88EX. 

Arguments are heard for both approaches; our measure­
ments have been completed using both methods dependent 
upon which DAC (A-law or wlaw) is being evaluated. An 

Concerning crosstalk In the decoder, the most Important interesting comparison can be made between the response 
consideration would seem to be controlling the output of the present companding D/A converter (DAC-88/89) and 
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Figure SA: Signal-to-total distortion for the DAC-89EX. 

the original designs (DAC-86/87) by measuring the systems 
using constant bit clocking. As was mentioned earlier, the 
original designs of the converters required a slightly modi­
fied clocking scheme to achieve the required system perfor­
mance. By running each device set at the higher frequency 
clock for the successive approximation sequence, the effect 
of the slower settling times and slightly worse chord 0 accu­
racy can be seen in terms of the system parameters. In Figure 
7 it can be seen that the signal-lo-distortion curves fall off 
more rapidly for the older devices at lower input levels. 
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Figure 7: Signal-to-total distortion for the DAC-8SEX. 
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Figure 7A: Signal-to-total distortion for the DAC-87EX. 

The next test results normally shown for "codec" perfor­
mance are the gain linearity or tracking. As the Input signal is 
reduced in magnitude, the output signal is measured to 
determine its loss in comparison. Again the CCITT and the 
Bell System standards differ in the type of input Signal being 
used and the specifications for the measured output. The 
results in Figure 8 with the 8-channel system show com­
pliance at all input levels. By comparing the older DAC 
design to the new version, another effect of the Improved 
accuracy and settling time becomes evident. Expeclally at 
the low input levels (-55 to --60dBmO), an obvious improve­
ment is seen at the higher bit rate with the new DAC-89. 

1.0 

0.5 I 
V" ........ 

-1. 0 

I 
5 -0. 

60 -50 -40 30 - -20 10 

INPUT lEVEL (dBmO) 

Figure 8: Gain tracking for the DAC-88EX. 
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Figure 8A: Gain tracking for the DAC-89EX. 
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Figure SC: Gain tracking for the DAC-S7EX. 

ADVANTAGES OF INDIVIDUAL COMPONENTS 
It is important to note that a significant advantage in design­
ing with the individual components is the flexibility it pro­
vides. Byflexibility, it is meant that, if necessary, each system 
response characteristic can usually be traced back to the 
component (or components) affecting the measurement. 
This allows the designer the freedom of 'fine-tuning' the 
individual sections to achieve the overall system perfor­
mance desired. For example, in terms of what was described 
as the hold settling time of the sample-and-hold circuit, since 
the timing of the overall design could be altered, the sample­
and-hOld clocking could be modified to reduce this charac­
teristic. This provided improved system performance with 
only a minor adjustment in the total system design. Other 
examples of individual devices being adjusted for optimum 
performance include the re-design of the companding D/A 
converter and the de-multiplexer. In each case, it was a result 

Table 3: Cost of devices used In codec systems. 

Device 
Cost at Quantity 
100 pcs Required 

DAC88/89 COMDAC@ 
$9.00 4 Converter 

SMP81 S/H Amplifier 9.50 3 

CMP01 Comparator 4.50 3 

25L02 S.A.R. 3.30 3 

OP16 Op Amp 4.50 

REF02 5 Volt Reference 5.00 

24-LlNE TOTAL 15 
EXCLUDING MULTIPLEXERS 

AVERAGE/LINE 0.63/line EXCLUDING MULTIPLEXERS 

MUX88 8-Channel MUX 7.50 3 

DMX888-Channel 7.85 3 De-MUX 

24-LlNE TOTAL 21 INCLUDING MULTIPLEXERS 

AVERAGE PER LINE 

AVERAGE/LINE 0.88/line INCLUDING MULTIPLEXERS 

of being able to control the separate design components that 
allowed either an improved device or an improvement in the 
system 'interface' to that device. 

Another advantage to the use of individual components is 
the testing capability. With separate monolithic 'building 
blocks,' each device can be specified in the characteristics 
necessary for its proper functioning. By carefully selecting 
these requirements, the overall system response can also be 
predicted and guaranteed. PMI has held, and is still involved 
in, discussions with several of our customers to define those 
requirements per device to add confidence in the overall 
circuit designs. The customers can then set up an incoming 
device test apparatus to measure the significant specifica­
tions. All devices can realistically be tested in this manner, 
more so than expecting to measure system parameters in a 
large-scale production arrangement. So if the incoming 
inspection requirements become important to a production 
system, it could be useful to consider the advantages in 
testing individual device 'dc' parameters versus the system 
response. 

The final advantage to be discussed is the cost per channel of 
the shared-channel design. It should be noted that shared­
channel designs have been used in the past mainly because 
of cost savings over a per-channel arrangement. Even today 
as monolithic single-channel components become availa­
ble. there is still a significant cost savings in the monolithic, 
shared-channel system. On a channel cost for 100 quantity 
pricing, the present costs show the figure to be under $5.00 
per line (Table 3). In larger quantities, the savings obviously 
are even more. These figures are based on encoding eight 
channels with each decoding system. Also included in the 
data are figures showing the total 'chip' area and package 
sizes required. Reliability of components is based on size of 
die (silicon) circuitry in combination with the processing 
methods used. Bipolar is known as a high reliability process. 

Total Chip Area Package Total Chip Total 
Cost (m1l2) Size Area Pins 

$ 36.00 9,996 18 DIP 39,984 72 

2S.50 6,966 14 DIP 20,898 42 

13.50 2,730 8T099 6,190 24 

9.90 9,135 16 DIP 27,405 48 

4.50 2,860 8 TO 99 2,880 8 

5.00 2,520 8T099 2,520 8 

$ 97.40 

4,05/Line 

22.50 4,636 16 DIP 14,514 46 

23.55 4,836 16 DIP 14,514 48 

$143.45 130,905 298 

5,454 12.4 

5.97 
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The pins per channel average gives a relative comparison of 
circuit board area required to produce the total system 
layout. 

Realistically, there are certain designs that are easier to 
complete with the use of Single-channel "codecs". It is not 
intended that all encoding or decoding designs must choose 
between per-channel or multiple-channel. The point that we 
hope is clear, is that in certain designs, a multiple-channel 
approach offers advantages in terms of costs, board area, 
testing and performance. These advantages make the design­
ers work easier and more efficient. By making use of both 
multiple channel and Single-channel designs where applica-

ble, the transformation to digital transmission and switching 
becomes more cost effective and less difficult to implement. 

A statement made earlier was that the companding DAC was 
originally envisioned as unique for telecommunications. 
However, several higher frequency systems, not specifically 
concerned with PCM transmission, have recently consi­
dered making use of companding D/A converters as well. 
These are mentioned to provide a look into possible future 
uses for faster conversion systems that still wish to conserve 
bandwidth. The immediate examples being discussed are 
music or program channels and transmitted TV audio sig­
nals. In both instances, more designs are turning to digitizing 
the analog signals prior to transmission for a variety of rea-
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sons. However, in this case, the audio response needs to 
include signals up to 15kHz, therefore requiring in most 
designs, 30kHz sampling. The advantages to companding 
converters are the same; minimum bandwidth with constant 
signal to distortion ratios while providing dynamic range 
equivalent to higher bit-rates. The problem has been operat­
ing most companding converters at 30kHz or greater. With 
the individual monolithic approach, this is no problem what­
soever, the 8-channel unit (see Figure 9 for control/clock 
circuit configuration) described is already converting at a 
64kbps rate. The speed of the bipolar design provides ample 
conversion time for encoding and decoding these higher 
data rate samples. 

The 30kHz sampling system is easily configured and the 
results, so far, have proven very acceptable. The compand­
ing approach has moved into areas where higher frequency 
response (i.e. higher sampling rates) are needed. The com­
panding laws can therefore prove useful for many audio 
applications, not only PCM switching and carrier systems. 

The monolithic shared-channel codec can produce a design 
alternative that provides economic and reliability advan­
tages in a system design. The components needed are read­
ily available today and are presently being used by several 
manufacturers. 

In the future, shared-channel designs will continue to pro­
vide advantages. The expertise now exists to include all 
circuitry used in encoding "several" channels (8, for example) 
within a single monolithic device. The same is true for the 
decoding circuitry. This higher level of integration can pro­
vide continued cost savings on a per-channel basis while 
simplifying system design and layout. Both single-channel 
and shared-channel components will improve. Engineers 
designing digital transmission and switching systems must 
consider many factors in chosing a system configuration, 
the result hopefully bei ng the most economical and efficient 
deSign possible. 
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PMI APPLICATION NOTE 50 
A VARIABLE-FREQUENCY, CLOCK RECOVERY 

® CIRCUIT USING THE RPT-81 OR RPT-82 

This note describes a high-performance clock-recovery clr" 
cuit, employing an RPT-81 repeater IC and a CMP-01 IC 
comparator, which helps derive a clock pulse from, and syn­
chronizes it with, an Incoming data signal. The circuit 
accepts a low-level bipolar pulse train (35mV peak-to-peak, 
minimum) while producing a usable recovered clock signal. 
Since the circuit also accepts high-level inputs (10V peak-to­
peak, minimum), It can attain a 49-dB dynamic range. 

The RPT-S1 chip is conventionally connected, except that 
input and output transformers are not required and the 
(internal) output transistors are left as an open circuit (Fig­
ure 1). The recovered clock signal is picked off the RPT -81's 
clock amplifier (pins 11 and 12) by the CMP-01 comparator. 

{TANKCIRCUITISTUNEDT01.S44MHz} 

L1=51~H 

., .. 
DATA C1 
INPUT TO.1,.F +--1Ib::-, 
~ SpF 

CD 
•• 51. 

05 

'.k 
CI 

~O.'''F 

OPTIONAL 
GROUND ~ 

STROBl! 

by B.W. Berry 

The comparator's output is basically a square wave at the 
data rate frequency (which, for this example, Is the T1 trans­
mission frequency of 1.544 MbitS/s). 

Clock recovery can be best understood by referring to a 
more detailed diagram of the RPT -81's oscillator section and 
external tuned circuit (Figure 2). Grounding pin 13 creates a 
"locked oscillator" operating mode. Floating pin 13 creates a 
"pulsed tank" operating mode. 

In the pulsed-tank mode, the external tuned circuit Is stimu­
lated each time the full-wave rectifier demands a current 
pulse. Between pulses, the tank circuit "rings" at its resonant 
frequency, damped only by R8 and the on-chip transistor 
collector resistor R. 

,. 
IV 

RECOVERED 
CLOCK 

RPT-81 OR RPT-12 
INTEGRATED CIRCUITS 

-= 

Vee1 = VCQ = IV,DC 

'5V 

... 
DATA 

(INVERTED) 

CD ~ - DATA 
-I 1 1-01 ~ INPUT 

PREAMP 

® fT':~~"'--J'" rcU:::RATOR 
THRESHOLDS) 

FULL-WAYE 

® ~RECTIFIER OUTPUT 

® 
PEA. --u--u-- DETECTOR 
OUTPUT 

OSCILLATOR 

® ~OUTPUT LOCKED TO 
FULL-WAYE 
•• CTIFISI 

ANALOG GROUND 

® ..rtJ"1J1J1..n REGENERATED 
C1.0CK 

Figure 1: The clock-recovery circuit shown above will accept a 35mV peak-to-peak (minimum) bipolar pulse train and produce 
recovered clock pulses at the data rate frequency (1.544Mblts/s for this example). Key waveforms, shown In correct 
timing relationship, Illustrate the circuit's operation. Comparator CMP-01 provides amplification and offset for a good 
TTL Interface. 
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In the locked-oscillator mode, the oscillator runs continu­
ously. It Is Injection-locked to the full-wave rectifier pulses 
by the second emitter of on-chip transistor Q. The oscillator 
circuit drives a buffer emitter follower, which in turn drives a 
clock amplifier. The clock amplifier has a differential output 
(pins 11 and 12) and squares the sinusoidal oscillations orgi­
natlng at pin 14. 

Since the clock amplitude at pins 11 and 12 is only 1Vp-p 
around a common-mode dc level of 4.5V, the CMP-01 com­
parator provides a good Interface to TTL or other logiC. A 
small capacitor, C4, may be connected across pins 11 and 12 
to delay the clock relative to the data. 

The circuit shown In Figure 1 does not make use of the data 
outputs of the repeater IC. However, if a data waveform Is 
required in addition to the clocking pattern, the change in 
circuit configuration required is minor. By tieing the output 
leads of the two flip-flops together (pins 8 and 9) and adding a 
5000hm pull-up resistor to +5V, an inverted data waveform is 
made available. 

How "pulsed-tank" and "locked-oscillator" modes are select­
ed Is shown in Figure 2. Pickoff points for a regenerated 
clock signal (within the clock amplifier) are also evident In 
the diagram. 

The circuit described in this note was designed and tested 
only with alternate-mark-inversion (AMI) codes. However, the 
system should work equally well with any return-to-zero 
code and would suit any of the many AMI-code variants. It 
can handle data rates up to 2.0 Mbits/s and uses only a single 
5V supply. 

DeSigns have been tested at frequencies from 64kHz up to 
1.544MHz by Simply modifying the tank clrcuil. In all cases, 
performance met desired expectations. 

.v 
c. 

PI" 13 CAN BE GROUNDED FOR OPERATION IN 
OPTIONAL LOCKED-OSCILLATOR MODE 

12D"A CURRENT PULSE 
FROM FUU-WAVE RECTIFIER 
STIMULATES PULSED-TANK 

OSCILLATOR MODE 

Figure 2: Detailed view of the RPT -81's oscillator and clock 
amplifier showl how "pulsed-tank" and "Iocked­
olcillator" model are selected. Pickoff polntl for a 
regenerated clock signal (within the clock ampli­
fier) are also evident. 
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PMI APPLICATION NOTE 53 
SAMPLE/HOLD CIRCUIT MONITORS 

TWO INPUT SIGNALS AND TRACKS THE 
SMALLER OR LARGER· SIGNAL 

INTRODUCTION 
In control applications involving two sensors it may be 
necessary to select the smalier or larger of the two sensor 
signals for control purposes. Possible applications include 
electronic automobile antiskid control, depth measurement 
and temperature monitoring. Automatic selection of the 
signal of interest eliminates the wasteful and expensive 
hardware and software duplication needed to monitor, 
digitize and evaluate the two signals. 

The circuit described provides a two channel sample and 
hold amplifier that automatically tracks the larger or smaller 
(user programmed) of two input signals. It is implemented 
with only one integrated circuit which can replace up to three 
IC packages that would be necessary (dual switCh, compara­
tor, quad op amp) in other implementations. This IC, the 
GAP-01, contains a comparator and two transconductance 
input amplifiers (A & B), whose outputs are switched by 
internal current mode switches into the voltage follower 
output buffer( C). Two digitally selectable signal paths through 
the device are possible via the Channel A, Channel B control 
signals. 

Circuit operation is straight forward. In Figure 1, the signal 
paths through Channel A and Channel B are configured for 

. gains of +1. The comparator monitors the input signals 

By Gary J. Grandbois 
David Gillooly 

relative magnitudes. With the MIN/MAX control i.n the 
"Minimum Track" position (MAXIMUM/MINIMUM = "0"), 
and the system in "TRACK" (TRACK/HOLD = "1"). The 
minimum or smaller of the two Input signals, A or B, is 
present althe GAP-01 output (Photograph 1 ). A "1" compara­
tor output indicates Input B is less than Input A. 

Photograph 1. Minimum Value Track/Hold. 

AINPUT o-----------r-rT--t:.~::...._, 

+15Y 

11 
-15Y 

BINPUT o-________ ...... -+_......!'.~_I 

,. 
14 

15 

MAXIMUM/iiiNiiiiUii 

Figure 1. Minimum/Maximum Value Track/Hold. 
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By setting MAXIMUM/MINIMUM to "1" the larger of the two 
input signals is tracked (Photograph 2). The exclusive "OR" 
gate simply inverts the comparator output. 

Photograph 2. Maximum Value Track/Hold. 

Gains other than +1 are achievable by changing the GAP-01 
feedback ratio as shown in Figure 2. 

By setting the TRACK/HOi]) control to "0" both the A and B 
amplifier outputs are disconnected from the output buffer 
amplifier Input, thus putting the system into "hold and 

maintaining the last output stored on the external capacitor 
CH. This capacitor serves both as a loop compensation and 
hold or storage capacitor. (Photographs 1 and 2) Droop rates 
of 0.2mVlmsec are typical. 

This powerful minimum/maximum track and hold system is 
easily constructed from a new general purpose integrated 
circuit. 

CHANNEL A 
INPUT 

.2 
GAIN=l+-

01 

CHANNELB 
INPUT 

0, 

o. 
0, 

CHANNEL B -=-

o. 

Figure 2. Alternate Gain Configuration. 

3 OUTPUT 
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24-Pin Hermetic Dual-in-Line (V) .............................•.......•••••••••....•..... 16-6 
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Mechanical Dimensions - FLAT PACKS 
10-Pin Hermetic Flatpack (L) ..•.•.•..•.•...••.•....•.•.•.••.••..••..•.........•.••..•... 16-7 
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AVAILABLE PACKAGES 

PACKAGE DESCRIPTION TO-99 (J) 

H 6-Pin TO-78 

J 8-Pin TO-99 

K 10-Pin TO-100 
L 10-Pin Hermetic Flatpack 
M 14-Pin Hermetic Flatpack 
N 24-Pin Hermetic Flatpack 0.045 ,-"=tmr-rr-lITTr-J,f----l1-
y 14-Pin Hermetic DIP 0.010 

SEATING 

Q 16-Pin Hermitic DIP 

R 20-Pin Hermetic DIP 
T 28-Pin Hermetic DIP 
x 18-Pin Hermetic DIP 

PLANE DO 0 
~:~!TYP-ll- CL 

0.034 -/' 0.045 
0.027 ~ 0,027. 

V 24-Pin Hermetic DIP 

P Epoxy B DIP (P is used for any plastic pkg.) 

Z 8-Pin Hermetic DIP 

MECHANICAL DIMENSIONS - CANS 

TO-78 (H) 

rF~:§:::l.:~ ~': 0.185 

L ~~ 0.'" 
~:~::c= 

SEATING GAUGE 

PLANE 0000 0 O_PLANE~ 
~:~~! TYP-J ~ CL 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

·LEADS WITHIN 0.007 Of TRUE POSITION (TP) AT GAUGE PLANE. 

GLASS 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

*LEADS WITHIN 0.007 OF TRUE POSITION fTP) AT GAUGE PLANE. 

TO-100 (K) 
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0.040 f~E:::b 
MAX 0.185 

0.045 
0.010 

L ~o:: 0.165 

SEATING 

PLANE [JJ 0 0 
~:~: TVP --i 1- CL 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

"LEADS WITHIN 0.007 OF tRUE POSITION (TP) AT GAUGE PLANE. 

2 
C 

5 
:::I 
a 
C 
1& 

1!! 
1& 
C 
<II 
:.­
c.; 
<II 
II 
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MECHANICAL DIMENSIONS - DIP'S 

a-PIN EPOXY B MINI DIP 

a-PIN HERMETIC DIP (Z) 

~=TVP 

D'~o 
U°.240 

• 8 

~
o.o"SQ 

----I 0.040 MAX 

0 .... 
0.370 

0.006 MIN A 7'iS' 

"-" 

: I 
I \ 

" \I II II 
U u 

--I l. 0' - ,.' ~II.-0.o,. TVP I---0.310 O.OOB 
0.290 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

·LEADS WITHIN 0.007 OF TRUE POSITION fTP) AT GAUGE PLANE. 

0 '10 
0.220 

., 4 ~ 

~O.055MAX 
I--0.405 MAX 

0.070 ~ 
0.030 TVP- 11 I-- 0.005 MIN 

~I~~JIH~! 
O~~ U 0."0 0:125 0.060 MIN 

~ -...l.. 

, \ 
/I II 
II 1\ 
/I II 
1/ II 
U U 

O.'OO~;W -J ~~:':TYP 
'R' 

-.f ~'-'" -=t-0.O"TYP 0,320 0,008 

0.290 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

·LEADS WITHIN 0.007 OF TRUE POSITION (TPI AT GAUGE PLANE 
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MECHANICAL DIMENSIONS - DIP'S 

14-PIN HERMETIC DUAL-IN-LINE (Y) 

I:::::: :l~ 
I. a.785 MAX ·1 

I 
0.200 

BASE PLANE 
SEATING PLANE 

GAUGE PLANE 

I 4' L..-__ .J 

~ l~ 
0.125 I--J 
0200 '0.100 BSC* 

--Ii I- 0.320 I 
0.015 - 0290 ---...-..f 
0,008 TVP 

TV. ~:~: TVP ::~: TVP 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 
"LEADS WITHIN 0.007 OF TRUE POSITION (TP) AT GAUGE PLANE. 

16-PIN HERMETIC DUAL-IN-LINE (0) 

! 
0.200 
MAX 

[:::::If 
I" 0.840 MAX I 

o.t=w 
0.200 O.1~~SC. :::: TVP 

BASE PLANE 
SEATING PLANE 

GAUGE PLANE 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 
"LEADS WITHIN 0.001 OF rRUE POSITION (TP) AT GAUGe PLANE, 

18-PIN HERMETIC DUAL-IN-LINE (X) 

BASE PLANE 
SEATING PLANE 

GAUGe PLANE 

NOTE: 
CONFIGURATION MAY 
VARY SLIGHTL V 

NOTE: 
CONFIGURATION MAY 
VARY SLIGHTLY 

i' '-----'11\:\ 
-,\' 0" _1Sc It 

-IL I--- 0.320 

~::: TVP 0.290 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 
"LEADS WITHIN 0.007 OF TRUE PQS,ITION (TP) AT GAUGE PLANE. 
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MECHANICAL DIMENSIONS - DIP'S 

2G-PIN HERMETIC DUAL-'N-LiNE (R) 

BASE PLANE 
SEATING PLANE 

r GUAGE PLANE 

NOTE: . 
DIMENSIONS IN INCHES UNLESS otHERWISE NOTED. 
·LEADS WITHIN 0.007 OF TRUE POSITION (TPI GUAGE PLANE. 

24-P'N HERMET'~ DUAL-IN-LiNE (V) 

.....jj..-o.OO&MIN 

:':: TVP ~~: TV" 

DIMENSIONS IN INCHES UNLeSS OTHERWISE NOTED. 
-LEADS WITHIN 0.007 OF TRUE POSITION ITPI AT GAUGE PLANE. 

28-P'N HERMET'C DUAL-'N-L1NE (T) 

NOTE: 
CONFIGURATION MAY 
VARY SLIGHTLY. 

r NOTE: 
CONFIGURATION MAY 
VARYSLlGHnV 

, ~, 
I~ W~ 

~: f-If-,!i" lit 
U U ':I 

-I/....~ .... ---1 
0.016 0.li90 
.",TV1' 

n r- 0.005 MIN '1 r 0.100 MAX 

=[:::::::::::If == ~"_MAX .1 
r 0.075 

..... MAX 

0.200 ~\AI=\AIA~~AI,=\AHf-1HI'-1f-'lf=1=t==.t 
o.l20 D 

0.100 asc* TV. ::::TYP 
NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 
*LEADS WITHIN 0.007 OF TRUE POSITION ITPI AT GAUGE PLANE. 
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MECHANICAL DIMENSIONS - FLATPACKS 

10·PIN HERMETIC FLATPACK (L) 

~~tfl----I 1 0•006 

Dj-
- SEATING j I- BASE & 

0.085 PLANE 
0.030" ---

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

·LEAD AND BODY IRREGULARITIES PERMITTED IN THIS ZONE. 
··LEADS WITHIN 0.005 RADIUS OF TRUE POSITION. 

14·PIN HERMETIC FLATPACK (M) 

~n~~~~n 
t 

0.260 
0.240 

~ 
0.370 

O~IT IT IT IT IT IT IT 

14 

D.D50TVpj I OoOl9 TVpJL j.-. 0.010 

NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

24·PIN HERMETIC FLATPACK (N) 

00OO4MIN1~~ •• 004311MAX~.~ ~=l rru; I 0 ~~~ 

g:~-O n n n n n n n 00 n n nL::i-

1 T. ..L-:1-
~.~ J ~ 
!J;J r n ~}~ ~~~.'" Jl::: 
NOTE: DIMENSIONS IN INCHES UNLESS OTHERWISE NOTED. 

·LEAD AND BODY IRREGULARITIES PERMITTED IN THIS ZONE. 
uLEADS WITHIN 0.005 RADIUS OF TRUE POSITION 
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SALES OFFICES, 
REPRESENTATIVES 

AND DISTRIBUTORS 

SALES OFFICES, REPRESENTATIVES 

AND DISTRIBUTORS 





NORTH AMERICAN 
SALES OFFICES AND 
REPRESENTATIVES 

CORPORATE 
HEADQUARTERS 
1500 Space Park Drive 
Santa Clara, CA 95050 
Phone: (408) 727..g222 
TWX: 910~338-o218 

ALABAMA 
HUNTSVILLE 
EMA 
2309 Starmount Circle 
Huntsville, AL 35801 
(205) 533~6640 

ARIZONA 
SCOTTSDALE 
PMI SALES OFFICE 
8526 E. Monterey Way 
Scottsdale, AZ 85251 
(602) 941-1946 

CALIFORNIA 
LOS ANGELES 
PMI SALES OFFICE 
6033 W. Century Blvd" Suite 595 
Los Angeles, CA 90045 
(213) 642-0142 
TWX 910-328-6591 

SANTA CLARA 
PMI SALES OFFICE 
2700 Augustine Dr., Suite 241 
Santa Clara, CA 95051 
(408) 727-6616 

SAN DIEGO 
L & S ASSOCIATES 
11772 Sorrento Valley Rd., Suite 235 
San Diego, CA 92121 
(714) 455-0055 TWX 910-322-1730 

COLORADO 
LITTLETON 
PMI SALES OFFICE 
7488 W. Roxbury PI., 
Littleton, CO 80123 
(303) 979-8533 

CONNECTICUT 
UNIONVILLE 
PMI SALES OFFICE 
P.O. Box 43 
Unionville, CT 06085 
(203) 673-9995 

FLORIDA 
CORAL SPRINGS 
PMI SALES OFFICE 
P.O. Box 8851 
Coral Springs, FL 33065 
(800) 323-8755 

LONGWOOD 
PMI SALES OFFICE 
115 Lea Ave. 
Longwood, FL 32750 
(305) 331-5133, (800) 323-8755 

GEORGIA 
NORCROSS 
EMA 
6445 Hitlandale Dr. 
Norcross, GA 30092 
(404) 449-9430 

ILLINOIS 
SCHAUMBURG 
PMI SALES OFFICE 
1325 Remington Rd., Suite "0" 
Schaumburg, IL 60195 
(312) 885-8440 

INDIANA 
INDIANAPOLIS 
PMI SALES OFFICE 
P.O. Box 40805 
Indianapolis, IN 45620 
(800) 323-8755 

IOWA 
PMI SALES OFFICE 
1325 Remington Rd., Suite "0" 
Schaumburg, IL 60195 
(312) 885-8440, (800) 323-8755 

KANSAS 
MERRIAM 
PM1 SALES OFFICE 
9103 W. 72nd St. 
Merriam, KS 66204 
(800) 323-8755 

MARYLAND 
BALTIMORE 
PMI SALES OFFICE 
P.O. Box 355 
Lutherville, MO 21093 
(301) 882-9222 

MASSACHUSETTS 
BOSTON 
PMI SALES OFFICE 
16 Boston Post Ad. 
Wayland, MA 01778 
(617) 655-8900 

MICHIGAN 
BRIGHTON 
PMI SALES OFFICE 
7323 Cowell Rd. 
Brighton, MI 48116 
(800) 323-8755 

MINNESOTA 
MINNEAPOLIS 
PMI SALES OFFICE 
P.O. Box 20730 
Bloomington, MN 55420 
(612) 944-7626, (800) 323-8755 

MISSISSIPPI 
EMA 
2309 Starmount Circle 
Huntsville, AL 35801 
(205) 533-6640 

MISSOURI 
PMI SALES OFFICE 
9103 W. 72nd Sf. 
Merriam, KS 66204 
(800) 323-8755 

NEW MEXICO 
ALBUQUERQUE 
BFA CORPORATION 
1704 Moon, N.E. 
Albuquerque, NM 87112 
(505) 292-1212 TWX 910-989-1157 

PMI SALES OFFICE 
8526 E. Monterey Way 
Scottsdale, AZ 85251 
(602) 941-1946 
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NEW YORK 
EAST SYRACUSE 
L-Mar ASSOCIATES, INC. 
216 Tilden Dr. 
East Syracuse, NY 13057 
(315) 437-7779 

HICKSVILLE 
J-SQUARE MARKETING, INC. 
161-C Levittown Pkwy. 
Hicksville, NY 11801 
(516) 935-3200 TWX 510-221-2136 

ROCHESTER 
L-Mar ASSOCIATES, INC. 
4515 Culver Rd., 
Rochester, NY 14622 
(716) 544-8000 TWX 510-253..Q943 

NORTH CAROLINA 
GREENSBORO 
EMA 
4503 Highberry Rd. 
Greensboro, NC 27410 
(919) 854-0060 

PMI SALES OFFICE 
1325 Remington Rd., Suite "0" 
Schaumburg, IL 60195 
(312) 885-8440 

NORTH DAKOTA 
PMI SALES OFFICE 
P.O. Box 20730 
Bloomington, MN 55420 
(612) 944-7626, (80C) 323-8755 

OHIO 
CLEVELAND 
PMI SALES OFFICE 
1325 Remington Rd., Suite "0" 
Schaumburg, IL 60195 
(800) 323-8755 

COLUMBUS 
DEL STEFFEN & ASSOCIATES 
173 Otterbein Dr. 
Lexington, OH 44904 
(419) 884-2313 

DAYTON 
DEL STEFFEN & ASSOCIATES 
1201 E. David Ad. 
Dayton, OH 45429 
(513) 293-3145 

OKLAHOMA 
PMI SALES OFFICE 
9103 W. 72nd St. 
Merriam, KS 66204 
(800) 323-8755 

PENNSYLVANIA 
CORNWELLS HEIGHTS 
PMI SALES OFFICE 
3466 Progress Dr. 
Cornwells Heights, PA 19020 
(215) 639-9595 

SOUTH CAROLINA 
EMA 
4503 Highberry Rd. 
Greensboro, NC 27410 
(9191854-0060 

SOUTH DAKOTA 
PMI SALES OFFICE 
P.O. Box 20730 
Bloomington, MN 55420 
(612) 944~7626, (800) 323-8755 

TENNESEE 
JONESBORO 
EMA 
Route 8, Dogwood Vlg. 
Jonesboro, TN 37659 
(615) 753-B861 

TEXAS 
DALLAS 
PMI SALES OFFICE 
11325 Pegasus St., Suite W-244 
Dallas, TX 75238 
(214) 357-1581, (800) 323-B755 

HOUSTON 
PMI SALES OFFICE 
P.O. Box 12423 
Houston, TX 77217-2423 
(713) 481-6460, (800) 323-8755 

UTAH 
PMI SALES OFFICE 
7488 W. Roxbury Place 
Littleton, CO 80123 
(303) 979-8533 

WASHINGTON 
RENTON 
PMl SALES OFFICE 
P.O. Box 2246 
Renton, WA 98056 
(206) 641-6006 

CANADA 
MANITOBA 
PMI SALES OFFICE 
P.O. Box 20730 
Bloomington, MN 55420 
(612) 944-7626, (312) 885-8440 

ONTARIO 
SOURCE ELECTRONICS LIMITED 
83 Galaxy Blvd., Unit 9 
Rexdale, Ontario M9W 5X6 
(416) 675-6235 

PMI SALES OFFICE 
16 Boston Post Ad. 
Wayland, MA 01778 
(617) 655-B900 

SASKATCHEWAN 
PMI SALES OFFICE 
P.O. Box 20730 
Bloomington, MN 55420 
(612) 944-7626, (312) 885-8440 

t/) 
a: 
o 
I­
;:) 
CD 

e 
i5 
c 
z 
c( 
t/) 
W 
> 
i= 
~ z 
w 
t/) 
w 
a: 
Il. 
W 
a: 
iii 
w 
() 
ii: 
"­o 
t/) 
W 
....I 
c( 
t/) 

III 



AUTHORIZED 
DISTRIBUTORS 

ALABAMA 
HUNTSVILLE 
HALL-MARK ELECTRONICS 
4900 Bradford Dr. 
Huntsville, AL 35807 
(205) 827-3700 TWX 810-726-2187 

HUNTSVILLE 
PIONEER ELECTRONICS 
1207 Putman Dr .• N.W. 
Huntsville, AL 35805 
(205) 837-11300 TWX 810-728-2197 

ARIZONA 
PHOENIX 
WYLE DISTRIBUTION GROUP 
8155 No. 24th Ave. 
Phoenix, AZ 86021 
(602) 249-2232 TWX 910-951-4282 

PHOENIX 
DIPLOMAT WESTATES 
18401 N. 25th Ave., Suite 8 
Phoenix. AZ 85023 
(602) 866-7525. (602) 242-2941 

TEMPE 
BELL INDUSTRIES 
52'1 S. 48th St.. Bldg. #107 
Tempe, AZ 85281 
(602) 966-7800 TWX 910-ll50-D133 

CALIFORNIA 
CHATSWORTH 
DIPLOMAT WESTATES 
20151 Bahama 5t. 
Chatsworth, CA 91311 
(213) 341-4411 TLX 67·7069 

CHATSWORTH 
ANTHEM ELECTRONICS 
21730 Nordhoff SI. 
Chatsworth, CA 91311 
(213) 700-1000 TWX 910-493-2083 

COSTA MESA 
DIPLOMAT WESTATES 
3001 Redhill Ave., Bldg. 3, Suite 107 
Costa Mesa. CA 92626 
(714) 549-8401 

ELSEGUNDD 
WYLE DISTRIBUTION GROUP 
124 Maryland St. 
EI Segundo, CA 90245 
(213) 322-8100 TWX 910-348-7111 

GARDENA 
BELL INDUSTRIES 
306 E. Alondra Blvd. 
Gardena, CA 90247 
(213) 515-1800 TWX 910-348-8336 

SAN DIEGO 
ANTHEM ELECTRONICS 
4125 Sorrento Valley Blvd. 
San Diego, CA 92121 
(714) 279-8200 TWX 910-335-1515 

CALIFORNIA 
SAN DIEGO 
DIPLOMAT WESTATES 
9787 Aero Dr., Suite E 
San Diego, CA 92123 
(714) 292-5693 

SAN DIEGO 
WYLE DISTRIBUTION GROUP 
9525 Chesapeake Dr. 
San Diego, CA 92123 
(714) 565-11171 TWX 910-335-1590 

SAN JOSE 
ANTHEM ELECTRONICS 
174 Component Or. 
San Jose, CA 95131 
(408) 946-11000 TWX 910-338-2038 

SANTA CLARA 
WYLE DISTRIBUTION GROUP 
3000 Bowers Ave. 
Santa Clara, CA 95052 
(408) 727-2500 TWX 910-338-D296 

SUNNYVALE 
BELL INDUSTRIES 
1161 N. Fairoaks Ave. 
Sunnyvale, CA 94086 
(408) 734-11570 TWX 910-339-11378 

SUNNYVALE 
DIPLOMAT WESTATES 
1283-F Mountain View-Alviso Rd. 
Sunnyvale, CA 94086 
(408) 744-1555 TLX 352-D46 

TUSTIN 
ANTHEM ELECTRONICS 
2661 Dow Ave. 
Tustin, CA 92680 
(714) 730-l1000 TWX 910-895-1583 

COLORADO 
DENVER 
HALL-MARK ELECTRONICS 
1820 S. Sheridan Blvd., Suite 206 
Denver, CO 80226 
(3031 934-8859 
(8001 332-11326 (CO only) 

THORNTON 
WYLE DISTRIBUTION GROUP 
451 E. 124th Ave. 
Thornton, CO 80241 
(3031 457-WYLE 

WHEAT RIDGE 
BELL INOUSTRIES 
8155 W. 48th Ave. 
Wheat Ridge, CO 80033 
1303) 424-1985 TWX 910-ll38-D393 

CONNECTICUT 
NORWALK 
HARVEY ELECTRONICS 
112 Main St. 
Norwalk, CT 06851 
(203) 853-1515 TWX 710-468-3373 
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FLORIDA MASSACHUSETTS 
FT. LAUDERDALE LEXINGTON 
HALL-MARK ELECTRONICS HARVEY ELECTRONICS 
1671 W. McNab Rd. 44 Hartwell Ave. 
Ft. Lauderdale, FL 33309 Lexington, MA 02173 
(305)971-11280 TWX510-ll58-11720 (617) 861-11200 TWX 710-32S-8617 

NORWOOD 
ORLANDO GERBER ELECTRONICS 
HALL-MARK ELECTRONICS 128 Carnegie Row 
7233 Lake Ellenor Or. Norwood, MA 02062 
Orlando, FL 32809 (617) 769-8000 TWX 710-33&-1987 
(305) 855-4020 TWX 810-850-Dl05 

WESTBOROUGH 
FUTURE ELECTRONICS 

ORLANDO 133 Flanders Rd. 
PIONEER ELECTRONICS Westborough, MA 01681 
6220 S. Orange Blossom Trail, (617) 366-2400 TWX 710-390-0374 
Suite 412 
Orlando, FL 32809 MICHIGAN (305) 859-3600 TWX810-85O-D177 

LIVONIA 
PIONEER ELECTRONICS 

GEORGIA 13486 Stamford 
Livonia. MI 48150 

NORCROSS 1313) 525-1800 TWX 810-242-3271 
HALL-MARK ELECTRONICS 
6410 Atlantic Blvd., Suite 115 

MINNESOTA Norcross, GA 30071 
(404) 447-l1000 TWX 810-766-4510 BLOOMINGTON 

HALL-MARK ELECTRONICS 
7838 12th Ave. 

ILLINOIS So. Bloomington, MN 55802 

BENSENVILLE 
(612) 854-4747 TWX 910-576-3187 

HALL-MARK ELECTRONICS MINNETONKA 
1177 Industrial Dr. PIONEER ELECTRONICS 
Bensenville, IL 60106 10203 Bren Road East 
(312) 860-3800 TWX 910-651-D185 Minnetonka, MN 55343 

(612) 935-8444 TWX 910-876-2738 
ELK GROVE VILLAGE 
PIONEER ELECTRONICS MISSOURI 
1551 carmen Or. 
Elk Grove Village, IL 60007 EARTH CITY 

(312) 437-9680 TWX 910-222-1834 HALL-MARK ELECTRONICS 
13789 Rider Trail 
Earth City. MO 83045 

INDIANA (314) 291-8350 TWX 910-762-D872 

INDIANAPOLIS 
PIONEER ELECTRONICS NEW JERSEY 
6408 Castle Place Or. PINE BROOK 
Indianapolis, IN 46250 HARVEY ELECTRONICS 
1317) 849-7300 TWX 810-260-1794 45 Route 46 

Pine Brook, NJ 07058 

KANSAS 
(201 ) 575-3510 TWX 710-734-4382 

LENEXA CHERRY HILL 
HALL-MARK ELECTRONICS HALL-MARK ELECTRONICS 
10816 Lakeview Dr. 2091 Springdale Rd. 
Lenexa, KS 66219 Cherry Hill, NJ 08003 
(913) 886-4747 TWX910-'749-6620 (809) 424-7300 TWX 710-ll4D-D680 

NEW MEXICO 
MARYLAND 
BALTIMORE 

ALBUQUERQUE 

HALL-MARK ELECTRONICS 
ALLIANCE ELECTRONICS. INC. 

6655 Amberton Or. 
11030 Cochiti S.E. 
Albuquerque, NM 87123 

Baltimore, MO 21227 (505) 292-3360. (800) 545-8288 
(301) 798-11300 TWX 710-1162-1942 TWX 910-1189-1151 

GAITHERSBURG ALBUQUERQUE 
PIONEER ELECTRONICS BELL INDUSTRIES 
9100 Gaither Rd. 11728 Linn N.E. 
Gaithersburg, MO 20817 All,uquerque, NM 87123 
(301) 948-0710 TWX 710-ll28-D545 (5051292-2700 TWX910-ll89-D625 



NEW YORK 
BINGHAMTON 
HARVEY ELECTRONICS 
P.O. Box 1208. Vestal Parkway E. 
Binghamton. NY 13902 
(607)748-8211 TWX 510-252-0893 

FAIRPORT 
HARVEY ELECTRONICS 
840 fairport Park 
Fairport, NY 14450 
(718)381-7070 TWX 510-253-7001 

WOODBURY 
HARVEY ELECTRONICS 
60 Crossway Park West 
Woodbury, NV 11797 
(516)921-8700 TWX 510-221-2184 

NORTH CAROLINA 
GREENSBORO 
PIONEER ELECTRONICS 
103 Industrial Ave. 
Greensboro, Ne 27406 
(919)273-4441 TWX 510-925-1114 

RALEIGH 
HALL-MARK ELECTRONICS 
1208 Front St., Bldg. K 
Raleigh, NC 27609 
(919)832-4465 TWX 510-926-1831 

OHIO 
CLEVELAND 
PIONEER ELECTRONICS 
4800 E. 131 sl St. 
Cleveland, OH 44105 
(218)587-3600 TWX 810-422-2211 

DAYTON 
PIONEER ELECTRONICS 
4433 Interpoinl Blvd. 
Dayton, OH 45424 
(513)236-9900 TWX 810-459-1822 

HIGHLAND HEIGHTS 
HALL-MARK ELECTRONICS 
175 Alpha Park 
Highland Heights, OH 44143 
(216)473-2907 

WESTERVILLE 
HALL-MARK ELECTRONICS 
6130 Sunburry Rd .• Suite 8 
Westerville. OH 43081 
(614)891-4555 

OKLAHOMA 
TULSA 
HALL-MARK ELECTRONICS 
5460 S. 103rd East Ave. 
Tulsa, OK 74145 
(918)835-8458 TWX 910-845-2290 

PENNSYLVANIA 
HORSHAM 
PIONEER ELECTRONICS 
261 Gibraltar Rd. 
Horsham. PA 19044 
(215)874-4000 TWX 510-865-8778 

PITTSBURGH 
PIONEER ELECTRONICS 
259 Kappa Or. 
Pittsburgh, PA 15238 
(412)782-2300 TWX 710-795-3122 

TEXAS 
AUSTIN 
HALL-MARK ELECTRONICS 
12211 Technology Blvd. 
Austin. TX 78759 
(512)258-8848 TWX 910-874-2010 

DALLAS 
HALL-MARK ELECTRONICS 
11333 Pagemill Dr. 
Dallas. TX 75222 
(214)343-5000 TWX 910-a67-4775 

HOUSTON 
HALL-MARK ELECTRONICS 
8000 Westglen 
Houston. TX 77063 
(713)781-8100 TWX 910-881-2711 

HOUSTON 
PIONEER ELECTRONICS 
5853 Point West Dr. 
Houston, TX 77036 
(713) 988-5555 TWX 910-881-1606 

UTAH 
SALT LAKE CITY 
BELL INDUSTRIES 
3639 W. 2150 South 
Salt Lake City. UT 84120 
(801) 972-6969 TWX 910-925-5686 

WASHINGTON 
BELLEVUE 
WYLE DISTRIBUTION GROUP 
1750 132nd Ave. N.E. 
Bellevue, WA 98005 
(206)453-11300 TWX 910-443-2526 

WISCONSIN 
DAKCREEK 
HALL-MARK ELECTRON)CS 
9667 S. 20th St. 
Oak Creek. WI 53154 
( 414)761-3000 

CANADA 
ALBERTA 
FUTURE ELECTRONICS INC. 
5809 Macleod Trail South. Unit 109 
Calgary. Alberta T2H OJ9 
(403)259-8408 TWX 610-821-1927 

ALBERTA 
INTEK ELECTRONICS LTD. 
461&-99th St. 
Edmonton, Alberta T6E 5H5 
(403)437-2755 TWX 610-831-1101 
TLX 037-2970 

BRITISH COLUMBIA 
FUTURE ELECTRONICS, INC. 
3070 Kingsway 
Vancouver. BC V5R 5J7 
(604) 438-5545 TWX 610-922-1668 

BRITISH COLUMBIA 
INTEK ELECTRONICS LTD. 
8385 St. George St. #10 
Vancouver, BC V5X 4P3 
(604)324-8831 TWX 610-922-5032 
TLX 04-507578 

PAGE 17-5 

CANADA 
ONTARIO 
FUTURE ELECTRONICS. INC. 
Baxter Centre. 1050 Baxter Rd. 
Ottawa. Ontario K2C 3P2 
(613) 820-8313 TWX 610-563-1697 

ONTARIO 
FUTURE ELECTRONICS, INC. 
4800 Duffer!n St. 
Downsview. Ontario M3H 5$8 
(416)663-5563 TWX 610-491-1470 

QUEBEC (MONTREAL) 
FUTURE ELECTRONICS, INC. 
237 Hymus Blvd. 
Pointe Claire. Quebec HeR 5C7 
(514)694-7710 TWX 610-421-3251 
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INTERNATIONAL 
REPRESENTATIVES 

EUROPEAN 
HEADQUARTERS 
BOURNSAG 
Zugen,InI .. 7. -­'wI_ --= 042-33 33 33 
ToIo .. 888722 

AUSTRAUA 
VSI Electronic. (Ply) Ltd. 
21 Chandos Street 
CroWl Nest HSW 2065 

Tecnico Electronics 
53 Carrington Road 
Marrlckvlll., NSW 2204: 

Tecnlco Electronics 
2HlghStreat 
Northcote 

AUSTRIA 
Ing. Otto Folger 
Elektronische Garita 
Bllndenga8se 38 
1080 Vienna 
Phone: 0222 .... 32639 
Telex: 131 882 

BENELOX 
Bourna (Nederland) B. V. 
Van Tuyl van Serooskerkestr. 85 
P.O. Box 37 
2270 AA Voorburg 
Phone: 070.87 44 00 
Telex: 32 023 

DENMARK 
Tags Olaen A/S 
Ballerup 8yvej 222 
2750" Ballerup 
Phone: 02-65 81 11 
Telax: 35 293 

EASTERN EUROPE 
Ettrans 
Handelsgesellschaft mbH 
Stuwerstruse 1.-3 
1020 Vienna 
Phone: 0222·24 71 37 
Tel.ex: ~31 487 

FINLAND 
InaelaOy 
Kurnpulantle 1 
00520 Helsinki 52 
Phone: 80-735774 
Telex: 122 217 

FRANCE 
Ohmic SA 
21/23 rue des Ardennes 
75019 Pario 
Phone: 01-203 98 33 
Telex: 230008 

GERMANY 
80umsGmbH 
Pootfach 1155 
Eberhardstrasae 63 
7000 Stuttgart t 
Phone: 0711-24 29 36 
Telex: 721 558 

GREECE 
GermanlsCo. 
Trade of Electronic Gear 
Aristotelous St. 47-49 
P.O. Box 1209 
Athens 
Phone: Ot-ll21 58 25 
Telex: 219 179 

HONG KONG 
Samco International 
342 Madison Avenue 
New York, NY 10017 
Phone: (212) 887--8929 
Telex: 62559 WUI 
Cable "SAMCOIN" New York 

INDIA 
Hind Industrial & Mercantile Corp. 
Private L.T.C. 
205~A, Dr. Annie Beaant Ad. 
Bombay 400 018 
Phone: 37354<1 
Telegram: 'ADEK' Worll~Bombay 

Fegu Electronics, Inc. 
. 3308 Middlefield Rd. 

Palo Alto, CA 9430G 
Phone: 493-3480 

ISRAEL 
Rapac Electronics Ltd. 
Components Division 
12 Kahllat Venezia Street 
P.O. Box 18053 
61 180 Tel Aviv 
Phone: 03.0$771 15 
Telex: 33528 

ITALY 
Technic S.r.L. 
Via Brembo 21 
21·20139 Milan 
Phone: 02-669 57 46 
Telex: 316651 

JAPAN 
Nippon PMI Corporation 
Haratetsu Building . 
4-1·11, Kudan Kite 
Chiyodaku, Tokyo 
Phone: (03) 234--1411 
Telex: 781 J 27632 

KOREA 
Samco International 
342 Madison Avenue 
New York, NY 10017 
Phone: (212) 887-8929 
Telex: 62559 WUI 
Cable "SAMCOIN·· New York 

Samco Affiliate 
Hansun International 
CPO Box 2983 Seoul 
Telex: 28.()958 

NORWAY 
AlS Kjell Bakke 
Tekniake Agenturer 
Nygt 48, P.O. Box 143 
2011 StrCil mmen 
Phone: 02-711872 
Telex: 19 407 

PORTUGAL 
Telectra S.A.A.L. 
Aua Aodrlgo da Fonseca 103 
Lisbon 1 
Phone: 19-68 60 72 
Telex: 12 598 

SINGAPORE 
Samco International 
342 Madison Avenue 
New York. NY 10017 
Phone: (212) 887-8929 
Telex: 62559 WUI 
Cable "SAMCOIN" New York 

SOUTH AFRICA 
Associated Electronics (pty) Ltd. 
P.O. Box 31094, Braamtonteln 2017 
Assooiated House, 150 Caroline St 
Brixton, Johannesburg 
Phone: 839 18 24 
Telex: 88432 

SPAIN 
Hispano Electronlca S.A. 
Poligono industrial Urtinsa 
Apartado de Correos 48 
Alcorcon (Madrid) 
Phone: 01-81941 08 
Telex: 42 634 

SWEDEN 
"8exab Elektronik AS 
P.O. Box 2101 
18302 Taby 
Phone: 08-768 05 60 
Telex: 10 912 

SWITZERLAND 
Bourns (Schweiz) AG 
ZugeratrasS8 74 
6340 Baar 
Phone: 042-33 33 33 
Telex: 888 722 
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TAIWAN 
Samco International 
342 Madison Avenue 
New York, NY 10017 
Phone: (2t2)68H1929 
Telex: 62558 WUI 
Cable "SAMCOIN" New York 

Mao Shing Enterprises Co., Ltd. 
6-3 No.9 Nanking East Ad., S.e.c. 
MeI·Lo Nanking Building 
Taipei 
Republic of China 

TURKEY 
NEL, NUkleer Elaktronlk Ltd. 
Silmer Sokak No. 42 
Yanisehlr~Ankara 

Phone: 041-30 15 to 
Telex: 42229 

UNITED KINGDOM 
Boums Electronics Ltd. 
Hodford House 
t7127 High Street 
Hounslow. Middlesex TW3 1TE 
Phone: 0100572 85 31 " 
Telex: 264 485 

YUGOSLAVIA 
Podravka~Unltrada 
Sektor inozamna zaatupstva 
P.O. Box 619 
Mazuranicev t'll 3 
4100t Zagreb 
Phone: 041-41 92 84 
Telex: 22235 




