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Principles of Data Acquisition
and Conversion

DATA ACQUISITION SYSTEMS
Introduction

Data acquisition and conversion systems interface be-
tween the real world of physical parameters, which are
analog, and the artificial world of digital computation and
control. With current emphasis on digital systems, the
interfacing function has become an important one; digital
systems are used widely because complex circuits are low
cost, accurate, and relatively simple to implement. In
addition, there is rapid growth in use of minicomputers and
microcomputers to perform difficult digital control and
measurement functions.

Computerized feedback control systems are used in
many different industries today in order to achieve greater
productivity in our modern industrial society. Industries
which presently employ such automatic systems include
steel making, food processing, paper production, oil refin-
ing, chemical manufacturing, textile production, and cement
manufacturing.

The devices which perform the interfacing function be-
tween analog and digital worlds are analog-to-digital (A/D)
and digital-to-analog (D/A) converters, which together are
known as data converters. Some of the specific applica-
tions in which data converters are used include data
telemetry systems, pulse code modulated communications,
automatic test systems, computer display systems, video
signal processing systems, data logging systems, and
sampled-data control systems. In addition, every laboratory
digital multimeter or digital panel meter contains an A/D
converter.

Besides A/D and D/A converters, data acquisition and
distribution systems may employ one or more of the
following circuit functions:

Basic Data Distribution Systems
Transducers
Amplifiers
Filters
Nonlinear Analog Functions
Analog Multiplexers
Sample-Holds

The interconnection of these components is shown in the
diagram of the data acquisition portion of a computerized
feedback control system in Figure 1.

TRANS ACTIVE
oucer FILTER
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PARAMETER
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Figure 1: Data Acquisition System
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The input to the system is a physical parameter such as
temperature, pressure, flow, acceleration, and position,
which are analog quantities. The parameter is first convert-
ed into an electrical signal by means of a transducer; once
in electrical form, all further processing is done by electronic
circuits.

Next, an amplifier boosts the amplitude of the transducer
output signal to a useful level for further protessing.
Transducer outputs may be microvolt or millivolt level
signals which are then amplified to 1 to 10 volt levels.
Furthermore, the transducer output may be a high imped-
ance signal, a differential signal with common-mode noise,
a current output, a signal superimposed on a high voltage,
or a combination of these. The ampilifier, in order to convert
such signals into a high level voltage, may be one of several
specialized types.

The amplifier is frequently followed by a low pass active
filter which reduces high frequency signal components,
unwanted electrical interference noise, or electronic noise
from the signal. The amplifier is sometimes also followed by
a special nonlinear analog function circuit which performs a
nonlinear operation on the high level signal. Such opera-
tions include squaring, multiplication, division, RMS conver-
sion, log conversion, or linearization.

The processed analog signal next goes to an analog
multiplexer which sequentially switches between a number
of different analog input channels. Each input is in turn
connected to the output of the muitiplexer for a specified
period of time by the multiplexer switch. During this connec-
tion time a sample-hold circuit acquires the signal voltage
and then holds its value while an analog-to-digital converter
converts the value into digital form. The resultant digital
word goes to a computer data bus or to the input of a digital
circuit.

Thus the analog multiplexer, together with the sample-
hold, time shares the A/D converter with a number of
analog input channels. The timing and control of the
complete data acquisition system is done by a digital circuit
called a programmer-sequencer, which in turn is under
control of the computer. In some cases the computer itself
may control the entire data acquisition system.

While this is perhaps the most commonly used data
acquisition system configuration, there are alternative ones.
Instead of muitiplexing high-level signals, low-level multi-
plexing is sometimes used with the amplifier following the
multiplexer. In such cases just one amplifier is required, but
its gain may have to be changed from one channel to the
next during muitiplexing. Another method is to amplify and
convert the signal into digital form at the transducer location
and send the digital information in serial form to the
computer. Here the digital data must be converted to
parallel form and then multiplexed onto the computer data
bus.

Basic Data Acquisition System

The data distribution portion of a feedback control
system, illustrated in Figure 2, is the reverse of the data
acquisition system. The computer, based on the inputs of
the data acquisition system, must close the loop on a
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process and control it by means of output control functions.
These control outputs are in digital form and must therefore
be converted into analog form in order to drive the process.
The conversion is accomplished by a series of digital-to-
analog converters as shown. Each D/A converter is cou-
pled to the computer data bus by means of a register which
stores the digital word until the next update. The registers
are activated sequentially by a decoder and control circuit
which is under computer control.

REGISTER >co~?//e‘;r>_‘ ACTUATOR |——0 PROCESS
P .
LA
g p :
§ REGISTER con?/s:mv>—‘ AcTuaTOR | PROCESS
DECODER
& CONTROL
coumx——'
E AF00600!
Figure 2: Data Distribution System

The D/A converter outputs then drive actuators which
directly control the various process parameters such as
temperature, pressure, and flow. Thus the loop is closed on
the process and the result is a complete automatic process
control system under computer control.

QUANTIZING THEORY

Introduction

Analog-to-digital conversion in its basic conceptual form
is a two-step process: quantizing and coding. Quantizing is
the process of transforming a continuous analog signal into
a set of discrete output states. Coding is the process of
assigning a digital code word to each of the ouput states.
Some of the early A/D converters were appropriately called
quantizing encoders.

Quantizer Transfer Function

The nonlinear transfer function shown in Figure 3 is that
of an ideal quantizer with 8 output states; with output code
words assigned, it is also that of a 3-bit A/D converter. The
8 output states are assigned the sequence of binary
numbers from 000 through 111. The analog input range for
this quantizer is 0 to +10V.

There are several important points concerning the trans-
fer function of Figure 3. First, the resolution of the quantizer
is defined as the number of output states expressed in bits;
in this case it is a 3-bit quantizer. The number of output
states for a binary coded quantizer is 2", where n is the
number of bits. Thus, an 8-bit quantizer has 256 output
states and a 12-bit quantizer has 4096 output states.

As shown in the diagram, there are 2"-1 analog
decision points (or threshold levels) in the transfer function.
These points are at voltages of +0.625, +1.875, +3.125,
+4.375, +5.625, +6.875, and +8.125. The decision
points must be precisely set in a quantizer in order to divide
the analog voltage range into the correct quantized values.
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The voltages +1.25, +2.50, +3.75, +5.00, +6.25,
+7.50, and +8.75 are the center points of each output
code word. The analog decision point voltages are precisely
halfway between the code word center points. The quantiz-
er staircase function is the best approximation which can be
made to a straight line drawn through the origin and full
scale point; notice that the line passes through all of the
code word center points.

OUTPUT STATES
»
OUTPUT CODE
=4
T

'
]
1
i
1
'
i
t
1
i
i

1 R 1 "]
+1.25 +2.50 +3.75 +5.00 +6.26 +7.50 +8.75 +10.00

INPUT VOLTAGE

‘a2 4
QUANTIZER 0
ERROR Q
—Q/2 _r._

$C000801
Figure 3: Transfer Function of Ideal 3-Bit
Quantizer ,

Quantizer Resolution and Error

At any part of the input range of the quantizer, there is a
small range of analog values within which the same output
code word is produced. This small range is the voltage
difference between any two adjacent decision points and is
known as the analog quantization size, or quantum, Q. In
Figure 3, the quantum is 1.25V and is found in general by
dividing the full scale analog range by the number of ouput
states. Thus

where FSR is the full scale range, or 10V in this case. Q is
the smallest analog difference which can be resolved, or
distinguished, by the quantizer. In the case of a 12-bit
quantizer, the quantum is much smaller and is found to be

If the quantizer input is moved through its entire range of
analog values and the difference between ouput and input
is taken, a sawtooth error function results, as shown in
Figure 3. This function is called the quantizing error and is
the irreducible error which results from the quantizing
process. It can be reduced only by increasing the number of
output states (or the resolution) of the quantizer, thereby
making the quantization finer.

For a given analog input value to the quantizer, the output
error will vary anywhere from 0 to +Q/2; the error is zero
only at analog values corresponding to the code center
points. This error is also frequently called quantization
uncertainty or quantization noise.
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The quantizer output can be thought of as the analog
input with quantization noise added to it. The noise has a
peak-to-peak value of Q but, as with other types of noise,
the average value is zero. Its RMS value, however, is useful
in analysis and can be computed from the triangular
waveshape to be Q/2+/3.

SAMPLING THEORY

Introduction

An analog-to-digital converter requires a small, but signifi-
cant, amount of time to perform the quantizing and coding
operations. The time required to make the conversion
depends on several factors: the converter resolution, the
conversion technique, and the speed of the components
employed in the converter. The conversion speed required
for a particular application depends on the time variation of
the signal to be converted and on the accuracy desired.

Aperture Time

Conversion time is frequently referred to as aperture
time. In general, aperture time refers to the time uncertainty
(or time window) in making a measurement and resuits in an
amplitude uncertainty (or error) in the measurement if the
signal is changing during this time.

<

f avs

davit)
at xta

V‘U\

ta

ta = APERTURE TIME
AV= AMPLITUDE UNCERTAINTY
$SC00100!

Figure 4: Aperture Time and Amplitude

Uncertainty

As shown in Figure 4, the input signal to the A/D
converter changes by AV during the aperture time t3 in
which the conversion is performed. The error can be
considered an amplitude error or a time error; the two are
related as follows

where dV(t)/dt is the rate of change with time of the input
signal.

It should be noted that AV represents the maximum error
due to signal change, since the actual error depends on
how the conversion is done. At some point in time within tg,
the signal amplitude corresponds exactly with the ouput
code word produced.

For the specific case of a sinusoidal input signal, the
maximum rate of change occurs at the zero crossing of the
waveform, and the amplitude error is

d
AV = ta& (A sin wt)t = 0 = taAw

The resultant error as a fraction of the peak to peak full
scale value is

AV

1-3
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From this result the aperture time required to digitize a 1
kilohertz signal to 10 bits resolution can be found. The

resolution required is one part in 2 0 or 0.001.
€ 0.001 9
ta=—=_———"—7=320x10"
af 3.14x10

The result is a required aperture time of just 320
nanoseconds!

One should appreciate the fact that 1kHz is not a
particularly fast signal, yet it is difficult to find a 10 bit A/D
converter to perform this conversion at any price! Fortu-
nately, there is a relatively simple and inexpensive way
around this dilemma by using a sample-hold circuit.
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Figure 5: Graph for Aperture Error for
Sinusoidal Signals

Sample-Holds and Aperture Error

A sample-hold circuit samples the signal voltage and
then stores it on a capacitor for the time required to perform
the A/D conversion. The aperture time of the A/D converter
is therefore greatly reduced by the much shorter aperture
time of the sample-hold circuit. In turn, the aperture time of
the sample-hold is a function of its bandwidth and switching
time.

Figure 5 is a useful graph of Equation 5. It gives the
aperture time required for converting sinusoidal signals to a
maximum error less than one part in 2" where n is the
resolution of the converter in bits. The peak to peak value of
the sinusoid is assumed to be the full scale range of the
A/D converter. The graph is most useful in selecting a
sample-hold by aperture time or an A/D converter by
conversion time.

Sampled-Data Systems and the Sampling
Theorem

In data acquisition and distribution systems, and other
sampled-data systems, analog signals are sampled on a
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periodic basis as illustrated in Figure 6. The train of
sampling pulses in 6(b) represents a fast-acting switch
which connects to the analog signal for a very short time
and then disconnects for the remainder of the sampling
period.

(a)
SIGNAL
- \/
SAMPLING
seare LU
(©) 1T
e (1T
L N\, Pred
I,[ r\‘ ’rT
(\J l 1’J/
i A
(@) - N
SAMPLED AND T
HELD SIGNAL | > =T
S
$C001101

Figure 6: Signal Sampling

The result of the fast-acting sampler is identical with
multiplying the analog signal by a train of sampling pulses of
unity amplitude, giving the modulated pulse train of Figure
6(c). The amplitude of the original signal is perserved in the
modulation envelope of the pulses. If the switch type
sampler is replaced by a switch and capacitor (a sample-
hold circuit), then the amplitude of each sample is stored
between samples and a reasonable reconstruction of the

“original analog signal results, as shown in 6(d).

The purpose of sampling is the efficient use of data
processing equipment and data transmission facilities. A
single data transmission link, for example, can be used to
transmit many different analog channels on a sampled
basis, whereas it would be uneconomical to devote a
complete transmission link to the continuous transmission
of a single signal.

Likewise, a data acquisition and distribution system is
used to measure and control the many parameters of a
process control system by sampling the parameters and
updating the control inputs periodically. In data conversion
systems it is common to use a single, expensive A/D
converter of high speed and precision and then multiplex a
number of analog inputs into it.

An important fundamental question to answer about
sample-data systems is this: ''How often must | sample an
analog signal in order not to lose information from it?"' It is
obvious that all useful information can be extracted if a
slowly varying signal is sampled at a rate such that little or
no change takes place between samples. Equally obvious is
the fact that information is being lost if there is a significant
change in signal amplitude between samples.

The answer to the question is contained in the well-
known Sampling Theorem which may be stated as follows:
If a continuous, bandwidth-limited signal contains no fre-
quency components higher than fc, then the original signal

14
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can be recovered without distortion if it is sampled at a rate
of at least 2fc samples per second.

Frequency Folding and Aliasing

The Sampling Theorem can be demonstrated by the
frequency spectra illustrated in Figure 7. Figure 7(a) shows
the frequency spectrum of a continuous bandwidth-limited
analog signal with frequency components out to fc. When
this signal is sampled at a rate fs, the modulation process
shifts the original spectrum out of fs, 2fs, 3fs, etc. in addition
to the one at the origin. A portion of this resultant spectrum
is shown in Figure 7(b).

{a) CONTINUOUS
SIGNAL SPECTRUM

O

fc

-

FREQUENCY FOLDING
(b) SAMPLED
SIGNAL SPECTRUM
o fs-fc \'c fs fatfc
1s/2

$C001201
Figure 7: Frequency Spectra Demonstrating
the Sampling Theorem

If the sampling frequency fs is not high enough, part of
the spectrum centered about fs will fold over into the
original signal spectrum. This undesirable effect is called
frequency folding. In the process of recovering the original
signal, the folded part of the spectrum causes distortion in
the recovered signal which cannot be eliminated by filtering

the recovered signal.

From the figure, if the sampling rate is increased such
that fs - fc > fc, then the two spectra are separated and the
original signal can be recovered without distortion. This
demonstrates the result of the Sampling Theorem that
fs > 2fc. Frequency folding can be eliminated in two ways:
first by using a high enough sampling rate, and second by
filtering the signal before sampling to limit its bandwidth to
fs/2.

One must appreciate the fact that in practice there is
always some frequency folding present due to high frequen-
cy signal components, noise, and non-ideal pre-sample
filtering. The effect must be reduced to negligible amounts
for the particular application by using a sufficiently high
sampling rate. The required rate, in fact, may be much
higher than the minimum indicated by the Sampling Theo-
rem.

The effect of an inadequate sampling rate on a sinusoid
is illustrated in Figure 8; an alias frequency in the recovered
signal results. In this case, sampling at a rate slightly less
than twice per cycle gives the low frequency sinusoid
shown by the dotted line in the recovered signal. This alias
frequency can be significantly different from the original
frequency. From the figure it is easy to see that if the
sinusoid is sampled at least twice per cycle, as required by
the Sampling Theorem, the original frequency is preserved.
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Figure 8: Alias Frequency Caused by
Inadequate Sampling Rate

CODING FOR DATA CONVERTERS

Natural Binary Code

A/D and D/A converters interface with digital systems by
means of an appropriate digital code. While there are many
possible codes to select, a few standard ones are almost
exclusively used with data converters. The most popular
code is natural binary, or straight binary, which is used in its
fractional form to represent a number

N=ai2"1+ap2 2 +ag23+ ... +a,2™"
where each coefficient ''a'’ assumes a value of zero or one.
N has a value between zero and one.

A binary fraction is normally written as 0.110101, but with
data converter codes the decimal point is omitted and the
code word is written 110101. This code word represents a
fraction of the full scale value of the converter and has no
other numerical significance.

The binary code word 110101 therefore represents the
decimal fraction (1x0.5)+ (1x0.25) + (1x0.125)
+(1x0.0625) + (0x0.03125) + (1 x0.015625)
= 0.828125 or 82.8125% of full scale for the converter. If
full scale is +10V, then the code word represents
+8.28125V. The natural binary code belongs to a class of
codes known as positive weighted codes since each
coefficient has a specific weight, none of which is negative.

The leftmost bit has the most weight, 0.5 of full scale, and
is called the most significant bit, or MSB; the rightmost bit
has the least weight, 27" of full scale, and is therefore
called the least significant bit, or LSB. The bits in a code
word are numbered from left to right from 1 to n.

The LSB has the same analog equivalent value as Q
discussed previously, namely

FSR
LSB (Analog Value) = ?‘—

Table 1 is a useful summary of the resolution, number of
states, LSB weights, and dynamic range for data converters
from one to twenty bits resolution.
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Table 1: Resolution Number of States, LSB Weight,
and Dynamic Range for Data Converters

RESOLUTION] NUMBER DYNAMIC
BITS | OF STATES LS8 WEIGHT RANGE
n 2 dB
0 T 1 0
1 2 |os 6
2 4 |o2s 12
3 8 |0.125 18.1
4 16 |0.0625 24.1
5 32 [0.03125 30.1
6 64 [0.015625 36.1
7 128 [0.0078125 2.1
8 256 |0.00390625 482
9 512 [0.001953125 54.2
10 1024 |0.0009765625 60.2
11 2048 [0.00048828125 66.2
12 4096 [0.000244140625 72.2
13 8 192 [0.0001220703125 783
14 16 384 [0.00006103515625 84.3
15 32 768 |0.000030517578125 90.3
16 65 536 |0.0000152587890625 96.3
17 131 072 |0.00000762939453125 102.3
18 262 144 |0.000003814697265625 108.4
19 524 288 |0.0000019073486328125 114.4
20 1 048 576 |0.00000095367431640625 120.4

The dynamic range of a data converter in dB is found as
follows:

DR(dB) = 20log2" = 20nlog2
=20n(0.301) = 6.02n

where DR is dynamic range, n is the number of bits, and 2"
the number of states of the converter. Since 6.02dB
corresponds to a factor of two, it is simply necessary to
multiply the resolution of a converter in bits by 6.02. A 12-bit
converter, for example, has a dynamic range of 72.2dB.

An important point to notice is that the maximum value of
the digital code, namely all 1's, does not correspond with
analog full scale, but rather with one LSB less than full
scale, or FS (1 -2~"). Therefore a 12 bit converter with a 0
to +10V analog range has a maximum code of 1111 1111
1111 and a maximum analog value of +10V (1 —2'12)
= +9.99756V. In other words, the maximum analog value
of the converter, corresponding to all one's in the code,
never quite reaches the point defined as analog full scale.

Other Binary Codes

Several other binary codes are used with A/D and D/A
converters in addition to straight binary. These codes are
offset binary, two's complement, binary coded decimal
(BCD), and their complemented versions. Each code has a
specific advantage in certain applications. BCD coding for
example is used where digital displays must be interfaced
such as in digital panel meters and digital muitimeters.
Two's complement coding is used for computer arithmetic
logic operations, and offset binary coding is used with
bipolar analog measurements.

Not only are the digital codes standardized with data
converters, but so are the analog voltage ranges. Most
converters use unipolar voltage ranges of 0 to +5V and 0
to +10V although some devices use the negative ranges 0
to -5V and 0 to - 10V. The standard bipolar voltage ranges
are +2.5V, *5V and +10V. Many converters today are pin-
programmable between these various ranges.
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Table 2: Binary Coding for 8 Bit Unlpolar

Converters
FRACTION +10v Fg| STRAIGHT | COMPLEMENTARY
OF FS BINARY BINARY

+FS-1LSB |+9.961 111 1111 0000 0000
+3% Fs +7.500 1100 0000 0011 1111
+% Fs +5.000 1000 0000 0111 1111
+% Fs +2.500 0100 0000 1011 1111
+¥8 FS +1.250 0010 0000 1101 1111
+1 LSB +0.039 0000 0001 1111 1110

0 0.000 0000 0000 111 1111

Table 2 shows straight binary and complementary binary
codes for unipolar 8 bit converter with a 0 to +10V analog
FS range. The maximum analog value of the converter is
+9.961V, or one LSB less than +10V. Note that the LSB
size is 0.039V as shown near the bottom of the table. The
complementary binary coding used in some converters is
simply the logic complement of straight binary.

When A/D and D/A converters are used in bipolar
operation, the analog range is offset by half scale, or by the
MSB value. The result is an analog shift of the converter
transfer function as shown in Figure 9. Notice for this 3-bit
A/D converter transfer function that the code 000 corre-
sponds with ~5V, 100 with 0V, and 111 with +3.75V. Since
the ouput coding is the same as before the analog shift, it is
now appropriately called offset binary coding.

OUTPUT CODE
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4 / U N

-5.00 - 375 250-125 (1] +1zs+2so+375+5oo
INPUT VOLTAGE

SC001401
Figure 9: Transfer Function for Bipolar 3-Bit
A/D Converter
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COMP. TWO'S SIGN

Fi ROAI::ESON +5V FS g;f::; OFF | COMPLE- | -MAG
BINARY | MENT | BINARY

+FS-1
lSp | +49976 1111 1111/0000 0000|0111 11111111 1111

+Y% FS | +3.7500 {1110 00000001 1111|0110 0000|1110 0000
+%2 FS | +2.5000 1100 0000{0011 1111]0100 0000 [1100 0000
+3 FS | +1.2500 {1010 0000{0101 1111|0010 0000 1010 0000
0 0.0000 [ 1000 0000{0111 1111}0000 0000|1000 0000
-Ya FS | -1.2500 {0110 0000{1001 1111|1110 0000 0010 0000
-%2 Fs | -2.5000 {0100 0000{1011 1111/ 1100 0000 |0100 0000
-3 FS | -3.7500 (0010 0000[1101 1111|1010 0000 {0110 0000
-’5251 -4.9976 |0000 0001|1111 1110( 1000 0001|0111 1111
-FS -5.0000 {0000 0000{1111 1111|1000 0000 —

Table 3 shows the offset binary code together with
complementary offset binary, two's complement, and sign-
magnitude binary codes. These are the most popular codes
employed in bipolar data converters.

*NOTE: Sign Magnitude Binary has two code words
for zero as shown here.

Table 3: Popular Bipolar Codes Used with Data

Converters
SIGN—MAG BINARY
0+ 1000 0000 0000
0 0000 0000 0000

The two's complement code has the characteristic that
the sum of the positive and negative codes for the same
analog magnitude always produces all zero's and a carry.
This characteristic makes the two's complement code
useful in arithmetic computations. Notice that the only
difference between two's complement and offset binary is
the complementing of the MSB. In bipolar coding, the MSB
becomes the sign bit.

The sign-magnitude binary code, infrequently used, has
identical code words for equal magnitude analog values
except that the sign bit is different. As shown in Table 3 this
code has two possible code words for zero: 1000 0000 or
0000 0000. The two are usually distinguished as 0+ and
0-, respectively. Because of this characteristic, the code
has maximum analog values of + (FS - 1 LSB) and reaches
neither analog +FS or -FS.

BCD Codes

Table 4 shows BCD and complementary BCD coding for
a 3 decimal digit data converter. These are the codes used
with integrating type A/D converters employed in digital
panel meters, digital multimeters, and other decimal display
applications. Here four bits are used to represent each
decimal digit. BCD is a positive weighted code but is
relatively inefficient since in each group of four bits, only 10
out of a possible 16 states are utilized.

Table 4: BCD and Complementary BCD Coding

FRACTION +10V| BINARY CODED |[COMPLEMENTARY
OF FS FS DECIMAL BCD

+FS-1 LSB +9.99 | 1001 1001 1001 | 0110 0110 0110
+% Fs +7.50 | 0111 0101 0000 | 1000 1010 1111
+%R2 FS. +5,00 | 0101 0000 0000 | 1010 1111 1111
+% Fs +250 | 0010 0101 0000 | 1101 1010 1111
+% Fs +1.25 | 0001 0010 0101 | 1110 1101 1010
+1LSB +0.01 | 0000 0000 0001 | 1111 1111 1110

0 0.00 | 0000 0000 0000 | 1111 1111 1111
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The LSB analog value (or quantum, Q) for BCD is

LSB (Analog Value) =Q FSR
nalog Value) =Q=——=

9 10d
where FSR is the full scale range and d is the number of
decimal digits. For example if there are 3 digits and the full
scale range is 10V, the LSB value is

10V
LSB (Analog Value) = ;@ =.01V =10mV

BCD coding is frequently used with an additional over-
range bit which has a weight equal to full scale and
produces a 100% increase in range for the A/D converter.
Thus for a converter with a decimal full scale of 999, an
overrange bit provides a new full scale of 1999, twice that of
the previous one. In this case, the maximum output code is
1 1001 1001 1001. The additional range is commonly
referred to as V2 digit, and the resolution of the A/D
converter in this case is 3%2 digits.

Likewise, if this range is again expanded by 100%, a new
full scale of 3999 results and is called 3% digits resolution.
Here two overrange bits have been added and the full scale
output code is 11 1001 1001 1001. When BCD coding is
used for bipolar measurements another bit, a sign bit, is
added to the code and result is sign-magnitude BCD coding.

AMPLIFIERS AND FILTERS

Operational and Instrumentation Amplifiers

The front end of a data acquisition system extracts the
desired analog signal from a physical parameter by means
of a transducer and then amplifies and filters it. An amplifier
and filter are critical components in this initial signal
processing.

The amplifier must perform one or more of the following
functions: boost the signal amplitude, buffer the signal,
convert a signal current into a voltage, or extract a
differential signal from common mode noise.

To accomplish these functions requires a variety of
different amplifier types. The most popular type of amplifier
is an operational amplifier which is a general purpose gain
block with differential inputs. The op amp may be connect-
ed in many different closed loop configurations, of which a
few are shown in Figure 10. The gain and bandwidth of the
circuits shown depend on the external resistors connected
around the amplifier. An operational amplifier is a good
choice in general where a single-ended signal is to be
amplified, buffered, or converted from current to voltage.
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Figure 10: Operational Amplifier
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Figure 11: Simplified Instrumentation
Amplifier Circuit

In the case of differential signal processing, the instru-
mentation amplifier is a better choice since it maintains high
impedance at both of its differential inputs and the gain is
set by a resistor located elsewhere in the amplifier circuit.
One type of instrumentation amplifier circuit is shown in
Figure 11. Notice that no gain-setting resistors are connect-
ed to either of the input terminals. Instrumentation amplifi-
ers have the following important characteristics.

1. High impedance differential inputs.

Low input offset voltage drift.

Low input bias currents.

Gain easily set by means of one or two external
resistors.

5. High common-mode rejection ratio.

Common Mode Rejection
Common-mode rejection ratio is an important parameter

of differential amplifiers. An ideal differential input amplifier
responds only to the voltage difference between its input

>
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terminals and does not respond at all to any voltage that is
common to both input terminals (common-mode voltage). in
nonideal amplifiers, however; the common-mode input
signal causes some output response even though small
compared to the response to a differential input signal.

The ratio of differential and common-mode responses is
defined as the common-mode rejection ratio. Common-
mode rejection ratio of an amplifier is the ratio of differential
voltage gain to common-mode voltage gain and is generally
expressed in dB.

Ap
CMRR = 20log1g ——
Acm

where AD is differential voltage gain and Acm is common-
mode voltage gain. CMRR is a function of frequency ang
therefore also a function of the impedance balance be-
tween the two amplifier input terminals. At even moderate
frequencies CMRR can be significantly degraded by small
unbalances in the source series resistance and shunt
capacitance.

Other Amplifier Types

There are several other special amplifiers which are
useful in conditioning the input signal in a data acquisition
system. An isolation amplifier is used to amplify a differen-
tial signal which is superimposed on a very high common-
mode voltage, perhaps several hundred or even several
thousand volts. The isolation amplifier has the characteris-
tics of an instrumentation amplifier with a very high com-
mon-mode input voltage capability.

Another special amplifier, the chopper stabilized amplifi-
or, is used to accurately amplify microvolt level signals to
the required amplitude. This amplifier employs a special
switching stabilizer which gives extremely low input offset
voltage drift. Another useful device, the electrometer ampli-
fier, has ultra-low input bias currents, generally less than
one picoampere and is used to convert extremely small
signal currents into a high level voltage.

Filters

A low pass filter frequently follows the signal processing
amplifier to reduce signal noise. Low pass filters are used
for the following reasons: to reduce man-made electrical
interference noise, to reduce electronic noise, and to limit
the bandwidth of the analog signal to less than half the
sampling frequency in order to eliminate frequency folding.
When used for the last reason, the filter is called a pre-
sampling filter or anti-aliasing filter.

Man-made electrical noise is generally periodic, as for
example in power line interference, and is sometimes
reduced by means of a special filter such as a notch filter.
Electronic noise, on the other hand, is random noise with
noise power proportional to bandwidth and is present in
transducer resistances, circuit resistances, and in amplifiers
themselves. It is reduced by limiting the bandwidth of the
system to the minimum required to pass desired signal
components.
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Figure 12: Some Practical Low Pass Filter
Characteristics

No filter does a perfect job of eliminating noise or other
undesirable frequency components, and therefore the
choice of a filter is always a compromise. |deal filters,
frequently used as analysis examples, have flat passband
response with infinite attenuation at the cutoff frequency,
but are mathematical filters only and not physically realiz-
able.

In practice, the systems engineer has a choice of cutoff
frequency and attenuation rate. The attenuation rate and
resultant phase response depend on the particular filter
characteristic and the number of poles in the filter function.
Some of the more popular filter characteristics include
Butterworth, Chebychev, Bessel, and elliptic. In making this
choice, the effect of overshoot and nonuniform phase delay
must be carefully considered. Figure 12 illustrates some
practical low pass filter response characteristics.

Passive RLC filters are seldom used in signal processing
applications today due chiefly to the undesirable character-
istics of inductors. Active filters are generally used now
since they permit the filter characteristics to be accurately
set by precision, stable resistors and capacitors. Inductors,
with their undesirable saturation and temperature drift
characteristics, are thereby eliminated. Also, because ac-
tive filters use operational amplifiers, the problems of
insertion loss and output loading are also eliminated.

SETTLING TIME
Definition

A parameter that is specified frequently in data acquisi-
tion and distribution systems is settling time. The term
settling time originates in control theory but is now com-

monly applied to amplifiers, multiplexers, and D/A convert-
ers.
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Figure 13: Amplifier Settling Time

Settling time is defined as the time elapsed from the
application of a full scale step input to a circuit to the time
when the output has entered and remained within a
specified error band around its final value. The method of
application of the input step may vary depending on the
type of circuit, but the definition still holds. In the case of a
D/A converter, for example, the step is applied by changing
the digital input code whereas in the case of an amplifier the
input signal itself is a step change.

The importance of settling time in a data acquisition
system is that certain analog operations must be performed
in sequence, and one operation may have to be accurately
settled before the next operation can be initiated. Thus a
buffer amplifier preceding an A/D converter must have
accurately settled before the conversion can be initiated.

Settling time for an amplifier is illustrated in Figure 13.
After application of a full scale step input there is a small
delay time following which the amplifier output slews, or
changes at its maximum rate. Slew rate is determined by
internal amplifier currents which must charge internal cap-
acitances.

As the amplifier output approaches final value, it may first
overshoot and then reverse and undershoot this value
before finally entering and remaining within the specified
error band. Note that settling time is measured to the point
at which the amplifier output enters and remains within the
error band. This error band in most devices is specified to
either £0.1% or +0.01% of the full scale transition.

Amplifier Characteristics

Settling time, unfortunately, is not readily predictable from
other amplifier parameters such as bandwidth, slew rate, or
overload recovery time, although it depends on all of these.
Itis also dependent on the shape of the amplifier open loop
gain characteristic, its input and output capacitance, and
the dielectric absorption of any internal capacitances. An
amplifier must be specifically designed for optimized settling
time, and settling time is a parameter that must be
determined by testing.
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Figure 14: Amplifier Single-Pole Open Loop
Gain Characteristic

One of the important requirements of a fast settling
amplifier is that it have a single-pole open loop gain
characteristic, i.e., one that has a smooth 6dB per octave
gain roll-off characteristic to beyond the unity gain cross-
over frequency. Such a desirable characteristic is shown in
Figure 14.

It is important to note that an amplifier with a single-pole
response can never settle faster than the time indicated by
the number of closed loop time constants to the given
accuracy. Figure 15 shows output error as a function of the
number of time constants 7 where

1 1
T=—=—

w 2nf
and f is the closed loop 3dB bandwidth of the amplifier.

8
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Figure 15: Output Settling Error as a
Function of Number of Time
Constants

Actual settling time for a good quality amplifier may be
significantly longer than that indicated by the number of
closed loop time constants due to slew rate limitation and
overload recovery time. For example, an amplifier with a
closed loop bandwidth of 1MHz has a time constant of
160nsec. which indicates a settling time of 1.44usec. (9
time constants) to 0.01% of final value. If the slew rate of
this amplifier is 1V/usec., it will take more than 10usec. to
settle to 0.01% for a 10V change.
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Figure 16: Ultra-Fast Settling Hybrid
Operational Amplifier

If the amplifier has a nonuniform gain roll-off characteris-
tic, then its settling time may have one of two undesirable
qualities. First, the output may reach the vicinity of the error
band quickly but then take a long time to actually enter it;
second, it may overshoot the error band and then oscillate
back and forth through it before finally entering and
remaining inside it.

Modern fast settling operational amplifiers come in many
different types including modular, hybrid, and monolithic
amplifiers. Such amplifiers have settling times to 0.1% or
0.01% of 2usec. down to 100nsec. and are useful in many
data acquisition and conversion applications. An example of
an ultra-fast settling operational amplifier of the hybrid type
is shown in Figure 16.

DIGITAL-TO-ANALOG CONVERTERS
Introduction '

Digital-to-analog converters are the devices by which
computers communicate with the outside world. They are
employed in a variety of applications from CRT display
systems and voice synthesizers to automatic test systems,
digitally controlled attenuators, and process control actua-
tors. In addition, they are key components inside most A/D
converters. D/A converters are also referred to as DAC's
and are termed decoders by communications engineers.

The transfer function of an ideal 3-bit D/A converter is
shown in Figure 17. Each input code word produces a
single, discrete analog output value, generally a voltage.
Over the output range of the converter 2" different values
are produced including zero; and the output has a one-to-
one correspondence with input, which is not true for A/D
converters.

There are many different circuit techniques used to
implement D/A converters, but a few popular ones are
widely used today. Virtually all D/A converters in use are of
the parallel type where all bits change simultaneously upon
application of an input code word; serial type D/A convert-
ers, on the other hand, produce an analog output only after
receiving all digital input data in sequential form.
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Figure 17: Transfer Function of Ideal 3-bit
D/A Converter

Weighted Current Source D/A Converter

The most popular D/A converter design in use today is
the weighted current source circuit illustrated in Figure 18.
An array of switched transistor current sources is used with
binary weighted currents. The binary weighting is achieved
by using emitter resistors with binary related values of R,
2R, 4R, 8R, 2"R. The resulting collector currents
are then added together at the current summing line.

TTLINPUT DATA

+1.2v

AR

I = Veer '
AF00B401

Figure 18: Weighted Current Source D/A
Converter

X

The current sources are switched on or off from standard
TTL inputs by means of the control diodes connected to
each emitter. When the TTL input is high the current source
is on; when the input is low it is off, with the current flowing
through the control diode. Fast switching speed is achieved
because there is direct control of the transistor current, and
the current sources never go into saturation.
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To interface with standard TTL levels, the current
sources are biased to a base voltage of +1.2V. The emitter
currents are regulated to constant values by means of the
control amplifier and a precision voitage reference circuit
together with a bipolar transistor.

The summed output currents from all current sources that
are on go to an operational amplifier summing junction; the
amplifier converts this output current into an output voltage.
In some D/A converters the output current is used to
directly drive a resistor load for maximum speed, but the
positive output voltage in this case is limited to about +1
volt.

The weighted current source design has the advantages
of simplicity and high speed. Both PNP and NPN transistor
current sources can be used with this technique although
the TTL interfacing is more difficult with NPN sources. This
technique is used in most monolithic, hybrid, and modular
D/A converters in use today.

A difficulty in implementing higher resolution D/A con-
verter designs is that a wide range of emitter resistors is
required, and very high value resistors cause problems with
both temperature stability and switching speed. To over-
come these problems, weighted current sources are used in
identical groups, with the output of each group divided down
by a resistor divider as shown in Figure 19.

CURRENT CURRENT CURRENT

SQURCE SOURCE SOURCE
GROUP 3 GROUP 2 GROUP 1
R, R
r-—'\/\;v_‘ Re
Ry Ry
Vour
= = Ro
’
AF008501

Figure 19: Current Dividing the Outputs of
Weighted Current Source Groups

The resistor network, R1 through Ry, divides the output of
Group 3 down by a factor of 256 and the output of Group 2
down by a factor of 16 with respect to the output of Group 1.
Each group is identical, with four current sources of the type
shown in Figure 18, having binary current weights of 1, 2, 4,
8. Figure 19 also illustrates the method of achieving a
bipolar output by deriving an offset current from the
reference circuit which is then subtracted from the output
current line through resistor Ro. This current is set to exactly
one half the full scale output current.

R-2R D/A Converter

A second popular technique for D/A conversion is the R-
2R ladder method. As shown in Figure 20, the network
consists of series resistors of value R and shunt resistors of
value 2R. The bottom of each shunt resistor has a single-
pole double-throw electronic switch which connects the
resistor to either ground or the output current summing line.

The operation of the R-2R ladder network is based on the
binary division of current as it flows down the ladder.
Examination of the ladder configuration reveals that at point
A looking to the right, one measures a resistance of 2R;
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therefore the reference input to the ladder has a resistance
of R. At the reference input the current splits into two equal
parts since it sees equal resistances in either direction.
Likewise, the current flowing down the ladder to the right
continues to divide into two equal parts at each resistor
junction.

l!

Vier 2R ] R R SR

Vour

T
Tco10501

Figure 20: R-2R Ladder D/A Converter

The result is binary weighted currents flowing down each
shunt resistor in the ladder. The digitally controlled switches
direct the currents to either the summing line or ground.
Assuming all bits are on as shown in the diagram, the output
current is

VREF 1
lour = — |2+ a+ %8 ... —
ouT R on
which is a binary series. The sum of all currents is then
VREF -
lour=—— (1 - 2 ")

where the 2" term physically represents the portion of the
input current flowing through the 2R terminating resistor to
ground at the far right.

As in the previous circuit, the output current summing line
goes to an operational amplifier which converts current to
voltage.

The advantage of the R-2R ladder technique is that only
two values of resistors are required, with the resultant ease
of matching or trimming and excelient temperature tracking.
In addition, for high speed applications relatively low
resistor values can be used. Excellent results can be
obtained for high resolution D/A converters by using laser-
trimmed thin film resistor networks.

Multiplying and Deglitched D/A Converters

The R-2R ladder method is specifically used for multiply-
ing type D/A converters. With these converters, the refer-
ence voltage can be varied over the full range of +Vpax
with the output the product of the reference voltage and the
digital input word. Multiplication can be performed in 1, 2, or
4 algebraic quadrants.

If the reference voltage is unipolar, the circuit is a one-
quadrant multiplying DAG; if it is biplolar, the circuit is a two-
quadrant multiplying DAC. For four-quadrant operation the
two current summing lines shown in Figure 20 must be
subtracted from each other by operational amplifiers.
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In multiplying D/A converters, the electronic switches are
usually implemented with CMOS devices. Multiplying DAC's
are commonly used in automatic gain controls, CRT charac-
ter generation, complex function generators, digital attenua-
tors, and divider circuits.
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Figure 21: D/A Converter Employing R-2R
Ladder with Equal Value Switched
Current Sources

Another important D/A converter design takes advan-
tage of the best features of both the weighted current
source technique and the R-2R ladder technique. This
circuit, shown in Figure 21, uses equal value switched
current sources to drive the junctions of the R-2R ladder
network. The advantage of the equal value current sources
is obvious since all emitter resistors are identical and
switching speeds are also identical. This technique is used
in many ultra-high speed D/A converters.

One other specialized type D/A converter used primarily
in CRT display systems is the deglitched D/A converter. All
D/A converters produce output spikes, or glitches, which
are most serious at the major output transitions of YaFs, Yo
FS, and Y4 FS as illustrated in Figure 23(a).

Glitches are caused by small time differences between
some current sources turning off and others turning on.
Take, for example, the major code transition at half scale
from0111. . . .1111t0 1000. . . . 0000. Here the MSB
current source turns on while all other current sources turn
off. The small difference in switching times resuits in a
narrow half scale glitch. Such a glitch produces distorted
characters on CRT displays.
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Figure 22: Output Glitches (a) and Deglitched
D/A Converter (b)

Glitches can be virtually eliminated by the circuit shown in
Figure 23(b). The digital input to a D/A converter is
controlled by an input register while the converter output
goes to a specially designed sample-hold circuit. When the
digital input is updated by the register, the sample-hold is
switched into the hold mode. After the D/A has changed to
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its new output value and all glitches have settled out, the”
sample-hold is then switched back into the tracking mode.
When this happens, the output changes smoothly from its
previous value to the new value with no glitches present.

VOLTAGE REFERENCE CIRCUITS

An important circuit required in both A/D and D/A
converters is the voltage reference. The accuracy and
stability of a data converter ultimately depends upon the
reference; it must therefore produce a constant output
voltage over both time and temperature.

The compensated zener reference diode with a buffer-
stabilizer circuit is commonly used in most data converters
today. Although the compensated zener may be one of
several types, the compensated subsurface, or buried,
zener is probably the best choice. These new devices
produce an avalanche breakdown which occurs beneath
the surface of the silicon, resulting in better long-term
stability and noise characteristics than with earlier surface
breakdown zeners.

These reference devices have reverse breakdown volt-
ages of about 6.4 volts and- consist of a forward biased
diode in series with the reversed biased zener. Because the
diodes have approximately equal and opposite voltage
changes with temperature, the result is a temperature
stable voltage. Available devices have temperature coeffi-
cients from 100ppm/°C to less than 1ppm/°C.

Some of the new IC voltage references incorporate
active circuitry to buffer the device and reduce its dynamic
impedance; in addition, some contain temperature regula-
tion circuitry on the chip to achieve ultra-low tempcos.
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Figure 23: A Precision, Buffered Voltage
Reference Circuit

A popular buffered reference circuit is shown in Figure
23; this circuit produces an output voltage higher than the
reference voltage. It also generates a constant, regulated
current through the reference which is determined by the
three resistors.

Some monolithic A/D and D/A converters use another
type of reference device known as the bandgap reference.
This circuit is based on the principle of using the known,
predictable base-to-emitter voltage of a transistor to gener-
ate a constant voltage equal to the extrapolated bandgap
voltage of silicon. This reference gives excellent results for
the lower reference voltages of 1.2 or 2.5 volts.
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ANALOG-TO-DIGITAL CONVERTERS
Counter Type A/D Converter

Analog-to-digital converters, also called ADC's or encod-
ers, employ a variety of different circuit techniques to
implement the conversion function. As with D/A converters,
however, relatively few of these circuits are widely used
today. Of the various techniques available, the choice
depends on the resolution and speed required.

One of the simplest A/D converters is the counter, or
servo, type. This circuit employs a digital counter to control
the input of a D/ A converter. Clock pulses are applied to the
counter and the output of the D/A is stepped up one LSB at
a time. A comparator compares the D/A output with the
analog input and stops the clock pulses when they are
equal. The counter output is then the converted digital word.
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COUNTER
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Figure 24: Tracking Type A/D Converter

While this converter is simple, it is also relatively slow. An
improvement on this technique is shown in Figure 24 and is
known as a tracking A/D converter, a device commonly
used.in control systems. Here an up-down counter controls
the DAC, and the clock pulses are directed to the pertinent
counter input depending on whether the D/A output must
increase or decrease to reach the analog input voltage.

- The obvious advantage of the tracking A/D converter is
that it can continuously follow the input signal and give
updated digital output data if the signal does not change too
rapidly. Also, for small input changes, the conversion can be
quite fast. The converter can be operated in either the track
or hold modes by a digital input control.

Successive-Approximation A/D Converters

By far, the most popular A/D conversion technique in
general use for moderate to high speed applications is the
successive-approximation type A/D. This method falls into
a class of techniques known as feedback type A/D
converters, to which the counter type also belongs. In both
cases a D/A converter is in the feedback loop of a digital
control circuit which changes its output until it equals the
analog input. In the case of the successive-approximation
converter, the DAC is controlled in an optimum manner to
complete a conversion in just n-steps, where n is the
resolution of the converter in bits.

The operation of this converter is analogous to weighing
an unknown on a laboratory balance scale usun,c‘; standard
weights in a binary sequence such as 1, Yo, Va,
Yn kilograms. The correct procedure is to begin with the
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largest standard weight and proceed in order down to the
smallest one.

The largest weight is placed on the balance pan first; if it
does not tip, the weight is left on and the next largest weight
is added. If the balance does tip, the weight is removed and
the next one added. The same procedure is used for the
next largest weight and so on down to the smallest. After
the nth standard weight has been tried and a decision
made, the weighing is finished. The total of the standard
weights remaining on the balance is the closest possible
approximation to the unknown.

R .
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Figure 25: Successive Approximation A/D
Converter

In the successive-approximation A/D converter illustrat-
ed in Figure 25, a successive-approximation register (SAR)
controls the D/A converter by implementing the weighing
logic just described. The SAR first turns on the MSB of the
DAC and the comparator tests this output against the
analog input. A decision is made by the comparator to leave
the bit on or turn it off after which bit 2 is turned on and a
second comparison made. After n-comparisons the digital
output of the SAR indicates all those bits which remain on
and produces the desired digital code. The clock circuit
controls the timing of the SAR. Figure 26 shows the D/A
converter output during a typical conversion.

The conversion efficiency of this technique means that
high resolution conversions can be made in very short
times. For example, it is possible to perform a 10 bit
conversion in 1usec. or less and a 12 bit conversion in
2usec. or less. Of course the speed of the internal circuitry,
in particular the D/A and comparator, are critical for high
speed performance.
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Figure 26: D/A Output for 8-Bit Successive
Approximation Conversion
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The Parallel (Flash) A/D Converter

For ultra-fast conversions required in video signal pro-
cessing and radar applications where up to 8 bits resolution
is required, a different technique is employed; it is known as
the parallel (also flash, or simultaneous) method and is
illustrated in Figure 27.
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Figure 27: 4-Bit Parallel A/D Converter

This circuit employs 2"-1 analog comparators to directly
implement the quantizer transfer function of an A/D con-
verter.

The comparator trip-points are spaced 1 LSB apart by the
series resistor chain and voltage reference. For a given
analog input voltage all comparators biased below the
voltage turn on and all those biased above it remain off.
Since all comparators change state simultaneously, the
quantization process is a one-step operation.

A second step is required, however, since the logic
output of the comparators is not in binary form.

Therefore an ultra-fast decoder circuit is employed to
make the logic conversion to binary. The parallel technique
reaches the ultimate in high speed because only two
sequential operations are required to make the conversion.

The limitation of the method, however, is in the large
number of comparators required for even moderate resolu-
tions. A 4-bit converter, for example, requires only 15
comparators, but an 8-bit converter needs 255. For this
reason it is common practice to implement an 8-bit A/D with
two 4-bit stages as shown in Figure 28.
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Figure 28: Two-Stage Parallel 8-Bit A/D
Converter

The result of the first 4-bit conversion is converted back
to analog by means of -an ultra-fast 4-bit D/A and then
subtracted from the analog input. The resulting residue is
then converted by the second 4-bit A/D, and the two sets of
data are accumulated in the 8-bit output register.

Converters of this type achieve 8-bit conversions at rates
of 20 MHz and higher, while single stage 4-bit conversions
can reach 50 to 100MHz rates.

INTEGRATING TYPE A/D CONVERTERS
Indirect A/D Conversion

Another class of A/D converters known as integrating
type operates by an indirect conversion method. The
unknown input voltage is converted into a time period which
is then measured by a clock and counter. A number of
variations exist on the basic principle such as single-slope,
dual-slope,and triple-slope methods. In addition there is
another technique — completely different — which is
known as the charge-balancing or quantized feedback
method.

The most popular of these methods are dual-slope and
charge-balancing; although both are slow, they have excel-
lent linearity characteristics with the capability of rejecting
input noise. Because of these characteristics, integrating
type A/D converters are almost exclusively used in digital
panel meters, digital multimeters, and other slow measure-
ment applications. '

INPUT SWITCH

L. COMPARATOR

DIGITAL OUTPUT

AF00710!

Figure 29: Dual Slope A/D Converter
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Dual-Slope A/D Conversion

The dual-slope technique, shown in Figure 29, is perhaps
best known. Conversion begins when the unknown input
voltage is switched to the integrator input; at the same time
the counter begins to count clock pulses and counts up to
overflow. At this point the control circuit switches the
integrator to the negative reference voltage which is inte-
grated until the output is back to zero. Clock pulses are
counted during this time until the comparator detects the
zero crossing and turns them off.

FULL-SCALE
CONVERSION

HALF-SCALE
CONVERSION

LS8

(FIXED TIME)

(MEASURED TIME)

QUARTER-SCALE
CONVERSION

INTEGRATOR OUTPUT VOLTAGE

WF00480!
Figure 30: Integrator Output Waveform for
Dual Slope A/D Converter

The counter output is then the converted digital word.
Figure 30 shows the integrator output waveform where T1 is
a fixed time and T2 is a time proportional to the input
voltage. The times are related as follows:

The digital output word therefore represents the ratio of
the input voltage to the reference.

Dual-slope conversion has several important features.
First, conversion accuracy is independent of the stability of
the clock and integrating capacitor so long as they are
constant during the conversion period. Accuracy depends
only on the reference accuracy and the integrator circuit
linearity. Second, the noise rejection of the converter can
be infinite if T4 is set to equal the period of the noise. To
reject 60Hz power noise therefore requires that Ty be
16.667msec.

Charge-Balancing A/D Conversion

The charge-balancing, or quantized feedback, method of
conversion is based on the principle of generating a pulse
train with frequency proportional to the input voitage and
then counting the pulses for a fixed period of time. This
circuit is shown in Figure 31. Except for the counter and
timer, the circuit is a voltage-to-frequency (V/F) converter
which generates an output pulse rate proportional to input
voltage.

The circuit operates as follows. A positive input voltage
causes a current to flow into the operational integrator
through R4. This current is integrated, producing a negative
going ramp at the output. Each time the ramp crosses zero
the comparator output triggers a precision pulse generator
which puts out a constant width pulse.
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Figure 31: Charge-Balancing A/D Converter

The pulse output controls switch Sy which connects Rp
to the negative reference for the duration of the pulse.
During this time a pulse of current flows out of the integrator
summing junction, producing a fast, positive ramp at the
integrator output. This process is repeated, generating a
train of current pulses which exactly balances the input
current — hence the name charge balancing. This balance
has the following relationship:

where 7 is the pulse width and f the frequency.

A higher input voltage therefore causes the integrator to
ramp up and down faster, producing higher frequency
output pulses. The timer circuit sets a fixed time period for
counting. Like the dual-slope converter, the circuit also
integrates input noise, and if the timer is synchronized with
the noise frequency, infinite rejection results. Figure 32
shows the noise rejection characteristic of all integrating
type A/D converters with rejection plotted against the ratio
of integration period to noise period.
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Figure 32: Noise Rejection for Integrating
Type A/D Converters
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ANALOG MULTIPLEXERS

Analog Multiplexer Operation

" Analog multiplexers are the circuits that time-share an
A/D converter among a number of different analog chan-
nels. Since the A/D converter in many cases is the most
expensive component in a data acquisition system, multi-
plexing analog inputs to the A/D is an economical ap-
proach. Usually the analog multiplexer operates into a
sample-hold circuit which holds the required analog voltage
long enough for A/D conversion.
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Figure 33: Analog Multiplexer Circuit

As shown in Figure 33, an analog multiplexer consists of
an array of parallel electronic switches connected to a
common output line. Only one switch is turned on at a time.
Popular switch configurations include 4, 8, and 16 channels
which are connected in single (single-ended) or dual
(differential) configurations. ’
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Figure 34: CMOS Analog Switch Circuit

The multiplexer also contains a decoder-driver circuit
which decodes a binary input word and turns on the
appropriate switch. This circuit interfaces with standard TTL
inputs and drives the multiplexer switches with the proper
control voltages. For the 8-channel analog multiplexer
shown, a one-of-eight decoder circuit is used.

Most analog multiplexers today employ the CMOS switch

circuit shown in Figure 34. A CMOS driver controls the
gates of parallel-connected P-channel and N-channel MOS-
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FET's. Both switches turn on together with the paralle!
connection giving relatively uniform on-resistance over the
required analog input voltage range. The resulting on-
resistance may vary from about 50 ohms to 2K ohms
depending on the multiplexer; this resistance increases with
temperature. )

Analog Multiplexer Characteristics

Because of the series resistance, it is common practice
to operate an analog multiplexer into a very high load
resistance such as the input of a unity gain buffer amplifier
shown in the diagram. The load impedance must be large
compared with the switch on-resistance and any series
source resistance in order to maintain high transfer accura-
cy. Transfer error is the input to output error of the
multiplexer with the source and load connected; error is
expressed as a percent of input voltage.

Transfer errors of 0.1% to 0.01% or less are required in
most data acquisition systems. This is readily achieved by
using operational amplifier buffers with typical input imped-
ances from 108 to 102 ohms. Many sample-hold circuits
also have very high input impedances.

Another important characteristic of analog multiplexers is
break-before-make switching. There is a small time delay
between disconnection from the previous channel and
connection to the next channel which assures that two
adjacent input channels are never instantaneously connect-
ed together.

Settling time is another important specification for analog
multiplexers; it is the same definition previously given for
amplifiers except that it is measured from the time the
channel is switched on. Throughput rate is the highest rate
at which a multiplexer can switch from channel to channel
with the output settling to its specified accuracy. Crosstalk
is the ratio of output voltage to input voltage with all
channels connected in parallel and off; it is generally
expressed as an input to output attenuation ratio in dB.

As shown .in the representative equivalent circuit of
Figure 35, analog multiplexer switches have a number of
leakage currents and capacitances associated with their
operation. These parameters are specified on data sheets
and must be considered in the operation of the devices.
Leakage currents, generally in picoamperes at room tem-

" perature, become troublesome only at high temperatures.
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Capacitances affect crosstalk and settling time of the
multiplexer. )
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Figure 35: Equivalent Circuit of Analog
Multiplexer Switch
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Analog Multiplexer Applications

Analog multiplexers are employed in two basic types of
operation: high-level and low-level. In high-level multiplex-
ing, the most popular type, the analog signal is amplified to
the 1 to 10V range ahead of the multiplexer. This has the
advantage of reducing the effects of noise on the signal
during the remaining analog processing. In low-level multi-
plexing the signal is amplified after multiplexing; therefore
great care must be exercised in handling the low-level
signal up to the multiplexer. Low-level multiplexers general-
ly use two-wire differential switches in order to minimize
noise pick-up. Reed relays, because of essentially zero
series resistance and absence of switching spikes, are
frequently employed in low-level multiplexing systems. They
are also useful for high common-mode voltages.

A useful specialized analog multiplexer is the flying-
capacitor type. This circuit, shown as a single channel in
Figure 36 has differential inputs and is particularly useful
with high common-mode voltages. The capacitor connects
first to the differential analog input, charging up to the input
voltage, and is then switched to the differential output which
goes to a high input impedance instrumentation amplifier.
The differential signal is therefore transferred to the amplifi-
er input without the common mode voltage and is then
further processed up to A/D conversion.
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Figure 36: Flying Capacitor Multiplexer
Switch

In order to realize large numbers of muitiplexed channels,
you can connect analog multipiexers in parallel using the
enable input to control each device. This is called single-
level multiplexing. You can also connect the output of
several multiplexers to the inputs of another to expand the
number of channels; this method is double-level multiplex-

ing.
SAMPLE-HOLD CIRCUITS

Operation of Sample-Holds

Sample-hold circuits, discussed earlier, are the devices
which store analog information and reduce the aperture
time of an A/D converter. A sample-hold is simply a
voltage-memory device in which an input voltage is ac-
quired and then stored on a high quality capacitor. A
popular circuit is shown in Figure 37.
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Figure 37: Popular Sample-Hold Circuit

A1 is an input buffer amplifier with a high input impedance
so that the source, which may be an analog multiplexer, is
not loaded. The output of Ay must be capable of driving the
hold capacitor with stability and enough drive current to
charge it rapidly. S is an electronic switch, generally an
FET, which is rapidly switched on or off by a driver circuit
which interfaces with TTL inputs.

C is a capacitor with low leakage and low dielectric
absorption characteristics; it is a polystyrene, polycarbon-
ate, polypropylene, or teflon type. In the case of hybrid
sample-holds, the MOS type capacitor is frequently used.

Az is the output amplifier which buffers the voltage on the
hold capacitor. It must therefore have extremely low input
bias current, and for this reason an FET input amplifier is
required.

There are two modes of operation for a sample-hold:
sample (or tracking) mode, when the switch is closed; and
hold mode, when the switch is open. Sample-holds are
usually operated in one of two basic ways. The device can
continuously track the input signal and be switched into the
hold mode only at certain specified times, spending most of
the time in tracking mode. This is the case for a sample-hold
employed as a deglitcher at the output of a D/A converter,
for example.

Alternatively, the device can stay in the hold mode most
of the time and go to the sample mode just to acquire a new
input signal level. This is the case for a sample-hold used in
a data acquisition system following the muiltiplexer.

The Sample-Hold as a Data Recovery Filter

A common application for sample-hold circuits is data
recovery, or signal reconstruction, filters. The problem is to
reconstruct a train of analog samples into the original
signal; when used as a recovery filter, the sample-hold is
known as a zero-order hold. It is a useful filter because it fills
in the space between samples, providing data smoothing.
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Figure 38: Gain and Phase Components of
Zero-Order Hold Transfer
Function

As with other filter circuits, the gain and phase compo-
nents of the transfer function are of interest. By an analysis
based on the impulse response of a sample-hold and use of
the Laplace transform, the transfer function is found to be

sinm _f_
1 ‘fs!

Gol(f) =E ( P
g

where fg is the sampling frequency. This function contains
the familiar (sin x)/x term plus a phase term, both of which
are plotted in Figure 38.

e-imtits

The sample-hold is therefore a low pass filter with a cut-
oft frequency slightly less than fs/2 and a linear phase
response which results in a constant delay time of T/2,
where T is the time between samples. Notice that the gain
function also has significant response lobes beyond fs. For
this reason a sample-hold reconstruction filter is frequently
followed by another conventional low pass filter.

Other Sample-Hold Circuits

In addition to the basic circuit of Figure 37, there are
several other sample-hold circuit configurations which are
frequently used. Figure 39 shows two such circuits which
are closed loop circuits as contrasted with the open loop
circuit of Figure 37. Figure 39(a) uses an operational
integrator and another amplifier to make a fast, accurate
inverting sample-hold. A buffer amplifier is sometimes
added in front of this circuit to give high input impedance.
Figure 39(b) shows a high input impedance non-inverting
sample-hold circuit.
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Figure 39: Two Closed Loop Sample-Hold
Circuits
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The circuit in Figure 37, although generally not as
accurate as those in Figure 39, can be used with a diode-
bridge switch to realize ultra-fast acquisition sample-holds.

Sample-Hold Characteristics

A number of parameters are important in characterizing
sample-hold performance. Probably most important of
these is acquisition time. The definition is similar to that of
settling time for an ampilifier. It is the time required, after the
sample-command is given, for the hold capacitor to charge
to a full-scale voltage change and remain within a specified
error band around final value.

Several hold-mode specifications are also important.
Hold-mode droop is the output voltage change per unit time
when the sample switch is open. This droop is caused by
the leakage currents of the capacitor and switch, and the
output amplifier bias current. Hold-mode feedthrough is the
percentage of input signal transferred to the output when
the sample switch is open. It is measured with a sinusoidal
input signal and caused by capacitive coupling.

4 HOLD-MODE

ROOP

7 SAMPLETOHOLD B
7 |OFFSET
INPUT — ::::::__:::__‘:___
SIGNAL

ouTPUT
SIGNAL

<+—APERTURE
DELAY

|

i

|

i
il

I

SAMPLE —=
CONTROL TRACK

>

—l HOLD:

AF007701

Figure 40: Some Sample-Hold Characteristics

The most critical phase of sample-hold operation is the
transition from the sample mode to the hold mode. Several
important parameters characterize this transition. Sample-
to-hold offset (or step) error is the change in output voltage
from the sample mode to the hold mode, with a constant
input voltage. It is caused by the switch transferring charge
onto the hold capacitor as it turns off.
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Aperture delay is the time elapsed from the hold com-
mand to when the switch actually opens; it is generally
much less than a microsecond. Aperture uncertainty (or
aperture jitter) is the time variation, from sample to sample,
of the aperture delay. It is the limit on how precise is the
point in time of opening the switch. Aperture uncertainty is
the time used to determine the aperture error due to rate of
change of the input signal. Several of the above specifica-
tions are illustrated in the diagram of Figure 40.

Sample-hold circuits are simple in concept, but generally
difficult to fully understand and apply. Their operation is full
of subtleties, and they must therefore be carefully selected
and then tested in a given application.

SPECIFICATION OF DATA CONVERTERS

Ideal vs. Real Data Converters

Real A/D and D/A converters do not have the ideal
transfer functions discussed earlier. There are three basic
departures from the ideal: offset, gain, and linearity errors.
These errors are all present at the same time in a converter;
in addition they change with both time and temperature.
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Figure 41: Offset (a), Gain (b), and Linearity
(c) Errors for an A/D Converter

Figure 41 shows A/D converter transfer functions which
illustrate the three error types. Figure 41(a) shows offset
error, the analog error by which the transfer function fails to
pass through zero. Next, in Figure 41(b) is gain error, also
called scale factor error; it is the difference in slope
between the actual transfer function and the ideal, ex-
pressed as a percent of analog magnitude.

In Figure 41(c) linearity error, or nonlinearity, is shown;
this is defined as the maximum deviation of the actual
transfer function from the ideal straight line at any point
along the function. It is exqressed as a percent of full scale
or in LSB size, such as * /2 LSB, and assumes that offset
and gain errors have been adjusted to zero.
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Most A/D and D/A converters available today have
provision for external trimming of offset and gain errors. By
careful adjustment these two errors can be reduced to zero,
at least at ambient temperature. Linearity error, on the other
hand, is the remaining error that cannot be adjusted out and
is an inherent characteristic of the converter.

Data Converter Error Characteristics

Basically there are only two ways to reduce linearity error
in a given application. First, a better quality higher cost
converter with smaller linearity error can be procured.
Second, a computer or microprocessor can be programmed
to perform error correction on the converter. Both alterna-
tives may be expensive in terms of hardware or software
cost.
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AF007401
Figure 42: Defining Differential Linearity
Error

The linearity error discussed above is actually more
precisely termed integral linearity error. Another important
type of linearity error is known as differential linearity error.
This is defined as the maximum amount of deviation of any
quantum (or LSB change) in the entire transfer function
from its ideal size of FSR/2". Figure 42 shows that the
actual quantum size may be larger or smaller than the ideal;
for example, a converter with a  maximum differential
Imeanty error of +V2.SB can have a quantum size between
YoLSB and 1 YoLSB anywhere in its transfer functlon In
other words, any given analog step size is (1 * /2) LSB.
Integral and differential linearities can be thought of as
macro- and micro-linearities, respectively.

m [ %FS FS

000 100
INPUT INPUT
@ o)

AF007501
Figure 43: Nonmonotonic D/A Converter (a)
and A/D Converter with Missing
Code (b)

Two other important data converter characteristics are
closely related to the differential linearity specification. The
first is monotonicity, which applies to D/A converters.
Monotonicity is the characteristic whereby the output of a
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circuit is a continuously increasing function of the input.
Figure 43(a) shows a nonmonotonic D/A converter output
where, at one point, the output decreases as the input
increases. A D/A converter may go nonmonotonic if its
differential linearity error exceeds 1 LSB; if it is always less
than 1 LSB, it assures that the device will be monotonic.

The term missing code, or skipped code, applies to A/D
converters. If the differential linearity error of an A/D
converter exceeds 1 LSB, its output can miss a code as
shown in Figure 43(b). On the other hand, if the differential
linearity error is always less than 1 LSB, this assures that
the converter will not miss any codes. Missing codes are
the result of the A/D converter's internal D/A converter
becoming nonmonotonic.

0 %FS FS 0

%FS FS
INPUT INPUT
(@ b)

AF007601

Figure 44: Linearity Characteristics of
Integrating (a) and Successive
Approximation (b) A/D Converters

For A/D converters the character of the linearity error
depends on the technique of conversion. Figure 44(a), for
example, shows the linearity characteristic of an integrating
type A/D converter. The transfer function exhibits a smooth
curvature between zero and full scale. The predominant
type of error is integral linearity error, while differential
linearity error is virtually nonexistent.

Figure 44(b), on the other hand, shows the linearity
characteristic of a successive approximation A/D converter;
in this case differential linearity error is the predominant
type, and the largest errors occur at the specific transitions
at V2, Y4, and J4 scale. This result is caused by the internal
D/A converter nonlinearity; the weight of the MSB and bit 2
current sources is critical in relation to all the other weighted
current sources in order to achieve %2 LSB maximum
differential linearity error.

Temperature Effects

Ambient temperature change influences the offset, gain,
and linearity errors of a data converter. These changes over
temperature are normally specified in ppm of full scale
range per degree Celsius. When operating a converter over
significant temperature change, the effect on accuracy must
be carefully determined. Of key importance is whether the
device remains monotonic, or has no missing codes, over
the temperatures of concern. In many cases the total error
change must be computed, i.e., the sum of offset, gain, and
linearity errors due to temperature.

The characteristic of monotonicity, or no missing codes,
over a given temperature change can be readily computed
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from the differential linearity tempco specified for a data
converter. Assuming the converter initially has Y2LSB of
differential linearity error, the change in temperature for an
increase to 1 LSB is therefore

_ 27" 108
2 DLT

where n is the converter resolution in bits and DLT is the
specified differential linearity tempco in ppm of FSR/°C. AT
is the maximum change in ambient temperature which
assures that the converter will remain monotonic, or have
no missing codes. '

SELECTION OF DATA CONVERTERS

One must keep in mind a number of important considera-
tions in selecting A/D or D/A converters. An organized
approach to selection suggests drawing up a checklist of
required characteristics. An initial checklist should include
the following key items:

1. Converter type

2. Resolution

3. Speed

4. Temperature coefficient

After the choice has been narrowed by these considera-
tions, a number of other parameters must be considered.
Among these are analog signal range, type of coding, input
impedance, power supply requirements, digital interface
required, linearity error, output current drive, type of start
and status signals for an A/D, power supply rejection, size,
and weight. One should list these parameters in order of
importance to efficiently organize the selection process.

AT

d°L
(NS

COMMERCIAL
OC TO 70C (32F t0 158F)

L INDUSTRIAL
-25C to +85C (- 13F to + 18SF)
H

h
N
! H MILITARY

|
i
i
'
'
i
|
!
'
|
i
1
'
)
1
P
¥
1

1 1

|

co, -55C 10 +125C (- 67F to + 267F)
SUBLIMATION T T T 1
POINT (DRY ICE) | | WATER 11 wateR
! ' FREEZES 11 BOWS 1
| ' l 1 * 1
4 il 1 - 1 a4 i

-7 -s0 -2 o - 2 50 75 100 125

TEMPERATURE, DEGREES CELSIUS

Figure 45: Standard Operating Temperature
Ranges for Data Converters

In addition, the required operating temperature range
must be determined; data converters are normally specified
for one of three basic ranges known in the industry as
commercial, industrial, or military. These temperature
ranges are illustrated in Figure 45. Further, the level of
reliability must be determined in terms of a standard device,
a specially screened device, or a military standard 883
device.

And finally, not to be forgotten are those important
specifications, price and delivery, to which the reputation of
the manufacturer must be added.
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A Cookbook Approach to High

Speed Data Acquisition and
Microprocessor Interfacing

The purpose of this application bulletin is to show that
any competent engineer can design a complex data acqui-
sition system as a series of manageable building blocks. It
also explains the wide range of LS| devices that have
recently become available, with moderate ad-mixtures of
suitable MSI| and SSI and discrete devices.

THE FUNDAMENTALS

ANALOG CIRCUITRY ITAL CI

DATA ACQUISITION SYSTEM

1. ANALOG MULTIPLEXER

2. DIFFERENTIAL AMPLIFIER
(INSTRUMENTATION AMP)

3. SAMPLE AND HOLD

4. HIGH SPEED ADC

5. TIMING AND CONTROL

PROCESSOR ORIENTED SYSTEM

1. INTERFACE CIRCUITRY
(PARALLEL INTERFACE
ELEMENT)

2. CONTROL LOGIC

3. ADDRESS DECODE LOGIC

~15 +15 +5

ANALOG
GROUND

DIGITAL

SYSTEM GROUND

POWER
SUPPLY

DATA ACQUISITION PROCESSOR ORIENTED
SYSTEM STEM

(DAS) (POS)

LDO007801
Figure 1: Basic Building Blocks of Data
Acquisition System

The first thing to consider when designing a Data
Acquisition System (DAS) to interface to a Processor
Oriented System (POS), is to recognize the physical handi-
caps which arise when mating the two in the same
surroundings. The two biggest influences on an unhappy
relationship are the analog and digital ground routing in the
DAS, and noise emissions from the POS. Since the DAS
depends on the accuracy of voltage levels, it is imperative
to maintain that accuracy within an environment of large
digital ground currents and noise. Not only must care be
taken when laying out the PC board, the analog section
must be as isolated as possible from its digital neighbor.
The isolation can be obtained by physical separation and
lots of ground plane; both analog and digital.

The analog and digital ground routing should be two
separate networks originating at the system power supply
as one common ground. Figure 2 shows an example of an
ideal grounding scheme for an analog and digital system. It
is important to ensure that the analog ground path back to
the system power supply contains little or no varying
currents and at the same time is as physically short and
hefty as possible. This is necessary in order to keep a
constant analog ground reference throughout the entire
system. The separation between analog and digital ground
networks should not stop at the system bus but should
continue on every card in the system. Clamping diodes may
be installed between the two grounds on cards containing
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both analog and digital circuitry, to help prevent damage to
circuitry in the event of accidental separation (excess
potential difference) between the two grounds.

SYSTEM
POWER

POWER
SUPPLY

7

DIGITAL
CIRCUIT

-

/

ANALOG
CIRCUIT

/

DIGITAL CIRCUIT.

NO NEED FOR ANALOG
GROUND CLOSER TO
SUPPLY THAN ANALOG
CIRCUIT.

ANALOG CARDS USE

BOTH ANALOG AND

DIGITAL CIRCUIT.

\ EQUIVALENT

GROUND PATH
“SERIES RESISTORS

MUx

DIGITAL
SYSTEM
GROUND

L

\ANALOG
©YSTEM
GROUND

LD00780!
Figure 2: Ideal Grounding Scheme For An
Analog and Digital System

HIGH SPEED DATA ACQUISITION — A
BLOCK APPROACH

Figure 3 illustrates the basic building blocks which make
up the Data Acquisition System (DAS). Starting with the
input, an analog multiplexer is needed to direct the various
channels of analog information to the analog to digital
converter. Before reaching the A/D converter the analog
inputs will usually require some sort of signal conditioning;
the second block of the DAS (the differential amplifier)
performs this function. The differential amplifier or instru-
mentation amplifier may be assigned the task of summifg a
pair of analog inputs together in a differential fashion with
electrically programmable gain and filtering or may function
as a non-inverting buffer stage for a single multiplexer
channel. The complexity of this block will depend largely on
the application and the types of inputs to be digitized. Once
the input signal has been conditioned for the A/D converter,
it may pass through a sample and hold amplifier before

406702-001
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reaching the A/D converter input. The sample and hold
amplifier block is a prerequisite for the successive-approxi-
mation technique of Analog to Digital conversion. This is
due to the nature of the conversion process, and will be
discussed in more detail later.

DIFFERENTIAL
AMPLIFIER WITH
PROGRAMMABLE GAIN

ANALOG SAMPLE

INPUTS

&
HOLD

PROCESSOR

PROCESSOR

TIMING & CONTROL

LD00800!
Figure 3: Functional Diagram — High Speed
Data Acquisition System

The analog to digital converter is the heart of the DAS
and its architecture is solely dependent on the through-put
rate required. Although the successive-approximation ap-
proach is emphasized in this bulletin, greater resolution and
accuracy may be obtained with the slower dual slope
technique as this system block. The last block to be
considered is the timing and control section. In any DAS
system there is a definite order in which events should take
place. To illustrate this point, consider the normal sequence
of events following a start of conversion command in a
DAS. First an input channel must be selected for digitizing
at the analog multiplexer, and a programmed gain set up.
Next, before a "hold"' command is issued, a time delay
must be initiated, to allow for the settling time of both the
diff-amp and sample/hoid amplifier. Finally, the A/D con-
verter is strobed and the conversion complete signal is
monitored until the end of conversion takes place. With the
end of conversion comes the final digitized analog input
value available at the output of the A/D converter in binary
form.

PLACEMENT CONSIDERATIONS

When examining the architecture of the Data Acquisition
System one may wonder why the system blocks are
configured the way they are. It is readily apparent why the
analog multiplexer is the input block and the A/D converter
is: the output block but what about the placement of the
differential amplifier and the sample and hold amplifier? The
answer to this question becomes apparent when studying
the effect of the offset errors introduced by each block.

When considering the overall data acquisition function,
the final offset trim can best be made by nulling the system
offset error at the analog input of the A/D converter; this
single offset adjustment requires that all offset errors
introduced into the system prior to the A/D converter be
constant with any gain setting of the differential amplifier.
Since the multiplexer contributes no offset error and the
sample and hold amplifier does, placing the sample and
hold amplifier in front of the differential amplifier would
cause the total offset error seen by the A/D converter to be

BINTERSIL

a function of the gain setting in the differential amplifier
block. Not only would this placement of the sample and
hold amplifier require the DAS to have more than one offset
adjustment, it would also require it to have two sample and
hold amplifiers when the system is configured for differential
measurements. Inserting the differential amplifier in front of
the sample and hold and behind the multiplexer eliminates
these problems.

MULTIPLEXER CONSIDERATIONS

When choosing an LS| device for the front end of a Data
Acquisition System there are several inherent properties of
the device which must be considered before the successful
mating of its inputs with external circuitry can be achieved.

Input Impedance

The high input impedance of many analog multiplexing
devices can be deceptive because of the dynamic proper-
ties that limit the maximum usable source impedance to a
relatively low value. Figure 4 shows an impedance model
for a typical IC multiplexer. At the bottom of Figure 4 is the
equivalent circuit for an ON channel which consists of the
ON-resistance of the channel, in series with a 35pF
capacitor forming a low pass filter. This capacitance be-
comes an important consideration when determining the
maximum usable source impedance of the data acquisition
system. Since the through-put rate of the Data Acquisition
System is dependent upon the individual settling times of
each block, it is essential to keep the multiplexer settling
time to a minimum.

INPUT 100M(1 OUTPUT
CHANNEL {OFF)
1 J— VW~
SpF Il 1pF )
CHANNEL (OFF) 100M¢)
F—AMV
2
= SpF 1pF
d L
CHANNEL (OFF) loomin gsp,,
3
= SpF I 1pF
CHANNEL (ON) 3000
A 1 VWA
; 10pF
EQUIVALENT (ON) CHANNEL
INPUT 3000 ouTPUT
AN
i.‘!&pf
| DS023201
Figure 4: Analog Multiplexer Equivalent
Circuit for Source Impedance
Calculations

With a settling time of approximately five to eight micro
seconds for the differential amplifier and sample and hold

- amplifier, it would be beneficial to keep the multiplexer's

1-22

maximum settling time for any channel under one micro
second. With this in mind, and using the model in Figure 4,
the maximum usable source impedance can be calculated
as follows.
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Assuming the resolution and accuracy of the system to
be 12 bits, a settling time of 9.27 (7= (RSOURCE +
rDS(ON))CMUX) is required to settle an input signal to 1/2 of
the least significant bit (LSB) or .01%. Therefore, with an
output capacitance of 35pF and on ON resistance of 30052,
the settling time is (9.2) (RSOURCE + 300) (35 x 10~19),
Substituting 1 microsecond for the settling time and solving
for RsOURCE, the maximum usable source impedance is
2.9kS2. A more exact determination of the maximum usable
source impedance can be made by adding the capacitance
of external components, particularly those of the sample-
hold circuit, and printed circuit traces before making the
calculation.

Leakage

A very influential contributor to the DC errors in the front
end of a data acquisition system is the multiplexer leakage
current over temperature. Even though at room temperature
the leakage current may be only a few nano-amps, at 70°C
it may increase to several micro-amps. This characteristic of
the multiplexer must be considered when a wide tempera-
ture operating range is required of the data acquisition

system.
e

INPUT orn ~ 4
x
(OFF) ",
4ax
x 4 ouTPUT
©FF)_~,
LEAKAGES INCREASES
x WITH TEMP
N 3

AF03300)

ON CHANNEL EQUIVALENT CIRCUIT
PATH 2
[

PATH1 | 5X \ QuTPUT

INPUT

RsOuRCE Rout

AF033201

Figure 5: Analog Multiplexer Equivalent
Circuit for Leakage Current
Considerations

At the bottom of Figure 5 is a model of an ON channel of
a multiplexer, for leakage current considerations. It can be
seen that the leakage current has two paths to follow; either
through the input or output of the multiplexer. This current,
which is the sum of the individual channel leakages, will
almost always flow through the input into the source
impedance of the external circuitry. This is because of the
high input impedance of the differential amplifier which
follows the multiplexer. With the leakage current taking the
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path of least resistance into the source impedance at the
multiplexer input, another error is introduced into the data
acquisition function. This is an offset error, which varies with
temperature and has a magnitude equal to the product of
the leakage current and the source impedarice. To illustrate
the magnitude of this error, consider a 16 channel multiplex-
er whose selected channel has an input impedance of 3kS2.
Assuming the device is spec'd at 70°C to have 500nA of
leakage per channel, the total leakage current would be
8uA. Now with 3k at the input, the 8uA of leakage will
introduce 24mV of offset error; equivalent to ten LSBs for a
12 bit system if the input range is 0~10 volts.

Since this characteristic of the analog multiplexer can
contribute a significant offset error to the system over
temperature, the multiplexer selection must be carefully
made when considering overall system performance.

Latchup

Another consideration which must be made when select-
ing a multiplexer is whether or not the device will be subject
to latchup. Latchup is an SCR type of action which the
multiplexer may enter when one of the 15V power supplies
powering the device, especially the +15V supply, falls
below the selected channel's input level.

To illustrate this point, consider an OFF channel of a
CMOS multiplexer (Figure 6). The input to this OFF channel
is =10V, and the output is at + 10V, probably held there by
another ON channel. Now if the + 15V supply were to drop
below 9.3V for any reason, the SCR action would take
place, freezing this channel ON. The input would then be
effectively shorted to the multiplexer output and to the
selected ON channel, not to mention the power supply. This
is an undesirable condition which may occur at power on,
during a power supply "'glitch" or during momentary shut
down of a power supply, etc. Not only is this an unhealthy
mode for the multiplexer, but undoing it requires that all
power to the device is turned off and then back on in the
proper sequence. This means that when a multiplexer with
this possible condition is selected for the front end of a
DAS, special circuitry must be implemented to prevent the
SCR action from taking place at power on or during power
failure.
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Figure 6: Analog Multiplexer Off Channel for
Latchup Considerations
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The best way to eliminate this problem is to select a
device which has no latchup problems. See Intersil Applica-
tion Bulletin AO06 for a description of some latchup proof
analog multiplexers and switches.

Cascading

As a general rule, the cascading of multiplexers is easily
accomplished. (See Figure 7.) When the outputs of two
multiplexers are connected together to form one larger
multiplexer, the output capacitance and the leakage current
doubles. If the DAS were originally tuned for maximum
through-put rate and input source impedance with one
multiplexer in the system, cascading two or more multiplex-
ers in this fashion could degrade system performance
drastically. This problem can be somewhat overcome by
adding a third tier of submultiplexing, as shown in Figure 8.
Both leakage current and output capacity are reduced
significantly, however channel ON resistance and switching
times are now increased. This increase is generally insignifi-
cant when compared to that of Figure 7, and will not usually
hinder system throughput performance. The benefits ob-
tained by submultiplexing in this way will substantially
increase with the number of channels to be accessed.
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1 OUT OF 32 CHANNEL MULTIPLEXER USING 2 IH6116'S
+15V -15v
EN
L
IH6116 -
Ao Si6 S
A
A2 ——o Vout
A3
As
—De— +15V -15v
. ] — L
TTLOR =
CMOSs IH6116
INVERTERS
EN — .
S32 S17
Lco23701
*TTL inverter must have resistor pullup to drive EN input.
DECODE TRUTH TABLE
Aq A3z A2 A1 Ao ON SWITCH A4 A3z A2 A4 Ao ON SWITCH
0 0 0 0 0 S1 1 0 0 0 0 S$17
0 0 0 0 1 S2 1 0 0 0 1 S18
0 0 0 1 0 S3 1 0 0 1 0 S19
0 0 0 1 1 S4 1 0 0 1 1 S20
0 0 1 0 0 S5 1 0 1 0 0 S21
0 0 1 0 1 S6 1 0 1 0 1 S22
0 0 1 1 0 S7 1 0 1 1 0 S23
0 0 1 1 1 S8 1 0 1 1 1 S24
0 1 0 0 0 S9 1 1 0 0 0 S25
0 1 0 0 1 S$10 1 1 0 0 1 S26
0 1 0 1 0 S11 1 1 0 1 0 Ss27
0 1 0 1 1 S12 1 1 0 1 1 S28
0 1 1 0 0 S$13 1 1 1 0 0 S29
0 1 1 0 1 S14 1 1 1 0 1 S30
0 1 1 1 0 S15 1 1 1 1 0 S31
0 1 1 1 1 S16 1 1 1 1 1 S32
Figure 7: Easy Cascading Of Two Multiplexers Can Be Accomplished By Connecting In Parallel

1-25



A020

BINTERSIL

+15V
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1 OUT OF 32 CHANNEL MULTIPLEXER USING 2 IH6116S AND AN IH5041 FOR SUBMULTIPLEXER

EN
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*TTL gate must have resistor pullup to +5V to drive "EN'" input.
DECODE TRUTH TABLE
Ag A3z A2 Aq Ag ON SWITCH Ag A3 A2 Aq Ag ON SWITCH
0 0 0 0 0 S1 1 0 0 0 0 817
0 0 0 0 1 S2 1 0 0 0 1 S18
0 0 0 1 0 S3 1 0 0 1 0 S19
0 0 0 1 1 S4 1 0 0 1 1 S20
0 0 1 0 0 S5 1 0 1 0 0 S21
0 0 1 0 1 S6 1 0 1 0 1 S22
0 0 1 1 0 S7 1 0 1 1 0 S23
0 0 1 1 1 S8 1 0 1 1 1 S24
0 1 0 0 0 S9 1 1 0 0 0 S25
0 1 0 0 1 S10 1 1 0 0 1 S26
0 1 0 1 0 S11 1 1 0 1 0 S27
0 1 0 1 1 S12 1 1 0 1 1 S28
0 1 1 0 0 S13 1 1 1 0 0 S29
(0] 1 1 0 1 S14 1 1 1 0 1 S30
0 1 1 1 0 815 1 1 1 1 0 S31
0 1 1 1 1 S16 1 1 1 1 1 S32

Figure 8: Using Another Tier Of Submultiplexing To Reduce The Effects Of Output Capacitance and
Leakage Current
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Single Ended or Differential

The selection of either a single ended or differential
multiplexer for the front end of the DAS is dependent upon
the application. Since the 16 channel IC multiplexer is the
basic building block, the designer must decide whether to
go with 16 single ended or 8 dual differential inputs. The
types of analog inputs to be digitized will dictate which type
is used.

If the transducer circuitry to be monitored is far enough
away from the DAS to allow excessive interference pickup
on the return cable, the need for a shielded twisted pair and
a differential front end becomes likely. With the differential
front end, the common mode ''noise"' signal on the twisted
pair will be rejected at the differential amplifier provided that
its magnitude does not exceed the input voltage range of
the DAS. If the magnitude of noise is greater than the input
range, the signal to be digitized will be lost. There are
several methods for overcoming this problem. First, the
""noise"" source could be eliminated; second, the cable
length from the transducer to the DAS could be shortened;
third, a very expensive high voltage differential amplifier
could be used to buffer the multiplexer; finally, local
conversion of transducer signals could be established to
allow transmission of digital (serial) signals over long
distance to the central processor instead of the low level
analog signals produced by most transducers.

Even though the first and second solutions would elimi-
nate the noise magnitude problems, implementing either of
these two solutions would probably require the moving of
some heavy piece of equipment away from the cable (a
generator for example) or closer to the DAS (a smelting pot
for example).

Therefore, a choice between solutions three and four
must be made. After examining the cost for each solution,
the local conversion technique is usually most viable.

THE DIFFERENTIAL AMPLIFIER

The differential amplifier becomes an essential part of the
DAS when low level transducer signals must be recovered
from noise. The complexity of this block may vary from a
single op-amp buffer all the way to a software programma-
ble signal conditioner for several different types of transduc-
ers (pressure, temperature, flow, etc.).

Before deciding on the configuration needed for a
particular application, there are a few parameter
prerequisites which must be met, no matter how simple or
complex this block of the DAS is. First, the differential
amplifier circuitry following the multiplexer must have a high
input impedance. This is necessary to avoid the effects of
the unpredictable multiplexer channel ON-resistance. This
resistance, which varies with everything (voltage, current,
temperature, etc.), must not be a part of the overall data
acquisition function; in other words, if the resistance of the
ON-channel were to double for some reason, there should
be no noticeable change at the output of the differential
amplifier. Next, the common mode rejection ratio of the
differential amplifier should be better than 80db. This
insures that for £10 volts of common mode input noise only
imV could slip through to the output. (Again, we are
assuming a 12 bit system.) Another important factor,
especially in DASs of 12 bits or more, is the stability of
critical components over temperature. Maintaining 12 bits of
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absolute accuracy over any reasonable temperature range
can be very expensive, and this aspect of the system's
design must be thoroughly examined before specifying any
critical components.

Programmable Gain Changing Provisions

The provision of programmable gain at the input stage of
a DAS should be considered only after it has been
determined that a single, optimum gain setting will not give
satisfactory performance. Not only is it expensive to incor-
porate software programmable gain into a DAS, it almost
always ends up being the greatest single source of errors
within the system.

OPAMPS - LF156/7

Rio
8
Ruitt LF1S7
- _ R
Rt >‘———o Vour = 12 (a-8)
A - Rgain
NGAIN‘ GAIN H'om
CMRR
ADJ

AF033301
Figure 9: Fixed Gain High Impedance input.
Differential Amplifier with CMRR

Fine Adjustment

Figure 9 shows all that is required for a fixed gain high
input impedance differential amplifier; Figure 10 shows the
same differential amplifier with the software programmable
gain feature. The actual differential amplifier is made up of
two LF156s, for input buffers, and one LF157 (better
CMRR) for the differential stage. Since better than .005%
ratio matching of the gain resistors would be needed to
obtain a CMRR of 80db, a potentiometer is used for fine
tuning the CMRR at low frequencies. The high frequency
CMRR is dependent entirely on the op amp selected for the
differential stage, and for the LF157 this is 90dB at 1kHz.
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Figure 10: Programmable Gain Differential Input Amplifier
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Considering the difficulty in maintaining a high degree of
common mode rejection, the addition of a programmable
gain feature should not be included within the differential
amplifier stage itself, but rather be a separate stage
following the differential amplifier, as shown in Figure 10.
This particular programmable gain circuit employs a
CD4051 (CMOS Analog Multiplexer) as a two to four line
decoder, with appropriate FET drive for switching b