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Burr-Brown Corporation: A World Leader
In Industrial High Technology

Burr-Brown is a leading designer and manufacturer of precision

microelectronic components and microcomputer-based systems

for use in data acquisition, signal conditioning and control.

Our principal products are data conversion and signal conditioning

components (integrated circuits); board-level, input/output sub-

systems; data communications components; and microcomputer-

based data entry terminals, processors, and related peripheral

equipment.

Burr-Brown components and 1/O subsystems provide the high

degree of reliability, speed and accuracy required for high perfor-

mance applications such as precision automatic testing, indus-

trial/process monitoring and control, sophisticated medical instru-

mentation, military electronics and computer systems.

Burr-Brown was founded in 1956 and today has more than 1200

employees worldwide. In additién to manufacturing and testing

facilities in Tucson, Arizona, Livingston, Scotland, and Tokyo,

Japan, Burr-Brown also maintains sales and distribution subsidiaries

in Germany, France, England, Switzerland, Netherlands, Austria,
Italy, Belgium and Sweden.
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ANALOG ICs DIVIDE ACCURATELY TO CONQUER
COMPUTATION PROBLEMS

Housed in dual-in-line packages, the hybrids can multiply, divide, or take the square root

Although analog dividers are basic building blocks in a

wide variety of applications, until recently they remained

bulky, very limited in operating range, and prohibitively

expensive. Within the past two years, though, they have

profited from the kinds of technological and design

advances that have characterized the progress of inte-

grated circuits in other areas, |

Now, dedicated analog dividers are available in dual-in-

line packages, and their low price—typically less than

$30—has gone hand-in-hand with performance that has

improved by orders of magnitude, Burr-Brown Corpor-

ation, for instance, makes a hybrid precision divider, the

DIV100, with a guaranteed maximum error of less than

0.25% over a 40/1 denominator voltage. With optional

external trims, the error may be significantly better over

its 40/1 denominator range.

WHAT IS AN ANALOG DIVIDER?

Analog dividers are widely used in such applications as

ratiometric measurements, percentage computations, trans-

ducer and bridge linearization, automatic level- and gain-

control systems, voltage-controlled amplifiers, and analog

simulations, They may be thought of as black boxes

having two inputs and one output and the transfer

function given by the equation:

Vo = K(N/D)

where:

V. = output voltage

K = a scale factor constant

N = numerator input

D = denominator input

For most commercial packaged dividers, K is internally

set at 10. Since the divisor can never pass through zero, D

is always unipolar. Because N can be bipolar, the divider

will operate in two of the four quadrants, as shown in

Figure |; it is therefore called a two-quadrant divider.

Dividers that are designed for operation with N of one

polarity are called one-quadrant dividers. At this point,

nocommercial four-quadrant divider exists, because it is

impractical, though not impossible, to design one that

would accept bipolar denominator voltages with a dead

zone around zero.

There are two limiting conditions for every divider. First,

the absolute value of N must be smaller than that of Dto

prevent the output from saturating beyond 10 volts.

Second, a lower limit, Dmia is always specified for the

denominator below which the divider will exhibit unac-

ceptably large errors. These two conditions define the

operating region of a divider (the shaded area in Figure .

1). For one-quadrant dividers, the operating region is

either the top or the bottom half of the operating region

of a two-quadrant divider.

FIGURE |. Divider Operating Region. The shaded area represents the

operating region of a two-quadrant divider. A one-quadrant divider will
perform in either the top or bottom half of the shaded ares. Below Dmin,

the denominator exhibits unacceptably large errors.

PERFORMING DIVISION WITH MULTIPLIERS

The oldest and perhaps still the most common method of

performing analog division is to connect a multiplier ina

feedback loop of an operational amplifier (Figure 2a). An

extra op amp is not needed with commercial packaged

multipliers, since their output op amps can be employed

through external pin connections.

Figure 2b shows a 4214 transconductance multiplier

connected as a differential dividér. One limitation of the

multiplier-inverted divider (MID) is its limited divisor

range. The divider error that limits the ranges can be

estimated by:

é¢ = 10 (€n/D)

where é,, is the multiplier error specified by the manufac-

turer and D is the denominator voltage. With a 0.5%

transconductance multiplier, the divider error will go as

high as 5% when D goes down from !0V to 1 V. Hence, for

practical purposes, these dividers are accurate only overa

10/1 denominator range.

The divider error can be reduced by shifting the level and

preamplifying the divisor input.and then shifting back at

the output stage. In Figure 3, with K defined by the ratio

R2/Ri, the divider error given by ¢a = 10¢m/D will be
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FIGURE 2. Economizing Space. An analog divider can be constructed by
connecting an analog multiplier in the feedback loop of an op emp (a).
Packaged multipliers (b) do not require an external op amp to be pin-
programmed for performing division.

reduced by a factor of K. However, the divisor input is

thus limited to -20/ K volts. When K = 2, the divisor will

swing within the same range of 0 to -10V. In other words,

the divider error can be cut in half without sacrificing the

. divisor’s dynamic range. With K greater than 2, say,
K = 10, the divisor is limited to the range of 0 to -2V.

ONE-QUADRANT DIVIDER
The well-known multifunction converter (MFC), through

different external connections, can be used asa precision

divider whose accuracy and dynamic range greatly

exceed that of a multiplier-inverted divider. It is, how-

ever, good for one-quadrant operation only, whereas the

MID is a two-quadrant divider.

The functional diagram of this converter is shown in
Figure 4. Its transfer function is given by:

Vo = X(Y/Z)TM

where m is determined by two external resistors and can

range from 0.2 to 5. The circuit can be analyzed by

applying, to each of the four transistors used to achieve

‘the logarithmic relationship Q; - Qs, the Ebers-Moll

equation:

Vee = (KT/q)In(1./ 15)

where:

Vine = base-to-emitter voltage

K = Boltzmann's constant (8.62 x 10° electron-
volt/ K)

T = absolute temperature

q = charge of an electron (leV)

I, = collector current

I, = emitter saturation current

Solving the equation for each of.the four transistors

simultaneously yields the converter’s simple transfer

function. This procedure assumes that the four transis-

tors are matched, so that I, and T are the same for all four

equations,

The multifunction converter is capable of operating over
a 40/1 denominator range with an error of less than

FIGURE 3. More Accurate. The multiplier-inverted divider exhibits
improved accuracy when connected in the manner shown. The error
equation is given approximately by eg = 10€m (KD), where K is the ratio of
Rz to Ry and can be used to optimize the divisors's range.

0.25%. At low input-signal levels, the offset voltages and

bias currents of the Y and Z op amps contribute most of

the errors. By trimming them out with potentiometers R2

and Rs, the maximum error can be reduced less than

0.25% over a 40/1 dynamic range. R, is used to trim out

gain errors.

The DIV100 analog divider has been optimized as a log-

antilog divider. It is specified to be the most accurate

two-quadrant, self-contained divider available in IC

form. It operates in principle very similarly to a multi-
function converter, but has several additional features.
For one, it contains an internal level-shifting circuit for
two-quadrant operation. For another, it is laser-trimmed

to hold total error to less than 0.25% overa 40/ I dynamic

range. In addition, both linearity compensation and an
on-board temperature-compensated reference are
provided.

PRECISE FOR TWO QUADRANTS
The divider’s functional circuit diagram is shown in Fig-

ure 5a. Q: - Q. are the four logging transistors, which are
always laid out on a monolithic chip along a thermal
equilibrium line. Their geometries are specially designed

for maximum conformity to a logarithmic output. In
fact, log-conformity error is less than 0.05% over four
decades of collector current from 100zA to J0nA. Thus,
the divider can maintain its accuracy over many decades

of denominator voltages.

The error sources at low input levels are mainly due to the

offset voltages and bias currents of the numerator and
denominator input op amps, and not to the logging tran-

sistors. Optional trims are usually provided by manufac-
turers in order to eliminate the offsets and bias currents

that are inherent in all op amps.

As with the multifunction converter and the multiplier-

inverted divider, the bandwidth of the log-antilog divider

decreases almost linearly with divisor voltage level; for

example, a 400kHz divider at a 10V divisor voltage will

become a 4kHz divider at a 100mV divisor voltage. It is

interesting to note that if it were possible to rearrange the
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four logging transistors and the four op amps and

replace the voltage reference by a current reference, a

log-antilog divider whose bandwidth remains constant at

high level even with decreasing divisor voltages could be

realized (Figure 5b).

Notice that the current through the output stage (Qs, Qu,

and A.) is determined by the reference current, I, and

remains constant. If I is set high, the divider’s bandwidth

will stay fairly flat from a 10V divisor voltage down to

100mV and then start to drop gradually, at a much slower

rate than the circuit in Figure 5a. Using 741-type op amps

and setting I equal to 200A, typical component values

are:

Ry = SOkN Rg = 10k

R2 = 10kN Rs = 100kN

R3 = 33kN C= 33pF

As mentioned before, the offset voltages and bias cur-

rents of the op amps should be nulled out for low-signal

operations. Unfortunately, with a reference current in

place of a reference voltage, this divider circuit cannot be

readily used as a'three-input multiplier-divider to per-

form Vo= XY/Z.

SQUARE-ROOTERS

One application of a precision divider is computing the

square root of an input signal, often required in process-

control systems. If the divisor’s input is connected to its

output terminal, the divider’s transfer function, that is,

V. = 10N/ D, becomes:

Vo = 10 (N/ Vo) = (10N)"”

The output is now proportional to the square root of the

input, N.

Square-rooters employing a log-antilog divider and a



multiplier-inverted divider are shown in Figures 6a and

6b, respectively, Since Vo is always unipolar, adding a

diode at the output of the divider will help prevent the

square-rooter from saturing to the opposite supply

voltage, which is occasionally caused by power-supply

transients. In Figure 6b, a M2 output load may be

necessary to turn on the diode, because the input

impedances of the mid divider are so high (about 10MM)

that, without the load, practically no current will flow

through the diode.

The square-rooter’s accuracy is strictly dependent upon —

the accuracy of the divider employed. Witha multiplier-

“inverted divider, the accuracy is poor at low input vol-

tages. The error-versus-signal voltage can be estimated

from:

= (10Via + 10€,)!7

whew Vo and Via are the square-rooter’'s output andiinput
voltages, respectively, and ém is the multiplier error speci-
fied by the manufacturer. For example, for a 0.5% mul-

tiplier, én = S0mV maximum, and therefore the square-

rooter’s error would be 25mV maximum at Vin= 10V, but

would be 109mV maximum at Vi, = S00mV.

Figure 6c compares the typical error curves of square-

rooters built with a multiplier-inverted divider and those

made with a log-dntilog divider. Typical errors would

normally be much lower than in the graph. As can be

- seen, if small-signal accuracyis critical, a precision

divider like the log-antilog type should be used.

With an external voltage reference, a multi-function con-

verter may also be used to build a square-rooter. There

are two ways to implement this function. The straight-

forward method is to set m = 1/2 with two matched

resistors and connect X and Z toa 10V reference (Figure

7a). Then the output voltage becomes.

= 10(Y/10)'? = (10Y)'?

Alternatively, m can be set to | as in Figure 7b and the X

input connected toa +10V reference. By shorting Z to the

output, Vo, the transfer function becomes:

= 10(Y/ Vo) = (10Y)!”

The accuracy of this square-rooter is about equal to that

of a log-antilog divider.

. LINEARIZING THE BRIDGE

The familiar Wheatstone bridge is widely used in measur-

ing the resistance of sensors like strain gauges, pressure

transducers, thermistors, and servo motors. Unfortu-

nately, the output of the bridge isa nonlinear function of

the input variable, the change in the resistance being

measured. As illustrated in Figure 8a, the output voltage,

Vo, is related to the input variable, 6, by:

= V,6/(1 + 6)

where 2V, is the bridge supply voltage.

1)

Vo = - [082] - Za]72.
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FIGURE 6. Taking the Square Roct. Implementing either the multiplier-

inverted divider (a) or the log-antilog divider (b) for finding the square root

is a matter of the degree of accuracy wanted. Typical error curves for the

two types are shownin the graph (c).
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FIGURE 7. Another Approcch. the multifunction converter (here, the

4302) may also be used as a square-rooter. To implement the transfer
function, Vo= X(YZ}", M can be equal to 1/2 (a) or to f(b), withthe other
connections appropriately made.

Because direct measurement and manipulation of nonli-
near datais often undesirable, a circuit is needed to first

linearize the bridge function. The simplest method of

linearization uses an op amp. Connecting the variable-

resistance arm in the feedback loop (Figure 8b) causes the

output of the op amp, Vo, to vary linearly with the varia-

ble, 5. Thus, Vo = -V,6. However, some inexpensive
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FIGURE 8. Linecarizing Bridges. the Wheatstone bridge has a nonlinear output dependent on the input variable (a). It may be linearized by using en op amp in
8 feedback loop ((b), a multiplier-inverted divider (c), or an MID with an instrumentation amplifier (d).

bridges are packaged in four-terminal boxes and there-

fore will not work with this method, which requires five

terminals,

A low-cost multiplier-inverted divider with differential Z

‘inputs can, however, implement the inverse of the bridge

function and linearize it. In Figure 8c, the output voltage

of the bridge, Vs», is given by:

Vp = 108/(1 + 8)

and the multiplier-inverted divider provides the transfer

function, Vo = 10V»/(10 - Vs). The series connection of

these two nonlinear circuits results in a linear function,

that is, Vo = 106.

If the bridge supply voltage is single-ended, rather than

floating as in Figure 8c, an instrumentation amplifier is

needed to convert the two output terminals of the bridge

toa single output. The amplifier can also be used effective-

ly to compensate for bridge voltage variations. By

inverting the signal such that Va=-V,6/(1 +6) and using

four resistors to sum the bridge voltage with, and divide it

by, Va (Figure 8d), the divider’s denominator and numer-

ator voltage become:

D=[2Riw/(3Riv + 2Ri) (Vi + Va)

N = (2Rww/(3Rin + 2Ri)]Ves

respectively, where Rip is the input impedance of the

divider’s denominator input and Rin is that of the

numerator input.

The cleverness of this circuit becomes clear when Dand N

are substituted into the divider's simple transfer function,

Vo. = 10N/D. The bridge voltage, 2V,, and the input

impedance, Ri (= Rin = Rip), cancel out, resulting in

Vo = -106. Therefore, the output is independent of the

bridge supply voltage. When R; is much smaller than Ri,

the circuit is insensitive to the value of Ri.

CONTROLLING THE GAIN AUTOMATICALLY

To compensate for amplitude fluctuations of any given

signal, nothing less than a well-designed automatic-gain-

control circuit willdo. A good AGC circuit is one that can

keep the output constant over a wide dynamic range of

input signal levels (tracking range). Analog dividers are

excellent candidates for such applications.

The tracking range of an AGC is directly related to the

denominator's operating range of the divider employed.

For example, if a divider has a divisor operating range

from 10V down to !00mV, the AGC circuit associated

with it will track AC signals over a 40dB range.
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FIGURE 9. Controlling Gain. The bandwidth of a 40dB sutomatio-gain-

control circuit using the DIVI0Q(a), will be increasing by n times, or its
tracking range by n times, by cascading n dividers in the feedback loop

shown in (b). The 400kHz bandwidth, however, cannot be exceeded.

Figure 9a shows an AGC circuit using a two-quadrant

log-antilog divider. The divider serves, as a voltage-
controlled amplifier whose output increases with a



decrease in divisor voltage. Diode Dy rectifies the output

‘voltage, Vo. Low-pass filter Ri - C: produces a negative

voltage, Va, proportional to the negative peak of V,. The

integrator, comparing V, with a positive reference vol-

tage, Vr, determines the divisor voltage of the divider.

Automatic gain control‘is achieved thus: as the input

signal, Vin, increases, Vo tends to increase, pushing Vx

further negative. This increases the integrator’s output

voltage, which is connected to supply the divisor's input.

As the divisor voltage goes up, it will pull V, back down

until it reaches an equilibrium.

Typical values for audio applications are:

Ri = R2/10 = R3/10= 1kN

C, = 10C; = 10uF

Ve =0.3V

These values will provide a 2V peak-to-peak output

amplitude, which can be reset by adjusting either Rs or

Vr. For subaudio frequencies, an increase in the values of

both C; and C) is necessary.

The upper frequency limit is determined by the band-

width of the divider, and the bandwidth of most dividers

decreases with decreases in divisor voltage. This means

that the bandwidth of the AGC will decrease with input

signal voltages.

As an example, with a divider's 3dB bandwidth specified

for 400kHz at a 10V divisor voltage, the bandwidth will

be, asa rule of thumb, 40kHzata I V divisor voltage and

4kHz at a 100mV divisor voltage. With these specifica-

tions, a 40dB AGC circuit will operate over a 40dB signal

range only up to 4kHz and over a 20dB range up to

40kHz. Although it can function up to 400kHz, the cir-

cuit will have no practical tracking range at those fre-

quencies.

The bandwidth of the AGC circuit can be expanded by

cascading two or more dividers in the feedback loop

(Figure 9b). For the 40dB example, each of the dividers

operates actually over 40/n dB, where n is the number of

dividers cascaded. The bandwidth of the AGC circuit will

thus be increased by n times, but will, of course, never

exceed the divider’s maximum bandwidth of 400kHz.
The cascading technique will also increase the tracking

range of the AGC circuit by n times; that is, two 40dB

dividers will yield an 80dB AGC circuit. AC coupling at

the output of each divider is recommended to eliminate

unwanted divider offset voltages.

TAKING RATIOS

For ratiometric applications, a divider naturally comes to

mind. Percentage measurement:

V.= 100(V2 - Viy/Vi

is just another version of ratiometric measurement, but it

requires a divider with differential numerator inputs and

adjustable gain (from the nominal 10 to 100). With low-
cost IC dividers, it is practical to provide direct readout in
percentages of such parameters as efficiency, distortion,

gain/loss, error, and so on.

Figure !0 showsa percentage measurement circuit employ-
ing a differential multiplier-inverted divider. The circuit,
which provides IV = 1%, is capable of measuring +10%
deviations. Wider deviations can be measured by decreas-

ing the ratio of R2/Ri, and narrower variations by
increasing the ratio. If the dynamic range of V; is too wide
for a multiplier-inverted divider to handle, a log-antilog
divider may be employed, but’ an extra operational

amplifier will be needed to take the difference V2 - Vi.

The percentage circuit can also be used to sort compo-

nents by first converting the component's parameter into

a voltage and comparing it with a reference. A compara-

tor at the output of the percentage circuit may then be set

to separate units beyond a specified limit.

y

O2V<V¥, <+10V

FIGURE 10. A Natural Application. Direct readouts in percentage or such
parameters as efficiency, distortion, gain/loss, and error are easily obtained
by connecting a 4214 in a configuration that provides an output of IV = 1%
with devistions measured up to +10%.
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CREATE COMPLEX NONLINEAR TRANSFER FUNCTIONS

WITH A MULTIFUNCTION CONVERTER —

A multifunction circuit is an uncommitted analog circuit

that will perform a variety of functions as programmed by

external pin connections. Its basic transfer function is:

V,\m

Eout = vy)
Vx

The multifunction circuit has three independent inputs that

may be any value between 0 and +10V. The exponent m can

vary between 0.2 and 5.

As you can see, the multifunction circuit is an extremely

versatile analog circuit. The operations that it will perform

include:

and many others. With a few external components, the

possibilities are almost endless: sine, cosine, arctangent,

vector magnitude, true RMS, log.

In the multiply mode (with V, = constant and m= 1), the
multifunction circuit is very accurate, with typical errors of

- 0.25% of full scale.

Multifunction circuits are designed to be used in analog

signal conditioning circuitry. It is of course used in many

of the myriad applications for multipliers where one quadrant

operation is satisfactory. In fact, if a high accuracy, one-

quadrant multiplier is needed, a multifunction is probably

the most cost effective solution. If one or more of the inputs

must be bipolar, a conventional four-quadrant multiplier

may be called for. Other applications include analog pro-

cessing of data as an input to data acquisition systems or

just data compression in purely analog systems. This in-

cludes functions such as RMS to DC conversion and logging

circuits. The multifunction circuit is truly a universal com-

putational element.

CIRCUIT OPERATION

The multifunction circuit works on a logging circuit principle.

Figure 1! shows the block diagram of a multifunction circuit.

Ma My OM, .

v, | Feedback ; |

o— A
tV, 4 | bog Ratio - Bout

Vv + |
| ° |

vy | |

O—H_siLog |
{ an Vy |

le LL J

FIGURE |. Multifunction Circuit Block Diagram.

The log ratio circuit performs the function log C%) which is
Zz

equal to log V, - log Vz. This output at pin my is transferred

to the negative summing input, m,, with some gain m. Thus

the output of the summer is -m (log Vx - log Vz) + log Vy =

log Vy + m (log V, - log V,,). When this signal is processed

by the antilog circuit, Eo;= antilog (log Vy +m oa()
V.~v(F)",the amount of the log ratio output (at pin my)
x

that is applied as feedback to pin m, determines the

exponent.
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FIGURE 2. Exponent Selection for Multifunction Circuit.

Resistors Ry and Ry from a voltage divider. For m less than

one, the log ratio output is simply attenuated by R, and R>.

For m greater than one, Ry and R> determine the gain of the

log ratio amp.

A typical log amp uses a transistor in the feedback loop of

an Op amp to create the log response. These log amps re-

quire a relatively complex circuit to compensate for the

temperature drift of the logging transistor, In the multi-

function converter, the outputs of the log ratio and log

amplifiers are not temperature compensated but the antilog

circuit being the inverse of the log function provides a first

- order temperature compensation of the log amplifiers. The

circuit of Figure 3 shows the basic design of the multi-

function.

Qn (V

Burr-Brown 4302

FIGURE 3. Multifunction Simplified Circuit.

The logarithmic response of these amplifiers is based on the

Ebers-Moll equatioh for junction transistors:

VbeI cls (etea -1)

where, I, = constant term characteristic of each transistor
Ve == base to emitter voltage
I,e collector current

q= electron charge = 1.602 x 10719¢
‘K = Boltzmann’s constant= 1.380 x 10-235/KOK
T = absolute temperature (25°C = 300°K)

KT @ 300°K = 26 mV, Vbe corresponding to a diode drop
q

is approximately 600 mV.

Therefore e wee =e so = 033 >1 at room temperature.

y). gy Fout

SQUARE

a |

Therefore ¢ L¥be _ 1 e4 Vbe
KT KT

9 Vbe

KT

I, =1,e——2t

anl, = knl, + 2,

Vbe = ) Ll, -&) Rnl,

Thus, you can see that the base to emitter voltage of a

junction transistor is proportional to the log of the col-

lector current. It is also proportional to the absolute

temperature of the junction. This is the reason for the

temperature drift of uncompensated log amps mentioned

previously. Fortunately in the multifunction circuit the

antilog circuitry has an equal and opposite drift to provide

cancellation and respectable temperature stability. The log

and antilog circuits will compensate each other to the extent

that. the various logging transistors are matched to each

other. Adjacent layout of these transistors in a monolithic

circuit as is done with some multifunction circuits provides:

the best and most repeatable results.

DIVISION

One of the most useful configurations of the multifunction

circuit is in the DIVIDE mode. When m = 1 the log ratio

amplifier and the antilog converter perform as a divider.

Division by logging techniques produces errors that are vir-

tually constant with input voltages. This contrasts dramati-

cally with conventional dividers implemented by a multiplier

in the feedback loop of an op amp. Conventional dividers

have a very limited denominator range because at low

‘denominator voltages the op amp approaches the open loop

state with the attendant drifts and errors of open loop op

amps. On the other hand, division by the multifunction:

circuit can accept denominator ranges of 100:1 with errors

of less than 0.5%. A disadvantage of division by multifunc-
tion circuit is that the operation is only in one quadrant

whereas conventional techniques yield division in two

quadrants.

TRUE RMS TO DC CONVERSION

The true RMS value of an AC signal is defined as the square

root of the average of the square of the input (see Figure 4).

Many circuits to obtain quasi-RMS values are linear averaging

circuits that are only accurate when measuring pure sine-

waves. A true RMS converter on the other hand will

measure accurately square waves, pulse trains, distorted

sinewaves, noise, any electrical signal. A conventional tech-

nique of computing RMS values, shown in Figure 4, explic-

itly performs the functions called for.

Averaging low pass filter
Ein Ems

2ee “i Zz Ein

= Esms = Ein’

FIGURE 4. Conventional Computing RMS Converter.



A multifunction circuit can be used to implicitly perform

the true RMS computation. The circuit is shown in Figure 5.

m, = My Me
| | | Averaging low pass filter

Vx

MULTIFUNCTION R Eems

CIRCUIT ; — *)

Vv, outputEin

gt | Bure-Brown 4302 =x
V. —
y -

Erma” Fin”

FIGURE 5. RMS to DC Converter Using Multifunction Circuit.

The implicit solution yields an output of

2
Ems — solving for Erms:

Tms ’

Erms 7 Ein?

The averaging time constant is determined by the choice of

R & C in the lowpass filter. This time constant determines

the lowest frequency of Ej, that the unit will convert to DC.

Of course, the unit will respond correctly to a DC input

voltage.

EXPONENTIATION

As mentioned earlier, the exponent m may be continuously

varied from 0.2 to 5. This parameter allows use of the

multifunction in linearization circuits that require correction

1
factors such as VzTM or wm Figure 6 shows the transfer

characteristics when using the multifunction in the V,TM

mode.

10 m = 0,2
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FIGURE 6. Exponentiator Transfer Characteristics.

This mode will obviously allow the use of squaring and

square root linearization factors.

FIGURE 6a. Exponentiator Transfer Characteristics for(yam,

This too can be a useful circuit if linearizations with nega-

tive slope are required. These two examples illustrate just‘

some’ of the multitude of transfer functions that can be

obtained with the multifunction circuit. If more than one

of the three inputs are used as variables the possibilities are

endless.

The ability of the exponent, m, to assume nonintegral values
contributes to the versatility of the multifunction circuit.

A nonintegral exponent can be very helpful in linearizing

transducer transfer functions. The multifunction circuit

provides a much smoother linearization than a diode break-

point generator (piecewise linear method) because it has no

discontinuities.

TRIGONOMETRIC FUNCTIONS

The nonintegral exponent is also very useful in approxima-

ting trigonometric functions such as sine, cosine and arc

tangent. A Taylor’s series expansion of an arbitrary func-

tion is 4

f(x) = flo) + xf"(0) +f" (0) +" +70=e (0).

For sine, cosine and arc tangent this is:

5 7
sinx 2x =%e 4 x x

3! OS! 7!

2 4 ,6
cosx= 1X + xk+

2! 4! sO6!

tanlxetity tt. porxsd
2 x 3x3 5x5

If these power series expansions are altered using nonintegral

exponents and modified coefficients, more accurate approxi-

mations can be achieved for a given number‘of terms. This

mathematical approach to a true power series can be com-

puter generated to produce a minimum error from true

conformance to the ideal function. Figure 7 contrasts. the

error of a typical Taylor Series approximation to. the error

of a generalized power series expansion using nonintegral

exponents.
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FIGURE 7. Truncated Series Expansion Comparison.

A nonintegral expansion distributes the error more or

less evenly over the applicable range of x values. Taylor

Series expansion produces small errors for small values
‘of x but increases the error for larger values. It is for

this reason that a nonintegral two term expansion can

have theoretical accuracies 5 times better than a two

term Taylor Series expansion. The trigonometric equa-

tions (for x in radians) are

Theoretical Error

20.23%208x< 3

504
cos x = 1 +0.2325x -%

(90°)

+0.75%0 <x <z

x 1.2125= | xo

tan Re das
£0.75%0 <x <5

The connections to produce these functions are shown

in Figure 8. It shows among others, the connections

for the arc tangent of a ratio. This is particularly well
suited for conversion from rectangular to polar coor-
dinates where Ey

Eg = tan7! =)
x
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VECTOR COMPUTATION

The multifunction circuit will perform the square root of

the sum of squares. This function is the companion to the

arc tangent of a ratio for the converison of rectangular to

polar coordinates. This function can be obtained implicitly

as the following mathematical manipulation shows.

Desired Function: Vo2 fV}2+V22

Vo2 = V12 + Vo2

Vo2 - V9? s V}2

(Vo -V9) (Vo + V2) 2 V42

V2
Vo"V_-v- ~V2 =/V 2+ V>2

o7%2

This final equation is in a form suitable for the multifunction

' circuit to process. This circuit can be implemented as shown

in the simplified diagram of Figure 9.

. v,2
V1 v. ) !
o— MULTIFUNCTION] Vo -V2

vy CIRCUIT V,

y r———©
| Burr-Brown 4302

V2.

6

—,
v,2

nal 2 25 Vv.
Vo Vy +VQ V,-V2 "2

FIGURE 9. Vector Magnitude Function.

LOG AMP

The multifunction will perform as a log amp with these typ-

ical specifications:

Voltage (4 decades) + 1 mV to +10 mVInput Range:

Current (5 decades) +10 nA to +0.1 mA

Accuracy: +1% of full scale

Accuracy Drift: £0.4%/9C

As mentioned previously, the temperature stability is not

compensated in this mode of operation. If operated in a

10°C band, the accuracy will typically be 5%. The Vz

input and mp output should be used.

BIPOLAR OPERATION

The multifunction circuit can be adapted as shown in Figure

10 to bipolar input operation rather than its normal unipolar

operation,

-10V R Ria ve

R

F, O—wwr— “Vx Fo
4302 mad

oO NN pment Vy .
-10V oR —

R

poven >to
owe

-10V oR

FIGURE 10. Bipolar Operation for Multifunction Circuit.

In that figure,

=] =Jd =1Vz, =4(Ez +10), Vx = % (-Ex +10), Vy = 5 By +10).

1
V,\m (-E, +10) |TMSC eed

-E, +10)

E, =(10-Ey) 10-E, |TM
10-E,

Ey E,, E, can now be any value between +10 V and -10 V.

As an examplé, a four-quadrant multiplier such that Vo =

=z can be implemented. (E, and Ey anywhere between

+10 V and -10V.)

Ey =(10-By)( =="

With Ey grounded and m = 1, we have

By (10- £) (102 Fn) « 100- 10 By - 10E,+ Ey E,

10

B= PzFy 110-y
10

Voz Py=By-10+ Ey +E,
10

This can be implemented by adding an additional op amp

at the output of the circuits shown in Figure 10. This op

amp circuit would simply implement the above equation

(see Figure 11).

R

R/4
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multifunction) “>

E nq :‘o ,
R

-10V Oe V.= E,E,
R o "10

5y¥O—— ww
o-—$$swans1E, $

ft

FIGURE 11. Additional Circuitry of Obtain Four-Quadrent
Multiplier.



MOLD CIRCUIT RESPONSE
WITH A MULTIFUNCTION CONVERTER

For generating nonlinear responses the multifunction

converter excels through its noninteger exponent capa-

bility. When combined with operational amplifiers in a

number of ways, this analog signal processor can develop

an expanded variety of nonlinear transfer functions.

Several of these functions permit correction of the fre-

quently encountered bow and “S” shaped nonlinearities.

Selection of circuit parameters for this application can

- be done with a BASIC program.

Historically, nonlinear transfer responses were created

using piecewise-linear approximation.' Circuits creating
such responses approximated a nonlinear function with

a series of linear segments. Typically, a great number of

such segments were required to make the generated

response accurately fit the desired function.

Later the analog multiplier made possible nonlinear

responses through power series approximation.’ Given

the moderately comprehensible number of exponents

that integer values set for such series, mathematicians

paved the way for this approach. Complexity in elec-

tronic realization remained relatively high, however, as

this approach requires one multiplier per power term in

the series. Intuitively, we can imagine a power series

approximation requiring far fewer terms if noninteger

exponents were used, as access to the infinite set of

numbers between integer values magnifies our degrees of

freedom. This is precisely the power offered by the multi-

function converter—noninteger exponents. While find-

ing such exponents can be intimidating to the mathema-

tician, computers and curve fitting can do the selecting.

Specifically, the multifunction converter is a specialized

multiplier/ divider, like the Burf-Brown Model 4302, and

produces a response of

e=y(Z)

where x, y, and z are input signals, Exponent m can

be set to any number, integer or noninteger, within

a practical range of 0.2 to 5. To generate its transfer

function the multifunction converter relies on the

uniquely predictable exponential current/voltage rela-

tionship of the semiconductor junction. With this rela-

tionship, log and antilog operations are performed as in

Figure 1. By reducing the x, y, and z signals to their

logarithms, multiplication and division are simplified to

addition and subtraction. Also, power and root func-

tions then result from amplification or attenuation of

logarithmic signals, as represented by gain block m.

Antilog reconversion of the resulting combined and

scaled signal completes the multifunction operation to

give product, quotient, and exponent. For various sam-

ple exponents the converter circuit alone produces the

nonlinear curves of Figure 2. Between those shown there

are, of course, innumerable other possibilities ;achievable

with noninteger exponents.

In addition to stand alone operation a multifunction con-

_ verter can be combined with op amp circuitry to expand

12

bm»
Lf

9"
?"

Qn) Qnea layer

FIGURE 1. Introduction of gain m to logarithmic signals in a log/antilog multi- -

plier/divider results in the exponent of the multifunction converter response.

0 10
FIGURE 2. Transfer response curves of the multifunction converter provide

continually increasing slopes for m > 1 (power functions) and continually

decreasing slopes form < 1 (root functions).



the variety of nonlinear responses available. The re-

sponse of the basic circuit can be restructured through

use of summation, feedback, or signal control of expo-

nent. With the circuit of Figure 3a the input signal is

summed with the converter output providing two terms

of a power series approximation. For the element values

shown, response curves like those of Figure 3b are

created. Such downard bowing curves are useful in non-

linearity correction of responses that have an upward
bow. When processed through this circuit, upward and

downward bows tend to cancel, giving a more linear end

result.

o x ear Rs ten =.)
Woe BB4sc2 fo = O5e, + (/4)"

2 Ton

& . .

A, 2040

A, + Be” BlBs + Ba)[one+ Bale Gy)" ]
FIGURE 3a. Summation adds a second term toa response approximation.
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FIGURE 3b. Refined control of nonlinear response results with the circuit of

Figure 3a.

To compensate a downward bow, the complement to

Figure 3b is needed. Making the second term of the

approximation series negative is one way to achieve this,

so subtraction rather than summation is used. Figure 4a

provides this by combining a difference amplifier with

the converter. With the specific circuit scaling shown,
curves can be derived like those of Figure 4b. Note that

the bow becomes so great that some curves represent

double-valued functions.

Another common nonlinearity is “S” shaped; alternately _

deviating to one side and then to the other of a straight

2B

i
FIGURE 4a. Addition of a difference amplifier provides a negative second term

to the response expression.

jel

10 4 acl

aa4q
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FIGURE 4b. With the power term subtracted, a downward bow develops in the

response curves for Figure 4s.

line response. To derive appropriate correction curves,

op amp feedback will be used with the multifunction

converter. When a summing amplifier is connected from

the output to one of the converter inputs as in Figure Sa,

the transfer response has both numerator and denomina-

tor terms that are functions of e. Because of the feed-

back loop, the phase shifts of the converter and op amp

combine to degrade frequency stability. Correcting for

this is added phase compensation in the form of bypass

of the op amp feedback, as this will create a single domi-

nant pole in the loop.

This feedback connection results in response curves like

those of Figure 5b. They exhibit the desired “S” shape

for exponents greater than one and a companding type

response for lower values. These responses provide lin-

earity correction as a signal is processed through the

circuit and encounters the nonlinear gain reflected by the

response curve. ,

Another approach involves summation of a correction

signal with the signal to be compensated. For that pur-

pose a zero-based response, like the dashed line of Fig-

ure 5b, is required so that only the correction signal is

generated. This is accomplished.by rotating the curve
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FIGURE Sa. Feedback eround the converter adds a signal term to the denomi- § a.{¥) .
nator of the response. 10-4 w=02 12 35

A aly)

{e/5)"

1+ (e/8)"
e = 10

a=05

a=02

f \.
7 o a

‘ AL. = 19 UN _ aste,
Sw? 1+ (e/6)°

FIGURE 5b. With the circuit of Figure 5a cither “S” shaped or companding

responses are created.

down to the ¢; axis through subtraction of an ¢; term, as

the dashed curve illustrates for the m = 5 case. A differ-

ence amplifier added to the circuitry will do this.

When the nonlinear response desired is the mirror image

of the above, the “S” shape can be reversed by subtract-

ing the response of Figure 5b from twice the input signal.

The subtraction removes an “S” shape from an otherwise

linear response to create the reverse nonlinearity. In Fig-

ure 6a this is done by combining a subtracting amplifier

with the circuitry of Figure Sa. Sample response curves

are shown in Figure 6b.

In the previous two circuits, an amplifier was connected

in feedback around a multifunction converter. Reversing

these functions, the converter becomes a feedback ele-

ment in Figure 7a. As before, the feedback loop is phase-

compensated with a capacitor across the op amp feed-

back. Now only the denominator of the response is a

0 3 o> oly)

FIGURE 6b. Response curvature for the circuit of Figure 6a is reversed from

that of Figure $b.
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FIGURE 7a. Accepting the signal input, and in the feedback loop of an op emp,

the converter generates o response function with only denominator signal

dependence.

function of e, and the results are the curves of Figure 7b.

Some functions approximated by similar responses are

the cosine function? and the Gaussian response.’ Al-
though offset from the origin, these responses are other- .

wise again the mirror images of those of Figure 5b and

provide the opposite “S” shape for m > 1. It is necessary

to include the offset in generating these curves because
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FIGURE 7b. Offset mirror images of Figure 5b result from the connection of

Figure 62. .

the multifunction converter has only one response quad-

_ rant of operation (¢ = 0, e. = 0). However, with a differ-

ence amplifier that offset can be removed, and if approp-

riate the response can be rotated, as described before.

For the m = 5 case the result of these operations is

plotted with a dashed line.

So far, the applications considered have all used fixed

values for exponents. Even greater versatility is possible

through signal control of the exponent, which can be

seen from Figure 1. This only requires voltage control

over the gain level m. Such gain control is another func-

tion performed by an analog multiplier, which the multi-

function converter becomes with an exponent of one.

Exploring this possibility, the input signal is made to

control the exponent in Figure 7a. Gain control results

from intercepting the logarithmic signal at the exponent

set points and multiplying it with the input signal.

Depending on whether the set points controlled are

those for power or root functions, the exponent will be

proportional to ¢; or its reciprocal resulting in curves like

those of Figure 8b. Numerous other options for voltage

control of exponent exist if alternate signal connections,

summation, and feedback are considered.

woe

we o—o—

Bo = velva/v JO We 19/10
rv0e Oo mser PCTs

v9 re
FIGURE 8a. By virtue of its logarithmic operation, the exponcat of the multi-

function converter is controlicd by a gain level, and that can be made signal

dependent.
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FIGURE 8b. Two possibilities derived with signal-controlied exponents.

Whichever of the preceding nonlinear response circuits is

used, the response must be tailored to the application.

For a specific case, an exponent and the scale factors for

each term of the response equation must be chosen. This

is a manageable task for a computer using iterative tech-

niques to analyze the data. A BASIC program which

performs this task is listed in Figure 9. It will select

parameters for most of the circuits previously discussed

in a manner that minimizes the residual nonlinearity as a

percentage of full scale. Any one of four response equa-

tions can be designated and they are identified below

with their corresponding circuit.

LD. ‘ Response Clreutt

1 = »(2)” Figure1

2 & = a0 + b(2)” FiguresSa and 4a

a mn

3 c _9(3)"_= Figure8a
1+6(2)

; on - 208)"
Oo i+ »(3)" Figure 6a

To use the program, first the type of compensation

response must be chosen. This can generally be done by

reviewing the example response curves presented earlier

and finding a type whose nonlinearity is opposite that to

be corrected. Each of the four equation types handled by

the program passes through the origin. If the response to

be linearized does not, it should first be mathematically

offset so that the data to be analyzed has an output of

zero for zero input. Following program execution, the

offset can be restored by. addition of a constant. Such an

offset is achieved in the actual circuit by summing

appropriate DC voltages with the input and output sig-

nals,
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276

28¢

296°

389

318

328

338

349

358

368

378

388

398

409

419

428
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446

456

4608

478

486

496

#** NONLIN.BAS *** BCT APTER JGG 3-20-84

INPUT “EQUATION NUMBER... (1,2,3 OR 4)";EQN

IP EQN < 1 OR EQN > 4 THEN GOTO 20
YIN(1) = .772 { INPUT DATA FOR ? TYPE
YIN(2) = 1.669 ' THERMOCOUPLE EXAMPLE

YIN(3) = 2.504

YIN(4) | 3.453

YIN(S) = 4.45 °

YIN(6) = 5.49

YIN(7) = 6.568

YIN(8) = 7.681

YIN(9) = 8.827

YIN(18) > 16 { END INPUT OATA

“INPUT “STARTING VALUE FOR B ";BSTART
INPUT “ENDING VALUE FOR B ";BEND

INPUT "STEP SIZE FOR B ";8TP

INPUT “VALUE FOR C ";C

INPUT "GUESS FOR M “;MGUESS

POR J = BSTART TO BEND STEP STP { LOOP TO FIND BEST START FOR B

BeJ

M = MGUESS

PRINT “STARTING ITERATION AT Bo "By
PAC = 1.2 1 INITIALIZE ITERATION PACTOR

GOSUB 598

OLDERR = LSTERR

LSTERR = NEWERR

IF ABS (ABS (SMLERR)-ABS (NEWERR)) < .0601 THEN GOTO: 359

IF ABS(OLDERR) > ABS(NEWERR) THEN GOTO 326

SMLERR = OLDERR

PAC = 1/FAC { REVERSE DIRECTION OP ITERATION

GOTO 338

SMLERR = NEWERR

IP ITERBS = 1 THEN B = PAC * B ELSE M = PAC * M

GOTO 249

CNT = CNT + 1

ITERB 9 9 ! SET TO ITERATE M

IF CNT > 3 THEN ITERB = 1 ! SET TO ITERATE B

TF CNT < 6 THEN GOTO 280

IF PAC > .9997 AND FAC < 1.8883 THEN GOTO 4586

PRINT "“*";

THEN EXIT

PAC = SQR(FAC) § REDUCE ITERATION SIZE

CNT = 1

ITERB = @ ! SET TO ITERATE M
GOTO 248

GOSUB 796

IP J = BSTART THEN GOTO 489 ! PIRST TIME THRU?

IF ABS(NEWERR) >2 ABS(MINERR) THEN GOTO 520

MINERR = NEWERR 1 KEEP RESULTS OF BEST STARTING B VALUE

° BMINST = J

MMIN = M

BMIN.= B

PRINT "BEST ERR=";MINERR;" WITH B STARTING AT"; BMINST

NEXT J

M = MMIN

B = BMIN

GOSUB 599

GOSUB 7998

GOTO 948

NEWERR = 6 1! MAIN CALC. ROUTINE

PS = B*(YIN(18)/C)“M

ON EQN GOSUB 916,9608,928,929

FOR I = 1 TO 16

ON EQN GOSUB 716,730,750,778

yOUT(I) = ¥

DIFF(I) = YOUT(I)-I

IF ABS(NEWERR) > ABS(DIFF(I)) THEN GOTO 690

NEWERR © DIFF(I)

,

ERRLOC = I

NEXT I

RETURN .

Y = B*(YIN(I)/C) “M 1 EQN. TYPE 1
RETURN |

-¥ @ A*YIN(I)4B* (YIN(I) /C) °M ! EQN. TYPE 2
RETURN

Y= (A*(YIN(I)/C) °M) /(1+B*(YIN (I) /C) “M) 1 BON. TYPE 3
RETURN

¥Y s 2*yIN(I)—-(A®(YIN(1I)/C) “M/(1+B* (YIN(I) /C) “M)) 1 EQN. TYPE 4
RETURN

PRINT { OUTPUT ROUTINE
PRINT “A>"3A,"Bo"7B,"Ca"3C,"Ma" 7M

PRINT :

16



828 PRINT " #","INPUT","CALC. OUT", "ERROR"
8390 FOR I> 1 TO 18 .
846 PRINT I,YIN(I) ,YOUT(I) ,DIFF (I);
859 IF I = ERRLOC THEN PRINT " <= MAX ERROR";
868 PRINT

876 NEXT I

886 PRINT

896 RETURN

966 A ® 1=-(PS/YIN(18))} ! "A" POR EQN. TYPE 2

916 RETURN 1 NO “A” REQUIRED POR EQN. TYPE 1

926 A=B*(((FS+1)*YIN(16))/FS) ! “A" FOR EQN. TYPES 3 & 4

. 938 RETURN .

948 END

FIGURE 9. This BASIC program computes the required constants to linearize a

given set of data points in lines 40 through 130. The data shown corresponds to

the example in Figure 10.

The program seeks a solution by iterating both m and b.

using an iteration factor which is gradually reduced as a

‘minima in error is approached. Since the program may

converge on more than one minima, the starting value

for b can be stepped through a range of values. The

starting b value producing the best solution is saved and

repeated in the final pass, and execution halts with the

results. The error indicated in the final display is the

deviation from the desired straight line response.

The program prompts for all required inputs. A starting,

ending, and step value for b is chosen. Parameter c is

chosen by the user in order to ensure accuracy-preserving

larger values in the multifunction converter denomina-

tor. Full scale inputs of 10V lead to greatest accuracy,

making c = 10 an appropriate choice. An initial guess is

supplied for the constant m.

The input voltage data is written into lines 40 through

130 of the program to facilitate easy rerunning. The data

in the listing is for the example given in Figure 10. These

lines should be changed to your input data points after

trying the sample data. Depending on the nature of the

data analyzed, convergence may be smooth and fast, or

perhaps somewhat difficult to achieve. In any event,

some human intervention may be required to select the

best range and step size for b and initial guess for m. A

few runs from different starting points will help verify

that a good solution has been achieved.

As an example, consider the task of linearizing the

response for a type T thermocouple. Shown in Figure 10

is the thermocouple output voltage er for ten equally

spaced temperature increments away from zero. It is

assumed that a preamp would be used to boost this out-

put to e, and that its gain is set for a 10V full scale

output. Examination of the data points reveals a down-

ward bow so linearization can be achieved by processing

the signal through a response having an upward bow,

like that found in Figure 4b. So the appropriate compen-
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sation circuit is of the Figure 4a type, and the parameter
finding program is set for a type 2 equation. Running the

program finds the compensating transfer response to be

1.27

€ = 1.621 ea — 6.214 (*

Residual nonlinearity calculated by the program would

be 12mV or 0.12% of the 10V full scale, as compared to

the initial 5.5% nonlinearity. This reduced level of error

is compatible with the accuracy attainable in practice

with the multifunction converter.

Error (nV)T(°C) = er (mV) en (V)* @o (v)e*

40 1.611 772 1.011 abl

80 3.357 1.609 1968 -2
120 §.227 2.804 2.889 11

160 7,207 3.453 3.988 —12

200 9.286 4.450 4.991 73

240 11.456 §.490 5.088 -2
260 13.707 6,563 7.003 3.

320 16.030 7.681 8.006 6
360 18.420 8.827 9.005 5

400 20.869 10,000 9.998 -4

®g, = 479.267 #999 = 1,621e, — 6.214(e4/10)'2”

FIGURE I0. For a type T thermocouple the program of Figure 9 selects a

linearity correction equation that would provide a 46:1 improvement.
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10MHz ANALOG MULTIPLIER CARRIES OUTPUT AMP,

BREAKS BANDWIDTH BARRIER

A transconductance multiplier chip, the first one fitted with an output

amplifier, alleviates design worries in high-bandwidth communication circuits.

No monolithic solution has ever existed for wideband

analog multiplication. Beyond a IMHz bandwidth, multi-

plier chips usually need external amplifiers and biasing,

and many cannot deliver their promised accuracy and

performance without external trimming components.

Those burdens have largely kept single-chip multipliers

out of communication applications. Mixer circuits, for

example, have instead relied on signal-diode rings, even

though those rings bring their own performance draw-

backs, including poor low-frequency response and narrow

frequency and power ranges.

With the arrival of the MPY634 multipliers, wideband

analog multiplication need no longer be a multichip

affair or imply performance compromises. Along with

its 1OMHz small-signal bandwidth, the four-quadrant

chip has a laser-trimmed DC accuracy of 0.25%, an

adjustable scale factor, and the ability to drive loads

down to 2k!).

In addition, because it has three instead of two differential

input pairs, the chip can divide, square, and find square

roots. Those functions make it, in effect, a multifunction

converter. As a result, adding just a few components

creates any number of analog processors, including a

voltage-controlled filter or a mixer.

The chip unites three voltage-to-current input converters,

a transconductance core, a highly stable voltage reference,

and a high-gain output amplifier (Figure 1). The three

converters can be viewed as differential amplifiers with

an extremely low transconductance, the benefits of

which are a [OMN input impedance and a 20V/ys slew

rate. Moreover, the converters’ input voltages can be

differential or single-ended; in the latter case, the second

input can be used to nullify offsets. ,

HAVING THE DRIVE

The differential outputs of the converters drive. the

transconductance core, which actually performs the mult-

iplication. The output of the core, a differential current,

produces a voltage across a resistive load that feeds a

high-gain, high-bandwidth amplifier. For multiplication,

the output of the amplifier is fed back to converter Z;

other mathematical operations are set up by different

feedback connections.

Like any mathematical circuit, the multiplieris only as
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good as its linearity, accuracy, and stability. Here lin-

earity and accuracy depend on the transconductance

core, and more specifically, on how precisely the base-to-

emitter voltages of its six transistors match. To maximize

linearity, the transistors are diagonally coupled (cross-

coupled) on the die and then laser-trimmed.

Maintaining a constant scale factor over temperature

requires stable bias current in the core. A built-in

bandgap reference keeps the scale factor’s temperature

coefficient within 30ppm/°C over a temperature range of

—55°C to +125°C. Nevertheless, the scale factor can be

adjusted over the range of 10V to 3V by connecting a

resistor from the negative supply to the Scale Factor

Adjust pin.

As with an op amp, the multiplier’s open-loop equation

offers insight into the chip's operation, as well as into its

constraints. The open-loop equation is:

(Xi — X2(¥i — Y2)

SF

where Vour is the output voltage; A is the output

amplifier’s open-loop gain and is assumed to be infinite;

Xn, Yn, and Zw are input voltages; and SF is the scale

factor, which is nominally 10V.

_ Your = A[ — (Zi - Z2)]

For stability, feedback is applied to one or more inputs.
(However, when feedback involves more than one input,

designers must take care that the overall feedback does

not become positive.) Since the gain is always positive,

inputs that receive feedback become dependent on the

output voltage. Thus, the behavior of the circuit can be

predicted by substituting Vout (or its function) for the

appropriate input voltage.

For example, in a basic multiplier with single-ended
inputs and no offset, X2, Y2, and Z2 all equal zero.

Feedback enters directly through the Z: input. Because

converter Z drives the output amplifier’s inverting input,

the feedback is negative and the output voltage is given

by:

Vout = A (Xi Y1/SF _ Vout)

When A approaches infinity the equation gives:

Vout = X1Y1/SF

Applying the feedback through a voltage divider increases

the overall gain. For example, if a 10:1 attenuator makes
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FIGURE 1. The MPY634 multiplier chipis the first to break the IMHz barrier without the external wideband amplifier, making it a

suitable alternative to diode mixers. It combines three voltage-to-current converters, a transconductance core, a voltage reference, and an

output amplifier.

Applying the feedback through a voltage divider increases

the overall gain. For example, if a 10:1 attenuator makes

Z, equal 0.1 Vout, as gain becomes infinite the open-loop

equation becomes:

Vout = 10 X:Y,/SF

To make a divider circuit, single-ended inputs X2, Yi,

and Z are grounded. The feedback is applied to Y2 so

that it is negative for positive values of Xi. However, if

X1is negative, then Y2is grounded and the feedbackiis

applied to Y). In either case, the open-loop equation is:

X Vv.Vour= AL 1) (~Vour)

SF

As gain approaches infinity, Vour becomes Z:/X1SF.

The scope of the multiplier chip becomes apparent in a

highly accurate voltage-controlled filter. Two multiplier

chips, a universal active filter chip, four resistors, and six

bypass capacitors team up to form a second-order filter

with high-pass, low-pass, and bandpass outputs (Figure

2). The multipliers act like linear voltage-controlled

resistors that set the filter's center frequency and thus the

cutoff frequency of the high- and low-pass outputs.

Although the active filter chip allows a compact imple-

mentation for bandwidths up to 200kHz and a Q of up

to 500, the bandwidth can be extended to IMHz by

implementing the filter with discrete op amps instead.

Precision 1% resistors ensure accurate values for the full-

scale center frequency and for Q. Two such resistors,

between each multiplier’s output and the filter chip,

determine the full-scale frequency, which is the center

frequency of the bandpass for a 10V control voltage. In

operation, a control voltage drives both multipliers at

once and must always be greater than OV. If the voltage

_ Zi]

falls to zero or goes negative, the feedback around the

filter chip is lost and the circuit becomes unstable.

With 0.1% resistors, the filter holds its full-scale frequency

to 2% over a 10:1 range of control. Moreover, no

external trimming adjustments are required, unless

accuracy must be raised even further (in which case the

input offsets can be nulled by trimming). The bandpass

and cutoff frequencies drift no more than £50ppm/°C

over ~55°C to +125°C. At a full-scale frequency of

25k Hz, the wideband noise is typically less than 160.V.

The output swing can go as high as 20V p-p, yielding a

dynamic range of 96dB.

Limits on the slew rate of the amplifiers inside the

universal active filter restrict the input amplitude and Q,

First, since the filter’s internal amplifiers handle a maxi-

mum slew rate of 6V/s, the full power bandwidth

- (10Vpk) is 100k Hz compared with the small-signal band-
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width of 200kHz. As a result, the input voltage should be

limited to 20V p-p below 50kHz and 2V p-p between 50

and 100kHz. Above that, the maximum input voltage is

determined by the formula fc/50,000, where fc is the

filter's cutoff frequency. Second, a high Q can make

internal voltages larger than the input swing. Thus the

maximum Q is below 4kHz and fc/ 20,000 above 4kHz.

The high performance of this voltage-controlled oscillator

justifies the use of the multiplier and the universal active

filter. Though a switched-capacitor filter and a voltage-

controlled oscillator represent an easier and less costly

alternative, the arrangement’s 75dB dynamic range and

30kHz upper frequency fall far short of the multiplier-

based configuration. Moreover, the switched-capacitor

approach suffers from clock feedthrough and aliasing,

which dictate additional filtering.
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FIGURE 2. A voltage-controlled second-order filter revolves around two multiplier chips and a UAF2I universal active filter. The
multipliers act as linear voltage-controlled resistors that vary the center and cutoff frequencies of the active filter chip. Bandwidths up to
200kHz and Q values up to 500 can be attained with just a handful of components.

Since this transconductance multiplier needs no external

circuitry to attain its wide bandwidth, it is a particularly

good choice for building low-cost mixer circuits (see

“Strike up the Bandwidth”). Mixers form the heart of

heterodyning, which is used for modulating and demod-

ulating signal amplitude.

A ring-diode circuit, one of the most common types of

mixers, performs well at high frequencies but suffers

numerous limitations. For instance, since the diodes in

the ring must be biased, transformers must be coupled at

the mixer’s input and sometimes at the output. Unfortu-

nately, transformer coupling precludes low-frequency

operation. The low-end frequency of most diode mixers

is limited to several hundred kilohertz, preventing them

from modulating rf signals directly with audio signals.

On the other hand, the transconductance mixer is directly

coupled and thus can modulate audio signals directly

onto an rf carrier. For example, the amplitude of a

10MHz carrier can be modulated simply by applying an

audio signal to the X input of the multiplier chip and

feeding the output of a 10MHz local oscillator to the Y

input.

A ring-diode mixer also requires a resistive impedance,

usually 50, at its input and output ports. A reactive

impedance can severely degrade performance. The trans-

conductance mixer, in contrast, is relatively insensitive

to I/O impedances. At low frequencies, its input imped-

ance is 10MQ. and, at about IMHz, that starts to drop

off, falling to a low of 25k0 at 1OMHz. If required, a
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50M resistor can be shunted across the input to match

impedances. The output is insensitive to load impedances

greater than 2kN and less than 1000pF.

Transconductance mixers exhibit better linearity than

typical double-balanced diode mixers (see the table).

The input voltage to diode mixers is applied directly to

the diode junction, so that the region of linear operation

is small. Any nonlinearity causes harmonic distortion

and feedthrough, which adversely affect almost all speci-

fications. In addition, it generates spurious carriers,

intermodulation distortion, and increased feedthrough.

Within the transconductance mixer, the input voltage is

converted into a current before being applied to the core,

affording a much wider range of linear operation.

One mixing application combines a 1kHz low-pass filter

with a SMHz local oscillator to create a bandpass filter

with an extremely high Q of 5000—normaily an imprac-

tical if not impossible achievement. In a passive network,

reaching that Q would necessitate many poles, which are

difficult and costly to tune. In addition, a typical active

circuit version would require expensive op amps with

high gain-bandwidth products.

The input signal is first multiplied by the local oscillator

and then sent through the low-pass filter (Figure 3).

Since the filter has a 1kHz bandwidth, it passes all

incoming components between the local oscillator fre-

quency and IkHz above it. The filter’s output is then

reconverted into the original frequency by multiplying it

by the local oscillator output. An image frequency is.
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FIGURE 3. In a frequency-mixing circuit, one multiplier chip
converts the input signal into DC, and another translates the DC
signal back into the original frequency. With this technique, a
IkH7 low-pass filter and a 5MHz local oscillator create a bandpass
filter with un effective Q value of 5000 and a SMHz center
frequency.

created when the signal is reconverted. The circuit can

also translate the center frequency of a bandpass filter, a

useful feature when the required filter falls outside of the
commonly available communications frequencies.

_ COMPARING DOUBLE-BALANCED MIXERS

The mixer circuit can also be adopted for phase detectors;
the designer need orily connect a low-pass filter to the-
multiplier chip's output (Figure 4). The configuration
follows the principle that the product of two signals of
equal frequency contains a DC component, and that
component is proportional to the cosine of the angle
between the signals. ;

Sin wt

xX
Low-Pass

Multiplier Filter >——#©

O——eI y (we € 2w) | 1/2 cos (6)

Sin (wt +) |

- ~4/2 cos (2ut)

+1/2 cos @

FIGURE 4. The multiplier chip works in a phase detector. When
two signals of equal frequency are multiplied. the operation
produces a DC component proportional to the cosine of the angle
between them. .

Typical Double-Balanced Multipiter Chip
Specification Diode Mixer DOC to 0.S5MHz 0.5 to 10MHz

Carrier Feedthrough 25dB 60dB 4008
Isolation: RF Input to Local Oscillator 40dB8 60dB 40dB

Local Oscillator to Mixer. 30dB 60dB . 40dB
RF Input to Mixer 25dB 60dB 35dB

Third-Order intermodulation Intercept 1V rms SOV rms 2V rms

Frequency Range Several kHz to several GHz* DC to 10MHz . DC to 10MHz

*The frequency range for any one mixer is usually about three decades.
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STRIKE UP THE BANDWIOTH

The limited bandwidth of transconductance multipliers

is customarily attributed to the output amplifier.

Though the bandwidth of the MPY634 multiplier chip

can be kept to SOMHz by the core transistors, the

output amplifier slashes that figure to IMHz. The

drop is caused by interaction between the core's

output resistance and the large Miller capacitance at

the amplifier’s input, creating a pole at about IMHz.

Designers have usually compensated for that inter-

action by making the output amplifier's —3dB cutoff

frequency occur at or before the pole. However, the

new chip shifts out that pole in frequency, so that the

gain can be sustained far beyond IMHz. Keeping the

gain constant, however, mandates an unchanging ratio

of transconductances in the output and input amplifier

stages. To keep the ratio constant over a wide band,

the input stage’s transconductance, Gmix, must decrease

at the same rate that the output transconductance,

Gmout, does for increasing frequency.

The gain of each input amplifier is the ratio of its load

impedance to the transconductance of the input ampli-

fier stage (see the figure). Also, the overall transcon-

ductance of the output stage is the output resistance of

the core plus the input capacitance and transconduc-

tance of the output amplifier. This lumped value looks

like a direct load to voltage-to-current converter Z and

to the core. Since the core is transparent to converters

X and Y, they see Gmot as the direct load. Moreover,

because Gmour represents the load impedance for all

the converters, the wideband gain is Gmoutr/Gminx.

For Gmout/Gmix to remain constant over a broad

frequency range, the RC time constants of both trans-

conductances must be within 100% of each other.

Fortunately, with worst-case process and temperature

variations, the match between the RC time constants

can be held to within 20%.

In this multiplier chip, a reactive element of the input

stage keeps the transconductance ratio constant. The

element, a small nitride capacitor, parallels the norm-

ally high resistance Gmin. In fact, this purely resistive

transconductance causes Gmour to limit the bandwidth

in the first place.

. The resistive portions coniprise thin-film resistors that

can be matched to within 1%. The capacitive portion

of Gmourt depends mainly on the quiescent current of

the output amplifier’s differential inputs. That current

is laser-trimmed to a known value. Consequently, only

the absolute tolerance of the added nitride capacitor

determines the match between the capacitive portions

of Gmout and Gms.

- —
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The substance of this application note appeared in article

form in the January 9, [986 issue of Electronic Design.
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CURRENT TRANSMITTER IC

CATERS TO HIGH-LEVEL SIGNALS AND TIGHT BUDGETS

When process control signals must travel far, a transmitter chip steps
- in, supplying the drive while alleviating cost and space worries.

In the past, designers of process-control systems have

had to opt for either bulky modules or “home-brewed”

circuits to transmit current to run remote actuators from

high-level control signals over long distances. Unfortun-

ately, modules add expense, and in-house circuitry not

only sacrifices valuable board space but also gobbles up

costly resistors having low temperature coefficients.

Integrated circuits present a new option. For example, in

the industry-standard 4 to 20mA range, the XTRIIO

current transmitter can convert 0-5V or 0-10V inputs

into a current output with an end-point accuracy of 0.2%

and an overall nonlinearity of below 0.005%. This 16-pin

DIP circuit operates with one inexpensive external trans-

istor and incorporates an accurate I0V reference.

The characteristics of the transmitter chip suit it not only

to process-control systems but to other demanding appli-

cations as well. For instance, when teamed with the

transmitter chip, a test system can receive current signals

from remote equipment over a pair of wires while

maintaining an integrity of 12 bits. Indeed, the current

signals can travel to a series of test stations in daisy-

chain fashion, picking up only minimal, easily filtered

noise along the way.

Other system designs may benefit from the fact that

current-mode signals, unlike their voltage counterparts,

need not return.to a single ground; instead, they can

terminate in a dirty ground (see “The Care and Feeding

of Current Transmitters”, page 5). Finally, bridge net-

works, in which a transducer serves as one arm, behave
in a linear fashion if driven by current, but in a nonlinear

manner if driven by voltage.

The current transmitter contains three basic functional

blocks: a 10V bandgap reference and two operational
amplifiers (Figure 1). The first op amp, Ai, drives an

internal NPN transistor whose emitter is fed back into

the op amp's inverting input. That unity-gain configura-

tion makes the emitter's voltage match the voltage

appearing at Ai’s noninverting input—a value repre-

senting the summation of the three inputs Vrar In, Vini,

and Vinz.

A resistor from the emitter to ground sets the collector

current of the NPN transistor, based on the expression:

Ic = (Vrer In/16 + Vini/4 + Vin2/2) / Rspan

Here Ic is the collector current, and Rspan is a resistance

connected from the Span Adjust pin to ground. The

equation ignores base-current error, since the actual

circuit uses a compound Darlington arrangement instead

of the NPN transistor, thus nearly eliminating tthe effects

of base current.

The second op amp, Ao, takes the collector current of the
NPN transistor and mirrors it with a gain of 10. Then a

5002 resistor converts that current into a voltage at the |

amplifier’s noninverting input. The output of this op

amp drives the gate of an external P-channel power

MOSFET, whose sourceis connected to the inverting
’ input and to a 50M resistor. That setup resembles the
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unity-gain configuration of Ai, except that it uses the

positive supply instead of ground as a reference.

The MOSFET, which can be considered the output

device of A2, keeps the power dissipation away from the

chip, and thus preserves its linearity and endpoint per-

formance. Az maintains an equal voltage across the 500

resistor. Moreover, the 10:1 ratio of the resistors creates a

drain current through the MOSFET that is ten times the

collector current of the NPN transistor. With that drain

current being the output variable, Iour, the system

transfer functionis the desired Iour= 10 Ic.

The 10V reference within the current transmitter supplies

the internal bias for the chip. However, it can also be

used to offset the output current or to perform other

reference chores with its extensive drive capability.

To establish the reference, the Vaer Force pin must be

shorted to the Vrer Sense pin, thereby closing a feedback

loop for the internal voltage regulator. If a system’

demands more than the reference’s rated 10mA output,

an external current-boosting NPN transistor can be

used, with its collector connected to the positive supply,

its base to Vrer Force, and its emitter (that is, its output)

to Vrer Sense.

THE HEAT IS ON

Although the 4 to 20mA output of the current transmitter

is not excessive, it can lead to a phenomenon known as

resistor self-heating under measurement conditions. Since

a resistor has a finite thermal resistance, the load resistor
can be affected by its own heat. Its temperature coefficient
forces the resistor’s value to change: the higher the TC,

the heavier the toll on transfer accuracy and linearity.
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FIGURE 1. The XTRI0 current transmitter contains three main functional blocks: a 10V reference circuit and two operational amplifiers.
The extra transistor, which keeps power dissipation away from the chip, is the only external component needed for basic operation.

Take, for example, a typical 0.25W, 2500 load resistor ~

that has a thermal resistance of 320°C/W and a temper-

ature coefficient of 50ppm/°C. As current varies from

4mA to 20mA, the resistor’s value deviates by 0.15%. (In

the calculation, the power difference between the two

current levels multiplied by the thermal resistance is the

change in the resistor’s temperature. That change is

factored with the temperature coefficient to produce the

change in resistance.)

Even a change in resistance of just 0.15% could make a

significant dent in the error budget for the system. So

designers obviously should worry about more than the

end-point change. Since the calculation of change in
resistance depends on a current-squared term, the entire

circuit departs from linear performance. In fact, change

in resistance, considered as a function of current at

values intermediate to the end points, reveals a curved

transfer function that illustrates the nonlinearity error

contributed solely by the resistor (Figure 2).

Thermal resistance contributes most to the error. To

surmount that limitation, resistors with higher power

ratings can be used, or the power can be spread over

more resistors. Placing four 1kQ resistors in parallel, for

example, produces one-fourth the thermal resistance of a

2502 resistor. Resistors with a temperature coefficient of

10ppm/°C or less—such as wire-wound and thin-film

types—also improve the measured current transmission

performance.

To accommodate some pressure transducers, an external

20N source resistor and a jumper wire can select a

second output range—l0mA to 50mA—for the current

- transmitter (point A in Figure 3). The circuit should be

carefully laid out with the Source Sense feedback connec-

tion made as close to the external resistor as practical,

thereby minimizing series parasitic resistance from the
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FIGURE 2. Resistor self-heating introduces a current-squared

term into the error calculations for the current loop. As a result,

the current transmitter could exhibit nonlinear behavior. Improved

design practices, such as spreading the power across a parallel

combination of larger resistors, can reduce this effect.

metal pattern on the printed circuit board. Although the

metal traces exhibit little resistance, they can have a high

temperature coefficient and consequently can influence

span drift.

THE CLOSER YOU GET

Similarly, the supply side of the source resistor should be

connected as close as possible to the +Vcc pin of the

current transmitter. The user can compensate for varia-

tions in the 200 resistor by trimming at the Span Adjust

pin. Any parasitic resistance from the Source Sense pin

to the MOSFET's source is outside the feedback loop

and thus can be ignored. As a result, the transistor can

be positioned in areas suitable for heat-sinking without

affecting system performance.
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FIGURE 3. An external 200 resistor and a jumper (point A) can

select a second output range of 10 to SGmA for the current

transmitter.

If system design requirements can stand a slight-drop in

’ end-point accuracy and linearity, a garden-variety bipolar

PNP transistor can replace the more expensive power

MOSFETs. For instance, a TN2905 in a TO-92 package

performs adequately, suffering only slight degradation in

supply rejection and linearity.

The shift in the offset current can be calculated by

dividing the nominal value (4mA) by the transistor’s

beta. For a beta of 250, the offset changes by 162A, or

0.10% of the desired 4 to 20mA span. Of course,

variations in beta also shift the span itself. Just how

much can be found by dividing the nominal span (I6mA)

by beta—yielding a changein span of 64uA, or 0.40% of

the nominal value.

An external resistor, Reap, can augment the internal 500

source-sensing resistor to correct the transistor’s base-

current loss (Figure 4). A 20kN trimming potentiometer

or a carbon resistor suffices. Drawing on the fractional

change in the current span (ASpan/Span) described

above, the correction could be calculated as:

Reap = 50 (Beta + 1)

- These calculations assume that the transistor’s current
gain is fixed. But in practice, the beta varies as the

transistor dissipates power and its junction temperature

rises. The temperature change can be figured if the

transistor’s thermal resistance is known.

The transmitter chip runs from a 24V supply, and the

current varies from 4 to 20mA. Because the transistor is

in series with the 502 source resistor and the 250M load

resistor, minimum and maximum power can be estab-

lished at 91.2mW and 360.0mW, respectively. The thermal

resistance, 200°C/W, elevates the junction temperature

by 53.8°C,
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The beta of a transistor has a typical temperature

coefficient of 5000ppm/°C. By calculating the shift in

span, beta becomes 317 and the shift, 50uA, or 0.31%.

Note that the span shifts by almost 0.10% less than first

determined but still could trouble an unsuspecting

designer.

Here too, power does not vary linearly with current,

because the resistive portion contributes a current-squared

term. Although nonlinearity for this particular case

degrades only 0.01% across the entire transfer curve, the

design still must accommodate that additional deviation.

Different transistors, of course, will produce different

results.

Heat-sinking minimizes the effect of temperature on beta
and allows the current transmitter to reach optimum

performance. System designers also should remember

that thermal effects become evident over a period of

milliseconds rather than instantaneously.

Valve drivers and certain other actuators require that the

current must not only be accurate but bipolar as well.

_The current transmitter—teamed with an external quad

op amp, two power MOSFETs, a small-signal transistor,

and a handful of resistors—can act as a current pump to

meet this requirement (Figure 5). Basically, the trans-

mitter chip serves as a variable current source in parallel

with a fixed current sink, which is itself biased at half the

full-scale source current and thus provides a constant

offset.

In this pump circuit, a transconductance amplifier (Aa,

Q;, Rs, and Rs) translates the +10V reference input into

a current. In turn, that current drives a current-mirror

multiplier (Az, Q2, R2, and Rs) which works as the

current sink. In addition, As, Rs, and Rio can be used to

adjust offset by forcing the current transmitter to source
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FIGURE 4. A fixed resistor or 20k0 trimming potentiometer,

Reap, corrects for variations in beta when a less costly PNP

transistor is used instead of a MOSFET at the output of the

current transmitter. . ;



= . 9 +15V
<
E 9 .3 | 5 +10 L +10V Lw-}—_—o $2490

~200 Ve Wy) he Reference 3
v4 LM324 = —?Vine ( ) I . | °,

7 = 0 +— (1R9573)

$ $ —O
vv "Re Way

“Rio 15kN } +
1k _ 3 3 =

Offset + $
Adjustment |. As XTAN0 ae O $A,

= (W4LM324) 8a, 8 As Current Me 49.9k0
$ 2MQ $ 20kN =) Transmitter hd Span
) = Adjustment

a, wT 31.60 100kN f°
(IRFF9113) a ~

(1/4 LM324) = . avs Ln1324)
> 4 anzis)

r—<?
3 Ra
> 2kn Re

-15V 3 4.98kQ

FIGURE 5S. Alterations to the support circuitry to the current transmitter allow it to accommodate actuators that require a bipolar current.

Resistors Ri and R2 feature low temperature coefficients and dissipate just 0.2W continuously; Re and Rio, two 10-turn potentiometers,

afford great sensitivity.

some constant current from Q,. Resistor Rs in the

transconductance amplifier should be selected to set the

current sink a bit high in anticipation of the adjusted

offset current sourced by Th. If required, high-impedance

buffer As can be configured for gain.

The circuit includes both offset and span adjustment

circuitry to compensate for the 1% tolerance of the

resistors and the inherent offsets of the op amps. Span

adjustment resistors Re, R7, and Rs keep the span

unchanged when the trim potentiometer is set at midscale.

The circuit can be modified if the desired transfer

function has bipolar inputs of —5V to +5V. In that case,

a divider circuit can be connected to the +10V reference

to generate a +2.5V tap. Acs can serve as a buffer off the

tap, and its output can be connected to Vin2 instead of

to Vins, which now accepts the input.

A POINT OF REFERENCE

The chip’s +10V reference can also be used to calibrate

data acquisition systems, sourcing 10mA over the speci-

fied temperature range. If more current is needed, Vrer

Source and Vrer Sense allow a discrete NPN transistor

to be connected for boosting the current.

However, a voltage reference need not be the only

standard value used for biasing data acquisition systems.

Frequently current can be applied just as easily for the

system reference.

Many data acquisition units are built around a current-

sinking servo loop (Figure 6). A control amplifier con-

verts the voltage across the input resistor into a current,

which is mirrored by the other transistors. The bases of
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those devices are connected to the amplifier’s output.

The collector currents of the transistors follow the ratio

of their emitter areas and emitter resistors with respect to

the control transistor and its resistor.

To Output Current Switches

4tm 2hn

Vazr in

Control

Transistor bad ” ad

FIGURE 6. The current transmitter can supply a reference current

for D/A converters that work on the principle of current replication

and multiplication. The current flowing through the transistors

depends on a ratio of emitter areas and emitter resistors.

Following that setup, a digital-to-analog converter would

work on the principle of current replication and multi-

plication. In certain applications, as in driving CRT

yokes, the absolute value of the D/A converter’s output

current is important. To drive a pair of 12-bit converters

(Figure 7), the current transmitter’s output connects to

the slider of a balance trim potentiometer, ensuring that

each converter has the same full-scale output current. If

‘more than two converters must be scaled, the same

principle can be extended by applying resistor current

dividers to the paralleled converter reference inputs.
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FIGURE 7. To drive a pair of 12-bit D/A converters, the current transmitter feeds its output through a 2kN potentiometer, which

equalizes the two full-scale output currents.

Small variations in the current transmitter’s output

permit gain to be adjusted accurately, and large variations

can be used for digital multiplication. If a system calls

only for the converters’ full-scale outputs to be set, a

single potentiometer can adjust the current transmitter’s

output current. The potentiometer should be connected

between the +10V reference and ground, with its slider

to the Vrer In pin.

THE CARE AND FEEDING OF CURRENT

TRANSMITTERS

Getting the most out of the XTRIIO current trans-

mitter is as simple as following a few basic rules.

First and foremost, designers should pay close atten-

tion to the way that output current affects system

ground, since the flow of current can madulate

individual circuit grounds.

A floating ground may be of no consequence if all

the signals of interest are relative to local ground.

For example, if the signal from a resistance-temp-

erature detector or a thermocouple is amplified at

‘the same site as the current transmitter, no confusion

exists over the integrity of the ground. On the other

hand, if a host controller drives the current trans-

mitter from many feet away, the designer must

consider errors induced by the drop in ground. Any

path that current takes from one point to another

should have a return path as .well; otherwise the

transmitter chip could not draw current from the

MOSFET, and novoltage would develop across the

load resistor. Although that cautionary measure’
may seem self-evident, designers sometimes inad-

vertently overlook the return path if the load resistor

already terminates in a local-ground. In any case, the

ground for the receiving circuitry should be con-

nected—directly or indirectly—to the current trans-

mitter’s ground.

The voltage at the output of the current transmitter

(that is, the drain of the MOSFET) is not critical.

For example, the current could return to a negative

supply without affecting the circuit’s linearity or

accuracy. The positive compliance voltage must be

2V lower than the current transmitter’s positive

supply, plus the IR drop from the drain-to-source

on-resistance of the MOSFET. The breakdown

voltage of the MOSFET determines the negative
compliance voltage.
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TWO-WIRE TRANSMITTER PROMOTES
PAINLESS PROCESS CONTROL

Faced with low signal amplitudes and high electrical noise, control and
data acquisition system designers need all the help they can get.

Lending a hand is a small monolithic that resists noise and reduces cost.

Pity the process-contro! designer: he is charged with

delivering miniscule signals reliably through hostile envi-

ronments over long distances, and as always, he is asked

to doit as simply and as cheaply as possible. Fortunately,

these demands, though not trivial, can be met.

A crucial link in the chain of components that forms the

solution is the signal transmitter. It influences the

number of transmission lines, the transmission type, and

ultimately, the system's overall noise immunity.

Among the better choices for this part is a current-mode

two-wire signal transmitter that, as its name implies,

connects the ends of a transmission system with a single

pair of twisted wires. Both signal and power travel

together, avoiding exotic, expensive transmission cable

(see “The Transmission System Choices").

What's more, a recent two-wire transmitter implemented

as a monolithic circuit represents a breakthrough in

performance. The XTRIOI gives designers a small,

inexpensive signal conditioner that converts low level

signals into a standard 4mA to 20mA output. Not only

does it amplify small signals, but it also provides excita-

tion for strain-gauge bridges, RTDs (resistance tempera-

ture detectors), and thermistors. And it does so with

12-bit accuracy between —40°C and +85°C, with loop

voltages of 11.6VDC to 40VDC. The package is small

enough (0.7” by 0.3” by 0.15”) to fit inside many trans-

ducer packages.

Placing the XTRIO! near the sensor reduces errors in a

hostile electrical environment and also minimizes the

need for expensive shielded sensor wire.

Finally, because a current level instead of a voltage level

is used, the transmitted signal is unaffected by noise

voltages or contact potentials. Current-mode transmis-

sion also eliminates crosstalk even when wires are

bundled together, and high-signal-level transmission

means inexpensive unshielded copper wire can be used.

Also, by transmitting current instead of a voltage, the

voltage drops caused by line resistance do not cause

measurement errors. The 4mA minimum current, which

is necessary to supply power to the XTR10I and power the

two excitation !mA current sources, has the added

benefit that a broken line (OmA) can be distinguished
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from the minimum input signal of 4mA. Even current-

induced errors are suppressed by using the simple

twisted-wire pair.

In operation, amplifiers A; and Az act together as an

instrumentation amplifier controlling a current source,

A; and Q: (see Figure |). An internal feedback loop,

completed by an external resistor, sets the operating

point. Input voltage e1, applied to pin 3, appears at pin 5;

and e2, applied to pin4, appears at pin 6. Thus the current

in the spanning resistor, Rs, is Is = (€2-€1)/ Rs = ein/ Rs,

where ej, is the input voltage differential. This current is

added to internal current 13; and the sum, I), controls h,

which is set to be 19.times greater.

In a 4mA to 20mA current loop, the output current’s

lower limit of 4mA occurs when ei= e2 — e; = OV. The

components of the 4mA current are a 2mA quiescent

current driving into pin 7 and 2mA drawn from both of

the current sources.

The upper limit of the output current, 20mA, is set by

properly selecting Rs, based on the upper limit of e. In

this case, Rs is chosen to give a 16mA output current

span, or [(0.016mA/mV) + (40/Rs)] ein(full scale) =

16mA. Also, since the output current, Iou is unipolar, e2

must always be larger than e;; and to keep Inu. at 20mA

or less, ein must be less than 1V when Rs = &f and

proportionately less as Rs is reduced.

The majority of the 16mA current can be off-loaded to

an external transistor as shown in Figure 1. In this way

the self-heating of the XTRIOI is dramatically reduced

for a factor of 25 less self-induced thermal drift.

One purpose of the XTR10I’s self-contained dua! current

sources is to simplify temperature measurements. Con-

sider one application in which a platinum RTD with a

resistance of 100M at 0°C and 200N at 266°C is needed to

transmit 4mA at 25°C and 20mA at 150°C (Figure 2).

Here the RTD is excited with one of the 1mA current

sources, while the other source is used for zero sup-

pression, an input biasing technique.

USING THE CURRENT SOURCES

To start, feedback resistor Rs is picked so that the

intended temperature span produces a full scale current

’
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FIGURE 1..A two-wire transmitter in hybrid IC form, the XTR10) modulates the power supply current with changes in the input voltage, eis (at pins 3 and 4).

In addition, the circuit contains two ImA current sources for powering transducers.

swing. First, the sensitivity of the RTD, A/RAT, is

defined as 1009/266°C. Thus, when excited witha |!mA

current source and exposed to-a.25°C to 150°C temper-

ature range, the span of ¢i,, will be

ImA X (1001./266°C) X 125°C = 47mV

FIGURE. 2. In applying the XTRIOIin a temperature-measuring circuit,

the operating point is fixed by the span resistance, Rs, a zero-suppression

voltage across R., an input biasing voltage across R2, and of course the

resistance of the RTD.

The equation for Rs is obtained by differentiating the

transfer function to obtain the change in the load current,

I,, divided by the changein ej.; in other words Alt/ Aeis,

and then solving for Rs. Thatis:
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(Alou / Agia) - (0.16mA/ mV)

CHOOSING THE RESISTOR VALUES

With Alou= 16mA and ein= 47mV, Rs is 123.32. This.

value of Rs sets the instrumentation amplifier’s gain so

that an RTD full scale input voltage change of 47mV

produces a full scale output current change of !6mA.

Next, R« is chosen to place the !6mA output span

between 4mA and 20mA. For this case, whenein=0,10=

4mA. Analysis of the loop voltage from pin 4 to pin 3

yields €in= Vr-Va. Thus, when ein= 0, Va= Vz, and Vris

given by

Vrs = ImA X E +( 1000 ad
266°C

= 109.4mV

Since Ra is excited by the second ImA current source,

R, = 109.4mV/IlmA

= 109.40

In applying the XTRI1OI, it is both convenient and helpful

to think of it is a single-supply instrumentation amplifier

Rs=



where pin 7 is ground and pin 8 is Vcc. As with any

single-supply amplifier, the input voltages must be biased

with a common-mode voltage to keep the input transis-

tors operating linearly. In the case of the XTRIOI, biasing

‘requires that pins 3 and 4 be kept between 4V and 6V

above pin 7. That is done by having both current sources

flow through a resistor, R2, located between pin7 and the

inputs. Making R2 = 2.5kN produces a 5V drop. The

input voltages, with respect to pin 7, are then

e: = 5V + 0.1094V

e2 (min) = 5V + 0.1094V (occurs at 25°C)

ez (max) = 5V + 0,1564V (occurs at 150°C)

Thus the 4V to 6V requirement is met.

- If it is necessary to place the RTDa significant distance

from the transmitter, measurement errors due to the

resistance of the cable connecting the RTD to the

transmitter can result. In such a case, the dual current

sources of the XTRIOI and a three-wire RTD connection

correct the problem (see Figure 3). Here, if R: = R2

(meaning identical wire lengths), and 1, = Iz, equal and

Opposite voltages (V: and V2) are produced in series with

the RTD voltage, canceling the.line resistance error.

Ry

+ it
"@ &
, ~Vo+ Ae

FIGURE 3. When a long tine is needed to connect the RTD to the

transmitter, errors that might be introduced by line length are reduced by

using this three-wire connection to the transmitter. Here, line drops V; and

V: cancel out, since they produce equal voltages on both sides of the RTD.

THERMOCOUPLE SIGNAL CONDITIONING

The XTRIOI is well suited for thermocouples, the most

popular temperature sensors. Its temperature range of

—40°C to +85°C means that it can be placed close to the

thermocouple, reducing the need for expensive thermo-

couple extension wire, as noted. With the dual current

references, the function of thermocouple compensation,

burnout indication, and zero suppression and elevation

all are easily accomplished.

A typical thermocouple application might involve a

process temperature range of 0°C to 1000°C. A type J

thermocouple produces a voltage span of 58mV for that

temperature range and the thermocouple's sensitivity is

$2 V/°C at 25°C from standard thermocouple tables. To

find Rs, the span-setting, or gain-setting, resistor, recall]

that

= 40

(AlL/ Aein) - (0.016mA/mvV)
Rs
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Since I: should span !6mA (4mA to 20mA) when ein

changes 58mV (for a 0°C to 1000°C temperature range),

Rs is calculated to be 123.30.

COLD JUNCTION COMPENSATION

Remember, thermocouples produce a voltage propor-

tional to the difference in temperature between two

junctions. In the example just discussed, one junction is

at the process itself and the other at the reference point,

where the thermocouple wire is connected to the signal

transmitter. To produce an input voltage to the XTRIOI

that is proportional to the process temperature, it is

necessary to create a voltage proportional to the temper-

ature of the reference junction, whatever that may be.

This technique of establishing a reference is called cold

junction compensation.

A practical way to compensate the thermocouple circuit

is to create a known voltage in the thermocouple loop

that tracks the temperature of the reference junction.

Two common methods are with semiconductor diodes

and with RTDs. When the former is chosen (see Figure:

4), the loop that forms e, runs from pin 3 to pin 4 and so

Cian = VactVu-Ve

where Vrc is the temperature-compensating voltage; Vs

is created from the diode voltage, Vp, which itself is a

function of the diode temperature; and V, is in series

with Vrc. A voltage divider consisting of Rs and Rs

scales the diode voltage properly and places it in series

with the thermocouple voltage loop.

To accomplish that task, the voltage divider must meet

two criteria. First, it must make the gradient AVe/AT

the same as the gradient of the thermocouple voltage

(52pV/°C at 25°C—obtained from standard thermo-

couple tables). Second, the impedance level of the

divider must be much larger than the diode impedance

to prevent loading of the diode voltage.

For the first criterion,

AVic/ AT = AVs/ AT

= AVp/ AT [Re/(Rs + Rs)]

52nV/°C = 2000nV/°C [Reo/(Rs + Re}

For the second criterion, Rs is chosen as 2k/N and solving

the last equation yields a value of 51 for Rs.

The purpose of Vs is to set the process temperature

corresponding to 4mA of output current, that is, to

determine which Vic will produce an ein of 0. For

convenience, V4 = Ra X ImA. Also, when the reference

junction is at 25°C and the process temperature is at 0°C,

ein Should be 0.

Transposing the terms of the equation for ein gives

Va = Cin - Vic + Vos

so that with T2 = 25°C, Ve = 600mV X (51/2051) =

14.9mV. Also when Trc = 0°C, Vic = -1.28mV (from the

thermocouple tables). Then when ein = 0, (4mA out), Vs

= 16.18mV and with a ImA current R, is calculated to be

16.18. What's more, varying Rs achieves zero suppres-

sion and elevation as needed, with no interaction between

zero and span adjustments. ,
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FIGURE 4. The thermocouple, a popular device for sensing temperature, needs cold-junction compensation to generate an absolute output. A reference
diode, Vp, tracks the ambient temperature to perform the compensation.

Thermocouples are frequently used in very hostile envi-

ronments such as hot, corrosive atmospheres, where they

often burn out. A convenient way to determine when

burnout occurs is to force the two-wire transmitter

current beyond its normal range and detect an abnormal

- condition using a limit or level detector.

DETECTING BURNOUT

With the XTRIOI, forcing the output above or below its

range is done with the input bias currents and hence

requires no extra components. When the thermocouple

burns out, it opens and its impedance becomes very large.

The input bias current flowing into the positive input (pin

4) causes I. to go to the value of its lower range limit,

about 3.8mA. If instead an up-scale indication is needed,

a circuit can. be built so that when the thermocouple

. opens, the transmitter’s output goes to its upper range

limit, about 38mA (see Figure 5).

BRIDGE TRANSDUCERS, TOO

One of the most popular uses of two-wire transmitters is

in bridge circuits. These circuits include transducers for
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FIGURE 5. Potential burnout must be monitored in thermocouples, especially when they are used in hostile environments. Here when the thermocouple

opens (burns out), the transmitter’s output goes to its maximum, 38mA, indicating the problem.
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measuring pressure, load cells for measuring force and

weight, and strain gauges for measuring vibration and
acceleration. However, 4mA to 20mA two-wire trans-
Mitters impose some special constraints on the selection

_ of a bridge. Because only 4mA is available to power the
transmitter and the bridge sensor, the current available
for bridge excitation is often too low for some types of
bridges. For example, a 350M thin-film strain-gauge
bridge, which, when excited with 10V, produces a full
scale signal of 30mV and draws 28.6mA, would produce
only 2.1mV full scale if it were excited witha 2mA current
source.

Because of this limitation, diffused semiconductor strain
gauges are most often used with 4mA to 20mA trans-

mitters. Such units typically produce a 100mV full scale
output when excited with only a 1.5mA current source.

THE TRANSMISSION SYSTEM CHOICES

What are a designer's signal conditioning options? First,
there is the brute force technique (see Figure 6A), which
has serious disadvantages. For instance, three wires are
needed to minimize the effect of line resistance. Also, the
signals are transmitted using a voltage mode and are
therefore susceptible to voltage noise pickup. Worse,
‘because the voltages are usually very small, good shielding
is needed, and even that may not prevent noise.

A second scheme places the amplification at the trans-
ducer (see Figure 6B). The advantage here is that the
voltage levels are higher—typically 10V full scale. How-
ever, now four wires are needed—two for the signal and
two for power—and some shielding is still necessary.
Moreover, since the line resistance and the input resis-
tance of the control instrument form a voltage divider,
the impedance of the controlinstrument must be high to
avoid signal attenuation and higher line impedance
resultsin greater noise pickup.

Finally, there is the two-wire transmitter (see Figure 6C).
‘Only two wires are needed because the power and output
signal are carried on the same leads. Furthermore, by

using current-mode transmission, shielded wire is unnec-

essary. A simple twisted pair of copper wires is sufficient,

and since current is being measured instead of voltage,
the line resistance does not affect accuracy.

A TWO-WIRE TRANSMITTER IN IC FORM

The XTRIOI is a 4mA to 20mA two-wire transmitter
IC containing a highly accurate instrumentation ampli-

fier, a voltage-controlled output current source, and
dual-matched precision current references. These features

suit it for remote signal conditioning of a wide variety of
transducers such as thermocouples, RTDs (resistance

temperature detectors), thermistors, and strain-gauge

bridges.
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FIGURE 6. Transmission System Choices.

With the two-wire transmitter, signal and power are
supplied on a single-wire pair by modulating the power-
supply current with the input signal source. The trans-
mitter is immune to voltage drops from long transmission
lines, as well as to noise from motors, relays, actuators,
and other industrial equipment.

The input stage of the XTRIOI is essentially a high

performance instrumentation amplifier. Its features
include:

High input impedance............... bbeeeeeenees 400M
Low offset voltage .................008. 30uV maximum
Low offset voltage drift............... ‘beneees 0.75pV/°C

High common-mode rejection..... .---. 90dB minimum
Low nonlinearity 0.01% maximumPoem ere seeeesseneeees

Reprinted with permission from Electronic Design, September 16, 1982,
© Hayden Publishing Co., Inc., 1982.



‘GETTING TRANSDUCERS TO “TALK”
TO DIGITAL COMPUTERS

x

Digital computers can’t interpret transducer signals without help

from data converters. Here’s how these system components are interfaced.

Transducers and computers don’t speak the same

language. So a data converter must translate the analog

signal from a transducer into a digital signal. To apply

‘ data conversion, you must look at not only the type of

data converter and its specifications, but also the type of

transducer, the converter support circuitry and the

method of interfacing the converter to your computer.

TAKE A LOOK AT THE TRANSDUCER
Temperature, pressure, flow, level, position and other

physical parameters must be translated before they can

be handled digitally. The electrical signals produced can

range from small to large voltages or currents.

Fortunately, the electrical signals produced by most

transducers fall into three major categories: high level

voltage, low level voltage and current. High level voltages

generally range from zero to several volts, typically not

more than 10. Low level voltages range from zero toa few

tens of millivolts. Most current transducers use the’

‘following ranges: 0-20mA, 4-20mA or 10-50mA.

It’s possible to design an analog interface to match all

these levels in one system, but it’s unnecessary - especially

for microcomputers. Typically, a microcomputer system

is responsible only for a few similar types of transducers.

The microcomputer system may interface to a larger

central computer that monitors a number of

microcomputer loops, but the analog interface is needed

only at the microcomputer level.

The types and number of tranducers interfacing to the

microcomputer will dictate the analog interface needed.

Take, for example, a microcomputer system that

monitors and controls a combustion boiler (Figure 1).

Inputs come from flame temperature sensors, effluent gas

analyzers and fuel flowmeters. Computer outputs control

fuel and oxygen, and also drive a small strip chart

recorder to record the burner’s operation.

The input transducer in this case produces low level

voltage outputs. Before the signals can be processed, they —

must be converted by an analog-to-digital (A/D)
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converter. Since there is more than one input, multiple

A/Ds must be used or all inputs must go through a

multiplexer switch into one A/D converter. Presently,

the least expensive and most accepted method is to

multiplex several inputs into one A/D converter. Since .

converters require inputs of several volts, a differential .

instrumentation amplifier must amplify the low level

signals.

Digital output signals from the computer are converted

by a D/A (digital-to-analog) converter. The computer

output then becomes a control signal. Electrically

operated fuel and mixture valves are adjusted through

voltage setpoint inputs. And high level voltage inputs

drive the strip chart recorders as well.

FLAME MONITOR SYSTEM % Tr

Ses Anstycer

a Mic: |g
Computer
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FIGURE 1. A microcomputer monitors and controls a combustion boiler. Inputs ©
from flame temperature transducers, effluent gas analyzers and fuel flow meters

ere monitoredby the microcomputer. Using the inputs to compute the control

algorithm, it adjusts the valves controlling fuel and oxygen and alsodrives a small

strip chart recorder.



INTERFACING A THERMOCOUPLE

TO A MICROCOMPUTER

Interfacing a thermocouple to a microcomputer is not

just a matter of hardware; it also requires software. In this

example, we interface a thermocouple using an ice point

reference junction (32°F) to an Intel SBC80/10 single-
board microcomputer. The interface is a Burr-Brown

analog I/O system with 8 differential (or 16 single-ended)

inputs. Because the thermocouple converts the

temperature to a low level voltage, we use one differential

input. The instrumentation amplifier on the I/O beard is
set for 1000. In this case, the Burr-Brown interface is the

type that forces the processor to wait during conversion.

Burr-Brewn Th
ermecouple

Anateg 1/0 Beard Diiterentis!

femets

Inte?

Microcomputer behbi

Junction

The system software consists of two parts: those

instructions involved with the actual reading of data and

those responsible for the data’s linearization. Since we

are using the processor halt method of interface, a single

assembly language instruction (LHLD) is all that is

required to specify the particular thermocouple channel,
start the conversion and read the data when the

conversion is complete.

The data can be linearized in a couple of ways: The basic
problem is to determine the temperature that
corresponds to a given voltage output from the

thermocouple’s nonlinear transfer function. This can be
done by either evaluating a linearizing polynomial or by
interpolating between points on a piecewise linear
approximation. A piecewise linear approximation, in
this case, is a table of the values of the thermocouple

CONVERTER SHOULD MATCH THE
TRANSDUCER

Once you know the transducer outputs, you can look at
the interface components. To specify the appropriate
component for your application, you must understand

the basic characteristics of the components and what the
specifications mean (see Figure 2).

First, let’s look at the D/ A converters, which are typically
matched with high level voltage signals. With D/A
converters, digital data is applied to a binary or BCD
(binary coded decimal) weighted resistor network so that
each resistor selectively draws current from a precision
voltage source. The currents are summed to produce a
total current flow proportional to the digital data. The
current itself can be considered the converter'’s output
and converted with several operational amplifiers to
produce either a 4-20mA output or a voltage output.

The key specifications to look at for the D/A converter
are; resolution, monotonicity, and linearity.

WHICH A/D CONVERTER?

Analog-to-digital conversion is commonly performed in
one of two ways: successive approximation or
integration. The successive approximation method is
fast, accurate and inexpensive. But because the signal is
converted.at a given instant in time, a high noise
environment can cause error.

Integrating converters are more accurate, less expensive,
but much slower than successive approximation types.
An integrating converter, however, is not affected by
noise since the signal is built over a period of time.

As with the D/A converters, key specifications for A/D

breakpoints stored in memory. The following flowchart

teflectsthis method:
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converters are: resolution, monotonicity, and linearity.

INFLUENCE OF SAMPLE AND HOLD

In many analog interface applications, a very fast time
varying signal must be digitized. In fact, the rate of
change of these signals may be so fast that it will exceed
the basic inaccuracy of the converter. The sample and
hold amplifier overcomes this problem by “freezing” the
input signal at its output during the conversion process.

The amplifier’s key specification is “dynamic
nonlinearity.” This is the total non-adjustable input to
output error. It includes errors due to throughput

nonlinearity, thermal transients and feedthrough.
Typically, it’s measured as a percentage error consisting
of all errors that cannot be adjusted to zero fora 10 volt
input change after a 10 microsecond acquisition time and
al millisecond hold time.

AMPLIFIER FOR LOW LEVEL SIGNALS

Low-level voltage (millivolt) signals must be amplified to
several volts before they can be input to the sample and
hold circuit or converter. The instrumentation amplifier
does this, plus it rejects much of the noise that can enter

_ the conversion system. This is because the amplifier does
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not return the common of the system’s transducer to -

ground, but connects as another input, minimizing the

effects of the common-mode signal - which is usually a

source of noise.

The primary specifications for an amplifer are: range of

gain, gain nonlinearity, common-mode rejection (CMR),

and settling time.

MULTIPLEXER FOR MULTIPLE INPUTS

Multiple analog inputs can be selectively connected to the

A/D converter with a multiplexer constructed of relays

or switches. Although electromechanical relays (reed) are

common, they are slow and eventually wear out. Solid

state switches overcome both of these problems. But they

should not be used where high common-mode

interchannel voltages must be handled. These voltages

can either destroy the switch or cause a high amount of

crosstalk that will interfere with the readings on other

channels. Solid state switches are usually field effect

transistors (FETS) and are grouped in integrated circuits

that contain the associated addressing logic as well.

Key specifications for a multiplexer are:

@ Number of channels - The number of inputs that the

multiplexer can accept. They can be specified as either

single-ended or differential. Single-ended inputs can be

used for high level signals; differential inputs, consisting

of two lines, should be used for low level signals.

@ Voltage range - The maximum voltage above or below

ground to which a channel can be raised.

@ Crosstalk - The percentage of signal transferred from

an off channel to the output of the multiplexer.

@ Settling time - The time required for the output of a

multiplexer to reach the value of the input within a given

accuracy. This must be considered when a channel is first

turned on or when a step change in the input occurs.

PUTTING IT ALL TOGETHER

For the control outputs, a digital-to-analog converter

may be all that’s required. But for the data acquisition

portion of your system, you will need an A/D converter,

amplifier and probably a sample and hold circuit and a

multiplexer. Not only is this the area that requires more

complete specifications (since it is the most accurate and

speed-sensitive part of the system), but also the trickiest

part of the system to interface to the computer.

When reading an analog input channel, the multiplexer

addresses must first be set to the desired input channel.

Enough time must be allowed for the multiplexer,

instrumentation amplifier and sample and hold

amplifiers to settle to their new readings. When the

components have settled to the desired accuracy, the

sample and hold amplifier is switched from sample to

hold and the conversion begins. When the conversion is

complete, the converter issues an end-of-conversion

signal so that digital data can be removed and another

channel! processed.
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‘All-these operations are initiated by software although
the wait period of settling time can be controlled by an
external timing circuit. Because softwareis so important

in the data conversion process, it’s important to look at

the way converters are connected to the computer. This
can affect the software program significantly.

COMPUTER INTERFACE AFFECTS THE
SOFTWARE

From a software standpoint, it is usually easier to treat
each analog channel as a separate address. Computers

can address a converter as either an I/O device or as part

of memory. In the case of the I/O address, the converter
is connected to the computer’s I/O bus. The computer’s
I/O bus has a limited number of addresses, which a
system of any complexity can quickly use up. If the

converter is treated as memory, its address is mapped into

a memory address field. Besides the ability to handle

more input channels, memory mapped I/O provides

more flexible programming since there are many more

memory instructions than I/O type instructions with

a microcomputer.

In addition to deciding how to address a converter, users
must also consider how to handle the timing of the analog

conversions. Using the simplest method, the program,

after starting the process, continually checks or polls for
an end-of-conversion signal to determine when the

conversion is finished. This method, although simple,

wastes processor time since the processor can’t do

anything else: but poll for an end-of-conversion signal

(Figure 3).

SOFTWARE FOR VARIOUS INTERFACE METHODS
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Program:
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FIGURE 3. Software flowcharts for various A/D interfacing aapproaches. With
the conti status checki Hy poils for anend-
of-conversion signal from the converter. In theiinterrupt method, the processor
performs other computations until the end-of-conversion signal pulls the

interrupt line of the processor. Another method simply halts the processor during

the entire conversion Process. The DMA method usedfor ly scanninga
block of channelsis not shown here since the approach depends on the processor.

gmethod,thep
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A better method relies on the processor’s interrupt system

to report the end of conversion. During the conversion

time, other segments of the program can be executed

until the end-of-conversion signal pulls the interrupt line.

Although this approach may appear efficient, caution

should be used when interfacing very fast A/D systems.

The overhead time associated with servicing the interrupt

may take the processor longer than the time required for

the conversion. The net effect would be slower

throughput than if the processor were to constantly poll

for an end-of-conversion signal.

Another approach that overcomes the interrupt method's

speed disadvantages is to connect the analog system so

the processor is placed in a wait state during the
conversion. With some processors, it’s possible to halt the

processor mid-cycle to wait for the conversion. In this

way, the entire conversion process can be carried out

during a single memory read instruction with the timing
of the operation totally transparent to the programmer.
Halting the processor during the conversion time
provides the highest throughput speed for programmed

data transfers. It also reduces noise generated by the

digital system.

One drawback to this method is that the processor is
oblivious to any other outside event during the
conversion. If a processor must respond to external

events faster than the given conversion time, then this
method should not be used.

Still another method, if a block of channels must be
continually scanned, is direct memory access (DMA).

Although more complicated from a hardware

standpoint, this maximizes channel throughput with a

minimum of software.

DMA can take one of several forms, depending on the

processor. In one mode of operation, a segment of

memory can be continually updated by continuous

automatic operation of the analog system and the digital

data can be transferred between processor cycles. Only a

slight reduction in software execution speed will result

and the data can be fetched from memory without regard

to the operating details of the analog interface. With

another mode of operation, several channels are

processed and then an interrupt is generated to signal the

software that a block of data is available.

PLAN THE ANALOG INTERFACE

Like all other aspects of microcomputer systems, the

analog interface requires attention and careful planning.

A number of prepackaged, fully interfaced systems are

available for both the board type microcomputer and the
individual processor components. Although such

systems reduce the amount of design time required in an

analog application, their operation and limitations must

still be understood to apply them to a particular system.



MAINTAINING ACCURACY

IN HIGH-RESOLUTION A/D CONVERTERS

Design engineers have many techniques at thelr disposal that preserve the. Integrity of an

analog signal! in high-resolution A/D conversion and get optimum performance from precl-
sion data converters.

Although 14- and 16-bit A/D converters are providing

the high resolution needed in many demanding applica-

tions, their circuits must: be built with special care if the

devices are to achieve maximum accuracy. Circuit prob-

lems that might cause only second- or third-order errors

in 8-, 10-, and 12-bit converters can induce first-order

errors in 14- and 16-bit devices.

The Burr-Brown model ADC76KG 16-bit A/D conver-

ter (see Figure 1) has a maximum specified nonlinearity

error of 0.003% (14-bit). In converters of this type,

most layout problems result from poor grounding tech-

niques.

A good rule of thumb is to separate the grounds for the

converter’s analog and digital circuits from the rest of

the circuit and connect them to a low-impedance point

near the power supply. The currents flowing into these

grounds can change during the normal conversion pro-

cess, and if there is a high impedance in the ground line,

the changes in current can cause changes in voltage at

the analog ground pin of the converter. Such changes

can increase the nonlinearity errors of the converter and

increase noise at critical transition points.

To avoid these problems, keep the ground traces: from

the converter to the power supply return as short as

possible and make the ground pattern as wide as possible

to further reduce the impedance. A solution to the noise
problem is to use a ground plane, or shield, under the

converter, However, if there are changing ground cur-

rents in the ground plane, the shield can behave like an

antenna—increasing noise rather than decreasing it. The

ground plane, therefore, should be connected only to the

analog ground pin of the converter. If it is not possible to

_ separate the A/D converter's grounds from the rest of

the circuit, the grounds can be bound together and tied

to a point close to the supply return.

BYPASSING IS IMPORTANT

Another important factor in maintaining converter accu-

racy is power-supply bypass (see Figure 2). Most conver-

ters are not affected by small, low frequency variations

on the supply lines. However, as the frequencyincreases

—when a switching power supply is used, for example—

more noise couples into the critical reference circuitry

inside the converter and induces errors. Even if well fil-

tered power supplies are used, high frequency noise can

still couple into these lines from such sources as system

clocks and address switching.

Large tantalum capacitors (l0uF to 100uF), paralleled

with smaller ceramic capacitors, are effective in reducing

Le a *Capacitor should be connected
Oh even Hf external gain adjust Is not used.
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FIGURE 1. This connection diagram for the Burr-Brown ADC76KG 16-bit A/D converter must be translated into an.
optimum circuit board layout to ensure specified performance.
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FIGURE 2. Good grounding, shielding, and bypassing

techniques are essential when designing with

high-resolution A/D converters.

such noise. These capacitors should be located as close

to the converter as possible and tied to a solid ground—

connecting the capacitors to a noisy ground defeats the

purpose of the bypass.

Other sources of noise in an A/D converter are high

impedance inputs. The most critical of these are the

comparator inputs—particularly in a successive-approxi

mation A/D converter. Much of such noise can be

avoided by leaving the comparator reference input pin

open and surrounding it with an analog ground plane or

a low impedance power-supply plane. However, with the

pin open, offset adjustment, which normally is done at

the comparator input, must be done elsewhere in the

circuit—possibly at the amplifier in front of the conver-

ter. If the offset adjustment must be made directly at the

converter input, .the series resistor and the potentiometer

should be connected as close to the converter as possible

to minimize noise pickup.

If the converter is used in the bipoldr mode, the compar-

ator input is connected to the bipolar offset pin. In a

bipolar configuration, the bipolar offset pin is just as

critical as the comparator input and should be equally

well shielded.

The gain adjust pin is another input that represents a

relatively high impedance to the outside world; it is,

therefore, susceptible to noise, Any noise on this.line will

feed directly to the individual bit currents and compro-

mise the accuracy of the transfer function.

As with the offset adjust, the gain adjust should not be

done at the gain adjust input but at some other point in
the circuit. The gain adjust pin should be surrounded by

a ground plane, and on the ADC76, it is bypassed with a

0.014F to 0.1uF capacitor even if the gain adjustment is

done elsewhere in the system.

SEPARATE ANALOG AND DIGITAL LINES

The converter’s analog-input lines can also be sources of

errors. These lines should be separated and shielded

from the digital I/O lines. The coupling of high fre-

’ quency digital signals into the analog lines by mutual, or

stray, capacitance can produce errors that are even more

significant than those caused by poor grounding.

_ A fraction of a picofarad of stray capacitance, for
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instance, can cause 3V to 4V TTL signals with rise times

of 20ns to 30ns to induce glitches of several LSBs in the

analog-input line (5kN to 10kN impedance). A low

impedance shield between the TTL signal and the analog

input line should be used to ground the noise signals.

The input impedance of a typical successive-approxima-

tion A/D converter is relatively low (Sk. to 10k), so a

buffer amplifier is often required to provide a very high

impedance to the source signal and a very-low impe-

dance to the converter. The characteristics often consi-

dered in the selection of this amplifier are the open-loop

gain (to minimize non-linearity error in the closed-loop

configuration) and DC specifications such as offset volt-

age and drift.

However, the AC characteristics of the amplifier must

also be considered. The input current of the converter

changes rapidly during the normal successive-approxima-

tion A/D process as each bit current is compared to the

analog input current. Since the output impedance of the

amplifier changes as a function of frequency, an error

voltage induced by these sudden current changes at the

converter input generates a corresponding error at the

output of the amplifier (see Figure 3).

Note the large glitch that occurs when the most-signifi-

cant-bit current of ImA is compared to the analog-input

current. The glitch becomes successively smaller as the

current being compared is reduced by a factor of two.

One solution to this problem is to simply put a large
capacitor at the analog input to the converter. The

capacitor presents a low impedance to high frequency

glitches. However, placing the capacitor at the analog

input also reduces the bandwidth of the input signal.

Another alternative is to add a simple two-transistor

buffer inside the feedback loop of the amplifier (see Fig-

ure 4). This reduces the output impedance at high fre-

quencies yet preserves the maximum input signal band-

width.

Even with proper grounding and shielding of analog-

input lines, the adequate bypassing of power supplies,

and a suitable buffer configuration, there still may be too

much noise at the transition points from one digital-

output code to the next. The A/D converter inherently

generates its own internal noise.

The graph in Figure 5 shows a portion of the transfer

function for a Burr-Brown model ADC7IKG converter

operated with 14-bit resolution. As the analog-input sig-

nal slowly increases, the converter operates continuously

at a 50us update rate, Note the uncertainty, or transition
noise of about 0.2LSBs at a number of the transitions

from one code to the next.



In Figure 6, the same portion of the transfer function is

shown with the A/D conversion rate slowed down to

90yus. The noise is about the same as before because the

bandwidth of the internal comparator and D/A conver-

ter has not been changed. And Figure 7 shows it with a

100pF capacitor on the comparator input and a 100ys

conversion rate. The capacitor reduces the bandwidth of

the comparator input.

Here, the transition noise or uncertainty is greatly

reduced—but at the expense of conversion time. This is a

good way to minimize uncertainty or maximize the

repeatability of the A/D converter output if a slower

conversion time will not compromise the system design.

Another method of minimizing transition uncertainty is

to use digital-signal-processing techniques. Figure 8 illus-

trates a protion of the transfer function for an ADC76KG

converter operating in the 14-bit mode. This device has a

maximum conversion time of 154s—which is about

three-and-one-half times greater than that of the.

ADC7IKG.

This increase in conversion speed results largely from the

use of a comparator with a wider bandwidth—though

such a comparator produces a transition noise of 0.3LSB

to 0.4LSB, compared to 0.2LSB for the ADC71KG. The

noise is random for the most part, so it can be reduced

digitally by the simple averaging of two or more conver-

sions. For every doubling of the number of conversion

cycles, there will be a 3dB reduction in the random noise.

Figure 9a illustrates the effect of averaging five conver-

sions to determine the digital-output code (total conver-

sion time = 5 X 15s = 75s). Figure 9b shows the effect

of averaging 10 conversions for a 150s conversion time.
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FIGURE 3. A successive approximation A/D converter can be driven with an external buffer amplifier (a). The
glitches at the output of the buffer (b) are caused by input-current modulation that occurs in the converter during the

conversion process.
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Using digital techniques to reduce the effects of random

noise enables an efficient system design. The post:

converter logic can be commanded to perform only as

much averaging as is necessary. For example, in a
multiple-channel system, high accuracy may be required

on some channels, and high speed (with reduced accu-

racy) may be needed on others.

Furthermore, the effective resolution of the system can

be increased by one bit for every factor-of-four increase

in the number of conversions averaged. For example, —

four 14-bit conversions will result in 15-bit resolution,

and sixteen 14-bit conversions will result in 16 bits.

This technique, known as over-sampling, is effective for

increasing the resolution in A/D converter systems

without sacrificing accuracy. It’s most often used in

digital-audio applications but can be easily adapted to

many data acquisition tasks,
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FIGURE 5.A portion of the transfer
function for an ADC71KG converter

with 14-bit resolution—operating at

FIGURE 6. The ADC7IKG with its

conversion time slowed down to 90s

still displays some noise at transition

FIGURE 7. A 100pF capacitor,
added between the comparator input

and analog ground, reduces the band-

the specified maximum conversion

‘time of 50us—shows inherent noise

at transition points. ,

points in the transfer function. width of the comparator and, hence,

filters the signal at the critical deci-

sion point and eliminates the noise.
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FIGURE 9. Averaging five consecutive conversionsof the ADC76KG cleans

up some the transition noise (a). The effect of averaging 10 conversion (b) is

and even cleaner transfer function, but only at the expense of a longer

effective conversion time (150s).



PCM, A DAC FOR ALL SYSTEMS

BACKGROUND

Compact disc players were first introduced in 1982 and

in 1982 Burr-Brown introduced its first monolithic 16-bit

DAC manufactured specifically for CD applications.

This was the PCM52, which was closely followed by

PCMS3 and, in mid-1985, PCMS54 and its SOIC equi-

valent, PCM55. Due to a significant advantage in per-

. formance and a very competitive price, PCM54/55

became the market leader. Assembly was carried out in

. Japan which considerably enhanced our image. To

maintain our position in the marketplace a new product,

PCM5S6, is being introduced. This, in addition to ultra-

low distortion and low noise, offers the facilities of serial

input and high speed operation. Serial input greatly sim-

plifies CD player construction and improves reliability.

High speed operation allows the part to be used in over-

sampling schemes which are gaining in popularity.

~ When the new part was first proposed to our major cus-

tomers, the response was quite positive. One very large

manufacturer undertook a redesign of its LSI circuit to

take advantage of the proposed PCM product. This

offered the prospect of a large sales order, but the prod-

uct had to be ready for introduction in a very short time.

We had to commit to a delivery of samples within six

months. The challenge was accepted, our reputation was

placed on the line, and an extremely intense design cycle

was begun.

In the relatively short period from 1982, when the first

CD players were introduced, competition has become

very fierce. Manufacturers are looking for every advan-

tage in cost and performance. Listeners are hearing high

fidelity sound quality unattainable with analog tech-

niques and the market is growing rapidly.

FUNDAMENTALS OF DIGITAL AUDIO

REPRODUCTION

Linear PCM is employed for compact dise recording.

This entails sampling of the audio signal at a rate of

44.1kHz and storing the amplitude as a 16-bit word. It

has been shown that 16-bit resolution is equivalent to a

98dB signal-to-noise ratio. During reproduction the dig-

ital words representing the audio content are retrieved

from the disc. The words are checked and errors cor- |

rected before being assembled into a serial data stream

representing alternate left and right channel samples. In

many systems the information is de-multiplexed into 16-

bit parallel outputs corresponding to a particular left or

right channel sample. The 16-bits representing the analog

amplitude of the sample are fed simultaneously into a

DAC. Here, the digital word is transformed back into an

output voltage level. This circuit is thus at the heart of

the reproduction process and is the key element in

determining sound quality. All the care taken in the orig-

inal recording and the ingenuity of error correction will

be wasted if the DAC does not reconstruct a true repre-

sentation of the original sound signal. The output of a

DAC when changing from one output sample value to

another takes a finite time to reach and settle to the new

value. With many DACs this change is also accompan-

ied by a large voltage spike known as a glitch. To remove

these uncertainties, and possibly erroneous outputs asso-

ciated with the DAC’s change of state, an‘output sample

and hold circuit, known also as a deglitcher, is employed.

This is timed so that it only samples the DAC output

when it has finally settled to the new value. During the
time of the DAC output glitch, the deglitcher is operat-

ing in the hold mode and the disturbance is not coupled

to the output. After de-glitching the audio signal, which

now corresponds to a pulse-amplitude-modulated wave, |

is passed through a smoothing or reconstruction filter

which removes all traces of the sampling frequency and

its associated mixing and harmonic products, and pro-

vides at its output a faithful reproduction of the original

audio waveform.

The function of the DAC is to reconstruct from the dig-

ital information an exact copy of the analog information

used to record that particular sample. Thus, assuming

that the recording process was accurate and that any

corruption of the digital word during storage and retriev-

al has been corrected, the fidelity of the entire process is

dependent on the performance of the DAC. Tradition-

ally DAC specifications refer to gain error, offset error,

integral and differential linearity. For industrial applica-

tions these specifications are adequate to describe the

performance expected. For audio applications, some of

the previously rigorous specifications—such as gain error

and offset error—are no longer necessary. Gain error

merely acts as a small change in sound volume, which is

always under the control of the listener. Offset error

merely gives rise to a DC offset voltage which is removed

by capacitive coupling,

Although these specifications are not so important there

are new specifications to consider. Total harmonic dis-

tortion is very closely related to the linearity of the DAC:

‘rms 1 n
THD =i Vian iy [Ex (i) + E 9 (i)X 100%

Exms

Ems = the rms signal level

n = the number of samples in one cycle

E. (i) = the linearity error at a particular sampling point
Eg = the quantization error at that sampling point

but since the error at any particular digital code is due to

a unique summation of bit errors, it does not give a

i complete picture. For this reason PCM DACs usually
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specify THD as measured with differing amplitude, dig-

itally coded sine waves. This gives a much clearer indica-

tion of final performance.

At Burr-Brown our monolithic DACs are fabricated

using highly stable thin film resistors and the final accu-

racy is adjusted by wafer level laser trimming, which is

achieved economically. Experience with a large number

of PCM parts over a number of years has taught us the



bit linearity pattern required to achieve a particular

THD specification.

In addition to accuracy, for present CD applications, the

part must require a minimum of external components,

operate over a wide supply voltage and temperature

range, consume minimal power and be economically

priced.

The digital information stream, as extracted from the

disc, combines alternate left and right channel samples.

In many high end CD players, two separate DACs are

employed, one for each channel, and the digital input is

steered to the appropriate DAC. .

This arrangement provides the maximum degree of

channel separation but is not the most cost effective.

Thus for lower-end users the DAC is more often multi-

plexed between channels. For this application the DAC

must respond fast enough to give two clean outputs in

one sampling period. The output of the DAC is then

multiplexed using a deglitching circuit between the left

and right channel filters.

As stated previously, many DACs give rise to a large

voltage spike at the instant the DAC changes output

levels. This is often due to elements in the circuit, namely

the reference, fluctuating as the bit currents are switched.

If this voltage spike is not fixed but varies with the dig-

ital code, as is usually true, the output of the filter will

contain extraneous information. Being code-dependent,

this will be correlated with the audio signal and hence

‘give rise to distortion. To prevent this, it is usual to

employ a sample-and-hold circuit, which may also func-

tion as the demultiplexer in the case when only one DAC

is employed. In the case where separate right and left

channel DACs are used, it is necessary to follow each

with a separate deglitching circuit.

In any sampled data system it is necessary to band-limit

the input signal in order to prevent aliasing. The sampled

‘output waveform must be similarly filtered to remove

those frequencies inserted by the sampling operation.

Since the desired dynamic range of the system is greater

than 90dB, these extraneous frequencies must be attenu-

ated by at least this amount. To achieve this degree of

attenuation in a single octave (22kHz — 44kHz) requires

a multi-pole analog filter. Such a filter is expensive and

difficult to build and invariably introduces some ampli-

tude and phase distortion. To overcome this problem

many CD player manufacturers are turning to digital

filtering. Although this requires very complex digital cir-

cuitry, it can be economically realized in a LSI circuit. -

The result of digital filtering is an increase in sampling

frequency of two or four times. This effectively removes

the frequency bands centered around the original sample

frequency and harmonically related components up to

the new oversampled frequency. Digital filtering is ap-

plied to the digital word and takes place prior to D-to-A

conversion. After conversion and deglitching, only a

modest amount of analog filtering is required to remove

the remaining oversampling frequency components. For

example, when four times oversampling is employed, a

simple third-order low-pass filter is sufficient. In addi-

tion to reduced size and cost, the benefits of digital filter-

ing include much reduced phase distortion and improved

transient response. One disadvantage of the process is

the increased speed requirement placed on the DAC,

which must now operate at a much increased sample

rate.

EVOLUTION OF SPECIFICATION

In order to meet the needs of present and future systems,

the DAC must meet some very demanding specifications.

First linearity: the industry has grown accustomed to the

extremely low levels of total harmonic distortion achieved

by PCM54/55. This level of performance has to be

retained and demands 14-bit accuracy and 15-bit mono-

tonicity. The serial input function must be achieved with

no deterioration of linearity or noise performance. To

cover the case of four times oversampling, while simul-

taneously multiplexing between both left and right chan-

. Nels, requires clock speeds in excess of 8.5MHz and fast
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settling of the DAC and output amplifier. Coping with

the shorter-time-constant deglitcher that may be required

demands improved output drive current capability. All

of the above features must be included for a minimal

increase in power consumption and chip size.

The specification thus calls for high speed, low power,

high density logic functions which must be implemented

in a way that minimizes digital feedthrough and clock

noise. The most suitable of the available processes has

been developed for high performance analog functions

requiring high breakdown voltage and not high density

logic. This process is ideal-for the high performance lin-

earity specifications which are of prime importance in

the manufacture of PCM parts, but dictates novel circuit

design techniques to achieve the logic performance.

DESIGN SOLUTION

Examination of user requirements both present and

future determines the circuit functions. A block diagram

is shown in Figure |. The input shift register is followed

by a latch, which allows maximum flexibility of loading.

Separate analog and digital supplies reduce the probabil-

ity of digital feedthrough. Voltage reference and output ampli-

fier are included to minimize the use of external components.

In view of the very limited design time available for this

project, previously designed circuit elements are em-

ployed wherever possible. In order to employ the well

proven PCM DAC arrangement, the DAC current

switches must be placed between ground and the nega-

tive supply rail. Since in this case the DAC is driven

from latches, it makes sense to place the latch and shift

register functions below ground, because level shifting is

then only required between the three logic inputs and the

shift register and latch circuits.

To design the required logic functions, heavy reliance

was placed on SPICE simulations rather than laborious

breadboarding with its limited performance distorted by

unreal parasitics. To further minimize risk, total engi-
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neering resource was focused on the design during prob-

ing design reviews. With this combined experience, some

areas of marginal performance were uncovered and cor-

rected before committing the design to layout.

CIRCUIT DESCRIPTION

Voltage Regulator

An onboard voltage reference reduces the need for

sliver pulse to operate correctly. Since the LSI circuits

on the market do not generate such a pulse, it is neces-

sary to generate it on chip.

The enable pulse generator consists of a D-type flip-flop

with a constant logic “1” at its input. It is clocked by the

external latch-enable control signal and reset by the next

occuring positive clock edge. The D-type flip-flop is con-

structed from the DCML master/slave structure used in

the shift register. but this structure is simplified (since the

D input is always high) by the omission of the master

driver stages. The reset function is achieved by gating the

clock pulse with the enable output. An output amplifier

and driver stage is added to enable fast operation of the

16 latches tied to this output.

As has been stated, the generator is stacked below

_ ground and referenced to the negative supply voltage.

external components and enhances system performance |

by tracking the temperature changes of the DAC. It is

the most critical element of a digital-to-analog converter,

since the basic accuracy is directly dependent on it. A

buried zener is at the heart of the reference and provides

a highly stable low noise voltage source. The zener sets

up its own bias, producing a constant current which

doubly ensures a stable reference voltage. This type of

feedback biasing demands the use of a “startup” circuit,

which in this case is provided by means of an N-channel

epi FET. When the zener turns on, the gate voltage

rises—pinching the FET off and removing it from the

circuit. The circuit is fully temperature compensated and

corrects for both Vag and Beta drifts.

Shift Register and Latch

The input shift register employs differential current

mode logic (DCML) which gives an optimum solution to

the high speed, low current, minimum area requirement.

The shift register consists of a straightforward master/

slave arrangement, but is more efficient than the typical

ECL construction since the master/slave functions are

coupled together. The resulting savings of two transis-

tors is significant where 16 such stages are required. To

prevent saturation of the emitter-coupled input transis-

tors of the latch circuit, it is necessary to employ level

shifting. To avoid the necessity for emitter followers

between every shift register and latch stage, a separate

bias line is generated to provide a shift-register-positive

supply which is one diode drop below that of the latch.

Enable Pulse Generator

Since 16 latches are required, the edge-triggered master/

slave approachis far too area-consuming. A single cross-

coupled latch occupies minimum area but requires a
t

The input logic signals are generally TTL levels, between

positive supply and grouhd, and need to be level-shifted

to interface with the enable generator. To fulfill the speci-

fication, positive and negative supplies can take on a

wide range of values; this makes voltage-level-shift

schemes very difficult to implement. This problem may

be overcome by converting the input logic signal to a

current which can be returned to the negative supply rail.

A differentially connected lateral PNP transistor pair is

employed to perform this function and has subsequently

been found to operate comfortably with clock frequen-

cies in excess of 30MHz.

Clock Driver

The clock driver must supply the sixteen master/slave

shift register stages. This represents a much heavier load

than that applied to the enable output and as a con-

sequence places much greater demands on the driver.

Many simulations were performed before the final solu-

tion was found. The circuit employs the PNP level shift

circuit described previously. However, in this case, the

level-shifted currents are applied to an NPN current mir-

ror stage, which employs emitter scaling to drive an

inverting amplifier and emitter-follower bias current.

This circuit acts in a push-pull mode at the clock rail

outputs and any capacitance on the clock lines is thus

driven by the total current available, Results have shown

- that this circuit is very efficient and allows extremely fast
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clocking with a modest [mA of quiescent current.

Current Sources and Bit Switches

The arrangement.of bit currents is such that the three

most significant bits use binary weighted current sour-

ces, the next nine bits use equal current sources which

are binary weighted through an R-2R ladder network,

and the least significant bits use emitter division of a

single current source. The current sources are defined by

the reference voltage and stable thin-film NiCr resistors.

These resistors are laser trimmed at the wafer level to

achieve 16-bit performance. Each current source is

switched either to ground or to the output by a differen-

tially driven emitter-coupled switch, The emitter size of

the switches is scaled to match the bit current so that

base current losses track. Differential switching helps to



ensure that turn-on and turn-off times are equal, which

considerably reduces glitch energy. In fact, differential

circuitry is used for all clock and data signals throughout

the shift register and latch stages. In this way digitial

feedthrough is minimized.

Output Amplifier

The output amplifier is a typical operational amplifier

structure using a phase splitter to drive an all-NPN out-

put stage. It produces the 3V peak audio output level

that is required. Slew rate, a respectable 12V/ js, is

achieved with emitter degeneration of the lateral PNP

input stage of 3kN. The amplifier possesses a typical

$0dB open loop gain and a unity gain bandwidth in

excess of 4MHz. Unlimited short circuit protection is

achieved whenever an abnormally high voltage is devel-

oped across the low value emitter resistors associated

with the output transistors. This in turn causes the drive

to be removed from the output stage. The amplifier will

drive 8mA load currents and allows an overall settling

time of I.5us for an output voltage change of 6V. This

well-proven design is essentially the same as that em-

ployed in the PCM54.

TESTING AND TRIMMING

Circuit design and layout are important steps in the pro-

duction of a 16-bit part, but an equally important factor

is testing and trimming. This is the stage of the process

_ where the final performance is determined. To ensure

economical manufacture and to avoid the creation of

intolerable bottlenecks during high volume production,

it is important to carry out this highly sensitive proce-

dure in under 10s.

To achieve this end requires innovation in the test solu-

tion, With an LSB of 91.5, the need for additional

gain at the probe level is mandated, but trim time

negates any possible additional measurements for error

correction. The solution, a precision current sink, re-

moves ImA from the output amplifier summing junction

which causes the DUT to operate in a quasi unipolar

mode (approximately 0 to 6V). This allows.an additional

gain stage onboard the probe card without the danger of

‘lockup or the need for a pedestal DAC and the resulting

overhead of additional software calibration. This gain is

available on bits | and 3 through 16. Bit 2 is a special

case as its weight in either mode is great enough to cause

a lockup condition. For bit 2 the current sink removes

500uA from the summing junction.

Another problem concerns the fact that high energy laser

pulses, used to trim the nichrome resistors, cause large

and unpredictable photo currents to flow in the circuit.

These currents are often sufficient to unlatch circuits and

lose the bit information. Time does not allow for a syn-

chronous trim technique and so during trim the DUT is

continuously loaded at a conversion speed of 500kHz.

and digital feedthrough which may introduce noise or

circuit malfunction. For a 16-bit DAC any possible

thermal effects due to self-heating are also of great con-

cern, which demands that critical transistors such as the

DAC current sources are placed on isothermal lines.

Bringing all these considerations to bear while minimiz-

ing circuit area and completing the process in a short

period is attributable to the experience and dedication of

the layout personnel. A chip photograph is shown in

Figure 2.

CAD LAYOUT

Since a large part of the circuit consists of shift register

and latch stages, it is very important that this repetitive

element be extremely space-efficient. From overall cir-

cuit topography this cell must be tall in the “Y” direction

and narrow in the “X”, which requires the various circuit

elements, e.g., current sources and DCML gates, to be
stacked on top of each other. This causes interconnec-

tion problems in a single-layer metal process. The solu-

tion is the use of diffused resistor cross-unders in the

circuit areas that can tolerate them, such as the emitter-

follower, load-current source connection. The cell is

repeated but is carefully merged into other areas of the

circuit at either end of the chain and at discontinuities

such as those formed at the corners of the chip. While

ensuring maximum packing density, it is also necessary

to consider the effects of voltage drops along metal runs,

TIMING CONSIDERATIONS

CD player standards dictate a 44.1kHz/channel samp-

ling frequency which gives 22.43us between samples.

Since both left and right channels must be sampled, the

time between samples is 11.34us. In a X4 oversampling

system, the time is reduced to 2.835ys. Without a latch it

would be necessary to clock in the data, settle and inte-

grate within this time. With the latch it is possible to

settle and integrate one sample while the next sample is

being clocked into the register. The presence of the latch

allows the user considerable versatility in clock timing.

To enable sufficient time for the enable pulse generator

" to produce the sliver pulse, a delay circuit is employed in
the data path. The connection of the delay circuit is such

that the data may be advanced or delayed by almost

one-half clock period from the clock. It is the 16 bits of

data, prior to the latch enable control signal going low,

which are switched into the latches. The data format is

straight twos complement with the MSB first in.
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An extremely fast settling active ground driver is pro-

vided to minimize errors caused by non-equal ground

currents. Auto laser alignment, which minimizes trim

time and maximizes yield, is available on each die via

either destructive measurement of an on-chip bridge re-

sistor, or preferably by utilizing an in-house reflective

alignment process. Power supply consumption is tested

first to eliminate gross failures. Functional test of all

parameters are carried out, including individual bit tests,

end point errors, and a test to determine the average

LSB. Differential linearity is trimmed on the upper 12

bits if required, using software techniques designed to

minimize system measurement errors. Each bit is tested

after trim and a smart retrim is allowed under conditions

relating to the amount of error and the trim position at

the point of failure. At the conclusion of the trim proc-

ess, bipolar zero and bipolar gain are trimmed and tested.

PERFORMANCE

_ The result of this effort is a precision 16-bit part which

offers the convenience of fast serial loading and provides

a fast settling voltage output with almost zero glitch

energy. A shortened data sheet is shown in Table !. The

input shift register will typically clock at up to 30MHz

and the output settles to within 0.006% in I Sus.

Pins 14 and 15 are brought out to facilitate external

adjustment of bit 1. This feature allows the differential

linearity error at bipolar zero to be adjusted to zero, and

is an attractive feature for the high end user. By bringing

out pin 15 from the internal reference, tracking of the

adjustment current over temperature is ensured. The

suggested arrangemnt is illustrated in Figure 1.

With this level of performance and convenience in a 16-

pin DIP, operating at a mere 175mW from £5V supplies,

the part has already found wide acceptance among CD

player manufactuers.

Serial input requires only three input connections be-

tween control circuit and DAC, which utilizes less space

than the usual 16 inputs. ‘

APPLICATIONS

The part is suitable for use in systems employing sepa-

rate DACs for each channel and those with one DAC

multiplexed between channels. It will operate at up to

four times oversampling frequencies in either of the

above modes, and the glitch energy is small enough that

in many applications no deglitcher is required. Digital

feedthrough is minimal and the combined analog and

digital noise is typically less than 12u¢Vims in a 20kHz

bandwidth. Typical applications of the DAC detailing

the interface to some existing LSI control circuits are

shown in Figures 3 and 4. Figure 3 shows the connec-

tions between the SONY SDX 1130Q control circuit,

PCMS56, and the left and right channel integrate-and-

hold circuits. The CXD 1130Q operates at a clock fre-

quency of 4.23MHz and includes a X2 oversampling dig-

ital filter. The single serial output contains data which is

decoded by the DAC and multiplexed to the appropriate

45

Sony

CxX01130Q PCMS6P

DA14 |-—4Clock r
OA16 L___J |

WOCK Fr Enable 1

|

APTL APTR |

!
I

|
Deglitch Control Left

Deglitch Contro} Right

FIGURE 3.

channels by means of FET switches driven by signals

from the LSI circuit APTR AND APTL.

Figure 4 illustrates another popular configuration which

provides separate DACs for both left and right channels.

In this example the NPC SM5804A digital filter is

depicted with its separate left and right channel output

operating at X4 oversampling frequencies. In this exam-

ple deglitching circuits are employed and the control sig-

nals are generated from the latch enable output, CO4. To

avoid a possible race, condition delays are required and

are provided by the inverters shown.

If deglitching circuitry is not required — many manu-

facturers operate in this mode — the dely circuit may be

dispensed with.

In addition to digital audio applications, the perfor-

mance of this part is of great interest to some industrial
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users. Many users find they can live with the looser gain,

offset, and drift parameters for the added convenience of

serial input and the compact 16-pin DIP format. In addi-

tion, because the part is sold in such large quantities to

the CD industry, the price is very attractive.

SPECIFICATIONS

Characterization is being carried out to assess the feasi-

bility of grading out parts with tighter gain, offset, and

drift specifications. These parts will be slightly more

expensive, reflecting the extra test time, but will be much

closer to typical Burr-Brown industrial specifications.

ELECTRICAL .
Typical at +25°C and nominal power supply voltages of +5V unless otherwise noted.

MODEL PCMS6P/-J/-K

MIN | TYP | MAX UNITS

INPUT

DIGITAL INPUT

Resotution 16 Bits

Digital tnputs'”: Ves +2.4 +V, v

' Ve 0 +0.8 Vv

los, Vig = +2.7V +1.0 pA

Ia. Vin = +0.4V -50 uA

tnput Clock Frequency 10.0 MHz

TRANSFER CHARACTERISTICS

ACCURACY

Gain Error +2.0 %

Bipolar Zero Error £30 mV

Differential Linearity Error 0.001 % of FSRTM
Noise (rma, 20Hz to 20kHz) at Bipolar Zero (Vour mode!s) 6 w

TOTAL HARMONIC DISTORTION

Vo = +FS at f= 99tHz: PCMSGP-K 0.002 | 0.0025 %

PCMS6P-J 0.002 | 0.004 %

PCMS56P 0.002 | 0.008 %
Vo = —200B at f = 991Hz: PCMS6P-K 0.018 0.020 %

. PCMS56P-J 0.018 | 0.040 %
‘ PCMS6P 0.018 0.040 *

Vo = —600B at f = 991Hz: PCMS6P-K 1.8 20 %

; PCMS56P-J 18 40 %
PCMS6P 1.8 40 %

\ MONOTONICITY 15 Bits

DRIFT (0°C to +70°C)

Total OriftTM £25 ppm of FSR/*C
Bipolar Zero Drift +4 ppm of FSR/*C

SETTLING TIME (to 0.006% of FSR} .

Voltage Output: 6V Step 35 uss

1LSB 1.0. 4s

Slew Rate 12 Vips

Current Output, ImA Step: 100 to 100M load 350 ns

1kQ toad 350 ns

WARM-UP TIME 1 Min

OUTPUT

Voltage Output Configuration: Bipolar Range £3.0 Vv

Output Current +80 mA

Output Impedance 0.10 a

Short Circuit Duration indefinite to Common

Current Output Configuration:

Bipolar Range (£30%) £10 mA

Output tmpedance (+30%) 42 kQ

POWER SUPPLY REQUIREMENTSTM

Voltage: +V, and +V, $44.75 | 4500] +132 Vv

—Vs and -V. ~4.75 -5.00 -13.2 Vv

Supply Orain (No Load): +V (+Vs and +V, = +5V} - +10.0 1] +17.0 mA

—V (~Ve and —V, = —5V) -25.0 | -35.0 mA

+V (+Va and +V, = +12V) +12.0 mA

—V (—Vg and —V, = —12V) -27.0 mA

Power Dissipation: Vs and V, = +5V 178 260 mw
Vs and V, = 12V 463 mw

TEMPERATURE RANGE

Specification 0 +70 °c
Operation ~25 +70 *c
Storage ~60 +100 cc

NOTES: (1) Logic input levets are TTL/CMOS-compatible. (2) FSA means full-scale range and is equivalent

to 6V (43V) for PCMS6 in tho Vour mode. (3) This is the combined drift error due to gain, offset, and linearity

over t fi (4) M d with an active clamp to provide a low impedance tor epproximately14

200ns. (5) All specifications assume +Vs connected to +Vi and ~-Vs connected to —V.. If supplies aro

connected separately, — V, must not be more nogative than —Ve supply voltage to assure proper operation. No

similar restriction applies to the value of +V. with respect to +V¢.



PRINCIPLES OF DATA ACQUISITION AND CONVERSION

Data acquisition and conversion systems are used to —

acquire analog signals from one or more sources and

convert these signals into digital form’for analysis or

transmission by end devices such as digital computers,

‘recorders, or communications networks. The analog

signal inputs to data acquisition systems are most often

generated from sensors and transducers which convert

real-world parameters such as pressure, temperature,

Stress or strain, flow, etc., into equivalent electrical

Signals. The electrically equivalent signals then are

converted by the data acquisition system and are then

utilized by the end devices in digital form. The ability of

the electronic system to preserve signal accuracy and

integrity is the main measure of the quality of the system.

The basic components required for the acquisition and.

conversion of analog signals into equivalent digital form

are the following:

1 - Analog Multiplexer and Signal Conditioning

2 - Sample/ Hold Amplifier

3 - Analog-to-Digital Converter

4 - Timing or Sequence Logic

Typically, today’s data acquisition systems contain all the -

elements needed for data acquisition and conversion,

except perhaps, for input filtering and signal

conditioning prior to analog multiplexing. The analog

signals are time multiplexed by the analog multiplier; the

multiplexer output signal is then usually applied to a

very-linear fast-settling differential amplifier and/or toa

fast-settling low aperture sample/ hold. The sample/ hold

is programmed to acquire and hold each multiplexed

data sample which is converted into digital form by an

A/D converter. The converted sample is then presented

at the output of the A/D converter in parallel and serial

digital form for further processing by the end devices.

SYSTEM SAMPLING RATE - Error Considerations

The application and ultimate use of the converted data

determines the required sampling ‘and conversion rate of

the data acquisition and conversion system. System

sampling rate is determined, as shown in Figure I, by the

highest bandwidth channel, the number of data channels

and the number of samples per cycle.

Aliasing Error

From the Nyquist sampling theorem, a minimum of two

samples per cycle of the data bandwidth is required in an

ideal sampled data system to reproduce sampled data

with no loss of information. Thus, the first consideration

for determining system sampling rate is aliasing error,i.e.,

errors due to information being lost by not taking a

sufficient number of samples per cycle of signal

frequency.

Figure 2 illustrates aliasing error caused from an.
insufficient number of samples per cycle of data

bandwidth.

How Many Samples per Cycle?

The answer to this question depends on the allowable aver-

age error tolerance, the method of reconstruction (if any),
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FIGURE I. Determining Minimum System

Sampling Rate.

FIGURE 2. Aliasing Error vs Sampling Rate.



and the end use of the data. Regardless of the end use, the
actual error-of the discrete data samples will be equal to the

throughput error of the data acquisition and conversion |

system plus any digital errors contributed by a digital com-

puter or other digital end device.

For incremental devices such as stepping motors and

switches, the average error of sampled digital data is not as

important as it is for end devices that require continuous

control signals. To illustrate average sampling error in sam-

pled data systems, consider the case where the minimum of 2

samples per cycle of sinusoidal data are taken, and the data

is recontructed. directly from an unfiltered D/A converter

(zero-order reconstruction). The average error between the

reconstructed data and the original signal is one-half the dif-

ference in area for one-half cycle divided by 7, or 32% for

zero order data and 14% for first order reconstruction. How-

ever, the instantaneous accuracy at each sample point is equal

to the accuracy of the acquisition and conversion system,

and in many applications, this may be sufficient for driving

band-limited end devices. The average accuracy of sampled

data can be improved by (1) increasing the number of sam-

ples per cycle; (2) presample filtering prior to multiplexing,

or (3) filtering the D/A converter output.
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FIGURE 4. Reconstruction Accuracy vs. Number of

Samples Per Cycle.

Aperture Error

Aperture error is defined as the amplitude and time errors

of the sampled data points due to the uncertainty of the

dynamic data changes during sampling. In data acquisition

and conversion systems, aperture error can be reduced or

made insignificant either by the use of a sample/hold or with

a very fast A/D converter.

For sinusoidal data, maximum aperture error occurs at the

zero crossing where the greatest dv occurs, and is expressed

mathematically as: dt
Aperture error = d (A sin 27 ft) x tq x 100%

dt
= 2m fta x 100% max

where f = maximum data frequency

ta = aperture time of system (this can be the

conversion time of the A/D converter

with no sample/hold or the aperture time

of a sample/hold if one is used in front

of an A/D converter).

This expression is shown graphically in Figure 5 for fre-

quencies of 1Hz to 10kHz with +1/2LSB error highlighted

for 8-, 10- and 12-bit resolution A/D converters. The need

for a sample/hold becomes readily apparent when data fre-

quencies of 10Hz or higher are sampled, because the A/D

converter conversion speed must be 2ysec or faster for aper-

FIGURE 3. Reconstruction of Sampled Data Where

fs = 2 fax:

The improvement in average accuracy of sampled data is

dramatic with only a slight increase in the number of sam-

ples per cycle as-shown in Figure 4. The theoretical limit

is the throughput accuracy of the acquisition and conver-

sion system for continuous sampling.

For zero order reconstruction of data, it can be seen from

Figure 4 that more than 10 samples per cycle of data band-

width are required to reconstruct sampled data to average

accuracies of 90% or better. A commonly used range is 7 to

10 samples per cycle.
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FIGURE 5. Aperture Error vs. Aperture Time for Data

Frequencies from 10Hz to 1MHz.
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ture errors less than +1/2LSB for 12-bit resolution, and high

speed A/D converters are complicated and expensive when

compared to slower A/D converters with a low aperture

sample/hold.

A sample/hold with an aperture time of 5Onsec to 60nsec

" produces negligible aperture error for data frequencies

up to 100Hz for 10- and 12-bit resolution A/D converters

and is less than +1/2LSB for 8-bit resolution for data

frequencies near 5kHz. Use Figure 5 to determine your

system aperture error for each data channel versus the

desired resolution.

A FEW A/D CONVERTER POINTS
A brief discussion of A/D converter terminology will
help the reader understand system resolution and

accuracya little better.

Accuracy

All analog values are presumed to exist at the input to the _

A/D converter. The A/D converter quantizes or encodes

specific values of the analog input into equivalent digital

codesas an output. These digital codes have an inherant un-

certainty or quantization error of +4LSB. That is, the

quantized digital code represents:an analog voltage that can

be anywhere within t4LSB from the mid-point between ad-

jacent digital codes. An A/D converter can never be more

accurate than the inherant 4LSB quantizing error. Analog

errors such as gain, offset, and linearity errors also affect

A/D converter accuracy. Usually, gain and offset errors can

be trimmed to zero, but linearity error is unadjustable be-

cause it is caused by the fixed-value ladder resistor network

and network switch matching. Most quality A/D converters

have less than t%4LSB linearity error. Another major error

consideration is differential linearity error. The size of steps

between adjacent transition points in an ideal A/D converter

is one LSB. Differential linearity error is the difference be-

tween adjacent transition points in an actual A/D converter

and an ideal one LSB step. This error must be less than one .

LSB in order to guarantee that there are no. missing codes.

An A/D converter with +4LSB linearity error does not neces-

sarily imply that there are no missing codes.

TABLE I. Relationship of A/D Converter LSB Values

and Resolutions for Binary Codes.

A/D Converter Reso-

tution (Binary Codes) Vatue of 1LSB Valuo of 1/2LSB

Number | Number | 0 to +10V +10V. | Oto +10V +10V

of Sits of Incro- Range Range Rengo Rengo

() ments (2°) | (mV) (mV) (mV) (mV)

16 65538 0.152 0.305 0.076 0.152

12 4096 2.44 4.88 1.22 2.44

11 2048 4.88 9.77 2.44 4.88

10 1024 9.77 19.5 4.88 9.77

9 §12 19.5 39.1 9.77 19.5

8 256 39.1 78.2 19.5 39.1

‘ -Selecting the Resolution

The number of bits in the A/D converter determines the re-

solution of the system. System resolution is determined by

the channel(s) having the widest dynamic range and/or the

channel(s) that require measurement of the smallest data

increment. For example, assume a channel that measures

pressure has a dynamic range of 4000psi that must be mea-

sured to the nearest pound. This will require an A/D

converter with a minimum resolution of 4000 digital codes.

A 12-bit A/D converter will provide a resolution of 212 or
4096 codes - adequate for this requirement. The actual re-

solution of this channel will be 4000 or 0.976 psi. The A/D
4096

converter can resolve this measurement to within £0.488 psi
(£44LSB).

Resolution -

The mumnber of bits in an A/D converter determines the re-

solution of the data acquisition system. A/D converter re-

solution is defined as:

VES
Resolution = One LSB = , for binary A/D converters

an

Vv
= FSR for decimal A/D converters

10D

LSB = Least Significant Bit

VFSR= Full Scale Input Voltage Range
where n= number of bits

D = number of decimal digits

The number of bits defines the number of digital codes and

is 2" discrete digital codes for A/D converters.

For this discussion, we will use binary successive-approxima-

tion A/D converters. Table I shows resolutions and LSB

values for typical A/D converters.

INCREASING SYSTEM THROUGHPUT RATE

The throughput rate of the system is determined by the

settling times required in the analog multiplexer and input

amplifier, sample/hold acquisition time and A/D converter

settling and conversion time.

Two programming modes that are commonly used in data

acquisition systems are normal serial programming (Fig. 6A)

and overlap mode programming (Fig. 6b). The range of

typical system throughput rates for these types of modes

are shown in Table II for the Burr-Brown SDM857KG mod-

ular data acquisition systems.

A wide range of throughput speeds can be achieved by

“short cycling” the A/D converter to lower resolutions and

by overlap programming the data acquisition system.

The multiplexer and amplifier settling time is eliminated

by selecting the next sample (channel n + 1) while the

held sample (channel n) is being converted. This requires

a sample/hold with very low feed-through error.
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TABLE II. System Throughput Rates and RSS Accuracy

for Normal and Overlap Mode Programming for Burr-

Brown Model SDM857KG Modular Data Acquisition

System.

Normal Overtap
Programming Mode

Resolution

Max System | pss Max Systam RSS
roughput | Accura throughput | AccuraRate Vv Rate ey

12 Bits 18kHz 0.025% 27kHz 0.025%

10 Bits 19.5kHz 0.08% 30k Hz 0.08%

8 Bits 21.1kHz 0.30% 34,1kHz 0.30%

SYSTEM THROUGHPUT ACCURACY

The most common method used to describe data acquisition

and conversion system accuracy is to compute the root-sum-

squared (RSS) errors of the system components. The RSS

error is a statistical value which is equivalent to the standard

deviation (1g), and represents the square root of the sum of

the squares of the peak errors of each system component,

including ADC quantization error:

. Erss= / mux? + Gamp2 + Esy2 + Eapnc2

where ©yyux = analog multiplexer error

© AMP=
Egy = sample/hold error

Eapc = A/D converter error

input amplifier error

The source impedance, data bandwidth, A/D converter re-

solution and system throughput rate affect these error calcu-

lations. To simplify, errors can be calculated by assuming

the following:

]. Aperture error is negligible - i.e., less than 1/10LSB.

2. Source impedance is less than 1000 ohms.

3. Signal range is +10 volts.

4. Throughput rate is equal to or less than the maximum

shown in Table III.

TABLE III. System Error Con tribution and RSS Error vs.
Resolution for Burr-Brown Model SDM857KG Modular

Data Acquisition System.

Resolutions
Error Source

8 Bits 10 Bits 12 Bits

MUX Error 0.0025% 0.0025% 0.0025%

AMP Error 0.01% 0.01% 0.01%

S/H Error 0.01% 0.01% 0.01%

ADC Errors ;

Analog 0.2% 0.05% 0.012%

Quantizing 0.2% 0.05% 0.012%

RSS Erser 0.283% 0.072% 0.022%

DIGITAL CODES

One final consideration in data acquisition and conversion

systems is the digital coding of the data at the output of the

A/D converter. Data is usually encoded in either binary or

binary-coded-decimal (BCD) form.

Binary encoded data formats are most commonly employed

for digital computer-oriented applications where the proces-

sing is normally performed in binary notation. BCD data en-

coding is usually required in applications where the data is

fed to decimal end devices such as digital readouts and print-

ers. The majority of applications require binary encoding.

The- most commonly used binary codes in A/D converters

are:

1. Unipolar Straight Binary (USB) - used for unipolar

analog signal ranges i.e., 0 to +5V. 0 to t 10V, etc.

- Bipolar Offset Binary (BOB) - used for bipolar

analog signal ranges i.e., +5V, +10V, ete.

3. Bipolar Two’s Complement (BTC) - used for bipolar

analog signal ranges in many digital computer

applications.

t
w

Two BCD codes, unipolar BCD and sign-magnitude BCD

(SMD) are used in A/D converters. The definition of these

codes is shown in Table IV and V.

TABLE IV. Definition of Binary Codes.

Output (2
Definition Digital USB sos(2)

Code Code Code

MSB LsB

+Full Scate (417... 116] +Vecg -4LSB | +Vpgpq -%LSB

2

Mid Scala |100....00¢ +Vesr/2 Zero

-Full Scalo [000....00¢ +%LSB -Vesp +4LSB

2

One least v

Significant FSR tVesr
Bit 2" 2"

NOTES: (1) ¢is the transition value of theLSB. (2) BTC Code—invert

the MSB (sign bit) of the digital code—ranges same as BOB codes.



TABLE V. Definition of Decimal Codes.

” Output Decimal Value
Definition Digital Code

(3 Digits) = BCD Code | SMD Code

Sign msp!?) tsp
Fano, _—

+Full Scato 1 1001 1001 1001 999 +989

Zero 1 0000 Ga00 0000 000 +000

-Full Scale Q 16001 1001 1001 N/A -999

One least Vv (2) Vv (2)

Significant FSR +_FSR
Bit 10 10

NOTES: (1) MSD = most significant digit. (2) n represents number of

digits—4 bits per digit.

SUMMARY

The criteria that determine the key parameters and

performance requirements of a data acquisition and

conversion system are:

1. Number of analog input channels.

2. Amplitude of data source signals.

3. Bandwidth of data.

4. Desired resolution of data.

5. End use of converted data.

Although this discussion did not treat all system criteria

from a rigorous mathematical point of view, it does not

identify and attempt to shed insight on the most impor-

tant considerations from a practical viewpoint.
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TO SIDESTEP SAMPLE/HOLD PITFALLS, —
RECOGNIZE SUBTLE DESIGN ERRORS

By knowing the key parameters and practices that govern important sample/hold
functions, you can obtain optimum performance from these deceptively simple devices.

You can avoid the potential design traps that lurk in

sample/hold applications by understanding and applying

proven sampling rules and definitions. Widely used for

voltage storage in analog-signal-processing and data
conversion systems, sample/hold devices provide seem-

ingly simple operation that often misleads designers.

In practice, functional intricacies hide error sources that
can degrade sample/hold performance. Unfortunately,

when manufacturers describe these errors, further com-
plications can arise because most vendors use their own

nonstandard terminology. (For some widely accepted

definitions, see below.)

To help clarify a muddled situation, therefore, this
application note presents some sample/hold design-
verification guidelines. By carefully defining the basic
sample/hold types- their primary specifications and their .

chief time- and frequency-response considerations - these
guidelines arm you with the design information needed
for proper sample/hold application (see Table 1).

A GLOSSARY OF SAMPLE/HOLD TERMS

Acquisition time - Time after the sample-to-track
command activates for the hold capacitor to charge to a

full-scale voltage change and settle within a specified
error band around the final voltage value.

Aperture dolay - Elapsed time from activation of the
sample-to-hold command to the opening of the switch in

Hold mode.

Aperture time - Time for a switch to go from sample to
Hold mode, measured from the 50% point of mode-
control transition to when the output stops sampling the

input.

Aperture uncertainty time - Variation in the time
required for a switch to open after sample-to-hold
transition occurs, or the time variation in aperture delay.

Bandwidth - For small signals, the frequency span
between the points at which a sample/hold’s gain goes
down 3dB from its DC value (the frequency span between
the points at which the output signal’s amplitude equals
0.707 times the input signal). This parameter serves as a
gauge of amplifier performance in Sample mode.

Charge Injection - Offset error voltage on the hold
capacitor when charge transfers from the capacitor to the
gate-drive circuit via capacitive coupling at switch

turn-off.

Droop rate - Hold capacitor’s voltage-output decay or
drift in Hold mode, arising from switch leakage current,
hold-capacitor value and op amp bias current.

Feedthrough - Amount of input signal that appears ata
sample/hold’s otuput in Hold mode.

Gain accuracy - Expressed by the deviation in gain from
its nominal value.

Monotonicity - In ADCs, describes an output that
increases continuously with increasing input.

Quantizing error - Inherent uncertainty in digitizing an
analog voltage to the nearest digital code word.

Sample/hold - Amplifier circuit that acquires analog
input voltages during very short sampling times and
stores them on a hold capacitor for a specified time.

Settling time - Time taken after a sample-to-hold
‘transition for a sample/hold’s output to assume final
voltage value with a specified accuracy.

Spectrum response - Charcteristic that tracesa sample/
hold’s amplitude - versus - frequency values.

Slew rate - Fastest rate, usually measured in volts per
second, at which a sample/hold's output can change.

Zero-order hold - Filter that reconstructs an analog
signal from a train of impulses by producing the first term
of a power series approximation of the input.
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TABLE I. Characteristics of Diode-Bridgeand FET

Sample/ Hold.

DIODE BRIDGE TYPE

Lower charge injection error.

FET TYPE

Greater DC accuracy; has no offset

and doesn't need feeback resistors.

Less generation of spikes; Faster in higher voltage applications;

tower drive voltages are needed | offers larger stewing current.

for bridge switching.

Shorter aperture detay; Olodes + |Smalter droop; Exhibits less

switch taster than FET's. tnherent leakage.

FOR HIGH SPEED, USE DIODE-BRIDGE UNITS

High performance wideband and sample/ holds come in

two versions - junction FET and diode bridge types (see

Figure 1). Diode bridge devices more readily accom-

modate applications that call for short RC time constants.

Emphasing speed rather than accuracy, these applications

generally involve 6-bit to 10-bit data acquisition systems

with sampling rates of IMHz to 50MHz.

Because diode bridge devices require up to 5mA bias,

their slew rate becomes the limiting factor in large

capacitor and large input signal applications. When the

hold capacitor exceeds ISpF, for example, the diode

bridge's slew rate starts to decrease. (In such cases,

consider the FET-type sample/ hold.)

An important. diode bridge application centers on de-

glitching a fast DAC (see Figure 2). Diode bridges’

straightforward interfacing capability allows them to

serve well here, and the relatively low voltage switching

levels involved lead to very fast operation. In display

applications, especially, DAC deglitchers must deliver

low noise signals with minimal spiking at high update

rates (3MHz to 20MHz). The deglitchers operate by

placing the sample/ hold in Hold mode before updating

the DAC. -

CALL ON FET DEVICES FOR BOTH SPEED AND

ACCURACY

For more demanding applications, FET-type sample/

holds yield superior performance in high speed, high

accuracy, 10-bit to 13-bit data acquisition systems.

Accuracy and speed result from the use of two FET

switches, both of which help cancel the charge-injection

error caused by the gate’s drive waveform, permitting a

low hold capacitor value. Additional FET-type sample/

hold advantages include higher input impedance than

diode bridge types and the elimination of offset, bias, and

feedback resistors. And because FET sample/holds

exhibit much lower leakage than diode bridge units - as

well as a balanced configuration - the FET type’s output

buffer amplifier contributes virtually no leakage current.

In high voltage applications, where slewing time can

cause long operational delays, high speed FET sample/

holds have 25mA to 40mA available for slewing the hold

capacitor, compared with 5mA for the diode bridge types.

And although a diode bridge’s lower charge-injection

error eliminates the need for a large hold capacitor, this

b)

tna basis semple/held elreutt, an analog switch closes md cherges a capacitor fo the

tnput voltage (Semple mode). When the switch cpens, the capactior pacees the stered

veltage te the evtput emplifler (Hotd mods). Fer fact smail-eignal switching at reasonable

accuracy, consider a diode bridge type szmpie/hoid (a). Tocbtalnkigh accuracyse well

as fest large-signal switching, use en FET-type sample/held (0).

vyVv

wv"

a

c

woBE

BRIDGE * Lo
SWITCH

DEGLITCHED

cUTPUT

— GLITCH

HOLD

SAMPLE

CEGLITCHED

SAMPLE/HOLD

{d) GUTPUT

AD/A cenversicn excticn (a) receiving terge digits! Input transitions cen cause veitege

taikes, or glitches, [n the anzlog output (b). Connected to the CAC's outputas a cegiltcher,

asample/hold removes theta unwanted transients by taking a new ansiog deta seapio

after tha giltch has settied (c). Then the semple/hold returns to Hold mode before the

OAC's cutput changes egain, resulting [n a retatively smooth monotonic transiticn

between beth sempies (d).

FIGURE.!. Diode-Bridge and Juntion-FET Sample/

Hold Circuits.

FIGURE 2. Diode-Bridge Sample/ Hold Used for

Deglitching a Fast DAC.
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advantage still doesn't overcome its lower slewing-current

limitation.

Further, FET devices’ single time constant - based on

feedback resistance and hold capacitor - is much shorter

than that of the diode-bridge types. When an FET unit's

time constant equals or becomes less than the device's

buffer-amplifier time constant, the sample/hold’s settling

time tends to depend upon the amplifier’s settling char-

acteristics. Generally, this relationship applies for a hold

capacitor of about 10pF and a feedback resistor of about

300M. But when the time constant produced by these

components becomes much larger than the amplifier’s

time constant, the sample/hold's settling characteristics

do not depend on the amplifier. In this case, the FET-type

sample/hold provides faster settling than a diode bridge

device.

CLEARING UP SOME FOGGY SPECS

Many sample/hold problems emerge not from lack of —

knowledge about circuit design, but from difficult-to-

understand nonstandard specifications. Complex parame-

ter descriptions frequently result in designer confusion

and misunderstanding. Further compounding the prob-

lem, parameter nomenclatures and definitions differ

markedly among vendors. To help remedy this problem,
some detailed explanations can help clarify the more

important sample/hold characteristics.

Input Impedance. In most applications, a sample/

hold’s input impedance depends directly on the opera-

tional mode. If this impedance level differs greatly from
that of the signal source, you must insert a buffer

amplifier between the devices. Otherwise, the impedance

mismatch usually leads to a gain error. Obviously, the

buffer amplifier's characteristics affect sample/hold

operation and must be incorporated into the overall

circuit design.

Settling time. This parameter must include both the
acquisition time and the sample-to-hold settling time (see
Figure 3). Specifying only one of these values does not

_ fully describe it.

Aperture delay and aperture uncertainty. These
quantities measure the acquired signal level when a

sample/hold enters the Hold mode. Generally, the mode-.,

control command is delayed as it passes through the

sample/hold's switch driver. In synchronous applications,

this aperture delay can cause time-interval sampling

error. More serious errors occur when aperture delay

varies excessively over a wide temperature range.

Aperture uncertainty specifies the sampling point’s sta-

bility (see Figure 4). If time uncertainty exists when the

sample/hold enters Hold mode or if time jitter occurs,

this time-related “noise” transforms into signal-voltage

noise as-follows: signal noise equals aperture uncertainty

times input-signal change at instant of sampling.

To pinpoint aperture uncertainty time (Ta), use the

equation:

——£n

Ta Ge /dt

SAMPLE/HOLD INPUT

SAMPLE/ROLO TRACK

GATE —

KOLO

}

(t) ACQUISITION TIME

Considered the most important specificetionfer sempte/holda, ecquisttion time beginset
the hotd-to-cample gets transition (a). M measures how long the held capacitor takes to
charge to 8 full-ecate voltege chinge and remain within a specifled error bend (0). A
correct definition of this parameter must include the settling time Incurred siter the
sempie-to-hald transition.

FIGURE 3. Sample/Hold Response Time.

‘where €, = allowable signal noise and de,/dt = signal rate

of change.

For example, assume that the allowable system nosie for

an 8-bit, IOMHz ADC sampling system is 0.1LSB and

that the input signal makes a full scale change (Ers) at

5MHz (f). In this case,

e,=Ers/ 2 (sin 2zft.)

Thus, T,= Cn _ _fa
A _ —

de,/dt (max) Ersrf
_ 0.1LS = 2Spsec

(256LSB\m x 5 x 10°) ;

APERTURE
UNCERTAINTY

SAMPLIKG GATE SAMPLING GATE

WIHMOITTER sirreq et] Pam WIV OTTER
SAMPLE/HOLD fi if]

SAMPLE/HOLD CUTPUT

ll

A crucial sampis/hold cperation tekes glace during the short sampte-to-heid transition
(eperture tire) that triggers open the cestrol switch. A retsted term, aperture delay tine
Gefines the elepred time between hold-command Inittation end switeh cpening. Yet
ancther related term, sperture-cncertalnty[iter Cascribes the time variation In fe
openingof the switch or In epertzre detay.

FIGURE 4. Aperture Time Uncertainty.
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Change-transfer or Injection error. This error usually

occurs when a sample/hold’s gate drive couples onto the

hold capacitor via charge-injection capacitance. The

injected charge (Q) depends on the relationship.

Q=Cc Ve

where Cc = coupling capacitance and V;; = voltage arising

from gate-drive capacitance. With respect to the output.

the induced error becomes:

Q=Vi Cu

where V;= voltagé (error) arising from charge injection

and Cy = hold capacitance. Eliminating Q from both

equations yields:

Furthermore, because the output responds to the dif-

ferential charge transfer, the voltage-error equation

changes to a
8 ACp

Vi,= Ve
H ‘

where Cn = the difference between the two capacitances in

Figure |.

Typically, this voltage behaves likea DC offset error-the

output voltage differs from the input voltage by a

constant value. In practice, diode bridge sample/ holds

can maintain a charge-transfer error of 0.005pC over a

+50°C span, whereas high-performance FET sample/

holds achieve about 0.25pC over the same temperature

range.

Sample/hold spiking. In many display applications,

unwanted spikes appear on the CRT's involved. Vendors

commonly dimension this error in volts x seconds(V x T).

because the spikes’ amplitudes depend on either the

measurement circuit's or the sample/hold drive circuit's

bandwidth.

If you model the spike as a narrow pulse fed into a sample

RC circuit, the voltage nae equals

= -t/RC
es RC

In effect, the low-pass RC circuit lowers the spikes’

amplitudes but spreads out their duration.

In conjunction with a charge-injection error, sample/ hold

spiking can cause output signal noise. To overcome this

problem, use a filter that effectively cancels positive

spiking with negative spiking. Further improvement

results when the output signal's bandwidth greatly exceeds

that of the spike. Of the two sample/hold types, diode

bridges yield the smallest spike.

Feedthrough. Usually stated as a percentage. this para-

meter indicates how much input signal appears at a

sample/hold's output in Hold mode. Highly frequency-

dependent, feedthrough affects processing accuracy

because the output signal should stay constant during

Hold mode.

Droop. Vendors usually specify the hold capacitor’s

voltage decay (droop) during Hold mode as a leakage

current when referring to an external capacitor, and in

volts per second when the sample/hold contains an

integral capacitor. In analog-to-digital applications, the

amound of tolerable droop depends on the ADC's
conversion time and accuracy.

DATA-SYSTEM MODEL AIDS SPECTRAL

ANALYSIS

Another major group of sample/hold design problems

stem from noise effects. Unlike a linear process, such as

amplification, the sample/hold sampling process gen-

erates output noise at frequencies that intermix with the |

input signal frequencies. Obviously, this noise interferes

with the signal flow.

To gain insight into a sample/hold's spectral response,

consider a representative data sampling system com-

prising (in series from input to output) a sample/hold

device, an ADC, a digital processor, and a DAC.

Theoretically, the sample/hold’s output spectral response

resembles that of the DAC. In practice, however, the

DAC's output contains quantizing noise and, possibly,

spiking noise. To simplify system operation without

markedly affecting spectral response, assume that the

ADC directly drives the DAC.

DUAL-SWITCH SAMPLE/HOLD SIMPLIFIES

SAMPLING

As an aid in developing the data-sampling system's

spectral properties, consider a sample/hold model em-

ploying two switches (see Figure 5). This model allows

partitioning of the sampling process into multiplier and

sample/hold portions, thus separating the former's noise

analysis from the latter’s bandwidth analysis.

Recall that when you multiply signal frequency f, by

signal frequency f, new frequencies f; + f; and fi -f2 result. |

Ona spectrum analyzer, therefore, the multiplier’s output

appears as vertical lines corresponding to the new

frequencies.

aa SAMPLE/HOLO
wet Oo5-4 Prec | surrur

oof $ { or: C |
GATE ORE L {__ Poe3=

Ase vehicte fer exptatning ths cemple/hold's spectre! noize responce, consider a clrexit

mode! that contains two contre! switches, representing a multiplier stege followed by a

typical sampis/hold stege. This expareted-etegs rpproech allows divieicn of the noise

enelysts into werkebis segments.

FIGURE 5S. Simplified Model of Sample/ Hold.

Furthermore, assume that the gate drive signal consists of

impulses. This assumption focuses the discussion of the

spectral components’ amplitudes at the sample/hold’'s

output. As Figure 6 shows, the frequency spectrum at the

DAC’s output is independent of the gate width; therefore,

the foregoing impulse-input assumption is valid for this

analysis. Note also in Figure 6 that so long as the

sample/hold’s output value remains the same for both

impulse and gate-sampling methods, the ADC makes the

same conversion, provided the gate stays closed long

enough to acquire the signal. With impulse sampling, you

can thus mathematically describe the gate drive's wave-
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°

form by: ~

f(t}= & o(t- nT)

where n= 0, 1, 2..., and where (t-nT) is an impulse that
occurs when t = nT. T is the sampling interval.

SAMPLE/HOLD
OUTPUT WITH

IMPULSE SAMPLING

| jit i f towang tt oa
BATE

SAMPLINE HOLD
OUTPUT

SAMPLE/HOLO GUTPUT

WITH GATE SAMPLING ,
Sampis/holds employ two principal sampling mathods -In Impulse sampling, extremely
barrow gaits pulses place the semple/hold In eemple mods for very short tims Intervais
and then quickly return the device to Hold mods. In gate samp!ing. relatively wide gate
pulses keep the sample/held In a Sample mods for lenger time Intervals before
returning [! to Hold mode, Note that the sampls/hold's output valus stays the eama for

methods.

(a) | [

INPUT SPECTRUM H
ify
a

(0) 4, 6 l, '

SPECTRUM «f/ | I
AFTER I |

SAMPLING i |
! Paid

14 i |
4 4 4, 4, 4,0 t Rei l 4,

[c= INPUT SIGNAL BANDWIDTH —‘f, = SAMPLING FREQUENCY
H the sampis/hotd's inpul censlats of a complex waveform centalning many different
(requenctes, ths Input spectrum (a} perlodically repeats {n the frequency comaln after
undergoing sampling (b}.

FIGURE 6. Sample/ Hold Output as a Function of

Gate Width.

USE IMPULSE RESPONSE FOR BANDWIDTH
CHECK

Remember that the spectrum of an impulse train in the
time domain can be represented as a series of lines in the
frequency domain separated by the sampling frequency
(see Figure 7). Note that as the pulse widths get narrower,

' the spectral lines’ amplitudes become uniform. Thus.
impulse sampling becomes equivalent to multiplying an
input frequency fi by nfz, where n = 0, +1, #2, etc.

If you use a complex input waveform containing many
frequencies, the input spectrum periodically repeats in the
frequency domain (see Figure 8). Each spectral line of the
sampling waveform, including the line at zero, shifts the
input spectrum. This shifting also illustrates that if the
highest frequency in the input spectrum equals half the
sampling frequency, the sampled spectrum tends to
merge. Such a condition makes it impossible to recover

the original signal by filtering (the classic Nyquist

FIGURE 8. Spectral Response Due to-Sampling.

You can now compute the sample/hold’s bandwidth by

evaluating its impulse response. Figure 9 shows that a

sample/hold’s response to impulse inputs is a pulse whose

width equals the sampling time. Taking the Fourier
transform of the time-domain response thus yields the

sample/hold’s frequency characteristic:

laf

F(0) 0 j2nfT

SIGNAL INPUT
TO

SAMPLE/HOLD

GATE INPUT

TO ~~SAMPLE/HOLD | | |
SAMPLE/HOLD

OUTPUT Fr]
(a)

INPUT |
WAVEFORM

rm
4

grecTaumAT «= fo Hy
SAMPLE/HOLTS oT SIM II,

|OUTPUT / ~ mi,
a_i I ol ios
OM 44 4 4} oy thay

Whan you usa impuises for both the signal inaland the gaiaInput to a sampie/hold. the
sampis/hold generates a pulse outprt of width T (zampis ts) in the time domain aL
Taking Feurlsr transforms of this Impulss response produces the semple/hoid’s
frequency response (3).

sampling approach).

SQUARE [ “, .

NARROW

PULSES

ruse | u |

{2} TIMEDOMAIN = qqy,s FREQUENCY DOMAIN
Yeu can display the gata driva’s puise treins Inelther the timecr the frequency domain.
Inths tims domain (a), ax tha gate pulses ge! narrower, the sampling interval (1) expands.
Accordingly, the spectrum extends in frequancy. in the frequency domain O). the
Fourisr-saries representation ef the corresponding time-done!n waveforms demon-
strates that with a frequency Increase, the pulze amplitudes become uniform.

FIGURE 7. Time and Frequency Domain Descriptions

of Gating Wave Forms.

FIGURE 9. Impulse and Spectral Response to

Sample/ Hold.

After some manipulation, this expression equals:

FO) = jmf Sintfs

A sampled signal becomes harmonically distributed over
the frequency domain, modified by this equation’s sine
term, where f is the input frequency and I/fs is the

sampling period. With an applied input sine wave, the
sample/hold's bandwidth drops 3dB downat f/f; =0.443.
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SUPERPOSITION: THE HIDDEN

DAC LINEARITY ERROR

As More DACs Become Available With Resolutions of 12 Bits and Greater, Users Should
Know the Causes and Effects of Superposition Error on Relative and Absolute Accuracy

and What to Do to Minimize It.

A digital-to-analog converter (DAC) translates digital

signals to analog signals. For example, a 12-bit DAC

takes a 12-bit binary number, called an input code, and

converts it into.one of 4,096 analog output voltages or

currents. When the contribution to the output voltage or —

current of each individual bit is independent of any

other, it means that the device exhibits no superposition

error or that “superposition holds.” For a DAC with

little or no superposition error, the linearity error for any

given code will relate to the linearity error at some

different code. This allows you to determine the worst

case linearity error, and the digital code where that error

occurs, with a very simple test.'

However, if the DAC under test has excessive superposi-

tion error, this simple test will give erroneous results;

therefore, you must test all digital codes to determine the

worst case error and code. Superposition error, or bit

interaction, often is significant in converters with a

resolution of 12 to 16 bits. If the error becomes large

enough, a DAC may fail to meet a 1/2LSB linearity

error or relative accuracy specification even with each

individual bit adjusted perfectly. This specification

becomes important in. many applications such as

automatic test equipment or precision voltage standards

where the absolute value of the output voltage must

remain within specified limits after calibration of offset

and gain érrors.

For a DAC with low superposition, the following

equation determines the output voltage, if we assume

that the offset and gain errors have been removed:

Vo = Ves [bi (1/2 + €1) + b2 (1/4 + €2) +...

+-b, (1/2n + €.)], (1)

where 6 X Vrs equals the linearity error associated with

the ith bit and b; equals the value (0 or 1) of the ith bit of

the DAC input code. Since the analog output error with

‘all input code bits off (000...000) and all input bits on

(Lf...111) has been adjusted to zero, then the summation

of all the bit errors,

. n

(e1 + €2 + €3...€n) or. ( zs) ?
i=i

becomes zero. This means that the errors are symmet-

(2)

rical or, in other words, for every possible input code

‘there exists an equal and opposite error associated with

the one’s complement of that code. The linearity error

(sometimes called relative accuracy, integral linearity,

nonlinearity or end-point linearity) is defined as the

maximum error magnitude that occurs.

Now consider the relationship between the individual bit

errors (¢;) and the linearity error. There exists some

digital input code (b;, b2...b,) that yields the maximum

linearity error (Ens:) and the one’s complement of this

* code (bi, bz...b,), that must yield an error of the same
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magnitude but in the opposite direction (—Emax). The

relative magnitude and polarities of the errors determine

which actual input code has the most linearity error. For

the error to be maximum, all of the error terms must be

additive and the following proves true:

+ Baén| + [bier + bre +... + dreal

2|Emax|= (bi_+ Dilerl + (bz + baler} +..

+ (ba + ba) [eal;

but b; + 5; = 1, making the maximum linearity error:
[Emax] = 1/2 {ler] + Jez] +... + Leal). (4)

This result proves interesting because it relates the

maximum linearity error to the individual bit errors,

therefore, you can evaluate a DAC by simply measuring

the output error associated with n digital input codes

instead of all of the 2° possible combinations.””

Stated another way, the sum of the positive bit errors

should equal in magnitude the sum of the negative bit

errors when the gain and offset errors have been

removed. Any difference in these magnitudes indicates

the presence of a superposition error. If this difference

proves greater than. approximately 1/10 of an LSB

(JDEC standard for superposition error), further testing

may become necessary to determine the accuracy of the

DAC. However, a superposition error of more than

1/10LSB does not by itself imply that a DAC cannot

meet a linearity specification of, say, £1/2LSB; it simply

means that you must conduct a more elaborate test to

determine the worst case linearity error and digital input

code where that error occurs.

(3)

‘



A3-BiT DAC

An example illustrating the relationship between

linearity error and the individual bit errors for a 3-bit

DAC appears in Figure la. Any deviation in the DAC

output from the straight line drawn between all bits off

and all bits on indicates a linearity error. With the

superposition error less than 1/10LSB, the error pattern

will appear as symmetrical around midscale as indicated.

Figure Ib shows a transfer characteristic for a 3-bit DAC

which exhibits superposition error. Note that, in this

example, the symmetrical error pattern around midscale

no longer exists. You must consider the difference

between the electrical sum and the algebraic sum of the

bit errors when determining whether to use a more

comprehensive test.

The data in Table I came from a 12-bit hybrid DAC.

Note that, for this test, the full scale voltage was

‘increased to 10.2375V, making the ideal bit weights,

Starting at the LSB, equal to 2.5mV, 5.0mV, 10.0mV...

2.560V and finally 5.12V for the MSB. You can

memorize these numbers easily and calculate the error

voltages quickly by inspection. The difference between

the algebraic sum of the positive bit errors (320uV) and

negative bit errors (—310uV) equals only 10zV, which

indicates a low superposition error. Thus, the maximum

linearity error becomes 1/2 X (320 + 310) = 315pV.

The data in Table II came from a monolithic bipolar

12-bit DAC. Note that the difference here between the

positive bit errors (+550zV) and the negative bit errors

(—1,650zV) equals —1.lmV or almost 1/2LSB. In this

situation, superposition does not hold and you cannot

say anything definite about linearity withthe data

available.

TESTING ALL INPUT CODES

When the short-cut method of measuring linearity error

does not prove sufficient, you can develop a high speed

measurement circuit capable of testing all 2" code

combinations. A simple schematic of this type of tester

appears in Figure 2. The binary counter has n + | stages

to provide a binary count from 0 to 2° — | and to reset

the counters at the end of the count. The reference DAC

and the X 10 error amplifier must have combined settling

times to +1/I0LSB of less than 10sec since the system

clock must operate at 20kHz to have a flicker-free

display. For a 12-bit converter, a complete cycle takes

SOpsec X 4,096 counts or approximately 100msec. The

output of the nth counter stage also displays on the

scope to indicate the midscale transition point, and

offset and gain adjustment potentiometers are provided

to zero the end points of the error display.

This tester works well for 8-, 9-, and 10-bit converters.

For a 12-bit DAC, the 4,096 segments displayed on the
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FIGURE I. Both of these 3-bit DAC transfer functions exhibit errors. Linearity error (a) exists for input codes 001, O10, [01 and 110; note the symmetry of the errors about
midscale. Superposition errors (b) lack symmetry about midscale.
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TABLE I. In this data from a 12-bit hybrid DAC, the full-scale voltage was

Encreased to 10.2375V, making the ideal bit weights, starting at the LSB, equal to

2.5mV, 5.0mV, 10.0mV...2.560V and finally 5.12V for the MSB. You can easily

memorize these numbers and quickly calculate the error voltages by inspection.

input Code | Ideal Output (V) | Actua! Output (V) | Error (ZV)

All Bits “On” +10.23750 +10.23750 0

All Bits “Off” 0 0 0

Bit 1 (MSB) 5.12000 5.31895 — 50

Bit2 2.56000 . 2.55882 —180
Bits 1.26000 1.27904 - 60
Bit4 0.64000 0.63998 ~ 20

Bits 0.32000 0.32004 +40
Bité6 0.16000 0.16004 + 40

Bit? 0.08000 0.08004 + 40

Bits 0.04000 0.04005 - + 50

Bito 0.02000 0.02010 +100
Bit 10 0.01000 0.01002 + 20

Bit 11 0.00500 0.00502 + 20

Bit 12 (LSB) 0.00250 0.00251 + 10

Positive Sum +320

Negative Sum —310

Difference + 10

CRT are spaced so close together that the switching

transients create a wide band of noise making it difficult

to tell if the converter meets its specification, especially

with a linearity error near the +1/2LSB limit. One way

around this problem, if you assume that the errors

contributed by the last four bits of the DAC are small,

TABLE II. Note that the difference between the positive bit errors (+550yV) and

the negative bit errors (—1,650V) in this data from a monolithic bipolar DAC,

equals —I.ImV or almost 1/2LSB. In this situation, superposition does not hold

and you cannot say anything definite about linearity with the amount of data

available. .

input Code Ideal Output (V) | Actual Output (V) Error (uV)

All Bits “On” +10.23750 +10.23750 0

All Bits “Off” 0 0 0

Bit1 (MSB) §.12000 §.11927 — 730
Bit 2 2.56000 2.55928 — 720

Bit3 1.28000 1.27996 - 40
Bit4 0.64000 0.64013 + 130

Bits 0.32000 0.32013 + 130

Bité 0.16000 0.16003 + W

Bit7 0.08000 0.07887 — 130

Bits 0.04000 0.03907 - 30

Bite 0.02000 ‘0.02000 + 0

Bit 10 0.01000 0.01008 + 60

Bit 11 0.00500 0.00512 + 120

Bit 12 (LS8) 0.00250 0.00256 + 60

Positive Sum ‘ + 550

Negative Sum —1650

Difterence 1100

entails inhibiting these bits with the AND gates shown in

Figure 2; this reduces the binary count to 256 and also

gives each count 16 times longer for the glitches to settle

out. You can make other improvements to this tester

such as automatic offset and gain error nulling, a

sample/hold deglitcher to remove the glitches at the

error output and a go/no go window comparator to test

the linearity error at each binary count.

Using the test circuit shown in Figure 2 and three

different 12-bit DACs produced the oscilloscope photo-

graphs in Figure 3. The offset and gain errors have been

nulled at the left and right portions of the photographs

respectively; and the linearity error appears as the

deviation from the horizontal center line of the scope,

with the vertical sensitivity 1/2LSB per division. The
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digital input to the MSB indicates the midrange and
full-scale binary counts.

The DAC errors displayed in Figure 3a appear symmet-

rically about the center of the scope, indicating very little

superposition error; while those in Figure 3b are almost

‘all positive which indicates a moderate amount of

superposition error. Figure 3b shows why some manu-

facturers specify linearity error as the maximum

deviation from a best fit straight line rather than a

straight line through the end points. You can see, in this

example, that a linearity error specification of +1/2LSB

proves easier to meet when using the best fit straight-line

method. In a DAC with symmetrical error patterns, as

shown in Figure 3a, a straight line through the end

points becomes the same as a best fit straight line.

SOURCES OF SUPERPOSITION ERROR

Generally, superposition error in monolithic and hybrid

converters results from the feedback resistor, R:, changing

in value as the output voltage varies from OV to +10V.

This apparent nonlinearity comes from the variable

power dissipation that occurs in this resistor which can

produce a temperature rise (self-heating) of as much as

I°C to 2°C in some DACs. This in turn changes the

absolute value of the feedback resistor since it will have a

temperature coefficient (TC) of between SOppm/°C and

300ppm/°C for a thin-film material and over 1,000

ppm/°C for a monolithic diffused resistor. This problem

generally does not occur in discrete data converters

because the physical size of the feedback resistor is so

large that the temperature rise, and therefore the resis-

tance variation, remain extremely small. In a monolithic

converter, however, with real estate at a premium, the

mass of the feedback resistor is often so small that a

large temperature rise will occur for even small changes

in power dissipation, due to self-heating.

To determine if the feedback resistor is at fault, substitute

a low TC external resistor for the internal feedback

resistor of the DAC and see if the nonlinearity disap-

pears. The oscilloscope photograph in Figure 4 shows

the results of using the test circuit shown in Figure 2 and

the same DACs whose transfer functions appear in

Figures 3a and 3b respectively, with the internal feedback

resistors being replaced by low TC external resistors.

Note that the DAC errors in both cases are now almost

“evenly distributed about the center of the oscilloscope

which indicates that the major cause of the superposition

error has been removed. You cannot use an external

feedback resistor, of course, in most practical applica-

tions because it will cause excessive gain drift since it will

not track the internal diffused or thin-film reference

resistor with variations in time and temperature.

Superposition error or bit interaction can occur in other

ways—by temperature gradients on a monolithic chip

which cause the magnitude of a bit output to be a

function of the state of the other bit switches, or by

feedback resistors which have an appreciable voltage |

coefficient of resistance (VCR), such as diffused resistors

might. Again, the presence of superposition error does
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(d)

FIGURE 3. In these scope waveform photographs showing the output of the test circuit in Figure 2, the top traces indicate the linearity error and the bottom traces reftect
the status of the MSB of the input code. The hybrid DAC (a) exhibits little superposition error, while the asymmetry of the linearity error (b) about midscale shows

superposition error for the monolithic bipolar DAC. The MSB transition marks the horizontal center.

FIGURE 4. An external feedback resistor can decrease superposition error for

the monolithic bipolar DAC shown in Figure 3b.

not mean a DAC will not meet its linearity specification,

but you will need more extensive testing to verify if it

does.

Superposition error, however, is by no means the only

source of linearity error. Pay attention to your wiring

whenever you use or test a DAC. When critical portions

of a circuit share the same metallization path (e.g., a

metallization path on a monolithic chip or in a wirebond;

the contact resistance of a socket; or the wiring

resistance of a test circuit), varying voltage drops caused

by changing current levels can cause serious errors which

could “drown out” any existing superposition error.

61

You can minimize the effect of wiring resistance (Rw)

external to the DAC by paying careful attention to the

grounding and connection scheme employed. Figure 5a

shows a correct connection configuration that you can

use with most commercially available DACs to yield

maximum accuracy. You can reduce or eliminate the

effects of various wiring and contact resistances, R:, Ro,

R; and Ra, as follows:

@ R; appears in series with the feedback resistance and

therefore introduces only a gain error that can be

nulled during calibration.

© R, appears inside the output amplifier teedback loop

and the loop gain will reduce its effect.

@ R; appears in series with the load resistor and will

cause an error in the voltage across Ri. One-half LSB

error would result at full load for R3 = 0.02 for a

16-bit DAC. Therefore, if possible, you should sense

the output voltage in such a way as to include Rs.

Figure 5b illustrates the optimum connection made

possible by the ground sense pin available on some

higher accuracy DACs. In the configuration shown,

’p = Re and Ra = Rpac. This causes rejection of any

signal developed across R; as a common mode input,

and R; will not affect the voltage across Rv. This

configuration will also reject noise present on the

system common.

© Ra remains negligible in both circuits with ground

connections made. as shown.
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18-BIT HYBRID 9/A CONVERTER
BREAKS SIZE AND PERFORMANCE BARRIERS

In the world of high resolution, true 16-bit accurate

digital-to-analog converters, most designs have been

restricted to modular “bricks.” Such modular designs, by

virtue of their size and complexity, take up needed PC

board space in user applications. Other disadvantages

for modular designs include large power dissipation,

long warm-up times and high costs. Now, a new hybrid

18-bit digital-to-analog converter has entered the high-

resolution market. Containing a precision 2ppm/°C 10V

reference, monolithic 18-bit DAC chip with laser-trimmed

current sources, and a low noise, high-speed-output

operational amplifier (I/V converter), the Burr-Brown

18-bit DAC729 is a first among the next generation of

D/A converters. The DAC729 is fully contained within a
40-pin double-wide side-brazed package. the DAC729’s

small outline makes it ideal for user applications where

precision accuracy is needed without compromising PC

board real estate. With its compact size, multiple

DAC729s can be used with external latches to interface

to a user’s data bus to create a system of programmable

voltage or current sources, all on one PC board. An

equivalent system, built around modular D//A con-

verters, would require many separate PC boards to

implement.

The DAC729 is a complete D/A converter within itself.

No external components or adjustments are required to.

perform 18-bit conversions with an integral linearity

accuracy of £76V. Moreover, the DAC729 was designed

to permit maximum user flexibility. In some systems,

multiple devices, including the D/A converters, must

track each other over time and temperature. For such

cases, all devices that must track each other are referenced

to a global system reference voltage. The DAC729 has

the option of using such an external voltage reference so

that the gain of the DAC will track changes in the

external reference potential. If an external reference is

not needed, the DAC729 internal 10V reference can be

used by connecting the Reference

pins together.

The DAC also has an uncommitted operational amplifier

I/V converter which is normally used for voltage output

applications to achieve output ranges of SV, 10V or 20V

(unipolar or bipolar offset modes of operation). The

internal amplifier is the best overall choice for appli-

cations where low noise and high speed are needed at the

same time. However, if noise reduction is more important

than speed, and external low-noise op amp such as the

Burr-Brown OPA27 can be used instead. If an application

requires current out operation, a current output of 0 to

—2mA for unipolar operation or +1mA for bipolar

operation is provided. The absolute accuracy of this

output current is +0.1% of full-scale range (FSR). This

allows the output range to be accurately changed, for

example to 10.24V, by simply adding an external 2400

1% resistor in series with the DAC feedback resistor.

In addition, while the DAC729 can perform conversions

to an accuracy of £76uV or 1/2LSB at the 16-bit level,

external bit adjustment pins are provided for the first

four MSBs so that higher accuracy can be achieved with

external adjustment (see Figure 1). 18-bit accuracy is

typical provided external adjustment of the MSBs is

done. With 40 pins available, the DAC729’s pinout is

designed to permit maximum use flexibility, all in a .

single double-wide package.

Out and Reference In

DESIGN GOALS

The goal in designing the DAC729 was to make a hybrid

18-bit D/A converter, which would fit into a double-

wide package, with performance equal to or better than

the Burr-Brown 16-bit accurate modular DAC73. The

_ size requirement of the DAC729 was important so as to
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optimize a precision D/A converter which could easily

be accommodated in applications such as automatic test

equipment, precision voltage sources, digital audio, analog-

to-digital converters and robotics. Alongside the goal of

‘


