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A Complete Self-Contained Audio Measurement System, by James D. Foote This new
audio analyzer has everythingneeded for audio measuremenfs---source,filters,detectors,
voltmeter,and counter---allunder microprocessorconfrol.
Audio Analyzer Applications The major areas are general audio testing, transceiver testing,and automaticsystems.
Making the Most of a M icroprocessor-Based Instrument Controller, by CorydonJ. Boyan
ln an audio analyzer, microprocessor confrol means automatic operation, "guaranteed"
accurate measurements,and extra features.
Design for a Low-Distortion, Fast-Seftling Source, by George D. Pontis lt's based on a
state-variablefilter with refinements.
Floating a Source Output, by George D. Pontis The floatingoutput letsthe user eliminate
ground-loop errors,surn signals, and add dc offsefs.
A Digitally Tuned Notch Filter, by Chung Y. Lau lt eliminatesthe fundamentalfrequency
component of the incoming signal for distortionand noise measurements.
A Custom LSI Approach to a PersonalComputer, by Todd R. Lynch
large-scaleintegrated circuits make the HP-85 possibie.

NineHP-produced

Handheld Calculator Evaluates Integrals, by WilliamM. Kahan Now you can carry in your
pocket a powerful numerical integratorlike those availableon large computers.

In this Issue:
Audiofrequenciesare frequencieswithinthe rangeof human hearing,roughly20 Hzlo20
kHz. Frequencieson either side of this range are often loosely classifiedas "audio," too.
Thus, the frequency range of the instrumentshown on the cover, Model 8903A Audio
Analyzer(page 3), is 20 Hz to 100 kHz. The 89034 is used for testing-among other
things-many of the electronicdevicesthat speakto us or play music,such as CB radiosand
high-fidelitysystems.In our cover photo it's shown plottingthe frequencyresponseof the
stereo amplifieron the left at differentsignal levels.
There are, of course,other ways of makingthe measurementsin the 8903A's repertoire.
What makes the 89034 better? First, it's a completesystem that includesa low-distortionsignal source,a
counter, a voltmeter,and various filters and detectors.Second, all of this is under microprocessorcontrol,
automaticallysteppingthrough complicatedsequencesof measurementsand computations.Third, it's extremelyaccurate;for example,it can measuretotal harmonicdistortion(THD) down to 0.003% under normal
conditions.Fourth,the 8903A has recorderoutputsthat make plottingresultsabout as easy as it can be.
lf you're not so fortunateas to have studiedintegralcalculusin school,the integralof a functionprobablyisn't
the familiarand highlyusefulconceptthat it is to scientistsand engineers.One way to think ol an integralis this:
draw the graphof the functionas a meanderinglineon a pieceof graphpaper.Then the integralof the functionis
the area boundedby 1) the graph of the function,2) the horizontalaxis of the graph paper,and 3) two vertical
lines calledthe upper and lower limitsof integration.Sometimesthe integralof the functioncan be expressed
neatly in mathematicalterms, but more often than not it can't. So various methods have been devised for
estimatingintegralsusingcomputers.Becausemost of these numericalintegrationprogramsrun on very,very
large computers,it seems like a small miraclethat you can now carry a numericalintegrator-a very good
one-around in your pocket.Beginningon page 23, its designertells us about its capabilitiesand limitations.
On page 18 is an articleabout the nine specialintegratedcircuitsthat make the HP-85 Computerpossible.
This set of customintegratedcircuitchips minimizesthe cost ol the electronics,easesthe problemof coolingthe
computer,makesthe smallpackagepossible,and providesleaturesthat couldn'thavebeen includedotherwise.
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Audlo
A CompleteSelf-Contained
Measurement
System
Thisautomatic,autorangingaudio analyzerhas the signal
source, distortionanalyzer,and counter to make the
measuremenlsmosl often needed in audio-freeuerlcy
testing.
by JamesD. Foote
ft
fr EWLETT-PACKARD'S NEW MODEL 89034 Audio
.$".'F.rRnalyzer (Fig. 1) is a complete audio measurement
Ii l1'svstem for ouick and accurate characterization
of systems and signals in the frequency range 2O Hz to 1,OO
kHz. The starting point for the 8903A is the classical distortion analyzer. Added to this are microprocessor control, a
reciprocal frequency counter, rms detectors, and a programmable audio source. These provide accurate measurement of ac level, distortion, SINAD,* signal-to-noise
ratio, and dc level. The audio source and the measurement
circuits can work independently or together. The source is
programmable in frequency and level and has very low
distortion. The measurement circuits can monitor this internal source or any other independent input waveform.
Together the source and measurement input can be used for
swept response measurements.
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All measurements a-reavailable at the push of a button.
No knob adjustment or operator interaction is necessary.
One simply applies the signal and selects the measurement
mode. All control and processing are handled by the internal microprocessor. The microprocessor monitors the input
signal and makes internal gain and frequency adjustments
as required.
In automatic measurement systems, the 8903A is capable
of rapid and straightforward remote control. Analyzer operations can be controlled and all measurements can be
transferred via the Hewlett-Packard Interface Bus (HP-IB)'
Hewlett-Packard's implementation of IEEE Standard 4BB1978. On the bench, the BsO3A allows rapid and accurate
circuit characterization when many repetitive measurements are necessary.
Ma jor application areasfor the 8903A Audio Analyzer are
general audio testing, transceiver testing, and automatic
systems. In general audio testing, the 8903A measures the
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Fig. 1. Model 89034 Audio
Analyzer makes the accurate
measurementsneeded to characterize systemsand signals in tts
frequency range of 20 Hz to 10O
kHz. lt has applicationsrn general
audio testing,transceivertestlng,
and automatic systems.Microprocessor control makes it automatic and easy to use.
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F19.2. The 89034 Audio Analyzer is basicallya distortionanalyzer, with atunable notch filter to
remove the fundamental trequency component of the signal and a detector to measure what
remains, which consists of noise and distortion.Added to this are a microprocessor-based
controller,a reciprocal frequency counter, a programmable audio source, and other resources,
forming a completeaudio measurementsystem.

frequency responseand distortion chalacteristicsof filters,
high-quality amplifiers, audio integratedcircuits, and other
devices.The frequency ofthe internal source can be swept
while making measurementsin all modes. The analyzer
provides recorderoutputs and scaling for easygenerationof
plots using an X-Y recorder.
For transceiverapplications the most common receiver
measurementsare SINAD for FM receivers and signal-tonoise ratio for AM receivers.A psophometric filter is included for making measurementsto CEPT standards.
Common transmitter measurementssuch as audio distortion and squelch tones are made using the 89034 with its
companion instrument, the 8901,t Modulation Analyzer.l
In automatic systems,the 8903A provides many frequently
needed audio functions, doing the work of an audio synthesizer, digital multimeter, frequency counter, and tunable notch filter. More details on specific applications are
presentedon page 6.
Control Philosophy
Front-panel control of the audio analyzer is simple, yet
powerful. Most functions can be used and understoodwith
very little training. The casual user can select amplitude,
frequency, measurement mode, and filtering simply by
reading the labelson the controls.More detailsareavailable
on the instrument's pull-out card.
A great deal of measurementsophistication is built into
the 89034 software. Measurementroutines are structured
to optimize measurementspeed and accuracy.As a rule,
4 Hewrerr-pncxARD
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measurementstriggered from the bus or initiated from the
keyboard are accuratefrom the first reading. The operator
needn't wait for successivemeasurementsto verify that the
reading has stabilized. The software algorithm monitors
key voltages in the audio chain and waits until they
stabilize before taking data. Not only does the software
perform these functions much more rapidly than the
operator,but it can also ensurethe optimal convergenceof
the measurementwith a repeatable,well defined technique.
Distortion, SINAD, and signal-to-noiseratio, in particular,
are examples of measurementsthat in the past required a
significant amount of settling time and operator interaction. A classical distortion analyzer requires repeatedadjustments to achieve an accuratedistortion reading. More
recent analyzers have offered semiautomatic tuning and
leveling, but responsetime is often long, and operator interaction is required if the frequency,amplitude or relative
distortion of the signal changes significantly. With the
89034, some delay still exists, but the delay involved is
minimized by careful circuit design and microprocessor
control.
Special functions extend user control of the instrument
beyond that normally availablefrom the front panel. These
functions are intended for the user who knows the instrument and the service technician who needs arbitrary control of the instrument functions, Automatic tuning and
ranging, overvoltageprotection,and enor messagesprotect
the user from invalid measurementsduring normal operation. When special functions are used, some of these

safeguards are removed, depending on the special function
selected, and thus there is a degree of risk that the measurement may be invalid. However, there is no risk of damage to the instrument.
To enter a special function, the user enters the special
function code (usually a prefix, decimal, and suffix) then
presses the SPCLkey. The special function code appears on
the display as it is being entered. If a mistake is made during
entry of the special function code, the user can press the
CLEAR key and start over. When a special function is entered, the light in the SPCLkey goes on if it is not already on.
The readout on the display depends on the special function
entered. It may be a measured quantity, an instrument setting, or a special code. In some cases the display is unaltered. Special functions can be entered from the HP-IB by
issuing the special function code followed by the code SP.

FloatingInput and Output
To eliminatetroublesome
groundloops,boththesource
outputand the measurement
input of the 89034arefloating. This is helpful in low-distortion or low-level ac measurements when it is necessary to reject potential differences between the chassis of the 89034 and the device
under test. The 8903A also has EMI (electromagnetic interference) protection built into the source output and measurement input lines so that it can work in the presence of
high EML AII of the analog circuitry is shielded by an
internal EMl-tight box. The output and input lines extending from this box to the front panel are shielded and terminated in BNC connectors. For user convenience, the BNC
connectors are spaced so that BNC-to-banana adapters can
be attached. Thus a banana or twisted-wire connection can be
made to the inshument when EMI shielding is not critical.

AnalyzerArchitecture
The 8903A Audio Analyzer combines three instruments
into one: a low-distortion audio source, a general-purpose
voltmeter with a tunable notch filter at the input, and a
frequency counter. Measurements are managed by the
microprocessor-based controller. This combination can
make most common measurements on audio circuits automatically. To add to its versatility, the analyzer also has
selectable input filters, Iogarithmic frequency sweep, X and
Y outputs for plotting measurement results versus frequency, and HP-IB programmability. Fig. 2 is a simplified
block diagram.
The amplitude measurement path flows from the INPUT
jacks (HIGH and LOw) to the MONITOR output on the rear
panel, and includes the input and output rms detectors, the
dc voltmeter (the voltage-to-time converter and counter),
and the SINAD meter circuitry. Measurements are made on
the difference between the signals at the HIGH jack and the
LOW jack. Differential levels can be as high as 300V. Signals
that are common to both the HIGH and LOw iacks are balanced out. Signals applied to the LOW jack must not exceed 4V.
The input signal is ac coupled for all measurement modes
except dc level. The signal is scaled by the input attenuator
to a level of 3V or less. To protect the active circuits, the
overvoltage protection circuit quickly disconnects the
input amplifier if its input exceeds 15V.

The differential signal is converted to a single-ended
signal (referenced to ground) and amplified. The signal is
further amplified by a programmable gain amplifier, which
is ac coupled. The gain of this amplifier and the
differential-to-single-ended amplifier are set to keep the
signal level at the input rms detector between 1.7 and 3V
rms to optimize its effectiveness and accuracy.
The output from the first programmable gain amplifier is
converted to dc by the input rms detector and measured by
the dc voltmeter. The output of the detector is used to set the
gain of the input circuits and becomes the numerator of the
SINAD measurement and the denominator of the distortion
measurement. The gain of the input path is determined by
measuring the dc level. The input rms detector also
monitors the ac component (if there is one) and lowers the
gain of the input path if the ac signal will overload the input
amplifier. At this point either the 400-Hz high-pass filter or
the psophometric filter can be inserted into the signal path.
The 400-Hz high-pass filter is often used to suppress line
hum or the low-frequency squelch tone used in some
mobile receivers. The psophometric filter has a bandpass
frequency response that simulates the "average" response of
human hearing. It is often used to condition a receiver audio
output when determining the receiver's input sensitivity.
During SINAD, distortion, or distortion level measurements, the fundamental of the signal is removed by the
notch filter. The output from the filter is the distortion and
noise of the signal. In the ac level and signal-to-noise
modes the notch filter is bypassed. After amplifying and
Iow-pass filtering, the output from the notch filter is converted to dc by the output rms detector and measured by
the dc voltmeter.
During distortion or distortion level measurements, the
notch filter is tuned to the frequency counted at its input.
Coarse tuning is done by the controller, and internal analog
circuitry fine tunes and balances the notch filter. During
SINAD measurements, the controller coarse tunes the notch
to the source frequency. Thus a SINAD measurement is
normally made with the internal source as the stimulus;this
permits measurements in the presence of large amounts of
noise (where the controller would be unable to determine
the input frequency). If an external source is used in the
SINAD measurement rnode, the source frequency must
be within 5% of the frequency of the internal source.
The two programmable gain amplifiers following the
notch filter amplify the low-level noise and distortion signals from the notch filter. The overall gain of the two
amplifiers is normally set to maintain a signal level of 0.2s
to 3V at the output detector and monitor. The 30-kHz and
BO-kHz low-pass filters are selected from the keyboard.
With no low-pass filtering, the bandwidth of the measurement system is 750 kHz. The filters are most often used to
remove the high-frequency noise components in lowfrequency distortion and signal-to-noise measurements.
The output from the second programmable gain amplifier
drives the rear-panel MONITOR output jack. Taking advantage of the increased amplification available at this point,
the counter monitors this output in ac level and signal-tonoise modes.
The output rms detector is read by the dc voltmeter in the
ac level, SINAD (the denominator), distortion (the
numerator), distortion level, and signal-to-noise measureAUGUST1980 HEWLETT,pACKAHD
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Audio Analvzer Applications
capabilitiesreachfar
The 89034 Audio Analyzer'smeasurement
beyondconventional
distortionanalyzers.Muchof this performance
resultsfrom microprocessorcontrol and HP-lB programmability.
Numeroushardwarefeaturessuch as a fast counter,both analog
meterand digitaldisplay,and switchabledetectorfilteringallowthe
with convenience
user to make unusualor specialmeasurements
and littleauxiliaryapparatus.

Considerthe 89034 used at a test and calibrationstationin the
manufacture
of audiopoweramplifiers,
A typicalsequenceof events
mightincludean outputoffsetnull,frequencyresponsecheck,distortion test,and noisemeasurement.
The 89034 can performall these
quicklywith a singletest setup. lf an X-Y plotteris
measurements
connectedto the rear-panel
outputs,the resultsof sweptfrequency
measurementscan be recorded on standard log/log or log/lin
graph paper.
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ment modes. It is also used to set the gain of the two programmable gain amplifiers. The detector can be configured
internally to respond to the average absolute value of the
signal instead of the true rms value. This option is provided
because some measurement specifications for detection of
distortion and noise specify the use of an average responding detector. Average responding detectors do not give an
accurate indication of signal power unless the signal waveform is knornrn. (If the waveform is Gaussian noise the reading will be approximately 1 dB less than the true rms value.)
In the SINAD mode the outputs from the input and output
rms detectors ale converted to logarithms, subtracted, and
converted to a current by the SINAD meter amplifier to drive
the SINAD panel meter. Since SINAD measurements are
often made under very noisy conditions, the panel meter
makes it easier to average the reading and to discern trends.
The voltage-to-time converter converts the dc inputs into a
time interval, which is measured by the counter.
The 89034 uses a reciprocal counter. To measure frequency, it counts the period of one or more cycles of the
signal at its input. Then the controller divides the number of
cycles by the accumulated count. The reference for the
counter is the 2-MHz time base, which also is the clock for the
6 lewLEtr-pacrARD
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Fig, 1. Swept distortionand frequency responseof atwo-poleactive filter, measured by the 8903A
Audio Analyzer.

conholler. The counter has four inputs and three modes of
operation:
1. Voltage measurement. The time interval from the
voltage-to-time converter is counted. The accumulated
count is proportional to the dc voltage. For direct measurements (ac level and distortion level), the count is
processed directly by the controller and the result is displayed. For ratio measurements (SINAD, distortion, and
signal-to-noise), the counts of two successive measurements are processed and displayed. For SINAD and distortion, the controller computes the ratio of the outputs of
the input and output rms detectors. For signal-to-noise
measurements, the output of the output rms detector is
measured with the oscillator on and off and the ratio of the
two measurernentsis computed.
2. Input frequency measurement. The signal from the last
programmable gain amplifier or the high-pass/bandpass
filters is conditioned by the counter input Schmitt trigger to make it compatible with the counter's input. The
period of the signal is then counted, the count is processedby the controller, and the frequency is displayed.
3. Source frequency measurement. The counter measures
the frequency of the oscillator during tuning and when

Attenuatol

Fig, 2. Iest setup for screening operational amplifiers.
The sweptfrequencymeasurement
withplotcapabilityfindsmany
applicationsin the laboratory.Fig. 1 showsthe swept distortionand
frequencyresponseof a two-poleactivef ilter.The uppercurve shows
the magnituderesponse,
whilethe lowershowsdistortion.
Noticethat
the analyzerinputmagnitudecoversa 30-dBdynamicrange,During
the sweep,the 89034 is automaticallysettinginput gain before performingthe distortionmeasurement.
lf an HP-lBcontroller
is available,
therearemanymoreapplications
for the 8903A.Fig.2 showsa simpletest setupfor screeningoperat i o n a l a m p l i f i e r s .W i t h n o o t h e r i n s t r u m e n t si n t h e s y s t e m , a
computer-controlled
8903A can rapidly and accuratelymeasure
inputoffsetvoltage,inputnoisevoltage,and distortion.
lt can alsobe
used to measurethe gain-bandwidthproductof the op-amp,providedit is notgreaterthan30 MHz.Thecontroller
testprogramcan be
writtento provideeithera go/no-gooutputor a Iistingof measurement
resulIS.
Manyof the specialmeasurement
modesareavailablethroughthe
use of specialfunctions.For example,the 89034 can be used as a
test amplifierwith gain settablelrom -24 dB to +94 dB. Signal
filteringcan be added by selectingthe appropriatefront-panel
controls,or the specialf unctionscan be usedto putthe instrument
intoa
notch or bandpassfilter mode. Of course,signal frequencyand
amplitudewill be measuredand displayedif the operatingloadsare
chosencorrectlv.Thismode of ooerationmakesit oossibleto count

verifying that the oscillator frequency is within tolerance. This frequency is normally not displayed.
The source covers the frequency range of 20 Hz to 100
kHz. It is tuned by the controller to the frequency entered
from the keyboard, using a tune-and-countroutine. (Note
that the frequency is not obtained by frequency synthesis.)
The switch following the oscillator is closed except in the
signal-to-noisemeasurementmode or when an amplitude
of 0V is entered from the keyboard.
The sourceoutput amplifier and output attenuatorsprovide 77.5 dB of attenuationin 2.5-dBsteps,and 2.5 dB of
attenuation in 256 steps.This gives an open-circuit output
from 0.6 mV to 6V. The floating output amplifier converts
the ground-referencedinput to a floating output. Either
output, HIGH or LOW, can be floated up to ten volts peak.
The entire operation of the instrument is under control of
the microprocessor-based
controller, which setsup the instrument at turn-on, interprets keyboard entries, executes
changes in the mode of operation, continually monitors
instrument operation, sends measurementresults and errors to the front-panel displays, and interfaces with the
HP-IB. Its computing capability is also used to simplify
circuit operation.For example,it forms the last stageof the

Fig. 3. Transmlller test setup usmg the 8901A Modulation
Analyzer and the 8903A Audio Analyzer.
the frequencyof a signal whose amplitudeis in the low tens of
microvolts.
Transceiver Testing
Much efforthas gone intothe designof the 8903Ato facilitatethe
a u d i o m e a s u r e m e n t sr e q u i r e df o r a u t o m a t i c ,p r o g r a m m e d ,
transceivertesting.For example,the worsfcase sourcefrequency
for
errorof 0.3% allowsthe 8903A sourceto replacea synthesizer
generation.
squelch-tone
In addition,a binaryprogrammingmodeis
availablethroughthe HP-lBthatcausesthe 89034to generatea tone
burst sequencethat can be used to unlock a coded receiver.A
relatedfunctionallowsthe 89034 to measurebursttones generated
by an externalsource,such as a transmitter
undertest.The packed,
four-byteoutputallowsthe 8903Ato outputf requencymeasurements
as oftenas everyeight milliseconds.
Whenthe 89034is used in conjunction
withthe 8901AModulation
Analyzer,almostalltransmitter
testscan be automated.Fig.3 shows
the block diagram.With the sourceturned off and the transmitter
keyed, the squelch{one frequency can be counted. Then, the
400-Hzhigh-passfiltercan be switchedin to eliminatethe squelch
tone fromthe remainingmeasurements.
Withthe sourceoutputturned
on, the 89034 can easily be programmedto make the necessary
measurementsto determinedistortionand microphonesensitivity.

counter, converts measurementresults into ratios (in % or
dB), and so on. It also executesroutinesfor servicingthe rest
of the instrument as well as itself.
lnput Circuits
Numerous design constraintswere imposed on the input
attenuator/protection/amplifiercircuitry. An input impedance of 100 kO is necessaryto prevent the input circuitry
from unnecessarilyloading the device under test. On the
other hand, maintaining a good signal-to-noiseand distortion ratio, good frequency responseto 100 kHz, automatic
operation and reliable performancewith input signals as
large as 300V is very challenging. Consider the 300V constraint. It is possiblefor a 300V signal to appearsuddenly at
the input while the instrument is measuringa 50-mV input
level. Not only must no damageoccur,but also the overload
recovery must be quick, and the input protection circuit
must not be allowed to degradethe input noise floor when
measuring50 mV. The 300V signal may also have spikes or
transients that far exceed 300V, or the user may inadvertently apply a larger signal. In all these casesthe circuit
must recover without causing a safety hazard to the user,
destroying internal components,or even blowing a fuse.
AUGUST1980HEWLETTpACKARD.touRlter 7

Making the Most of a Microprocessor-Based
Instrument Controller
by CorydonJ. Boyan

In the 89034 Audio Analyzer,most of the tasks that lead to the
displayof measurements
are coordinatedby a microprocessor.
The
processor(an F8 with 1BK bytes of ROM and 192 bytes of RAM)
countsand tunesthe internalaudiosource,setsthe inputamplifier's
gain, tunes the notch filter,sets the output amplifier'sgain, and
measuresthe voltagesthat will be used to generateeach reading.
This meansthat the 89034 can, among otherthings,automatically
takedistortionreadingswithoutcallinguponthe userto turn several
knobswhenseekinga null.Thisabilityaloneis amplejustification
for
basingthe instrument
controller
on a microprocessor,
but the 8903A
goes far beyondthis in applyingthe powerof its controller.
"Guaranteed" Accurate Measurements
The89034 is HP-lBprogrammable,
and this broughtsomeimportantfactorsintoconsideration
durrngthe design.The performance
of
the internalsource when settlingfrom one frequencyor level to
another,for example,is a key factorin assuringthe validityof the first
measurement
takenafterchangingthe frequencyor level.Similarly,
the settlingperformanceof the inputand outputamplifiersand the
notchtilterunder variousadversesignalconditionsbecomesvery
importantwhen the instrumentis tryingto deliveran accuratefirst
measurementafter a change in operatingparameters(e.9,, after
tuningto a new frequency).
Add to thisthe desireto makemeasureproblem
menlsas rapidlyas possibleand you havea veryinteresting
for a microprocessor
to solve.
Forexample,everytimethe internalsourceis tuned,the processor
spendsabout170milliseconds
tuningto and verrfying
thef requency.
Thistranslates
to over86,000operations.
Ol equalcomplexityis the
job of settingthe correctgainforthe outputamplifierand allowingthe
circuitsto settlebeforethe outputamplifiervoltageis read,withthe
objectof nevergivingthe user an invalidreadingwhileat the same
time deliveringthe readingin as short a time as possible.To accomplishthis,the routinethatcontrolsthe outputamplifiermakesuse
of such techniquesas slope checkingand frequencydependent
delaysto ensurerapid,validreadings.Thesetechniquesmakepossible accurate readingsin half the time it might otherwisetake.
Referring
to theflowchart,Fig. 1,notethatthe keytothisroutineisthe
techniqueof measuringthe rateof changeof the signalon the output
amplifier(the slope)beforeattemptrngto check the signallevelto
determineif the outputamplifiergain is properlyset, This is done
because it is quite common,after the signal level has suddenly
changed(forexample,whenthe notchfilteris suddenlyswitchedin

Dc inputs and low-level differential amplification for
common-mode rejection are necessary features for an instrument like the 8903A. One consequence of automatic
ranging is that low-capacitance mechanical switching
techniques cannot be used effectively. Needed are highvoltage reed relays, which affect high-frequency performance and require the use of compensation capacitors.
For dc operation the first part ofthe input signal path is dc
coupled with the input blocking capacitor bypassed. The
output of the differential-to-single-ended amplifier can
then be monitored to obtain an accurately scaled representation of the input dc level.
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JouRNALAUGUST
19Bo

Fig, 1. B903Alevelingalgorithm.Themicroprocessorchecks
the rateof changeof the inputsignalas wellas itsleveltomake
certain that the signal has setl/ed before the output amplifier
galn is set.
whengoing{romac levelto distortionmode),to havea rapidlyfalling
output amplifiervoltagepass throughthe acceptableregion,and
thushavethegainappearto be properlyset,whenin factthe signalis
on itswayto a levelthatwillrequiremoregaintor the properreadang.
we take
frombeingfooledby thisphenomenon,
To keepthe controller
two voltagereadingsin rapid succession,and from them calculate
the rateof changeof the signal.Thetimeoverwhichwe measurethis
and is in factlookedup in a table
slopeis longerat lowerfrequencies,
in ROM,basedon the f requencyat whichwe'reoperating.lf the rate
of changeis too fastduringthisperiod,we delaybeforecheckingthe
level(seeFig.2). Thisdelayis alsofrequencydependentand tabledriven.Notethatif we simplydelayedeachcycleto keepfromrisking

lnput voltageslarger than 3V are attenuatedby the input
attenuator,a network of resistorsthat divide down the input
signal. The appropriatetap point is selectedby a reed relay
network. If an overload occurs, the maximum attenuation
setting is enabled.
To protect the sensitive input amplifier following the
attenuator from short-term transients,an overvoltageprotection network is used. For low-level signals the transfer
impedance is low and signals applied to the input are
coupled to the differential-input amplifier. However, for
input signals large enough to damage the amplifier the
output of the protection network is limited to a safevalue.

pointsper sweep,and pressthe swEEp
button.Thismakesit easyto
measurethe lrequencyresponseof an amplrfier.

o
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Fig.2. An example of slope checking by the Bg03A microprocessor.

X-Y Recorder Output
controlleris
The calculatingpowerof the microprocessor-based
also apparentin the operationof the 89034'sX-Y recorderoutputs.
converterscontrolled
Theseoutputsare drivenby digital-to-analog
ratherthandirectly.frominternaldetectors.As
by the microprocessor,
a resull,the user does not haveto worryaboutthe recorderoutput
voltageabruptlychangingwhen the analyzerautoranges.The miscalesthe recorderoutputaccordingto the displayed
croprocessor
readingand the plot limitsenteredvia the keyboard.The recorder
outputsarealwaysbetweenzeroand ten voltsso the recorder'szero
and verniercontrolsneed be adjustedonly once. Thus,a properly
scaled plot is easily generatedby using the sweep and the X-Y
outputs,withoutany need for an externalcontroller.
Special Functions
are nearlyforty special
Hidden behindthe basic measurements
functions,which provide extended measurementcapabilityand
many serviceards.For example,the analyzercan be given a load
resistancein ohms and commandedto displayac level in watts.
Anotherspecialfunctionchangesthe numberof pointsperdecadein
a sweep, and severalspecialfunctionsmodifydisplayoperation.
Normallythe leftand rightdisplaysindicatethe frequencyand ievel
(or distortion,
etc.)of the signalappliedto the analyzerinput.Sometimes,whenusangthe 89034justas a source,the usermay wanlthe
analyzerto displaythe frequencyand levelof the source.Specral
f u n c t i o nr o p r o v i d e st h i s d i s p l a y .
displayol manyinlernalvoltages
Serviceaids providefront-panel
controleach specialfunction
and settings.Withoutmicroprocessor
wouldrequireone or moreswitcheson the f rontpanelinsteadof one
sercrnrkey,and wouldthereforeprobablynot be included.Thus,the
processorallowsimplementation
of usefulfeaturesthe user would
not otherwiseqet.

displayinginvalidreadings,everymeasurement
would take longer,
perhapsby severalhundredmilliseconds.
The slopecheckinggives
us a rapidcheckon signalqualitywhicheliminates
the needto delay
everytime.
Afterthe slopecheck (and possibledelay)we assumethe output
amplifieris well settledand readyfor leveling.We then measurethe
voltageat its output,and if too high or low,adjustthe gain accordingly Afteradjustingthe gain, we make anotherpass throughthe
levelingalgorithm(unlesswe are now in the highest-gain
range).To
keepf romgettingcaughtin infiniteloops,we requirethatafterthef irst
passthe gain neverbe reduced,and assumethat if it is,we havean
unstablesignal,which causes us to start the entiremeasurement
c y c l e( t u n es o u r c e l, e v e rl n p u tt,u n en o t c h ,l e v e o
l u t p u t )o v e ra g a i n .
Corydon J. Boyan
The final protectionfrom infiniteloops comes from countingthe
Cory Boyanreceivedhis BSEEand
numberof times we restartwithoutdisplaying(eachtime we put a
MSEEdegreesfromStanfordUniversity
"----"patternon the display),and after128timeswe displayError31,
i n 1 9 7 4a n d 1 9 7 6 W
. i t hH Ps i n c e1 9 7 4 ,
w h i c ha l s og o e s o u t t o t h e H P - l B .
he's contributedto the designof the
4364 PowerMeter,the 86624 SynSweep
thesizedSignalGenerator,the 8901A
Becausethe 89034 hasthe abilityto generateaccurateand comparativelyrapid measurements
ModulationAnalyzer,and the 89034
automatically,
with no need for the
userto insertdelaysin HP-lBroutinesor waitfor the displayto settle
Audio Analyzer.He's taughtmicroprocessordesignat FoothillCollege
beforetakinga reading,it is possibleto havethe instrumentsweep
itselfover a rangeof f requencieswithoutuseror computerintervenand servedas chiefengineeroJStantion.Herethe calculatingpowerof the microprocessor
ford FM stationKZSU.Born in Boston,
is broughtto
bearon the problemof determining
the f requencyincrementfor each
Massachusetts,
Cory now livesin
new pointin the logarithmic
sweep,basedon the sweeprangeand
Hisinterests
I
. MountainView.Cari'fornia.
the numberof poinlspersweep(whichcan be setby the user).Allthe
photoFM radiobroadcasting.
include
L*
i
userneeddo to get a seriesof measurements
spanninga frequency
". rrihirr! grapny.backpacking.and the art ot
rangeis setthe startand stop sweepfrequencies
and the numberof
comedy he's an avid fan of radioand televisioncomedygroups.

The network consists of two back-to-back diodes which
open up under large-signal conditions.
The differential amplifier consists of three highperformance amplifiers. These have the necessarynoise, dc
offset and frequency performance so that they do not degrade the signal quality. The total input amplifier chain acts
as a 4-dB/step amplifier with leveling hysteresis, which
maintains the post-amplifier signal level within 6 dB (3 to
1.5V rms). Should the output level change with time and
deviate from this range, the gains of the attenuator, the
differential-to-single-ended amplifier, and the programmable gain amplifier are adjusted to compensate.

To summarize, the gain of the input amplifiers is modified in three ways. First, the microprocessor monitors the
input detector. If the detector voltage is too high or too low,
the microprocessor varies the gain of the attenuator/
amplifier chain to bring the level within bounds. Second,
the overvoltage protection network limits if the input signal
exceeds -r15V. Third, any sustained input overload trips
the input overload detector. This detector monitors the
input rms detector and the differential amplifier, and if
either exceedsa certain absolute voltage limit, the overload
detector trips, resetting the gain of the entire amplifier
chain to its minimum value (maximum attenuationl. This
A C K A RLDo u R t e r 9
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Design for a Low-Distortion, Fast-settling Source
by GeorgeD. Pontis
To fulfillthe requirements
of the 8903AAudioAnalyzer,the built-in
sourcemusthavegood performance
in certainkeyareas.Firstof all,
for sweptmeasurements,
it must be readilyprogrammable
and fast
settling.lt mustalso havelow distortionand noise,and it musthave
verygood amplitudeaccuracyoverthe entirefrequencyrangeof 20
Hz to 100 kHz.
The combinationof theseconflictingrequirements
suggestedthe
useof a high-performance
RCoscillatorinsteadof a synthesizer.
The
synthesizer
is easyto programand settlesquickly,but it is difficultto
builda synthesizer
with noiseand distortionmorethan B0 dB below
the fundamental.Synthesizeddesignsalso do not have sufficient
absolutelevelaccuracyor flatnesswithoutleveling,and a leveling
loop that does not undulydegradethe distortionand settlingtime
w o u l db e v e r yd i t f i c u ltto d e s i g n .
Unfortunately,
none ol the common RC audio oscillatordesigns
lookedsuitableeither.Usuallythe amountof distortionis inversely
proportional
to the settlingtime. Also, the tuning elementsusually
float,makingthe circuitdifficultto interfacewithprogramminglines.
Forthesereasonsa state-variable
oscillator
was chosen.similarto
that proposedby Smithand Vannerson
in 1975.1Sincethisoscillator
is built around a state-variable
filter structure,inexpensiveJFET
switchescan be used easilyto switchthe tuning elements.More
importantis that the ALC designpermitsvery raprdsettlingwithout
tradingoff good distortionperformance.
Althoughthe programmed
frequencydoes not have the accuracyof a synthesizer,
sufficient
resolutionis availableto permitfirmwaretuningto within+0.3% of
the programmedvalue.
Thisoscillatordesigncan be describedas a state-variable
filterin

which the resistorthat determinesthe Q is replacedby an analog
multiplier.The controlsignal for the multiplieris provided by an
automaticlevelcontrol(ALC)circuit.The ALC circuitcomparesthe
oscillatoramplitudewith a stable dc referenceobtainedfrom a
referencediode.The resultingerrorsigtemperature-compensated
nal is processedthroughtwo paths,One path carriesthe cycle-byerror to the controllingmultiplier.This provides
cycle proportional
veryfastsettling.The otherpath includesan integratorin the loopto
error.Thisdesignis theoretieliminatenearlyall of the steady-state
callycapableof settlingthe outputamplitudewithintwo cyclesafter
small-signal
amplitudedisturbances.
in the 8903Aoscillator.The
Thereare two importantrefinements
first is the use of a specialtwo-stagepeak detector.This consistsof
track/holdand sample/holdamplifiersto eliminateany distortioncausingrippleon the detectedpeakoutput.Thesecondrefinementis
the additionof an ALC loop gain controlto compensatethe leveling
loop,cycle by cycle,tor changesin oscillatoramplitude.Thisgreatly
decreasesthe large-signalsettlingtime of the oscillator,which is
importantwhen switchingfrom one rangeto another.
Fig. 1 showsthe oscillatorintegrators.
The gain constantof these
integrators
is changedin three-octave
steps by selectingthe feedback capacrtor.Thisgivesus rangeswitching.Coarsetuningwithin
each range is done by switchingthe input resistors.The eight
resistorsprovide 255 usable steps. Placingthe
binary-weighted
switchingdevicesat the virtualgound pointpermitsthe useof JFETs
(Roson).An individual
transiswithlow drain{o-source
on resistance
tor switchconductswhen its gate is allowedto riseto groundpotential,and turnsoffwhenitsgateis pulledto the negativesupply,- 15V.

vner
TTL
lnpul

From Open Collector Drivers

Open Collector
Driver (1 of 8)

Fig. 1. fhe gain-switched integrator used in the 8903A's internal oscillator. Capacitors are
switched to change ranges.Resistor switching provides coarse tuning within each range.

reset occurs within ten milliseconds if the overload is severe. This protects the input from burning out or blowing a
fuse, and allows for rapid overload recovery.
19Bo
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Notch Filter
The notch filter design challenge was twofold. First, it
was necessary to design a low-distortion, low-noise filter
that was also programmable. Second, to minimize overall

The switchingscheme is economicalbecause multiple resistor
packages and quad comparatorscan be used to interfaceto TTL
levels.
Fig. 2 is a block diagramof the oscillator.IntegratorsU1 and U2
and inverterU4 form the state-variablefilterstructure.Finetuning is
done by U4. This stage uses a switchedresistornetworksimilarto
that used for coarse tuning in the integrators.As the resistorsare
switchedthe gain of U4 changes,effectivelyalteringthe amountof
from the outputof U2. The gain is proportional
signaltransmitted
to
VA-/R-, where R is the parallelcombinationof the selected input
resistorsand A and B are constantsthat providea +5% fine tuning
range. This gives the oscillatorenough resolutionto tune within
tO.2% of any frequencywithinthe rangeof the instrument.
It is generallytrue for sinusoidaloscillators
that purityand settling
time are chieflyfunctionsof the ALC circuitsor mechanismsused.
The two-stagepeak-detectorcircuitsare the key to the performance
of the 89034 oscillator.
Oscillatoramplitudedata is obtainedby the
amplifiersin thefollowingmanner.Switch
trackiholdand sample/hold
51 closesduringthetimethe outputis at itsnegativepeak,Capacitor
Cl rapidlycharges,followingthe sine-waveamplitudeup to its positive peak.At this time Sl opens,holdingthe peak voltageon Cl.
Switch52 then quicklyclosesand opens again,thus updatingthe
sampledpeak levelheld by capacitorC2.
The two-stagescheme has severaladvantages.For one, the first
stage may be optimizedfor fast data acquisition,
whilethe second
stateis optjmizedfor long holdtime.Fastacquisitionis essentialfor

good amplitudeaccuracyat high frequencies.Low droop is imporAlso,this scheme
tant to maintainlow distortionat low frequencies.
ripplein the sampledoutputwhichwouldcause
has no steady-state
distortionto appearon the multiplieroutputand in turn on the main
^^^ill^a^,

vJUIrdLur

^,.+^..1

uutput.

In practice,the two-stageschemeis alsoeasierto implementthan
a very fast single-stagesampleiholdcircuit,The requiredcircuit
functionsare accomplishedwith simpleJFETswitchesand unitygain buffersas shownin Fig. 2.
For sampled data systemsin general,settlingtime is strongly
gain is
dependentupon loopgain.Forthiscircuitthe idealintegrator
linearlyproportional
to frequency.Thiseffectis achievedby switching the integratorresistoron once per cycle for a durationof 35 ps.
This processincreasesthe integralerrorsignalwith frequency.The
duty cycle increaseswithfrequencyuntilthe integratorswitch53 is
for frequenciesgreaterthan 25 kHz.Above
leftclosedcontinuously
25 kHz, the oscillatoreasilysettlesin lessthan one millisecond.
89034 oscillatorperformanceis largelylimitedby the qualityof
The
commerciallyavailable,reasonablypriced analog multipliers.
multiplierused is decoupledslightly(from optimum)to reduce its
contribution
to THDand noise.Thisextendstheoscillator
settlrnq
time
to a periodof four to five cycles.
Reference

'A
Oscillatorwith FastAmpl tude Stab|za
L E. Vannersonand K. Smith, Low-Dislortion
Journalol Electronics,Vol. 39, No 4.1975. pp. 465-472
tion," lnternational

Coarse Tuning
State-Variable Filter
ALC Ciicuits

Track/Hold

Oscillator Positive
Peak Amplitude

Sample/Hold

c1

c2

ALC Output

Proporlional
Feedback

J-

Integral Feedback

Error
Signal
Oscillator
Output

Fig.2, Block diagram of the 8903A'sinternalstate-variableoscillator.

measurement time, it was necessary to develop an accurate,
rapid fine-tune mechanism with quick recovery from overloads and mistuning. To achieve good Q over the frequency
range, an active RC filter is necessary. To tune this device, a

variable resistance or conductance device is needed, since
achieving the tuning range with variable capacitors or inductors is impractical. Many resistively tunable active configurations are feasible. However, determining the op-
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Floating a Source Output

I

by GeorgeD. Pontis

I

To providethe greatestversatilrty
in both benchtopand systems
applications,
the 89034 AudioAnalyzer'sbuilt-insourceis floating.
r-Hv1r!r{A
Thisletsthe usereliminateground-looperrors,sum signals,and add
=!lr
dc offsetsto the sourceoutput.
R6
Previousdesignsused a separate,isolatedpowersupplyfor the
sourcecircuits.Thismethodis straightforward
and offersverygood
low-frequency
common-moderejection.However,thereare several
Inpul
R4
reasonswhy this arrangementis not used in the 89034.
The biggestproblemwith the floatingpower supplyapproachis
interfacing
withthe digitalprogramminglines.Sinceonlythreeof the
:_
High
thirteenattenuator
lineshaverelayisolation
and noneof the nineteen
oscillatorlinescan be floated,over thirtylinesmust be coupledin
Outpul
somemanner.One solutionis to floatonlythe f inaloutputstage.This
R8
,,/ \
eliminatesthe need for couplers,but requiresa high-performance
N\V
amplifierto reject the common-modesignalthat
ditferential-input
R9
appearsat the input of the floatingstage.Srncea floatrngpower
supply is stillrequired,the cost of this approachis relativelyhigh.
The 89034 solvesthis problemwith a single-ended{o-differential
Rl0
Thiscircuit,shownin Fig.1, operateson the instruoutputconverter.
;+ 15Vsuppliesand requiresonlytwo opment'sground-referenced
erationalamplifiers.A precisecombinationof negativefeedback,
positivefeedback,and cross-coupling
yieldsa symmetrical
differenRl2
tial outputwith infinitecommon-moderejectionand a well-defined
outputimpedance.
Fig. 1. Srng/e-ended4o-differentialoutput converterprovides
An analysisof thiscircuitis generallya tediousprocedurebecause
a floating output for the 89034's internal oscillator
of the numberof componentsinvolved.However,the highdegreeof
symmetryin the circuitcan be exploitedto greatadvantageby using
s 2 l R 1: R l 2 l R 1 1 ,R 3 : R 7 ,R 6 : R l 0 , a n d R 4 : R 5 :
The easiestway to see howthis circuitworksis to eliminateeither
t h e r e l a t i o nR
RB : R9. Fromtheserelationships,
(high)halfof the circuitby shorting
one can derivethe expression the inverting(low)or noninverting
R2lR1: (2R6+ R4)/2R3,
whichis a necessaryconditionfor achiev- the respectiveoutputto ground.Fig. 2 showsthe reducedcircuit
ing an infinitecommon-modeoutputimpedance.Then it is easy to when the low halfis grounded.lf R4 is disconnected,
the circuitwill
calculatethe differential
outputimpedanceand the open-circuit
volt- havea forwardgain of aboutone,and an outputimpedanceof 276
age gain.Theresultingequationscan be manipulated
to findsuitable ohms. R4worksin conjunctionwith R6 to providevoltageand currenl
values. For the resistorvalues used in the 89034, the associated feedbackthat causesthe gain and the outputimpedanceto rise.
gain is 1.125 and the output impedanceis 480 ohms. The output
To demonstrate
thattheoutputistrulyfloating,we groundthe input
is furtherpaddedwitha 120-ohmresistorto yieldthe desired600-ohm and applya testsourceto bothoutputs.ldeally,the currentflowfrom
thetestsourceshouldbe zero,Fig.3 showsa blockdiagramand the
outoutimpedance.
It would have been possibleto use resistorsthat gave an output reducedcircuitfor thistest.Hereit can be quicklycalculatedthatthe
impedanceof exactly600 ohms insteadof 480 ohms,but thiswould outputof U1 will risejustenoughoverthatof the testsourceto make
haverequrredsettingup and stockinga supplyof severalextraodd the currentthroughR6 cancelthe currentthroughR4 and R8. Note
resistorvalues.As it is, the circuitis realizedusing 0.1%,25-ppm thatthe currentflowingthroughsourcesV1 and V2 is suppliedby the
resistorsthat are also used elsewherein the instrument.
other halfof the circuit,which is not shown,

y

y

timum match between the filter configuration and the variable resistive element is not straightforward.
Let's go through the alternatives and the tradeoffs.
Switchable resistor networks have good distortion and
noise characteristics but do not provide continuous tuning
coverage and require extensive switching circuitry. Photoresistors can be driven over a large resistance range and
provide continous tuning. However, the noise and distortion they add to a signal are greater than the required level
of 90 dB below the signal level. They can be used as finetuning elements if coupled only partially into the circuit.
These devices can also be slow and are awkward to control
rapidly, reducing the tuning speed. Finally, they tend to
vary significantly from device to device and with time and
temperature, making compensation difficult.
12 Hewrrrr-pncKARD
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Four-quadrant analog multipliers also do not have the
90-dB performancenecessily, but they too can be lightly
coupled into the circuit for fine tuning. These devices are
fast, inexpensive,and easyto drive. There are many variations on this type of circuit, some of which can be obtained
in integrated form. Those most suitable use a differential
pair of bipolar transistors as a variable gain element by
varying the common-mode current.
Light bulbs as variable resistive devices are relatively
linear but are slow and have a limited dynamic range.
Thermistors,diodes and other nonlinear deviceswould all
be useful only for fine-tune applications. The drive and
compensationcircuitry for all of these alternatives would
be complex and the overall performancemarginal.
The tuning elements selected were switchable resistor

High
Output

R 8 + B 7llR e
(a)

jg.Z.

ttiminating the inverting sideof thecircuit of Fig. 1 by
shorting the low output to ground resultsin this reduced circuit.
In practice it was found that parasitic effects and the
(EMl) filtersdegrade the circuit balelectromagnetic-interference
ance when the frequency approaches .100kHz. However, each
boardis testedfor a minimumof 50 dB common-moderejectionat 1
kHz.A typicalunithasgreaterthan40 dB rejection
at 100kHz.Also,a
10-kOresistorinternally
tiesthe lowoutputto thechassisground.This
providesa referencefor the outputwhen no externalload is connected.Withoutthis resistor,the common-modeoutput voltageis
indeterminate.
One initialconcernaboutthe circuitwas difficultyof troubleshooting problems,such as one of the resistorsdriftingout of tolerance,
causingpoorcommon-moderejection.Thisproblemwas solvedby
implementingthe followingtest procedure.First,the input to the
floatingamplifier is set to exactly1.00Vrms usingthe specialfunctionsbuiltintothe 89034.Then,the techniclanshortsthe low sideto
(b)

George D. Pontis
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of the 8903A Audio Analyzer.Formerlya
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he's a memberof the Audio Engineering Society.He lives in Palo Alto,
Caliiorniaand enjoys outdoor
sports,especiallytennis,skiing,
and swimming.

networks for low-distortion coarse tuning, and d fourquadrant multiplier for fine tuning between the discrete
steps of the switchable resistors.Since the four-quadrant
multiplier is coupled into the circuit only enough for -+7o/o
tuning, it does not contribute significantly to the overall
noise and distortion. A resistor switching network is best
implemented if one end of the network is dynamically kept
at ground potential; this relieves many ionstraints on the
switching network. To trrlis end, a state-variable* notch
configuration is used (seepage 14). With this design, lowdistortion tuning over a 10:1 frequency range is achieved.
*The name "state-variable
filtea'is a consequenceol the fact that the equationsthat describethe systemcan be writtenin a formthat fits the classicalstate-spacedescriptionol
a linearsystem,
i.e.,i : Ar + Bu, wherer is the response(or statevariable)of the system
to an input u.

Fig. 3. (a) To demonstrate that the output of the circuit is
floating,the inputis groundedand a voltagesourceis applied
to both outputs. (b) Beduced circuit for this test (onlyhalf of the
circuit is shown). Current through R6 cancels the current
throughR4 and RB.CurrentthroughV1 and V2 is suppliedby
the other half of the circuit (not shown). Thus no current is
drawn from lhe tesl source.
ground and measuresthe potentialsat severalcrrcuitnodes.The
measuredvaluescan be comparedto the calculatedvaluespublishedin a tablein the 89034manual.A secondsetof measurements
can be made,if necessary,withthe high sidegrounded.By observingthe deviationsbetweenthe measuredand calculatedvalues,it rs
easyto locatethe faultycomponent.

Capacitors are switched into the network to change frequency in three-octavebands and provide complete coverage of the frequency range of the analyzer.
To completethe fine-tuning path, a synchronousdetector
mixes the filter output waveform with the fundamental
waveform. If any fundamental exists in the notch output, a
dc current is generatedto fine tune the notch. The critical
parametershereare 100-dBdynamic rangeand rapid operation. A FET double-balancedmixer was selected.The input
mixing signal that drives the FET is a squarewave, rich in
odd harmonics, so the circuit responds to odd-order harmonics as well as to the fundamental. This is the classical
solution. A completenull may notbe achievedif third, fifth,
or higher-order odd harmonics are present.Total error can
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A Digitally Tuned Notch Filter
by Chung Y. Lau
The notchfilterin the 89034 Audio Analyzerrejectsthe fundamen- resistors.Whenthe filteris tuned to the fundamentalfrequencyof the
tal f requencycomponentof the incomingsignal.Thislilterconsistsof
inputsignal,the bandpassoutput(Vspin Fig. 1) invertsthe fundaa state-variableactive filter and fine{une and fine-balancecontrol mentalcomponentofthe inputsignal.U5 sumsV1pand Vsptocancel
circuits.A simplifiedschematicof the filterminusthe controlcircuitry the fundamentalcomponentof V,r exactly.However,becauseof the
is shownin Fig. 1.
phaseand amplitudecharacteristicsof Vsp,the harmonicspresentin
Conventionalnotch lilters (bridged-T, etc.) used in distortion Vlx are relativelyunattenuated.
analyzersare not well suited for digitalcontrolbecausethey require
Analytically,we have
expensive relays or analog switches.The state-variablefilter ap-sroo/Q
Vnp
proach has the followingadvantages.
r The Q of the filter is fixed and indeoendentof freouencv,
VrN
s2+sr,rolQ+ar!
r Tuning is accomplishedby switchingresistorsand capacitorsin
the two integrators.InexpensiveJFETs are used as switching and
elementsand the switchdriversare simplebecauseboth the gate
and the channelof the JFETare virtuallyat ground potentialwhen
Vsp f V1x
s2+'f,
_(s): .
the switchis on.
Vttt
s2+soo/Q+orl
r Three filter outputs (low-pass, bandpass, and high-pass) are
availablesimultaneously.
The low-passand high-passoutputsare
phase-shiftedfrom the input by 90" when the filter is tuned to the
where orois the center frequency in rad/s. Therefore,there is zero
inputfrequency.Thesetwo outputsare used in the controlcircuits, transmissionat s : tjoro.
so extra phase-shiftingcircuits are not needed.
The state-variablefilter alone can provide only about 15 dB of
r Distortiongenerated in the fine{une circuitry is filtered by two
fundamentalrejectionbecause of the coarsenessof the frequency
integratorsbefore appearing at the notch output.
tuning (use of discrete resistorvalues, resistormismatches,etc.).
In distortionmode, the filter is tuned in the followingmanner.The
Ftne-tuneand fine-balancecontrolcircuitsare necessaryto achieve
microprocessorcountsthe inputf requencyand tunesthe notchf ilter a notchdepth greaterthan 90 dB. Thef ine-tunecircuitinsuresthatthe
to the same frequencyby switchingin the proper capacitorsand
filterisexactlytunedtotheinputfrequency(nophaseerror)andthe
CorrectionSignals
from ControlCircuits

Vxp

R5

Flg. 1. 89034 notch filter. Correction signals from the control circuits of Fig. 2 provide fine tuning
and fine balance.

be as much as 0.46 dB, but this is consideredreasonable.
Rapid responseis achieved in two ways. First, when an
overload occurs,the circuit gain is quickly reduced by the
output amplifier circuit, minimizing the transient and thus
minimizing the recovery time of the synchronous detector
from the overload. Second, the responsetime of each frequencyband hasbeenoptimized. Theoretically,it is impossible to fine tune a filter as rapidly at 2OHz as at 1 kHz. It
simply takes a much longer time to detect a null at 2OHz,
but even more important is that the time responseof aZO-Hz
notch filter is much greater.In fact, a fundamental burst
14 HewLerr-pncKARD
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tone applied at the input of the notch will not immediately
be nulled at the output. The entire input will first appearat
the output and then decay away in proportion to f(notch)'Q
where Q is the Q of the notch. Thus, as the notch frequency
is increased,so is the speedof the fine-tuning circuitry. The
bottom frequency band (20-200Hz) is relatively slow but
nulls optimally at 20 Hz. For higher frequenciesthe instrument responsetime improves.
Output Amplifier
For the amplifier following the notch filter, gain accuracy

+15V

Vlp

Notch
Out

Tune
Comparator

Notch Amplitier

xl1

Balance
Multiplier

Flg.2. 8903A notch filtet fine tuning and balance circuits.
fine-balancecircuitinsuresthat lVsy'V,x| : 1 at the inputfrequency
(no amplitudeerror).The fine-tunecircuitis describedin some detail
here;the fine-balance
circuitoperatesin a similarmanner.Fig.2 is a
simplifiedschematicof both circuits.
The fine{une circuitoperatesas follows(see Fig. 2). The low-pass
filtervoltageVsp,which is phase-shifted90'from the input,drivesthe
tune comparatorU6A,which turnsJFETswitch Q5 on and off. When
Q5 is on, pointA is essentiallygroundedand no currentflowsintothe
integratorcapacitorC3. When Q5 is off,the notchamplifierfeedsthe
tune integrator.Becauseof this chopping action,the dc cunent that
flows into the integratoris caused by the notch output component
that is synchronouswith Vsp..
Thetune integratoroutputis a dc voltagethat can be changedonly
by the dc currentflowing into the integrator.This voltagefeeds one
inputof the multiplierU9A.Theotherinputto the multiplieris Vsp.The
product of the two inputs is summed into the state-variablefilter via
U3 (see Fig. 1). The net resultis that the tune integratorvoltagecan
change the effectiveresistance(R1 in Fig. 1) and hence the center
frequencyof the notch filter.
The directionof change is such that any notch outputcomponents
i n s y n c h r o n i s mw i t h V 1 , a r e r e d u c e d . A t s t e a d y s t a t e , t h e
'Actually.
third harmonicsin the notch output can also cause dc currenlto flow in the
integrator.This error causes a small amount ol the fundamentalfrequency componenr ro
pass throughthe notch filter.However,the mdimum error contributionto distortionmeasurementsfrom this etfect is onlv about 0.46 dB.

and good frequency response are important. In ac level
measurements the signal travels through the output
amplifier chain and is detectedby the output rms detector.
Any error degradesthe 8903A's performance.The output
amplifier allows the low-level distortion products leaving
the notch to be accurately detected by limiting the required
dynamic range of the rms-to-dc converter. The rms detector
is accurate over only a 30-dB range, and the output
amplifier booststhesesignals into the range of the detector.
As with the input circuitry, rapid recovery from overload
conditions is crucial. If the notch becomes mistuned because of a disturbance at the input, the output suddenly

tune voltage is stable, although not necessarilyzero, and no dc
current flows into the tune integrator.Therefore,there is no notch
output componentsynchronouswith V1p.
The fine-balancecircuit insures that there are no comoonenrs
synchronouswith Vs, in the notchoutput.Vspand VLpare both at the
fundamentalinputfrequencyand are in quadraturewith each other.
Thus,at steadystate,there is no fundamentalfrequencvin the notch
outout.

Chung Y. Lau
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increasesdramatically,sending the amplifier into overload.
This in turn generatesdc offsets in the amplifier chain that
can take seconds to decay, even if the amplifier may start
operating again much sooner.Thus a large low-frequency
impulse appears at the amplifier output along with the
signal being amplified. The compositesignal is transferred
to the output rms detector, which responds to a timeweighted averageof the total. If the impulse is a significant
fraction of the signal, the rms detector will not give a true
indication of the signal amplitude. This can causeproblems
when the instrument ranges automatically. In effect, it
forces the leveling algorithm to wait much longer to conAUGUST
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firm that the amplifier output is within the detector'srange.
This in turn slows down the rate at which the instrument
can determinethe proper measurementrangeand display a
reading. Even if the impulse is 20 dB less than the signal,
the detector error can be as much as 0.5%. This will also
increasethe amount of time required by the instrument to
make an accuratereading from the detectoronce the proper
range has been obtained.
To alleviate these problems, the size of the transient is
minimized in three ways. First, operationalamplifiers and
circuit configurationsareusedthat havebetterthan average
overloadimmunity. Second,an overload detectoris placed
at the output of the rms detector.If the signal level becomes
too large,the overload detectortrips and the amplifier gain
is reset to 0 dB. Third, a 1.3-Hzhigh-pass filter is placed
before the output detector. This significantly reduces the
duration and amplitude of any transient and hence keeps
the transient from significantly increasing the total measurement time. The only delay factors that remain are the
controllable and predictable settling times of the notch
circuit and the rms detector.
The responsetime of the output rms detector is a compromise between rapid settling and low-frequency accuracy. A configuration was selectedthat settlesto within 1%
of a 10:L step in 350 milliseconds,and has a steady-state
errorof 0.2%at2oHz. This includesfiltering in the detector
and additional filtering following the detector to reduce
excessripple. For leveling purposes the ripple is not significant, so the microprocessoruses the detector output
when leveling and avoidsthe extra delay contributedby the
additional filter. The output detectorand filters could have
been designed with switchable time constantsto respond
more rapidly for higher-frequency signals. However, the
penalties would have been additional circuit complexity
and the ambiguity of not knowing when to invoke the longer
time constant. A 20-kHz signal, for example, might still
have a significant low-frequencycomponent,which would
causeexcessiveerror with a more rapid time constant.
Oscillator
Many of the design considerations for the notch filter
apply equally to the oscillator. In both casestuning considerationswere the same,with switchable resistor networks
used as the decade tuning elements and four-quadrant
multipliers used for amplitude control. In many ways the
oscillator and notch circuits can be seenas duals. The notch
generatesa pair of zeroson the joraxis that reject the fundamental component,while the oscillator generatesa pair of
poles on the jaraxis that generatesustainedoscillations.The
trick in the oscillator is to keep the poles exactly on the axis
to maintain constant output amplitude. This must be done
continuously by the automatic leveling circuit. If the frequency of the circuit deviatesfrom the desired frequency,
the circuit can be fine tuned by the microprocessor,which
monitors the output frequency on a sampled basis. The
major performancegoals of the oscillator were low noise
and distortion, rapid amplitude and frequencysettling, and
digitally programmable frequency control. Again the
state-variablefilter configuration along with a specialleveling circuit offeredthe flexibility and performancerequired.
The oscillatordesign is describedon page 10.
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It was determinedduring developmentthat the oscillator
would have to run at a constant output level to maintain
reasonablesettling and noise performance.It was also desired to have a floating output. The attenuator and output
amplifier circuit (seepage 12) takes the oscillator output
level and translates it to the selected floating output
amplitude. To minimize cost and achieve overall output
accuracygoalsthe attenuationis done in two stages.Coarse
amplitude steps are implemented with a 2.S-dB/stepattenuator network. Smaller stepsare provided by a resistive
ladder network that adjuststhe amplitude linearly in small
discrete steps.The combination can adjust the amplitude
within a nominal -f 0.15% worst case.Computation of the
proper switch settingsis an easyjob for the computational
skills of the microprocessor.
EMI Design
Meeting the required electromagneticinterference(EMI)
and susceptibility goals was a bit more challenging than
initially expected.Large-amplitudeRF fields tend to generatevoltageson exposedcabling and circuits. Thesevoltages
overdrive many of the active circuits, causing nonlinear
operation and distortion. To avoid direct exposureto these
fields, the analog circuits are housed in an internal EMItight box. The box hasan aluminum frame around the sides.
The bottom cover is the ground plane of a printed circuit
board and the top cover is a removable EMl-tight lid. Removal of the lid, which is held in place by only two screws,
makes all the circuits available for service. The microprocessorboards are sufficiently shielded by the instrument cabinetand do not requirethe extra shielding. To keep
the RF fields from developing voltageson the cabling feeding the circuits, special precautionswere taken. First, from
the inner box to the front panel, shielded cable is used.
Second, BNC connectorsate provided on the front panel.
The BNC connectorsallow the attachment of shielded cables directly to the instrument if desired, thus preventing
EMI pickup. The instrument's digital circuitry also generates EMI related to harmonics of its 2-MHz clock. This
problem was minimized by meansof RF gasketson some of
the cabinet seams and by installing an EMI suppressing
filter on the power line input. As a result, the instrument
will not disturb sensitive receivers operating nearby, and
yet will perform well near a powerful transmitter.
Frequency Measurement
A key feature of the s903A is its ability to measurefrequency automatically, even when the input waveform may
have a significant amount of noise and distortion and the
amplitude may vary from 6 mV to 300V.Part of this problem
is solved becausethe instrument is autoranging and keeps
the leveled waveform within 6 dB over most of the input
amplitude range. But before the signal can be accurately
counted it must first be convertedinto a binary signal having the same period as the major frequency component in
the waveform, and herein lies a problem. If a zero-crossing
circuit is used, noise may causemultiple crossingsand a
false indication ofthe frequency.Hysteresisin the detector
will help, but if the hysteresis is too large, smalleramplitude waveforms may not trigger the detector at all
while large-amplitudewaveformswill have relatively little

hysteresis protection when large noise components are
present.To alleviate this problem, the 8903,\ employs variable hysteresis.As the peak amplitude of the signal varies,
so doesthe hysteresislevel, which is maintained at approximately one-halfthe positive peakfor the positive portion of
the waveform and approximately one-half the negative
peak for the negativeportion of the waveform. Hencenoise
immunity remains constant regardless of the incoming
waveform. Hysteresisis implemented with a bipolar peak
detector followed by a dual comparator.The waveform is
transferred to a reciprocal counter, which measuresthe
period of the signal, and the microprocessorinverts this
period to get frequency.
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A CustomLSIApproachto a Personal
Gomputer
by Todd R. Lynch
HE NEW HP-85 PERSONAL COMPUTER, which
was featuredin last month's issue,is a systemtotally
integrated into a single package.Included in this
system are a CRT, printer, tape drive, and keyboard. To
control the I/O (inpuUoutput) devices and to interface to
ROM (read-only memory) and RAM (random-accessmemory), the design uses LSI (large-scaleintegrated) circuits
designed and fabricated by Hewlett-packard.
The design of custom chips minimizes the cost of the
electronics.Also, the power dissipationis reducedto a level
that permits the use of air-convectioncooling, eliminating
the need for a fan. The LSI designs save large amounts of
printed-circuit-board space,making a small system package possible. By designing LSI circuits dedicated to each
mechanicalsubassembly,featurescan be addedto the overall system that would be nearly impossible to incorporate
with discretelogic designs.
HP-85 LSI Chip Set
There are nine custom LSI circuits in the Hp-85. These
circuits are interconnectedas shown in Fig. 1. Eight of the
LSI circuit designsuseNMOS technology.The ninth circuit
usesa bipolar technologywith two layersof metallization.
The heavy emphasison LSI design makesthe Hp-8b very
compact.The electronicsin the machine consists of these
circuits plus a power supply, clock generator,CRT raster
scan circuitry, and various motor and printhead drive circuits.
The system is partitioned as follows.
r CPU (central processingunit). The CPU commands the
bus control lines and interfaces directlv to the svstem
Bus to/from
Externall/O

operating commands (firmware) stored in the four ROMs.
r ROMs.EachROM chip hasthe samebasiccustom design,
differing only in the bit pattern permanently stored on
each chip.
r Read/WriteMemory. The user memory consistsof eight
commercially-availabledynamic 16Kx 1 RAMs.
r RAM Controller. This chip is designed to interface between the CPU and the RAMs.
r Buffer. This chip is designed to provide the capability for
system expansionby adding plug-in uniis in the rear of
the machine.
r Keyboard Conholler.
r Printer Controller.
r CRT Controller.
r Display Memory. Four commercial dynamic 16Kx1
RAMs are used to store data for the display. Approximately one-fourth of this memory is used for the alphanumeric data and the remainder is used for graphic data.
r Cartridge Controller.
r SenseAmplifier. This bipolar chip interfaces the tape
cartridge controller to the magnetic tape head.
Table I is a summary of the customLSI chip sizes,number
of pins (wiring connection points), and power dissipation.
The machine'ssixteen-bitaddressallows direct accessto
65,536 bytes of information. The memory map in Fig. 2
showshow this spaceis allocated.Note that 32K bytesof the
addressspaceare devoted to ROM while 16K bytes are for
RAM. Additional RAM and ROM capacity may be added to
the system.The UO addressspaceoccupiesthe upper 256
bytes of memory. Each I/O device conholler has from two to
four dedicated addressesassignedto it.

To
Keyboard

Fig. 1. Ihe HP-BS system block
diagrcm containsnine custom LSI
circuit designs.The userand display memoriesarc the only partsin
the diagram that use commercially
available citcuits. The development of custom circuits enabled
lhe system to be contained in a
compact package at low cost and
withoutthe need for a cooling fan.
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i Custom LSI circuit characteristics.All of the circuits are fabricated I
amplifierf
I with NMOS silicon gatetechnologyexceptfor the sense
I which is made with dual-layer-metallization bipolar technology. I
Circult:

Size(mm)

#Pins

Power (mW)

CPU
ROM
RAM Controller
Buffer
Keyboard Controller
Printer Controller
CRT Controller
Carhidge Controller
Sense Amplifier

4 . 9 3x 4 . 0 1
4.75x5.47
2 . 6 7x 3 . 5 6
2 . 5 4x 3 . 3 5
3 . 7 8x 4 . 3 9
4.78x5.44
4.74x5.57
3 . 6 3x 3 . 8 6
1 . 5 0x 1 . 5 5

28
28
40
40
42
40
40
2A
16

330
200
220
340
200
300
200
cc

150

ffiMil
aa8

Power
l
b!_
Clocks :
F

Hall
Interrupt
d-

GPU Design
Severalcommercially availableCPUswere consideredat
the beginning ofthe project,but none could provide all the
featuresneededto efficiently implement a powerful scientific BASIC language machine. BASIC requires highprecision arithmetic, which is bestaccomplishedwith decimal rather than binary numbers. Many different stacks are
neededto parse(separatea statementinto executablesteps)
and executethe language.The ability to handle variablelength data is required for variable-length tokens (bit sequencesfrom one to severalbytes in length), and multilevel
vectored interrupts are neededto handle the I/O devicesin
real time. The design of the custom NMOS CPU incorporates all of these requirementsplus many more.
Fig. 3 shows a block diagram of the HP-85 CPU. Maior
blocks are the 7000-bit PLA (programmablelogic array),
64-byte register bank, and eight-bit ALU (arithmetic logic
unit) and shifter. Each CPU instruction is decoded by a
microprogram in the PLA that directs the rest of the chip to
perform the desired function.
A very powerful feature of the CPU, which is incorporated into the PLA microprogram, is the ability to handle
Bytes\
/,256

V/i0!,li1t/1/ilvn".ea
Plug-ln
FAM

PlugJn ROM

Fig.2. TheHP-85memory map allocatesfour 9K-byte system
ROMsand one 16K-byteinternalRAM. The RAM is used for
user memory and 256 dedicated llO locations. By using bank
selection, up to six more BK-byte ROMs may be added. The
RAM may be expanded by 16K bytes if a plug-in module is
added to fhe svstem.

I

IfrI,F6,M

Fig. 3. Ihe CPUin the HP-85is a customNMOScircuitdesign.A 7K-bitprogrammablelogic array(PLA)controlsthe
interactions
betvveen
theregisterbank,theALU,and the rest
of the HP-85system.
data ranging from one to eight bytes in length. This multibyte feature lets the programmer, for example, add two
eight-byte mantissas,increment a sixteen-bit address,or
load into the CPU a three-byte token from memory, each
with a single instruction. With an off-the-shelf CPU, this
would require sefup and iteration within a software loop.
The eight-bit ALU is capableof shifting and can do both
decimal and binary arithmetic. The programmer sets a
mode bit to specify the type of shifting or arithmetic desired. This, combined with the multibyte feature, lets the
programmer easily work with signed, floating-point mantissas up to sixteen digits in Iength or two's-complement
binary integers up to sixty-four bits in length.
Of the 64 eight-bit registers contained in the CPU, one
pair is dedicated to the program counter, one pair to the
stack pointer, and one pair to internal index calculations.
The rest are general-purposeregisters. One advantageof
having a registeras the program counter is that it can easily
serveas one of the operandsfor any CPU instruction. If it is
modified by an instruction, then an immediate jump to the
new location occurs. The stack pointer points to the subroutine return addressstack stored in memory. Additional
stacks can be created with any other consecutive pair of
registersin the CPU. Thus, the programmer can maintain
many different stacksat any one time. Sixteen instructions
are dedicatedto manipulating data on the currently designated stack. Any pair of consecutiveregisters can also be
used as a sixteen-bit index register.This lets the programmer index into several data arrays at the same time.
To handle real-time I/O devices,the CPU has multilevel
vectored interrupt handling ability. Up ro 1,27interrupt
vectorscan be accommodatedby the architecture.The CPU
can also be halted by an external device. This Iets that
device control the systembus, so it can have direct memory
accessat high speeds.
No accumulator is present in the CPU. This is made
possible by the design of the 64-byte register bank. The
registersare constructed as a two-read/one-writememory.
This meansthat, at a given time, any two bytes can be read
AUGUST
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d Bit Line

Q Bit Line

Word Line A

Word Line B

Oo

Flg. 4. lndependentcontrolof each word line is used to
achieve
a cellthatcanbereadoutontoeitherbitline.TheRAM
madeup withthesecellscan be readtwo wordsat a ttme.

from the memory and operatedon in the ALU. The result is
returned to one of the accessedbyte locations. This sequencetakes one processorcycle (1.6 g,s).
To designa two-read/one-writememory,a standardstatic
RAM cell with a special variation is used (seeFig. 4). In a
normal static RAM cell, a common word line enablesboth
transmissiongatesbetween the bit lines and the cell. In a
two-read cell, there must be two different word lines. Word
line A enablescomplement information from one cell to be
read out onto the Q-bit Iine while word line B enablestrue
information from another or the samecell to be read out on
the Q-bit line.
The circuit design of such a cell must be done carefully.
Since the bit Iines are prechargedbefore reading, it is possible that by enabling a single word line, a cell could be
made to flip (changestate)rather than be read.Inadvertent
flipping is prevented by using a low voltage for the word
Iine and a proper size ratio between the cell's pull-down
transistor and the transmission gate.
The static RAM cell's pull-up device also received close
scrutiny during the design phase.A cell with a low-power
depletion-load pull-up requires an area larger than 6400
squaremicrometres(10 squaremils) and a quiescentpower
of 1.20microwatts. By using a polysilicon pull-up resistor,
the RAM cell area is reduced by 4Oo/"and the power is
reducedby B0%.The savingsin areaamountsto a reduction
in size of more than 0.25 mm on each side of the die. The
reduction in total power consumption is fifty milliwatts.
To obtain thesereductions,a polysilicon resistorprocess
was developedfor the CPU. An additional masking step is
required to define the regions on the chip where the
polysilicon layer is lightly doped, hence creatingthe polysilicon resistors.The doping level was chosen for a sheet
resistanceof 107O/D.An undoped layer could not be used
becausethe sheet resistancewas so high that the junction
leakagecurrents at elevated temperaturesresulted in unwelcome voltage drops acrosssome resistors.It was also
discoveredthat ifthe contactmask overlappedthe polysilicon resistor area,the aluminum metallization could spread
into the lightly doped resistor and lower its resistance.
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System Control and Timing
Eight bus and three control lines leave the CPU. The
eight-bit bus is usedto time-multiplex a sixteen-bitaddress,
instructions, and multibyte data quantities.The three control lines-LMA (load memory address),nn (read)and vvR
(write)-indicate to the system circuits what type of information is on the bus.
When LMA is low, all chips in the systemknow that one
byte of a two-byte addresswill be placed on the bus. The
tvA signals always come in pairs since all addressesare
sixteenbits. Each chip in the systemreadsthis addressand
comparesit to the addressrange to which the chip is supposed to respond.Setting Rn low indicatesthat the CPU
wants to read the contentsof the addressmost recently sent
out. When WR goes low, the CPU wants to write into the
location most recently addressed.
The multibyte featureis accomplishedby sending out an
addresswith two LMA signalsfollowed by one to eight nn or
wR signals. The circuit being read from, or written to, is
expectedto increment its memory addressregister every
time it sees a RD or WR. The CPU sometimes can fetch
consecutiveinstructions from memory by simply sending
out additional RD commands. This speedsup the instruction rate of the machine since sending out an addressfor
every instruction and piece of data is not necessary.
Four nonoverlapping phases(Fig. s) with 200 ns width
and 200 ns spacingclock the circuits in the HP-BS.In one
cycle the system can accessa preaddressedmemory location, read it into the CPU, add it to a CPUregister and store
the result in the CPU register. An eight-byte add requires
eight cycles plus the time to fetch the command, which is
usually three cycles.
Beforeany chip writes on the bus,the bus getsprecharged
to a logic one.Therefore,the circuit desiringto put a one on
the bus must merely continue to hold the bus high. If it
wants a zero, it must dischargethe bus. In NMOS technology it is easier to discharge a bus than to bring it high.
Consequently,the circuits were designed with large devices to dischargethe bus and relatively small devices to
maintain a high level on the bus. This minimizes the chip
area required for each circuit's driver logic.
The systembus has fewer spurious transitions using the
o1
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LMA, RD, WR

Bus to CPU

Float

Bus lrom CPU

Float

Precharge
Precharge
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Fig. 5. HP-85systemtimingand control.Thecontrol linesare
validby the timethe Q12 clockpulse occurs.lf a systemchip is
to be read,it mustrespondduilng the g2 clockpulse. lnformation then enters the CPU, goes through the ALU, and is stored
during the next +1 clock pulse. When the CPU sends out
addresses or data, they are valid by the ttme the g1 clock
oulse occurs.

prechargedscheme.Timing is such that the driving circuit
is not enableduntil its data is valid and ready to go on the
bus. It is not possible to discharge the bus inadvertently
when the chip wants a logic one to be output.
ROM
The NMOS system ROM is organized as an BK by eightbit array. Becausethis circuit must respond to multibyte
transfers,its memory addressregisteris designedto increment asRDcommandsare given. The circuit can be enabled
or disabledby a bank selectcommand.When plug-in ROMs
are used, it becomesnecessaryto selectivelyenable or disable ROMs in the addressspacefrom 24K to 32K (Fig. 2).
EachROM in this addressspacehas a unique eight-bit bank
number, and only one bank can be active at any given time.
The core of the ROM consists of 64-input, minimum
geometry,NAND gate anays. The principle of operation is
to prechargethe NAND stackfrom both ends.This requires
600 ns. At the beginningofphaseQ12,one64-devicestack
per bit of output is selected.If the stack discharges,the bus
bit will be a zero, otherwise it will be a one. The transistors

in the stackare preprogrammedduring fabricationwith the
depletion mask. A depletion transistor is a logic zero, an
enhancementtransistor is a logic one. A high voltage on
either transistor causesconduction, while a low voltage
causesconduction only through the depletion device.
When trying to dischargea 64-devicestack,63 inputs are
high and the selectedbit is low. If a depletion device is at
that location, the stack discharges,producing a zero.
RAM Controller
The NMOS RAM controller chip interfacesthe CPU to
eight 16K dynamic RAMs. Becauseit is a memory controller
chip it has an incrementing memory addressregister.Also,
the addressspaceto which it responds is mask programmable.Therefore,a RAM controller chip different from the
one in the mainframe of the HP-85is used for the 16K RAM
plug-in. This chip knows not to respond to dedicated I/O
addressesin the upper 256 bytes of memory.
An important function of the RAM controller chip is
refreshing the dynamic memory. An internal timer on the
chip tells it when the next sequentiallocation is due to be

The HP-85 Software Development System
by NelsonA. Mills
TheHP-85is basedupona neweight-brt
customprocessor.Oneof
thefirststepsin the development
of the machinewasto providea set
of software developmenttools. The HP-85 software development
systemconsistsof an assembler,a hardwareinterfacefor the HP-85
simulator,and softwaredebug system(see Fig. 1).
The assemblerfor the HP-85processorwas designedto runon an
HP 1000 Computer.The assemblersupportsthe full range of the
HP-85 processor'sinstructionset and provides several useful
pseudo-operations.
Programsmay be eitherabsoluteor relocatable
and the programoriginmay be resetat anytime.Severalinstructions
are providedto facilitatedata definitionand may existlocallywithin

Debug Module
InterruPt+
Halt (DMA Request)+

HP-85 Electronics
Flg. 1. HP-85 software development system

the program,or may be retrieved
f roma fileof globaldatadefinitions.
The hardwareinterfacedesignedfor the HP-85softwaredevelopmentsystemprovidesthe abilityto usean HP 1000to controlexecutronof the HP-85simulator.
The interfacecontainsan on-boardRAM
whichcan be downloadedfromthe HP 1000and is usedto simulate
the HP-85ROM.Includedaretwo breakpointregisterswhichcan be
used to halt execution of the HP-85 processor at either of two
specifiedaddresses,
Theprocessorcan be madeto executestepsin
eithera continuous-run
mode,or in a single-step
modewhereexecutionhaltsaftereach instruction.
Theinterlacealsoprovidesthe ability
to haltthe HP-85processorat anytime,and to readdataf romor write
data to the systemRAM or CPU regrsters.
The softwaredebug system,providedas part of the development
system,runsin the HP 1000and performsfourimportantfunctions.lt
includesa relocatable
loaderthatis usedto downloadthe RAMon the
interface board with the software under develooment.lt controls
executionof the HP-85simulatorvia the interfaceboard.lt displays
the currentstatusof the breadboard,includingCPUstatus,program
counter,and the current contentsof all CPU registersand any
specifiedmemorylocations.
Finally,it providesthe meansforsystem
developersto modifythe contentsof memory,registers,status,or
programcounter,and to clear and set breakpoints.
Nelson A. Mills
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on the HP-85operatingsystemand interpreter.He is now the projectmanager for high-endfirmwareat the CorvallisDivision.After receivinga BS in
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refreshed.The chip then waits for a cycle when memory is
not being accessedto do the refresh.There is a two-element
queuein casea vacant memory cycle doesnot come before
the following location must be refreshed.
Keyboard Controller
The circuit neededjust to interfaceto the keyboardwould
have been quite small. Consequently,four programmable
timers were addedto this NMOS chip. The timers can count
lrp to 27 hours with one-millisecondresolution. Eachhas a
maskableinterrupt. When the timer getsto its presetcount,
it interrupts, resetsand counts again.
The keyboard portion of the chip can scan an Bx10-key
keyboard plus three dedicated keys-shift, control, and
caps lock. The key debouncetime is mask programmable
from 1.67 to 11.69 ms. After the key has been debounced,
the chip generatesan interrupt. An internal ROM is used to
convert the key position to its ASCII* equivalent.
Another feature of the chip is an output to a speaker for
audio tones. Via firmware, a 1.2-kHz output tone can be
obtained, or the frequency can be varied by periodically
settingand clearing an internal flip-flop. This output canbe
accessedby the programmer using a command that can
specify the frequency and duration of the tone.
CRT Controller
The NMOS CRT controllerl interfaces the CPU to a
'1,27-mm
diagonal CRT and its dedicated display memory.
The memory is four 16Kx1 dynamic RAMs. This is enough
storage to hold a full display of graphics information
(256x1,92dots) plus four displays of alphanumeric information (4x32 characters/linex 16 lines/display).The chip
must make sure that this memory is properly refreshed
during the vertical retrace.The interfaceto the video drive
circuitry consistsof a vertical sync pulse (60 Hz), a horizontal sync pulse (15.7kHz), and a video line (4.9 MHz). An
internal ROM provides a dot pattern translation of the
stored ASCII characters.
Printer Controller
The NMOS printer controller2 is the interface between
the CPU and the thermal moving-headprinter. To perform
this function, the circuit must control a printhead drive
motor, a paper advancemotor and an eight-dot printhead.
An internal 32-byte RAM allows firmware to buffer one
print line of alphanumeric data at a time. An internal
ROM translates an ASCII character into its appropriate
dot pattern.
Tape Controller and Read/Vl|riteAmplifier
The NMOS tape controller and the bipolar read/write
amplifier3control the tapeunit in the HP-85.The read/write
amplifier reads and writes data on the tape through a twotrack magnetic head. The tape is formatted using a 1:1.75
delta distance code, in which B-kHz flux reversalsrepresent
zeros and 4.6-WIz flux reversals represent ones.
The tape controller encodesdigital information into this
format and sendsit to the read/writeamplifier. When reading the tape, the signals from the read/write amplifier are
decodedby the controller. The tape drive motor direction
and speed are also controlled by the chip.
'American
Codefor Inlormalion
Interchanoe
Standard
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Buffer
The NMOS buffer is the ninth chip in the system.With its
help, the systembus can be expandedto include all of the
plug-in I/O slots. It is capableof driving a 150-pFload. The
delay between NMOS-level input and NMOS-level output
is 50 ns. The signals that the buffer passesare eight bus
lines, three control lines, and the interrupt and halt lines.
The bus and control lines are designedto be bidirectional.
The clock lines are not buffered since this would cause
unwanted skewing. The clock generatoris capableof driving all internal as well as all external loads.
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HandheldCalculatorEvaluatesIntegrals
TheHP-34Cis fhe firsthandheldcalculatorto havea key
thatpertormsnumeilcalintegrationalmostautomatically.
It may changeyour attitudetowardswhatused to be
regardedas a drearytedioustask.
by William M. Kahan

UMERICAL INTEGRATION has been the subject
of about two thousand books and learned papers,
with a dozen or so "new" methods published every
year. And yet the task in question has a simple geometrical
interpretation seen in Fig. 1: given an expression f(u) and
Iower and upper limits y and x respectively, the value

r : li rluyau
representsthe areaunder the graph of f(u) for u between y
and x. Why so much fuss?
As I write this an electrical engineering colleague,Professorf. R. Woodyard, enters my office and asks to have
t
, ,,E
t ' : Jf n
tfr-rilJa'

evaluatedon my HP-34C Calculator {Fig. 2). Let's do it.
Step 1. Key into the calculator under, say, label A a program that acceptsa value u in the display (X register) and displays insteadthe computedvalue of the
integrand
rf,tl1"-r; - 1/(lnu)
Fig. 3 shows an HP-34C program to do this.
Step 2. Restorethe calculatorto RUNmode and setthe display to, say,FIX 5 to display five decimal digits after
the point, which areasmany digits of the integrand
as my client sayshe caresto see.(More about this
later.)
Step 3. Key in the lower and upper limits of integration
thus, 0 ENTER11, therebyputting 0 into the Y register and 1 into X.
Step4. fressJ| A, wait 25 secondsuntilthe displayshows
0 . 0 3 6 6 2 ,t h e n p r e s s x S y t o s e e 0 . 0 0 0 0 1 .W e
have just calculated

r What can go wrong and how do we avoid it?
r What else have we learned?
These questions and others are addressed in the following
pages.

Toleranceand Uncertainty
Integrals can almost never be calculated precisely. How
much error has to be tolerated? ftre J| key answers this
question in a surprisingly convenient way. Rather than be
told how accuratelyt : J| f1u)dushould be calculated,the
HP-34Casksto be told how many figures of f(u) matter. In
effect, the user is asked to specify the width of a ribbon
drawn around the graph of f(u), and to accept in place of
I an estimateof the areaunder someunspecifiedgraph lying
entirely within that ribbon. Of course,this estimatecould
vary by as much as the areaof the ribbon, so the calculator
estimatesthe area of the ribbon too. Then the user may
conclude from Fig. 4 that
I : (areaunder a graph drawn in the ribbon)
! (1/zarea of the ribbon)
The calculator puts the first area estimate in its X register
and the second, the uncertainty, in the Y register.
For example, f(u) might represent a physical effect whose
magnitude can be determined only to within, say, -f 0.005.
Then the value calculated as f(u) is really f(u) * 411n, lr',n
an uncertainty Af[u) : 0.005. Consequently FIX 2, which
tells the calculator to display no more than two decimal
digits after the point, is used to tell the calculator that
decimal digits beyond the second cannot matter. Therefore
the calculator need not waste time estimating I + AI :
r- Af(u))du more accurately than to within an
Ji tft"t
uncertainty Af : lJ; Af(u)du I. ftris uncertainty is estimated together with I -t AI, thereby giving the calculator's
user a fair idea of the range of values within which I
must lie.

1 1: 0 . 0 3 6 6 2- f 0 . 0 0 0 0 1 .
That was easy-too easy.Woodyard smiles as if he knew
something I don't know. Could the calculator be wrong?
How doesthe calculatorknow the error lies within +0.00001?
Many other questions come to mind:
. Why is numerical integration impossible in general?
r Why do we persist in trying to do it anyway?
r How do we do it? How well do we do it?
r How does the /i t"V compare with other integration
schemes?

Area,= J, rtulo,

u=v

u=x

Fig. 1. An integralinterpretedas an area
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as a process,applied to expressions,that starts with f and
ends with F. But in professional practice that process
hardly ever succeeds,A compact expression F(u) is almost always difficult or impossible to construct from any
given f(u). For instance,neither
drNEn
J]-exp1-u'zlz)

Flg.2. HP-34CCalculatorhaskeystosolveanyequationand
to computeintegrals.
The uncertainty Af(u) is specifiedby the user via the display setting. For instance, SCI 5 displays six significant
decimal digits, implying that the seventh doesn't matter.
The HP-34Callows the user's f-program to changethe display setting, thereby providing for uncertainties Af(u)
that vary with u in diverse ways. But users usually leave
the display set to SCI 4 or FIX 4 without much further
thought.
By asking the user to specify Af(u) instead of AI the
HP-34C helps avoid a common mistake-wishful thinking. Other integration procedures,which conventionally
expect the user to specify how tiny AI should be, blithely
produce estimatesof I purporting to be as accurateas the
user wishes even when the error Af(u) is far too big to justify
such claims to accuracy.The HP-34Cdoes not prevent us
from declaring that f(u) is far more accuratethat it really is,
but our attention is directed to the right question and not distacted by questionswe cannot answer.Whether we specify Af after a careful error analysis or just offer a guess,we
get estimatesl-rAI that we can interpret more intelligently
thanif we got onlylwith no idea of its accuracyor inaccuracy.
A Survey of lntegration Schemes
Studentsare taught the fundamental theorem of calculus:
|.x

= r1,r;
t : I t1u1au=F(x)-F(y)
provided$r1uy
qU
Jv
This means that one could calculate I if one could discover somehow an expression F(u) whose derivative is
the given expressionf(u). Students are taught integration
24 rewrerr-pncKARDJoURNAL
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nor lj exp(-u + x ln u)du

possessesa closedform, that is, an expressioninvolving only
finitely many elementaryoperations(+, -, x, +, ln, exp, tan,
arctan, ...) upon the variablex. Nevertheless,both integrals
can be approximatedarbitrarily accuratelyby aptly chosen
formulas. So often do statisticians and engineers need
values of those integrals that formulas for them, accurate
to ten significant decimal digits, can now be calculated in
a few secondsby pressing a key on certain handheld calculators. (PressQ on the HP-32E to get the first integral,
the cumulative normal distribution; pressx! on the HP-34C
to get the second integral, the gamma function f(1+x),
whether x be an integer or not.)
Almost every rare integrand f(u) whose indefinite integral F(x) : J* t1uldu * c is expressiblein a compact or
closedform can be recognizedby a computer program that
acceptsthe string ofcharactersthat definesfand spews out
another string that representsF. (Such a program is part of
the MACSYMA system, developed at MIT, that runs on a
few large computers-two million bytes of memory-at
several universities and researchlabs.) Perhapsthe terms
"compact" and "closed form" should not be attachedto the
expression F(x), since usually, except for problems assigned to students by considerate teachers,the integral
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Fig. 3. Ihls program makes the HP-34C calculate the inte- llln u when the argument u is in the X
grand t/il(u-l)
regi ster and key A ls pressed. LabelsB, 0, 1,2, or 3 wouId have
served as well as A.
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Fig.4. Thegraph of an uncertainintegrand f(u)* Lf (u) can run
anywheretn the ribbonboundedby the dashed lines.Thearea
under sucha graph, / +A/, ls uncertatnby * Ll , whtchis onehalf the area of the ribbon. TheHP-34Cdisplaysitsestimateof
I + Ll in itsX register and holds an estimateof L,lin its Yregister.
F(x) far exceeds the integrand f(u) in length and complexity. Shown in Fig. 5 are two compact forms and one closed
The extent to which F(x)
form for F(x) when f(u)=11111116o).
is here more complicated than f(u) is atypically modest out
of consideration for the typesetter. The formulas in Fig. 5
will remind many readers of hours spent on calculus problems, but they do not provide economical ways to calculate
F(x) for any but very big or very tiny values of x. When I use
the HP-34C's Ji t"v to calculate F(1) : Jot a"l1r+u64) 0.989367 + 0.000004 the answer appears in 200 seconds
including 20 seconds taken to enter the f-program plus 180
seconds for a result (in SCI 5). Calculating F(1) from any
formula in Fig. 5 takes at least about ten times longer, not
including the time taken to deduce the formula. Engineers
and scientists have long been aware of the shortcomings of
integration in closed form and have turned to other
methods.
Perhaps the crudest way to evaluate /i ("1a" is to plot
the graph of f(u), like Fig. 1, on uniformly squared paper
and then count the squares that lie inside the desired
area. This method gives numerical integration its other
name: numerical quadrature. Another way, suitable for
chemists, is to plot the graph on paper of uniform density,
cut out the area in question, and weigh it. Engineers used
to measure plotted areas by means of integrating engines
called planimeters. These range from inexpensive hatchet
planimeters of low accuracy to Swiss-made museum
pieces costing hundreds of dollars and capable of three
significant decimals. (For more details see reference 1).
Nowadays we reckon that the computer will drive
the graph plotter so it might as well integrate too.
Today's numerical integration techniques are best explained in terms of averages like
A: r/[x-y) : J] flu)duttx-v)
which is called "the uniformly weighted average of f(u)
over the interval between x and y. " Another kind of average,

Provided the sample arguments u1, u2, ..., un, called nodes,
all lie between x and y the sample average A will approximate, perhaps poorly, the desired average A, and hence
provide I : (x-yJA as an approximation 16 | : (x-y)A.
Statisticians might be tempted to sprinkle the nodes u; rondomly between x and y-that is what Monte Carlo methods
do. But randomness is a poor substitute for skill because
the error A -A tends to diminish like 1/\6 as the number
n of random samples is increased, whereas uniformly
spaced and weighted samples provide an error that diminishes like 1/n2. Other more artful methods do even better.
Different numerical integration methods differ principally in the ways they choose their weights w; and nodes u;,
but almost all have the following characteristics in common. Each average A is associated with a partition of the
range of integration into panels as shown in Fig. 6. Each
panel contains one node ui whose respective weight is
wi : (width of panel j)/(width of range of integration).
The formula given above for A amounts to approximating
the area in each panel under the graph off(u) by the area of
a rectangle as wide as the panel and as high as the sample
f(u1). The simplest method is the midpoint rule, whose
nodes all lie in the middles of panels all of the same width.
Other methods, like the trapezoidal rule and Simpson's
rule, vary the panel widths (weights) and nodes in ways
designed to exploit various presumed properties of the
integrand f(u) for higher accuracy. Which method is best?
If this question had a simple answer there would not be so
many methods nor would we need texts like "Methods of
Numerical Integration" by P.l. Davis and P. Rabinowitz,2
which contains 16 FORTRAN programs and three bibliographies with well over 1000 citations.
For example, consider Gaussian quadrature. This method
is widely regarded as "best" in the sense that it very often
requires fewer samples than most other methods to achieve
an average A that approximates the desired A to within
some preassigned tolerance. But the weights and nodes of
Gaussian quadrature take quite a while to calculate. Programs to do so, and the resulting tables of weights and nodes
for various sample counts n, have been published.3 Had
we chosen Gaussian quadrature for the Ji t.V we would
F(x)=j" f(u)du where f(u)= 1711
* u0+,.

F(x): x)

(-xuo)-/ (O+r+ 1) if x2=<1

:#.*(#l

s i s n ( x+ )r j t

, u o ) ' / ( 6 +- k1 ' ) i t x 2 > 1

_*r
_,
P,("_ arctan( ?I!j!q1

+ vzcos(rk ( .
"
":l

* (fi ...
1*a;sign(x) if x2> t)

a: )*f(u;)
j=1

where0; : (k-1/2\rts2

where w,>oa.rdi*;:r,
i:1

is a finite weighted averageof n samples f(u1),f(u2), ...,f(ur).

Fig.5. Formaltntegrationtransformsmany a stmple expression f(u) into messy formulas F(x) of limited numerical utility.
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Fig.6. Theintegral, regarded as an area, is here divided into
four panels each of whose areas ls approximated by the area
of a rectangle as wide as the panel and as hlgh as a sample.
have had to store at least as many nodes and weights as we
could expect to need for difficult integrals, amounting to
at least several hundred 13-digit numbers, in read-only
memory. But that would have left no space in the HP-34C
for anything else, so a different method had to be found.
fne Ji key could not use a method that generates just
one average A because that gives no indication of how
accurately it approximates A. Instead we looked only at
methods that sample repeatedly and with increasing
sample counts nr ( nz ( n, { ... to produce a sequence of
increasingly accurate averages Ar, Az, '\3, ... . Provided
that sequence converges toA so fast that each lA1*t - Al
is considerably smaller than its predecessor, the error
can be approximated accurately enough by
lAr-Al
lAr-At*t
l, and the last average Ap11 can be accepted in
lieu of A as soon as lA1-A1*,1 is tolerably small.
How small is "tolerably small"? That depends upon the
area of the ribbon discussed above under "Tolerance and
Uncertainty." Since the integral I : J{ f1uldu inherits an
uncertainty AI : | fi Af(u)du I from the uncertainty Af(u)
in the integrand, so does A : I/(x-y) inherit an uncertainty
M : Af/lx-yl, which mayte approximated by
AA:

)w1Af(u;)
i:1

in the same way as A is approximated by A. Indeed, A and
AA can be computed together since they use identical
weights and nodes. And so the sequence Ar, Az, ,\3, ... is
accompanied by a sequence of respective uncertainty estimates AA1, AAz, AA3, ... . Now "tolerably small" can be
defined to mean "rather smaller than AA111."
The foregoing argument provides an excuse for accepting A1*, in lieu of A whenever two consecutive estimates
,{1 and A1a1 agree to within AAt*r, but it provides no
defense against the possibility that convergence is not so
fast, in which case ,\1 and A1..1 rnight agree by accident
and yet be both quite different from A. The Ji key waits for
three consecutive estimates ,\1, .{111, and Ap*2 to agree
within AAt*2. Only the most conservative integration
schemes wait that long. While this conservatism strongly
attenuates the risk of accidental premature acceptance of
an estimate, the risk that three consecutive estimates might
agree within the tolerance and yet be quite wrong cannot
be eliminated. Later, under "How to Deceive Everv Nu26 HewrErr-pncKAnD
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merical Integration Procedure," some such risk will be
proved unavoidable, but the risk now is so small that
further attenuation is not worth its cost.
The combination of ignorance with conservatism is
surprisingly costly. Had we known in advance that Ap
would be accurate enough we would havb calculated none
of the other averages. Instead, waiting for three consecutive averages to agree could easily cost some methods almost 6.25 times as many samples as if only ,\1 had to be
calculated, and more than that if the sample counts n1,
n2. D3.,:..are not chosen optimally. For the fi key we chose
nl : 2^- 1 and we chose a method whose successive averages each share almost half of the previous average's
samples, thereby preventing the cost of ignorance from
much exceeding a factor of 4.
Memory limitations precluded the use of another family
of methods known as adaptive quadrature. These methods
attempt to distribute nodes more densely where the integrand f(u) appears to fluctuate rapidly, less densely elsewhere where f(u) appears to be nearly constant or relatively
negligible. They succeed often enough that the best
general-purpose integrators on large computers are adaptive programs like Carl de Boor's CADRE; this and others
are described in reference 2. Alas, adaptive programs consume rather more memory for scratch space than the
twenty registers available in the HP-34C.

What MethodUnderliesthe Ji Key?
The HP-3aCusesa Rombergmethod;for detailsconsult
reference 2. Several refinements were found necessary. Instead of uniformly spaced nodes, which can induce a kind
of resonance or aliasing that produces misleading results
when the integrand is periodic, the Ji key's nodes are
spaced nonuniformly. Their spacing can be explained by
substituting'saY'
,,:f

,-

|r.

into

.|$-,\au
,: I'.,r(u)du:
I',r(1,i;l
and distributing nodes uniformly in the second integral.
Besides suppressing resonance, the substitution confers
two more benefits. One is that no sample need be drawn
from either end of the interval of integration, except when
the interval is so narrow that no other possibilities are
available, and consequently an integral like

I'Tt o'
won't hang up on division by zero at an endpoint. Second,
f : J; f(u)du can be calculated efficiently when
f(u) : g("){*-"t
or g1ulv(*-uxu-,
where g[u) is
everywherea smooth function, without any of the expedients
that would otherwise be required to cope with the infinite
values taken by the derivative f'(u) at u : x or s : y. Such
integralsare encounteredoften during calculationsof areas
enclosedby smooth closedcurves.For example,the areaof
a circle of radius 1 is

j ; V u ( 4 - . , ) d u : 3 . 1 4 1 5 e+ B . B x l 0
which consumesonly 60 secondswhen evaluatedin SCI 5
a n d o n l y 1 1 0 s e c o n d st o g e t 3 . L 4 L 5 9 2 6 5 4 t L . 4 x L 0 - s
in SCI 9.
Another retinement is the use of extended precision,
13 significant decimal digits, to accumulatethe sums that
define '\1, thereby allowing thousands of samples to be
accumulated,if necessary,without losing to roundoff any
more information than is lost within the user's own f-program. The last example's 10 significant decimal digits of
z'could not havebeenachievedwithout such a refinement.
How Does the Ji Key Compare with Other lntegrators?
What most diiUnguishes the HP-34C'sJi t<eyfrom all
other schemesis its easeof use.No step-sizeparameters,no
plethora of error tolerances,no warning indicators that
"can usually be ignored." Only the minimum information neededto specifyJ| (f(u)rAf(u))duhas to be supplied.
And becausethe J| key"is effective over so wide a range of
integralsit ranks among the most reliable proceduresavailable anywhere. Usually it is far faster than simpler procedures like the trapezoidal rule or Simpson's rule commonly used previously on calculators.For integrands defined by programs that fit comfortably into a mid-sized
handheld calculator that can hold at most 210 program
steps,the Jf key is comparablein speed(count the number
of samples) with the integrators available on large computers. For much more complicated integrands the best
adaptive integrators on large computers are appreciably
faster.
One of the HP-34C'smost important components is its
Evaluation in RUN Mode
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Owner's Handbook. It is for most owners the first guide to
the foothills of an awesomeranqeof new possibilities.Two
chapters are devoted to J|. fire first is introductory, and
allows the user to evaluate simple integrals effortlessly
and confidently. The second chapter is a longer explanation of the power and the pitfalls, concernedmainly with
numerical integration generally rather than with the
HP-34Cin particular. This chapter had to be i4cluded becauseits explanationsand practical advice are not yet to be
found in any text likely to be consulted by an owner, nor
are they supplied by the instructions that accompanyother
integratorson other computersor calculators.This second
chapter is part of the educational burden that must be
borne by innovators and pioneers.The Owner's Handbook
provides no formulas for the nodes and weights used by
the HP-34C becausethey are not needed to understand
how the /i l"V works; instead they can be deduced from
information in this article.
Every numerical integrator like Jf, which executes a
user-supplied program to get the integrand's value f(u],
imposesconstraintsupon that program. Some constraints,
Iike requiring f to have a smooth graph on the interval of
integration, are practically unavoidable. Others are nuisanceslike
r Begin the f-program with a special label, say A'.
r Do not use certain memory registers,say #O - #5.
r Do not use certain operations,say = and CLR.
fne Ji key is encumberedwith no such nuisances.The
f-program may begin with any of severallabels, so several
different integrals can be calculatedduring one long computation. The f-program may use memory registersfreely
and may use any operation key except Ji itself. One of

...1+uue'

E
@

... u-u+ln(1+uue')

Fig. 7, A program to evaluate
| : )[ udulv(u) where u : 4u)
satlsflesu-u+ln (1 +uveu):0.
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those keys is the HP-34C's powerful SOLVE key.a Consequently this calculator is currently the only one that can
evaluate conveniently integrals of implicit functions.

Forexample'::

theequa'[ion
_:":l::

::i":';f

Then
+
Jj u du/u(u): 1'81300 0'00000s
results from a program rather shorter than on any previous
calculator; it is exhibited in Fig. 7.
Furthermore,Ji -"v be invoked, like any other function,
from within a program, thereby permitting the HP-34C to
SOLVE equations involving integrals. For example,
solving
Il "os 1* sin o)dd : o
for x : 2.405... takes a short program contained in the
Owner's Handbook, and exhibits the first zero of the Bessel
function J6(x).
How to Deceive Every Numerical Integration Procedure
it
Such a procedure must be a computer program-call
P-that accepts as data two numerical values x and y and
a program that calculates f(u) for any given value u, and
from that data P must estimate I : Jf t(u) du. The integration procedure P is not allowed to read and understand
the f-program but merely to execute it finitely often,
as often as P likes, with any arguments u that P chooses.
What follows is a scheme to deceive P.
First ask P to estimate I for any two different values x and
y and for f(u)=0. Record the distinct arguments u1, tl2, ...,u1
at which P evaluates f(u). Presumably when P finds that
f(ur) : f(uz) : ... : f(u") : 0 itwill decide thatl : 0 and
say so. Next give P a new task with the same limits x and y
as before but with a different integrand
un'),)'.
f [ u ) = [ ( u - u , ; . 1 u - u z ) . . . . . (- u
Once again P will calculate f(ut), f(uz), ..., and finding no
difference between the new f and the old, P will repeat
exactly what it did before. But the new integral I is quite
different from the old, so P must be deceived.
The HP-3-4C'sJi t
can be hoodwinked that way. Try
"V
to evaluateJlt'r"" f1uldu using first f(u) = 6 programmed
in a way that pauses (use the PSE key) to display its argument u. The calculator will display each sample argument
it uses, namely 0, -f BB, +-47 and +117. Next program

The threat of deceit impales the designer of a numerical
integrator upon the horns of a dilemma. We all want our integrators to work fast, especially when the integrand f(u)
is very smooth and simple like f(u):3rr-4. But if the integrator is too fast it must be easy to deceive; fast integration
means few samples f(u1),implying wide gaps between some
samples, which leave room for deceitful misbehavior.
Figs. 9a-9e illushate the dilemma with two estimates of
Ji ("ta". The first estimate is based upon the three samples drawn at the white dots, the second upon seven samples including those three white plus four more black dots.
Fig. 9a shows why all sufficiently smooth graphs f(u) that
agree at all seven samples have nearly the same integrals,
but Fig. 9b shows how two integrands could provide the
same samples and yet very different integrals. The coincidence in Fig. 9b is unlikely; successive estimates based
upon increasingly dense sampling normally would reveal
the difference as in Fig. 9c. However, situations like those
illustrated in Figs. 9d and 9e are very likely to deceive.
Textbooks tell us how to avoid being deceived: avoid
integrands f(u) among whose first several derivatives are
some that take wildly different values at different places
in the range of integration. Or avoid integrands f(u) that
take wildly different values when evaluated at complex
arguments in some neighborhood of the range of integration. And if wild integrands cannot be avoided they must
be tamed. We shall rejoin this train of thought later.

lmproperand NearlylmproperIntegrals
An improper integral is one that involves rc in at least
one of the following ways:
r One or both limits of integration are to, e.g.,
1_8
"lT
to"
ll

tl
tl

tl

,orrll

it

ll
tl

t(u)=(u(u'?-472)(u2-ag2)(u2-'1172112

+1 7 J ) r
f ( u ) = ( u ( u- s s l ( u + s B J ( u - a 7 J ( u + a 7 ) ( u1-1 7 1 ( u 1
and evaluate Jil33 tt"tau again. The calculator will say
that both integrals are 0, but the second polynomial's
integral is really 1.31026s x 1028.That polynomial's graph,
shown in Fig. B, has the sharp spikes that characterize
integrands troublesome for every numerical integration
procedure. To calculate the integral correctly, reevaluate
it as 2 Js128
f(u)du, thereby doubling the spikes' width compared with the range of integration.
28 tewrerr-pecKARD
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117'128

Fig. 8. fhe polynomial f(u) was devised to deceive the
HP-34C into miscalculating its integral as 0 instead of
1.31x1028.This spiky graph is typicalof integrandsthat can
baffle any numericalintegrator.73% of the area under the
graph liesundertwo spikeswhosewdths span lessthan4l"of
the area of inteoratton.

-1-u'; dtt \,Frlz.

llexp

The integrand tends to -fo someplace in the range of
integration, e.g.,

Ji t"("lau: r'
r The integrand oscillates infinitely rapidly somewhere in
the range of integration, e.g , Jot cos (ln u)du : 7.
Improper integrals are obviously troublesome. Equally
troublesome, and therefore entitled to be called nearly
improper, are integrals afflicted with the following malady:
r The integrand or its first derivative changes wildly within a relatively narrow subinterval of the range of integration, or oscillates frequently across that range.
This affliction can be diagnosed in many different ways,
Sometimes a small change in an endpoint can render the
integral improper, as in
:ftooo'lrrln;dr,

0.99898... - f,t ln(u)du : l.

Sometimes a small alteration of the integrand can render
the integral improper, as in
Ilrd*t1*'+ 10-10):

yx

Fig. 9. Fewsamples(open circles)meanf astintegtationbut a
large possibilityof error.More samples(so/iddofs plusopen
circles)usuallymeanmore accuracy,but not always,as in (b),
(d), and (e). (a) Which is the graph of f(u)? No matter; both
have almost the same integral. (b) Which is the graph of f(u)?
They have very different integrals. (c) Here two graphs that
coincide on the first samples O are distinguished by a significantlydifferentoutcomeaftersecond samplesO are drawn.(d)
lf the graph of f(u) hasa few sharpand narrow spikes,they will
probably be overlooked during the estimation of the integral
based on finitely many samp/es. (e) lf the graph of f(u) has a
step that was not made known during the estimation of the
integral, then the estimate may be mrstaken.

-Jtrd*/*t
374157.2654..'

: -.

Sometimes the value of the integral is nearly independent
of relatively huge variations in one or both of the endpoints, as is Jj exp (-u2) du: \/-nlT for all x > 10. Regardless of the cause or diagnosis, nearly improper integrals
are the bane of numerical integration programs, as we
have seen.
During the HP-34C's design a suspicion arose that most
integrals encountered in practice might be improper or
nearly so. Precautions were taken. Now that experience
has confirmed the suspicion, we are grateful for those precautions. They were:
1. Avoid sampling the integrand at the ends of the range of
integration.
2. By precept and example in the Owner's Handbook,
warn users against wild integrands, suggest how to recognize them, and illushate how to tame them.
The second precaution ignited controversy. Against it on
one side stood fears that its warnings were excessive and
might induce paranoia among potential customers. Who
would buy a calculator that he thinks gets wrong answers?
Actually wrong answers were very rare, thanks in part to
the first precaution, and many attempts to vindicate dire
predictions about mischievous improper and nearly improper integrals were thwarted by unexpectedly correct
answers like
: 0.s998 + 0.00021
fotltt 1rr1du
in 2 minutes at SCI 3. Or
-30
Jo exp(-u')

du:

o.886227

+ 0.0000008

in 4 minutes at SCI 5. If the wagesof sin be death,O Death,
where is thy sting?
On the other side stood a number of embarrassingexamoles like
AUGUST
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exp[-u-) ou

o.'12

m i s c a l c u l a t e da s 0 . 0 - r 0 . 0 0 0 0 0 0 0 0 0 5i n 1 4 s e c o n d s .
Another, had we known it then, would have been Woodyard's example at the beginning of this article; the correct
answer

/, t*

-*)

du : 0.03649+ 0.00000007

in 23 minutes at FIX 7 differs from FIX 5's wrong answer
0.03662in the worst wayi the error is too small to be obvious and too large to ignore. Adding to the confusion
were exampleslike
A ( x J: 1 - t f i \ r t - t r c . s ( u 1 -

d u / u 2 : 1 + x 4 / 6 0+ x s / 4 8 +
0...

for which computation in SCI4 producedridiculous values
l i k e A ( 0 . 1 ) : o . 9 5 7 4 2+ 0 . 0 0 0 0 5 4
, ( 0 . 0 1 ) : 0 . 5 8 4 0 1t
0.00003,and 4(0.001) : 0, all impossiblysmallerthan 1.
This example appears to condemn the Ji t"v until the
integrand f(u):V -Z In cos(uzt/uzis wiiched for small
argumentsu and seento lose most of its figures to roundoff, losing all of them for lu | <0.003,despitean absenceof
subtractionsthat could be blamed for cancellation. Then
the example appearsto condemn the whole calculator. Who
wants responsibility for a calculator that gets wrong
answers?
Don't panic! The answers are wrong but the calculator
is right.
How to Tame a Wild Integral
Forewarnedis forearmed.Every experiencedcalculator
user expectsto encounterpathological exampleslike some
of those above, and expectsto cope with them. The question is not "whether" but "when"? And that is when attention to detail by the calculator's designersis rewarded by
the user's freedom from petty distractions that can only
complicate a task already complicated enough. But like
the dog that did not bark,* the absenceof distracting details may fail to be appreciated.That is why the examples
explained below have been chosen-to illustrate the advantagesof liberated thought. Work them on your calculator as you read them; don't skim them like a novel. Then
you may come to think of your calculator the way I think
of mine, as a trusted friend who stays with me when I
need help.
The integral A(x) above contains an integrand f(u) :
V -rE;osfiUliuz
that loses its figures when u becomes
tiny. The problem is caused by rounding cos1u21to 1,
which loses sight of how small u' must have been. The
solution compensatesfor roundoff by calculating f(u)
as follows:
Let Y = cosu2 rounded.
Ify:lthenletf(u):r
elselet f(u) : V -Z ln Vlcos-rY.
The test for y : 1 adds four steps to the f-program and,
provided ln and cos-1 are implemented as accuratelyas
on all recent HP calculators,the problem goes away.
tSeethelastfewparagraphs
oltheSherlock
Holmes
story"Silver
Blaze"by Conan
Doyle.
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2w2l(w-1)(w+1)) - w/ln(w)

Fig. 10. Substitutingw2for u turnsthe wild graph (a) into the
easy one (b). But do not replace ((w-1) (w+1)) by (w2-1)
because roundoff errors introduce a spike, as shown in (c).
Woodyard's example It has an integrand f(u) whose de'(u) --+m q --+
rative f
xs
[. The graph of f(u) shown in Fig. 10a
looks like a lovers' Ieap. Stretching the u-axis near u:0 by
substituting u : w2 turns the precipice into the hummock
shown in Fig. 10b and transforms the integral into an easy
calculation:

I ,' : l

f1,

Jo

I' .

2Y,'

,--w

(w-1)[w+1)

ln w'

l4*

The HP-3aCcomputesthis as 0.03649-t-0.000005in 100
in 200seconds
secondsat FIX 5 or 0.0364900-t-0.00000008

at FIX 7. Do not replace (w-1)(w+1) by (w2-r) because
the latter loses to roundoff half of its significant digits as
w.+ 1 and introducesa gratuitousspike into the integrand's
graph shown in Fig. 10c,which was plotted on an HP-85.Do
not worry about w : 0 or w : 1 becausethey don't happen,
but do wony that as w ---t1 the integrand approachesthe unreliable expression6 - 6 : 0. This means that FIX7 displays about as many digits as could possibly be correct for
all w < 0.999, beyond which the Jf key draws few if any
samplesbecauseit convergesso fast.
The graphs of exp(-uz) over 0 < u < 300 and of
t/(u2 + 10-10)over -1 < u < L both resemblehuddled mice
with very long tails stretchedout hundreds or thousandsof
times as long as their bodies.Plotting the graphs on a page
of normal width is futile becausethe bodies get squashed
into vertical whiskers.
Most people who integrate such functions numerically
cut off the tails. Thin tails can be cut almost indiscriminately without much degrading the accuracyor the speed of
integration. Such is the casefor fi exp (-uz;du, which Ji
evaluatesin lessthan, say,4 minutes at SCI 5 provided that
x, if bigger than 4 or 10, is cut back to somethingbetween4
and 10. nut Ji du/(u2 + 10-19 has too thick a tail to cut
without losing accuracyor patience when x is large. That
is why Procrusteanmethods are not recommended.Better
to shrink the tail via an artful substitution like u : tr * p.tanu
where tr lies within the body of the mouse and g.is roughly
that body's width. Doing so with I : 0 and p : 1 changes
lj expl-u21 du into
.arctan

: -[ot[r * u62ydu/1r + u64;

...mergedvia w:u

: r + lot (u62-u64)du/(t + u64)

... some algebra

= 1 +la I] 7-"'o1usb/s du41 + u8;

... u:u% to shrink
a tail

= 1.000401708155
t 7.2x19-rz
in 10 minutes at SCI 8. Thus we have calculated F[-) :
(zrl64)csc(z/64)to 13 significant decimals on a ten-significant-decimal calculator.
Oscillatory integrals like Jo1cos(ln u) du sometimessuccumb to stretching substitutions like u : u2 that damp the
oscillations, but generally oscillatory integrals cannot be
calculated accurately and quickly without sophisticated
tricks beyond the scope of an article like this. A simple
trick worth trying when the period of oscillation is known
in advance is called fdding, though it is really another
instance of subdivide and conquer. Here is a didactic
example.
r 6002

I." : |
Js

*uoJno

x

:
:{"

r, :

f" r1"; a" + Jn'f1uldu

F(*l :lrt du/(1+ ,run)+ lr- du/(r + u64)

... subdivided

:Jot d,r4r + u641+ w62dw/[w6a
+ 1) ... u:1/w
fi

sin2u
du
+ \/u+rtn+71

J

sin'z,

>

du.

a:6 vUfDz

+

vv+n7r+1r

At this point a program should be written to calculate
the sum, but because the example is didactic the sum
collapsesto yield
,I. : f" -- 6oosin2u
|

Jn Vu * Vu+6002r

+ 0.00002
du: 27.7O2O4

in 5 minutes at SCI 5.
Now for a final example drawn from life:

v:

takestwo pressesof Jj and one of I+ but much less time.
Subdivide and conquerworks best when combined with
apt substitutions. For example, if the formulas in Fig. 5
were unavailable how would F(-) : Jf a"l1r + u6a; be
calculated?

\/"+n

after being subdivided and with u : u + nz'. Exchanging
J and ) produces

Jl-au("' + 10-10)
benefits miraculously from the foregoing substitution
when tr : 0 and p : 1O-5,but values near those do almost
as well.
Another technique might be called "subdivide and conquer." It subdivides the range of integration into subintervals upon each of which the integrand f(u) is tame, although f(u) may look wild on the tange as a whole. For
example,f(u) = !G2 + 10-10has a V-shapedgraph practically the same as that of lu | . Evaluating f5. t1u) du
qccurately takes a long time if done with one press of
Jj, U"t r,rbdiuiding thJintegral into

sin2u
_ou
Vu + Vu+7r

: s r n o * "- ;

(1 + tanzu)du
J;'-^^ exp[-tan2u]
which J| evaluates in three minutes at SCI 5 even when
x is as bi! as 1010.Don't worry about tan z'l2becauseit can't
happen on a well-designed calculator.

-=14du : still running after over three
Vu+Vu+7r
hours a-tsct s

du

fora:100.b:2.c:1..

/ . - 1a2+u1r,(a2+unb,+u11c,+"1

This integral pertains to the electrostaticfield about an
ellipsoidal body with principal semiaxes a, b, c.s The
ellipsoid is needle-shapedlike an antenna or a probe. The
classicalapproachtransformsV into a standardform called
an elliptic integral of the secondkind and interpolates on
two variablesin published tablesto get a numerical value.
The following approach takes less time.
First transform the improper integral 1Jfi into a proper
AUGUST
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one by substituting, say, u : 1az-c2)l(1-u2)- a2 to get
u : ^[
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Now,

(b2-c2)l(at-b') :3.001200480 x 10-3

as always

happens

is nearly improper

when

a >>

b > c, the integral

because a and pcare both so nearly 0. We
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{r.

suppressthis near impropriety by finding an integral in
closed form that sufficiently resemblesthe troublesome
part of V. One candidate is

r'

,"{:.

..

\/ O-;T@2+ dj du'

where
x:

t
ll

+ d.'

: 7.78867525x10-6 + 1.3x10-14

after seven minutes at FIX 8. Don't worry ubor.rtVf -7
as u --+1 becausethe figures lost to roundoff are not needed
and its infinite derivative doesn't bother the HP-34C.
Conclusion
A powerful mathematical idea has been placed at the
disposal of people who will invoke it with fair confidence by pressing a button marked If without having to
understand any more about its internal workings than
most motorists understandabout automatictransmissions.
Integrals that might previously have challenged the
numerical expert and a big computer now merely amuse
the scientist or engineer,and tomorrow they will be routine. And now those engineering students who do attend
classesin num_ericalanalysis need no longer be expected
to memorizethe namesnor the remainder terms of quadra-
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