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In this Issue
noris built-in
isn'ta newstoryanymore,
instruments
controlling
Computers
Butfewwhodon'tusethemknowhowveryintelligent
intelligence.
instrument
havebecome.Ourcoversubject,the HP
instruments
someof ourelectronic
is an example
of thistrend.lt'sa measuring
SignalAnalyzer,
3562ADynamic
but
networkandspectrumanalysis,
designedlor low-lrequency
instrument,
you can use it to do computeraideddesign(CAD)withouta computer.lt
and models,all by
not onlymeasuresand analyzes,but alsosynthesizes
you
no PC.Withjustthisinstrument,
no workstation,
itself-no mainframe,
cando a wholelinearnetworkdesign:
I Decide what shape you want the network responseto have and synthesizeit using the HP
The instrumentwillfit a rationalpolynomialto the response
3562A'sbuilt-insynthesiscapabilities.
curve and computethe rootsof the denominatorand numeratorpolynomials-that is, the poles
and zeros of the response.From these you can choose a networktopologyand component
vatues.
r Build the prototypeand measure its responsein any of the analyzer'sthree measurement
modes.Compareit with the responseyou wanted.
r Extractthe prototype'sactualpolesand zeros and modifythe designto get closerto the desired
result.
r Repeat as necessary.
On pages4 to 35 of this issue,the HP 3562A'sdesignersexplainhow it works and what it can
do. lts basic functionsare describedin the articleon page 4, and the detailsof its measurement
modes are in the article on page 17. Unusual is the analyzer'sdigitaldemodulationcapability.
Give the analyzera modulatedcarrier,and if the modulationis within its frequencyrange, it can
extract and analyze it. lt doesn't matter if you don't know the carrierlrequencyor whetherthe
modulationis amplitude,phase,or a combination(as long as the two modulatingwaveformsdon't
have overlappingspectra).The articleon page 33 revealsthe theory of operationof the curve
fitterand tells how so much computingpowerwas made to fit in the availablememory.The article
on page 25 walks us through several examplesof the use of the HP 3562A to solve realistic
analysisand design problems.
The HP 3000 Series 70 BusinessComputer is the most powerfulof the pre-HP-PrecisionArchitectureHP 3000s.The objectivefor its designwas to upgradethe Series68's performance
significantlyin a short time. Measurement,modeling,and verificationwere used to identifyand
evaluatepossibledesign changes.The paper on page 38 describesthe methodsand how they
were appliedto the Series7O'scache memorysubsystem,its major improvement.Accordingto
the authors,the designof a cache providesa severetest tor any estimationmethodology.They
feel they have advancedthe state of the art in cache measurementand prediction.
-R. P. Dolan

Cover
A principaluse of the HP 3562A Analyzer is the design of servo systemssuch as the head
positioningmechanismsfor disc drives.

What's Ahead
The Februaryissuewill featureseveralarticleson the designof a new familyof fiber optictest
instruments.The family includesthree LED sources,an opticalpower meterwith a choiceof two
opticalheads,two opticalattenuators,and an opticalswitch.Microwavetransistormeasurements
using a specialfixtureand de-embeddingtechniqueswill also be treated.
to editinq. Letters should be addressed to: Editor, HewletfPackard Journal, 3200 Hlllv ew Avenue, Palo Alto, CA 94304, U S A
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Low-Frequency
AnalyzerCombines
MeasurementCapabilitywith Modeling
and AnalysisTools
HP'snext-generationtwo-channelFFTanalyzercan be
used to model a measurednetworkin a manner that
simplifiesfurtherdesign.
by EdwardS. Atkinson,GaylordL. Wahl,Jr., MichaelL. Hall,Eric J. Wicklund,and StevenK. Peterson
HE NAME FFT ANALYZER has been applied to a
categoryof signalanalysisinstrumentsbecausetheir
dominant (in somecases,their only) analysisfeature
has been the calculation of the fast Fourier transform of
the input signals for spectrum and network response measurements. These analyzers produce an estimate of a network's frequency response function at equally spaced frequency intervals.
These FFT analyzers have justified their use for low-frequency signal analysis mainly because of their higher measurement speed when compared to conventional swept frequency response analyzers. However, proponents of swept
sine analyzers are quick to point out their instruments'
wider dynamic range and ability to characterize nonlinearities in a network. Proponents of 1/3-octave analyzers
iump into the fray by extolling the advantages of logarith-
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mically spaced spectrum analysis. These debates about
which is the "best" analyzer can never really be won, since,
in reality, all of these measurement techniques have their
advantages depending on the application.
This fact was recognized in the design of the HP 3562A
Dynamic Signal Analyzer (Fig. 1), which provides three
different measurement techniques for low-frequency analysis within one instrument:
I FFT-based, linear resolution spectrum and network
analysis
r Log resolution spectrum and network analysis
I Swept sine network analysis.
These measurement techniques use advanced digital signal
processing algorithms that result in more accurate and more
repeatable measurements than previously available with
conventional analog implementations.

Fig. 1. The HP 3562A Dynamic
Signal Analyzerperforms fast,accurate network, spectrum, and
waveformmeasurementsfrom dc
to 100 kHz. Measurements includepowerspectrum,histogram,
frequency response, and crosscorrelation. These can be performed in real time or on stored
data. Built-inanalysisand modeling capabilitiescan derive poles
and zeros from measured frequency responses or construct
phase and magnituderesponses
from user-suppliedmodels. Direct
control of external digital plotters
and disc drives allows easygeneration of hard copy and storageof
measurementsetupsand data.

The HP 3562A has two input channels, each having an
overall frequency range fi'om 64 p'Hz to 100 kHz and a
dynamic range of Bo dB.

Modes
Measurement
Linear Resolution.In the linear resolution (FFT)mode, the
HP 35624 provides a broad range of time, frequency,and
amplitude domain measurements:
r Frequency domain-linear spectrum, power spectrum,
crossspectrum,frequencyresponse,and coherencefunctions
r Time domain-averaged time records, autocorrelation,
cross-correlation,and impulse responsefunctions
r Amplitude domain-histogram, probability density
function (PDF), and cumulative distribution function
(cDF).
A special feature in the linear resolution mode is the
ability to perform AM, FM, or PM demodulation on each
input channel. Traditionally, demodulation has been performed using separateanalogdemodulatorswhose outputs
are connectedto the test instrument.The digital demodulation technique in the HP 35624 has the advantagesof
higher accuracy and greater dynamic range than analog
demodulation, and it is built into the test instrument.
The type of demodulation is independently selectable
for each channel. For example,a frequencyresponsemeasurement can be performed using AM demodulation on
Channel 1 and PM demodulationon Channel 2. As another
example,a two-channelpower spectrummeasurementcan
be setup in which AM demodulationis specifiedfor Channel 1 and no demodulation is selectedfor Channel 2. One
can easily perform two types of demodulation (e.g.,AM
and FM) simultaneouslyon the sameinput signal by connecting it to both channels.
A preview mode allows the user to view (and modify)
the modulated input signal before the demodulation processis invoked. Thereis alsoa specialdemod-polardisplay
that shows the Iocus of the carrier vector as its amplitude
and phase vary for AM and PM signals. This display is
very useful for observing possible interrelationships between AM and PM signals.
Log Resolution. In many applications,the network or signals of interest are best characterized in terms of
logarithmic or proportional frequency resolution' The HP
3562A provides a true proportional resolution measurement-not simply a linear resolution measurement displayed on a log frequency scale.
In this mode, the user can make the following frequency
domain measurements:power spectrum, cross spectrum,
frequency response,and coherencefunctions. For log resolution measurements, the average quantity is always a
power quantity. Stable, exponential,and peak hold averaging modes are available and offer the same benefits as in
the linear resolution mode.
The user can select a frequency span from one to five
decades with a fixed resolution of 80 logarithmically
spacedspectrallines per decade.For example,if the start
frequencyis set to 1 Hz and the span is set to five decades,
the frequency range of the measurementwill be from 1 Hz
to 100 kHz with 400 lines of resolution.Both random noise
and fixed sine source outputs are availablein this mode.

Swept Sine. When swept sine mode is selected,the HP
3562,\ is transformed into an enhancedswept frequency
response analyzer. In this mode the user can make the
following frequency domain measurements:power spectrum, cross spectrum,frequency response,and coherence
functions. The user can select either linear or log sweep
with a full range of sweep controls, including sweep up,
sweep down, sweep hold, and manual sweep.During the
sweep,the HP 3562A'sbuilt-in sourceoutputsa phase-continuous, steppedsine wave acrossthe selectedfrequency
span and a single-point Fourier transform is performed on
the input signal.
There are four key setup parametersassociatedwith the
sweep for which the user can either set fixed values or
specify an automatic mode of operation.Theseparameters
are input range,integration time, source output gain, and
frequency resolution.
By judiciously selectingtheseautomaticsweepfeatures,
the user can perform a measurementin which the sweep
adaptsdynamically to meet the requirementsof the device
under test.
A discussion about the technical basis behind the HP
3562A's measurementmodes and digital demodulation
capability is given in the article on page 17.
Advanced Data Acquisition Features
Normally, measurementsaremade on-line using the data
currently being acquired from the input channels. However,the HP 35624 provides two modesin which data can
be acquired and then processedoff-line at a later time.
Time Capture.In this mode, up to ten time records(2O,4BO
samplepointsJfrom either channelcan be storedin a single
buffer. This data can be acquired in real time for any frequency span up to 100 kHz. The user can display a compressedversion of the entire time buffer or any portion of
it in the time or frequency domain. Furthermore,the time
capture buffer can be used as an input source for any of
the single-channelmeasurementsavailablein linear resolution mode.
If a measurementis setup with the samefrequencyrange
as the time capture data, then up to ten averagescan be
done. At the other extreme,a measurementwith one average can be made with a frequency span that is a factor of
10 narrower than the original time capture frequency range.
For example, if a time capture is performed with a span
from dc to 10 kHz, the user can perform a power spectrum
measurementon this data within a 1-kHz span centered
anywherefrom 500 Hz to 9.5 kHz. Severaldisplay options
(e.g.,expansion,scrolling,etc.)are availablefor manipulating time capture data.
Time Throughput. The HP 35624 is specialamonglow-frequency analyzers in offering the capability to throughput
time data directly from the input channel(s) to an external
disc drive. No externalHP-IB (IEEE4BB/IEC625)controller
is neededfor this operation.
The instrument can throughput data to an HP CS/80hard
disc drive (e.g.,the HP 7945) at a real-time measurement
span of 10 kHz for single-channeloperationand 5 kHz for
dual-channel operation. The throughput data sessioncan
be used as an input source for both linear resolution (including demodulation) and log resolution measurements.
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As in the time capturemode, zoomedmeasurementscan
be made on real-time throughput files. However, much
narrower zoom spansare possible since a throughput file
can be much larger than the internal time capture buffer.
The user can conveniently view the data in the
throughput file by stepping through the file one record at
a time. Measurementsdo not have to start at the beginning
of the file-an offset into the file can be specified for the
measurementstart point.

taneously for the entire responsefunction or any portion
defined by the display markers. In addition, the table of
poles and zerosgeneratedby the curve fit can be transferred
to the synthesis table-a direct link between the instrument's modeling and analysis features. A curve-fit algorithm that can only fit clean data is of little practical use
since most real-world measurementsare contaminatedby
some amount of noise.The HP 35624 curve fitter removes
biasescausedby measurementnoise,resulting in a greatly
reduced noise sensitivity and, therefore,more accurateestimates of the pole and zero locations. See the article on
page 33 for more details.

Modeling and Data Analysis Capabilities
Given the extensive measurementcapability described
above, the design of the HP 3562A could have stopped
there-as a versatile test instrument. However, combining
Hardware Design
this measurement performance with equally extensive
A block diagram of the HP 3562A's hardware system is
built-in analysis and design capabilitiesturns the product
shown in Fig. 2.
into a one-instrumentsolution for many applications.
Input Amplifiers. Spectrum analysis for mechanical and
Flexible Display Formats. Generally, the result of a measervo applications requires that the analyzer's input
surementprocessis the datatrace on the screen.Graphical
amplifiers provide ground isolation (usually to reject dc
analysis is simplified by the HP 3S62A'sfull complement
and ac power-line frequency signals).Ground isolation at
of display formats.The independentX and Y markers(both
low frequencies can be achieved by running the input
single and band) and the special harmonic and sideband
amplifiers on floating power supplies with the supply
markersmake it easyto focus on important regionsof data.
grounds driven by the shields of the input cables. This
The annotated display and the special marker functions
floating ground can then be used to drive a guard shield
(e.g.,power, slope, averagevaluq, THD, e!q,)allow simple
that enclosesthe floating amplifier's circuitry. This design
quantitative analysesto be performed directly on the disis effectiveat rejecting dc common-modesignalsand proplayed data.
vides a large common-mode range, but is limited in its
Waveform Calculator. The instrument includes a full comability to reject higher-frequencycommon-modesignals.
plement of waveform math functions including add, subFig. 3 illustratesthe problem. Common-modesignal V"*
tract, multiply, divide, squareroot, integrate,differentiate,
is dropped acrossthe voltagedivider formed by the source
logarithm, exponential,and FFT. The operands(eitherreal
impedanceZ" (which could be the resistanceof the input
or complex) for the math functions can be the displayed
cable) and the capacitanceC between the floating ground
trace(s), saved data traces, or user-enteredconstants.A
and chassis ground. The voltage drop across Z" is then
powerful automath capability allows the user to specify a
measured by the analyzer just as if it were any other differsequenceof math operations to be performed on any of the
ential-modesignalV6-. It can be seenthat things get worse
standarddata traceswhile the measurementis in progress. with increasing frequency. The fundamental problem here
The user's custom measurementresult can then be disis that truly floating the amplifier is not practical since C
played at any time by simply pressingthe automath softkey,
cannot be made arbitrarily small in practice and the inputs
which can be relabeledto indicate the name of the function.
are not balancedwith respect to the chassis.In addition,
Some examples include group delay, Hilbert transform,
since the source impedances to the two input terminals
open-loopresponse,and coherentoutput power (COP).Automay not be quite the same, it is desirable to minimize the
math is discussedin more detail later in this article.
common-modeinput currents by providing a high-impedS'Plane Calculator. The HP 3562A can synthesize freance path for both signal iniruts.
quency responsefunctions from either pole-zero,pole-resAn effective way of providing high impedance for both
idue, or polynomial coefficienttables.In addition, the user
inputs and good balance is to use a true differential
can convert from one synthesis table format to another with
amplifier (Fig. ). For a perfect amplifier with a gain of -1
a single keystroke.As an example, a designercan enter a
and all resistorsshown of equal value, the common-mode
model of a filter in terms of numerator and denominator
rejection (CMR) will be infinite (neglecting parasitic compolynomial coefficientsand then convert to pole-zeroforponents).An addedbenefit is that common-moderejection
mat to find the roots of the polynomials. This s-planecalis achieved without requiring floating power supplies,
culator is a powerful network modeling tool and it exists
which would be prohibitively expensivein a multichannel
within the same instrument that will be used to test and
instrument.The input amplifiers in the HP 35624 arebased
analyze the actual network-providing on-screencomparion this true differential amplifier topology with circuitry
son of predicted and measuredresults. Seethe article on
to provide calibration of CMR and bootstrap circuits to
page 25 for more details about the HP 3562A's synthesis increasecommon-moderange and reduce distortion.
capabilities and some design examples.
The two input paths in eachof the HP 3S62A'samplifiers
Curve Fitter. One of the most powerful analysis features
contain programmable(0 dB, 20 dB, or 40 dB) attenuators,
in the HP 3562A is a multidegree-of-freedom,frequency- buffer amplifiers, and other circuits that contribute to imdomain curve fitter for extracting the poles and zeros of a
balancesin the two signal paths. To remove these imbalnetwork from its measured frequency response function.
ances(and improve CMR), a programmablecircuit is used
The curve fitter can fit up to 40 poles and 40 zeros simulto adjust the gain of the low signal path. As shown in Fig.
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Applications
The HP 35624 coversa broad rangeof applicationsin control
systems,mechanicalsystems,lowJrequencyelectronics'and
acoustics.
Design of Closed-LooP Contlol Systems
Thegeneraldevelopmentprocessis shownin Fig. 1. A particular applicationof this developmentprocess is the design of
closed-loopcontrolsystems.The design activityinvolvesselecting componentsthat, when connected in a specifiedtopology'
producesystempertormanceconsistentwith the designspecification.Closelyrelatedto this activityis the modelingactivitydeveloping equations to predict system performance.These
equationsare oftentransferfunctionrelationshipsexpressedas
ratiosof polynomialsin the complexfrequencydomain.
The design and modelingactivitiesare simplifiedusing the
HP 35624 becauseof its built-ins-planecalculatorand transfer
functionsynthesiscapability(seearticleon page 25).A designer
can enter system lnformationdirectly into the analyzerin polezero, pole-residue,or polynomialformat Conversionbetween
theseformatsis possible.Oncethesysteminformationis entered,
the analyzerwill compute and display the frequencyresponse
of the system.The resultcan be displayedin gain/phaseform,
as a Nyquistdiagram,or as a Nicholschart.The designercan
then easily perform other calculations on the synthesized
waveform.For example,the inversetranstormof the frequency
responsecan be displayed with one keystroketo identifythe
impulse responseof the system.By pressinganotherkey, this
waveformcan thenbe integratedto simulatethe step response.
The test activityinvolvesmaking measurementsto determine
actual system performance.Designersrequiringboth FFT and
sweptsinemeasurementscan use the HP 35624 to performboth
functions,The HP 35624 providesnot onlyfrequencydomaintest
capabilities,but alsotime domaintest functions.lts waveformrecordingfeaturesallowthe controlsystemdesignerto measuretlme
domainlunctlonssuch as impulse,step, and ramp responses.
The analysisactivitystudiesmeasuredperformanceln cases
where desired performance,such as gain-phasemargin,overshoot, or undershoothas been estlmated,analysisconsistsof
comparingmeasuredresultsagainstthe expectation.This comparisoncan be as simpleas readingmarkervaluesor using the

HP 3562A'sfront and back display format.
Often designersare constrainedto measurecontrolsystems
under operating conditionswith the loop closed. Althoughthe
closed-loopresponseis measured,the open-loopresponsels
desired.The HP 3562A provides an analysisfunctionthat can
computethe open-loopresponsedirectlyfrom closed-loopdata
with just one keystroke.
An extremelypowerfulanalysistool for the controlsystemdesigner is the HP 3562A's curve fitter (see article on page 33),
whichextractssystempolesand zerosfrom measuredfrequency
responsedata for comparisonagainstexpectedvalues.,Furthermore,the curve fitterprovidesthe link betweenthe analysisand
modelactivitiesin the developmentprocess,becauseof itsability
synthesisfunction.
to passcurve-fitdatatothe transferfunction
Vibration Analysis
Vibrationmeasurementson rotatingmachineryare extremely
important.In many cases, the vibrationsignals of interestare
modulationsignalson a carrierfrequencywhich correspondsto
the shaft rotationspeed. As an example,a broken tooth on a
vibrationsignals.
rotatinggear can resultin amplitude-modulated
In a belt-drivenpulleysystem,the dynamicstretchingol the belt
signals.
or phase-modulated
can producef requency-modulated
The HP 35624 can performAM, FM, or PM demodulationon
thesevibrationsignalseven if the carrierfrequency(shaftspeed)
is unknown.
Electronic Filter Design
All oi the majormodeling,test,and analysisfeaturescan come
into play in solvingfilter design problems(see article on page
25 for examples).The initlalfiltermodel (i.e.,transferfunction)
can be enteredinto the synthesistable in the form most Jamiliar
to the designerand thenthe model'sf requencyresponsefunction
can be synthesized.Log resolutionmeasurementsor log-sine
sweepsare appropriatefor measuringbroadbandfilternetworks.
High-Q notch filters can be accurately characterizedusing
measurementsor narrowsine sweeps.
zoomed linear-resolution
By applying the HP 3562A's curve litter to these linear or log
the poles and zerosof the actualfilter
frequencymeasurements,
can be extractedfor comparisonwith the model.
Audio and Acoustics
Noise identificationand controlare becomingmore important
With its two inputchannels,the HP 35624
in manyenvironments.
can make acousticintensitymeasurementsto determinesound
digital
intensityand direction.In the audiofield,the instrument's
demodulationcapabilityhas provento be veryeffectivein analyzing modulationdistortionin phonographpickup cartridgesand
loudspeakersystems.
Bibliography

Fig. 1. Development process flowchart.

5, this is accomplishedby increasingthe gain through the
low path by raising the value of Ra and then driving the
grounded end with a signal that is -KxB, where K is the
gain of a multiplying digital-to-analogconverter (DAC).
Increasingthe DAC gain reduceslow-path gain to the point.
where CMR is maximized.
An algorithm for optimum adjustment of the DAC was
developedthat requiresonly two datapoints to setthe gain

1. Control SystemDevelopment lJsing Dynamic Signal Analyzers, Hewlett-Packard
Aoolication Nole 243-2.

correctly. A common-modesignal is internally connected
to both differential inputs and the DAC is set to each of its
extremevalues.The relationshipbetweenthe two resulting
measuredsignal levels is then used to interpolateto obtain
the optimum DAC gain setting. The resulting CMR is better
than -80 dB up to 66 Hz and -65 dB up to 500 Hz.
One-megohm-input buffer amplifiers are inserted between the inputs and the differential amplifier stage to
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Fig.2. Hardware block diagram of the Hp 3562A.

provide impedanceconversion.The common-moderange
of these amplifiers is increasedand distortion is reduced
by adding bootstrap amplifiers that drive the buffer
amplifier power supplies (Fig. 51. These bootstrap
amplifiers are unity-gain stageswith -rdc offsetsadded to
the outputs so that the buffer amplifier supplies follow the
ac input voltage. Thus, the input buffer amplifiers only
need to provide correction to the signals present within
their supply rails. In addition, the op amps used in these
amplifiers are thereforeable to work over a common-mode

rangethat would otherwisebe beyond their maximum supply rail specification.The resulting common-moderange
for the HP 35624 is +LBV on the most-sensitiverange(-S1
dBV) and distortion is suppressedmore than B0 dB below
full scale.
Digital Circuitry. For certain analyzer frequency spans,the
data collection time (time record length) will be shorter
than the data processingtime. As a result, part of the input
datawill be missedwhile the previoustime record is being
processed.In this case,the measurementis said to be not
real-time. As the frequency span is decreased,the time
record length is increased,and a span is reached where
the correspondingdata collection time equalsthe dataprocessingtime. This frequency span is called the real-time
bandwidth. It is at this span that time data is contiguous

Vo',
-Vc-

Fig. 3. A floating input amplifier
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Fig. 4. True differential amptifier
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and all input data is processed. Decreasing the span further
results in data collection times longer than the data processing time. These measurements are said to be real-time.
Designing for a real-time bandwidth of to kHz (single
channel) requires data processing times of less than B0 ms.
It was apparent that a single processor could not perform
the many computational tasks (fast Fourier transforms and
floating-point calculations in particular) that are required
within this amount of time. Consequently, the choice was
made to develop separate hardware processors for these
computational needs. The large real-time bandwidth of the
HP 3562A is possible because of the use of multiple
hardware processors and a dual-bus digital architecture
(see right half of Fig. 2).
Before pipelined parallel data processing can begin, the
input signals must be digitized and filtered to the current
frequency span. Signals enter the analyzer and are conditioned by the programmable-gain, differential-input
amplifiers described above. Low-pass anti-aliasing filters
with a cutoff {requency of 100 kHz attenuate unwanted
frequency components in the conditioned signal. The signal is then converted to digital data by analog-to-digital
converters (ADCs) using the same design that was used in
the earlier HP 3561A.1 The data is then filtered to appropriate frequency spans by custom digital filters' Separate
digital filters exist for each input channel.
The digital filters provide the gateways for data into the
digital processing portion (Fig. 2). The architecture includes a system central processing unit (CPU), an FFT processor, a floating-point processor (FPP), a shared memory
resource (global data RAM), an interface to the display,
and two separate digital buses that allow simultaneous
communication and data transfer.
The CPU controls a data processing pipeline by issuing
commands, reading status, and servicing interrupts for the
digital filter controller, FFT processor, FPP, and display

Fig.5. lnput amplifierconfigurationusedin the HP 35624.
interface. The CPU also services the digital source and
front-end interface,local oscillator, keyboard, and HP-IB.
The CPU designconsistsof an B-MHz MC6B000microprocessor,a 16Kx16-bit RoM, a 32Kx16-bit RAM of which
BKx16 bits is nonvolatile, a timer, HP-IB control, powerup/down circuitry, and bus interfaces.The CPU communicates with each of the hardware processorsas memory
mapped I/O devices over the system bus, which is implemented as a subsetof the 68000 bus.
The other bus in the architecture,the globalbus,provides
a path to the global data RAM. This memory is used by all
of the hardware processorsfor data storage.After the data
has been digitized and filtered to the current frequency
span, the digital filter storesit into the global data RAM.
The CPU is signaledover the systembus when a block of
data has been transferred,and as a consequence,the CPU
instructs the FFT processorto perform a time-to-frequency
the
transformationof the data.The FFT processoraccesses
global dataRAM, transformsthe data,storesthe result back
into memory, and then signals the CPU. The CPU now
commands the FPP to perform appropriate floating-point
computations.The FPP fetches operandsfrom the global
data RAM, doesthe required calculations,and then stores
the results back into memory. When finished, the FPPsignals the CPU. The CPU then reads the data, and performs
coordinate transformson it as well as format conversions
in preparation for display. The data is again stored into
the global data RAM. The CPU finally instructs the display
interface to transfer the data to the display. (The display
used is the HP 1345ADigital Display,whichrequires digital
commandsand data to produce vector images.)
The above description describesone data block as it is
transferred from digital filter to display. However, the HP
3562A Analyzer does not processone block of data at a
time, it processesfour. That is, while display conversions
of block N-3 are being done by the CPU, block N-2 is
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being operated on by the FPP, block N-1 is being transformed by the FFT processor, and block N is being filtered
by the digital filter. Simultaneous operation of all processors provides the computational speed necessary to produce a large real-time bandwidth of to kHz.
As a consequence of the data processing architecture,
the global memory system had two major requirements.
The first was that multiple processors needed access to the
memory. This required an arbiter, a decision maker, to
monitor memory requests and allocate memory accesses
(grants) based on a linear priority schedule. Devices are
serviced according to their relative importance, independently of how long they have been requesting service. Each
requesting device has associated with it a memory request
signal and a memory grant signal. When a device needs
access to the memory, it asserts its memory request. The
global data RAM prioritizes all requests and issues a memory grant to the highest-priority device. That device is then
allocated one bus cycle.
The second major requirement placed on the global memory system was minimal memory cycle time to satisfy instrument real-time bandwidth needs. Computer simulations were done to model the effects of memory cycle time
on real-time bandwidth. It was concluded that cycle times
less than 500 ns would satisfy the instrument's real-time
bandwidth requirements.
To optimize memory cycle time, the timing for the global
memory system is constructed from a digital delay-line
oscillator. Three digital delay lines are connected in series,
with the output of the third delay line inverted and connected to the input of the first delay line. Individual timing
signals were customized for the 64Kx16-bit dynamic
RAMs and arbiter using combinational logic operating on
signals from 10-ns delay taps on the delay line oscillator.
As implemented, global memory cycles are available every
470 ns.
The FFT processor can perform both forward and inverse
fast Fourier transforms and windowing. It is designed
around a TMS320 microprocessor. Although an on-board
ROM allows the TMS320 to execute independently, the
FFT processor is slaved to the CPU. Commands are written
to the FFT processor over the system bus, and the FFT
processor accesses the global data RAM for the data to be
transformed and any user-defined window information.
Operations are executed, and the CPU is interrupted upon
completion. The FFT processor computes a 1024-point,
radix-4 complex FFT in 45 ms.
The FPP is constructed from six AM2903 bit-slice microprocessors using conventional bit-slice design techniques.
It can operate on three different data formats: two's complement integer (16 bit), single-precision floating-point (32
bit), or double-precision floating-point (64 bit). Besides addition, subtraction, multiplication, and division, the FPP
can perform 81 customized operations. A list of FPP instructions, called a command stack, is stored in the global
data RAM by the CPU. The list consists of a 32-bit command
word (add, subtract, et cetera), the number of entries in the
data block to be operated on, constants to indicate if the
data block is real or complex, the beginning address of the
data block in the global data RAM, and the destination
address for the results. The FPP is then addressed bv the
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CPU and the startingaddressof the commandstackis given.
The FPP executesthe command stack and interrupts the
CPU upon completion.
The digital filter assemblyconsistsof two printed circuit
cards. One card, the digital filter board, contains two sets
(one per input channel) of custom integrated circuits designed for digital filtering. These integratedcircuits were
leveragedfrom the design of the HP 35614.2 The other
card, the digital filter controller board, supplieslocal information to the digital filter board and containsthe interface
to the systembus. Digitized data is supplied to the digital
filter from the ADCs at a 10.24-MHzrate. Upon command
from the CPU, the digital filter can operateon the data in
different ways. It can pass the data directly to the global
data RAM (as is required if the user wants to view time
data).It can frequencytranslatethe data by mixing it with
the digital equivalent of the user-specified center frequency, filter unwanted image frequencies(required in a
zoom operation which enablesthe full resolution of the
analyzerto be concentratedin a lessthan full spanmeasurement), and store to the global data RAM. Or it can filter
the datawithout any frequencytranslationand storeto the
global data RAM (required in the basebandmode where
the start frequency is 0 Hz and the span is less than full
span).The data can be operatedon simultaneouslyin different modes, thus providing the analyzer the ability to
view input data simultaneouslywith frequency data. The
design is the most complex digital assembly in the HP
3562A, and is implemented using a number of programmable logic devices,direct memory access(DMA) controllers,
and large-scale-integration
counters.
Throughput. Throughput means acquiring input data, filtering it, processingtrigger delays,and writing the data to
the disc as fast as possible. To accomplish this, the HP
3562A has built-in disc drivers for HP Command Set B0
(CS/80)disc drives (e.g.,HP 7945and HP 7s741,HP Subset
B0 (SS/80)disc drives (e.g.,HP 9L22 and HP 9133D),and
other HP disc drives such as the HP 9121, HP g133XV,HP
82901.,and HP 9895. These disc drives can be used for
generalsaveand recall functions in addition to throughput.
The drives most suited for throughput are the CS/80 or
SS/80hard disc drives. The softwaredisc drivers aretuned
for these drives.
The throughput is accomplishedwith three internal processorsto pipeline the transfer process (see Fig. 6). The
digital filter assemblydigitally filters the datafor a channel
into a rotating buffer with enough room for two time records. This allows one time record to be accumulatedwhile
the other record is moved out of the buffer. When the instrument is acquiring data in triggeredmode, the digital filter
assembly is putting the data in the rotating buffer even
before the trigger is received.The data beforethe trigger is
neededif a pretriggerdelay is specified. Since the start of
data (trigger point if no trigger delay) can occur anywhere
in the rotating block, the full time record will not be contiguous in memory if the start of data is more than halfway
into the buffer. The first part of the data will be at the end
of the buffer and the last part of the data will be at the
beginning of the buffer (i.e., the data is wrapped).
The next step is for the FFT processorto move and unwrap the data into another buffer. This buffer is one of a

Fig.6. Throughputdata tlow during a data acquisitionfo disc sforage. (All processors are running
simultaneously.)

set of six rotating buffers. The FFT processoris fast enough
to move an entire time record out of the input block before
the digital filter assembly overwrites it, except for a 100kHz frequency span, which is faster than real-time anyway.
The CPU moves the contiguousdata in time record blocks
through the HP-IB to the disc drive. To cut down on the
disc overhead,the entire throughput operationis set up as
a singledisc write command.The sixbuffershelp to smooth
the nonlinear transfer rate to the disc.
The limit on the transfer rate is usually the CPU handshaking data out of the HP-IB chip. The CPU executes a
tight assembly language loop to transfer data (about 60
kbytes/s).Most hard discs can receive data faster than this.
This transfer rate translates into a 10-kHz real-time frequency span for a one-channel measurement.
Sincethroughput is essentiallya real-timeoperation,the
digital filter channels must never stop transferring data to
memory, or gaps will appear in the data.If both channels
are being throughput to the disc, then the data is interleaved
on the disc in time record increments(Channel1 followed
by Channel 2). If both channels are being throughput in
triggered mode, then both channels are triggered at the
same time regardlessof trigger delay. This allows both
channelsto be synchronizedon time record boundaries.If
the user specifiesa cross-channeldelay of greaterthan one
time record, then an integral number of time records are
thrown away from the delayed channel rather than wasting
spaceon the disc with unused data.Hence,with the same
number of records throughput to the disc in this mode,
there will be a sequenceof the undelayedchannel records,
followed by zero or more interleaved records (Channel I
followed by Channel 2), followed by the remainder of the
delayed channel records.
Since the throughput is normally done with one write
command to the disc, the disc will fill an entire cylinder
before moving the disc heads to the next cylinder (head
step).Each cylinder consistsof multiple heads,each on a
separatesurface (i.e., a track). The time to step the head
one track is not long, If the track has been spared fi.e.,
becauseof a bad spot on the disc), the disc head automatically steps to the replacementlogical track, which could
be halfway (or more) acrossthe disc. This could adversely
affect the real-time data rate. To avoid this problem, the
instrument does not use any logical track that has been

spared (replaced) for throughput. There will be a gap in
the logical address space on the disc, but skipping the
sparedtrack only requirestwo head seektimes. The spared
track table can only be read from a CS/80 disc drive. If a
spared track is in the throughput file used, then one disc
write transfers data before the spared track, and another
write is used for data after the sparedtrack. The HP 3562A
can skip up to nine spared tracks in each throughput file
(identified in the throughput header)in this manner.
Any throughput data in the file can be viewed by the
user as a time record or used as a source of data for a
measurement. When performing a measurement of the
throughput data, the data is input back into the digital
filters for possible refiltering. This allows data throughput
at the maximum real-timespan(10kHz, one channel)when
test time is valuable, and then performing the measurement
later at a desired lower span (e.9.,zkHz). Since throughput
data is processedoff-line, more flexibility is allowed on
this data than may be possible with a normal on-line measurement. Data from anywhere in the throughput file can
be selected for postprocessing(i.e., a selected measurement) by specifying a delay offset when measuring the
throughput. For a measurementon a real-time throughput
file, the user can specify the exact amount of overlap processingto be used during averaging.Increasedflexibility
is realized by being able to continue a measurementfrom
anywhere in the throughput file, which allows a measurement on the throughput data in a different order than it
was acquired.
Operating System
The operatingsystemused by the HP 35624 can be describedas a multitasking systemwith cooperatingprocesses. The operatingsystemprovides task switching, process
creation,processmanagement,resourceprotection (allocation), and processcommunication.
The operating system managesthe use of processes.A
processis a block of code that can be executed.In a multitasking system,severalprocessescan be executedsimultaneously. Since there is no time slicing (using a timer
cooperation
interrupt to split CPUtime betweenprocesses),
between processesis essential.To share CPU resources
betweenprocesses,explicit suspendsback to the operating
system must be performed about every 100 ms.
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Since our development language (Pascal) is stack
oriented,there could be a problem with multiple processes.
Does a processshare a stack with another process?How
do they share it? Because of demands on the CPU RAM
(i.e.,local data, states,et cetera),the stackRAM spacewas
in short supply, so we choseto implement a hybrid stack
management system.
We started implementing a system with only one stack
insteadof a stack for eachprocess.This was accomplished
by making one restriction upon the software designers.
Breaks to the operating system (suspendsand waits) could
only be made in the main procedure in a process,which
was not unreasonablefor our original code expectations.
Our Pascal development languageallocates the procedure
variables on top of the stack upon procedure entry and
afterward references these variables with a base address
register.The stackpointer is not used to referencethe variables.The top of stack can be moved without affectingthe
accessof the variablesin the main procedure.This allows
each process to have its own stack for its main procedure
that is exactly the right size, and also a (possiblyseparate)
stack for procedure calling. When a processends, a call
back to the operating system records the stack segmentfor
the main procedureasbeingempty sothat it canbe reused.
This method of stack allocation presented problems
when the code size grew significantly (to 1.1 Mbytes),but
the RAM grew only slightly (to 64K bytes).Someprocesses
became larger and the restriction on waits became unwieldy. Therefore,a secondmethod was implemented of
allocatingentirely separatestacks(partitions)for someprocesses(e.9.,calibration and HP-IB control). There was not
enough RAM to do the samefor all processes,so a hybrid
system was maintained. A partition concept was defined
to allow a single processto use a partition (allocated at
power-up) or one of a group of processesto use a partition
at any one time (e.g., one of the HP-IB processes).The
addition of partitions allowed us to gain the maximum
utility out of the limited RAM available.
The operating system is semaphorebased.The classic
Dijkstra p0 and v0 operations3are used for resourceprotection and process communication. These operations have
been implemented as counting semaphoreswith the only
allowable operationsof wait (correspondsto pQJand signal
(i.e.,v0).A counting semaphorecan be defined asa positive
integer (may never becomenegative).
A signal is defined as an increment operation.A wait is
defined as a decrementoperationwhere the result may not
be negative.If the decrementwould causethe result to be
negative,then the processexecution is blocked until the
semaphoreis incremented (i.e,, a signal is sent by some
other process),so that the decrementcan be successful.
The actual implementation of a semaphoreis different.
The integerdoesbecomenegativeon a wait and the process
is blocked in a queue of waiting processesassociatedwith
each semaphore(semaphorewait queue).A signal where
the previous value beforethe increment was negativewill
unblock the first processin the wait queue (i.e.,it can run
again).In this sense,a semaphorecount, if negative,representsthe number of processeswaiting on the semaphore.
There aregenerallytwo types of semaphoreuse:resource
protection and processcommunication.A resourceprotec-
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tion semaphoreis initialized with a value that is the number
of resourcesavailable (generallyone). An example of this
in the HP 3562A is the floating-point processor;only one
process can use it at a time. A process uses a resource
semaphoreby executing a wait before the block of code
that usesthe resource,and a signal after that block of code.
All processesthat use this resourcemust do the samething.
The first process executing the wait decrements the
semaphorefrom 1 to 0 before using the resource and afterward increments (signals)the semaphoreback to 1. If a
second process tries to wait on the resource after the first
processhas acquired the resource(wait), then the second
processwill be blocked (it cannot decrement0 to -1J until
the first processhas signaled (released)the resource. A
semaphoreis also used to protect critical sectionsof code
from being executedby two processessimultaneously.
A processcommunication semaphore(initialized to 0)
is used by two processesthat have a producer/consumer
relationship. The producer signalsthe semaphoreand the
consumer waits on the semaphore.An example of a consumer in the HP 3562A is the marker process,which waits
for a marker change before moving the marker on screen,
while the producer is the keyboard interrupt routine, which
detectsthat a marker changeis requestedand signals the
marker process.
In many cases,a processcommunication semaphoreis
not enough.The consumermust know more about what is
to be done. Therefore,a communication queue which has
one entry for eachsignalby the produceris associatedwith
the semaphore.This combination is known as a message
queue.An exampleis the keyboardinterrupt routine (producer) and the front-panel process (consumer).A queue
containing key codes is associatedwith the semaphore.
Queues,a first-in-first-out construct, are also supplied
by the operatingsystem.As mentioned above,queuesare
mainly used to communicate between processes,but are
also used by the operating system (i.e., the processready
queuel and other processesto keep a list of information.
Another variant of the queue definition is the priority
queue,where an addition-to-a-queueoperationinsertsnew
entries in order by a priority key. The operating system
processready queue is an example of a priority queue in
the HP 3562A.The priority is setby the schedulingprocess
to determinethe relativeexecutionorderof severalprocesses.
Commandinput to the HP 35624 is from three processes
representingthe keyboard,autosequence,
and HP-IB. Each
process accepts codes from the appropriate source, converts them to a common command function format, and
invokes the command translator.The command translator
controls the main user interface,the softkey menus, command echofield, numeric entry, and translationof the command function into a subroutine call to do the requested
operation.The commandtranslatoris table driven. A single
data baseof all keys is maintained with all related softkey
menus and actions to be performedwhen a key is pressed.
A singlecommandtranslatorpresentsa consistentinterface
to the user, regardlessof the sourceof the commands.
The following is an exampleof the power of a multitasking operatingsystem.It shows how four processescan be
run at the same time within the HP 35624. There is a
measurementrunning on one trace,a view input on another

trace,the display processitself, and a plot process.To see
the results, press:
(put HP 3562,4.
in known
stateand start measurement)
(displayboth traces)
UPPERLOWER
1 (startview input in other trace)
INPUTTIME
BVIEWINPUT
(startplot process)
PLOTSTARTPLOT

PRESETRESET

The plotting is performed in parallel with the measurement and view input. This is called "plot on the fly"'
Resource semaphores are used to protect hardware from
simultaneous use by several processes. Communication
semaphores are used to communicate display status to data
taking processes. Buffer lock flags are used to protect the
display buffers from use by both the display and the plot.
In summary, the use and implementation of the operating
system in the HP 35624 show the trade-offs that occurred
during project development. The operating system has
enough power and flexibility to implement otherwise very
difficult operations (e.g., plotting during a measurement),
but is sirnple enough not to impose much overhead. Less
than 2o/oof the processor time is spent in the operating
system.
Autosequence
An autosequence is a programmable sequence of key
presses that can be invoked by a single key, which makes
repetitive operations easier for the user. It is the simple
programming language built into the HP 3562A. In the
learning mode (edit autosequence), all completely entered
command lines, from hard key to terminating key, are remembered in the autosequence. The line-oriented editor
allows line deletion, addition, and replacement. A looping
primitive and a goto command allow repetitive commands'
Other autosequences can be called as subroutines. The autosequence can be labeled with two lines of text, which
will replace the key label that invokes the autosequence.
Up to five autosequences in the instrument can be stored
in battery-backed CMOS RAM. Since CMOS RAM is limited, an implementation was chosen that takes minimal
memory to store an autosequence. The storage mechanism
saves either the keycode (0 through 69) for the key pressed
(only takes one byte) instead of the HP-IB mnemonic (4
bytes), or a unique key function token (over 900 functions
defined by 2 bytes). This allows storage for an autosequence
of 20 lines with an average of 1o keys/line. The command
strings seen in the autosequence edit mode are only stored
in a temporary edit buffer (not stored in CMOS RAM).
When the edit mode is engaged again, the stored keys are
processed through the command translator without executing the associated actions to rebuild the command strings.
The commands are shown on the screen as they are being
rebuilt.
The softkey menus of the HP 35624 may vary when the
measurement mode changes. For example, in swept sine
mode, there is a softkey STOP FREQ under the FREQ key.
In linear resolution mode, the ZEROSTARTsoftkey is in the
same location (softkey a). Key codes (e.g., softkey 4) are
stored in the autosequence. If an autosequence that has
this key sequence in it is run in both modes, a different

action could take place (zero start versus stop frequency).
This is not what the user expects. To solve this problem,
any time a variant softkey menu is displayed because of a
key press, the variant menu number is stored in the autosequence following the key. When the autosequence is
edited, the variant menu is forcibly displayed so that the
user always sees the same command echo regardless of the
measurement mode. When the autosequence is. executed,
the actual key function (e.g., stop frequency) is obtained
by looking up the softkey number in the current softkey
menu. If the key function is found, the new keycode is
executed instead of the old keycode. This allows softkey
functions to move in the menu in different modes. If the
key function is not found, an error results and the autosequence stops. The additional overhead for this function is
one byte for each variant menu displayed in the autosequence. Although the storage overhead is not very significant, the software to execute the autosequence became
more complex.
While executing the autosequence, the front-panel keys
are locked out (except AUTOSEOPAUSEASEO).This is necessary because there is only one base translator with three
command sources (keyboard, autosequence, and HP-IB),
and only one current menu can be remembered at a time.
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Fig. 7. Help table structure (top), definitions of two'byte
character values (middle), and examples of token table entries (bottom).
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For instance, from the keyboard, the user presses WINDOW
UNIFRM(softkey 3), and from autosequence, SELECTMEAS
FREQ RESP (softkey 1). If the key presses were interleaved
between the two command sources when the functions are
processed, then the commands would appear to be WTNDOW
SELECT MEAS AUTO CORRelation (softkey 3). The wrong
functionality would be invoked in this case. To prevent
this situation, these two processes are synchronized and
the autosequence lets the HP-IB commands execute only
between autosequence lines. Each autosequence line always starts with a hard key (i.e., it has no memory of a
previous softkey menu).
Autosequence commands may spawn child processes to
do specific actions (e.g., a measurement). The front panel
will continue to accept a new command before the child
process is finished, but the autosequence will wait until
the child process is finished before executing the next line.
The required synchronization is provided by the operating
system, which keeps track of the status of the children of
the command front ends and communicates the information through a semaphore to the command source (e.g.,
autosequence).

HelpText Compression
The HP 3562Ahasa help featurefor 652softand hard
keys in the instrument. Help information is derived from
the HP-IB mnemonic for the key pressed. The help display
consists of information derived from the key table (full
command name, type of key, number and type of parameters) and a text description of the key. The text description
can take the entire display area (48 columns by 20 lines).
If the average text description per key is five lines, then
just the text portion of the help feature would consume
156,000 bytes. The actual help text for the HP 35624 takes
157,1,25 characters (bytes).
To save ROM space, the text is compressed before putting
it in ROM (see Fig. 7). The method used is a token replacement of duplicate words used in the text. The two-pass
compression program reads the input text on the first pass,
breaks it into words, and updates an occurrence count for
each unique word (zs,soo unique words). At the end of
the first pass, the words are sorted by their occurrence
frequency. Token tables are created for multiple-use words
to be replaced in the text during the second pass.
The ASCII character set (unexpanded) is a seven-bit code.
To encode the tokens in the output text, the high-order bit
(bit 7) is set in the byte. This allows 128 tokens to be
encoded in a byte, which is not enough. A word token
allows more tokens (32,767), but takes twice the memory
to represent the output text. To compromise, both byte
tokens and word tokens are used. The G4 most-used words
are encoded into a byte token (bit 6 set) and 32,767 other
text functions can be encoded into a word token.
The word text functions are split into two groups: word
tokens and special functions. Special functions have bits
4 and 5 set, allowing 4095 functions to be encoded and
leaving 1,2,288possible word tokens (1548 actually used).
The special functions are split into two groups: special
formatting commands and text macros. The text expander
in the HP 35624 also formats the displayed text. The text
in the help table is in free format, just words separated by
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spaces and punctuation. The expander knows how to leftjustify text on the screen and break lines on word boundaries. In addition, it knows two special formatting commands: break line (go to next lineJ and start paragraph. The
last of the special functions that are encoded are text macros. Groups of words can be defined and included in multiple places (useful to describe numbers). There is space
for up to 4094 text macros. The 64 most-used byte tokens
save almost as much space as the 1548 word tokens (45,189
bytes versus 55,363 bytes).
To save as much ROM space as possible in the help table,
several concessions to size, space, and speed were made.
To make the pointers to text shorter, 16-bit unsigned offsets
are used instead of 32-bit pointers in the help mnemonic
table (converts HP-IB mnemonics to text addresses), the
text macro table, and the word token index table. Later.
the help mnemonic table had to be changed to 32-bit pointers because the size of the tables and the help text had
exceeded 64K bytes (the limit of a 16-bit offset). Since
words vary in size, the byte and word token tables are
organized as a linked list. Hence, they must be traversed
to access any given token. This is acceptable for the 64
byte tokens, but takes too long for the 1548 word tokens.
Therefore, a word token index table was created to index
into every 64 word tokens, keeping the worst-case lookup
sequence to 64 entries.
Compressing text to save room can be a good investment.
In the HP 3562A, the text is compressed down to 36% of
its original size through word replacement, saving 100,000
bytes of ROM.
Compression may be a good idea, but how long does it
take to compress and decompress the text? The compression into assembler code takes approximately six hours on
an HP 1000 Computer. However, the decompression of a
worst-case full page takes less than a second, so it is acceptable for a help display.
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Fig.8. Automath plot for group delay calculation

Automath
The HP 3562Aincludesa rich set of math operations
available to the user to postprocess the measurement data.
In addition, automath adds the ability to perform calculations on the fly during a measurement for custom measurement displays (e.g., group delay). Automath also adds the
ability to title a custom measurement display on the trace.
In many cases the automath calculation does not slow
down the measurement appreciably. This is because most
math operations (except log and FFT-type operations) are
performed by the floating-point processor (FPP) in parallel
with most operations in a measurement.
Automath is in reality an autosequence that is limited
to math, measurement display, and active trace keys' When
the MEAS DISP AUTO MATHkeys are pressed, the automath
autosequence is run to produce a sequence of math operations and the initial measurement displays are set. The
measurement converts the sequence of math operations
into a stack of FPP commands and appends it to its own
FPP stack. This stack is retained for use on every measurement average; the stack is only rebuilt if something changes
(e.g., a reference waveform is recalled). Considerable time
is saved in this optimal case. For operations that the FPP
does not execute directly, there is a pseudo FPP command
that causes the FPP to stop and interrupt the CPU, which
interprets and executes the command and then restarts the
FPP upon completion. Since the math commands are generated once, a copy of the changed state of the data header
must be saved during generation to be restored on every
data average while the FPP computes the automath.
Fig. B shows the resultant traces generated by automath
for group delay where group delay : -Aphase/Afrequency'
Math is applied to the complex data block, not the coordinates that are displayed (e.g.,magnitude and phase), so
the phase of the frequency response must be expressed in
complex form. The natural log of the complex data will
put the phase information in the imaginary part of the data.
Multiplying by 0 + j1 results in negative phase being in the
real part of the data. The real-part command clears the
imaginary part of the data, resulting in negative-phase information only. The differentiate command completes the
group delay by differentiating with respect to frequency.
Fig. 9 shows the phase of the frequency response measurement used by automath for the plot in Fig. B.
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Autocalibration
The HP 3562A calibration software has two parts. First,
a calibration measurement routine calculates complexvalued correction datri for the two input channels. These
calibrations can run automatically to account for temperature-induced drift in the input circuits, including the
power-up temperature transient. Second, correction curves
(one for each display trace) are generated on demand for
use by the measurement software. These correction curves
combine the input channel correction data with analytic
response curves for the digital filters to provide complete
calibration of the displayed measurement results.
The HP 35624 input channels have four programmable
attenuators.l The first, or primary, attenuator pads (0 dB,
-20 dB, and -40 dB) each have significantly different
frequency response characteristics. As a result, separate
calibration data is required for each primary pad. Since
the HP 3562A measurement software can perform both
single-channel and cross-channel measurements, it may
demand any of 15 distinct correction curve formats (see
Fig. 10). Rather than collect 15 sets of data during calibration, six sets are carefully chosen so that the remaining
nine sets can be derived.
The first choice for these basic six sets would be the
single-channel calibrations Aes, ,{.26,Aa6, Bss, Bro, and Bno
(the subscripts refer to a particular pad of the primary attenuator). The HP 35624 single-channel calibration hardware and techniques are adapted from the HP 3561A.4 Two
classes of errors can be identified in this technique. One
class of errors has identical effects in both channels, and
therefore has no effect on the accuracy of a cross-channel
correction derived from single-channel corrections. Finiteresolution trigger phase correction is an example of such
an error term. The other class of errors has different effects
in each channel, and therefore will degrade the accuracy
of derived cross-channel corrections. Slew-rate limiting of
the pseudorandom noise calibration signal by the input
channel amplifiers is an error of the second class. While
the cumulative errors in this second class are small with
respect to the single-channel phase specification (:t12 degrees at 100 kHz), they are too large to provide state-of-theart channel-to-channel match perforillance.
Therefore, the basic six calibration data sets must allow
cross-channel corrections to be derived with no contribution from single-channel terms. The highlighted elements
of Fig. 10 identify the basic six sets. A typical relationship
between derived and basic cross-channel corrections is:
B4o/Aoo :

[Bn6/Aro][Boo/Aoo]/[Boo/A2o]

where the square brackets enclose stored terms.
Single-channel correction data is derived from singlechannel and cross-channel terms. For example:
Bro :

1k

lz

Fig. 9. P/of of phase for frequency response in Fig. B.

[Aoo](B4o/Aoo)

where Bno/Aoois derived as shown above.
The five basic cross-channel corrections are, like the
single-channel correction, measured during the calibration
routine. The periodic chirp source is connected internally
to both channels for a bare-wire frequency response mea-
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surement, a direct measure of input channel match. The
periodic chirp provides even distribution of energy over
the whole frequency span of interest. It is also synchronized
with the sample block duration to eliminate leakage effects.
Now consider the corrections for the second. third. and
fourth input attenuators (secondary pads). The primary pad
correction data already contains corrections for the particular secondary pads engaged during primary pad calibration.
Thus, secondary pad correction must account for changes
in the input channel frequency response when different
secondary pads are engaged. These relative secondary pad
corrections are negligible when compared with the singlechannel specification. However, their effects are significant
for channel-to-channel match performance.
A pair of bare-wire channel-to-channel match measurements is used to generate relative calibration data for the
secondary pads. One channel-to-channel match measurement is used as a reference-the absolute correction for its
secondary pad configuration is contained within the primary pad data. In the other channel-to-channel match measurement, one secondary pad is switched in one channel.
The ratio of these two channel-to-channel match measurements is the relative correction for the switched pad with
respect to the reference pad. For example, consider a reference configuration of 0-dB primary pad (subscript 00) and
0-dB, 0-dB, O-dB secondary pads (subscript 0,0,0) in both
channels. Increment the last attenuator in Channel 2 to 2
dB for a configuration of 00-0,0,2. Then the relative correction for the - z-dB pad in the last attenuator of Channel 2
is calculated from:
(Boo-o,o,2/Aoo-o,o,o)/(Boo-o,o,o/Aoo-o,o,o)
: Boo-o,o,z/Boo-o,o,o

Boo

Bzo

Boo

A"o

BodAo

BadAm

B4o,/Aoo

Azo

Boo/A?o

B20/A20 B.o/A2o

Aco

Boo/A40 Bz/Ao

B4o/A4o

Fig- 10, Single-channel and cross-channel primary attenuator pad coffection curve variations.B4o representsthe
reciprocal of the frequency response of Channel 2 with the
-40-dB pad engaged. BadAro represents the correction
curve for a cross-channel measurement with primary attenuatorpads specified for each channel (40 dB in Channel
2,20 dB in Channel 1). The six shaded values are stored in
the HP 35624 and the other nine values are derived from the
stored values.
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CORRECTION
In the December1986issue,the secondlanguagelistedin Fig.5 on page 7 should
be Canadian Ffench.

MeasurementModesand Digital
for a Low-Frequency
Demodulation
Analyzer
by RaymondC. Blackham,JamesA. Vasil,EdwardS. Atkinson,and RonaldW. Potter
HE HP 35624 DYNAMIC SIGNAL ANALYZER provides three different measurementmodes for lowfrequency spectrum and network analysis from 64
pHz to 100 kHz within one instrument with two input
channels and a dynamic range of B0 dB:
r Swept sine
d Logarithmic resolution
I FFT-basedlinear resolution.
Thesemeasurementmodesuseadvanceddigital signalprocessingalgorithms to provide more accurateand more repeatablemeasurementsthan previously availablewith conventional analog circuit approaches.
Swept Sine Mode
The swept sine measurementis based on the Fourier
series representation of a periodic signal. Consider a
stimulus signal:

: i
s(t.)

","'"'

applied to the device under test (DUT) and a response
signal:

2. s, is multiplied by e-ion ltr real time using a digital local
oscillator.
3. Samples spanning the time (N+19)T", where N is a
positive integer, are used in a numerical integration algorithm to calculate an approximation to:

#J

s(t)e-i-tdt

where M is a positive integer, MT<(user-enteredintegration time)<M(T + 1), and (N-1)T"<MT<NT"'
4. lcrlt,ldrl2, and drci (the trispectrum) are calculated'
5. Steps3 and 4 arerepeatedthe number of times specified
by the user-enterednumber of averages.
6. The values of lcrl'zthuscalculatedare averagedtogether
2
and stored.The sameis done for ldrl and drc{ (trispectrum
average).
Integration Algorithm. Since:

:
J, "i.r"_,rd,
{; _T;; i
we can simplify:

r(t): I

on"'-''

and ci : ci1 and
wherec1and di
"o*ol"*ltrr-0".r,
"." and
r(t) arerealsignals.Ideally,s(t)is
dr : dli sothat s(t)
a perfect sine wave with perhaps a dc offset, or cn : 0 for
n>1. The frequency response of the DUT at frequency f :
lol?rHzis defined to be dr/cr. The swept sine measurement
is a series of measurements of d. and cr for different frequencies.
The HP 3562A assumes that s(t) is connected to its Channel 1 input and r(t) is connected to its Channel 2 input. c1
is calculated using the standard Fourier series integral:

",

: +J's(t)e-i-tdt,

where T : Znla : tlt. il is calculated in the same way
using r{t) in place of s(t).
The HP 35624 carriesout this calculation on both input
signals as follows (given for s(t) only):
1. The signal is sampled at intervals of T" : 1/f", with f"
: the samplefrequency.Let s. : s(nT")for n : o,1',2,...

+J' "-'''("i-"""i"')dt
iJ' ,n,"-j'tdt

: i"i-""J'"'-'""'dt
and we obtain:

=
+J'e-j'ts(t)dt cr
as desired.
The integral can be evaluated separatelyfor the real and
imaginary parts. However, if the integral is not evaluated
exactly,the terms for which n*1 will not cancelcompletely
and will contribute an error to the estimate of cr. This error
could be particularly severe if there is a large dc offset or
significant harmonic components in s(t)' The integration
algorithm is designed to guarantee that any contribution
from a component ci of s(t) for i*7 to the integral estimate
is a factor of 3x104 (90 dB) less than lctl.For example,if
cr : 1 and co : 10, the resulting estimateof c, would be
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affected by the co term by a factor of no more than
1 0 / ( 3 x 1 0 4-) 3 x 1 0 - 4 , o r - 7 0 d B .
The numerical integration is performed using a fifthorder compositequadratureintegrationformula asfollows,
Consider six adjacentsamplesof s,e-i'-r". Find the fifthorder polynomial passing through these six points. Integratethis polynomial betweenthe middle two points. Now
move everythingforward, in time, one sample(overlapping
five samples)and repeat the procedure (seeFig. 1).
The interval over which this polynomial is integratedis
contiguouswith the previous integrationinterval, The sum
of these two integrals is an approximation of the integral
of the continuous signal s(t)e-i-t over the two sample
periods. Continuing, we can cover as large an interval as
desired that is a multiple of the sample period T". This
integration method is similar to Simpson's method of numerical integration (alsoa compositequadratureformula),
which integrates a second-order polynomial passing
through three adjacent samples over two sample periods
as shown in Fig. 2. Note that the fifth-order formula used
in the HP 35624 uses two points beyond each end of the
integration interval.
Now, to allow integration over an arbitrary interval rather
than a multiple of the sample period T", a separatequadrature integration formula is calculated to integrate over a
portion of a sample period at the end of the integration
interval, as shown in Fig. 3. This last quadrature formula
depends on the value of MT, the interval of integration of
the Fourier seriesintegral, which, in turn, dependson the
frequency of the signal component we are trying to estimate. Therefore,this formula must be recalculatedfor each
point in the frequency sweep of the measurement.Fortunately, it is a relatively simple calculation. For more information, many numerical analysis texts such as reference
1 are available containing sectionson general composite
quadratureintegration methods.
This numerical integration method, when applied to a
signal of the form ej"r", Iosesaccuracy as the frequency
ar increases.For example, using this method to estimate
the value of:

+f"""''

e'-tdt : o

5lh-Ordet

Fig. 1. Fifth-orderpolynomial integration
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Fig,2. Second-order
polynomi
al integration
usrngSrmpson,s
method.
results in a value with magnitude less than 3 x 10-5 (90
dB below the signallevel)for frequenciessuch that thereare
at least ten samplesper cycle, or for T"(0.1(2r,lci,).Hence,
limiting the frequencycomponentsof the incoming signal
to 0.1f",where f" : the samplefrequency,would guarantee
a sufficient amount of rejection of the terms in the Fourier
expansionof s(t)for which n*1,.fi we usedSimpson,srule
instead,this limit would be considerablylower.
To attenuatethe errorscausedby terms in s(t) abovethis
frequencylimit, the signal s,e-i-'is passedthrough a short
low-passFIR (finite impulse response)filter with a gain of
1.0at dc. This FIR filter is of the sameform asthe quadrature
integration formulas, and can be combined with them as
if they were two consecutiveFIR filters. The result is a
modified compositequadratureintegrationformula which
incorporates the attenuation characteristicsof both the
fifth-order composite quadrature formula and the FIR filter,
and therefore,will attenuatecontributions of terms in the
expansionof s(t)by at least90 dB for all suchtermsbetween
dc and f"/2. The form this formula takes is a dot product
betweensamplesof the input signal and a vector of coefficients as illustrated in Fig. 4.
The number of coefficients in the leading and ending
portions of the coefficient vector is the same for all integration intervals MT. The number of coefficientsof value
1 in the center of the coefficientvector increaseswith MT.
In the HP 35624, there are 18 leading and 19 ending coefficients. Becauseof the separatequadratureformula for the
last (partial) interval, the coefficients are not symmetric
(e.g.,the ending coefficientsare not a reversedversion of
the leading coefficients).
Signal componentsnot harmonically related to the measurement frequency (f = 1ff) will not, in general,be attenuatedby asmuch as Z0dB. Fig. 5 representsthe relationship between attenuation of a frequency component of a
signal and frequency.To attenuatesuch nonharmonically
related signal components,the integrationtime MT can be
increasedby increasingM.
Errors in the estimation of c, can also be produced by a

Fig.3. lntegrating over a portion of a sample period

less than perfect sequencefor e-io-T", say, e-i"T" + E.'
where E, is an error sequence.If s(t) has a significant dc
component so,so that s(t) : so * s, cos(art+ @)'and E'
has a significant dc componentE6,then the term Eosowill
appearin the Fourier seriesintegral and not cancel out' In
ttre Hp 3562A, the local oscillator signal s-i'" + E. has
E. < 3 x 10-4, hence this is not a significant problem'
Similarly, a stimulus signal with significant harmonic
.o*po.t"rri, (and subharmoniccomponentsin the caseof
a sijnal generateddigitally and passedthrough a digital-toconverter)can causeharmonic and intermodulation
"n"Iog
distoriion products from a nonlinear DUT to add spurious
signal componentsat the measurementfrequency,which
will contribute directly to the error in estimating c, for a
pure stimulus signal. This problem is addressedby the
signal source design of the HP 3562A, which has no harmonic or subharmonic signal terms greater than 60 dB
below the fundamental frequency component'
Sweep. The HP 3562A uses a stepped sine sweep rather
than a continuous sweep. The instrument determinesthe
frequency to be measuredand sweepsthe stimulus source
frequency to this determined value' The HP 35624 then
waits for transients to settle (usually 2o"/oof the chosen
integration time) and then begins the measurement at that
frequency point.
The frequency resolution of a sweep (selectedby the
user) is the differencebetween adjacentfrequenciesin the
measurement.Since the frequenciesare at discretepoints,
important frequency response characteristics between
thesepoints might be missed.For this reason,the HP 3562A
has an autoresolutionmode. In this mode, the instrument
automatically takesfiner frequencystepswhere necessary
so that the user can specify a coarseresolution to speed
up the measurementsweepwithout missing important information about the frequency response.The HP 35624
determinesthe frequency spacingbasedon the magnitude
of the (complex)differencebetweenthe frequencyresponse
estimates of the last two measurementsrelative to the
geometricaverageof the magnitudesof the two frequency
responses.A Iargerelative differenceindicatesa significant
change in magnitude or phase of the frequency response
over this frequency interval, and so the instrument decreasesthe frequencystep to the next measurementpoint'

-l F
T"
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Fig.4. Operation of modified composite quadrature integration formula using an FIR filter. (Top) lnput signal. (Bottom)
Coefficient vector.
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After taking a measurementat a particular frequency ioint.
if the instrument determinesit has steppedtoo far, it backs
up and takes the measurementagain at a frequencycloser
to the previous measurementfrequency.
Autointegrate. The nonharmonic noise rejection of the
Fourier seriesintegration algorithm depends on the integration time selected by the user. For measurementsin
*hi"n tn" signal-to-noiseratio is not constant over the
frequency range, the user must select an integration time
that takesthe lowest signal-to-noiseratio into account' Because integration over a period this long is not required
over the entire frequency span, time will be wasted if this
integration time is used at each frequency point' The HP
3562A has an automatic integration feature that decides
how long to integrate (up to the user-entered integration
time) at each measurementfrequency based on the effect
the noise has on the measuredtransferfunction magnitude
at that frequencY.
This is accomplishedas follows. A small amount of data
is taken and the transfer function estimate is computed'
The same amount of data is taken again and the transfer
function is again computed. The two data segmentsare
contiguous; no data is missed. This is done three times,
and the normalized varianceof the magnitudeof the transfer function is estimated.From this, the variance is estimated for the error on the transfer function magnitude that
would result if it were calculated using a single Fourier
series integral over all the data. If this estimate is larger
than a user-enteredlevel, another contiguousblock of data
is takenand the procedureis repeated.Otherwise,the result
of the single Fourier seriesintegral over all the data is used
to calculatethe transferfunction estimate.
Autogain, For nonlinear devices,the transferfunction will
be a function of the level of the input to the device.It may
be important to control the level of the signal at either the
input or the output of the DUT. The HP 3562A'sautomatic
gain featureallows this by adjustingthe signal sourcelevel
iuch that the desired referencesignal level is achieved'
The HP 3562A first estimateswhat the correct sourcelevel
would be basedon the result at the previous measurement
frequency.The sourceis setat this Ievel and a measurement
is taken. If the referencesignal is estimatedto be within
I dB of the desiredlevel, the HP 35624 goeson to the next
measurementfrequency.If not, the HP 3562A adjuststhe
source level, waits for transients to die out, and repeats
the measurement.The possibility of an infinite loop is
eliminated by the algorithm, which quits trying to adjust
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the source level and goes on to the next frequency point
if the algorithm tries to move the source signal back toward
a previous level.

Log ResolutionMode
The logarithmic resolution mode of the Hp 35624 makes
frequency-domainmeasurementsat logarithmically spaced
frequency points flines) instead of the linearly spaced
points measuredby a standardlinear resolution FFT measurement.This results in more measurementsat the lower
frequencies than at the higher frequencies (as shown in
Fig. 6a), which is exactly what we want when trying to
understand the response of a system over a large span.
When the measuredpoints are plotted on a log frequency
axis, they are spacedlinearly over the entire measurement
span (seeFig. 6b). Hence, a single measurementprovides
an excellent understanding of the response of a system
over a wide frequencyrange(up to five decadesin the case
of the HP 3562A). This Bode-plot type of measurementis
especially useful when measuring electronic filters and
dynamic control systems.
Measurement Points. Another way to say that the log resolution lines are logarithmically spacedis to say that they
are proportionally spaced.That is, the ratio between the
locations of any two adjacentlines is a constant.If we call
this constantk, we can relatethe locationsof adiacentlines
by'
f.(m+1) : kf"(m)
Applying this equation recursively yields:
f.(m+n) : k"f.(m)
Since the log resolution mode of the HP 3562A provides
a fixed resolution of B0 points per decade,we know that
f.(m+80) = k8of"(m)and that f"(m+80) : 10f.(m).Taken
together,these equationsstate:
f.(m+n) : 10'/8of.(m)
If we define the center frequency of the first measured
point to be f", (start frequency) and let m : 0 at this frequency, then we see that the nth line is defined by:
f"(n) : 10"/8of"t

(1)

If we now define the upper band edgeof the nth line to

be halfway between f"(n) and f.(n + 1) and the lower band
edge of the nth line to be halfway between f"(nJ and f"[n- 1)
when plotted on a log frequency axis, we can define the
bandwidth of line n to be:
fr*(n)

:

froo""(r) - fro_."(n)

Since the halfway point on a log axis is the geometric
mean on a linear axis, we have:

- \,4Jn-ixf(n)
fu*(n): \.4Jn)><f("+1)
Substituting the center frequency definition derived
above (Equation 1) yields:
- 10-1/160)
: O.Oz88f.(n)
fu-(n) : f"(n)x(t01/160
which shows that bandwidth is a percentageof the center
frequency.
Single-Decade Measurements. The difference between a
log swept sine measurementand a log resolution measurement is that while the former is computed a point at a time,
the latter uses the FFT to compute a decadeat a time.
The first step in making a single-decadelog resolution
measurementis to producea linear spectrumfor eachchannel. To do this, a 2048-point time block is taken with the
low-pass filters set to a span equal to the stop frequency
of the desired measurement.A Hanning window is then
applied to the time domain data and two FFTs are performed, yielding the linear spectra:S* and S,.
Now three results are computed: Channel i po*er spectrum G*, Channel 2 power spectrum G*, and the crosspower spectrum G"*. Averaging the crosi-power spectrum
rather than computing the frequency responsedirectly is
called trispectral averagingand is describedin appendix
A of reference2.
For eachlog resolution line within the decade,the linear
resolution measurementsbetweenf1o*""(n)and froou"(n)are
added together.The result of these summationsli the log
resolutionmeasurementfor this line. Fig. 7 showsthe shape
of a representativelog resolution line and it can be seen
that there is no perceptibleripple in the bandpassarea.
The summing processis repeatedfor each of the B0 log
resolution lines. Since the linear resolution points being
summed have a constant spacing, the number of points
used to form each line will increase as the line center
frequency increases.Since the roll-off of the line shape is
related to the Hanning window that was applied to the
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Fig. 6. Log and linear resolution
modes. Black arrows indicate
Iinear resolution measurement
points,colored arrowsindicate Iog
resolution measurcment points.
(Top) Linear axis. (Bottom) Logarithmic axis.

linear resolution points, the roll-off becomessteeper(with
respectto log f) for lines at higher frequencies.
Multidecade Measurements. When a span of more than
one decadeis selected,the aboveprocedureis applied once
per decade.In the multidecadecasethere is one important
difference. Each channel of the HP 3562A contains two
digital filters (required for filtering the complex time data
and
produced by zoomedlinear resolution measurements),
the digital filter controller hardware is intelligent enough
to allow each filter to be set independently' Therefore,
measurementson two decadescan be made in parallel.
The collection of data in log resolution mode is always
done on a basebandspan (i.e.,it has a 0-Hz startfrequency)'
In the multidecadecase,the datafor the first decade(lowest
frequency) is processedby one filter and the data for the
remaining decadesis processedsequentiallyby the other
filter. In addition to the parallel datacollection and processing, overlap processingcan alsobe done on the first decade
(which has the longest time record) to speedup the measurement even more.
should be used
Multidecadelog resolutionmeasurements
only for measuringstationarysignals,becausethe datarecords for the various decadesare not collected simultaneously. This is alsothe reasonfor disallowing triggeredmeasurementsin log resolution mode.
Power Spectrum Accuracy. It was pointed out above that
each log resolution line is formed by combining an integer
number of linear resolution points. It should be apparent
that this causesthe actual bandwidth of each line to vary
from the ideal bandwidth for that line. Frequencyresponse
measurementsare not affected by this deviation since the
amount of deviation is the samein eachchannel.However,
it is noticeablewhen a power spectrum measurementof a
broadband signal is made. The amplitude of the resulting
spectrum (comparedto the ideal result) would be too high
at lines where the bandwidth is greaterthan ideal (because
the line measurespower over a wider band than ideal) and
too low at lines where the bandwidth is less than ideal.
To resolve this problem, the power spectrum is "corrected." This is done by first dividing the measuredpower
of each line by the actual bandwidth of that line (thus
producing the power spectraldensity of the line) and then
multiplying by the ideal bandwidth of that line. Although
this technique works well when measuringbroadbandsignals, it does mean that log resolution measurementswill
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Fig. 7. Representative log resolution line shape.

not yield accurate results when measuring a nanowband
(e.g.,fixed sine) signal. The error in this case can be as
much as +1.7 dB. -2.3 dB abovethe basic measurement
accuracyand Hanning window uncertainty'
All of this implies that when using log resolution mode,
the user should keep its purposein mind: to provide accurate measurementson stationary broadband signals over a
wide span.
Linear Resolution Mode
In its FFT-basedlinear resolution mode, the HP 3562A
can perform a broad range of frequency, time, and
amplitude domain measurements:
r Frequency: linear specbum, power spectrum, crossspectrum, frequencyresponse,and coherencemeasurements
r Time: autocorrelation,crosscorrelation,and impulse responsemeasurements
r Amplitude: histogram, probability density function
(PDF),and cumulative distribution function (CDF).
The frequency domain measurementsare made with 800
spectral lines of resolution over the selectedfrequency span
in either single-channelor dual-channel operation. The
custom digital filtering hardware allows the selected frequency span to be as narrow as 1'O.24mHz for baseband
measurements,or 20.48mHz for zoom measurements.The
center frequency for zoom measurementscan be set with
a resolution of 6+ p,Hz anywhere within the instrument's
overall frequency range.
Averaging can best be described in terms of the quantity
being averagedand the type of averagingbeing performed.
If time averaging is selected,then the quantity being averaged is the linear spectrum of the input time record. The
averagingis done in the frequency domain so that the calibration and triggercorrectioncanbe doneasa simple blockmultiply operation. However, this is essentiallythe same
as averagingthe time records.Time averagingis useful for
improving the signal-to-noiseratio when an appropriate
trigger signal is available.A time-averagedfrequency responsefunction is computed by simply dividing the averaged output linear spectrum by the averagedinput linear
spectrum.
If time averagingis not selected,then the quantity being
averagedis the selectedmeasurement{unction itself (e.9"
power spectrum, autocorrelation,etc). If a frequency responsemeasurementis selected,then a trispectrumaverage
is performed, where the averagedquantities are the input
power spectrum G*, the output power spectrum Gr", and
the crossspectrumGr*. Poweraveragingis useful for reducing the variance of a spectral estimate.
The type of averagingdependson the algorithm applied
to the averagequantity. Stable averagingis simply the sum
of the averagedquantities divided by the number of averages (all data is weighted equally). Exponential averaging
results in a moving averagein which new data is weighted
more than previous data (useful for dynamically changing
signals). For frequency domain measurements,an additional type of averaging,peak hold, is provided. Peakhold
results in a compositespectrum made up of the maximum
value that has occurred in each of the 800 spectrallines.
This type is useful for detectingnoise peaks,signal drift,
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Demodulation Example
Fig. 1 shows the instrumentation
for measuringthe distortion
of an ordinarycone loudspeaker,in which both amplitudeand
phase distortjonoccur. The techniqueis to apply the sum of a
lowJrequencyvoltageand a midrangeJrequencyvoltageto the
speaker,and then to demodulatethe componentsthat appear
around the midrangetone. Here,the midrangesignal becomes
the carrier,and the iow-frequencytone generatesthe modulation
sidebands.

In any speakersystemof this type, the cone suspensionacts
like a nonlinearspring that tends to stiffen at the extremesof
cone excursion.This causessome degreeof amplitudemodulation of the midrangesignalby the low{requencysignal.In addition, becauseof the motionof the cone, there will be a Doppler
shiftof the midrangef requencyby the lowJrequencycomponent.
This will show as frequencyor phasemodulation.
Eventhough

Microphone

))

ExternalTrigger for Time Averaging

Fig. 1. The measurement ot
Ioudspeaker intermodulation distortion. Whenthe sum of a lowirequency sinusoidal signal and a
higherJrequency sinusoidal signal is applied to aspeaker,various
nonli nearitiesc ause moduIation of
the higher-frequencysignal by the
Iow-frequencysignal. Both phase
and amplitude modulation will
generally occur simultaneously.
these two types of intermodulation
distortionare caused by different mechanisms,their waveformsare still very much related
in time.
Fig. 2 showsthe power spectrumof the speakeroutputsignal
centered around the midrangefrequency,as measuredby the
microphone.Fig. 3 shows the demodulatedtime waveformsfor
amplitudeand phase using the midrangefrequencyas the carrier. Finally,Fig. 4 shows the HP 3562A's demod-polarplot, in
which both types of distortionare shown simultaneously.The
origin for the carriervector is at the left of the plot, and only the
tip locusis shown.The carrlervectoramplitudevariescoherently
with the phase modulation,even thoughthese variationstend to
be caused by totallydifferenttypes of nonlinearity.
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Fig. 2. Power spectrum of microphonesignal showing 20-Hz
modulation sldebands around the 1200-Hz carrier.

or maximum vibration at each frequency.
The HP 3562A's built-in source provides a variety of
output signals to satisfy many different network measurement requirements.The random noise output is a broadband, truly random signal. Since it is nonperiodic, it has
continuous energy content across the measurement span
and an appropriatewindow (e.g.,a Hanning window) must
be applied to reduce leakage.Averagingthe random noise
input and response signals reduces the effects of nonlinearities in the network under test. This, in effect,
linearizes the network's frequency response function. By
using random noise as a stimulus, the responsefunction
calculated from a trispectrum average(G*/G*J is a linear
least-squaresestimateof the network frequency."rpo.tse.
The periodic chirp output is essentially a fast sine sweep
wholly contained within the measurement time record.
This output is also a broadband signal, but since it is
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periodic, leakage-freemeasurementscan be made without
windowing. Thus, a single, nonaveragedmeasurement
using the periodic chirp signal gives accurate results in
many linear applications. The periodic chirp also has a
higher rms-to-peakratio than stimuli using random noise.
The HP 35624 also provides a burst random noise output
that combines many of the benefits of the above source
outputs. The random noise output is gated on for a userselectable percentage of the measurement time record. If
the network response signal decays to a negligible level
within the time record, then a leakage-freemeasurement
can be made without windowing. Since the signal is truncated random noise, it has continuous rather than discrete
energy across the frequency span.
The periodic chirp output can also be operatedin a burst
mode. All of these broadband signals are band-limited to
the measurement frequency span, even for zoomed opera-

X-O.O
Im-O.

M: AV

O

Sec
t6

Fe:O.O

X

400
/oiv

Imag
Mod

-400
-46

Fig.4. Demod-polar plot. Approximatelythree cycles of the
locus of the tip of the modulated carrier vector are shown
after ten demodulated time record averages. The dashed line
shows the locus of constant carrier amplitude. The marker
on this tine shows lhe zero phasepoint, corresponding to an
unmodulated carrier.
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Fig. 3. (Top) Average of ten demodulated AM time
waveforms.The modulationindex is approximately 12%. The
endpointsare set to zero to show carrier amplitude' (Botton)
Average of ten demodulated PM time waveforms showrng
approximatety50 degrees of peak-to-peak phasemodulation.
The endpoints are set to zero phase

tion. In addition to thesebroadbandsignals,a narrowband
signal, fixed sine, is availablefor stimulating a network at
a single frequency.
A special source protect feature is provided for those
applications where an abrupt change in excitation power
level can causedamageto the device under test' When this
featureis invoked, it providestwo types of protection.First,
when the sourcelevel is changed,the output ramps to the
new level instead of changingimmediately. Second,if the
source is on and the user changesany parametersthat affect
the source output (e.g.,center frequency,span' or source
type), then the source output ramps down to zero volts'
Within the HP 3562A, the demodulation processis performed digitally rather than by more conventional analog
methods. This process (see following section) can be
thought of as a measurementpreprocessorin which the
input is a modulatedcarrier and the output is a time record
of only the modulating signals.The demodulatedAM' FM'
or PM time records can then be used as inputs to any of
the measurementsavailable in the linear resolution mode.
For applicationswhere the carrier frequencymay not be
known, there is an autocarrier mode in which the demodulation process automatically determines the carrier fre-

theinput signalcorrectly.
quencyrequiredto demodulate
DigitalDemodulation
In many applications,a signal spectrumwill have a narrow bandwidth, and the information of interest is carried
by the modulation of that signal. A carrier can either be
amplitude or phasemodulated, and both types of modulation can coexist. Frequencymodulation is essentiallythe
same as phasemodulation, with the frequency-versus-time
modulation waveform being the time derivative of the equivalent phase-versus-timewaveform.
In general,the user would like to demodulateany such
narrowband signals,and would like to separateamplitude
modulation from phaseor frequencymodulation. In addition, the amplitude and/or phaseof the carrier may also be
of interest. In the HP 3562A, either the modulation time
waveforms or their equivalent frequency spectra can be
obtained,and the two types of modulation canbe displayed
togetherin a polar plot to show any relationshipsthat might
exist between the two,
Demodulation Equations. Any narrowband signal can be
representedas a modulated carrier, and expressedin the
following form:
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x(t) : m(t)e'o"tam*111s-i-"t
where the carrier angular frequency is to in radians/second
and m(t) is the complex modulating waveform given by:
m(t] : A[r+a(t)]ej4ft)
The carrier amplitude and phaseare representedby the
complex number A, while a(t) and p(t) represent the
amplitude and phasemodulating waveforms,respectively.
The quantity m*(t) representsthe complex conjugate of
m(t), Thus, x(t) is a real modulated waveform formed by
the sum of a complex waveformand its complex conjugate.
As long as the spectra for the two parts of x(tl do not
overlap in the frequency domain, it is possibleto separate
the amplitude and phase modulation componentsunambiguously. There are severalways to accomplish this, but
one of the simplestways is to constructa single-sidedfilter
that only passesthe positive frequencyimage.This is done
in the HP 3562A by digitally shifting the positive imageof
the signal spectrum down to a frequency band near the
origin, and then passing the resulting complex time
waveform through a digital low-pass filter.
Assuming that the negative frequency image has been
completely rejectedby the low-passfilter, the output time
waveform will contain only the positive spectral image,
and can be written as:
Y(t) :
:

m(t)ejo"t
A[1 + a(t)]ej[o.t+ f [t)]

: u(t) + jv(t)
Here,u(t) and v(tJ arereal time waveforms,and are the real
and imaginary parts of y[t), respectively.
The magnitude of y(t) gives the amplitude modulation
waveform, while the phase of y(t) gives the phase modulation, including the carrier ramp oot. Hence:
\6(t)z+v[jz:

A[1+a(t)] and

tan-1[v(t)/u(t)] : LA + to"t + @(t)

(2)
(3)

If Equation 3 is differentiated with respect to time, the
carrier phase disappears, giving:
u(t):<o"+ddldt

Signal Inputs

Hardware
Signal
Processing

Filtered(Complex)
Time Wavefotms
Software
Demodulation
Process

(4)

The carrier frequency oo is estimated by calculating the
averagevalue of Equation 4 weighted by aHanningwindow
to reduce errors causedby leakageeffects.When this carrier
term is removed, the remainder is the frequency modulating waveform. This quantity is then integrated with respect
to time, obtaining the phasemodulating waveform {(t) with
all canier components removed. A similar technique of
weighted averaging is used in Equation 2 to define the
carrier amplitude A so that the amplitude modulating
waveform a(t) can be obtained.
Digital Demodulation in Practice. Although the basic demodulation equations described aboveare straightforward,

24 HewLerr-pncKARD
JouRNALJANUARyt9g7

there are a number of practical details that must be considered in the implementation of these equations.
The data flow block diagram for this process is shown
in Fig. 8. The demodulation is introduced immediately
after the digital antialiasing filter, and just before the varicrusmeasurementoptions are selected.Thus, most of the
normal types of measurementsthat can be made on input
time records can also be made on demodulated time records.This includes ensembleaveraging,transferand coherence function calculations, correlation functions. histograms, and power spectra. The type of demodulation can
be selectedseparatelyfor eachof the Hp 3562A'stwo input
channels, so it is possible to demodulate amplitude ;nd
phase (or frequency)simultaneously.
If any parts of the original positive and negative frequency spectral images overlap, then it is not possible to
separate the two modulating waveforms unambiguously.
If demodulation is attempted in this case, the resulting
waveforms will not be entirely correct. This overlap can
occur about the frequency origin if the original modulation
bandwidth is excessive,or it can occur around half the
sampling frequency becauseof aliasing.
Any spectral components in the band near the carrier
are assumed to be modulation sidebands around that car_
rier. If this is not the case, errors will be introduced into
the demodulated waveforms. For example, if there is an
additive spectral component at the ac line frequency, this
component must be removed before demodulation is attempted, or there will be line frequency components in
both the amplitude and phase waveforms. If dc or any
carrier harmonics are present in the original spectrum,
these must also be removed, or else they will appear as

Software
Signal
Processing
Options

Display
and Plol
Options

Fig. 8. Data process flow for digital demodutation

modulation componentsat the canier frequency.
The HP 3562A has provisions for removing selectedregions of the spectrum before the demodulation process.
There is a preview mode, in which the original spectrum
can be displayed beforethe demodulation step.A number
of frequency regions can be selected,within which the
spectrumis replacedby a straightline segmentconnecting
the end points of eachregion.In this manner,narrow bands
of contaminatinginterferencecan be effectively removed
from the data before demodulation is initiated.
If the original signal passes through any filter whose
passbandis not constantwith frequency,therewill be some
conversion of one type of modulation to the other. Thus,
it is very important that the filter transfer characteristics
be completely removed from the signal before demodulation is attempted. This is particularly important for any
phase slope (or group delay variation) introduced by the
filter, since most antialiasingfilters have largegroup delay
changes,especiallynear the cutoff frequency,even though
the passbandamplitude characteristicmay be very flat.
There is an automatic system calibration cycle in the Hp
35624, during which the filter transfer function is measured. It is then automatically removed from each record

of the data before demodulation is initiated. This keeps
intermodulation conversion errors below a nominal level
of about -50 dB.
Since it is possibleto measureboth amplitude and phase
modulation waveforms simultaneously,there is a special
display mode in which thesetwo quantities can be shown
together. A modulation process can be envisioned as a
variation in the amplitude and/or phaseof a canier vector
(or phasor).Thus, the locus of the tip of this vector can be
used to describethe modulation. The Hp 3S6zA'sdemodpolar display mode shows this locus using rectangular
coordinates. This allows any mutual relationships that
might exist between amplitude and phase modulation
waveformsto be shown. This can be very useful, for example, when the causesof various types of intermodulation
distortion are under investigation, as illustrated by the
example given in the box on page22.
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AnalyzerSynthesizes
Frequency
Responseof LinearSystems
by JamesL. Adcock
COMPLETE CAPABILITY for synthesizing the frequency responseof linear systemsbased on their
lR
pole-zero,pole-residue,or polynomial model is included in the HP 3562A Signal Analyzer. This synthesis
capability includes table conversion,the ability to convert
automatically between the three models. The frequency
responsescan be frequencyscaledand systemtime delays
can be added. The designed system frequency responses
are synthesized with exactly the same frequency points as
those used by the correspondingHP 35624 measurement
mode. Hence, the synthesizedversion of the desired frequencyresponsecan be directly comparedto the measured
responseof the actual system.
Pole-zeroformulation correspondsto the seriesform of
filter design most often used by electrical engineers.poleresidue form is commonly used by mechanical engineers
and in modal analysis,and conespondsto parallel design
filters in electricalengineering,All three forms, pole-zero,
pole-residue,and polynomial, find direct application in
analysis and design of servo systems.Having all three synthesis forms available in the HP 3562A, users can select
the formulation best-suitedfor their application. The Hp
3562A also facilitatesthe solution of mixed-domain problems, such as electromechanicalservo design, which re-

quires a variety of electrical and mechanical design techniques.
Synthesis Table Conversion
Let us try table conversions on the following simple
example with two poles at -1+j10 and a zero at -2. The
responseof this filter is shown in Fig. 1a. The pole-zero
equation is:

s+2
(s+1-j10)(s+1+j10)

which is representedby the HP 3562A's display as shown
in Fig. 1b. The pole-zerodiagram is shown in Fig. 1c.
If the HP 3562A converts the equation to polynomial
form, the numerator and denominator terms are simply
multiplied out:
s*2
s2+2s+101
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s+2

Alternatively, the pole-zero or polynomial representation can be convertedto pole-residueform:
A

However, how is this function representedin pole-residue form? Again, the HP 3562A has the answer (Fig. 2b):

a*

_

s+1+j10

s+1-j10

where the HP 3562Asolvesfor a : 0.5-j0.05 as expected'
Trying a slightly more difficult example with repeated
poles:

-i250x10-6

@
Converting to polynomial form leads to the expected
result (Fig. 2a):

Pole Zeno

-2.5x10-3-i25x10-3

j250x10-6,

(s+7-i7q2

s+1+j10

r+r-jro

- 2 . 5 x 1 0 - 3+ j 2 5x 1 0 - 3
(s+1+j1O)'z

s+2

SYNTHESIS

(1)

sn+ 4st + zo6sz+ 4o4s+ 10201

(2)

A more interestingpole-residuecaseoccurs when there
are more zerosthan poles:
( s+ 1 ) ( s+ z x s + 1 - j s x s + 1 + j 5 )
(s+1-j10Xs+1+i10)
This results in extra Laurent expansion terms-isolated
powers of s that did not appeiu in the original pole-zero
form (seeFig. 2c):
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Fig.1. (a) Responseof a filterwith two polesat -1!i10 and
a zero at -2 (b) Poles and zeros table displayed by HP
35624 for (a). (c) Pole-zero diagram for (a).
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Fig. 2. HP 3562A display of (a) polynomial table for equation
1, (b) pole-residue table for Equation 2, and (c) table for
equation 3 with Laurent expansion terms.

The implementation of the synthesistable conversions
in the HP 35624 was straightforward,except for keeping
track of a multitude of details. The pole-residueform requires many different cases.A consistentrepresentationof
the many forms had to be designedwithin the constraints
of the HP 3562A's displayablecharacterset.The necessary
zero-finder routine is shared with the curve-fitting algorithm (seearticle on page 33).
Many table conversions result in small residual error
terms after conversion.To keep from displaying the error
terms, the table conversion routines estimate the errors in
their arithmetic as they proceed. If a term is as small as
the expected error for that table conversion, then the table
conversionroutines assumethat the term is indeed caused
by arithmetic errors and sets the term to zero. This allows
most table conversionsto work exactly as expected.For
example,convertinga polynomial table to a pole-zerotable
will give a zero at O Hz, it that is where it belongs,not at
2.3'l.x7O-23.Also, convertinga pole-zerotablewith Hermitian symmetry to rational polynomial form will result in
purely real polynomials.
Another problem is caused by the large numbers often
encountered in polynomials. For example, (s-10,000)10
converted to polynomial form results in numbers as large
as 1040.This will lead to numerical problems. We solve
this problem in severalways. First, a scalefrequency parameteris introduced to allow designersto designin units
that are appropriate for their particular design problem.
For many designs,choosingone hertz or one radian as the
designunit is no more applicablethan designingelectrical
filters using ohms, farads,and henries (most practical de-

Svnthpsi s
Polvnomials
NUMEFATORO

1

1.0

DENOMINATOH
5

t.o

|

signs use kO, pF, and mH). Likewise, many filter designs
[ue more naturally expressedin kHz or kiloradians,or normalized to the corner frequency or the center frequency of
the filter bandwidth. Second,the formulas used for table
conversionsand frequency responsesynthesiswere carefully designedto try to minimize numerical problems.Finally, if numerical problems cannot be avoided, the HP
35624 table conversion routines attempt to diagnosethe
error, and warn the user of the numerical problems.
Designing a Chebyshev Low-Pass Filter
For a simple exampleof usingthe synthesisand curve-fitting capabilitiesof the HP 3562A,let's constructan equiripple low-passfilter. The magnitude of the responseof this
type of filter is equal to 1/lT1(o)+jel, where T1(o) is the
kth-order Chebyshevpolynomial. Using the Chebyshevrecursion relationship,we can quickly arrive at, for example,
a fifth-order Chebyshevpolynomial:
T 5 ( o ): 1 6 0 5 - 2 0 a l 3 + 5 c )
This polynomial oscillatesbetween t 1 over the frequency
rangeof ro : -r1..We choosee: 1.0,resultinginapassband
ripple of 3 dB. This function can be synthesizedusing the
HP 3562A's polynomial synthesiscapability (Fig. 3),
Since the HP 3562A polynomials are expressedin terms
of j<o,the filter function synthesizedis actually:
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Fig.3. Table (a) and synthesDedresponse (b) for fifth-order
Chebyshev polynomial (equation 4).
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20k

Fig.4. (a) Table of ten poles obtained by curve fifting equation 5. (b)Besponse obtained by discarding right-hand poles
listed in (a) and resynthesizingthe resulting pole-zero function.
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In addition, a frequency scalingfactor has been enteredto
specify a corner frequency at (o:1) = 10 kHz'
While the synthesized function has the correct magnitude for the filter we want, the phaseof the synthesized
function may not correspond to the phase of the filter we
are trying synthesize.Let's ignore phasefor a moment by
taking the squared magnitude:

dB

,a

lH(r)l' : H(to)H.(<,r)

(

-80.0
FxdY

100k

H7

(c)

M :S Y N T H E S I S

Fig. 6. Measuredresponse(a) and tableof polesand zeros
(b) for actualfilterconstructedusingtheparameterssynthe'
sizedin Fig.5.

Curve fitting this function givesus ten poles,half of which
are in the right-hand plane (Fig. 4a). Discardingthe right-

Pole Zeno

1.0
dB
Magnet

C

)
-1.0
F xd X Y 1 0 0

|
|
|

|
|
|

|
|
|

| tttl
| tttl
| tttl

L 0 g HZ

100k

(d)

Fig. 5. (a) Table of poles and zeros for synthesls of reconstruction tilter. (b) Synthesizedresponse of filter by itself. (c)
Responseof combined system(DAC plus tilter). (d) Detailed
passband performance.
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Simple head positioning system for a disc drive.

hand plane poles, and resynthesizing the resulting polezero function, gives us the filter response desired (Fig. b).
An alternate approach would be to curve fit the original
synthesized function H(o) with results very similar to those
used for Fig. b. The right-hand pole is then reflected into
the left-hand plane to arrive at a stable function with identical magnitude response.
Fig,9. Typicalfeedback control system.

Designinga ReconstructionLow-PassFilter
As a more complicated filter design example, we wish
to designa simple low-passfilter that will aid in the reconstruction of an analogsignalfrom digital datasamplesusing
a digital-to-analogconverter (DAC). The filter has three
requirements:
1. The filter must block alias components at 1.b6 times
the passbandcorner frequency (the sample rate of the digFREO
10.0
dB

ital system is 2.56 times the filter corner frequencv). For
this particular application, 4S dB of alias protection is considered adequate.
2. The filter must compensate for a (sin o)/ro roll-off caused
by the DAC outputting rectangular pulses rather than
theoretically infinitely narrow impulses. After compensation, the DAC and reconstruction filter together should
have a passband flatness better than -f 0.b dB.
3. The filter must be inexpensive, using a minimum of
second-order stages.
To implement this design, the characteristic (sin o)/o
roll-off is first examined on a sample frequency of st.z
kHz. This is approximated by the real part of:
[- 16,300 exp (-j9.266 x 10-6<o)]/(to-10-6)

ACCEL
VOLT
-30.0
Fxd Y

which the HP 3562A can synthesize as a pole at 'l,O-oHz
with a gain factor of - 16,300 and a time delay of 9.zoo ps.
A small offset is added to to in the denominator to avoid
dividing by zero. Curve fitting the (sin o)/<,rroll-off over a
0-to-20-kHz range indicates that the roll-off can be well
represented as a single heavily damped pole within this
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Fig.8, (a) Plot of the acceleration response of the svstemin
Fig. 7 as a function of the excitation voltage frequency. (b)
System slep response.

Fig. 10. lmprovement in system response (Fig. Ba) as k is
increased slightly until the systemis nearly unstable.
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frequencyrange.This convincesus that the roll-off correction can be easily handled by slightly modifying the pole
locations of a standardlow-passfilter design.
Accordingly, the fifth-order Chebyshevpolynomial discussedin the earlier exampleis tried, leadingto the conclusion that a zero is needed near 1.6 times the corner frequency of the filter to make the transition to 45 dB of
attenuation quickly enough. Trial solutions for the pole
locations are determined by using the above Chebyshev
designtechniquewith a passbandripple of t0.25 dB. The
zero location chosenis basedon the 1.56-times-the-cornerfrequencycriterion (requirement1 on page 29). Then, including the (sin to)/orroll-off factor,the pole and zero locations are modified manually by trial and error until the
desiredperformanceis reached.The fast synthesiscapabilities of the HP 3562A make this manual adjustment apX = 1. 3 7 k H z A X = 1 . 2 7 5 k H 2
Ya=-4.941A
1 Y a = 4 . 0 7d6B
M:FREORESP

10.0

4k

FxdY0
(a)

Y b = - 6 . 0 9 4 8A Y b = 4 . 5 5d5B
M :C U B VFEI T
1 0. 0

proach practical. The table in Fig. 5a lists the pole-zero
Iocations of the designed reconstruction filter. Fig. 5b
shows the performanceof the filter by itself and Fig. 5c
shows the combined system performance.Fig. 5d shows
the detailed passbandperformanceof the combined filter
system.While not quite optimal, the design
and (sin <o)/<'r
is flatter than can be achieved with the 1% resistor and
capacitorsto be used in the circuit implementation.
Once the circuit is constructed,the actual performance
can be measured using the HP 3562A's measurement
facilities (seeFig. 6a).Then the curve fitter is askedto find
the pole-zerolocations actually obtained. Since the zeros
of the (sin or)/opart of the systemare known exactly,based
on the system'ssample frequency, the first four of these
values are entered explicitly in the curve fitter table (Fig.
6b). The curve fitter then considersthe entered values to
be known constraintson the curve-fit pole-zerolocations
to be found and it only solves for the unknown pole and
zero locations.
Becauseof component tolerances,stray capacitance,finite op amp bandwidths, and other imperfections,the prototype circuit performanceis seldom exactly as designed.
The pole-zero locations can be adjusted again, based on
the performanceachieved in the first-passdesign,so that
the production filter will be as desired.
A Servo Design Example
As a more advancedexampleof the use of the HP 3562A's
synthesisand curve fit abilities,considerthe task of designing a servocontrol system.Fig. 7 is a sketchof the prototype
of a disc head positioning system.A voltage is applied to
an electromagnetattachedto the disc headpositioning arm,
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Fig. 11. By curve fifting the resonanceportion of the response
in (a) as shown in (b), the HP 3562A obtains the poles and
zeros listed in (c).
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FxdY0
Fig, 12. Compensated open loop sysfem response.

and the electromagnetic field generatedopposes the static
magnetic field of the permanent magnet, causing the positioning arm to move to an equilibrium position. That
motion is detected by an accelerometerattached to the arm.
We would like to use the information provided by the
accelerometerto improve the responseof the positioning
arm to the excitation voltage. The accelerometer provides
no static dc information on the position of the arm, so an
additional position feedbacksystemwill ultimately be required for movement at very low frequencies.
Fig. 8a is a plot of the accelerationresponseof the original
systemas a function of the frequencyof the applied voltage.
The two initial primary problems with this response €ue
the strong resonanceat 1.8 kHz and a sharp roll-off in the
response near dc. Fig. 8b shows the corresponding step
response.This is clearly a poor responsefor a positioning
system to have. We need to improve the responseusing a
feedbackcontrol system.
Fig. 9 shows a diagram of a typical feedback control
system,where G, is the existing electromechanicalsystem
whose performancewe would like to improve. G, is a filter
to control loop performance,k is a loop gain parameter,
and A is a precompensationfilter to improve the output
responsewithout changingthe control loop performance.
As an initial try, close the loop without compensating
networks.SetA :1, G1 : 1, andincreasekfromzerountil
G, begins to go unstable.Fig. 10 shows the resulting improvement in the system as k is increased until the system
is almost unstable.However, even with very small values
of k the system becomesunstable, the responseis dominated by a very sharp resonanceat 1.8 kHz, and the system

M :S Y N T H E S I S

0.0

Pole Zeno

dB

- 4 0. 0
FxdY0
SYNTHESiS

180

Hz

responseis not significantly improved at frequenciesbelow
1.8 kHz. This problem is typical of electromechanicalcontrol systems.The pole is caused by the first significant
structural resonanceof the positioning arm.
As we closethe loop by increasingk, the systeminstability occurs at the frequency where the open-loop phase
crosses180 degrees.With the 180-degreephase shift, the
negativefeedbackbecomespositive feedback,and when k
times the magnitude of G, is greaterthan one, we have an
oscillator (or a broken system).
The fundamental problem to solve is to keep the system
phase away from 180 degreesfor as long as possible,and
then to bring the system loop gain below unity before the
phasedoesgo to 180 degrees.A major portion of the phase
problem is caused by the resonanceat 1.8 kHz and the
accompanyingantiresonanceaIZ.Z kHz. We curve fit these
two featuresto find their actual frequenciesand dampings
(Fig. 11). The poles at 41.83 kHz and the zeros aI-+2.31.
kHz found by the curve fitter (Fig. 11c)are the actual poles
and zeroswe are looking for. The othersare computational
poles and zeros added by the curve fitter to compensate
for resonancesoutside the frequencyrangethe curve fitter
examined.
As a first attempt at loop compensation,we place a zero
(-95+i1830) on top of the pole location just found, and
place a pole (-170tj2300) on top of the zero found. Fig.
12 showsthe resulting compensatedopen-loopsystemperformance.While smoother,the phasestill rolls toward 180
degreesfaster than we would like, and there are a number
of difficult-to-control resonancesaround 2.4Wtz. Let's try
rolling off the loop gain below 2.4 kHz, but keep the loop
gain high at 2OOHz where there is a sharp structural resonance.
Fig. 13 shows the responseof an additional G, element
we design to meet these loop roll-off goals.This element
is a pole pair at -25Oti25O Hz. Unfortunately, this pole
pair createsadded phase delay, greatly lowering the frequency at which the Gr-G, system responsecrosses180
degrees(Fig. 1 ). We ask the HP 3S62A's curve fitter to
find an all-passphasecompensationnetwork to solve this
phase problem. Setting the magnitude to unity and curve
fitting to the phaseresponseas shown in'Fig. 14 gives two
poles (-1,727.15and -300.b17) and two zeros (287.609
and t558.58). To be strictly all-pass, the pole locations

4k

Pole Zeno

M:F
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P ha s e
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-360

- 180
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Ffg. 13. Responseof additional G 1elementdesigned to meet
loop roll-off goals.

F X d X YO

NZ

Fig. 14. Phase response with added G, element of Fig. 13.
Ihls response is curve fifted to help find parameters for an
a/lpass phase compensation network.
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must match the zero locations exactly. We choose o, :

M:FRE6 RESP

-300 Hz and o, : 1600Hz for the pole-zerolocationsof
our all-pass phase compensationfilter' This results in a
conditionallystablecontrol loop, but the right choiceof k
will give a stableresponse.Fig. 15a shows the table of the
total pole-zerolocationsfor the combinedGr loop compen
sation network.With k : 80, the closed-loopsystemresponseis as shown in Fig. 15b and Fig' 15c.
The systemhas greatlyimproved flatness,but thereare
still troublesomesystemresonancesabove 3 kHz. Designing a simple precompensationnetwork A with poles at
-400ii500 for the overall closed-loopfeedbacksystem
gives the acceptablesystem responseand corresponding
step responseshown in Fig. 16'
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Curve Fitterfor Pole-ZeroAnalysis
by James L. Adcock
HE CURVE-FITTINGALGORITHM in the HP 35624
Analyzer finds a pole-zeromodel of a linear system
basedon the system'smeasuredfrequencyresponse.
The curve fitter does this by calculating a weighted leastsquares fit of a rational polynomial to the measured frequency response:

H'(s):

ao+a1s+ars2+...

bo+brs+brs

Then the polynomials in the denominator and numerator
can be factored to find the poles and zeros of the measured
system (or alternatively the pole-residue or polynomial
form). Fig. 1 demonstrates actual curve fits by the HP 3562,4,
for very clean and very noisy measurements.
The curve fitter implements the inverse of the traditional
engineering design process, which attempts to predict the
measured response of a system based on an analytical
model. Instead, the curve fitter attempts to predict the
analytical model of the linear system based on the measured response. If we are to close the loop on the engineering design process, both analytical modeling tools and parameter extraction (curve fitting) are necessary as follows:
1. Design a prototype system (using the HP 3562A's synthesis capabilities, see article on page 25).
FTE6

FESP

CURV

lOAwg

OXOv

1p

Un I t

FIT

2. Build the prototype
3. Measure the prototype's frequency response (using any
of the HP 3562A's three measurement modes).
4. Extract the prototype's pole-zero parameters (using the
HP 3562A's curve fitter on the measured response).
5. Compare the results to the original design goals.
6. Modify the results (using the HP 3562A's math and synthesis capabilities) to arrive at an improved design.
7. Go to step 2 and repeat the process until the desired
design goals are achieved.

Theory
In discussingthe theorybehindthe HP 3562A'scurve
fitter, the following variables and definitions are used:
(o

sampled, normalized frequency, such that to-.* : 1
lowest frequency to be curve fitted
highest frequency to be curve fitted
t/-t
modeled frequency response function to be
determined
H'[<u] measured frequency response function
P
numerator polynomial in to
denominator polynomial in o
a
\,4/'
weighting function
e[orl
weighted error function
E
sum ofthe squared error
T.
nth-order Chebyshev polynomial
O
numeratororthogonalpolynomials
rp
denominatororthogonalpolynomials
A
numerator polynomial coefficients to be determined
B
denominator polynomial coefficients to be
determined
Mr
conjugate transpose of a matrix M
O
Nullmatrix,allelements : 0
omin
o-u*
i
H[r]

The theoretical frequency response function of a linear
system can be expressed as the quotient of two polynomials:

-60.o

(a)
IOAvC

OXOv

1p

Un

1 t

SYNTHESI S

1.0

o

o

(r)'

Fig. 1. HP 3562A curve fit to a very clean measurement(a)
and a very noisy measurement(b).
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Fig. 2. The shapes of power seriesbecome very similarfor
high orders over most of the normalized frequency range.
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H[r] :

(1)

P[<o]/Q[or]

where or is the sampled, normalized frequency. This is in
rational fraction form. By using any of the linear resolution,
log resolution, or swept sine measurement modes of the
HP 3562,{, we obtain the measured frequency response
function:
H'[<,rl

Q)

in real and imaginary form. We want to find the coefficients
of P[to] and Q[<o], given that the error, or the weighted
difference of H[<,r] and H'[<,r], is minimized. This can be
written (leaving out the functionals):
e' :

W'(H'-H)

t3)

where W' is a weighting function to be used in the weighted
least-squares derivation to improve the overall quality of
the curve fit.
P and Q could be defined to be just the ordinary power
series in jor. Then P/Q would be the ordinary rational fraction representation of a frequency response function. However, ordinary power series have several very bad characteristics when used for curve fitting. First, they have a very
large dynamic range. Second, for the higher orders, the
shapes of the power series become very similar over most
of the normalized frequency range (see Fig. 2). These properties lead to numerically very ill-conditioned matrices
when power series are used to derive least-squares equations.
In contrast, Chebyshev polynomials have a small
dynamic range, being bounded in amplitude between -1
and L, and each Chebyshev polynomial has a unique shape
in the normalized frequency range where they will be used
fsee Fig. 3). This makes these polynomials particularly
well-suited for least-squares derivations. Thus, the HP
3562A curve-fit algorithm uses Chebyshev polynomials instead of ordinary power series.
From the following defining equations for Chebyshev
polynomials it can be seen that for every series of
Chebyshev polynomials of order n, there is an equivalent
nth-order oower series:

Tn[to] :
Tr[<o] :
:

T"[r]

1
co
2orT. ,-T.-2
(4)

also
: T"[r]
T
"[r]
2T"-[<o] : T. * -[.] * T.
: c o s, t1n c o s ' o ,
I
"[to]

-[o]

Thus, after solving for the coefficients of P'and Q expiessed in Chebyshev polynomials, the equivalent coefficients of the same order power series can be found' For
reference, here are the first few Chebyshev polynomials
expressed in power series:
To[<o] :
Tr[<o] :
Tr[.] :
T.[.] :
Tr[r] :
:
t'lif

1
<,r
2a2-1
4o3-3to
B<o4-Bto2+1
l'6o,5-2003+50)

(5)

To solve for up to 40 poles and 40 zeros, the HP 3562A
curve fitter requires Chebyshev polynomials up to Tuo[co].
The second-to-last equation in equation set 4 is equivalent to the ordinary trigonometric product-equals-sumplus-difference formula. In addition, consider that the
Chebyshev polynomials can be thought of as a frequency
warped set of cosines. As a result, many of the concepts
of fast Fourier transforms (FFTs) can be used to hasten the
solutions of these equations. In fact, we will show later
how these trigonometric identities are used to speed up,
by an order of magnitude, the calculation of a major portion
of the curve-fit algorithm.
Define the two sets of orthogonal polynomials di : Tt
and rfu : Tt, where Tq and T1 are the ith-order and kth-order
Chebyshev polynomials in <,r,such that:
m

P:

s4

ai0i

t6)

bt{t

(7',)

n

a: s
Tt[.]
Tr[.]
T"[.]

WE I OHT

r2E

ReaI

/Etv

M.9

FXdYO

CHEBYSHEV

Fig. 3. Chebyshev polynomials have different shapes over
the normalized frequency range.
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Fig. 4. Weightin g function for the curve fit shown in Fig. 1b

or, in matrix form.

To minimize the squared error, set dE/dA and dE/dB : 0.
This gives two equations:

P:OA

(B)

Q:vB

(e)

+:-

d.ll.

-1

,:_-

{dE+:

Substitutingequations1.and 2 into equation 3, and multiplying through by Q (a necessarytrick to make the resulting least-squaresequationslinear), we arrive at:
e : (WQH'-WP)

€ : (WH'q'B-WOA)

:6
v' wi( wu' r B- w.r DA)

written," r;,;;,d

matrixrorm:

(-'".
J)G): (:)

(10)

where W is equal to W' with the pole locations deemphasized. Since W must be determined before P and Q are
to be solved, W is preweighted by an experimentally derived pole location estimation technique. Then the multiplied-through-by-Q formulation gives very similar results
to the original nonlinear P/Q formulation: e':€. We have
found that increasing the weighting of the zero locations,
as well as the pole locations, gives improved results. This
maximizes the quality of fit when viewed on a decibel scale
rather than a magnitude-squared scale. In addition, the
weighting function is improved by deemphasizing regions
of particularly noisy data. Fig. 4 shows the weighting function corresponding to the curve fit shown in Fig. 1b and
Fig. 5 shows the equivalent curve fit if the weighting function is set to unity.
Using equations B and 9, the formulation becomes:

)-1

(13)

where

c:

I

lwol,v'q'

0=0mio

D:
F:

t

w^wlq'ro

)

1*";'t'*

-l
0:0-it

[14)

Two problems with ;""
set 14 must be addressed
before we have a practical solution to the curve fitting
problem. First, lW6l'zconsistsof lW'zllH''z1
where H' typically
has some noise on its measurement. Let

( 11 )
H' : H"*en

or,

*"*"'

(12)

wherew. : *
"".';t]';,
The sum of the
squarederrorsis givenby:

where H" is the ideal frequency response and e6 is the
random error caused by measurement noise (assumed to
be not correlated with H"). Then the expected value of

l H ' 1 2i s :
lH"lz + en2

E : s4

@rqrrw; - Arorw;XwbvB

- w"oA)

0:0-it

lH'1'zis typically a biasedestimateof lH"l2,and was found
to lead to biased estimatesof the curve fit, and results in
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Fig. 5. Curve fit for Fig. 1b when the weighting function is
set to unitv.

o

Fig.6. Curve fit for Fig. lb when the bias caused by the
random error introduced bv measurementnoise is not removed.
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biased pole-zero locations. Once we discovered the source
of this bias, the solution was simple: subtract an estimate
of 062 from ltt'1'z.nig. 6 shows the results when this bias
effect is not corrected for.
The second problem that must be solved to have a usable
algorithm concerns calculation speed and memory storage
requirements. A curve fit with 40 poles and 40 zeros redoublequires the solution of an B0-by-80 matrix-6400
precision floating-point numbers. This exceeds the memory available in the HP 3562A for storing the matrix. In
addition, the 6400 numbers are each constructed from the
product and summation of up to 800 measured complex
frequency response data points. Thus, several million double-precision floating-point calculations can be required to
construct the matrix. We needed a way to reduce these
memory storage requirements and to hasten the calculations of the matrix elements if the curve fitter was to be
usable for more than a dozen poles and zeros.
Fortunately, the Chebyshev product:sum+difference
relationship:
2 T 1 T p:

Ti11*Ti-1

provides the solution. This relationship can be applied
simultaneously to each of the four submatrices G, D, Dr,
and F, resulting in great savings in calculation time and
storage space. The following discussion uses submatrix G
to illustrate how this relationship is used to obtain the
necessary calculation speed and memory savings:

Git:
0:omin

0=@min

1s

t

2 ' lo = @ m i n

:

; ,{"

lwol'ru '

Gl*i + G[-i

At first glance, this appears to have doubled the number
of summations that need to be performed. However, now
many of the summations are identical, so that we only need
to perform each different summation the first time we encounter it in the calculation of the submatrix. After that,
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when we encounter a particular summation again, we can
use its previously calculated value. For example, Tr*i :
Tz*t : Ts+z: Tr+a : Tr*r"', so that all of the summations along the diagonals of G' are identical. Likewise, all
summations along the opposite diagonals of G" are identical. Thus, for an ixk submatrix there are only 2(i+k) different summations that need to be performed. This reduces
the number of summations that must actually be calculated
by an order of magnitude. Similarly, G no longer needs to
be actually stored in memory, since each individual element G11 can be quickly recalculated whenever needed
from Gir 1and Gfl-1.That is, G11: Gi* 1* G[-t. This solves
our memory storage requirements.
Finally, the solution to the homogeneous set of equations
(equation set 13) gives the coefficients of polynomials A
and B. Special matrix techniques are required to maintain
accuracy for the high-order equations desired. Of the techniques evaluated, a Gram-Schmidt orthogonalization techniquel gives the most accurate results. Equations 6 and 7
yield the Chebyshev coefficients of the rational fraction
polynomials P and Q. The coefficients are converted to
coefficients of the ordinary power series in jo, the zeros
are found using common zero finder techniques,2'3 and
then the pole and zero locations are renormalized to their
original values by multiplying through by 1/ro-u*. For design examples using the HP 3562,\'s curve fitter, see the
article on page 25.
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PerformanceAnalysisof the HP 3000
Series70 HardwareCache
andmodelingpointedthewaytointproved
Measurements
performanceover the Series68.
by JamesR. Callisterand CraigW. Pampeyan
HE HP 3000 SERIES70 is a recent addition to the
HP 3000BusinessComputerproduct line. Its design
objectiveswere to provide a significant upgradeto
the Series68 in a short design cycle. The performanceof
the Series70 was engineeredthrough adherenceto a strict
methodologyof measurement,modeling, and verification.
This paper gives a description of the methodology with
examplesdrawn from the major component of the Series
zo-the cachememory subsystem.
Cachememories are notorious for being poorly characterized.l At the systemlevel, cachesappearto be nondeterministic, which makes them very difficult to model. In
addition, they are very sensitive to the system workload.
The designof a cacheprovides a severetest for any estimation methodology.
An outline of the genericperformanceengineeringcycle
is shown in Fig. 1. The stepsof characterization(modeling,
design analysis and tracking, benchmarkingand product
testing) are straightforward. Yet rigorous adherenceto precision in each step returns enormousdividends in overall
accuracy,thus ensuring a product's success.'A precise
methodologyincludes the use of sampling theory, statistical analysis, and measurementvalidation. The overall
methodologyincludes the additional benefit that the field
tests in the final stageof a product design are also used to
provide customer characterization data in the first stageof
the next product.
Current System Characterization
The major goals of the Series70 were to maximize performance improvement and minimize changeto the Series
68. Theseconflicting goalswere resolvedby extensivemeasurements of current Series 68 systems.Measurementsof
systemsin the field indicated how the systemswere being
used and which system componentswere being stressed.
Measurementswere also used to construct a characterization of the customerbase.Any proposedperformanceenhancement could then be evaluated in terms of its effect
acrossthe entire customerbase.
Measurementtools play a crucial role in the performance
design methodology.It is important for tools to be chosen
that both accurately measure the metrics of interest and
are easy to use (see "Measurement Tools," next page).
Sometimes the right tool does not exist. In a development
lab, late data is the same as no data. If a tool must be
developed, the development time must be short enough to
deliver timely data. The Series70 performance designteam
made use of both existing tools and new tools. The new
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tools were largely leveragedfrom existing products.
HPSnapshot
The premier measurementtool for HP 3000 systemsis
HPSnapshot.HPSnapshotis a suite of softwarecollection
tools, reduction programs,and report generators.The tools
measuresuch things asperipheralactivity, systemresource
utilization, processstatistics, and file use. The collected
data is stored on tape and sent to a dedicated system for
reduction. HPSnapshotis easy to use and allows many
systemsto be measuredquickly.
HPSnapshotruns were made on fifty Series 6Bs in the
field. Individual runs were analyzedand selectedmetrics
were stored in a data base.This data was used to characterize customer workloads and to analyzebottlenecksrestricting additional performance.The measurementsand
resulting analysisshowedthat the bestperformanceopportunities lay in improving the CPU. Several teams were
created to investigate the areas suggestedby the data (see
"Series 70: Not lust a Cache," page 40).
Hardware Monitor
The HPSnapshotdata suggestedthat more extensivemeasurements be made on the CPU itself. Several tools were
createdto make these measurements.One of these tools,

Product
Feedback
Path

Fig.1 . Outlineof the genericpertormanceengineeringcycle

Measurement Tools
Computer systems are extremelycomplex, requiring comp.rehension
at many levels.Measurements,too, must be made
at differentlevelsto providea completesystemcharacterization.
For a particularmetric, it is importantto choose the best tool.
The tools can be comparedin terms of what they can measure,
their ease of use, the overheadthey incur, and their sampling
frequencies.Table I comparesthe tools for each category.
Hardware measurement tools analyze signals from the
machineundertest. Most hardwaretoolsare passiveand do not
disturb the system.They are tast enough to capture individual
machine cycles and thereforeare very good at collectinglowleveltracesand sequences.The short{ermsamplingfrequency
can be very high. Hardwaretools cannotmeasurehigher levels
of the system such as processesand programs.They require
equipmentattachedto the systemundertestand extensivesetup
time.
Machinessuch as the HP 3000 Series68 havewritablecontrol
store, allowingthe use of microcodedtools.The sampling rate
is slower than hardware tools and the extra microcode takes
some minimalamountof systemoverhead.Microcodetools are
best suitedfor obtainingstatisticsat the procedureand process
level.They are also very good at samplingat fixedtime intervals.
The installationof the tools is straightforwardbut does requirea
cool start of the system.
The mostabstractlevelof measurementrequiressottwarerunning on the systemundertest.Therecan be significantoverhead
associatedwith softwaretools,which may also perturbthe system. Butsoftwaretoolscan trackpathsin systemlevelalgorithms,
monitorinteractionsbetweenprocesses,and log a largenumber
of softwareevent counters.Softwaretools are generallyvery
easv to installand use.

the hardware monitor, provided invaluable measurement
capability.
The monitor consists of an HP 1630 Logic Analyzer
coupled to an HP TouchscreenPersonalComputer via the
HP-IB (IEEE4BB),as shown in Fig. 2. The probesof the HP
1630 are attachedto pins on the backplaneof the system
under test (HP 3000 Series64, 68, or 70).The Touchscreen
computerservesascontroller,reduction tool, and datastorage for the HP 1630.3The monitor can automatically run
a seriesof independenttestswith a simple commandfile.
For eachtest,the Touchscreencomputerbeginsby downloading configurationinformation to the HP 1630.The measurementis then startedon the HP 1630.The Touchscreen
waits for a specifiedtime, then halts the measurement.The
collected data is uploaded to the Touchscreencomputer
where it is reduced and stored to disc. A side benefit of
the automatedprocessis that the uploaded data from the
HP 1630is more detailed than that availablethrough manual operation.Careful analysisof the internal operation of
the HP 1.630gaveus confidencethat it would satisfystatistical sampling demands.
A collection of ten testswas run on four HP 3000 Series
68 systems.Thesesystemswere chosenbasedon how well
they representedthe customer base, as determined from
the HPSnapshotdata. The tests measuredmany variables

TableI
Comparisonof MeasurementTechniques
Monitor
Hardware

Sampling
OverheadEaseofUseFrequency

Typeof
Measurements

O%

Hardware 103-106/s Signals,shorttraces
required
Microcode O.1-11" Coolstart
103/s
Fixed{imesampling,
procedures,processes
required
Software
5-10"/"
Simple
102/s
Softwareevenl countInstallation
ers,systeminteractrons

The Series70 pertormanceanalysismade use of each type
of tool. Besides the HPSnapshotand hardware monitortools
mentioned in the accompanying article, several microcodebased tools were used.
ilicrocode Tools
The InstructionGathererrecordsthe currentexecutinginstruction at one-millisecondintervals.lt also gives some inlormation
about the most frequentsubcasesof the instructions.The data
from ten sitesgave a time-weightedprofiieof which instructions
wereexecutedmostoften.This informationled to the remicrocoding of two instructionslor increasedperformance.
The Microsampler
is a simplemicrocodedversionof the Sampler software tool. lt records program counter values in the
operatingsystemcode. Fromthis information,
six highJrequency
procedureswere identifiedand rewrittenin microcode.
The cache post microcodeis special-purposemicrocodeused
to investigatealternativesolutionsto cache posting.The microcode validatedthe use of the cache simulatorfor the oostino
circuitryinvestigation.

including instruction paths, I/O use, and cache statistics.
The tests required a total of 59 probes.It was calculated
that half-hour sampleswould bestmeet the conflicting de-

Raw Signals

Event Counters
Configuration

Test Scripts

Fig' 2. The hardware monitor performance measuremenl
tool.
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The Series 7O:Not |ust a Cache
The HP 3000 Series70 BusinessComputeris a collectionof
To be includedin the Series70
oerformanceenhancements.
product,eachenhancement
hadto qualifyintermsof measurable
performance,
acrossthe customerbase,and lndeapplicability
was
Eachenhancemenl
oendenceof the otherenhancements.
and analysis
the resultof the methodologyof measurements
usedin the Series70 cachedesignand describedin the accompanyingarticle.
Microcodewas writtento find the most common instruction
prominentin
Two instructions
thatwere surprisingly
executions.
the mix were rewrittento executefaster.
Microcodewas also writtento find the most often used MPE
procedures.This information
led to the selectionof six proceduresto be rewrittenin microcode.The microcodedversionsof
theseproceduresexecuteup to ten timesfaster.
The expanded main memory offered on both the Series68
and analysis.The
and 70 was also subjectedto measurement
level,the
effectof additionalmemoryon the multiprogramming
were studied.
numberof physicall/Os,and the CPU utilization
Methodsto identlfywhen main memorybottlenecksoccur were
developed,whlch resulted ln projectionsof performanceimprovementsresultingfrom additionalmemory.
in the MPEoperating
Therewere also severalimprovements
system software.The HPsnapshottool revealed areas where
changescould havea significanteffecton systemperformance.

mands of aggregate and variance analysis. Each sample
captured about half a million cycles, and a total oI tqq
samples were collected.
The data gave insigh'. into the low-level activities of the
CPU. As a result, a number of performance opportunities
were identified. The biggest opportunity lay in improving
the cache memory subsystem.
The Series 68 cache is a 4K-word, 2-set cache (see "How
a Cache Works," page 42). The hit rate measured on the
four systems was g2.5%. However, although a cache miss
occurs only 7.5o/oof the time, almost 30% of the CPU time
is spent waiting for cache misses to be resolved. During
this time, the CPU is frozen and cannot proceed. A simple
model of the cache was created and validated through the
hardware monitor. The model suggested that if the hit rate
could be improved by 5 or 6 percent, the CPU would freeze
only about 1.o"hof the time. This would result in a savings
of almost 2O"/ooI the CPU cycles, which translates into an
effective speedup of about 25%. The availability of denser
RAMs and programmable array logic parts (PALs) indicated
a strong possibility for just such an improvement.
Modeling
Modeling extracts the essential characteristics of a system and converts them into a form that is easily evaluated
and modified. There are two major types of modeling. Analytic modeling computes steady-state values of a system
according to laws of queuing theory.a Models are convenient and can guarantee correct results if the input data is
correct and complete. The disadvantages lie in restrictions
placed on the type of environments that can be modeled.
Typically, simplifications must be made to the environ-
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Analyticmodelshelpedestimatethe relativemeritsot several
proposedalgorithmicchanges in the memorymanager,dispatcher,and disc driver.The most beneficialchanges were
implementedby the MPE softwareengineers.They were then
runthroughmanybenchmarksto verifythe performanceimprovements.
Althoughnot part of the Series70, the HP 7933/35XPcached
disc drivewas alsoa resultof the performanceengineeringcycle
wereidentified.
describedhere.lmportantworkloadparameters
A comparativestudyof the l/O subsystemperformancewith MPE
wasconducted.
disccaching,no caching,andtheHP7933/35XP
Engineers
at HP'sDisc MemoryDivisionworkedcloselywiththe
commercialsystems performanceengineersto model various
design alternatives.Benchmarkswere run on prototypesof the
gainswereverified.
enhanceddisc drivesand the performance
The system workload characteristicsunder which the cached
discs performedbest were explicitlyidentifiedto ensurecustomer satisfaction.
All of these componentswere evaluatedwith respectto each
other and to the systemas a whole.The performanceincreases
of the componentscomplementeach otherand keepthe system
balanced.The resultof the Series70 projectis a productoffering
a 2O"kto 35% increasein systemthroughputover a Series68.
Expanded main memory and the HP 7933/35XPcan provide
additionalperformanceimprovements.

ment to make the analysis tractable.
Simulation is also modeling, but at a lower level of
abstraction. In a Monte Carlo simulation model, the key
system variables are represented by their measured probability distributions. Random numbers are applied to the
model to generate specific values for the key system variables. These specific values are then used to compute the
output variables of interest.
Trace-driven simulations are at a still lower level of
abstraction. Traces of values for each of the key system
variables are collected and applied together to a deterministic model of the system. The output variables of interest
are computed for the specific set of trace data.
Simulation models can be constructed and solved for
virtually any system. However, although simulation models provide valuable information, their limitations must
also be recognized and understood. For example, simulation models cannot guarantee a steady-state solution, but
only a particular solution corresponding to the input data.
Any model runs the risk of ignoring some unknown, yet
essential feature of the system. Additional dangers exist in
the measurement of system variables and construction of
the model. Careful modeling subjects the recorded variables to independent tests of correctness. The model construction can then be validated by modeling the existing
system and comparing the results to measurements of the
existing system.
After validation, the model is used in design analysis.
Various changes can be introduced and the performance
changes observed. The set of changes that maximizes performance (and satisfies constraints of cost, design time,
etc.) is then chosen as the final design. The final design is

then modeled and the performance for the product predicted.
There are currently no good system variables that will
accuratelypredict how a cache will perform. This makes
it impossible to construct analytic or Monte Carlo simulation models that accurately predict cache performance.
Currently, the best way to model cachesis through tracedriven simulators. The Series 70 cache design used both
analytic and trace-driven simulation. A simple analytic
model at the systemlevel was constructedusing the results
of the trace-drivencachesimulator.
The cache modeling processinvolved collecting traces
of memory referenceaddresses.Software was written to
simulate various cacheorganizations.The traceswere then
run through the simulator under various cache organizations.
Ideally, the traces would have been collected from a
Series 68. However, the speed of the Series 68 prevents
data collection without special high-speedhardware. Instead,a Series37 was chosen.A specialmemory controller
that reads the memory referenceaddressand writes it to
its own local memory was constructedquickly. The special
controller is passiveand tracesall systemactivity, including the operatingsystem.One million consecutivememory
referencescan be collected. This number is sufficient to
guaranteemany calls to the operating system, and also
includes many task switches.Three different customerenvironments were run to collect the data. Approximately
nine measurementswere collected for each environment.
for a total of 30 million memory references(see"Realistic
Cache Simulation," page 45). The traces were then subjected to a seriesof teststo confirm that the collected data
was correct.
Cache Simulator
The cachesimulator was developedin parallel with the
collection process.The simulator takesthe trace data and
applies it to various models of the cache. The simulator
developmentconsistedof two phases.The first phaseconcentrated on completenessand correctnessof the model
implementation,the easeof use,and the choiceof statistics
to be kept. These goals led to a modular shucture, very
detailedstatistics,and gaveconsiderablefreedomin adding
and altering features. This flexibility has allowed the
simulator to be leveragedto model cachesfor severalother
machinesbesidesthe Series70.
It is extremely important that the simulator model the
cachedesignsaccurately.Artificial datawas generatedand
simulated and then comparedwith the expectedresults to
verify the accuracy of the cache simulator. Next, the Series
68 cachewas modeled with the trace data.The sameenvironment was then run on the Series68 and the actual cache
statistics were collected with the hardware monitor. The
close correlationbetweenthe simulated and actual results
gave a high level of confidence that the simulator would
provide reasonableinformation on which to basethe design
of the Series70 cache.
Phase two of the simulator development concentrated
on the speed of the simulator by porting it to a mainframe
computer.During the port, unnecessarycodeand structure
were eliminated. The verification tests were then run again

and comparedto the original simulator output. The streamlining and port to the mainframeresulted in a functionally
equivalentsimulator that runs 80 times faster.A simulation
of a single trace of one million memory referencesnow
takes about 45 seconds.
The simulator has the ability to vary sevendifferent parameters:total size of the cache,associativity,block size,
algorithmsfor handlingwrites,block replacementstrategies,
the handling of I/O requests,and tag indexing. Simulations
were run varying each of the parameters.The effect of each
parameteron cacheperformanceand the sensitivity of performance to each parameterwere determined.
Fig. 3 shows an example of the simulation results. The
graph shows that the biggestcontributor to cache performance is the size of the cache.The effect of diminishing
returns with increasingcache size is clearly seen. Fig. 3
also shows the effect of associativityon different sizes of
caches.The increasedcomplexity of a multiple-set cache
can be weighed againstthe performancegain it provides.
This information was computedfor all parameters,and the
bestcombinationof performance,complexity, and costwas
determined. The final design was then chosen and simulated. The Series70 cachesize is 64K words. which is 16
times larger than the Series68 cache.Like the Series68,
the Series70 cachehas 2 sets.
The simulator provides cacheperformanceinformation
such as hit rates.It does not, however, provide a higherlevel view of system performance,such as throughput. In
particular, the memory referencetracesdo not include any
measurementof time between memory references.The
hardwaremonitor provides such information for the Series
68. An analysisof the systemshowedthat the timing information would be valid for the new cache. The simple
analytical model uses both the simulator data and the
hardware monitor data to produce estimates of the effect
of the new cacheon the system.Besidesthe expectedvalues
for cachestatistics,the model alsoshowsa saturationeffect.
The lower the hit rate a systemhas,the more the new cache
will benefit it.
While the cachesimulation traceswere fairly stable,the
data from real Series 6Bs had more variance. Statistical
analysisof the data led to a rangeof valuesfor the percentage of CPU cycles that could be recoveredby the Series
70 cache. A 90% confidence interval was chosen for the
range, which means that, given normal distributi.ons and
random sampling,the mean of the cyclesrecoveredshould
lie within the range nine times out of ten. The range given
by the analysis was 19.4% to 28.3o/o,
with an estimated
mean of 23.8o/otecovery of "lost" CPU cycles. Becauseit
was known that the traces from the Series 37 would give
optimistic results (sincemain memory for the Series37 is
severaltimes smaller than the Series68), the targetfor the
Series70 cachewas set at 20olo.
The other components of the Series70 underwent similar
analysis.The analyseswere then combinedto give a prediction of the overall system performance gain. Carewas taken
to estimate the overlap effects exhibited when two or more
components try to free the same resource,Predictions of
the bottlenecks within the new system were also made.
At this point, the performanceprediction was used by
the marketing department to start working on the pricing
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Series70 CacheSimulation
Associattvity
Hit RateversusTotalCacheSizeVersus
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I Set
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o
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Fig. 3. An exampleof simulation
resu/ts,showrng that cache size
has the greatesteffect on cache
performance.

TotalCache
Sizekwords)
and positioning strategy for the product. Since the normal
approach is to wait for the actual hardware to become available to measure the performance gain, valuable time was
saved in the introduction process through the use of the
highly accurate simulation results.

Design Tracking
Measurementsand modeling require a lot of work that
precedesproduct development.Not only do they help establish the correct design,but they are also often valuable
during the developmentphase.Unexpecteddesignchanges

How a Cache Works
The purpose of a cache memory is to reduce the average
effectiveaccesstimefor a memoryreference.Thecachecontains
a smallhigh-speedbufferand controllogic situatedbetweenthe
CPU and mainmemory.lThe cache matchesthe high speedof
the CPU to the relativelylow speed of main memory.
Cachesderivetheir performancefrom the principleof locality.
Thisprinciplestatesthat,overshortperiodsof time,CPUmemory
referencesfrom a processtend to be clusteredin both time and
space. This meansthat data that will be in use in the nearfuture
is likelyto be in use already.lt also meansthat data that will be
in use in the near futureis locatednear data in use already.The
degree to whrch systemsexhibitlocalitydeterminethe benefits
of a cache. A cache can be as smallas 1/2000the size oi main
memory,yet still have hit rates in excess of 90o/"under normal
systemloads.
The cache takes advantageof locality by keeping the most
often used data in a high-speedbuffer.Whenthe CPU requests
datq the cache first searchesits buffer.lf the data is there,it ls
returnedin one cycle; this is termed a cache hit. lf the data is
not there,a cache miss occurs and the cache must retrievethe
data from main memory.As it does so, it also retrievesseveral
morewordsof data in anticipationthatthevwillsoonbe requested
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by the CPU.Servicingthe misscan take many cycles
To achieveone-cycleaccess, it is not possibleto searchthe
entirecache for the desireddata. Instead,everyword of data is
mapped to (or associatedwith) only a limitednumberof places
in the cache. When the data is requested,these places are
searchedin parallel.Each partoi the cachethat can be searched
in parallelis called a set. One-setand two-setcaches are most
common becauseof their reduced complexity,
Cache designsalso includedecisionson how much data to
fetch for each cache miss and how to decide which data to
replaceon a miss(iortwo or moresets),TheSeries70 simulations
confirmedpreviousacademicworkthatthe mostimportantfactor
in cache performanceis the size of the cache. The simulations
also showed that the design decisionsfor the other factors of
the Series68 cache werestillappropriatefor the Series70 cache.
Thus the oerformancecould be achieved with a minimumof
of the Series68 cache.l'2
changeto the operatingcharacteristics
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can be quickly modeled and the impact on system performance assessed. The measurement tools can be valuable
aids in debugging the prototype. The Series 70 cache development benefitted from these uses of the modeling and
measurement tools.
One of the requirements for the cache was to be able to
post all modifications of its buffer to main memory in the
event of a powerfail. Because the Series 70 had to be backwards compatible with the existing Series 64 and 68
machines, it had to work with the two types of power
supplies on those machines. It was determined that the
older power supplies had insufficient carryover time to
complete the worst-case post.
Several alternatives were proposed to solve this problem.
The first alternative was a microcode routine that would,
for the older systems, routinely post all modified data from
the cache to main memory. The second alternative was
circuitry to monitor the cache and post the data whenever
the amount of modified data exceeded a certain threshold.
To choose between the alternatives, it was necessary to
simulate them. It was very easy to modify the cache
simulator to evaluate the posting alternatives. However,
there was concern over whether the trace data would be
accurate for this type of simulation. Microcode was written
for the Series 68 to examine the percentage of the cache
that contained modified data. The microcode was executed
every half second across several machines for several days
of prime-time work. A total of soo,ooO samples were collected. The simulator also computed the same information
for a simulated Series 68. Fig. 4 shows the two distributions,

which agree closely. This provided the confidence needed
to use the results of the simulator for estimating the performance impacts.
The simulator results quickly ruled out the use of the
microcode solution. It remained to calculate the performance impact of the posting circuitry. The Series 70 was
simulated with different values of the posting threshold.
The results showed minimal impact and the posting circuitry was included.
The measurement tools also helped in the effort to debug
the initial prototype. The programs used to validate the
measurement tools were now used to validate the operation
of the new cache. In one case, a failure that occurred only
after hours of operating system testing took just seconds
to reproduce with the validation software. This helped
track down the offending bug quickly and make the prototype ready for further testing. In another case, when the
simulator results were being correlated with the actual
hardware results, there continued to be a significant, unexplainable discrepancy between the actual results and the
simulator results. It turned out that a defective component
in the hardware was causing a performance degradation,
but not a fatal system enor. Once the component was replaced, the actual measurements correlated with the
simulator results very closely.

BenchmarkTesting
Benchmarks are repeatable workloads designed to exercise a system or system component. The benchmarks are
first run on a standard svstem to establish a baseline. Usu-
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ally several runs are made, varying the number of users,
the amount of main memory, or other primary variables of
interest. The benchmarks are then run again with the new
system and results are compared.
While a model predicts the effect of performance enhancements, a benchmark can be used to measure the actual
effect. The repeatability of the benchmark is a key advantage in measuring performance changes. Customer systems,
while more realistic, have constantly changing workloads
and environments. Hence it is much more difficult to extract the effects of the new product from customer systems.
Benchmark selection and creation constitute a maior effort.s The value of a representative benchmark cannot be
overstated. It is also valuable to include benchmarks that
have extreme values of important system variables. Sensitivity to these variables can then be calculated and used
to provide performance estimates for classes of customers,
not for just the typical case. The benchmark results are
analyzed in light of the model predictions. Together, a
refinement of estimates can be made for customer systems.
The benchmarks used for the Series 70 are designed to
be representative of heavy interactive data base use. Data
base activity represents the majority of work done on the
Series 68. The benchmarks are created by taking a complete
snapshot of a quiescent customer system, including a trackby-track dump of each disc. Monitors installed on each
terminal record every keystroke. The system is then run
normally for at least an hour. The traces of terminal activity
are then turned into scripts for a terminal emulator.
To run a benchmark, the system and discs are restored
to look exactly like the original system. The terminal
emulators are run on an HP 3000 Series 48 connected to
the terminal ports of the target system. The number of users
can be varied by enabling or disabling emulators. Each
benchmark is run for one hour. The repeatability of the
benchmarks is typically well under a 1% change in transaction throughput.
The baseline for the benchmarks was an HP 3000 Series
68 running the MPE V/E operating system. The number of
users and the amount of main memory were varied over a
total of seven runs. The system then had the Series 70
hardware cache added, keeping everything else constant
(except for small changes in the microcode required to
support the cache). The benchmarks were run again under
the same parameters. All benchmark runs used both the
hardware monitor and the HPSnapshot collection system.
Several metrics are required to understand the effect of
the Series 70 cache completely. The results of the benchmark runs are shown in Table I.

Table I
HardwareMetric

Before

After

HitRate
FrozenCycles
Paused

91.0%

98.2o/o

34.8o/o

1'1..60/o

8.0%

SoftwareMetric
Transactions/hour
Transactions/CPU
second
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Difference
7.2o/o
23.2"h

74.Oo/o

Improvement
18.9%
323%

6.O0/o

The hardware metrics show the average measured values
before and after the addition of the Series 70 cache. The
hit rate of the Series 68 baseline benchmarks is lower than
that of the simulation runs, and the Series 70 cache benchmarks show a lower hit rate than the simulations. However,
the difference between the hit rates for the benchmarks is
similar to that for the simulations. Since the performance
increase is determined by the hit rate difference, the results
are still significant. "Frozen cycles" indicate the percentage
of CPU time that is spent waiting for a cache miss. Essentially no useful work can be accomplished during this time.
The time that the CPU is paused waiting for I/O has been
factored out of this metric. The difference in the percentages
of frozen cycles is the primary metric of raw CPU performance improvement. Again, the simulation and benchmarks are in close agreement in the difference in the percentages of frozen cycles between the Series 68 and 70
caches. The percentage of time that the system was paused
also increases with the Series 70 cache. This is an indication that the system can tolerate additional Ioad with nearly
the same response time.
The software metrics presented here use transactions as
the basic unit of measurement. Transactions per hour is a
customer oriented metric. It is an indication of how much
interactive work the system is processing. A transaction is
defined as the work the system does between the time the
Return or Enter key is pressed until the system replies and
posts another read at the terminal. Transactions per hour
cannot be averaged over the benchmarks, since each workload has its own mix of simple transactions (an MPE command, for example) and complex transactions (a data base
query). The improvement, however, can be averaged. The
benchmarks show an improvement of 18.9% more transactions per hour with the Series 70 cache. The metric transactions per CPU second is based on transactions per hour
but factors out the percentage of time paused. It is a measure
of the improvement the system is capable of delivering
when Ioaded with potential bottlenecks discounted. The
32.3% measured improvement gave a high level of confidence that the Series 70 cache would be successful'
The initial cache performance estimates were then
reevaluated with this new data. Since these benchmarks
are data base oriented and include up to 78 active users,
the benchmarks tend to push the system fairly hard. Since
busy systems will benefit most from the improved cache,
the benchmarks were estimated to be slightly optimistic.
The benchmark runs, therefore, led to changing the upper
bound for performance improvement from28'3o/"Io 23.2o/"
More extensive benchmark runs were made later with
all of the Series 70 components. A careful study had been
made beforehand to ensure that the components didn't
fight over the same resource and that the performance increases would mesh well. The benchmark runs showed
that the integrated Series 70 met or exceeded expectations
under all the conditions tested.
Field Testing
Field testing is an integral part of the product life cycle'
It tests all aspects of product functionality, including reliability and documentation. Field testing should also be an
integral part of the performance engineering cycle. Mea-

Realistic Cache Simulation
Trace-basedsimulatorsare heavilydependenton the traces
used. lt is generallyvery difficultto collect memory reference
traces lor cache simulators.lt is even more difficultto obtain
representative
tracesof the systembeingstudied.AlanJay Smith
of the Universityof Californiaat Berkeleysurveyeda largenumber
of cache studies and found that very few contained realistic
traces.l His article points out six major pitfallsin memoryreference tracing:
7, A bace represents only a small sample of the workload.
To combat this deficiency,many long traces are needed. The
traces must be long enoughto overcomestart-upeffectsof the
simulatorand also long enough to capture major perturbations
to the cache, Smith'sstudy used 49 traces of varying lengths
for a total of 13.5 millionmemoryreferences.Each trace in the
Series70 effortis one millionmemoryreferenceslong.Very few
previouslypublishedstudieshaveusedtracesof this magnitude.
One millionmemoryreferencesvirtuallyguaranteesthe capture
of all essentialinfluences
to the cache,In addition,lessthan 1%
of the trace is used in the start-upof the simulator.A total of 30
millionreferenceswere used in the Series70 cache study.This
amountof data is significant.No study knownto the authorshas
used as much data f roma singlemachine.Thestatisticalanalysis
of the simulationsalso indicatesthat the 30 million references
are sufficientto make good predictions.
2. Traces are usually taken only from the initial part of small
programs. This is because the large majorityof studies use
program interpretersas the meansof collectingthe traces.The
interpretershave a large overheadand can usuallyhandleonly
small programs,and then only the initialpart of the program's
execution.This is not representative
of eitherthe programor the
system.The Series70 study used passivehardwareto monitor
the addresses.The samplingwas randomand coveredall parts
of the programexecutionfor both largeand smallprograms.The
random samplingensuredthat the traces were representative.
3, Most studies do not trace operating system code, Another
resultof using interpretersis the inabilityto trace the operating
system.However,it has beenshownthatoperatingsystemshave
ratherpoor localitycomparedto user programs,Currentopera!
ing systemsconsumea majorportionof CPUtime,so theirelfects
must be includedfor accuraterepresentation.
Again,the passrve
hardwaretracing,as used in the Series70 analysis,automatically
includesoperatingsystem effects.This is a major contribution
to the stateof the art in cache simulation.
4, Task switches, which can greatly impact cache performance, are not adequately accounted /or. Most simulators

surements under real conditions are the final validation of
the product.
Measurements also help validate the whole performance
methodology. Results of field testing are compared with
the models to gauge the accuracy of the prediction techniques. Sometimes the measurements suggest how the
models can be improved. Field measurements also validate
the benchmarks. The performance increase shown by the
benchmarks can be compared to those seen in the field to
show how representative the benchmarks really are.
Field testing does not always produce the most accurate
data on the effects of a new product. The dynamics of
production systems in the field sometimes make it difficult
to distinguish between new product effects and normal

that use interpretivetracing flush the cache every so often to
simulatethe eftectsof task switching lf the distributionof task
switches is not well understood,serious errors may develop.
Hardwaretracingeliminatesthe guesswork,since task switches
are included if the trace is long enough. Each trace taken for
the Series70 study was analyzedand found to have dozensof
task switches.
5. The sequence of memory addresses is dependent on any
buffering implemented on tIrc machine, and on the architecture of the machine, The traces taken for the Series 70 came
fromthe Series37, which has the samearchitectureas tfie Series
70 and no internalbufJering.While all architecturesexhibitthe
samegeneralcache behaviorwith respectto designparameters,
absolutenumbersfor cache performancemust depend on having similararchitecture
and workload.
6. IlO activity is seldom included in the baces. For this reason,
not much has been knownon the effectof l/O activityon cache
behavior.However,the bus structureof the Series37 permits
the collectionof l/O referencesas they occur. Therefore,the
simulationsaccuratelymodel the effectsof l/O on cache performance,which leads to improvedpredictions.
The tracestakenfor the Series70 advancethe stateof the art
in cache simulation.The predictionsof cache performanceagree
closely with measuredresults.However,there is still room for
improvement.The Series 37 used in the tracing only had 2M
bytes of main memory.The Series70 can have up to.16Mbytes.
The Series37 also did not have MPEdisc cachingenabled.lt
is anticipatedthat manySeries70s run with disc caching.These
deficiencieswere recognizedearly and their effectswere compensatedby conservatismin the analysis.
The Series 70 analysisspawned a more accurate hardware
tracing system.lt can record a millioncycles of machineexecution in real time for many high-speedsystems.Up to 144 bits
can be collectedduringeach cycle.The systemconsistsof 18M
bytesof very high-speedRAM,a Series37 acting as a controller,
an HP 9144 cartridgetape drive for data storage,and interface
circuitry to the system under test, all on a portable cart. lt is
currentlybeing usedwiththe HP3000Series930 and is providing
state-otthe-artmeasurementcapabilitiesfor this RISC-likeHP
Precision
Architecture
machine.
Beference
1. A.J. Smith,"Cache Evaluation
and the lmpactol WorkloadChoice,"FeportUCB/
CSD85/229,lvarch 1985, Proceedingsof the 12th lnternationalSymposiumon Computet Atchitectures,June'1985, pp. 64-75

system variations. One way of overcoming this limitation
is through long-term testing. Patterns of normal variation
can be distinguished and accounted for when many samples are collected over a long time.
Site selection for field testing resembles benchmark
selection. A mixture of representative sites and sites with
unique environments helps to determine average performance characteristics and the sensitivity to site variations.
Field testing completes the performance engineering
cycle. The data collected in this step not only gives final
results for the new product, but if done correctly, provides
the customer characterization needed at the beginning of
the performance engineering cycle for future products.
Performance testing of the Series 70 cache in the field
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was a major priority. Thirteen HP 3000Series68 siteswere
selectedto participate in the alpha and beta test phases.
All sites ran a series of HPSnapshotmeasurements.The
characteristicsinclude the number of users,percentageof
CPU busy, the type of work done, and the amount of main
memory. Thesewere then comparedto correspondingaveragesof a large set of customers' Of the thirteen sites,
sevenwere picked to receive the hardware monitor.
The hardware monitors were installed on each site from
two weeks to two months before installation of the Series
70, and for two weeks to one month after installation of
the Series70. The hardwaremonitors were ableto separate
the effectsof the cache from the rest of the system.Data
was recordedfor 23.5 hours of eachday, in half-hour samples. Thesebaselinemeasurementswere long enoughand
detailedenoughto determinethe variationscausedby shift
changesand weekends.In somecasesmonthly effectswere
noticed. Once started, the hardware monitors required
human intervention just once a week, and then just to
replacea flexible disc. The measurementshad no effecton
the systemsunder test.
A total of 10,500half-hour sampleswere collectedover
the seven sites. This representsover 5 billion cycles, Of
the total, over 3000 sampleswere from prime time, representingover 1.5 billion cycles.
The differencebetweenthe Series68 and 70 cacheswas
calculatedfor severalvariablesfor each site' Table II summarizesthe results.
The calculationstreat each site as one aggregatesample.
The 90% confidenceinterval is a two-tailed t-test with six
degreesof freedom. Statistically, it representsthe range
where the population mean is expectedto be.

Table ll
Prime-Time Field Measurements
gOVo
Hardware
Metric

Confidence
Interval of
Series68 SeriesT0 Difference Difference

HitRate
FrozenCycles
Paused

92.60/" 98.7o/o
8.5%
29.5%
34.4o/o 48.5o/o

6.10/o -'-0.35%
21,.Oo/o +0.96%
74.1o/o -+7.92Yo

The cache hit rate improvement is consistent over the
seven sites. Every site experienced significant improvement. The improvement is further confirmed by the decreasein frozen cycles. Again, there was consistent improvementover all the sites.It is expectedthat the average
improvement over all customerswill lie in the range of
cyclesrecoveredduring prime time'
2O.O1o
to 22.Oo/o
Fig. 5 shows the progressiveestimatesof the difference
in hit rate and frozen cycle percentages.Each point is the
best estimate for the mean difference over all customers'
The box surrounding each point indicates the 90% confidence range. Note that the hit rate con{idence intervals
were very narrow, indicating uniformity in the measurements. However. the effects of workload differencesare
apparentin the meansactually measuredon customersystems. The confidence interval for the frozen cycle differenceprogressivelynarrowed during the project.The added
information at each step helped to define more clearly the
performance of the cache. The final mean is within the

HIT RATEANDFROZENCYCLEDIFFERENCES
SERIES68 AND70 CACHE
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HIT RATE
DIFFERENCE
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DIFFERENCE
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+

Differencein Hit Rate %

Differencein Frozen
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Fig. 5, Differences betvveen
Serles 68 and Series 70 cache hit
rates and frozen cycle percentages.

original confidence interval, thus validating the estimation
methodology.
CPU pausetime is often used as a measureof improvement. It.is included here for comparison with the other
metrics.While the Series70 cachecan add significant CPU
capacity to the system, CPU paused is not a very stable
statistic in most customerenvironments.
The Series 70 cache not only exhibited the expected
averageperformanceimprovement over all sites, but was
found to be fairly insensitiveto variations in workload and
configuration.This can be seenin the distributions of the
hit rates and frozen cycles in Figs. 6 and 7.
The distributions of hit ratesfor the Series68 and Z0 are
shown in Fig. 6. Not only has the Series 70 moved the
distribution significantly higher, it has also narrowed the
distribution, which is evidenceof the saturationeffect.The
saturation effect reduces the sensitivity of the cache to
dif f erent operating conditions.
The distribution of frozen cyclesalso shows a significant
change in the distribution (seeFig. 7). The difference in
the distributions is the measureof performanceimprovement. The fact that the overlap of the distributions is very
small emphasizes that the performance improvement
appliesacrossall sites.
HPSnapshotstudiesand customerobservationsconfirm
the predicted performance improvement for the entire
Series 70 product. The data collected is now being used
as part of customer characterization for future members of
the HP 3000 product family.

Summary
The HP 3000 Series70 is the result of precisemeasure-

ments applied to an existing system. The current customer
environment was extensively characterized and analyzed
for performance opportunities. Potential enhancements
were modeled and a set of enhancements was selected that
best met the criteria of higher performance, Iower cost, and
short development time. The system design and the design
of each component were analyzed and tracked through
development. Benchmark tests were run on the prototypes.
Finally, the product was measured over several months in
the field to confirm the performance. The measurements
also serve as input for future products.
The Series 70 cache memory subsystem, as the major
performance component, was a direct result of careful measurements and analysis. The performance analysis has also
advanced the state of the art in cache measurement and
prediction.6
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