


A High-Resolution, Low-Frequency
Spectrum Analyzer
This dual-channel instrument uses digital computation with
a mi cr o p r ocessor to m ake f r e qu e n cy - d om ai n m eas u r e m e nts
in the 0-to-25.5-kHz range with bandwidths as narrow as
20 mHz, and do it hundreds of times f aster than conventional
sweptJrequency analyzers. At the same time, a number of
other important capabilities are obtained.

by Nixon A. Pendergrass and John S. Farnbach

tTrUe RECENT ADVANCES in large-scale inte-
I grated-circuit technology have brought substan-

tial improvements to the performance of measuring

instruments. In particular, microprocessor control of

spectrum analyzers,  recent ly  descr ibed in these
pages,l '2 brought significant advances in capabil ity
to this class of instrument.

A microprocessor is used in a different way to

achieve high performance in a new, moderately-
priced dual-channel spectrum analyzer (Fig. r) for

use in the audio and subaudio frequency range (0.02

Hzto 25.5 kHz). The digital technology used in this
instrument, Model 3582A, provides greatly increased

measurement speed and several measurements not
available with analog techniques, such as true-rms
averaging and a coherence function.

The measuring bandwidth of the Model 3582A can
be as narrow as 0.02 Hz in a S-Hz frequency span
anywhere in the o.O2-Hz-Io-25.S-kHz range, and on

the O-to-1-Hz frequency span the bandwidth can be as

narrow as 0.004 Hz. The instrument's dynamic range
is more than 70 dB with full-scale ranges of +aO dBV

down to -50 dBV [+30 V rms to 3 mV rms).
The 35824 processes incoming signals digitally

and stores the results for repetit ive, f l icker-free dis-
p lay on a fu l ly  annotated,  h igh-resolut ion CRT
(Fig.  z) .  The method used to process the incoming
signals, however, also derives phase information, a

capabil ity not normally associated with spectrum
analyzers.  Thus,  besides obta in ing spectrum dis-
plays, this analyzer, with its two input channels and
phase measurement capabil ity, can be used to mea-
sure transfer functions (Fig. 3). This is a measurement
already familiar to electrical engineers and it is of
growing importance to mechanical engineers, as in
determining how a structure reacts to a forcing func-

tion. The transfer function phase spectrum is particu-
larly useful for pinpointing resonant frequencies.

To enhance these capabil it ies, the analyzer has a
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built-in noise source that generates all frequencies of
interest simultaneously for use as a measurement
stimulus. This provides the user with a complete
spectrum and network analysis instrument in a single
compact package.

Transient Capture and Averaging
Because it uses digital storage, the 3582A can cap-
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ture s ingle-shot  t ransient  waveforms for  subsequent
d isplay in  a way s imi lar  to  d ig i ta l  s torage osci l lo-
scopes (F ig.  +) .  A lso,  wi th an appropr iate t r igger  s ig-
nal ,  up to 256 repet i t ions of  a waveform can be aver-
aged ,  improv ing  the  s igna l - t o -no i se  ra t i o  o f  t he
waveform's t ime record by as much as 24 dB.  Analys is
can then be performed on the averaged waveform to

Fig. 1. Model 35824 Spectrum
Analyzer works wrth signals that
nave trequency components tn the
range between 0 A2 Hz and 25 5
kHz Digital processlng wtth cus
tam integrated crrcurts provides
high perf ormance tn a compact tn-
strument at moderate cost

der ive ampl i tude and phase spectra.
Al ternat ive ly ,  the 3582A can take the power aver-

age IRMS AVERAGE) of  up to 256 spectra to reduce un-
cer ta int ies when character iz ing s ignals that  have
random components.  An exponent ia l  form of  averag-
ing can a lso be appl ied to reduce the contr ibut ions of
o lder  spectra as new spectra are added so changing
spectra can be observed whi le  being smoothed by

Fig.2. The fully annotated display of Model 3582A has four
l ines of alphanumeric rnformatron giving the tnstrument's mea-
surement configuratton The first two lines from the top give
',rertical axis tntormation, the bottom two give frequency tntor-
natian A movable marker (bright dot) reads the lrequency
and ampli tude of the indicated potntwith three-digit  resalul iot l ,
disalavino either absolute or relative values

Fig.3. Model 3582A abtains transfer functtons, both mag-
nitude and phase, by relat ing the stgnal at the output of a
device to the signal at the input The transfer functton can be
neasured over frequency spa/rs as narrow as 5 Hz anywhere
wtthtn the 25 kHz range of the analyzer



averagrng.
An additional "averaging" mode, referred to as

IEAK HOLD, retains the highest value encountered at
each frequency as several successive spectra are pro-

cessed. This allows the analyzer to be used with
swept-frequency sources and to perform other tasks
such as measuring the amount of frequency drift in a
s ignal .

Coherence
Model 3582A also has a coHERENCs function. Used

with RMS AVERAGING, this relates the power spectrum
of a signal at the output of a device to the power
spectrum of the input signal, giving an indication of
how much of the output power is a result of the input
(Fig. s). At frequencies where the coherence function
is 1.0 (top l ine of the CRT graticule), the output is
caused entirely by the input. At frequencies where the
coherence function is less than 1.0, noise or distortion
within the device is contributing to the output. This
function is particularly useful for investigating causal
relationships in multiple input systems because it can
give a measure of how much each input contributes to
the output while all inputs are active simultaneously.
It also provides insight into the accuracy of transfer
function measurements since it gives an indication of
how much the measurement is disturbed bv noise.

Fig. 4. Transient waveforms can
be captured for display as an
amplttude-vs-time record (left)
The stored waveform can then be
analyzed, such as f inding the
am plitu de s pectru m (rig ht)

harmonics, and other unwanted signals generated
within the system being evaluated.3'a

Display Features
The 3582A gathers input data in one block of

read-write memory (RAM) and uses other blocks of
RAM for processing and displaying the data. This
allows the measurement function to be changed and
the result displayed without the need to gather new
data. This is important in an analyzer that has narrow
resolution bandwidths, since gathering one time re-
cord for processing can take up to 250 seconds.

With the exception of t ime functions, which are
displayed singly, any two traces may be displayed at
the same time. This enables amplitude and phase to
be displayed simultaneously. In addition, any two
traces may be stored for later recall. Thus, a newly-
acquired transfer function amplitude curve may be
compared against a stored curve.

Cons ide rab le  f l ex ib i l i t y  ex i s t s  f o r  d i sp lay  o f
amplitude information. The display may be l inear in
volts or gain, or it may be logarithmic in dBV or dB at
10 dB/div or 2 dB/div. The avpltruDE REFERENCE LEVEL
switch increases the display gain in 10-dB steps for
convenient positioning of the displayed information.
The reference level and the scale factor are displayed
numerically on the CRT for ready reference.

Fig.5. Thecoherencefunction(r ight)givesameasureof thefractionof powerateachfrequency
inthesignal attheoutputof adevtce(center)thatiscausedbythesignal attheinput( left) Among
other uses, th6 can indicate the validity of a transf et f unction measurement by showing how much

output power comes from sources other than the driving signal



Phase information is displayed on a -t-200o vertical
scale, giving hysteresis at the -r180" boundaries that
prevents the phase trace from continually jumping

between the top and bottom of the display if the phase
measurement j i tters across -f 180o. To further prevent
ambiguous displays, whenever the signal amplitude
falls more than 65 dB below full scale where noise
would obscure and confuse phase values, the phase
measurement is suppressed and zero phase is dis-
played.

A marker in the form of a brightened dot may be
placed on any displayed trace except t ime-function
and recalled traces. The frequency and amplitude or
phase at that point in the spectrum are displayed
numerically on the CRT fsee Fig. 2). Pressing the
MARKER SET REF key stores the marker frequency and
amplitude or phase as a reference. Then at any later
time, pressing the MARKER REL key causes the present
marker value relative to the stored reference to be
displayed. If a point on the display is desired as either
the sraRr or CENTER frequency of a measured fre-
quency span, placing the marker on that point then
causes that frequency to be stored as the new START or
CENTER frequency when the SET FREQ key is pressed.
Pressing the + V sw key gives a reading of spectral
density at the MARKER position automatically nor-
malized to a 1-Hz bandwidth for noise densitv mea-
surements.

HP-lB Compatibil i ty
Model 3582A has an HP-IB* port, enabling remote

control of the analyzer in automatic test systems. The
HP-IB port also allows reading from and loading into
memory, halting and continuing signal processing at
specific points, and reading from and loading into the
CRT alphanumeric display. It is possible, for exam-
ple, to off-load the spectrum signature of a rotating
machine onto magnetic tape through the HP-IB and at
a later t ime reload it into the analyzer for comparison
with the present signature.

When controlled through the HP-IB port by an ex-
ternal controller, such as the Model 9825A Desktop
.HP-18: The HP Interface Bus, Hewlett-Packard's imDlementation of IEEE Standard 488-1975 and ANSI
Standard MC1 1

Correction
Theast l ineonpageS0tourAugust issuewasmiss ing  Here i t i s , incaseyou 'd l i ke tocopy i t

and oaste it in:

mixer posit ive transrt ion The phase-locked loop has adjusted

The complete section reads "The c0ndition belore triogerinO is now reestablished, thatis, the
zeroth count is matched in time to the mixel positive transition The phasFlocked loop has
ad,usted itselt t0 lock to the new beat frequency "

Also, on page 4, the lasl l ine before the tit le "Hysteresis Arming" should read "tn +Tl 0NLY
the 5370A will not measure any time interual less than ten nanoseconds " The word "not" was
inadvertenlly omitted

And on page 16, "emittertollower logic (EFL)" should have read "eminerfunction-logic
(EFL) " There's a big dif lerence

Computer, the Model 3582A gains greatly enhanced
s igna l  ana l ys i s  capab i l i t y .  W i th  use r -w r i t t en
software, the knowledgable user can apply the spec-
trum analyzer/desktop computer combination to the
computation and display of such quantit ies as auto-
and cross-correlation functions, impulse responses,
and cross-power spectra.

Displayed traces are also converted to analog form
and supplied to an X-Y recorder output.

Internal Details
A simplif ied block diagram of the Model 3582A

Spectrum Analyzer is shown in Fig. 6. Each input
signal init ially goes through an attenuator and an
amplif ier that has programmable gain. This is fol-
lowed by a low-pass fi l ter. The signal then goes to an
analog-to-digital converter (ADC), after which all
processing is done digitally.

The low-pass fi l ter in each channel is required to
prevent aliasing in the analog-to-digital conversion,
i.e., it removes high frequencies that would appear as
low frequencies when sampled. The ADC sampling
rate is '1,O2.4 kHz, so high frequencies appear to be
folded about 51.2 kHz. Unless fi l tered out, input sig-
nals above 76.8 kHz would therefore appear on the
display as below 25.6 kHz.

The  l ow-pass  f i l t e r i ng  i s  done  by  an  ac t i ve
seventh-order, elliptic filter that has a cut-off fre-
quency of 25.6 kHz and a 100 dB/octave roll-off. The
stopband above TokHz is over B0 dB down while the
passband ripple is less than 0.1 dB.

The ADCs are 12- t j i t  successive-approximat ion
converters. To reduce the effects of quantization and
associated nonlinearit ies for low-level signals, an
out-of-band 27-kHz sine wave is injected as a dither
signal into the signal path before each ADC at a level
45 dB below full scale. Since the dither signal is not
synchronized with the sampling, the noise it pro-
duces is broadband. A small signal, that otherwise
might fall between two quantization levels and not be
detected, alters the statistics of the quantization noise
so it is resolved by subsequent processing for display.
Although the quantization noise is large relative to a
-75-dB signal, it is broadband white noise so the
narrow passband of the 3582A reduces it to well
below -80 dB with respect to full scale, enabling the
instrument  to consistent ly  detect  s ignals at  the
-7S-dB level .

Digital Heterodyning and Filtering
The outputs of the ADCs are applied to multipliers

that digitally "heterodyne" the center of the fre-
quency band of interest down to 0 Hz. Frequencies
outside the band of interest can then be removed by
low-pass fi l ters. This is the same technique used in
the Model s4zoA Digital Signal Analyzer to obtain
band selectable analysis.s



Fig. 6. Simplllied block dtagram ot the Model 35824 Spectrum Analyzer The entire signal-
processing chain f rom the tnputs through the ADCs is lso/aled electrtcdly from chassrs ground

and the remainder of the tnstrument to help eliminate ground loops

Traditional analog heterodyning techniques for
shift ing a band of frequencies into a fixed bandpass
fi lter have image-frequency problems that become
increasingly severe as the band of frequencies ap-
proaches 0 Hz where the images become very close to
the desi red f requency band.  In band-selectable
analysis, the samples of the input waveform are mul-
tiplied digitally by samples of a complex waveform,
cos2nf"t-jsin2nf"t, instead of using a real multipli-
cation by cos2zf"t. The effect of this complex multi-
plication is to slide the whole frequency spectrum to
the left along the frequency axis so the selected center
frequency (f.) is at O Hz.6 Frequencies that otherwise
would become close-in image frequencies thus main-
tain their relative positions with respect to the desired
frequency band and are readily removed by low-pass
fi ltering.

The result of the multiplication is two data streams,
one  rep resen t i ng  t he  rea l  componen ts  o f  t he
frequency-shifted spectrum and the other represent-
ing the imaginary components (for zero-start fre-
quency spans that require no frequency shift, the
t o inputs to the digital mixers are set to t 1 in the
3582A so the data streams pass unchanged through
the multipliers). The two data streams are low-pass
fi ltered in digital f i l ters to obtain the desired fre-
quency span and then stored in RAM where they are
held for  subsequent  processing.  The f requency-
shift ing and fi l tering thus enable a narrow band of

frequencies anywhere in the analyzer's frequency
range to be isolated for high-resolution examination.

Each fi l ter and associated multiplier (digital mixer)
are integrated on a single IC chip (see following arti-
cle). Putting these complex circuits into integrated
circuits reduced the parts count significantly and was
a major factor in achieving compact size and moder-
ate cost in this high-performance instrument.

Digital Oscil lator
The samples of the waveform, cos2zf"t-jsin2nf 

"L,used as the "local oscil lator" signal, are produced by
a digital generator that uses cosine values from a table
stored in read-only memory (ROM). Linear interpola-
tion between stored values allows the table length to
be confined to 7o24 values.

A block diagram of the generator is shown in Fig. 7.
A binary representation of the selected center fre-
quency is stored in a latch. This number determines
the incremental phase angle between samples of the
output cosine wave, and is added repeatedly to the
total accumulating in the second latch to select the
addresses of ro-bit samples of a full cosine cycle
stored in the cosine ROM. This ROM holds 1024
samples.

For a given phase, both cosd and -sinO are com-
puted. Since for low frequencies the phase must be
specified to a greater precision Ihan 1.11.o24 of a cosine
cycle, the computation of cosd is done by using the
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f irst two terms of a Taylor series expansion:

cosd :  cos (@+eJ :  cosd +e$cos{  :  cosd-  es inf ,
dd

where S is a phase value in the cosine ROM, and e is
the error so d + e : 0. The computation is in fractions
of a cycle so e must be converted to radians. These
conversions are stored in the interpolate ROM.

The values of cosf , e, and -sin{ are latched at the
outputs of the ROMs and the remainder of the compu-
tation is done by a hardware multiplication and addi-
tion to produce cos0. A similar computation is used to
obtain the -sind output.

Processing the Data
The fi l tered waveform samples stored in RAM are

processed by a fast Fourier transform (FFTJ algorithm
(see box, next page). The result of the FFT processing is
a series of stz values representing the real and imagin-

ary parts of the input waveform spectrum at 256 points

in the selected analysis band (rze points for each chan-
nel in dual-channel measurements). These may then
be  p resen ted  on  the  CRT d i sp lay  as  a  p lo t  o f
amplitude vs. frequency. The phase relationships of
t he  f requency  componen ts  w i t h  respec t  t o  t he
waveform reference are also derived from the real and
imaginary data and may be presented as a graph of
phase vs. frequency.

In effect, the 3582A functions as though the input
waveform were applied to a bank of zso narrow-band
filters in parallel and the output of each fi l ter were
represented on the display by a discrete dot at the
corresponding point on the display frequency scale.
A l ine generator connects adjacent dots to obtain a
continuous trace. The measurement can be made with
256-line resolution within nauow frequency spans
located anywhere in the basic 0-25.5 kHz range of the
ins t rumen t  when  us ing  the  d ig i t a l  he te rodyne
techn ique  to  ob ta in  band -se lec tab le  ana l ys i s
("zoom"). This greatly enhances the analyzer's reso-
lution. For example, the basic spectral l ine spacing
with the S-Hz frequency span is 0,02 Hz, and this span
can be moved anywhere within the 0-25.S-kHz range
of the instrument. This gives the equivalent of a re-
solut ion of  t .zAO.oo0 l ines over  the fu l l  O-zS.S-kHz

Fig.7. Block diagram of the "digt-

tal oscillator " lnstead of wave-
forms, this generator supp/les
digital words corresponding to
amplitude samp/es of sine and
cosine waveforms

range.

Processing Speed
FFT processing, display preparation, and averag-

ing take somewhere between 350 and 600 ms to trans-
form a time record into a displayed spectrum, de-
pending on the instrument's operating and display
mode. Thus, the spectrum can be presented almost
immediate ly  upon conclus ion of  data gather ing.
Furthermore, for frequency spans up to 500 Hz, the
instrument has "real-time" operation, that is to say,

Fig. 8. Ihe effect of the passband shape on spectrum ds-
plays of a single tone Drsplays in the column at left are the
result of tuning the input signal frequency to one of the FFT
spectral frequencies Displays at right result from tuning the
input f requency to a point half way between two FFT spectral
f requencies where the window length is not an exact multiple
of the signal period ln all cases, the input signal amplitude is 0
dBV
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The Fast Fourier Transform and
the Model 3582A

Drgital processing ol spectrum analyzer signals offers several
advantages over analog approaches One of the most signif i-
cant is that f i l ter ing operations can be performed with no dri f t
and with high noise immunity Complicated ari thmetic opera-
t ions that would be expensive or nearly impossible as analog
tasks are readi ly implemented by digital techniques

The Model 3582A Spectrum Analyzer uses digital processing
with the fast Fourier transform (FFT) to derive a complete 256-
l ine spectrum from just one input record, an especial ly important
capabil i ty in an analyzer with very narrow bandwidths For
example, using the 0-1 -Hz frequency span, Model 35824 takes
250 seconds to obtain a single t ime record from which tt  derives
a spectrum with 0 004-Hz resolut ion A swept-frequency spec-
trum analyzer would take over'100 t imes as long to obtain a
spectrum with that resolut ion

As explained in the main text, Model 35824 takes samples of
the waveform to be analyzed and processes them digital ly to
obtain a sequence of words that correspond to samples of a
low-pass or bandpass f i l tered version of the input waveform
This sequence is then processed by an FFT algori thm to obtain
another sequence of words that corresponds to the real and
imaginary parts of the frequency spectrum of the f i l tered input
waveform

During the design of this instrument, considerable effort was
devoted to derlving an FFT algori thm that could be performed
by a microprocessor in a reasonable amount of t ime using a
minimum of memory

Computing the FFT
For a t ime record consist ing of N ampli tude samples x(n),

where n:0, 1 ,2 N - 1 ,  the f ast Fourier transform calculates the
f requency spectrum X(k), where k:O,1 ,2, N - 1 ,  at N f requen-
cres :

N 1

*(n) :  
Jo 

x(n)e r2,nk/N

To ach ieve  the  necessary  p rocess ing  speed,  the  FFT
software in Model 35824 implements this calculat ion with in-
teger ari thmetic " The software was designed to achieve the
highest possible processing speed wlthout unreasonable re-
quirements on the program memory space, and to minimize
noise introduced by truncation and rounding without introduc-
ing ari thmetic overf low problems

The FFT calculat ion is not affected by the selected frequency
span Since the digital f i l ters produce data samples at a rate that
is properly scaled for the selected frequency span, the FFT
software needs to calculate spectra based only on the t ime and
frequency indrces n and k, The display processing software
applies the proper scal ing to the frequency axis of the display
atter the FFT processing
'Wilh inleger arithmelic, sometimes relerred to as fixed-point arithmetic, values are represented
by signed integer binary numbers instead of mantrssas and exponents (scientif ic notati0n) The
latler is often called floatinO-p0int arithmetic

In the single-channel baseband mode, the t ime record con-
srsts of 1024 real samples that are formed into an array repre-
senting a 512-point complex record by a process known as
scrambling 1 The complex FFT algori thm is then applied to this
array fol lowed by anunscrambling routine that derives the non-
negative frequency components of the original t ime record This
use of scrambling and unscrambling techniques avoids the
wasted processing t ime associated with applying the FFT di-
rect ly to real data, which would result in calculat ing both the
posit ive and negative frequency components of a symmetric
spectrum

Further processing speed eff iciencies were achieved in the
FFT software by implementing the 512-point FFT as a base-B
twiddle /actor algorithm , With this organization, most of the
mult ipl icat ions internal to the base-B transform are by factors of
+ 1 and t/  These do not actual ly take up processing t ime so do
not slow overal l  processing speed

The base-B FFT organization, however, requrred signif icantly
more program space than base 2, because considerations of
speed required expl ici t  programming ot every internal step of
the base-8 transform However, this cost was minimized by
using a Sande-Tukey algori thm for the base-B transform, rather
than a Cooley-Tukey This structure provides an entry into the
base-B subroutine at a point where i t  performs a dual base-4
transform With this, a 256-point FFT could be programmed
using a base 4 x B x B twiddle factor algori thm that used the
same base-B subroutine The 256-point FFT algori thm is neces-
sary for the dual-channel "zoom" mode where two independent,
256-point, complex records are processed to give two 256-
point complex spectra

Also, because of the places in the Sande-Tookey algori lhm
where mult ipl icat ions occur, truncation and rounding introduce
less norse

In i ts f inal form, the FFT program package consists of about
1 100 program words, the bulk of which is devoted to the base-B
subroutine, Much smaller port ions are devoted to the control
routines for the 512- and 256-point transforms and an even
smaller part is devoted to miscel laneous subroutines

In the zoom mode, either single- or dual-channel, the digital
heterodyning supplies the data samples to the FFT processing
already in complex form, so the scrambling and unscramb ing
processes can be bypassed The FFT algori thm then produces
a 512-point complex spectrum when the instrument is in the
single-channel mode

In the dual-channel baseband mode, the t ime record consists
ol two 512-point records containing real samples These are
scrambled into a single 512-point complex record that is pro-
cessed by the 512-point complex FFT algori thm, then unscram-
bled to give the non-negative f requency components of the two
rnDUt record soectra

References
1 E O Bf lgham,  The Fas t  Four  e r  Trans form Prent  ce-Ha |  1974 pp  163 169
2  r b r d .  o o  1 9 1 - 1 9 3

there is no gap between the end of one time record and
the beginning of the next. This is because the instru-
ment can acquire a new time record while simultane-
ously processing the previous record stored in mem-
ory.

Windows
One consequence of making an FFT measurement

for a finite length of t ime is that the length of the time
span or "window" during which the measurement is
made affects the resulting spectrum. The mathema-
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t ics of FFT processing deals with signals as though
they were periodic with a period equal to the window
length. If the signal is indeed periodic, and if the
length of the window is an exact multiple of the signal
period, then the computed FFT spectrum is similar to
the corresponding analog spectrum. When there is no
such relationship between the signal and the win-
dow, a discontinuity exists that results in broadening
the base ofresponse peaks (see Fig. 8). For this reason,
FFT analyzers offer a means of attenuating the begin-
ning and end of the window so the signal is brought
smoothly to the zero amplitude level at both ends.
The modified signal waveform then has no discon-
tinuity between the end of the acquired time record
and the beginning of a hypothetical repetit ion of the
same record.The resul ts  of  FFT processing are
thereby made to agree'more closely with the true
spectrum.

The shape of the window affects the shape of the
resolution bandwidth (see box, next page), so the
3582A provides a user with a choice of three window
shapes. In keeping with the spectrum analyzer orien-
tation of the instrument. these are labeled pASSBAND

sHAPE on the front panel. The three passbands offered
are UNIFORM, HANNING, and plat top.

The uNIpoRv passband is basic in that it allows the
input signal t ime record to be treated with a constant
gain factor during FFT processing. Since it does not
alter the time record, it is used primarily for capturing
transient signals. Many transients start at the zero
level and decay to the zero level so no window shap-
ing is necessary and the onset of a transient, which
may contribute significantly to the spectral properties
of the transient, can be left undisturbed (see Fig. a).
The uNrroRv passband provides the narrowest fre-
quency  reso lu t i on ,  so  i t  i s  used  wheneve r  t he
periodicity assumption of the FFT can be satisfied
without the end-point discontinuity problem. As wil l

be explained below, the uxrroRv passband is also
useful when the built- in noise source is used as a
stimulus for the measurement.

The plar rop passband, developed especially for
the 3582A, uses a window with a gain-vs-time charac-
teristic that results in a fi l ter response that is practi-
cally f lat across adjacent spectral l ines. Thus, signal
components that lie between FFT spectral lines suffer
l ess  t han  0 .1 -dB  amp l i t ude  deg rada t i on .  Th i s
passband is useful for analyzing the spectra of dis-
crete tones where amplitude accuracy is important.
There is considerable overlap of adjacent passband
responses, however, so it is more diff icult to resolve
fine frequency detail with this passband.

The well-known HANNING passband, widely used
in FFT analyzers, results in a passband width that is
midway between the other two (adjacent responses
overlap at -1.5 dB). The passband is narrower than
the ruar rot passband while the stop-band lobes are
at a lower level than the uNtpoRv passband. Thus it is
most useful where frequency resolution is important
but high accuracy in amplitude measurement is not. It
is often used for measurements of noise-like spectra
that have broad distributions of energy.

The window or time record length is automatically
selected with selection of the frequency span so the
time record wil l encompass one complete period of
the lowest frequency of interest. Passband shaping is
implemented digitally by the microprocessor. In all
cases, t ime records are stored without window shap-
ing, and windows can be changed without requiring
the gathering of new data.

Broad Spectrum Source
The built- in signal source is a pseudorandom noise

generator. The signal originates in a shift register
using feedback taps to produce a two-level (binary)
waveform that changes from one level to the other in

Fig. 9, fransfer function measurement (center) of the admtttance of a 9 995-kHz crystal (left)
using the pEBtoDtc noise source for excitation and the 0-25-kHz frequency span Because the
nolse source's spectral lines are matched to the analyzer's, the measurement result ls smooth
even though averaging is not used Much greater detail shows up (right) when the measurement
is made over a narrower span (50 Hz centered at 10 kHz) with band-selectable analysis, where

both the source and analvsis spectral lines ate more closelv spaced



Window Functions for Spectrum
Analysis

by Roger G. Cox

Window functions are frequently used in conlunction with fast
Fourier transform (FFI) analysis to minimize two of the l imitat ions
imposed by the FFT: a l imited t ime record provided as input to
the FFT; and a l imited number of output frequency samples
generated by the FFT

The f irst l imitat ion gives r ise to what is known as the uniform or
rectangular window The uniform window always occurs by
default since ampli tude samples are taken only during a t ime
interval T, The continuous input signal thus appears to be mult i-
pl ied by the gating function:

G(t) :  1 for -f  124<f 12 and 0 lor I<-f 12 andf l2<t.

The frequency response G(s) is the Fourier transform of G(t):

sin(zs)
t t S ) :  

, S  
, w n e r e s : r l

Any continuous input signal spectrum wil l  be convolved with
G(s) such that when sinusoidal signals are input to the analyzer,
instead of seeing a single impulse on the frequency display for
each sinusoid, one observes a response with the shape of G(s)
at each impulse location This is why the window function in a
FFT analyzer can be regarded as the equ valent of the lF
passband in  a  convent iona l  swept - f requency  spec t rum
analyzer

Window Shapes
The uniform window (Fig, 1) can be thought of as a window

consist ing of a dc component (:1) mult ipl ied by the gating
function G(t) Al l  window functions must include the gating
propert ies ol G(t) l f  any otherwindow shape is desired, i t  can be
constructed by mult iplying the uniform window function G(t) by
an arbitrary continuous t ime function consist ing of the sum of
several cosinefunctions Forexample, thewidely-used Hanning
window (Fig 2) consists of a dc term and a single cosine termi

H(T) :  G(|(Ao + 2A,cos2zt),  where Ao : 1 and Ar :  0 5

The frequency response of the Hanning window is the re-
sul l  of the convolut ion of G(s) with three impulses: one at dc and
a pair representing 2A,cos2zt:

-1121 Time
Unilorm Window c(t)

1t2 r

F ig .  1 .

Frequency (s=fT)
Unlform Window G(s)

u 2 f

1 2 3 4 5
Frequency (s=fT)

Hanning Window H(s)

1

H(s)  :  G(s) *  )  A1  (s -k )

To get other frequency response characterist ics, more cosine
terms can be used A f lat-top passband shape would be desira-
ble because of the second FFT l imitat ion: that of a l imited
number of frequency sample points being used to evaluate a
continuous frequency function This f lat shape is dif ferent from

F ig .  3 .

1 2 3 4 5 6 7 8 9
Flequency (s=fT)

Flat Top Window F(s)

Flat Top Windorv F(t)

1 2  3 4  5
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the  rounded lF  response o f  most  convent rona l  spec t rum
analyzers, where a frequency component being measured is
always tuned to the top and center of the lF passband ln a
digital analyzer using the FFT, the frequency spectrum is sam-
pled only at discrete intervals This means that rf  accurate
ampli tude measurements are to be made on signals regardless
of frequency, the window function's response must be essen-
t ial ly f lat over one channel spacing of the FFT (-112<s<112),
The f lat-top window in Model 35824 is f lat wrthin 1% over one
channel spacing (Fig 3)

In addit ion to the f lat passband, accurate measurements over
a w de dynamic range require that the response rol l  off  rapidly to
the maximum dynamic range of the analyzer, The f lat{op win-
dow in Model 3582A has a reject ion of better than 90 dB in the
stop band, which occurs only f ive channel spacings from the
center of the window

To obtarn these desirable characterist ics, four cosine terms
a f d  n 6 6 d a d

A

F( t )  :G( t ) (Ao+2 )  Ascos2zk t )

4

F ( s ) : G ( s ) *  ) . A n 6 ( s - k )
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coincidence with clock pulses, but not necessarily on
every clock pulse. Changes from one level to the other
occur in pseudorandom fashion, giving the waveform
a frequency spectrum that approximates white noise
over the analysis band. A low-pass fi l ter with a cutoff
frequency much lower than the clock rate l imits the
frequency band to the flattest part of the spectrum and
shapes the output waveform to an approximation of
Gaussian noise.

Such a waveform is called pseudorandom because,
although locally random in character, the pattern re-
peats exactly. The spacing between spectral l ines is
inversely proportional to the length of the pattern
(and proportional to clock rate). The 3582A provides
the user with a choice of two pattern lengths. With the
NoISE souRcr switch set to IERIoDIC, the length of the
pattern exactly matches the measurement window
length. The spectral l ines of the noise source then
exactly match the spectral l ines of the FFT measure-
ment. The UNIFoRM passband can then be used to
achieve measurement accuracy without danger of
spectrum smear ing.  Measurements can be made
across the entire frequency span without frequency
sweeping and without the averaging that is required
with true random noise excitation.

If the system has nonlinearit ies, errors can be intro-
duced when using the pnRtontc noise source because
harmonics of the waveform's spectral components
fall exactly on other spectral l ines. These errors can-
not be reduced by averaging. The RANDOM noise
source is useful in this situation. Although the naN-
DoM sou rce  i s  ac tua l l y  pe r i od i c  and  hence
pseudorandom, the period of its waveform is over
250,000 times as long as the PERIODIC waveform, so its

spectral lines are far more densely packed and har-
monics do not necessarily fall on the spectral l ines.
Measurement errors due to nonlinearit ies can there-
fore be smoothed out by averaging.

Because  o f  t he  c l ose  spac ing  o f  t he  RaNnov
source's spectral l ines, an additional use for it is in
situations where very high-Q resonances may be in-
volved.  Wi th the less densely spaced exci tat ion
energy l ines of the pnRtontc source, a high-Q reso-
nance may fall between lines and the resonance may
not be fully excited.

With both types of noise, the noise bandwidth is

matched to the selected frequency span. For mea-

surements in the "zoom" mode, the noise source is
mixed with the digital oscil lator output, converted to

analog form, so in aII cases the noise spectrum covers
the analysis band. Fig. 9 i l lustrates how this charac-
teristic affects measurement resolution.

Calibrator
Another pseudorandom source within the instru-

ment supplies a calibrating signal to the signal chan-
nels when the input SENSITIVITY controls are set to the
car, position. This source generates a pseudorandom
sequence 256 clock pulses long that repeats at a 1-kHz
rate. This results in a frequency comb with 1-kHz
spacing between frequency components and a sinx/x
amplitude distribution. Since the first zero does not
occur unti l 256kHz, the comb is flat within -r0.2 dB
up to 25 kHz. The calibrating signal is injected into
the signal channels immediately after the input at-
tenuators so that all of the amplif iers and fi l ter
passbands may be checked.

1 1



HP.IB

Fig. 10. Block diagram ot Model 3582A's control functions

Instrument Control
A block diagram of the 3582A control functions is

shown in Fig. 10. Overall instrument control is han-
dled by the microprocessor on the processor board,
which also does the FFT calculations and display
conditioning. This is the same 16-bit microprocessor
that was developed for the Model 9B2bA Desktop
Computer.T

General control of the instrument is accomplished
over the processor I/O bus, a 16-bit, parallel, bi-
directional bus with four additional control lines. The
processor can interrogate the status of the various
boards over this bus and program them according to
the operating mode of the instrument.

Under local (front-panel) control, the processor in-
terrupts its signal and display processing tasks about
10 times per second to read the status of the front-
panel switches. When changes are detected, signal
processing may continue with changed parameters,
or may be discontinued and restarted depending on
the nature of the change. The 1.O-Hz polling rate is fast
enough to enable the instrument to appear to respond
instantaneously to switch changes.

Under remote cbntrol via the HP-IB, the only
change in the control process is that the processor no
longer interrogates the front panel. Instead, the HP-IB
software routines interrogate the HP-IB board and set
internal switch status registers to correspond to the

programmed switch positions.
To be able to offer a high degree of HP-IB control,

almost none of the front-panel switches are wired
directly to the functions they control. For example,
the rotary input sensitivity switches are not con-
nected to the attenuator networks on the input boards.
Rather, they are connected to a microprocessor I/O
bus port, and the attenuators are switched by means of
reed relays via a different port. In this way, the pro-
cessor can program the input attenuators to agree
with either the front-panel switches or the HP-IB
selected sensitivity.

The processor board is connected to the ROM and
RAM boards by the memory bus, a bidirectional, 16-
bit, parallel bus that is separate from the micro-
processor I/O bus. The ROM and RAM memories are
distinguished only by different high-order address
bits.

The bulk of the ROM memory is stored in 16 mask-
programmed ROM's, each storing 2K 8-bit bytes. To
allow for last minute program improvements that in-
evitably arise during development of any new pro-
gram of this size, room was left in the ROM board for
four "patch" ROM positions that can accept different
types of fuse-link programmable ROMs, depending
on jumpers on the board. The 16 mask-programmed
ROMs cover the address space from 010000a up
while the addresses below 0100008 are assigned to
the patch ROM positions.

The software is organized so that small program
blocks are linked by addresses stored in the patch
ROM. Most of the rest of the patch ROM address space
is empty. Hence, to change a program block, it was
only necessary to change the address link pointing to
that block and write the new block in the blank space
in patch ROM. This made it possible to begin instru-
ment production while software revisions were being
made without the delays that otherwise would have
resulted from waiting for the generation of new
masks. Thus, the first production instruments were
shipped with the coruect software but without the
need to equip the entire memory with expensive
programmable ROMs.

The RAM memory has 4 K 16-bit words stored in 16
dynamic RAM chips, each organized as 4K 1-bit
words. Memory refresh is not performed by the RAM
board itself, but rather by the interaction between the
RAM board and the digital display driver.

The RAM board is built as a two-port memory, with
one port serving the processor over the memory bus,
and the other port serving the digital display driver.
To present a display, the processor formats both
graphic and alphanumeric information into a special
area of RAM memory. The digital display driver then
reads  these words ,  separa tes  graph ic  f rom a l -
phanumeric information, and draws this display on
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the CRT using the analog display driver. Since the
rate at which the digital display driver reads words
from the RAM board is sufficient to keep the memory
refreshed, no additional refresh circuitrv is needed on
the RAM board.
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Hewlett-Packard
The Model 35824 Spectrum Analyzer descrrbed in the pre-

ceding is the newest member of Hewlett-Packard's famrly of
FFT-based analyzers The others are the Model 54204 Digital
Signal Analyzer and the Model 545'1C Fourier Analyzer

The Model 35824 Spectrum Analyzer provides a low-cost
means of obtaining the advantages of FFT processing for srgnal
analysis l t  can measure spectrum ampli tude and phase, trans-
fer functions, and coherence with frequency resolut ion as f ine
as 0 02 Hz over the entire 25-kHz lrequency range l t  is op-
t imized for simpli f ied operation, small  package size and weight,
and low cost while providing a powerful set of measurement
capabil i t ies l t  includes many convenience features, such as a
chorce oi three windows and a tracking noise source that re-
duces the averaglng t ime usually required with random-noise
SOUTCES

The f\ ,4odel 54204 Digital Signal Analyzer, described in the

FFT Analyzers

October .1977 issue of the HewletfPabkard Journal, has add -
t ional measurement capabil i t ies l t  was designed for those who
need auto- and crosscorrelat ion functions, power and cross
spectra, and stat ist ical analyses of signals, in addit ion to
frequency-domain measurements Prelpost-tr igger delay is
provided for acoustic, transient, and transfer function mea-
surements, and the analyzer may be operated from an external
clock to adapt i t  to rotat ing machinery studies

Model 54204 also provides very f lexible display formatt ing
that can give Bode, Nyquist,  and Nichols plots as well  as l inear
plots of results Digital storage for measurement results is pro-
v ided by  i t s  bu i l t - in  magnet ic  tape un i t  Pos t -p rocess ing
capabil i t ies include such operations as integrating an accelera-
t ion spectrum to a velocity spectrum, or calculat ing coherent
output power and open-loop gain l t  has a bui l t- in true random
n o i s e  s o u r c e  f o r  s t i m u l u s - r e s o o n s e  m e a s u r e m e n t s  T h e
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5420A's measurement frequency range extends from 25 kHz
down to 0 008 Hz and i ts frequency resolut ion can be as f ine as
4O p.Hz, l ts dynamic range is 75 dB

The Model 5451C Fourier Analyzer, a further elaboration of
the  Mode l  5451A descr ibed in  the  June 1972 issue o f  the
Hewlett-Packard Journal, offers a very f lexible and powerful
alternative that is capable of a ful l  range of analysis functions,
including the inverse Fourier translorm lt  is a ful ly cal ibrated,
mult ipurpose, computer-based system and can be obtained
wi th  a  fu l l  range o f  computer  per iphera ls  such as  d isc
memories This combrned with user-writ ten programs al lows

each system to be tai lored to specif ic appl icat ions l t  can also
be obtained with up to four input channels and options for such
tasks  as  v ib ra t ion  cont ro l ,  moda l  ana lys is ,  and ro ta t ing-
machinery signature analysis l ts lrequency range extends from
dc to 50 kHz and optional ly to '100 kHz, and i ts dynamic range is
75 dB

These three analyzers cover a wrde range of appl icat ions in
studies concerning mechanical vibrat ions, structural dynamics,
acoustics, underwater sound, communications, and other in-
vestigations involving audio and subaudio frequencies

S P E C I F I C A T I O N S
HP Mod€l 3582A Sp4trum Analyzer

Frequency
FBEOUENCY MODES:

025 kHz SPAN Measuremenl rs pedo.md over nred tequ€ncy range o'
0 Hz lo 25 kHz Independenl ol FBEQUENCY SPAN contol

0STAFT:  Measuremenl  rs  pe i lo rmed over  keq!oncy  range de lned by
FBEOUENCY SPAN contol wilh lxed stad keouencv or 0 Hz

SET CENTEF: Measuremenl is pedo.med ove. a iiequency.ange wilh wrdlh
delermrned by FFEOUENCY SPAN 6nod and cenler tequency sel by
ADJUST contoi wilh 1-Hz fesolulion

SET START Measurement is peilormod over a tequency range wilh wdth
delermrned by FBEOUENCY SPAN contol and slail iiequency sel by
AOJUST conkol with l-H2 resolurion

FFEOUENCY BANGE: O 02 HZ IO 25 5 KHZ
FREOUENCY SPANS:

o STABT MODE: I Hz lull scale lo 25 kHz llll scale ln 1-2 5-5-10 sequence
SET STAFT OF SET CENTER MODE 5-Hz span lo 25-kH? span in 1-2 5-5r0

FFEOUENCY ACCUFACY: :0 003% ol drsplay csnlor iioquency
FREOUENCY RESOLUIION: Mafker .esol!lion rs equal to calc!laled oornl

spachg lo. seledd iiequency span and number ol channels (see Table)

\

I
-50 dBV rangc;

r t!l 3ourc€ impedance;

erclusive ol dc .esponse
2ttHz span

\

ACCUFACY:
AMPLITUDE i0  8  dB
PHASET i5  degrees

FESOLUTION:
LOG AMPLTUOE:0  1  dB w i lh  marker
LINEAR AMPLITUOE:3-drgil soontnc nobron wnh marker
PHASET I deqree wnh marker

Coherence Functlon
MEASUREMENT tODE:  DuaLchanne l  128-po in l  cohe.€nce func lons  are

measured with rms ave.aging only
RANGE: Bonoh display line is O 0 and lop lne is I 0
FESOLUTION:

DISPLAY 0 125/ma,or drvisron
MARKEF O OI

General
INPUTIMPEDANCE:  105( I  I  5o l .shun ldby  60pFtom np! lh rgh lo lowlor less

lhan 75olo relalve humrdily
DC ISOLAION: lnpul l6w may b. .o.neded lo chassE g.olnd or ll6ared up lo

30 volls lo reduc€ eflsds ol ground loops on rhe measuremenr
INPUI COUPLING: ac or dc Low t4lency 3-dA rol ofl ot ac couping rs <1 Hz
COTMON MOOE REJECTION:

50 HZ:  :60  dB
60 HZ:  >$  dB

INP UT CHANNE I CROSSIALK: I 40 dB b€reeen channe s wilh 1 kt ) sou.ce
impedance dnvlng one chanrei wdh olh€r channel le.minaled n 1 kt)

TFIGGER UODES:
FFEE RUN: New measurement s in[raled by completon ol prevrols mea

EXTEBNAL F€ar panel swlch allows new measlremen6 to & inirald by
exlernal nL polses

INPUT SIGNAL New measu.enent is initialed when inpul signal mools speci
led urgger condilron

TRIGGER COTDITIONS:
SIGNAL CONOTTIONST Tiggeing can & soleded to occur on postuve or

negatve going ransitons th.ough tlgger level Trgger €vs E adjusled
&lween llme fe6rd ovenoad limils by contn!o!s vernEr

SINGLE/MULTIPLE TRIGGEFS: Srngle-shol krgge.lng rs specified by rak-
insr fumenr  ou l  o l  FEPETITIvE rod€ AFM cont ro r  sensr lzes  rn -
skumenl to lakc anolher measofemqil n rhe s ngle shor mode

OUTPUT SIGNALS:
x-Y BECOBOERI

V E B T I C A L  0 l o 5 2 5 V i 5 o 4
HOFIZONTAL:0  lo  5  25v  1  5%
IMPEDANCE:1  k ! l
PEN Lln: Conlact cosure d!.ing sweep

NOISE SOUFCE
PEnIODIC:  Pse ldorandomnosesrgna lw lhsp .c ra l lnespacngs lha lma lch
calc!lated point spacin9 lor seleded iiequency span Fr€qlency response rs
J1  dB w lh  UNIFOBM passband shap€ and 10  dBV leve l
FANDOM Random nois€ signali noise spedrum s band lmiled and band
ranslared b malch seLecl€d measuremenl
LEVEL Vernrer contor kom 10 mv ro -500 mv rhs inro toad ot :50o
IMPEOANCE 2 ! I

IMPULSE SOUFCE: TTL low lo-h gh pulse with penod €qua to tm€ record

PBOGRAMMINGj All analyzer konr panel conrob €xcepl CaT conrols NoISE
SOURCE LEVEL and TYPE TFIGGEF LEVEL AMPLITUOE vERNIERS,  and
GROUND ISOLATION a,€ ,emolsiy prosramnable vra ntedace bls (HP-lB)

DATA INPUT: Time €cords, ampih de and phase spedra, coherence lunct ons,
kansler luncnons and aiphan! menc terl ca n be Input ro rh6 a nalyze. vra HP lB

DATAOUTPUT:T imorocords  ampl l !deandphasespedra  .oherenc6 lunc l ions
tansler lunc[ons alphanumerc lexr marker values and .ontol seflrnls ca.
be ouF!l vra HPIB

ENVIRONMENTALi
oPEFATING TEMPEFATUBE:  0"C to  +55 'C
HUMIDITY To 95o/q realve humrd t al 40'C
OPEFATING ALTITUDE 4600 meieG (15,000 leet)
SHOCK:30 G,  11  ms ha l l  s rn€  wav€ on  each o l  s rx  s rdes
VIBFATIONT l0 Bz lo 55 Hz at 0 010 Ind peak lcpeak ercufs@n

OPERATING POWER: Swrlch seleclon ol 1 lov or 230V +5 -10% 48-66 Bz

SIZE:  184 mm H !  425 mm W x  552 mm O (7% r  16r r  x  21% In)
P R I C E I N U S A : $ 1 0 0 0 0
MANUFACTUFING Olv lS lON:  LOVELANO INSTBUMENT OIVISION

P O Box 301
615 Founsenh Sfeer 5 W
Lovoland Colorado a0537 U S A

NOISE
-  1 1 0
dav

-  1 1 5

-120

dBv 5 kHz 10 kHz t5 kH: 20 kHz

FLAT TOP PASSBANO SHAPE provrdes optimum amplillde accufacy UNf
FOFM PASSBAND SHAPE is ootimized lof use wilh tansienls and wilh lhe
PEFIODIC NOISE SOUFCE HANNING PASSBAND SHAPE orovides an amoll
lude/liequenq fesolulion compromrse lor general norse measuromenls
SINGLE-CHANTEL ANALYSIS PAFAMETENS:

3-dB Bandwidth
( 0 s 8 i 0 0 5 ) % ( 0 3 5 1 0

L&-M

OC FESPONSE: Adjuslable to _'40 dA beow maximum Input evei wilh tont
Danel dc balance adrusthent

AMPLITUOE ACCUFACY (@.rall accufacy,s lh€ sum ol accuracy at passband
cenlef and filtef accuracy)
ACCUBACY AT PASSBANO CENTEF:  10  5  dB
FLAT TOP FILTER: *0 0 1 dB
HANNING FILTEA:  +0  1  5  dB
UNIFORM FILTEB *0 ,  .4  O dB

FESOLUTION:
LOG] 0 1 dB wilh marker
LINEAA 3 drgils wilh marker

LINEARITY: i0 2 dB 10 02e6 ot lull scale
AMPLITUDE CAIIEBATOF: Inlernal cal bralon sgna rs a I ne spetum with

.omlnar 1-kHz fieqlency spaong and llndamental leve ol 22102 dBV on
log scales and 2010 5 volls on I neaf scae

OVEFLOAO LIMITSI
LOG Oveiload occ! 6 ar I 0O% ol maxr m! n Inpll tevet which is eqlai to tutl scat6

whon AMPLITUDE BEFEFENCE LEVEL rs sel lo NOBMAL When overoad
occurs spunous producls may be dsplayed

LINEAFT Ovenoad occufs at l00o/e ol maxrmum inpul teve which, dopendrng
on Inpul allenualo. sening rs al 6/8 or 5/8 ol full scale when AMPLITUDE
BEFEFENCE LEVEL s set Io NORMAL When ovedoad occurs sp!.ious
prodlcls may be dsplay€d

AVERAGING MOOES:
FMS lor ea6 calculald iiequsncy pornl, d splayed ampltude rs

!  (1 /N) lA ,X l )  and phase s  {1 /N) :d ( l )
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Designing Programmable Digital Filters for
LSI lmplementation
by Lynn A. Schmidt

'T'HE POWER OF DIGITAL SIGNAL PROCESSING
I now becoming available through the use of large-

scale integrated circuits is giving low-frequency spec-
trum analyzers unprecedented flexibil i ty and compu-
tational power at relatively low cost. For example, the
HP Model  3582A, descr ibed in the preceding ar t ic le ,
derives much of its signal-processing capabil it ies
from four single-chip LSI digital f i l ters. This article
describes how it was possible to implement these
filters on LSI chips.

The arithmetic, storage, and speed requirements of
the digital f i l tering proposed for the Model 3582A
presented formidable technical challenges. The re-
quirement for doing three to six mill ion multiplica-
tions per second far exceeded the capabil it ies of
available microprocessors. Additional complications
were presented by the need for 1B- to 21-bit precision
in the computations. Thus, a dedicated hardware sig-
nal processor of some kind appeared to be the only
v iable solut ion.

This processor could have been built with off-the-
shelf components, but the cost in terms of component
count, board space, power, and reliabil i ty would have
been high. Implementing the processorby large-scale
integration (LSI), however, promised more than a
B0% hardware savings, coupled with lower power
and higher reliabil i ty from the use of fewer compo-
nents. The development of a custom NMOS digital
f i l ter chip was therefore undertaken.

The underlying problem was how to design the
fi lter processor with enough power to do the job
within the confines of a reasonably sized chip.

Digital Filtering in Spectrum Analysis
The term "digital f i l ter" refers to a computational

process by which a sequence of numbers, usually
samples of an analog signal, is transformed into a
second sequence of numbers (see box, page 17). In a
spectrum analyzer this process corresponds to either
low-pass or bandpass fi l tering.

Digital f i l tering in a spectrum analyzer also pro-
v ides a pract ica l  means of  implement ing band-
selectable analysis or "zoom" to analyze the spectrum
of a narrow frequency band centered on any fre-
quency within the range of the analyzer. The transla-
tion of the frequency band to baseband needed for

band -se lec tab le  ana l ys i s  i s  poss ib le  by  ana log
techniques but is often impractical because of the
high cost of ensuring good gain and phase match
between the real and imaginary signal channels. Two
or more digital f i l ters, on the other hand, can be
matched in gain and phase exactly, regardless of
temperature, aging, or production variations.

Span Control
Model 3582A uses a particular type of digital f i l ter

called a decimation fi l ter, a type that plays a funda-
mental role in analyzers based on the fast Fourier
transform (FFT).

As explained in the box on page 7, the first step
in FFT processing is the collection of N equally-
spaced-in-time samples of the analog input during a
measurement time interval T. The N samples are used
in computing the discrete Fourier transform of the
input signal. The result of the transform can be
l ikened to the response of  a bank of  N narrow
bandpass fi l ters spaced at center frequencies of 1/T
Hz. The responses of these fi l ters are plotted on the
ana l yze r ' s  CRT to  gene ra te  t he  amp l i t ude -vs -
frequency display.

An important characteristic of the FFT frequency
analysis is that the frequency span width and resolution
is directly proportional to the sampling rate (f, : N/T).
In accordance with sampled-data theory, the input
signal must be band limited to less than l/z to avoid
aliasing but because of practical f i l ter l imitations, the
input signal bandwidth is usually l imited to some-
thing between f./4 and fr/3.

Spectrum analyzers need to change their frequency
span over a broad range to accommodate a variety of
input signals. Model 3582A, for example, has four-
teen spans ranging from 1 Hz to 25 kHz in a I-2.5-S
sequence. Providing fourteen sample rates poses no
problem, but providing an analog anti-aliasing fi l ter
with fourteen programmable bandwidths does. In the
Model 3582A, digital f i l ters following the A-to-D
converter l imit the bandwidth to the frequency span
desired. The input signal to the A-to-D converter is
band-limited to 25.6 kHz by a fixed, analog, low-pass
fi lter regardless of the frequency span desired, and
samples of the input are taken at a fixed rate of 102.4
kHz. Sample words at the output of the digital f i l ters
are selectively discarded to effect a resampling at a

1 5



Input
Bandwidth=25.6 kHz

Sampfe Rate=1O2.4 kHz
Bandwidth=fc
Sample Fate=4f"

f "  3 f c  4 t c
I Freouencv I
t '
t l

Oulput Output
Bandwidth Sample Rate

- - 
l*-*".

i
I

Input
Sample Rate

(lnput Bandwidth=
25.6 kHz)

T

Fig. 1. Specilications f or the band-limiting filters to be used in
the Model 35824 Spectrum Analyzer The filter is to have 14
programmable cut-off frequencies (f 

") 
ranging from 25 kHz

down to 1 Hz

lower rate of four times the desired frequency span.

This process of simultaneous digital low-pass fi l-
tering and sample mte reduction is called decimation
filtering. Only the band to be analyzed is presented to
the FFT processor. Since the resample rate tracks the
span width, the FFT algorithm remains the same re-
gardless of the selected span.

Choosing a Filter
The basic requirements for the digital f i l ters in the

Model 3582A are shown in Fig. 1. The passband
corner frequency, since it sets the frequency span of
the analysis, needs to be variable from 25 kHz (no
f i l ter ing)  down to 7Hz in a 25-10-5-2.5 sequence.  To
provide proper anti-aliasing, the stopband needs to
start at three times the cut-off frequency and should
be at least -s0 dB relative to the passband to assure
that aliased signals are suppressed to an undetectable
Ievel. The passband ripple, however, can be on the
order of -f 0.5 dB since the effects of ripple can be
compensated for by weighting the spectral frequency
components after the FFT analysis. This compensa-
tion is accomplished simply by multiplying the spec-
trum by the inverse of the ripple function. Phase non-
linearit ies introduced by the fi l ter can be removed in
an identical fashion.

It soon became obvious that it was impractical to
meet these requirements with a single fi l ter. The
higher reduct ion rat ios f input  bandwidth/output
bandwidth) that would be needed for the narrow span
widths would require coefficient word lengths great-
er  than 30 b i ts  i f  a  recurs ive in f in i te- impulse-
response (IIR) low-pass filter were used. If a non-
recursive finite-impulse-response (FIR) filter were
used, the number of coefficients required would be
greater than 100,000

Coefficient words get very long with IIR filters be-
cause the poles of the transfer function in the z plane

$oup closer and closer to the unit circle at z : * 1 as
the bandwidth is reduced. The relative positions of
these poles must be maintained precisely to preserve
both stability and the desired transfer function. With
finite arithmetic, the poles can only assume certain
quantized positions so, to obtain the desired transfer
function as the bandwidth is made narrower, the pre-
cision of the arithmetic needs to be increased.

With FIR low-pass filters, the transfer function is
determined by zeros in the z plane. The order of the
filter, or equivalently the length of its impulse re-
sponse, grows in size inversely with bandwidth. The
order (number of multiplication coefficientsJ re-
quired for the 1-Hz bandwidth is about 10,000 times
that required for the 10-kHz bandwidth.

LSI chip area relates directly to the complexity of
the processing algorithms for the LSI fi l ters, so a re-
duction in processing complexity was a major goal for
this project. The solution was to implement the filter
as a cascade of several filters with interstage decima-
tion of the sample rate, a common practice with deci-
mation filtering. Each filter stage then needs to ac-
complish only a modest sample rate reduction with a
consequent reduction in the complexity of the filter

Input Samples

I
o
q)

g2
o

9 g
l!

4

a
a
a

t t ! ! l l l l l l l l l l l l l l !

t t l l l l l l l l

Fig,2. lnterleaved processrng scheme for the digital filter
Two complete filter computations are pertormed during each
input sample period: one for the first filter stage, and one for
one of the downstream filters according to this example
schedule
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stage. In addition, the downstream fi lters in the cas-
cade compute at  reduced sample rates,  fur ther
simplifying computational requirements.

Interleaved Multiplications
In the final f i l ter design, a cascade of eight f i l ters in

series is used with the output selected from any of the
eight. Each fi l ter stage is allowed to compute either a
decimation by two or a decimation by five, giving
overall decimation ratios of 2- x So where m * n <8.
This easily satisfies the requirement for the 14 fre-
quency spans with decimation ratios ranging from 1
to 25000.

An interesting aspect of this fi l ter structure is found
upon examination of the total computational re-
quirements. Consider the case where all eight f i l ters
are each performing a decimationby 2. The first filter
computes at the input sample rate. The second fi l ter,
however, needs to compute at only one-half the rate
because of the sample rate reduction. In l ike manner,
the third filter computes at one-fourth the rate, the
fourth at one-eighth the rate, and so on, forming a
geometr ic  ser ies,  1,+y2+y4+yB*. . . . . , that  converges on
2. This means that the total computational require-
ment of all eight filter stages can be satisfied by a
single processor operating at twice the rate required
by the first f i l ter stage. Actually, hardware is needed
for only one fi l ter stage. The processor has eight
channels of memory to store intermediate states of the
fi lters but only one set of arithmetic hardware. Fig. 2
il lustrates how the processing steps are scheduled so
the eight f i l ter stages can timeshare the hardware.

l lR or  FIR?
Much has been written in the l iterature about the

virtues of both IIR and FIR filters. The primary differ-
ences between these two classes of filters as far as
decimation is concerned are l isted below in Table 1.

Evidently the advantages of FIR fi l ters have resulted
in more decimation fi l ters being implemented with
FIR approaches than IIR, but in our case the necessity
to implement the fi l ters in LSI required some special
considerations.

Table I

FIR IIR

Only need to compute at Must compute every input
output rate

Linear phase
More storage

More coefficients
Less noise/bit

sample
Not l inear phase

Less storage

Fewer coefficients
More noise/bit

4-Bmult ip l icat ions/ input  B- l2mult ip l icat ions/ input
N:16 to 38/per stage 5th ord'er structure/per

stage

In making the choice between FIR and IIR, Iet us
consider the elements that require chip area in an LSI
digital f i l ter. By far the largest consumer of chip area
would be the multipliers. For example, a 12x16-bit
multiplier requires nearly 106 square micrometres of
chip area. A second consumer is memory. Dynamic
memory takes less space than static, and serial shift
registers take much less space than random access
memory.

A third large consumer of chip area is interconnect.
We have found that about 40% of the area of most LSI
chips is devoted to simply interconnecting the vari-
ous active devices. Serial arithmetic structures bring
an advantage here since only a single interconnect is
needed to transfer a 24-bit word. This, however, is at
the expense of the total transfer t ime.

We chose to use serial arithmetic to minimize inter-
connects, and dynamic shift-register memory. How-
ever, the key element by far in our design strategy
became the multipliers and associated coefficients.

What is a
Digital f i l ter ing is a computational process or algori thm by

which a sampled signal or sequence of numbers, act ing as an
input, is transformed into a second sequence of numbers cal led
the output The computational process may correspond to
high-pass, low-pass, bandpass, or bandstop f i l ter ing, integra-
t ion, dif ferentiat ion, or something else, The second sequence
can be used for further processing, as in a fast-Fourier-
transform analyzer, or rt  can be converted to an analog signal,
producing a f i l tered version of the original analog signal

The digital approach offers many advantages over analog
aoproaches:
o Changes result ing from variat ions in component values-

normally associated with f i l ter capacitors and resistors as a
result ol temperature or aging-are non-existent

o Periodic cal ibrat ion is el imrrlated
o The performance from unit to unit  is stable and repeatable
r Great f lexibi l i ty is avai lable since f i l ter response can De at-

Digital Filter?
tered by changing ari thmetic coeff icrents

r Arbitrari ly high precision can be achieved, l imited only by the
number of bits involved

o Very small  size, low power, and low cost are possible by
Ia rnc-sca lc  in tpnra t ion

An Example
Let us consider the fol lowing practical si tuatron. the need to

reject very skong 60-Hz interference contaminating a 1O-Hz
signal of interest The obvious solut ion is to bui ld a bandstop or
notch f i l ter that rejects the 60-Hz component while passing the
'10-Hz signal with l i t t le or no alterat ion

First a famil iar analog RC notch f i l ter wi l l  be examined A
commonly used RC notch f i l ter network is the "twin-T" shown in
Fig 1 (next page) This famil iar network derives i ts bandstop
characterist ics from a pair of transmission zeros located in the
s plane on the imaginary axis at 60 Hz l t  also has two poles on
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the negative real axis, but they hardly affect the bandslop
characterist ics Applying the waveform shown in color in Fig 1
to the notch f i l ter results jn the output shown jn biack As can be
seen, the twin-T circuit  rejects al l  of the 60-Hz interference and
leaves  the  des i red  10-Hz s igna l

Changing the center frequency of the notch requi res changes
in the values of al l  three capacitors, al l  three resistors, or the two
shunt elements, R' and C', together The posit ion and depth of
the notch is very sensit ive to parameter changes in the compo-
nents of the twin-T, so precision components must be used in
bu lding the f i l ter i f  good relect ion at exactlv 60 Hz rs ro De
marnlarneo

The Digital Filter
The digital f i l ter solut ion to this problem is simple yet lust as

effect ive as the l inear f i l ter and is considerably more f lexible ln
thrs case the input srgnal is sampled by an analog to digital
converter at a rate of 500 samples per second That is, the input
signal level is measured at rntervals of 2 ms and the result forms
tne Input sequence to our digital f i l ter

Fig 2 shows the digital counterpart to the twin-T notch circurt
Th is  f i l te r  i s  made us ing  two reg is te rs ,  a  d ig i ta l  mu l t ip l ie r ,  and a
3-input adder As the dif feren6s p,quation in Fig 2 shows, the
current output samp]e word [y(n)] js formed by summrng the
cur ren t  inpu t  sampie  word  Ix (n )J  w i th  the  prev ious  input
lx(n - 1 ) l  mult ipl ied by the constant - 1 46, and with the second
previous input [x(n-2)J When this f i l ter is fed sample words at

0

-20

-40

10  Hz 60 Hz
Frequency

Input  Signal

/Output Signal

a rate of 500 sample s, 60-Hz components in the analog inpul
signa wil l  be el imin ed from the regenerated analog output
srgnal

Just as the Laplace translorm can be used to analyze l inear
f i l ters, the z transform can be used to analyze digital f i l ters The
Ii l ter shown in Fig 2 derives i ts bandstop characterist ics from a
pair of transmission zeros located in the z plane on the un i t  circle
at a point corresponding to 60 Hz No poles are indicated in this
transfer function, but these can be implemented when oestreo

Fig 2 also shows two cycles of the sampled 10-Hz input
signal ( in color) which is contaminated as before by 6O-Hz
interference Passing this input sequence through the digital
bandstop f i l ter results in the output sequence shown in black l t
is evident that the f i l ter has rejected al l  of the 60-Hz interference
leav ing  the  des i red  10-Hz s igna l  ( l t  i s  a  s imp le  exerc ise  on  a
calculator or computer to generate this input signal and com-
pute the output sequence y(n) according to the dif ference equa-
t ion shown in Fig 2)

One advantage that the digital f i l ter has in this appl icat ion is
that the posit ion and depth of the bandstop notch wil l  remain
constant and wil l  not dri t t  with temperature or age

The notch center frequency can be changed in two ways The
first way is simply to change the mult ipl icat ion coeff icient For
example ,  chang ing  the  -1  46  coef f i c ien t to  -1  62  changes the
notch center trequency to 50 Hz

The second way is to change the sample rate In this part icu-
lar example, the notch center frequency is 12"/" of the sample
rate Beducjng the sample rate to 417 Hz reduces the notch
center to 50 Hz

In summary, Ior certain appl icat ions digital f i l ters offer advan-
tages in lerms of f lexibi l i ty, stabi l i ty, and simplici ty of control
when compared to their analog counterparts

x(n)
Input

x (n -2 )

Sequence

y(n) Output Sequence
y(n)=x(n)-1.46 x(n-  1 )+x(n-2)

H(')= 
xISi 

= 1 - 1.462- 1 + z-2

dB

0

-20

dB

-40

+ 1

o

i o

- 1

Fig .2 .
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With reference to Table I, we found that FIR filters
require fewer multiplications but these involve more
coefficients. IIR fi l ters require less storage but longer
coefficients. Linear phase was not of prime impor-
tance because the analyzer would have the abil ity to
correct for both gain and phase after the FFT analysis.

To achieve the required multiplication rate with
NMOS ci rcui ts ,  several  mul t ip l iers operat ing in
paral le l  would have to be inc luded on the chip.
Minimizing the number of coefficients that each mul-
tiplier had to work with would further simplify the
circuitry. Some further space-saving developments
with respect to IIR coefficients, to be described next,
occurred. Thus an IIR fi l ter design was chosen.

Coefficients
The usual binary coefficients can be represented by

the expression:

B 1
a :  )  x ; 2 r ,

i : 0

a weighted sum of B powers of 2 where the weights, x,
or bits as we know them, can take on the values 0 or 1.

Another  method of  represent ing coef f ic ients,
called canonical signed digits (CSD), allows the bits
to take on the values 0,  1,  and 1 ( -1) .  Dur ing the
1950's in the early days of computers, this code was
discussed in many publications with reference to fast
multiplication.l

It has been shown that for any integer X, there exists
a unique representation in CSD code in which no two
consecutive bits are non-zero.1 Furthermore, the CSD
representotion hos the leost number of non-zero bits.
For example, decimal 31 becomes 01,L'1,'1,1, in binary
but in CSD it is 100001-only two non-zero bits as
compared to five in binary.

It can be shown that CSD representation generally
requires 33% fewer non-zero bits than binary. This bit
minimization feature of CSD was very important to
the realization of the LSI fi l ter. Consider the operation
of multiplication. Although there are many multipli-
cation algorithms, the fundamental technique in-
volves shift ing and adding. CSD requires fewer addi-
tions than straight binary because an add is needed
only for the non-zero bit positions in the multiplier
word. Although using a CSD multiplier and a binary

Fig. 3. Comparison of discrete
values between 0 and 2 available
with 7-bit binary code and with
canonical-signed-digit code lim-
ited to three or f ewer non-zero bits

multiplicand requires a capability for subtraction,
this is just as easy to do as addition. (These techniques
result in mathematical operations closely related to
the well known Booth's algorithm for multiplication.)

This bit-minimization feature along with further
developments to be discussed allowed the implemen-
tation of separate multiplier circuits for each of the 12
coefficients in the filter structure,

Modified CSD's
Further reductions in multiplier complexity are

possible by l imiting the number of non-zero bits in
each CSD word to three, a representation we chose to
call sparse canonical signed digits. This means, of
course, that certain values cannot be represented.
However, it turns out that this is not a severe restric-
tion. Fig. 3 indicates all the CSD numbers with three
or fewer non-zero bits available between the values of
0 and +2 compared to 7-bit binary (fractional powers
of two are present and restricted to no smaller than
2 

-6). 
An identical set exists for the range - 2 to 0. Most

IIR digital f i l ters are designed using second-order
sections having coefficient values between *2 and
-2, a result of the necessity to keep the poles and
zeros on or within the unit circle in the z plane. Thus,
very few coefficient values would be missed by using

Y(n)=x(n)+a y(n-  1)+b y(n-2)

H(z) = r-t:l-bz= =i€i

Poles at rel io

Where r =VF

e="o"-'(;fr)

Fig. 4. Second-order canonrc digital filter section The boxes
labelled z-1 are storage regisfers that delay output sample
words by one sample peilod
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CSD code restricted to three non-zero bits.
Let us now examine the distribution of poles avail-

able with sparse CSD in a fi l ter design. Fig. 4 indicates
the configuration of a second-order canonic digital
f i l ter section (canonic meaning that this structure has
the least number of memory elements with respect to
other second-order structures; it also involves the
least number of multiplications).

The pole and zero locations can be found by sub-
stituting all possible sparse CSD values for coeffi-
cients a and b in the equations of the z-transform
transfer function in Fig. 4. Fig. 5a shows the location
of the poles in the first quadrant resulting from this
substitution. Since this analysis simply involves find-
ing the root positions of a second-order polynomial,
Fig. 5a also shows the location of available zeros.
Zeros useful for shaping the stop band of the fi l ter all
fall on the unit circle. The missing bands correspond
to the missing digits in sparse CSD, as indicated in
F ig .  3 .

In this analysis the number of non-zero digits was
restricted to three and the maximum shift positions to
eight ,  g iv ing the least-s igni f icant  d ig i t  a  weight  of
+2-7 . The density of pole locations can be increased
by a l lowing more shi f t  posi t ions.  F ig.  5b shows the
result of allowing an additional shift position but
sti l l  only three non-zero bits, where the least signifi-
can t  d ig i t  has  a  we igh t  o f  *2  -8 .

Which Poles and Zeros?
The problem now was to find appropriate fi l ter

transfer functions using the available pole and zero
positions of Fig. 5b. An iterative procedure was used.
Init ially, a prototype analog fi l ter was selected from
one of the fi l ter design handbooks. Using the bil inear
z-transform, the transfer function H(s) of this fi l ter
was converted to H(z). Then, with the aid of an HP

Fig.5. (a) Discrete potes realiza-
ble with 9-bit canonical-stgned-
dtgit code limtted to three non-zero
bits in the filter of Fig 5 (b) Poles
realizable with CSD code hmited to
three non-zero bits when nine shift
posltlons are allowed

2100 disc-based computer system, the pole positions
of the z transform were iteratively adjusted to the
neighboring sparse CSD positions of Fig. bb and the
resulting frequency responses evaluated. The optimi-
zation strategy was directed towards keeping the
stopband re ject ion to greater  than B0 dB whi le
minimizing the passband ripple. Equal positive and

Fig.6. Transf er f uncttons of the decimation fitter selected with
the help of a computer tterattve procedure The procedure
derived the functions usrng pole-zero posillons selected f rom
those plotted tn Fig 5b
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negative excursions of the ripple were desired in both
the pass- and stopbands.

This procedure resulted in finding sparse CSD coef-
ficients that contain an average of 1,.7 non-zero bits
(2.3 for  poles,  1.1for  zeros) .  This  compares to the 4 to
7 non-zero bits that normally would be required for
conventional binary.

The chosen transfer functions are shown in Fig. 6.
The decimation-by-5 fi l ter requires a fifth-order ell ip-
tic algorithm having five poles and five zeros and the
decimation-by-2 fi l ter uses a fourth-order ell iptic al-
gorithm. Although the latter has a less-than-optimum
transfer function, it was chosen for reasons to be
expla ined later .

Scaling and Word Lengths
Two other items were considered as an integral part

of the design of the fi l ter structure. One concerns
overflows at the internal summing nodes. Not only
does an overflow cause distortion in the output, but in
recursive digital f i l ters an overflow can cause the
fi lter to go into an oscil latory mode that is sustained
by repeated overflows. Called overflow oscil lation, it

is  wel l  documented in the l i terature.
The usual  way of  deal ing wi th th is  problem is  to

scale the s ignal  levels  between f i l ter  sect ions to keep
the arithmetic values within bounds. The scale fac-
tors can be included as part of the feed-forward coeffi-
cients that define the zeros. We chose the so-called
safe scaling, a conservative approach wherein the
theoretical maximum value attainable at each node is
determined and the scaling factors are adjusted to
keep these values within bounds. Other strategies are
available but they require additional overload detec-
tion and limiter circuits to prevent oscil lations. Safe
scaling also insured that no input signal regardless of
shape or  crest  factor  could cause over loads in  the
internal structure of the fi l ter.

Secondly, analysis of the effects of rounding or
truncation played a fundamental role in the design.
For example, a 27-bit product results from multiply-
ing a 16-bit data word by a r2-bit coefficient. Ordinar-
i ly ,  the product  would be t r immed back to 16 b i ts  to
conserve storage and chip area but internal noise is
generated in fi l ters at every point where this trim-
ming occurs. These noises are summed at the output

F ig .  7 .  B l ock  d i aq rao t  o f  t he
se/ecled f r l ter  Thrs one structure
is t tmeshared by the etght  impl ied
filter secilaDs Erclht channels ot
m e n l A t y  t , t  - d '  1 t  t  h l A - L  > l o t e

results trorn the vatous f i l ter sec
i lon conlpt l tai lons
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to form the total self noise of the filter. Analysis and

simulation showed that to keep this self-noise at an

insignificant level compared to the signal, an in-

tersiage word length of zt bits would be required'

Optimum Structure
The final structure of the fi l ter is related to both the

self noise and the scaling. The decimation fi l ter has

two second-order zeros' two second-order poles, one

first-order zero, and one first-order pole' We chose to

implement the fi l ter as three cascaded sections: two

second-order and one first-order.

The relative positions of these sections can be per-

muted within the fi l ter structure, and the poles and

zeros can be paired in many combinations' The rela-

tive noise-power figures for the various permutations

were derived theoretically (and verified once the fil-

ter was completed). The quietest structure could then

be determined. Actually, the next-to-quietest struc-

ture was chosen instead of the quietest because the

simpler coefficients used with the non-optimum

decimation-by-2 algorithm, mentioned previously'

could be formed as a subset of the decimation-by-5

coefficients. This allowed a single processor to be

used for both the decimation by 2 and the decimation

by 5. Savings in chip area was the reason for this

decision.
The resulting arithmetic structure is shown in Fig' 7'

The two second-order sections are followed by the

first-order section. The multiplier at the fi l ter input

multiplies the rz-bit ADC output with the 16-bit

"Iocal oscil lator" sample to perform the frequency

translation for band-selectable analysis (zoom)'

The data word length is zt bits. Of these, 17 bits are

necessary for a single fi l ter's operation, an average of

1% bits are necessary for the combined insertion loss

of the eight cascaded fi l ters, and 11/, bits compensate

for the accumulated self noise. One bit is added for

operations in the cascade'

Software Emulation
A bit-for-bit model of the fi l ter structure was pro-

grammed in software and exercised extensively on

ihe computer to determine the fi l ter's true perfor-

mance. Roundoff noise was studied and it agreed

with predicted performance. Overloading was tested

with worst-case inPuts'
Probably the most important outcome of this por-

tion of the design was the discovery of small signal

l imit-cycle problems. These are non-zero outputs

even though the input is zero, a consequence of the

truncation or rounding of the results of arithmetic

ope ra t i ons .  S ince  the  no rma l  samp le - to -samp le

"hu.rg", 
in the fi l ter input are large compared to the

.onrrJit g error, the effect is simply the addition of

.noise,  as prev iously  d iscussed.  The l imi t -cyc le non-

zero outputs can be either a constant value (dead-

band), or oscillatory in nature and they are rn'ell-

documented in the digital-f i l ter l i terature'

During early investigations of the fi l ter algorithms,

analysis indicated that the data word lengths were

sufficient to keep the limit-cycle amplitudes at ac-

ceptable levels. However, in experiments with the

,oitrtur" model, more severe l imit cycles appeared'

Investigation revealed that several f i l ters in the cas-

cade would l imit cycle in a "synchronous" manner

such that the l imit-cycle output of the last f i l ter in the

cascade was well above the noise level.

Rather than increase the data word length to reduce

the l imit cycle amplitude, we chose to inject a low-

cont""t{_i

Oiflusion+

Fig. 8. Shlft reg rster memory cell used rmplementa-

tion of the digital filter' A bit is stored tn caPacttance

C1 when ctock 4B occurs,andit istan capacitance

C2 on clock 61
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Ievel dither signal into the rounding input of the
summation nodes of the two second-order sections.
The dither variance is sufficient to break up the l imit
cycles but low enough to be invisible compared to the
signal. As a further precaution, the dominant spectral
energy of the dither signal was placed in the fi l ter's
transition band.

Hardware Simulation
The digital f i l ters were then simulated in hardware.

This required about 450 TTL IC's per fi l ter, this many
being required because the simulated fi l ters were de-
s igned to be as c lose as possib le to the proposed LSI
design. Many of the details and problems of the dis-
tributed control and timing system were debugged
and improved with the aid of these fi l ters. AIong with
the debugging performed with the software model,
this proved the integrity of the design before the LSI
design was complete.

The simulated fi l ters also enabled lab prototypes of
the spectrum analyzer to be built and evaluated long
before the fi l ter LSI fi l ter chips became available.

LSI lmplementation
The final design was implemented in LSI with the

Hewlett-Packard NMOS-II process.2 Typical of the
kind of circuits used is the one-bit memory cell shown
in Fig. 8. This design was chosen because it uses less
chip area and loads the clock less than other designs.
Twenty-eight of these are cascaded to form each of the
eight  c i rcu lat ing shi f t - regis ter  memor ies in  each
delay element shown in Fig. 7. These registers oper-
ate at a 6-MHz clock rate.

Fig.9. Digital filter chip contatns about 16,500 transistors and
measures 4 73 x5 27 mm

Other circuits on the chip include full adders,
counters, R-S fl ip-flops, D-latches, ROMs, and as-
sorted logic gates. A key element in the design phase
was the inclusion of about seventy-five 20pm-square
test pads at crit ical points. During the debug phase,
digital sequences at these points resulting from a test
input were compared to sequences generated by the
software simulator. Debugging could therefore be
performed in a manner similar to signal tracing. This
saved a substantial amount of t ime during the chip
turn-on phase.

The final chip is shown in Fig. 9. Of special interest
here are the areas devoted to multipliers. All of the
arithmetic required to perform the decimation-by-2
and decimation-by-5 algorithms is located in the
central portion of the chip. They perform the equiva-
lent of 13 multiplications every 5 trrs, using the sparse
canon i ca l  s i gned  d ig i t s .  By  con t ras t ,  t he  i npu t
"mixer" (multiplier) at the lower left of the chip is of
standard design, it performs one 1,2 x 16 multiplica-
tion every 5 trr,s.
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Desktop PlotterlPrinter Does Both Vector
Graphic Plotting and Fast Text Printing
This HP-lB desktop hardcopy unit has a bidirectional
paper drive for long-axis p/ots and unattended plotting.
It offers user unit scaling, graph rotation, printer capabilities,
seven dashed-line fonts, English and European character
sefs, and user-definable characters.

by Majid Azmoon, Jaime H. Bohorquez, and Rick A. Warp

t fOST PEOPLE WHO NEED HARD COPIES of
IVI computer-generated data use two separate in-
struments, a vector plotter for graphics and a printer
for reports or program listings. Now there is a cost-
effective alternative. A new microprocessor-con-
trolled desktop hardcopy unit, Model 7245A Plotter/
Printer (Fig. f), has both capabil it ies. Thus it can not
only replace two separate inst ruments,  but  a lso
imbed text in graphics and combine reports and plots
on a s ingle sheet  of  paper (F ig.  Z) .

Operating as a plotter, the 7245A has most bf the
features of Models 987 2 A and z zzt AX-Y Plotters. 1'2'3

These include absolute and relative plotting, internal
d rawn-cha rac te r  gene ra t i on  f o r  l abe l i ng  p lo t s ,
dashed-line fonts, and point digit izing. Five drawn-

character sets are standard. The plotter/printer also
has automatic page advance. long-axis plotting capa-
bil ity, and user unit scaling. Option 001 adds circle
and axis generation.

In addition to these plotter features, the 7245A
operating in plotter mode can print 7xg and 14xg
dot-matrix characters in four orthogonal directions
for fast plot labeline (Fie. 3J. In fact, it can do every-
thing in plotter mode that it can do in printer mode, as
described in the next paragraph, except that it cannot
do tabbing in plotter mode, and the interface lan-
guage is different. Operating as a plotter, the 7245A
accepts instructions over the HP Interface Bus* in
HP's standard graphics language, HP-GL (see box,
.The HP-lB is Hewletl-Packard's implementation of IEEE standard 488-1975 (ANSI standard MC1 1)

Fig .  1 .  Mode l  72454 P lo t te r l
Printer combines the f eatures of a
fast thermal dot matrix pilnter with
the capabilities of an X-Y plottel
that can produce long-axis plots
Its 61-metre roll of paper allows it
to operate unattended for long
petiods



E i t h e r  o f  t h e = a  F  D  b ' l T  .

I
7

3o

t
JO

-q
-t

I

o
q

JI
l no t { l r f t  Jo  

. qFJ |

Fig.3. For fast plot labeling, the plotterlprinter can ptint dot
matrix chatacters in four orthogonal directions

132-column font and the abil ity to reproduce a 72o-
bit-wide raster-scan picture from the HP-IB (Fig. +).
Standard dot-matrix character sets include a 728'
character ASCII set and special characters for six
European languages.

The 7245Ahas a bidirectional paper drive that can
produce plots as long as five metres and return to the
starting point from any point in any direction with a
repeatabil ity of o.zs mm. The highest plotting speed
is 0.25 m/s (10 in/s) on each axis. A moving thin-fi lm
thermal printhead serves for both matrix printing and
vector plotting. The thermally-sensitive paper comes
in rolls 61 m [200 ft) long, adequate for many unat-
tended applications. Self-test features and a 120-
character buffer are built-in.

Model 724l[Plotter/Printer is expected to find ap-
plications in engineering design, production testing,
data acquisit ion, process monitoring, and business
and medical plotting.

Design Considerations
The perceived applications for a product with both

printing and plotting capabil ity demanded consider-
able mechanical capability. In a production test envi-

Fig. 2. The plotterlprinter can imbed text in graphics and
combine reports and plots on a single sheet of paper, Plots
can be labeled with either drawn charactets or dot matix
cnaractets

page 26). In this respect, i t  is software compatible

with the 9872A.
Operating as a printer, the plotter/printer accepts

standard ASCII l ine-printer codes for such functions

as form feed, font change, and control of margins and

tabbing. It prints 7x9 dot-matrix characters at 38
characters per second. Characters can be underlined
while they are being printed, and 88 columns can be
printed across the 216-mm-wide paper. A larger 14 x 9
dot matrix is used to print titles at 19 characters per

second in a 44-column format. Option 001 adds a
Fig,4, Option 0O1 adds the ability to reproduce a raster scan
CRT display from the HP lnterface Bus
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Plotter/Printer Interface Languages: HP-GL and ASCII
by Michael P. Trego

The standard 7245A PlollerlPrinter is interfaced via the HP
Interface Bus, or HP-IB (IEEE standard 488-1975), and de-
codes incoming eighf bit  data in two modes In plotter mode the
data consists of ASCllt  characters forming a language cal led
HP-GL (Hewlett-Packard Graphrcs Language) In printer mode
the data are also ASCII characters decoded as a l ine printer
would lor fast character print ing with escape sequences used
for control functrons l f  Option 001 is instal led a raster function
may be accessed through the printer mode with addit ional
escape sequences The raster function al lows control ol a720-
bit-wide picture
r The Plotter/Printer function is control led by two methods:
r  T w o  l i s t e n  a d d r e s s e s :  T h e  r e a r - p a n e l  H P - l B  a d d r e s s

switches select the plotter address and the printer address is
the next higher address

r Escaoe seouences: Al l  data is sent to the address selected
by the rear-panel address switches To enter printer mode
send.

e s c % @
To leave printer mode (return to plotter mode), send:

e s c % A
HP-GL

The Hewlett-Packard Graphics Language, or HP-GL, came
rnto being when the 98724 X-Y Plotterl  was in the planning
stage The new plotter was to have the capabil i ty to send data
as well  as to receive i t  This would make possible such mea-
surement functions as point digit izing The HP-lB was chosen
as the inpuvoutput system The project offered an opportunity to
create a new graphics language Requirements lor the lan-
guage were:
r That the elements of the language be ASCII typing charac-

ters for ease of calculator or computer generation and for
ease of debugging at the interlace

r That commands be in some mnemonic form for ease of
remember ing  and ye t  be  cons is ten t  w i th  min imiz ing  the
number of transmitted characters

r That the number of commands be expandable for use in
tuture producls

r That default condit ions be as consistent as oossible
One-letter instruct ion mnemonics did not permit enough in-

" ASC L : Amerrcan Standard Code for nformatton lnterchanoe

structions Three-letter and variable-length mnemonics gave a
good representatron of words, along with a large number of
combinations for instruct ions, but were dif f icult  to store and
parse in a 16-bit  processor Fixed-length, two-letter instruct ions
seemed to be an optimum compromise in that they gave fair
representation, were well  surted to processing in a .16-bit  ar
chrtecture, and provide over 600 combinations for instruct ions
A choice of upper or lower-case representation was added for
ease of software generation in some desktop computers

Commas for del miters and ASCII numbers for parameters
are commonly used and therefore seemed natural for HP-GL
An "end-of command" symbol was necessary because of the
variable number of parameters in some of the commands This
was specif ied as a semicolon or l ine-feed, because l ine-feeds
are often generated automatical ly in desktop computers and
the semicolon is a familar typing character

7245A Plotter Language
The plotter language tor the 7245A Printer/Plotter was to be

compatable with 98724 HP-GL and add scal ing capabil i ty
These goals were met by expanding the parameter format to
include f loating-pont numbers and adding the scale instruc-
t ion A rearpanel switch is used to set either 98724 mode when
scahng rs done external ly or scaled mode for internal scal ing

A l ist of the HP-GL commands for the two machines is given in
Table 1 HP-GL is intended to be an expandable language As
new products use the language, new instruct ions can be
created and parameter definit ions specif ied to f i t  the need The
72454 is a good example New instructrons such as ec (page)
and sc (scale) were added

Parameters for the 98724 are required to be in two ranges,
+32767 ot +127 99, because of the 1 6-bit  internal representa-
t ion The 72454 expands the range of the parameters to
+1x10ies with i ts internal f loatrng-point representation The
7245A also has some two-letter parameters, for example, en
100,300,11;, where rL means lower left  Yet the 72454 is compati-
ble with the 98724
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Table 1. 98724 and 7245A HP-GL Instructions

BP

C I

C P

DC

DF

D

D P

D R

D T

D U

E M

I M

N

L8

L E

LO

OA

OC

OD

OE

O F

o l

oo
O P

O S

PC

PD

PG

PF

RC

a a
a a
a a

a
a

a a
o

a a
a a
a a

a
a
a

a a
a a
a a

a
a a

a

Input  P1 and P2
Input window
Label
Label enhancement
Label oflgrn
Lrne rype
Output actual positron and pen
Output  current  posi t ion and pen
Output  d ig i t ized pornt  and pen
Output  error
Output scale factors
Output  rdentr f icat ion
Output  opt ions
Output  P1 and P2
Output status
Plot absolute
Posrtion cursor (PA)
Pen down
Page
Plot relative
Pen up
Read cursor posrtron & pen (oA)

R M

SC

S I

S L

SN,i

S P

S R

S S

T L

UC

V N

VS

XT

YT

a
a a

a
a a
a a
a a
a *
a a

o

Read memory
Select alternate character set
Scale & rotation
Absolute character srze
Absolute character slant
Symbol mode
Select pen
Relative character size
Size user uni ts
Tick length
User detined character
Adaptave velocity
Normal velocrty
Velocity selection
Write memory
X axrs
X-axis t ick
Y axrs
Y-axis t ick

a
a
a
a
a

a
a

a
o

a a
o

a a
a
a

a
a
a

NOP instruct ion
In optron only

T-98724 X-Y Plotter

I a7245APlotter/Printer
i t

o
a -

o
a

a a
o

a a
a a
a a
a a
a a
a a
a o

a
o
a

a a
a a

Arc absolute
Automatic pen pickup
Arc relative
Beep
Designate alternate set
Circ le
a h r r r ^ ! a r  n l ^ l

Designate standard sel
Drgi t ize c lear
Defaul t  values
Direction Absolute
Digi t ize pornt
Direction relative
Define terminator
Direct ion user uni ts
Enable memory
Input  mask
In r t ra l ize
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ronment, for instance, an unattended plotting capa-
bil ity is desirable, so the characteristics of a product
can be reported and plotted, then automatically re-
peated for the next product. This requires the abil ity

to advance pages automatically. In making Gant

charts for project management, plots may be many
pages long to account for the many time periods in-

volved, and this requires a machine that can make a
plot with one very long axis. It also means that the
machine must be able to return to a given position on
the plot from perhaps three meters away with the
same accuracy as if i t had come from 20 mm away.
These requirements for unattended and long-axis
plotting put significant constraints on the develop-
ment of the paper drive for the 7245A.

In developing the 7245A Plotter/Printer and the
9872A and 7221.A X-Y Plot ters,  many p ieces of
technology development were shared. For instance,
the step motors and the microstep drive used in the
7245A are identical to those used in the 98724 and
the 7221A.a The microprocessor systems are the
same, and the language is the same as the 9872A's,
with some extensions to account for the increased
capabil ity of the 7245A.

In addition, some new technologies were required
for the dual capabil it ies of printing and plotting. A
thermal printhead was developed to achieve both the
plot t ing qual i ty  demanded and a pr int ing speed
reasonable for the applications. It was also esserttial
that a bidirectional paper drive be developed to pro-
v i d e  t h e  I o n g - a x i s  a n d  u n a t t e n d e d  p l o t t i n g
capabil it ies.

While the plotter/printer is a vector device when
plotting, it is a raster device when being used as a
printer. That is, it prints horizontal rows of dots on the
paper to form characters, L2 rows at a time. This
capabil ity can be generalized to any dot-matrix in-
formation. With Option 001, the 7245Ahas the abil ity
to accept general raster information from the HP-IB.
The first products to make use of the 7245A in this
mode are the HP 2647 A and 2648A Graphics Termi-
nals.

With the increasing number of instruments that
have built-in intelligence, the question arises whether
an instrument can drive a graphics device on the
HP-IB without any other controller in the system. The
7245A provides for this with a l isten-only mode. The
instrument need only send the appropriate graphics
commands in HP-GL Io I]ne 7245A. It does not have to
address the 7245A as a l istener on the HP-IB. This can
significantly decrease the cost of the customer's solu-
tion, since no controller is needed to do plotting. The
7245A's scientif ic input format and internal scaling
capabil ity enhance the usefulness of this feature.

Thin-Film Plotter/Printer Printhead
The 7245A Plotter/Printer uses a single thin-fi lm

printhead for dot-matrix printing, vector plotting,
and drawn characters. Heat generated when thin-fi lm
resistors are energized is applied to areas of heat sen-
sit ive paper, causing a reaction that changes the color
of the paper at the point of applied heat. By constant
application of heat, continuous l ines can be produced

to form drawn characters or plotted l ines. If instead
the resistors are pulsed, independent dots can be
formed.

The 7245A prints a standard half-shifted 7xg dot
matrix character set. By printing each vertical row
twice, a 14x9 matrix font is generated that can be
used for printing tit les. The expanded font is of the
same height, but twice the width of the standard
characters, giving the printing a bold appearance.
Expanded characters can be printed at 1.9 characters
per second and standard characters can be printed at

38 characters per second. Option 001 adds a 132-
column 5x7 dot matrix character set printed at 64
characters per second.

Text can be printed in any of the four orthogonal
directions with or without underline. An example of a
Iower-case s,  under l ined to show or ientat ion,  is
shown in Fig. 5. The configuration of the text printing
resistors is shown in the center of Fig. 5. This array is
the equivalent of a diagonal l ine of resistors and is

used because a true diagonal l ine was diff icult to
reproduce photolithographically. An array of this
type allows the resistors to be placed without an ap-
parent gap between resistors. The diagonal array al-
lows text printing in two directions, and by appro-

Fig. 5. Dol matrtx printhead res/stors are arranged tn a
diamond pattern to altow printing in any of the four orthogonal
directions, with or without underline
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priate addressing of the print elements, text can be
printed in four directions.

The design of the thermal printhead was dictated
by several requirements. The primary requirement
was for the printhead to be capable of high-quality,
fast ,  h igh-accuracy p lot t ing.  To achieve a h igh-
quality plotted l ine, the heat element has to have high
and constant heat transfer to the surface of the paper.
High thermal efficiency guarantees that, during con-
tinuous plotting, the printhead assembly temperature
does not rise above the thermal paper threshold.
These requirements for the plotting element are met
by using relatively thick thermal insulating material
(glass) to support the thin-fi lm resistors.

A secondary requirement was for the thermal
printhead to be capable of fast text printing. To print
dot-matrix characters quickly the thermal time con-
stant of the print resistors has to be very short. This
requirement for the matrix printing elements calls for
a very thin glaze that allows rapid heating and cool-
ing of the printing elements. Early in the project the
decision was made to assure that the 7245A was an
excellent plotter even at the sacrifice of very fast text
printing. The glaze thickness was selected to achieve
a high-quality plotted l ine with acceptable printed
text.

As shown in Fig. 6, the thin-fi lm printhead has an
alumina (aluminum oxide) substrate 10 mm by 16
mm. The substrate is 1 mm thick and is coated with 70
micrometres of glass as the insulating layer. The glaze
is etched to leave raised areas that act as mesas for the
thin-fi lm resistors. The 10-micrometre-high mesas
improve the contact between the heating elements
and the surface of the paper. The resistor f i lm (tan-
talum aluminum) and the conductor f i lm (alumi-

Fig.7. Photograph of the thermal printhead, showing the
array of dot matrix printing reslstors and the single, larger
plotting reslstor

num) are then vacuum-deposited by sputtering. Pat-
terns are etched using convent ional  photo l i tho-
graphic techniques. A protective layer of aluminum
oxide is sputtered to provide both chemical and
mechanical protection of the thin-fi lm printhead.

Fig. 7 is a photograph of the printhead showing the
array of dot-matrix print resistors and the separate
plotting resistor. Each printing resistor is approxi-
mately 340 micrometres square and the plotting resis-
tor is 450 micrometres square. Mounted on the print-
head is a clear plastic sight with crosshairs. This
cursor can be used to position the printhead with
pinpoint accuracy.

The thermal paper used by the 7245A employs the
two-component dye color reaction method of image
formation. The two component compounds are pul-
verized to a diameter of several micrometres, mixed
with a binder, and coated on the paper surface. The
completeness of the color-change reaction depends
on the temperature reached by the heat sensitive
layer. During plotting, the power to the resistor has to
be modulated as a function of velocity. To insure
rapid temperature rise, the power is increased during
init ial turn-on or during rapid acceleration.

Because of the compromise glaze thickness, a more
complicated method of power modulation had to be
used for the printing resistors. Each individual power
pulse is modulated to insure rapid temperature rise
without excessive surface temperature that might
prove damaging to the resistor elements. Modulation
of the power envelope minimizes the effects of the
gradual heating of the printhead assembly during a
continuous power pulse train. Print element power
modulation is shown in Fig. B. Two different modula-
tion time constants are used: ro is the individual
power pulse modulation time constant and z, is

Al Conductor (3 lrm)

TaAl Reli3tor
(0.08 pm) Character Dol

(3(X) pm)
Analog Dol
(400 pm)

7 F m

t-T

Resislance =25O
Power

Analog - 2.3 g
Character - 4.0 w

Temperature: 40(rC

Life:
Analog: 3.25 km
Characlei: 10 M

sro2 -l
Thermel lsolation 10 pm

Fig. 6, Cross-section of the thinJilm thetmal printhead
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the power envelope modulation time constant. This

type of power modulat ion has been shown to improve

print quality and printhead reliability.

Printhead Gimbal
One of the factors affecting printing quality is con-

tact between the head and the paper. Maintaining
good paper-resistor contact over a large area is a prob-
lem. Not only must all the resistors touch the paper,
but ideally each resistor should see an identical force.
The total force from all resistors is called the head
force.

A rubber roller can be compressed to provide a flat
area of contact, but the force gradient from center to
edge is very severe and print consistency is far from
adaquate. A flat platen, with perfect alignment be-
tween head and paper, could provide equal force on
each e lement ,  but  pract ica l ly  speaking,  per fect
a l ignment  is  very d i f f icu l t ,  i f  not  impossib le,  to
achieve.

In this machine the head is free to move in two axes,
thus making it self-align to a rigid flat platen. This
method has its own set of problems, because the rota-
tion or gimbal point is above the surface of the paper.
Friction forces produced by the head on the paper
introduce moments about the gimbaling point and
these moments are counteracted by an unequal force
distribution between head and platen (Fig. 9).

The ideal situation would be to have the gimbal

point on the surface of the paper. A four-bar linkage
can accomplish this, but involves quite a few moving
parts, creating manufacturing and reliability prob-
lems. The 7245A does not use a four-bar linkage.
Instead, the gimbal point is arranged as close to the
surface of the paper as possible and then the moments
about this point are minimized by offsetting the gim-
bal point from the center of the printhead. In this way
it was possible to optimize printing in the left-to-right
direction. Experimental compromises were then
made to obtain adequate printing in the other three
directions.

The optimum horizontal position for left-to-right
printing is computed as follows (see Fig. 9). Assume a
linear force distribution w(x), that is,

w(x) :  a*bx'

Equating vertical forces, the head force Fs is

(a+bx)dx

Balancing the moments about the gimbal point,

-Frd

f '
-Frd : |  1qt-*11a*+b)dx

Jo

where Fs is the friction force, d is the minimum possi-
ble distance from the gimbal point to the paper sur-
face, and 0<q<1. Solving for a and b, the coefficients

Head Force Fx

Fig.9. Printhead gimbal point location is optimized to main-
tain good paper-resistor contact and equalize the forces seen
by the individual print resistors

| " l  f l
Fn: lw(x )dx : l

to -o

: 
J 

o',ot-*)w(x)dx 
-/' t*-arlw(x)dx
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of the l inear force distribution,

6FHe 4Fn 6Frd
a : - -+ -+ -

l l l 2

12Ffd 12qFs 6FH
b : -  + -

13 12 12

For no force gradient, b : 0.

72Frd 12qFs 6Fu
+- - - : 0

13 12 12

Solving for q in this equation gives the optimum
horizontal position for left-to-right printing.

Bidirectional Paper Drive
The bidirectional paper drive represents a vital

contribution to this product. This technology, com-
bined with the thermal printhead, provides vector
graphics, long-axis plotting, and unattended plot-
ting, as well as high-quality printing.

For high-quality plotting and printing, a head force
of r50 grams is needed to maintain good contact be-
tween the printhead and the paper. This head force
gives the paper a tendency to buckle. In the 7245A,
the buckling problem is overcome by using a vacuum
system that tensions the paper uniformly in both di-
rections along the paper length.

One conventional means of moving a sheet of paper
is the friction drive, as in a typewriter. A similar
friction paper drive was investigated for the 7245A.
Essentially, this system consisted of two rubber roll-
ers driving the paper, a writ ing platen in the middle,
and a few spring-loaded idlers to keep the paper on
the rollers.

The problems encountered with this system were
reliabil ity of the drive in a wide environmental range
and accuracy and repeatabil ity in long-axis plotting.
Any side-to-side variations in a roller's diameter or
any variation in idler forces during the paper move-
ment created a tendency for the paper to move toward
one side or the other, resulting in gross inaccuracies
in long-axis plotting or complete failure of the drive.
To avoid this problem in a friction drive means
balancing a number of large vector forces, trying to
resolve them into a small force to cause the paper to
track precisely. This is extremely diff icult if not im-
possible to obtain in a wide range of environments.

Repea tab i l i t y ,  accu racy ,  and  re l i ab i l i t y  we re
achieved by using a sprocketed drive system driven
by a step motor (Fig. r0). This system has two sets of

sprockets, front and rear. The front set consists of two
sprockets and a stationary platen in the middle and is
driven directly for better accuracy. The rear set is a
sprocketed drum and is driven by a belt from the same
step motor. The two sets of sprockets are synchro-
nized to provide identical surface velocities.

The continuous sheet of paper wraps around the
bottom of the drum, then around the platen and back
to the top of the drum, forming a chamber in which a
vacuum is drawn by a centrifugal fan (Fig. 11). Re-
gardless of the direction of paper movement, the vac-
uum acts evenly on both sides of the platen, tension-
ing the paper uniformly to overcome the frictional
drag from the head force and the stationary platen.
The tension in the paper is l inearly related to the
vacuum pressure, which in this design is 0.2 inch of
water.

Changes in humidity and temperature markedly
affect the strength and dimensional stabil ity of paper.
This paper drive is capable of operating at 40'C and
95% relative humidity as well as at 40"C and tS%
relative humidity.

Paper movement on the stationary platen results in
enough friction to make the system over-damped.
Consequently, this axis of the drive, unlike the other
axis, does not need a mechanical damper to reduce
the  amp l i t udes  o f  r esonances .  The  mechan i ca l
damper used on the other (X) axis is the same as the
one used in the 9872A X-Y Plotter.a

When the sheet of paper is driven back into the
machine, it is stored in a paper chamber instead of
being rolled back onto the supply roll. Five metres of
paper can be stored in this chamber and driven out
and back manytimes. This mechanism is not so com-
patible with z-fold paper as with rolled paper, primar-

Sprocketed Drum

Fig. 10 Sprocketed drive system provides accuracy re-
peatability, and reliability The drive rs bidirectional; papet can
back up as much as five metes Repeatability is 0 25 mm f rom
any point in any direction
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and Beth Nidzieko transferred the process from HPL
to San Diego. Terry Siden and Tom Young of our
tool ing and process group logged many mi les and
hours obtaining tooled parts for the project. Their
expertise was vital. Pat Fobes became virtually a part

of the lab project team with contributions as our
product marketing engineer
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