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Wave fo rm Reco rd ing  w i t h  a  H igh -Dynamic -Pe r fo rmance  Ins t rumen t ,  by  James  L  So rden  
and Mark S. Al len A large memory and f lexib le t r igger ing capabi l i t ies complement i ts  tested,  

fu l ly  spec i f ied per formance.  

Des ign ing  a  Ten -B i t ,  Twenty -Megasample -per -Second  Ana log - to -D ig i ta l  Conver te r ,  
by Ar thur  S.  Muto,  Bruce E.  Peetz,  and Robert  C.  Rehner,  Jr .  Custom hybr id and in tegrated 

c i rcu i ts  accurate ly  sample and d ig i t ize  a  s ignal  in  for ty  nanoseconds.  

Measu r i ng  Wave fo rm Reco rde r  Pe r fo rmance ,  by  B ruce  E .  Pee tz ,  A r thu r  S .  Mu to ,  and  J .  
M a r t i n  t h e  R e a l i s t i c  d y n a m i c  t e s t s  a r e  t h e  k e y  t o  u s e r  c o n f i d e n c e  i n  t h e  q u a l i t y  o f  t h e  

recorded  waveshape.  

T ime  and  Requ i remen ts  f o r  a  Wave fo rm Reco rde r ,  by  S teven  C .  B i rd  and  Jack  A .  Fo l ch i  
T ime Ampl i tude ins tab i l i t y  causes the  t ime between samples  to  vary .  Ampl i tude er rors  are  

the result. 

D isp lay  and Mass Storage for  Waveform Record ing,  by  Chr is t ina  M.  Szeto  and Michae l  C.  
Det ro  This  waveform recorder  companion prov ides funct ions needed in  many appl icat ions.  

In this Issue: 
Suppose you're a manufacturer of  high-qual i ty f lash bulbs. I t 's  important for you to know 

just know and light output of your bulbs varies with time. You know the light doesn't appear and 
disappear instantly, because physical things never work that way. More l ikely, the l ight output 

I starts from zero, builds up rapidly to a peak, and then decays back to zero at some rate. But 
how do you f ind the exact  shape of  that  curve? 

I f  you ' r e  t he  owne r  o f  an  HP  5180A  Wave fo rm  Reco rde r ,  you  can  a im  the  f l ash  a t  a  
photoelectric detector that converts l ight to voltage, connect the voltage output of the detector 
to one of the 51 SOA's inputs, and fire the bulb. The waveform recorder will sample the detector 

voltage circuit an rate of 20 million times per second, convert each sample to a binary number using a circuit called an 
analog-to-digi tal  converter,  and store the numbers â€” up to 16,384 of them â€” in a digi tal  memory. I f  enough 
samples are taken, the waveform can be reconstructed from them. Since the samples are stored in a memory, 
the waveform can be reconstructed over and over again.  I t  can be displayed on a screen wi th the t ime scale 
expanded so you can see the shape of  the l ight  output curve, or  you can transmit  the numbers to a computer 
you 've programmed to  analyze th is  data.  

Examples obtained transient signals abound in industry, and waveform recorders to capture them can be obtained 
f rom severa l  manufac turers .  The major  cont r ibu t ion  o f  the  5180A,  HP's  f i rs t  waveform recorder ,  i s  tha t  i t s  
performance is not only very good, but is fully tested and specified for realistic, dynamic input signals. Most users 
buy waveform recorders based on stat ic  speci f icat ions,  mainly resolut ion and sampl ing rate,  and re ly on the 
sampl ing and of  Swedish-born physic ist /engineer Harry Nyquist  for  assurance that  the data taken and stored 
by the waveform recorder accurately represents the input signal.  As the art ic le on page 21 demonstrates, this 
isn' t  develop so. The 51 SOA's designers had to break new ground to develop test methods and specif icat ions 
that would provide the assurance the user needs and the Nyquist theory can't  give for real waveform recorders 
under realist ic operating condit ions. There's now an Insti tute of Electr ical and Electronics Engineers committee 
working standards exist ,  standards for test ing analog-to-digi tal  converters,  but at  present no standards exist ,  
and to tested designers' knowledge, the 5180A is the only recorder that is tested and specif ied so completely. 

The 5180A control other contributions, too, including its large memory, i ts faci l i t ies for precise user control of 
what recorders. to and several other features new to waveform recorders. Pages 3 to 34 of this issue cover i ts 
design and test ing. A companion product,  Model 5181 A Display/Tape Storage Module, is descr ibed beginning 
on page cartridge The 51 80A has no built-in CRT display. The 51 81 A provides one, along with a cartridge tape unit for 
recording 5180A data permanent ly  or  br inging f ie ld-recorded s ignals to the 5180A for  d ig i t iz ing.  

Ou r  cove r  key  t h i s  mon th  shows  the  5180A  Wave fo rm Reco rde r  and  the  d ig i t i ze r  hyb r i d  c i r cu i t ,  a  key  
component of the 51 SOA's analog-to-digi tal  converter.  

-R.  P.  Do/an 
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Waveform Recording with a 
High-Dynamic-Performance Instrument 
This new waveform recorder digit izes and stores single-shot 
or  repet i t ive s ignals.  I ts  ten-bi t ,  20-MHz analog-to-digi ta l  
converter  del ivers except ional  per formance that  is  fu l ly  
spec i f ied and character ized under  rea l is t ic  operat ing 
condit ions 

by James L.  Sorden and Mark S.  Al len 

W AVEFORM RECORDERS are general-purpose, 
time-domain measuring instruments that take 
samples of analog waveforms and store the sam 

ple values as digital data suitable for analysis by a computer. 
Waveform recorders offer performance far beyond that of 
other measurement techniques for analog signal capture 
and analysis. Waveform recorders are generally suited to 
measurements of both transient or single-shot waveforms 
and continuous or repetitive waveforms. Applications are 
found in virtually every area of science and technology. The 
following is a partial list. 

Electrical and electronic engineering (power supply test 
ing, computer disc testing, servomechanism design, 
radar and communications system testing, waveform 
analysis) 
Materials science (pressure vessel testing, acoustic emis 
sion) 

Electromagnetic compatibility studies 
Energy research 
Physics and chemistry (laser spectroscopy, flash pho 
tolysis, reaction kinetics) 

Â£ Ultrasonics 
Explosives testing 
Ballistics 
Biomedical research 
Medical ultrasound 
The new HP 5 1 80A Waveform Recorder, Fig . 1 , is a high- 

accuracy instrument that digitizes input waveforms at a rate 
of 20 million samples per second. It is the first waveform 
recorder whose dynamic performance is tested and fully 
specified so the user knows just how accurately the mea 
surement results represent an input waveform, even a 
rapidly changing one with frequency components to 10 
MHz. The 5180A offers 60-dB dynamic range, pretrigger 

F i g .  1 .  M o d e l  5 1 8 0 A  W a v e f o r m  
R e c o r d e r  d i g i t i z e s  i n p u t  w a v e  
forms with high accuracy at a rate 
of  20 mi l l ion samples per second. 
I t  has many features that  make i t  
easy  to  use  and  incorpora te  in to  
automat ic test  systems. 
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waveform capture, and the ability to transfer the data to a 
computer. Its dynamic range and fast data transfer make 
the 5180A ideal for automatic test systems. 

Elements  o f  a  Waveform Recorder  
The block diagram of the 5180A Waveform Recorder, Fig. 

2, is typical of waveform recorders in general. Elements 
common to all such instruments are: 
â€¢ Input signal conditioning, often including multiple sen 

sitivity ranges and high impedance. 
â€¢ High-speed analog-to-digital converter (ADC). Many dif 

ferent and often novel techniques have been applied 
here. Scan-converter CRTs, analog shift registers using 
charge-coupled devices (CCDs), flash conversion ADCs 
without sample-and-hold, and other techniques are used 
in some of today's instruments. 

â€¢ High-speed memory system capable of following the 
ADC output, or a slower ADC and memory system in 
scan-converter or CCD applications. 

â€¢ Internal and external triggering circuitry to define the 
beginning and end of a measurement. 

â€¢ Time base and oscillator system for control of the ADC 
sample interval. 
Digital system controller. All recent waveform recorder 
systems use microprocessor control. 

â€¢ Digital I/O, usually HP-IB, often supplemented with 
other methods such as RS-232-C/CCITT V.24 or full paral 
lel direct memory access (DMA). 

â€¢ Analog output capable of driving an external directed- 
beam or raster display and/or an internal CRT display. 
In the 5180A, a 20-MHz-sample-rate, 10-bit ADC is fol 

lowed by 16,384 10-bit words of memory (Fig. 2). The ADC 
samples the input signal at 20 million samples per second 
and the memory stores the resulting 10-bit digital codes at 
user-selectable rates. 

Since the waveform data is captured in a digital memory, 
all digital waveform recorders offer some form of pretrigger, 
a feature found also in logic analyzers. In this mode, the 
memory records in a circular configuration. The trigger 
is then used to stop the memory after an adjustable delay. If 
the delay is set to be the same as one sweep width, the result 
â€¢Hewlett-Packard Interface Bus, HP's implementat ion of IEEE Standard 488 (1978).  
â€¢ "Samples are stored sequentially in memory starting with the first word. When the last word 
oÃ­ memory is f i l led, the next sample value is stored in the f irst word and recording continues 
as before.  

Channel 

Channel  
B 

10-Bit 
Analog-to-Digital 

Converter 

Auxilary 
Input son 

Microprocessor  

is the same as a storage oscilloscope â€” the waveform is visi 
ble only after the trigger point. However, with adjustable 
pretrigger, the recorder can be set to show any amount of 
time ahead of the trigger so the cause of the trigger can be 
seen. With the 5180A, the pretrigger is adjustable from 0 to 
100% of the record length. 

Post-trigger delay can also be added to view a segment of 
the waveform well after the trigger. This capability is useful 
for characterizing various parts of a long waveform mea 
sured from a common trigger point. A television video 
signal is a good example of a signal that is easily measured 
using the delay features of the 5180A. The vertical frame 
sync pulse can be used as the trigger signal, and the 5180A 
trigger delay can be set to capture any of the 525 scan lines 
of data. 

An obvious difference between a waveform recorder and 
a conventional storage oscilloscope is that the recorder 
stores data in a digital memory, so a waveform can be 
manipulated following its capture. It can be displayed on a 
standard X-Y display by replaying the stored data through a 
low-speed digital-to-analog converter (DAC). This gives a 
display that neither flickers nor fades with time. With a 
proper digital interface the digital data may be sent to a 
computer for analysis and plotted or returned for display. 

Inside the 51 80A 
As shown in Fig. 2, the 5180A includes the elements 

typical of other waveform recorders, along with some new 
ones. The two 1-MÃ1 high-impedance channels can be used 
together in the Chop A, B mode or either can be used as a 
single input. For the finest performance there is an extra 
precision 50Ã1 channel, AUX. 

The AUX channel is relay-switched in place of the high- 
impedance channels for applications requiring the highest 
bandwidth, lowest drift, and lowest noise. This input is 
optimized for use with 50Ã1 systems or customized input 
signal conditioning such as special anti-aliasing filters. The 
design of such filters is made considerably easier because 
the system bandwidth is far beyond anti-aliasing require 
ments. The AUX channel is overvoltage and power pro 
tected by an internal clamp circuit and a front-panel fuse. 

Analog-to-Digital  Converter  
The ADC in the 5180A is designed to give an accurate 

Memory 
(16K x  10  B i ts )  

-=- N 
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F ig .  2 .  The  5180A Wave fo rm Re  
c o r d e r  h a s  a  2 0 - M H z ,  1 0 - b i t  
a n a / o g - t o - d i g i t a l  c o n v e r t e r  a n d  
16K words of memory. Channels A 
a n d  B  a r e  h i g h - i m p e d a n c e  c h a n  
ne l s  and  t he  aux i l i a r y  i npu t  i s  a  
precision 50 Ã1 channel. 
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F ig .  3 .  Ad jus tab le  hys te res i s  makes  i t  poss ib l e  t o  se t  t he  
5180A to  t r igger  re l iab ly  on  smal l  s igna ls  o r  on  la rge  no isy  
s i gna l s .  ( I n  t h i s  examp le ,  t he  s i gna l  mus t  c ross  t he  l owe r  
t h r e s h o l d  a n d  t h e n  t h e  u p p e r  t h r e s h o l d  t o  t r i g g e r  t h e  
recorder. )  

representation of the input waveform (see article, page 9). 
Input bandwidths of the amplifiers and sample-and-hold 
circuit are much higher than the maximum sample rate to 
reduce the possibility that these circuits will influence the 
measured waveform. A complete set of specifications and 
tests to verify them provides the confidence that the 5 180 A 
will do what it claims (see article, page 21). 

Digital  Trigger 
Historically, the second most difficult assignment for any 

measurement instrument of this class (after digitizing accu 
rately) has been to trigger properly. The 5180A trigger cir 
cuit uses the digital data from the ADC. This makes the 
trigger level easily settable and repeatable. It is also possible 
to set the sensitivity of the trigger circuit. The 5180A has a 
hysteresis control which varies the width of the band that 
the signal must go through before a trigger can occur. This 
makes it possible to trigger reliably on both small signals 
(by setting the hysteresis small) and large signals with large 
amounts of noise. Fig. 3 illustrates this feature. In the top 
trace, the hysteresis is small and the machine triggers on 
noise. In the bottom trace the hysteresis has been adjusted to 
account for the noise. 

The selectable hysteresis feature means that the 5180A 
actually has two settable trigger levels, one for the trigger 
and one for the hysteresis. By rearranging the circuit 
slightly, the 51 80A can offer bitrigger, the ability to trigger 
on a signal if the absolute value exceeds a certain range. 
This fea hire allows triggering on transients where the exact 
amplitude and direction are not known. For example, it is 
possible to detect spikes on either the positive or the nega 
tive cycle of the 60-Hz line (Fig. 4). 

High-Speed Memory 
The 5180A has one of the largest memories available in a 

waveform recorder. While a conventional storage oscillo 
scope exhibits about 1% time resolution for any stored 
signal and many other waveform recorders offer l-to-2K 
memories for 0.5 to 0.1% time resolution, the 16K samples 
of the 5180A provide 0.006% resolution. This improvement 
in time resolution results in a much higher probability that 

the transient to be investigated will be fully captured. At the 
fastest sample rate of 50 ns per point, a 0.8-ms record is 
achieved. 

The memory is implemented using fast NMOS static 
RAM (random-access memory) chips of the commercially 
available 2147 family. To ensure a reliable 20-MHz range, 
two ranks of 10 bits each are written into sequentially. The 
memory may be partitioned into 1 to 32 blocks. This allows 
the user to measure a long transient or divide the memory so 
that consecutive short events may be captured. An autoad- 
vance feature is available to advance the memory location 
following each measurement so that up to 32 events may be 
recorded without operator intervention. Each event is cap 
tured with a corresponding clock time so that it may be 
reviewed later along with its time of occurrence. 

Microprocessor 
The 5180A's microprocessor section is based on the 8-bit 

6800. There are four major subsections: processor, program 
storage, variable storage, and input/output (I/O). The mi 
croprocessor has the ability to read status from and control 
various attributes of the measurement sections (time base, 
memory control, input amplifier, trigger). 

The processor design is based on a design used in the HP 
5370A Universal Time- Interval Counter and the HP 53 59 A 
Time Synthesizer. The program storage consists of 36K 
bytes of ROM (read-only memory). 1408 bytes of NMOS 
RAM are used to store temporary variables such as numbers 
used in computations, and there are 512 bytes of battery- 
backed-up CMOS RAM for storage of the current front- 
panel settings and up to four additional setups. 

The I /O subsect ion contains two interfaces for  
computers â€” HP-IB and parallel DMA â€” and two interfaces 
for bench use â€” XYZ display and front-panel keyboard. The 
HP-IB is implemented using a large-scale integrated (LSI) 
circuit chip. The microprocessor sends and receives data 
under software control. The parallel DMA interface was 
designed in conjunction with the memory control block to 
allow the processor to be shut off and data to be transmitted 
from the memory control, over the processor bus, and out 
the parallel DMA interface at a maximum of 1M words per 
second. Since speed is important, the design uses low- 
power and standard Schottky TTL ICs. The XYZ display has 
its own refresh RAM, address counters, and X and Y DACs 
and amplifiers. The microprocessor places data in the XYZ 
display RAM and the circuit continuously refreshes the 
display by sending RAM data to the DACs. A significant 
advantage of this is that the picture remains on the screen 
even during the next measurement, instead of blanking out. 

(cont inued on page 8)  
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Fig. 4.  Bi tr igger mode captures transients of  unknown slope. 
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Waveform Recording with 
the 5180A 

A p p l i c a t i o n s  f o r  w a v e f o r m  r e c o r d e r s  r a n g e  f r o m  s u b s o n i c  
s e i s m i c  s u r v e y i n g  a n d  b i o m e d i c a l  r e s e a r c h  t o  m i c r o w a v e  f r e  
quenc ies  and  beyond ,  i nc lud ing  rada r  and  l ase r  expe r imen ts .  
The fo l low ing  examples  o f  e lec t ron ic  app l i ca t ions  demonst ra te  
the capabil i t ies of the HP 51 80A Waveform Recorder described in 
the accompany ing ar t ic le .  

Power  Supply  Test ing 
A common transient in an instrument is the turn-on character is 

t ic .  For  example,  a re l iable,  wel l  regulated and electr ica l ly  quiet  
power supply is a must for a well designed instrument. The turn-on 
and  load  change responses  o f  the  power  supp ly  a re  ex t remely  
impor tant .  Deta i led knowledge of  the behav ior  o f  the supply  be 
comes even more desirable when the supply has automatic over- 
vo l t age  and  ove rcu r ren t  shu t -down .  I npu t  su rge  cu r ren t s  can  
cause A supply to shut  down as the inst rument  is  powered on.  A 
waveform recorder can be tr iggered on the shut-down signal  and 
look backwards to  f ind the cause of  the shut -down and to  show 
how the  power  supp ly  vo l tage decays .  

Microprocessor  Appl icat ions 
Anothe r  app l i ca t i on  invo lves  the  in te rac t i on  o f  d ig i ta l  m ic ro  

p rocesso r  c i r cu i t s  and  an  asynch ronous  i n te r rup t .  F ig .  1  i l l us  
trates the power-down sequence in the 51 80A. A powerfai l  signal 
g ives advance warning that  the power is  going down so that  the 
m ic rop rocesso r  can  ca l cu la te  a  checksum fo r  t he  CMOS RAM 
that stores the front-panel sett ings. When the interrupt occurs, the 
microprocessor calculates the checksum and then wr i te-protects 
the RAM. In a good design, the checksum routine is short enough 
that  i t  can be completed before the power drops below the level  
requ i red by  the  microprocessor .  

In  F ig .  1  the measurement  was t r iggered on the power fa i l  s ig  
nal .  i t  51 80A was set to pretr igger about -5% .  In other words, i t  

the CMOS RAM disable l ine and channel B connected to the +5V 
power supply.  The CMOS RAM disable s ignal  is  the resul t  of  the 
complet ion of  the checksum rout ine.  

Disc Memory Test ing 
I n  the  a rea  o f  compute r  d i sc  tes t ing  the  5180A i s  use fu l  fo r  

electromechanical  analysis of  the head posi t ioning servo system 
and for analysis of the read/write electronics. The top trace of Fig. 
2 shows a 16K record of  data read f rom a disc.  In th is case,  the 
disc is divided into sectors of 256 bytes each. At the end of each 
sector is  a check word.  I f  there has been an error in reading the 
sector, the check word wi l l  not agree with the one computed from 
the  da ta  read .  Th is  cond i t ion  i s  used  to  t r igger  the  5180A in  a  
- 1 0 0 %  t r i g g e r  m e a s u r e m e n t .  T h e  r e c o r d  t h e n  c o n t a i n s  1 6 K  
po in ts  tha t  represent  the  e lec t ron ic  s igna l  f rom the  read  head 
during the reading of the sector in question. The data can be sent 
to a computer and a pattern recognit ion routine can be run to look 
for an error. 

The bottom trace in Fig. 2 shows the error,  a pulse that did not 
completely cross the logic threshold.  There are many causes for  
er rors  in  read ing:  imper fect ions in  the magnet ic  mater ia l  i tse l f ,  
no ise  in  the ampl i f ie rs ,  poor  head pos i t ion ing,  pu lse crowding,  
and in f lexible discs, head bounce. By isolat ing the problem with 
the waveform recorder,  the d isc can be exerc ised repeatedly for  
many  hours  and  the  e r ro rs  saved  fo r  s tudy .  The  charac te r i s t i c  
shape of  the error can give a c lue to the cause of  the problem. 

Use wi th  Spectrum Analyzer  
A powerful  measurement capabi l i ty  can be real ized by combin 

ing  a  spec t rum ana lyzer  and  the  5180A.  The  ve rsa t i l i t y  o f  the  
spec t rum ana l yze r  i n  rece i v i ng  and  down-conve r t i ng  i nc iden t  
m ic rowave  s igna ls  matches  the  5180A 's  ab i l i t y  to  d ig i t i ze  and  
store an input. The setup is shown in Fig. 3. Whether the 51 80A is 
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F ig .  2 .  Top  t r ace  shows  da ta  r ead  f r om  a  d i s c .  Expanded  
bot tom t race  shows an er ro r ,  a  pu lse  tha t  d id  no t  c ross  the  
threshold. 

single-shot data capture,  t ransient  or  short-durat ion s ignals can 
be  re l i ab ly  mon i to red  w i th  th i s  se tup .  Because  the  5180A has  
p r e t r i g g e r  m e a s u r e m e n t  c a p a b i l i t y ,  a n  R F  b u r s t  c a n  b e  c o m  
pletely captured, not just the port ion fol lowing the tr igger. Applica 
t ions for  the 5180A/spectrum-analyzer combinat ion are found in 
radar system test ing, in noise measurements, and in the process 
ing of  communicat ions s ignals.  

T rue- rms measurements  can  a lso  be  made w i th  the  se tup  o f  
Fig.  a In the zero-span mode, the spectrum analyzer becomes a 
v a r i a b l e - b a n d w i d t h ,  s u p e r h e t e r o d y n e  t u n a b l e  r e c e i v e r .  T h e  
v i d e o  o f  i n  z e r o - s p a n  m o d e  i s  t h e  t i m e - d o m a i n  e n v e l o p e  o f  
the  RF inpu t .  The  IF  ou tpu t  f rom the  spec t rum ana lyzer  i s  the  
down-conver ted  vers ion  o f  the  inpu t  s igna l .  For  the  HP 8566A 
(and many other HP spectrum analyzers), the IF center frequency 
is 21 .4 MHz, and the IF bandwidth is control led by the selected 
resolut ion bandwidth.  

A l though  i t  i s  o f ten  wr i t t en  tha t  the  samp le  ra te  requ i red  to  
recover the information from a given input is fs>2fmax, where fs is 
the sample rate and fmax is the highest f requency component in 

Fig .  3 .  In te rconnec t ions  fo r  us ing  the  5180A Wavefo rm Re 
corder  wi th  a  spect rum analyzer  to  down-conver t  s ignals .  

the  input ,  th is  inequa l i t y  i s  no t  comple te ly  genera l .  To  recover  
comp le te l y  any  i npu t  s i gna l  f r om the  samp led  i npu t  da ta ,  t he  
min imum requi red sample ra te  is  

fs(min)> Integer part of 
This  expression degenerates in to the less general  form when 

fmln=0.  In  words,  th is  genera l  express ion s ta tes that  i t  may be 
possib le to recover complete ly a band- l imi ted s ignal  wi th a sam 
ple f requency smal ler  than any f requency in  the input  s ignal .  

Choosing the widest  possib le bandwidth (3 MHz),  and making 
the assumption that the skirts of the spectrum analyzer IF system 
frequency response are inf initely sharp, the minimum sample rate 
for  complete recovery of  the IF is  

  2  ( 2 2 . 9 )    4 5 . 8  
I n t e g e r  [ 2 2 . 9 / ( 2 2 . 9 - 1  9 . 9 ) ]  = ~  

The  techn ique  o f  us ing  a  wave fo rm reco rde r  as  a  samp l ing  
down-converter wi l l  only work i f  the recorder 's bandwidth great ly 
exceeds 2fmax. In this case, the 51 SOA's bandwidth is adequate. 

Fig.  4 shows examples of communicat ions signals captured by 
th i s  F igs .  The  s igna l s  a re  te lev i s i on  b roadcas t  s i gna l s .  F igs .  
4a ,  4b  and  4c  show ve r t i ca l  i n te rva l  t es t  s igna ls ,  and  F ig .  4d  
shows two l ines of  the picture.  

F ig .  4 .  Te lev i s i on  b roadcas t  s i g  
na l s  cap tu red  us ing  a  wave fo rm  
recorder anda spectrum analyzer,  
(a ) ,  (b ) ,  ( c )  Ver t i ca l  i n te rva l  tes t  
s i gna l s ,  ( d )  Two  l i nes  o f  t he  p i c  
ture. 
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F ig .  5 .  The  5180A 's  l i ne  d i sp lay  
mode  connec t s  samp le  do t s  and  
provides a cont inuous display,  (a)  
S q u a r e  w a v e ,  d o t  m o d e ,  ( b )  
Square wave,  l ine mode,  (c)  S ine 
w a v e ,  d o t  m o d e ,  ( d )  S i n e  w a v e ,  
l ine mode. 

The front-panel displays and keyboard are driven from sev 
eral LSI ICs. One 1C drives the small digits and scans the 64 
keys, interrupting the microprocessor each time a key is 
pressed. Two other LSI ICs drive the large digits and light 
the annunciators. 

Software structure in the 5180A consists of a real-time 
operat ing system with foreground ( interrupt)  and 
background (measurement) divisions. I/O operates in the 
foreground under interrupts. Measurements and tasks that 
require the high-speed memory occur in the background. 
Communication takes place through locations in both the 
temporary and front-panel RAMs. Internal libraries supply 
HP-IB I/O routines, stack-oriented 32-bit and 48-bit 
floating-point math routines, integer math routines, and 4K 
bytes of HP-GL (Hewlett-Packard Graphics Language) 
routines to send an annotated graph of waveform data to 
a plotter. 
XY Disp lay  

Waveform recorders sample waveforms, but the user is 
most interested in viewing a waveform as if it were con 
tinuous. When the input frequency is low with respect to 
the sample rate, the dots appear close together and the 
human eye connects them automatically. However, when 
the input frequency is high (20 samples per cycle) the dots 
become too far apart, and the eye has trouble. Various 
means can be used to connect the dots into a continuous 
display. The 5180A low-pass-filters the output of the dis 
play driver to obtain a smooth curve. The filter is optimized 
to provide linear phase response so that square waves will 
be displayed properly. It also has a sharp cutoff to repro 
duce sine waves faithfully. Fig. 5 shows sine and square 
waves before and after the line mode has been enabled. 

Other  Operat ing Features 
The 5 180 A is completely programmable. All front-panel 

controls are under microprocessor control. Light-emitting 
diode (LED) displays and annunciators reflect the current 
state of the instrument. These displays facilitate remote 
programming of the front-panel controls by echoing com 
mands as they are sent. All fundamental settings have dis 
plays so that it is easy to monitor their current states. 

A computer may obtain front-panel settings from the 
5180A by sending one of many teach/learn commands. The 
settings are returned in the same ASCII form used to pro 
gram the 5180A. This form of output is more easily read by 
human operators, who can verify the settings. High-speed 
memory data is available in either ASCII for ease of use and 
readability or binary code for speed. A 1 6-bit parallel inter 
face inputs or outputs waveform data at up to one million 
10-bit words per second. This is extremely useful when a 
rapid series of measurements is needed. For example, IK 
records may be read into an HP 9826A Computer with less 
than 4 ms between measurements. 

Many uses of the 5180A require some form of hard-copy 
output. There is not always a need, however, for a computer 
to read and manipulate the data. The 5180A can output a 
completely annotated graph to any HP 9872B/C/S/T, 7225A, 
7245A/B, 7470A, or 7580A/85A Plotter. The output uses the 
HP-GL plotter language and is sent over the HP-IB. Fig. 1 on 
page 6 is an example of this kind of output. 

Like an oscilloscope, the 5180A is a complicated instru 
ment with many choices of settings. To make it easier to use, 
the AUTOSET key causes the 5180A to search for and au 
tomatically acquire a repetitive signal. To do this, the 
5180A makes measurements at two different sample rates 
and searches for a signal in the input channels. It adjusts the 
gain of the channel so the signal nearly fills the vertical di 
mension of the CRT and then adjusts the time base so that 

*  ASCII  = Amer ican Standard Code for  Informat ion Interchange 
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from two to five cycles of the input signal are visible. The 
trigger level is set at the 50% point of the waveform, and the 
hysteresis is set to 25% of the peak-to-peak amplitude. 
Periodic waveforms from 40 Hz to 10 MHz can be acquired. 

Once the desired settings have been achieved, they may 
be saved in the nonvolatile CMOS memory. The current 
settings are always saved when the power is shut off. Four 
more settings can also be saved and recalled. This provides 
benchtop convenience when multiple standard measure 
ments are made, and reduces the number of bytes that need 
to be sent when the 5180A is used on the HP-IB. 

James L.  Sorden 
Ã Jim Sorden joined HP in 1964. Currently 

an R&D sect ion manager  a t  the Santa 
Clara Division, he was project manager 
dur ing the ear ly  development  o f  the 
5180A.  He has  been pro jec t  manager  
for several R&D assignments, including 
the 5345A Frequency Counter .  Having 
served in  the U.S.  Army f rom 1955 to  

1 1958, J im graduated from the Univer-  
i  sity of Wisconsin in 1962 with a BSEE, 

then did graduate studies at Wisconsin 
and Stanford.  J im has authored techni  
cal  ar t ic les in a var iety of  publ icat ions 
on the subject  o f  f requency counters.  
His work has resulted in one U.S. patent 

and other patent appl icat ions relat ing to frequency counter and 
waveform recorder instrumentation. He is presently the U.S. technical 
advisor to the EC for electronic measurement instrumentation. Away 
from HP, Jim is involved in stock and real estate management and in 
fami ly  act iv i t ies,  inc luding sk i ing,  sa i l ing,  home remodel ing and 
coaching L i t t le  League basebal l  and youth soccer .  A nat ive o f  Wis  
consin,  J im is  marr ied,  has two chi ldren,  and l ives in  Saratoga,  
California. 

A c k n o w l e d g m e n t s  
A large and intensely dedicated group of engineers 

worked long, hard and creatively to make the 5180A a 
reality. We wish to thank the authors of other articles in this 
issue and the dedicated efforts of the people they acknowl 
edge. In addition, there are many others who dedicated 
their engineering talents to the project. In R&D, special 
recognition must go to Phil Deaver, Bill English. Ron 
Felsenstein, Kenzo Ishiguro, Kreg Martin, Ralph Smith and 
Ron Young. The product introduction was made especially 
successful by the efforts of the following engineers in other 
departments: Mark Brouder, Tom Carrico, Kim Gray, Gary 
Ikari, Doug Nicols, Art Weigel and Eric Youngberg. Finally, 
we must acknowledge Ian Band, Jim McNeish and Jack 
Lieberman for their vision and wisdom, their confidence 
that we could do the job and that the job was worth doing. 

Mark S.  Al len 
Mark Allen is a project manager at HP's 
Santa Clara Div is ion.  A nat ive of  Los 
Angeles,  he received the BS degree in 
1973 and the Master  o f  Engineer ing 
degree in 1974 f  rom Harvey Mudd Col 
lege. With HP since 1974, he's worked 
on the5370ATime In te rva l  Counterand 
the  5180A Waveform Recorder .  H is  
work has resulted in a patent on an au 
tomatic arming control  scheme for t ime 
in te rva l  measurements ,  and  he 's  co  
author  of  a  paper  on IEEE 488 and mi  
croprocessors .  He is  marr ied,  has a  
daughter ,  and is  remode l ing  h is  home 
in Saratoga, Cal i fornia.  He also l ikes 

home computers,  swimming,  sk i ing,  ice skat ing,  and woodwork ing,  
sailing. 

Designing a Ten-Bit, Twenty- 
Megasample-per-Second Analog 
to-Digital Converter System 
by Arthur  S.  Muto,  Bruce E.  Peetz ,  and Robert  C.  Rehner ,  Jr .  

THE ANALOG-TO-DIGITAL CONVERTER (ADC) in 
HP's new 5180A Waveform Recorder is a custom- 
designed, high-performance converter capable of 

20 million conversions per second with 10-bit (2-mV) 
amplitude resolution, equivalent to 60 dB of dynamic 
range. Performance typically degrades by only one bit from 
dc to the Nyquist or "folding" frequency (input frequency 
equal to one-half the conversion rate). Credit for this reli 

able performance is due in large part to two hybrid substrate 
assemblies that contain 12 custom integrated circuits. 

High-speed ADCs that can encode or digitize continu 
ously are usually "flash" or all-parallel designs. These con 
verters are extremely fast because an N-bit converter uses 
2Nâ€” 1 comparators to compare the analog input voltage to 
2N â€” 1 precision reference voltages. For a high-resolution 
converter the amount of circuitry required can become pro- 
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F ig .  1 .  5180A Wave fo rm Record  
er  paral le l - r ipple analog-to-dig i ta l  
conver ter  (ADC) b lock d iagram. 

hibitive. A 10-bit flash converter, for example, requires 
1023 comparators in addition to the necessary logic cir 
cuitry to decode the comparator outputs to a 10-bit binary 
code. The large number of high-speed comparators leads to 
excessively high input capacitance and to prodigious 
power supply requirements. 

A technique that trades conversion speed for circuit 
simplification is the parallel-series or parallel-ripple ap 
proach. In a two-pass converter using the parallel-ripple 
technique, a coarse flash encode of the input voltage is 
performed to get the most-significant bits. Then the analog 
voltage equivalent of the coarse encoder's digital output is 
generated and this is subtracted from the input voltage. The 
difference voltage, or residue, is then digitized by a fine 
flash encoder to get the least-significant bits. 

The parallel-ripple design was selected for the 5180A 
ADC instead of the flash converter because of the tremen 
dous reduction in the number of comparators needed. A 
10-bit, two-pass, parallel-ripple converter that includes re 
dundancy (whose purpose will become evident when the 
digitizer is described in detail later) can be built with less 
than 100 comparators â€” an order-of-magnitude reduction. 
However, there are significant tradeoffs. Not only is the 
parallel-ripple converter slower, but it also requires several 
difficult-to-build components: a high-speed digital-to- 
analog converter (DAC) that transforms the first-pass word 
into an analog level, a high-speed operational amplifier that 
performs the subtraction, and a high-performance sample- 
and-hold circuit that guarantees that the voltage input to 
the parallel-ripple digitizer does not change between the 
first-pass and second-pass conversions. 

The complete parallel-ripple ADC in the 5180A is con 
tained in a module consisting of five printed circuit board 
assemblies that perform the following functions: sample- 

and-hold, parallel-ripple digitizer, precision reference and 
power supply, precision timing generator, and redundancy 
logic circuitry. The sample-and-hold and digitizer as 
semblies include hybrid circuits that contain five of six 
custom integrated circuits specifically designed for the 
5180A. The sixth custom design, found in the input 
amplifier hybrid, is described in the box on page 18. 

Fig. 1 is a block diagram of the ADC module. 

Sample-and-Hold Design 
In HP's parallel-ripple ADC, a sample-and-hold circuit 

(S/H) maintains the digitizer's input voltage constant while 
both encoder passes digitize the input. A simplified S/H 
block diagram appears in Fig. 2. The S/H is directed to 
acquire a point on the S/H input waveform by a positive 
pulse on the sample line. This pulse forces the sampling 
switch to close, causing the hold capacitor to charge to the 
voltage at the input to the switch and then follow or track 
it. This voltage is a buffered attenuated version of the S/H 
input. When the pulse returns low, the switch opens and 
the voltage on the capacitor is held because of the high 
impedance at this node. The postamplifier buffers the hold 
capacitor voltage from the digitizer and amplifies it by a 
factor of two to compensate for the resistive attenuator at the 
preamplifier output. The function of the attenuator will be 
explained later. 

Four custom ICs were designed for the S/H using HP's 
proprietary 5-GHz fT process, highlights of which are pre 
sented in the box on page 15. Two of the ICs are used in the 
preamplifier and postamplifier. The remaining two ICs â€” 
the sample gate and gate driver â€” were designed for the 
sampling switch circuitry shown in Fig. 3. The sampling 
switch is a monolithic Schottky diode bridge that is con 
tained on the sample gate chip, a photomicrograph of 

Samp le  
and 
Hold  

In 
50ÃI 

Sample 

Preamplifier 
B 

H o l d  
R 1 >  S w r t c h  C a p a c i t o r  c, 

P o s t -  
a m p l i f i e r  

T o  D i g i t i z e r  

R 

F i g .  2 .  S i m p l i f i e d  s a m p l e - a n d -  
ho ld  c i rcu i t  b lock d iagram. 
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F i g .  3 .  S a m p l i n g  s w i t c h  c i r c u i t  
c o n t a i n s  t w o  c u s t o m  i n t e g r a t e d  
circuits. 

which is shown in Fig. 4a. Since the bridge is monolithic, 
diodes Dl through D4 are better matched and have smaller 
parasitic elements than bridges made from discrete diodes. 
As a result, when the switch is closed by passing a current Is 
through the bridge, the bridge remains fully balanced. For 
example, if the voltage at point A is initially much more 
negative than the hold capacitor voltage, then the hold 
capacitor will be linearly discharged by the full Ig current 
through D4. Since the bridge is well balanced, Dl also 
conducts Ic; while D2 and D3 are nonconducting. The resis 
tor attenuator between the preamplifier output and the 
bridge prevents this Ig current, which can be as large as 50 
mA, from disturbing the linear operation of the preamplifier. 
High slew rates are characteristic of this linear portion of 
the acquisition of the input sample because of the 
large magnitude of the Is current. When the hold capacitor 
voltage is within about 200 mV of the voltage at point A, then 
D2 and D3 begin to conduct and a slower RC-limited dis 
charging takes place. This slower portion of the acquisition, 
controlled by the hold capacitor and the resistance it 
sees â€” one-half Rl plus the resistance of the diode â€” 
continues until all four diodes conduct equally. At this 
point acquisition of the input sample is complete and the 
voltage on the hold capacitor continues to track the input 
waveform until the sampling switch is opened by reducing 
the current Is to zero as quickly as possible to prevent 
contamination of the hold capacitor voltage by undesirable 
diode current mismatches. 

The sample gate 1C also contains circuitry needed during 
the 40-ns hold time, when the voltage on the hold capacitor 
must be kept constant. When IÂ§ is equal to zero, the matched 
npn current sink and pnp current source drive 1-mA cur 
rents through the series diodes, D5 through DIO. This 
reverse-biases the bridge diodes and lowers the impedance 
at the top and bottom of the bridge, attenuating the feed- 
through or coupling from point A to the hold capacitor 
across the 1-pF junction capacitances of the reverse-biased 
bridge diodes. 

The current Is that turns the bridge on is supplied by the 
gate driver 1C, a photomicrograph of which is shown in Fig. 
4b. The gate driver is simply two cascaded emitter-coupled 

amplifiers designed to deliver large current pulses having 
subnanosecond rise and fall times. Fast transitions are 
needed to define the sampling time unambiguously. When 
the S/H is directed to sample through the differential sam 
ple and sample lines, the open-collector outputs of the gate 
driver 1C deliver a 10-ns-wide current pulse to the primary 
of the center-tapped pulse transformer. The secondary cur 
rent of the trifilar-wound transformer is nearly double the 
primary current (core losses prevent exact doubling). The 
secondary current is capacitively coupled to the sampling 
bridge and can be thought of as a floating 50-mA current 
source connected across the top and bottom of the bridge 
during the 10-ns sampling time. The large current 
amplitude results in fast slewing of the hold capacitor and 
100% sampling efficiency. This level of sampling effi 
ciency, which indicates that the accuracy of each sample is 
independent of the value of the previous sample, is an 
absolute requirement for one-shot applications like the cap 
ture of transient phenomena. 

The third special 1C designed for the S/H is a high-speed 
operational amplifier (op amp), whose photomicrograph 
appears in Fig. 5. This amplifier was designed to satisfy 
both the preamplifier and postamplifier functions, and the 
same basic op amp is also used in the digitizer and the input 
amplifier. Fig. 6 is a simplified schematic of the op amp. Ql 
and Q4 are emitter-follower inputs to the gain stage formed 
by emitter-coupled transistors Q2 and Q3. To minimize the 
phase delay through the amplifier, important for high- 
frequency phase margin, only a single stage of gain is used. 
The open-loop gain of the amplifier is adjusted with a metal 
mask option which selects R=10, 50, or 75 ohms. The lower 
the desired closed-loop gain, the larger the emitter resistors 
must be to increase phase margin by lowering the open- 
loop gain. Q5 and Q6 are cascode transistors that increase 
the amplifier's bandwidth by minimizing the Miller capaci 
tance of the emitter-coupled pair. The three outboard pnp 
transistors, Q7 through Q9, are connected as an active cur 
rent mirror and form a high-impedance active load to 
maximize the amplifier's open-loop gain, typically 60 dB. 
Transistor QlO and Zener diode Dl form an emitter- 
follower buffer and level-shift stage. The output is also an 
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F ig .  4 .  (a )  Samp le  ga te  1C con ta ins  a  mono l i t h i c  Scho t t ky  
d iode br idge samp/ ing swi tch.  The ch ip s ize is  1 .3 x7.3 mm. 
(b )  Ga te  d r i ve r  1C genera tes  a  h igh -cu r ren t  pu lse  tha t  has  
subnanosecond t rans i t ion t imes.  The chip s ize is  1 .28 X7.28 
mm. 

emitter-follower stage with an emitter current of 40 mA, 
which is needed for driving 50-ohm loads to Â±l-volt levels 
with low distortion. Qll is actually three parallel transis 
tors with emitter resistors to ensure that they share current 
equally. Diodes D2 and D3 are Schottky diode clamps that 
minimize the recovery time for input overload situations. 
Variable capacitor Cl can be adjusted to give critical damp 
ing of the amplifier's step response, desirable for high slew 
rates and rapid settling applications as described later. The 
chip dissipates nearly 1 watt of power. 

For the preamplifier, the op amp is used with 75-ohm 

Fig. 5. Three dif ferent versions of this high-speed operational 
a m p l i f i e r  a r e  u s e d  i n  t h e  A D C  s y s t e m .  I t  s e r v e s  a s  a  p r e  
ampl i f ie r  and a  postampl i f ie r  in  the  sample-and-ho ld  c i rcu i t  
and  as  an  e r ro r  amp l i f i e r  i n  t he  d i g i t i ze r .  The  ch ip  s i ze  i s  
0 .93x1 .21  mm.  

emitter resistors in a closed-loop, positive gain-of-one con 
figuration. The drift, gain flatness, and linearity of this 
amplifier are far superior to the open-loop buffers often 
found a other S/H designs. The preamplifier typically has a 
full-power bandwidth of 150 megahertz when driving the 
50-ohm load represented by the resistive attenuator to 
2-volt peak-to-peak levels. The harmonic distortion com 
ponents generated with a full-scale input are greater than 66 
dB below the fundamental amplitude, equivalent to one- 
half least-significant bit, at any frequency within the 10- 
megahertz Nyquist bandwidth of this ADC system. 

For the postamplifier, the op amp is used with 50-ohm 
emitter resistors in a closed-loop, positive gain-of-two con 
figuration. The postamplifier is capable of slewing at 1.0 
volt per nanosecond, compatible with the high slew rates 
associated with the hold capacitor voltage. Within a few 
nanoseconds after the sampling switch is opened, the post- 
amplifier has settled enough for the digitizer to perform the 
first-pass conversion. The bipolar op amp includes pnp 
current mirrors to provide input bias current compensation 
that reduces the voltage droop of the hold capacitor. The 
postamplifier's output stage, capable of Â±l-volt levels, is 
connected to the digitizer through a short coaxial cable that 
is terminated in 50 ohms at the digitizer to minimize volt 
age errors caused by line reflections. 

The value of the hold capacitor represents a compromise. 
A small value lowers the gate driver current requirement 
and lowers the RC time constant of the sampling switch 
circuitry for wider bandwidth. A large hold capacitor re 
duces the feedthrough across the reverse-biased bridge 
diodes and reduces the droop of the hold capacitor voltage 
caused by the finite input bias current of the bipolar post- 
amplifier. 

Hybrid packaging completes the S/H design. As the pic 
ture of the hybrid assembly in Fig. 7 shows, the four inte 
grated circuits are interconnected on a thin-film ceramic 
substrate to reduce parasitic reactances. These unwanted 
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capacitances and inductances can limit fast, accurate ac 
quisition and contribute to contamination of the hold 
capacitor voltage. This packaging concept, previously used 
in the HP 982 5 A Desktop Computer, is described in more 
detail later in this article. 

The result of the 1C and hybrid design efforts is a high- 

Fig.  7 .  Sample-and-ho ld  hybr id  mounted in  i ts  heat  s ink .  

performance sample-and-hold circuit. The bandwidth, in 
cluding the input protection, sampling switch, and both 
amplifiers, is typically 80 megahertz. This factor-of-eight 
margin over the 10-megahertz Nyquist frequency mini 
mizes analog gain and phase aberrations and allows an 
input anti-aliasing filter, if needed, to be designed inde 
pendently of the less precisely controlled S/H transfer func 
tion poles. The high sampling efficiency of the S/H is dem 
onstrated by its ability to acquire the positive and negative 
extremes of the full-scale voltage range (Â±1V) in consecu 
tive sample cycles with full 10-bit resolution (0.1%). 

Digitizer Design 
The digitizer portion of the analog-to-digital converter 

system receives the sampled analog signal from the 
sample-and-hold circuit and encodes it to obtain a digital 
representation. It does this in a multistep operation as 
shown in Fig. 8. A coarse estimate of the incoming signal is 
made by the first-pass encoder, which is accurate to about 
five significant bits. The digital estimate is then recon 
verted to analog form by the digital-to-analog converter 1C 
and subtracted from the original signal by an error 
amplifier. The error amplifier output represents the error 
inherent in quantizing the signal to only 5 bits. This error is 
digitized by the second-pass encoder, this time to 6-bit 
accuracy. The first-pass estimate and the second-pass result 
are then combined to give the full 10-bit output of the 
digitizer subsystem. 

The performance of the digitizer is made possible by the 
custom integrated circuits used in the digitizer hybrid. The 
key circuit is the four-bit quantizer used in the first and 
second passes. The first pass uses two quantizers for five-bit 
operation while the second pass uses four quantizers to 
obtain six-bit resolution. The quantizer is capable of digitiz- 

NOVEMBER 1982  HEWLETT-PACKARD JOURNAL 13  

© Copr. 1949-1998 Hewlett-Packard Co.



R e f e r e n c e s  F i r s t - P a s s  C l o c k  
" V  

F i r s t - P a s s  D a t a  ( 5  B i t s )  
t o  R e d u n d a n c y  L o g i c  

I n v e r t e d  S e c o n d -  
P a s s  D a t a  
(6  B i ts )  to  

R e d u n d a n c y  l o g i c  

A n a l o g  
Input  
f r o m  

S a m p l e  a n d  
Hold  

F i g .  8 .  D i g i t i z e r  e n c o d e s  t h e  
sample-and-ho ld  c i rcu i t  output  in  
a two-pass operat ion.  

ing an analog signal into a four-bit word every four 
nanoseconds. 

As shown in Fig. 9, the quantizer input signal is received 
by a resistor ladder. Since the signal is applied to both ends 
of the ladder, it appears on each input of the 16 amplifier/ 
buffers. A reference voltage is applied to each end of the 
other (reference) resistive ladder. This ladder establishes a 
unique reference voltage at each reference input of the 16 
amplifier/buffers. As a result, the bank of amplifier/buffers 
generates a thermometer code that describes the value of the 
input voltage compared to the reference voltages. Buffers 
whose inputs are greater than their reference voltages give 

high outputs while buffers whose inputs are less than their 
reference voltages give low outputs. 

The amplifier/buffer is designed to be a high-bandwidth, 
high-slew-rate circuit. The input is buffered by emitter fol 
lowers (Fig. 10) for high isolation between individual differ 
ential switches and the input signal. The buffering also 
produces a low input capacitance for the chip, approxi 
mately 7.5 pF. The remainder of the design is an emitter- 
coupled, low-gain amplifier. Overall 3-dB bandwidth is 
about 1 GHz. 

Following the first stage, the latch stage contains cir 
cuitry for decoding and latching functions. The initial 

I n p u t  A m p l i f i e r /  
B u f f e r s  ( 1 6 )  

D i g i t a l  
O u t p u t  

+  R e f e r e n c e  
A n a l o g  

I n p u t  

- R e f e r e n c e  

A n a l o g  
In 

3 r d  
M S B  

L S B  

L a t c h  
C o m m a n d  

F i g .  9 .  T h e  f o u r - b i t  q u a n t i z e r s  
used  i n  t he  d i g i t i ze r  a re  cus tom 
i n t e g r a t e d  c i r c u i t s  t h a t  c a n  c o n  
vert an analog signal into a four-bit 
word every  four  nanoseconds.  

1 4  H E W L E T T - P A C K A R D  J O U R N A L  N O V E M B E R  1 9 8 2  

© Copr. 1949-1998 Hewlett-Packard Co.



- 5 . 2 V  

Fig.  10.  Quant izer  input  ampl i f ier /buf fer  schemat ic  d iagram. 

thermometer code is converted by an input cross-coupled 
stage (Fig. 11) to an 8-bit cyclical code with an overrange 
bit. The cross-coupled stage is an AND gate with one of the 
inputs inverted. For the three valid input states, this stage 
behaves like an EXCLUSIVE-OR circuit, from which a cycli 
cal code is derived. Since the cross-coupled input to the 
latch does a preliminary level of decoding when receiving 
the signal, only nine latch circuits are required to hold the 
information. The latch portion of this stage is a conven 
tional ECL (emitter-coupled logic) latch design, with the 
latch command applied to a current-steering pair of transis 
tors that selects either the input (learn mode) or regenera 
tive (hold mode) transistor pair. The latches use positive 
feedback to regenerate logic levels from the analog signals 
at their inputs when the regenerative pair is selected by the 
latch command. The digital information then advances to 
the logic stage, which converts the information to four-bit 
binary code with an overrange bit. 

The logic design employs standard ECL configurations to 
realize EXCLUSIVE-OR and AND functions. An additional 
circuit combines these functions into a single stage for 
overrange decoding. Following the logic stage, Zener 
diodes level-shift the signal to the ground-reference stan 
dard for use outside the chip. The data latch that follows is 
another conventional ECL design. The ECL output is 
distributed differentially by four emitter followers for 

Custom 1C Processes 

Two cus tom HP in tegra ted  c i rcu i t  p rocesses  p layed a  s ign i f i  
cant  part  rn developing the 5180A ADC module:  A 5-GHz bipolar  
process, used for al l  of  the special  ICs in the ADC, and a 1-GHz 
b ipolar  LSI  process,  used in  the input  ampl i f ier  (see page 18) .  

The 5-GHz process1 was deve loped to  min imize TF and RB,  
ra i s i ng  the  f i  o f  t r ans i s to rs  t o  ove r  5  GHz  a t  I c  =  10  mA.  The  
process features an ion-implanted base and pn-junction isolation. 

T h e  1 - G H z  L S I  p r o c e s s  i s  d e s i g n e d  f o r  h i g h  d e n s i t y  a n d  
medium f requency response.  Very  h igh y ie ld  is  ach ieved on ar  
rays with 300 to 400 gates. This process allows clock rates of 1 75 
M H z  o n  b o t h  c i r c u i t s .  I t  h a s  b e e n  u s e d  e x t e n s i v e l y  f o r  b o t h  
d ig i ta l  and l inear  c i rcu i ts  where s tandard npn and pnp ce l ls  as  
wel l  as are ( integrated in ject ion logic)  cel ls  wi th 1000 gates are 
fabricated. 

The  t ab le  be low  summar i zes  t he  cha rac te r i s t i c s  o f  t he  two  
processes. 

1 .  D.M. Digest,  "A New 5-GHz Process for High-Speed Digi ta l  Circui ts,"  IEEE Digest,  
1975 Internat ional Sol id-State Circui ts Conference. 

maximum versatility. 
Special design features of the quantizer enhance its util 

ity. One is input bias current compensation. A pnp current 
mirror is employed on both the signal and reference inputs. 
Each mirror detects the amount of base current flowing into 
all of the amplifier/buffer stages and adds that much current 
to the respective input. Another error-canceling feature is 
the use of dual resistive ladders. The resistive ladder on the 
reference side provides the linearly weighted reference 
voltages used to define the code bins. The side effect of 
using an equal-weight ladder for this function is a bowed 
error created by base current supplied to the input by the 
ladder. By using an identical ladder on the signal side, the 
error is made common-mode and is rejected by the 
amplifier/buffers. 

The use of 16 amplifier/buffers makes parallel configura 
tion of quantizers possible by a coding scheme that pre 
serves the top transition in the form of an overrange bit. 
When the signal is above the range of the quantizer, this 
fifth bit is on and all the other bits are zero. This five-bit 
output simplifies decoding when more than one quantizer 
is used. Since the four low-order bits are zero when the 
signal is out of range of a quantizer, simple wired-OR decod 
ing is used for these four bits. For the five-bit first pass, the 
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Fig.  1 1 .  Quant izer input latch schemat ic diagram. 

overrange bit of the lower quantizer becomes the most- 
significant bit. For the six-bit second pass, the central over- 
range bit becomes the MSB, and the second MSB is simply 
decoded from the overrange bits for the three lower quan 
tizers. The quantizer contains 600 transistors and dissipates 
a maximum of 1.8 watts on a 2.98-mm-by-3.05-mm chip 
(Fig. 12). 

Another key integrated circuit in the digitizer is the 1 0-bit 
digital-to-analog converter. The DAC converts five bits 
from the first pass to an analog signal with 10-bit accuracy. 
It uses differentially buffered transistor switch cells to route 
a fixed current into an R-2R ladder (Fig. 13). The digital 
portion of a cell receives a bit of information, converting it 
to a low-level differential signal. This differential signal 
drives the analog current-routing portion of the cell in a 
high-speed, low-noise fashion. The R-2R ladder combines 
the currents from all the cells in a binary fashion to form the 
analog voltage. The cell switches and R-2R ladder are all 
integrated to reduce parasitic reactances, allowing settling 
to 10-bit accuracy in less than 15 ns. Trimming for dc errors 
is done by external adjustment of the fixed currents. The 
DAC dissipates one-half watt on a 2.72-mm-by-1.65-mm 
chip (Fig. 14). 

The signal from the DAC is subtracted from the sample- 
and-hold output by the error amplifier. The error amplifier 

F ig .  12 .  Quan t i ze r  ch ip  con ta ins  600  t r ans i s to r s  and  mea  
sures 2.98 X3.05 mm. 

is an operational amplifier identical in design to that used 
in the sample-and-hold. For use in the digitizer, a version 
with 10-ohm emitter resistors is used; this is appropriate to 
the large closed-loop gain required of this amplifier. Setting 
the gain is an integrated network of silicon resistors fabri 
cated on the same wafer as the DAC to provide good match 
ing over temperature and time. The signal is amplified by 
these components to cover one-half the second-pass range. 

From 
Previous 

Stage 

150! i 

7511 

Digital 
Input 

To Next  
Stage 

- 5 . 2 V  - 5 . 2 V  

Fig .  13 .  The  d ig i ta l - to -  ana log  convener  (DAC)  used  in  the  
para l le l - r ipp le  ADC cons is ts  o f  ten  o f  these ce l l s .  On ly  f i ve  
inputs are used in  the 5180A. 
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Fig .  14 .  DAC ch ip  measures  2 .72  x i  .65  mm.  

Error Analysis 
To achieve 10-bit, 20-megasample/second operation, 

careful allocation of timing and error margins for each sub 
system was done. The time budget for the digitizer consists 
of 40 ns of hold time. The first 5 ns is allocated for the 
sample-and-hold to settle to the six-bit level and for concur 
rent ns of the signal by the first pass. The next 35 ns 
is allotted for the DAC and error amplifier to receive the 
signal and settle. Of this 35 ns, the final 4 ns is concurrent 
with acquisition of the signal by the second pass. 

The error budget for the digitizer revolves around the use 
of an extra bit of resolution in the second pass. It is this 
redundancy bit that allows the error signal to be scaled for 
one-half the total second-pass range (the middle half]. The 

First-Pass 
Segment  

Reinvented Second- 
Pass Range 

111111 

01110 

01101 
Actual Signal 

As Sampled by 
Second Pass â€¢--- 

Signal As â€¢ 
Sampled by 
First Pass 

01100 

01011 

110000 
101111 

100000 
011111 

01010 

010000 

001111 

000000 

F ig .  15 .  The  e r ro r  s i gna l  o r  r es i due  f r om  the  f i r s t  pass  i s  
scaled and offset to fa/ I  in the middle half  of  the second-pass 
range. Thus the f irst-pass LSB overlaps the second pass MSB. 
If the first pass makes an error, the overlap of the second pass 
detects  and corrects  the er ror .  

other half (the two outer quarters) of the range is used for 
error correction. 

To make the scaled error signal from the first pass fall in 
the middle half of the second-pass range, the error signal is 
offset by one-half of a first-pass LSB. This means that the 
first-pass LSB overlaps the second-pass MSB. The overlap 
ping makes the final output code somewhat complicated to 
extract. As shown in Fig. 15. when the code falls in the 
overlap region, it is equivalent to a point 32 LSB into the 
main region with the first-pass code in an adjacent bin. 
Mathematically, this means that the result should be: 

code=32F+S-16, 

where F is the first-pass code and S is the second-pass code. 
In this digitizer, the mathematics are further complicated 
by an inversion done by the error amplifier: the resultant 
second-pass code is the complement of the desired 
second-pass code. This is handled by altering the formula: 

code=32F-S+47. 

This code computation is done on another board, the re 
dundancy board (see Fig. 1). 

A pair of examples may clarify the error correction 
scheme. 
Example 1: Correct code = 0110011010 

Ist-pass code 
2nd-pass code 

Computation 

Result 

Ist-pass error 

01101 

001010 

01101 

+ 001010 

0110101010 

0110011010 

Example 2: Correct code=0110000111 

Ist-pass code 
2nd-pass code 

Computation 

Result 

Ist-pass error 

01011 

110111 

01011 

+ 110111 

0110010111 

1 

0110000111 

No error 

01100 
101010 

01100 
f  1 0 1 0 1 0  
0110101010 

1 
0110011010 

No error 

01100 

010111 

01100 

+  0 1 0 1 1 1  
0110010111 

1 
0110000111 

The errors that the redundancy range corrects are the 
incomplete settling of the sample-and-hold signal at the 
time the first pass samples it and the nonideal digitizing of 
the signal by the first pass. The assumption is made that the 
value ultimately digitized by the second pass is correct, so 
that differences between the first- and second-pass values 
are used to correct first-pass errors. 

The error attributable to the first pass allows one- 
quarter-bit errors in any given threshold, which is equiva 
lent to 8 LSB in the second pass. This is within normal 
manufacturing tolerance of the quantizers. The time budget 
of 5 ns allows over twice the time normally needed for 
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A 40-MHz Input Amplifier 

Any analog- to-d ig i ta l  converter  system has l imi ted usefu lness 
w i thout  appropr ia te  s igna l  cond i t ion ing  c i rcu i t ry  a t  the  input  to  
perform the funct ions of  scal ing and of fset t ing the input  s ignals.  
The input  ampl i f ier  of  the 5180A per forms these funct ions under 
HP- IB cont ro l .  There are  two 1  -megohm input  channels ,  wh ich 
c a n  b e  u s e d  i n d i v i d u a l l y  o r  c h o p p e d .  F o r  u s e r s  w h o  w i s h  t o  
supp ly  the i r  own  s igna l  cond i t i on ing ,  an  aux i l i a ry  channe l  p ro  
v ides a  d i rec t  50-ohm connect ion to  the ADC module 's  sample-  
and-hold c i rcui t .  

The heart of the input amplif ier is a thin-f i lm hybrid (Fig. 1 ). On 
th is  and  a re  two p reampl i f ie r  ICs ,  a  leve l -sh i f t ing  ch ip ,  and  an  
ope ra t i ona l  amp l i f i e r  ch ip ,  a l l  des igned  and  bu i l t  by  Hew le t t -  
P a c k a r d .  T h e  p r e a m p  I C s  a r e  b u i l t  u s i n g  a  2 - G H z  f T  b i p o l a r  
p r o c e s s . 1  T h e  o p  a m p  1 C  i s  d e s c r i b e d  i n  t h e  a c c o m p a n y i n g  
ar t ic le ,  and the level -sh i f t ing 1C is  the f i rs t  c i rcu i t  in  product ion 
us ing  HP ' s  MAGIC  ch ip .  
"MAGIC =  mu l t ip le  access  genera l i zed  in te rconnec t  c i r cu i t  

Bui l t  us ing a 1-GHz b ipo lar  LSI  process,  the MAGIC chip con 
ta ins an array of  t ransistors and resistors.  The designer def ines 
the funct ion o f  the c i rcu i t  by  spec i fy ing a  custom second meta l  
mask.  Th is  approach a l lows fast  development  t ime at  low cost .  

S igna l  vo l tages presented to  one o f  the  two h igh- impedance 
inputs  pass through a d iscrete  a t tenuator  and JFET impedance 
converter  assembly which dr ives the hybr id (see Fig.  2) .  On the 
hybrid, s ignals proceed to the preamp 1C where the voltages are 
at tenuated and the signal  informat ion is converted to di f ferent ia l  
currents. These dif ferential  currents are summed with other dif fer 
ent ial  currents containing the offset information. These combined 
currents are converted to a differential voltage that is presented to 
the  MAGIC ch ip ,  wh ich  leve l -sh i f t s  the  vo l tage and bu f fe rs  the  
p reamp s tage f rom the  ou tpu t  s tage.  The op  amp ou tpu t  s tage 
conver ts  the d i f ferent ia l  vo l tage to  a  s ing le-ended vo l tage.  The 
hybr id  ou tpu t  d r i ves  the  50-ohm inpu t  to  the  samp le -and-ho ld  
circuit. 

The hybrid also contains 27 thin-fi lm resistors. Because the gain 
of  the c i rcui t  is  determined by the rat io of  several  of  these resis 
tors, tr imming some of the resistor values is a must. An HP 9825A 
D e s k t o p - C o m p u t e r - b a s e d  a u t o m a t i c  t r i m m i n g  s y s t e m 2  h e a t s  
each resistor individually by running a high current through Â¡land 
monitors the change in resistance value resul t ing f rom the oxida 
t ion of resistor material. Resistors are tr immed to 0.25% tolerance 
with low values of  dr i f t  wi th t ime. 

The 5180A input  ampl i f ier  has a typical  bandwidth of  60 MHz. 
C o u p l e d  w i t h  t h e  A D C  s y s t e m  t h i s  r e s u l t s  i n  a n  a m p l i f i e r  
bandwidth greater than 40 M Hz for a f lat frequency response past 
the  Nyqu is t  f requency .  Each  channe l  can  be  ac  coup led .  Each  
channel input can be internal ly grounded or connected to a preci  
s ion 100-mV reference for  precise operat ional  ver i f icat ion of  the 
ampl i f ier /ADC system. 

Reference 
1. U.K. Monolithic, "An Oscilloscope Vertical-Channel Amplifier that Combines Monolithic, 
Th ick-F i lm Hybr id ,  and Discre te  Techno log ies . "  Hewle t t -Packard  Journa l ,  December  
1975. 
2 .  C.  Wor ley ,  "Prec is ion  Cur rent  Tr imming o f  Th in-F i lm Res is tors , "  Hewle t t -Packard  
Hybr id  Packaging Conference.  June 22,  1981.  

-Paf  Deane 
F ig .  1  .  5180A Waveform Recorder  input  ampl i f ie r  hybr id  c i r  
c u i t  i n c l u d e s  f o u r  H P  i n t e g r a t e d  c i r c u i t s  a n d  2 7  t h i n - f i l m  
resistors. 

acquisition by a quantizer. 
The error budget calls for full 10-bit accuracy of the DAC 

and error amplifier combination. This depends on the time 
allotted for the pair to settle. The time budget of 3 5 ns makes 
the amplifier the limiting speed component in the system. 
Since the sample-and-hold signal reaches the error 
amplifier before the DAC signal, the amplifier is briefly 
driven out of the active range. Schottky clamps in the error 
amplifier keep it out of saturation. Recovery is fast enough 
for the closed-loop bandwidth of 40 MHz to meet settling 
requirements in the allotted time. The second pass uses 
quantizers at their resolution limit: peak bin size deviations 
up to 1/3 LSB may occur. As with the first pass, the time 
requirement of 4 ns is easily met by the quantizers. 

To summarize, the digitizer's performance is the result of 
four different custom 1C designs used in nine places on a 

thin-film hybrid microcircuit (Fig. 16). The output is pro 
vided on ECL lines for high-speed transmission of informa 
tion with a minimum of noise. 

Design Considerat ions 
The nature and complexity of the sample-and-hold and 

digitizer circuitry dictated hybrid circuits. Pulse rise times 
less than 1 ns and a sample-conversion process (sample- 
and-hold, first pass, DAC settling, second pass) that must 
take place in 50 ns fit well with hybrid geometries and their 
microwave transmission line structures. Line widths and 
lengths are controlled so the timing is repeatable and well 
defined. 

The high density attainable with hybrid techniques has 
two other important features. By placing all components 
close together, parasitic elements can be reduced, ground 
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Normal /  

Cal ibrat ion 
dc/ac 

Fig .  2 .  Input  ampl i f ie r  b lock  d iagram.  

loops can be minimized and references can be bypassed to 
the "same" node. A quantization resolution of 2 mV places 
very stringent requirements on the cleanness of the analog 
ground references and power supply. Digitial switching 
currents must be isolated and bypassed so references do not 
change. A thermal environment that allows the DAC and 
feedback resistor to track each other is also important, and 
close proximity with a minimum of packaging interfaces is 
necessary. 

Twelve watts of power must be removed from the dig 
itizer hybrid with a minimum temperature rise at the 1C 
junctions. The hybrid is mounted in a finned aluminum 
heat sink. Heat sink grease is applied in dots just under the 
ICs. This technique minimizes the effects of substrate 
camber and results in the lowest thermal impedance. In 
frared microscope measurements on this structure have 
confirmed a thermal impedance of ISUwatt. This indicates 
that the hottest transistor junction of a quantizer 1C is only 
20Â°C above the ambient measured at the back surface of the 
heat sink. When the instrument is at maximum rated tem 
perature, 55t, the transistor junction is at 105t, which is 
excellent for reliability considerations. 

An automatic gold thermosonic bonder is the assembly 
technique for fabricating the 275 wire interconnects in the 
digitizer circuit. This bonder was chosen more for repeata 
bility, quality, and correct bond placement than cost of 
circuit construction. 

The digitizer and sample-and-hold hybrids are exactly 
the same size and mounted in similar ways on their respec 
tive boards. A 1.65-mm-diameter tube of silicon rubber 
covered by a Kaptonâ„¢ film with etched conductors 0.076 
mm wide and 0.102-mm spaces is sandwiched between 
mirrored pads on the board and substrate. This gives 
mechanical alignment, current-handling capability for the 
high dc bias currents, and a good RF match. 

The sample-and-hold and digitizer printed circuit boards 
are part of the ADC module, which is a stand-alone five- 
board set that requires only dc power and a single-phase 
clock to perform the analog-to-digital conversion. The other 
three boards in the module are timing, redundancy, and 
voltage reference boards. 

The timing board generates six different one- or two- 
phase clock signals. Three of these, the sample-and-hold, 
first-pass, and second-pass clocks, require a very precise 
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Fig.  16.  Dig i t izer  hybr id.  

time relationship. The time spacings are obtained by mea 
sured coaxial delay lines and high-speed logic ICs made in a 
5-GHz (fT) 1C process. These gates are used to generate the 
required fast rise times and to minimize the jitter that would 
cause instrument errors. 

The redundancy board takes the eleven data bits and two 
extra carry bits from the digitizer and performs the 
mathematical operation already described to arrive at the 
10-bit answer. 

The voltage reference board is a series of op amp voltage 
sources followed by emitter followers for current output 
capability. This board excludes noise generated by the rest 
of the instrument system and generates precision references 
required by the sample-and-hold and digitizer hybrids. 
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i n .  F o r  t h e  5 1  8 0 A  W a v e f o r m  R e c o r d e r ,  
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g i n e e r ,  p r o d u c t i o n  e n g i n e e r i n g  m a n  
a g e r ,  p r o j e c t  l e a d e r ,  a n d  p r o j e c t  m a n  
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c u l a t o r s .  H e  d e s i g n e d  t h e  h y b r i d  f o r t h e  
H P 0 1  W a t c h / C a l c u l a t o r .  H e ' s  a  
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Measuring Waveform Recorder 
Performance 
by Bruce E.  Peetz .  Arthur S.  Muto,  and J.  Mart in Nei l  

THE KEY TO CONFIDENCE in the quality of a wave 
form recorder is assurance that the analog-to-digi- 
tal converter (ADC) encodes the signal without de 

grading it. Dynamic tests that cover the frequency range 
over which the converter is expected to operate can provide 
that assurance. The results of the dynamic tests give the 
useramodel of resolution versus frequency for the recorder. 
More elaborate models of failure mechanisms can be ob 
tained by varying the conditions of the tests. 

All of the dynamic tests used for the 5180A Waveform 
Recorder use sine waves as stimulus. Sine waves were cho 
sen primarily because they are the easist to generate in 
practice at the frequencies of interest with adequate fidelity. 
While it may be possible to generate a square wave, for 
example, whose function is known to the 10-bit resolution 
of the 5180A, no square wave generators exist that can 
guarantee the same waveshape to 10-bit resolution at 10 
MHz from unit to unit. Another motivation for choosing a 
sine wave stimulus is the simple mathematical model a sine 
function provides for analysis. This benefit greatly 
simplifies the algorithms used for data analysis. 

Four dynamic tests for waveform recorder characteriza 
tions are presented here: beat frequency testing,1 histo 
gram analysis,2 sine wave curve fitting,3'4 and discrete 
finite Fourier transform.5 The last three tests operate in the 
same way. A sine wave source is supplied to the waveform 
recorder and one or more records of data are taken. A com 
puter is then used to analyze the data. The tests differ 
primarily in the analysis algorithms and consequently in 
the sort of errors brought to light. Critical to the success of 
these tests is the purity of the sine wave source. Synthesized 
sources are necessary to provide the short-term and long- 
term stability required by the dynamic range of the ADC. 
Passive filters (a six-pole elliptical filter is used for 5180A 
tests) are required to eliminate harmonic distortion from the 
source. 

These tests provide the most stressful conditions for the 
ADC with the input signal amplitude at full scale. Generally 

Waveform Recorder  
under Test  

fs+Af  

Fig.  2.  When the input  f requency is  c lose to the sample rate 
f s ,  t he  encoded  resu l t  i s  a l i ased  t o  t he  d i f f e rence  o r  bea t  
f r e q u e n c y  \ f .  

speaking, nonlinear effects increase more quickly than the 
signal level increases because of the nonideal large-signal 
dc behavior of the ADC components and the higher slew 
rates large amplitudes imply. 

Beat  Frequency Test ing 
The beat frequency and envelope tests are qualitative 

tests that provide a quick, simple visual demonstration of 
ADC dynamic failures. An input frequency is selected that 
provides worst-case range changes and maximal input slew 
rates that the ADC is expected to see in use. The output is 
then viewed on a display in real time. 

The name "beat frequency" describes the reasoning be 
hind the test. The input sinusoid is chosen to be a multiple 
of the sample frequency plus a small incremental frequency 
(Fig. 1). Successive samples of the input waveform step 
slowly through the sine wave as a function of the small 
difference or beat frequency (Fig. 2). Ideally, the multiplica 
tive properties of sampling would yield a sine wave of the 
beat frequency displayed on the waveform recorder's CRT. 
Errors can be seen as deviations from a smooth sine func 
tion. Missing codes, for example, appear as local discon 
tinuities in the sine wave. The oversize codes that accom 
pany missing codes are seen as widening in the individual 
codes appearing on the sine wave. 

By choosing an arbitrarily low beat frequency, a slow 
accurate DAC may be used for viewing the test output. For 
best results, the upper limit on the beat frequency choice is 
set by the speed with which the beat frequency walks 
through the codes. It is desirable to have one or more suc 
cessive samples at each code. This alleviates the settling 

HP 3320A 
Synthesizer 

CRT 
(P layback)  

Fig .  1 .  Beat  f requency tes t  se tup.  

f s / 2 + A f  

Fig.  3.  When the input f requency is near one-hal f  the sample 
rate,  the envelope of  the d i f ference f requency resul ts .  
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HP 3325A Synthesizer  

F i g .  4 .  A  b e a t  f r e q u e n c y  d i s p l a y  p r o d u c e d  b y  t h e  5 1 8 0 A  
Waveform Recorder wi th a 10.0031-MHz input  f requency and 
a 10-MHz sample ra te .  The smooth s ine wave ind icates f ree 
dom f rom dynamic  er rors .  

constraint on the DAC and ensures that the display covers 
all possible code failures. For a 20-MHz sample rate and a 
10-bit ADC, this implies a 3-kHz maximum beat frequency 
for a minimum of one sample per code bin. 

Although the usual input frequency for a beat frequency 
test is near the sample rate, the analog bandwidth of the 
ADC may be measured by setting the carrier to a number of 
different multiples of the sample rate. The band limit is 
observed as a rolloff in amplitude as the carrier frequency is 
increased. 

The envelope test differs from the beat frequency test in 
the choice of input frequency that the ADC encodes. Instead 
of a multiple of the sample frequency, an input frequency 
near one-half the sample rate is used. Now the ideal output 
is two out-of-phase sinewaves at the beat frequency (Fig. 3). 
This means that successive samples can be at the extreme 
ends of the ADC range, which is useful for examining slew 
problems that might not appear when successive samples 
are at adjacent codes. To avoid placing the same stress on 
the DAC used for display, a bank of D flip-flops removes 
every other sample before the data arrives at the DAC. Thus 
only one phase of the beat frequency remains. 

HP 9825 
Controller 

Fig.  6 .  Sefup for  h is togram test .  

Fig. 4 shows 5180A beat frequency test results for a 
10.0031-MHz input sine wave sampled at 10 MHz. For 
comparison, Fig. 5 shows a 10.0031-MHz sine wave being 
sampled at 10 MHz by a commercially available 8-bit, 
20-MHz ADC. 

Histogram Test ing 
A sine-wave-based histogram test provides both a 

localized error description and some global description of 
the A-to-D converter. Using the histogram test, it is possible 
to obtain the differential nonlinearity of the ADC, to see 
whether any missing codes exist at the test frequency, and 
to get a measure of gain and offset at the test frequency. Of 
the sine- wave-based tests presented here, the histogram test 
yields the best information about individual code bin size at 
an arbitrary frequency. 

A statistically significant number of samples of the input 
sinusoid are taken and stored as a record (Fig. 6). The 
frequency of code occurrence in the record is then plotted as 
a function of code. For an ideal ADC, the shape of the plot 
would be the probability density function (PDF) of a sine 
wave (Fig. 7) provided that the input and sample frequen 
cies are relatively independent. The PDF of a sine wave is 
given by: 

p(V)= 

jrA 

i r A  

Fig.  5.  A beat  f requency d isp lay for  a commerc ia l ly  avai lab le 
10-MHz,  8-b i t  ADC wi th  a  10.0031-MHz input .  

V = - A  0  

Fig.  7 .  S ine wave probabi l i ty  dens i ty  funct ion.  

V = A  
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where A is the sine wave amplitude and V is the indepen 
dent variable (voltage). For a real ADC. fewer than the 
expected number of occurrences for a given code bin indi 
cates that the effective code bin width is smaller than ideal 
at the input frequency. No occurrences indicates that the 
code bin width is zero for that input. A greater-than- 
expected number of occurrences implies a larger-than-ideal 
code bin width. 

What is a statistically significant number of samples? \Ve 
can determine significance from probability theory. For a 
given input PDF and record size, each bin of an ideal ADC 
has an expected number of occurrences and a standard 
deviation around that expectation. The confidence that the 
number of occurrences is close to the expectation is equal to 
the probability that the occurrences fall within the appro 
priate number of standard deviations. The ratio of the stan 
dard deviation to the expectation (and thus the error for a 
given confidence) decreases with more samples. To get the 
confidence for the entire range, the probabilities for all 
codes lying within the desired error are multiplied to 
gether. 

For an ideal 10-bit ADC, 100,000 samples would give us a 
12% confidence that the peak deviation from the input PDF 
is less than 0.3 least-significant bit (LSB) and a 99.9% confi 
dence that the peak deviation is less than 0.5 LSB. The 
notion of confidence relies on the input's being a random 
process. We can model the sine wave input as random 
process only if the input and sample frequencies are rela 
tively independent. 

The specification of greatest interest that can be calcu 
lated using the histogram test is differential nonlinearity. 
Differential nonlinearity is a measure of how each code bin 
varies in size with respect to the ideal: 

Differential nonlinearity = â€” 
actual P (nth code) 

ideal P (nth code) 
- 1  

â€¢Histogram testing can be thought of as a process of sampling and digitizing the input signal 
and sor t ing the d ig i t ized samples in to b ins.  Each b in represents a s ingle output  code and 
col lects samples whose values fa l l  in  a speci f ic  range. The number of  occurrences or  sam 
p les co l lec ted in  each b in  var ies accord ing to  the input  s ignal .  I f  N is  the number  o f  ADC 
b i ts ,  there  a re  2N b ins .  Idea l l y ,  i f  B  i s  the  fu l l -sca le  range o f  the  ADC in  vo l ts ,  each b in  
corresponds to a range of sample sizes covering B/2N volts. In a real ADC, the bins may not 
a l l  have the same width.  

I  I  I  I  I  I  I  t 

Output  Code 
l i l i l Ã ­  â € ”  I  

1023 

Fig.  8.  A 100,000-sample h is togram for  a 5180A wi th a 9.85-  
MHz  s ine  wave  i npu t .  A l l  d i scon t i nu i t i es  a re  l ess  than  one  
least-signif icant bi t  (LSB). 

E x t r a o r d i n a r i l y  
L a r g e  D i f f e r e n t i a l  

N o m l i n e a r i t y  

N u m e r o u s  M i s s i n g  C o d e s  .  

l i l i l Ã ­    I  I  I  I  H â€” I- 
O u t p u t  C o d e  256 

Fig .  9 .  A  100,000-sample  h is togram p lo t  fo r  a  commerc ia l l y  
ava i l ab le  20 -MHz,  8 -b i t  ADC w i th  a  9 .85 -MHz inpu t .  La rge  
d i f fe ren t ia l  non l /near i t i es  and  numerous  m issed  codes  a re  
apparent.  

where actual P(nth code) is the measured probability of 
occurrence for code bin n, and ideal P(nth code) is the 
ideal probability of occurrence for code bin n. The code bin 
number n goes from 1 to 2N, where N is the number of ADC 
bits. Using the probability of occurrence eliminates depen 
dence on the number of samples taken. To calculate the 
probability for each code in the actual data record, the 
number of occurrences for each code is divided by the 
number of samples in the record. The ideal probability of 
occurrence is what an ideal ADC would generate with a sine 
wave input. For each code bin, this is the integral of the 
probability density function of a sine wave over the bin: 

B ( n - l - 2  N - 1  

where n is the code bin number, B is the full-scale range of 
the ADC, and N is the number of ADC bits. To avoid large 
differences in code probability caused by the sinusoid cusp, 
a sine wave amplitude A is chosen that slightly overdrives 
the ADC. 

A judicious choice of frequency for the input sinusoid in 
this test is necessary for realistic test results. An input 
frequency that is a submultiple of the sample frequency 
violates the relative independence criterion and will result 
in sampling of the same few codes each input cycle. Using 
an input frequency that has a large common divisor with the 
sample frequency generates similar problems since the 
codes repeat after each cycle of the divisor frequency. Ide 
ally the period of the greatest common divisor should be as 
long as the record length. 

A 5180A histogram is shown in Fig. 8 for an input sine 
wave at 9. 85 MHz. For comparison, Fig. 9 shows data from a 
commercially available, 8-bit 20-MHz ADC for an input sine 
wave at 9.85 MHz, while Fig. 10 shows data from an 8-bit, 
100-MHz ADC taken at 9.85 MHz. 

Curve Fitt ing 
The curve-fit test is a global description of the ADC. This 
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2 2 6  M i s s i n g  C o d e s  

H    1    H  

O u t p u t  C o d e  
256  

F i g .  1 0 .  A  1 0 0 , 0 0 0 - s a m p l e  h i s t o g r a m  p l o t  f o r  a  1 0 0 - M H z ,  
8 - b i t  A D C  w i t h  a  9 . 8 5 - M H z  i n p u t  s a m p l e d  a t  2 0  M H z .  E x  
t remely large di f ferent ia l  nonl inear/ t ies and numerous missed 
codes are  apparent .  

means that the errors measured by the test are averaged to 
give a general measurement of the ADC transfer function. 
The result of this test is a figure of merit called the number 
of effective bits for the ADC. The effective bit number is a 
general measure of how much an ADC's nonlinearity has 
impaired its usefulness at a given frequency. 

The number of effective bits is obtained by analyzing a 
record of data taken from a sine wave source (Fig. 11). The 
analysis consists of generating a sine wave in software that 
is a best fit to the data record. Any difference between the 
data record and the best-fit sine wave is assumed to be error 
(Fig. 12). The standard deviation of the error thus calculated 
is compared to the error an ideal ADC of the same number of 
bits might generate. If the error exceeds the ideal the 
number of effective bits exhibited by the ADC is less than 
the number of bits it digitizes. Errors that cause degradation 
in this test are nonlinear effects such as harmonic distor 
tion, noise, and aperture uncertainty. Gain, offset, and 
phase errors do not affect the results since they are ignored 
by the curve-fit process. 

The number of effective bits is computed using expres 
sions for average error as follows: 

â € ž , . ,  / a c t u a l  r m s  e r r o r   
Effective bits= N-log2 I T^ â€” ;    ideal rms error / 

where N is the number of ADC bits. The ideal rms error is 
not actually computed for the input waveform, but is as 
sumed to be the quantization noise exhibited by an ideal 
ADC with a uniform-probability-density (UPD) input such 
as a perfect triangle wave. The ideal error is found from the 
expectation of squared error for a rectangular distribution. 
A rectangular distribution is used since that represents a 
UPD taken over an ideal code bin. The result thus obtained 

Ideal rms error = 
Q 
12 

HP 3325A Synthesizer  

H B ^ H  

HP-IB 

51 80 A Waveform 
Recorder 

Input 

F ig .  11 .  Se tup  fo r  t he  cu rve - f i t  t es t  and  the  d i sc re te  f i n i t e  
Fourier transform (DFT) test. 

sine wave is not a UPD function, the UPD assumption is still 
valid since it is locally applied over each code bin. The 
deviation from a UPD over each code bin is very small, so 
the errors in using sine waves to approximate UPD inputs 
are negligible. 

The actual rms error is simply the square root of the sum 
of the squared errors of the data points from the fitted sine 
wave. The actual rms error is given by: 

Â £  r  r  E = 2, L xk-Acos(wtk+P)-C (1) 
k=i 

where E is the actual rms error, xk and tk are the data points , 
m is the number of data points in the record, and the fitted 
sine wave parameters are amplitude A, frequency o), phase 
P, and offset C. 

Equation 1 is also used to find the best-fit sine wave by 
minimizing the error E. The error is minimized by adjusting 
the fit parameters: frequency, phase, gain, and offset. This is 
done by taking the partial derivative of E in equation 1 with 
respect to each of the four parameters. The error minimum 
occurs when all of the derivatives are equal to zero. This 
gives the four simultaneous equations: 

m  m m  

^xkcos(o)tk+P) = A^cos2(o)tk+P) + c2cos(o)tk+P) (2) 
k = l  k = l  k = l  

2  x k  =  A ^ c o s ( o j t k + P ) + n C  
k = l  k = l  

(3)  

xktksin(c<jtk+P) = 

k=l 

tkcos(o)tk+P) sin(o)tk+P) +C tksin(o>tk+P) (4) 
k = l  k = l  

xksin(o)tk+P) = 

where Q is the ideal code bin width. Although the input 

A  c o s ( < u t k + P )  s i n ( c o t k + P )  + C  s i n ( c o t k + P )  ( 5 )  
k = l  k = l  

Equations 2 and 3 result from gain and offset adjustments. 
These are substituted into the other two equations, 4 and 5, 
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Ef fec t i ve  B i t s  =  8 .51  
Ca l .  Amp l i tude  0 .81  
Ca l .  F requency  9850320.9  
Ca l .  Phase  -  94 .95  
Cal .  Of fset  509.31 

Data  Record  

A A A A 

H  V  Er ro r  Res idue  V 
Fig. the 2. The first 20 points of the curve-fit data record and the 
error  residue f rom a f i t ted s ine wave. 

giving two nonlinear equations: 

2 (xk-x)tksin(<utk+P) 2 [cos(o>tk+P)-a]tksin(a>tk+P) 
k = l  k = l  

(6) 

k=i k=i 
[cos(a>tk+P)-Ã ]cos(cutk+P) 

2 (xk-x)sin(cotk+P) ^ [cos(Â«atk+P) -a]sin(o)tk+P) 
k = l  k = l  

(7) 

k=l k=l 
[cos(wtk+P)-a]cos(Ã¼)tk+P) 

where a = Â£ cos(cutk+P) 

These are solved iteratively to give values for the parame 
ters. The difference between the right and left sides of 
equation 6 is defined as error parameter R and the difference 
between the right and left sides of equation 7 is defined as 
error parameter S. An approximation algorithm using a 
first-order Taylor series expansion drives R and S to zero. 
This approximation algorithm requires an initial guess for 
frequency and phase close to the solution to ensure con 
vergence to the best-fit sine wave. For frequency, the fre 
quency of the generator output in Fig. 11 is used as a guess. 
For phase, a guess is based on an examination of the data 
record by a software routine. 

Although the result of this process is a single figure of 
merit, some enlightenment can be gained about the error 
components in the ADC by varying the test conditions. 
White noise produces the same degradation regardless of 
input frequency or amplitude. That is, the error term in 
equation 1 is independent of test conditions for this sort of 
error. Another way of identifying noise in this test is by the 
randomness in the error residue, or the difference between 
the best-fit sine wave and the data taken. 

Aperture uncertainty is identifiable because it generates 
an error that is a function of input slew rate. When this is the 
dominant error causing a low number of effective bits, the 

number of effective bits will van- linearly with both input 
frequency and amplitude. If the input waveform is sampled 
only at points of constant slew rate, such as zero crossings, 
then the aperture uncertainty corresponds to the amount 
that the effective bits decline as a function of slew rate. 

Harmonic distortion is usually a nonlinear function of 
amplitude and frequency. Its distinguishing characteristic 
is the presence of the harmonics (or aliased harmonics if the 
fundamental is close to the Nyquist frequency) in the error 
residue. The amplitudes of the harmonics can be extracted 
by fitting the error residue with best-fit sine waves of the 
important harmonic frequencies. The impact of noise and 
aperture uncertainty in the presence of large distortion er 
rors can be assessed by effective bit values and error res 
idues with the fitted harmonics removed. 

The greatest pitfall in the curve-fit test is using an input 
frequency that is a submultiple of the sample frequency. 
Since the same codes are sampled at exactly the same volt 
ages each cycle, the locally uniform probability distribution 
assumption is violated. In the worst case, a submultiple of 
one-half, the quantization error would not be measurable at 
all. From a practical standpoint, this also defeats the global 
description of the test by sampling only a handful of codes. 

Another potential pitfall is lack of convergence of the 
curve-fit algorithm. There are a few occasions where this 
can become a problem, such as when the data is very poor or 
the computational resolution is inadequate. 

Fig. 12 shows the error plot for a 5180A curve-fit test 
taken at a 9.85-MHz input frequency. The number of effec 
tive bits associated with this error is 8.51. 

FFT Test ing 
The fast Fourier transform (FFT) is used to characterize 

an ADC in the frequency domain in much the same way that 
a spectrum analyzer is used to determine the linearity of an 
analog circuit. The data output for both techniques is a 
presentation of the magnitude of the Fourier spectrum for 
the circuit under test. Ideally the spectrum is a single line 
that represents the pure sine wave input and is devoid of 
distortion components generated by the circuit under test. 
There are, however, significant differences between the 
spectrum analyzer and ADC spectra because of the sam 
pling operation of the ADC. 

The Fourier transform of a signal x(t) that is continuous 
for all time is defined as 

X(f)= 

and includes the amplitude and phase of every frequency in 
x(t). The Fourier transform cannot be used in this form for 
an ADC, however, because x(t) is only digitized at a finite 
number of points, M, spaced At apart. Instead, the discrete 
finite transform (DFT) must be used. It is defined as 

M - l  

XD(f) = Â£ x(mAt)e-i27rf'mAt'At 
m=0 

There are significant differences between X(f) and XD(f). 
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F i g .  1 3 .  T i m e - d o m a i n  a n d  f r e  
q u e n c y - d o m a i n  r e p r e s e n t a t i o n s  
o f  r e c t a n g u l a r  a n d  M a n n i n g  w i n  
dows. 

While X(f) has infinite spectral resolution, XD(f) has a dis 
crete frequency resolution of Af = 1/MAt because of the 
finite number of points in the data record. The finite record 
size also accounts for another difference between X(f) and 
XD(f) whenever a nonintegral number of cycles of X(t) is 
contained in the record. Since the DFT assumes that the 
record repeats with a period of MAt (to satisfy the Fourier 
transform condition that x(t) be continuous for all time) 
sharp discontinuities at the points where the start of one 
record joins the end of the preceding record cause the spec 
tral components of X(f] to be spread or smeared in XD(f). 

The smearing, called leakage, can be explained as fol 
lows. The finite record size of x(t) can be considered the 
consequence of multiplying x(t) by a rectangular function 
having unity amplitude during the time period MAt that the 
record is acquired and zero amplitude elsewhere. Since 
multiplication of two functions in one domain (time, in this 
case) is equivalent to convolution in the other, the spectrum 
of XD(f) is derived by convolving X(f) with W(f), the Fourier 
transform of the rectangular function. W(f) is the familiar 
sinx/x function (see Fig. 13 for | W(f) Â¡), consisting of a main 
lobe surrounded by a series of sidelobes whose amplitudes 
decay are a 6-dB-per-octave rate. It is these sidelobes that are 
responsible for leakage. Even if the spectrum of X(f) is a 
single line, the sidelobes of W(f) during the convolution 
smear the energy in the single line into a series of spectral 
lines spaced 1/MAt apart whenever the frequency of x(t) is 
not an integral multiple of 1/MAt. 

Leakage can be reduced by multiplying the data in the 
record by a windowing function that weights the points in 
the center of the record heavily while smoothly suppressing 
the points near the ends. Many different windowing func 
tions exist that offer various tradeoffs of amplitude resolu 
tion versus frequency resolution. A function commonly 
used with sine waves is the Hanning window, defined by 
| (V2)(l-cos 27Tt/MAt) . Notice in Fig. 13 that both the win 
dow and its derivative approach zero at the two ends of the 
record and that the transform's main lobe is twice as wide as 
that of the rectangular function, while the amplitudes of the 
sidelobes decay by an additional 12 dB per octave. The 
reduced level of the sidelobes reduces leakage, but the 
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wider main lobe limits the ability to resolve closely spaced 
frequencies. Furthermore, the shape of the main lobe can 
attenuate the spectral amplitudes of X(f) by as much as 1.5 
dB. However, for the DFT testing to be described here, the 
Manning window was selected as a good compromise be 
tween frequency and amplitude resolution. 

The third difference between the spectra of X(f) and XD(f) 
is the limited range of frequencies displayed for XD(f). The 
sampling process causes the two-sided spectrum of X(f), 
symmetrical about the origin, to be replicated at the sam 
pling frequency fs and at all of its harmonics. If X(f) contains 
components that exceed fs/2, then these components are 
folded back, or aliased, onto spectral lines below fs, causing 
aliasing errors. The frequency fs/2 is sometimes called the 
Nyquist frequency, referring to the Nyquist criterion, which 
requires the sampling rate to be twice the highest frequency 
present in the input signal to define the waveform uniquely. 
The result is that the spectrum of XD(f) is displayed only 
from dc to fs/2 and the maximum input frequency must be 
limited to less than fs/2 to avoid aliasing. 

Fig. 14 presents the magnitude of the spectra derived 
from the DFT for perfect 10-bit and 6-bit ADCs given a pure 
sinusoidal input. Useful information about the ADCs' per 
formance can be derived from three features of the spectra: 

FREQUENCY=9 .85  MHz  CHANNEL A  (1  Vo l t  Range)  
PEAK CARRIER:  4 .5  dBm 
P E A K  N O I S E :  - 5 9 . 6  d B c  
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Fig. 1 5. DFT plots for the 5180 'A with input frequencies of 9.85 
MHz (top) and 0.95 MHz (bottom). The low harmonic distort ion 
indicates very low integral  nonl inear i ty .  

the noise floor, the harmonic level, and the spurious level. 
Two classes of noise sources determine the level of the 

noise floor. The first is called quantization noise. This is the 
error, bounded by Â±V2LSB, that is inherent in the quantiza 
tion of the input amplitude into discrete levels. As can be 
seen in Fig. 14, even ideal ADCs have noise floors deter 
mined by quantization noise. The higher the number of bits, 
the smaller the error bound and, therefore, the lower the 
noise floor. 

All real-life ADCs have noise floors that are higher than 
that solely from quantization noise. The second class of 
noise source includes wideband noise generated within the 
ADC, along with other sources. In a parallel-ripple ADC, for 
example, such things as misadjustment between the first- 
pass and second-pass ranges (exceeding the redundancy 
range) or inadequate DAC settling can cause localized code 
errors or differential nonlinearities in the ADC's static 
transfer function. Furthermore, localized code errors can 
increase in amplitude and in the number of codes affected 
under dynamic input conditions. Aperture jitter is another 
major source of dynamic error; the magnitude of this 
localized code error is dependent upon the slew rate of the 
input at the time of sampling. Each of these localized code 
errors can be modeled as a sharp discontinuity in the time 
domain that when transformed into the frequency domain 
results in a broad spectrum that raises the height of the 
noise floor above that caused by quantization noise alone. 

The second feature of the DFT-derived spectrum that 
indicates an ADC's level of dynamic performance is the 
harmonic content. Static and dynamic integral non- 
linearities cause curvature in the ADC's transfer function. If 
the input frequency fin is much lower than the Nyquist 
frequency (fs/2), then the harmonic components will be in 
the expected locations: 2fin, 3fin, etc. If, on the other hand, 
the harmonics of fin are greater than fs/2, then these frequen 
cies will be aliased onto components below fs/2. Take, for 
instance, a 20-megasample-per-second (fs) ADC with an 
input of 9.85 MHz, The second harmonic at 19.7 MHz is 
aliased to 0.3 MHz, the third harmonic at 29.55 MHz is 
aliased to 9.55 MHz, the fourth at 39.4 MHz is aliased to 0.6 
MHz, and so on. 

Care must be exercised in selecting the input frequency 
for the DFT test. An incorrectly chosen frequency can alias 
one of its harmonic components onto the fundamental and 
thereby understate the harmonic distortion (in the example 
above, an input of exactly 5 MHz would place the third 
harmonic at the fundamental frequency). The input fre 
quency should be chosen so that the harmonics are far 
enough away to be easily resolvable from the fundamental, 
whose energy has been spread into several adjacent bins 
(1/MAt locations) by the Hanning window. This accounts 
for the 0. 1 5-MHz offset from 10 MHz used in the example of 
Fig. 14. 

The third feature of the DFT-based spectrum that is indi 
cative of the ADC's level of dynamic performance is the 
spurious content. Spurious components are spectral com 
ponents that are not harmonically related to the input. For 
example, a strong signal near the ADC may contaminate the 
ADC's analog ground somehow and thereby appear in the 
spectrum. The nearby signal will not only appear as itself, 
but because of nonlinearities within the ADC, can combine 

NOVEMBER 1982  HEWLETT-PACKARD JOURNAL 27  

© Copr. 1949-1998 Hewlett-Packard Co.



O d B T  

- 6 0  d B  

1 6  d B  

4 5 6 7  

F r e q u e n c y  ( M H z )  

10 

OdB-r 

- 6 0  d B  

Frequency (MHz)  
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harmonic d istor t ion indicate severe integral  nonl inear/ t ies.  

with the input signal to form sum and difference terms 
resulting in intermodulation distortion. 

The combined effects of noise floor, harmonic distortion 
and spurious errors are reflected in the ADC's rms signal- 
to-noise ratio, which can be derived from the DFT mag 
nitude spectrum. The signal energy is determined by sum 
ming the energy in all the bins associated with the funda 
mental. The noise energy is the sum of the energy in all 
other bins. By taking the logarithm of the ratio of signal 
energy to noise energy and multiplying by 20, the signal- 
to-noise ratio for the ADC can be calculated. An ideal N-bit 
ADC having quantization noise only is theoretically known 
to have a signal-to-noise ratio equal to (6N+1.8) dB, which 
sets an upper bound. A signal-to-noise ratio below this 
ideal limit is indicative of errors of all types that the ADC 
produces. 

The FFT test setup is presented in Fig. 11. A full-scale 
sine wave of a properly chosen frequency is applied to the 
ADC under test. The low-pass filter ensures a spectrally 
pure input. A 1024-point record sampled at the maximum 
sampling rate is then taken and given to the computer, 
which calculates the DFT using an FFT algorithm. The 
spectral magnitude is plotted as a function of frequency. 

Fig. 15 shows the graphical outputs for the 5180A for 
full-scale sine wave inputs at 0.95 MHz and 9.85 MHz. As 
might be expected, the distortion increases with increasing 
frequency. Harmonic and spurious components are typi 
cally better than -60 dBc below 1 MHz and -54dBcat9.85 
MHz. The latter spectrum at 9.85 MHz is the frequency- 
domain representation for one of the most demanding tests 
of an ADC, called the envelope test, which was described 
earlier. 

Fig. 16 presents, for comparison, the test results for com 
mercially available digitizers: a 20-megasample-per- 
second, 8-bit ADC and a 100-megasample-per-second, 
10-bit ADC with a full-scale, 9.85-MHz sine wave input, 
sampled at 20 megasamples per second. The numerous 
large harmonic components, both odd and even, are indica- 

F i g .  1 7 .  S u m m a r y  o f  t h e  e r r o r s  
exposed by the dynamic  tes ts .  
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tive of severe harmonic distortion errors resulting from 
integral nonlinearity in the transfer functions of both of 
these ADCs. 

A rule of thumb has evolved that uses the DFT-based 
spectrum as a quick overview of an N-bit ADC's dynamic 
performance. If all harmonic and spurious components are 
at least 6N dB below the full-scale amplitude of the funda 
mental, then the ADC is performing satisfactorily, since 
each error component has a peak-to-peak amplitude smaller 
than an LSB. If, on the other hand, harmonic or spurious 
components are less than 6N dB down, or if the noise floor is 
elevated, then other tests can be performed that are better at 
isolating the particular integral and differential nonlinear 
ity errors. In particular, the FFT test can be followed by the 
histogram test or the beat frequency test (or envelope test), 
as conditions warrant. 

Conclusion 
The four sine-wave-based ADC tests described provide 

information about the quality of any recorder. The tests may 
be used to isolate specific failures, even at high speed and 
fine resolution (Fig. 17). The tests are simple to run, requir 
ing only a synthesized generator and an HP-IB computer. 
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Time Base Requirements for a 
Waveform Recorder 
by Steven C.  Bird and Jack A.  Folch i  

OR AN ANALOG-TO-DIGITAL CONVERTER (ADC) 
to digitize an input waveform accurately, there must 
be a time base or reference oscillator to provide a 

continuous, stable, sampling or ENCODE clock. The 5180A 
Waveform Recorder contains a room-temperature, low- 
noise, fundamental-mode crystal oscillator operating at a 
frequency of 20 MHz. There is also provision for selecting 
an external, user-supplied ENCODE clock. 

Time Base Stabi l i ty  Requirements 
If the stability of the sampling clock is not good enough, 

then one or more of the least-significant bits of the digitized 
result will be in error. In specifying the stability of an 
oscillator, two areas need to be identified. They are long- 
term stability, called drift or aging, and short-term stability. 
Other names for short-term stabil ity are jitter, cycle-to-cycle 
jitter, close-in phase noise, At/t, and Af/f. All of these terms 

mean the same thing. They specify the degree to which an 
oscillator will produce exactly the same frequency over a 
given short amount of time, usually less than one second. 
This article will concentrate mainly on short-term stability, 
since that has the greatest effect on the sampling process of 
a waveform recorder. 

Since the cycle-to-cycle jitter of an oscillator alters the 
time between samples in an ADC, there is a direct relation 
ship between phase noise of an oscillator and amplitude 
errors in the ADC conversion process. Ideally this phase 
noise should not produce more than one-half least- 
significant bit (LSB) of amplitude error under worst-case 
conditions. These conditions include maximum sample 
rate fs, maximum record length or maximum amount of data 
storage M, and maximum frequency and amplitude of the 
input signal vin(t). According to Nyquist's sampling 
theorem, if a signal is being sampled at a rate fs, then it is 
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possible to reconstruct the signal only if the bandwidth of 
the sampled signal is no greater than fs/2. Thus for worst- 
case analysis the input signal vin(t) can be described as: 

vin(t) = Asin (27rtfs/2) (1) 

where A is equal to one-half the full-scale dynamic range of 
the ADC. The maximum amplitude error occurs when sam 
pling the input signal at the zero crossings, where its slope 
is maximum. The slope of the input signal is given by: 

dvin(t)/dt = (27rfs/2)Acos(27rtfs/2) (2) 

At t=0, the slope of vin(t) is A27rfs/2 volts/second. 
As the number of ADC bits increases, the change of vin(t) 

between bit representations decreases and we can approx 
imate the maximum slope between samples of vin(t) as 
A27rfs/2 with increasing accuracy. As an example, for seven 
bits, the difference between the actual slope and the approx 
imation is only 0.001% . Thus the amplitude error in volts is: 

Avin(t) = At(A27rfs/2) 

Since the peak-to-peak amplitude of the input signal is 
2 A and is equal to the full dynamic range of the N-bit ADC, 
the maximum allowable voltage error of Vz LSB is: 

Avin(t) maximum = % LSB = 2A/2N+1 ( 4 )  

Equating the last two equations above and solving for At 
yields an expression for the maximum allowable time base 
error or jitter: 

At maximum = TTÃJ2) ( 5 )  

At is in units of seconds and is a peak value. Since the 
actual a jitter is a random statistical process with a 
Gaussian distribution, we need to convert At to an rms value 
to compare the theoretical phase noise requirements with 
the measured phase noise. If we equate At maximum to 
2.5crx, where crx is the standard deviation of the Gaussian 
random variable x = At, then the actual value of At can be 
expected to be less than our maximum At 98.76% of the 
time. 

The actual At is a function of the time interval T over 
which At is measured. The waveform recorder needs an 
oscillator for which crx(r) is less than 0.4 x (At maximum) for 
r equal to the maximum duration of a waveform recorder 
measurement using the maximum ADC sampling rate. This 
duration is the product of the minimum sample period and 
the maximum amount of data storage. Since the maximum 
amount of memory is fixed, longer measurement durations 
are obtained only by using slower sample rates. Since 
equation 5 shows a linear decrease in CTX(T) as the sample 
rate is lowered and there is a linear increase in measure 
ment duration, the requirement on CTX(T) relaxes linearly 
with unity slope for slower sample rates. 

In Fig. la crx is plotted as a function of T, which corre 
sponds to measurement duration. The line with zero slope 
is called a white phase noise floor process. The unity 
slope line is called a flicker-of-frequency process. Note 

that varying the sample rate affects the white phase noise 
floor process only, not the flicker-of-frequency process. 

Fig. Ib shows a family of requirement curves obtained by 
holding the sample rate and memory length constant and 
varying the number of ADC bits. This effects both the white 
phase noise floor process and the flicker-of-frequency pro 
cess. Fig. Ic shows a family of requirement curves obtained 
by holding the sample rate and number of bits in the ADC 
constant and varying the memory length from 8K samples 
to 64K samples. Note that varying the memory length af 
fects only the flicker-of-frequency process. 

Dividing <TX(T) by T, thereby normalizing to the measure 
ment duration, yields a parameter known as cry(T), where y 
is equal to At/t. Transforming CTX(T) to O\,(T) is necessary to 
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Fig.  1  .  T ime base s tab i l i ty  requ i rement  as  a  funct ion o f  (a)  
sample rate, (b) number of ADC bits,  and (c) memory length. 
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put the jitter requirement curves into a form that can be 
compared to measured values. Figs. 2a, 2b, and 2c show the 
same time-domain requirements as Figs. la. Ib. and Ic 
expressed using cry(T). The white phase noise floor process 
now has a slope of â€” 1 and the flicker-of-frequency process 
has a slope of zero. A technique for measuring cry(T) is 
described later in this article. 

The most common representation of phase noise is in the 
frequency domain, where it is known as C(f). C(f) is de 
scribed as the power ratio of a single phase-modulation 
sideband to the total signal power, referenced to the carrier 
on a spectral-density basis. C(f) is measured in units of 
dBc/Hz and is most commonly plotted as a function of 

frequency offset from the carrier. Since AÂ£'f is equivalent to 
Aft, the ADC time-domain jitter requirement curves, Fig. 1, 
can be transformed into frequency-domains (f) requirement 
curves.1 

Figs. 3a, 3b, and 3c show a waveform recorder's oscillator 
requirement curves transformed into the frequency do 
main. It is instructive to note that when the sample rate is 
varied by a factor of two, there is a 6-dB shift in the noise 
floor process. Each time the record length changes by a 
factor of two, there is a 6-dB shift in the flicker-of-frequency 
process. There is a 6-dB shift in both processes for each 
additional bit in the ADC. 
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Fig. 2. a-yfr)  representat ion of t ime base stabi l i ty requirement 
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Measur ing Osci l la tor  Phase Noise 
Now that the phase noise requirements for an oscillator 

used in a waveform recorder are known, some measurement 
techniques will be described. There is no easy way to mea 
sure cycle-to-cycle jitter of an oscillator directly since it is a 
short-term phenomenon. First let us define cycle-to-cycle 
jitter, better known as instantaneous fractional frequency 
deviation. Any frequency source can be described as, 

f ( t )  =  [A0  +  Ad]cos [27r f0 t  +  f l t ) ]  (6 )  

where A0 = nominal amplitude (volts) 
Aj = amplitude fluctuations (volts) 
f0 = nominal  frequency (Hz) 
4>(t) = phase fluctuations in radians. 

The instantaneous frequency can be expressed as the time 
derivative of the instantaneous phase. 

-  27 r f0  +  -  (7) 

Normalizing the above to <u0, the instantaneous fractional 
frequency deviation can be expressed as 

(8) 

called for by the 5390A software. One must also realize that 
the bandwidth of the circuit driven by the oscillator under 
test  may be quite different from the measurement 
bandwidth. This can be compensated for by scaling the 
white phase noise floor requirement by a factor of 

where BW2 is the bandwidth of the driven circuit and 
is the measurement bandwidth. 

Fig. 4a shows the time-domain requirement for an oscil 
lator in a 20-MHz waveform recorder with a 10-bit ADC and 
a maximum record length of 16K samples. The circuit 
driven by the oscillator has a bandwidth of 1 GHz while the 
HP 5390A has a measurement bandwidth of 100 kHz. There 
fore, the white phase noise floor process must be scaled by 
a factor of 100. The flicker-of-frequency process is band 
width-independent. The dashed line shows the sensitivity 
limit of the HP 5390A. Fig. 4b shows that both of the curves 
in Fig. 4a transform to the same frequency-domain require 
ment. Since the HP 5390A normalizes its frequency-domain 
measurements to a 1-Hz bandwidth, one can directly com 
pare this measurement to the oscillator performance re 
quirements curve without scaling any process. 

Fig. 4 illustrates that the HP 5390A system cannot mea 
sure the full range of interest for an oscillator used in a 
waveform recorder. A recently introduced product that can 

One way of measuring this is by making use of statistics. io-6-p 
This entails measuring the average frequency favg for n 
measurements at a given time interval T. The fractional 
frequency deviation for that time interval is then 

yÂ¡ = 

cry(T) is then given by: 

- fÂ¡)/fÂ¡- 

( 9 )  

Repeating this for several different averaging times 
yields a graph of cry(r) versus T. The HP 5390A Frequency 
Stability Analyzer performs this measurement. The system 
requires mixing the output of the oscillator under test with a 
user-supplied reference to produce a beat frequency of 10 
Hz to 100 kHz. The output of the mixer contains sum and 
difference frequencies. The sum is filtered out while the 
difference is passed to a frequency counter. Since the mea 
sured phase noise is a result of the noise of both oscillators 
(total noise is equal to the square root of the sum of the 
squared noise contributions), the reference oscillator noise 
must be equal to or better than that of the oscillator under 
test. For example, if the two are equal in quality, the oscil 
lator under test is 1 .414 times quieter than the measurement 
indicates. The HP 5390A system can display either <ry(T) in 
the time domain or single-sideband phase noise Â£(f) in the 
frequency domain. Converting measured results between 
the two domains demonstrates that the same information is 
obtained by measurements taken in either domain. When 
converting, one must be careful to use the same bandwidth 
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measure the full range is the HP 3047A Automatic Spec 
trum Analyzer System. It measures only C(f) and provides a 
fast continuous frequency measurement system with a 
much lower system noise floor. The continuous frequency 
measurement allows much easier detection of bright lines 
in an oscillator's output. The 3047 A double-balanced mixer 
requires a + 1 5-dBm drive level on one input port. The other 
port can have a lower drive level, but the system noise floor 
degrades proportionally with drive levels below +15 dBm. 
In measuring the oscillator in the 5180A Waveform Record 
er, external low-noise amplifiers are required to increase 
the -0.5 dBm oscillator output to the +15 dBm required by 
the 3047A mixer inputs. 

A second 5180A oscillator was modified to allow it to be 
phase-locked. The measured results are shown in Fig. 5. 

Once the requirements for C(f) are derived (Fig. 4b), and 
the oscillator's phase noise performance is measured (Fig. 
5), one can easily compare the two. In general, meeting the 
corner frequency requirements for a family of curves such 
as Fig. 4b is not a problem, and this is the case for the 5 1 80 A. 
On a single-measurement basis, phase-locking the oscil 
lator to a reference for better long-term stability will not 
improve the ADC's performance, since this only improves 
the oscillator's performance inside the corner frequency 
(i.e., close to the carrier). Eliminating everything closer to 
the carrier than the corner frequency leads to an overall 
simplification of the relationship between bit resolution 
and the white phase noise floor process; the relationship 
becomes 6 dB/bit. Knowing this, one can derive the theoret 
ical bit resolution as a function of input frequency for a 
constant (measured) noise floor, as shown in Fig. 6. This 
can be throught of as bit compression caused by the noise 
floor process. 

The ADC performance curve of Fig. 6 can be measured by 
making use of a sine wave curve-fit test (see article, page 
21). This test is set up such that all of the ADC output codes 
(bit representations) are exercised. This requires the 

amplitude of vin(t) to be full-scale and the input frequency 
to be nonharmonically related to the sample frequency fs. 
The beat frequency and the memory record length must be 
such that all codes are captured at least once. Since the 
slope of vin(t) is a cosine wave and is sampled throughout 
the full cycle, the slope used in equations 2 and 3 should be 
an rms value. Using an rms factor of V2~ shifts both process 
es of the time-domain requirements of Figs. 1 and 2 up by a 
factor of v2. This shifts both processes of C(f) in Fig. 3 up by 
3 dB. Fig. 6 shows a one-half-bit increase in bit resolution 
that one can expect as a result of the sine wave curve fit. 
This assumes no noise from other sources of rms error such 
as differential nonlinearities, missing codes, integral non- 
linearities, or aperture uncertainty. The test results are a 
combination of all these sources of uncertainty. 

Improving Stabil i ty 
What happens when one measures an oscillator and it 

doesn't meet specifications in some way? What can one do 
to improve each process? Knowing what circuitry affects 
each process enables the designer to improve each process. 
The white phase noise floor is caused solely by the noise 
floor of the active device. Thus, if the noise floor is to be 
improved, design with an active device that has a lower 
noise floor. It is important to note that any successive stages 
must have a noise floor at least as low as that of the oscillator 
stage to avoid degrading the noise floor performance of the 
oscillator. The flicker-of-frequency process, 1/f3, has two 
contributing processes. The first is a 1/f2 process caused by 
the crystal, which can be modeled as a second-order 
bandpass filter. By using a crystal with a higher Q or an 
active device with improved linearity one can improve the 
1/f3 process and thus the corner frequency; this may be 
required when one increases memory length. The other 
contributing process is 1/f noise. This process is not well 
understood, but is generally significant around dc in the 
spectrum. Because of nonlinearities in the active device or 
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devices, a mixing action causes this 1/f noise to appear near 
the carrier. Using an active device with improved linearity 
will also improve corner frequency. Nonlinearities in suc 
cessive stages can also cause mixing and degraded noise by 
mixing 1/f3 noise further with the signal. 
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Display and Mass Storage for Waveform 
Recording 
by Chr ist ina M.  Szeto and Michael  C.  Detro  

THE 5181A DISPLAY/TAPE STORAGE MODULE, 
Fig. 1, is a companion instrument to the 5180A 
Waveform Recorder. It provides a high-resolution 

CRT for waveform display and a cartridge tape unit for 
recording digitized waveforms onto magnetic tape data car 
tridges. The 5181 A is designed for both bench and field use. 
With mass storage and a display, it is possible to make 
measurements on location and bring them back into a lab 
for analysis. 

In the 5181A, two OEM instruments from Hewlett- 

Packard, combined with careful product and software def 
initions, provide the capabilities needed. The first of these 
two instruments is the 1332A Display. The 1332A is a 
high-quality display with a spot size of 0.30 mm. This gives 
a pleasing, sharp picture of most waveforms. 

The second of the two instruments is the 991 5A Modular 
Computer.1 it contains both the data cartridge and the 
operating system of the HP-85 Desktop Computer. By add 
ing a dedicated program resident in ROM inside the 991 5A, 
the computer is customized to control the flow of data 
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F i g .  1 .  T h e  H P  5 1 8 1 A  D i s p l a y / T a p e  S t o r a g e  M o d u l e  i s  a  
companion ins t rument  to  the 5180A Waveform Recorder .  

between the 9915A and the 5180A. This dedicates the 
9915A to the 5181A task. 

Features 
One data cartridge stores 64K 5180A data words plus 

associated front-panel setups. Waveform data is stored in 
any of four files on the tape with each file providing storage 
space for 16K 5180A data points (Fig. 2). Each file is struc 
tured to mirror the 16K in the 5180A. For convenience, 
the 5181A can store waveform data of different lengths 
simultaneously on the same tape file. 

The tape is overwrite-protected so that important data 
won't be accidentally destroyed. The 5181 A responds to an 
attempt to record over existing data with an error message. 
If the user really does want to destroy the old data, the 
PURGE LOG function can be used. 

5 180 A waveform data that has been recorded onto a 
5181A cartridge can be read back to any 5180A using the 
PLAYBACK function. Besides writing the waveform data to 
the 5180A, the 5181A also returns the 5180A front-panel 
settings to the values used to record the waveform. This 
means that the original measurement may be as easily in 
terpreted in the laboratory as it was when the measurement 
was made. 

Because the user may want to analyze the data by 
computer, the 5181 A data tape can also be read by an HP-85. 
HP 9835, or HP 9845 Desktop Computer. This allows post 
processing of the data at a site remote from the 5 180 A 
5181A.2 

Inside the 51 81 A 
The mechanical design combines the two OEM units, 

extends the package length to that of the 5 180 A, adds 
mechanical strength, and makes it possible to tie the 5181A 
and 5180A together. The additional length allows room to 
store the cables that interconnect the 5181A to the 5180A. 

The design of the dedicated operating program was con 
strained to use the four 9915A softkeys plus the shift key. 
Using relatively simple interaction with the 5180A, the 
5 181 A can enable the 5 180 A so that the user can set record 
ing parameters using the 5180A's data entry knob and then 
initiate action with the 5181A. To help the first-time user, 
the 5180A has pull-out instruction cards that indicate the 
correct operation of both the 5 180 A and the 51 81 A. 

The BASIC operating system of the 991 5A offered several 
features to facilitate the 5181A design. For example, the 
language makes the softkeys easy to use. The 5181A takes 
advantage of this by setting up a routine that corresponds to 
each key (Fig. 3a). The main dedicated operating program 
establishes the linkages between the keys and the execution 
routines. 

The 9915A treats the program ROM as a mass storage 
device like a tape or disc. To conserve memory, one of the 
data transfer routines (STORE) and the tape initialization 
routine are brought into the machine from the ROM only 
when needed (Fig. 3b). This makes it possible to transfer 
16K-word records to and from the 5 180 A with only the 
standard 16K memory in the 9915A. 

When a softkey is pressed, the program jumps to the 
specified execution subroutine, where two things happen. 
First, all keys are disabled except the CLEAR FUNCTION key. 
This makes sure that the function completes or aborts 
cleanly. Second, the execution routine either completes the 
function itself or loads the necessary data transfer routine 
from the ROM and executes it. Because of the powerful 
HP-IB and mass storage features of 991 5A BASIC, the 
entire 5181A program fits in less than 10K bytes. 

The 5181A must communicate with the 5180A to send 
and receive data and to control which block of memory gets 
'Hewlet t -Packard In ter face Bus,  HP's implementat ion of  IEEE Standard 488 (1978) .  

5180A 
Waveform 

Storage 
Files 

5180A 
High-Speed 

Memory 

HP-IB 

F u e l  

Front-Panel 

File 2 

Front-Panel 

Se tu"s  

F i l e3  File 4 

Fig .  2 .  5181 A f i le  s t ruc tu re .  Sev  
e ra l  r eco rds  o f  d i f f e ren t  l eng ths  
can be stored in the same 1 6K file. 
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Fig. 3. (a) The 5181 A executes a rout ine for each front-panel 
so f t key .  ( b )  To  conse rve  memory ,  some  o the r  r ou t i nes  a re  
brought  in to  main memory f rom the program ROM only  when 
needed.  

transferred. To do this, it makes use of the 5180A's teach 
and learn commands and its binary data input and output. 
Since it is possible for the link connecting the two units to 
be disconnected, the 5181A checks the link as part of its 
power-up self-test. If it finds an error here or at any other 
time, it reports the problem to the user by calling an error 
routine that flashes an error code on the eight light-emitting 
diodes (LEDs) on the front panel. Interpretation of the error 
codes is on the pull-out instruction cards. 

Conclusion 
The 5181A design required 11 months from initial con 

ception to release. Its speedy development was made possi 
ble by keeping the definition a simple, easily understanda 
ble analog of the 5180A, and by making use of OEM compo 
nents. The powerful language and I/O capabilities of the 
991 5A Modular Computer made the programming job fast 
and lowered the risk of software errors. 
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