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Precise, Convenient Analysis of Modulated 
Signals 
This  new modulat ion analyzer  measures a s ignal 's  
f requency ,  power ,  and  modu la t ion  componen ts  w i th  
unpreceden ted  accuracy  in  many  measurements .  I t  adds  
up to  a  new concept  in  RF ana lyzers .  

by Al len  P .  Edwards  

HEWLETT-PACKARD'S new Model 8901A Modu- 
ation Analyzer, Fig. 1, is a complete measurement 
system for accurately characterizing signals in the 

150-kilohertz-to-1300-megahertz frequency range. The 
name modulation analyzer was chosen instead of modula 
tion meter because the 8901A does so much more than 
just meter the modulation. Combining the capabilities of 
three separate instruments, the new modulation ana 
lyzer can measure carrier frequency and RF peak power 
(often eliminating the need for a separate power meter), 
and it can accurately measure modulation and recover the 
modulating signal. It makes those measurements most 
commonly needed to characterize a signal completely, in 
cluding a signal's frequency, frequency drift, peak power 
level, amplitude modulation (AM), frequency modulation 
(FM), phase modulation ($M), and AM and FM noise 
components. It recovers the modulating signal with very 

low added distortion for further analysis. The article on 
page 19 describes some of its uses. 

The 8901A measures the amount of modulation on a 
signal whether or not the type of modulation being mea 
sured is the dominant modulation type on the signal. This 
means, for example, that one can make accurate FM mea 
surements on an AM signal, and FM measurements are now 
possible on a signal that is not being intentionally mod 
ulated at all. Since the 890lA's internally generated FM 
noise is typically less than 1 Hz (rms deviation in a 50-Hz- 
to-3-kHz bandwidth), direct noise measurements can be 
made, for example, on a high-quality 500-MHz transmitter 
or signal generator. The analyzer's low noise level also 
allows accurate measurements of low-peak-deviation mod 
ulation. 

Another modulation analyzer benefit is its ability to mea 
sure a signal's carrier frequency directly and accurately. 

Fig .  1 .  Model  890 1  A Modula t ion 
Ana lyzer  measures  a  s igna l ' s  f re  
quency,  dr i f t ,  power,  AM, FM, and 
residual noise. I t  also recovers the 
modu la t i ng  s igna l .  I t s  ca r r i e r  f re  
quency  range is  150 kHz to  1300 
MHz and  i t s  modu la t i on  dep th  o r  
dev ia t ion  measurements  a re  gen  
eral ly  accurate wi th in one percent 
of reading. 
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F ig .  2 .  8901  A  Modu la t ion  Ana lyze r ' s  pe r fo rmance  exceeds  
that  o f  near ly  a l l  s igna l  generators .  Res idual  FM in  a  50-Hz-  
to-3-klÂ·lz bandwidth is typically less than 1 Hz up to 500 MHz, 
as shown here.  

Signals can be counted in the presence of combinations of 
AM and FM that might confuse a conventional counter. 
There is also an indication of carrier power with sufficient 
accuracy for many applications. 

But the major contribution of the 8901 A to signal analysis 
is that it makes extremely precise modulation measure 
ments quickly and easily. Modulation depth or deviation 
accuracy is generally better than one percent of reading. 
Specified residual noise in a 50-Hz-to-3-kHz bandwidth is 
less than 0.01 percent for AM and less than 8 Hz for FM at 
1300 MHz carrier frequencies, decreasing to less than 1 Hz 
below 100 MHz (Fig. 2). As an example of how easy the 
analyzer is to use, assume that you have a signal and that 

you have no knowledge of its frequency or power or mod 
ulation content. Applying the signal to the 8901A almost 
instantly causes a change in the display from two dashes to 
four dashes, indicating that an input has been sensed. Ap 
proximately one second after the signal is applied, a settled 
reading appears on the display, indicating the measured 
value of the quantity that was selected. After that, about as 
fast as the buttons can be pressed, measurements of AM, 
FM, analog phase modulation, frequency, or power can be 
made. At no time does the user have to tune the instrument 
or set up input attenuators. Although the instrument can be 
controlled entirely manually if desired, it is much faster to 
let the modulation analyzer adjust itself. 

The accuracy claimed by the modulation analyzer is un 
precedented. To achieve this accuracy, standards had to be 
developed beyond what existed. Two self-calibrating mod 
ulation standards were developed, one for FM and one for 
AM, and are available as options. The article on page 22 
describes the theory and implementation of these cali 
brators. 

It was also necessary to develop a high-quality signal 
source to test the modulation analyzer, since the analyzer's 
performance exceeds that of nearly all signal generators. 
This special-purpose signal source is described in the 
article on page 30. 

Modulation analyzer operations can be controlled and all 
measurement results can be transferred via the Hewlett- 
Packard Interface Bus (HP-IB), Hewlett-Packard's im 
plementation of ANSI/IEEE Standard 488-1978. 

Instrument  Control  Phi losophy 
The front-panel control philosophy of the new modula- 
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Fig. Analyzer. calibrated block diagram of Model 8901 A Modulation Analyzer. Basically a calibrated 
receiver ,  the analyzer down-converts the input  s ignal  and then recovers e i ther  the ampl i tude or  

f requency  modu la t ion  regard less  o f  wh ich  is  the  dominant  type.  
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tion analyzer combines the simple with the powerful. The 
panel is intentionally kept simple and can be understood 
with almost no training. Even the most casual user can 
make all of the normal measurements with the maximum 
specified accuracy. Usually a single keystroke is all that is 
necessary to select a new measurement. The user can select 
the bandwidth of the measurement using audio filters, and 
can select whether to read the deviation as peak or average. 
On the right side of the front panel is a block of keys labeled 
MANUAL OPERATION. As long as the automatic mode of 
operation has been selected, the user never has to use this 
keypad. 

This simplicity of operation has been achieved without 
sacrificing total user flexibility. From the front panel the 
more advanced user can override all automatic settings or 
select measurements not available in automatic mode. The 
most obvious thing that can be done is to enter the input 
frequency desired directly. Once entered, the frequency can 
be changed either by entering a new one or by stepping up 
or down a sellable number of kiloherlz. 

Other functions are available Ihrough the special func 
tion key, labeled SPCL. Special functions are numbered 1 to 
39 for user special functions and 40 to 99 and 0 for service 
special functions. The first eight special functions repre 
sent instrument settings, such as input attenuation, IF fre 
quency, peak detector response time, and so on. To program 
a special function the function number is keyed in, fol 
lowed by a decimal point and then the desired value relat 
ing to that function. For example, to command the input 
attenuator to 10 dB attenuation the user keys in 1.2 and 
presses the SPCL key. All of this is explained on a pullout 
card. Pushing the SPCL key without entering a number 
causes the display to show the programmed status of the 
first eight special functions. Pressing the SPCL button twice 
without entering a number causes the display to show the 
actual settings of the first eight functions. Thus, pushing 
SPCL once may show that a function is set to autorange 
(default), and pressing SPCL again will show what range 
was selected by the controller. 

A Cal ibrated Receiver  
The block diagram of the 8901 A Modulation Analyzer is 

shown in Fig. 3. The diagram is that of a highly calibrated 
receiver. After being attenuated to the desired drive level, 
the incoming signal is down-converted by a low-residual- 
noise local oscillator. Down-conversion was chosen to con 
vert the incoming signal to an intermediate frequency (IF) 
range where low-noise and high-linearity modulation de 
tectors can be built. 

The IF signal is amplified and fed to AM and FM detec 
tors, either of which may be selected for further processing 
by the audio section and presentation to the modulation 
output connector and to the audio detectors. Both peak and 
average responding audio detectors are provided. The de 
tector outputs are digitized and displayed when called for. 

The requirement for continuous coverage of the RF range 
all the way down to 1 50 kHz along with the ability to handle 
FM rates of 200 kHz and deviations of 400 kHz at other input 
frequencies is responsible for a major feature of the block 
diagram. The incoming frequencies are divided into three 
regions. Frequencies above 10 MHz are converted down to 
1.5 MHz. The IF at 1.5 MHz is broadband, about 3 MHz 

Frequency Range? Which One? 

So many of the terms describing a modulated signal are in units of 
f requency (her tz)  that  the 8901 A Modulat ion Analyzer  actua l ly  has 
m a n y  o p e r a t i n g  f r e q u e n c y  r a n g e s .  T h e  i n p u t  c a r r i e r  f r e q u e n c y  
opera t ing  range is  f rom 150 kHz to  1300 MHz.  Th is  car r ie r  can  be  
e i t h e r  a m p l i t u d e  o r  f r e q u e n c y  m o d u l a t e d .  F o r  a n  F M  s i g n a l  t h e  
amount of modulat ion can be between 0 and 400 kHz peak deviat ion, 
w h i c h  o r  t h a t  t h e  i n s t a n t a n e o u s  f r e q u e n c y  c a n  g o  h i g h e r  o r  
lower of  the average carr ier  f requency by up to 400 kHz.  Therafe of  
modulat ion,  which is  the f requency of  the audio tone modulat ing the 
car r ie r ,  can be between 20 Hz and 200 kHz.  The spec i f i ca t ions  fo r  
phase modu la ted  (4>M)  s igna ls  a re  der ived  f rom the  FM spec i f i ca  
tions the observing that the amount of phase deviation in radians is the 
rat io of the frequency deviat ion to the modulat ion rate. In the case of 
ampl i tude modulat ion the amount of  modulat ion, which is also cal led 
the  modu la t i on  dep th  o r  modu la t i on  i ndex ,  can  be  be tween  0  and  
99%.  The  ra te  o f  modu la t ion  can  be  be tween 20  Hz  and  100  kHz.  

8 9 0 1  A  a c c u r a c y  i s  s p e c i f i e d  a s  p e r c e n t  o f  r e a d i n g  i n s t e a d  o f  
percent  modulat ion.  For example,  the basic uncerta inty in reading a 
30% AM s ignal  is  spec i f ied as 1% of  reading,  or  Â±0.3% AM in  th is  
example.  

wide. It is amplitude and phase compensated for good inci 
dental AM and low FM distortion (see "IF Filters," page 10). 
Above 2.5 MHz the input is down-converted to 455 kHz. 
The AM and FM detectors are broadband and work well at 
IF or carrier frequencies between 150 kHz and 2.5 MHz, so 
this change in IF is not a problem. The 455-kHz IF is about 
200 kHz wide (455 kHz Â±100 kHz), broad enough to handle 
voice-grade bandwidths. This IF offers a higher degree of 
selectability; in fact, the 8901A can be set up to receive the 
commercial FM band (useful when working late in the lab). 
In the region between 150 kHz and 2.5 MHz no down- 
conversion takes place, and detection is done at the carrier 
frequency. 

The input uses a single-balanced mixer. This type of 
mixer allows the incoming signal to pass through into the IF 
without down-conversion, a useful feature of a single- 
balanced mixer. Other advantages are the mixer's low dis 
tortion and high-level operation, both extremely important 
for low-distortion AM operation. 

When the 1.5-MHz IF is being used, a 4-MHz low-pass 
filter is switched into the system just past the mixer and in 
front of the IF amplifier. This filter is relatively insensi 
tive to the source impedance variations that are present at 
the mixer's output, and it improves the conversion loss 
of the mixer by matching the IF port. This filter also pre 
vents the high-level RF from causing distortion in the IF 
amplifier. A 3-MHz low-pass filter is placed after the IF 
amplifier to define the 1.5-MHz IF passband and to elimi 
nate the high-frequency noise contribution of the IF 
amplifier. This filter is phase compensated for an overall 
flat group delay, and is isolated from mixer impedance 
variations by the IF amplifier. This filter arrangement helps 
maintain the low-distortion and low-residual-noise per 
formance over the multi-decade input frequency range. 

When the 455-kHz IF is being used, the 455-kHz band 
pass filter that defines this IF replaces the 4-MHz low-pass 
filter ahead of the IF amplifier. 

Since a single-balanced mixer has no rejection of signals 
at the RF port, there could be a problem if signals at the 
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intermediate frequency are presented to the input along 
with the desired signal. This can happen if AM broadcast 
stations are picked up in the device under test. To alleviate 
this problem a pre-mixer high-pass filter is available to the 
user; it rejects the offending frequencies when operating 
with the wide IF. 

Overload Protect ion 
Another requirement that influences the 890lA's block 

diagram is the ability to withstand large power overloads. 
The design goal called for protection from signals as large 
as 100 watts from a 50fi source. The actual damage level is a 
function of source SWR (standing wave ratio) so that the 
actual specification is written as 25 watts from a 4:1 mis 
match. Under normal operation the instrument can make 
measurements on signals up to 1 watt. The input at 
tenuators had to be designed to absorb over 1 watt continu 
ously without damage and up to 100 watts for short periods 
of time. 

An RF relay in front of the input attenuators opens in the 
event of an overpower condition, thus protecting the in 
strument from damage. The input power is detected by the 
RF level detector, which is designed for safe operation with 
over 100 volts applied. For the short period of time until the 
relay opens, the mixer is protected by a pair of clamp 
diodes. The clamping diodes come after an impedance 
transformation L-pad that converts the 50O system to 25Ã1 
in anticipation of the mixer's impedance-doubling charac 
teristic. The L-pad isolates the clamp that protects the mixer 
from input overpower. Without this isolation the clamp 
could limit the signal applied to the detector and the over 
power condition would not be detected. Also, at 25ÃÃ, the 
parasitic reactances of the clamp are less significant. All of 
the components of this RF power and overpower circuit are 
matched to 50Ã1 by modifying the impedance of the trans 
mission lines to form a low-pass filter structure for each 
component. This allows operation at 1300 MHz without 
affecting the input SWR specification. 

The input power detector has a tendency to load the line 
and cause inaccuracies at high RF frequencies. To eliminate 
this, the RF level detector is biased off the line when the 
analyzer is being used as a receiver. It is only used when 
needed, such as during attenuator setting or during RF level 
measurements. The bias level is set below the overpower 
trip point so that overpower will still be sensed and cause 
the input relay to open. 

Automat ic  Operat ion 
The goal of making the analyzer autoranging, autotuning, 

and generally easy to use has also had a major impact on the 
block diagram. 

The ease-of-use and autoranging requirements dictated a 
system under the control of an intelligent controller. The 
8901A is controlled by a microprocessor with 18K bytes of 
program memory. Of course, the decisions the controller 
makes are only as good as the information fed to it. There 
fore, many things are monitored in the instrument in the 
course of its operation. Decisions as to the proper operating 
point, for example, are based on input RF level and fre 
quency, peak IF level, average level out of the AM detector, 
and AGC control current. Depending on the instrument 

setup, invalid levels at these detectors or invalid relation 
ships between levels will cause autoranging, retuning, or 
user warnings. 

Many of these detectors are measurement detectors, but 
this does not mean that they are examined only during 
specific measurements. Most detectors are examined dur 
ing every measurement cycle to insure proper setup and 
valid readings. Some detectors are installed primarily to 
insure proper setup, but this doesn't mean that they can't be 
used to take readings. One example of this is the IF level 
detector used primarily for autotuning. This detector mea 
sures the peak level in the IF. The level at this detector is 
measured and a second-order curve fit is made to linearize 
it. Then a frequency response calibration factor is applied, 
and finally, by adjusting for input attenuator setting, the 
power in the IF referred to the input can be displayed. This 
is called tuned RF level, and represents a secondary mea 
surement mode. It is quite useful and can be used to mea 
sure RF harmonics within about -50 dBc toan accuracy of a 
few dB. It can also be used as a high-sensitivity power 
indicator with maximum resolution of 1 nW. Another 
example is the average level out of the AM detector, which 
is displayed as IF level. Normally the AGC keeps this at 
100%, but with the AGC turned off, this can also be a useful 
tuned detector, although it is most useful in manual setup to 
indicate the presence of an IF signal. 

Another source of inputs for the controller is the counter. 
The counter is implemented partly in hardware and partly 
in the microprocessor. The microprocessor determines the 
input and count time and does the appropriate scaling. The 
counter has eight inputs, but the most important two during 
normal operation are the local oscillator frequency (LO) and 
the intermediate frequency (IF). 

The controller monitors the IF to insure that the instru 
ment is properly set up, and if it is not, causes the appro 
priate response to take place. Also, it is the combination of 
knowing the LO frequency and the IF that allows the input 
frequency to be known. The relationship that applies is IF = 
n(LO) Â± m(RF), where RF is the input frequency. An elabo 
rate procedure of searching that avoids harmonic mixing 
and checks for input harmonics and images gives consider 
able confidence that m =1 and n =1, so t ha t the R F frequency 

320-MHz-to-651-MHz 
Low-Noise Osci l lator 

Output to 
Mixer 

F ig .  4 .  Low- res idua l -FM loca l  osc i l l a to r  genera tes  a  s igna l  
be tween 1 .25  MHz and 1302 MHz by  d iv id ing  o r  mu l t ip ly ing  
the output  of  a  low-noise octave osc i l la tor .  

6  HEWLETT-PACKARD JOURNAL  NOVEMBER 1979  

© Copr. 1949-1998 Hewlett-Packard Co.



is in fact (LO-IF). 
To make the 8901 A both autoranging and controllable, all 

of the internal switching is under software control. The 
front-panel readouts and annunciators are also under 
software control. The keyboard provides input requests to 
the controller, which examines each request and decides 
what response is appropriate. 

The I/O system for the microprocessor is organized as a 
nibble serial system. Each four-bit nibble is addressed by 
four address lines and one of eight clock lines to create a 
512-bit I/O space. Serializing the I/O greatly reduced the 
number of interconnections required, while sending four 
bits in parallel allowed available MSI to be used efficiently 
so that remote latching was practical. The latches for the 
functions are located remotely from the microprocessor and 
near the functions being controlled. This allows the I/O bus 
to be contained on a 16-line ribbon cable that connects the 
various functional modules. Within each module, ten lines 
of output and one to four lines of input represent the entire 
I/O bus. This made it possible to have all the required 
interconnections on one side of a motherboard, and a 
ground plane for shielding on the other side. Thus it was 
possible to build the 8901A without any costly multilayer 
printed circuit boards. 

Local  Osci l lator  Design 
The principal design goal for the local oscillator used in 

the modulation analyzer was low residual FM. Specifically 
we wanted a local oscillator that could down-convert a 
high-quality narrow-band FM signal without degrading the 
signal-to-noise ratio. After discussions with users, we es 
tablished a design goal of 1 Hz total FM noise ( 70 dB below 3 
kHz deviation) in a 50-Hz-to-3-kHz demodulation 
bandwidth at a carrier frequency of 500 MHz. This level of 
performance exceeds that of many frequency synthesizers. 
We rejected the conventional solution of a separate crystal 
for every desired channel and set out to synthesize a signal 
economically. The approach that was eventually selected 
meets our design goal, yet does so at a very low cost, thus 
representing good value to our customers. The cost of the 
local oscillator is only a fraction of the cost of a conven 
tional synthesizer. 

Two important considerations differentiate a local oscil 
lator application from a signal generator. Since we are driv 
ing a mixer, which is rich in harmonic generation, har 

monies out of the local oscillator are not a problem. In fact, 
we found that square waves represented a superior signal 
for driving our mixer. Also, since we only wanted to gener 
ate a CW signal, we were free to consider designs that did 
not lend themselves to being modulated. 

Fig. 4 is a block diagram of the local oscillator. The LO 
can generate a signal anywhere within the range of 1.25 
MHz to 1302 MHz. All outputs start with an octave oscil 
lator operating between 320 and 651 MHz. That fundamen 
tal octave is either divided down to the desired frequency 
or, in the case of the top band, multiplied up. The appro 
priate output is selected by a multiplexer and presented to 
the mixer. Because we use square waves, much of our 
multiplexing is done with ECL (emitter-coupled logic), 
with the high-speed and final multiplexing done with 
high-speed differential pair transistors manufactured by 
HP. 

The doubler is a custom thin-film microcircuit packaged 
in a TO-8 package. The doubled output is multiplexed into 
the mixer drive with PIN diodes to maintain the required 
bandwidth. 

The first two divide-by-two circuits divide the 320-to- 
651-MHz signal down to 80-162.75 MHz. These dividers, 
which are also manufactured by HP, are always left on, 
providing a signal to the microprocessor-based counter 
through an ECL divide by-two circuit. Thus the micro 
processor can always count the local oscillator. This infor 
mation is used in tuning the local oscillator to its desired 
frequency, and when determining the frequency of the 
input signal. The other dividers are gated off when not in 
use to minimize problems caused by subharmonics. 

Octave Osci l lator 
Before developing the block diagram for the octave oscil 

lator, we translated our design goal of 1 Hz residual FM to 
more familiar units. The amount of residual FM within a 
band can be expressed as:1 

b 

Af(res) = VT\ A(fm) fmdf m 
Ja 

where A(fm) is defined as:2 

[Single-Sideband Noise Power in a 1-Hz Bandwidth, I 
f m  a w a y  f r o m  t h e  C a r r i e r  J  

Signal Power 

9.26 MHz VCXO 

To Dividers 
and Mult ipl ier 

VCO =  Vol tage Contro l led  Osci l la tor  
VCXO = Vol tage Contro l led  Crysta l  Osci l la tor  
DAC = Dig i ta l - to-Analog Converter  

F i g .  5 .  O c t a v e  o s c i l l a t o r  i s  
phase - l ocked  to  a  ha rmon ic  o f  a  
tunable crystal reference osci l lator 
to  s tab i l i ze  the  320-651  MHz ou t  
p u t .  T h e  V C O  i s  t u n e d  a p p r o x i  
mately by the DAC, then locked to 
the VCXO. 
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Solving this for various noise shapes produced an interest 
ing result. We found that if the phase noise in a 1-Hz 
bandwidth 1 kHz away from the carrier was - 100 dBc, then 
we were very close to our 1-Hz residual FM goal. This was 
true in the noise was flat or falling off at 9 dB/octave in 
the band of interest (flat yields 1.34 Hz, 6 dB/octave yields 
0.77 Hz and 9 dB/octave yields 0.90 Hz). This gave us a 
convenient guideline by which to evaluate designs. 

A very important factor in local oscillator design is the 
requirement to have continuous frequency coverage. It 
would be simple to lock the output to a crystal oscillator and 
achieve good noise performance, but that would produce 
only one frequency per octave. If the output is locked to a 
lower-frequency reference and the harmonic of lock is 
selectable, we can get one frequency per harmonic number, 
but still do not have continuous coverage. To fill in the gaps 
created by harmonic mixing there are basically two options. 
One possibility is to add in another signal that can be tuned 
over the required amount and fill in the difference between 
adjacent harmonics. This signal must also have low noise, 
but this is a simpler task because a much lower frequency 
can be used. This approach requires two high-frequency 
oscillators and two phase-locked loops (one phase-locked 
loop is required as an output tracking loop), and was re 
jected for cost reasons. 

The other possibility, the one we use to get continuous 
frequency coverage, is to use a variable reference frequency. 
Because the noise of the reference is multiplied by the 
harmonic number, the reference must have very low noise. 
The condition of continuous coverage states that the refer 
ence must be able to pull the output frequency at least as far 
as the next frequency available without pulling. We can 
express this requirement as: 

fout = nfref + nAfref = (n + l)fref. 

Rearranging this gives: 

Afref = Wn = W(n2+n). 

Thus for a given fout, the choice of a low fref and a large 
n reduces the requirements on Afref significantly. 

Assume, for example, that fout = 300 MHz and fref 
= 2 MHz (n=150). Then Afref (max) = 300X106H-(1502+150) 
= 13.2 kHz = Â±6.6 kHz. For n = 250 (fout = 500 MHz) the 

noise requirement for the reference is 48 dB better than 
the requirement for the output. Allowing something for 
sampling noise, the reference noise must be < â€” 150 dBc at 
1 kHz. 

Clearly this is an application for a crystal oscillator. How 
ever, to do this with a 2-MHz crystal oscillator would re 
quire Â±3000 ppm pulling, and this cannot be done and 
maintain the noise properties of the crystal. Instead, we 
took two higher-frequency crystals around 10 MHz and 
mixed them together to form a 2-MHz reference. Since the 
crystal frequencies are now five times higher than the refer 
ence and there are two VCXOs (voltage controlled crystal 
oscillators) that can be pulled against each other, the pull 
ing requirement on each VCXO is only Â±300 ppm. This is a 
formidable amount but one that was achieved. 

Fig. 5 is a diagram of the local oscillator for the 8901A. 
The 9.26-MHz and 11.26-MHz VCXOs are mixed to produce 

a 2-MHz reference frequency. The reference is mixed in a 
sampler with the output of the high-frequency VCO, which 
is then phase-locked to the reference. Thus we have met our 
design goal with a single-loop design, which represents a 
considerable savings in complexity and cost. 

The good residual FM performance can only be main 
tained if the spurious mixing products on the output are 
kept to -80 dBc. This translates to -130 dBc at the refer 
ence signal for a multiplication of 50 dB. With 9.26 MHz 
and 11.26 MHz for the two references, the lowest-order 
spurious product to cross the output signal is 82nd order. 
The next closest spurious output is at 130 kHz offset and is 
51st order. With some care we were able to keep the actual 
spurious levels below detectability. 

Care has also been taken to reduce the microphonic sus 
ceptibility of the local oscillator by shock mounting it. In an 
informal test, we have had the 8901A operating next to a 
large punch press without adverse effect. 

Tuning the Osci l lator  
The first step in tuning the local oscillator to a desired 

frequency is selection of the octave of interest. Once the 
desired octave is determined and output to the multiplexer, 
the job of getting the fundamental oscillator to the required 
frequency begins. Before the phase-locked loop is closed, 
the VCO is tuned to the desired frequency under the control 
of a digital-to-analog converter (DAC). This positions the 
output frequency approximately on the required harmonic 
of the reference. The positioning is accomplished by count 
ing the output frequency with the microprocessor-based 
counter and adjusting the control word to the DAC until the 
input to the counter is within tolerance. 

The DAC control is arranged so that the phase-locked- 
loop integrator is charged to the correct operating voltage. 
The DAC can now be disconnected without the VCO chang 
ing frequency. This is done, and the DAC is then connected 
to the tune line of the reference VCXOs and set to a value 
that causes the reference frequency to be 10% above its 
lowest value. Finally, the phase-locked loop is closed. 

At this point there are two possibilities. If the loop is 
within its capture range (about 200 kHz), the loop will pull 
in and acquire lock. More often than not, however, the loop 
will be outside the capture range, so an offset is injected into 
the loop so that the resulting error signal will tune the VCO 
down in frequency until lock is achieved with the closest 
lower harmonic. When lock is achieved, the output is 
somewhere between 200 kHz above the desired frequency 
and 1.8 MHz below the desired frequency. The DAC con 
trolling the reference frequency, which was set for 10% 

G a i n  c c  2 "  
3 2 0 - 6 5 1 - M H z  V C O  

M i x e r  

Fig. 6. To track an input signal,  the octave osci l lator is phase- 
locked to  the  input  s igna l  by  the  t rack  loop shown here .  
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more than the lowest reference frequency, can then be used 
to tune the YCXOs until the desired output frequency is 
obtained. 

Examining the numbers involved, it can be seen that the 
reference can be moved enough to cover the space between 
n numbers (2 MHz). Because of its initial setting, the DAC 
can move the output down 10% (at least 200 kHz) or up 90% 
(at least 1.8 MHz). This is typically exactly what is required. 
However, there are conditions where the initial locking to 
the VCXO harmonic might be off by one n number. If the 
desired output frequency is not obtained, then a special 
routine is performed that steps the phase-locked loop one 
harmonic number and another attempt to fine-tune the 
VCXOs is made. This process may be repeated as often as 
necessary, so the correct harmonic number can be obtained 
regardless of how far off the initial lock was. This represents 
a certain amount of redundancy in tuning and a certain 
tolerance to some types of hardware failure. 

Tracking an Input  Signal  
Another mode for setting the output frequency of the 

local oscillator is called track mode. In track mode the 
reference that is used to set the local oscillator output fre 
quency is the frequency of the RF input. The circuit is 
similar to an AFC (automatic frequency control) circuit 
except that a signal can be followed continuously anywhere 
between 10 MHz and 1300 MHz. The lock loop for track 
mode uses the input mixer to generate an intermediate 
frequency that is converted by the FM discriminator to a 
voltage proportional to the IF frequency. The discriminator 
output is compared to the desired voltage and used as an 
error voltage to tune the VCO (see Fig. 6). The LO 
signal is fed to the mixer through a divide-by-2n circuit to 
generate an output within the desired octave. The rate of 
change of the local oscillator output frequency as a function 
of the VCO tuning voltage is a function of the division 
factor. This is compensated within the loop by a resistive 
network that changes the input resistor to the loop inte 
grator by powers of two. With constant loop gain, the loop 
bandwidth can be kept constant. There is some variation in 
loop bandwidth due to changes in the sensitivity of the VCO 
over any octave, but this has been kept to a minimum by 
design. The loop bandwidth is optimized to produce less 
than 1% error for 1-kHz FM rates. Higher rates are less 
affected, of course, and very low FM rates are removed by 
the loop. 

When the input moves in frequency enough that the VCO 
approaches one of its octave band edges, the micropro 
cessor takes over. The track loop is opened and the DAC is 

connected to the VCO. The local oscillator frequency is 
adjusted to the same point but in the next octave. Then the 
DAC is disconnected and the track loop closed. This pro 
cess takes only about 50 milliseconds so that lock appears 
unbroken for slowly moving signals such as that generated 
by manually tuning a signal generator. The band was made 
slightly larger than an octave to allow for some hysteresis. 

It is interesting to note that two different types of inputs 
are required of the loop integrator. In the case of the phase- 
locked loop (Fig. 5), the integrator pole must be removed 
with a zero before loop crossover for a stable system, be 
cause the phase detector (sampler) output voltage is propor 
tional to phase difference and phase is the integral of fre 
quency. This gives the loop a double-integrator response. 
The second integrator pole is removed by putting a resistor 
in series with the integrator capacitor. For the track loop 
(Fig. 6), a true integrator response is desired because fre 
quency discrimination rather than phase discrimination is 
used. The requirement for a true integrator response is even 
more stringent for the sweep circuit that is discussed next. 
Examination of Fig. 7 and the following equations will 
show how these two requirements were met: 

Lock Loop: VQ/VJ = -(l+sR2C)/(sR1C) 
Track Loop: V0/V2 = -l/(sR3C). 

Finding an Input  Signal  
The modulation analyzer is capable of finding a signal 

that is applied to its input. The algorithm that accomplishes 
this is complex (see article, page 26). It is capable of pre- 

Stepback 
Compensat ion 

Resistor 

IF Amplif ier 
Mixer 

Integrator 
Amplif ier 

Fig. 7. Loop integrator has two types of inputs, one for the lock 
loop (F ig .  5)  and one for  the t rack loop (F ig .  6) .  

V C O  O v e r s h o o t  =  A f  
Loop  Turnof f  De lay  =  D  
For  Compensat ion ,  A f  =  D I /C  =  IR  
R = D/C = 1.2/ts/0.1fÂ»f = 1211 

Fig.  8 .  Sweep loop,  cont ro l led by the microprocessor ,  tunes 
the  oc tave  osc i l l a to r  rap id ly  ac ross  i t s  band ,  look ing  fo r  an  
input  s ignal .  When an IF s ignal  is  detected,  the sweep stops.  
The s tepback res is to r  compensates  fo r  the  osc i l la to r 's  over  
shoot ing the input  f requency dur ing the t ime i t  takes to stop.  
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IF Filters for the 8901A Modulation 
Analyzer 

by Andrew H.  Naegel i  

The  8901  A  Modu la t ion  Ana lyze r  has  two  a l te rna te  in te rmed ia te  
f requencies.  The pr imary IF is  1.5 MHz,  chosen to accommodate an 
FM signal with 400-kHz deviat ion at a 200-kHz rate. The secondary IF 
is 455 mixer used to avoid spurious conversion problems in the mixer 
for  input  f requencies below 10 MHz.  This  IF is  l imi ted to  rates of  10 
kHz and dev ia t ions  o f  40  kHz.  

Low-Pass  F i l te r  and  Phase  Compensat ion  
The pr irr iary IF uses a low-pass f i l ter with a bandwidth of 2.5 MHz. 

T h e  l o w - p a s s  f i l t e r  i s  u s e d  b e c a u s e  o f  t h e  v e r y  w i d e  b a n d w i d t h  
requirements of  the worst-case FM signal descr ibed above. The f i l ter  
must reject IF signals of 6 MHz and higher by at least 60 dB, and must 
have  a  ve ry  f l a t  amp l i t ude  response  to  p rese rve  the  FM- re jec t i on  
per formance of  the AM detector .  These requirements led to a 6-pole 
Cauer-Chebyshev f i l ter  design wi th two zeros of  t ransmission at  6.1 
and 8.4 MHz. This f i l ter  was synthesized as a passive network using 
s tandard  inductors  and capac i to rs  as  the  f i l te r  e lements .  

To prevent d istor t ion of  FM signals,  a phase compensat ion f i l ter  is  
cascaded  w i th  t he  2 .5 -MHz  l ow-pass  f i l t e r .  Fo r  an  FM s igna l  w i t h  
100-kHz dev ia t ion a t  a  100-kHz ra te ,  the phase compensat ion f i l te r  
reduces  the  d is to r t i on  f rom 2% to  less  than  0 .1%.  Th is  f i l t e r  i s  an  
a l l -pass network wi th  four  po les and four  zeros.  I t  is  rea l ized as an 
act ive f i l ter ,  as shown in F ig.  1.  

+ 

v ,  

Ã’ A ,  V ,  

Reactive 
One-Port  
Network 

0AÂ° V ,  

Fig .  1 .  A l l -pass network  ac ts  as  a  phase compensat ion  f i l te r  
to  prevent  d is tor t ion of  FM s ignals .  

The two vol tage sources are models for  two ampl i f iers that  del iver  
the input  s ignal  to two points,  180 degrees out  of  phase.  Assume for  
the moment  that  A1 = A2 = 1 ,  that  is ,  both channels  have the same 
un i ty  F i rs t ,  The c i rcu i t  may be ana lyzed us ing  superpos i t ion .  F i rs t ,  
w i th  the lower  vo l tage source shor ted,  the  output  vo l tage is :  

V 1  - 5 -  ( 1 )  
R  +JX  

N e x t  b y  c o n t r i b u t i o n  f r o m  t h e  l o w e r  v o l t a g e  s o u r c e  i s  f o u n d  b y  
shor t ing  the  upper  vo l tage source :  

- V 1  x 
(2) R + jX 

The sum of (1 ) and (2) is the output voltage, V2. Therefore, the transfer 
funct ion is:  

.2 "  
R + JX (3) 

T h i s  o f  f u n c t i o n  i s  a n  a l l - p a s s  f u n c t i o n  b e c a u s e  t h e  z e r o s  o f  
t ransmission ( the roots of  the numerator)  are a mirror Â¡mage of  the 
poles the roots of  the denominator)  across the f requency axis of  the 
s-plane. 

The  amp l i tude  and  phase  responses  o f  th i s  ne twork  mus t  be  ad  
jus ted  to  g i ve  op t imum per fo rmance .  Componen t  va r ia t ions  in  the  
react ive e lements can change the locat ions of  the poles and zeros,  
l ead ing  to  phase  changes .  The  phase  response  i s  ad jus ted  to  the  
des i red shape by ad jus t ing the va lue o f  R.  

The  amp l i tude  response  o f  the  ne twork  i s  theore t i ca l l y  f l a t ,  bu t  
losses For the reactive elements can affect the amplitude flatness. For 
example ,  a  smal l  res is tance,  r ,  in  ser ies  w i th  the  reac t ive  ne twork  
changes the t ransfer  funct ion to:  

V 1  _  ( R - r ) - j X  
V 2  ~  ( R  +  r )  + ] x  

N o w ,  i f  t h e  r e a c t a n c e  t e r m ,  J X ,  i s  z e r o  a t  s o m e  f r e q u e n c y ,  t h e  
amplitude is no longer = 1 , but is less than 1 . This causes ripples that 
depend on the locat ion of  the poles and zeros of  the reactance,  JX.  
The reactance network for this filter has a zero at 2. 2 MHz and poles at 
1 . 0  a n d  4 . 3  M H z .  T h e s e  c a n  c a u s e  s u b s t a n t i a l  r i p p l e s  i n  t h e  
amp l i tude  response .  To  ad jus t  fo r  th i s  p rob lem,  the  two  ga ins  a re  
adjusted such that A1 is not equal to A2. This changes the ampl i tude 
response  p r imar i l y ,  so  the  two  ad jus tments  a re  on ly  marg ina l l y  in  
teractive. 

The transistor c i rcui t  real izat ion of  th is f i l ter  is shown in Fig.  2.  

2 0 0  M H  4 3  M H  

- V  

son 

Fig.  2.  Al l -pass network is a four-pole,  four-zero act ive f i l ter .  

Bandpass Fi l ters 
T h e  s e c o n d a r y  I F  u s e s  a  b a n d p a s s  f i l t e r  a t  a  4 5 5 - k H z  c e n t e r  

f requency .  The  3 -dB  bandw id th  o f  t h i s  f i l t e r  i s  200  kHz .  The  w ide  
bandwidth is necessary because of the wide deviat ion of permissible 
FM s igna ls .  The phase response o f  th is  f i l te r  i s  very  impor tan t ,  be  
cause of FM distortion. The fi l ter was designed to add less than 0.03% 
distort ion to an FM signal  wi th 10-kHz deviat ion at  a 10-kHz rate.  To 
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accomp l i sh  th i s ,  t he  phase  response  was  made  ve ry  l i nea r ,  wh i l e  
sacrif icing a sharp cutoff in the amplitude response. This required the 
f i l ter  to be designed as an ar i thmet ical ly symmetr ical  bandpass f i l ter  
(same response at f0 - Af as at f0 + Af. where f0 is center frequency), 
as opposed to the standard geometr ical ly  symmetr ical  design (same 
response at 1/af0 as at 2f0). 

In  s tandard bandpass f i l te r  des ign,  a  low-pass pro to type f i l te r  is  
t ransformed geometr ical ly  up to the desired center  f requency.  Unfor  
tunately,  th is t ransformat ion distor ts the phase response in the f i l ter  
passband. To avoid this problem, the desired bandpass funct ion was 
approx imated  d i rec t l y  by  ana lyz ing  the  response  o f  po le -ze ro  pa t  
terns using a computer.  A t ransi t ional  But terworth-Thompson design 
was  used  as  t he  l ow -pass  p ro to t ype ,  t o  make  t he  g roup  de lay  r e  
sponse f lat  across most of the passband. When the desired constel la 
tion fi lter poles and zeros was achieved, the seven-pole bandpass fi lter 
was synthesized di rect ly  using standard insert ion loss techniques.1 

The f i l ter bandwidth is wide enough so that standard inductors and 
capaci tors are used as the f i l ter  e lements.  The ampl i tude and phase 
responses are  ad jus ted us ing two s l igh t ly  in terac t ive  ad jus tments ,  
ad jus t i ng  the  va lue  o f  two  induc to rs .  The  va r iab le  e lemen ts  were  
chosen  f rom the  resu l t s  o f  a  sens i t i v i t y  ana lys is  pe r fo rmed w i th  a  
compute r -a ided-des ign  p rogram.  

T h e  s e c o n d a r y  I F  f i l t e r  m a y  a l s o  b e  u s e d  a t  i n p u t  f r e q u e n c i e s  
above 1 0 MHz to make the 8901 A more frequency-selective. This can 

be useful  when measuring the level of  s ignals at var ious frequencies 
in the input spectrum, using the TUNED RF LEVEL function. 

References 
1 E.A.  Gu i l temin .  "Syn thes is  o f  Pass ive  Networks .  Wi tey ,  1957.  
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cisely locating signals that are moving (FM), only there part 
of the time (AM), and that have harmonics only 10 dB down 
(or 30 dB down if higher than third). In the process of 
finding the fundamental of the incoming signal the octave 
oscillator is swept rapidly across its band about 20 times. To 
do this, a current source is fed into the integrator input to 
the VCO (Fig. 8). The output of the integrator is a ramp that 
causes the VCO to move down in frequency. Another cur 
rent source retraces the VCO at the end of a band if no signal 
is found. 

The microprocessor sweeps each octave until a signal is 
found. A fast detector in the IF chain senses the presence of 
a signal in the IF and switches off the current source driving 
the integrator. When a sweep is successful in generating an 
IF signal, the local oscillator is counted to determine where 
it was when it stopped. 

The sweep rate is very fast, up to 1 MHz/ /us. This presents 
the problem that any time involved in recognizing the pres 
ence of an IF signal and turning the sweep source off causes 
the VCO to go too far. To compensate for this, a step-back 
resistor is put in the integrator, such that removing the 
sweep current removes V = IR from the output voltage of 
the integrator. R is chosen so that the frequency represented 
by the sweep current times the resistor is equal to the 
amount the output frequency moved during the turnoff 
delay. This allows the output of the VCO to be counted to 
determine where it was when the signal first entered the IF. 

Demodulators 
The modulation analyzer's two demodulators operate on 

the IF signal and produce a pair of audio signals. One 
demodulator extracts the frequency modulation compo 
nents of the IF signal and the other extracts the amplitude 
modulation components. The two demodulators are de 
signed for low susceptibility to incidental modulation, or 
conversion from one type of modulation to the other. They 
are also designed not to add significantly to the modulation 

noise output so that they do not degrade the system residual 
modulation characteristics. They are also both very linear 
and have flat frequency responses so that the overall 1% 
accuracy specification can be maintained. Both detectors 
do a fine job of meeting their design goals. 

The job of removing the AM from the IF signal before it is 
sent to the FM demodulator is done by a series of three 
limiter stages. Considerable care was taken to minimize the 
effect of amplitude variations on the phase of the limiter 
output (minimum AM to <$M conversion). It is most impor 
tant that both the positive half cycle and negative half cycle 
be treated the same and always symmetrically. It is obvious 
that if the limiting does not take place exactly at the zero 
crossing, changes in amplitude will affect the zero crossing 
and, in turn, the FM output. (However, the 890lA's full- 
wave FM demodulator averages the zero crossings so that 
some symmetrical movement can be tolerated.) To 
minimize this effect, we treat the signal within the limiter in 
a dual-ended differential arrangement (Fig. 9). 

Each limiter stage consists of a differential pair with the 
emitters tied together and to a current source. The collector 
loads are individual resistors with emitter followers to take 
the signal differentially to the next stage orto the output. By 
maintaining strict symmetry, both phases of the signal are 
treated the same. Since the zero crossing information is 
carried in the difference between the two outputs any 
asymmetry that might exist at one output will not exist in 
the difference between the two. Symmetry was further as 
sured by having all of the transistors for a given limiter on 
the same transistor array integrated circuit chip. 

Perhaps the most important consideration involves main 
taining all of the operating conditions independent of input 
level. The current source on the emitters keeps the operat 
ing current and consequently the output level independent 
of base voltage. The differential arrangement keeps the 
transistors out of saturation (a necessity) and the emitter 
output stages buffer the loads from changes in the input 
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To Next  
Stage 

Fig.  9 .  L imi ters  (one s tage shown here)  remove the AM f rom 
the IF signal before i t  goes to the FM demodulator. The design 
minimizes AM-to-<t>M conversion. 

impedance of the following stage as it begins to limit. 
Some care was taken to make the stage delay independent 

of input level. Normally the delay through a differential 
stage gets smaller as the stage is driven harder. In this 
design, the small-signal bandwidth is extended by apply 
ing negative feedback. (When the stage is limiting, the 
feedback is not effective, of course.) The feedback equalizes 
the delay through the stage so that the small-signal delay is 
equal to the large-signal delay. 

With all of these steps, phase shift at the limiter output is 
typically less than l/2 degree for a 3-to-l change in input 
level. 

FM Demodula tor  
The most difficult task in selecting an FM demodulator 

was to achieve both the noise specification and the distor 
tion specification we needed for our various potential users. 
To satisfy the distortion requirements of broadcast FM ap 
plications we are providing FM distortion that is typically 
70 dB down at rates and deviations up to 100 kHz. This is 
very good, and suggests a pulse-count type of discrimina 
tion. On the other end of our target applications are the 
high-quality, low-deviation FM mobile radio applications. 
For these we are providing discriminator noise in a 3-kHz 
bandwidth that is small compared with 1 Hz (around 1/3 Hz, 
typically). This is also very good, and suggests a tuned- 
circuit type of discriminator. The problem is that a pulse- 
count discriminator is too noisy and a tuned discriminator 
is not linear enough. We were able to develop a new type of 
discriminator that is neither pulse-count or tuned-circuit, 
yet meets all our requirements. The beauty of this circuit is 
that it is inherently linear and yet does not have a signifi 
cant noise mechanism. It is described in detail on page 13. 

A M  D e m o d u l a t o r  a n d  A G C  
The AM demodulator detects the amplitude modulation 

on the IF signal and produces an audio-frequency output. 
This detector has a very wide IF bandwidth and therefore 
very low conversion of FM to AM. At most operating fre 
quencies, conversion of FM to AM is negligible, approach 
ing the published specification only at the lowest input 
frequencies when the RF input circuit and the mixer begin 
to roll off slightly. 

The demodulator is a half-wave average-responding rec 
tifier with sufficient bandwidth to work well with an IF 
above 2.5 MHz. It is similar to a circuit sometimes used at 
lower frequencies, with diodes in the feedback loop of an 
amplifier. The difference is that the amplifier is a very 
high-gain amplifier capable of the high slew rates required 
to turn the diodes on during the IF signal's transition 
through zero. 

A simplified schematic is shown in Fig. 10. (Some bias 
ing and compensation elements have been omitted.) Gain is 
provided by a cascade of three transistors arranged for a 
high gain-bandwidth product .  The current  source 
(grounded base) output allows the fast voltage changes 
required to switch the diodes as the sign of the current 
reverses. The audio output is taken from one of the half- 
wave outputs by way of a constant-resistance network. The 
constant-R network filters the IF signal so that very little 
of it reaches the buffer amplifier that follows the demodula 
tor. Without the constant-R filter, the detection diode 
would be back-biased at each IF zero crossing by the aver 
age value of the half-wave-rectified IF signal, and this 
would degrade performance because the amplifier would 
have to slew farther. 

The IF gain of the circuit is R2/RV To have reasonable 
gain and yet keep R2 small enough to get the required 
bandwidth, R1 has to be small. Its value is actually 100Ã1, so 

V o u ,  ( A u d i o )  

R 2  V d c  o u l  

Â«>-nnnn--VA 

R2 

o â€” VA 

F i g .  1 0 .  A M  d e m o d u l a t o r  h a s  a  w i d e  I F  b a n d w i d t h  a n d  
therefore very low FM-to-AM convers ion.  I t  detects the modu 
lat ing s ignal  (Vout)  and the average carr ier  level  (Vdc ^J.  

1 2  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 7 9  

© Copr. 1949-1998 Hewlett-Packard Co.



it requires a good stout IF amplifier to drive it. 
The amplitude modulation percentage is the amplitude 

of the AM detector audio output divided by the average 
carrier level times 100%. The average carrier level is also 

detected by the AM detector: it is labeled V,jcout in Fig. 10. 
An AGC circuit ahead of the AM demodulator (Fig. 11) 

provides a constant-level IF signal to the demodulator. 
^'dc out Â¡s compared with a stable reference and an error 

A New Type of FM Demodulator 

by Russel l  B.  Ri ley 

We have ca l led  the wideband low-no ise FM demodula tor  used in  
the  8901 A Modu la t ion  Ana lyzer  a  charge-count  d isc r im ina tor .  The 
basic idea is to form pulses of constant charge at a rate proport ional 
to  f requency  and  then  average  these  pu lses  to  p roduce  an  ou tpu t  
vo l tage propor t iona l  to  the input  f requency.  

The operation of the charge-count discriminator is similar to that of 
t he  more  f am i l i a r  pu l se -coun t  d i sc r im ina to r ,  t he  bas i c  d i f f e rence  
be ing  t he  pu l se  shapes  i nvo l ved .  The  t yp i ca l  pu l se - coun t  c i r cu i t  
forms per pulse of constant ampli tude and constant duration once per 
cyc le of  the s ignal  to  be demodulated.  Note that  both the ampl i tude 
a n d  t h e  d u r a t i o n  h a v e  t o  b e  c o n t r o l l e d  w i t h  g r e a t  a c c u r a c y  a n d  
stabil i ty for l inear, low-noise performance. In practice it is usually j i tter 

T h u s  t h e  d e m o d u l a t o r  l i n e a r i t y  d e p e n d s  o n  p a s s i v e  c o m p o n e n t s  
a n d  a  o p -  v o l t a g e  A V .  T h e  p r i n c i p a l  s o u r c e  o f  n o i s e  Â ¡ s  t h e  o p -  
amp U,  w i th  res is to r  R  and  no ise  on  AV mak ing  somewhat  sma l le r  
contr ibut ions. 

The circuit  actual ly used in the modulat ion analyzer includes some 
ref inements. For example, transistor Q1 is also used, driving circuitry 
s imi lar  to that  connected to the col lector  of  Q2. The two outputs are 
added, with the result  that the demodulator transfer function (sensit iv 
ity) the doubled and the output ripple frequency is doubled, making the 
f i l ter ing job easier .  A damped inductor  is  added in  ser ies wi th C1 to 
i n t r o d u c e  a  c o n t r o l l e d  a m o u n t  o f  o v e r s h o o t  s o  t h a t  t h e  s t e e r i n g  
d iodes cut  o f f  c lean ly .  

+  1 0 V  8  m A  

Amplified 
and Limited 

1.5 MHz 
IF In 

4  mA 

Demod 
Out 

-9V 

in  the pulse durat ion that  l imi ts  no ise per formance.  In  contrast ,  the 
charge-count c i rcui t  requires only that  a dc vol tage be accurate and 
stable. 

In the circuit diagram (Fig. 1 ), diodes D1 and D2 clamp the left end 
o f  c a p a c i t o r  C 1  t o  a  v o l t a g e  s w i n g  o f  1 5 V  p l u s  t w o  d i o d e  d r o p s .  
C h a r g e - s t e e r i n g  d i o d e s  D 3  a n d  D 4  l i m i t  t h e  r i g h t  e n d  o f  C 1  t o  a  
vo l tage  excu rs ion  o f  two  d iode  d rops .  Thus  the  cha rge  tha t  f l ows  
back  and fo r th  in  C1 is  we l l  de f ined  and is  g iven  by  

Q = C1 AV 

where AV is 15V in this example. Since current is given by the rate of 
change of charge with respect to t ime the average current lavg flowing 
in resistor R, through the action of the charge-steering diodes and the 
operat iona l  ampl i f ie r  U,  is  g iven by 

l avg  =  Q f  =  C1 f  AV  

where f is the number of cycles per second (the frequency of the input 
s ignal ) .  The average output  vo l tage Vaug is  s imply 

Fig. 1.  Simpl i f ied schematic of  the 
charge-count  d iscr iminator .  

V a v g  =  =  RC1f  AV 

Russe l l  B .  R i l ey  
A 1959 graduate o f  the Univers i ty  o f  
Co lorado,  Russ Ri ley  completed h is  
studies for  the PhD degree at  Stanford 
Universi ty in 1961. His responsibi l i t ies 
at HP have included the 938A and 940A 
Frequency Doub ler  Sets ,  wavegu ide 
thermistor  mounts,  the 423A and 424A 
Crystal Detectors, the 41 5E SWR Meter, 
the 432A Power Meter, and parts of the 
8558A Spec t rum Ana lyzer .  He  i s  
named as inventor  on severa l  patents  

^ K n ^ M  o n  t h e s e  p r o d u c t s .  M o s t  r e c e n t l y  h e  
I  cont r ibu ted to  the des ign o f  the  8901 A 
I  Modula t ion  Ana lyzer ,  espec ia l ly  the  FM 

J B E V V   O Â ¿  *  l i m i t e r - d i s c r i m i n a t o r ;  h e ' s  n o w  w i t h  t h e  
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AGC Ampl i f ie r  

l=GxAVout 
1xl=Vx VREF 

F i g .  1 1 .  A u t o m a t i c  g a i n  c o n t r o l  
(AGC) circui t  provides a constant-  
l e v e l  I F  s i g n a l  t o  t h e  A M  d e m o d  
ulator.  A low-distort ion photoresis- 
tor  is  the gain contro l  e lement.  

v o l t a g e  i s  d e v e l o p e d  t o  c o n t r o l  t h e  g a i n  o f  t h e  A G C  
amplif ier .  The l imit ing factor  in the design of  the AGC 
amplif ier  is  the AM distort ion goal  of  -60 dB harmonic 
distortion. A special low-distortion photoresistor is used as 
the gain control element in a feedback arrangement. The 
approach works well, but is not without pitfalls. The photo- 
resistor is  a slow device with a low-frequency pole that  
tends to move with the operating point. It also has a gain 
factor that is not very stable. In general, it is not the kind of 
element a designer likes to have determining the dynamics 
of a loop. 

To avoid these problems, the photoresistor is placed in a 
control loop to set its resistance (Fig. 11). A small dc current 
i s  p u t  t h r o u g h  t h e  p h o t o r e s i s t o r  a n d  a n  o p e r a t i o n a l  
amplifier senses the voltage across the photoresistor. The 
op-amp changes the  current  through the l ight-emit t ing 
diode that illuminates the photoresistor until the voltage 
across the photoresistor equals a predetermined value. In 
this way the dc current controls the resistance of the photo- 
resistor and consequently the gain of the AGC amplifier. 
The pole of the photoresistor as well as its gain variations 
are removed by the action of this local control loop. Since 
the AM signal going through the photoresistor is at IF and 
the resistance-setting signal is at dc, these signals do not 
interfere with each other. 

The AGC loop can be modeled as a feedback loop around 
a mult ipl ier  (see Fig.  12) .  The mult ipl icat ion factor  Ve 
is the gain of the AGC amplifier, so that Vout = Vin x Vc. 
The loop gain is GK(dVout/dVc) = GKVin. Thus the loop 
gain is  proport ional  to the input  level .  Although this  is  
characteristic of an AGC loop, it is undesirable because the 
loop bandwidth and response time are functions of the loop 
gain. If the loop bandwidth is too high, the circuit will begin 
to  remove some of  the  ampli tude informat ion f rom the 
signal, and ringing will occur for step RF inputs. If the loop 
bandwidth is too small the response time will be very long. 
Unless something is done to compensate for the changing 
loop gain, one or the other of these effects can be expected to 
occur. 

Our solution is to make the gain factor K inversely pro 
portional to Vin. Since K = dVc/dVx, we will have constant 

bandwidth if 

d V ,  

dVv 

dV \ ' r  

V out 

Because the circuit is an AGC circuit, Vout = Vref = con 
stant. Therefore we need 

dVc 
â€” - cc Vr . 

K  V  
An exponential with Vc ce e 2 c meets this requirement. 
In  the 8901A the exponent ia l  character is t ic  is  approxi  
mated by the series combination of R and Rp in Fig. 11. 
Current I develops a voltage I(R + RP) across this series 
combination. The control loop amplifier drives the photo- 
resistor to make this voltage equal to the reference voltage 
V2. The AGC amplifier gain is 

R. 
Gain = Vr = â€” = 

IK; dVr 

R P  I R  +  V 2  d V x  

For the values used, the maximum gain error of this approx 
imation over a 24-dB IF input range is 2 dB. This 12-to-l 
improvement allows us to maintain both accuracy and re 
sponse time over the operating range of the circuit. 

Multiplier 

V , n  

VREF 

F i g .  1 2 .  A G C  l o o p  c a n  b e  m o d e l e d  a s  a  f e e d b a c k  l o o p  
around a mul t ip l ier .  
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Voltmeter Assembly Instrument Bus to/  
f rom Control ler 

â€” O 

Ramp Gate 
from Counter 

R e c o r d e r  
Output 

Fig .  13 .  Aud io  sec t ion  processes  
a n d  m e a s u r e s  t h e  m o d u l a t i o n  
signal. 

Audio Sect ion 
The audio section (Fig. 13) selects the output of either the 

AM demodulator or the FM demodulator, generates a digi 
tal result proportional to the amount of modulation, and 
outputs the demodulated signal to the front panel. In the 
process, the signal is filtered, amplified, de-emphasized, 
detected and converted to digital format. 

Three low-pass filter bandwidths and two high-pass filter 
bandwidths are provided, along with a wideband filter rep 
resenting the unfiltered case. The wide filter's 3-dB 
bandwidth is a few tenths of one hertz at the low end to 
about 250 kHz at the high end. The low-frequency cutoff 
had to be kept very low to preserve FM stereo information at 
low frequencies. For good stereo separation only small 
phase shifts between the audio tone and the 38-kHz subcar- 
rier are permissible. The lower cutoff frequency of 0.3 Hz 
limits the maximum measurable separation at 50 Hz to 50 
dB. 

This filter is required to be flat to 200 kHz for FM and to 

100 kHz for AM. Separate filters are used for the FM and AM 
inputs to minimize the problems associated with switching 
between modulators. The actual switching throughout the 
audio section is done at high-impedance points so that 
switch impedance variations do not lead to gain variations. 
The wide filters are designed to attenuate the 1.5-MHz IF 
signal and its sidebands. 

The two high-pass filters, 50 Hz and 300 Hz, represent 
standard frequencies a user might need. 

The three low-pass filters are 3kHz, 15kHz, and >20 kHz. 
The 15-kHz filter is a five-pole Butterworth filter. It is de 
signed to attenuate the carrier when operating with a 150- 
kHz or greater input frequency. The 3-kHz filter is an active 
five-pole filter used for noise measurements. This filter is 
designed with many poles so that noise that might be rising 
with audio frequency (typical in FM systems) will be fil 
tered enough to give meaningful results. The >20 kHz filter 
has a 3-dB bandwidth of about 90 kHz but has a Bessel 
shape, so that is is down about 2% at 20 kHz. It is optimized 
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for minimum overshoot to a square wave input. This filter 
can also attenuate the IF when operating at a 455-kHz IF. 
Either this filter or the 15-kHz filter may be used with the 
455-kHz IF. 

When FM is selected there is a choice of de-emphasis 
networks. These are required to reconstruct the modulation 
signal, since an P'M transmitter typically has its frequency 
response pre-emphasized. When a de-emphasis network is 
selected it is always switched in ahead of the demodulated 
output. The display, however, can represent the modula 
tion either before or after de-emphasis. This allows either 
deviation (without de-emphasis) or flatness (including de- 
emphasis) measurements to be made while maintaining the 
correct frequency response at the demodulated output. 
When the 750-/ns de-emphasis network is selected a gain of 
10 is automatically inserted. This gives the added resolu 
tion often needed with this de-emphasis network because it 
reduces the received noise so much (750 /as is equivalent to 
a 212-Hz low-pass filter with one pole.) 

When $M is selected the FM signal is integrated to form 
<t> = Jfdt. The phase modulation capability assumes wide- 
deviation phase modulation, with readings to 400 radians. 
Modulation schemes that depend upon zero radians being 
the same as 2rr radians will cause erroneous readings, and 
phase modulation with incidental AM much greater than 
99% may also cause incorrect readings. The <t>M demod 
ulator works very well with analog phase modulation and 
is useful with some types of digital PSK (phase shift keying). 

Average  and  Peak  Detec tors  
Two detectors are provided in the audio section. The 

average-responding detector, similar to that found in 
high-quality voltmeters, is included mainly to measure 
noise. The peak detector is used mainly to measure 
maximum modulation. An amplifier that can be program 
med to a gain of + 1 or â€” 1 precedes the peak detector so that 
either +pk or â€” pk readings can be made. The performance 
of the peak detector is key to the operation of the modula 
tion measurements and much effort went into its develop 
ment. 

As simple as the peak detector is (see Fig. 14), it has very 
good performance. Its maximum allowable error for 100- 
kHz audio rates is 0.15% on our production line. A sine 
wave is within 0.15% of peak value for only 1.7% of the 
time, or only 170 ns at 100 kHz. This requires a very fast 
circuit. For this reason, a high-speed comparator is used as 

Comparator  

+ V 

Input 

Buf fe r  

ADC 

Discharge 

To Counter  

VINPUT 

0  V o l t s  =  G N D  

Stop to  Counter  s, 

_JUUUUUUUUUUL 
Signal  Counted 

_  wi th in  Counter  

Fig .  14 .  Peak  de tec to r  i s  s imp le  bu t  per fo rms we l l .  

Fig. 1 5. Ana/og-to-digital converter Â¡s used to measure many 
vo l tages in  the modula t ion ana lyzer .  I t  i s  a  s ing le-s lope con 
ver te r ,  count ing  a  c lock  s igna l  wh i le  a  cons tan t -s lope  ramp 
vol tage r ises to the level  of  the unknown vol tage.  

the basis of the circuit. At the other end of the spectrum, for 
a 50-Hz input the sample capacitor must retain its charge f or 
20 ms. With a maximum of 0.15% discharge allowed, this 
represents a time constant of 13 seconds. To maintain this 
long time constant given the levels and input bias current in 
the comparator, the sampling capacitor is large (4/j.F). This 
long time constant also requires that the circuit be actively 
discharged to maintain reasonable measurement speed. 
The circuit is cycled automatically to measure a new peak 
value 10 times a second. 

The current that charges the sample capacitor is large so 
that the detector is able to respond to complex signals, such 
as two simultaneous tones. In this case, which is typical of 
avionics signals, peaks occur only at the difference fre 
quency between the two tones, yet the widths of the peaks 
are proportional to the highest frequency. The problem here 
is to charge the sample capacitor fully while the two inputs 
are summing to a maximum. On the other hand, the higher 
the charge current, the greater the potential overshoot. The 
charge current level is chosen so that this overshoot is less 
than one least significant digit. 

After the peak sample has been taken, the result is trans 
ferred to a hold capacitor and buffered for the analog-to- 
digital converter. If S2 in Fig. 14 is held closed for a suffi 
cient length of time, then nearly all the voltage on C-Â¡ is 
transferred to the smaller C2. However, if some post-peak- 
detection filtering is required, then S2 is closed for a shorter 
time. In this way a fraction of the voltage difference between 
Cj and C2 is transferred for each time period. The result is 
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a time-sampled approximation to an ideal one-pole post- 
detection filter. The advantage is that it is programmable 
and it does not add much hardware â€” just two resistors plus 
the latch and transistor that change the timing to the type- 
555 timer that sequences the peak detector. 

If the timer is turned off and S2 is left closed, then any 
signal that comes along will be captured. This is called peak 
hold; it is implemented with digital storage to provide 
indefinite retention of maximum levels of peak modulation. 

The analog-to-digital converter is used to read many volt 
ages inside the modulation analyzer. Readings are made to 
determine the result and validity of each measurement. The 
ADC can make measurements as fast as 10 ms, has resolu 
tion of 1 part in 40,000, and has only one adjustment and 
inherently no offset. 

The converter is a single-slope converter (Fig. 15). When 
it receives a start transition, it generates a ramp by integrat 
ing a precision current. When the ramp exceeds the input 
voltage, a comparator changes state. A clock is counted 
between the start transition and the comparator state 
change. The number of counts is proportional to the analog 
voltage. 

Instead of starting at ground, the ramp starts one diode 
drop below ground, and goes up to about 5 volts. Once per 
measurement cycle a reading of a grounded input is taken 
and stored. The input voltage is then computed as the signal 
reading minus the ground reading. Offset is not a problem 
because ground is actually measured. Temperature drift in 
the integration capacitor is compensated by a temperature 
coefficient introduced into the voltage reference for an 
overall effect of less than 30 ppm/Â°C. 

Serviceabil ity 
Several features were included in the design of the 8901 A 

to make servicing easier. These start with the power-up 
sequence and with four dedicated troubleshooting I/O pins 
on one of the microprocessor chips. Four lights on the top of 
the controller board are associated with these four pins. If 
all is well these lights quickly go through a flashing se 
quence on power-up, then all stay on. If any other pattern of 
these lights is displayed it means that one of the power-up 
checks has failed. After the power-up sequence is complete, 
two of the lights are used to indicate interrupts (keyboard 
and HP-IB), and one light flashes to indicate that the con 
troller is running. 

Many items are checked during power-up. First a 
checksum is made on each of the nine read-only-memory 
chips to insure that the program is all right. The checksum 
is compared against a value stored in one of the ROMs. The 
code to run this program is located entirely in the first ROM, 
so that a bad ROM will tend to show up before it has any 
effect on the validity of what is being done. Next all of the 
read/write memory (RAM) is checked by writing all zeros, 
then all ones, and verifying that the same patterns are read 
back. 

An exclusive-OR gate tied to the output of one of the I/O 
data latches forms a parity check on that latch and is read 
back to check that the instrument I/O is working. The 
keyboard is scanned to make sure a key is not stuck down 
and an error light is turned on if a stuck key is detected. 
Finally, a test is run on the local oscillator to verify that it is 
working properly. Tested are its frequency range, loop 

gains, and lock stability. The LO tests are done in sequence 
to help isolate any problem. A special function command 
from the keyboard produces a readout that indicates what 
test number failed. At the beginning of the power-up tests, a 
scan of the four service pins already mentioned is made to 
see if one is grounded. A grounded pin indicates that the 
user wants the instrument to go into one of its signature 
analysis3 routines. 

To troubleshoot the microprocessor, a special extender 
board is used that allows "no-operation" instructions to be 
forced onto the processor control bus. If all is going well the 
processor will increment its program counter and step 
through all of memory. The signature analysis probe will 
recognize characteristic signatures in address lines, mem 
ory decoders, and memory chips, allowing easy identifica 
tion of problem parts. 

The keyboard assembly is also troubleshot using signa 
ture analysis. The routine scans each key and outputs a 1 or 
0 for each key to one of the four troubleshooting pins on the 
microprocessor board. There is a signature for no key down 
and a unique signature for each key. There is also a signa 
ture for each pair of keys, and so on. If a fault is found, the 
board itself can be probed until the problem is isolated to a 
particular component. Also, by correlating patterns of key 
failures with the organization of the keyboard matrix, many 
clues can be obtained even without going onto the board. 

The software-controlled counter circuits also have a sig 
nature analysis routine to exercise them. The various 
latches are located and cleared and the counters allowed to 
count. By comparing signatures with the expected signa 
tures on a schematic, one can isolate a fault to a particular 
part. 

The remaining digital circuits and the various I/O latches 
are not tested by signature analysis. The controller part of 
the I/O circuitry is tested automatically on power-up. To test 
a particular latch controlling some function on a board 
another set of special functions is included. These func 
tions allow the service person to write any desired data to 
any latch in the instrument. The controller then presents 
stable data and addressing lines to the particular latch and 
continuously strobes its clock or latch input. By examining 
the outputs and comparing them with the inputs, the fault 
can be isolated. This approach offers some advantage over 
signature analysis. First, if one is looking at a particular 
latch there is probably reason to believe that at least the 
function controlled by that latch isn't working. Also, be 
cause a latch is, in general, controlling analog hardware, 
probing need not stop when the TTL levels stop. Thus one 
can set up a command word and follow it onto a board, into 
a latch, into a level translator, and to an FET switch. The 
problem may be well out of the interface hardware, and this 
function allows one to set up a stable state of the analog 
hardware, which is sometimes necessary to isolate the prob 
lem. 

Some of the inputs to the voltmeter and counter are there 
for service. The voltmeter is able to measure the instru 
ment's five power supply voltages to verify their operation. 
The counter is able to count the internal and external time 
bases and thus it can be verified which time base is actually 
being used (the switchover is automatic to an external time 
base when one is connected). 
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software, Stuart Carp and Andy Naegeli for optimizing five 
parameters with four parts in the mixer, Cory Boyan for the 
HP-IB interface and his software help, Dan Sharoni for 
software help when the going was toughest, Bob Waldron 
for the mechanical design, and Chung Lau and Jim Foote for 
their help on the audio section. Thanks also go to several 
others who were influential in the definition stage, includ 
ing Jim Stinehelfer and Ray Shannon. I would also like to 
thank Jim Harmon and Rick Finger for their efforts in pro 
viding service and operating documentation. 
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S P E C I F I C A T I O N S  
HP Model  8901 A Modulat ion Analyzer  

RF Input  
F R E Q U E N C Y  R A N G E :  1 5 0  k H z  t o  1 3 0 0  M H z .  
O P E R A T I N G  L E V E L :  

150  kHz  -  650  MHz :  12  mVrms  ( - 25  dBm)  t o  7  V rms  (1  Wpeak ) .  
650  MHz  -  1300  MHz :  22  mVrms  ( - 20  dBm)  t o  7  V rms  (1  Wpeak ) .  

Frequency Modulat ion 
RATES:150  kHz  -  10  MHz :  20  Hz  to  10  kHz .  

10  MHz -  1300  MHz:  20  Hz  to  200  kHz . '  
DEV IAT IONS:  

150 kHz â€¢ 10 MHz: 40 kHZpea|< maximum. 
10  MHz -  1300 MHz:  400 kHzpeak max imum.1 

A C C U R A C Y : 2  
250 kHz -  10 MHz: Â±2% of  reading Â±1 dig i t ,  20 Hz to 10 kHz rates.  
1 0  M H z  -  o f  M H z :  Â ± 1 %  o f  r e a d i n g  Â ± 1  d i g i t ,  5 0  H z  t o  1 0 0  k H z  r a t e s .  Â ± 5 %  o f  

reading Â±1 digi t ,  20 Hz to 200 kHz rates. 
D E M O D U L A T E D  O U T P U T  D I S T O R T I O N : 3  

400  kHz  -  10  MHz :  <0 .1% THD,  dev ia t i ons  <10  kHz .  
10  MHz  -  1300  MHz :  <0 .1% THD,  ra tes  and  dev ia t i ons  - :100  kHz .  

AM REJECTION ( fo r  50  % AM a t  400  Hz  and  1  kHz  ra tes ) :2  <20  Hz  peak  dev ia t i on  mea  
sured  in  a  50  Hz  to  3  kHz  BW.  

RESIDUAL FM (50 Hz to 3 kHz BW): â€¢ '8 Hzrms at 1300 MHz, decreasing l inear ly with fre 
quency  to  <~\  Hzrms fo r  100 MHz and be low.  

Phase Modulat ion 
C A R R I E R  F R E Q U E N C Y :  1 0  M H z  t o  1 3 0 0  M H z .  
RATES:  200  Hz  to  20  kHz .  
D E V I A T I O N  A N D  M A X I M U M  R E S O L U T I O N :  

4 0 0  

I 

I 
200 Hz 1 kHz 

Modulation Rate 
1 0 k H z  2 0 k H z  

ACCURACY:2 Â±3% of reading Â±1 digit .  
D E M O D U L A T E D  O U T P U T  D I S T O R T I O N :  - : 0 . 1 %  T H D .  
AM REJECTION ( fo r  50% AM a t  1  kHz ra te ) :2  0 .03  rad ian  peak  in  a  50-Hz- to -3-kHz BW.  

Ampl i tude Modulat ion 
RATES:  150  kHz  -  10  MHz:  20  Hz  to  10  kHz .  

10  MHz -  1300 MHz:  20  Hz to  100 kHz.  
DEPTH:  to  99%.  
A C C U R A C Y : 2 4  

150 kHz of 10 MHz: Â±2% of reading Â±1 digit, 50 Hz to 10 kHz rates, >5% depth. Â±3% of 
reading Â±1 digi t ,  20 Hz to 10 kHz rates. 

10  MHz to  1300  MHz:  Â±1% o f  read ing  Â±1 d ig i t ,  50  Hz  to  50  kHz  ra tes ,  >5% dep th .  
Â±3% of reading Â±1 digit,  20 Hz to 100 kHz rates. 

FLATNESS (var ia t ion in  ind icated AM depth for  constant  depth on input  s igna l ) :  
10 MHz to 1300MHz: Â±0.3% of reading Â±1 digit, 90 Hz to 10 kHz rates, 20 to 80% depth. 

D E M O D U L A T E D  O U T P U T  D I S T O R T I O N :  < 0 . 3 %  T H D  f o r  Â « 5 0 %  d e p t h .  < 0 . 6 %  T H D  f o r  
Â«95% depth. 

FM REJECTION (a t  400  Hz  and 1  kHz ra tes ,  50  Hz  to  3  kHz BW):2  
250  kHz  to  10  MHz :  <0 .2% AM fo r  <5  kHznoak  dev ia t i on .  â€¢̂ peak 
1 0  M H z  t o  1 3 0 0  M H z :  < 0 . 2 %  A M  f o r  < 5 0  k H z p e a k  

RES IDUAL  AM (50  Hz  t o  3  kHz  BW) :  <0 .01% rms .  
deviation. 

Frequency Counter  
RANGE:  150  kHz  -  1300  MHz.  
SENSITIVITY:  

150  kHz  -  650  MHz :  12  mVrms  ( -25  dBm) .  
6 5 0  M H z  -  1 3 0 0  M H z :  2 2  m V f m s  ( - 2 0  d B m ) .  

ACCURACY: Reference accuracy Â±3 counts of  least  s igni f icant  d ig i t .  
INTERNAL REFERENCE:  

FREQUENCY:  10  MHz .  
A G I N G  R A T E :  < 1  x 1 0 ~ 6 / m o n t h  

( O p t i o n a l :  1  x 1 0  / d a y  a f t e r  3 0 - d a y  w a r m u p ) .  
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RF Level5 
(Peak-voltage responding, rms sine wave power caibrated). 

RANGE:  1  mW to  1  W.  
I N S T R U M E N T A T I O N  A C C U R A C Y :  1 5 0  k H z  -  6 5 0  M H z :  - 2  d B .  

6 5 0  M H z  -  1 3 0 0  M H z :  - 3  d B .  
SWR: < 1.5 in a 50Ã1 system. 

Audio Fi l ters 
HIGH PASS (3-dB cutoff  frequency): 50 Hz and 300 Hz. 
LOW PASS (3-dB cutoff frequency except >20 kHz filer): 3 kHz. 15 kHz, >20 kHz. 
D E - E M P H A S I S  F I L T E R S :  2 5  M S .  5 0  u s .  7 5  M s .  a n d  7 5 0  u s .  D e - e m p h a s i s  f i l t e r s  a r e  

s ing le -po le  low-pass  f i l te rs  whose 3-dB f requenc ies  a re  6366 Hz fo r  25  Â¿ is .  3183 Hz 
for 50 MS. 2122 Hz for 75 Â¡ is.  and 212 Hz for 750 us 

F L A T N E S S :  
50  Hz  H IGH PASS:  <1% a t  ra tes  3200  Hz .  
3 0 0  H z  H I G H  P A S S :  < 1 %  a t  r a t e s  3 1  k H z .  
3 kHz LOW PASS: <1% at  rates Â«1 kHz.  
15 kHz LOW PASS: <1% at  rates Â«10 kHz.  
>20 kHz LOW PASS: <1% at  rates Â«10 kHz.  

Calibrators (Option 010) 
AM CALIBRATOR DEPTH AND ACCURACY: 33.33% depth nominal,  internally calibrated 

to an accuracy of Â±0.1%. 
F M  C A L I B R A T O R  D E V I A T I O N  A N D  A C C U R A C Y :  3 3  k H z  

internal ly cal ibrated to an accuracy of Â±0.1%. 
peak dev ia t i on  nom ina l ,  

General 
TEMPERATURE:  Opera t ing :  0= to  55 ;C.  
R E M O T E  c o n  H P - I B :  a l l  f u n c t i o n s  e x c e p t  t h e  l i n e  s w i t c h  a r e  r e m o t e l y  c o n  

trollable. 
EMI: Conducted and radiated interference is within the requirements of methods CE03 and 

RE02 CISPR MIL STD 461A (for inputs <10 mW), VOE 0871 Level B.  and CISPR publi  
cation 1 1 . 

CONDUCTED AND RADIATED SUSCEPTIBIL ITY:  Meets  the  requi rements  of  methods 
CS01.  CS02.  and RS03 (1 voltmetre)  of  MIL STD 461 A dated 1968.  

P O W E R :  1 0 0 .  1 2 0 .  2 2 0 .  o r  2 4 0  V a c  ( * 5 ,  - 1 0 % ) :  4 8 - 6 6  H z ;  2 0 0  V A  m a x .  
WEIGHT:  Net  20  kg  (44  Ib ) .  
D I M E N S I O N S :  1 9 0  m m  H  x  4 2 5  m m  W  x  4 6 8  m m  D  ( 7 . 5  i n  x  1 6 . 8  i n  x  1 8 . 4  i n ) .  
P R I C E S  c a l i  U . S . A . :  8 9 0 1 A  M o d u l a t i o n  A n a l y z e r ,  $ 7 5 0 0 ;  O p t i o n  0 1 0  A M  a n d  F M  c a l i  

brators. S500. 
MANUFACTURING D IV IS ION:  STANFORD PARK D IV IS ION 

1501 Page Mill  Road 
Palo Alto, California 94304 U.S.A. 

1  Max imum ra te  20  kHz  and  peak  dev ia t ion  40  kHz  w i th  750  ( i s  de -emphas is  f i l t e r .  
2  Peak  res idua ls  mus t  be  accoun ted  fo r  i n  peak  read ings .  
3.  With modula MS de-emphasis and pre-display "of f ,"  distort ion is not speci f ied for modula 

t i on  fo r  >4  Vpeak  Th is  can  occu r  nea r  max imum dev ia t i on  fo r  a  measuremen t  range  
a t  ra tes  <2 kHz.  

4 .  Fo r  peak  measu remen ts  on l y ,  AM accu racy  may  be  a f f ec ted  by  d i s to r t i on  gene ra ted  
by the Modula t ion Analyzer .  In  the wors t  case,  th is  can decrease accuracy by 0 .1% of  
read ing  fo r  each  01% o f  d is to r t ion .  

5 .  The  TUNED RF LEVEL mode i s  unca l ib ra ted  

Modulat ion Analyzer  Appl icat ions 
by  A l len  P .  Edwards  

THE 8901A MODULATION ANALYZER is a useful 
tool for analyzing many types of signals. Often it 
can provide needed information that has been diffi 

cult to obtain, such as incidental FM or residual FM. It 
can replace large, complex test systems, and speed and 
simplify measurements. 

The modulation analyzer is well suited for measuring 
mobile communications and other transmitters. This single 
instrument can be used in making most of the measure 
ments normally made on transmitters, such as carrier 
power, carrier frequency and stability, AM depth, FM de 

viation, hum and noise, incidental AM or FM, modulation 
limiting (instantaneous and steady-state), and audio fre 
quency response. 

For avionics applications the 8901 A can be very useful in 
measuring navigation signals. In testing ILS transmitters 
the analyzer can be used to measure depth of modulation 
very accurately. For broadcast AM and FM it can be used to 
measure AM depth or FM deviation, and it can accurately 
recover the modulation for making measurements such as 
stereo separation and distortion. 

Its accuracy makes the modulation analyzer an excellent 
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Fig.  1 .  Spectrum analyzer d isplay of  a supposedly ampl i tude 
m o d u l a t e d  s i g n a l  i s  m o r e  t y p i c a l  o f  b r o a d b a n d  F M  t h a n  
s ing le - f requency  AM.  

F ig .  3 .  FM recove red  by  t he  modu la t i on  ana l yze r  f r om the  
signal of Fig. 1 shows sharp spikes causing the broadband FM 
appearance o f  the  s igna l ' s  spec t rum.  

Fig.  2.  AM recovered by the 8901 A modulat ion analyzer  f rom 
the s igna l  o f  F ig .  1  is  a  s ing le- f requency s ine wave.  

characterize RF and IF designs, evaluate modulators, and 
test individual ICs or modules. 

In the following sections, three specific applications are 
described that demonstrate the modulation analyzer's 
capabilities. 

Solv ing a  Signal  Generator  Problem 
The 890lA's ability to separate amplitude modulation 

and frequency modulation is demonstrated by this exam 
ple. Fig. 1 is a spectrum analyzer display of a signal coming 
from a high-power signal generator that was being 
amplitude modulated at 1 kHz. The spectrum is more typi 
cal of broadband FM than of single-frequency AM. 

To see what was happening, the signal was applied to an 
8901A. Fig. 2 shows the AM detected by the modulation 
analyzer,  revealing that the signal is indeed being 
amplitude modulated at 1 kHz. However, the analyzer's FM 
output, Fig. 3, shows that the generator is also being fre 
quency modulated with line-related interference and that 
the sharp spikes are causing the broadband FM we saw in 
the spectrum analyzer display. With these pictures, the 

addition to a metrology laboratory. An example of its use 
fulness is in calibrating signal generators, especially high- 
performance signal generators such as the HP 8640B. The 
modulation analyzer's capabilities exceed those required to 
verify many signal generator specifications. Besides im 
proving the accuracy of these measurements, it greatly re 
duces the time involved. Also, the optional calibrators pro 
vide a new level of modulation standard accuracy and help 
ensure accurate measurements. 

Because the modulation analyzer is capable of charac 
terizing all types of signals, it is useful in research and 
development laboratories for characterizing VCOs, measur 
ing residual noise on crystal oscillators, measuring inciden 
tal modulation, measuring the frequency of low-level sig 
nals, and so on. When used with a signal source it can 

V o l t a g e  C o n t r o l l e d  
C r y s t a l  O s c i l l a t o r  

(VCXO) 
8901 A 

Modulat ion 
Analyzer  

Modu la t i on  
O u t p u t  

dc  
T u n i n g  V o l t a g e  

0-14V 

F i g .  4 .  U s i n g  t h e  m o d u l a t i o n  a n a l y z e r  t o  c h a r a c t e r i z e  
voltage-tunable osci l lators. The low noise of the 8901 A's local 
osc i l la tor  makes th is  appl icat ion poss ib le .  

2 0  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 7 9  

© Copr. 1949-1998 Hewlett-Packard Co.



53 Hz 
- 4 . 2 9  d B "  

8 5  H z  =  O  d B  

â€” 68 Hz 

279 .9927  MHz 
OV 

279 .9985  MHz 
14V 

Fig.  5.  Osci l loscope display f rom the setup of  Fig.  4.  Ac input 
to the VCXO was adjusted to give 100-Hz deviat ion at the low 
end o f  the VCXO's  tun ing range.  The d isp lay  shows how the 
actual deviat ion varies as the VCXO is tuned across i ts band. 

_  M I C  I n p u t  

R F  O u t  

_ ,  R F  I n p u t  

8 9 0 1  A  
M o d u l a t i o n  

A n a l y z e r  

M o d u l a t i o n  
O u t p u t  

S p e a k e r  

Â ¿ I X  

Fig.  A An automat ic  system for  test ing mobi le t ransmit ters.  A 
desktop computer controls the modulat ion analyzer via the HP 
Interface Bus. 

manufacturer of this product might have been able to cure 
this problem by a little attention to the power supply rec 
tifiers, which, one would suspect, are turning off very fast 
and causing the spikes. 

Character iz ing Vol tage-Tunable  Osci l la tors  
The next application demonstrates how the 8901A is 

useful for characterizing VCOs and VCXOs. Fig. 4 shows a 
VCXO being measured by the 8901A. The VCXO is operat 
ing at 280 MHz and can be pulled 5800 Hz. The idea is to 
vary the dc tuning voltage from OV to 14V, causing the 
VCXO frequency to change by 5800 Hz, while a small ac test 
signal of constant amplitude frequency-modulates the 
VCXO. The ratio of the ac frequency deviation to the ac test 
signal (Af/Av) is the gain of the oscillator at the dc operating 
point. With the ac test signal held constant, the ac frequency 
deviation is proportional to gain. An oscilloscope is used to 
plot the detuning voltage against the frequency modulation 
on the VCXO output, as detected by the 8901A. The en- 

FM Mobile 

Transmi tier 

Model XYZ 

Transmitter Tests 

Rate (kHz) 

Rate (kHz) 

Fig .  7 .  Output  p lo t  f rom the sys tem of  F ig .  6 .  

velope of the oscilloscope display shows the peak FM de 
viation of the VCXO as a function of center frequency. 

Fig. 5 shows the oscilloscope display. Notice that the 
peak deviation of the VCXO output varies with center fre 
quency, even though the FM input signal is constant. With 
this setup the oscilloscope display of gain allows the de 
signer to optimize the circuit and get immediate results 
when changes are made. 

So as not to disturb the measurement, the peak deviation 
of the FM at OV is adjusted to only 100 Hz. This is done by 
adjusting the ac modulating signal while reading the peak 
deviation with the 8901A. The 890lA's 300-Hz to 3-kHz 
audio filters are used to limit the noise. The front-panel dB 
button is pushed to make the display read in dB. Resolution 
is better than 0.2 dB, which is more than enough for this 
application. The 890lA's post-peak-detector filter is 
selected using the analyzer's special function capability 
and a completely stable display is produced. For this setup, 
accuracy is limited by the resolution of 0.2 dB. 

Assuming that everything was stable this measurement 
could be made with a counter by painstakingly plotting 
fout versus tuning voltage and differentiating the plot. 
Obviously the modulation analyzer produces a more con 
venient method of analyzing the gain of this system. How 
ever, without the extremely low noise of the modulation 
analyzer's local oscillator, the deviation required to make 
this type of measurement might perturb the oscillator and 
limit the resolution of the measurement. 

Automated  Tests  
Fig. 6 shows an automatic system for testing mobile 

transmitters, taking advantage of the programmability of 
the 8901A Modulation Analyzer. An HP 9800 Series Desk 
top Computer controls the system. Fig. 7 shows a typical 
output plot. 

NOVEMBER 1979  HEWLETT-PACKARD JOURNAL 21  

© Copr. 1949-1998 Hewlett-Packard Co.



Assuring Accuracy in Modulation 
Measurements 
by Lesl ie  E .  Brubaker  

ONE OF THE MOST DIFFICULT PROBLEMS in 
making very accurate measurements of AM depth 
or FM deviation is calibrating the measuring in 

strument. A precisely modulated signal must be generated 
to serve as a calibration standard. Option 010 for the 8901A 
Modulation Analyzer solves this problem for the user 
by providing built-in precise AM and FM modulation 
standards. The calibrators built into an 8901A that has 
Option 010 can also be used to calibrate other 890lAs that 
do not have this option. 

The AM standard is generated by summing two identical 
10.1-MHz signals. When one of the signals is switched on 
and off at a 10-kHz rate, the result is 33.33 percent AM 
depth. By internally measuring any slight difference in the 
levels of the 10.1-MHz signals the analyzer is able to deter 
mine the actual depth to Â±0.1 percent accuracy. To further 
improve the modulation envelope, the rise and fall transi 
tions are smoothed to eliminate ringing that might other 

wise occur in the 890lA's audio filters when this signal is 
measured. 

The FM standard is generated by square-wave modulat 
ing a VCO with a nominal 33-kHz peak deviation. By using 
the internal counter to measure the upper and lower fre 
quency of this signal, the actual peak deviation is deter 
mined to Â±0.1 percent accuracy. To prevent ringing, the 
square wave is modified to a round-edged trapezoid. 

Once the actual AM depth and FM deviation have been 
calculated and stored, the modulation analyzer can be 
calibrated. With the calibration signal applied to the 
analyzer's RF input port, the internal demodulators mea 
sure the signal being applied, and a pair of percentage 

* T h e  t h e  i n t e r a c t s  w i t h  t h e  A M  a n d  F M  c a l i b r a t o r s  t o  c a l c u l a t e  t h e  a c t u a l  a m o u n t  o f  
generated modulat ion, but the AM and FM detectors, which wi l l  later be cal ibrated using the 
s i g n a l s  o f  b y  t h e  A M  a n d  F M  c a l i b r a t o r s ,  a r e  n o t  u s e d  i n  t h e  c a l c u l a t i o n .  B e c a u s e  o f  
this indirect method, any counter could determine the FM deviat ion and any digi tal  voltmeter 
cou ld  measu re  t he  two  RF  l eve l s  f o r  t he  AM dep th .  The  8901  A  i s  s imp l y  a  conven ien t  
ns t rument  to  use to  f ind the magni tudes o f  the ca l ibra t ion s igna ls  

5V 

10.1-MHz VCO 

-15V 

Comparators  

Fig. switched . two frequen circuit diagram. 10.1 -MHz oscillator 07 is switched between two frequen 
c ies by the output  o f  d i f ferent ia l  ampl i f ier  Q5-Q6.  
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accuracies are determined using the calculated values of 
AM and FM as references. For example, if the measured 
value of AM or FM deviates from the calculated value by 
â€”0.1%, the display shows 99.90%. The two percentage 
accuracies, one for FM and one for AM, may be stored and 
used as scale factors to correct subsequent readings. If 
commanded to do so by means of a special function com 
mand, the analyzer will correct its readings automatically. 

Because the modulation standards are internal to the 
analyzer, there is little need for metrology laboratories to 
purchase separate calibration standards. Also, because of 
the technique used, it is easy to verify that the calibrators are 
operating properly. The two levels in AM and the two 
frequencies in FM are very accurately determined in a 
nonmodulating mode. By analyzing the circuit perfor 
mance, it is possible to show that the amount of modulation 
generated is the same as that indicated by knowing the 
nonmodulated states. The error analysis will follow the 
circuit description. 

FM Cal ibrator  
The FM calibrator circuit diagram appears in Fig. 1. The 

main portions of the circuit are the 10.1-MHz VCO (Q7) and 
the differential amplifier made up of Q5 and Q6 with its 
emitter current source U4 and Q4. The oscillator is a 
varactor-tuned Colpitts type with a tapped inductor for 
signal extraction. The 10.1-MHz signal is removed by the 
differential amplifier made up of Q8 and Q9. The collector 
of Q9 drives the input to the AM calibrator, which looks like 
a through path to the front-panel output when in the FM 
calibration mode. The collector of Q8 drives a line receiver 
with TTL output. This stage acts as a level converter for 
driving the 890lA's internal counter and provides reverse 
isolation that keeps counter noise from modulating the 
VCO. The collector bias of Q7 also supplies base bias for the 
differential amplifier and reverse bias for the varactor 
diode. This bias partially temperature compensates drift of 
the varactor capacitance. Low drift is required to improve 
accuracy when calculating the deviation of the FM calibra 
tion signal, since any drift will directly add to or subtract 
from the difference measurement. 

The oscillator tuning voltage is generated by switching a 
constant current on and off with Q5 and Q6. Suppose that 
Q6 is fully on and Q5 is fully off. All the current from Q4 
flows through Q6 and none through Q5. This makes VT 
=ITR. Since this causes greater reverse bias on the varactor, 
the frequency is increased to !v, which is counted and 
stored. If Q5 then is turned on and Q6 is off, all of IT flows 

cul 

No ise  
S igna l  

and  
No ise  

F i g .  2  C u r r e n t  w a v e f o r m  i n  t h e  F M  c a l i b r a t o r  d i f f e r e n t i a l  
ampl i f ier .  The FM cal ibrat ion f requency is  proport ional  to th is 
current .  The rounded corners prevent  r ing ing in  the 8901 A 's  
audio f i l ters. 

F ig .  3 .  E f fec t ive  no ise  dur ing peak detec t ion .  

through Q5 and none through Q6. Then VT = 0V, and a 
lower frequency fL is generated and counted. The peak FM 
deviation is ^[f \j-fi). If Q5 and Q6 are allowed to switch at 
a 10-kHz rate, we then have an RF signal modulated at a 
10-kHz rate with a precisely known peak deviation. This is 
the signal that is used to calibrate the 8901A FM demod 
ulator. 

The remaining portion of the calibrator consists of con 
trol and reference circuits. A very stable voltage source is 
used as a reference for the tuning current and a bias current 
(IB). U3 integrates the output voltage of a CMOS flip-flop 
and causes Q5 to be switched on and off. The output of the 
integrator is sensed by two comparators that control the 
state of the flip-flop. When in the modulating mode, this 
circuit causes a triangle waveform at the U3 output. The 
comparison points are 0V and -10V. IB flows through three 
resistors to generate the -10V. There is a voltage tap at half 
of the - 10V that sets the bias of Q5 and Q6 and the reference 
for the integrator. Thus Q5 and Q6 are always biased half 
way between the comparison points even if Ig drifts. This is 
necessary because otherwise the area above and below the 
midway point would change, making the indicated plus peak 
deviation different from the minus peak deviation. The 
peak-to-peak deviation would still be correct, but it would be 
more difficult to set the demodulator gain accurately. 

To prevent ringing in the audio filters (ringing would 
result in an improper indication from the 890lA's peak 
detector), it was necessary to modify the transfer charac 
teristic of the Q5-Q6 differential amplifier. The large (1 kfi) 
emitter resistors give the stage a gain of 1.3 and cause the 
transistors to turn on and off with rounded, rather than 
sharp corners (see Fig. 2). The rounding also causes a reduc 
tion in high-frequency components that would otherwise 
have to be handled by the system. 

FM Error  Analysis  
Among the errors in the FM calibrator, several sources are 

negligible: the drift of the VCO with time, the change of the 
VCO tuning constant with temperature, and the change of a 
in the current source and differential amplifier transistors. 
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The counter introduces uncertainty in the measured fre 
quency difference: a resolution of 2 Hz and accuracy of Â±1 
count gives 0.01% error for 30-kHz deviation. The varactor 
diodes require RF bypassing at the collector of Q6, giving 
rise to an RC time constant that must be short compared to 
the modulation period. Eight time constants are allowed for 
settling to the final value, giving 0.03% error. Finally, the 
residual FM of the unmodulated carrier causes an uncer 
tainty in the peak indication (see Fig. 3). When random 
noise alone is applied to a peak detector, the output voltage 
will build up to a particular level. If signal alone is applied 
to the detector, the detector output will rise to the peak of 
the input. When signal and noise are applied together, some 
amplitudes of the noise will not be large enough to put 
additional charge onto the holding capacitor, so the effec 
tive amount of noise is reduced. Analysis of the 8901A 
circuits yields a noise reduction factor of 0.7, and we know 
that factor with a certainty that will introduce less than 
0.025% error. Adding 0.7 times the peak residual FM to the 
calculated value of the FM from the calibrator gives the 
correct amount of deviation that the 8901A should indicate 
when measuring the calibration signal with its FM demod 
ulator. Some of these errors are random while others are 
always in one direction. By appropriately combining errors, 
we can arrive at an uncertainty of 0.06% in determining the 
actual modulation. This is well within the 0.1% specified 
accuracy. 

AM Cal ibrator  
Fig. 4 is the block diagram of the AM calibrator. The 

unmodulated 10.1-MHz signal from the FM calibrator goes 
through a limiting stage and then is split into two identical 
paths containing a buffer, an RF modulator and a common- 
base stage. The two signals are joined again by summing the 
collector currents of the common-base stages. From there 
the signal goes to the front-panel output as the AM calibra 
tion signal and to an RF level detector. The output of the 
detector is monitored by the microprocessor both directly 
and after 10 x amplification for increased resolution on the 
AM calculation. 

The technique of generating AM is similar to that of 
generating FM. Two known states are precisely determined 
in a nonmodulating mode, and we then switch between 
those two states at an audio rate. Assume that IB is off and 
that IA is on. Also, assume that VI is large enough to turn on 
Dl and turn off D2. All of IA will flow through Dl causing VA 
= 0. When VI causes Dl to be off and D2 to be on, IA will 
cause a voltage (VA) at the emitter of Ql. In this fashion a 
square wave of voltage at the RF rate will appear at the 
emitter of Ql with amplitude VA. Notice that this amp 
litude depends only on the impedance at node A and the 
value of the dc current source IA, not on VI or the diodes 
(as long as the diodes are being switched on and off by VI). 
The output of Ql is amplified and detected. An identical 
operation occurs for the B modulator when IB is on and IA is 

B u f f e r  

R F  L e v e l  

1 0  x  R F  L e v e l  

Fig.  the spl i t  two c i rcu i t  d iagram. The 10.  1 -MHz s ignal  f rom the FM cal ibrator  is  sp l i t  in to two 
identical paths. The signal in one path is switched on and off, and the two paths are then summed. 
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10.1 -MHz Carrier 

Shaped-Square-Wave-Modulated 10.1-MHz Carr ier  

VB 

Sum of  VA and the Modulated VB 

- V H A X = V A + V B  ix-n 
VÂ» + VB 

! .  F o r  V A = V B ,  m = 1 / 3  

Fig.  5 .  Generat ion of  the AM cal ibrat ion s ignal  by summing.  

off, thus generating VB. If both IA and IB are on, then the sum 
of  the two vol tages  appears  a t  Vs.  AM is  generated by 
turning on IA continuously but switching IB on and off at an 
audio rate (see Fig. 5). For one-half period, the output is VA 
and for the other half period it is VA + VB. ForVA = VB = V, 
the modulation index is m = 1/3. The expression for m is: 

m =  

m =  

V 

VB) ~ 
(VA VA 3 + 2 (VA - VB)/VB 

We have added the 10X amplifier for VA and VB tg get 
increased resolution on the VA - VB measurement.  This 
expression shows that, as VA and VB become equal, any 
uncertainty in measuring VA and VB becomes insignificant. 
This removes stringent requirements for the RF detector to 
be highly linear or to make highly accurate absolute mea 
surements. 

The shaping of the IB current drive to the B modulator is 
accomplished by driving a current through a parallel RC 
network using U2 (see Fig. 4). Assume that IB has been off 
and that there is no charge on C. There is also no current in 
R. Now let IB make a step increase to its maximum value. All 
of IB flows through C and starts to build up charge. Since the 
voltage between the + and - terminals of the operational 
amplifier must be zero, a current is forced through R, de 
veloping a voltage that will equal the voltage on C. This 
current  is  the emit ter  current  of  Q3,  and i t  reduces the 
current through C. This process continues until all of IB 
flows in Q3. The current in Q3 follows a simple exponential 
rise. When IB is turned off, C supplies the current to R giving 
an exponential decay. Since the size of the square waves of 
RF developed at node B are directly proportional to IB, the 
RF waveform also has an exponential rise and decay. 

AM Error  Analysis  
Once again it is necessary to verify that the amount of 

modulation generated in the switching mode is the same as 
that calculated from measurements in the static mode. The 
first errors that need to be considered are in determining the 
RF level.  The factors involved are the nonlinearity and 
offset voltage of the RF detector and the internal digital 
voltmeter, the resolution of the digital voltmeter, and the 
gain uncertainty of the 10 x amplifier. A list of magnitudes 
and their  influence on the uncertainty in knowing m is  
given below: 

A. Nonlinearity of RF detector = 0.07% for 3% change of 
RF level 

B. Offset voltage of RF detector = 15 mV = V0 
C. Gain uncertainty of 10X amplifier = 0.5% 
D. Nonlinearity of DVM <0.1% 
E. Offset voltage of DVM <1 mV (0.05% for 2V input) 
F. Resolution of DVM = 1 Bit (0.05% for 2V input). 

Let 

Xj = % error in knowing V0 = 100% 

X2 = % error in knowing VA - VB 
= 0.07 + 0.5 + 0.1 + 2(0.05) = 0.77% 

0.015V 
X 3  =  %  e r r o r  i n  k n o w i n g  V B  =  -  x  1 0 0  +  2 ( 0 . 0 5 )  

VB 
=  0 . 8 5 %  

Then the uncertainty in knowing m because of the detector 
errors is: 

Am _ 2 VA ~ VB 
m  ~  3  V , ,  v7 X1 |X2  x. 

B  B  

For example, let VA be within 3% of VB. Then: 

V A - V B  
Â « 0 . 0 3  

and 

  =  -  (0 .03)  (0 .75 + 0 .77 + 0 .85)  =  0 .047% 

We test the value of (VA - VB)/VB for less than 3% dif 
ference during each calibration cycle and halt if the test 
fails. This insures that there will never be more than 0.047% 
error because of the detectors. 

Since the AM calibration technique depends on adding 
two signals to get a peak value that is the sum of the two 
signals,  the peaks of the waveform must be coincident.  
Therefore the differential phase shift between the two mod 
ulator paths must be small. A typical phase difference of VzÂ° 

results in approximately 0.001% error. 
Since the modulators are not ideal and have stray capaci- 

tive coupling around the diodes, they do not totally shut off 
the signal to the summing amplifier when I = 0. The level of 
this feedthrough is about 60 dB down from the desired RF 
level, but since it is at an angle of 90Â° it has negligible effect 
on the magnitude of the resultant signal. 
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Another source of error comes from generating an expo 
nential leading and trailing edge on the modulating current 
source. There must be enough time for the exponential to 
reach the same final value as was measured statically. Ap 
proximately nine time constants occur from the start to the 
end of each half period, resulting in 0.012% error. 

The change of a in the current source transistors also 
affects the AM calculation, but in this case it is not negligi 
ble because of higher power dissipation. When measuring 
VB, Q3 dissipates 35 mW, but when modulating, Q3 has 
only a 50% current duty cycle, so the dissipation is only 
17.5 mW. For the transistor used this results in a 6Â°C temp 
erature change and a change in a of 0.03%. 

Finally, the residual AM measurement must be modified 
to include the effects of peak-detecting a signal plus noise. 
The effective peak noise is 0.7 of the measured peak noise, 
as in the FM case. There is an additional factor to be con 
sidered in the AM case because of AGC action in the 8901 A's 
AM demodulator. The AGC loop adjusts the gain of an am 
plifier to maintain the same average IF level into the de 
modulator. When VB alone is applied the gain is 1.5 times 
higher than when the modulated signal is applied. Notice 
that the modulated signal goes between VB and VA + VB, 
resulting in a higher average RF level. The reduction of 
gain while modulating also reduces the noise applied to 
the demodulator by a factor of 0.8, so the actual amount of 
noise affecting the calibration is 0.56 times the peak noise 
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measured with VB only. We know the factor of 0.56 to an 
accuracy that gives 0.025% uncertainty to the calibration. 
During calibration, the 8901A should then indicate the 
value that is calculated in the AM calibrator plus 0.56 times 
the peak noise. 

Combining the above errors results in 0.07% uncertainty 
in the AM calibration. This is within the 0.1% specification. 

Interact ive Modulat ion Analyzer  Control  
b y  P a u l  J .  L i n g a n e  

THE MICROPROCESSOR-BASED CONTROLLER in 
the 8901A Modulation Analyzer interacts closely 
with the hardware subsections of the instrument to 

create a unified system. The controller also interacts with 
the user, both through the front panel and by responding 
to the RF signal applied to the input. Control in the instru 
ment takes place at several levels. 

At the functional block level the controller uses various 
circuits as separate instruments: the RF level detector as a 
power meter, the local oscillator as a signal generator, and 
the analog-to-digital converter as a voltmeter. The fre 
quency counter, IF section, and audio section are blocks 
that can be manipulated in various ways to tune to a signal 
and make a measurement. 

The microprocessor is also used as a circuit component. 

Half of the hardware registers and associated circuits in the 
frequency counter were replaced by software registers. The 
local to relies on the speed of the microprocessor to 
control its phase-locked loops; manual control is impossi 
ble with the block diagram that was selected. 

The controller makes it possible to transfer some com 
plexity of hardware into complexity of software. This tends 
to improve reliability and flexibility in the use of circuits, 
allowing more to be done with the same hardware. The 
local oscillator was designed with that in mind. Also, 
software for linearization of nonlinear detectors and predis- 
tortion of control voltages to the VCO and VCXO allow 
reductions in the cost and complexity of that hardware. 

This close interaction between the controller and the 
hardware impacts the service strategy, as traditional service 
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surement  is  made near  the bot tom only  i f  a l l  p receding tes ts  
a re  passed  in  immed ia te  success ion .  

procedures are not always effective at identifying problems. 
The action of the controller can multiply the effect of a 
circuit failure so it may appear as a collection of symptoms 
that superficially seem unrelated. I will say more about this 
later in this article. 

Software Structure 
An important maxim in the design philosophy of the 

modulation analyzer was, "Don't mislead the user." Both 
the software structure and a system of error messages were 
designed to instill confidence in the measurement. 

The 8901A software is structured in a form that we have 
dubbed the supervisor (see Fig. 1). It is a loop that is con 
tinuously traversed, with the measurement made near the 
end, after checks for proper frequency tuning, proper RF 
and IF level, and correct audio range. Arithmetic manipula 
tion (e.g. for the ratio function) follows the measurement, 
and the program then loops back up to display. 

The frequency, level, and audio blocks verify that the 
8901A is adjusted to make an accurate measurement. A 
measurement is not made until all of the tests are passed in 
immediate succesion. Let us say, for example, that the RF 
input level has changed. The signal leveling block therefore 
reduces the RF attenuation to boost the IF level to an accept 
able value. The decision after this block forces the program 
back to the top of the supervisor, bypassing the measure 
ment for that loop. This reduces interaction between the 
blocks and aids identification of the nature of the input 
signal change. 

In the example above, perhaps the real situation was that 
an octave bandswitch was changed on the RF signal 
generator under test, so now the second harmonic of the 
desired signal has been tuned into the IF of the 8901A. 
Since it is lower in level than the fundamental the leveling 
block boosts the IF level. But the real problem is that the LO 
is now improperly tuned to the fundamental. Looping back 
before a new measurement is made gives the frequency 
tuning block a chance to correct the tuning. 

The software interface with the hardware makes use of 
two concepts called software state and hardware state. The 
software state is located in 22 bytes of RAM and totally 
describes the state of the instrument. On power-up, the 
initialization procedure loads the software state from ROM. 
Keyboard and HP-IB entry routines modify only the 
software state and do not affect hardware immediately. The 
setup block in the supervisor is where the hardware state is 
made to conform with the software state. Setup is not the 
only place where hardware is affected; the frequency tun 
ing, leveling, audio ranging, and measurement blocks ma 
nipulate the hardware as well. 

The keyboard and HP-IB can be thought of as a medium 
through which the user requests a certain instrument setup. 
In fact, the actual instrument setup is guaranteed to com- 
form to the keyboard request only at the moment a mea 
surement is taken. The controller may change the instru 
ment hardware at other times to optimize its tuning, level 
ing, and ranging functions. 

In a normal stable measurement cycle the program takes 
the measurement display branch at the top of the supervisor 
and so avoids the time overhead associated with the setup 
block. However, if the program loops back before taking a 
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measurement, or if an error condition exists, the nonmea- 
surement display branch will be traversed, thus lighting an 
appropriate display and going through the setup block. 
This refreshing of the hardware state when error conditions 
are sensed contributes to the robustness of the software 
structure. 

Tuning to  a  S ignal  
As a measuring instrument the 8901A must be able to 

cope with input signals whose nature is unknown, except 
that they must be within the specified frequency, power, 
and modulation ranges. The controller manipulates the var 
ious subsections of the instrument to first understand the 
nature of the input signal and then to respond effectively to 
it by changing the setup to make the measurement. An 
example is the frequency tuning block of the supervisor. 

The user simply wants to apply a signal and make a 
measurement. From the point of view of the modulation 
analyzer, however, it may be presented with a complex RF 
spectrum consisting of an RF signal with its harmonics, 
perhaps drifting in frequency and being modulated with a 
complex waveform at high FM deviations and large 
amounts of AM. The modulation analyzer must accurately 
tune the local oscillator to the signal, range the RF and 
audio levels, and make a fully settled and stable measure 
ment within a second or two after a signal is applied. 

The 8901A is basically an accurately calibrated radio 
receiver that tunes to an RF signal by mixing a single local 
oscillator (LO) signal with the RF to produce an inter 
mediate frequency (IF) signal that is demodulated and 
analyzed. To locate a signal automatically, the local oscil 
lator is quickly swept throughout the entire frequency 
range pf the instrument, looking for a signal to appear in the 
IF section. Since the LO is a square wave, rich with its own 
harmonics, it is swept down from high to low frequencies so 

that the fundamental of the LO will be the first LO signal to 
mix with the RF signal. 

If there is AM present on the RF signal it is possible that 
the fundamental of the LO will sweep past the input signal 
while the RF is deep in the AM trough, so that a harmonic of 
the LO (following the LO down a bit later in time) might 
catch the input signal as it comes out of the trough. This 
would make it appear that the RF signal is at a lower fre 
quency, since the fundamental of the LO would be at a low 
frequency. So the LO is swept several times, and each time it 
finds a new signal at a higher frequency it throws out the 
previously found frequencies. This continues until a signal 
is found at the same frequency during five separate sweeps. 
This effectively eliminates the possiblity of LO harmonic 
mixing. Note that this also has the effect of favoring the 
highest-frequency RF signal if more than one is present. 

To avoid the possibility that the LO's sweep repetition 
rate might be synchronized with the amplitude modulation 
rate, causing the RF signal to be consistently missed, a 
variable delay of up to 10 ms is used after sweeps that fail to 
find any signal. This introduces jitter into the sweep repeti 
tion rate to make it uncorrelated with the input signal AM 
rate. 

The LO is swept down with a ramp signal generated by a 
current source driving an integrator. When an IF level 
monitoring circuit senses the presence of a signal in the IF, 
it instantly turns off the current source thus freezing the LO 
where it is roughly tuned to the RF signal. The LO is quickly 
counted with the frequency counter to determine the ap 
proximate frequency of the RF signal. However, the 8901 A 
has no image rejection, so the LO can be either above or 
below the RF signal frequency to produce a signal in the IF. 
Knowing the LO and IF frequencies will not uniquely iden 
tify the frequency of an RF signal unless it is known which 
image is being used. To resolve this ambiguity the LO is 

Sampler  
( - 1 Â « n s 8 )  

LO 
Signal 

1.25-1302 MHz 

Swi tches shown connected to  pretune the  VCO wi th  the  DAC 

Fig.  2.  8901 A local  osci l lator  was 
developed us ing the cont ro l ler  as 
an essent ia l  e lement.  
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tuned to the frequency where an IF signal appeared, then it 
is stepped up in frequency while monitoring the IF level 
until it sees the IF signal level moving down the skirt of the 
IF low-pass filter. The LO at this point must be above the RF 
signal frequency, thus identifying the image. 

The RF signal frequency is known by accurately counting 
the LO and IF. This count lasts over 100 ms to gain sufficient 
resolution, so a drifting RF signal may move out of the IF 
passband during the count. To avoid this the LO is config 
ured for track mode during the count, so it will always 
remain tuned to the signal. 

Now that a signal has been found and accurately iden 
tified as to frequency, call it f, it is still possible that it is 
actually a harmonic of the desired signal. So the controller 
directs the LO to tune to f/3 and then looks for the presence 
of a signal that is higher in amplitude than the signal at f. If 
this happens then the signal at f is assumed to be the third 
harmonic of the applied input signal, so the modulation 
analyzer will tune to f/3 as the fundamental. If the signal at f 
is not the third harmonic, a similar check is made at f/2 to 
see if the second harmonic is involved. 

Once the fundamental of the input signal is identified, 
the LO can be properly tuned and the rest of the instrument 
initialized and set up to take the desired measurement. 

This simplified description of one algorithm in the 
8901 with illustrates the close interaction of the controller with 
the various subsections of the instrument at the functional 
block level. 

Control  of  the Local  Osci l lator  
The controller is also closely tied with the hardware at a 

circuit level. As an example the block diagram of the local 
oscillator was developed with the controller as an essential 
element (see Fig. 2). 

When configured for low-noise, fixed-frequency opera 
tion, the heart of the local oscillator consists of a high- 
frequency voltage-controlled octave oscillator (VCO) that is 
locked to a harmonic of a low-noise voltage-controlled crys 
tal oscillator (VCXO). An internal frequency counter is 
available to monitor the frequency of the VCO. The specifi 
cation of the two oscillators calls for only a modest degree of 
linearity between the tune voltage input and the output 
frequency. This is because the controller can tune the two 
oscillators by adjusting the voltage control until exactly the 
desired frequency is attained. 

The first step in the tuning procedure is to pretune the 
high-frequency VCO to approximately the desired fre 
quency. Then the tuning DAC (digital-to-analog converter) 
is disconnected from the loop amplifier and connected to 
the low-frequency VCXO, which is then adjusted near the 
bottom of its range. Meanwhile the VCO has remained 
where it was because of the sample-and-hold nature of the 
integrator in the loop amplifier. Now the sampler can be 
connected to the loop amplifier, and a dc offset voltage at 
the output of the sampler drives the VCO down in frequency 
until it acquires lock on the nearest harmonic of the VCXO. 
The VCXO can then be adjusted to fine-tune the VCO to the 
proper frequency. Binary dividers and a doubler convert the 
VCO signal to the desired octave in the 1.25-to-1302-MHz 
range. 

Frequency Counter  
The frequency counter chain is partitioned into two parts, 

roughly four decades of higher-speed counters in hardware 
and about five decades of lower-speed counters emulated 
by the controller. A 10-MHz crystal oscillator is divided 
down to 6.25 kHz to provide the basic timing signal moni 
tored by the microprocessor. The controller times a count 
by keeping track of this 6.25-kHz time base while ac 
cumulating frequency counts at rates up to 3 kHz. When 
sufficient time has passed to attain the frequency resolution 
desired, the controller turns off the counter gate, and reads 
the contents of the hardware decades. With this count and 
the count accumulated in the software registers, the mi 
croprocessor then calculates the frequency of the signal. 

Impl icat ions for  Service 
The close interaction between hardware and software in 

the 8901A has definite implications for the use and servic 
ing of the instrument. Service special functions were de 
veloped that can be used as service tools to diagnose prob 
lems. Some self-tests are available to check for certain fail 
ure modes. Since it is not possible to predict all types of 
failures, general-purpose software routines were developed 
that can be used in a variety of situations. One of these is a 
direct control special function that is called from the 
keyboard. It can read or write data to any instrument 
hardware location that is controlled by the microprocessor. 
A service person can use this to operate instrument circuits 
manually to check their performance. 

A special class of error displays called service errors is 
available. When enabled by a service technician with a 
special function, they can reveal information about the in 
ternal operation of the instrument. Thus, for example, if the 
demodulated output is periodically being blanked, en 
abling service errors may result in an "Error 72" display. 
This would indicate that the audio overload protection 
circuit is being tripped. 

The local oscillator section required particular attention. 
To lock the low-noise loop a series of switch openings and 
closings and DAC movements must be performed within an 
8-ms interval. Since a service technician couldn't hope to 
duplicate this procedure manually, a series of self-tests 
concentrating on the LO is of value in testing gross opera 
tion of the circuit. These can be called from the keyboard, 
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with results displayed on the front panel. 
Some checks are automatically performed at power-up, 

with results flashed on four LEDs located within the in 
strument on the controller board. These include the LO tests 
just mentioned, as well as checks on the operation of the 
ROM and RAM of the controller, the internal instrument 
bus, the front panel, the keyboard, and the frequency 
counter. Signature analysis is also used in troubleshooting 
much of the digital hardware. 

A clear line is drawn between service special functions 

and normal instrument operation. When most service spe 
cial functions are used, normal instrument functions are 
suspended. When the service special function mode is left 
to resume normal measurements, all effects of the service 
functions on hardware are lost. As an example, a direct 
control special function can be used to activate a particular 
RF attenuator to check its operation. But once normal mea 
surements are resumed the attenuator setting will revert 
back to what it was before the service special function was 
invoked. 

Special Signal Source Tests 
Modulation Analyzer 
by Lesl ie  E.  Brubaker  

BECAUSE THE 8901A MODULATION ANALYZER 
(see article, page 3) is designed to test the highest- 
quality transmitters and signal generators, it has to 

be more stable, noise-free, and distortion-free than these 
signal sources. Where, then, does one find a signal source 
good enough to test the 8901A? 

The answer is a special-purpose signal source, Model 
11715A AM/FM Test Source (Fig. 1). This easy-to-use, 
low-distortion AM and FM source has extremely flat mod 
ulation characteristics. Although intended for verifying 
8901A performance, it is versatile enough to be useful for 
other purposes if its restricted frequency coverage matches 
a particular application. It provides especially high-quality 
FM in the 88-to-108-MHz frequency range. 

While the 8901 A's accuracy is determined by its optional 
built-in AM and FM calibrators, this calibration represents 
only a i t  performance test .  For a  complete test ,  i t  

is also necessary to determine how the 8901A responds 
when changing the modulation rate (flatness) and the mod 
ulation level (linearity). The function of the 11715A is to 
provide AM and FM signals of sufficient flatness and linear 
ity to characterize the 8901A. In addition, a signal with 
extremely low residual FM is provided to verify the residual 
FM of the 8901A at a particular frequency. 

The AM output of the 11 715 A is designed to have very 
low noise so that it can be used to check the residual AM of 
the 8901A. The 11715A is also designed to have low distor 
tion, so that the distortion of the 890lA's AM and FM 
demodulators and audio section can be checked. Finally, 
the AM source is designed to have low incidental <J>M and 
the FM source is designed to have low incidental AM. 

What 's  Inside 
The block diagram of the 11715A is shown in Fig. 2. The 

1 1 7 1 5 A  A M / F M  T E S T  S O U R C E  
H E W L E T T - P A C K A R D  

T E S T  M O D E  

R E S I D U A L  -  
C A R R I E R  F R E Q U E N C Y  

T U N E  

L I N E  
O F F  O N  

L O W  R E S I D U A L  
O U T P U T  

A M  F M :  3 2  
O U T P U T  

A U D I O  
INPUT 

F i g .  1 .  M o d e l  1 1 7 1  5 A  A M / F M  
Tes t  Source  p rov ides  AM and  FM 
s igna ls  o f  su f f i c i en t  f l a tness  and  
l inearity to characterize the 8901 A 
Modulat ion Analyzer .  
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test source contains two oscillators. A crystal oscillator 
generates the low-residual-FM output. This oscillator is 
followed by a full-wave frequency doubler and appropriate 
filtering. The output residual FM is much less than 0.1 Hz in 
a 50-Hz-to-3-kHz bandwidth. 

The other oscillator, which generates the AM and FM 
outputs, is a varactor-tuned voltage-controlled oscillator 
(VCO) with a frequency range of 352 MHz to 432 MHz. The 
VCO output is buffered, filtered and brought to the front 
panel. This front-panel output can be modulated at up to 
400-kHz peak deviation and 200-kHz rate. Its residual FM 
at 400 MHz is typically 15 Hz in a 50-Hz-to-15-kHz 
bandwidth. The VCO output is also applied to an ECL 
(emitter coupled logic) divide-by-four counter whose out 
put is filtered and brought to the front panel. This output 
covers the FM broadcast band and allows up to 100-kHz 
peak deviation. After another division by eight, the VCO 
output becomes the local oscillator for an amplitude mod 
ulator. The output of the modulator can supply both FM and 
AM carriers from 11 MHz to 13.5 MHz. The FM deviation 
from this output can be as high as 12.5 kHz at a rate of 10 
kHz. The AM can be as high as 99% at rates from 20 Hz to 
100 kHz. 

Since the FM-^4 and FM-^32 outputs are generated by 
digital division, the FM linearity between the two outputs is 
ideal. This property can be used to check the range-to-range 
accuracy of the audio section of the 8901A Modulation 
Analyzer. Setting a particular deviation on one range with 
the FMn-32 output, then changing to the FM-i-4 output, 
should cause the 8901A to show exactly eight times the 
modulation. 

The center frequency control varies the bias on the varac- 
tors and thus sets the VCO RF frequency. The audio input is 
applied to the VCO through a relay and a 30-dB attenuator. 
The audio is applied to the mixer through the relay, a dc 
blocking capacitor, and a 20-dB attenuator. The relay and 
blocking capacitor are positioned within the series branch 

Test  Mode 

FM | 
Audio 
Input 400-MHz 

Carrier Frequency 
Tune 

â€¢â€ž FM Output 
352-432 MHz 

1 . 5  d B r r .  F M  < i  O u t p m  
'88-108 MHz 

+ 32 Output 
11-13.5 MHz 

Low-Residual 
Output 

560 MHz 50ÃÃ 

F i g .  2 .  M o d e l  1 1 7 1 5 A  A M  I F  M  T e s t  S o u r c e  h a s  a  l o w -  
res idual -FM crysta l  osc i l la tor ,  a  VCO to generate the FM out  
puts,  and a modulator  (a double-balanced mixer)  to  generate 
the AM output .  

of the attenuator, rather than at the input, to minimize the 
effects of their impedance variations as functions of fre 
quency. At the input the relay would switch a 50fi source to 
a 50Ãœ load, while within the attenuator, it switches between 
a SOD source and a 300ÃÃ load. The effects of loss variations 
due to relay contact impedance are reduced by about a 
factor of 3. The FM input is de-coupled and therefore the 
11715A can be phase-locked to an external reference. The 
dc coupling and extreme flatness of audio response imply 
very good stereo separation throughout the FM audio range. 
With a stereo test signal applied to the 11715A's audio 
input, stereo separation of >60 dB at 1 kHz was measured at 
100 MHz using the 8901A Modulation Analyzer. 

The power supply uses simple three-terminal regulators 
mounted on a separate printed-circuit board from the oscil 
lator circuits. This was done to eliminate the effect of the 
power supply diodes modulating the RF and appearing as 
120-Hz sidebands on the VCO output. 

Except for the power supply, the entire circuit is mounted 
within an enclosure that is shock mounted to reduce mi- 
crophonic noise. (The enclosure also acts as a shield to 
prevent electromagnetic interference.) 

Obtaining VCO Linear i ty  
The design of the 11715A VCO took advantage of one of 

the features of the 8901A: the RF track mode of operation. 
Since the 8901A can automatically acquire and track a 
sweeping RF signal, it is possible to make a real-time plot of 
VCO FM sensitivity versus VCO center frequency, or differ 
ential linearity. The technique is to apply a constant 
amount of audio to the 11715A's audio input, and a slowly 
varying signal to the 1 1 715A's frequency tune input and the 
horizontal input of an oscilloscope. The 11715A RF output 
is applied to the 8901A and demodulated. The demod 
ulated audio is applied to the vertical input of the os 
cilloscope. A change in the amplitude of the resulting plot 
is a change in sensitivity of the VCO. A description of the 
technique and a typical oscilloscope display appears in the 
article on page 19 (see Figs. 4 and 5 of that article). 

By adjusting component values, a nearly flat envelope, 
indicating little change in sensitivity, was achieved quite 
readily. Operating at the flattest portion of the curve results 
in minimum FM distortion. At 400 MHz the 11715A has 
less than 0.025% total harmonic distortion (THD) for 400 
kHz peak deviation at a 100 kHz rate. 

AM Generator  
The modulator used to generate AM is a double-balanced 

mixer. A constant bias is applied to the mixer IF port and the 
divided VCO signal is applied to the LO port. This up- 
converts the dc to the LO frequency, causing an RF level at 
the RF port that is directly proportional to the dc bias. If an 
audio signal is summed with the dc, the total bias changes 
at the audio rate. This causes the RF level to vary at the 
audio rate, and the result is AM. A peak audio equal to the 
dc bias gives 100% AM. 

Since it isn't feasible to build an AM detector and prove 
its distortion and linearity with a sufficiently high level of 
confidence to call it a standard detector, it was necessary to 
verify the 11715A's AM performance with measurements 
on the AM generating system itself. AM distortion is related 
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to mixer compression and LO-to-RF isolation. If LO-to-RF 
isolation is not ideal, at high AM percentages the minimum 
value of RF is greater than desired. For example, if the LO is 
40 dB below the carrier, the minimum value of RF is ideally 
0.01 of the carrier level. At 99% AM the desired level is 0.01, 
but the resulting level is V~2"(0.01) because of LO feed- 
through, which is at 90Â° to the desired RF. This causes 
clipping, resulting in distortion and nonlinearity. Further, 
since the resultant RF is at an angle other than 0Â°, incidental 
phase modulation is generated. 

Mixer compression causes the peak of the AM to be 
clipped. A conservative approximation to the relationship 
between RF level and compression is that compression is 
reduced as the cube of the RF level reduction. By measuring 
the compression at a level considerably higher than the 
operating level, it is possible to predict a worst-case distor 
tion. 

For mixer compression of less than 0.05 dB at a -5 dBm 
RF output level, LO-to-RF isolation of 68 dB and an unmod 
ulated RF level of â€” 17 dBm, the AM distortion is less than 
0.05% and the AM linearity is better than 0.08% to 95% AM. 
Also, the incidental phase modulation is less than 0.005 
radian for 50% AM. 

Veri fy ing Flatness 
FM flatness is determined by the audio circuits between 

the input and the varactors, while AM flatness is deter 
mined by the components between the audio input and the 
IF port of the mixer. This assumes no frequency response 
variation in the varactors for FM or in the mixer for AM. By 
characterizing the components, including the relay and 
coupling capacitor, the frequency response can be calcu 
lated. The result of this model indicates flatness much bet 
ter than we can measure. Therefore, the 11715A AM flat 
ness specification is closer to our measuring system per 
formance than to the calculated value. An additional mea 
surement is made at 10 MHz to ensure that none of the 
components is unusually lossy. 
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S P E C I F I C A T I O N S  
HP Mode l  11715A  AM/FM Tes t  Source  

F M  O U T P U T S  
FREQUENCY RANGE:  11  t o  13 .5  MHz  a t  AM FM +  32  ou tpu t .  

88  to  108  MHz a t  FM - r  4  ou tpu t .  
352 to  432 MHz a t  FM output .  

FM PEAK DEVIATION:  >12 .5  kHz ,  11  to  13 .5  MHz ca r r ie r .  
>100 kHz,  88  to  108  MHz car r ie r .  
>400 kHz,  352  to  432  MHz car r ie r .  

F M  D I S T O R T I O N  < 0 . 0 2 5 %  T H D  ( <  - 7 2  d B ) :  

FM FLATNESS: Â±0.1%. dc to 100 kHz rates.  Â±0.25%, dc to 200 kHz rates.  
I N C I D E N T A L  A M :  < 0 . 0 8 %  ( 1 0 0  M H z  c a r r i e r ;  < 5 0  k H z  p e a k  d e v i a t i o n ;  1  k H z  r a t e ;  

50 Hz to  3  kHz bandwidth) .  
A M  O U T P U T  

FREQUENCY RANGE:  11  t o  13 .5  MHz  a t  AM FM +  32  ou tpu t .  
AM DEPTH:  to  99%.  
A M  D I S T O R T I O N :  < 0 . 0 5 %  T H D  ( < - 6 6  d B )  t o r  5 0 %  A M ;  2 0  H z  t o  1 0 0  k H z  r a t e s .  

< 0 . 1 %  T H D  ( < - 6 0  d B )  f o r  9 5 %  A M ;  2 0  H z  t o  1 0 0  k H z  r a t e s .  
AM FLATNESS: Â±0.1%, 50 Hz to 50 kHz rates.  Â±0.25%, 20 Hz to 100 kHz rates.  
I N C I D E N T A L  * M :  < 0 . 0 0 8  r a d  p e a k  ( 1 2 . 5  M H z  c a r r i e r ;  5 0 %  A M ;  1  k H z  r a t e ;  5 0  H z  t o  

3 kHz bandwidth) .  
AM LINEARITY: Â±0.1%, Â«95% AM. Â±0.2%, Â«99% AM. 
RESIDUAL AM:  <0 .01% rms ,  50  Hz  to  3  kHz  bandw id th .  

L O W  R E S I D U A L  O U T P U T  
RESIDUAL FM:  <3  Hz  rms ,  50  Hz  to  3  kHz  bandw id th .  

General  
L I N E  + 5 %  1 0 0  O r  1 2 0  V a c  + 5 %  - 1 0 %  4 8  t o  4 4 0  H z .  2 2 0  o r  2 4 0  V a c  + 5 %  - 1 0 %  

48 to  66 Hz.  
POWER DISSIPATION:  40  VA maximum.  
C O N D U C T E D  A N D  R A D I A T E D  E L E C T R O M A G N E T I C  I N T E R F E R E N C E :  C o n d u c t e d  

a n d  r a d i a t e d  i n t e r f e r e n c e  i s  w i t h i n  t h e  r e q u i r e m e n t s  o f  m e t h o d s  C E 0 3  a n d  R E 0 2  o f  
MIL  STD 461A,  VDE 0871 (Leve l  B) ,  and CISPR pub l ica t ion  11 .  

C O N D U C T E D  A N D  R A D I A T E D  E L E C T R O M A G N E T I C  S U S C E P T I B I L I T Y :  M e e t s  t h e  
r e q u i r e m e n t s  o f  m e t h o d s  C S 0 1 ,  C S 0 2 ,  a n d  R S 0 3  ( 1  v o l t / m e t r e )  o f  M I L  S T D  4 6 1  A  
dated 1968.  

NET WEIGHT:  4 .4  kg  (9 .5  Ib )  nomina l .  
D I M E N S I O N S :  1 0 2  m m  H  x  2 I 2  m m  W  x  4 4 4  m m  D  ( 4 . 0  x  8 . 4  x  1 7 . 5  i n )  n o m i n a l .  
T E M P E R A T U R E :  

OPERATING: O to 55Â°C. 
STORAGE: -55 to 75Â°C. 

PRICE IN U.S.A. :  $1550.  
M A N U F A C T U R I N G  D I V I S I O N :  S T A N F O R D  P A R K  D I V I S I O N  

1501 Page Mi l l  Road 
Palo Al to,  Cal i forn ia 94304 U.S.A.  
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