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In this Issue

In 1966, shortly after | joined the staff of the HP Journal, we published an article
on the HP 8405A RF vector voltmeter. It was one of the first instruments that
could measure the phase of a signal as well as its amplitude, and engineers
were excited about it. The display consisted of two analog meters. You made
measurements one point at a time and plotted them manually on graph paper.
Advanced for its time, the vector voltmeter would be useless for analyzing the
time-varying signals and complex modulation types that are common today in
communications, video, data storage, radar, sonar, and medical and industrial
ultrasound. However, the same technologies that make these signals possible
have made the vector voltmeter's descendants equal to the challenge, and no
doubt as exciting to today’s engineers as the vector voltmeter was in its day. The new HP vector signal
analyzers whose theory and applications are described in the article on page 6 not only make the tradi-
tional measurements of frequency, power, distortion, and noise on time-varying and complex signals, but
also offer new analysis types based on digital signal processing, such as amplitude, frequency, and
phase demodulation, digital modulation analysis, correlation, coherence, and vector spectrum analysis.
(See page 12 for applications of the demodulation capabilities.) The HP 89410A baseband vector signal
analyzer is the foundation of the family, acting either as a standalone 10-MHz analyzer or as the user
interface, final frequency converter, signal processor, and display for higher-frequency members cf the
family. Its design, which features a large-scale dithered analog-to-digital converter, is the subject of the
article on page 31. The HP 89410A and the HP 89440A RF section make up the 1.8-GHz HP 89440A RF vector
signal analyzer. The design and calibration of the RF section are discussed in the article on page 47. The
HP 89411A down-converter (see page 58), with the HP 89410A and a higher-frequency HP spectrum ana-
lyzer, extends the family's vector signal analysis capabilities to frequencies above 1.8 GHz. The baseband
and 1.8-GHz analyzers both have built-in sources for stimulus-response measurements. Source types
provided are CW, random noise, periodic chirp, and arbitrary. Behind all of the measurement capabilities
of these analyzers is a powerful three-processor architecture and a firmware system that's described in
the article on page 17.

Optical spectrum analysis is the measurement of the optical power in a light beam as a function of wave-
length. It's especially important now in the telecommunications industry, where high-performance fiber-
optic systems are prevalent. Spectral measurements are essential for characterizing the components of
these systems, such as laser sources, fibers, optical amplifiers, and receivers, and verifying their perfor-
mance in the system. The HP 71450A optical spectrum analyzer makes optical spectrum measurements
over a wavelength range of 600 to 1700 nanometers, covering all of the widely used fiber-optic bands.
The HP 71451A optical spectrum analyzer makes spectrum measurements and offers four additional mea-
surement modes for other types of measurements. The article on page 60 introduces these analyzers,
describes their user interface, and demonstrates the capabilities of several of the downloadable appli-
cation programs that are available, including programs for light-emitting diodes, Fabry-Perot lasers, and
distributed feedback lasers. The analyzers acquire both high dynamic range and high sensitivity from a
double-pass monochromator design (page 68). The monochromator, which is the wavelength-selective
element of the analyzer, is based on a rotating diffraction grating. The grating is driven by a direct-drive
positioning system that provides both high resolution and high speed (see page 75). At the output of the
monochromator the light is coupled into a fiber. This design provides significant advantages, but it’s not
trivial to keep the light beam accurately aligned with the output fiber as the diffraction grating rotates.
The article on page 80 describes a two-axis micropositioner that addresses this problem.

The HP vector signal analyzers featured in this issue are only one of many types of digital signal analyzers
manufactured by the Hewlett-Packard Lake Stevens Instrument Division. This division's newer analyzers,
including the vector signal analyzers, store data in a standard data format that allows Lake Stevens ana-
lyzers to exchange data with each other and with applications software (see page 85). Utility programs
shipped with all Lake Stevens analyzers make it possible to convert data between the standard format
and other formats, and to edit, display, and plot data stored in the standard format.
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New digital cellular telephone technologies, developed to increase the number of users that can share a
given frequency band, offer prime examples of the time-varying signals and complex modulations that
HP vector signal analyzers are designed to measure. In the article on page 90, Dave Whipple of the
Hewleti-Packard Spokane Division describes one of these technologies, a code division multiple access
(CDOMA) system standardized by the Telecommunications Industry Association for North American cellular
applications. COMA is a type of modulation in which all channels in a frequency band use the entire
band and are separated by means of specialized codes.

Unlike North American cellular COMA, the Digital European Cordless Telecommunications standard, or
DECT, is not a standard implementation of a type of modulation, but a standard protocol for the radio
portion of cordless communication links (DECT modulation is actually time division multiple access, or
TDMA). DECT is defined by the European Telecommunications Standards Institute. The DECT standard
defines channel frequencies and data packet formats and spells out the tests that cordless equipment
must pass to be certified as conforming to the standard. On page 98, Mark Elo of the Hewlett-Packard
Queensferry Microwave Division describes the DECT standard and a new downloadable program for HP
8590 E-Series spectrum analyzers that gives the analyzers measurement capabilities for testing to the
DECT standard.

December is our annual index issue. The 1993 index begins on page 107.

R.P. Dolan
Editor

Cover

By adding a third axis (color) to the traditional spectrum analyzer display, the HP 89410A and 89440A
vector signal analyzers can reveal the frequency content of a rapidly-changing signal in a particularly
informative way. This spectrogram display represents more than 300 spectrum measurements covering
the first 20 milliseconds of the turn-on transient of a marine-band handheld transmitter. The horizontal
axis is frequency, but each spectrum measurement has been compressed to fit in one line of the display,
with power levels shown as different colors. This allows a single screen to show vastly more information
and reveals phenomena that would be difficult to spot otherwise. For example, transient distortion side-
bands can be seen clearly in this measurement although they are present for only a few milliseconds
just after turn-on. The sidebands gradually disappear toward the bottom of the screen. It can also be
seen that these sidebands temporarily disappear each time the signal changes direction.

What’s Ahead

The February issue will have twelve articles covering the design of the HP DeskJet 1200C color office
printer.
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Vector Signal Analyzers for Difficult
Measurements on Time-Varying and
Complex Modulated Signals

Called vector analyzers for their ability to quadrature detect an input
signal and measure its magnitude and phase, these new analyzers offer
conventional spectrum analysis capabilities along with a full set of
measurements based on digital signal processing. The three-processor
architecture includes a frequency selective front end and a digital IF
section.

by Kenneth J. Blue, Robert T. Cutler, Dennis P. O'Brien, Douglas R. Wagner, and Benjamin R. Zarlingo

Swept spectrum analyzers are a fundamental tool for design-  in many areas, and the new technologies will support at least
ers working in all aspects of electronics at frequencies from two to three times the number of users in a given frequency
HF (high frequency) through microwave. They are powerful band. While they differ in some respects, all three of these

and accurate tools for measuring basic signal properties new standards involve signals that are at once digital, time-
such as power, frequency, distortion, and noise. They have varying, and complex modulated. They pose a distinct chal-
also been pressed into service to measure a group of more lenge to traditional signal analyzers, which are optimized for
complex and dynamic signal properties that are often steady-state and simply modulated signals.

grouped together as modulation and sidebands (intentional
amplitude, frequency, and phase modulation) or phase noise
(generally unintentional or undesirable).

Several types of new tools have already been developed to
address different portions of these application requirements:
Digital Oscilloscopes. Oscilloscopes are excellent tools for

o

Recent trends have conspired to move many of today’s sig- capturing and viewing almost any complex or time-varying
nals beyond the measurement reach of traditional spectrum signal. However, they are optimized for viewing signals in
analyzers. These difficult signals generally fall into two the time domain and have insufficient digitizing resolution
groups: and accuracy for precision frequency, power, distortion, and
Time-varying. Burst, pulsed, gated, or time-division multi- noise measurements.

plexed signals whose measured properties change during a  » Peak Power Analyzers. Fasi-reacting power meters with
measurement sweep. data storage and displays can track the power componen
Complex modulated. Signals with modulation that cannot of rapidly changing signals. They solve one part of the signal
be described in terms of simple AM, FM, and PM. Examples measurement problem when frequency selective measure-
include the multiple varieties of QAM, QPSK, and PSK. To ments are not required.

complicate the measurement task further, these complex » Modulation Domain Analyzers. Also called frequency and

modulated signals are often time-varying as well. time interval analyzers, they measure the frequency behav-
ior of dynamic signals using fast zero-dead-time counter
technology. Their analysis is limited to frequency and phase.
They cannot measure amplitude or distortion, and cannot

For design engineers in many different applications areas,
dealing with these complex and challenging signals is now
the rule rather than the exception. Examples include main-
stream applications such as video, data storage, radar, sonar,
and medical and industrial ultrasound.

separate multiple signals.

Spectrum Analyzers with Sweep Gating. Where time-varying
signals repeat consistently and where a trigger signal is avail-
By far the largest application area for these dynamic signals ~ able, some spectrum analyzers can perform time-gated anal-
is communications. A staggering proliferation of wireless ysis. The analyzer sweeps selectively, synchronized with the
technologies is underway, bringing both new uses and vast trigger signal, and gradually builds up a measurement from
numbers of new users to the limited RF spectrum that we all many sweep segments.

must share. The only way to accommodate these new de-

.

mands within the existing frequency spectrum is to use it Vector Signal Analyzers
more efficiently, and this is the primary force driving the The analog-to-digital conversion and digital signal processing
increased use of complex and time-varying signals. technologies that have made these “problem” signals possible

have also made possible a new generation of measurement
solutions. HP's new vector signal analyzers (see Fig. 1) rep-
resent a two-pronged approach to dealing with today’s time-
varying and complex modulated signals and the systems

A telling example is the transition from the current analog
cellular telephone technology to the new digital methods in
Europe (GSM), Japan (PDC), and North America (NADC).
The capacity of the current analog system has been exceeded

6 December 1893 Hewlett-Packard Journal
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that use them. Traditional measurements—precision mea-
surements of frequency, power, distortion, and noise—can
be made as simply on time-varying signals as they are on
steady-state signals. This allows designers to use the insight
and design skills they have developed for simpler signals on
more complex signals. Going beyond the traditional mea-
surements, digital signal processing of precision sampled
signals makes possible a variety of new analysis types in-
cluding vector AM, FM, and PM demodulation, digital modu-
lation analysis, correlation, coherence, and vector spectrum
analysis. These new measurements are ideally suited for
testing throughout the block diagrams of today’'s advanced
communication and measurement systems.

The HP 894xxA vector signal analyzers are all based on a
common measurement engine, the HP 89410A 10-MHz base-
band analyzer. The HP 89410A acts as the user interface,
final digital IF (intermediate frequency) section, signal pro-
cessor, and display section for the entire family of analyzers.
The HP 89440A and HP 89411A use analog RF (radio fre-
quency ) hardware to down-convert higher-frequency bands
into the information bandwidth of the HP 89410A. The HP
89440A RF section extends the vector signal analysis capa-
bilities up to 1.8 GHz. The HP 89411A is used in conjunction
with a higher-frequency analyzer to extend the measurement
coverage even higher in frequency. This design approach has
made it possible to develop a core set of measurement fea-
tures in the HP 89410A and make them immediately available
for use in different frequency ranges. This provides measure-
ment capabilities at RF employing digital signal processing
(DSP) techniques that were previously only possible at
baseband frequency ranges.

The HP 89410A and HP 89440A include a standard de-to-10-
MHz signal source. The HP 89440A also offers an optional

HP 89440A RF Section HP 89410A or HP 83440A IF Section

or HP 8%411A

Frequency
Translation

Fig. 2. Signal flow architecture of the HP 894xxA vector signal analyzers. (ADC =

coverage to frequenc

above 1.8 GHz.

RF source. Both the baseband and the RF sources feature
multiple source types for flexibility in circuit stimulation.
Besides CW, random noise, and periodic chirp sources, the
analyzers include an arbitrary source. Users can create their
own signals or capture signals for later playback.

Signal Flow

The high-level measurement processing in the vector signal
analyzers is shown in the signal flow diagram, Fig. 2. The HP
89410A has an alias-protected analog input bandwidth of de
to 10 MHz. The analog input signal flows into a hybrid dith-
ered ADC (analog-to-digital converter), which samples the
signal at a rate of 25.6 MHz. The digital data stream coming
out of the ADC is routed to the digital local oscillator (LO).
The digital LO performs frequency translation and quadrature
detects the digitized input signal, resulting in a complex data
stream consisting of real and imaginary parts. This full-rate
data is then input to the digital decimating filters. These
filters perform binary decimation (divide-by-2 sample rate
reduction) in addition to providing image rejection. The
output of these digital filters represents a bandlimited digi-
tal version of the analog input signal in the time domain.
This digital data stream is then captured in a sample RAM
(random-access memory ). The sample RAM is a circular
FIFO (first in, first out) buffer that collects individual data
samples into blocks to be manipulated by the DSP (digital
signal processor).

The ADC, digital LO, and filter sections are key contributions
in the HP 894xxA analyzers. These blocks allow the use of
powerful DSP techniques on systems and signals that have
wider information bandwidths than previous fast Fourier
transform (FFT) analyzers have allowed, as explained later.

Digital
Decimating
Filters

Sample | i
Memory B

analog-to-digital converter. LO = local oscillator,

DSP = digital signal processor. GSP = graphics system processor, CPLU = central processing unit.)
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The fundamental data used to produce all measurement
results, whether in the frequency domain or the time domain,
is the time data collected in the sample RAM. This can be
contrasted with swept spectrum analyzers, which produce
results directly in the frequency domain using swept filter and
detection techniques. Since the input signal is processed and
captured in this fundamental time-domain form, all aspects
of the signal at that moment in time are captured—amplitude,
frequency, and phase. The application of DSP algorithms to
this time data can characterize and allow the user insight
into all of these different views of the signal.

Multiple Processors

The HP 894xxA uses a set of three processors, each opti-
mized for specific computational and control tasks, to per-
form the measurement postprocessing on the sample RAM
time data. These processors are under the control of a real-
time mulfitasking operating system (pSOS*) to provide over-
lapped operation and maximize throughput. The main CPU,
which handles system management and processes user
input, is a Motorola 68EC030.

The digital signal processor used in the HP 894xxA family is
the Motorola DSP96002 floating-point dual-port processor.
This processor performs all the block-oriented mathematical
operations required by the DSP algorithms. A typical se-
quence of DSP operations to produce a spectrum result
from the time data might include the following: input scal-
ing, resampling, time-domain corrections, windowing, FFT,
frequency-domain corrections, and display scaling. The HP
894xxA DSP architecture provides many more features than
Jjust the computation of FFTs. It has a full set of predefined
measurement results including time, power spectrum,
power spectral density, autocorrelation, crosscorrelation,
cross spectrum, coherence, frequency response, and others.
The HP 894xxA also supports a user-defined math capability,
which allows the user to specify custom algorithms to be
executed by the DSP.

The GSP (graphics system processor) used in the HP 894xxA
family is the Texas Instruments TMS34020 processor. The
GSP and color display provide display capabilities that ex-
ploit the measurement features of the HP 894xxA. These
include multiple trace displays for simultaneous insight into
different result domains, such as time and frequency. Other
features include the use of waterfall and spectrogram dis-
plays to project measurement results into a third dimension
on the display—history over time. This is useful for data
presentation since the measurement and display throughput
of the HP 894xxA can often reach or exceed 60 updates per
second.

A flexible firmware architecture was required to realize the
large feature set of the HP 894xxA. A core set of fundamental
low-level DSP routines was developed to be used by all the
various measurement modes and features within the analyz-
ers. At a higher level, an extensible measurement architecture
was designed to use these low-level DSP routines to pro-
duce the different measurement results. This architecture is
described in detail in the article on page 17.

FFT Use in Previous Analyzers

Most spectrum analyzers do not use FFT processing to
produce frequency-domain measurements. The majority of

8  December 1993 Hewlett-Packard Journal

© Copr. 1949-1998 Hewlett-Packard Co.

spectrum analyzers employ swept intermediate frequency
(IF) hardware filter techniques to measure signal amplitude
characteristics in the frequency domain. These analyzers
have analog resolution bandwidth filters with electrical
characteristics that limit their sweep rate to approximately
one-half the square of the resolution bandwidth. Since these
filters require a finite settling time before they can accurately
represent the amplitude of a signal passing through the IF,
the signal of interest must be static (nonvariant) over time.
This produces two constraints for the user: the measure-
ment speed for narrow resolution bandwidths is slow and
the signals must not vary over time. These limitations can be
overcome with the application of digital signal processing. |

The HP 894xxA vector signal analyzers represent the second
generation of HP signal analyzers that employ digital signal
processing at RF. The HP 3588A! spectrum analyzer and HP
3589A network analyzer were pioneers in using digital filter-
ing and FFT processing techniques in conjunction with tradi-
tional swept analyzer hardware. These predecessors used an
all-digital final [F section to support higher-speed swept
measurements while also supporting an FFT mode for faster
narrowband measurements. These instruments laid the
groundwork for the measurement architecture and approach
of the HP 894xxA family of vector signal analyzers.

The application of the FFT in signal analyzers has been
restricted in the past because of one of its fundamental algo-
rithmic relationships—the frequency bandwidth of an FFT
result is directly related to the sample rate of the input data.
This gives rise to two design challenges in incorporating the
FFT into higher-frequency analyzers. Because of the sam-
pling rate constraints of high-dynamic-range ADCs, the fre-
quency coverage (information bandwidth) of previous FF'T
analyzers has been limited, usually to less than 100 kHz.
This has restricted their application to measurements of
phenomena with a low information bandwidth (e.g., rotating
machinery, servo loops, acoustics, and mechanical vibra-
tions). Another prevalent limitation in these previous analyz-
ers is also a result of the FFT fundamentals and hardware
limitations. If the selections of sampling rates for time-
domain data are limited going into the FFT algorithm, the
user’s ability to select an arbitrary frequency span for analy-
sis is also limited to predefined and fixed analysis spans
(e.g., 100 kHz, 50 kHz, 20 kHz, 10 kHz). A user who requires
a span between one of these fixed values is forced to select
either a larger bandwidth, thereby sacrificing signal isola-
tion, or a smaller bandwidth, thereby sacrificing insight into
adjacent spectral activity.

FFT Advantages

So why bother designing an FFT-based analyzer? The an-
swers are speed and information. In a swept analyzer, the
filter must be swept to a frequency and settled before a result
is obtained at that single frequency. The filter is then swept to
the next frequency, and so on. The FFT algorithm emulates a
parallel bank of filters that can settle and measure simulta-
neously. For comparable-resolution filters, the FF'T measure-
ment can be much faster than the swept filter technique.
The second part of the answer is information. Since the time
data is the fundamental data type in the HP 894xxA signal
flow, all characteristics of the signal are preserved for sub-
sequent analysis. The FFT algorithm is a particularly useful




way to characterize amplitude and phase at all frequencies
simultaneously. This makes the FFT technique useful for
measuring time-variant or transient signals.

Another advantage of the FFT is that it provides true-rms
detection. This is useful in making band power measure-
ments. Traditional analyzers usually employ a peak detec-
tion mechanism to ensure that signals are “measured” when-
ever the resolution bin width is less than a display bin width.
However, the result of this operation is that the noise floor
is biased. The FFT algorithm has no such effect and thus
allows accurate simultaneous measurements on signals and
noise.

FFT Design Challenges

The fixed frequency span constraint was a significant issue
in the design and development of the HP 894xxA family.
Traditional swept spectrum analyzer users are not accus-
tomed to being limited to predefined analysis spans. With a
swept IF analyzer, the user has almost infinite control over
setting the measurement span. Another significant issue was
the fixed relationship of resolution bandwidth to the span and
window filter function present in FFT analyzers. Swept spec-
trum analyzers have the freedom to select a span arbitrarily,
and then to change the resolution bandwidth, changing the
frequency resolution.

These challenges are overcome in the HP 894xxA while still
using the FFT algorithm as the basis for all frequency-domain
results, The fixed frequency span limitation is overcome by
using the DSP to alter the sample rate of the time data input
to the FFT algorithm. By changing the sample rate in soft-
ware, the user is given back the ability to control the span
setting arbitrarily without sacrificing the advantages of FFT
processing (see “Frequency Selective Analysis” below ). The
fixed resolution bandwidth/span/window limitation is over-
come by another DSP technique. Using frequency-domain
interpolation (zero padding) in the time domain before the
FFT, the effective filter bandwidth of a window can be
changed without changing the span of the measurement.
This restores the ability of the user to control resolution
bandwidth independently of span (within limits).

These characteristics combine to provide a traditional spec-
trum analyzer look and feel in what is fundamentally an FF'T
analyzer. The HP 894xxA's scalar measurement mode is a
prime example of this transparency. This measurement
mode provides the greatest independence of span and reso-
lution bandwidth of all the measurement modes. When set
for a span and a resolution bandwidth that allow coverage
by a single FF'T, this measurement mode will set all of the
frequency translating LOs (both analog and digital) to fixed
values and process the incoming time data with a single FFT
to provide the entire measurement result at once. If the user
widens the span or reduces the resolution bandwidth so that
the measurement cannot be realized by a single FFT, the
scalar measurement mode will revert to a stepped mode of
operation. In this mode, the frequency translating LOs are
stepped to the beginning band within the sweep. Once
settled, the instrument collects a time record and transforms
it to produce the spectral result for that segment of the
sweep, This segment result can be run through a software
peak detector running in the DSP if the resolution band-
width or bin width of the FFT is narrower than the display

bin width. This detected segment of the sweep is then pro-
cessed for a partial update of the display. The measurement
then steps the LOs to the next frequency span segment and
repeats the process until the entire measurement span is
covered (end of sweep). Since the display is updated as the
LOs and FFTs are tracked across the span, the appearance
15 the same as that of a traditional swept spectrum analyzer.

Frequency Selective Analysis

Frequency selective analysis is a term used to describe the
vector signal analyzer’s ability to apply a bandlimiting filter
to the measured signal to limit the signal’s information band-
width. In one sense this capability is not unique, Many oscillo-
scopes have a bandwidth limiting filter. Also, most traditional
spectrum analyzers have a set of resolution bandwidth filters
from which to choose. These filters limit the information
bandwidth of the signal applied to the detector. What makes
the vector signal analyzer unique is the combination of infi-
nite adjustability of the filter bandwidth with nearly ideal
filter characteristics. What are ideal characteristics? In this
application an ideal filter would have a frequency response
corresponding to a RECT function. That is, it would have linear
phase, zero group delay, no amplitude ripple, infinite stop
band attenuation, and a 1:1 shape factor. Obviously the filter
described cannot be realized. However, using digital filters,
resampling techniques, and time-domain corrections, a fil-
tered signal path can be created that very nearly meets these
goals. The composite filter and time-domain corrections
typically result in a filter with a 1.3:1 shape factor, passhand
ripple less than 0.1 dB, zero group delay, phase linearity of
*1 degree, and stop-band attenuation of 111 dB. This filter is
optimized for isolating signals, and not for time-domain
characteristics such as overshoot and ringing.

Why does one need infinitely adjustable filters? There are
two answers to this question. The first answer is based on
the types of measurementis that can be made with a vector
signal analyzer, such as modulation analysis. The vector
signal analyzer has built-in demodulation capability, and like
any receiver, the fidelity of the demodulated signal will be
degraded if signals other than the one to be demodulated are
present. In most receiver systems the IF bandwidth is made
4s narrow as possible to provide an optimum amount of se-
lectivity. Since the vector signal analyzer is a general-purpose
tool and not a receiver optimized for a particular type of
signal, the optimum bandwidth for the filter cannot be deter-
mined beforehand. Many traditional spectrum analyzers also
have demodulators. In these instruments the resolution
bandwidth filters serve (o limit the information bandwidth.
However, with only a finite number of resolution bandwidth
filters to choose from, it’s possible that the user is left with a
choice between a filter that is either too narrow to pass the
signal or too wide to reject another signal in close proximity.
With the vector signal analyzer’s infinitely adjustable band-
width, an optimal information bandwidth can be set for any
class of signal or measurement. In the vector signal analyzer
the terms span and information bandwidth mean roughly the
same thing. The only distinction between the two is that the
information bandwidth corresponds to the 3-dB bandwidth,
which is 12 to 17 percent wider than the span.

The second reason for wanting variable information band-
widih has to do with selecting a span, or equivalently, a
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sample rate, With swept analyzers there aren't any limits on
the selection of span. The user is free to choose any start-
stop frequency pair. This has not been true for instruments
using FFTs to compute the spectrum. In these instruments
only a fixed number of spans can be selected. This limitation
is based on the instrument’s ability to change the rate at
which the data is sampled. In most FFT analyzers, such as
the HP 35665A dynamic signal analyzer, the sample rate is
changed after the signal has been digitized by the ADC. This
is done through the use of digital decimating filters. These
filters, which are implemented in hardware, halve the sam-
ple rate by first bandlimiting the data and then discarding
every other sample of the resulting oversampled data. For
example, the ADC in the HP 89410A operates at a 25.6-MHz
rate to produce a 10-MHz maximum span. To reduce the
span to 5 MHz, the signal is passed through a digital filter
which reduces the bandwidth of the signal from 10 MHz to 5
MHz. Then, every other sample is discarded to produce a
12.5-MHz sample rate. By cascading several decimating fil-
ters, the sample rate and span can be changed by 1/(2N)
where N is the number of decimating filters used. For more
detail on how these filters are implemented in the vector
signal analyzer, refer to the article on page 31.

The decimating filters allow the sample rate and span to be
changed by powers of two. To obtain an arbitrary span, the
sample rate must be made infinitely adjustable. This is done
by means of a resampling or interpolation filter, which fol-
lows the decimation filters. A briel description of the resam-
pling algorithm and how it can be used to change the sample
rate is given in "The Resampling Process” at right.

Time-Domain Corrections

When it comes to calibrations and corrections, previous
generations of FFT analyzers have mostly ignored the time
data. This has occurred because it is much easier to correct
the frequency spectrum data using multiplication than it is
to correct the time data through convolution. In the vector
signal analyzer the accuracy of the time data is very impor-
tant. Not only is it the basis for all of the demodulation mea-
surements, but it is also used directly for measurements
such as instantaneous power as a function of time, Correct-
ing the time data is the last step in creating a nearly ideal
bandlimiting signal path.

While the digital filters and resampling algorithms are re-
sponsible for establishing the arbitrary bandwidth (sample
rate and span), the time-domain corrections determine the
final passband characteristics of the signal path. Time-domain
corrections would be unnecessary if the analog and digital
signal paths could be made ideal. Unfortunately, achieving
nearly ideal characteristics in the analog and digital filters is
either impossible or impractical. For example, the hardware
decimation filters are implemented as infinite impulse re-
sponse (IIR) filters rather than as linear-phase finite impulse
response (FIR) filters. The IIR filters were chosen over the
FIR filters because they are more economical to implement
given the requirements for speed, shape factor, stop-band
rejection, and the number of stages of filtering required.

Time-domain corrections work as an equalization filter to
compensate for passband imperfections. These imperfec-
tions come from many sources. The IF filters in the HP
89440A RF section, the analog anti-aliasing filter in front of
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The Resampling Process

In the HP B34xxA vector signal analyzers, the ADC and digital filters produce a
digital sequence xy[n], which is obtained by sampling the filtered input signal x{t)
at an effective sampling interval of Ty. The resampling algorithm produces a dif
ferent sequence Xzlm| that is identical to the sequence that would have been
obtained had x(t) been sampled at a periodic interval T = Ty In other words,
resampling changes the sample rate from 1/Ty to 1/T; after sampling has already
occurred.

The basic concept behind resampling comes from standard sampling theary, which
states that a signal can be reconstructed from its samples provided that the sam-
ples are spaced so as to prevent aliasing. Using this concept, the most direct
approach to changing the sample rate would be to reconstruct the original signal
x(t] from a sampled version of the signal and then sample the reconstructed signal
at the new sample rate

However, it's not necessary to convert the signal back into its continuous form to
create xolm]. In the following derivation, the sequence x;(n) is treated as a contin-
uous signal and is represented as a series of weighted Dirac delta functions. The
sequence x[n] is described by

gl = wud(enTy). (1)

n=-—x

The original signal is reconstructed by passing xq(t) through a reconstruction filter
The filter 15 described by its impulse response h{t). Assuming that hit} 1s an appro
priate filter, then x(t) is obtained by perfarming the convolution xq(thxhit). To distin
guish this result from the original x{t), the reconstructed signal will be referred to
as x{1). Performing the convalution,

xt) = I Kiltihit—=t)dy [

(=]

Using equations 1 and 2,

Mt = J X

= N J x(eihit-tid(t-nTy jdv

ed{e-nTy) [hit-tidr

With the order of summation and integration reversed, the sifting property of the
Dirac delta function can be used to evaluate the integral

x
xt] = Y x(nTyhit=nT4) (3)

||_‘_-.-.:
Given that hit) is known far any value of 1, equation 3 can be used to calculate x(t)
for any value of t from the samples x(nTy). Limiting the values of t to the sample
points for the sequence xo{m| produces the desired result, which can be written in
sequence form as

xzlm] = 5 xqnih{mTo—nTy) (4)

Robert T. Cutler
Development Engineer
Lake Stevens Instrument Division

the ADC, and the decimation and resampling filters all con-
tribute to passband ripple and phase nonlinearities within
the selected span. The time-domain correction or equaliza-
tion filter must compensate for these imperfections without
adding any of its own.
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The design of the equalization filter has many constraints:
The filter must compensate for amplitude unflatness and
phase nonlinearity within the specified information band-
width (span).

The filter musi not compensate beyond the span or the
desirable effects of the previous filters, such as stop-band
attenuation, will be diminished.

The filter must have a minimum-length impulse response
The filter must be designed on-the-fly for the current instru-
ment sefup (e.g., span) using the calibration data stored in
nonvolatile RAM.

The design of the equalization filter begins by extracting the
appropriate information about the analog signal path from
the calibration data. This calibration data, which is generated
by the instrument during self-calibration and stored in non-
volatile memory, contains data for all possible instrument
configurations. The data extracted for the filter design will
be a function of the selected center frequency, span, input
range (attenuator settings), coupling, and input impedance.
Once extracted, the data is used to create a frequency-do-
main correction vector (curve).

Once the analog correction vector has been computed, it is
modified to include the effects of the decimation filters and
the resampling filter. While the frequency response of each
individual filter is known by design, the combined response
cannot be computed until after the user has selected a span
because the span determines the number of stages of decima-
tion as well as the resampling ratio. The composite correction
vector serves as the basis for the design of the equalization
filter that will be applied to the time data.

Fig. 3 shows a typical plot of the composite analog/digital
correction vector for a 9.9-MHz span. The upper trace shows
that the amplitude of the correction varies over 6.2 dB. The
lower trace shows the amount of compensation needed to
correct phase nonlinearity. Over the 9.9-MHz span, this
corresponds to group delay distortion of over 600 ns.

Bandlimited AM, PM, and FM Demodulation

Advanced floating-point DSP power in the HP 894xxA has
enabled the development of high-speed AM, PM, and FM
demodulation algorithms capable of up to 60 display updates
per second. The hardware digital local oscillator and deci-
mating digital filters allow fully alias-protected, bandlimited
demodulation with spans as small as 1 Hz, and as large as
7 MHz for the RF receiver mode and 10 MHz for baseband
receiver modes. Additionally, the HP 8941 1A extends the RF
frequencies that can be demodulated to well above 1.8 GHz.
The wide frequency coverage, bandlimited analysis, high
accuracy through time-domain calibration filters, and typical
dynamic range above 70 dB offer new insight into many de-
modulation applications (see “Applications for Demodula-
tion" on page 12).

The analog demodulation signal processing block in Fig. 1
on page 17 contains the AM, PM, and FM demodulation
algorithms. This block precedes time averaging, the only
difference between the analog demodulation and vector
measurement modes. Thus, most of the time-waveform signal
processing capabilities in vector measurements, such as
spectrums, time gating, and averaging, are also available for
demodulated time waveforms. For example, a PM spectrum
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Fig. 3. The vector signal analyzers correct the basic time data for
signal path imperfections. Shown here is a typical plot of the magni-
tude (Trace A) and phase (Trace B) of the composite analog/digital
correction vector for a 9.9-MHz span

can be averaged to generate a phase noise display. The mea-
surement processes time data in block fashion with the res-
olution bandwidth determining the length of the time record.

Low-frequency information can be carried on a high-
frequency sinusoidal signal, or carrier, by varying the
carrier's amplitude and phase angle. The instantaneous fre-
quency of a sinusoidal signal is given by the time derivative
of its phase. Thus, the frequency modulation of a carrier can
be computed by taking the time derivative of the phase maod-
ulation. These are the basic principles applied in the HP
894xxA demodulation algorithms, originally developed for
the HP 3562A dynamic signal analyzer.

A carrier without modulation can be expressed as:
(.ei-'m..l + e (1 )

with amplitude C, frequency ., and phase offset .. Con-
sider a complex modulating waveforn:

'ITI{'I’I} = Il + a“ }]Piq)ffl

where a(t) and (1) are real amplitude and phase modulat-
ing waveforms, respectively. Thus, a real modulated carrier
can be written as:

= ('-l'llf( }t:"' el + e rE (‘]“:;:{ e = Jiwgl + g

= 2C[1 + a(t)] cos[met + P + P(1)].

x(t

If wg is large enough to prevent sidebands in the positive
and negative frequency images of m(t) from overlapping
when summed in x(t), the amplitude and phase modulating
components in m(t) can be unambiguously obtained by
shifting the positive frequency image in x(t) down to a fre-
quency band near de and filtering the complex time wave-
form with a digital low-pass filter to reject the other image.

(eontinued an page 13
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Applications for Demodulation

The HP 894xxA vector signal analyzers provide digital signal processing (DSP)
demodulation algorithms to extract AM, PM, and FM modulating signals. With the
demodulator placed upstream in the signal processing flow, many of the vector
signal analyzer’s powerful analysis features can be used on demodulated wave-
forms. A few of the many possible applications of vector signal analyzer
demodulation are described here

Phase Noise Measurements

The characterization of phase noise 1S an increasingly important requirement in
modern communications systems. Traditionally this has been a very difficult and
time-cansuming measurement. The HP B34xxA vector signal analyzers greatly
facilitate this measurement for all systems but those with the most demanding
phase noise requirements. The power of these analyzers 15 in their ability to make
very fast direct phase noise measurements in any domain relevant to the user. For
instance, transmitter designers are most likely interested in measuring the noise
spectral density around the carrier or the integrated band power in adjacent chan-
nels. Users interested in the recovery of digitally modulated information may be
most cancerned with the peak or rms phase deviation of the recovered vectors,
which can be directly measured using the vector signal analyzers’ PM demodula-
tion capability, The HP B34xxA produces results quickly and easily in any of these
damains. A typical measurement is shown in Fig. 1

The vector signal analyzers are capable of mathematically locking to unlocked or
drifting carriers using the AutoCarrier features (as long as the carrier is not digi-
tally modulated), allowing fast and accurate averaged measurements even under
these conditions. How fast is “fast”? For many measurement situations, users will
make accurate measurements In seconds that had previously taken minutes or
tens of minutes to complete. Measurement speed improvements of 10 to 1000
times can be expected. For more information refer to HP Product Note 894404-2

VCO Turn-on and LO settling

The vector signal analyzer's demodulation capabilities are powerful for a variety of
VCO or local oscillator transient measurements. For example, the frequency trajec-
tory of a VCO at tun-on can be evaluated using the FM demodulation feature.
Similarly, an LO or phase-locked loop transient, such as that following a frequency
change, can be directly measured for frequency or phase settling trajectaries
using the FM or PM demodulation features. For amplitude or power variations
during the transient, the eguivalent of a zerp-span measurement 1s used, rather
than the AM demodulation feature (see "Zero-Span Measurements” below). This
is because the AM demodulator measures percent AM and the carrier power
estimation is biased by the transient event itself.

When a transient is acquired in time-capture mode, it can be playad back into the
measurement as many times as is desired. Thus, one playback can be done with
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Fig. 1. A phase noise measurement made by an HP B34xxA vector signal analyzer
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Fig. 2 An LO frequency settling measurement

the analyzer set up to make the aquivalent of a zera-span measurement, and
another into the PM or FM demodulator. Displaying both results together provides
a side-by-side comparison of instantaneous carrier turn-on power and phase or
frequency during the transient

Because of the vector signal analyzer's internal quadrature down-conversion,
phase and frequency modulation are measured essentially continuously through-
out the time record, without the cycle gquantization limitations of counter-based
modulation analyzers. This results in an extremely good combination of time reso-
lution {of the transient event) and frequency or phase resolution for those demodu-
lation types. An example of an LO frequency settling measurement 1s shown in
Fig. 2 For more information refer to HP Product Note 894404-5.

Zero-Span Measurements

Zero-span measurements with swept spectrum analyzers measure the AM enve-
lope as a function of time. The vector signal analyzer also measures AM envelope,
but with a different approach that offers distinct advantages over traditional
swept technology.

In @ swept spectrum analyzer, the center frequency is set near the carrier. The
frequency span is set to zero to prevent the LO from sweeping. The sweep time is
set to some nonzero value, limited by the resolution bandwidth filters and detec-
tor, In a vector signal analyzer, the RF signal is down-canverted to IF and sampled.
The signal is then down-converted in singte-sideband fashion to de and bandlimited.
The bandlimiting is performed hy digital filters, which perform the functional
equivalent of resolution bandwidth filters far swept spectrum analyzers in zerg-span
mode. Thus, in a vector signal analyzer, the user sets the measurement span, not
the resolution bandwidth. Setting the width of the main time record is equivalent
to setting the sweep time. The compiex time waveform is converted into an AM
envelope by selecting either the linear or the logarithmic magnitude data format.

For clarification, the vector signal analyzer implements resolution bandwidth
filters by way of the fast Fourier transform algorithm. The input signal bandwidth
is first limited by digital filters set a little wider than the measurement span. In
generating a spectrum display, the FFT can be thought of as a parallel bank of
narrow resolution bandwidth filters that form a comb across the measurement
span. However, no FFT is used if the time domain is displayed. Thus, the band-
width for time displays is limited only by digital filters. The only effect of changing
the resolution bandwidth on a time-domain display is to change its length

Communication systems are requiring measurements of increasingly faster carrigr
ramps with zerg-span measurements. The rate at which a zerg-span measurement
tan handle a carrier ramp is limited by the rise time of the selected resolution
bandwidth filter. As the resolution bandwidth is increased, the rise time decreases,
allowing finer time resolution




ers have a maximum resolution bandwidth of

Typically, swept spectrum analy
3 MHz. In contrast, the maximum span of the HP B94xxA vector signs
7 MHz in the BF receiver mode and 10 MHz in the baseband recever mode. Thus, a

key advantage in the vector signal anslyzer is that finer time resolution is possible

ghalyzer is

spectrum ara'm"" i5 limited by the res bandwdth

Additionally, the vector signal analyzer offers signal processing that displays the
AM modulating signal in units of AM modulation depth for nantransient amplitude-
modulated camers. This is dane with signal processing algorithms that automatically
remove the carrier amplitude offset and normalize to the carrier amplitude

Ultrasound Transducer Analysis

Demodulation can provide useful insights into the behavior and performance of
ultrasound transducers. The voltage on the transducer can be measured by the
vector signal analyzer-and FM demodulated to provide a frequency profile over
time of a transmit pulse and echo. The demodulated FM time waveform will gen-
erally show four companents. First, large FM noise daviations will dominate the
time display where there is no signal, such as before excitation and befora the
echo is received. When the excitation arrives, the noise fluctuations turn into a
flat signal with an FM deviation corresponding to the difference between the
excitation frequency and the measurement center frequency. Upon removal of the
excitation, the transducer begins to vibrate at its natural resonant frequency,
dissipating storad energy: This induces an electrical signal, which the vector signal
analyzer can measure and demodulate. Thus, the natural resonant frequency of
the transducer can be measured.

Finally, the echo will produce transducer vibration, which can be detected in the
demodulated FM time waveform. This is generally very weak and noisy in appear-
ance. If a trigger is available, this measurement can he averaged to improve the
signal-to-nnise ratio.

The envelopes of the transmit and receive pulses can also be observed by seiect-
ing the linear or logarithmic display format in vector measurement mode. Band-
width is controlled by the measurement span. The analyzer's high sensitivity and

b

wide dynamic range alioy

mic time gispiay

5

Auwmatlc Carrier Frequencr Detam-nnahnn for Bmadhand Transmissions

With averaging turned on, the FM demodulator wil
ch of the carrier frequency es 25. This

trace as a marker function. It is also used

perform a weighted average
can be displaye

pensate the FV

0o

com
gtween the carmer

demodulates
result for the frequency offset ansing from the differenc

frequency and the measurement center frequency

Best results are obtained by setting the measurement span slightly larger than the
bandwidth of the modulated signal. The digital filters can easily reject alternate
channels, but overlapping adjacent channels will degrade performance. One should
select the minimum resolution bandwidth pessible and select 3201 frequency
points to increase the number of samples in the time record to the maximum
allowable. More time samples will reduce the variance on each carrier frequency
estimate

Although not abvious, the carrier frequency of digitally modulated carriers as well
as FM carriers can be determined using this technigue. Data on a digitally modu-
lated carrier must be random for the estimated carrier frequency to converge an
the true carrier frequency, This condition is generally met in channgls carrying
normal data

A typical application is ta find the carrier frequency of a signal on a satellite chan-
nel. Satellites often carry a mixture of FM and digitally modulated carriers. The
vector signal analyzers digital filters can be chosen to select one channel of inter-
est and reject others. The estimated carmer frequency can be used to verify that
the proper transmitter frequency is being used for that assigned channel space

Timothy L. Hillstrom

Douglas Wagner

Development Engineers

Lake Stevens Instrument Division

The digital receiver architecture of the HP 894xxA performs
the equivalent of this single-sided shift and filter with a
quadrature local oscillator and separate low-pass decimating
filters to reject higher-order mixing components. The in-phase
and quadrature-phase components are recombined in DSP
memory and treated as a single-sided complex waveform.

The local oscillator can be represented as a complex
sinusoid:

e —dlon+o) (2)

where wp, must be close enough to w,. that after multiplying
x(t) by equation 2, the positive frequency image in x(1) is
shifted near enough to de to keep all sidebands of m(t) within
the passband of the low-pass decimating filters. Under this
assumption, the negative frequency image of x(t) is com-
pletely rejected after filtering, and the resulting complex
time waveform is expressed as:

y(t) = Cm(t)ell(@cwt+ o=l

= C[1 + a(t))el (@t (Gepr)+ o)

The amplitude modulating waveform, a(t), is recovered by
first taking the magnitude of y(1):

[y(t)] = C[1 + a(t)], (3)

estimating the carrier amplitude with a weighted average on
equation 3, removing the carrier amplitude from equation 3,
and normalizing by the carrier amplitude:

[l¥(®)] - CJ/C.

The result, a(t), is in units of amplitude modulation depth.
For example, a maximum zero-to-peak amplitude of 0.5 for
sinusoidal a(t) corresponds to a modulation index of 50% on
the carrier.

a(t) =

Equation 3 represents the AM envelope and can be obtained
in the vector measurement mode by selecting the linear-

magnitude data format for the time waveform. This is useful
for capturing transient events for which an average on equa-
tion 3 does not give a true estimate of the carrier amplitude.

The phase of y(t) includes the desired phase modulating
waveform, ¢(t), as well as a phase offset and ramp:

(he — ¢r) + (0e — @yt + PC1). (4)

Ideally, the local oscillator is equivalent to a coherent car-
rier, providing carrier-locked demodulation. The condition

Ly(t) =
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of carrier lock is met when wy, = w, and ¢, = ¢, in which
case the phase of y(t) vields the desired phase modulating
wavelorm:

LY¥eonll) = ‘i’{ L).

The HP 894xxA provides a rear-panel 1, 2, 5, or 10-MHz ref-
erence input. The HP 804xxA's digital local oscillator can be
set to the same frequency as a carrier synthesized from the
reference. In this case, the digital local oscillator is frequen-
cy-locked and phase stable with respect to the carrier. The
phase of the carrier is not available because the digital local
oscillator is derived from frequency division and multiplica-
tion with respect to the carrier. This leaves a phase offset in
the phase of y(1):

Lyig(t) = (e — dr) + P(L). (5)

To obtain the desired phase modulating waveform for fre-
quency-locked measurements, the phase offset (¢, — ) is
removed by computing a weighted average on equation 5.

A second PM demodulation mode is available when a fre-
quency reference cannot be obtained. In this case, the car-
rier phase ramp, (W, — wpt, requires different compensation
Lo retrieve the desired phase modulating waveform. Time
differentiating equation 4 eliminates the phase offset, giving:

f(t) = (w. — o) + dd/dt. (G)

Calculating a weighted average on equation 6 gives an esti-
mate of the frequency offset, o — wp. Removing the esti-
mated frequency offset from equation 6 leaves the frequency
modulating waveform. This is integrated with respect to
time, providing the desired phase modulating wavelorm,
¢(1), with all carrier components removed.

Frequency demodulation follows essentially the same steps
as phase demodulation. A high-quality differentiator is ap-
plied to equation 5 to retrieve the frequency modulating
w;wvl'm‘m.

All carrier offset compensation can be turned off. In this
case, PM demodulation is equivalent to selecting the phase
data format on a time wavelform in the vector measurement
mode. Deactivating carrier offset compensation is useful for
=apturing transient events for which an average on equation
5 or 6 will not provide a true estimate of phase offset or
frequency offset.

A frequency offset is independently estimated for each data
record sent to the demodulation signal processing block.
The estimated frequency offset summed with the HP 894xxA's
local oscillator frequency (the center frequency of the mea-
surement ) is available for display on the demodulated data
trace as the estimated carrier frequency.

The accuracy of the carrier compensation algorithms de-
pends on how close a(t) and ¢(t) approximate zero-mean
functions over each data record sent to the demodulation
signal processing block. Biases on the estimated carrier fre-
quency become significant if a sideband amplitude is within
several dB of the carrier and close enough to the carrier to
result in fewer than approximately ten cycles over a data
record.

With complex modulation, there can be unacceptable vari-
ance in the estimated carrier frequency. This variance can be
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reduced substantially by averaging the estimated carrier fre-
quency. For FM demodulation only, averaging will activate an
exponential average of each estimated frequency offset, and
this averaged estimate will be used 1o compensate equation 6.
An equivalent exponential average is performed on estimates
of the carrier amplitude for averaging in AM demodulation.

The HP 89440A provides one channel of RF information for
demodulation, Two channels can be independently demodu-
lated in the baseband receiver mode. When the receiver is in
RF mode, the second IF channel can measure baseband sig-
nals for comparison with a demodulated signal in the RF
channel.

Simultaneous RF and Baseband Measurements

One of the more useful features of the HP 89440A vector
signal analyzer is its ability to demodulate an RF signal on
one channel while simultaneously measuring a baseband
signal on the second. This feature can be used to isolate the
signal causing disturbances in an LO, to measure the fre-
quency response of a modulator, to study the loop charac-
teristics of a phase-locked loop, or simply to measure the
time delays between baseband and modulated RF signals.
All of the two-channel time and frequency measurements
that can be performed with the baseband analyzer, such as
frequency response, correlation, coherence, or cross spec-
trum, can be performed for a demodulated RF signal and a
baseband signal.

The concept behind these measurements is quite simple.
Imagine comparing a signal that was used to modulate a
carrier with the output of a demodulator operating on the
modulated carrier. If the modulator and demodulator are
ideal, then the two signals will be identical. If only the de-
maodulator is ideal, then the two signals can be used to study
the characteristics of the imperfect modulator. The vector
signal analyzer can directly measure the first signal (on the
baseband channel) and accurately demodulate the RF carrier
to measure the second signal.

To measure the response of a modulator, the baseband
source would be connected to the input of the modulator.
For frequency response measurements, the source would be
used to generate broadband signals such as a periodic chirp
or random noise. For time-domain measurements, the arbi-
trary capability of the source might be used to generate a
ramp or step. The source signal applied to the circuit under
test would also be connected to the baseband input so that
it could be measured as a reference signal. The RF channel
would be used to demodulate the carrier at the modulator
output. Using data from both channels, the response of the
modulator to the source signal can be determined. The stim-
ulus and response can be compared in the time domain or
combined to compute a frequency response.

For determining the source of disturbances on an oscillator.
the RF channel would be connected to the oscillator output
and a demodulator selected. Typically a phase or frequency
demodulator would be used. A probe would be attached to
the baseband channel so that various signals in the circuit
could be easily measured and compared to the demodulator
output. For example, the probe might first be connected to
the power supply line, and then moved to a nearby logic line.
Depending on the type of disturbance, the user would either
compare the signals directly in the time domain or use the
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two signals to compute the crosscorrelation or coherence
functions.

Internal to the instrument, both input channels are identi-
cally configured for RF/baseband measurements except that
the RF channel has a demodulator added to the signal path

and the digital LO for the baseband channel is configured for

a center frequency of 0 Hz. This results in both channels
having the same sample rate, which is necessary to allow
cross-channel measurements such as frequency response. In
the process of converting a complex signal into a real signal
(with the same sample rate), the demodulator reduces the
information bandwidth of the RF channel by half. The data
for the second channel is also complex, but since the imagi-
nary part of the waveform is zero (because of the frequency
and phase of the digital LO), the signal is treated as a real
signal and only half of the spectrum is displayed.

Time Selective Frequency Analysis

Often, today's spectrum analyzers are called upon to analyze
signals that are not continuous. To avoid contamination by
unwanted signals, pulsed or transient signals must be isolated
in time before being converted to the frequency domain. The
following few examples show how pervasive time-variant
signals have become:

In the United States, a frame of television video is broadcast
as 525 lines in two interlaced fields. Lines 17 through 21 of
each field are reserved for test signals, which may coexist
with normal picture information.

Time-division multiple access (TDMA) signals require
pulsed modulation of an RF carrier. For the North American
Digital Cellular (NADC) system, a 40-ms frame is composed
of six (.66-ms slots. A frame can carry three conversations,
each using two slois. Base station transmission is not
pulsed since power consumption is not a major concern.
Mobile station transmission is pulsed to conserve power.
Code-division multiple access (CDMA) communication sys-
tems combine digital modulation and spectrum spreading
techniques to create broadband signals that are immune to
noise. Power in a mobile CDMA phone is gated on and off in
1.25-ms bursts when the data rate is less than the full 9600
bits per second.

In addition to isolating valid information within a pulsed
signal, fime selectivity is eritical to analyzing fransients such
as transmitter turn-on.

Often the user must think about a measurement problem in
the fime and frequency domains at the same time. As dis-
cussed earlier, the HP 894xxA vector signal analyzers’ adjust-
able information bandwidth provides the user with control
over the frequency-domain aspects of the measurement.
With accurate hardware triggering and flexible time-record
processing the user can address many of the time-domain
issues. However, these two aspects of the measurement are
not independent. Because of the nature of the FFT the ex-
tents and resolutions of the time-domain and frequency-
domain data are interrelated. This is shown Fig. 4. Most FFT
signal analyzers force the user to interact primarily in the
frequency domain. The time record size is a fixed number of
points (generally a power of two) and span is the only param-
eter under the user’s control. This means that time record
length (in seconds) is determined directly by the span. The
user has no control over the instrument’s resolution band-
width aside from changing the span. Some of the newer FFT

Resolution
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of the time and frequency data are interrelated as shown here

signal analyzers give the user several options for the number
of time points, but the time record length is still directly
dependent on the span. While the HP 884xxA supports this
traditional FFT mode it also allows the user to select the
time record length or resolution bandwidth independently of
the span. Time record length and resolution bandwidth are
still related by:

RBEW = WBW/T,

where RBW is the resolution bandwidth in hertz, WBW is
the noise bandwidth of the time window in bins, and T is the
time record length in seconds. The number of time points
can no longer be directly sei. Instead, the maximum number
of fime points the analyzer can store imposes a limit on the
choice of T (and on the minimum allowable resolution band-
width) for the particular sample rate, which is determined
by the span.

It is easy to see that to support variable resolution band-
widths, the HP 894xxA measurement architecture must be
able to handle variable-sized time records. This affects all
measurement and display-related signal processing, espe-
cially conversion between the time and frequency domains.
Since the FFT is performed only on time records that are 2N
samples in size, the HP 894xxA’s arbitrarily sized time re-
cords must be zero padded before performing the FFT. Zero
padding merely adds zeros to the ends of the time record
and changes the resolution of the frequency record. It does
not alter the information content of the data. Zero padding is
implemented through the application of the time window.
The width of the time window is not constrained to be inte-
ger multiples of the sample time. Therefore, although the HP
894xxA vector signal analyzer operates on discrete time
data, this imposes no quantizing effects on the resolution
bandwidth. Based on its phase characteristics, the time win-
dow selection determines if zero padding is done at the end
of the time record or if the time record is centered and zero
padded at both ends. The effects of zero padding must be
undone following the inverse FFT of the frequency data. In
this case the time record must be resized and possibly
shifted to remove all artificial zeros at the ends.

Often during a measurement, the user is not sure of what to
look for or where the signal of interest lies. In this case the
user may want to see a signal over a large segment of time
to help isolate the portion to be analyzed. The HP 894xxA
vector signal analyzer supports this through its time gating
feature. The user sets a main data length, which defines the
extent of the time data to be acquired. Once the main data
has been acquired the user can gate out a region of the main
data to be analyzed further. All subsequent time and fre-
quency analysis will be performed on the gate region. Gener-
ally, the size and position of the gate region can be changed
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Fig. 5. Time selective frequency analysis can display the spectrum

of the second pulse of this two-pulse waveform

and the data reanalyzed without retaking the main data. By
simultaneously observing the main time, gate time, and gate
spectrum the user gets a complete picture of the signal of
interest including where it fits within a larger sequence of
events. Fig. 5 shows how the HP vector signal analyzers
interact with the user to perform time selective frequency
analysis. The upper trace shows a two-pulse time waveform.
A pair of vertical gate markers are placed over the right
pulse. The frequency-domain representation of that gated
pulse is shown in the lower trace of the display.

Certain measurement situations require that a large amount
of time data be analyzed. If the signal is transient in nature,
if it must be analyzed without any time gaps, or if it must
reanalyzed several times the HP 894xxA’s time capture fea-
ture can be used. In time capture mode, up to 109 samples
(or half as many for each of two channels) can be acquired
and stored in the sample RAM. This data can then be played
back into the measurement as many times as necessary.
During playback all of the measurement’s features are avail-
able. For instance, the user can reanalyze the data with
several resolution bandwidths or time windows.

Conclusions

Making the complex and powerful measurements associated
with today’s signals and systems is inevitably more difficuli.
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A primary goal for the vector signal analyzer project teams
was to create analyzers that can handle the complex interac-
tions between the frequency, time, and modulation domains
by themselves, freeing the user to concentrate on the de-
sired meéasurement results. This approach avoids alienating
the users of traditional analyzers while providing the tools
required for the demanding measurement needs of today
and tomorrow.
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A Firmware Architecture for Multiple
High-Performance Measurements

The HP 894xxA vector signal analyzers perform fast, sophisticated
measurements on complex waveforms. The firmware architecture
provides access to multiple processors to meet the high-performance
requirements while allowing individual measurements to share common
features and protocol.

by Dennis P. O'Brien

The HP 894xxA vector signal analyzers offer a diverse set of  expressed as either display updates per second or real-time
advanced measurements. The measurement firmware archi-  bandwidth, that is, the maximum frequency span at which
tecture was designed with the two preeminent requirements  the input signal can be processed without missing data. Of
of performance (i.e., speed of operation) and functional these two performance measures, loop time generally took
leverage across multiple measurement modes, precedence when design irade-offs were necessary. In Fig. I,
which shows the flow of signal processing for three of the

Measuteiant perfolmance i5 measired interus of both HP 894xxA’s four measurement modes, the loop time is the

loop time and user command response time. Loop time is
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Fig. 1. HP 8%MxxA vector signal analyzer measurement data flow.
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time required to process the data from the sample RAM to
the display.

Each measurement mode offers the user a variety of signal
processing customizations in addition to numerous standard
features. The standard features, common to all measure-
ment modes, present a consistent look and feel to the user
and make each measurement operate as a “good citizen”
within the overall instrument firmware architecture. Fig, 1
shows that each of the HP 884xxA’s measurements can use
arbitrary span and time-domain corrections to condition the
incoming time data, and that trace display conditioning op-
erations such as user math, coordinate transformation, units
conversion, scaling and pixelation are also used in common
by all measurements.

Numerous additions to the standard features are required (o
meet the signal processing demands of individual measure-
ments. In many cases this special signal processing is lever-
aged across several measurements—averaging, time gating,
and time-to-frequeney conversion are good examples. How-
ever, some additional signal processing is so specialized that
it meets the needs of only a single measurement—analog
and digital demodulation, for example.

A far bigger part of the measurement task than signal pro-
cessing is control. It is by observing common conventions al
its firmware interface that a measurement maintains its
“good citizen” standing. Also, it is in observing common in-
ternal conventions that all measurements present a consis-
tent interface to the user. Most of the control features of the
HP 894xxA’'s measurement system are shared by all of its
measurements. Some of the standard control features
designed to provide consistency to the user are:

s Measurement pause/continue

* Measurement restart

» Single/continuous sweep modes

* SCPI* operation complete

» SCPI status register control

= Recomputation of results following parameter changes.

Some of the standard control features designed to provide a
uniform interface to the rest of the firmware are:

¢ Parameter change handling

* Formalized interaction with the calibration process

* Formalized interaction with the autorange process

* Measurement activation and deactivation

» Measurement memory reallocation

s Premeasurement trace results information tracking

* Run-time measurement trace results information tracking.

To support a diverse set of measurements that share many
common control and processing features and whose primary
requirement is high performance, the measurement firmware
architecture was shaped by these goals:

» Fully utilize the DSPO6002 signal processor to provide the
highest possible performance.

= Provide default control and signal processing implementa-
tions of basic features that are easily inherited by individual
measurements.

» Make it easy to customize the default control and processing
features for individual measurements.

» Implement the measurement architecture as a platform
upon which future measurement designs can be built.

* SCP| = Standard Commands for Programmable Instruments
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Data Structure

All of the HP 894xxA measurements are block-oriented, that
is, they operate on blocks or arrays of data that represent
the signal over a given range rather than at just one point.
The fundamental data structure is a vector, which embodies
both a data array and a header structure. The data portion of
the vector is generally represented as 32-bit floating-point
numbers throughout the measurement and may be either
real or complex. It is converted to integer format as part of
the display processing. The header structure contains infor-
mation about both the measurement setup that produces the
data (center frequency, span, input range, ete.) and the data
itself (such as whether or not it contains overloads).

Each measurement uses a collection of vectors, Fig. 2shows
the vector allocation for the HP 894xxA vector measurement
maode, The timeData, freqData, and avgBufData vectors contain
the measurement’s raw data. These are the measurement’s
fundamental results. All user-selectable measurement re-
sults must be derived from these. The measData, dispData, and
pixBufData vectors are trace-oriented, so there are four of
each, or one per trace. The measData vectors are vector
pointers that point to one of the mathMeasData vectors, which
contain the final version of each userselected measurement
data result. There may be many more than four of these,
since user math uses them as input operands and it is not
constrained to use only displayed data. The mathMeasData,
measData, dispData, and pixBufData vectors are collectively re-
ferred to as the trace vectors. As will be seen, several pro-
cesses have access to the trace vectors. Therefore, a protec-
tion mechanism is required to restrict access to the measData
vectors and all others that are farther downstream. Finally,
there are a number of support vectors. Some of these contain
vector constants that will not change during a measurement.
Other support vectors are used for temporary storage (not
shown in Fig. 2).

The timeData vector is the output of the time-domain correc-
tion filter block in Fig. 1 and is the input to the measurement-
specific signal processing block. At the other end of the
measurement loop, the mathMeasData vectors are the output
of the measurement data and user math block.

The amount of memory for all required vectors varies from
measurement to measurement. Not only does it vary be-
tween measurement modes, it may change with the setup of
a given measurement. For example, changing the number of
frequency points, the resolution bandwidth, or the average
state can have considerable impact on the number or size of
the vectors required. To make the best use of the available
system RAM without implementing a sophisticated memory
management scheme, all of the vectors are reallocated when
a new measurement mode is selected. Their sizes are deter-
mined by user configuration of key parameter limits such as
maximum frequency points. They are made large enough to
support all permutations of the selected measurement mode
within the limits set by the user. As mentioned earlier, some
of the signal processing is shared by all measuremenis.
Therefore, much of the vector allocation scheme is leveraged
across all measurement modes.

The DSP96002 signal processor (hereafter referred to as the
DSP) has a limited amount of high-speed RAM available.
Operations on data blocks that reside in this RAM are up to
seven times faster than if the data block is resident in the
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Fig: 2. HP 894xxA data vector architecture, The elongated blocks represent the data portions of the vectors.

system RAM. To take advantage of this improved perfor-
mance the most critical vectors are placed in the DSP RAM.
Unlike their system RAM counterparts, these vectors are
reallocated to be exacily the required size whenever a pa-
rameter change is made that affects the vector makeup of
the measurement. Reallocating and relocating vectors in
response (o parameter changes such as user selection of a
new measurement result makes any DSP-resident vectors
viulnerable to being lost. This is acceptable for vectors from
mathMeasData downstream because they can be recomputed
from the measurement’s raw data, However, the loss of raw
data would be a serious problem. To circumvent this prob-
lem the measurement system implements a scheme to pre-
serve raw data across parameter changes. The scheme in-
volves copying DSP-resident vectors to their system RAM
counterparts before memory reallocation and then copying
them back (if they continue to reside in the DSP memory)
following reallocation. Much engineering effort was spent in

ensuring that the measurements make the best use of the
fast DSP memory. This is a major contributor to the HP
894xxA’s high 78-kHz real-time rate.

Process Structure

To achieve the highest possible performance, the measure-
ment loop is split between the DSP and the main CPU. While
many embedded systems have math processors that operate
as slaves ol the central processor, in the HP 894xxA the
measurement loop runs primarily in the DSP. The DSP uses
the main CPU as a slave to:

Perform certain housekeeping functions via remote proce-
dure calls such as run-time trace vector header information
tracking

Perform integer math on pixelated trace results

Interface with the graphics system processor (GSP), which
is the display processor,

(contirued on page 21)
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Run-Time-Configurable Hardware Drivers

One of the difficult challenges facing any firmware team during a several-year
project is turmoil in the software because of evolution of the hardware specifica-
tion upon which the software must run. This hardware evolution 1s a natural pro-
cess given the complexity of our systems and the demanding environmental and
RFI testing they must pass. All too often the simplest of hardware changes can
wreak havoe on the software interface to the hardware

The high cost of prototypes and the evolutionary nature of complex hardware
systems also can lead to the requirement that software be flexible enough to work
with a mix of various hardware versions. Some of the factors contributing to soft-
ware turmoil in hardware drivers are

Increased market understanding causing new expectations

Technology changes

Defective or marginal parts causing redesign

Design flaws

Interface requirements to other hardware in flux

Software not available for complete turn-on

Standards

Printed circuit board layout constraints

Manufacturing processes.

Early in the development of the HP B94xxA analyzers we realized that this would
be a considerable prablem since we were developing a new hardware platform
Given that the software would be required to deal with multiple revisions of each
hardware hoard as well as various combinations of boards (Fig. 1), the following
design criteria developed.

Must be easy to accommodate multiple revisions.

Must be easy to share code common to all revisions. This prevents having N
versions of comman algorithms.

Must be easy to remove obsolete versions. If code for all versions is intermixed,
pulling out obsolete code may be difficult and prone to introducing new problems,
Must offer a clear, consistent interface from an external perspective. Clients of a
hardware driver should not need to know or care which revision of the hardware is
present.

C++ Hardware Drivers

Our solution was to develop a class hierarchy based on C++ classes. By providing
a base class for a particular set of hardware and generating derved classes for
particular hardware revisions, it became an easy task to support multiple hardware
revisions.

A C++ base class is used to define the external interface of the hardware and to
define what capabilities are required by denived classes of the base hardware
class. The base class will often serve only as a definition and may have no useful
code. In other cases the base class may have considerable code encompassing
shared algarithms and advanced interface functions.

An example of a class structure is shown in Fig. 2. The base class AdcHw provides
the external interface for the ADC hardware and the default implementation of much

Revision 3

Board 1

Revision 1

Revision 2

Time

Fig. 1. The firmware must deal with multiple revisions of each hardware board and with
different combinations of boards

Base
Class

- | b

Fig. 2. Example of a class structure

Derived
Classes

of the interface. The derived classes AdcHwR2, AdcHwR3, and AdcHwR4 provide
overrides for unique aspects of revisions two, three, and four of the hardware. &
portion of the AdcHw class 1s shown below:

class AdcHw
{
protected
int adeindex;
HwChannel channel;
int revision = 0;
public:
AdcHw{void),
virtual void getAdcGal char ** dataPtr, int * size);
virtual void getRFAdcGalchar ** dataPir, int * size);

virtual void getBBAdcGalchar ** dataPtr, int * size),;
virtual void ditherCalSetting(int valuel;
virtual void returnControlBits {void ** bitsPtr, int * count);
virtual void setAdecindex(int index);
virtual void setControlWord(unsigned int control);
virtual void setPreLoad(unsigned char newValue);
virtual void setMuxControl(void);
virtual void clearMuxContral{void);
virtual int adcRevivoid);

h

extern AdcHw * adcHwCh1;

extern AdcHw * adcHwChZ;

Member functions declared virtual can be optionally overridden by a derived class
written far a different revision, The two variables adcHwCh1 and adcHwCh2 repre-
sent the extemal interface handle through which all other software interfaces
with the ADC hardware.

Revision 4 of the ADC hardware required a new gate array program as well as a
change in how control bits are configured. The implementation of a driver for
this revision consisted of implementing several member functions to handle the
incremental differences:

class AdcHwR4 : public AdcHw
{
public:
AdcHwR4l); // class constructor
virtual void returnControlBits{void ** bitsPtr, int *count);
virtual void setControl/Word(unsigned int control);
virtual void getAdcGalchar ** dataPtr, int *size);
k
The twa functions returnContralBits() and setControlWordl() deal with the fact that
the control bit interface changed and the function getAdcGal) deals with providing
a unique gate array program. The software is now able to use version 4 ADC
hardware without changing any other source code in the instrument. When a
reference is made to adcHwCh1->setControiWord(), C++ will automatically arrange
to invoke the version defined in the adcHwRA4 class

How do we determine which version of the class to use? Since multiple hardware
drivers exist in the software, some mechanism needs to determine which driver to

20  December 1993 Hewlet-Packard Journal

© Copr. 1949-1998 Hewlett-Packard Co.




use when the instrument powers up. In the HP 834xxA, this determination is done
by reading an |D register on the hardware board of interest. This ID register is
maost often 2 hard-wired register that hias three bits of version information. When
a new board is made with a different hardware interface or capability, this version

number is changed. The code to do this might be as simple as

switch {adcRevision)

{

defauit:

case

case 1
adcHwCh1 = new AdcHw;
adcHwWCh2 = new AdcHw,
break;

case 2
adcHwCh1 = new AdcHwR2,
adcHWChZ = new AdcHwRZ;
break;

case 3:
adcHwCh1 = new AdcHwR3;
adcHwWChZ = new AdcHwR3;
break;

case 4
adcHwCh1 = new AdcHwR4,

adcHwChZ = new AdcHwRS;
break;

}

Summary
By implementing our hardware drivers as C++ classes, we were ab
while providing suppo
i yie shared amang all drivers is en
in a base class, which itself knows nothing of the particular version in use. but
instead relies on virtual functions to allow revision-specific drivers to override
functionality seamiessly. The code is much cleaner because the software writer
does not nead to sprinkle conditional statements in the source code to accommo-
date various versions. In addition, it becomes an easy matter to remove obsolete
versions of the hardware driver. Finally, the C++ compiler takes care of the mun-
dane task of making sure the right function overrides are invoked for the installed
version

10 maintain a

muitiple

psulated

Glenn R, Engel
Development Enginger
Lake Stevens Instrument Division

For the measurement loop to run in the DSP with no run-
time intervention or control from some higher authority in
the main CPU, that loop has to be completely defined before
being executed. Several options were open to the design
team to address this problem. The approach chosen was fo
provide a minimum set of DSP-resident measurement loops,
hereafter referred to as a measSequencer, which can be cus-
tomized by individual measurements before run time. The
customization is done through a compile process which will
be deseribed in a subsequent section. The default meas-
Sequencers provide every measurement with all of the control
required to interact in a uniform way with all other entities
in the instrument firmware architecture.

With this approach, a single designer was able to implement
the measSequencers for all measurement modes. In addition to
promoting a uniform interface for measurement loops of all
measurement modes, this approach allowed other designers
freedom to concentrate on the specific customizations re-
quired by their particular measurement mode. It is true that
this is one trade-off that sacrificed run-time performance for
ease of development. However, the overhead to support a
generic measSequencer state machine is only about 300 us,
which is less than 1.5% of the loop time required for 78-kHz
real-time operation at 1601 frequency points.

Fig. 3 shows the HP 894xxA measurement firmware archi-
tecture. The solid bubbles represent software modules. A
module depicted with concentric rings is a process. Bubbles
that are stacked indicate that multiple versions of that mod-
ule exist to support the multiple measurement modes. Data
stores are represented as pairs of parallel lines enclosing the
stores’ names.

Measurement Feature Leverage

There several ways to leverage standard features across
measurement modes, Code can be copied as a means of re-
use. The volatility of measurement firmware modules makes
code developed in this manner very difficult to maintain.
Dispatch tables, customized by the activation of a measure-
ment mode, allow a foundational architecture to provide

default functionality and yet flex to meet the custom needs
of individual measurements. Dispatch tables, however, must
be kept current manually. The HP 884xxA measurement
firmware architecture uses C++ classes and inheritance to
allow individual measurement modes to build on a founda-
tional measurement. Several of the modules in Fig, 3 are
implemented as C++ classes. A partial class hierarchy is:

MeasSeqCtlr
HP89410MeasSeqCtlr
VectorMeasSeqCtir
ScalarMeasSeqCtir
AnalogDemodMeasSeqCtir
DigitalDemodMeasSeqCtlr
MeasSeqGen
HPB3410MeasSeqGen
BlockMeasSeqGen
VectorMeasSeqGen
ScalarMeasSeqGen
AnalogDemodMeasSeqGen
DigitalDemodMeasSegGen

In the case of the MeasSeqCtir class, a complete set of default
actions is provided. Most of these actions are usable by all
measurements. Where the default action is not what is re-
quired, the XXMeasSeqCtlr class (one of the classes derived
from the MeasSeqCtlr class—"XX" stands for the name of the
measurement mode) can overwrite the virtual function,
replacing that default action with one of its own.

In the MeasSeqGen class, control of a complete compile se-
quence has been implemented. However, all of the measure-
ment mode-specific customizations are the responsibility of
a derived class.

Both the HP89410MeasSeqCtir and HP89410MeasSeqGen classes
provide customizations required by the HP 894xxA measure-
ment system. Neither they, the MeasSeqCtir class, nor the
MeasSeqGen class provide sufficient functionality to imple-
ment a fully functional measurement. As such, they are ab-
stract classes. That is, there are no instances of these
classes in the system; there are only instances of their
derived classes.
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Customizations this point, before beginning to process the next scan, the

The measSequencer is the sole process running in the DSP. It
provides the default measurement loop control while the
customMeasStates module executes customizations unique to
the current active measurement. The exact set of customiza-
tions installed is determined by the current measurement
mode’s interpretation of the currentMeasDefinition data store
(C_M_D in Fig. 3). CurrentMeasDefinition represents that portion
of the instrument state (iState data store) that completely
defines the measurement state. The seqGenerator controls the
compile operation, which produces the composite measure-
ment loop (i.e., measSequencer and customMeasStates). The
XXMeasSegGen modules (“XX" stands for the name of the
measurement mode) interpret currentMeasDefinition according
to the requirements of the current measurement mode,
producing the measSequencer customizations executed by
customMeasStates.

At the end of the measurement loop the measSequencer has,
for each trace, produced pixelated data and fracked critical
run-time information into both measState and traceState. At
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measSequencer signals the scanDoneHandler process by a remote
procedure call. The scanDoneHandler then completes tracking
header information from measState and traceState into the
trace vectors” headers, When the vector headers are correct
the scanDoneHandler computes any required marker values
and further scales and formats the pixelated data. Finally,
the data is transferred to the GSP for display. As the scan-
DoneHandler operates on its scan, the measSequencer is already
processing the next scan. Since the measSequencer and the
scanDoneHandler both access the trace vectors, a semaphore,
VECTOR_RESOURCE, has been established to control access to
these vectors.

In addition to the modules that generate a customized mea-
surement loop and those that execute that loop, there are
those that establish the overall interface to the measure-
ment. The MeasSeqCtir class provides default responses (o
measurement requests. It may handle a request itself or it
may pass it along to the measSequencer. Examples of requests
that it handles itself are those that cause the generation and
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downloading ol a new composite measurement loop. Start,
pause, and continue are examples of requests that it directs
to the measSequencer.

The XXMeasSeqCtlr module (“XX" stands for the name of the
measurement mode) provides measurement-specific control
when the default actions of the MeasSeqCtir class are not suf-
ficient. Likewise, the XXMeas|StateOverrides module provides
measurement-specific filtering of user input when the default
command interpretation is not sufficient.

Each specific measurement is defined by the default system
operation plus the modifications made by the measurement-
specific modules. To implement a new measurement mode,
a measurement designer generates the three modules
XXMeasSeqCtlr, XXMeasSeqGen, and XXMeaslStateOverrides.

Measurement Control

Jach of the HP 894xxA measurement modes is implemented
by single instances of XXMeasSeqCtlr and XXMeasSeqGen ob-
jects. Although there are four measurement modes, only a
single mode is active at any time, This is referred to as the
activeMeas.

The activeMeas must respond to many different types of re-
quests, The most obvious are those that are the results of
user actions. A change in the selected measurement results
or coordinates must be handled immediately without affect-
ing the raw data. A pause must be coordinated with the
measSequencer Lo ensure a consistent set of valid trace vectors
when the pause goes into effect. There are literally hundreds
of softkeys that have an effect on a running measurement.
While this is the source of the majority of measurement re-
quests by far, there are internally generated requests as well.
For example, the calibration manager requests permission
of the activeMeas before performing the calibration. The

HandleMeas-

Messages

B HandlelStateChy- 'chgloHandle [PEVINLEHESTR
Stant Stant
chgToHandle MCHIdle && cmdToHandle cmdHandled
chgHandled
el HandlelState- MEL HandieCommand-
LAl > ChangeFinish ] Finish
SEQ_UPDATE SEQ_UPDATE
Iril_ilijlldltiI && Séaélopldis
SCHStopldle
v
KA KA
RSM RSM

activeMeas grants permission based on the its state and the
state of the measSequencer.

The MeasSeqCtlr class musi provide default actions to each
request made of the activeMeas. To meet the goal of providing
control of basic features which are easily inherited by indi-
vidual measurements, these default actions must be useful
for the majority of the XXMeasSeqCtlr derived classes.

At the core of the MeasSeqCtlr class are several state ma-
chines, which implement sets of basic actions. These state
machines are not independent. Often their transitions rely
on current states or state transitions of other machines.
Three of the more central state machines are:

EventHandier

MeasChangeHandler

SeqChangeHandler.

The activeMeas is normally a blocked process. It wakes up
when one or more pSOS operating system events are re-
ceived, Each event indicates that a different type of request
has been made or that the measSequencer is informing the
activeMeas of some important action, The EventHandler state
machine (Fig. 4) addresses each event in a specified order. It
makes sure that all requests represented by an event have
been fully handled before addressing the next event. The
EventHandler itself rarely fully handles a request. Instead, it
generally asks one or more of the activeMeas's other state
machines to handle it. A single event may represent many
requests. This often happens when many iState changes are
grouped together by the commandExec process. In an effort to
improve user command response time, the EventHandler and
the other activeMeas state machines are designed to handle
multiple requests at the same time. Most requests require
interaction with other processes before their handling is
complete, If nothing else, the measSequencer generally must
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be suspended as part of the request handling. In this case
the EventHandler will block in a state other than WaitForEvent.

All of the activeMeas’s other state machines run under the
contro! of the EventHandler. The normal steps in handling an
event are: (1) For the first request copy critical information
from iState to currentMeasDefinition. (2) Request appropriate
actions of other state machines. (3) Allow all state machines
to run until they reach a quiescent state (i.e., no further state
transitions). This is done in runSubMachines(). (4) If the re-
quest has not been completely handled then block. This is
done in keepAliveTillComplete(). (5) When the request has been
completely handled go to the next request. (6) When all re-
quests for this event have been completely handled go to the
next event. (7) When all events have been completely
handled wait for more events in the WaitForEvent state.

Once started, the EventHandler will run as long as any other
state machine is making state transitions. Once no machines
can make any further advancement the EventHandler blocks,
knowing that it will take an outside influence in the form of
an event to allow any of the machines to advance further.

The MeasChangeHandler state machine (Fig. 5) is responsible
for stopping the measSequencer, waiting until the current re-
quest has been handled and then restarting it. There are two
options for this service: the measSequencer can be either sus-
pended and resumed or aborted and restarted. The differ-
ence is that a suspension is coordinated with measSeguencer
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Fig. 5. MeasChangeHandler state
machine.

signal processing so that no data is lost, nor does raw mea-
surement data become inconsistent with data in the trace
vectors, while an abort happens immediately without regard
for the validity of the vector data.

Finally, the SeqChangeHandler state machine (Fig. 6) is charged
with the regeneration of a fully functional composite mea-
surement loop. This may include requesting selection of a
new measSequencer and a recompile of the customMeasStates by
the XXMeasSeqGen. It must also compute many processing
parameters such as the FFT window, the correction vectors,
and the acquisition time record length. If any front-end hard-
ware changes are required, then the SeqChangeHandler, in its
DoSynchronizedChanges state, will coordinate with another
state machine to make sure that the hardware setup is
accomplished.

The SeqChangeHandler plays a critical role in measurement
mode changes. In the StopSequenceCtlr state the activeMeas
performs housekeeping required to deactivate itself. It then
advances to Stopldle where control returns to the measure-
ment manager, where a new measurement ohject is selected
as the activeMeas. (The measurement manager is merely a
repository for measurement objects and is not shown in Fig,
3). The new activeMeas then wakes up in the OverlayXXMeas-
SeqCtlr state where it initializes itself to operate as a fully
functional, fully active measurement. It is here that available
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system RAM is reallocated according to the vector needs of
this new activeMeas.

Each of the four individual measurement objects (modes) in
the HP 894xxA measurement system has its own set of state
machines. On a measurement mode change each state ma-
chine of the incoming measurement object must maintain
continuity of its active state with its counterpart in the out-
going measurement object, With C++ it is easy for each
measurement object to contain customized state machines
and yet have equivalent machines in separate measurement
objects share state variables. Consider this partial imple-
mentation of two state machine classes:

class StateMachine

{
private:
int crntState; // current state
protected:
int *erntStatePtr;
void currentStatelint newCurrent)
{ *crntStatePtr = newCurrent; }
virtual void executeState();
{/ add default StateMachine functionality here
public:
// constructor
StateMachine(); { erntStatePtr = &crntState; }
int currentState() { return{*crntStatePtrl; }
5

WaitForStopped seqStapped InewSeqCtir

DoSynchronized-
Changes

Ihaited runMeas OverlayXXMeas-

SeqCule

P Stopldie -

i, ui, v

IrunMeas

CONTINUE_HALTED MEAS

/| possihle states for instances of CustomStateMachine
typedef enum
{
CUSTOM_STATE_D,
CUSTOM_STATE 2,
CUSTOM _STATE_3,
} CustomStates;

class CustomStateMachine : public StateMachine
{
protected:
/| State variable — common to ALL instances of
// CustomStateMachine
static int currentState_;

public:
/I constructar
CustomStateMachine{crntStatePtr = &currentState_;
currentState(CUSTOM_STATE_0); }

// add default CustomStateMachine functionality here
virtual void customState0();
virtual void customState1();
virtual void customState2();

k

By accessing the current state through a pointer in the
currentState() member function, CustomStateMachine can declare
its own static current state variable and force its instances
to use it by initializing the crntStatePtr to &currentState _ in its
constructor. Since static member variables are shared by all
instances of a class, classes derived from CustomStateMachine
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always maintain synchronization of the current state in all of
their instances, They may, however, overwrite the virtual
state member functions and thus provide state machines
customized to the needs of their measurement object owner,

XXMeasSeqCtir

In describing the MeasSeqCtlr class and some of the state ma-
chines that it owns, actions specific to a measurement mode
were mentioned. Computation of acquisition time record
length is a good example. While the MeasSeqCtlr class provides
a place for this to happen, it relegates the actual work to a
derived class. While most actions of the MeasSeqCtlr class can
be overwritten, very few are. Most of the default actions are
well-suited for all of the HP 894xxA measurement modes.
Most of the customization is limited to two areas: determin-
ing which iState changes affect the measurement and how
they affect it, and computing acquisition-specific parameters
and constant vectors.

XXMeasl|StateOverrides

When the commandExec receives a change request it first vali-
dates the request. Then it puts the validated change in iState
and informs the activeMeas of the change through a pSOS
operating system event. The process of parameter validation
must often be customized for a particular measuremeni. For
example, the vector and scalar measurement modes impose
different limits on the allowable resolution bandwidth. Cus-
tom parameter validation is done by the XXMeas|StateOverrides
module. While conceptually separate, the XXMeas|StateOverrides
module is actually implemented as part of the XXMeasSeqCtlr
module.

Measurement Loop Customization

As mentioned earlier, there are two aspects {o customizing
the run-time measurement loop: measSequencer selection
and generation of customMeasStates. MeasSegquencer selection
is simple, since there are only two measSequencers, one for
averaged and one for nonaveraged measurements. Genera-
tion of customMeasStates is the majority of what the measSeq-
Gen process does. Each measurement object has its own
XXMeasSeqGen object. The XXMeasSegGen instance associated
with the activeMeas is known as the activeMeasSeqGen. The
activeMeasSegGen compile is broken down into five segments:
Raw measurement (includes acquisition up to time gating)
Time gate (includes FFT, frequency correction, and spectral
average)

Measurement data and user math calculation

Coordinate transform and units conversion

Scale, offset, and pixelation.

Ii:is easy to see the correlation between compile segments
and the flow of signal processing by comparing this list with
Fig 1.

To minimize the user interface response time the compile
process may be entered at any of the segments. However,
once the compile process is started, all downstream seg-
ments must be recompiled. Generally, user change requests
result in recompiling the minimum possible number of seg-
ments. For this to work the activeMeasSegGen must observe
two rules. First, the source operand vectors for any given
segment must be completely defined by the previous seg-
ment and cannot be modified by this segment’s compile.
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Complete definition includes length and data memory ad-
dress as well as header information, This is critical since the
compiler relies heavily on the definition of source vector
operands to produce a correct executable and to track and
transform header information through math operations. For
the very first segment, raw measurement, the activeMeas is
responsible for initializing the timeData vector headers before
starting the compile.

The second rule that must be observed is that a vector's data
space must be allocated by the first segment that uses it.
This is critical for vectors that reside in DSP RAM since
their addresses are unknown until they are allocated at com-
pile time. For system-RAM-resident vectors this operation
does nothing since they are allocated when the measure-
ment mode is switched to the current activeMeas.

All of the HP 894xxA XXMeasSeqGen objects inherit code gen-
eration for the user math step through the pixelation step.
(Note that, while the user math and measurement data com-
putations are in the same segment, they are implemented
separately and can be overwritten and customized sepa-
rately.) The measurement data code generation is inherited
by all XXMeasSeqgGens but the DigitalDemodMeasSeqGen class
completely redefines it 1o support its unique set of measure-
ment data result types. As might be expected, the raw mea-
surement segment is overwritten and implemented differ-
ently for each of the measurements. The time gate segment
is shared by the vector and analog demodulation measure-
ments while it is overwritten and disabled for the scalar and
digital demodulation measurements.

The end result of a compile is a set of kCode subroutines,
each of which is composed of a group of kCode frames. Each
frame represents an operation that can either perform block-
oriented math on a vector or execute a remote procedure
call. Those that perform vector math cause a DSP-resident
interpreter to invoke highly tuned DSP-resident math rou-
tines. A compile segment can produce one or more of these
subroutines. At run time the measSequencer invokes the
kCode interpreter to execute a kCode subroutine at specific
points in the measurement loop. In this way, customizations
to the measurement loop signal processing are carried out.

kCode Compiler

The kCode compiler provides the XXMeasSeqGen designer
access to all vector-oriented math operations as well as sev-
eral other services that proved critical to efficient firmware
development:

Flexible kCode generation for vector math operations
Complex/real vector type coercion (see below)

DSP vector memory management

Vector header information tracking

Vector units tracking.

Only a fixed set of DSP-resident math routines are provided.
Add, subtract, multiply, divide, conjugate, magnitude, phase,
real, imaginary, square root, FFT, IFFT, natural logarithm,
and exponential are provided, along with several routines
tuned for specific measurement signal processing needs.
For any given math operation the compiler generates one or
more kCode frames. The kCode generated depends not only
on the math operation but also on the operands. For exam-
ple, computing the phase of a real vector requires filling the
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destination vector with zeros while the phase of a complex
vector is computed with an arc tangent operation.

Often the XXMeasSegGen developer needs to take more control
over the math operation, performing it only on selected ele-
ments of a vector. The compiler facilitates this with several
levels of interface, each providing the user with a different
level of control. The interface for the add operation is:

void v_add(Vector *srcVi,
Vector *srcV2,
Vector *resV,
long *count)

void _v_add(Vector *srcVi,
Offset *srcOffsetd,
Vecto *srcVz,
Dffset *src0ffset2,
Vector *resV,
Dffset “resOffset,
lang “count)

void __v_add(Vector *srcV1,
long *srclineP,
Dffset *src10ffset,
Vector *srcV2,
long *src2incP,
Offset *src20ffset,
Vector *resV,

long *resincP,
Dffset *resOffset,
long *count)

V_add{) performs addition over the count elements of the vec-
tor. The user has no control other than count. _v_add() allows
the user to begin the operation at an offset (potentially dif-
ferent for each operand). _ v_add() allows the user to control
the increment as well as the offset.

The compiler must often “coerce” the operands between
real and complex numbers. The square root is a good exam-
ple. The square root of a complex vector requires conversion
to polar format, taking the square root of the magnitude,
division of the phase by 2, and finally conversion back to
rectangular coordinates. Since a real vector may contain
negative values it must be coerced to a complex vector
before undergoing a complex square root. The result, of
course, is complex.

The compiler is responsible for allocating DSP-resident
vectors. Since vector placement has a significant impact on
measurement loop performance, the compiler must attempt
to place as many vectors as possible in the high-speed DSP
RAM. More important is that the most heavily used vectors
are DSP-resident. The best job could be done by a two-pass
compiler, but this would degrade user response time too
much as well as add complexity to the design. A first come,
first served approach was adopted with the enhancement of
allowing the XXMeasSeqGen designer to foree little-used vec-
tors into the slower system RAM. The compiler groups the
allocated vectors by segment so that at the onset of a com-
pile, DSP memory belonging to all segments to be recompiled
can be reclaimed.

A vector's headers contain information that is dependent on
both the data and the math operations from which it is de-
rived. For example, channel-specific information of a des-
tination operand of a multiply is a combination of the channel

information of both source operands. Another good example
is the FFT, which requires that the data domain (which is
part of the header information) be changed. For many of the
trace vectors the XXMeasSegGen designer can predict the cor-
rect header contents since the designer has complete con-
trol over all signal processing operations. However, for user
math this is not true. The HP 894xxA kCode compiler takes
a much safer approach, transforming the headers of destina-
tion operands based on the source operands and the opera-
tion. As part of each requested math operation the kCaode
compiler modifies the header of the destination operand
according to a set of header tracking transformation rules.

The units of the vector data are critical to its interpretation,
including units conversion and scaling for display. Like other
vector header information, units are tracked by the compiler.

Measurement Loop Execution

The measSequencer state machine is shown in Fig. 7. The mea-
surement loop itself begins in the WaitForData state and ends
in LoopDone. Many of the states in this loop can be custom-
ized through kCode subroutines. The measSequencer remains
in WaitForData until a complete scan has been acquired in the
sample RAM. By the time Custom? is exited the raw measure-
ment data for this scan is available. The GetData, EnableDMA,
and Custom] states are designed to allow data for the first
channel to be processed while data for the second channel
is being transferred into timeDmaBuf (Fig. 2). Likewise, first-
channel data for the next scan can be transferred during
Custom2 and states that follow it. The measSequencer is not
allowed to operate on frace vectors until it locks the VECTOR_
RESOURCE semaphore in LockResources. The following two
states, Custom3 and PostProcessMeasRes, perform all signal pro-
cessing from measurement data on (see Fig. 1). Finally, in
the Display state the measSequencer gives VECTOR RESOURCE to
the scanDone process via a remote procedure call. As de-
scribed earlier, the scanDone process performs further pro-
cessing to ready the trace data for display. To complete the
synchronization with the measSequencer, scanDone will not
unlock VECTOR_RESOURCE until trace data has been displayed.

One of the main differences between the averaged and non-

averaged measSequencers is a direct transition from Custom2 to
LoopDene, allowing trace-related processing to be bypassed in
a fast average mode. Another is the transition from LoopDone

to Halted to end an averaged measurement.

The main loop supports both free-run and triggered opera-
tion. An alternate path has been provided [or single-sweep
operation. By going to AwaitingArm from LoopDone the meas-
Sequencer is idled until the user arms the sweep.

The PreDataClin1 state is provided to set up hardware before
starting data acquisition. Generally the hardware has been
set up properly by the activeMeas, but the scalar measure-
ment must modify the LO frequency throughout the sweep.
Before starting acquisition the StartDataCltn1 state waits for
the hardware to settle.

Assault Handling

One of the most challenging aspects of measurement design
is handling changes to the measurement setup in a graceful
manner. It is not sufficient to recompile and restart a new
measurement while destroying the existing measurement
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Remote Debugging
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The software development team for the HPB24xxA analyzers used a technigue 33+
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called remote debugging to aid in the development and debugging of the soft-
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ware. Remote debugging is the use of advanced debuggers running on a host ¢ Restime at cunent sddress
computer to debug software that is running in an embedded system (or other CAA-AA Ennhnue al aqdfes.s AA ﬁfﬁ
computer] rather than on the host computer. Fig. 1 shows the concept 2 LRGN THeciRR RN
sAALAA Step ong instruction from AA_AA
Using the GNU C compiler {gce) on a host workstation, an object code file is gen- ? Return the current execution status

erated, which is then read by the GNU debugger (gdb). Using a communication ling
to the target hardware under development, gdb provides the warkstation user
debugging capabilities and insight into the running system.

Each command is preceded by a header and has a checksum at the end to ensure
data integrity. Since the debugger has detailed knowledge of the code running in
the instrument, it can use the primitives above to acquire information for back-

The GNU debugger gdb provides capabilities such as stack backtraces, software traces, printing variables, and change of execution control. For example, instead of
breakpoints, printing C structures, disassembly, and other high-level features. It providing a command in the protocol for setting a breakpoint, the debugger simply
communicates with the target hardware by means of a simple ASCIl protocol reads the value in memary where the breakpoint is to be placed and replaces the
which is interpreted by a small kernel in the instrument itself value with a trap instruction. When the breakpoint is reached, the debugger uses

the write memory command to restore the original CPU instruction.

The use of this remate debugaing capability in gdb allowed us to develop our

Cominiiilsains firmware without the use of emulators. There are however, several classes of
Line problems for which emulator or Jogic analysis still prove invaluable, For example,

when a variable is being overwritten unexpectedly, hardware tools can be the
quickest way of hunting down the problem. We've found that the use of a source-
level debugger can significantly reduce the need for hardware salutions because

Waorkstation

the programmer is given a much better picture of the state of the system and how
Session it got there

In our environment we used RS-232 for the communication line. We wanted to be
able to use this line for debugger communication as well as general input/output

sg::[':’ uchu'::' 3::,,'3. =4 from printfl) statements in the software. This was solved by using 8-bit ASCIl on
the RS-232 port and having all debugger traffic assert the most-significant data
bit. RS-232 proved to be too slow for large data transfers such as the executable
image so the HP-|B (IEEE 488, IEC 625} was used for high-speed data transfers.
In summary, remote debugging gave us the following advantages:
Instrument = Source-level debug. The use of source-level debugging contributed to a significant

HP-1B productivity gain
Bum ROM l" I & Lower development cost. The source-level debugger reduced our need for capital-

Intensive hardware debugging aids
= Ability to debug during environmental testing. By simply plugging in an RS-232
oonnector, temperature-sensitive calibration problems could be quickly understood
« Ability to debug an instrument without removing covers or boards. Hardware
prototypes used by marketing or for documentation development could be inter-
changed with units used for software development with no changes

Driver

Glenn R. Engel
Development Engineer
Lake Stevens Instrument Division

Fig. 1, Satup for remote debugging of embedded system software

data. In most cases, a change must be reflected in the cur- likely modify measState and traceState settings used by the
rent measurement results. In the HP 894xxA this is particu- measSequencer. It may also recompute constant vectors such
larly true since the measurement loop includes trace-related  as those used in windowing and correcting the data. A com-
processing. These changes to the measSequencer are termed pile often accompanies this change with a redefinition of the
assaults, and the measSequencer and the activeMeas must both  kCode subroutines and reallocation of DSP vectors, The
waork closely together to handle them. measSequencer cannot be running when data eritical to its

proper operation is being changed. Therefore, one of the

An ass: 0 the mea egins as a change request oy
Bault-to sSequeniosr beg goroequonL i first steps of change handling is to suspend the measSequencer.

the activeMeas. As part of its handling the activeMeas will
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This is done by the activeMeas'’s MeasChangeHandler state ma-
chine (see Fig. 5). The measSequencer will hold off this assaull
until it has a consistent set of data in the raw and trace vec-
tors. This means that it will not check for assaults from the
time it leaves WaitForData until it enters LoopDone. The meas-
Sequencer begins to handle the assault by entering the sus-
pended state and saving any raw DSP measurement vectors
to their system RAM counterparts. It then signals the active-
Meas that it is suspended. It will remain in this state until the
activeMeas releases it after completely handling all changes
to the measurement definition. If the change requires that
existing data be interpreted under the new measurement
setup the activeMeas will request the measSequencer to recom-
pute the data. The recomputation uses the same kCode sub-
routines as the Custom3 and PostProcessMeasRes states. The
extent of the recomputation is determined by the level of the
recompile. Like the compile, as little recomputation as nec-
essary is done. The measSequencer then signals the activeMeas
that the recomputation has been completed. At this point,
the activeMeas forces the new data to be redisplayed and then
tells the measSequencer to resume processing. The meas-
Sequencer then returns to the state from which it was sus-
pended and resumes operation. Finally, the measSequencer
may, if directed by the activeMeas, be forced to restart acqui-
sition (if hardware was changed, for example) or restart the
entire measurement (for averaged measurement only).

Conclusions

Measurement design is a complicated process during which
many decisions trading off performance lor ease of develop-
ment must be made. Many of the complications faced by the
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designer are compounded by the evolutionary nature of a
measurement’s feature definition. With careful design, a
measurement architecture can be put in place that provides
a foundation upon which multiple measurements can be
implemented. Using a conunmon measSequencer, the kCode
compiler allows designers to customize the measurement
loop quickly and easily with minimum attention to commaon
features and protocol. Likewise, by using the object-oriented
features of the C++ compiler, designers can develop classes
that support the measurement loop by concentrating only on
incremental changes to a foundational feature set. Although
performance does suffer slightly, this approach yields rich
dividends in development time by allowing multiple mea-
surement designers to inherit a complete set of foundational
features.
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Baseband Vector Signal Analyzer

Hardware Design

The HP 89410A combines superior front-end linearity and high-speed data
conversion with powerful digital signal processing to provide advanced
measurement capabilities. Extensive calibration, flexible triggering, and
arbitrary source types provide the accuracy and versatility needed to make
the sophisticated measurements required for complex signal analysis at

RF information bandwidths.

by Manfred Bartz, Keith A. Bayern, Joseph R. Diederichs, and David F. Kelley

The HP 88410A vector signal analyzer provides an array of
new capabilities to meet the emerging measurement require-
ments of complex signals that require simultaneous analysis
in the time, frequency, and modulation domains. It makes
measurements with resolution bandwidths as low as one
millihertz and frequency spans as wide as 10 MHz to accom-
modate the wide information bandwidths of complex and
frequency-agile communications signals. Its user interface is
familiar to users of traditional swept spectrum analyzers,
making it easy to use. With an optional second channel, a
versatile source with arbitrary source types, flexible trigger-
ing, a built-in disk drive, and a variety of software and hard-
ware options, the HP 89410A provides the upgrade paths
necessary to accommodate the most sophisticated user
needs.

The HP 89410A measurement engine is based upon powerful
digital signal processing technologies that provide its speed
and flexibility. The key elements of the hardware that support
the HP 89410A's high performance include:

An exceptionally linear front end with high input impedance
capability, input protection, autoranging, and anti-alias
protection.

A high-speed, 25.6-MSa/s (million samples per second),
wide-dynamic-range analog-to-digital converter (ADC) that
employs a proprietary implementation of large-scale dither-
ing to provide superior linearity

A custom 25.6-MSa/s digital local oscillator and decimating
filter chipset that provide up to 23 bits of effective resolution
Powertul floating-point signal processing using the Motorola
DSPY6002, which delivers up to 48-MFLOP (million floating-
point operations per second) peak performance

Dedicated display processing using the Texas Instruments
TMS34020 graphics system processor, providing up to 60
display updates per second to a color display

A versatile signal source that provides sine, chirp, random
noise, and arbitrary signal types

Full calibration to provide superior accuracy and signal
fidelity

Flexible triggering with both pretrigger and post-trigger
delay and arm delay

A backplane with slots to accommodate hardware upgrade
options.

The block diagram, Fig. 1, depicts the data flow path of the
HP 89410A baseband vector signal analyzer. (Note that the
HP 89410A and the HP 89440A IF section are identical. All
further discussion will refer to the HP 89410A but applies
equally to the HP 89440A IF section.) The signal input at the
analog front end is amplified and alias protected. Following
the analog signal conditioning, the signal undergoes analog-
to-digital conversion. The digital data, which is sampled at
25.6 MSa/s, is routed to a digital switch assembly and on to a
proprietary digital LO and digital decimating filter chipset.
The digital LO and decimating filters perform frequency se-
lective band translation. The translated data is then stored
in a sample RAM with a capacity of 32K samples per chan-
nel, which ean be optionally increased to 512K. From the
sample RAM, the captured data is bused to the DSP96002
processor and subjected to corrections, windows, FFT algo-
rithms, and other math operations. The DSP also formats
the data for viewing and writes the data to the display sys-
tem. In the final step of the data path, the display processor,
the TMS34020 GSP, constructs a trace from the formatted
data and presents it to the user on an internal 7.5-inch eolor
CRT. By using the high-speed components in the data path,
the HP 89410A’s signal processing hardware can process
approximately 300 512-point complex spectra per second
with display update rates reaching 60 per second.

The data flow path for the source follows a similar sequence
leading from the digital processing to the output of the ana-
log source. In contrast to the receiver path, the digital LO
and filters operate in the reverse mode in the source path,
performing the necessary operations of data interpolation
and frequency translation. The interpolated data is con-
verted by the source digital-to-analog converter (DAC) at
25.6 MSa/s. A reconstruction filter and further conditioning
circuitry prepare the analog signal to be output on the HP
89410A’s front panel. The digital switch assembly between
the front-end ADC and the digital local oscillator (LO) and
decimating filters allows the digital source to be connected
to the receiver data path for diagnostic purposes. Full ana-
log calibration is accomplished by placing the internal cali-
bration source path between the analog source and the two
input channels.
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Fig. 1. Block diagram of the HP 89410A vector signal analyzer.
Analog Input and inadvertent abuse. One input channel is standard, and a
The analog input provides the interface between the signal second is optional.

to be measured and the instrument’s analog-to-digital con-
verter. Impedance matching, ranging, and anti-alias filtering
must be accomplished without compromising signal fidelity.
The input must be robust in the face of real-world signals

The input is single-ended with the low side at chassis ground
potential. 50-ohm, 75-0ohm, and I-megohm terminations are
provided. The specified return loss is 25 dB for the 50-ohm
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termination and 20 dB for the 75-ohm. The 1-megohm input
is specified at 2% accuracy and less than 80 pF of shunt
capacitance.

Input ranges are provided in 2-dB steps. For the 50-ohm
termination, input ranges extend from -30 dBm (10.0 mV
peak) to +24 dBm (5.01V peak). The 75-0ohm ranges extend
over the same set of voltages as the 50-ohm ranges, but are
numerically smaller by 1.761 dB. The l-megohm ranges also
start at —30 dBm (10.0 mV peak), but extend to +28 dBm

(7.04V peak), dBm here implying a 50-ohm system reference.

A selectable anti-alias filter is provided. Alias protection is
specified at 80 dB and is typically better than 95 dB.

Input Cable and RFI Suppression

The input BNC connector shell is de isolated at the front
panel (see Fig. 2). This is done to reduce spurious inputs
caused by the instrument’s switching power supply, display,
and power line circuitry, preventing induced currents from
flowing across the input cable shield. De isolating the con-
nector shell necessitates ac bypassing it to chassis ground
at the front panel to reduce radio frequency interference
(RFI) emissions, which otherwise use the cable shield and
connector shell as an exit path.

Ac bypassing is done with a small printed circuit board be-
hind the front panel. Isolated areas around the connectors
make contact with the connector shells via the connector

mounting hardware. These isolated areas are then bridged
by surface mount capacitors to the ground areas of the
board in contact with the front subpanel.

In the prototype, these isolated areas were bypassed to
ground by a group of three surface mount capacitors, all on
one side of the connectors. This design inadequately sup-
pressed RFI in the 900-MHz range. These RFI emissions
originated from the fast data buses in the instrument, which
are strong sources of high-frequency energy. Network ana-
Ivzer s;; measurements showed that this structure was in-
deed resonant at around 900 MHz and therefore was failing
to suppress RF1 there. The production revision connector
bypass board has four surface mount capacitors placed
evenly around and as close as possible to each connector.
0.047-uF capacitors are used, although the particular value
doesn't seem to be very important. All emissions up to the
test limit frequency of 1 GHz are effectively eliminated from
the input connectors. Network analyzer measurements on
the new design show that the resonance has been pushed
out to beyond 2 GHz,

Each input cable is passed through five high-permeability
ferrite toroids ai the front-panel end. These serve multiple
purposes, including forming a low-pass structure with the
connector capacitors to minimize RFI, reducing spurious
inputs, and minimizing the effects of measurement ground
loops.

Calibration Input
(From Analog Source)

(o]

?qx’é

L

DC-to-10  Ferrite
MHz Input _mn_ 3160

l,mé o 5

|
Input
gml 1502 1ormination
&

T

e (nput Trip

Fig. 2. Block diagram of the analog input front end,
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Input Termination

The input is fundamentally a 1-megohm structure. 75-ohm
and 50-ohm terminations are created by shunting the
I-megohm input with 75 ohms or 75 ohms in parallel with
150 ohms to make 50 ohms. However, by itself, this design
produces unacceptable return loss, especially for 75 ohms,
because of the 75-pF typical shunt capacitance across the
I-megohm input. At 10 MHz, 75 ohms in parallel with 75 pF
gives only about a 15-dB return loss.

This return loss problem is solved with a small inductance in
series with the termination resistor, which serves to tune
out some of the effect of the shunt capacitance within the
instrument’s 10-MHz frequency range. 0.22 ul is used in
series with the 75-ohim shunt termination. At 10 Mz, input
return loss is improved to typically 23 dB for 75 ohms and
better than 30 dB for 50 ohms.

Nothing is free of course, and one disadvantage of this tuning
technique is worse return loss performance beyond 20 MHz,
well beyond the instrument’s frequency range. The other
disadvantage, if this technique is pushed too far, is exagger-
ated frequency response differences among the 50-ohm,
75-ohm, and I-megohm terminations. Since calibration does
not account for the different terminations independently,
these differences must be well-contained. With 75 pF of
input shunt capacitance, 23 dB of 75-ohm return loss is
achieved with only minimal (on the order of 0.01 dB)
differences between termination frequency responses.

Input Trip

Active input trip circuitry detects excessive voltage on the
50-ohm and 75-ohm input terminations. Diode-capacitor
peak detectors capture peak positive and negative voltages.
Comparators then react, causing the logic on the input
board to open the termination and protection relays and to
alert the instrument CPU that the input is tripped. The trip
point is nominally 7.2V, or about +27 dBm, constrained by
the dissipation capability of the terminations.

It is important that the detection diodes be reverse-biased
for all normal input signal levels. The diodes only become
forward-biased at signal levels approaching overload, pre-
venting nonlinear conduction currents from being drawn
from the input and causing distortion.

Calibration

The calibration signal is introduced into the input after the
protection relay. This is less than optimum in the sense that,
ideally, the calibration signal would replace the input signal
for as much of the input circuitry as possible. With this
approach, the input terminations are not included in the
calibrated input circuitry.

The principal advantage of this approach is that the input
terminations maintain their state relative to the input con-
nector during calibration. This minimizes disruptions to the
system connected to the instrument input. Also, the protee-
tion circuitry associated with the input terminations remains
in effect during calibration. In the contrasting design in
which the input terminations are included in the calibration,
a temporary termination must be switched across the input
to maintain the load on the system being measured. This is
virtually impossible to do without a transient disruption of
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the load, to which some systems are sensitive. Also, protec-
tion of the temporary termination is a problem that may
require duplicating the trip circuitry.

Since the input terminations are not calibrated, the calibra-
tion termination must mimic the input accurately. Fortu-
nately, this can be done very well up to 10 MHz. The resisior
and return loss tuning inductor structure of the input termina-
tion is copied exactly, with a small empirically determined
lumped capacitance added to model the capacitance of the
input up to the calibration signal entry point. A transmission
line detuning series resistor immediately following the cali-
bration termination is also empirically determined, and
maodels the series resistor following the input termination.
These resistors are the subject of the following section.

Wide Bandwidth in a High-Impedance System

One of the best ways to achieve good linearity and distortion
performance over a given bandwidth is to design so that the
bandwidth of interest is a relatively small part of the overall
bandwidth of the system. Distortion often increases dramati-
cally at frequencies near the bandwidth limit of a circuit.
Thus, a low-distortion design may reasonably employ circuits
with ten times the intended application bandwidth.

Such is the case with the HP 89410A input. Designed to be
used to 10 MHz, some of its constituent blocks have band-
widths on the order of 100 MHz or more. However, with
some signal runs on the input board on the order of six
inches in length, transmission line effects cannot be ignored.

The normal solution is to use a doubly terminated transmis-
sion line design. This design calls for carefully controlled
fransmission line impedances matched on both the source
and receiving ends. However, two factors preclude the use
of doubly terminated transmissions lines in this application.
One is the 6-dB signal loss at the source-to-line divider, and
the other is the inability to source the required current to
drive matched 50-ohm or even 100-ohm transmission lines
and maintain distortion performance.

Instead, a hybrid structure is used. Long signal runs have a
small series back-match resistor at the driving end. Some
runs also have capacitively coupled termination resistors at
the receiving end. These circuit elements conirol the peak-
ing in frequency response that would otherwise occur, but
do not cause a large signal loss or draw large currents that
would adversely affect distortion performance.

Attenuators and Input FET

The first elements in the ranging architecture of the input
are a pair of 20-dB attenuators. These are designed for a
l-megohm system (presenting 1 megohm to the preceding
circuitry when loaded with 1 megohm).

The attenuators transition from resistive dividers to capaci-
tive dividers in the tens-of-kilohertz region. Each attenuator
requires a tunable-capacitor flatness adjustment. The first
attenuator also has an input capacitance adjustment to
balance the input capacitance for the attenuated and
nonattenuated settings.

Ac coupling is provided by a 0.1-uF capacitor, giving a low-

frequency roll-off at nominally 1.6 Hz. The ac coupled and
de coupled paths are carefully balanced for capacitance to
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ground. Without this careful balance, a frequency response
difference would exist between the two paths at high
frequencies, unaccounted for by calibration.

The input FET is the only discrete amplifier stage in the
input. A source follower with current-source bias is con-
structed from a matched pair of JFETS in a single package.
Ipss (drain current at zero gate-to-source voltage) matching
between the two devices to £5% requires an adjustment to
the current source to obtain 0Vde across the stage. Signal
gain is nominally about -1 dB for the stage.

The FET device used, a special high-transconductance,
high-Ipss type, is capable of maintaining distortion perfor-
mance well in excess of 90 dB at 10 MHz with the —12 dBm
signal levels found at this point in the cireuit.

The source follower configuration is susceptible to oscilla-
tions if driven from a reactive source impedance. Gate-
stopper resistors (small-value resistors placed right at the
FET gate) ensure that the stage is stable for any source im-
pedance presented at the input. 196 ohms was chosen be-
cause models showed it absolutely guaranteed stability
while negligibly affecting the overall noise figure for the
input, which is dominated by the preamplifier.

Preamplifier

Wide-bandwidth current-feedback operational amplifiers are
used for all of the remaining signal amplification tasks in the
input circuit (see Fig. 3). These very high-speed, high-fidelity
devices allow amplification stages to be built with very wide
bandwidth, relatively independent of the stage gain, because
of their current-feedback topology.

This gain-bandwidth independence is exploited in the vari-
able-gain preamp stage, which can be set to gains of 13.4 dB
or 3.4 dB, thus giving the functionality of a 10-dB pad in the
cireuit for ranging. For the small input ranges, it is important
to achieve as much signal gain in this stage as possible to
have the best noise performance. The 13.4-dB gain setting is
used, providing about a 17-dB noise figure for the stage. This
dominates the sensitivity performance of the input. Large
gain leads to a quiet preamp stage because the dominant
noise mechanism for these amplifiers is inverting input cur-
rent noise, which generates an output noise for the stage that
is independent of gain setting. Referred back to the input, this

Switchable Gain Amplifiers
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Fig. 3. Analog input gain and output stages.

fixed output noise becomes a smaller equivalent input noise
with larger gain.

Signal Return Ground

A special signal return ground is used for the input cable
through the preamp stages. This ground is connected back
to the main chassis ground at only one point: the point where
the input cable shield comes onboard. This is required for
reasons similar to those prompting the input connectors to
be de isolated at the front panel, that is, currents generated
by other mechanisms in the instrument flow across the
board ground planes in this area, generating small but signif-
icant spurious voltage drops that cannot be allowed to add
to the input signal. Bringing all connections to the signal
return ground back to a single chassis ground connection
poini prevents other eurrents from flowing across the signal
return ground, generating spurious voltages.

After the preamp, the input signal is large enough not to be
adversely effected by spurious ground currents, and the
board ground planes are used for signal return. The inclu-
sion of this separate signal return ground results in approxi-
mately a 10-dB reduction in the level of switching power
supply related spurious signals, adding enough specification
margin to guarantee producibility.

DC Offset

A 12-bit digital-to-analog converter sums de into the de off-
set stage, which is a high-speed curreni-feedback opera-
tional amplifier. This is done under control of the instrument
CPLU and autozero software routines, and compensates for
de offset all the way to the analog-to-digital converter. Care
is taken not to introduce noise from the digital side and to
maintain frequency response flatness in the summing stage.

Switchable Gain Amplifiers

The remainder of the ranging is accomplished in four ampli-
fication stages together called the switchable gain amplifi-
ers. These stages have gains of 8 dB, 6 dB, 4 dB, and 2 dB,
and can each be switched into the circuit or bypassed for a
0-dB gain for the stage. Again, high-speed current-feedback
operational amplifiers are employved.

To maintain distortion performance, these stages are only
used one at a time. Using one or both 20-dB attenuators, the
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10-dB variable-gain preamp, and one or none of the 8-dB,
6-dB, 4-dB, and 2-dB stages, ranging in 2-dB steps is
achieved from —30 dBm to +28 dBm.

Trigger Output

At the output of the switchable gain amplifiers, ranging is
complete. At this point, an input signal at full scale on any
range is at a fixed size of about -5 dBm with as much of the
input signal’s bandwidth preserved as possible.

From this point, the input signal takes two paths. One path
leads to the trigger board and the other to the analog-to-
digital converter. The trigger circuitry demands a relatively
large signal since high-speed comparators with fixed thresh-
olds are used. Fortunately, signal fidelity demands are
relaxed here.

The trigger signal first passes through another variable-gain
stage very similar to the preamp. The gain is set according
to the dither mode used by the analog-to-digital converter.
For the halt-scale dither mode used by the standalone HP
89410A, the higher 12-dB gain setting of the trigger variable-
gain amplifier stage is used, raising the trigger signal level to
+7 dBm. For the quarter-scale dither mode used by the HP
89440A RF vector signal analyzer, the lower 6B gain setting
is used.

The final trigger output buffer serves to further isolate the
input circuitry from the harsh environment of the trigger
board and sums in the output of an 8-bit digital-to-analog
converter for de offset adjustment on the trigger signal.
Depending on the range, on the order of 50 MHz of 53-dB
bandwidth is preserved from the input connector to the
trigger output.

The trigger board provides adjustable-level triggering, over-
range detection, and half-range detection. The half-range
detection circuitry in particular must be isolated from the
input circuits, since for signals above approximately 6 dB
below the range, the half-range comparators generate
square waves at the input signal frequency, providing a
strong source of odd harmonic energy, which could cause
distortion if allowed to couple back into the input.

Filter Drivers and Anti-Alias Filter

High-speed current-feedback operational amplifiers in an
inverting parallel configuration drive the anti-alias filter. The
parallel amplifiers’ outputs are summed into the filter input
through 100-ohm resistors, presenting a 50-ohm source
impedance to the filter.

The anti-alias filter is a nine-pole, eight-zero elliptical design.

The filter corner is at approximately 10.2 MHz. The stop-
band edge is at approximately 15.4 MHz. (Note that 15.6 MHz
is the lowest frequency that can alias back into the 10-MHz
band given the 25.6-MHz sample rate of the analog-to-digital
conversion. ) The overall input frequency response, includ-
ing the effects of the filter passband, is flat within less than 1
dB, which is easily corrected by calibration. Stop-band at-
tenuation is typically better than 95 dB for all frequencies
beyond the stop-band edge.

The filter is driven from 50 ohms and is terminated in 250
ohms. To maintain signal fidelity, special high-linearity
inductors are employed.
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A filter bypass path can be selected if anti-alias filtering is not
desired. This path is switched at both ends by high-isolation
relays to prevent signal leakage in this path from decreasing
the stop-band attenuation of the filtered path.

Output Amplifier

Like the filter driver, the output amplifier is a parallel config-
uration of a pair of high-speed current-feedback operational
amplifiers. These together provide a 50-ohm output imped-
ance driving the 50-ohm SMB cable path to the analog-to-
digital converter. This path is terminated in 500 ochms on the
analog-to-digital converter end. The 50-ohm back-match on
the drive end absorbs the reflection from the near open-
circuit termination and prevents standing waves. This ter-
mination system provides minimum de loading, improving
linearity and distortion performance.

Large-Scale-Dithered ADC

The ADC is one of the key enabling technologies for the
development of a wide-information-bandwidth, wide-dynamn-
ic-range vector signal analyzer. As the critical block that
bridges the analog and digital worlds, the ADC dominates
several important instrument specifications such as the wid-
est information bandwidth and the achievable noise and
distortion dynamic range. Recent trends in commercial
ADCs make it possible to use digital signal processing tech-
niques at RF information bandwidths. However, the linearity
limitations of commercial converters make them unsuitable
for the precision measurements that many traditional ana-
lyzer customers require. Therefore, the ADCs for analyzer
applications have customarily been developed in-house us-
ing proprietary techniques such as dithering to achieve su-
perior linearity and signal-to-noise ratio (SNR) at higher
sample rates,

To avoid the long development times associated with the
design of a fully custom ADC, the HP 89410A converter de-
sign effort leveraged recent trends in commercially available
high-speed ADCs through an informal parallel development
effort with an external ADC vendor. This fast-track approach
used the highest-speed commercially available 12-bit ADC
under development as an embedded component in an HP
large-scale-dithered circuit design being developed in paral-
lel. The resulting converter has unprecedented linearity per-
formance for high-speed converters, provides sample rates
to 25.6 MSa/s, and achieves the necessary dynamic range for
wideband vector signal analyzer instrumentation applications.

HP has considerable experience in the development of
custom ADC architectures that use small-scale dithering.
The benefits of small-scale dithering for achieving improved
spurious performance are well-known. Small-scale dithering
provides a means for reducing high-order spurious mecha-
nisms. Dithering in conjunction with subsequent digital
filtering makes it practical to extract signals far below the
least-significant bit (LSDB) step size of the converter.

Large-scale dithering not only reduces high-order distortion
products but also seeks to achieve a significant improvement
in the low-order distortion performance as well. This comes
at the cost of some signal overhead associated with the level
of dither signal applied. The HP 88410A ADC is the first
known practical application by HP of large-scale dithering as
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an external enhancement to an embedded ADC component.
The goal was superior low-order linearity at high conversion
rates.

The converter has two modes of operation: quarter-scale
and half-scale dither levels relative to the converter’s full-
scale level. The two modes are optimized for the HP 89440A
and HP 89410A, respectively. Fig. 4 depicts the resulting
low-order and high-order distortion performance for the HP
80410A ADC at half-scale dithered operation. At nominal full
scale, the HP 89410A ADC provides typically 80-dBe second-
order and 85-dBc third-order distortion dynamic range with
5 dB of overhead. The high-order distortion associated with
the hard floor, which is fixed for undithered converters, is
significantly lowered, allowing “soft distortion” behavior at
input signal levels other than nominal full scale (see “ADC
Bits, Distortion, and Dynamic Range” on page 38 for a dis-
cussion of the hard floor and hard and soft distortion). Be-
cause of the soft distortion characteristic of the dithered
converter, the performance measured in dBe remains nearly
constant over 10 dB of input level range. This flexibility in
the nominal operating point allowed better optimization of
the overall instrument distortion performance. The unused
overhead in the HP 89410A is available to users for higher-
SNR measurements.

In contrast to small-scale dither, the application of large-
scale dither poses some significant design challenges. The
high-speed circuitry associated with dithering must exhibit
extremely fast settling times. The large signal swings associ-
ated with the large-scale dither levels must be settled well
within the 39.06-ns conversion time to avoid compromising
the overall converter signal-to-noise ratio. To provide set-
tling errors approximately 70 dB down requires the analog
circuitry to have a settling time constant of 5 ns. Moreover,
the close proximity of high-speed switching components to
various precision linear devices and wideband amplifiers
necessitated a careful RF layout. Particular attention was
paid to grounding and placement to minimize high-speed
reflections and achieve the required RF isolation.

ADC Block Diagram

Fig. 5 shows the block diagram of the large-scale dithered
ADC. The dither signal consists of random noise, which
must be uncorrelated with the input signal. A random 12-bit

operation

sequence is generated by a pseudorandom number genera-
tor with a period of 2%-1 samples. At a sample rate of 25.6

MSa/s this yields a period of about six hours, ensuring that

the periodicity of the dither is well below any measurement
frequency of interest. Adjacent dither samples are designed
to be highly uncorrelated to ensure that the power spectral
density of the random noise is flat with frequency.

The sampled random noise sequence follows two signal paths
in the block diagram. On the analog input side of the block
diagram the sequence is converted to an analog random noise
representation by the high-speed dither DAC, which runs at
the sample rate of the converter. The analog representation
of the dither signal is then combined with the analog inpuf
signal at a wideband summing junction implemented with
very wideband, low-distortion operational amplifiers. The
combined signal consisting of the input signal plus added
random noise dither is applied to the track-and-hold input of
the analog-to-digital conversion block.

13-Bit
Summing Digital
Analog Junction Subtractor
Input ~ To Digital
P m—c—
1
|
Analog Digital
Dither Dither
Path Path |
MSB ’()
Pseudo-
| Dither random
DAC Number
Generator Carrelator
Loop

36-Bit
Accumulator

DAC Gain Control

Low-Pass
Filter

&

Fig. 5. Block diagram of the large-scale-dithered analog-to-digital
converter.

37

December 1093 Hewlett-Packard Journal

© Copr. 1949-1998 Hewlett-Packard Co.




ADC Bits, Distortion, and Dynamic Range

The number of output bits is often regarded as an accurate indication of the
dynamic range of an analog-to-digital converter. In fact, this measure can be quite
misleading, As ADCs trend toward more bits at higher speeds, static measures of
converter performance such as integral and differential nonlinearity and the num-
ber of bits are giving way to dynamic measures such as signal-to-noise ratio and
distortion dynamic range. Such dynamic measures often are far more useful in
evaluating converter performance, particularly in applications where converters in
conjunction with digital signal processing are replacing traditionally analog imple
mentations. To help users better interpret the dynamic performance requirements
for their applications the specifications of the HP 834104 and HP 834404 are
written in terms of dynamic measures such as signal-to-noise ratio and distortion
dynamtic range instead of bits

(ften the 6-dB-per-bit rule is invoked in estimating the dynamic range potential of
an ADC. For many converter architectures this may be an oversimplification. An
obvious example is a sigma-telta converter, which may only use a single hit and
by oversampling techniques achieve up to 18 effective hits of signal-to-noise
dynamic range. Moreover, converters with large numbers of bits at the output may
in fact suffer from inherent noise limitations that limit their performance to fewer
effective bits

A related misconception is to presume that a converter's ability to extract signals
is imited by its resolution or LSB step size. For ADCs with dithered architectures
followed by digital filtering the resolution 15 typically not limited to the converter
step size. The dithering, which randomizes the quantization of the converter, works
in canjunction with the inherent time averaging of digital filters to allow the ex-
traction of signals far below the step size of the converter. For smaller effective
resolution bandwidths of the digital filters, the resultant greater processing gains
pravide higher resolution limited only by the accuracy of the digital filters.

This concept is analogous to the reduction in noise power that occurs for narrower
resolution bandwidths of analog IF filters. The digital filters in the HP 894104 and HP
89440A provide up to 23 bits of resolution corresponding to the narrowest resolution
bandwidth of 1 mHz. This means the dithered ADC and digital filters can resolve
signals to —140 dBe (dB relative to the fundamental amplitudel, On the lowest
input range setting of —30 dBm this corresponds to —170 dBm of sensitivity.

Similar arguments can be made for evaluating the distortion dynamic range of a
converter merely on the basis of bits at the converter output. Often the actual
linearity may be far worse than the B-dB-per-bit rule would imply. By contrast, for
dithered architectures the linearity typically far exceeds the linearity suggested by
the number of bits (see "What is Dithering?” on page 44)

Hard Distortion Floor

Another distinction must be made between high-order and low-order distartion
mechanisms, whose characterizations an be a source of confusion in dithered
converters. Most undithered ADCs sufter from a hard floor limitation associated
with the high-order distortion products generated by the staircase transfer func-
tion. This hard floor has the characteristic that as the fundamental input signal
amplitude is lowered, the amplitudes of the distortion products remain relatively
fixed Most ADC distortion specifications are written in terms of dB spurious
because the distortion performance is dominated by higher-order spurious mecha-
nisms. These spurious products remain fixed in amplitude as the fundamental
amplitude 15 lowered, thereby reducing the dynamic range in dBc

This Is in contrast to analog components and dithered converters, whose distortion
18 usually dominated by low-order mechanisms. Dithered converters exhibit low-
order or “soft distartion” behavior because the reduction of high-order mechanisms
significantly lowers the hard floor, allowing the low-order distortion mechanismis
to dominate. As the signal amplitude is lowered, low-order distortion product
amplitudes also decrease relative to full scale. The amplitude at which the distor-
tion products no longer continue to drop and the dynamic range plateaus is called
the hard distortian floor. This floor is often measured in terms of dBfs relative to the
full-scale level of the converter and may often be referred to as the lingarity of the
converter. This is depicted in Fig. 1. Undithered, the HP 83410A hard floor would
be around —68 dBfs. Dithering reduces the actual hard floor to approximately 95 to
100 dBfs.

Low-order distortion products are usually measured in dBe (dB relative to the
fundamental signal amplitude) Because the distortion performance of the HP
894104 converter 1s dominated by low-order mechanisms the distortion 1s specified
in dBc at nominal full scale

Distortion order originally derives from the order of the term in the polynomial
expansion of the transfer function, It also dictates the amplitude and frequency
behavior of a particular distortion product. A dBe specification gives distortion
performance relative to the carrier for a given amplitude. The traditional rule for
determining the distortion amplitude behavior relative to the fundamental is 2 dB
of second-order distortion amplitude reduction per dB of fundamental amplitude
reduction, 3 dB per dB for third-order, and so on. First-order distortion changes by
1 dB per dB of reduction and therefore the dBc specification remains constant
with changing fundamental amplitude. Because the dBc specification is depen-
dent on the absolute level of the fundamental, many amplifiers and mixers are
specified in terms of intercept paint, which is the theoretical signal amplitude at
which the fundamental and the particular distortion term are equal

The order af a distortion product also dictates the frequency behavior of the distor-
tion product in relation to the fundamental. A 1-Hz shift in fundamental frequency
causes second-order distortion products to shift by 2 Hz, third-arder by 3 Hz, and
s0 on. Examples of third-order distortion include third-harmonic distortion or third-
order intermodulation.
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Fig. 1. Behavior of vanous orders of low-order distortion
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Fig. 2. Specified low-order distortion of the HP 834104 ADC

Although it is generally true that both the frequency and the amplitude orders of
kehavior are consistent for a given distortion product, this is not always the case
when a discontinuity is involved. An exampie 1s crossover distortion in a class B
amplifier output stage; the second harmonic may not exhibit second-order amplitude

behavior. Similar effects are seen in ADCs, which are fundamentally high-order

Fig. 1 illustrates the difierence between hard and soft distortion in terms of dBe
and shows the behavior of several orders of soft (low-order) distortion. The seft
distortion charactenstic for the HP 83410A AGC predominantly exhibits first-order
amplitude behavier and Is specified as shown in Fig. 2 for both second-harmaonic
and third-harmonic distortion and second-order and third-order intermodulation.

Manfred Bartz
Customer Support Engineering Manager
Lake Stevens Instrument Division

The digital path of the pseudorandom noise generator is
routed to a high-speed 13-bit digital subtractor immediately
following the analog-to-digital conversion. The subtractor
consisis of 4-bit pipelined adders with lookahead carry. It
subfracts corresponding values of dither on a per-sample
basis from the converted digital representation of the input
signal plus dither. The appropriate number of delays in the
digital path of the converter ensure that corresponding
values of dither are correctly subtracted, thereby removing
the dither and leaving only the digital representation of the
original input signal.

In practice, it is a design challenge to ensure that the sub-
traction step is performed exactly so that no residual unsub-
tracted pseudorandom noise degrades the overall ADC signal-
to-noise dynamic range. Several mechanisms can contribute
to the converter noise, such as inaccurate subtraction of the
dither, the settling time of the rapidly changing dither signal
in analog components, and feedthrough of the dither signal.
In addition, distortion errors in the dither DAC manifesi
themselves as dither subtraction errors which detraci from
the signal-to-noise ratio. Settling times associated with the
analog components such as the dither DAC, the ADC track-
and-hold cirenit, and the wideband amplifiers must be mini-
mized (o ensure that their noise contributions are below the
converter's own noise. Dither feedthrough is minimized by
designing for high isolation. Fig. 6 shows a Pareto chart of
the noise floor components in the large-scale-dithered ADC.
The individual noise mechanisms were reduced to below the
inherent noise of the vendor-supplied ADC component, re-
sulting in a signal-to-noise ratio of 127 dBc/Hz. For half-scale
dithered mode, the signal-to-noise ratio is 124 dBe/Hz, taking
the additional 3 dB of dither overhead into account.

ADC Correlator

Small-scale dithered converters can often perform the sub-
traction step with minimal noise penalty because the dither
signal levels are on the order of a few LSBs. Some small-
scale dithered converters ignore the subtraction step entirely
because any residual noise left by subtraction errors is negli-
gible. For large-scale dither, the precision of the subtraction
step becomes critical, because the large signal levels
employed often exceed the magnitude of the input signal.

Accurate subtraction is achieved by using a digital correlat-
or/accumulator as part of a low-frequency feedback loop to
generate a feedback error signal. The feedback error signal
is converted into an analog error signal by the automatic
gain conirol (AGC) DAC. The analog error signal adjusts the
amplitude of the dither signal at the output of the dither
DAC to ensure exact subtraction.

The operation of the correlator can be described mathe-
matically. At the output of the ADC, the digital representa-
tion of the kth sample of the input signal plus dither can be
described as:

Aouty = Dkfl +e)+ Sk‘

where Dy is the kth dither value, Sy is the kth input signal,
and e represents the dither gain error. Following the digital
subtraction of the dither, the digital output signal consists of
the digitized version of the input signal plus the residual
dither errors:

Douty = Dye + Sy.
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Fig. 6. Pareto chart of individual dither noise mechanisms.
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The correlator multiplies each output sample by the corre-
sponding dither sample, yielding:

Corry, = Dﬁe + DSk

These values are consecutively added to the contents of the
digital accumulator, yielding an accumulating average whose
expected value is given by:

Acce = E[Die + Dy

= E[Dje| + E[DS]

Because the dither signal is uncorrelated with the input
signal, the expected value of their product is zero and the
long-term average value of the accumulator is:

Ace = E[Dﬁey

Thus the expected value of the correlation samples is propor-
tional to the dither gain error. Summation of these samples
in the accumulator acts as a digital integrator. The feedback
dither error signal consists of the 8 most-significant bits
(MSB) in the accumulator, It is fed to an 8-bit AGC DAC
whose analog output modulates the amplitude of the dither
signal at the output of the high-speed dither DAC to drive
the dither subtraction errors to zero,

Dither Gain Control Loop Analysis

The dither gain control loop is a mixed analog and digital
control system. A simplified diagram is shown in Fig. 7a.
Lumping the correlator and accumulator gains into a single
feedback gain [} and ignoring the s-domain effects of the
zero-order hold associated with the AGC DAC and the loop
shaping filter results in the simplified z-domain loop shown
in Fig. Tb. The transfer function of the dither error derived
from the simplified output error signal in the z domain is
given by:

Eo(z) _  PAc— 1)
DI(?'} Z— {1 — Ag — ﬁ)

For the correlator loop the combined system gain of the
dither DAC and ADC, A, is approximately 1 and the feedback
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gain [} is < 1. For A, = 1, the dither error goes to zero. For A,
approaching 1, the dither errors are proportional to .

The bit size of the accumulator dominates the feedback gain
constant [}, which determines the time constant of the loop.
The effect of the dither gain loop on the input signal is to
produce a small amount of amplitude modulation. The mag-
nitude and frequency of the AM sidebands are made negligi-
bly small by choosing the accumulator size to be sufficiently
large (36 bits). This corresponds to an approximate [} value
of 2036-12) for a 12-bit sample size, or modulation sidebands
that are 144 dB down. In addition, one can estimate the loop
bandwidth from the loop equation:

it

=

For § = -144 dB = 10-1%20 the loop bandwidth is 0.5 Hz
yielding a time constant of 2 seconds. These estimates are
within an order of magnitude.

BW(3-dB) =

The long time constant associated with the dither error re-
duction loop would manifest itself in the system at power-up
as a noise floor in the frequency domain that slowly lowers
and settles out af the system noise floor as the dither gain
loop drives the dither subtraction errors to zero. Although
the decay is exponential, on a log amplitude scale in the
frequency domain the settling time appears as a linear phe-
nomenon in time. To overcome the slow settling at power-up
an accumulator initialization step is implemented. During
periodic calibrations the top 8 MSBs of the accumulator are
stored in the instrument nonvolatile RAM. On a subsequent
power-up, the stored value is preloaded into the MSB por-
tion of the accumulator, thereby providing immediate ADC
operation with optimal signal-to-noise ratio.

Hard Floor Mechanism

Although dithered converters substantially lower the hard
floor distortion plateau, they eventually encounter a mecha-
nism that limits the depth of the hard distortion floor. One
such mechanism is unwanted coupling of the dithered ADC
digital output to the analog input. This is explained heuristi-
cally by considering the MSB or sign bit of the digital output.
This digital signal is synchronous with the fundamental input

© Copr. 1949-1998 Hewlett-Packard Co.

R R R R R R




signal frequency because it toggles in phase with the sign of
the input signal. The MSB can be considered to be rich in
distortion harmonics related to the input fimdamental. These
harmonics remain constant relative to the input signal level,
and depending on the converter output-to-input isolation, can
couple back into the input. Therefore, the reduction in dis-
tortion seen in dithered ADCs as the input signal is lowered
is limited by this distortion feedback mechanism.

This mechanism was characterized with the converter oper-
ating in the HP 89410A with the help of the autocorrelation
measurement feature of the instrument. Because this mech-
anism is correlated with the input but occurs at different
time delays relative to the input, autocorrelation proved
helpful in uncovering specific areas in the hardware where
the mechanism was dominant. Correlation peaks of the in-
strument noise floor were observed at specific delay times
corresponding to multiples of the sample clock delay follow-
ing the ADC conversion. The most notable peaks were asso-
ciated with delays corresponding to the output bus between
the ADC output and the digital filters. To reduce the effect of
this mechanism on the distortion hard floor in the ADC the
digital outputs were changed from TTL to ECL, which has
lower voltage thresholds.

Digital Implementation and Diagnostic Modes

The majority of the digital functionality of the large-scale-
dithered ADC is implemented in two electronically program-
mable gate arrays. The gate array algorithms can be dynami-
cally reloaded during instrument operation. This facility is
used to provide the hallfscale and quarterscale dither modes
of operation for the HP 89410A and HP 89440A, respectively.
Flexibility in choosing different modes of operation allowed
the dithered ADC to be tailored to the individual overhead
and dynamic range requirements of each instrument, This
capability is also used to provide factory service technicians
a variety of ADC modes for diagnostic servicing of not only
the dithered ADC but the instrument signal processing hard-
ware as well. These include various test signal generators as
well as dithered and undithered modes of operation.

Digital Local Oscillator and Decimation Filters

After signals are sampled by the analog-to-digital converter
section, the digital signals are passed on to the digital local
oscillator and decimation filter (LO/DF) block. The con-
verted data stream is first routed through an intermediate
assembly between the two ADC channels and the LO/DF
block. This buffer/switch assembly provides a data multi-
plexer so that signal sources other than the analog front
ends—digital inputs, for example—can drive the LO/DF see-
tion. It also allows further digital signal conditioning such as
time gating to be performed on the data before it reaches
the filters. For diagnostic purposes the digital source output
can be routed through the buffer/switch assembly to drive
the LO/DF section. This mode allows both the digital source
and the LO/DF assembly to be thoroughly exercised during
diagnostic tests.

The buffer/switch assembly also performs ECL-to-TTL signal
level translation on the incoming ADC data, One of the design
challenges encountered while building the HP 89410A in-
volved the backplane signals and the method by which the
ADC drives its data through the backplane and onto the digi-
tal LO/DF assembly. It was found that TTL drivers on the

ADC assembly combined with the capacitance of the back-
plane made for a noisy. high-current switching combination
that fed noise back into the ADC signal-conversion circuitry.
To eliminate this source of spurs, the ADC drivers were
changed to quieter ECL buffers. The smaller noise margins of
ECL logic required careful shielding between the ADC data
bus and the surrounding TTL signals of the rest of the back-
plane to prevent crosstalk. The ECL buffer output and ECL
receiver input terminations are matched to the impedance-
controlled signal lines in the backplane to ensure optimum
transmission line characteristics.

After the buffer/switch assembly the converted ADC signals
from both input channels get passed on to the LO/DF assem-
bly. This block provides two channels of frequency selective
band analysis. Each channel provides one complex fre-
quency shifter and two sets, real and imaginary, of digital
decimation filters.

The digital LO is a proprietary Hewlett-Packard high-speed
IC that consists of a precision quadrature local oscillator,
two mixers, and two low-pass filters. It takes in real input
data and produces low-pass-filtered complex output data.
This operation is known as zoom mode. The local oscillator
consists of a precision 40-bit phase accumulator followed by
a sine/cosine generation circuit. The phase accumulator is
designed to give decimal frequencies for typical sample
rates with a minimum resolution of 25 uHz, although the HP
89410A requires a settable LO center frequency resolution of
only 1 mHz. The sine/cosine generation hardware stores the
first octant of sine and cosine in two 256-element ROMs.
The ROM data is used with linear interpolation to generate
two sinusoids offset by 90 degrees with worst-case spurs of
—110 dBe and typical spurs of -125 dBc.

After mixing the local oscillator's complex sinusoid with the
input data, the output is y = xe7"!, where x is the input data
and w = 2xf ). This complex mixing allows the real input
data to be frequency translated around dc for further hase-
band filtering and decimation. The input signal at frequency
fiy is translated to fo, = B, - fLo-

The first set of low-pass filters is implemented in the digital
LO. These filters can be bypassed for full-span (nondeci-
mated) data or used when smaller spans are required. When
the filters are used, the data is bandlimited to f/4 to prevent
aliasing and the output is oversampled by two.

To provide user-selectable bandwidths, the down-converted
complex baseband signal produced by the digital LO goes to
two identical proprietary Hewlett-Packard digital decimation
filter ICs, one for the real data and one for the imaginary
data. The recursive decimation filters can be thought of as a
cascaded chain of alternating digital low-pass filters and
decimate-by-two blocks (see Fig. 8). With an ADC sample
rate of 25.6 MHz, the available decimated output data rates
are 25.6 MHz, 12.8 MHz, 6.4 MHz, ..., 3.052 Hz. These sample
rates correspond to alias-free analysis spans of 10 MHz, 5
MHz, 2.5 MHz, ..., 1.192 Hz. By using a proprietary resampling
algorithm implemented in the main DSP, this limited set of
analysis spans can be expanded to provide any user-selected
arbitrary span between 10 MHz and 1.0 Hz.

The filter chips support three different modes of operation:
bypass, decimate, and interpolate. The digital source, de-
scribed in a following section, uses the filter chips in the
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Fig. 8. Zoom and decimation filtering.

interpolate mode or “mooz” mode. The digital LO/DF assem-
bly uses the filter chips in both the bypass and decimate
modes. In bypass mode, the data is simply passed through
the chip unchanged. This mode is used for full-span 10-MIlz
measurements and for the next smaller basic span, 5 MHz,
because the first filter step is in the LO chip. For the 5-MHz
span, the oversampled data passing through the decimation
filter chips is decimated by two externally in hardware for
the resultant output sample rate of 12.8 MHz. For spans
smaller than 5 MHz, the digital filter chips are configured for
the decimate mode. The data is processed through 23 passes
of decimate/filter steps, each pass corresponding to one
decimate/filter stage in Fig. 8. Each pass result is output from
the digital filters, but only the pass of interest is deposited
into the sample RAM. If desired, all of the basic spans of
interest (except full span) can be gathered by the instrument
at once, to be used in algorithms such as I/N-octave analysis.
The sequence of pass outputs is:

o 121312141213121512131214
1213121612¥812141213121 ...,

where pass | refers to the output of the first cascaded
decimate/filter section and pass 2 refers to the output of the
second cascaded decimate/filter section. The sequence is
structured so that for every pass k, there are two input points
coming from the previous pass (k — 1). For example, between
cach pair of pass 2 outputs there are two pass 1 outputs, and
between each pair of pass 3 outputs there are two pass 2 out-
puts. This sequence follows naturally from the architecture of
the cascaded decimate/filter sections. A decimate-by-2 filter
requires two input points for every output point. Therefore,
two points from the (k — 1)th pass must be output before the
kth pass can calculate one output point.

The low-pass filter is a compromise between optimum filter
shape and calculation speed constraints. Although it has
fairly good passband ripple characteristics, the filter's pass-
band response droops to nearly —0.5 dB at the upper end of
the analysis span. Similarly, while the filter stop band pro-
vides good rejection, the transition band of the filter, reflected
about the Nyquist frequency, falls into the upper frequencies
of the analysis span, limiting the worst-case alias protection
to —86.7 dB. The worst-case passband ripple is about 0.2 dB
and the worst-case stop-band rejection is better than 111 dB
(all passes). Correction routines in the main DSP account
for the passband roll-off anomaly and ensure very flat pass-
band characteristics for the entire span. The 1R filter imple-
mentation enhances calculation performance while sacrific-
ing time-domain performance as a result of the filter’s sharp
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cutoff and nonlinear phase characteristics. Algorithms im-
plemented in the main DSP provide the necessary overshoot
and phase corrections for time-domain measurements.

The IF trigger circuit on the digital LO/DF assembly uses the
complex digital data coming out of the decimation filters to
allow frequency selective triggering. As opposed to tradi-
tional broadband triggering mechanisms like the analog in-
put trigger, the IF trigger looks for energy present only in
the frequency band selected. The IF trigger circuit looks at
data coming out of the real and imaginary digital filters from
either channel 1 or channel 2. A RAM is used to provide a
complex-magnitude map that is compared to the incoming
complex, band-selected data. The map can be visualized as a
graph with the real part of the input data along the x axis
and the imaginary part along the y axis. The magnitude of
the complex input data is the square root of the sum of the
squares of the real and imaginary parts, which describes a
circle on the graph. For a given trigger value, the corre-
sponding magnitude circle is calculated and placed in the
map. The RAM is programmed to 0s for those complex pairs
falling inside the trigger circle and to 1s for those values
falling outside. When the incoming data’s x-y location in the
map moves from within the circle, where the RAM reads 0,
to without, where the RAM reads 1, the magnitude of the
data has crossed over the trigger point. When the IF trigger
circuit detects the change of map values from 0 to 1, it gen-
erales a trigger to the instrument. With two bits in the map,
two separate circles can be described, allowing additional
trigger functionality such as hysteresis. The hysteresis algo-
rithm requires that the input signal first fall below the pro-
grammed hysteresis level (smaller circle) before resetting
the eircuit to look for a new trigger (larger circle),

Sample RAM

The sample RAM assembly is an integral component of the
measurement and triggering functions of the HP 89410A. In
addition to its main function of capturing one or two chan-
nels of data from the digital LO/DF assembly, it provides the
hardware necessary for pretrigger and post-trigger delays
and block size accounting.

Two sample RAM options are available. The standard config-
uration provides storage for 32,768 64-bit samples (32-bit
real, 32-bit imaginary) for each input channel in two-channel
mode, and 65,536 64-bit samples in single-channel mode.
The optional configuration provides storage for 512K 64-bit
samples for each input channel in fwo-channel mode, and
1M 64-bit samples in single-channel mode. In single-channel
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mode, the larger configuration provides about 41 ms worih
of data at the full 25.6-MHz sample rate and about 191 hours
worth of data at the lowest allowable sample rate of 3.052 Hz

The main challenge in designing the sample RAMs was
delivering high-speed data capture ( > 400 Mbytes/s) at a
reasonable cost. The smaller sample RAM board is designed
with high-speed SRAMs. The larger sample RAM required a
different approach because of the size of the memory and the
relatively high cost of high-speed static RAMs. The solution
to this problem was found by using interleaved banks of
video RAMs. The two-port video RAM has a high-speed serial-
access register interfaced with a slower random-access
memory. The data from the digital LO/DF assembly is loaded
serially into the video RAM serial register (up to 512 samples)
and is transferred with one operation into the random-access
memory. The samples can then be accessed via the slower
system bus by the DSP or system microprocessor.

SK samples per channel is sufficient data to support the
display, which shows a maximum of 3200 lines of frequency
data. The larger sample RAMs are used for the time eapture
measurement mode, in which the instrument captures a
large amount of contiguous data for later processing.

Digital Signal Processor

The DSP assembly is designed around the Moiorola
DSP96002 IEEE floating-point digital signal processor. The
DSPI6002 provides two 32-bit memory ports and peak per-
formance of 48 MFLOPs. The two memory ports are ideal
for FFT calculations, the main function of the DSP. The DSP
can become the bus master for the system, allowing it to
access data from the sample RAM directly, perform the nec-
essary data processing operations, and then place the re-
sults directly into the display assembly. By removing the
CPU from the main data flow path, the instrument’s through-
put is significantly increased. On a typical fast average
measurement, the DSP can transfer and process 300
512-point complex spectra (including corrections, FFTs,
averaging and display formatting) per second.

Display

The display assembly is based on the Texas Instruments
TMS34020 graphics system processor (GSP) and a 1M-byte
bank of video RAMs. The GSP is a 32-bit high-speed general-
purpose processor that is optimized for graphic display sys-
tems. The display system is designed to allow data points to
be placed directly into display memory by the DSP. The GSP's
program then processes these data points and constructs a
trace and the surrounding annotation on the display inde-
pendently, without outside processor intervention. This ar-
rangement frees the DSP and the host CPU from the need to
control the display operations directly. The result is up to 60
trace updates per second. Waterfall and spectrogram dis-
plays are limited only by the instrument’s processing speed,

One of the challenges in designing the display assembly
came from the analog video circuitry. The video RAMDAC
and video buffers share a printed circuit board with the DSP
and display blocks. The large data buses coming onto the
board and the associated circuitry cause a lot of ground and
power noise, which tends to show up on the video output and
CRT. To reduce the effects of the digital noise, the analog

video subsection is placed on a split ground and power plane
“island” and the video signals are routed to the backplane
between sandwiched ground planes to provide shielding and
a controlled 75-ohm trace impedance.

CPU

The HP 59410A central processing unit assembly is based on
the Motorola MCGSEC030 32-bit microprocessor and the
MC68882 floating-point math coprocessor. The CPU handles
many of the user interaction functions and the high-level
control of the measurement system. The CPU assembly also
provides system bus arbitration and 4M bytes of main mem-
ory, and controls the flexible disk, the HP-IB (IEEE 488, IEC
625), the serial port, and the keyboard. The HP 89410A's
system code is contained in 3M bytes of in-circuit program-
mable flash EEPROM to allow easy firmware updates via
the flexible disk drive.

Backplane

Another challenging aspect of the HP 89410A design was
dealing with the large number of signals to be routed from
assembly to assembly within the digital card nest. The card
nest backplane motherboard connects eight digital logic
assemblies and connects the display assembly to the inter-
nal CRT, the front ends to the LO/DF assembly, and the
source to the digital source assembly. The backplane routes
approximately 400 signals through five 150-pin connectors,
three 200-pin connectors, and two 300-pin connectors. The
backplane had to be carefully designed to carry all of these
signals with minimal erosstalk and ground bounce and im-
pedance-controlled ECL, video, and clock lines. The back-
plane is constructed as a ten-layer board. The top layer isa
ground plane. The next layer provides the ECL, video, and
system clock traces and is sandwiched between the top
layer and another ground plane. The two ground planes,
along with the 0.005-inch-wide traces, produce a 50-ohm
characteristic impedance transmission line for the signals
on this layer. The analog video signals and two ADC ECL
data buses are further shielded from the TTL-level system
clock lines that reside on this layer. The fourth layer pro-
vides the +5V power plane while the last six layers are usecl
for the rest of the digital signals on the backplane, These
layers are purposely separated from the ground and power
planes to lower capacitance and thus increase the characier-
istic impedance of the signal lines. The higher impedance
prevents ground bounce on the digital assemblies when a
large number of outputs on the backplane are activated al
the same time. The large buses such as the system address
and data bus are placed on the component side of the back-
plane (bottom) to keep them as far away as possible from
the ground planes. In addition to the extruded front-end
analog card nest shielding, another shield is placed between
the front end and the electrically noisy backplane,

Digital and Analog Source

The HP 894 10A source is a DAC-driven, 50-ohm output
impedance analog source with capabilities similar to many
standalone sources. It provides a variety of output types
including single-frequency sine, Gaussian distributed ran-
dom noise, periodic chirp, and user-defined arbitrary wave-
forms. The source is used in calibrating the HP 89410A and
in diagnosing the rest of the instrument.
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What Is Dithering?

Dithering is a method for randomizing the quantization errars of an ADC by adding Small-Scale
stimulus that is uncorrelated with the desired signal at the analog input of the Large-Scale Dither Broad Dither
converter. Fig. 1 depicts a basic block diagram of an externally dithered converter
in which the dither signal is subtracted following the ADC conversion. There are
various types of dithering, which can be differentiated in various ways, one being
by the characteristics of the dither signal. Dither signals can be characterized on
the basis of signal type (such as noise), amplitude {small-scale or large-scale), or
frequency (narrowband or broadband), as shown in Fig. 2. Narrowband dither

signals outside the information bandwidth can be removed following the conver- \
sion by digital filtering. Dither signals are also often characterized on the basis of 11SB k

the prabability distribution of the dither amplitude {such as uniform or Gaussian | | - 4
for o noias), - Information Bandwidth e Wt
Dithering a converter can provide significant improvemants in the ability to extract Frequency
signals below the resolution of the converter and in linearizing a converter’s per-
formance. The improvements vary with the degree and type of dither. Combined Fi
with the time-averaging property of subsequent digital filtering, dithering effec-

tively removes or smooths the quantization noise inherent in the staircase transfer
function of an ADC.

Narrowband
Dither

Amplitude (LSB}

. 2. Types of dither in the frequency domain

This can be illustrated as follows. Consider an ideal ADC with a staircase transfer
function whose quantized ideal error transfer function is shown in Fig. 3a. The
expected error transfer function resulting from dithering with a random noise /2 -+
signal can be computed by evaluating the expected transfer function with the
weighted probability distribution of the dither. Fig. 3b depicts a uniformly distrib-
uted probability density function of random dither with exactly 1 LSB of dither
amplitude.

Output Error (LSB)

The general equation for computing the expected value G for a transfer function 112 1

with one random variable is given by:

| L | I
} } t T T T

G= J plzjelz)dz, Input

where efz) represents the transfer function and plz) represents the probability Probability Density
density function of the random variable z. The expected value computes the aver- Function

age of the transfer function weighted by the refative likelihood of z. For the case of
dithering, in which the random variable z is added to the input signal of amplitude
%, the resulting expected value of the transfer function appears as follows:

1/Aq

Glx} = J plzlelx + z)dz,

The function elx+z) corresponds to the transfer function in the variable x added to
the random variable z representing the dither.

This resembles a convolution, and hence we can illustrate the process graphically
as the integration of the dither probability density function as it is moved past the
ADC error transfer function as shown in Fig. 3c. For a dither amplitude of 1 LSB,

the integration result is zero, yielding an ADC transfer function that is completely

-Agf2 0 Ay2  Amplitude
(b)

Analog
Summing a4

o Junction Subtractor
alog Digital
Input .?—’w Output

Pseudo-
random
Noise
Generator

Output Error (LSB)
|
=~

Input

(c)

Fig. 3. (a} Error transfer function of an ideal ADC. {b} Probability density function of unifarmly
Fig. 1. Block diagram of an externally dithered analog-to-digital converter, distributed random dither with 1-LSB amplitude (c] Convolution of (a) with (b] yields zera
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Fig. 4. Third-harmonic distortion of the same ADC with large-scale dither and no dither

linear. The high-order distartion terms associated with the polynomial expansion
of the quantized transfer function are effectively removed by the dithering. This
result is true for dither amplitudes that are integral multiples of the ADC LSB.

Low-order distortion performance improvements can also be obtained by the
application of large-scale dither. In practice the large-scale dither effectively

smogths the inflections caused by the integral nonlinearity of the ADC transfer
function. Although dithering a transfer charactenstic with a single second-order
or third-order distortion term does not improve that term, it does improve the
low-order distortion of transfer functions whose polynomial expansions also
contain higher-order terms, which is the case for real ADC transfer fun

g from the higher-o

convolution genergtes lower

combine with the original order terms of the transier function to m
smaller. This results in an overall improvement in low-order distortion. The degree
of improvement is directly related to the magnitude of the dither signal employed.
Larger-scale dither yields greater reduction of low-order distortion for a given

signal amplitude

Fig. 4 demonstrates this phenomenon with 2 measurement that compares the third-
harmonic distortion performance of the HP B3410A converter for half-scale dither
and undithered modes of operation. The third-harmenic distortion is significantly
improved by the large-scale dithering.

Manfred Bartz
Customer Support Engineering Manager
Lake Stevens Instrument Division

The source is composed of two assemblies: a digital source
assembly and an analog source assembly. The digital source
assembly contains a 32K-sample complex (real and imagi-
nary) waveform memory buffer, a pseudorandom noise gen-
erator, and the same digital LO/DF chipset that is used in the
front-end receiver section. The digital source assembly
creates a digital signal for the analog source assembly. The
analog assembly contains a waveform DAC, a reconsiruc-
tion filter, de offset circuitry, an output amplifier, 10-dB step
attenuators, and front-end calibrator circuitry.

All source output signals are created digitally on the digital
source assembly. They are generated via the source sample
RAM, the pseudorandom noise generator, and the digital
local oscillator IC, as shown in the block diagram, Fig. 1.
The source signal flow is essentially the reverse of the front-
end receiver section. The signal path starts with the source
waveform memory, where the complex digital signals are
stored to be fed into the real and imaginary digital interpola-
tion filters. The address generator to the waveform RAM is
either a linear counter or a pseundorandom noise source. The
address counter is used with repetitive or single-block wave-
forms such as periodic chirp and user-defined source types.
The pseudorandom noise addressing mechanism is used to
generate noise outputs. The distribution of the random noise
is determined by the waveform loaded into the source RAM.
For example, if a Gaussian curve is loaded into the wave-
form memory, the random sampling of the curve by the
pseudorandom noise address generator causes a Gaussian-
distributed noise signal to be fed into the digital interpola-
tion filters. The pseudorandom noise address generator is a
maximallength sequence that repeats itself approximately
every 6 hours at the full output sample rate of 25.6 MHz.

The digital interpolation filters are used to increase the input
(waveform) sample rate by a factor of 2N, where N is pro-

grammable from 0 to 23. Since the output DAC sample rate is
always 25.6 MHz, the digitized waveform store in the source
RAM can have an effective sample rate as low as 3.05 Hz.

This allows the HP 89410A to have extremely low-frequency
waveforms and very large effective block sizes even though

the waveform RAM is only 32K samples long. Also, since the
DAC runs at one sample rate, only one reconstruction filter
is needed.

The complex interpolated signals are routed into a digital LO
chip where they are mixed from de to any center frequency
up to 10 MHz. By virtue of this complex mixing operation,
the resultant output signal has a real two-sided spectrum
around the positive and negative LO frequencies. In this op-
eration, or “mooz” mode, the output is y = Re[xel"'}, where x
is the input, Re represents the real part of the number in the
braces, and w = 2nf ). This frequency translation causes the
source’s complex waveform signal at frequency fj; to appear
at the output frequeney £, = iy, + fLo-

The real digital source signal y is then converted into an
analog waveform by a 12-bit DAC running at 25.6 MHz. The
reconstruction filter follows the output of the DAC, limiting
the bandwidth of the signal to 10 MHz while correcting for
the sin(wt/2)/(wt/2) rolloff resulting from the zero-order hold
effect of the DAC. The reconstructed signal is then summed
with the output of a de offset DAC and the result is buffered
with a 20-dB-gain output amplifier. The amplified signal goes
through the attenuator section to provide coarse control of
the source level before being output on the front-panel
source BNC.

Trigger

The HP 89410A provides very flexible triggering modes to
support complex measurements. The HP 89410A can trigger
from four sources: the external front-panel trigger input,
either input channel, or the internal source block start signal,
The trigger level and slope are user-definable. The trigger
can be controlled by an external arm signal on the rear-
panel arm BNC connector. Pretrigger and post-trigger delay
and arm delay are available.

The HP 89410A has a sample rate of 25.6 MHz. With a
10-MHz input signal, up to 140.6 degrees of signal can be
missed while waiting for the next sample time after a trigger
condition is met. This amount of uncertainty would negate
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the phase information that is so useful for many measure-
ments. The solution is to measure the partial sample time.
The time between the occurrence of the trigger conditions
and the next sample point is measured and used to correct
the sampled data. A pulse starts when the trigger conditions
are fulfilled and ends when two sample points have been
taken. The pulse charges a capacitor at a fast rate. When the
pulse ends, the capacitor is discharged at a slower rate. The
fast charge rate is about 731 times the slow charge rate. This
effectively stretches the pulse by a factor of T31.

This stretched pulse gates a counter running at 6.4 MHz.
When the stretched pulse ends, 10 bits of pulse length infor-
mation is available for the software to use for corrections.
The configuration gives a resolution of 214 picoseconds, or
0.77 degree of a 10-MHz input signal.

During a calibration cycle, the partial sample generator is
calibrated by generating sine waves of known phase rela-
tionship to the sample clock and measuring the resulting
partial sample values. This has shown the circuitry to have
good linearity and repeatability.

Frequency Reference

The specifications of the HP 89410A require a clean, low-
noise reference oscillator capable of locking to a customer-
supplied signal or oven oscillator. Previous FFT analyzers
don't share this requirement because their sample rates are
much lower than their crystal oscillator clock frequencies.
For example, the HP 35670A dynamic signal analyzer derives
its 262-kHz sample rate from a 40-MHz crystal oscillator. This
150:1 ratio results in a 43-dB noise reduction. This approach
has the effect of burying mediocre reference performance
under the input noise floor.

Since the HP 89410A samples at a much higher rate than
previous-generation analyzers, a different approach had to
be taken. The design is modeled after the 80-MHz reference
developed for the HP 3588A, a hybrid FFT-analog swept
spectrum analyzer.? The key components of this design are a
clean sampling phase detector and oscillator.” The HP
S89410A reference is a crystal-controlled VCO running at 51.2
MHz tuned by a phase detector sampling at 400 kHz. The
external lock signal is divided down by 25 so that a 10-MHz
lock signal becomes 400 kHz. The sampling phase detector
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filter is tuned to allow locking down to a 1-MHz lock input.
The 51.2-MHz signal is divided by 2 and routed to all boards
in the instrument in quadrature. The gquadrature signal is
developed by inverting and delaying by 10 nanoseconds. The
10-ns delay allows the data lines to settle before latching.

Another board locks a 16-MHz erystal oscillator to the refer-
ence and produces 48, 64, and 80 MHz. These signals are sent
to other boards and used for CRT, DSP, CPU, and system bus
clocks. Having all clocks in the instrument phase locked al-
lowed the design team to locate and address fixed crosstalk-
induced spurious signals rather than spurious inputs that
drift and hide.
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RF Vector Signal Analyzer Hardware

Design

Based on the HP 83410A baseband vector signal analyzer, the HP 89440A
RF vector signal analyzer extends the frequency range of both receiver and
source to 1.8 GHz with a 7-MHz information bandwidth. All of the vector
capabilities of the 10-MHz baseband instrument (up to a 7-MHz information
bandwidth) can be translated to any frequency from 0 to 1.8 GHz.

by Robert T. Cutler, William J. Ginder, Timothy L. Hillstrom, Kevin L. Johnson, Roy L. Mason,

and James Pietsch

The HP 89440A radio frequency (RF) vector signal analyzer
consists of two components. The first is the HP 89440A in-
termediate frequency (IF) section, which is identical to the
HP 89410A 10-MHz baseband vector signal analyzer described
in the article on page 31. The second component is the HP
89440A RF section, which extends the vector signal analysis
capabilities of the baseband analyzer to RF frequencies. This
article concentrates on the RF section.

The 1.8-GHz RF section contains a triple-conversion hetero-
dyned receiver, a source that mirrors the receiver, a local
oscillator, frequency references, and dedicated processor
control. The block diagram is shown in Fig. 1. Several aspects
of the design differentiate it from traditional RF analyzers:
The RF section maintains an 8-MHz [F bandwidth designed
for good flatness. However, in a vector signal analyzer both
amplitude and phase accuracy are very important, so sophis-
ticated vector IF calibrations were developed.

True-rms power detection and excellent amplitude aceuracy
combine for a powerful measurement capability.

A local oscillator (LO) feedthrough cancellation circuit
improves the LO feedthrough substantially, preserving
dynamic range at low input frequencies.

The RF local oscillator is not constrained to provide fine
frequency resolution. (The baseband section provides that
with its digital LOs). This degree of freedom had significant
impact on design efficiency and development time.

The RF source has all the capabilities of the baseband
source, including sinusoid, pseudorandom, chirp, and arbi-
trary wavelorm source types, but translated to RF frequen-
cies as high as 1.8 GHz. This provides an excellent value to
users who need a flexible source at RF frequencies.
Development time was a top priority, New methods were
developed to maintain design flexibility and reduce risk. For
example, receiver, source, and LO “plates” featuring RF
coaxial vias were developed—a low-cost solution that also
reduced technical risk by distributing and isolating critical
blocks. Extensive RF and microwave simulations using the
HP Microwave Design System (MDS) greatly improved
turn-on rates and eliminated a prototype cycle.

Receiver
The HP 89440A RF section receiver is a triple-conversion
down-converter with a S0-ohm input impedance. It translates

signals with a maximum 8-MHz bandwidth between 2 MHz
and 1.8 GHz to a final IF centered at 6 MHz with a band-
width of 8 MHz. The 6-MHz IF output is connected directly
to the input of the HP 89440A IF section. The IF section sup-
plies a signal to calibrate the IF filters and amplifiers of the
RF section receiver. The frequency response of the 2-MHz-
to-1.8-GHz input is calibrated at the factory and stored in
nonvolatile memory. The receiver is a conventional up/down
converter with the first IF centered at 2.446 GHz followed
by a down-conversion to an IF centered at 46 MHz. The final
IF is centered at 6 MHz and provides gain and a buffered out-
put to the IF section.

Conventional swept spectrum analyzers use a log detector,
which produces a signal proportional to the logarithm of the
power at the detector input. The input power is a function of
the resolution bandwidth when noise is the dominant input,
and is a function of the level of the input signal otherwise. In
either case, log detectors have only 80 to 90 dB of usable
dynamic range. Therefore, a variable-gain amplifier may
precede the log detector to increase or decrease the input
level so that it falls within the dynamic range of the detector.
By contrast, there is no variable IF gain in the HP 89440A RF
section receiver with the exception of a gain adjustment and
a 1-dB gain step in the final 6-MHz IF. This 1-dB gain step is
used with the 2-dB inpul range steps in the [F section re-
ceiver to compensate for temperature dependent gain varia-
tions in the three IFs of the RF section. The detector in the
IF section is an analog-to-digital converter (ADC) with a
dynamic range of 125 dB (the ratio of the full-scale input
power to the noise power in a 1-Hz bandwidth). The signal-
to-noise ratio (SNR) of the RF section is approximately 120
dB (the ratio of the maximum input for a 70-dB distortion-
free dynamic range to the noise power in a 1-Hz bandwidth).
The receiver’s distortion-free dynamic range and noise [lig-
ure are dominated by the performance of the first converter
and first IF. Adding variable gain beyond these stages
changes only the signal level but not the SNR. As a result,
variable [ gain offers no improvement in dynamic range.
The user only needs to control the input level to the first
mixer, which is accomplished with an input step attenuator
preceding the first mixer.

47

December 1993 Hewlett-Packard Journal

© Copr. 1949-1998 Hewlett-Packard Co.



0-10-55-dB
Step Attenu-
astor (5-dB
Steps)

ey "'—"c:"D o\o 1l 4:.,\0

§

AV

1800-MHz
Low-Pass
Filter

é__

?

First
Conversion

DC to 10 MHz

Directional
Coupler

First IF s 0
Filter 2442 qcnmi IF Lu}m-?ass =g
10 2450 e Filterd2 Filter 13 To HP B3440A
MHz to 50 MHz MHz IF Section
Input

I
Convetsinn®

Second

[ Lo
Feedthrough z
Cancellation Cn:\::;on > a
$ |
| 2400-MHz
(] Bandpass
Filter
|
Local | ‘
Dscillator
2452 to 4242 | M
MHz B00-MHz
(1-MHz Steps} & ...‘_  saw
Oscillator
" Second LO
LO Isolation i
Amplifier Amplifier 600 MHz
i =
First
Conversion
Second
.. Conversion
30-dB Secnnd IF
Step Attenu- 1300-Alitx Filter 2442 E'm < AM
Low-Pass Filter 42
ator (10-dB to 2450 Modulator
Filter to 50 MHz
Steps) MHz o CKCN o
1 From
DC-t0-1800-MHz — - 'I‘Fpsmnﬁ
Source Output ection
o{lo | Output

%
L.
$

Fig. 1. General block diagram of the HP 89440A RF section.

The HP 89440A has one additional feature not found in
traditional swept analyzers. A feed-forward LO feedthrough
nulling circuit has been added to reduce the level of LO
feedthrough in the first IF. Beyond the second converter, the
second-IF filters remove the feedthrough term. Without this
LO feedthrough nulling, LO feedihrough referred to the input
could be 20 dB higher than a full-scale input signal. This
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DC to 10 MHz

could result in residual responses and increased second-
harmonic distortion at input frequencies below 15 MHz.

Cyanate Ester Printed Circuit Boards

The input attenuator and several other RF receiver, L.O, and
RF source boards that operate at frequencies beyond 1 GHz
use cyanate ester printed circuit board material. Cyanate
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ester was chosen in place of the standard glass epoxy
printed circuit board (HP FR4) because of its lower loss
tangent, which results in lower losses in the board. The di-
electric constant of cyanate ester is 4.0 at 2 GHz while glass
epoxy is typically specified at 4.5. All cyanate ester boards
in the RF section are 0.030 inch thick rather than the stan-
dard 0.060 inch. The thinner printed circuit board material
has two advantages. Many receiver, LO, and source boards
in the RF section use surface mount parts with microstrip
construction. With the thinner printed circuit board material,
ground vias are shortened by 0.030 inch, reducing parasitic
inductance in surface mount components needing a return
to ground. In addition, microstrip transmission lines are
narrower. A 50-ohm microstrip transmission line is nominally
0.060 inch wide on the 0.030-inch printed circuit board mate-
rial while the same line on 0.060-inch printed circuit board is
0.110 inch wide. The disadvantage of 0.030-inch printed cir-
cuit board is less rigidity. However, all of the cyanate ester
boards are mounted on “plates” and are well supported (see
“Microwave Plate Assembly” on page 50).

Attenuator

The main signal path of the HP 89440A RF section starts
with a step attenuator assembly that provides 0 to 55 dB of
attenuation in 5-dB steps and is followed by the first con-
verter. The step attenuator has an input for a calibration
signal from the HP 89410A, a mode to terminate the user
input during calibration, and a bypass mode to bypass the
RF section. The bypass path connects the RF section re-
ceiver input connector directly to the IF section receiver
input for frequencies below 2 MHz.

First Conversion

Following the input attenuator is the first converter. Input
signals are converted to an IF centered at 2.446 GHz. The
first mixer is a variant of the single-balanced design used in
the HP 8590B spectrum analyzer. It is preceded by a 15-
section low-pass filter with a cutoff frequency of 1.8 GHz.
The input low-pass filter eliminates input image frequencies
(4.89 GHz to 6.69 GHz) as well as spurious components
(spurs) resulting from out-of-band inputs. The first-converter
LO supplies a 20-dBm signal between 2.452 GHz and 4.242
GHz, which is attenuated by 3 dB at the LO port of the mixer
to improve match. Following the mixer is a microstrip direc-
tional coupler, where the LO feedthrough cancellation signal
is introduced. This is followed by a diplexer and a 4.5-GHz
low-pass filter (not shown in Fig. 1) to eliminate mixer prod-
uets and LO harmonics which can produce residual re-
sponses when mixed with the LO of the second converter.
The entire mixer is built on Duroid board (Rogers Corpora-
tion) which has a dielectric constant of 2.33 £0.05 and a loss
tangent of 0.001 at 1 GHz. The board thickness and dielec-
tric constant are tightly specified so that printed circuit
board microwave filters, couplers, and transmission lines
with repeatable performance can be produced. Early in the
design it was recognized that skin effect losses in the input
attenuator and the input low-pass filter preceding the first
mixer would result in frequency dependent loss that is about
4.dB at 1.8 GHz. This unflainess can be calibrated and re-
moved, but it results in a displayed noise floor that is unflat,
and it reduces the effective dynamic range of the ADC by 4
dB. An amplitude equalizer (not shown in Fig. 1) was added

between the attenuator and the input low-pass filter to elimi-
nate this effect. This has the added benefit of reducing the
level of multiple tones in the first IF at low input frequen-
cies. Multiple tones are present because the sum and differ-
ence products and the LO feedthrough are only separated by
the input frequency and are not eliminated by the first I[F
filter if the input frequency is low.

The equalizer, the input low-pass filter, the 4.5 GHz low-pass
filter, and the diplexer were designed using MDS. The mixer
conversion loss was also simulated with MDS and the mea-
sured resulis were in excellent agreement with the simulated
results. MDS eliminated at least one design turn of the
printed circuit boards.

The diplexer (a traveling-wave directional filter) following
the first mixer is a stripline design that terminates the first
mixer IF output in 50 ohms at all frequencies. It has a band-
pass frequency response that reduces the mixer sum product
at the first IF amplifier. The diplexer is implemented with
two 8.5-dB stripline couplers and two quarter-wavelength
coupling arms. The insertion loss at 2.446 GHz is less than
1.5 dB and the 3-dB bandwidth is 150 MHz. The conversion
loss from the input attenuator to the 2.446-GHz IF output of
the first mixer board is typically 14 dB.

LO Feedthrough Cancellation

Without cancellation, LO feedthrough referred to the input is
typically —10 dBm while the maximum input (0 dB input
attenuator) is —30 dBm for 70 dB of distortion-free dynamic
range. LO feedthrough cancellation reduces the LO feed-
through at the first IF amplifier by more than 20 dB. A sam-
pled LO signal at the input of the LO port of the first mixer is
amplified and split with a quadrature hybrid. At the output
of the quadrature hybrid are two equal-magnitude signals
that have a phase difference of 90 degrees. Each of these
outputs drives the LO port of a double-balanced mixer con-
figured as a current-controlled attenuator. The mixer [F
ports are driven by separate current sources capable of
sourcing or sinking up to 6 mA of current with 1-uA resolu-
tion. The signals from the mixer RF ports are summed by a
Wilkinson combiner whose output is coupled into the IF
port of the first mixer with a 14-dB microstrip coupler. Dur-
ing calibration of the RF section, the IF section adjusts each
current source to produce a signal equal in magnitude and
opposite in sign to that of the LO feedthrough at the IF port.
The use of quadrature signals in the LO feedthrough can-
cellation circuitry reduces the interaction between the two
current source controls so that ideally they are independent
if the two signals are in perfect quadrature.

First IF

Following the first converter assembly are two cascaded
low-noise GaAs MMIC (microwave monolithic integrated
circuit) amplifiers which have a combined noise figure of
5 dB, a gain of 14 dB and an output third-order intercept®
greater than 25 dBm. These amplifiers must be able to han-
dle all mixer products leaving the first conversion assembly
including LO feedthrough and both the sum and difference
first-mixer products. Higher-order mixer products as well as

* Third-order inercept is the theoretical signal level at which tha tundamental and the third-or-

der distartion are equal
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Microwave Plate Assembly

At the inpeption of the HP 83440A RF vector signal analyzer project, it was known
that the packaging technology used for the high-frequency portions of the analyzer
circuitry would play an important role in the overall performance of the instrument
A number of packaging techniques were considered, including the canventional
approach of independently packaged circuits connected with semirigid cahle
assemblies. Given the overall goals of shielding effectiveness, ease af assembly,
and relatively low cost, it was decided to try something different. The high-frequency
microwave plate assembly packaging scheme that evolved for the HP 834404
satisfies these goals, provides good flexibility for integrating other functionality,
and provides a physical support structure for the individual modules. There are
three such microwave plate assemblies in the HP B9440A: the RF source, the RF
receiver, and the local oscillator.

The physical implementation of the packaging scheme is rather simple (see Fig. 1)
Printed circuit assemblies are mounted with screws to the faces of a 0.375-inch-
thick aluminum plate. Assemblies that require RF electrical interconnection on a
given microwave plate assembly are mounted on opposite sides of the plate. The
RF connection is supplied through a hole in the plate into which a conductor pin
and an insulator are inserted. A 50-ohm characteristic impedance is maintained
through the hole in the plate by sizing the diameters of the hole and the pin ac-
cording to the dielectric constant of the insulator (PTFE). A microstrip-to-coaxial
transition is formed as the conductor pin is soldered into a hole at the end of a
microstrip on the printed circuit board. Good local ground contact at the transition
is maintained by a multifingered ground ring that is seated in a shallow counter-
bore in the plate and 1s in contact with the printed circuit board ground plane at
the perimeter of the hole, Two screws located near the hole secure the printed
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Fig. 1. Microwave plate assembly packaging scheme

circuit board to the plate and guarantee that the fingers of the ground ring are
compressed. Good return loss is achieved with this interconnect solution for fre-
guencies up to and beyond 6 GHz. A low-pass filter version of the conductor pin
was developed that is physically interchangeable with the standard pin to sup-
press transmission of higher-frequency interfenng signals (greater than 5 GHz) if
required. Compared to the conventional approach, this method of RF interconnec-
tion reduces the number of expensive RF connectors and cable assemblies re-
quired. When shielding of the individual printed circuit assemblies is required, a
shield can is screwed down over the assembly. The aluminum plate acts as the
sixth wall of the shield can. A good RF seal is provided by conductive elastomer
gasket material in the lip of the shield can. For some assemblies, shield-can reso-
nances present a problem. Polyiron is fixed to the top of the shield can 1o suppress
the resonances in those cases. Dc power is supplied to the shielded assemblies
with standard screw-in feedthrough capacitors. The feedthroughs do an excellent
job of preventing RF leakage into or out of the shielded assemblies.

Flexibility 18 provided by the packaging scheme to allow mounting of different
types of davices onto the plates: For instance, several coupled coaxial resanator
filters are used in the HP B3440A. These filters incorporate the plate into their
design. The filter housing is screwed to the plate, which functions as the cover for
the filter, Input and output coupling rods used in the filters are integrated with
printed circurt board launches as described above to provide a connectorless
interface between the filter and a printed circuit board. A significant cost saving
was realized on these filters as a result of this design

Additional functionality is included in the plate design in the form of features
milled into the plate. An example is shielding compartments to isolate the individ-
val sections of the step attenuators in the RF receiver and the RF source. The step
attenuator printed circuit assemblies are screwed down to the shielding structures
milled into the plate.

Certain aspects of the printed circuit board designs are optimized for use with the
microwave plate packaging scheme. Coaxial-ta-microstrip launch geometries are
optimized for best return loss. The side of the printed circuit board toward the
plate is mostly ground plane. Tin plating is used instead of SMOBC-HAL (solder
mask an bare copper—Hhot air leveled) to ensure that the board fits flat onto the
plate. For connection to other modules, printed circuit boards have bulkhead-
mount SMA connectors soldered to the ground plane side. Each connector is
pushed through a counterbored hole in the plate and its mounting nut is installed
Conductor pin geometry and screw hole locations were chosen so that a standard
flange-mount SMA connector can be used to perform measurements on the
individual pinted circuit assemblies,

This high-frequency packaging approach is attractive for low-volume instruments
Unit cost is relatively low and minimal tooling charges are incurrad.

Roy L. Mason
Development Engineer
Lake Stevens Instrument Division

LO harmonics are removed by the 4.5-GHz low-pass filter on
the first conversion assembly. The sum and difference prod-
ucts are amplified by this board, and the third-order two-
tone distortion products resulting from these tones appear
as third-harmonic distortion to the user. At input frequencies
above 60 MHz the diplexer reduces the sum tone by 6 dB at
the input to the first [F amplifier, so the third-order distortion
produced in the first IF is a concern only at low input fre-
quencies. Following the first-1F amplifiers is a four-section
coaxial filter with a 17-MHz bandwidth and an insertion loss
less than 3 dB. This filter has a center frequency of 2.446 GHz
and greater than 80 dB of rejection at the image frequency
of 2.358 GHz.
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Second Conversion and IF

Following the first IF filter is the second converter assembly
which down-converts the 2.446-GHz IF to the second IF cen-
tered at 46 MHz. The second LO is a 2.4-GHz signal supplied
by the reference. 1t is amplified to 10 dBm, filtered by a two-
section combline filter to eliminate any sidebands at 50 MHz,
and then amplified to 13 dBm before application to the sec-
ond mixer LO port through a 3-dB attenuator. The 46-MHz IF
output of the second mixer is amplified by a low-noise am-
plifier, resulting in a signal level equal to that of the input
signal (=30 dBm full-scale). The noise figure at this point is
nominally 23 dB. Following the second converter are three
identical cascaded secand-IF filter assemblies implemented
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with capacitively coupled resonators. The filter design is
based on a Tchebychev filter with 0.1 dB of ripple. The filter
is predistorted and has an insertion loss of 4 dB. The filter
has a minimum rejection of 27 dB at 38 MHz (edge of the
third-conversion image band), so the three cascaded stages
have a minimum of 80 dB of rejection. So that each filter
board will have 2 nominal gain of () dB a low-noise amplifier
precedes each filter. Three identical filters were chosen over
a design in which the entire filter resided on a single board.
A single-board design would require shielding between sec-
tions of the filter and alignment of the filter would require a
complex adjustment procedure. Using smaller identical
boards, the alignment procedure is identical for each board
and simplified by the fact that there are only four sections 1o
adjust. Shielding is provided by the walls of the card nest in
which the boards reside. The three cascaded filters have a
3-dB bandwidth of 8.5 MHz and a combined peak-to-peak
ripple less than 1.2 dB.

Third Conversion

The final stage of the RF section receiver is the third-
converter assembly which translates the 46-MHz second IF
to the final IF centered at 6 MHz. A 40-MHz LO is provided
by the reference at 3 dBm. Following the conversion are two
wideband operational amplifiers, which provide the final
gain and buffering before the signal is sent to the IF section.
There is a 1-dB gain step that can be switched by the IF sec-
tion and a manual gain adjustment to compensate for normal
gain variance in the manufacturing process.

Local Oscillator

Since the IF section has the ability to tune with millihertz
resolution to any frequency within its de-to-10-MHz input
bandwidth, the LO for the RF section does not have to repli-
cate this function. The RF section down-converts the
1800-MHz input span to within the frequency range of the [F
section and the digital LO tunes to the desired center fre-
quency. In traditional spectrum analyzers, multiloop LOs are
designed to realize millihertz resolution. Multiloop designs
mean at least three phase-locked loops in the main LO. The
step loop provides coarse frequency resolution over a wide
range of frequencies. The interpolation loop tunes across a
narrow span but with high frequency resolution. The sum
loop combines the outputs of the two loops. In contrast, the
HP 89440A RF section has a single-loop LO that tunes in
1-MHz steps. The elimination of the sum and interpolation
loops means significant savings in complexity and reduced
development risk within the LO section of the HP 80440A.
This trade-off is not without consequence because a coarse
LO resolution reduces the analysis bandwidth of the instru-
ment. The IF bandwidth of the receiver chain supports an
8-MHz analysis bandwidth but an arbitrary center frequency
at the input can only be placed within +0.5 MHz of the IF
center frequency because of the step size of the LO. Hence,
for an arbitrary center frequency the 8-MHz IF bandwidth is
reduced to a 7-MHz maximum analysis bandwidth.

The frequency range of the LO in the RF section basically
starts at the first IF frequency and tunes to a frequency 1.8
GHz above that. A commercial YIG (yttrium iron garnet)
oscillator was selected to cover 2.4 to 4.3 GHz. The output
of the YIG oscillator goes to the LO distribution amplifier

and is also fed back to the synthesizer phase-locked loop
(see Fig. 2).

Since the output frequencies involved are beyond the reach
of programmable counters, the feedback path includes a
down-conversion stage. The LO frequency range of 2.452 to
4.242 GHz is down-converted with one of three offsets (2.4,
3.0, or 3.6 GHz). The offset frequency is chosen to produce a
down-converted signal between 42 and 642 MHz, which is
within the range of the RF section programmable counter.

The value of the programmable counter (N) is chosen to
divide the counter input frequency down to 1 MHz (N = 42 to
(42). The output of the divider is phase-detected against a
1-MHz signal derived from the 40-MHz reference. This estab-
lishes the 1-MHz step size for the LO. The sign of the phase-
locked loop must be switchable because the YIG oscillator
tunes above and below the offset frequencies. The sign is
switched by swapping the reference and feedback signals at
the phase detector.

To compensate for the wide range of the loop gain (because
N ranges from 42 to 642), a programmable gain block with
25-dB gain variation is added to the loop. Finally, a DAC-
driven coarse funing signal is used to steer the YIG oscillator
into the lock range.

The LO is distributed across four printed circuit boards and
one microwave plate assembly. The circuit boards contain
the 600-MHz reference, the 40-MHz reference, the frequency
counter, the phase detector, and the YIG driver. The circuits
on the microwave plate are fabricated with cyanate ester
printed circuit boards and include the frequency multipliers
and the YIG down-conversion.

LO Distribution

The LO distribution amplifier is built around a packaged
GaAs MMIC amplifier designed by HP’s Microwave Technol-
ogy Division. This amplifier has dual outputs which are used
to supply the LO signal to both the RF receiver and the RF
source sections.

LO Offsets

The three offset frequencies (2.4, 3.0, and 3.6 GHz) are gen-
erated by multiplying 600 MHz by integer values. The 600
MHz comes onto the LO microwave plate assembly and is
split to provide signals for both the offset multipliers and the
second-LO multipliers. P-i-n diode switches select the path
to the activated offset multiplier and each path has its own
final stage of amplification before the multiplier. Schottky
diodes are used as the harmonic generating devices in each
of the multipliers. At the output of each multiplier is a two-
section coaxial filter to suppress the adjacent 600-MHz har-
monic. The second LO (2.4 GHz) is generated in a similar
manner.

YIG Down-Conversion

Down-conversion is implemented with a 7-dBm microwave
mixer. Because of the low-level signals involved and the
wide frequency span of the output IF (10 MHz to 700 MHz),
the noise figure of the postconversion amplifier is important.
The broadband noise within the 700-MHz span is sampled
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Fig. 2. HP 89440A RF section local oscillator.

down by the digital dividers (10log[700 MHz/1 MHz] = 28.5 dB
noise gain) and can contribute to the phase noise pedestal.

10-Bit UHF Counter

A 10-bit counter is required to accommodate all integer divide
numbers from 42 to 642. Since high-speed commercial count-
ers are limited to 8 bits, a proprietary counter circuit was
developed using ECL integrated circuits. This implementa-
tion allows the use of inexpensive commercial components
to achieve maximum count frequencies of over 700 MHz,
whereas standard design implementations only permit a
500-MHz maximum input frequency. This improvement was
crifical in realizing the design efficiency of the LO block

diagram.

YIG Drivers and Tuning

The YIG oscillator has a main coil for coarse tuning and an
FM coil for locking the phase-locked loop. Both coils are
driven by voltage-to-current converters and high-current
drivers.
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The main coil is controlled by a 12-bit DAC, providing better
than 1-MHz frequency resolution. Because of the extremely
high gain of the main coil (20 GHz/A), noise filters are re-
quired. Ordinarily this would significantly affect LO switch-
ing time, so a speed-up circuit was designed to precharge
the filter elements to their final values, greatly improving
settling time.

The main coil tolerance is far too large for the available 'M
coil tuning range, so an automatic YIG tuning calibration is
performed periodically, initiated by the instrument calibra-

tion timer. This improves the absolute accuracy of the main
coil from =400 MHz to £2 MHz.

Frequency References

The 600-MHz reference is the source for the offset {requen-
cies, the second LO, and the third LO (40 MHz). It is based
on a phase-locked 600-MHz SAW (surface acoustic wave)
oscillator. It is designed so that it does not contribute to the
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LO system phase noise. The loop is locked to the 40-MHz
reference.

The 40-MHz reference provides subharmonic (1-MHz, 2-MHz,
5-MHz, 10-MHz) reference locking for the instrument and
acts as a cleanup loop for the user’s external reference, if
present. It contains a 40-MHz voltage-controlled crystal os-
cillator and a phase-locked loop with a sampling phase de-
tector. In the absence of a userprovided external reference,
the reference locks to the internal high-stability ovenized
10-MHz reference.

The 10-MHz ovenized reference is the widely used HP
10811, which has ultralow phase noise and extremely high
temperature stability.

RF Source

The HP 89440A has an optional RF source to provide stimu-
lus signals for a variety of test purposes. Output signals pro-
duced by the source are in the 2-MHz-to-1.8-GHz frequency
range when the instrument is in the RF vector or demodula-
tion modes. The HP 89440A is not a traditional swept ana-
lyzer, so the source provides several signal types in addition
to the standard sine output to satisfy various measurement
needs. Available HP 89440A source output signal types are
sine, chirp, pseudorandom noise, and arbitrary (see “A Versa-
tile Tracking and Arbiirary Source” on page 54). One or more
of these source types are available at baseband in most
modes using the RF source bypass path. Chirp or sine signal
levels available from the RF source are +13 to —27 dBm.

As shown in Fig. 1, the source circuitry of the HP 89440A RF
section is basically a frequency converter for the source
output signal from the HP 89440A IF section. The circuitry
that generafes the IF section source output signal is de-
scribed in the article on page 31. The source signal originat-
ing in the IF section is a chirp or noise signal centered at 6
MHz, a sine wave between 2.5 and 9.5 MHz, or an arbitrary
signal. In the RF section, this source signal is fed to the first
conversion assembly, which provides part of the signal
switching functionality to bypass the RF section source or
to route a calibration signal to the receiver. Amplitude mod-
ulation circuitry allows the signal to be modulated at a maxi-
mum frequency of about 1 MHz. This can be useful for
impressing certain types of synchronization signals on the
RF source output signal. The signal is then mixed with a
40-MHz fixed signal from the RF section reference to upcon-
vert it to a 46-MHz IF center frequency. Following the first
conversion assembly are two cascaded 46-MHz IF filter as-
semblies identical to those used in the RF receiver. To ac-
commodate the wideband noise and chirp signals from the
IF section source, the IF bandwidth of the entire RF source
is approximately 8 MHz. This bandwidth also facilitates off-
setting the frequency of sine waves up to 3.5 MHz from the
tuned center frequency.

The 46-MHz IF signal is passed to the second conversion
assembly where it is again upconverted, this time to a
2.446-GHz IF center [requency, by a mixer whose LO port is
driven with 2.4 GHz. The fixed 2.4-GHz signal to drive the
second mixer originates in the RF section reference and is
amplified by the second-LO amplifier assembly located on
the RF source assembly. Besides amplification of the
2.4-GHz signal, the second-LO amplifier assembly provides

reverse isolation to prevent the source IF signals (particularly
the 2.446-GHz IF) from leaking back through the 2.4-GHz LO
distribution circuitry and into the receiver IF. If this were to
happen, receiver sensitivity would be compromised when
the source is functioning.

Following the second mixer are two IF amplifiers. The out-
put of the last IF amplifier leaves the assembly and goes to
the 2.446-GHz second-IF filter. This four-section coupled
coaxial resonator bandpass filter has a 17-MHz bandwidth
and is identical to the receiver [F filter. The filter is required
to provide adequate rejection for the 2.4-GHz LO second-
mixer feedthrough and the mixer lower sideband product
centered at 2.354 GHz while maintaining reasonable inser-
tion loss. Physically, the filter is optimized to take advantage
of the microwave plate packaging scheme which also helped
minimize its cost (see “Microwave Plate Assembly” on page
50). The filter is tuned by adjusting four self-locking tuning
elements using a simple, noniterative tuning procedure, A
tuning port on the filter housing aids in the procedure,

After the 2.446-GHz IF filter, additional IF amplification is
provided by two amplifier stages on the IF gain assembly
before the signal is applied to the final conversion module.
An existing HP Microwave Technology Division design, the
final conversion module was leveraged because its function-
ality is a good fit for the RF section source. The final conver-
sion module uses a GaAs MMIC to mix the 2.446-GHz IF
signal with a variable LO signal of 2.452 to 4.242 GHz to pro-
duce the baseband output signal, which is then applied to a
thin-film low-pass filter. As in the case of the 2.4-GHz LO
signal, sufficient isolation is needed in the variable-LO dis-
tribution path to the RF source to ensure that the 2.446-GHz
source IF signal does not leak into the receiver IF. Some
reverse isolation is afforded by a GaAs MMIC LO driver
within the final conversion module, but this is insufficient by
itself. Additional isolation is supplied by the isolation ampli-
fier stage located between the final conversion module LO
input and the main LO distribution amplifier output. A GaAs
MMIC output amplifier brings the signal to the proper output
level. Another thin-film low-pass filter follows the output
amplifier. The GaAs devices inside the final conversion mod-
ule require their de supplies to power up and power down in
a prescribed sequence. Since the RF section main power
supply does not provide the proper sequencing, a local
power supply assembly on the RF source accomplishes this
along with voltage regulation and current limiting for all of
the final conversion assembly de supplies.

A step attenuator assembly is located at the output of the
final conversion assembly. The step attenuator assembly
applies 0, 10, 20, or 30 dB of attenuation to the output signal
for amplitude control. The IF section provides fine ampli-
tude control. An amplitude equalizer on the step attenuator
assembly helps correct for roll-off in the final conversion
assembly and the step attenuator assembly. A signal gener-
ated in the IF section can be routed through the RF source
switching circuitry of the first conversion assembly and the
step attenuator assembly to the RF receiver input for re-
ceiver IF calibration. The output of the RF source can also
be routed to the receiver input for calibration and leveling of
the RF source output. The RF source circuitry can be by-
passed so that the IIF section source output is available at
the RF source output connector,
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A Versatile Tracking and Arbitrary Source

The measurement power af the HP B410A and 894404 vector signal analyzers is
greatly enhanced by the inclusion of a versatile signal source. Available outputs
are two tracking signals—pseudorandom noise and periodic chirp—and two
independent source types—sine and arbitrary. The circuits that generate these
signals are described in the accompanying article and in the article on page 31

The pseudorandom noise is generated with a sequence length of 239 — 1 samples,
which is about six hours long in the widest span and proportionately longer as the
span is reduced. Its probability density function approximates a Gaussian probability
density function to a width of at least +3 standard deviations. These properties make
it functian like a true Gaussian random noise source for virtually all applications.

The periodic chirp is a swept sine wave that covers the span being measured by
the receiver. Because it is generated as a swept sine, it has relatively constant
amplitude when observed in the time domain, with the exception of bandlimiting
filter ringing. As a result of being “flat” in the time domain, it is not absolutely flat
when abserved in the frequency domain

The arbitrary source uses time-domain data from a user-selected stored data
register and reconstructs the waveform with the oniginal span and center fre-
quency. The stored data can consist of measured wavetorms, data generated on a
computer and downloaded to the instrument, or the result of user math on either
or both. The frequency of downloaded data is set by the headers that are loaded
with it. This capability makes it simple to create, for example, an independent (not
tracking) chirp source. To record the chirp, the receiver 1s connected to the tracking
chirp saurce and the fixed span and center frequency are chosen: The time data is
stored and 1s then available as an arbitrary source, at the chosen span, center
frequency, and number of time points. It is worth noting that the arbitrary source
data can be complex, that is, it can represent an |-Q {in-phase and quadrature)
signal with the center frequency and span specified in the data register header
information. Thus it is easy to obtain data communications waveforms and other
hard-to-produce stimulus waveforms as long as the tima-length constraints are
acceptable. A number of these wavetorms are included on a disk supplied with
the instruments and can replace a number of external waveform generators

Both the arbitrary source and the sine source can be placed anywhere within the
0-to-10-MHz HF 83410A frequency range and anywhere within 3 MHz (3.5 MHz

The first conversion assembly and the two 46-MHz IF filter
assemblies reside in the card nest structure within the RF
section. The rest of the RF source circuitry resides on the
source microwave plate assembly, which is a support,
shielding and interconnection structure (see “Microwave
Plate Assembly” on page 50). Two-sided, 0.030-inch-thick
cyanaie ester printed circuit board was used in the RF
source because of its RF performance.

Controller

The control of the RF section is vested in a resident
Motorola MC6SHC 11 microcontroller, which controls the
hardware setup, communicates with the IF section via
RS-232, stores HP 89440A calibration data in flash memory,
and programmatically performs the YIG tuning calibration.

Calibration Contributions

The HP 89440A is one of the most accurate RF analyzers
ever produced by Hewlett-Packard. At room temperature, at
any frequency within the 2-to-1800-MHz measurement band,
and at any level from 70 dB below full scale to full scale, HP
80440A level measurements are typically accurate within
+0.5 dB. Level accuracy is important because a vital applica-
tion for the HP 894404 is frue-rims power measurements on
complex signals. Since the HP 89440A is a vector signal ana-
lyzer, the relative phase accuracy (deviation from linear
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for sine) of the HP 89440A center frequency in vector and demodulation measure-
ment modes. The chirp and random sources are designed to cover the frequency
range being measured when the instrument is in the vector and demodulation
modes. All four of these source types are generated in hardware—and software
in the case of chirp and arbitrary—that to a great extent mirrors the signal pro-
cessing in the receiver. Fig. 1 on page 48 illustrates this symmetry very clearly, The
local oscillator (LO) frequencies and IF filter frequencies are all the same—the
signal flow is simply in the opposite direction. This is also seen in the IF section
(see Fig. 1 on page 32), The digital-to-analog converter (DAC) in the source per-
forms the opposita function of the analog-to-digital converter {ADC) in the re-
ceiver. The 10-MHz reconstruction filter after the DAC suppresses alias compo-
nents in a manner very much like the anti-alias filter preceding the ADC. One
slight exception is that the source reconstruction filter contains additional peaking
in the frequency domain to match the implicit sinfot/2)/wt/2 attenuation of the
DAC. This difference arises because the aperture of the ADC s much narrower
than the full sample width aperture of the DAC.

Before the DAC, the source is also a mirror image of the receiver. The decimating
digital filter and LO ICs are designed to work in reverse, forming a complex inter-
polation filter. For the independent source types, the bandwidth and LO frequency
of the digital source hardware are set independently from those of the receiver

The source RAM contains the waveform to be output, but at baseband, before all
the frequency translations of the upconversion chain. In the case of the sine
source, this is simply a dec valug—the upconversion shifts this 0-Hz signal to the
frequency desired

The chirp and arbitrary waveforms for the source RAM are computed in software
To implement arbitrary source spans given the fixed hardware sample rates, re-
sampling must be performed, just as in the case of the receiver. The source resam-
pling filter uses the same filter coefficients as the resampling filter in the receiver

For computational simplicity, this filter has an alias-protected bandwidth of only
one fourth of its incoming sample rate. It is designed to operate with incoming
samples that are two times oversampled in the time domain, that is, with an extra
sample point interpolated between each pair of stored data register samples.

phase) is also important. To make accurate vector measure-
ments and perform accurate demodulation ol complex sig-
nals, the relative phase over narrow frequency spans must be
accurate within a few tenths of a degree. This amplitude and
phase accuracy is achieved through extensive self-calibration
coupled with an extensive factory characterization.

The HP 89440A self-calibration routine calibrates both the
IF section and the RF section. Since the calibration of the [F
section is identical to the calibration of the HP 89410A as a
separate instrument, only the HP 89440A RF section self-
calibration is discussed here. Self-calibration can be set up
to occur automatically at predetermined intervals to com-
pensate for temperature drift. In addition to the calibration
required for amplitude and phase accuracy, the HP 89440A
self-calibration performs many other functions including
source accuracy calibration, front-end de offset compensa-
tion, trigger calibration, and first-LO feedthrough nulling.

Calibrator Hardware

Some parts of the HP 89440A self-calibration require a
precise calibration signal. An internal calibration signal is
generated by taking a single bit from the source RAM, re-
clocking the transitions, and clipping it to a precisely con-
trolled amplitude. During the self-calibration the calibrator
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In the receiver case, the oversampled data is generated by simply not performing
the final decimation aperation 2t the cutput of the digital filters. In the source cass,
this two times oversampled data 1s generated in software by inserting a sample
point of value zero between each pair of stored data points. This simplistic inter-
poiation leaves a huge alias component centered at the original sample rate, now
half the new sample rate. This is the standard interpolation problem as sesn in
the frequency domain ard is solved by addivonal filtenng. The freguency response
chosen for this filter is a raised cosine in the frequency domain. This interpolation
filter is separate from the resampling filter, which follows it.

The source software also corrects the chirp and arbitrary waveforms for the fre-
guency response errors {both amplitude and phase) of the digital and analog
recanstruction filters. The analog correction is for the nominal frequency response
(not individually measured) of the reconstruction filter in the HP BS410A; the filters
in the HP B3440A RF section are not corrected for. The resampling filter aisa has
amplitude errors which are corrected for.

The correction and oversampling are both performed in the frequency domain on
overlapping blocks of data. This allows the use of frequency-domain carrection
data and makes the raised cosine oversampling filter easy to implement. The
overlapping block approach conserves memory and removes size |imitations from
this portion of the signal processing. The saurce length limits are determined by
the maximum stored data register length and the size of the source RAM.

The source RAM also places another interesting limit on the periodic chirp and
arbitrary source waveforms. In spite of the arbitrary span capability of the resam-
pling process, the length of one period of the source, in sample paints, is limited
to an integer number of source RAM samples. This is because the source RAM
follows the resampling rather than precedes it To assist the user in chirp measure-
ments, the instrument defaults to a "chirp periodic” resolution of span choices when
the chirp source is on {this is easily defeated if necessary). This gives receiver time
recards that are exactly the length of the source period for true periodic chirp
measwements.

The pseudorandom source data is generated entirely in hardware using the source
RAM as a Gaussian probability density function loakup table, rather than as a
source of actual sample points. Because of this, it is not corrected for frequency
response errors other than the sin(wt/2)/wt/2 correction included in the analog
reconstruction filter. Resampling is not available, so the spans are limited to the

is internally connected to the input channel and the input
remains ferminated—no manual connections are required.

The calibrator output level is calibrated at the factory or
field service center by comparing a known signal at the in-
put (supplied by the factory or service test station) with the
calibrator signal. The difference is stored in nonvolatile RAM.

IF Section Vector Calibration

The HP 89440A self-calibration routine generates complex-
valued correction data for the IF section input channels over
a de-to-10-MHz frequency band. These corrections are valid
for measurements made at the IF section’s input connectors
when the analyzer is in the de-to-10-MHz baseband receiver
mode. The correction data is combined with the known re-
sponse of the digital filters to provide complete calibration
of both amplitude and phase.

The correction data is computed from calibration data ob-
tained by passing a calibration signal through the IF. The
calibration signal is generated from a 256-bit binary sequence
clocked at 25.6 MHz. This produces a comb spectrum with
spectral lines spaced every 100 kHz, each with known en-
ergy level and phase relative to the source trigger. Only 24 of
the spectral lines are actually used to model the frequency
response of the IF. By limiting the number of [requencies

factor-of-two choices implemented by the digital recanstruction filters. This is nat
a major problem—the source span is chosen to include the receiver span

The chirp and arbitrary source types have a single-shot capability in addition to
the normal repeating, periodic output mode. When this moda is chosen, the
source is triggered by the measurement trigger: This gives only one source burst
for each measurament. which can be positioned relative to the measurement by
adjusting the trigger delay. This is functional in all but the source trigger mode (the
measurement is triggered by the source in this mode) so the analyzer can be set
up to make a single-burst measurement conditioned by an external or internal
trigger. The source can be summied into an existing signal, such as a TV waveform,
allowing 2 waveform to ba inserted onto 2 particular TV line if the appropriate TV
lirie trigger is input to the analyzer's extemnal trigger port. One minor artifact is that
there is a variable latency (from zero to one source RAM sample) between the
trigger signal and the start of reading out the contents of the source RAM.

Another valuable, application-driven feature is that when the source is forced to
the 0-to-10-MHz mode while the HF 834404 2-to-1800-MHz receiver mode is
engaged, the source outputs its waveform across half the vector span, which is
equal to the demodulation span. With the second input channel option, this allows
direct frequency response measurements of modulation systems, including phase-
locked loops. In this latter application, the source can be used to inject an error
waveform into a portion of the phase processing circuitry. A reference response
can be measured at another place in the phase circuitry using the second input
channel, which also operates at half span. The actual phase can then be measured
with the RF receiver in phase demodulation mode with the instrument center
frequency placed directly at the RF frequency being analyzed. This can also be
applied to other modulation systems
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measured, the amount of memory required to store the cali-
bration data is reduced. Also, the binary sequence that gen-
erates the comb spectrum can be optimized to maximize the
energy level at the calibration frequencies, thereby improv-
ing the SNR of the calibration measurement. The frequen-
cies measured are not evenly spaced, but were chosen based
on the characteristics of the filters to be characterized. To
compute correction data, a spline routine is used to interpo-
late between the calibration points. The calibration data is
complex, so the real data and the imaginary data are inter-
polated separately. Before interpolation, excess phase caused
by delay is removed from the data. This improves the accu-
racy of the interpolation by reducing the order of the data.
In other words, the spline routines are interpolating a lower-
order curve. After interpolation the delay is reintroduced
into the correction data.

When measuring the calibration signal, source triggering
and time averaging are used to reduce the noise of the mea-
surement. After the first measurement of the calibration
signal is made, the bit sequence is inverted (ones become
zeros and vice versa), and another time-averaged measure-
ment is made. These results are combined and compared to
the known spectrum of the calibration signal to produce the
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vector corrections for the input channel at the specific
frequencies generated by the calibration signal.

The vector corrections are measured for each input channel
configuration that is likely to produce a different frequency
response. Six primary calibrations are performed. Four sec-
ondary calibrations are performed on the IF section’s 20-dB
attenuator and 13-or-3-dB amplifier. The secondary calibra-
tions are similar to the primary calibrations except that the
measurements are only made at one frequency. The resulis of
the six primary calibrations and the four secondary calibra-
tions are stored in nonvolatile RAM and combined in a variety
of ways to compute a correction vector for each input range.

IF Section DC Offset Calibration

Each IF section input channel has a dc offset DAC that is
used to compensate for residual de offsets in the analog input
circuit and in the ADC. The autozero calibration measures
the residual de and adjusts the de offset DAC to minimize
the amount of dc offset. This calibration must be performed
for each different configuration of the input channel’s active
elements. Twenty dc offset calibrations are performed for
each channel.

IF Section Source Calibration

The 1F section's de-to-10-MHz source is calibrated by inter-
nally connecting the source to the previously calibrated input
channel. The uncorrected source is programmed for a sine
wave at 1.5 MHz and the level of the signal is measured. The
resulting amplitude correction factor is applied fo source
levels entered by the operator.

The source has a de offset DAC to provide user-selected de
offsets. The gain of the dc offset DAC is measured and this
correction is applied to the source de offset value entered by
the operator. The source de offset DAC is also used to com-
pensate for any de offsets in the source DAC and associated
analog circuits. The calibration routine finds the setting of
the source DAC that will produce zero volts de at the output.

Trigger Calibration

Three separate calibrations are required for the [F section’s
trigger circuits. First, the trigger de offset DAC is used to
compensate for any residual dec offsets in the trigger circuits.
The calibration routine must determine the correct settings
for this DAC. Since the de offset of the trigger cannot be
measured directly, it must be inferred from another measure-
ment. To determine the de offset, the source is programmed
for a 1-MHz sine wave and internally connected to the input
channel, Input triggering is used to measure the amplitude
of the sine wave at the trigger point. Two measurements are
made, one using a positive trigger slope and one a negative
trigger slope. If there is no de offset in the trigger then the
two measurements will have equal amplitudes but opposite
polarities.

Each of the trigger types (external, channel, and source) has
a different amount of delay relative to the input signal. In
addition, there is a different delay for each receiver mode.
The trigger calibration routine must measure these delays so
the correct trigger point can be determined. To measure
delay. the calibrator is programmed for an 800-kHz square
wave and is internally connected to the input channel. The
phase of the calibration signal is measured using each trigger
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type and the corresponding delays are stored in nonvolatile
RAM.

The partial-trigger delay counter allows the analyzer to de-
termine the correct trigger point even if the trigger point
oceurs between ADC samples. The partial-trigger delay
counter is based on an analog pulse stretcher that must be
characterized before stable triggering can be achieved. The
two characteristics that must be determined are the mini-
mum number the counter will return for zero trigger delay
relative to the sample clock, and the maximum number re-
turned for a trigger with slightly less than one sample clock
of delay. To ascertain these values, the internal source is
programmed to generate a sine wave and this signal is inter-
nally connected to the input channel. The maximum and
minimum numbers are read from the partial-trigger delay
counter as the trigger point is moved relative to the sample
clock. The trigger point is adjusted by changing the phase of
the sine wave. The maximum and minimum numbers are
used to find the coefficients of a first-order equation and this
equation is used to compute the delay for any other counter
value returned.

RF Section Vector Calibration

The RF section calibration provides amplitude and phase
corrections that are valid for measurements made at the in-
put connector of the RF section when the HP 894404 is in the
2-t0-1800-MHz receiver mode. The HP 89440A self-calibration
routine generates vector correction data for the analyzer’s
7-MHz IF. The IF section’s input channel is considered part
of the IF for this calibration—the correction vectors pre-
viously ealculated for the IF section’s input channel are not
used.

The RF section vector calibration is almost identical to the
IF section vector calibration. The calibration signal is inter-
nally connected to the RF input with the RF section tuned to
6 MHz. The RF section LO adds an arbitrary phase rotation to
the measured data and the self-calibration routine must de-
termine the amount of phase rotation for each measurement
and correct the data before the resulis are averaged. Since
changes in the RF attenuator do not affect the frequency
response of the IF, the vector calibration is only performed
at the 10-dB attenuator setting (-20-dBm range).

The RF section attenuators are calibrated by using the inter-
nal calibrator and the IF section input channel to measure
attenuation relative to the 10-dB attenuator setting. Only five
attenuator combinations are measured and these measure-
ments are combined in a variety of ways to produce gain
corrections at all 12 attenuator settings.

LO Feedthrough Nulling

Two DACs in the RF section must be adjusted to minimize
the amount of receiver first-LO feedthrough. Minimizing the
LO feedthrough reduces low-frequency residuals and re-
duces distortion problems caused by having multiple tones
in the IF at low frequencies. The LO feedthrough is mini-
mized by a circuit that samples the LO and adds a small
amount of the LO to the signal in the first IF. Both in-phase
and quadrature components of the LO are added. The DACs
are used to adjust the in-phase and quadrature components
to null the LO feedthrough.
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The calibration software adjusts the DACs to produce a
minimal amount of LO feedthrough with the RF section
tuned to 6 MHz. At this frequency the LO feedthrough term
shows up at 12 MHz, requiring the anti-alias filter in the IF
section to be disabled for the calibration measurement.
Since the feedthrough term is the only signal present, alias-
ing is not a concern. To find the optimal DAC settings, the
calibration routine uses what is commonly referred to as a
golden section search.! The search is carried out first on
one DAC and then on the other. However, since the in-phase
and quadrature-phase signals used to cancel the feedthrough
term are not in perfect quadrature, there is a cerfain amount
of interaction between the two DACs. Several iterations are
required to find the optimal DAC settings. To minimize the
search time, the DAC settings obtained in the previous
calibration are used as a starting point in the search.

RF Source Calibration

The RF source is calibrated by internally connecting the
source to the RF input and measuring the uncorrected
source level over the 1800-MHz frequency range. The result-
ing correction factors are stored in nonvolatile RAM and are
applied to the userselected source level.

RF Section Factory Calibration

To achieve a H).5-dB typical accuracy, the flatness of the RF
receiver must be extensively characterized at the factory
and at field service centers. This is accomplished by using
the test setups shown in Fig. 3. In the first step (Fig. 3a), the
tracking and flatness of the power splitter and cables are
characterized by connecting a second power meter channel
to the end of the test cable. The signal generator is pro-
grammed for each calibration frequency and the difference
between the readings of the two power meter channels is
stored. This step transfers the flatness of the second power
meter channel to the test setup with very little degradation.

In the second setup (Fig. 3b), the test cable is connected to
the RF input and the gain of the RF section is measured at
each calibration frequency, The level of the input signal is
measured by reading the power meter and correcting the
reading using the stored results from the first step. The in-
put to the IF section (which is always at the same frequency
and at nearly the same level) is measured with the HP
89440A in de-to-10-MHz receiver mode. The ratio of the in-
put signal level and the IF signal level is the gain of the RF
section. The absolute accuracy of the gain measurement is
not important since only the flatness of the RF section is of
interest. The actual gain of the RF section is calibrated by
the self-calibration described previously.

The RF flatness is measured for all attenuator settings of the
RF section and the results are stored in nonvolatile RAM
within the RF unit. In all, over 1800 calibration points are
stored in the RF section. At power-up, the IF section reads
the RF section calibration data and uses this data to correct
level measurements. Storing the RF calibration data in the
RF section allows any IF section to operate with any RF
section. An HP Instrument BASIC program, running in the
HP 88440A, allows service centers or customers to perform
this calibration easily.
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Fig. 3. Setups for characterizing the receiver flatness of the HP
89440A RF section. (a) Setup for characterizing the tracking and
flatness of the power splitter and cables. (b) Setup for measuring
the gain of the RF section as a function of frequency,

Performance Verification

The factory calibration, coupled with the automatic self-
calibration, produces an instrument with performance that
can be very difficult to verify. The amplitude accuracy and
IF flatness of the HP 89440A are verified using a method
identical to the factory RF calibration shown in Fig. 3b.
Using this method, the HP 89440A's measured level accuracy
at room temperature conditions is typically better than the
measurement uncertainty.

To verify the vector performance of the HP 894404, the devi-
ation from linear phase (relative phase error) within one IF
bandwidth must be measured. Ideally, we could calculate
the worst-case relative phase error from the worst-case IF
flatness because the IF correction data consists of complex
vectors. The amplitude and phase corrections are not inde-
pendent and any phase errors would have corresponding
amplitude errors. In practice, however, the scalar RF flat-
ness calibration data is also used to apply second-order cor-
rections to the IF levels. This means that it is possible for
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Vector Measurements beyond 1.8 GHz

The HP 83410A and HP 83440A vector signal analyzers provide unprecedented
analysis capabilities for looking at complex signals. Oriven by a need for more and
larger spectrum requirements, many communication schemes are maving to higher
frequencies. The HP 834114 provides & way to apply the powerful analysis capabili-
ties of the HP B3410A to signals that lie above 1.8 GHz. It does not have the level
of integration or the complete set of features provided by the HP B94404, but it
does allow a user to view and analyze signals above 1.8 GHz as they have prob-
ably never dane hefore. The HP B94114 provides this capability by translating the
auxiliary IF {intermediate frequency) output from one of a number of RF and micro-
wave spectrum analyzers to a center frequency within the analysis range of the
HP B3410A. It will directly translate the IF outputs of analyzers such as the HP
71000 Series and HP 8566A/8. Customers who already own one of these analyzers
can now extend their instrument’s capabilities by combining them with the mea-
surement capabilities of the HP 894104, In addition, an integrated solution can be
constructed using features of the HP 894104 such as HP Instrument BASIC, HP-IB
(IEEE 488, IEC 625) controller capability, and built-in firmware features describing
external down-converters such as the HP 894114,

The HP B9411A is fixed-frequency down-converter that translates a band of signals
up to 7 MHz wide from a center frequency of 21.4 MHz to a band centered at 5.6
MHz. As the block diagram, Fig. 1, shows, it does this in two frequency conversion
steps and provides conversion gain and image filtering for the signal band of
interest. Its internal oscillators are phase-locked to an external 10-MHz reference
fraquency to allow high-quality magnitude and phase measurements on a variety
of signals. The HP B3411A package has the same foatprint as the HP 834104 so it
can be stacked directly below it

The HP 89411As performance goals were aimed at making it appear largely invisible
to the user. |ts broadband noise, distortion, spurious, and phase noise perfor-
mance are similar to the HP 894104, In a typical system the overall parformance
will be determined by the RF or microwave spectrum analyzer.

Ta support the HP 894114 as well as ather down-converters, several firmware
features are incorporated into the HP 894104 A menu under the instrument mode
key allows the user to define some of the attributes of an external receiver such
as the HP 83411A, These attributes include the tuning range, IF bandwidth, display
“mirroring”, and enabling of HP-IB control. When the external receiver mode is
selected the instrument’s x axis and markers are labeled with the actual input
frequency. Selecting the mirraring function instructs the HP 834104 to mirror or
flip the spectrum display. This capability is provided te undo the mirroring that can
occur as a result of the mixing scheme used in some AF and microwave spectrum
analyzers. The HP-IB control capability is directly compatible with all HP 71000
Series spectrum analyzers and with the HP B566A/B. When changing frequencies
the user simply enters the new center frequency and span on the HP 834104, The
HF 834104 then checks to see that the parameters are not out of range for the
defined extermnal receiver setup, and then can optionally issue HP-IB commands to
tune the RF or microwave analyzer to the desired frequency. The user can account
for conversion gain differences in various setups by applying trace math to the
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Fig. 2. Canngction diagram for Modutar Meastrement System hookup with an HP 71000
Series spectrum analyzer.

measured results. If more complicated control functions are needed the HP
89410A can be configured as an HP-IB bus controller, and with an HP Instrument
BASIC program, an integrated down-conversion systam can be constructed. The
instrument connections for such @ system are shown in Fig 2.
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the analyzer's IF flatness to be significantly better than the
measured phase accuracy would imply.

To measure deviation from linear phase, a test signal is
needed that has three or more spectral components with
known phase relationships between them. Since HP 894404
phase measurements have arbitrary delay and offset terms,
the phase of a single tone and the phase relationship be-
tween two tones are arbitrary. However, the phase difference
between two tones relative to the phase difference between
one of these tones and a third tone is not arbitrary. For ex-
ample, suppose the HP 89440A is used to measure an ampli-
tude modulated carrier. The difference between the carrier
phase and the phase of the upper AM sideband should have
the same magnitude as the difference between the carrier
phase and the phase of the lower AM sideban-, but the op-
posite sign. If the source has no incidental PM, then the sum

© Copr. 1949-1998 Hewlett-Packard Co.

of the upper and lower sideband phase differences relative
to the carrier phase is a measure of the analvzer's deviation
from linear phase. A method similar to this is used at the
factory to measure the deviation from linear phase of the
HP 89440A’s 7-MHz IF bandwidth.

Acknowledgments

Other members of the design team were Gene Obie, who
designed the 10-MHz and 600-MHz references, and Dave
Rasmussen, who designed the power supply and processor
board and developed the RF section firmware. Eric Wicklund
was the project manager, and Julie Wernet was our tireless
project coordinator.

Reference

L. W. Press, et al. Numerical Recipes in C, Cambridge University
Press, 1088,

December 1993 Hewlett-Packard Journal -~ 59



Optical Spectrum Analyzers with High
Dynamic Range and Excellent Input

Sensitivity

The diffraction-grating-based HP 71450A and 71451A optical spectrum
analyzers provide the basic spectral measurement of optical power versus
wavelength and advanced functions for measuring and characterizing

LEDs, DFB Lasers, and Fabry-Perot lasers.

by David A. Bailey and James R. Stimple

The telecommunications industry is one of the most lively
and interesting areas of the electronics industry today. The
development of high-performance fiber-optic systems re-
quires the ultimate performance of components such as laser
sources, fibers, optical amplifiers, and receivers. Accurately
measuring the performance of these components and con-
firming their operation in the system is essential to prove
the design. The optical spectrum analyzer is one of the most
valuable tools for making these measurements. The HP
T1450A and T1451A optical spectrum analyzers are designed
to make spectral measurements in the laboratory and in a
production environment. The HP 71451A optical spectrum
analyzer is shown in Fig. 1.

Both analyzers can make speciral measurements between
600 nm and 1700 nm on LEDs, Fabry-Perot lasers, distrib-
uted feedback lasers, and erbium-doped fiber amplifiers.
These basic measurement capabilities are described later in
this article. A new double-pass monochromator enables the
analyzers to provide the high dynamic range of double-
monochromator instruments (55 dB at (L5 nm from the peak)
and the sensitivity of single-monochromator instruments

(better than =90 dBm). Fig. 2 shows block diagrams of the
HP 71450A and T1451A optical spectrum analyzers.

The HP 71451A optical spectrum analyzer offers measure-
ment capabilities that go beyond basic optical spectral mea
surements by providing four measurement ports: mono-
chromator input, photodetector input, monochromator
output, and transimpedance amplifier input (see Fig, 2b).
These ports allow five different modes of operation:

« Optical spectrum analyzer mode. This mode provides basic

e

optical spectrum analysis with precise amplitude accuracy
and less than 0.5 dB polarization sensitivity. .
Preselector mode. This mode allows front-panel output of
light that passes through the monochromator. Wavelength
division multiplexed channels, individual modes of Fabry-
Perot lasers, and selected widths of LEDs or white light
sources can be output on 62-um fiber for further use or
analysis.

Stimulus-response mode. When broad spontaneous emission
light is applied to the monochromator input, the monochro-
mator output becomes a variable-wavelength source. The
user can pass the light through a device or filter, and then
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reinsert it into the photodetector input for analysis. Filters,
fibers, amplifiers, isolators, switches, and other components
can be characterized using this mode.

Power meter mode. This mode offers direct access to the
photodetector. In this mode, a trace of average power versus
time is displayed, allowing the user to record any amplitude
change over time or monitor amplitude while adjustments
are made. Long-term drift can also be monitored.
Photodetector mode. This mode is similar to the stimulus-
response mode except that the device under test (DUT) is
an optical-to-electrical component. By comparing the cali-
braied response of the internal photodiode with the mea-
sured response of the DU'T (via the transimpedance input),
responsivity versus wavelength can be calculated and
displayed.

The rest of this article describes the user interface and the
advanced measurement programs provided with the HP
T1450A and T1451A optical spectrum analyzers. Other articles
in this issue describe the design and implementation of the
components in these analyzers.

User Interface

The user interface of the HP T1450A and T1451A optical
spectrum analyzers is designed to have the same look and
feel as HP's RF and microwave spectrum analyzers. The
instrument functions are selected from the front panel via 14
softkeys and 15 hard keys. The only obvious difference be-
tween optical and REF and microwave instruments is that the
signal information is displayed in wavelength (nanometers)

for optical instruments and frequency (Hz) for RF or micro-
wave instruments. Displaying signal information as a function
of wavelength has always been an optical tradition.

Menu Keys

Over 250 instrument functions are available from the 14
keys located on the sides of the instrument display (Fig. 3).
These functions are grouped into seven measurement cate-
gories called firmkeys, which are always displayed on the
left side of the display. Pressing a firmkey accesses a group
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Fig. 3. An example of the softkeys and firmkeys that appear on the
front panel of the HP T1450A and T1451A spectrum analyzers.
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Optical Spectrum Analysis

Dptical spectrum analysis 1s the measurement of optical power as a function of
wavelength. Applications include testing laser and LED light sources for spectral
purity and power distribution, and testing the transmission characteristics of

aptical devices

The spectral width of a light source is an important parameter in fiber-optic com-
munication systems because of chromatic dispersion, which occurs in the fiber and
limits the modulation bandwidth of the system, The effect of chromatic dispersion
can be seen in the time domain as pulse broadening of the digital information
wavefarm. Since chromatic dispersion i a function of the spectral width of the
light source, narrow spectral widths are desirable for mgh-speed communication
systems

Fig. 1 shows the spectrum of a Fabry-Perot laser. The laser is not purely mono-
chromatic, its spectrum consists of a series of evenly spaced coherent spectral lines
with an amplitude profile determined by the characteristics of the gain medium

Optical spectrum analyzers can be divided into three categones: diffraction-grating-
based and the Fabry-Perot and Michelson interferometer-hased optical spectrum
analyzers. Diffraction-grating-based optical spectrum analyzers are capable of

measuring the spectra of lasers and LEDs. The resolution of these instruments is
variable, typically ranging from 0.1 nm to 5 or 10 nm. Fabry-Perot-interferometer-
based optical spectrum analyzers have a fixed, narrow resolution, typically specified
in frequency, between 100 MHz and 10 GHz. This narrow resolution allows them

'1‘;!"!‘\_’1‘!‘;‘\‘5“-‘ ¥

Optical Power

Wavelength

Fig. 1. Optical spectrum of a Fatiry-Perot laser

of functions called softkeys, which are displayed on the
right side of the display. Pressing the MORE softkey displays
an additional set of softkeys. These additional keys tend to
be the keys used less often. This menu tree structure allows
easy access to all of the instrument functions.

Hard Keys

To allow easy access to functions that are used most often,
there are 15 hard keys on the front panel (see Fig. 4). These
functions control sweep wavelengths, resolution, reference
level, and marker positions. Three functions have been added
that are not found on a microwave spectrum analyzer. These
functions are automeasure (AUTO MEAS key), sensitivity
(SENS key), and autoalign (AUTO ALIGN key).

Automeasure. When the AUTO MEAS key is pressed, the analyzer
searches the full wavelength span and locates the largest
detected signal. If a signal cannot be found, the sensitivity is
increased and the search continues. Once a signal is found,

62 December 1993 Hewlett-Packard Journal

Tunabl Transimpedance
napie A lifi
Bandpass i

Filter

i Photo-

Input — > > — A Detector
2
Vv Vertical
Position
Wavelength

Tuning

Horizomal Position

Fig. 2. Simplified block diagram of an optical spectrum analyzer

to be used for measuring laser chirp, but can limit their measurement spans much
more than the diffraction-grating-based optical spectrum analyzers. Michelson-
interferometer-based optical spectrum analyzers, which are used for direct
coherence-length measurements, display the spectrum by calculating the Founer
transform of measured interference patterns

The HP 71450A and 71451A optical spectrum analyzers are diffraction-grating-
based

Basic System

A simplified block diagram of a grating-based optical spectrum analyzer is shown
in Fig. 2. The incoming light passes through a tunable-wavelength optical filter
[monochromator) which resolves the individual spectral components. The photo
detector then converts the optical signal to an electrical current proportional to
the incident optical power

The current from the photodetector is converted to a voitage by the transimped:
ance amplifier and then digitized. Any remaining signal processing, such as apply-
ing carrection factors, is performed digitally, The signal is then applied to the
display as the vertical, or amplitude, data. A motor rotates the diffraction grating ,
tuning the wavelength of the optical filter. The angular position of the diffraction
grating determines the horizontal location of the trace as it sweeps from left to
right. A trace of optical power versus wavelength results. The displayed width of
each mode of the laser is a function of the spectral resolution of the tunable-
wavelength optical filter

it is positioned on the screen by adjusting the center wave-
length, sensitivity, and reference level. The signal width is
also measured and the span is reduced so that mosi (or all)
of the signal power is displayed. The amplitude scale is set
to 10 dB/division.

The user can modify this operation by selecting a wave-
length span and a final amplitude scale to be used upon
completion of the automatic measurement routine. If multi-
ple signals are present and the signal of interest is a lower-
level signal, the user can position the marker on that signal
and the automatic measurement routine will acquire the
peak closest to the marker.

Sensitivity. The SENS key is used to adjust the sensitivity of
the instrument. Normally the optical spectrum analyzer auto-
matically selects the greatest sensitivity that does not affect
the sweep speed. The sensitivity function allows the user to
select the smallest signal amplitude to be displayed across
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Fig. 4. A representation of the hard kevs on the front panel of the
HP T1450A and T1451A spectrum analyzers.

the current wavelength range. Increasing the sensitivity
causes low-level signals to change the amplifier gain. These
gain changes require pauses, which decrease the sweep
speed. An increase in sensitivity may also require a nar-
rower video bandwidth filter, which will also slow the
sweep speed. Adjusting the reference level to the highest
signal level to be measured and the sensitivity to the lowest
signal Ievel to be measured will optimize the sweep speed.

Autoalign. Alignment of the optical specirum analyzer is easy
to perform. When the AUTO ALIGN key is pressed, the optical
spectrum analyzer automatically adjusis the mechanical posi-
tion of the optical output fiber to ensure amplitude accuracy.
No manual adjustments are necessary, and the optical spec-
trum analyzer can use an input signal of any wavelength for
alignment.

Advanced Measurement Programs

The HP 71450A and 71451A optical spectrum analyzers
provide the capability to download and execute custom pro-
grams, which are called advanced measurement programs.
These programs provide one-button measurement solutions
without using an external computer. The programs can be
downloaded from a disk or memory card and stored in the
analyzer's nonvolatile RAM. They can be run by pressing the
USER firmkey and then selecting the displayed softkey. They
can also be accessed remotely via the HP-IB interface. Three
advanced measurement programs are supplied with the opti-
cal spectrum analyzers. These programs automatically mea-
sure the following light sources:

Light-emitting diodes (LEDs)

Fabry-Perot lasers

Distributed feedback lasers (DFBs).

Light-Emitting Diodes

Light-emitting diodes produce light with a wide spectral
width. When used in [iber-optic communication systems,
they can be modulated at frequencies up to about 200 MIHz.
LEDs have the advantages of low temperature sensitivity
and no sensitivity to back reflections. Additionally, the inco-
herent emitted ligh